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ABSTRACT

Wireless devices such as portable or handheld computers have been developing and
getting more powerful in their capabilities. These devices called mobile node are now playing
important role in our daily life. These products communicate with each other through a shared
radio link without cable, backbone, based station or centralized administration which commonly
called Mobile Ad Hoc Network (MANET). Every device in this nctwork scenario can be moved
freely and randomly that causes nctwork topology change constantly, so available routes may fail
at any times then packets being sent are delay on any intermediate nodes. Therefore it might not
satisfy some applications such as multimedia application because multimedia stream is delay-
sensitive. In this research, we propose Qos-Based Multimedia Service Routing that Modifies
Dynamic Source Routing (MDSR) protocol. MDSR protocol selects the route for transmitting
packets by considering the high signal strength and bandwidth reservation mechanism in order to
avoid collision in the network.

We evaluate performance of MDSR protocol comparing with DSR protocol by means of
the simulation. The simulation results show that MDSR can provide the smaller number of hop
along the part from source mobile node to destination mobile node, lower delay and also higher
throughput comparing with DSR protocol. So, we can conclude that MDSR protocol can provide

the QoS for multimedia services.

I



Acknowledgements

This research has been supported and helped from professors. At first, I would like to
thank Assist. Prof. Dr. Sakchai THIPCHAKSURAT, thesis advisor for his support, suggestion
and help during my study as graduate student at King Mognkut's Institute of Techonology
Ladkrabang. I also would like to thank Assoc. Prof. Dr. Ruttikom VARAKULSIRIPUNTH,
director of Computer Networks Laboratory of Research Center for Communications and
Information Technology (ReCCIT), KMITL, for his comment on my doing research as well as my
thesis. 1 also would like to thank Prof. Hiroshi ISHII for his valuable time to comment and
suggest me. He is currently a professor of the Department of Communication Engineering, School
of Information Technology and Electronics, Tokai University, Japan.

I would like to thank (1) AUN/SEED-Net and JICA for financial supports, (2) The
department of Computer Engineering, Faculty of Engineering, King Mongkut’s Institute of
Technology for providing me a good education (3) Institute of Technology Cambodia for giving
me the best opportunities to pursue my master degree.

Finally, I deeply thank my parents, Taing Siek Hong and Ly Chhun Lang for giving me

life, for their love, and support for my study.

TAING Nguon

HI



CONTENTS

Page

Thai ABSIIact. .. ..ot e ettt aas I
ADSITACE. ...t et et e et e e e e et 11
ACKNOWIEAEMENIS. .. . ittt e et e e ea e e r e s II1
COMEENLS. ..t re et e e s e rere e e e e e teren e v
List of tables . ..ovvini it e e et V1
LiSt Of fIZUIES.c.c.viniiiririnriiicnnc ettt ettt ss e e seseesssseseseseonsssssasesssussenssensarsssseses Vil
Chapter 1 INroduction........ccoiiiiiiiiiiiiiii i crrrrcreseerese st se e ssesrsesssresessesesessesesnnne |
1.1 Literature REVIEW. ..o.iviiniiiiii ittt e e e e e enee s 1

1.2 Statement of PrOBIEM.....cciocieirmier et csteas s et stn e sesnereresanssseesnssasaanen 2

1.3 Existing proposed SOItIONS. ... .iuiiin it it iresie s ienereesenensnesesnsnsannnon 3

1.4 Thesis Organization. . ioci v iiiiierieriirreeseieseririnernseasasirnssesrassessnrennsenses 3

Chapter 2 Routing Protocols in Mobile Ad Hoc Networks......coveiiiiiiiiiinnniniiiiieiciieciens 4
2.1 Table driven routing protocolsS

2.2 On-demand driven routing protoColS..........cceciriiiisiiiiiniemsanicanesresssesseessessasesaresessases 8

2.3 Hybrid routing protocols. ... it ieiiiit e i ee et sttt ee e eaeanaans 13
Chapter 3 Dynamic Source Routing Protocol...........ccoiiviiiiiiiiiiiiiin i e eeeenee 15
3.0 ROULE DiSCOVEIY .. i ittt ittt e it ettt et ree e e rae st ree e enenaenes 17

3.1 S0urce NOde. oo e e e e 19

3.1.2 Intermediate N0de........oviiviiiiiiiii et en e 21

3.1.3 Destination NOAE......ouiiuiiniiiriin et irt e e er e eeeeneinsaeneenrananens 22

3.2 Route Maintenance. ......o.veneiiniiiiriii et eee e e eetr e e e e eaeanaaeaeneas 23

3.2.1 Link Layer Acknowledgment...........ccovuiiiinnininiiiiiiniieeeiceneenenen 24

3.2.2 Passive acknowledgement.........cccoiiiiiiiiiiiiiiti e 24

3.2.3 Network-layer acknowledgement.............c.oiiiiiiiiiiiiiiiiiii e 25

3.2.4 Originating a Route Error..........oooiiiiiiiiiiiiii i, 26

Chapter 4 Modification of Dynamic Source Routing Protocol............ccovvviiiiiiiiiiinnennnnnnnns 29
4.1 Design MythOlOZY.....cvvviiiiieiiieiii e e sesvessssneressesens 29

v



CONTENTS (CONTINUE)

Page
4.2 Bandwidth Reservation MechaniSm .........ocoviiiiiiiiiniiiiiiiiee e eenarenas 32
4.2.1 Bandwidth Calculation. ... ......oiiiiiiiiii i i it renreesnereneeennss 33
4.2.2 S1ot ASSIZNMENT. . ... vuiniii ittt ittt eeetrteaeeeenereearnseseaenearnnaeasenen 39
Chapter 5 Performance EVAIUALION........ovevivcreriveeereereereeseeereesseeesseeceeessnsesesssecsesseessessnsessassesans 44

5.1 Simulations Environment...........ooovivnriiiieeeceeiicceeeecssisreeessasesesssnesssssnessnensns 44

5.2 Simulations ASSUMPHONS. .....ccuitiiiuinitiiiiireecrntsrrereererressessesessesessessessessesseneas 44

5.3 Simulations Results..........coooiiiiiiiiiiiii e 45
Chapter 6 Conclusions and Future Work.........ooiiiiiiiiiiiiiiiii e e 50
6.1 CoNCIUSIONS. . .cuivviiisi i e e ettt e e e e n v aane 50

6.2 FULUIE WOTK .. 1. et ieicie ittt ettt ettt et et e e s eai et e e e eaaesa e e e snrasannnnes h)|
References... f4.......... ..o PR L AR S Ae2 o Pw. . AN 53
Appendix... L.4.......... A0t M€ NS N NL DM IS RN, 55
AL List Of PUBlICAIIONS.....oviuiiiiiiiiiiieit ettt ettt st st s s sne s e snasaa e nesassan 56

B. Bandwidth Calculation Modules.........cccoiiiiiimiinninrcninrscrneecrisesensenisessesssssssesesons 77

B.1 Bandwidth Calculation Module..............ociiiiiiiiiiiiiiin e, 77

B.2 Slots ReServation.......cccveuiiiuiiiiniriiireisiritiiieeieeien it veneneeenenene 79

B.3 Send Reset Packet.......oovvveiniiiiiiini it 80

B.4 Release Reserved SIots. ... ..uieiiniiiiiiiiiii i iiiiiiiine e e erenaneenas 81

AUthor’s BIOGaphy.......ccceeeiiiiniiiiniiiiet ittt esnenrs ot estsbe e stesrstesesesasssssassssssanessssaeses 83



List of Tables

Table Page
3.1 Route request packet fields.........cooiiiiiiiiiiiiiiiiiiiii 18
3.2 Route reply packet fields.........coooeviiiiiiiiiiiiiii 19
3.3 Acknowledgements request packet fields..............ooooi 26
3.4 Acknowledgements packet fields........c..oooiiiiiiiiiiii 26
3.5 Route Error packet fields.........cooiiiiiiiiiiiiiiiiiiiiiiini e e 28
5.1 Simulation Parameters.........ocoooiiiiiiiiiiiiiiii e e 44

VI



List of Figures

Figure Page
1.1 An example of Mobile Ad Hoc Network.......cooivuveiiiiieiiieiiiiiiiii i 2
2.1 Multipoint relays........ooieiiiiiiiniii e 8
2.2 AODV route diSCOVEIY....iuiuiniitiiitiiiitiiiiet ittt ettt s it eete e esese e aenraenions 10
2.3 Route creation of TORA.......ociiiiiiiiiiiiiinir e et 12
2.4 Route Maintenance of TORA........cocoitiiiiiiiiiiiiiiiiiii e eane 12
2.5 ZPR ZONE TBAIUS...ccuvirircrriremie ittt sscssess st st s ssessesae st ese s sanssssesanessshesasnsesussatobssassaen 14
3.1 A simple Ad-Hoc network topology.....c.veviiiiiiiiiiiiiiiiiiiiciiiii 16
3.2 An Example of broken route.........ooeviiiiiiiiiiiiiiiiiin i 17
3.3 An Example of Route Discovery Process..........ccoiiiiieiiiinieiiiiiniiiiinniiiciiiininicien 19
4.1 An Example of proposed SCheme........c.iuiiiiiiiiiiiiiiniiriiie it seiiirsciensesnen e 30
4.2 Flowchart of source node wishing to send data packets......ccocoevviiiniiinniiniiinniiinn 30

4.3 Flowchart of an intermediate node or destination node, wishing to send data packets........31

4.4 Frame Stjueture. o 47, Lol oo b T 2 LWL 0N dom Lo X o B e 32
4.5 End-to-end bandwidth calculation............cioiiiiiiiiii 33
4.6 Equal case (Bandwidth calculation)......cccciiiiiniiniieiiei s et ae e 34
4.7 Containing case (Bandwidth calculation)...........cociiviiiiiiiiii i e 34
4.8 Exclusive case (Bandwidth calculation)......c.oieiiniiiininiiiiisrieteeinseesnennrnrneneans 35
4.9 General case (Bandwidth calculation)..........c.oiiiiiiiiiiiiiii i 35
4.10 Step1 bandwidth calculation in node C.....oovviiiiiiiiiiii it et e nnere e 35
4.11 Step2 bandwidth calculation innode C.....o.viiiiiiiiiiri i i s eee e 36
4.12 Final result of bandwidth calculationinnode C.........occvieiiiiiiiiiiiiiiiiiiiirecrce e, 36
4.13 The algorithm for a node whishing to send data packets........c.ceevviiiiiiiiiiiiinninininnn 37
4.14 Path bandwidth calculation algorithm for a node receiving route query request............... 38
4.15 The algorithm for a node receiving route request packet...........cceueerieiiereniieneereecennnns 39

4.16 The process of slot assignment for a source node that receives route reply packet (RRPL)..41

4.17 The process of slot assignment for an intermediate node that receives route reply packet

vl



List of Figures (Continue)

Figure Page
5.2 Throughput versus number of mobile nodes............ccocoiveviiiiiiiiiiiiiiii 46
5.3 Average delay for QoS1 versus mobility of mobile nodes.................o.oociin 47
5.4 Average delay for QoS2 versus mobility of mobile nodes............c.ccoieviiiiiiiiinnn 47
5.5 Throughput of QoS1 versus mobility of mobile nodes...........c.ooovveviiiiiniiininiiiininn 48
5.6 Throughput of QoS2 versus mobility of mobile nodes..................o.ooi 48
6.1 Bandwidth assignment fromnode Atonode C......c.oovveviiiiiiiiiiiiiniinnininee 51
6.2 Overheard of bandwidth information.........cccocviviiiiiiiiiiiiiii 51

VIl



Chapter 1

Introduction

1.1 Literature Review

Mobile Ad Hoc Network (MANET) is a collection of wireless mobile nodes in which
each node communicates with each other through shared, limited radio channel in peer to peer
fashion that makes MANET to be an infrastructure-less networking as shown in an example in
Figure 1. Each mobile node or intermediate node in the network operates as routers forwarding
packet to other nodes in order to establish two pairs of communication nodes.

MANET can be categorized into flat architecture and hierarchical architecture [3, 6],
called cluster. In flat architecture, all nodes have the same rank, but in hierarchical architecture,
nodes are separated into masters and slaves. Master nodes, cluster heads are selected among the
nodes in the network and the remaining nodes, slave nodes, register themselves in one cluster of
more cluster heads. A cluster head is responsible for communicating with its registered clﬁster
nodes and communicating with other cluster heads in the network. By contrast, slave nodes in
each cluster communicate with each other via their respective master nodes.

Because MANET does not rely on wired backbone, based station or centralized
administration, the growing demands of roaming users, and the availability of wireless devices,
MANET has been received an increased attention for commercial purpose especially for small
area wireless networks (home office, building, organization conferences, etc.). Moreover,
military communication and disaster recovery operation in the area where there is no based
station or access point, MANET is useful in those environments.

In MANET, the nodes are mobile hosts and the topology of the network may change
rapidly and unexpectedly. Therefore, the packets transferring from end-to-end may be lost as the
result of broken link of the availability routes because of deletions of nodes, contention or
interfering. Quality of Services (QoS) for MANET have been done by many researchers [1, 2,
5], such as QoS starting from physical layer up to application layer [4], QoS Medium Access
Control (MAC), Genetic Algorithm QoS Routing Method [9], and QoS of Routing [7, 8, 10,
11].



Seeoe” C Mobile node
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Figurel.1: An Example of Mobile Ad Hoc Network

Due to the limited and shared resources in MANET, Several routing protocols have
been developed or proposed in order to adapt to the nature changes of wireless network such as
nodes are mobile, routes change frequently, and the topology is unpredictable. These routing
protocols {i0] can be ciassified into three different groups: global/proactive, on-demand/
reactive and hybrid. Proactive routing protecols find routes in the own maintaining route table
in each node while the reactive routing protocols find route only onc nodc need to send data to
the other node. Hybrid routing protocols combine both proactive and reactive routing protocols
together. That are; proactive is used in a cluster called zone whereas reactive is used to find

nodes outside. This kind of routing protocol is used in hierarchical architecture.

1.2 Statement of problem

Multimedia application such as video conference, tv on web, radio on web or voice over ip,
is important for our daily life. It is delay sensitive. In order to guarantee Multimedia traffic in
MANET where nodes can be moved randomly, Route used to transmit this kind of traffic, must
be able to reduce delay of packet on any intermediate nodes. Some researchers have done
research on find route with limited route request packets, which consumes less bandwidth. In
this research, we consider the shortest bandwidth path for carrying multimedia traffic. In this
shortest bandwidth path scheme, we not only search for the shortest path, but also provide
bandwidth mechanism or reservation for nodes along the path from source node to destination
node. Therefore the route found must the shortest bandwidth path for transmit multimedia

traffic.



1.3 Existing Proposed Solutions

Ref [14], authors have proposed different power level to support higher priority traffic such
as multimedia traffic, which is delay-sensitive, and lower priority traffic such non real-time
traffic, which delay is not sensitive. In order to reduce delay for multimedia traffic, the authors
of Ref.[14] have proposed (1) higher power level for a node that is to transmit multimedia
packets or other words its coverage area can be increased so that the number of nodes inside its
coverage area is also increased. Therefore it can select a node, which is the farthest one to
forward route request packets. As result, the shortest path can be found for multimedia traffic
and delay can also be decreased. On the other hand, the authors also proposed (2) lower power
level for non real-time traffic such as text application so a node that carries this kind of packet
has smaller range. In other word, the number of nodes in its coverage area is decreased. As
result, longer path can be found for this kind of traffic and It can save energy, which is the main

power for mobile node.

1.4 Thesis Organization

The thesis is organized as bellows:

Chapter 2 explains about existing routing protocols have been done by researchers such table-
driven routing protocol, Even-driven routing protocols and hybrid- routing protocols, which
combines table-driven and even-driven protocols.

Chapter 3, we will explain in detail our proposed scheme, called Quality of Services Based
Multimedia Services Routing in Mobile Ad Hoc Network. Our proposed mechanism will search
for a shorter bandwidth route to guarantee multimedia traffic. This shorter bandwidth route is
not the shortest path, but nodes along this shorter bandwidth route have available bandwidth to
transmit multimedia packets.

Chapter 4, we present our implementation or our proposed scheme by using freeware network
simulator called ns2, which is currently developed under supporting through DARPA with
SAMAN and through NSF with CONSER, both in collaboration with other researchers
including ACIRI [15].

Finally, Conclusions and future researches are given in chapter 5.



Chapter 2

Routing Protocols in Mobile Ad Hoc Network

Due to the characteristic of Mobile Ad Hoc Network as mentioned in Section I, routing
protocols have been a rapid growth of research interests among researchers around the globe.
There have been a large number of routing protocols designed for multi-hop mobile ad hoc
network. The main development goals of these routing protocols are illustrated as below:

® Minimal Overhead: Reduce control overhead as little as possible because it
consumes bandwidth, which is the main medium in wireless network. While transmitting, a
node consumes much more power than receiving. Anyway both transmitting and receiving
processes are power consumers. Therefore they will decrease the life time of battery, which is
the only source power of a mobile node.

® Dynamic Topology: This kind of topology does not exist in Wired Local Area
Network. Once a route has been established, it is commonly broken as result of node mobility.
In order to have a smooth end-to-end pair of communication between source and destination, a
viable routing path must be maintained. When the link is broken, an action must be done
immediately with a minimum of overhead or Secondary path can be used in stead of the primary
broken link.

® Multi-hop routing capability: As communication between end-to-end pair through a
radio channel, the wireless range is limited so source and destination are not adjacent nodes.
Hence routing protocol must be able to search for multi-hop route from source to destination.

