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Abstract
Middleware Routing Algorithms
Components for Mobile Ad-hoc Wireless Networks
by
Yousef M. Abdelmalek
Advisor: Professor Tarek Saadawi
In this research, we introduce middleware routing algorithms compofe Mobile
Ad-hoc Networks (MANETSs). Unlike the conventional networks, MANET as
decentralized radio wireless network that can be establishedustian where no
infrastructure exists or where deployment of infrastructuexpensive or inconvenient.
This inherent flexibility makes it attractive for applicatiosiech as military operations,
vehicle to vehicle networks, sensor networks, etc. Hence, MANE&digre special type
of routing algorithms to operate efficiently in such dynamic emrent (i.e., wireless
channel, bandwidth constrains, nodes resources, etc ...).
In this thesis, we propose an add-on generic solution to on-demand ad-hiag rout
protocols to enhance the routing protocols performance with minimatnotoverhead.
Our Solution, namely, Destination Assisted Routing Enhancement (DARBased on
the new idea of transmitting frequent destination beacon packetse beacon packets
are able to refresh the routing cache tables and announce tinatcasinode existence.
This methodology results in dramatically minimizing the inigation

(learning/optimization) connection set-time as well as the ové&taverhead. Comparison



v
between the traditional Dynamic Source Routing protocol (DSR) and8fR with
DARE (DSR-DARE) are presented to show the potential of DARE middleware.
Second, we propose middleware protocol components in order to improkeakiene
applications at the receivers’ side; we propose an algorithmgikias the receiver
dynamic ability to move from one multicast session to another basdte receiver
capabilities and the path conditions leading to it. Our Multicast iNsaleam (MMS)
solution is added as an extension to the traditional Protocol Independiictbt (PIM)
protocol. Then, we present cooperative video caching technique in MANEFdento
reduce the average access latency as well as enhance theawtdssibility. Efficient
video caching placement and replacement strategies are developmuime of the
distributed intermediate nodes across the network. The simulatiarits freave shown

that the system has better video perception (i.e. Quality of Service).
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Chapter 1

| ntroduction



1.1. Motivation

While applications drive the development for faster and more effici@reless
networks technology, on the other hand wireless networks technology opehg up
opportunity for the development of new applications. Applications that naréeasible
or even imaginable a few years ago are now widely used. Thecomweht example is
the development of multimedia real-time applications. Thesetineal multimedia
applications are pushing the limits on current and future networks, thiegaequire a
great amount of bandwidth and, very sensitive amount of network latemtyspacific
quality of service (QOS) requirements. On the other hand, wsrektsvorks technology
has been fueled by advances in communication hardware and technadhagi¢smve
enabled large scale wireless networks. Wireless multimediizories and services have
engendered a new paradigm that makes imperative use of someinetess networks

technology.

However, recent survey of the commercial world shows that wseteultimedia
networks and services are floundering, with a lack of widespreadepatibn of such
system. We believe that the technological challenges to es$tahls paradigm are not

trivial mission. We briefly state the basic problems as:

= Mobile ad-hoc networks characteristics: An Ad-hoc network is d¢beperative
engagement of a collection of wireless nodes without the requiredant®n of any
centralized access point or existing infrastructure. These nadesoih as wireless
routers by discovering and maintaining routes in other nodes metihvrk. The need

for infrastructure-less networks [known as Mobile Ad-hoc NetwoMANETS)] is
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growing. This inherent flexibility makes it more reliable, chlea and more scalable.
MANETSs have the following key features; self-built, self-confied, self-healing and

adaptive to dynamic changes.

= Best effort nature of the current internet: Fundamental probletieoihternet traffic
engineering (TE) is the best effort nature (i.e. no Qo0S).iMattia transmission of
high quality across such network is still a major challengeeEfft approaches have
been proposed to improve the network performance. However, these pretumals
provide maximum possible throughout and minimum delay to the clients, diiig

friendly to the existing traffic on the network.

= Bad wireless channel performance: Wireless channels have atmginel bit error
rate (BER) and limited bandwidth. The BER pose a challenge fotrdnsport of
compressed multimedia in mobile wireless networks. The high BERadiegrthe
guality of multimedia transmission, and also increases the i#ferrequirement at
the client. Therefore, the degraded performance of wirelesspwa strongly

discourages widespread use of wireless multimedia systems.

The scope of this thesis is confined to designing middleware compofonts
data/video delivery of bursty high-bandwidth delay-sensitive across dcioome
containing a band limited wireless link with a time-varying and at timessd&ER.

In the first part of this thesis, Chapter 2, we identify and sphablems related to
improving the connection set-up time, average route discovery time, dndrke
performance of MANETSs routing protocols. The end result is DegiméAssisted

Routing Enhancement (DARE) algorithm that provides significantlpraved route
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discovery time, throughput, and average delay in MANETs under elitfenobility
speeds, and network topologies, with less network overhead compared to MANET

routing protocols.

In the second part of the thesis, from Chapter 3 to Chapter 5, eméifydthe
challenges behind transmitted multimedia over wireless chafieln we propose
Multicast Multi-Stream (MMS) middleware component to enhanceitieo quality over
protocol independent multicast (PIM) protocol in heterogeneous environmbat. T
philosophy behind MMS middleware is to ensure high QoS of recewvdrsn a
multicast session. The receivers will have the capabilityetdige media rate and quality
that is compatible with their needs and capabilities. In additiorpragose cooperative
mobile caching placement and replacement mechanisms formealtultimedia over
MANETSs. The philosophy behind this middleware component is to build cdomera
caching mechanism between the mobile nodes. This leads to highpeideptual at the

receivers’ side and decrease the server load as well.

Section 1.2 introduced MANETsS routing protocols limitations. In addititme
potential of using DARE algorithm in ad-hoc environment is presefiteddiscuss the
fundamental challenges to efficient multimedia transport inrbgémeous network in

Section 1.3. The organization of the rest of the thesis is described in Section 1.4.

1.2. Preview: The Routing Problem in MANETS

One of the key challenges for researchers, in the field of MANESTthe routing
protocol design ability to carry out a reliable route from the source ndte testination

node with QoS requirements. They will want to test its featsweb as scalability, delay,
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throughput, and network convergence, in the presence of rapidly chaimirguality,
mobility speeds, and route optimization. Although current ad-hoc ngytrotocols
provide the network with routes from the source to the destinationgtivrk resources
will be extensively used; a number of these routes may not bedesddability issue
will founder the connectivity, and collected of unused routing informatio addition,
most of the ad-hoc routing protocols depend on flooding to find the patims the
sources to the destinations. This flooding covers the entire netwark@vesgions that
may not have source-destination traffic. The route discovery anadulbe maintenance
will cost a large number of control packets. The number of controingptickets will
increase dramatically as the network size increases, and nadgltynincreases. In
order to tackle the limitations of ad-hoc routing protocols, $patly in critical
connectivity network, we are proposing a middleware algorithm ¢hat handle the
challenge characteristics of MANETs and overcome the simaihg of the existing ad-
hoc routing protocols. We can summarize the objectives in designirf§aené routing
protocol for ad-hoc networks with critical connectivity as follows:
= Low convergence time: to build routes quickly so that they can be udexk libe

network topology changes.
= Robustness: to react quickly, re-established routing when topologiageshdestroy
existing routes.
= Minimum routing signaling overhead: to minimize the network overhead.
There are many scenarios characterized by critical comitgctor instance, disaster
recovery operation, military battlefield, Ad-hoc Space NetworkSN8) [1]-[2]. In these

critical frameworks, as well as other areas such Saktwork Connectivity (SNC), and
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delay tolerant network (DTN) [2], the traditional MANETSs routingtoicol will not
work out efficiently. In this thesis, we contribute on this reseameshd by proposing
DARE module as a generic add-on middleware to MANET routing protocols. Thefgoal
DARE is to assist the routing protocol to establish a path between the source ndae and t
destination node quickly with high reachability probability by genegatlestination
beacon packets, while considering the dynamic characterfsMABIET and the need
for low routing control overhead. Simplified mathematical modgbrasf of concept is
presented. We prove that the probability of finding the path betweersource and
destination using DARE outperforms the same probability using #aéitmal routing
technique. The DARE approach is a generic approach and can be appliedt of the
ad-hoc routing protocols. Specifically, dynamic source routingopodt(DSR) is used
here as a platform to demonstrate the DARE concept. Theadiorukesults show the
potential of adding DARE middleware to DSR protocol to achieve higleéwnork
performance in terms of throughput, route discovery time, and coomes8t-up
probability. A route discovery time was reported to be 20% less tigaoriginal DSR in
mobile ad-hoc nodes with minimum overhead. A comprehensive descriptidme of t

DARE middleware can be found in Chapter 2.

1.3. Preview: Multimedia Transmission in Ad-hoc

Environment

Transmitting real-time video across a heterogeneous best effosork such as
internet or infrastructure-less network such as MANETSs, whileiexing acceptable

video perceptual quality at the receiver, is still a majorlehge. Generally speaking, the
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wireless channel is a source of speculation with any kind oftdatafer, because of its
characteristics. When delivering video over wireless channeprtdtdem is intensified
because of the nature of the video data. Recent studies have shownuttiedst
multimedia is estimated by some to comprise 70% of tacticalonke traffic, [3].
Furthermore, content that is multicast will demand quality ofiee (QoS) in accordance
with application delay and throughput needs. Multicast is bandwidth conserving
technology that reduces the network traffic by simultaneouslyedtglg a single stream
of information to thousands of corporate recipients. A lot of resdmstbeen conducted
on multimedia multicast from different angles and views. Such requirsrmatide:
= Ability to serve heterogeneous receivers and support for highly lenelreless

environments.
= Operation without any central infrastructure.
= Minimize the end to end delay.
= Low wireless bandwidth.

Although several literature already studied the problem of trizsgm of real-time
multimedia application over the wireless network in unicast andicasi environment,
most of the research and work done in this field considered madihettransport layer
at the sender or the receiver side [4]-[5]. On the other handbbitaning the application
buffer at the sender side or the receiver side is more attention becausdapendent on
the network layer and transport layer of the network [6]. Moreotactve features of
the video transmission can be inherited include the end to end delaygeae®milable

bandwidth, and flexibly on controlling the QoS.
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We contribute on this research trend by introducing three middlescanponents
that can be used positively to enhance the video perceptual qualsty.we propose a
mechanism that gives the receiver dynamic ability to mowa fone multicast group to
another multicast group based on the receiver capabilities and ulieast session
status. We demonstrate through simulation that the proposed mechamficroes
fairness between the receivers and that the video quality adapsasimmoth so that the
impact on the perceptual quality at the client is minimal. Secardpropose a media
aware sub-layer middleware that can be added to the edge nodesdube storage
capacity requirement, video frames with high priority will béesed to cache at the
edge nodes which increases the on-demand video files caching. WeMadwated our
mechanism by adding the media aware sub-layer to edge nodeirwbsiferentiated
Services (DiffServ) network is enabled. Third, we proposed collaBeraitleo caching
technigues combine virtual backbone selection, cache placement andey@abement
algorithms. The cache placement algorithm ensured that the requestedldstacached
at the highest reliable intermediate nodes and it prevents tog reglications at the
virtual backbone nodes. While the cache replacement technique heitpproving the
accessibility and keeps the video segments at the caching nodés Ifta time. The
proposed technique resides above the routing layer, and it can be addeddde over

ad-hoc routing protocols.

1.4. Structural of Thesis

Following the introduction in Chapter 1, which summarizes the motivatrah tree

objectives of this research, Chapter 2 presents an overview of BMIANrouting
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protocols focusing on the on-demand routing protocols. The DSR is outlined and
extensive comparison between original DSR and DSR with DARER{DARE) is

presented.

In Chapter 3 we highlight the recent work in Multimedia transmis&n multicast
environment. We describe multimedia multi-stream middlewar¢egies for real-time
video streams over PIM. We present our simulation and verify tlierpgnce, in terms

of received video quality, and network performance.

