
 i

LAPPEENRANTA UNIVERSITY OF TECHNOLOGY 

Department of Information Technology 

 

 

 

 

 

IP Multicast in Future Mobile Networks 

Master’s Thesis 

 

 

 

 

 

The subject of the thesis has been approved by the Department Council of 

the Department of Information Technology on 11th September, 2002 

 

 

Supervisors: Professor Jari Porras and Ph.D Jouni Ikonen 

 

 

Lappeenranta 11th February, 2003 

 

 

Pasi Tiihonen 

Lappeenranta University of Technology 

Lipiäläntie 668 

54100 Joutseno 

Finland 



 ii

ABSTRACT 
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Demand for mobility is continuously increasing while the users of the 

services are also becoming more nomadic. Combined with growing use of 

the Internet - and in that way IP- protocol - it is clear that mobility and IP 

will be merged. In this Thesis problems concerning IP multicast and 

mobile networks are studied and simulated using Network Simulator. The 

main problem considered was the group forming delay and it was 

simulated to examine how the delay, the interarrival rate of the Mobile 

Hosts and the timer value settings of the Scalable Reliable Multicast 

(SRM) protocol affect the number of the repair request packets and in that 

way to the number of retransmissions. Simulation results are presented in 

order to evaluate the effect of each parameter. Simulation results are 

adduced using cumulative distribution function curves. The results show 

that the timer settings of the protocol are crucial, while the group-forming 

delay has less importance. The final part of the Thesis contemplates the 

suitability of the SRM protocol to the mobile environment and includes 

preliminary suggestions, how the protocol could be improved.     
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Erilaisten IP-pohjaisten palvelujen käyttö lisääntyy jatkuvasti samalla, kun 

käyttäjistä tulee yhä liikkuvaisempia. Tästää syystä IP- protokolla tulee 

väistämättä myös mobiiliverkkoihin. Tässä diplomityössä tutkitaan 

mobiliteetin IP multcastingiin tuomia ongelmia ja simuloidaan niitä 

Network Simulatoria käyttäen. Pääpaino on ongelmalla, joka aiheutuu 

multicast- ryhmänmuodostusviiveestä. Tätä ongelmaa simuloidaan, jotta 

viiveen, mobiilikäyttäjien palveluunsaapumistaajuuden ja Scalable Reliable 

Multicast (SRM) protokollan ajastinarvojen asetusten vaikutus repair 

request- pakettien määrään ja sitä kautta suoritettavien uudelleenlähetysten 

määrään selviäisi. Eri parametrien vaikutuksen tutkimiseksi esitetään 

simulaatiotuloksia varioiduilla parametreillä käyttäen CDF- käyriä. 

Tulosten perusteella merkittävin tekijä uudelleenlähetyspyyntöjen kannalta 

on protokollan ajastimien arvot ja haluttu palvelun taso, viiveen 

merkityksen jäädessä vähäiseksi. Työn lopuksi tutkitaan SRM- protokollan 

soveltuvuutta mobiiliverkkoihin  ja pohditaan vaihtoehtoja toiminnan 

parantamiseksi. 
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1 INTRODUCTION 

 

The world of Telecommunication is continuously changing as a reaction to 

an increasing demand for new sophisticated services such as multimedia, 

personalised and mobile services and the globalisation which requests a 

universal access to a heterogeneous network environment. Wireless 

systems so far have been mainly designed to offer speech services as 

efficiently as possible. An example of this trend is one of the most 

successful mobile systems, GSM (Global System for Mobile 

telecommunication), which also offers some data oriented features. Today 

people would like to use their favourite services and applications 

independent of the place. High bitrate data- and multimedia services are 

penetrating into wireless systems. 

 

Future mobile systems, such as UMTS (Universal Mobile 

Telecommunications System) [1] started 2002 in Europe will be based on 

the idea of a service. At the highest level, the user can use the same 

services everywhere, at home with a desktop computer and for example in 

a car with some kind of a 'phone' or PDA (Personal Digital Assistant).  To 

achieve this goal, wireless and fixed networks must be merged into one 

global, very heterogeneous network, containing fast optical links and much 

slower cellular radio links.   