® [ oop prevention: Routing loop occurs when data and control packets traverse the
path multiple times until either path is fixed, and loop is terminated or time to live (TTL) of the
packet becomes zero. Routing loops are wasteful of resources such as bandwidth and power
consumption and they also degrade the network performance. Therefore loop should be
avoided.

® Power limitation: Battery is the main power source for mobile node so that the life of
battery is limited. Any solutions that reduce power consumption will often be favored. The
much more use of battery power, the shortest life time of a mobile node is. If battery power is
waste consumed, the node will fail quickly then it will affect the network availability and

functionality.



A number of routing protocols have been developed or proposed in order to adapt to the
nature changes of wireless network such as nodes are mobile hosts, routes change frequently,
and the topology is unpredictable. These protocols can be classified into three categories [10].
(1) Proactive routing protocol, all routes to all destinations are determined at start up and these
routes are maintained by periodical route update packet. (2) Reactive routing protocol, routes
are established when they are required by a source node using route discovery process. (3)
Hybrid routing protocol, this protocol combines proactive and reactive routing protocol together
where proactive routing protocol is used in a cluster and reactive routing protocol is used to
discover route between clusters. Normally Hybrid routing protocol is used in hierarchical

network structure and the first two routings protocols are used in flat network structure.

2.1 Table driven routing protocols (Proactive)

Proactive routing protocols maintain information in a tablc on cach node about the routing
to the other node in the network. Although the topology of the network does not changed, this
information must be updated periodically. Many proactive routing protocols have been
proposed, for example, Destination Sequence Distance Vector (DSDV), Wireless Routing
Protocol (WRP), Global State Routing (GSR), and Optimized Linked State Routing (OLSR)
and so on. These protocols have some differences in term of maintaining updating routing
information in the table [10]. There are pros and cons in the proactive routing protocol. The
advantage is that when a node needs to send or forward data packets, route can be iminediately
used and the disadvantage is that this protocol allows significantly overhead and consumes
bandwidth in the network. Further, the amount of routing state maintained at each node scales as

O(n), where n is the number of nodes in the network

2.1.1 Destination-Sequence Distance Vector Routing (DSDV)

Because DSDV [16] is a proactive routing protocol, each node stores a routing table,
which maintains routes to all destinations in the network. The routing table contains the
following information for each entry: destination IP address, destination sequence number, next-
hop IP address, hop count and install time. DSDV uses both periodic and event-triggered

routing table updates. Every time interval, each node broadcasts to its neighbors its current



sequence number, along with any routing table updates. The routing table contains the following

fields:

< destination IP address, destination sequence number, hop count >

When a node receives an update message, the node utilizes the information on that
update message to compute their routing table entries by comparing the new information with
the old information already available in its routing table. Any route with a more recent sequence
(greatest) number is used whereas routes with old sequence numbers are discarded. This ensures
the utilization of the most recent routing information to the destination. A route with sequence
number equal to an existing route is chosen only if it has smaller or better metric and the
existing route will be discarded or stored as a less preferable route. In addition to periodical
updates, DSDV also utilizes event-trigger updates to announce important link changes, such as
link removal. This event-triggered updates ensure timely discovery of routing path changes.

«~-In order to improve performance in mobile networks when it is bigger, DSDV
implements two optimizations, full dump and incremental. Full dump updates are transmissions
of a node’s entire routing table. Because these update size scales of the network size, Full dump
updates are performed relatively infrequently. Incremental updates are transmitted more
frequently in order to reduce overhead and bandwidth consumption. These incremental updates
carry only information changed since the last full dump updates. When movement becomes
frequent and the size of an incremental update approaches the size of a Network Protocol Data
Unit (NPDU), then a full dump update can be schedule so that the size of the next incremental
update will be smaller.

As mentioned above how to select a better route by comparing the new information in
the update message and the old information available in its routing table, Fluctuation problem
may arise by the following criteria of route updates:

® Routes are always preferred if the sequence numbers are newer, routes with older

sequence numbers are discarded.

® A route with a sequence number equal to that of an existing route is préferred if it

has a better metric, and the existing route is discarded or stored as less preferable.

When mobile nodes independently transmitting update messages and having markedly
different transmission intervals, it may turn out that a particular mobile node receives new

update packets in a way that causes this mobile node to consistently change route back and forth



between different next hops, even though no network topology change has taken place. This
fluctuation happens because of the above two route selection criteria. Conceivably, a mobile
node can always receive two routes with equal sequence numbers or with a newer sequence
number one after the other via different neighbors to the same destination, but the mobile node
always gets the route with the worse metric first. This situation leads to the fluctuation with a
continuing burst of new update packets.

Finally, to solve the problem of fluctuation problem, DSDV requires that a mobile node
receives a new update message, the route with the later sequence number must be available for
use for the mobile node forwarding decisions, but it does not have to announce the update
immediately unless the route is to a previously unreachable destination, that the mobile node has
to wait for settling time before advertising the update message a better metric for a destination.
The settling time is the average time to get all the updated advertisement for a route. In this
way, the node can be sure to receive all routing path change for a destination before propagating
any of those changes. As result, bandwidth utilization and power consumption can be reduced

by neighboring nodes.
2.1.2 Optimized Link State Routing (OLSR)

The Optimized Link State Routing (OLSR) protocol [17] is a proactive protocol and it
inherits the stability of the link state algorithm. OLSR is an optimization of of a pure link state
protocol for mobile ad hoc networks. The key feature of OLSR is the use of multipoint relays
(MPRs) to reduce the overhead of the network flood and the size of the link control packet.
MPRs of a node is a set of its neighborhood; for example in Figure 2.1, {A, B, C, D} is MPRs
of node S. Each node in this MPRs can retransmits any broadcast contro! packet sent from node
S, whereas the neighbor nodes ({M.N} in Figure 2.1) are not in this MPRs can read and process
the packets but not to retransmit the broadcast control packet from node S. In other word, MPRs
of node can be called MPRs selectors.

Each node selects its multipoint relay set among it one hop neighbors in such manner that
the set covers all the nodes that are two hops away. The smaller is the multipoint relay set, the
more optional is the routing protocol as shown in Figure 2.1. Nodes learn their set of two-hop
neighbors through the periodic exchange of Hello messages. Each node periodically transmits a
Hello message that contains a list of all neighbors. Associated with each neighbor is an attribute

indicating the directionally of the link of that neighbor. The node is label symmetric if the link to



the neighbor is bidirectional, or asymmetric if a Hello has been received from that node but the
link has not been confirmed as bidirectional. When a node receives this hello message from
each of its neighbors, it obtains complete knowledge of its two-hop neighbor set at that point in
time. Further, if its own address is listed in the Hello message, it knows the link with that
neighbor is bidirectional. Then it can update of that neighbor to be symmetric.

Once each node’s MPR set is selected, routing path within the network can be
determined. In order to adapt to the topology change in the network, nodes periodically
exchange Topology Control (TC) message with their neighbors. The TC message for a given
node lists the set of neighbors that have selected the sending node as an MPR. Only this set of
nodes (MPR set) is advertised within the network. As a node receives TC message from the
other network nodes, it can create or modify routing entries to each node in the network using

any shortest path routing algorithm, such as a variation of Dijkstra’s algorithm.

Retransmitting node
or multipoint relays

Figure 2.1: Multipoint relays

2.2 On-demand driven routing protocols (Reactive)

Unlike proactive routing protocols, the reactive routing protocols create routes once a node
wants to transmit data to a destination. The source node initiates route discovery process by
flooding route query with in the network. When the destination is reached, route reply request
will be sent back to the source. Once the route has been found, it is maintained until either
destination becomes inaccessible or the route is no longer desired then route discovery process
will be invoked again. Several reactive protocols have been proposed such as Dynamic Source
Routing protocol (DSR), Ad hoc On-demand Distance Vector (AODV), Light-weight Mobile
Routing (LMR), Temporary Ordered Routing Algorithm (TORA), Relative Distance Micro-



discovery Ad hoc Routing (RDMAR) [10] and so on. Those protocols can be classified into two
groups, source routing and hop-by-hop routing [10]. The advantage of reactive routing protocols

is to overcome the overheads, occurred in proactive routing protocols.

2.2.1 Ad Hoc On-Demand Distance Vector (AODYV) Routing

The Ad Hoc On-Demand Distance Vector Routing [2] is one reactive routing protocol
and it is similar to Dynamic Source Routing (Chapter 3) that finds routes based on a route
discovery process involving a broadcast network search and a unicast reply containing
discovered paths. Similar to DSDV, AODV relies on per-node sequence numbers for loop
freedom and for ensuring selection of the most recent routing path. AODV nodes maintain a
route table in which next-hop routing information for destination nodes is stored. Every route in
the route table has lifetime value. Within the lifetime value, any route is not used then it is
expired. Therefore the algorithm used in AODV is based on DSDV and DSR algorithm.

When a node has packets to send to some destination, it does the following steps:

Step 1) Checks in its route table for a route to desired destination node. If any route
exists, it uses that route for data packets transmission.

Step 2) Otherwise, the node must invoke Route Discovery Process to find a new route.
In order to do so, route request (RREQ) packet must be created and contains
information such as the source node’s IP address and current sequence number,
hop count (initialized to 0), destination node’s IP address, the last known
sequence number for that destination, and a unique RREQ ID. Or in other word
RREQ contains the following fields:

< source addr; source sequence #; broadcast id; dest addr; dest sequence #; hop cnt >

Step 3) Finally, broadcasts RREQ to its neighbors.

When any node (intermediate or destination node) receives route request (RREQ) packets,
it does the below step:

Step 1) It generate route reply only if this node is the destination of this RREQ or this

node has an unexpired route to the destination node in its route table, which

means that the sequence number of that route must be at least as great as the

sequence number in the route request.
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Step 2) RREQ is already seen or received (the same broadcast id and source address),
it drops the redundant RREQ and does not rebroadcast it. If a node cannot
satisfy the RREQ, it keeps track of the following information (Destination IP
address, Source IP address, Broadcast id, Expiration time for reverse path route
entry, Source node's sequence number) in order to implement the reverse path
setup, as well as the forward path setup that will accompany the transmission
of the eventual RRPL. Figure 2.2(a) illustrates this flooding procedure.

Step 3) Finally, re-broadcast route request packet.

When a node receives the RRPL, it first creates a forward route entry for the destination
node. It uses the node from which it received the RRPL as the next hop toward the destination.
The hop count for that route is the hop count in the RRPL, incremented by one. This forward
route entry is used if the source node selects this path for data packet transmissions to the
destination. The route reply (RRPL) is forwarded hop by hop back to the source as illustrated in
Figure 2.2 (b). If the source node receives the RRPL more than one, then it selects the route

with the greatest sequence number and smallest hop count to transmit data packets.

3,

/8
© ®

(a) RREQ broadcast (b) RRPL propagation

Figure 2.2: AODV route discovery

Another mechanism of AODV is route maintenance for an established connection of pair
nodes. A route that has been recently used for the transmission of data packets is called active
route. Because of nodes’ mobility, that active route can be easily broken and this route must be
quickly repaired so that packets are not dropped. When the connection is broken, the node
upstream (closer to the source node) validates the routes to each of those destinations in its route
table. It then creates route error (RERR) packet to send back to the source node. This packet

contains a list of the destinations that now unreachable due to the broken link. ODV also
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contains some features so that it can reduce overhead by using Time to Live (TTL) of the route

request (RREQ) to limit the flooding of this packet in the network.

2.2.2 TORA

The Temporally Ordered Routing Algorithm (TORA) [19] is a highly adaptive loop free
distributed routing algorithm based on the concept of link reversal is proposed to operate in a
highly dynamic mobile networking environment. It is source initiated and provides multiple
routes for any desired source/destination pair. The key design concept of TORA is the
localization of control messages to a very small set of nodes near the occurrence of a topological
change. To accomplish this, nodes need to maintain routing information about adjacent hop
nodes. The protocol performs three basic functions:

® Route creation
® Routc maintenance
® Route erasure

During the route creation and maintenance phases nodes use a height metric to establish a
directed acyclic graph DAG rooted at the destination. Thereafter, links are assigned a direction
(upstream or downstream) based on the relative height metric of neighboring nodes as shown in
Figure 2.3. This process of establishing a DAG is similar to the query reply process proposed in
LMR (Lightweight Mobile Routing). In times of node mobility the DAG route is broken and
route maintenance is necessary to re-establish a DAG rooted at the same destination. As shown
in Figure 2.4 upon failure of the last downstream link, a node generates a new reference level
which results in the propagation of that reference level by neighboring nodes effectively
coordinating a structured reaction to the failure. Links are reversed to reflect the change in
adapting to the new reference level. This has the same effect as reversing the direction of one or
more links when a node has no downstream links

Timing is an important factor for TORA because the height metric is dependent on the
logical time of a link failure TORA assumes all nodes have synchronized clocks (accbmplished
via an external time source such as Global Positioning System). TORA’s metric is a quintuple
comprised of five elements namely:

® ] ogical time of a link failure
® The unique ID of the node that defined the new reference level

® Reflection indicator bit
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® A propagation ordering parameter and
® The unique ID of the node

The first three elements collectively represent the reference level. A new reference level is
defined each time a nodes loses its last downstream link due to a link failure TORA’s route
erasure phase essentially involves flooding a broadcast clear packet (CLR) throughout the
network to erase invalid routes.

In TORA, there is a potential for oscillations to occur, especially when multiple sets of
coordinating nodes are concurrently detecting partitions, erasing routes, and building new routes
based on each other. Because TORA uses internodal coordination, its instability problem is
similar to the count-to-infinity problem in distance vector routing protocols except that such

oscillations are temporary and route convergence will ultimately occur.

Source

Destination

Reference Level

—>» Connection Dircetion

Figure 2.3: Route Creation (TORA principle)

............... » Linkreversal _, Link failure

Figure 2.4: Route maintenance
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2.3 Hybrid routing protocols

When wireless network becomes larger, it is complex to design routing protocols. All
nodes in the network are separated into groups, called cluster. All clusters form a hierarchical
infrastructure. In such network, hybrid routing protocols, i.e., combining proactive and reactive
routing protocols, are used in order to take advantages on these two routing protocols where
proactive maintains route in a cluster and reactive maintains route between clusters. Several
hybrids routing protocols have been proposed such as Zone Routing Protocol (ZRP), Zone-
based Hierarchical Link State (ZHLS), Distributed Dynamic Routing (DDR) and so on, but the

most popular protocol is ZRP.

2.3.1 Zone Routing Protocol

The Zone Routing Protocol (ZPR) [18] integrates both proactive and reactive routing
components into a single protocol. Around each node, ZPR defines a zone whose radius is
measured in term of hops. Each node utilizes proactive routing within its zone and reactive
routing outside its zone. Hence, a given node knows the identity of and a route to all nodes
within its zone. When the node has data packets for a particular destination, it checks route table
for a route. If the destination lies within the zone, a route will exist in the route table. Otherwise
if the destination is not within the zone, a search to find a route to the destination is needed.
Figure 2.3 illustrates the zone concept. In this figure, the zone radius is two hops.

For intrazone routing, ZPR defines the Intrazone Routing Protocol (IARP). IAPR is a
link state protocol that maintains up-to-date information about all nodes within the zone. For
any given node X, X’s peripheral are defined to be those nodes whose minimum distance to X is
the zone radius. In figure 10.5, S’s peripheral nodes are nodes A, B, C and D. These peripheral
nodes are important for reactive route discovery. ZPR utilizes the Interzone Routing Protocol
(IERP) for discovering routes to destination outside of the zone. For route discovery, the notion
of bordercasting is introduced. Once a source node determines the destination is not within its
zone, the source broadcast a route query to its peripheral nodes. During the bordercast, the
packet is delayed toward these peripheral nodes using tree constructed within the intrazone
topology. After receiving the message, the peripheral node, in turn, check whether lies within

their zone. If the destination is not located, the peripheral nodes, in turn, bordercast the query
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message to their peripheral nodes. This process continues until either the destination is found or

until the entire network is searched.

Peripheral nodes

Node S's zone radius

Figure 2.5: ZPR zone radius

Figure 10.6 illustrates an example of the bordercast discovery procedure. In the figure,
node S performs a query for the destination X. By using the IARP, it learns that X is not within
its zone. it bordercasts the query message into its peripheral nodes. In the Figure, the dotted
circle represents the radius of $’s zone. The peripheral nodes, in turn, check their zone, and after
not finding the destination, bordercast the query message to peripheral nodes. The solid circles
in the figure, represents the forward propagation of the query messages to each peripheral
nodes. Hence, only the portion of each node’s zone that have not been previously traversed by
the query message is shown. Eventually, node G discovers X within its zone, and then unicasts a
reply back to node S.

To improve query efficiency, a random query processing delay can be used as effective
query control mechanism. By waiting a random interval between query exception and query
forwarding, the chance of collisions during forwarding is reduced and, therefore, the
effectiveness of the protocol is improved. In addition, ZPR defines other optimizations to reduce
the messaging and processing overhead. In particular, these include early termination of queries
by preventing a query from propagating into a zone that has already been searched for a

destination.



Chapter 3

Dynamic Source Routing Protocol

Dynamic Source Routing (DSR) protocol is one of the most popular on-demand routing
protocols, proposed by David A.Maltz, David B.Johnson and Yin-Chun Hu. The purpose of
DSR is to reduce overhead and to provide highly reactive services to help ensure successful
delivery of data packets to reach a destination even though topology of the network is changed
or there is another condition in the network. Using DSR, the network is completely self-
organizing and self-configuring, requiring no existing network infrastructure or administration.
Network nodes cooperate to forward packets for each other to allow communication over
multiple "hops" between nodes not directly within wireless transmission range of one another.
As nodes in the network move about or join or leave the network, and as wireless transmission
conditions such as sources of interference change, all routing is automatically determined and
maintained by the DSR routing protocol.