In Chapter 4, we are proposing a media middleware component thia¢ @aided to
the edge routers in DiffServ networks in order to have the redpltydio enhance QoS
at the receivers’ side. Passing such video frames to Diff@#work increases the video
quality and treats the video frames based on their priorities.démonstrate through
network simulation that the proposed technique decreases the averagedpbokeand
the packet loss, which yields a better video quality at tiemtsl compared to existing

techniques

In Chapter 5, we discuss the qualitative and functional advantagedlatfocative
video caching in ad-hoc mobile networks. In order to reduce the avatagss latency
as well as enhance the video accessibility, efficient videzhicg placement and
replacement strategies are crucial at some of the digtdbotermediate nodes across the
network. Virtual backbone caching nodes will be elected by exectdicigng placement
algorithm after running the routing protocol phase. We show in th@ation results that
the proposed collaborative aggregate cache mechanism can amghfianprove the

video QoS in terms of packet loss and average packet delay.
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Finally, Chapter 6 gives some conclusions on this work and setsirdatiah of

further research.
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Chapter 2

Destination-Assisted
Routing Enhancement
(DARE)

Protocol for Ad-hoc
M obile Networ ks
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The purpose of this chapter is to introduce the reader to MANG&T8g protocols
and describe the DARE middleware design, mathematical model, and simudatitis.r

We present in Section 2.1, MANETs routing problems and the cladmfic of
MANETS routing protocols. Brief description of the related D&&k and the DAR
routing mechanism is illustrated in Section 2.2. In Section 2.3, i@duce the
mathematical model and the basic description of the DARE meahamd its flowchart.
Section 2.4 is devoted for the simulation results in comparison witlbrigmal DSR

protocol. Section 2.5 is maintained for the conclusion.

2.1. Introduction

With the increasing use of mobile devices and advances in vgiredebnologies,
MANET has drawn great attention for being part of ubiquitous netwdRNET is an
autonomous collection of mobile and/or fixed nodes that can communicatedogver
relatively bandwidth constrained wireless links, and the network topatagy change
rapidly and unpredictably over time. Unlike the conventional network, MRANE&E
decentralized radio wireless network that can be establishedustian where no
infrastructure exists or where deployment of infrastructuexpensive or inconvenient.
This inherent flexibility makes it attractive for applicatiosisch as military operations,
vehicle to vehicle networks, sensor networks, etc. Because ddbiinee challenging
features of MANET, it is difficult to employ existing wireguting mechanism with
MANET. Therefore, several routing protocols have been designed sp#ygiffor
MANET environment [7]-[16]. Ad-hoc mobile routing protocols can be gaieed into
table driven proactive protocols, on-demand driven reactive protocols, lpybtatols,

last encounter routing protocols, and geographic routing protocols.
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2.1.1. TableDriven Proactive Protocols

Destination sequence distance vector (DSDV), wireless routingpgmo(WRP),
optimized link state routing protocol (OLSR) are some of the meBtknown protocols
under the table driven umbrella [9]. Generally speaking, in proaativing protocols,
nodes maintain tables that store the routes all the time tohall nodes in the network.
Any change in the network topology will be propagated across the wisbleork
topology which can become difficult when the network size becoange br the nodes

have high speed movement.

2.1.2. On-demand Driven Reactive Protocols

In reactive routing protocols such as ad-hoc on-demand distance vector (AGIV) [
signal stability routing (SSR),and dynamic source routing pobti@SR) [11], creating
paths between the nodes are invoked only on-demand by routing discogeegsr
either when a data needs to be sent to a new destination, mrawhate which is in use
fails. However this technique does not need constant broadcasts) the other hand
causes latency and delays since the routes are not alreadplavia the routing tables.
Additionally, the flooding of the network may lead to supplementaryimgutontrol
traffic which wastes the limited bandwidth.

2.1.3. Hybrid Protocols

In order to combine the merits of both proactive and readiiaehybrid protocols
such as zone routing protocol (ZRP) [12], and cluster based routing pr(@d&RP) are
designed. The basic idea is to divide the network into zones ancse®lplioy proactive

routing technique in some areas of the network at certain timeéseactive routing for
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the rest of the network based on the weakness and strength of thiasg pootocols.
The proactive operations are restricted to a small domain im todemit the control
overheads and delays. The reactive routing protocols are used fordavades outside
this domain, as this is more bandwidth-efficient in a constantyngihg network. The
disadvantage of hybrid protocol is that if the zone radius is t@e [dre protocol can
behave like proactive technique, while for small zone radius it beléeeseactive
technique. In addition, the overlapping between the zones will increasaothe
redundancy; one node may behave as proactive and reactive techmithee same
situation. However it exhibits better performance since hierhrchging is used; the
path to destination may be suboptimal. In addition, each node has higheargicglol

information, and memory requirement is greater.

2.1.4. Last Encounter Routing Protocols

Last encounter based routing protocol (e.g., FResher Encounter SeafeRESH)
that utilizes encounter history to create time gradients forngutiformation in wireless
networks. The age gradients are created according to node maqdatigrns. This
complicated interplay between mobility and last encounter protdeats not been
investigated and still in its fancy stage. Fundamental desigAiR&SH protocol and
temporal spatial correlation is studied in [13]- [14].
2.1.5. Geographical Routing Protocol

In contrast to the previous routing protocols, geographic routing protocti=e uti
physical location information to route the data packets [15]-[16].€Tisemo exchange of
routing messages to establish routes. When a node has data padestsansmitted to

destination node, forwarding decision is made based on the position ofstiveatien
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and the position of the neighbors of the forwarding node. It is sealid has low
overhead. But to determine the physical position, each node must be equitped w

global position system (GPS) or use some other type of positioning service.

Lately, the on-demand routing protocols have been gaining more attestill, for
on-demand to be effective, route discovery overhead (which typicaibjves network
wide flooding) and latency must be controlled and managed. We deve&imdien-
Assisted Routing Enhancement (DARE). DARE is middleware addemnponent to
improve the performance of ad-hoc routing protocols. Beacons packetgeaerated
frequently from the destination nodes in order to enhance the route disq@hase.
DARE is on-demand hop by hop mechanism that establish loop fréaaties trails
after transmitting few of these beacon packets. Loop freedomammmgeed by use of
beacon sequence numbers and hop count information (time to live (TTLg). Th
probability of a route request packet to intersect with one nodesthraember of the
destination trails increases. In addition, these trails ane eféicient pointer to the new
location of the destination as it moves. In this Chapter we exathe benefits of DARE
deployment and using it as middleware component with DSR. DAREHifisantly
decreases the time needed for connection setup, insures the d#fligaty, and provides

low overhead.

2.2. Dynamic Sour ce Routing Protocol

We will focus our interest on reactive on-demand (DSR) protocolse sthese
protocols have proven their efficiency for ad-hoc networks. DSmeésof the most well
known and popular routing protocols, we will use DSR as a platform t@rddrate

DARE mechanism. However, we would like to stress the fact tA®HEDcan be applied
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to many other types of routing protocols. The DSR can be illestrat the following

points:

2.2.1. Route Discovery

The route discovery mechanism is illustrated in Figure 2.1. Thishanem is
invoked whenever a node wishes to send data packet to destination nodeswiatin
its cache table and/or transmission range.

e The originator node (source node) initiates a route request pdBREELQ) placing its
address and the address of the destination node; then it broaldisagecket to all its
neighbors.

e Each neighbor, upon receiving this RREQ consults its cache to fiedesmual route
to this destination. If this neighbor node is the destination or havedsination
address in its cache table, it will return route reply (RRB&k to the sender;
otherwise it will rebroadcast the same RREQ packet to all its neglafter adding its
address to RREQ header and learns from this request informati@nadded to its
cache.

e Each RREQ packet carries a sequence number generated by ttee remag and the

path it has traversed. The RREQ packet will be forwarded ontyisfnot duplicate

RREQ packet.
2.2.2. Route Reply

This mechanism is executed by destination node or by intermeuaidéewhich has
route to the destination node in its route cache. The following actions will be eéecut

e Adds this new route to the cache table for future use.
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¢ Adds the destination node or the intermediate node address at the #red path

contained in the header of DSR packets.
e Sends the RREP packet along the path contained in the DSR header.
2.2.3. Route Maintenance

Due to dynamic topology and constrains of wireless channel, fomgapdicket node
may not receive reception acknowledgement from its downstriekntalyer. Therefore
this node will retransmit the same packet until it receivpssitive acknowledgement or
reaches the limit attempts number. If the retransmissioh fiomber reached, the node
would consider this link as broken link then it will remove each routeagong this link
in its cache table. In the mean time, the node will also jpage error (RERR) packet to
inform the source node and all the intermediate nodes about this linke.feEach
intermediate node follows the same procedure and deletes all warttsning this
broken link. The source node will launch a new route request in ordedta fiew route
to the destination node.
2.2.4. Route Cache

This procedure is used to avoid invoking the route discovery mechanismnitlgque
Each new route will be cached in the route cache table for fusgeThe intermediate
nodes will use RREP and RERR packets to update its cache table.
2.2.5. Limitations

Regarding the specifications of DSR we can conclude the following limitations

e Additional overhead imposed by source routing which hurts the scalability issue.
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e The DSR is only efficient in MANETs with moderate number of rsogled moderate
node mobility. Problems such as long connection set-up time betweer sodc
destination, and un-reachability appear in case of fast moving mobile nodes.

e The aspect of links stability is not taking into account, sinceabtestintermediate
links causes topology changing which may lead to route errorshanefdre new
route requests.

e Only the first discovered route is used, and the others are cached for future use.

To overcome some of these limitations we are going to proposepaovement to DSR

in which we are designing DARE mechanism as sub-layer taneathhe performance of

DSR.

—» RREQ
— 3 RREP

Figure 2.1 Schematic diagram for route discovery mechanism

2.3. DARE Protocol

The main approach in most of MANET routing protocol is based on the pootee
the source has the responsibility of finding the destination. fitag lead to large
connection set-up time and/or difficulty in finding the path in aafskigh mobility or

large size networks. To tackle these problems on ad-hoc on-demaimd) protocols, all
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the possible routes between the source and the destination should be foundogfickly
the topology changes while taking into consideration the special rietliaracteristics
(i.e., limited energy, limited bandwidth, limited processing powehitity, and high bit-
error rate). In addition, as every node may forward other nodesa, tie¢ network
resources usage (such as the limited energy, limited bandwidth, limitessgirag power,
etc) should be fairly distributed across the networks nodes to delidgh consumption
of the resources in parts of the nodes and low consumption in other nodesufiihg
algorithm should deal with the rapid changes in the network and it shawgdlimne ability
to optimize more than one network parameters during the routing process.

We are proposing here a generic algorithm which can be addedny adahoc
routing protocols to enhance its performance and to overcome the predds a
routing protocols limitations. To demonstrate the applicability of apigroach, we will
apply it to DSR protocol as a typical on-demand ad-hoc routing protéeglire 2.2 and
Figure 2.3 depict schematic diagram showing how the DARE protocol operateli as
its flow chart. In a general view, the destination will parti@gatthe routing process and
assist the source in finding the destination. A new type of paeketidoeacon packets
will be sent from the destination to declare its locationshasvs in Figure 2.2.b and
Figure 2.2.c. The destination node generates beacon packets indepemaerdtydamly
with relatively low rate to insure low routing overhead. The desbinebeacon packet
will move randomly in the network modifying and updating the caching routingstable

Upon reception of the beacon packet, the intermediate node i colectsath
information (i.e. previous visited nodes ID, destination node ID, beacdetptme to

live) from the beacon packet and updates its routing cache table by ceeamgrouting
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cache record leading to this destination node. This new record anadbaagestination
node to node i. The beacon packet will be forwarded to randomly seledgétboreof
intermediate node i until its life time expires (i.e. numberhops). The destination
beacon packet or/and RREQ will be killed at the intermediate nbillexceeds the TTL
(i.,e. number of hops). The destination beacon packet does not seatble &ource;
however its purpose is to announce to other close by nodes the dmstioedtion. This
information could be used by any source node in the network. While theatiest node
sends the destination beacon packet, the source node sends outlaisroege request
packet. The path between the source and destination node will besbkstélh two
cases:

1) If the RREQ reaches the destination node as shown in Figure 2.3.

2) If the route request packet and the destination beacon packseattet some

intermediate node i.

These two paths from the intermediate node to the source node antdrortetmediate
node to the destination will be selected to form a direct path th@msource to the

destination through the intermediate node i as given in Figure 2.2.d and Figure 2.3.
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Figure 2.2 Schematic diagram show how the destination beacon packets and RREQ operations

Multiple paths will be available from the source to the destinattmough many
intermediate nodes. In addition, these trails established by therbpackets are very
good pointer to the new location of the destination as it moves as $ihdugure 2.2.e
and Figure 2.2.1.
This technique reduces the time needed for connection setup and ithsuckelivery
of data. The main features of the proposed algorithm are:
1. Increase the probability of finding the destination.
2. Reduce routes establishment time.
3. Decrease the routing network overhead in case of large network size.
4. Robustness to react quickly to the topology changes when the nodes ymobilit
increases.