 

Future mobile systems also open new perspectives for service providers. 

Today value-added services for mobile hosts –such as SMS (Short 

Message Services) - are mainly provided by the teleoperator. When the 

Internet and mobile networks are merged using IP (Internet Protocol)- 

protocol, in theory everyone who has an Internet connection can provide 

services not only for the fixed Internet but also to mobile users. These 

services could be almost anything from simple World Wide Web solutions 

to high quality video or multimedia streams. Bandwidth available for 
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transmissions in radio links is limited, therefore scaling of services has to 

be done by decreasing quality. Despite that, same services can be used via 

mobile host. 
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2 IP MULTICAST 

 

2.1 Multicast basics 

 

Traditionally there have been  two modes to  communicate in computer 

networks; unicast where the message is sent point-to-point from the sender 

to the receiver and broadcast where the message is sent point-to-all from 

sender to all nodes in the network. A number of emerging network 

applications require the delivery of packets from one or more senders to a 

group of receivers.  These applications include bulk data transfer, 

streaming continuous media for example the transfer of the audio, video 

and text, shared data applications, data feeds and playing games. Each of 

these applications can be done by multicast by sending the packet from a 

sender to multiple receivers with a single point-to-group operation. 

Multicast, where the message is sent to a certain set of  receivers referred 

by a single identifier can be seen as an intermediate case between unicast 

and broadcast. [2] 

 

From a networking point of view, the multicast can be implemented in 

many ways. One possibility is for the sender to use a separate unicast 

transport connection to each of  the receivers. This requires no real 

multicast support from the network layer while multicast is emulated using 

point-to-point unicast  connections. This method has some drawbacks 

because the sender has to keep track on potentially huge set of independent 

recipients and duplicate data transmissions would occur wherever paths to 

separate recipients would go via the same network links.   

 

A second  alternative is to provide multicast support at the network layer.  

In this  approach, a single packet is transmitted from the sending host.  This 

packet is then replicated at a network router whenever the packet must be 

forwarded on multiple outgoing links in order to reach the receivers. This 
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method uses more efficiently network resources while only a single copy of 

a data packet will ever traverse a link.  

 

In multicast communication, there are two  basic problems; how to identify 

the receivers of a multicast packet and how to address a datagram sent to 

these receivers.  In unicast communication,  the IP address of the receiver 

is carried in each IP datagram but in the case of multicast that can not be 

done because the amount of addressing information could be huge causing 

the payload – actual information transferred - to be too small. That is why  

addressing of a multicast packet  is handled through indirection where a 

single identifier is used for the group of receivers, and a copy of the packet 

that is addressed to certain group is delivered  to all recipients associated 

with that multicast group.  

 

 

Multicast addressing 

 

IP Multicast uses Class D Internet Protocol addresses [3] to specify 

multicast host groups. In the Internet standard the host group addresses 

ranges from 224.0.0.0 to  239.255.255.255. Two types of group addresses 

are supported: permanent and temporary. Examples of permanent 

addresses, as assigned by the Internet Assigned Numbers Authority 

(IANA), are 224.0.0.1, the all-hosts group used to address all IP Multicast 

hosts on the directly connected network, and 224.0.0.2, which addresses all 

routers on a LAN. The range of addresses between 224.0.0.0 and 

224.0.0.255 is reserved for routing protocols and other low-level 

maintenance protocols. These reserved IP Multicast addresses are listed in 

RFC 1700 [4]. Class D address is illustrated in Figure 1. In Figure 2 four 

hosts shown in grey are associated with the multicast group address of 

226.17.30.197 and will receive all datagrams addressed to that multicast 

address. 
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Figure 1. Structure of the class D address 

 

 

 

 
Figure 2. Multicast group 226.17.30.197 

 

 