DSR protocol is composed of two main mechanisms that work together to allow the
discovery and maintenance of source routes in the ad hoc network. The first mechanism is
Route Discovery. When a node, source node, wishing to send data packet to destination node,
Route Discovery will be processed only the source node does not have a route to the destination.
The second is Route Maintenance. When a route being used to send data packet from source
node to destination is broken, the source node invokes Route Maintenance to find a new route
for the rest of the packets on the source node to send to the destination node. For example in
Figure 3.1, suppose a node A is attempting to discovery a route to node E.

In Route Discovery process, Node A transmits a route query packet to all nodes within
the wireless transmission range in this example node B. Each Route Request contains the
following information:

® Source node address: the node that originate RREQ packet (In this example, node A)

® Destination Node Address: the target node of RREQ as well as data packets once

route found. ( In this example, Node E)
® Unique Request Identification: The source node determines this identification in

order to have a unique route request packet. ( In this example, number 2)
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® List of address: a record of addresses of nodes, which the route request packet has
traversed. (In this example, Node B, C and D in addition the source node A and
destination node E)

Any Intermediate node receives this route request packet (Node B in this example), if it is
the target of the Route Discovery, it returns a route reply packet (RRPL) to the source node by
reversing the addressed recorded in the route request packet. Once this route reply packet
arrives at the source node, then the route found is cached in the source node’s Route Cache for
further use. If this node receiving the Route Request has recently seen another Route Request
message from this initiator bearing this same request identification and target address, or if this
node's own address is already listed in the route record in the Route Request, this node discards
the Request. Otherwise, this node appends its own address to the route record in the Route
Request and propagates it by transmitting it as a local broadcast packet (with the same request
identification). In this example, node B broadcast the Route Request, which is received by node
C; nodes C and D each also, in turn, broadcast the Request, resulting in a copy of thc Request
being received by node E.

Once node E, destination node, receives route request packet, it will send back route reply
packet to the source node. In this example, Node E replies back to node A, “route reply” by
examining its route cache for a route back to A, and if found, will use it for the source route for
delivery of the packet containing the Route Reply. Otherwise, node E should perform its own
Route Discovery for target node A, but to avoid possible infinite recursion of Route
Discoveries, it must piggyback this Route Reply on the packet containing its own Route
Request for A. Node E could instead simply reverse the sequence of hops in the route record
that it is trying to send in the Route Reply, and use this as the source route on the packet
carrying the Route Reply itself.

“A” “A, B” A, B, C" “A, B, C, D"
Id =2 Id'=2 id =2 Id'=2

Figure 3.1: A simple Ad Hoc network topology

In Route Maintenance Process, after route found from either route discovery process

or Route Cache, The source starts transmitting data packets to the destination by using that
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route, each node transmitting the packet is responsible for confirming that data can flow over
the link from that node to the next hop. In this case, node A is responsible for the link from A to
B, node B is responsible for the link from B to C, node C is responsible for the link from C to D,
node D is responsible for the link from D to E.

An acknowledgement can provide confirmation that a link is capable of carrying data,
and in wireless networks, acknowledgements are often provided at no cost, either as an existing
standard part of the MAC protocol in use [1].

After the acknowledgement request has been retransmitted the maximum number of
times, if no acknowledgement has been received, then the sender treats the link to this next-hop
destination as currently "broken". It should remove this link from its Route Cache and should
return a "Route Error” to each node that has sent a packet routed over that link since an
acknowledgement was last received. For example in Figure 3.2, If node C does not receive an
acknowledgement from node D after some number of requests, it would return a Route Error
packet to node A, as well as any other node that may have used the link from node C to node D
since C last received an acknowledgement from D. Node A then removes this broken link from
its cache. For sending another packets to the same target (node E), if A has another route in its
Route Cache to node E, it can send the packet using the new route immediately. Otherwise, it

should perform a new Route Discovery for this target (node E).

Figure 3.2: An example of broken route

3.1 Route Discovery Process

As briefly explained above, Route Discovery is the mechanism of a source node to
obtain a route to destination for packets, which do not have a source route to the destination.
This mechanism is invoked when a source node does not have a route to the destinati;Jn. Route
Discovery operates entirely on demand and it does not depend on any periodic or background
exchange of routing information or neighbor node detection at any layer in the network protocol
stack at any node.

The Route Discovery procedure utilizes two types of messages, a Route Request (Table

3.1) and a Route Reply (Table 3.2) to actively search the ad hoc network for a route to the

46660
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desired destination. Nodes related to Route Discovery can be classified into three groups, source

node, intermediate node and destination node that are described in the section 3.1.1, 3.1.2 and

3.1.3 respectively. As shown in Figure 3.3 with a simple network scenario, the source node (A),

intermediate node (B, C, and D), and Destination node (E) have different tasks in the Route

Discovery process.

Route Discovery process for finding a destination should not be invoked unless a node

has a packet in its Send Buffer requiring delivery to that destination. After each Route

Discovery attempt, the interval between successive Route Discoveries for this target should be

doubled, up to a maximum of MaxRequestPeriod, until a valid Route Reply is received for this

target.

Table 3.1: Route request packet fields

Fields

Description

Source address

The address of the node that originating this packet

Dest. Address

The IP limited broadcast address

Hop Limit (TTL)

Varies from 1 to 255 to limit flooding of the route request packet.

Option Type

Nodes not understanding this option will ignore this option

Opt Data Len

8-bit unsigned integer. Length of the option excluding the Option Type and
Opt Data Len fields.

Identification

A unique value generated by the source node of the Route Request. Nodes
initiating a Route Request generate a new Identification value for each Route
Request. This value allows a receiving node to determine whether it has
recently seen a copy of this Route Request: if this Identification value is
found by this receiving node in its Route Request Table (in the cache of
Identification values in the entry there for this initiating node), this receiving

node must discard the Route Request.

Target Address

The address of the node that is the target of the Route Request.

Address[1......n]

Addresses of a route request packet has traversed in the network. The source
address field is the address of the initiator of the Route Discovery and it must
not be listed in the Address[i] fields. Thus the address given in Address[1] is

the address of the first node on the path after the source node.
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Table 3.2: Route reply packet fields

Fields

Description

Source address

The address of the node that originating this packet

Dest. Address

The IP limited broadcast address

Option Type Nodes not understanding this option will ignore this option
Opt Data Len 8-bit unsigned integer. Length of the option excluding the Option Type and
Opt Data Len fields.
Last Hop External | Indicates the last hop given by the route reply.
Reserved Must be sent as 0 and ignored on reception
Target Address The address of the node that is the target of the Route Request.

Address[1......n]

The source route being returned by the route reply. These addresses come

from the reversing Address[1..n] of route request packet.

Houte request phase
s e b 4 e s e s G b e 4 e e S hmertemmcm e o bt 4 4 e e P4 i S e $ 506 7 B S S W 8 Em ¢ ¢ em s b WM e e - >
“A” “A, B’ p A, B, "A, B, C, D"
Id =2 " 1d'=2 ld =2 Id'=2 \
C E
\ AN
........ D, C,B,A
Dest. =A
Route reply phase
- Originates RREQ - Forward RREQ - Receives RREQ
- Receives RRPL - Generate RRPL (Route Cache) - Originates RRPL
- Forward RRPL

Figure 3.3: An example of Route Discovery Process

3.1.1 Source node

As depicted in Figure 3.3, a source node involving with Route Discovery has two main

tasks, originating route query (RREQ) and receiving route reply (RRPL).
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3.1.1.1 Originating a Route Request (RREQ)

Before broadcasting a route request packet for discovering destination node, the

source node initializes a Route Request option (Table 3.1) in a DSR options header. The Route

Request option must be included in a DSR options header in the packet. To initialize the Route

Request option, the source node performs the following sequence of steps:

Step 1) The Option Type must be set to the value 2.

Step 2)

Step 3)

Step 4)

Step 5)

The Opt Data Len field must be set to the value 6. The total size of the Route
Request option when initiated is 8 octets; the Opt Data Len field excludes the size
of the Option Type and Opt Data Len fields themselves.

The Identification field must be set to a new value, different from that used for
other Route Requests recently initiated by this node for this same target address.
For example, each node MAY maintain a single counter value for generating a
new Identification value for each Route Request it initiates.

The Target Address field must be sct to the IP address that is the target of this
Route Discovery.

Broadcast route request packet

Besides the fives steps above, the source node must maintain the information about Route

Request in its Route Request table. When initiating a new Route Request, the node must

use the information recorded in the Route Request Table entry for the target of that Route

Request. The Route Request Table entry for the target records two important information, (1)

Time To Live (TTL) field in the Route Query for the last Discovery, which allows the source

node to implement various algorithms to control the spread of its route request and (2) the

number of consecutive Route Requests initiated for this target since receiving a valid Route

Reply giving a route to that target node, and the remaining amount of time before which this

node may next attempt at a Route Discovery for that target node.

3.1.1.2 Receiving Route reply (RRPL) packet

When receiving route reply packet, the source node must do the followfng steps:

Step 1) Add the new route to its Route Cache for further use

Step 2) Check each packet in its Send Buffer, a queue of packets before sending,
to determine whether a route to that packet's IP Destination Address now

exists in the node's Route Cache including the route just added.
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Step 3) If so, the packet should be sent using the route found and remove from the
node’s Send Buffer.
3.1.2 Intermediate Node
Intermediate nodes involving with Route Discovery have three main tasks, (1)
receiving and forwarding route request, (2) generating route reply by using the Route Cache and
(3) receiving and forwarding route reply (RRPL) as illustrated in Figure3.3. These three tasks
are going to be described in the following sections.
3.1.2.1 Receiving and forwarding route request (RREQ)
When a node receiving route request packet, it performs the following steps:

Step 1) If the Target address field in the Route Request matches this node’s IP
address, then the node should originate a Route Reply (Section 3.1.3) and
return route reply packet to the source node.

Step 2) Else, the node must examine the route recorded in the Route Request
option to dctermine whether if this node’s IP address already appears in
the list of addresses. If so, RREQ must be dropped and won’t be re-
broadcast any more.

Step 3) Else decrease TTL value to control the flooding of route request in the
mobile ad hoc network. If TTL countdown to O then, the node must drop
this route request packet and stop re-broadcast further.

Step 4) Else, the node must search its Route Request table for the entry of source
node (the IP source address field). If there is such entry, then the node
must search the node’s cache for identification (Identification field)
values and the target node address of the route request to determine
whether they just recently received. If so, the node must drop the route
request packet (RREO).

Step 5) Else, the node must process the route query request according to the
following steps:

® Copy identification and target address of this route query into its cache.

® Append this node’s IP address to the list of Address[1..n] in the route
request packet.

® Search its own route cache for a route to the target of this route request

packet. If a route is found in its route cache, this node must generate a
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route reply from route cache (next section) to return route reply packet
to the source node.
® If no route found from its cache to the target, then this node should
broadcast this route request packet to its neighbors.
3.1.2.2 Generating a route reply by using the Route Cache
Once a node receives route request packet and in order to avoid propagating the route
request packet toward to the target node, this node checks in its Route Cache a route from this
node to the target node. If there is such route, then Route Reply is generated by the node. This
task is called “cache Route Reply” and this mechanism can greatly reduce the overall overhead
of Route Discovery on the network by reducing the flood of Route Request.
If there is a route from the Route Cache for the route request to the target node; the
node should construct and return a cached Route Reply as follows:

Step 1)  The source route for this reply is the sequence of hop addresses:

initiator, Address[1], Address[2], ..., Address{n], c-route
Where initiator is the address of the initiator of this Route Request,
cach Address[i] is an address from the Route Request, and c-route is the
sequence of hop addresses in the source route to this target node,
obtained from the node's Route Cache.

Step2) Send a Route Reply to the source node of the Route Request. The
initiator of the Route Request is indicated in the Source Address field
in the packet's IP header.

3.1.2.3 Receiving and forwarding route reply (RRPL)

Once a node receives any route reply packet, it then adds some new information
gathered from that packet to its own cache. Every time that a node adds new information to
its route cache, the node checks each packet in its own Send Buffer to determine whether a
route to that packet's IP Destination Address now exists in the node's Route Cache. If so,

the packet should be sent by using that route and removed from the Send Buffer.

3.1.3 Destination node

As depicted in Figure 3.3, the destination node involving with Route Discovery has two
tasks, receiving RREQ and Originating Route Reply Packet (RRPL). Route Request packet can

reach at any node in wireless range of the node that broadcasts or forwards RREQ, but every
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node receives this RREQ, it will check whether this RREQ is searching for itself as mentioned
in section 3.1.2. If the node is the target of RREQ, then the node must originate Route Reply in
order to send back route reply packet to the source and control information is included in the
Route Reply packet’s field as described in Table 3.2. The process of originating route reply can
be described as below:
Step 1) The Option Type in the option MUST be set to the value 3.
Step 2) The Opt Data Len field in the option MUST be set to the value (n * 4) +
3, where n is the number of addresses in the source route being returned
(excluding the Route Discovery initiator ~ node's address).
Step 3) The Last Hop External bit in the option MUST be initialized to 0.
Step 4) The Reserved field in the option MUST be initialized to 0.
Step 5) The Route Request Identifier must be initialized to the Identifier field of
the Route Request that this reply is sent in response to.
Step 6) The sequences of hop addresses in the source route are copied into the
Address[i] fields of the option. Address[1] must be set to the first-hop
address of the route after the initiator of the Route Discovery,
Address[n] must be set to the last-hop address of the source route (the
address of the target node), and each other Address[i] must be set to the

next address in sequence in  the source route being returned.

3.2 Route Maintenance Process

Route Maintenance is the mechanism by which a source node is able to detect, while
using a source route to some destination node, if the network topology has changed such that it
can no longer use its route to the destination because a link along the route no longer works.
When Route Maintenance indicates that a source route is broken, the source node can attempt to
use any other route it happens to know to the destination, or can invoke Route Discovery again
to find a new route for subsequent packets to the destination. Route Maintenance fot this route
is used only when the source node is actually sending packets to the destination.

When forwarding a packet, a node must attempt to confirm the reach-ability of the
next-hop node, unless such confirmation had been received in the last MaintHoldoffTime. If no
confirmation is received after the retransmission of MaxMaintRexmt acknowledgement

requests, after the initial transmission of the packet, and conceptually including all
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retransmissions provided by the MAC layer, the node determines that the link for this next-hop
node of the source route is "broken". This confirmation from the next-hop node for Route
Maintenance can be implemented using:

® Link-layer acknowledgement (Section 3.2.1)

® Passive acknowledgement (Section 3.2.2),

® Network-layer acknowledgement (Section 3.2.3)
If no acknowledgement is received after MaxMaintRexmt retransmissions, the node should

originate a Route Error (Section 3.2.4) to the original sender of the packet (the source node).

3.2.1 Link Layer Acknowledgment

If the MAC protocol in use provides feedback as to the successful delivery of a data
packet, then the use of the DSR Acknowledgement Request (Table 3.3) and Acknowledgement
(table 3.4) options are not necessary. If such link-layer feedback is available, it should be used
instead of any other acknowledgement mechanism  for Route Maintenance, and the node
should not use either passive acknowledgements or network-layer acknowledgements for Route
Maintenance.

When using link-layer acknowledgements for Route Maintenance, the retransmission
timing and the timing at which retransmission attempts are scheduled are generally controlled
by the particular link layer implementation in use in the network. For example, in IEEE 802.11,
the link-layer acknowledgement is returned after the data packet as a part of the basic access
method of the IEEE 802.11 Distributed Coordination Function (DCF) MAC protocol; the time
at which the acknowledgement is expected to arrive and the time at which the next
retransmission attempt will occur are controlled by the MAC protocol implementation.

When a node receives a link-layer acknowledgement for any packet in its Maintenance
Buffer, that node should remove that packet, as well as any other packets in its Maintenance

Buffer with the same next-hop destination, from its Maintenance Buffer.

3.2.2 Passive acknowledgement

Passive acknowledgement is used for Route Maintenance when originating or
forwarding packets along any hop other than the last hop (the hop leading to the IP Destination

Address node of the packet). In particular, passive acknowledgement is used for Route
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Maintenance in such cases if the node can place its network interface into "promiscuous”
receive mode, and network links used for data packets generally operate bi-directionally.

In using passive acknowledgements for a packet that it originates or forwards, a node
considers the later receipt of a new packet (e.g., with promiscuous receive mode enabled on its
network interface) to be an acknowledgement of this first packet if both of the following two
tests succeed:

® The Source Address, Destination Address, Protocol, Identification, and Fragment
Offset fields in the IP header of the two packets must match, and

® [f either packet contains a DSR Source Route header, both packets must contain
one, and the value in the Segments Left field in the DSR Source Route header of

the new packet must be less than that in the first packet.

When a node hears such a passive acknowledgement for any packet in its Maintenance
Buffer, that node should remove that packet, as well as any other packets in its Maintcnance

Buffer with the same next-hop destination, from its Maintenance Buffer.
3.23 Network-layer acknowledgement

If the two mechanisms above are not available for a node to determine the reach-ability
of the next hop when originating or forwarding a packet, the node should request a network-
layer acknowledgement from that next hop node. In order to do that, the node must insert an
Acknowledgement Request into the packet The Identification field in that Acknowledgement
Request option must be set to a value unique over all packets transmitted by this node to the
same next-hop node that are either unacknowledged or recently acknowledged.