5. The concept of DARE can be added to most of the existing routing protocols
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Figure 2.3 High level flow chart describing the DARE algorithm

In Figure 2.4 consider a wireless network made of N nodes. Thealiakdistributed
according to random wireless graph. In other words a link existgebe two nodes if
the distance between them is less than the wireless tréngmiange. The DARE
algorithm is built in two steps simultaneously: the first stepthe generation of
destination beacon from the destination to declare its location. Borpde, in Figure 2.4

the destination node X generates 3 destination beacon packets;kbts fieaverse in the
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network randomly exploring the new network topology. The second istahe
generation of the RREQ packet from the source. Some intermedidés in the network
may work as intersection point between the destinations beacort packéhe RREQ
packet; these nodes will have the availability to set-up a caandmtween the source
and the destination (e.g. nodes K, M, P in Figure 2.4). The paths frosouhee to the
specific intermediate node and from the destination to the saemmadiate node are not
overlapped.

Our mathematical model is based on probability analysis approaetatoate the
probability of finding the path between source and destination andacentpwith the
traditional routing protocol (i.e. without using destination beacon pgcKéts following

assumptions are taken into account:

Destination

Wireless nodes establish path O Wireless nodes

between A, X

——— Wireless link
Source RREQ packet

First destination beacon packet
Second destination beacon packet
Third destination beacon packet

Figure 2.4 Example of DARE technique using the destination beacon by the destination node X and
routerequest by the source node A
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The analysis will calculate the probability of finding an intermediate nodi iawalid

path between the source node S and the destination node D.

1. All possible intermediate nodes will be selected for analysis vill be affected

by the life time of both route request packet and destination beacon packets.

2. For each intermediate node i the following will be calculated:

a. The probability P that RREQ is sent from the source and reached an

intermediate node i

Probability for route request packet to reach intermediate i = p; =
L;
I, HL;_==1 prob; (k)
(2.1)

Where n represents the numbers of all possible routes from the sButoethe
intermediate node i, angrob, (k,)is the probability of selecting thg knk in route |
between the source node S and the intermediate node i. The numbks @f kaute j is
1.

i

b. The probability P that a destination beacon packet is sent from the destination

and reaches an intermediate node i.

Probability for destination beacon to reach intermediate i= p, =

Ejn; 1 HE’:H Pmbj (kj] (2.2)

Where m represents the numbers of all possible routes from tleatiestnode D to the

intermediate node i andgrob, (k,)is the probability of selecting thg knk in route |
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between the destination node D and the intermediate node i. The nurtibks @i route
jisq;.
c. The probability P that intermediate node i will be reached bsingle

destination beacon and route request packet.

Probability for source destination nodes toreach i
P = p,;xp, (2.3)

The DARE algorithm can be run in two different modes; first asirkgtion location
announcement: in this mode the algorithm will use the destinaticroh®4o update the
routing tables. Second as initial route detection; in this mode Ri¥ERets from source
and destination beacon packets from the destination will be used toyqdétkict the
initial route from the source to the destination, which can bd as starting point in the
discovery component of the ad-hoc routing protocols. We will run the DaIB&ithm

in the second mode, using the DSR as platform ad-hoc routing protocol.

2.4. Numerical and Simulation Results

The comparison between the DARE algorithm and the traditionahgoigichnique is
illustrated in this section. As mentioned in Section 2.3, the gwahof our algorithm is
to increase the probability of finding the destination and thusrligadi reduction in the
connection setup time between the source and the destination. We diédedults into
two folds; in the first part, we provide the analytical proof of cphder DARE
algorithm and comparing it with the traditional technique usingh@€ raatlab languages
[17]. In the second part, we use Opnet network simulation [18] to cenipaRE-DSR

protocol with the original DSR.
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2.4.1. Analytical Results
Figure 2.5 shows the network topology. We have used 50 network nodes. The nodes
are randomly distributed over a terrain of size 1000 x 1000 m. Each nedeipped
with transceiver which was capable of transmitting signals up to 250 m. We cbaase t
the worst case as following; node 28 and node 19 is chosen as sourcendode a

destination node, respectively. Nodes are mobile with maximum speed 20m/sec.

Nurnber of network nodes = 50, Transmission Range = 250 m, Network Size = 1000 X 1000, Steps = 30, Total Number of Links = 138
1000
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Figure 2.5 Networ k topology

In Figure 2.6, we have plotted the probability the source finds thmalkésh versus
the beacon packet time to live (TTL) for fixed RREQ packet ,HTE 12. As the beacon
packet TTL increases, more beacon packets are available intiherkaéor refreshing
the routing tables of the intermediate nodes. Thus the probability of the sourng fimeli

destination increases. The impact of the beacon packet TTLddrienstrated in Figure
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2.7 for RREQ time to livef = 12. The computational overhead is defined as the number
of visited hops due to the beacon packet. In this Figure, we prdwdaverhead for the
same destination node used in the analysis (node 29). With an inofetdnse beacon
packet TTL, the network overhead gradually rises and reachdarated value at B =

12.

—_
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the source finds the destination,
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Probabil
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Beacon packet time to live, B

Figure 2.6 The probability the sour ce finds the destination ver susthe life time of the beacon packet
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Figure 2.7 The network overhead ver susthe beacon packet TTL

Figure 2.8 depicts the relationship between the probabilitiesthieasource finds
destination versus the life time of RREQ generated by the stmrdédferent destination
beacon packets life time. The probability of the source findingl#stination increases
as the life time of the destination beacon packets increasabaalifd time of the RREQ
increases. In addition, it can be deduced that DARE technique gives more
improvement than the traditional routing. To make the comparison betivedDARE
technique and traditional routing somewhat fair, we proceed as follawsexample if
the route request life time is 11 hops and destination beaconntigeisi 9 hops, the
probability to find the destination using the DARE is 0.52. When comparing to traditional
routing based algorithm with life time 20 hops, the probability mal fihe destination

using the traditional routing technique is 0.23.
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Figure 2.8 The probability the sour ce finds the destination versusthelife time of the RREQ packet
and beacon packet

Finally in Figure 2.9, we consider a scenario in which all thevorét nodes are
mobile with random mobility speed and direction. The Figure showsthewrobability
source finding the destination changes as we vary the nodes ¥p&eld0.40}, the
beacon packet TTLE £ {5,6,7,8}, and RREQ time to livéd = 15 .The results show that
for slower nodes speed, the probability of the source findingdkndtion increases as
expected. However, at larger speeds in the traditional routing pistalce route
breakage will require the initiation of the route discovery phasehwhilt take a fairly
high route establishment time. With DARE, the beacon packet prowidaatermediate
nodes with the routing information regarding the destination position,tirgsuh

increasing the probability of the source finding the designation.
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Figure 2.9 The probability the sour ce finding the destination ver susthe s mulation stepsfor different
mobile nodes speed and different destination beacon packet TTL

2.4.2. Simulation Results

We implement DSR-DARE in OPNET [18] and evaluate the performanih DSR
routing protocol, which is widely used as on-demand routing protocols. 82H1 is
set as the medium access control (MAC) layer transmissimiogml. Data rate at the
802.11 MAC layer is set to 2Mbps. The transmission range is 300m. Te&ssi
propagation model is the two ray ground model. Other MAC layeesypers are set as
default. The packet size is 1024 bytes. The time to live (TTtheftlestination packet is
setto 1, 4, 8, 10. Table 2.1 details the typical values of our simulation parameters.
We simulated traffic scenario with file transfer protocol Pfy.Tinter file message are sent
over 1 sec. Network size of 250 mobile nodes is used in our simulationngpae area
of 2500 X 2500 rfiHowever, in Figure 2.13 we show the effect of network nodes. All the

nodes are mobile with 5 m/s in all the Figures. However, Figure Bd Figure 2.14 we
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vary the nodes speed to show the effect of mobility on various pa@mEach scenario
has been repeated many times with different simulatorssémdtest the protocol
reliability. Simulation scenarios have been done to compare betwepertbemance of

DSR and DSR-DARE when finding the path between the source and destination.

Table 2.1 Typical value of smulation parameters

Parameters Value

Modulation scheme DSSS,BPSK
Traffic rate 11 Mbps

Radio Tx power 0.005 w

Terrain dimension 2500X2500 m~2
Simulation model 300 sec
Transmission range 200 m

Mobility model Random way point
Mobility speed 0 m/s to 25 m/s
Pause time 10 sec
Propagation path loss Two way
Propagation fading model Rayleigh

MAC protocol 802.11

Default routing protocol DSR

Number of nodes 250

Traffic FTP

Packet size 1024 bytes

Figure 2.10 shows the average route discovery time (sec) thesasnulation time (sec)
for different destination beacon packet TTL. The proposed idea maR&DARE

reduce by more than 20% of the original DSR route discovery tMugeover, by
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increasing the beacon packet TTL, the route discovery time ndededtablish the
connection between the source and destination is reducing. The advahtagesg less
route discovery time include: 1) it is less likely to incur rosd@uration due to many
repeated RREQ and packet dropping; 2) less chance of packet drojpgirtg MAC
layer collision. These advantages are especially observed by |loromlpeankets TTL.
Average route discovery time has been plotted versus the nodesrspepae 2.11. All
the network nodes are mobile, and the path between source and destinatges cvwer
time especially at higher speed scenarios. It is cledr #taall speeds, DSR-DARE
outperforms the DSR with respect to the average route discoweey Tihe longer the
beacon packets TTL, the higher the probability that RREQ messageetter chance to
reach the destination node through intermediate nodes which have refitssbache
tables with the information provided by the beacon packet. DSR-DABES the

intermediate nodes as guide to find the destination.
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DSR-DARE can achieve significantly higher throughout without sanrg latency
performance as shown in Figure 2.12, it is shown that DSR-DAREases the average
network throughput by sensibly sending the beacon packets. In contr&efiastively
decreases the average network throughput, especially if therkesze is relatively
large as shown in Figure 2.13. The proposed scheme is an efficigrb weacrease the
DSR resiliency against the scalability issue with minimoetwork overhead. In fact,

DSR-DARE outperforms DSR in all of our network simulation undeecgfit network

scenarios.
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Figure 2.12 Average throughput (bit/sec) vs. time (sec) for different TTL beacon packet
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packet TTL

In order to show the improvement that can be achieved using different beacon packets
rate, we have plotted Figure 2.14, the average route discoveragjanest the beacon
packet rates for different nodes speeds. The resilience of tReEDARE to high mobile
nodes speed is increased as much we increase the beacon rpsekéithough the
effects of the broken links are severe especially at high rspbed, the beacon packet
generation will tackle this problem by refreshing the interatedcaching tables. As
shown in Figure 2.14 increasing the rate of the beacon packets cahutertb decrease

the time needed to establish the connection between the sender and receiver.
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2.5. Conclusion

The proposed algorithm is a generic middleware component that cda aed®ve
many ad-hoc routing protocols. Our performance evaluation demongtratefficiency
of the DSR using the proposed DARE idea as compared with orig8fl This Chapter
presents DSR-DARE protocol that selects and routes data in lamcauobile wireless
network. The method includes sending a destination beacon control pemketaf
destination via at least one intermediate node at relatively sim& intervals to ensure
low extra overhead. Simulations have shown that the DARE has highebititgkia

find the destination with relatively low routing overhead, higher nétyerformance in
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terms of network throughput, and route discovery time. Moreover, the DAR&cplot

does perform well under mobility and achieves lower connection time.
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Chapter 3

Multicast M ulti-Streaming
Video Technique
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A key benefit of multicast routing is the reduction of commatidn costs for
applications that send data to multiple recipients. Theiefty of multicast makes it an
attractive method for one-to-many content distribution in Arastital networks where
the capacity of wireless links is a scarce resource. Bpjoixg the efficiency of
multicast, wireless link capacity can be conserved (e.gompared with what would be
consumed by disseminating common content to n users via n sepaicEst sessions)
thereby making network capacity available for either higlilify content distribution or
for additional types of application traffic. Examples of pdssfrmy applications that
could benefit from multicast distribution include situation awassrgata and real-time
video collected from reconnaissance aircraft and surveillameeemas. It is the

optimization of multicast distribution for real-time video thathis focus of this Chapter.

In recent years, dissemination of multicast real time viaes the Internet has emerged
as an important area of network research. However, the didadution task is still
challenging for two reasons: 1) the potential for a large nuoflreiceivers with different
heterogeneous capabilities such as client’'s buffers, recepiienprocessing speed rate,
etc and 2) the sensitivity of real time media, in termpaufket loss and average packet
delay. Thus streaming applications must deal with persistemtcta&inges to prevent
network congestion and avoid overwhelming the client buffer. Therefeeivers have
to be conscious of their own network bandwidths and choose teamstrate

appropriately.