To send an IP Multicast datagram, the sender specifies an appropriate 

destination address, which represents a host group. IP Multicast datagrams 

are sent using the same operation used for unicast datagrams. Compared to 

sending of IP Multicast datagrams, reception of IP Multicast datagrams is 

much more complex, especially over a WAN (Wide Area Network). To 

receive datagrams, a user’s host application requests membership in the 

multicast host group associated with a particular multicast. This 

membership request is communicated to the LAN (Local Area Network) 
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router and, if necessary to intermediate routers between the sender and the 

receiver. As another consequence of its group membership request, the 

receiving host’s network interface card starts filtering for the hardware 

address associated with the new multicast group address. WAN routers 

deliver the requested incoming multicast datagrams to the LAN router, 

which maps the host group address to its associated hardware address and 

builds the message using this address. The receiving host’s network 

interface card and network driver, listening to these addresses, passes the 

multicast messages to the TCP/IP (Transmission Control Protocol/Internet 

Protocol) protocol stack, which makes them available as input to the user’s 

higher layer application. 

 

 

Time To Live (TTL) 

 

Each IP Multicast packet uses the time-to-live (TTL) field of the IP header 

as a limiting parameter. The TTL field controls the number of hops that a 

IP Multicast packet is allowed to propagate. Each time a router forwards a 

packet, it decreases its TTL. A multicast packet whose TTL has expired is 

dropped, without an error notification to the sender. This mechanism 

prevents needless transmissions to regions of the world wide Internet that 

exist beyond the subnets containing the multicast group members. 

 

 

Multicast Model 

 

The multicast model for the Internet is dynamic and location independent. 

This means that members of a multicast group may join or leave the 

multicast group dynamically, and that multicast is not tied to any place in 

the Internet. Members must explicitly join to a multicast group to receive 
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packets from that group, while send-only members do not need to join 

multicast groups in order to send packets to the group.[5] 

 

It is predicted that many of the services in future mobile networks will use 

multicast as a communication method. When using multicast, the service 

provider could send the service information to certain multicast group and 

end the user, who would like to buy that service could just join that 

particular group.  

 

 

2.2 Internet Group Management protocol (IGMP) 

 

The Internet Group Management protocol, IGMP  operates between a host 

and its directly attached router. IGMP  provides means for a host to inform 

its attached router that an application running on the host wants to join a 

specific multicast group. Multicast packets from the sources are relayed by 

routers, which should only forward them on to the local network if there is 

a recipient for the multicast group on that LAN. So IGMP is used by 

multicast routers to learn the existence of  group members on their subnets. 

It does that by sending IGMP queries and having IP hosts report their 

group memberships [6]. 

  

IGMP messages are  encapsulated in IP datagrams. IGMP has only two 

kinds of packets: Host Membership Query and Host Membership Report, 

with the same simple fixed format containing some control information in 

the first word of the payload field and a class D address in the second 

word. 
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To determine if any hosts on a local subnet belong to a multicast group, 

multicast periodically sends a hardware multicast IGMP Host Membership 

Query to all IP end nodes on its LAN, asking them to report the host 

groups memberships of their processes. This query is sent to the all-hosts 

group and a TTL of 1 is used so that these queries are not propagated 

outside of the LAN. Each host sends back one IGMP Host Membership 

Report message per host group, sent to the group address, so all group 

members see it. This is shown in Figure 3. 

 

 

 

 

 

 

 

Figure 3. IGMP messages in a LAN 
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When a higher layer process asks its host to join a new multicast host 

group, the driver creates a hardware multicast address, and an IGMP Host 

Membership Report with the group address is immediately sent. The host’s 

network interface is expected to map the IP host group addresses to local 

network addresses as required to update its multicast reception filter. Each 

host keeps track of its host group memberships, and when the last process 

on a host leaves a group, that group is no longer reported by the host. 

 

Periodically the local multicast router sends an IGMP Host Membership 

Query to the all-hosts group [6], to verify current memberships. If all 

member hosts would report memberships at the same time the result could 

be frequent traffic congestion. This is avoided by having each host delay 

their report by a random timer. If host detects a membership report for the 

same group from another host, it cancels report timer. As a result, only one 

membership report is sent in response for each active group address, 

although many hosts may have memberships. 