When a node receives a packet containing an Acknowledgement Request option, then
that node performs the following tests on the packet:

® If the indicated next-hop node address for this packet does not match any of this
node's own IP addresses, then this node must not process the Acknowiedgement
Request option. The indicated next-hop node address is the next Addressli] field
in the DSR Source Route option in the DSR Options header in the packet, or is
the IP Destination Address in the packet if the packet does not contain a DSR

Source Route option or the Segments Left there is zero.
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® If the packet contains an Acknowledgement option, then this node must not

process the Acknowledgement Request option.

Table 3.3: Acknowledgement Request packet ficlds

Description

Fields
Option Type Nodes not understanding this option will ignore this option
Opt Data Len 8-bit unsigned integer. Length of the option excluding the Option Type and
Opt Data Len fields.
Identification The Identification field is set to a unique value and is copied into the

Identification field of the Acknowledgement option when returned by the

node receiving the packet over this hop.

Table 3.4: Acknowledgement packet fields

Fields Description
Option Type Nodes not understanding this option will ignore this option
Opt Data Len 8-bit unsigned integer. Length of the option, in octets, excluding the Option
Type and Opt Data Len fields.
1dentification Copied from the Identification field of the Acknowledgement Request of the packet
being acknowledged.
ACK Source The address of the node originating the acknowledgement.
Address
ACK Destination | The address of the node to which the acknowledgement is to be delivered.
Address

3.2.4 Originating a Route Error

Once a connection has established and if a node (Node C in an example in Figure 3.2)

along the established route, could not verify reach-ability of a next-hop node (Node CD in an

example in Figure 3.2) after reaching a maximum number of retransmission attempts, the node

should send a Route Error as described in Table 3.5, to the IP Source Address (Node A in an

example in Figure 3.2) of the packet.

A node transmitting a Route Error must perform the following steps:
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® Create a new packet which its Source Address field is set by the value of the
address of this node.

® If the Salvage field in the DSR Source Route ’o;;tion in the packet triggering the
Route Error is zero, then copy the Source Address field of the packet triggering
the Route Error into the Destination Address field in the new packet's IP header;
otherwise, copy the Address[1] field from the DSR Source Route option of the
packet triggering the Route Error into the Destination Address field in the new
packet's IP header

® Insert a DSR Options header into the new packet.

® Add a Route Error Option to the new packet, setting the Error Type to
NODE_UNREACHABLE, the Salvage value to the Salvage value from the DSR
Source Route option of the packet triggering the Route Error, and the Unreachable
Node Address field to the address of the next-hop node from the original source
route. Set the Error Source Address field to this node's IP address, and the Error
Destination field to the new packet's IP Destination Address.

® If the packet triggering the Route Error contains any Route Error or
Acknowledgement options, the node may not append to its Route Error each of
these options.

® Send the packet back to the source node.

Besides originating route error of a node that detects broken route, another node that
receives this route error packet that node must process the Route Error option as below:
® Remove some dead links in this node’s Route Cache which are identified by the
Error Source Address field to the node identified by the Unreachable Node
Address field.
® If the option following the Route Error is an Acknowledgement or Route Error
option sent by this node, copy the DSR options following the current R_oute Error
into a new packet with IP Source Address equal to this node's own IP address and
IP Destination Address equal to the Acknowledgement or Error Destination
Address. Transmit this packet with the salvage count in the DSR Source Route

option set to the Salvage value of the Route Error.
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Table 3.5: Route Error packet fields

Fields Description
Option Type Nodes not understanding this option will ignore this option
Opt Data Len 8-bit unsigned integer. Length of the option excluding the Option Type and
Opt Data Len fields.
Error Type The type of error encountered. Currently, the following type values are
defined:
1 = NODE_UNREACHABLE
2 =FLOW_STATE_NOT_SUPPORTED
3 = OPTION_NOT_SUPPORTED
Reserved Must be sent as 0 and ignored on reception
Salvage A 4-bit unsigned integer. Copied from the Salvage field in the DSR Source

Route option of the packet triggering the Route Error.

Error Source

The address of the node originating the Route Error. The node that attempted

Address to forward a packet and discovered the link failure.
Error Destination | The address of the node to which the Route Error must be delivered For
Address example, when the Error Type field is set to NODE_UNREACHABLE, this

field will be set to the address of the node that generated the routing
information claiming that the hop from the Error Source Address to

Unreachable Node Address was a valid hop.

Type-Specific

Information

Information specific to the Error Type of this Route Error message.




Chapter 4

Modification of Dynamic Source Routing Protocol

As described in previous chapters, many routing protocols have been done by
researchers in order to solve some problems in Mobile Ad Hoc Network. These routing
protocols have pros and cons depending on network environments and these routing protocols
do not consider or differentiate real-time traffic and non-real time traffic. Moreover Multimedia
traffic is delay sensitive so these routing protocols might not satisfy such sensitive delay-traffic.
In order to support this kind of traffic, we propose a Modification of Dynamic Source Routing
(MDSR) protocol, which modified some mechanisms in Dynamic Source Routing protocols
(Chapter 3). We are going to describe the mechanism of MDSR on supporting multimedia

services in wireless network in the following sections.
4.1 Design Methodology

In MDSR protocol, Data transmission in MANET is separated into two groups. The
first group is priority transmission of real-time data stream which is delay-sensitive data such as
on-demand multimedia stream, video conference etc., and the second group is normal data
stream which allows the delay in during transmission. We apply our algorithm differently for
these data transmissions. When the multimedia traffic is applied and in order to reduce query
response time, our algorithm uses larger transmission power level or in other words, the number
of nodes in the range of the source is increased. Therefore, source node can select one farthest
node to forward route request. In turn, once the farthest node receives the route request packet,
It processes bandwidth reservation mechanism, described in the next section, in order to allocate
bandwidth for this link whether it satisfy QoS requirement or not. If available bandwidth, then
the node re-broadcast the route request packet otherwise drop route request packet. On the other
hand, for non-real time traffic which delay is not sensitive, smaller transmission power level is
used. Each node receiving route request packet must process bandwidth reservation so that the
route being established will satisfy QoS requirement. In Figure 4.1, an example of the proposed
routing algorithm, we can see that the dotted line (S-A-B-D) representing a multimedia

transmission has shorter path than the route used for non-real time data transmission that is
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represented by solid line (S-M-N-O-Q-D). In this example, we assume that all nodes receiving

request packet have available bandwidth to guarantee all kind of traffic.

——— Real-time
ey Non real-time

Figure 4.1: An Example of proposed scheme.
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Figure 4.2: Flowchart of source node wishing to send data packets
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Figure 4.2 shows the process of a source node that wishes to send data packet. At first it checks to sce
what kind of traffic. If multimedia traffic the node sets higher power strength, else set lower power strength.
Second, it checks whether bandwidth is available for this connection. If bandwidth is not available, it does no
operation. Otherwise it searches for a route in the Route Cache previously leamed whether there is route to
the destination to satisfy the traffic. If a route is found, the source node uses it. In this research, we added
more three fields to the existing original packet header of Dynamic Source Routing Protocol (DSR) such as
(1) slot_list is to keep status of slots being used by a node, which a route request packet has traversed. (2)
require_bw is a field of a packet. Its task is to keep how big bandwidth is required for this new link. (3)
power, the last added field, differentiates traffic in the network. These three fields are going to
be used so often in the bandwidth reservation mechanism. Finally, the source node floods route

request (RREQ) packet to its neighbors which can be intermediate node or destination node.

RREQ

-Already seen e
-Node appeared in the
-Time to Live
alculate bandwidi? 0o
from source to this
node : Satisfy?
Drop RREQ
Set larger power Set smaller power
transmission transmission
le I
ke
Append node to the
route list in RREQ.
node : destination
no
Return route reply
Forward RRE
Q (RRPL)
le !

Figure 4.3: Flowchart of an intermediate node or destination node,

wishing to send data packets
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Figure 4.3 shows additional mechanism of this research that is a process of an intermediate
node or destination node that receives route request packet. At first, it checks to see that if the
pair (dest-addr, sequence#) for this RREQ is seen recently, discard this packet and do not
process it further. Or if the address of this node appeared in the route-list in the RREQ, we drop
this RREQ (do not re-broadcast it) and do not process it further. Second, TTL (time to live) is
decremented by one. If TTL counts down to zero, we drop this RREQ and do not process it
further. TTL can limit the length of the delivery path. However, this path will be difficult to be
maintained within a dynamic environment. In addition, unlimited packet flooding will
deteriorate the network performance. The use of TTL can control the flooding traffic. Third, it
checks whether the route request is searching for the path for multimedia traffic or datagram
traffic (text application traffic). If multimedia traffic, the node set higher power level strength
otherwise set lower power strength. Finally it appends its address such as IP the route-list to
track the route which the packet has traversed if this node is destination, send route reply back

to the source otherwise re-broadcast this route request.

4.2 Bandwidth Reservation Mechanism

Multimedia applications such as digital audio and video have much more stringent QoS requirements
than traditional datagram applications. In cellular networks, all stations leam of each other’s requirements,
either directly or through a control station such as base station in cellular systems. However, the solution used
in cellular systems cannot be applied in MANET where all elements are mobile. To support QoS for
multimedia applications, we need to know not only the minimal delay path to the destination, but also the
available bandwidth on it. A pair of connection should be accepted only if there is enough available
bandwidth. We only consider “bandwidth” as QoS because bandwidth guarantee is one of the most critical
requirements for multimedia applications. “Bandwidth” in time slotted network systems is measured in
terms of the amount of “free” slots. The goal of the QoS routing algorithm is to find a shortest path such that
the available bandwidth on the path is above the minimal requirement. To compute the “bandwidth”-
constrained shortest path, we not only have to know the available bandwidth on each link along the path, but
we also have to determine the scheduling of free slots.

|1 el—-Nf ] ]
IControl phasel Data phase

Figure 4.4: Frame structure
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4.2.1 Bandwidth Calculation

The transmission time scale is organized in frames, each containing a fixed number of time slots.
The entire network is synchronized on a frame and slot basis. Each frame is divided into two phascs, namely,
the control phase and the data phase, as shown in Figure 4.4. The size of each slot in the control phase is
much smaller than the one in the data phase. The control phase is used to perform all the control functions,
such as slot and frame synchronization, power measurement, code assignment, slots request. The amount of
data slots/frame assigned to a pair of connection is determined according to a QoS requirement. As depicted
in Figure 4.4, the control phase uses pure Time Division Multiple Access (TDMA) with full power
transmission in a common code. That is, each node takes tumns to broadcast its inforration to all of its
neighbors in a predefined slot, such that the network control functions can be performed distributively.

Because only adjacent nodes can hear the reservation information and the network is multihop, the
free slots recorded at every node may be different. We define the set of the common free slots between two
adjacent nodes to be the link bandwidth. Consider the example shown in Figure 4.5, in which node C intends
to compute the bandwidth to node A. We assume the network topology is shown in Figure 4.5. If node B can
compute the available bandwidth to node A, then node C can use this information and the *“link bandwidth”
to node B computes the bandwidth to node A.

node C node B node A
-
—— One hop distance” [ One or more hop dlstance
~ YT — N~ VT ~
link bandwidth bandwidth from B to A
fromCtoB

Figure 4.5: End-to-end bandwidth calculation (from Cto A )

We define the path bandwidth (which can be called end-to-end bandwidth) between
two nodes, that are not necessarily adjacent, to be the set of available slots between them. If two
nodes are adjacent, the path bandwidth is the link bandwidth. Consider the example in Fig. 4.5,
and assume that one hop distance is between node A and node B. If node C has free slots {1,
3,4}, and node B has free slots {1, 2, 3}. Then the link bandwidth between and is {1, 3}. This
means that we can only exploit slots 1 and 3 for packet transmission from node C to node B.
Thus, if a connection needs more than two slots in a time frame, then it will be rejected to pass

through (C, B). We can observe that link BW(A,B) = free_slot(A) n free_slot(B). The
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definition of free_slot(X) is the slots which are not used by any adjacent host of X to receive or
to send packets from the point of view at node X. Next, we can further employ link bandwidth
to compute end-to-end bandwidth. We will use the following four cases as examples to show
how to calculate the path bandwidth.

Case 1: Assume the link bandwidth of both (A, B) and (B, C) are the same, say {1, 2, 3, 4},
as in Figure 4.6. If node C uses slots 1, 2 to send packets to node B , then node B can only use
slots 3, 4 to forward packets to node A. This is because node B cannot be in transmitting mode

-and listening mode simultaneously. So the path bandwidth from node C to node A, denoted as
path BW(C, A), can be {1, 2}, and its size is two. In this case, four free slots can only
contribute two slots for path bandwidth. Namely, [4/2] =2. Similarly, if there are only three free
slots on both links, then the size of path bandwidth is [3/2] =1.

Case 2: Assume link BW(A, B) ={2,3} and link BW(B, C) ={1,2,3,4}, as in Figure 4.7.
Namely, link BW(A, B) ¢ link BW(B, C). If node C uses slot 2, then node B cannot use slot 2
any more. So in this case, node C should first use slots in link. BW(B, C) - link BW(A, B) = {
1,4} to maximize system utilization. Therefore, if node C uses slots 1, 4, then node B can usc
slots 2, 3. So path BW(C, A) = {1,4} , and its size is two. Similarly, we can use the same way
to process the case of link BW(A, B) C link_ BW(B, C). In this case, node B must use slots in
“link_ BW(A, B) - link BW(B, C)” first.

Case 3: If link_BW(A, B) n link BW(B, C) = (), no conflict will occur. Figure 41.0 shows this
example. Node C can choose either slot 3 or 4, and node B can choose slot 2, so path BW(C, A) = {3} and

its size is one.
node C
a 1 2 3 4
node BV Yy v
AR 3 4
node A v & <
Figure 4.6: Equal case
node C
A 1 2 —é— 4
node B V v
2 3
node A v = 7

Figure 4.7: Containing case
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Figure 4.8: Exclusive case

Case 4: This is a general case, as shown in Figure 4.9. We will find any general case can be
regarded as a combination of the previous three cases. Follow the slot assignment policy in Case
2. We assign slot 9 to node C and slot 1 to node B first. Figure 4.10 shows the slots left. Next,
we assign slot 10 to node C and slot 4 to node B. Figure 4.11 shows only slots {5, 6, 7, 8} left
(slot 4 cannot be used by node C any more since node B is in transmitting mode). At present,
this is the same situation as in Case 1. So node C can be assigned slots 5, 6, and node B is
assigned slots 7, 8, as shown in Figure 4.12. Here we let the path BW(C, A) = {5, 6, 9, 10}.
That is, node C can use slots {5, 6, 9, 10} to send packets to node B, and then node B uses {1,
4,7, 8} to forward packets to nodc A. The size of path bandwidth from to is four.

The last case is a general case. Observe that it is, in fact, a combination of Cases 1-3. Our
slot assignment policy is to consider the slots not in link. BW(B,C) n link_BW(A,B) first, until
one of the special cases (i.e., Cases 1-3) occurs. The detail of the bandwidth calculation
algorithm is shown in Figure 4.14. To further generalize Case 4, if the distance between and is
no longer one hop, as shown in Figure 4.5, the same algorithm can still work. Node C can
calculate path BW(C, A) by using link BW(C, B) and path_ BW(B, A) by using the algorithm

in Figure 4.15.

node C

A 41516 71181i9]|10
node B V
node A v L1 456 7] 8

Figure 4.9: General case

node C
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node A v/ - 44516718

Figure 4.10; Step 1 bandwidth calculation in node C
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node B V

node A v ﬂ

Figure 4.11: Step 2 bandwidth calculation in node C

node C
node B v 4
2

A
node A v

Figure 4.12: Final result of bandwidth in node C

As mentioned in Section 4.1, three fields are added to an original packet of Dynamic
Source Routing protocol, such as slot_list, require_bw, power where slot_list is to keep all
state of slots of every node that a route request packet has traversed, require_bw is to keep what
size of a connection is, and power field is used to separate multimedia traffic and datagram
traffic (text application). Therefore a packet header has fields as below:

<packet-type, source-add, dest-add, sequence#, route-list, slot_list, require_bw, power,
data, TTL>

The algorithm in Figure 4.2 and Figure 4.3 can be replaced by DSR algorithms shown in
Figure 4.13 ahd 4.15 respectively.

Figure 4.13 shows the process of a node that wish to send data packets. First it checks
whether the traffic is multimedia traffic. If so, the node sets higher power strength, else set
lower power strength and the radius of that node is modified according to what kind of traffic is.
Second it checks its bandwidth to see whether it is available. If its bandwidth is not available,
that node takes no actions and waits for reserved slots to be released. But in contrasf, available
bandwidth, this node searches for a route in its Route Cache, a place to store route information
to another node in wireless network. If it found a route to destination that satisfies the traffic
including bandwidth, the node uses that route to transmit data packets. Otherwise, the node has
no route to destination, then it processes route query request by adding related information to

the header of RREQ and flooding this RREQ to its neighbor nodes.
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Figure 4.13: The algorithm for a node whishing to send data packets.