In this Chapter, we address a potentially key that enablipgbday for the efficient

distribution transmission of the streaming video flow via ipldtvideo sub-streams (e.g.,
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SemCast [19]). The objective of sub-streaming is to empddg/quality adaptation
control by judiciously regulating the volume application traiffiected into or propagated
through the network. This can be realized (as implementedfbeexample) by receivers
dynamically joining and leaving the multicast groups assatmith specific video flow

sub-streams.

The Chapter is organized as follows; Section 3.1 gives & sherview of topics tightly
linked to our algorithm and an instance of a typical singleasstren multicast
environment. In Section 3.2, we describe the proposed multicaststnedm system
architecture. In Section 3.3, we describe the proposed mechantsmmm of receivers’
provision joining/leaving the multicast trees based on the tree statuscamer buffer. In
Section 3.4, the simulation results for our proposed mechanisnprasented. We

conclude this chapter with a summary in Section 3.5.

3.1. Introduction

A lot of research has been conducted to address the multimediatiatiaigiehniques
[20]-[28], which can be classified into three categories: receitieen approach, sender-
driven approach, and hybrid: sender-driven and receiver-driven approachivét-
driven layered multicast schemes allow receivers individuallytutee the received
transmission according to their needs and capabilities. McCatroduced the receiver-
driven approach [20], using the layered video codec to generate muiiiiglo streams
from a single video source then transmits each stream asrateepalticast group. The
receiver can join/leave the multicast group based on predefined.dalieyto the lack of

bandwidth information, the receiver will move from a group to a grouprder to get
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high video quality. However, the receiver movement will lead to nflacyuations at the
video streams. Later, Packet per receiver driven Layereddsistitprotocol (PLM) was
developed in [21]. Packetpair receiver is used per receiver taat dor bandwidth
estimation. However in all these receiver-driven approach #meles's strategy is
predefined and the changing in the network conditions may lead to jiéaviag
oscillations at the receivers' side. Most of the sender driggmitams may be grouped
under the umbrella of the quality adaptation techniques. Therehege popular
techniques for adapting stored video to time-varying available bandwadtiihe fly
encoding, adding dropping layers, and switching among multiple encodednger€n
the fly encoding [22] is CPU intensive and thus generally deghias unsuitable for
streaming real time video. In [23]-[24] the adding and dropping technigpeepresented.
The video stream is partitioned into several layers. It is coaetho$ the basic layer
which contains the most essential information for the video playback the
enhancement layers. Thus the server can add or drop layers tedel transmission
rate based on the network available bandwidth. Quality adaptatied basthe multiple
encoded versions has been shown to provide better performance sansgddgead than
adding/dropping layers as in [25]. Sender driven approach for unicdstgrguotocols
based on monitoring the application buffer at the sender side snpeds26]. By both
receiver-driven and sender-driven approaches, Leannec et al progodedaechnique
for layered multicast in [27]. A mechanism for a rate all@cain each video layer is
proposed to provide efficient bandwidth usage for all receivers. Howesedpdick

mergers need to be deployed through the network which increases the system cpmplexit
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We contribute on this trend by proposing a novel technique fdratlomg the rates at
which multicast video content is distributed to users. The appisandependent of the
multicast routing protocol and is applicable to both wired an@less networks. We
introduce a fair scheme where each receiver should obtain wbleam which is
commensurate with the receiver buffer capabilities and thel@ading to it, regardless of
the other receivers’ capabilities. In particular, the videooimipressed at different rates
with different quality levels, and each version is stored and &laifar transmission at

the server side as shown in Figure 3.1.

The multicast routing protocol constructs different groupsef) based on the
receivers heterogeneity and the geographical spreading ofdbigers. Each multicast
tree requests for the desired video stream from the vide@rséBased on the tree
conditions and the receiver buffer capability, the client$ b able to join/leave the
multicast groups by using IGMP (Internet Group Managemestbévol), thus varying the
stream rate for the contents that they receive. For examgfggure 3.1, in a typical
setting, a single multicasting tree would have been used to séintbe intended
heterogeneous receivers, Since the users have different capabilitie®¢ejgfion bit rate,
buffer capacity, etc.), the single multicast tree would beingnat the lowest common
denominator among all the receivers. In our approach, and in refdéeRgure 3.1, we
have grouped the users into four groups according to their tapapsay according to
their reception bit rate capabilities. Now, four video stieane generated by the source
(one for each group rate) and sent over its multicastingEeesh user joins the multicast
tree according to its capabilities. Users may have move tthemnmulticasting group

depending on its receiver buffer conditions and the multicastingdregestion status.
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. Receivers in Group 1

O Receivers in Group 2

Q Receivers in Group 4

@ Group Leader

Q Intermediate nodes

Figure 3.1 Multicast M ulti-Stream network topology
3.2. System architecture

Figure 3.1 and Figure 3.2 depicts our architecture, portraying vidéicast server,
multicast groups, group leaders and a number of receiverdythatnically join and leave
the multicast groups based on the network congestion statufhi@mdceiver resources
status. The sender’'s role is to encode multiple data stredths different video
ratesR, R,, ...... R K, Ry}, whereN is the number of video streams that can be encoded
from the same original video source. All the streams cdrey Same video but are
compressed with different parameters resulting in diffevea@o quality. The multicast

routing protocol role is to construct multiple multicast g®{G,,G,,....G,..K, G,, } from

the video source node; each multicast group can carry a videm siriéfa certain rate.

Each multicast group(,, serves a set of number of receijers|, where j is the
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number of receivers participating in a certain multicastgrandi is the index of the

multicast group$<i < N.

In this technique, we aim to enhance the video quality at theivezcside by
dynamically moving the receiver from one multicast groupatmther based on the

receivers’ capabilities and the availability of the bandwidth.

\fideo sever |
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{Up} ) :
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Figure 3.2 Multi-Streaming system ar chitecture

3.3. Proposed rate control system

3.3.1. Objective
The main idea in the proposed system is to serve heterogersaaigers without
losing scalability or introducing network inefficiency. In a gahetew, the heterogeneity

of the receivers on the internet is mainly controlled by two petersm namely, the
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available bandwidth and the receiver capability while othestrains comes usually as
second considerations.

To gain deeper understanding to our mechanism, we identify a certay fmwl the

receivers to join/leave the multicast groups. The proposed algomtimmitors the

application receiver buffer and the line utilization of the growguées (assuming that
each multicast group contains a router who serves as group ¢éadergroup). The line
utilization of the group leader gives us an indication about the nstltgraup status
whether congested or not. The receiver buffer measurements eibeetteer the receiver
capability will get high or low video quality stream (i.e., higbedower video bit rate).
In addition, it tries to minimize the client buffer starvations&# on the above two
parameters the receiver can dynamically move from one groapdther group. The
mechanism attempts to minimize the receiver movement (switthiagnulticasting tree
that can be with higher bit rate or lower bit rate) such tina number of video quality
changes decreases the effect on the user perceived qualityntid@uce below the
criteria used for moving to (i.e, switching) higher or lower tioakt tree stream. The
algorithm is in the context of a real time stream which #ees receives from a live

source and forward to the multicast trees.

In Multicast Multi-stream module, we aim to enhance theovigigality at the receiver
side by dynamically moving the receiver from one multicastigito another based on the

following messages:
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e Feedback Request (Reqg_ID, Grp_ID, Time_stamp); this messageeba sent
periodically from the video source/group leader to multicastvecép collect the

state of the video reception.

e Feedback Response (Res_ID, Rcv_ID, Grp_ID, Congestion level, Stsul,R
Time_stamp); this message has been sent from the multicastereto the
multicast source/group leader in order to show the receiver apphicaingestion

level.

e Join Multicast Group (Rcv_ID, Grp_ID, Strm_Resol, Time_stamp$, tiessage
has been sent from the receiver multicast to the multicaste/group leader in

order to send dynamic join movement request.

e Leave Multicast Group (Rcv_ID, Grp_ID, Strm_Resol, Time_stantp)s
message has been sent from the receiver multicast to theasiuftaurce/group

leader in order to send dynamic leave movement request.

3.3.2. Switching up strategy

Figure 3.3 shows an outline of the operation of our mechanism. We usédethe
utilization as an estimation of the tree status conditions. The \Wdeoce measures
whether a multicast session is congested or not by measurifigethgilization for each
multicast session. The video source monitors the congestion stahes sifared line for
each multicast session. The line utilization gives indication abaliicast session status.
We define the line utilization for each multicast sessiorhagdtio between the actual
session multicast data transmitted (bit/sec) to the line tgpdd/sec). When the line
utilization is less than a certain threshold Th_1, the video source/gadgx will send a
Feedback Request message to all the receivers in the mustessson. The receivers
react to this Feedback Request message by measuring tlfieirs baccupancy and

sending Feedback Response message back to the video source/gdaup Ilfethe
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receiver buffer size exceeds a certain threshold Th_buff2 or &etwa buffl and
Th_buff2, the receiver maybe move to a higher bit rate treee siscinstantaneous
available resources can support higher video stream. If the receivaerdizdfés less than
certain threshold Th_buffl, the receiver maybe move to a lowesatattree since its
instantaneous available resources cannot afford higher video stidsnreceiver
requests a new video stream from the video source by sendmdvidticast Group
message. The video source checks the new group capability If benable to support
this new client. In turn it sends positive or negative acknowledgeifarission
Response) to the receiver to either remove it or keep it in thikicast group.

Explanation to the dynamic receiver movement is given below.

If (line utilization < Th_1
If (the receiver buffer fullness > Th_buff2) or
(Th_buffl>the receiver buffer fullness > Th_buffl)
return no congestion; /* switch to higher group rate
If (the receiver buffer fullness < = Th_buffl)
return congestion;/* switch to lower group rate
End

3.3.3. Switching down strategy

If the line utilization is higher than a certain threshold Th_ledback Request
message will be sent to all the receivers in the multiesstian. The receivers react to
this Feedback Request by measuring their buffers occupancy anagséreidback
Response to the video source/group leader. If the receiver bufigsary is less than a

certain threshold Th_buffl, the receiver will send a Join messsigeg to join another
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multicast group of a lower video rate. Succession joining to ¢hverd multicast group
will lead to its removal from the previous multicast group bgding Leave message.
The same action will be taken if the receiver buffer fullnessetween Th_buffl and
Th_buff2 due to the multicast session congestion. However, if the eecbuffer
capacity is greater than Th_buff2, the receiver is in a stadtiessand will remain in the
same multicast group. A clear explanation of the rules that tbeaeceiver movement

is given below:

If (line utilization > Th_1
If (the receiver buffer fullness < Th_buffl)
or (Th_buffl < the receiver buffer < Th_buff2)
return congestion;/* switch to lower group rate
If (the receiver buffer > Th_buff2)
return loaded; /*stable status
End

Some streams may be left without any receivers. Thosanssr are deactivated by the
video source and the corresponding video stream is not transmttadel to summarize
the description of our overall mechanism strategy, we regrésas a flow diagram as
shown in Figure 3.4. In summary, our mechanism can adjust ffie toamatch the line
utilization and the receiver buffer capacity by controlling diggamic receiver join/leave

multicast groups, causing the network to converge in a non congesti@ statu
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Figure 3.4 Flow diagram for the clients dynamic moving

3.4. Simulation results

In this section, we implement our proposed architecture. We usenetveork

simulator NS-2, [29] for our simulation. The purpose of the simulatido leeasure the
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performance of the algorithm scheme with the multi versions \tetdmique. Figure 3.5
displays the topology of the simulated network. Cisco's Protocopémtkent Multicast
(PIM) multicast routing protocol is used, [30]. All the routerstdrmediate nodes) are
fairly queued and each router has a queue size of 50 packets. Watesimwynamic
network conditions by generating several CBR flows as backgrtafftc. We first
discuss some important parameters and aspects in our impleorerdati then we

introduce the results obtained from the simulation.