 

IGMP updates are used by multicast routing protocols to communicate host 

group memberships to neighbouring routers thus propagating group 

information through the Internet. IGMP is used to identify a designated 

router in the LAN for this purpose. The bandwidth needed to transmit host 

group information is relatively slight compared to the multicast application 

traffic but there are more even sophisticated methods enabling routers to 

determine dynamically how to best forward the multicast traffic. 
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2.3 Multicast routing 

 

IP Routing 

 

The Internet is composed of a vast number of subnetworks connected by 

routers. When the source of a message is located on one subnet and the 

destination is located on a different subnet, the network has to determine 

how to get the message from the source to the destination. This is the 

function of the IP Protocol. Each host on the Internet has an address that 

identifies its physical location; part of the address identifies the subnet on 

which it resides and part identifies the particular host on that subnet. 

Routers periodically send routing update messages to adjacent routers, 

conveying the state of the network as perceived by that particular router. 

This data is recorded in routing tables that are used to determine optimal 

transmission paths for forwarding messages across the network. 

 

Unicast transmission involves transmission from a single source to a single 

destination. Thus, the transmission is directed towards a single physical 

location that is specified by the host address. So the routing procedure, is 

relatively straightforward. 

 

 

Multicast Routing 

 

A multicast address identifies a particular transmission session, rather than 

a specific physical destination. An individual host is able to join an 

ongoing multicast session, by using IGMP to communicate with its subnet 

router. Easiest way to send data to multiple receivers would be for the 

source to maintain a table identifying all the receiving subnets participating 

in the session and to send a separate copy of the data to each receiving 
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subnet. This would be very inefficient use of bandwidth, since many of the 

data streams would follow the same path throughout the network. 

 

Many techniques have been developed to solve the problem of efficiently 

routing multicast traffic. Since the number of receivers for a multicast 

session can potentially be  huge, the source should not need to know all the 

relevant addresses. Instead the network routers must somehow be able to 

translate multicast addresses into host addresses. The basic principle 

involved in multicast routing is that routers interact with each other to 

exchange information about neighbouring routers.  

 

The goal of multicast routing then is to find a tree that connects all of the 

routers that have attached hosts belonging to the multicast group.   

Multicast packets will then be routed along this tree from the sender to all 

of the hosts belonging to the multicast tree. 

 

In practice, two approaches have been adopted for determining the 

multicast routing tree.  The two approaches differ  according to whether a 

single tree is used to distribute the traffic for all members in the group, or 

whether a source-specific routing tree is constructed for each individual 

sender [7]: 

 

Group-shared tree. In the group-shared tree approach, only a single routing 

tree is constructed for the entire multicast session. For example, the single 

multicast tree shown in  the left of Figure 4, connects routers A, B, C, E, 

and F. Multicast packets will flow only over those links shown in grey. The 

links are bi-directional, since packets can flow in either direction on a link. 

 

Source-based trees.  In a source-based approach, an individual routing tree 

is constructed for each sender. In a multicast group with N hosts, N 

different routing trees will be constructed for that single multicast group.      

Packets will thus be routed in a source-specific manner. In the right most 
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graph in Figure 4,  two source-specific     multicast trees are shown, one 

rooted at A and another rooted at B.   

 

 

 

 

Figure 4. Group-shared tree (left) and Source-based tree (right) 
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2.3.1 Multicast Routing using a Group-Shared Tree 

 

In case of a Group-Shared Tree, the multicast routing problem appears to 

be quite simple: find a tree within the network that connects all routers  

 

 Figure 5. Link cost 

 

 

having an attached host belonging to that multicast group.  The tree can 

contain routers that have attached hosts belonging to the multicast group as 

well as routers that have no attached hosts belonging to the multicast 

group. The tree should also have minimal "cost."  If we assign a "cost" to 

each link then an optimal multicast routing tree is one having the smallest 

sum of the tree link costs.  For example with link costs given in Figure 5, 

the optimum multicast tree  is shown in grey. 