Figure 4.15 shows process of that receives route request packet. This node can be any
intermediate node or destination node. At first, the node receiving route request packet checks
whether this route request packet (<dest-addr, sequence#>) has seen recently, then this route
request packet is dropped. Second, if the node’s address already appeared in the route-list field
in RREQ, this node does not rebroadcast and drop this RREQ. Third, Time To Live (TTL) is
decremented by one. If TTL counts down to zero, we drop this RREQ and do not process it
further. TTL can limit the length of the delivery path. Fourth, if this node is destination, the go
to process the algorithm in Figure 4.18. Fifth, Calculate the bandwidth from source to this node
following the algorithm provided in Figure 4.14. If bandwidth resulting from bandwidth
calculation algorithm is not available, drop the route request packet (RREQ). The status of slots
is not modified at this time. Otherwise, available bandwidth, the state of data slot of this node is
recorded into slot_list field of RREQ. After that, the node uses power level according to what
kind of traffic that this RREQ is searching a route for. Finally, route request packet (RREQ) is

re-broadcasted to its neighbor nodes.
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int bandwidth_calculation( int i){

if (the numbers record in slot_list or i == 0)
printf(*Never occours, Error \n")
return -2;
else if (the numbers record in slot_listori==1) {
link BW =slot_list[1] & slot_list[2] ;
/1 slot_list[1] & state of slots of the node receiving route query request(RREQ)
return link_BW;
}
else if (the numbers record in slot_list or i == 2){
i=i-1;
link_bw_i = slot_list(Q[i] & slot_list()[i+1] ( state of slots of node receiving RREQ)
bandwidth = bandwidth_calculation(i);
common_BW = bandwidth & link_bw_i;
common_BW _size = sizeb(common_BW);
diff2 = bandwidth » common_BW,;
difference BW1 = sizeb(link_bw_i ~common_BW); // the symbol # means XOR
difference_BW2 = sizeb(bandwidth 4 common_BW);
if ( difference_BW1 <= difference. BW2) {
bandwidth_size = difference_ BW1;
remain_BW _size = difference_BW2-difference BW1;
}
else {
bandwidth_size = difference_BW2;
remain_BW_size = difference_BW1 - difference BW2;
}
if (( remain BW_size > 0) || (common_BW_size > 0)) {
if (common_BW _size <=remain_BW_size) bandwidth_size = bandwidth_size
+ common_BW_size;
else {
bandwidth_size = bandwidth_size + remain_BW _size;
common_BW _size = (common_BW_size - remain_BW_size)/2;
if (common_BW _size > 0) bandwidth_size= bandwidth_size +
common_BW _size;

}
if (bandwidth_size >= requested bandwidth) return link_bw_i;
else return -2; // no bandwidth available

Figure 4.14: Path bandwidth calculation algorithm for a node receiving route query request
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Figure 4.15: The algorithm for a node receiving route request packet.

4.2.3 Slot Assignment

In previous section, we have described how to calculate path bandwidth from source to destination
during mute query request process mechanism of Dynamic Source Routing protocol. The algorithm in
Figure 4.13 only calculates the size of path bandwidth and end-to-end path bandwidth by using the
bandwidth information in route request packet. However, it does not tell us how to assign the available slots
efficiently during the call setup in each host. In this section, we will discuss how to do the slot assignment.
Once a route request packet arrives at destination, the process of slot assignment must be done in order to
assign slots to every node that the route request packet has traversed. As result, the information of slot
assignment is placed in the header of route reply packet that is going to be sent back to the source. Once any
intermediate node receives route reply packet, it must set its slots to be occupied aocording. to the slot
assignment information in route reply packet header. We use Figure 4.9 as an example to describe how the
slot assignment algorithm works. For a given path, the source node, immediate nodes, and the destination
node will do different work. At first, we are going to describe the process of destination node because it is the

only node that does the process of slot assignment algorithm which information of slot assignment is placed
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in the packet header of route reply. From this route reply packet, any intermediate or the source node can set
their slots’ status according to the slot assignment information in the route query packet.

Destination Node: When the destination receives route request packet, first it calculates bandwidth
from source to this node by using state of slot information in route request packet. If the bandwidth from
source to destination does not satisfy, the destination node drops route request packet (RREQ). Otherwise
(available bandwidth), it processes of assigning slots to every node that RREQ has traversed. As result, the
information of this process will be used in route reply packet (RREP) as information for every intermediate
node to set their status to be occupied by this connection. According to link BW(C, B) and link BW(B,A),
we can compute path bandwidth as illustrated in Figure 4.12. Slots {5, 6, 9, 10} and Slots {1, 4, 7, 8} are
recorded in an array of slot_list of route reply packet. Finally the destination node does some other tasks such
reserving slots {1, 4, 7, 8} for this connection, setting power field of RREP, and sending out route reply
packet (RREP) back to the source by using reversing route in RREQ. This algorithm is given in Figure 4.18.

Intermediate Nodes: When node B receives route reply packet (RRPL), containing bandwidth
formation from node A, then it uses this infonmation to check its slots’ status. First it changes the power level
to forward data packets according to the information of power field in route reply packet (RRPL). Second it
checks whether the incoming slots {5, 6, 9, 10} are free. If so, it can receives data packets from node C. In
addition, must check if there are free slots such as {1, 4, 7, 8}, outgoing slots, which can be used for
forwarding packets to next hop. If any one slot in {5, 6, 9, 10} is busy or if there are no enough free slots {1,
4,7, 8} to forward the packets, this bandwidth reservation will fail. So the connection must be rejected as
result of lacking of available either incoming free slots or outgoing free slots then node B must send a control
packet, say RESET, to node A ask to free the slots {1, 4, 7, 8}. If all slots are available, then this intermediate
node reserves all these slots for this connection or in other word, the status of these slots are set to be
occupied. These checking operations have to be done because the topological change may affect the free
slots and this algorithm is given in Figure 4.17.

Source Node: Once route reply packet arrives at the source node, first the source node checks and uses
power according to the power field of this packet. Because the source node needs to reserve slots to be used
for transmitting, it checks only outgoing slots. In this example, the source node checks only {5, 6, 9, 10}. If
these slots are available, the source node reserves these slots for outgoing transmission. After mérving these
slots, it records this route in its Route Cache for further use and after that it starts transmitting data packets. If
either one of {5, 6, 9, 10} is not free, a control packet (RESET) is going to be sent back to the node that sent
RRPL in order for this node to release its slots reservation. The algorithm of this process is given in Figure
4.16.
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Figure 4.16: The process of slot assignment for a source node that receives route reply packet (RRPL)

Figure 4.16 shows slot assignment process of source node. This process happens when the source
node receives route reply packet (RRPL). At first, the source node checks power field of RRPL to see
whether it is multimedia traffic. If so, larger power level is used otherwise smaller power level is .used
instead. After that the source node also checks its outgoing slots that are used to send out data packets. If
there are available outgoing slots, then those slots are reserved for this connection. On the other hand, this
route found is added to Route Cache for future use. Data packet is being delivered afterward. In case

Outgoing slots are not available, the source node sends back RESET packet to released all reserved slots.
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Figure 4.17: The process of slot assignment for an intermediate node that receives route reply packet
(RRPL)
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When any intermediate node receives route reply packet, slot assignment process is invoked as
shown in Figure 4.17. At first, that intexmed\iate node checks power field of RRPL whether it is multimedia
traffic. If so, larger power level is applied otherwise smaller power level is applied. After that, incoming slots
(slots used to receive data packets) and outgoing slots (slots used to forward data packets) are also checked to
see whether they are free. If both incoming slots and outgoing slots are free, these slots are reserved for this

connection and route reply packet is forwarded to the source node. Otherwise, RESET packet is sent back to

Ealculatc bandwidth I

release all reserved slots.

Reserve Incoming slots|

y
'L Drop RREQ
Radius = power field RREQ

!

Process slot assignment information
and place in RRPL

v

power field RRPL = power field RREQ

v

Send back RRPL
f

Figure 4.18: The process of slot assignment for destination node that receives route request packet (RREQ)

Destination node is the most important node for slot assignment process because it is the only node
that produces slot assignment information by using information in slot_list field of RREQ. Moreover it also
invoked Route Reply process. As result, route reply packet placed with slot assignment information is sent
back to a node that initiates the route request packet. The detail of destination’s slot assignment process is
described as below.

At first, Destination node invokes a process to calculate bandwidth from source to this
node (Figure 4.14). If Bandwidth does not satisfy the connection, route request packet is
dropped. Otherwise (available bandwidth), Slot assignment information is produced by using

slots’ status information recorded in slot_list field of RREQ. This slot assignment information is
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placed in route reply packet (RRPL) that is the most important information for any intermediate
node or source node, which is involved in doing slot assignment process. Second, destination
node reserves incoming slots, which are used to receive data packets. Third, it applied power
level according to what kind of traffic that the route request packet is searching for. If the RREQ
is searching for a route for multimedia traffic, larger power level is applied otherwise smaller

power level is applied. Finally, route reply packet (RRPL) embedded with slot assignment

information is sent back to the source node.



Chapter 5

Performance Evaluation

Network Simulation version 2 (NS2) is a well-known network simulation application
that has been designing and developing by organizations and universities [15]. We use ns2 to
evaluate the performance of MANET based on simulation environment (Section 5.1) and
simulation assumptions (Section 5.2). Finally, the results of simulations are given in Section
5.3.

5.1 Simulation Environment

Network simulation resides on the area of 800 meters by 800 meters, where 20 mobile
nodes can be moved randomly and freely at the speed up to 2 meters per second. Radio
transmission range of each node varies from one node to another, depending on what kind of
traffic that node is involving te transmit. If nodes involving with multimedia traffic, their radio

transmission ranges are 300 meters. Otherwise their radio ranges are 250 meters. The data rate

is 2 bps.
Table 5.1: Simulation Parameters
Parameters Values
Simulation Area 800 m x 800m
Number of nodes 20
Speed of nodes 0-2 m/s
Node movement Randomly
Transmission Real-time 300 meters
range Non real-time 250 meters

5.2 Simulation Assumptions

As described in the section bandwidth calculation (Section 4.2.2), the transmission time scale
is organized in frames, each containing a fixed number of time slots. The entire network is synchronized on a
frame and slot basis. Each frame is divided into two phases, namely, the control phase and the data phase, as
shown in Figure 4.6. In this time frame, the data slot in the data phase is 5 ms and the control
phase is 0.1 ms. we assume that there are 16 slots in data phase. We can calculate the frame
length as the equation below:

Frame length = number of mobile nodes * Control phase + number of slot * data slot
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Frame length=20* 0.1 + 16 * 5=82ms
There are two types of Quality of Service (QoS) for the offered traffic. QoS, and QoS,
need one and two data slots respectively. The total simulation is 2000 s (2 * 10 76 ms). Since
the number of data slots is less than the number of mobile nodes, mobile nodes need to compete
for these data slots. Once a connection has been established, a transmission window (data slot)
is reserved automatically for all the subsequent packets of the established connection.

As described the simulation parameters in section 5.1, we also assume that all nodes
wishing to communicate with other nodes within the ad hoc network are willing to participate
fully in the protocols of the network. In addition, each node participating in the ad hoc network
should also be willing to forward packets for other nodes in the network. Moreover, those nodes
can move at any time without notice and move continuously.

Finally, we also assume that a node must be able to receive packets if it is in the radius
of sender node. Moreover these packets may be lost or corrupted in transmission on the wireless
network. We assume that a node receiving a corrupted packet can detect the error and discard

the packet.

5.3 Simulation Results

We use ns2 to simulation two different algorithms. The first algorithm is to use higher
power level for multimedia traffic and smaller power level for datagram traffic (text traffic).
The aim of this algorithm is to find the shortest path for Multimedia traffic. The simulation
results of this first algorithm are in section 5.3.1. Another algorithm is MDSR algorithm that is
described in Chapter 4. The aim of MDSR is to find the shortest bandwidth path for guarantee
multimedia traffic. It means that the route found is the shortest and each node along the route
has enough bandwidth to send or forward multimedia packets. The results of simulation will be

shown in section 5.3.2.

5.3.1 Result of Power Level

In this algorithm, traffic is separated into two types. The first type of traffic is
Multimedia traffic, which is delay-sensitive. The second type of traffic is datagram traffic (text
traffic), which is non-real time traffic and delay is allowed. In order to reduce for Multimedia
traffic, higher power level (larger radius) is applied by any node involving receiving and

sending packets of this kind of traffic. Consequently, the shortest path is found to guarantee
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multimedia application. We have done simulation based on the parameters on Table 5.1, but in
this simulation number of nodes varies from 5 to 50. The results of simulation are shown in

Figure 5.1 and Figure 5.2.

Average number of hops path

5 10 15 20 25 30 35 40 45 50
Number of mobile hosts

—a— Non-real time traffic
—a— Multimedia traffic

Figure 5.1: Average number of hops versus the number of mobile nodes

350

5 10 15 20 25 30 35 40 45 50
Number of mobile hosts

—e— Non realtime traffic
—s—— Multimedia traffic (real time)

Figure 5.2: Throughput versus number of mobile nodes

As shown in Figure 5.1, we can show that average of hop path for multimedia traffic is
always smaller than the one in non-real time traffic (datagram traffic). Therefore the throughput
for multimedia traffic is also higher than Non-realtime traffic (datagram traffic) that is

illustrated in Figure 5.2.

5.3.2 Results of MDSR

As described in Chapter 4, this algorithm uses not only power level, but also bandwidth
reservation mechanism in order to guarantee multimedia traffic. We have done simulation to

analyze the performance of MDSR for both Quality of Services, QoS1 and QoS2 that require
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one slot and two slots respectively. We have done performance of average delay (section

5.3.2.1) and throughput (section 5.3.2.2).

5.3.2.1 Average delay

The representation of traffics in these simulation results are the same as in section
5.3.1. Figure 5.3 shows that average delay for Quality of Service for Multimedia traffic
requiring data slot 1, is lower than the delay of datagram traffic requiring the same data slot (1
data slot). Moreover Figure 5.4 shows the average delay for Quality of Service for Multimedia
traffic requiring data slots 2, is lower than the delay of datagram traffic which requires two data

slots.

—a— Qos1DSR
—s— Qos1MDSR

1 2 3 4 5 6 7
Mobility (m/s)

Figure 5.3: Average delay for QoS1 versus mobility of mobile nodes

In summery, our proposed scheme can provide Quality of Service for multimedia traffic
the higher throughput and lower delay than the datagram traffic for all connections that requires

both one data slot and two data slots.

1.8
1.6
1.4
1.2

1
0.8
0.6
0.4
0.2

—a— Qo0s2DSR
—a— Qos2MDSR

Average delay(s)

Mobility (m/s)

Figure 5.4: Average delay for QoS2 versus mobility of mobile nodes
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5.3.2.2 Throughput

As shown in Figure 5.5, the curve QoSIMDSR represents Quality of Service of
Multimedia traffic requiring 1 data slot and the curve QoS1 DSR represents Quality of Service
datagram traffic requiring 1 data slot. This figure shows that the throughput of multimedia

traffic is higher than the throughput of datagram traffic.

450
400

350

—a— Qos1DSR

300 —a— Qos1MDSR

250

Throughtput (kbps)

200

150
1 2 3 4 5 6 7

Mobility(m/s)

Figure 5.5: Throughput of QoS1 versus mobility of mobile nodes

Moreover, in Figure 5.6, the curve QoS2ZMDSR represents Quality of Service of
Multimedia traffic requiring 2 data slot and the curve QoS2DSR represents Quality of Service
datagram traffic requiring 2 data slot. This figure shows that the throughput of multimedia

traffic is higher than the throughput of datagram traffic.
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100
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Figure 5.6: Throughput of QoS2 versus mobility of mobile nodes
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P 3
Every connection can be established only if slots of every node in the path of the

connection must be reserved. In the case that there are many connections in Ad-Hoc network, it
is likely to be difficult to find the shortest bandwidth path for a connection that requires higher
bandwidth since mobile node in the network has allocated some of its slots for other
connections.

When a higher bandwidth connection is established so that data packets can be flowed,
and in any circumstances that connection is broken then lots of packets residing on any
intermediate node can be lost as it is much more difficult to find a new route to destination to
satisfy that higher bandwidth connection. In a period of time, if the same input for both
multimedia traffic requiring one and two data slots, the throughput of multimedia traffic
requiring one data slot is likely to be higher than the throughput of multimedia traffic requiring
two data slots. For example in the simulation result of Figure 5.5 and figure 5.6, QosIMDSR
representing the throughput of multimedia traffic requiring 1 data slots is higher than the one

requiring 2 data slots (Qos2MDSR).



Chapter 6

Conclusions and Future work

6.1. Conclusions

Mobile Ad Hoc composes of mobile nodes equipped with wireless network interface
802.11x and these mobile nodes communicate to each other through radio channel, which can
be easily interfered by the environment. Furthermore, these mobile nodes can also be moved
freely and randomly. Therefore the available route may fail at any time so that Multimedia
traffic, which is real time application or delay-sensitive traffic, might have difficulty in
transmitting from end-to-end nodes. In order to guarantee this traffic to flow smoothly, we have
proposed a routing scheme called “Quality of Service Based Multimedia Service Routing in Ad
Hoc”, which composed algorithms of power level, and bandwidth calculation and bandwidth
reservation mechanism. In this proposed scheme, we have considered a shortest-bandwidth path
for transmitting multimedia packets.

In this routing scheme, traffic in MANET is classified into two groups, Multimedia
traffic and datagram traffic. In order to differentiate these two traffics, Different power levels
are applied.

During Route Discovery process (1) Multimedia traffic, if a node broadcast RREQ for
this traffic, then that node uses larger power level. In other word, the number of nodes in its
coverage area can also be increased then it is possible for this node select a node which is at the
edge of its coverage area. Any node receives this route request packet also used larger power
level. Note that bandwidth information of every node is embedded in RREQ so that bandwidth
can be calculated hop by hop from source to destination. If there is no enough bandwidth, the
RREQ is dropped or the call is rejected. If any connection can be established, the route of that
connection must be the shortest bandwidth path. (2) Datagram traffic or text application, when a
node broadcasts RREQ for this kind of traffic, smaller power level is used. In other word, the
number of node in its coverage area can be also decreased. Bandwidth informatioh of every
node is also embedded in RREQ packet then bandwidth can be calculated. If no bandwidth
available then the call is rejected.