The source S1 is representing the video server. We used Xvid video[8bfiezencode

a 320x 240-15frames per second (fps) video sequence at different video stopemiity
rates, R (100, 255 420Kbps). Each one of these video streams will feed into a multicast

tree. Therefore we assume that we have 3 multicast groups.nidtibast tree has
initially 3 receivers. We have used a different receiver’'s bufgability to highlight the
receivers heterogeneous as shown in Figure 3.5. Also we hawideamix of the
distances between the receivers and the group leaders by agirgund trip delay of
the available paths. We measure the video quality in termseoh¢hieved average bit
rate, variation in the quality at the clients, and the availability to prebetffbr starvation

which can result in receiver dynamic movement to higher or lower multicast group.
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Figure3.5 Simulation topology

Figure 3.6 shows the average received bit rate for threeatiffeeceivers’ capability
(R-1 high receiver starting from group 1, R-5 medium receiver dgpstarting from
group 2, and R-9 low receiver starting from group 3). We averagetieesed bit rate
value at the receiver side between any two consecutive intefvas.eceivers dynamic
movement from multicast group to another can be noticed through th&orerian the
average received bit rate per receiver. We noticed that the highertgapeeiver tries to
achieve better video quality by joining higher rate multicastasn rate. For example,
approximately at time 100 sec. the high capacity receiviegiefip 1 and joined group 2.
Then after 50 sec. the high capacity receiver left group 2j@ndd group 3 which

support better video quality. The receiver movement continues tédhithes its steady
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state (the best video quality can be achieved). The high receaipacity may go from
group 3 to group 2 if the background traffic affected badly the linkvdeat the router
and the group leader of group 3 as shown at 300 sec and Figure 3.7.e@hgnm
capacity receiver moves between group 2 and group 1 based on its tajpalilithe
network status. The low capacity receiver received low videotgu&w bit rate) but

generally acceptable.

In Figure 3.7 we have plotted the background traffic versus the siomutame for
the selected receivers R-1, R-5, and R-9. Background traffenisrgted from the source

to the selected receivers. We have used CBR as background traffic.
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Figure 3.6 Bit-ratevs. simulation time
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Figure 3.7 Background traffic vs. simulation time
Figure 3.8 depicts the relationship between the numbers of recqieergach
multicast group vs. the simulation time. It is obvious that thewecswitching over the
multicast group happens at the beginning of the time simulationtiteemumber of

receivers per multicast group became approximately fixed.
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Figure 3.8 Receiversgroup vs. simulation time

In an attempt to prove the proposed algorithm in wireless environmersiywiéate the

algorithm in ad-hoc environment using multicast ad-hoc on-demandhaksteector
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(MAODV) as the underlying ad-hoc multicast routing protocol [3Phe basic idea is to
generate the video with multiple streams each with different bit-nats@nd each stream
over a multicast tree. These trees are ideally disjoitit wach other to increase
robustness to errors and other transmission degradations. We shoar thaivien level
of tree connectivity, all the members in the same multicastdan receive the video with
acceptable video quality based on the tree bit-rate. Thus buildingpl@uiees do not
increase the cost of network overhead significantly. We preseualagion results for a 3
group leaders and 9 receivers node with low mobility to show thetadf the algorithm,
and with network size of 1300 X 500 m. Three multicast trees haye d@nstructed.
Each multicast tree is provided with video bit-ra&64,150 210Kbps). Figure 3.9 shows
the average bit-rate received for each receiver versus theationutime. The Figure
clearly shows that the receivers can join/leave a multncagroup based on its buffer

capability and the wireless link bandwidth leading to it.
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Figure 3.9 Bit-ratefor receiver vs. simulation time
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3.5. Conclusions

In this Chapter, we proposed a novel mechanism for real-time vigesntrssion in
multicast environment. The receivers make autonomous joining/letwvitige multicast
groups based on its buffer status conditions and the network status andithe
architecture is “closed loop” for multicast system with tbmtj control from both the
receiver side and the group leader. By implementing timerseateiceiver side for the
switching up and down strategies, the techniques provide robustndss &dfect of
oscillations at the video quality. Furthermore, while the proposed algorithastibere in
wired multicast environment, the algorithm is acceptable at the vanetdws/orks.

The proposed algorithm resides above the routing layer, and it cadbd as a module
over any multicast routing protocol. Simulations have shown thatygtens has better

adaptive video quality using switching techniques.
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Video server typically can serve only very limited number of ooment video
streams content. This problem has known as server or network input/batpeheck,
limits the scalability and quality of services for video traizsmon. In this Chapter, we
tackle this problem in differentiated services (DiffServ) reks in a multicast
environment, [33]-[36]. Real-time applications desire high qualitySefvice (QoS)
support from the underlying network. The DiffServ approach provides manegfitsefor
these real time applications. The DiffServ scheme providesssa demplicated and
scalable solution when compared to the Integration Services (IntServ) approach.

The rest of this Chapter is organized as follows. In Section 4.8es@ibe the high
level architecture design of the proposed technique. In Sectiowd [&iefly provide an
overview of the previous related work. We introduce the systehitecture and a basic
description of the edge routers extended functionality in Section 4c3ioset.4 is
devoted for the network simulation, and study the performance of dpeged solution
by investigating the average packet delay and the throughpuatlyf-iwe present the

conclusions in Section 4.5.

4.1. Introduction

Common video encoding standards like MPEG or H.263 are quite similar oiorcer
their means of data compression to reduce the temporal andicstatisdundancy
between the video frames. Although motion compensated coding can achigéve hi
compression efficiency, it is not designed for transmission @ms=ylchannel. In this
scheme the video sequence is composed of two main types okframma frames (I-

frames) and inter frames (P or B frames). I-frame imgles frame of digital content that
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independent of the frames that precede and follow it and storesth# dhata needed to
display that frame. The more I-frames that are contained, ttex geality the video will
be; however, I-frames contain the most amount of bits and thetafi@aip more space
on the storage medium. P-frame is encoded through motion estimatigrpusceding I-
or P-frame as a reference frame. B-frames contain onlglateethat have changed from
the preceding frame or are different from the data in thevext/frame. The pixel value
differences between the original inter-frame and its motiodigexl are encoded along
with the motion vector. This poses a severe problem, namely gopagation where
errors in reference frames due to packet lost propagate tihealllependent frames
leading to visual artifacts. Much of recent work in video streamiogsied on the error
propagation problem in [38]-[41]. With the multicast in DiffServwmatk, shown in
Figure 4.1, delay/loss sensitive media applications can be built sastar and their
scalable realization will become less painful. The integrabetmveen the DiffServ and
multimedia applications is investigated in [38]-[41]. The unequal grotection (UEP)
has been proposed by presenting relative priority score basdteomideo frames

importance in [23].
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Figure 4.1 Typical setting of DiffServ network

We extend the edge router functionality to support high QoS éai-time
applications. Figure 4.1 shows the deployment of the media awareysuladmve the IP
network layer of the edge router. The edge router works asnglagide. Basically it
checks the high priority video frames for each requested stredmazhes them in the
cache memory if there are available memory spaces, othemuise the cache
replacement algorithm. The expired video frames will be removexh fihe cache
memory when there are new frames that need to be cached andilabl@vaemory
spaces. This process will be executed by the cache replacatgenthm. We will
evaluate the performance of the extended edge routers verstisrieddidge routers in
differentiated services networks by measuring the average packet aeldagr@ghput.
The strength of our mechanism has come from the following three contributions:

1. Extending the functionality of the edge routers to support video cachiighw

reduces the delay required to retransmit lost packets.
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2. Content aware caching where we cache high priority video frames, i.e.,dsfram
3. We treat video differently in the edge and core routers basdteorrportance,

which improves the video quality at the receiver side.

4.2. Related Work

The MPEG video international standard specifies the coded repteserdé the
video data. To achieve high video quality and meet the coding reuwgnte three
different frames have been defined (I-B-P frames).The organization ¢irdeetypes in a
sequence is done by the group of picture (GOP) concept [43]. Resilient to higly piFor
frames) packet loss is a crucial requirement to improve the gdality since the error
propagation problem decreases the video quality and causes smoblems in
reconstructing the video stream at the end user.

In [38]-[42], feedback control channel is enabled to receive the imegat
acknowledgement (NACK) packet loss sequence number and packesmassion is
applied. However the error propagation problem is partially solved, pteket
retransmission has to traverse the whole round trip between the soutdestination in
a best effort networks which may lead to packet loss and asik tlee average packet
delay increases dramatically.

In [44], an adaptive key-frame reference picture selection (KAPS) algofithvideo
transmission has been proposed. The KAPS video frame selection is fixed in ad¥iance. A
the non keys inter coding frames select their references inotineentional way. The
KAPS tries to switch between itself and the other codingnigcies which increase the

coding complexity.
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In [33]-[35] and [45], DiffServ model with centralized managementityeritree
manager) has been proposed. This entity must have full detailmatfon about all the
nodes member and resources available in order to maintain admessitmol. Its
complexity becomes severe when it treats the receiver'dgau® messages for all the
group members. In [46], the authors used encapsulation based approachediagism
does not require all the state information as in [44], however edgers have to keep
detailed information about the multicast tree. In [47], probe basetnique is
implemented to update the edge router about the multicast statughatiter they are
congested or not.

In [48] explicit congestion notification is used to dynamicallyutate real time
sessions to meet the network bandwidth availability. An impoddmaantage of this
work is that the intermediate nodes do not keep any previous informaai rate control
mechanism uses per hop MAC layer measurement from packétatismissions as a

feedback; while source based admission control is used for the aggregate réatticne

4.3. System Architecture

4.3.1. Objective

In this Chapter, we enhance the caching ability over DiffSemworkts by storing the
high priority video frames instead of the whole stream, [37]. In mdditaching at the
edge routers decreases the average packet delay without excessimation of the
storage space. Caching only the high priority video frames iedge routers increases
the number of caches demand files and reduces the retransmission from the viteo ser

4.3.2. Network Architecure
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In a typical setting, Figure 4.1 and Figure 4.2 depict our architectureayng video
multicast server and multicast groups. In traditional DiffSere, video packet has been
lost at the client, it sends NACK to the multicast video seiMais increases the load on
the video server, and dramatically increases the average pat&gt @o improve the
QoS support in such environment, the sender application assigns gewaty, which
are based on the frame’s importance to the reconstructed video .qa&ityonsider the
GOP structure with one I-frame followed by several P-famaad B-frame in this
Chapter, | frames can assigned higher reliability level thandBP frames. The P-frames
that are closer to the preceding I-frames are more valuabigiges higher probability
than the other P-frames and/or the B-frames. The video framdsevifeated differently
at the core routers and the edge routers based on its importein@ednstructed the

video frames.

Media-aware sub-layer =——p»

Extending the edge router functionality
IP Layer in the DiffServ by deployment of media
aware sub-layer.

MAC Layer

Physical Layer

Figure 4.2 Structure of edgerouter layersin DiffServ networks.

4.3.3. Extending Edge Router Functionality
When a new packet arrives from the source, high priority framesaateed in the
cache memory along with its lifetime. Once the lifetimexpired the packet is erased

from the cache memory. The new packet is then forwarded teedkerer. If a NAK
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arrives from the receiver, the edge router processes this pidKet and performs a
lookup in its cache memory for a correct copy of the corrupteckepaclhe
retransmission methodology flowchart is explained in Figure 4.3. Tlhephigrity video
frames are cached at the edge routers for its life tineap4 of each high priority packet
is cached in the retransmission buffer, along with its IifeetiAll the packets in the same
frame have the same priority and caching life time. Thentdiplay the initial part of a
video clip when the quality degrades under the acceptable thresholdlidimte will
check the packet loss if packet sequence number is missindl, send retransmission
request NACK to the edge router. The media aware sub-layévesdtbe retransmission
request packet, and precedes it by looking for the lost packetrahsmission cache
buffer. The sub-layer may retransmit the packet if it isexqtired from the edge router
cache memory. Once the packet life time is expired, there meed to retransmit the lost
packet again or cache it in the cache memory. All the paci@te the same frame will
have the same life time. The frames life time is calculated as follows:
T, (N)=T;(N) + Dg
Where T, (N)an estimate for the rendering time of fraiNeat the receiver, an®, is a

slack term to compensate the in accuracies in estimating the@agndelay (OWD) from
the edge router to the client. The receiver processing delagygigcted. The rendering

time is calculated as follows;
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Figure 4.3 Video retransmission algorithm at the edge router
To(N)=T, +T, +N/R (4.2)

WhereT, is the video session initiation tim&, is the receiver play out delay, and R is

the frame number.