 

The problem of finding a minimum cost tree is known as the Steiner Tree 

problem [8].  Solving this problem has been shown to be NP-complete, but  

the approximation algorithm has been proven to be close enough to the 

optimal solution.  
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An alternative approach towards determining the group-shared multicast 

tree, is based on the notion of defining a center node in the single shared 

multicast routing tree. In the center-based approach, a center node is first 

identified for the multicast group. Routers with attached hosts belonging to 

the multicast group unicast join-messages addressed to the center node.  A 

join message is forwarded using unicast routing towards the center until it 

either arrives at a router that already belongs to the multicast tree or arrives 

at the center.  In either case, the path that the join message has followed 

defines the branch of the routing tree between the edge router that initiated 

the join message and the center.  

 

 

2.3.2 Multicast Routing using a Source-Based Tree 

 

Source-Based Tree routing algorithms construct a  multicast routing tree 

for each source in the multicast group. The least cost unicast paths for each 

source can be calculated for example using Djikstra’s algorithm. The union 

of these paths forms a least cost path tree which is not the same as the 

minimum overall cost tree computed as the solution to the Steiner tree 

problem [9].  

 

The least cost path multicast routing algorithm is a link-state algorithm. It 

requires that each router knows the state of each link in the network in 

order to be able to compute the least cost path tree from the source to all 

destinations.  A simpler multicast routing algorithm, one which requires 

much less link state information that the least cost path routing algorithm, 

is the Reverse Path Forwarding (RPF) algorithm [10].  

 

The idea of reverse path forwarding is simple;  when a router receives a 

multicast packet with a given source address, it transmits the packet on all 



 20

of its outgoing links, except the one on which it was received, only if the 

packet arrived on the link that is on its own shortest path back to the 

sender. Otherwise the router simply drops the incoming packet without 

forwarding it on any of its outgoing links. Such a packet can be dropped 

because the router knows it either will receive, or has already received, a 

copy of this packet on the link that is on its own shortest path back to the 

sender. The reverse path forwarding does not require that a router knows 

the shortest path from the source to itself; it only needs to know the next 

hop on its unicast shortest path to the sender.  

 

RPF is illustrated in Figure 6.  If we suppose that the links in grey represent 

the least cost paths from the receivers to the source (A).  Router A initially 

multicasts a source S packet to routers C and B.  Router B will forward the 

source S packet it has received from A to both C and D.  B will ignore any 

source S packets it receives from any other routers. 

 

  

 
Figure 6. Reverse Path Forwarding (RPF) 

 

If we examine router C, we will notice that it receives a packet from the 

source S directly from A as well as from B.  Since B is not on C's own 

shortest path back to A, C will ignore any packets from the source S it 



 21

receives from B.  On the other hand, when C receives a packet from the 

source S directly from A it will forward the packet to routers B, E, and F. 

 

In this scenario problems occur when router D forwards packets to router 

G, even though router G has no attached hosts that are joined to the 

multicast group.  It is not so bad for the case where D has only a single 

downstream receiver, G  but if there were thousands of routers downstream 

from D, all of these thousands of routers would receive unwanted multicast 

packets. In fact the initial MBone [11], the first  global multicast network 

suffered precisely from this problem at first. 

 

The solution to the problem of receiving unwanted multicast packets under 

RPF is known as pruning.  A multicast router that receives multicast 

packets and has no attached hosts joined to that group will send a prune 

message to its upstream router.  If a router  receives prune messages from 

each of its downstream routers, then it can forward a prune message 

upstream. 