We have shown that throughput of Quality of service of Multimedia traffic is higher
that throughput quality of service of datagram traffic or text application. Furthermore, the delay

of multimedia traffic is lower than the delay of datagram traffic or text application.
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6.2. Future works

Look at Figure 6.1, suppose a connection has already been established from the source
node A to-node C. Each node has 8 slots (slot 0 to 7). As shown in Figure 6.1, Node A uses slot

number 0 and slot number 1 to transmit packets to node B. Node B uses its slot number 2 and

slot number 3 to forward packets to node C.

While node B is in process of forwarding data packets to node C by using its slot 2 and
slot3, Node D MUST not be able to transmit any packets to node E by using its slot 2 and slot 3

because node D overhears data transmission from node B.
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Figure 6.1: Bandwidth assignment from node A to node C
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In the future research, we will improved our routing scheme by creating a table for
every node in the network to keep record of slots being used to transmit packets by nodes in its
coverage area. Therefore, the case above can be solved; consequently, the performance of this

routing scheme can also be improved.
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Abstract

In Mobile Ad hoc Network (MANET), all nodes
communicate with one another through radio links without
cable and can move freely that make MANET to be an
infrastructureless network. Since the network topology
may change constantly and the available routes may fail
many times, Quality-of-Service (QoS) of real-time
multimedia application may have difficulty in satisfying
their services. In this paper, we propose a Modification of
Dynamic Source Routing (MDSR) based on Signal
Strength for Multimedia services. which selects the
shortest path by using power level. We show by means of
the simulation that MDSR provides the lower average
number of hops from source node to destination node
resulting in the lower delay comparing with those of DSR.

Keywords: Routing Protocol, Multimedia, Mobile Ad hoc
Network

1. Introduction

Mobile Ad Hoc Network (MANET) is a collection of
wireless mobile nodes in which cach node communicates
with each other through shared, limited radio channel in
peer to peer fashion that make MANET to be an
infrastructures-less networking as shown in Figure 1. Each
mobile node or intermediate node in the network operates
as routers forwarding packet to other nodes in order to
establish two pairs of communication nodes.

MANET can be categorized into flat architecture as
shown in Figure land hierarchical architecture [3, 6),
called cluster as shown in Figure 2. In flat architecture, all
nodes have the same rank, but in hierarchical architecture,
nodes are separated into masters and slaves. Master nodes,
cluster heads are selected among the nodes in the network
and the remaining nodes, slave nodes, register themselves
in one cluster of more cluster heads. A cluster head is
responsible for communicating with its registered cluster

nodes and communicating with other cluster heads in the
network. By contrast, Slave nodes in each cluster
communicate with each other via their respective master
nodes.

Because MANET does not rely on wired backbone,
based station and centralized administration, the growing
demands of roaming users, and the availability of
wireless devices, MANET has been received an increased
attention for commercial purpose especially for small area
wireless networks (home office, building, organization
conferences..etc..). Moreover military communication and
disaster recovery operation in the area where there is no
based station or acgess point, MANET is useful in those
environments.

O Mobile node
~- Wireless link
+ ' Signal Range

Flgure 1: Flat architecture of MANET

In MANET: the nodes are mobile, the topology of the
network may change rapidly and unexpectedly. Therefore
the packets transferring from end-to-end may be lost as
the result of broken link of the availability routes because
of deletions of nodes, contention or interfering so Quality
of Services (QoS) have been done by many researchers
[1.2.5] including QoS starting from physical layer up to
application layer [4], QoS Medium Access Control
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(MAC), Genetic Algorithm QoS Routing Method [9], and
QoS of Routing (7, 8, 10,11].

o Slave node
@ Cluster head
—— Wireless link
Cluster

Figure 2: Cluster architecture of

Multimedia stream and some real time application are
delayed sensitive such as live voice and video
conferencing. In order to guarantee the multimedia stream,
so in this paper we propose Modification of Dynamic
Source Routing (MDSR) based on Signal Strength for
Multimedia services which select the shortest path by
using the largest power level which decreases the number
of hops of the route. The rest of the paper is organized as
follows: In section 2, we briefly present routing protocols
that have been proposed, Section 3, related work. In
section 4, we describe our method, Modification of
Dynamic Source Routing (MDSR) based on Signal
Strength for Multimedia services. Simulation and resuits
are given in section 5 and finally conclusion in section 6.

2. Current Routing protocols

Due to the limited and shared resources in MANET,
Several routing protocols have been developed or
proposed in order to adapt to the nature changes of
wireless network such as nodes are mobile, routes change
frequently, and the topology is unpredictable. These
routing protocols [10] can be classified into three different
groups: global/proactive, on-demand/ reactive and hybrid.
Proactive routing protocols find routes in the own
maintaining route table in each node while the reactive
routing protocols find route only one node need to send
data to the other node. Hybrid r~uting protocols combine
both proactive and reactive routing protocols together.
That are; proactive is used in a cluster called zone whereas
reactive is used to find nodes out size. This kind of routing
protocol is used in hierarchical architecture.

2.1. Proactive routing protocols

Proactive routing protocols maintain information in a
table on each node about the routing to the other node in
the network. Although the topology of the network does
not changed, this information must be updated
periodically. Many proactive routing protocols has been

60

proposed; for example; Destination Sequence Distance
Vector (DSDV), Wireless Routing Protocol (WRP),
Global State Routing (GSR), and Optimized Linked State
Routing (OLSR) and so on. These protocols have some
differences in term of maintaining updating routing
information in the table [10]. There are pros and cons in
the proactive routing protocol. The advantage is that that
when a node needs to send or forward data packets route
can be immediately used and the disadvantage is that this
protocol allows significantly overhead and consumes
bandwidth in the network.

2.2. Reactive protocols

Unlike proactive routing protocols, Reactive routing
protocols creates routes once a node wants to transmit data
to a destination. The source node initiates route discovery
process by flooding route query with in the network.
When the destination is reached, route reply request will
be sent back to the source. Once the route has been found,
it is maintained until either destination becomes
inaccessible or the route is no longer desired then route
discovery process will be invoked again. Several reactive
protocols have been proposed such as Dynamic Source
Routing protocol (DSR), Ad hoc On-demand Distance
Vector (AODV), Light-weight Mobile Routing (LMR),
Temporary Ordered Routing Algorithm (TORA), Relative
Distance Micro-discovery Ad hoc Routing (RDMAR)
[10] and so on. Those protocols can be classified into two
groups, source routing and hop-by-hop routing [10]. The
advantage of reactive routing protocols is to overcome the
overheads, occurred in proactive routing protocols.

2.3. Hybrid routing protocols

When wireless network becomes larger, it is complex
to design routing protocols. All nodes in the network are
separated into groups, called cluster. All clusters form a
hierarchical infrastructure. In such network, Hybrid
routing protocols combining proactive and reactive
routing protocols, are used in order to take advantages on
these two routing protocols where proactive maintains
route in a cluster and reactive maintains route between
clusters. Several Hybrids routing protocols have been
proposed such as Zone Routing Protocol (ZRP), Zone-
based Hierarchical Link State (ZHLS), Distributed
Dynamic Routing (DDR) and so on, but the most popular
protocol is ZRP.

As briefly described all routing protocols above, the
routing of MANET can be classified as proactive routing
protocols, re-active routing protocol and Hybrid routing
protocol. These routing protocols have pros and cons
depending on network environments and these routing
protocols do not consider or differentiate real-time traffic
and non-real time traffic so we propose Modification of
Dynamic Source Routing (MDSR) based on Signal
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Strength  for Multimedia  services which  sclects  the
shortest path using higher power level and the algorithm is
described in the section 4. The result of this proposed
scheme, the path found must be shorter.

3. Related works

Dynamic Source Routing (DSR), one of the most
popular on-demand routing protocols, proposed by David
AMaltz, David B.Johnson and Yin-Chun Hu. The
purpose of DSR is to reduce overhead and to provide
highly reactive services to help ensure successful delivery
of data packets to reach a destination even though
topology of the network is changed or there is another
condition in the network.

The two common mechanisms of DSR are:

+ Route Discovery: when a node, source node,
wishing to send data packet to destination node. Route
Discovery will be processed only the source node does not
have a route to the destination.

+ Route Maintenance: when a route being used to
send data packet from source node to destination is
broken, the source node invokes Route Maintenance to
find a new route for the rest of the packets on the source
node to send to the destination node.

Both mechanisms of DSR operate on-demand that is
different from other routing protocols, which use periodic
routing packet that causes overhead in the nctwork.
Moreover, in DSR, a node may leam and cache multiple
routes to any destination. This caching of multiple of
routes avoids the overhead of performing a new Route

heck route in
oute Cache

cl
»

not found
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Discovery.

4. Modified Dynamic Source Routing (MDSR)
protocol

In MANET, data transmissions should be separated
into two groups. The first group is priority data
transmission, real-time data stream which is delay-
sensitive such as on-demand multimedia stream, video
conference .ctc... and the sccond group is normal data
stream which allows the delay in during transmission.
We apply our algorithm differently for these data
transmissions. When a multimedia traffic is applied and in
order to reduce query response time, our algorithm uses
larger transmission power level or in other words, the
number of nodes in the range of the source is increased.
Therefore source node can select one node which is
farthest to forward route request. On the other hand, for
non-real time traffic which delays is not sensitive, smaller
transmission power level is used. In Figure 5. an example
of the proposed routing algorithm, we can see that the
dotted  line(S-A-B-D) representing a  multimedia
transmission has shorter path than the route used for non-
real time data transmission which is represented by solid
line(S-M-N-O-Q-D). As multimedia stream is on-demand
and in order to adapt to the dynamic topologies of
MANET, DSR[1] is suitable for this data traffic. The
process of a source mobile host that wants to send data
packet. one mechanism in MDSR, can be described in
Figure 3.

send data with
route found

V.

set larger power
transmission

set smaller power
transmission

Je
LA

place header to the route
request(RREQ) packet

v

send out RREQ

| 922

Figure 3: The flowchart for a source mobile
host needs to send data.
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From Figure 3. we can explain the detail of the
process of a source mobile host that wishes to send data
packets as follows:

1.Check route in the Route Cache previously learned

whether there is route to the destination to satisfy
the traffic. If found. the source node uses it

2. Otherwise and if it is real-time traffic, the node

sets higher power strength, Else sct lower power
strength.

3.1n our routing protocol, a packet has the following

fields:  packet-type,  source-add.  dest-add,
sequence#, route-list, traffic_type, data, TTL. It
places header to route request packet such as source

route request
Ireadv see

node appeare
in route lis

time to live : 0
(TTL)
nov

yes
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node address, destination address, sequence number
and traffic type to differentiate traffic in the
network.

4.Finally, the source node floods route request
(RREQ) packet to its neighbors.

When the source mobile host sends route request (RREQ)
to its neighbors, which can be intermediate mobile host or
destination mobile host. Another mechanism in MDSR for
those mobile hosts which receive route request can be
described in Figure 4.

RREQ for
multimedia

yes
yes
yes
Y
drop RREQ

sct larger power
transimission

set smaller power
transmission

|

I

VE

append node to the
route list in RREQ.

v

node : destination

yes

forward RRE return route reply
orwar Q (RRPL)
Je W

V<

Figure 4: The flowchart for an intermediate mobile host or
a destination mobile host receiving route request.
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From Figure 4, we can explain the detail of the process of
an intermediate mobile host or a destination mobile host
as following steps:

1.If the pair <dest-addr, sequence#> for this RREQ is
seen recently, discard this packet and do not
process it further.

2.1f the address of this node appearcd in the route-list
in the RREQ. we drop this RREQ (do not re-
broadcast it) and do not process it further.

3.Check whether the route request is searching for
the path for multimedia traffic or normal data
traffic. If multimedia traffic, the node set higher
power level strength otherwise set lower power
strenyth.

4.Decrement TTL by one. If TTL counts down to
zero, we drop this RREQ and do not process it
further. TTL can limit the length of the delivery
path. However, this path will be difficult to be
maintained within a dynamic environment. In
addition, unlimited packet flooding will deteriorate
the network performance. The use of TTL can
controf the flooding traffic.

5. Append the address of this node to the route-list to
track the route which the packet has traversed If
this node is destination, send route reply back to the
source otherwise re-broadcast this route request.

—> Multimedia traftic
-3 Non-real time traffic

Flgure 5: Example of proposed algorithm
S. Simulation and Results

5.1 Model and parameters

We use network simulator called ns2 to analyze the
performance of the proposed scheme. Our network
consists of 5 nodes to 50 nodes that move randomly at
maximum speed 2m/s over an area 700x700 meters. The
details of simulator parameters are shown in Table 1. We
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assume that packets can be lost or corrupted in
transmission and a mobile host receiving these corrupted
packets can detect the error and discard them.

Table 1: Simuletion Parameters

Parameters Values
Simulation Area 700 x 700
Number of nodes 5101520253035404550
Speed of nodes 0-2m/s
Node movement randomly
Real-time 300 meters
Transmission N
range on 250 meters
real-time

5.2 Simulation result

The result of simulation: are shown in Figure 6, we
can notice that for multimedia transmission, the mean
number of routing hops is always smaller than non-real
time, that is, the route query delay time is reduced.
Because we usc a higher transmission power level, the
coverage area of each mobile node is extended. Thus, it
makes possible to reduce average number of routing hops.
For example: as the number of mobile nodes is increased
from § to 50, mean number of routing hops used for real-
time is smaller than mean number of routing hops.used by
non-real time

As shown on the simulation result, we see that when
the number of nodes is increased, it docs not mean that the
average number of hops path is increased because it
depends on the topologies of the network and the
characteristic of DSR routing protocols. Anyway, from
point to point of number of nodes in the networks, we see
that the average number of nodes path for multimedia
traffic is smaller than the average number of nodes path
for non-real time traffic because for multimedia data
transmission, larger power level is used, so the number of
mobile hosts in the coverage area is also increased.
Consequently it makes possibility for routing algorithm to
select one mobile host which is near the edge of its
coverage area to forward multimedia data packets.

In summary, for non real-time traffic, since it is not
sensitive to delay, with smaller power level, we can get
several advantages, that is, low probability of failure and
low power consumption. For multimedia traffic, we can
reduce the route query delay time in place of high power
consumption.
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Figure 6: The average number of hops versus
the number of mobile nodes for multimedia traffic

6. Conclusions

We proposed a Modification of Dynamic Source
Routing (MDSR) based on signal strength to support real”
time traffic such as multimedia or video stream. This
proposed scheme selects a shortest path for multimedia
traffic by applying larger power level as the delay is
sensitive for such kind of traffic. On the other hand, for
non-real time traffic, this algorithm will use smaller power
level longer path for non-real time. We have shown that
MDSR provides the lower average number of hops for
multimedia traffic than the one of DSR. As the result, the
transmission delay of multimedia traffic can be decreased.

7. Future works:

In the future works, we are going to consider the
bandwidth calculation during route query request.
Therefore the nodes in the routes found for both data
traffic have available bandwidth to guarantce or transfer
real-time data packet.
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Abstract— All communications in a network made by mobile
hosts through a shared radio link without cable or backbone,
commonly called Mobile Ad hoc Network (MANET). Since the
netwaik topology may change constantly because of mobility of
nodes and the available routes may fail mauy times, Quality-of-
Service (QoS) of real-time multimedia application may have
difficulty in satisfving their services. In this paper, we propose a
Routing Scheme for Multlmedla Services, which selects the
shortest path by using power level. Our proposed schemne
provides not only the lower means number of hops path from
source node to destination node, but also higher thoughput than
the conventional scheme.

Keywords— Routing Protocol, Multimedia, MANET

L INTRODUCTION

Mobile Ad Hoe Network (MANET) is a collection of
wireless mobile nodes in which each node communicates with
each other through shared, limited radio channel in peer to peer
fashion that makes MANET to be an infrastructures-less
networking as shown in an example in Figure 1. Each mobile
node or intermediate node in the network operates as routers
forwarding packet to other nodes in order to establish two pairs
of communication nodes.

MANET can be categorized into flat architecnre and
hierarchical architecture {3. 6). called cluster. In flat
architecture. all nodes have the same rank, but in hierarchical
architecture, nodes are separated into masters and slaves.
Master nodes, cluster heads are selected among the nodes in the
network and the remnining nodes, slave nodes. regster
themselves in one cluster of more cluster heads. A cluster head
is responsible for communicating with its registered cluster
nodes and commmmicating with other cluster heads in the
network. By contrast, slave nodes in each cluster communicate
with each other via their respective master nodes.

Because MANET does not rety on wired backbone, based
station and centralized administration. the growing demands of
roaming users. and the availability of wireless devices,
MANET has been received an increased attention for
commercial pwpose especially for small area wireless
networks (home office. building, organization conferences,
etc.). Moreover, military communication and disaster recovery

0-7803-9282-5/05/$20.00 ©2005 IEEE

operation in the area where there is no based station or access
point. MANET is useful in those environments.

In MANET. the nodes are mobile hosts and the topology of
the network may change rapidly and unexpectedly. Therefore,
the packets transferring from end-to-end may be lost as the
result of broken link of the availability routes because of
deletions of nodes. contention or interfering. Quality of
Services (QoS) for MANET have been done by many
researchers [1, 2, 5], such as QoS starting from physical layer
up to application layer [4], QoS Medium Access Control
(MAC). Genetic Algorithm QoS Routing Method [9], and QoS
of Routing [7.8. 10, 11].