Due to caching placement at the edge routers, the round trip time is decreased by:
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rﬂ:ix¢+qw (4.2)

Whered?, d, the backward and forward delay between hop i and hop i-1, respectively.

is the number of hops from caching node to the video server. Asdiraydewer hops
the packet gains higher packet successful probability whild hiigher throughout and
less packet loss. Let's denote the length of video packet and lehghhACK

byL,, L., respectively. Assuming forward bit error rate and backwarcrdr rate

from hop i to hop i-1 arg’ , p'. The probability of unsuccessful retransmission can be

calculated as follows;

p=1-]]@-p")"x @-p)™ (4.3)

i=1
Where h is the number of hops between the client and the caching dgéergeter).
Finally the probability that retransmission packet is succdgdelivered between the
client and the edge node after g attempts can be calculated as follows.
k(@) = p**x (1 p) (4.4)
The retransmission success probability is used in the simulationl imodefining the

link packet loss probability.
4.3.4. Caching Replacement Algorithm

When the cache memory is full, the unused data need to be repldabethe new
arriving data. The replacement algorithms of the traditionalovadehing scheme focus
on caching the whole video streams, however they are not desiraldadarontinuous

media stream. If we cache the entire video stream, the cpelce & not enough for
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variety video over the internet. Although the media aware sub-l®@mique is
profitable caching method that only cache the high priority videmdsa the limited
cache size of the edge nodes must be adopted. Cache replacgorhihalwill have the
responsibility to evict data from cache memory when a new datedrmand the cache
memory is full. The main cache replacement is least recemsig (LRU) [49] that
removes the least recently used items first. This algoritredsi® keep monitoring of all
data. However, some researchers [50] enhanced the LRU by corgideme other
parameters such as data invalidation rate, data size, transferetc. However getting
such input parameters from the system that is changing and sywtteastimate is
difficult task. In this Chapter, we focus on usage of the frareetiliie, as given by the
previous equations in Subsection 4.3.3. The sender application shall eatbeldtame
life time based on the rendering time of a frame at tloceiver, the one way delay
(OWD) from the edge router to the client, video session imtidime, and the receiver
play out delay. A logical list is maintained for each videoasirestoring the high priority
video frames. As explained in Figure 4.3 the new high priority videndsaare cached
intro warehouse and wait for being used in case of packet loasfrdime arrives and
there is enough memory space, no cache replacement is neededigethie logical
list shall start to remove the oldest high priority video fraraed check the required
cache space. If the required cache space is enough to cadesvtheived video frames,
new cache process will be done. Otherwise, cache replacelgenthan will be re-
executed until it succeeds to free enough memory cache slotisefarew high video

frames. Remaining buffer size can be calculated as follows;
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Remaing buffer size=B - ZLZ f, (4.5)
i=1

Where B is the edge node buffer size, m is the number of simeoltia video streams
transmissions, and n is the number of the current cache video frames.

The pseudo code for the cache replacement algorithm is given as below:

1. Notations:

2. B: buffer size.

3. S cached set frames size at time t, where ¢ is the number of cached frames.
4. Frame (k): arrives at time t.

5. Procedure cache replacement policy ()

6. Free Buffer_Space =B 4S

7. If (Free_Buffer_Space > = Frame (k))

8. Accept frame (k);

9. Else

10.{

11. Calculate the life time for cached frames sgt S
12.Create a list of the cached framgs S
13.Free_Buffer_Space = 0;

14.Drop_Set_List=0;

15. Buffer_occupance = Frame (k) + cached framgs S
16.While (Buffer_occupance > B)

17.

18. Drop_set = Drop_Set_List pick (oldest frame life time)
19. If (frame (K) € Drop_Set_List)

20. Break;

21.}

22.1f (k € Drop Set)
23.{

24.Drop_set = 0;

25.Drop frame k;

26.}

27.Accept frame (k);

28.Drop all frames in Drop_Set;
29.}

4.4. Simulation Results
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In this section, we implement our proposed architecture. The bsamallation setup
for the proposed video aware sub-layer and DiffServ interactiomplemented by opnet
simulation network [18]. We evaluate the performance of our cacheahanism and
retransmission of the high priority video frames in comparison texisting technique.
A simple differentiated services network is shown in Figure 4.4sWWelate a dynamic
network conditions by different packets drops and generating sevekairtacd traffic
flows on the links between the edge router and clients. We fgstgi some important
parameters and aspects in our implementation and then analyzsult® obtained from

the simulation.

-«— Differentiated Service Network ﬂ R
Video
Server R2
R3

Figure 4.4 Network topology

The link lies between the core router and the edge router, tMbps bandwidth.
All the other links are with a 1 Mbps bandwidth. The playback deads 200 ms.
Packets will be dropped randomly at the network links, and the adeEagket loss rate
ranging from O to 15%. We set the packet size to 500 bytes fithrealideo frames. The
video sequences used in our simulation followed MPEG-2. Sixty secondghambtion
video sequence are encoded at 15 frames per second (fps), whichireaudequence of
900 frames. There are 12 frames in a GOP, with the struttar®ne | frame followed

by eleven P frames. The frame resolution is quarter commomiedéate format (QCIF,
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176 X 144 pixels/frame), which is the most common format at lowekes. The coding
rate is 200 Kb/s.
Figure 4.5 depicts the relationship between the average packet de)aag@est the
time (sec). The Figure shows that caching the video frames decreasamihérip delay
between the clients and the video source. As caching the high priority video frahmees at
last edge router, the probability of the packet loss is decreased, and the number of hops

between the clients and the caching node (edge routers) is decreased as well
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Figure 4.5 The average packet delay versusthetime

Figure 4.6 shows the average throughput (Packets/sec) versusehgséc) as we
change two parameters namely, the number of retransmissiorstedwen the clients
and the packet loss at the last hop before reaching the clibetsesults show that in the

proposed mechanism the throughput is higher than the existing techniagiéngCtoe
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high priority video frames at the edge router will contribute ireising the packet loss

at the client and also decreasing the number of trips betweevideo server and the

clients.

Average Throughput (bytes/ses)

2.5

N

=
o

=

o
o1

x10°

—with caching, 1 restransmission
—with caching, 2 restransmission
—with caching, 3 restransmission

|

| |

| |

| |

1 1

| |

T T

| | | |

| | | |

| | | |

| | | |

1 1 1 1

| | | | |
100 200 300 400 500 600

Time (second)

Figure 4.6 Throughput versusthetime

We tested the proposed technique with different number of retrasmiemattempts from

the receiver. As we can from Figure 4.7 that with a singl@nsinission attempts, the

average packet delay will still high, due to failure of getthngylost packet from the edge

node which leads to request the packet from the original source\Witiencreasing the

number of requests from the clients in case of redundant packehegspbability that

the retransmitted packets will be received before their deaidioneases. Also it can be

seen that there is slight enhancement of the average packgtadel@e increase the
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number of retransmission attempts. This suggests that theaeosy limit the number

of retransmission to three, which limits the overhead of the mechanism.
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Figure 4.7 Average packet delay ver sus caching size
Figure 4.8 shows the packet lost versus the caching size forediffeztransmission
attempts. As was shown before, increasing the caching menzerywdl enhance the
mechanism performance by decreasing the packet lost. It caprb&@® the Figure that
packet will decrease as we increase the number of thengetission attempts. The
reason behind this that increasing the retransmission attésnatiaptive, in the sense
that it only adds the retransmission overhead when there is |ldbe wideo stream.
Although that there is control packets between the edge node ankietitetbey have
less contribution to the overhead as they are small in sizparedhto the video stream

packets.
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Figure 4.8 Number of lost packets versus caching size

4.5. Conclusions

Video transmission on the Internet generally has very high bardwaduirements
and yet is often unresponsive to packet loss and network congestiodeiricavoid the
round trip delay and improve video quality at the clients, we proposdaraware sub-
layer that can be added to the edge routers. To reduce storagéyasogirement, video
frames with high priority will be selected to cache ateédge router which increases the
on-demand video files caching. We have evaluated our mechanisnding doe media
aware sub-layer to edge router wherein DiffServ network @&bled. The proposed
mechanism decreases the average packet delay and increabkesutjeput which yields
to better video quality at the clients. Furthermore, while the prdpakmrithm is cast
here in wired DiffServ multicast environment, the algorithmciseptable at the wireless

networks.
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As a future work, we plan to implement and examine the proposecamsichin ad-
hoc testbed networks. Also we plan to investigate the cache reglaicém optimizing

the cache memory size at the edge routers.
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Collaborative Multimedia
Content Caching
Algorithmsfor

M obile Ad-hoc Networ ks

5.1. Introduction

In this study, we focus on video caching as an attractive techmbigeéiciently
tackle MANET challenges. Video caching has been well acceggedable method to
ease the ever growing bandwidth needs, improve the speed of videmylekduce the
server load, and decrease the client access latency. aiaedirect approaches have
been proposed in the literatures, namely; simple video server caciiiegp servers’
replication onto all network nodes, and distributed video cooperative nodes. Sige de
of a cooperative environment where a number of cooperative cachingaredesrking
together to serve a set of clients is considered in our workcdderative scheme helps

to cache more video streams without overloading the video server. réhigecture
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builds a better system in terms of fault tolerance as cactudgs can share the burden
when certain caching intermediate node is unavailable. Our workfésedit from the
previous work in many aspects; first we are carefully selgdhe nodes to cache the
video based on the links reliability, the nodes resources, and the availalsige other
nodes in the network. Second, we develop caching placement mechanisattengsi to
achieve high network performance by distributing the video streamsigthe virtual
backbone nodes. The virtual backbone nodes have the function to managentise clie
request in such a way to decrease the server overload, toipartime protocol control
overhead, and not to consume the nodes’ resources as well. Oudezais fo distribute
the video streams among the virtual backbone nodes based on the nodes. [dbat
virtual backbone nodes create Network Information TaNI&)(that carries records of
the caching video segments at each node and the life time watidesegments as well.
Each virtual backbone node maintains tNET updated by adding a new tuple if
placement or replacement is performBT contains the following fields {cached video
stream segment id, cached node id, segment life time}. We dasagching control
messages to exchange g periodically.

We investigate the data retrieval challenge MANETs and proposeheme, called
Virtual Backbone Cooperative (VBC) for video caching. The goal of '@ reduce
the average access latency, enhance video accessibility, ezdieediscovery overhead
and provide better cooperative caching performance in MANETsamaent. In VBC,
we use a color conventian in determining the roles of each nodm the network as
shown in Figure 5.1 To enhance the system performance, initiallyeleet the nodes

that will cache the video streams (i.e. black virtual backbone nodles selection
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algorithm is developed in the entire network nodes, and the decisiakeis tocally to
maintain low control packets overhead. Virtual overlay links are nartet between the
virtual backbone nodes. To further improve the efficiency of VBC cgamechanism, a
cooperation management scheme including cache placement, a repiapeiicy called
Least Video Segments Life Time (LVS-LT) has also beeweldped. Our LVS-LT
scheme determines cache replacement not only favorable to abclieaiso important to
other newly incoming clients. We also perform optimization stiodythe VBC caching
system. Simulation experiments are performed to evaluate the pdop@se caching
scheme and compare it with existing strategies such as Stapleng and Data Caching
Schemes for mobile ad- hoc environment.

This Chapter is organized as follows. Section 5.2 gives a short oveofie€aching
strategies. In Section 5.3, we describe the proposed system auchitewd formulate the
caching placement and replacement algorithms. Section 5.4 showsthatisn results

for our proposed mechanism. Section 5.5, concludes the Chapter and presents some of the

future direction for our work.

5.2. Related Work

The problem of data placement and replacement for wired netvmais been studied
previously [49]-[62]. In wireless cellular networks, a lmacmanagement scheme for
wireless cellular phones has been proposed in [55], detali@gcaching placement
performance at the base station for the case of streamivigeser[56]. Consistency
maintenance functions cost are derived to determine the costirdbmiag data objects

locally and globally. Promising cache placement approach is dedebop studied in
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terms of power efficiency and power consumption. In ad-hoc netWb8sthe focus is
on a distributed semantic caching scheme to handle location dapelada in mobile
environment. When a node requests a query, it processes the qudigdandut the
results from the appropriate cache. The drawback of such scheha the frequency of
cache accessing is not taken into consideration. Hara et abspepmore general
replication techniques to overcome the previous shortcoming, [5%es& frequency,
neighbors’ access frequency, and overall network topology are timnepar@meters that
are used in such scheme for replication data items techniquesiawe a performance
increase. However the limited size of data (few kilo bytes)restricting the
implementation in real-time applications. Another genaparoach has been proposed in
[60]. Sailhan et al [49], proposed cooperative caching techniquad6@¢rease the data
accessibility by peer to peer communication between the entdsininals when clients
are out of the bound of a fixed infrastructure. Cooperative tqohrthat focuses on data

dissemination and replacement strategy has not been well explored.

@ Virtual backbone node
© Green node
(O White node

Figureb5.1 Virtual backbone network ar chitecture
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5.3. System Architecture

In light of the work done by Kozat [51], we implement our algorithension to
identify the nodes status. We first present Initial selectionaskbone nodes, followed
by Cache placement policy, and then describe the Cache replagaotient Detailed
explanations for each step are given in the following subsections.