 

While pruning seems to be very simple operation, there are two matters to 

consider.  First, pruning requires that a router knows which routers 

downstream are dependent on it for receiving their multicast packets. This 

requires additional information beyond that required by RPF alone.  A 

second complication is more fundamental; if a router sends a prune 

message upstream then what should happen if a router later needs to join 

that multicast group?  Under RPF, multicast packets are pushed down the 

RPF tree to all routers.  If a prune message removes a branch from that 

tree, then some mechanism is needed to restore that branch.  One 

possibility is to add a graft message that allows a router to unprune a 

branch.  Another option is to allow pruned branches to time-out and be 

added again to the multicast RPF tree. Then a router can re-prune the added 

branch if the multicast traffic is still not wanted. 
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2.4 Multicast routing protocols in the Internet 

 

2.4.1 Distance Vector Multicast Routing Protocol (DVMRP) 

 

The first protocol developed to support multicast routing is called the 

Distance Vector Multicast Routing Protocol (DVMRP). It is described in 

RFC 1075 [12]. DVMRP constructs a different distribution tree for each 

source and its destination host group. Each distribution tree is a minimum 

spanning tree from the multicast source at the root of the tree to all the 

multicast receivers as leaves of the tree. The distribution tree provides a 

shortest path between the source and each multicast receiver in the group, 

based on the number of hops in the path, which is the DVMRP metric. A 

tree is constructed on demand, using a broadcast and prune technique, 

when a source begins to transmit messages to a multicast group. 

 

The approach used by DVMRP is to assume that every host on the network 

is a part of the multicast group. The router that has been selected to handle 

routing for all hosts on its subnet, begins by transmitting a multicast 

message to all adjacent routers. Each of these routers selectively forwards 

the message to downstream routers, until the message is eventually passed 

to all multicast group members. 

 

When a router receives a multicast message, it checks its unicast routing 

tables to determine the interface that provides the shortest path back to the 

source. If that was the interface over which the multicast message arrived, 

then the router enters state information to identify the multicast group in its 

internal tables and forwards the multicast message to all adjacent routers, 

other than the one that sent the message. Otherwise, the message is simply 

discarded. In fact this means that DVMRP uses Reverse Path Forwarding 

algorithm. The prune part of the protocol eliminates branches of the tree 
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that do not lead to a multicast group member. The Internet Group 

Management Protocol (IGMP), running between hosts and their 

immediately neighbouring multicast routers, is used to maintain group-

membership data in the routers.  

 

DVMRP works well for a multicast group that is densely represented 

within a subnet. However, for multicast groups that are sparsely 

represented over a wide-area network, the periodic broadcast behaviour 

would cause  performance problems. Another problem with DVMRP is the 

amount of multicast routing state information that must be stored in the 

multicast routers. All the multicast routers must contain state information 

for every source – group pair, either information designating the interface 

to be used for forwarding multicast messages or prune-state information. 

For these reasons, DVMRP is not scalable to support multicast groups that 

are sparsely distributed over a large  network. 
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Figure 7 Distance Vector Multicast Routing Protocol (DVMRP) 

 

Progression of messages is shown in Figure 7: 

 

1. In the first hop the message reaches router 1.  

2. In the second hop the message reaches routers 2,3, and 4.  

3. In the third hop router 3 forwards  the message to router 4 and vice 

versa. Each one just drops the message, because it did not arrive over 

the interface that gives the shortest path back to the source. Router 3 

also sends a prune message to router 1. Router 4 forwards the message 

to routers 5 and 8.  

4.  In the fourth hop the message reaches router 7. Router 7 realises it is a 

leaf router and there are no group members on its subnet, so it sends a 

prune message back to router 6, the upstream router. Router 6, in turn, 

sends a prune message to router 4.  
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 The resulting spanning tree: 

 

 
Figure 8. Spanning tree 

 

 

2.4.2 Multicast Open Shortest Path First (MOSPF) 

 

Multicast Extensions to OSPF (MOSPF) are defined in RFC-1584 [13]. 

Open Shortest Path First (OSPF) [14], which is a unicast routing protocol, 

routes messages along least-cost paths, where the cost is expressed in terms 

of a link-state metric. In addition to the number of hops in a path, other 

network performance parameters that can influence the assignment of a 

cost to a path include load-balancing information, quality of service, etc. 