Figure 1. An Example of MANET

Multimedia stream and some real time application are
delayed sensitive such as live voice and video conferencing. In
this paper we propose Routing Scheme for Multimedia
Services that selects the shortest path by using the larger power
level in order to gnarantee the multimedia stream and decrease
the number of hops of the route. The rest of the paper is
organized as follows. In section II, we briefly present routing
protocols that have been proposed. In section IIL. we explain
DSR protocol which is related to our scheme. In section IV, we
describe our method, Routing Scheme for Multimedia Services.

ICICS 2005



Simulation and results are given in section V. Finally we
conclude our paper in section VI

II.  CURRENT ROUTING PROTOCOLS

Due to the limited and shared resources in MANET. several
routing protocols have been developed or proposed in order to
adapt to the nature changes of wireless network such as nodes
are mobile hosts, routes change frequently. and the topology is
unpredictable. These routing protocols [10] can be classified
into three different groups. i.e.. globalproactive. on-
demand/reactive and hybrid. Proactive routing protocols find
routes in the own maintaining route table in each node while
the reactive routing protocols find route only one node need to
send data to the other node. Hybrid routing protocols combine
both proactive and reactive routing protocols together. The
concept 1§ that proactive is used in a cluster called zone
whereas reactive is used to find nodes out size. This kind of
routing protocol is used in hierarchical architecture.

A. Proactive routing protocols

Proactive routing protocols maintain information in a table
on each node about the routing to the other node in the
network. Although the topology of the network does not
changed, this infonnation must be updated periodically. Many
proactive routing protocols have been proposed. for example,
Destination Sequence Distance Vector (DSDV), Wireless
Routing Protocol (WRP), Global State Routing (GSR). and
Optimized Linked State Routing (OLSR) and so on. These
protocols have some differences in term of maintaining
updating routing information in the table {10]. There are pros
and cons in the proactive routing protocol. The advantage is
that when a node needs to send or forward data packets. route
can be immediately used and the disadvantage is that this
protocol  allows significantly overhead and consumes
bandwidth in the network.

B. Reactive protocols

Unlike proactive routing protocols. the reactive routing
protocols create routes once a node wants to transmit data to a
destination. The source node initiates route discovery process
by flooding route query with in the nerwork. When the
destination is reached. route reply request will be sent back to
the source. Once the route has been found, it is maintained until
either destination becomes inaccessible or the route is no
longer desired then route discovery process will be invoked
again. Several reactive protocols have been proposed such as
Dynamic Source Routing protocol (DSR). Ad hoc On-demand
Distance Vector (AODV), Light-weight Mobile Routing
(LMR), Temporary Ordered Routing Algorithm (TORA),
Relative Distance Micro-discovery Ad hoc Routing (RDMAR)
[10] and so on. Those protocols can be classified into two
groups, source routing and hop-by-hop routing [10]. The
advantage of reactive routing protocols is to overcome the
overheads. occurred in proactive routing protocols.

C. Hybrid routing protocols

When wireless network becomes larger, it is complex to
design routing protocols. All nodes in the network are
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separated into groups, called cluster. All clusters form a
hierarchical infrastructwre. In such network. hybrid routing
protocols. i.e. combining proactive and reactive routing
protocols, are used in order to take advantages on these two
routing protocols where proactive maintains route i a cluster
and reactive maintains route between clusters. Several hybrids
routing protocols have been proposed such as Zone Routing
Protocol (ZRP). Zone-based Hierarchical Link State (ZHLS).
Distributed Dynamic Routing (DDR) and so on. but the most
popular protocol is ZRP.

As briefly described all routing protocols above. the routing
of MANET can be classified as proactive routing protocols, re-
active routing protocol and hybrid routing protocol. These
routing protocols have pros and cons depending on network
environments and these routing protocols do not consider or
differentiate real-time traffic and non-real time waffic. So we
propose Routing Scheme for Multimedia Services to select the
shortest path using higher power level. The algorithm is
described in the section IIL.

—> Non-real time
. Multiunedia

Figure 2. An example of proposed algorithm.

1II. DYNAMIC SOURCE ROUTING (DSR) PROTOCOL

Dynamic Source Routing (DSR) protocol is one of the most
popular on-demand routing protocols. proposed by David
A.Maltz. David B.Johnson and Yin-Chun Hu. The purpose of
DSR is to reduce overhead and to provide highly reactive
services to help ensure successful delivery of data packets to
reach a destination even though topology of the network is
changed or there is another condition in the network.

The two common mechanisms of DSR protocal are:

+ Route Discovery: when a node, source node, wishing to
send data packet to destination node. Route Discovery will be
processed only the source node does not have a route to the
destination.

+ Route Maintenance: when a route being used to send data
packet from source node to destination is broken. the source
node invokes Route Maintenance to find a new route for the
rest of the packets o the source node to send to the destination
node.

Both mechanisms of DSR protocol operaté on-demand that
is different from other routing protocols, which use periodic



routing packet that causes overhead in the network. Moreover.
in DSR protocol, a node may leam and cache multiple routes to
any destination. This caching of multiple of routes avoids the
overhead of performing a new Route Discovery.

send data with
route found

sct larger power | |set smaller power
transmission transmission

\l/ l
¥~

place header to the
route request(RREQ)

v

send out RREQ

Figure 3. The flowchart for a source node needs 1o send data.

IV. PROPOSED ALGORITHM

In MANET. data transmissions should be separated into
two groups. The first group is priority transmission of real-time
data stream which is delay-sensitive data such as on-demand
multimedia stream. video conference etc.. and the second group
is nomal data stream which allows the delay in during
transmission. We apply our algorithin differently for these data
transmissions. When the multimedia taffic is applied and in
order to reduce query response time, our algorithm uses larger
transmission power level or in other words. the number of
nodes in the range of the source is increased. Therefore. source
node can select one fastest node to forward route request. On
the other hand, for non-real time traffic which delay is not
sensitive, smaller transmission power level is used. In Figure 2,
an example of the proposed routing algorithin. we can see that
the dotted line (S-A-B-D) representing a multimedia
transmission has shorter path than the route used for non-real
time data transmission that is represented by solid line (S-M-N-
0-Q-D). As multimedia stream is on-demand and in order to
adapt to the dynamic topologies of MANET. DSR [1] is
suitable for this data traffic. The process of a source node that
wants to send data packet can be described in Figure 3.
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From Figure 3. we can explain the detail of the process of a
source node that wishes to send data packets as follows:

Check route in the Route Cache previously leamed
whether there is route 1o the destination to satisfy the
traffic. If found. the source node uses it

Otherwise and if it is real-time traffic. the node sets
higher power strength, else set lower power strength.

In our routing protocol, a packet has the following
fields: packet-type. source-add, dest-add, sequence#.
route-list, traffic type, data, TTL. It places header to
route request packet such as source node address,
destination address, sequence number and traffic type
to differentiate traffic in the network.

Finally. the source node floods route request (RREQ)
packet to its neighbors which can be intermediate node
or destination node.

In addition to the mechanism shown in Figure 3. another
mechanism for nodes that receive route request can be
described in Figure 4.

set larger power set smaller power
transmission transmission
append node to the
yes
node ; dest
forward RRE return route reply
R (RR‘fL)

Figure 4. The flowchart for an intermediate node or a destination node
receiving foute request



From Figure 4, we can explain the derail of the process of an
intermediate node or a destination node as following steps:

If the pair <dest-addr. sequence#> for this RREQ is
seen recently. discard this packet and do not process it
further.

If the address of this node appeared in the route-list in
the RREQ. we drop this RREQ (do not re-broadcast it)
and do not process it further.

Check whether the route request is searching for the
path for multimedia traffic or normal data traffic. If
multimedia traffic, the node set higher power level
strength otherwise set lower power strength.

Decrement TTL by one. If TTL counts down to zero,
we drop this RREQ and do not process it further. TTL
can limit the length of the delivery path. However. this
path will be difficult to be maintained within a
dynamic environment. In addition. unlimited packet
flooding will deteriorate the network performance. The
use of TTL can control the flooding traffic.

Append the address of this node to the route-list to track the
route which the packet has traversed If this node is destination,
send route reply back to the source otherwise re-broadcast this
route request.

TABLE L SDMULATION PARAMETERS
Parawmeters Values
Simulation Area 700 x 700
Number of nodes 5101520253035404550
Speed of nodes 2 mfs

Node movement Randomly

Real-time 300 meters
Transmission

range Non 250 meters

real-time

V. SIMULATION AND RESULTS

A.  Model and parameters

We use network simulator called ns2 to analyze the
performance of the proposed scheme. Our network consists of
$ nodes to 50 nodes that move randomly at maximum speed
2nYs over an area 700x700 meters. Two connection were
established, one for non-real time and another one for real-time
or multimedia traffic. The details of simulator parameters are
shown in Table I. We assume that packets can be lost or
corrupted in transmission and a node receiving these corrupted
packets can detect the error and discard them.

B. Simulation result

The result of simulation is shown in Figure 5, we can notice
that for multimedia transmission, the mean number of routing
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hops is smaller than non-real time. Because we use 3 higher
transmission power level, the coverage area of each mobile
node is extended. Thus. it makes possible to reduce average
number of routing hops. For example: as the number of mobile
nodes is increased from 5 to 50, mean number of routing hops
used for real-time is smaller than mean number of routing hops
used by non-real time.

Average numberof hops path

5

10 15 20 25 30 35 40 45

Number of mobile hasts

—a—Naon-eal time trafic
=4~ Mulimeda trafic

Figure 5. The average number of hops versus the sumber of mobile nodes

Throughput (xbps)
e 5888

Number of moblle hosts
—e— Non realtime traffic
—a— Multimedia traffic (real time)

Figure 6. Throughput versuses the number of mobile nodes

Moreover as shown in Figure 6, the throughput of
multimedia stream is always higher than the one of non-real-
time traffic including route query request time which makes
route query request for real-time faster than the route query
request of non real-time traffic.

As shown in Figure 5 and 6, we can see that when the
number of nodes is increased, it does not mean that the average
number of hops path is increased or the throughput is higher
than the smaller number of hops because it depends on the
topologies of the nerwork from time to time. Besides, a farthest
node is selected to forward packets, which causes a route used
to be broken easily when the node moves so that it reduces the
throughput and a new route must be re-established again.



Anyway. from point to point of number of nodes in the
networks. we see that the average number of nodes path for
multimedia traffic is smaller than the average number of nodes
path for non-real time traffic. Not only that but also the
throughput of multimedia traffic is higher than non real-time
traffic because for multimedia data transmission. larger power
level is used. so the number of nodes in the coverage area is
also increased.

Consequently it makes possibility for routing algorithm to
select one node which is near the edge of its coverage area to
forward multimedia data packet.

VI. CONCLUSIONS AND FUTURE WORKS

We proposed a Routing Scheme for Multimedia Services to
support real-time traffic such as multimedia or video stream.
This proposed scheme selects a shortest path for multimedia
maffic by applying larger power level because the delay is
sensitive for such kind of traffic. On the other hand. for non-
real time traffic, this algorithm will use smaller power level
longer path for non-real time. We can conclude that our
propose schemes provides the lower mean number of hops path
for multimedia traffic than the mean number of hops path for
non-real time traffic. As the result, the transmission delay of
multimedia traffic can be decreased. We also show that our
proposed scheme can provide higher throughput for multimedia
traffic.

In the future works, we are going to consider the bandwidth
calculation during route query request. Therefore the nodes in
the routes found for both data traffic have available bandwidth
to guarantee or transfer nmltimedia real-time data packet.
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Abdstract—All  mobile nodes participating in a group
communicate with one another in the group through a shared
radio link without cable or backbone composes an infrastructure-
less network, called Mobile Ad hoc Network (MANET). Because
network topology may be changed at any time as result of
mobility of nodes and the failure of available routes, Quality-of-
Service (QoS) of real-time multimedia application may have
difficulty in satisfying their services. In this paper, we propose a
routing scheme for multimedia services called Modified Dynamic
Source Routing (MDSR) protocol. The MDSR selects the shortest
path by using power level. Our proposed scheme provides Jower
average delay and mean number of hop path {rom source to
destination than DSR protocol can provide.

Index Terms—Communication system routing, MANET,
Multimedin.

I. INTRODUCTION

In Mobile Ad Hoc Network (MANET). nodes communicate
with one another through shared, limited radio channel in peer
to peer fashion that makes MANET ro be an infrastucrure-less
network shown in Fig. 1. Moreover each mobile node or
mtermediate node in the mnetwork operates as routers
forwarding packet to other nodes in order to establish end-to-
end communication.

MANET can be categorized into flat architecture and
hierarchical architecture [8], called cluster. In flat architecture.
all nodes have the same rank, but in hierarchical architecture,
nodes are separated into masters and slaves. Master nodes,
cluster heads are selected among the nodes in the network and
the remaining nodes, slave nodes, register themselves in one
cluster of more cluster heads. A cluster head is responsible for
conmmmicating with its registered cluster nodes and
comnmanicating with other cluster heads in the network. By
contrast, Slave nodes in each cluster connmunicate with each
other via their respective master nodes.

All nodes in MANET can be moved freely or tuned off at
any time, so network topology may change rapidly and
unexpectedly. Therefore, the packets transferring from end-to-
end may be lost as the result of broken link of the availability
routes, Quality of Services (QoS) for MANET have been done
by many researchers [1], [2], such as QoS starting from
physical layer up to application layer [3]. QoS Medium
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Access Control (MAC), Genetic Algorithm QoS Routing
Method [5]. and QoS of Routing {4, 6, 7).

® Mobile node
!_' 5 Signal range

Ly Wireless link
Fig. 1. A Mobile Ad hoc Network

Multimedia stream and some real time applications are
delay-sensitive such as live voice and video conference. All
routing protocols do not differentiate real-time traffic and non-
real time traffic so in order to guarantee real-time traffic.
multimedia_stream we propose Modified Dynamic Source
Routing (MDSR) protocol which selects the shortest path
using higher power level. The remainder of this paper is
organized as follows: In section II. we describe all related
works and describe MDSR in Section III. In section IV, we
evaluate the performance of MDSR couparing with DSR.
Finally, the conclusion is given in Section V.

II. RELATED WORK

A. Current routing protocols

Due to the limited and shared resources in MANET, several
routing protocols have been developed or proposed in order to
adapt to the nature changes of wireless nenwork such as nodes
are mobile hosts, routes change frequently. and the topology is
unpredictable. These routing protocols [6] cau be classified
into three different groups, ie. global/proactive, on-
demand/reactive and hiybrid. Proactive routing protocols find



routes in the own maintaining route table in each node while
the reactive routing protocols find route only one node need to
send data to the other node. Hybnid routing protocols combine
both proactive and reactive routing protocols together. The
concept is that proactive is used in a cluster called zone
whereas reactive is used to find nodes out size. This kind of
routing protocol is used in hierarchical architecture.

1) Proactive routing protocols

Proactive routing protocols maintain information in a table
on each node about the routing to the other node in the
network. Although the topology of the network does not
changed, this information must be updated periodically. Many
proactive routing protocols have been proposed, for example,
Destination Sequence Distance Vector (DSDV), Wireless
Routing Protocol (WRP), Global State Routing (GSR). and
Optimized Linked State Routing (OLSR) and so on. These
protocols have some differences in term of maintaining
updating routing information in the table [6). There are pros
and cons in the proactive routing protocol. The advantage is
that when a node needs to send or forward data packets, route
can be immediately used and the disadvantage is that this
protocol allows significantly overhead and consumes
bandwidth in the network.

2) Reactive protocols

Unlike proactive routing protocols, the reactive routing
protocols create routes once a node wants to transmit data to a
destination. The source node initiates route discovery process
by flooding route query with in the network. When the
destination is reached. route reply request will be sent back to
the source. Once the route has been found. it is maintained
until either destination becomes inaccessible or the route is no
longer desired then route discovery process will be invoked
again. Several reactive protocols have been proposed such as
Dynamic Source Routing protocol (DSR). Ad hoc On-demand
Distance Vector (AODV), Light-weight Mobile Routing
(LMR). Temporary Ordered Routing Algorithm (TORA),
Relative Distance Micro-discovery Ad hoc  Routing
(RDMAR) [6] and so on. Those protocols can be classified
into two groups, source routing and hop-by-hop routing [6].
The advantage of reactive routing protocols is to overcome the
overheads, occurred in proactive routing protocols.

3) Hybrid routing protocols

When wireless network becomes larger, it 1s complex to
design routing protocols. All nodes in the network are
separated into groups. called cluster. All clusters form a
hierarchical infrastructure. In such network, hybrid routing
protocols, ie., combining proactive and reactive routing
protocols, are used in order to take advantages on these two
routing protocols where proactive maintains route in a cluster
and reactive maintains route between clusters. Several hybrids
routing protocols have been proposed such as Zone Routing
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Protoco! (ZRP), Zone-based Hierarchical Link State (ZHLS).
Distributed Dynamic Routing (DDR) and so on, but the most
popular protocol is ZRP.

B. Dynamic Source Routing Protocol (DSR)

Dynamic Source Routing (DSR) protocol is one of the most
popular on-demand routing protocols, proposed by David
AMaltz, David B.Johnson and Yin-Chun Hu. The puwrpose of
DSR is to reduce overhead and to provide highly reactive
services to help ensure successful delivery of data packets to
reach a destination even though topology of the network is
changed or there is another condition in the network.

The two common mechanisms of DSR protocol are:

1) Route Discovery

When a source node, wishing to send data packet to
destination node. Route Discovery will be processed only the
source node does not have a route to the destination. The
process of route discovery is first to check a suitable source
route in by searching routes in the route cache. previously
leamed. of the source node. If no route 1s found in its cache, it
will initiate the route discovery protocol by broadcasting route
request packet in order to find a new route to this destination.