5.3.1. Selecting Virtual Backbone Nodes

In VBC, we use a color conventianin determining the roles of each nade the
network. We have three types of nodes (black, green, white). All thes mudally have
white color in their status. All the nodes shall broadcast Hellkgtsavith time to live
eqgual one hop. The hello packet size is 50 bytes to ensure low ovdrhegetkr to build
the network information tabléN(T), the nodes will send and receive the hello packets for
certain waiting timeT,,. At the end of the waiting period, the white nodes shall check its
normalized link failure frequencyNLFF) that gives high indication about the links
stability of this node as follows;

NLFF <nliff, (5.1

Where niff, is the normalized link failure frequency threshold, [51]. Note MigEF; is

simply the proportion of the link losses at ngde a fixed time window. Figure 3 shows
simplified version of the virtual backbone formation algorithm [51]. depicted in
Figure 3, a white nodechecks whether it has any black neighbors. If there are one or
multiple black neighbors, the best black node will selected as vateass point to node

] andthe nodg will convert its status to green node. Best black node will lileded

based on nodes connectivity, nodes stability, and nodes memory space. Nodes
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connectivity is required to have small backbone size which yiedminimize the
network overhead. Nodes stability is measured based on the teffk. Nh this
simplified algorithm, the best node will be selected among the cdediddes (i.e. nodes
are achieving equation 5.2) based on the highest connectivity. If tws hade the same
connectivity, then the priority for being the best node is given to rfwatehis highest
memory, then to the highest node ID. If there is no black neighbar thieewhite node
will check for white neighbors and choose the best node as a carfulamtztenode. The
white node will compare between its node connectivity and the candiddes if the
white node is the best node among its white neighbors, it will ctnige status to black
node. Otherwise it will convert its status to green node, and chesmhdidate node as
its virtual access point. The same procedure will be repefatkdre are green neighbor
nodes.

Assume that there is a set of black nodegb,, b,, b,,K b,} where B is the total number of
the black nodes. The nodes that are not joining the black set wik their neighbors’
status periodically. The problem of selectidAP, is formalized to minimize the cost

¢, from nodei to the selected virtual access point npde

2. CiXi
il N}{B]), Te(by, by, A bg} (5.2)

Subject to;

D% <1 Vi,
(5.3)

X; =1 if nodei selectsnode j asVAP
0, otherwise



81

We will define the set of green nodes as follags;g,, g,, 9.,k g} The remaining nodes

W = N - (B} U {G}) Will remain white until one of the above two cases is met.nbde is

still white and does not have the highest node degree among itbosgextension of

Tw will be granted to this node. If no no#tehas a link lossesiLrr, <niff, then nodg
decides as itsiff, is set to infinity. The algorithm will force the other sutsn continue

the process. We refer the reader to [51] for lemmas that dietvall the nodes in the
network will decide in a finite amount of time its status, anche48P node has other
VAP nodes within 3 hops distance if the network size is large énd\fter the virtual
backbone phase is carried out, the algorithm will construct virinles lamong all the
backbone nodes. The goal of selecting the virtual backbone nodesbisito relatively
stable and reliable virtual backbone networks. The selection thlgoris highly
distributed and based on local decisions which make it more rel@abktwork topology
changes. Some conflicts may arise between a node’s dearsiaits neighbors’ decision.
In these cases, the maintenance phase will be used to resdiveosiiicts between the
neighbors. Additionally, the maintenance phase will be more nezaige when network
topology changes due to nodes mobility. Basically, checking the gmee black nodes
neighbors is the main criteria to determine the node color stattisei maintenance
phase. For example if a black node deserted by all its greenboesg it becomes a
while node and entered the virtual backbone selection phase again. Astathario if a
black node has another black node neighbor, the best node will steyahththe other
one will change its status to green node. Similar rule has tpghbedto the green nodes

as well. We refer the reader for more details about the maintenance ¢mcefgs1].
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Only the black and green nodes are responsible to create ovgrastiumal links.
Virtual access point (VAP) is a black or green node that sene®r more of its clients’
neighbors. The white nodes are the remaining nodes (i.e. non blackeor rgydes).
Video cooperative flowchart is illustrated in Figure 5.3 As cliengiquests video stream,
it will check first its cached memory (local caching)tigiill cached video segment from
the previous video reception. If the client cache memory is emptges not contain the
whole requested video stream, the client has to send media rpqe&st to itSVAP;
node. TheVAP; will check its cache memory and send media response packet to the
requested client. The media response packet should contain the local cached video
segment number. TRéAP; also will check itaNIT which contains information about the
other virtual backbone nodes who are caching the requested video stheaWAH; will
forward the media request packet to the virtual backbone node(s)tiedcpart (one
segment or more) of the requested video stream. As a resutbtthing virtual backbone
node(s) will transmit the cached video segments to the requestatliah sequence
based on the client request. If part of the video stream is tumBdsat main video server,
the main video server has the responsibility to send this part. Tt segment stream
may be cache at one of the virtual backbone nodes during itsntssmn; in turn the
cache replacement policy may run if there is no space to cache the new segment.
The second and third phases are to use cache placement and gdabement
algorithms on the candidates’ mobile nodes (i.e. virtual back bone nadegsé¢ the

client video delivery and increase the video quality.
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Figure 5.3 Collaborative video caching flowchart

5.3.2. System Modd

The system environment is assumed to be an ad-hoc network whieoe alilents’
nodes try to access video stream. The virtual backbone nodes that bop of the
video segments is called data source/server/center. The Widamsequest initiated by
a client is forwarded hop-by-hop along the routing path untilaches the data source
and then the data source sends back all/part of the requested video. &exh data
center maintains local cache in its cache space memory. dixeaethe bandwidth
consumption and average access latency, the number of hops betweeatahe d

source/cache and the requester should be as small as possible. lastbackbone
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nodes do not have sufficient cache storage and hence the cachimyy ssrédebe devised
efficiently. Table 5.1 summarizes the different notations and pessused in this
Chapter. Literatures show that the caching placement probl&R-omplete [52], we
present a baseline heuristics for VBC technique. We will show tiev baseline
heuristics can be enhanced to realize dynamic cache reconbguvath minimum
network overhead in the simulation section.

The system has total Bfvirtual backbone nodeB; (1 <j <B).
We combine the cache of all virtual backbone nodes to form the aggegdte space

M® where;

B

M® =2 M? (5.4)
j=1

Whereme is the memory cache size of virtual backbone rjo#ée combine the cache of

all clients nodes to form the aggregate cache specewhere;
B kj
C C
M :ZZMJ,k (5.5)
j=1 k=1

Wherem¢, Memory cache size at cliektwhich is served by nodeas its virtual access

point backbone.

In practice, the aggregate cache space combining the virtoklbdrae nodes and the
clients is less than the total volume of the cached videamssreThe following equation
shows the first constrain in the proposed system, since we don’tleomsplication on

this work. That is the video segment is stored once in the caching nodes:

V .
MC+MBS;U (56)
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Whered' (1<i < V) is the video streamvolume. The second and third constraints follow
the cache space limit of virtual backbone npaad clientk of virtual backbone nodg

respectively.

VoA )
M-BZ P-IYL'
j ;; i S (5.7)
C T i
M« Zggqm S, (5.8)

Where P!* probability of cached video segmentf video streanm at virtual backbone

nodej and dj} is Probability of cached video segmenof video streani at client node

k.
To compute the number of hops between the client and the data sowpedidic video
segmentiof video streami , there are four different cases of data hit that can be

combined as follows;

{ j,’?lzxo + 2:]’,%)( dj,k+ Ejr')“x qgr +PS!?~X qs} (5.9)
= 5
Whered,, , d,,, andd,  denote the average number of hops between the &lient

virtual backbone nodg the average number of hops between the client k and virtual
backbone nodg and the average number of hops between the &l@md source node

Each video segment is periodically updated at data source.\idty segment update,

its cached copy (maintained on one or more clients) may beconig invas is limited

to the life time of each video segment.



87

Table 5.1 System symbols and notations

Symbol Definition

B Number of cooperative virtual backbone nodes

K Total number of clients

k. Number of local client attached to virtual backbowele |

j

Ui Video stream {12K ,V} whereV is the total number of
video streams simultaneously across the network

Li Length of the video streah(sec)

Ri Video stream bit rate (bit/sec)

M B Memory cache size of virtual backbgne

J
M ¢S Memory cache size at cliektwho is using nodgas its virtual
ik

backbone

M B Total memory cache size at all virtual backboneasod

M c Total memory cache size at all client nodes

}\fv Video segment?\, of the video stream
ref{h,h, K, A}

S, Video segmenf\ size (bytes)

) Number of hops between two consecutive cachingsiode

P,i A Probability of cached video segmehof video streanm at

) virtual backbone nod¢

Probability of cached video segme?uof video stream at
client nodek who is using nodgas its virtual backbone

d Average number of hops between Source node andhirt
s 3
backbone nodg
d Average number of hops between client nbaed virtual
ik backbone nod¢

Average number of hops between two virtual bacqug;jn?

5.3.3. Cache Placement Policy

In this subsection, we investigate the cache placement problewirtt@ backbone
nodes for a given video stream. After the virtual backbone nodes hamesblected in
the network. The virtual backbone nodes will have the responsibilitycttedhe video
segments. In order to increase the data accessibility aneladedhe latency as well, the
proposed mechanism will cache video segments as much as posdiide batckbone
nodes, while trying to eliminate video segments duplications.
Initially, the system has one copy of the video streams atidle® server. To request a

video stream' , a clientk, can call lookug') procedure in its virtual access backbone
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node. The call looku@') procedure may return several caching places belonging to the

virtual backbone networks only if this video streanmhas been requested before by any
other client. Lookup)) procedure is explained below.

Lookup(v')

{

1. Retrieve NIT of all the virtual backbone nodes for the video streafmom the

client’s virtual access poinAP.

2. CheckNIT for each video segment for the requested video stream

3. If any video segments for video strearh are cached at théAP , transmit it to
clientk.
4. The VAP will start to collect the remaining video segments from othgual
backbone nodes, and send it back to the client.
5. If some video segments do not exist in the virtual backbone node¥ARewill
seek it from the main video server, and send it back to the klient
}
Since we eliminate the caching replication, we will assumethe clienk retrieves the
video stream,'from the video server in case of first video stream request. \Whele
video stream is downloading from the video server, a backbonejncale become a
member of this video stream virtual backbone node by caching one er vitwo

segments of,;depending on its cache memory size. To cache video segmeintual
backbone nodpcalls the following cache placement procedjire,)

Cache (j, )
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1. RetrieveNIT of all the virtual backbone nodes from the backbone pddeothers

backbone node.
2. If the video segment, for the requested video streandoes not exist imNIT and

there is enough memory space, the video segment is cached.

3. Otherwise triggering call cache replacement procedure at virtual backbdege
4. Update theNIT with a new record, say, (\,)

5. Update virtual backbone nodes with the new record enteidid at

6. Repeat the steps from 2 to 6 on all the virtual backbone nodes thatated in the
route between the client and main video source.

7. If the virtual backbone nodes that are located in the route sourcdi@amddo not
have enough space to cache the video styedire nodg will recall other virtual
backbone nodes by executigect procedure.

}

Select Procedure (k)
{
1. Find out the virtual backbone nodes fraWhT that satisfies the following two
conditions:
e 5 hops away from the virtual backbone ngde
e Enough memory cache space to cache the new video segments.
2. If such virtual backbone node is found, cache the subsequent video segments by
moving the new incoming segments.

3. Otherwise, if there is no space available, cathe replacement procedure.
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4. UpdateNIT with the new record.