 

MOSPF is intended to be used within a single routing domain, for example 

a network controlled by a single organisation. MOSPF is dependent on the 
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use of OSPF as the supporting unicast routing protocol, just as DVMRP 

includes its own unicast protocol. In an MOSPF network each router 

maintains an up-to-date image of the topology of the entire network. This 

link-state information is used to construct multicast distribution trees. 

 

Each MOSPF router periodically collects information about multicast 

group membership via IGMP. This information, along with the link-state 

information, is flooded to all other routers in the routing domain. Routers 

will update their internal link-state information based on information that 

they receive from adjacent routers. Each router, since it understands the 

topology of the entire network, can then independently calculate a least-

cost tree with the multicast source as the root and the group members as 

leaves. This tree is the path that is used to route multicast traffic from the 

source to each of the group members. All routers will calculate exactly the 

same tree, since they periodically share link-state information. MOSPF is 

not very scalable either, due to the periodic flooding of link-state 

information among the routers. 

 

MOSPF uses Djikstra’s algorithm to compute a shortest-path tree. A 

separate calculation is required for each source - destination group pair. To 

reduce the number of calculations a router only makes this calculation 

when it receives the first datagram in a stream. Once the tree is calculated, 

the information is stored for use in routing adjacent datagrams from that 

stream. This operation is illustrated in Figure 9. 
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Figure 9. Multicast Open Shortest Path First (MOSPF) 

 

 

Hops of MOSPF shown in Figure 9 are: 

1. MR 1, which is the multicastrouter connected to the source computes a 

tree and thus knows the members of group via IGMP and hence knows 

that the path to MR 4 is via MR 2, the path to MR 8 is via 5, etc.  

2. MR 2 computes a tree and determines that the path to MR 4 is direct, 

the path to MR 8 is via MR 5. MR 3 computes a tree and determines 

that the path to MR 9 is direct.  

3. MR 5 computes a tree and determines that the path to MR 8 is direct.  

 

This process is triggered by multicast transmission  and each router, when  

receiving a message, calculates exactly the same distribution tree as its 

predecessors and uses it to forward the message.  
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2.4.3 Core-Based Trees (CBT) 

 

The core-based tree (CBT) multicast routing protocol [15]  builds a bi-

directional, group-shared tree with single core or center.  A CBT router 

sends a unicast join_request message towards the tree core.  The core, or 

the first router that receives this join_request and itself has already 

successfully joined to the tree, will respond with a join_ack message. A 

constructed tree is maintained by having a downstream router send 

echo_request messages to its immediate upstream router.  The immediate 

upstream router responds with an echo_reply message. If a downstream 

router receives no reply to its echo_request, it will retry sending the 

message for a small number of times.  If no echo_reply is received, the 

router will prune the downstream tree by sending a  flush_tree message.  

 

 

2.4.4 Protocol Independent Multicast (PIM)  

 

The Protocol Independent Multicast  (PIM) routing protocol [16] 

encompasses two different multicast distribution scenarios.  In so-called 

dense mode, multicast group members are densely located, that is,  many or 

most of  the routers in the area need to be involved in routing multicast 

datagrams.  In sparse mode, the number of routers with attached group 

members is small compared to the total number of routers.  

 

In dense mode, since most routers will be involved in multicast, it is 

reasonable to assume that every router should be involved in multicast.  

Thus, an approach like RPF, which floods datagrams to every multicast 

router, unless a router prunes itself,  is suitable for this scenario. On the 

other hand, in sparse mode, the routers that need to be involved in multicast 

forwarding are few and far between.  In this case, a data-driven multicast 

technique like RPF, which forces a router to constantly prune to avoid 
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receiving multicast traffic is much less satisfactory.  In sparse mode, the 

default assumption should be that a router is not involved in a multicast 

distribution and the router should not have to do any work unless it wants 

to join a multicast group.  So the sparse mode approach can be seen as a 

receiver-driven versus the dense mode approach  being data driven. 