When another node in the transmission range of the sender
receives this route query request, it checks if it is the target of
the route discovery. If so, it retums a route reply packet to the
sender, giving a copy of the accunlated route record from the
route request: when the sender receives this route reply packet,
it caches this route in its cache for the future use in sending
other packets to this destination If the node receiving the route
request packet is not the target then it checks the route request
packet if this packet is already seen or its address appeared in
the route list of route request, this node drop route request and
does not rebroadcast further. Otherwise, this node appends its
address to the route record in the route request packet and
propagates it by transmitting by transmitting it as local
broadcast packet.

2) Route Maintenance

When a route being used to send data packet from source
node to destination is broken, Route Maintenance is invoked
by the source node in order to detect the broken link. When
Route Maintenance indicates a source route is broken, the
source node can attempt any other route it happens to know to
the destination or the source node invokes route discovery
again in order to find a new route for the rest of the packets on
the source node to send to the destination node.

Both mechanisms of DSR protocol operate on-demand that
is different from other routing protocols, which use periodic
routing packet that causes overhead in the network. Moreovzr,
in DSR protocol, a node may leam and cache nmltiple routes
to any destination. This caching of multiple of routes avoids



the overhead of performing a new Route Discovery.

As briefly described all routing protocols above. the routing
of MANET can be classified as proactive routing protocols,
re-active routing protocol and hybrid routing protocol. These
routing protocols have pros and cons depending on network
environments and these routing protocols do not consider or
differentiate real-time traffic and non-real time traffic. So we
propose a routing scheme for multinedia services, Modified
Dynamic Source Routing protocol. which select the shortest
path using higher power level. The algonithm is desciibed in
the section IIL.

11I. Prorosep SCHEME: MODIFIED DYNAMIC SOURCE
ROUTING PROTOCOL

We propose a routing scheme for multimedia services
called Modified Dynamic Routing (MDSR) protocol. We
separate data transmissions into two groups. The first group is
priority transmission of real-time data stream which is delay-
sensitive data such as on-demand multimedia stream, video
conference etc.,. When this kind of traffic is applied and in
order to reduce query response time, MDSR protocol uses
larger transmission power level or in other words, the number
of nodes in the range of the source is increased. Therefore,
sowrce node can select one fastest node to forward route
request. The second group is non-real time data transmission,
which allows delay while transmitting. When this kind of
traffic is applied smaller transmission power level is used so
that energy can be saved.

Fig. 3 presents an example of the proposed routing scheme.
We can see that the dotted line (S-A-B-D) representing a
multimedia transnussion has shorter path than the route used
for non-real time data transmission that is represented by solid
line (S-K-L-M-N-D).

——> Non-real time
sesenened  Multimedia

Fig. 2. An example of proposed algorithm

As multimedia stream s on-demand and in order to adapt to
the dynamic topologies of MANET, DSR (1] is suitable for
this data traffic. There are two mechanisms of this proposed
scheme. The first mechanism is for a source node that wishes
to send data packets as follows:
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step 1) Check route in the Route Cache previously leamed
whether there is route to the destination to satisfy the
traffic. If found, the source node uses it.

step 2) Otherwise and if it is real-time traffic, the node sets
ligher power strength, else set lower power strength.

step 3) In MDSR, a packet has the following fields: packet-
type. source-add. dest-add, sequence#, route-list.
uaffic type, data. TTL. It places header to route
request packet such as source node address.
destination address, sequence number and traffic type
to differentiate traffic in the network.

step 4) Finally, the source node sends out route request
(RREQ) packet to its neighbors which can be
intermediate node or destination node.

The second mechanism is for an intermediate node or a
destination node that is to forward route request packet as
follows:

step 1) If the pair <dest-addr, sequence#> for this RREQ is
seen recently, drop route request packet.

step 2) If the address of this node appeared in the route-list in
the RREQ. we drop this RREQ.

step 3) Check whether the route request is searching for the
path for multimedia traffic or normal data traffic. If
multimedia traffic, the node set higher power level
strength otherwise set lower power strength.

step 4) Decrement TTL by one. If TTL counts down to zero,
we drop this RREQ. TTL can limit the length -of the
delivery path. However. this path will be difficult to be
maintained within a dynamic environment. In addition,
unlimited packet flooding will degrade the network
performance. The use of TTL can control the flooding
traflic.

step 5) Append the address of this node to the route-list to
track the route which the packet has traversed If this
node is destination, send route reply back to the source
otherwise re-broadcast this route request.

IV. SIMULATION AND RESULTS

A. Simulation Model and Parameters

We use network simulator called ns2 to analyze the
performance of the proposed scheme. The network consists of
5 nodes to 50 nodes that move randomly at maximum speed
2n1/s over an area 700x700 meters. The details of simulator
parameters are shown in Table [. We assume that packets can
be lost or corrupted in transmission and a node receiving these
corrupted packets can detect the error and discard them.

B. Simmlation Result

The result of simulation is shown in Fig. 3,.we can notice
that for multimedia transmission, the mean number of routing
hops is smaller than non-real time. Because we use a higher
transmission power level, the coverage area of each mobile
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node is extended. Thus. it makes possible to reduce average
number of routing hops. For example: as the number of mobile
nodes is increased from 5 to 50, mean number of routing hops
used for real-titne is smaller than mean number of routing
hops used by non-real time.

Tablel: Sinmlation Parameters

Parameters Values
Simulation Area 700 x 700
Number of nodes S 10 20 30 40 S0
Speed of nodes 0-2 nv's
Node movement Uniform distribution
Real-time 300 meters
Transmission
range | Non real-time 250 meters

Moreover as shown in Fig 4, the delay of multimedia stream
is always higher than the one of non-real-time traffic.
Therefore transferring data packets of multimedia traffic from
end-to-end nodes is faster than transferring data packets of
non-real time traffic.

As shown in Fig. 3 and Fig. 4 respectively, we can see that
when the number of nodes is increased, it does not mean that
the average number of hops path is increased or the delay is
ligher than the smaller number of hops because it depends on
the topologies of the network from time to time. Besides, a
farthest node is selected to forward packets which causes a
route used to be broken easily when the node moves so that it
reduces the throughput and a new route must be re-established
again.
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Fig. 3. Mean number of hop versus the umnber of mobile nodes

Anyway, from point to point of number of nodes in the
networks. we see that the average number of nodes path for
multimedia traffic is smaller than the average number of nodes
path for non-real time traffic. Not only that but also the delay
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of multimedia traffic is higher than non real-time traffic
because for multimedia data transinission, larger power level
is used, so the number of nodes in the coverage area is also
increased. Consequently it makes possibility for routing
algorithm to select one node which is near the edge of its
coverage area to forward multimedia data packet.

5 10 20 30 40 50
Nurrber of moble nodes

——DSR
——MDSR

Fig. 4. Average delay versus number of mobile node.

V. CONCLUSION

We proposed Modified Dynamic Source Routing Protocol
for Multimedia Services to support real-time traffic such as
multimedia or video stream. This proposed scheme selects a
shortest path for multimedia traffic by applying larger power
level because the delay is sensitive for such kind of traffic. On
the other hand, for non-real time traffic, this algorithm will use
smaller power level longer path for non-real time. We can
conclude that our propose schemes provides the lower mean
number of hops path for multimedia traffic than the mean
number of hops path for non-real time traffic. We also show
that our proposed scheme can provide lower delay for
multimedia traffic than the delay of non-real time traffic.

In the future works. we are going to consider the bandwidth
calculation during route query request. Therefore the nodes in
the routes found for both data traffic have available bandwidth
to guarantee or transfer multimedia real-time data packet.
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Appendix B

Bandwidth Calculation Modules

This section contains some important modules that are used in MDSR such as
bandwidth calculation, slot assignment, creating a reset packet and releasing slots being

reserved.
B.1 Bandwidth Calculation Module

This module is called when a node receives a route request packet in order to calculate
bandwidth from source node to this node. If no bandwidth available, then drop route request
packet. Otherwise rebroadcast route request packet. If the route request packet arrives at its
destination node, then this destination node processes slots information recorded in route
request packet. As result, slots being used by every node in path from source to destination are
assigned and this information is placed in route reply packet, which is sent back by the

destination node. The detail of this module is described in section 4.2.2.

unsigned int DSRAgent::bandwidthCalculation(SRPacket &p, int i) {
hdr_sr *srh = hdr_sr::access(p.pkt);
unsigned int link_BW=0,link_bw_i,bandwidth,bandwidth_size ,common_BW =0;
unsigned int common_LAST=0 ,common_BW_size =0, remain_BW_size=0;
unsigned int diffecrence_ BW1=0,difference_BW2=0;
unsigned int re_diff2=0,diff2=0,out_bw=0,bandwidth_re=0;
if(i=—1){ printf (" Error Never executed \n");
return srh->require_slot_array_list()(1];
}
else if (i=2) {
link_BW = srh->require_slot_array_list(){1] & srh->require_slot_array_listQ{2];
return link_BW,;
}
elseif (i>=3) {
i=i-1;
unsigned int link_bw_i = sth->require_slot_array_listQ[i+1] & srh->require_slot_array_list(){il;
bandwidth = bandwidthCalculation(p,i);
common_BW = bandwidth & link_bw_i;

common_BW_size = sizeb(common_BW);
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diff2 = bandwidth ~ common_BW;
difference_BW1 = sizeb(link_bw_i “*common_BW);
difference_BW?2 = sizeb(bandwidth * common_BW);
if ( difference_BW1 <= difference_ BW2) {
bandwidth_size = difference_BWI,;
remain_BW_size = difference_BW2-difference_BW1;
}
clse {
bandwidth_size = difference_BW2;
remain_BW_size = difference_BW1 - differcnce_BW2;
}
if ( ( remain_BW_size > 0) || (common_BW_size > 0)) {
if (common_BW_size <= remain_BW_size)
bandwidth_size = bandwidth_size + common_BW_size;
else {
bandwidth_size = bandwidth_size + remain_BW _size;
common_BW_size = ( common_BW_size - remain_BW _size)/2;
if ( common_BW_size > 0)

bandwidth_size= bandwidth_size + common_BW_size;

}
if ( bandwidth_size >= srh->require_b(}) { // compare bandwidth
if (difference_ BW2 >= srth->require_b() ) re_diff2 = selectDigit( diff2,srh->require_b());
else if (difference_ BW2 < srh->require_b() ) re_diff2 = diff2 |
selectDigit(common_BW,fullfil{difference_BW2,srh->require_b()));
else re_diff2 = selectDigit(common_BW,srh- >require_b());
common_LAST =re_diff2 & link_bw_i;
out_bw = common_LAST * link_bw_i; // might be error here
bandwidth_re = selectDigit(out_bw,srh->require_b());
}
else bandwidth_re = 0; //bn2
if (p.dest =net_id) {
if (i == 2) sth->require_slot_array_listQ[i-1] = re_diff2;
sth->require_slot_array_listQ[i] = bandwidth_re;
}

return bandwidth_re;

}
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B.2 Slot Reservation

When a node receives a route reply packet and its free slots (incoming and outgoing
slots) satisfy the bandwidth information placed in this packet which means that this node is able
to guarantee this connection, then some slots will be reserved according to the information in

route reply packet. The process of this reservation is in the module below.

void DSRAgent::assignedTimeSlotUsed(SRPacket& p, Time todayBandwidth,int nodeLocation){
/1 if nodelocation is at the first or at the end of a route then just assign
1/ else combine incoming and outgoing slot used.
hdr_sr *srh = hdr_sr::access(p.pkt);
int location = -1 , remain = -1;
location = findNodeLocation(p.route.dump());
if (location == 0) {
printf("Error assignedTimeSlot %s nodeid %s\n",p.route.dump(), net_id.dump());
goto stop;
}
if ( location == 1){ // take the first link_bw
assignedTimeSlotUsedMark(todayBandwidth,stringTolnteger(net_id.dumpQ),
p.route.BW_path_bandwidth(){location-1]);
}
else if ( location = p.route.length() ) { // take the (location -1 )th link_bw
assignedTimeSlotUsedMark(todayBandwidth,stringTolntcger(net_id.dump()),
p.route.BW_path_bandwidth(){location-2]);
}
else { // combine incoming and outgoing slot used.
unsigned int unionBw = p.route. BW _path_bandwidth(){location-2] |
p.route.BW_path_bandwidth()[location-1];
if ((unionBw < 0) || (unionBw >65535)) {
printf{("Dsragent Error union Bw %d node id %s route %s " unionBw,net_id.dump(),
p.route. dump());
}
assignedTimeSlotUsedMark(todayBandwidth,stringTolnteger(net_id.dump(), unionBw); -
}
stop: printf("Stop\n");
}
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B.3 Send Reset Packet

When a node receives any route reply packet, the node’s free slots do not satisfy the
slots information in route reply packet or in other word, this*node does not have enough
bandwidth to guarantee the call connection then this module (send reset packet) is called then a
reset packet is created and it is sent back to previous node in order to release its reserved slots

for this connection.

void DSRAgent::sendReset(SRPacket& p){
hdr_sr *old_srh = hdr_sr::access(p.pkt);
int location = -1;
if (p.route.fullQ) {
printf("Error sendReset \n");
return; // alas, the route would be to long once we add ourselves
}
SRPacket p_reset;
p_reset.src = net_id;
p_reset.dest = p.src;
p_resct.pkt = allocpkt() ; // 4444
hdr_ip *new_iph = hdr_ip::access(p_reset.pkt);
new_iph->daddr() = Address::instance().create_ipaddr(p_reset.dest.getNSAddr_tQ,RT_PORT);
new_iph->dport() = RT_PORT;
new_iph->saddr() = Address::instance().create_ipaddr(p_reset.src.getNSAddr_t(,RT_PORT);
new_iph->sport() = RT_PORT;
new_iph->ttl() = 255;
hdr_sr *new_srh = hdr_sr::access(p_reset.pkt);

new_srh->initQ);

location = findNodeLocation(p.route.dump());

if ((location = 0) || (Jocation > p.route.length()) ) printf("Error length or node id does not exist in

the route path \n");

p_reset.route.appendPath_reset(p.route,0,location);

for (int j = 0; j < location ; j++) {

p.route(j].fillSRAddr{new_srh->reset_addrsQ[j]); / copy from p.route to a new header

/fprintf("dsragent sendReset that is ok %d \n",p_reset.route.path_bandwidth(j]);
// that is ok because bandwidth of route is not useful in this case.

// what we need is information is placed in the header of the packet.
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// that is ok if data is inocorrect be cause bandwidth must be minus |

}
p_reset.route.length_reset() = location ; // set length to the route
new_srh->route_reset_len() = location; // increament 1
new_srh->route_reset_reset() = 1;

// this is RESET packet, sent back to release the slots that were assigned

/I propagate the request sequence number in the reply for analysis purposes
new_srh->rtreq_seq() = old_srh->rtreq_seq();
hdr_cmn *new_cmoh = hdr_cmn::access(p_reset.pkt);
new_cmnh->ptype() = PT_DSR;
new_cmnh->size() = IP_HDR_LEN;
p_.reset.route.rcverselnPlace();
p_reset.route.appendPath_reset_bw(p.route,0,location);
for (intz=1; z < location ; z++) {

new_srh->reset_slot_array_list()[z] = p_reset.route.path_bandwidth[z-1};
}
p_reset.route.resetlterator();
p_reset.route.fillSR(new_srh);
new_cmnh->size() += new_srh->size();
for( int m = 0; m < location -1; m++ ) {

printf("route copy %d route %s\n",p_reset.route.path_bandwidth[m}, p_resct.route.dumpQ);

}
double d = 0.0; //Random::uniform(RREQ_JITTER);

Scheduler::instance().schedule(this,p_reset.pkt,d);

B.4 Release Reserved Slots

Every node receives a reset packet (described in A.3), the node call the module below
to release its slots being reserved for this connection. The slots were reserved are incoming slots

and outgoing slots.
void DSRAgent::releaseSlot(SRPacket& p){
hdr_sr *srh = hdr_sr::access(p.pkt);
int location = 0, nodeld =-1;
unsigned int sum_bandwidth =0 ;
location = findNodeLocation(p.route.dump());

nodeld = stringTolnteger(net_id.dump());
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if{ p.dest == net_id ) { // packet has arrived at the destination

if ( location <=1) return;

else if ( location > p.route.length() ) printf ("Error desnitationr release slot location %d route

%s length %d\n",location,p.route.dump(), p.route.length());

else §

}

}else {

printf{"Release des %d node id %s route %s sth %d \n",
routeb{nodeld].free_slots,net_id.dump(), p.route.dump(),srh-
>reset_slot_array_list()[location -1]);

routeb[nodeld].free_slots = routeb[nodeld].free_slots | srh->reset_slot_array_list()
[location -1];

printf("after Release des %d node id %s route %s \n", routcb[nodeld).free_slots,net_
id.dump(), p.route.dump());

if ( routeb[nodeld).free_slots >65535 ) printf("Error Release slot \n");

if ( location <=1) return;

else if ( location > p.route.length() - 1) printf(*Error location reset\n");

else {

sum_bandwidth = sch->reset_slot_array_lisiQffocation] | sth->reset_slot_amray_list()
[location -1];

printf{"Release des %d node id %s routc %s srh %d \n",routeb[nodeld].free_slots,
net_id.dump(), p.route.dump(), sum_bandwidth);

routeb{nodeld].free_slots = routeb{nodeld].free_slots | sum_bandwidth;

if ( routeb[nodeld).free_slots >65535 ) printf{"Error Release slot \n");

}
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