If the virtual backbone node is located withynhops from the source node that
contains the original video stream, then it does not cache theestgrhe primary idea
is that in order to increase the video steam accessibilityndodanism will try to cache
as much as possible while trying to minimize the inefficieaxthcng places and the
network overhead. There is tradeoff between access latency aratdessibility. If the
popular video streams are duplicated a lot, then the averageylabeaverage number of
accessibility is reduced because there is high popularityndinfy those data items in
other virtual backbone nodes. With high duplication, however, the number of distinct
data items in the aggregate cache is less. Thus the probabflitging less popular data
from other virtual backbone nodes comes low. Although caching popular data
aggressively in closer virtual backbone nodes helps in reducing émeyain this work,
we use delta values to enable more distinct data item to b#ulisti over the entire
backbone nodes. We aim in increasing the overall data accessibility.
5.3.4. Cache Replacement Policy

LVS-LT has been developed in the virtual backbone nodes. LVS-Lakisg place
when virtual backbone node wants to cache video segment frames, buisthere
available slot in the cache memory, and thus it needs to victisueee old video
segments. The criteria used for cache replacement in thigteChaeletes the oldest
cache segment which has an expired life time. Cache replatgmueedure is shown
below:

Cache replacement procedure (k)
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1. m® Buffer size (bytes) of virtual backbone ndde

2. &0: cached set segment size (bytes) at tirte \Whereq is the number of cached

segments

w

. Video Segment., with sizeB (bytes) arrives at time

4. Free buffer space m® —q

5. If (Free buffer space >B)

6. Accept cache segment)(

7. Else

8. {

9. Calculate the life time for cached segmentsSget
10. Create list of cached segméat

11. Free buffer space = 0;

12. Delete set list=0;

13. buffer occupancy B8 +cached segment s&j
14. While (buffer occupancy )

15. |

16. Delete set = Delete set list (choose oldest expired segment lifg time

17.  If (segment), == Delete set list)

18.  {

19. Delete set = 0;
20. Delete), ; break;
21. }

22. If (buffer occupancy <mm®)
23. Cache), cu

24. Don’t Cache),pa
25. Call Sdect Procedure
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5.4. Simulation Results

In this section, we will examine the effect of the proposetlingcVBC algorithm in
ad-hoc networks. To evaluate our proposed framework and compar¢hitsiwiple
caching and Data caching techniques, we have developed a testbisthdpyOPNET
simulation model [18]. For the link layer, the IEEE 802.11 MAC protocaisisd. The
mobile nodes communicate among themselves over wireless chamgeP udbps. The
physical layer characteristic is extended rate PHY. fdresimission range has been set to
250 meters. The transmission power is 0.005 watt. The simulation nebweakis
assumed of size 1500 X 1500 meter with 250 nodes. The packet is €24 isytes. The
video sourceSis representing by video server. We used Xvid video codec [31] talenc
MPEG-2 compliant video codec. The frame resolution is quarter connmenmediate

format (QCIF) withy76x144pixels/frame, 15 frames per second (fps) video sequence. The

coding rate is 200 kb/s. All network nodes are generated background toafend to
randomly chosen destinations. The background traffic has constgthh Bh? bits and
exponential background inter-arrival time with man equal 0.2 sec®hd. video

playback delay is 200 ms to eliminate the jitter in receiving the video packet.

Figure 5.4 depicts the relationship between the average lafsecygnds) versus time
(seconds) for different schemes, namely; simple caching,daatang, and co-operative
caching. In co-operative caching, a client request can be ackmywaléy one or more of
the virtual backbone nodes located before the main video server, unligiengile cache

mechanism has to receive the video stream through the video. SEmeevideo stream
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can be accessed much quicker. It is obvious that the collaborativenganechanism

significantly outperforms the single caching mechanism. This impremée will

positively affect the video quality of service at the receiwd#ssand decrease the number

of trips between the client and the video center as well.

Table 5.2 shows the number of hops for the different video caching ssh&hgeresults

clearly demonstrate the effectiveness of deployment coopevati®e caching technique

in ad-hoc environment.

0.7

o o o o
w > wn o

Average latency (sec)

o
)
T

o
o

—— Simple caching
—— Data Caching
—&— Co-operative caching

Time (sec)
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Table 5.2 Average number of hopsunder different memory cache size (KB)

Cache size 200KB| 400KB 600KB 800KB 1000KB  1200KB
Simple Cache 4.75 4.74 4.7 4.72 4.69 4.6/
Data cache 4.22 4.19 4.00 3.92 3.94 3.77
Cooperative cache 3.54 3.43 3.38 3.41 3.3 2.89

In our performance study we will show the effect of caching argmsize, number of

virtual backbone nodes, effect of inter-distance between two cpobites, and virtual

backbone arrival/departure. As will be shown in the next subsecti@mspacison
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between the co-operative proposed caching technique, simple cachirigatanchching
is illustrated.

5.4.1. Effect of Caching Size

Our simulated experiment studies the effect of cache memaey & system
performance by varying the virtual backbone cache size from 2Q0KB0O0OKB. Figure
5.5 shows that the average access latency improves, as the caohy siee gets larger.
Cache data scheme considers only cache placement policy beiweaource and
destination node. The intermediate node will cache the data wiieds that the data
item is popular and it has enough memory space. Only one node wi#l tteecata item.
No cooperative protocol among mobile hosts is developed. As a result, the aveesge acc
latency of the cooperative protocol is less than the others ssh&mme virtual backbone
nodes can cache more video segments with increasing cache nsreoo it decreases

the average access latency.
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Figure5.5 Average latency versusthe memory cache size
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5.4.2. Effect of Number of Mobile Virtual Backbone Nodes

The system scalability is evaluated by increasing the numibeirtual backbone
nodes from 2 to 12 nodes. Figure 5.6 illustrates that the average peskatf the
proposed mechanism decreases sharply, when there are more tharal6baickbone
nodes; it also reveals that the system performance can effectivebyvenpy utilizing the
virtual backbone nodes in the system. Since the absence of cooperatiocolpon
Cache Data scheme and cooperative caching scheme, the incraasibgr of virtual
backbone nodes does not lead in very impressive improvement in the |josSlest as
expected. When two virtual backbone nodes with no or litle common sacces
transmission range approach closer together, they may not be ahke tadvantage of
the cooperative cache mechanism from one another; they actuallydelébea system
performance in terms of network overhead and power consumption. Tiesaase they
have to consume more power not only to send/receive control packetstfrers virtual
backbone nodes, but also to discard unintended messages. It can be seba that t
proposed technique achieves better performance than the Data agrld sanhing
techniques. Even video packet get lost at the cooperative technigqueppieative node
can retransmits the packet without need to go back the whole viag Wwdeo server. In
addition to decrease the number of trips between the requestatl aiid the faraway
server node will lead to better performance in terms of paldsst and successful
receiving packet at the client side. In summary, the collabergiroposed caching
technique for multimedia contents improved the video reception signlficant the
proposed cache placement and cache replacement algorithms iblea so&ution to

increase the video quality of service.
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5.4.3. Effect of Zone (Placement Distance) Size

To evaluate the effect of inter number of hofsetween two consecutive caching
virtual backbone nodes on the system performance as depicts in &igume increase
the placement distancefrom 1 to 6 hops. When the placement distance is equal to one,
the probability of caching the video streams in very dense allesherply increase. As a
result, the number of clients who may be served by those caahingl backbone nodes
will decrease, that may lead to lower system performancén MWetreasing the caching
placement distance between the virtual backbone nodes, the video segviieie
distributed across the network. As a result, there is a highecelfianthe new clients to
obtain their desired video stream from the caching virtual backbone. nduegaching
nodes in Cache Data scheme and simple scheme has a minomatifiethe cache
placement distance since both of the schemes does not support atitbebprotocols
between the intermediate caching nodes. It can be seen that there isngdrglement in

the system performance as we increase the caching platcdisi@ance to greater than 6.
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This suggests that the optimum number of hops between the virtlkéldogcnodes is 4
hops to ensure that the video segments will be distributed acrossetierk. The
increasing placement distance causes two effects on sgstéonmance. First, the larger
inter-distance between virtual backbone nodes leads to higher bandandthngption
because the virtual backbone nodes have to handle more global cdatiscaind more
unintended messages. Second, it also induces higher network throughthe foew
incoming clients, which in turn decrease the average accessylatsnshown in Figure

5.7.

I

| | === Simple caching
|| ==@== Data caching

:, —— Co-operative caching |_|

Throughput (%)

Number of hops between two consecutitive nodes

Figure5.7 Throughput versusthe number of hops between two consecutive caching nodes.

5.5. Conclusions

In this Chapter, we proposed collaborative video caching techniquesneowmitiual
backbone selection, cache placement and cache replacement algorTthen cache
placement algorithm ensured that the requested data willdbe e the highest reliable
intermediate nodes and it prevents too many replications at thaludckbone nodes.

While the cache replacement technique helps in improving the dutgsand keeps the
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video segments at the caching nodes for its life time. The propeskdique resides
above the routing layer, and it can be added as a module over any aoudtiog

protocol. Simulations have shown that the system has better adapteequiality using

the proposed solution.
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We conclude this dissertation with a summary of our contribution aedtidins of

the future work.

6.1. Summary

Our goal in this dissertation is to design and implement middéeganeric routing
components for mobile wireless in unicast and multicast environmetet,ogeneous
receivers environment, wired and wireless medium. We analyzeutdbtems posed by
the existing routing protocols and solved them using a combination otaipgh layers
techniques and modifications and enhancements to the routing protoaoisg Ehis
dissertation, we build form of a good understanding of the different adéwdmng
protocols, to be able to compare fairly between them with and withougnhancement

middleware generic modules.

Destination-Assisted Routing Enhancement Protocol: We designed and evaluated an
extension to DSR protocol to enhance the protocol performance, [62leMfeto the
extension as DSR-DARE protocol. DSR-DARE dynamically gendratecon packets
from the destination nodes to announce for its existence. Low beacketgpgeneration
is targeted to ensure low overhead. The new DSR-DARE estefé in providing high
throughput, reliability in mobile ad-hoc wireless channel, connecgons and routing
discovery time. The details of the protocol extension are discussed in detdipiteC2.
Multicast Multi-Stream Protocol: Multicast Multi-Stream (MMS) address a potentially
key that enabling capability for the efficient distributionngmission of the streaming

video flow via multiple video sub-streams. The objective of sub+sirgnis to employ
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rate/quality adaptation control by judiciously regulating the volapplication traffic
injected into or propagated through the network multicast sessions. Mid&@eraims to
enhance the video quality at the receiver side by dynamicailing the receiver from
one multicast group to another based on the receivers’ capabilitpnaidast session
status. The new module has been integrated with PIM. The new modkffedsve in
providing high video quality of service with minimum overhead. The dethiMMS are
given in Chapter 3.

Co-operative Video Caching Contents Protocol: We proposed collaborative video
caching techniques combine virtual backbone selection [63], cachenglaicand cache
replacement algorithms. The cache placement algorithm ensuretigh@guested data

will be cached at the highest reliable intermediate nodes apdevients too many
replications at the virtual backbone nodes. While the cache replaceroknique helps

in improving the accessibility and keeps the video segments aatheng nodes for its

life time. The proposed technique resides above the routing layer, and it can be added as a
module over any ad-hoc routing protocol. The simulation results teditet the
proposed collaborative aggregate cache mechanism can signyficaptbve the video

QoS in terms of packet loss and average packet delay. These @detaitliscussed

Chapter 4 and Chapter 5.

6.2. FutureDirections

There are several interesting directions for future work basebeowork described

in this dissertation. Some of these extensions of our work, while sthezs are
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motivated by the more general problem of multimedia over mobildesgenetworks are
given below.

The algorithms parameters and functions should be fine-tuned and made more
adaptive to the network dynamics: We intend to study complex scenarios with more
focusing on the performance for large networks with high nodes nyobieuristics
analysis can be used as input functions to increase the systémnmaece. More
parameters such as delay, bandwidth, and packet loss will banusgtimization. In
addition, the simulation can be improved by granting different peeritor different
nodes.

Cross layer approaches for adaptive error protection for video in mobile ad-hoc
networks. Inspired by our research in error protection for ad-hoc wireless are
planning to study the knowledge of the channel condition retrieved farer llayers.
We believe that through sharing the information collected by theumedccess control
(MAC) and link layers such as signal to noise ratio, link stgbithannel quality, and
energy level. Then adaptive scheduler can decide the video ssoviae to meet the
channel status. In corporation with the cross layer technique, vesdoéhat our middle
ware components will be more efficient.

Cooperative caching on MANETSs has the nature of P2P systems: The main problem
of P2P systems is that the users may have different inceativkthey cannot be trusted
to work toward the common benefit of the whole system. Some usgrenhawant to
stream video files from others but do not want share their own ffléhis situation
continues, there will be no user providing shared files in the sys&milarly in

cooperative caching, if some caching node refuses to send the rdqteesor other
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nodes while keeps asking others for the data it needs, eventually nacamoditain
desired data from its peer nodes. To prevent this scenario fronerhagpwe are
planning to study fairness between the users and adapt the used spked (i.e.
bandwidth) based on its contribution in the network. Currently, VBS enabbgei@tion
policy on the virtual back bone nodes, which requires that a node sharamgeer’s
request if it has the requested data in the local cache. Thty polsures the minimum
level of fairness that no node can deny service to others. Thus, ahdtherwork for
MANET cooperative caching is to enforce fairness at a highvel between users and all
the network nodes, adapt the channel bandwidth based on the useépaiemian the

system.
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