 

PIM accommodates this dense versus sparse duality by offering two 

explicit modes of operation: dense mode and sparse mode.  PIM Dense 

Mode is a flood-and-prune reverse path forwarding technique similar in 

DVMRP. Because PIM is protocol independent, it can interoperate with 

any underlying unicast routing protocol.  Therefore it’s RPF is slightly 

simpler, although slightly less efficient than DVMRP. 

 

PIM Sparse Mode [17] is a center based approach. PIM routers send join 

messages towards a rendezvous point (RP) to join the tree.  Like in CBT, 

intermediate routers set up the multicast state and forward the join message 

towards the rendezvous or center point.  Unlike CBT, there is no 

acknowledgement generated as a response to a join message. Join 

messages are sent periodically upstream to maintain the PIM routing tree. 

With PIM it is also possible to switch from a group-shared tree to a source-

specific tree after joining the RP.   

 

In PIM Sparse Mode the router that receives a datagram to send from one 

of its attached hosts will  unicast the datagram to the rendezvous point.  

The rendezvous point then multicasts the datagram via the group-shared 

tree. Whenever there are no routers joined to the tree, sender is notified by 

the rendezvous point that it must stop sending datagrams to the RP.  

 

These basic routing protocols are not efficient or scalable enough for use of 

modern services – maybe excluding PIM - so there is development work 

going on in many instances aiming to more adequate protocols for 

multicasting. Some of these will be examined later in this thesis. 
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3 MULTICAST IN MOBILE NETWORKS 

 

 

As mentioned earlier, multicast would be valuable service also for mobile 

hosts. But the provision of multicast services to them proves to be a very 

challenging problem for several reasons. First, even unicast routing for 

mobile hosts is a difficult problem thus the routing of datagrams intended 

for a mobile host changes whenever the mobile host changes location. 

Second, most of the existing multicast routing protocols – or proposals – 

like DVMRP and MOSPF implicitly assume stationary hosts when 

configuring the multicast delivery tree. Because the delivery trees 

established for static multicast could not be changed efficiently, the 

movement of a host after the tree is constructed can create problems. 

Finally the mobile computing environment itself adds additional 

complexity to the problem. For example in most wireless implementations 

network bandwidth is scarce, error rates are higher, movements can be 

frequent and the point of network attachment for a mobile user changes so 

that it might not always be possible to directly access a multicast router. 

 

 

3.1 IPv4 and mobility 

 

Limited mobility and Internet-connectivity can be provided using Mobile 

IP. Mobile IP allows the mobile node to use two IP addresses, the home 

address, which is static, and the care-of address that changes at each new 

point of  attachment to network. Because of the home address mobile node 

is continually able to receive data on its home network, where Mobile IP 

requires the existence of a network  node known as the home agent (HA). 

Whenever the mobile node is not attached to its home network, the home 

agent gets all the packets destined for the mobile node and delivers them to 
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the mobile node's current point of attachment, where network node called 

foreign agent (FA) receives them and forwards to the terminal [18] 

 

Whenever the mobile node moves, it has to register its new care-of address 

with its home agent. The registration process begins when the mobile node, 

possibly with the assistance of a foreign agent, sends a registration request 

with the care-of address information. When the home agent receives this 

request, it adds the necessary information to its routing table, approves the 

request, and sends a registration reply back to the mobile node. This is 

illustrated Figure 10.  

 

 

 
Figure 10. Registration process [19] 

 

 

 

To get a packet to a mobile node from its home network, the home agent 

delivers the packet from the home network to the care-of address. The 

delivery requires that the packet is modified so that the care-of address 

appears as the destination IP address. When the packet arrives at the care-

of address, the reverse transformation is done by the foreign agent so that 
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the packet once again appears to have the mobile node's home address as 

the destination IP address.   

 

When redirecting packets from the home network to the care-of address , 

the home agent constructs a new IP header that contains the mobile node's 

care-of address as the destination IP address. This new header then 

encapsulates the original packet so that the mobile node's home address is 

transferred transparently having no effect on the encapsulated packet's 

routing until arriving to the foreign agent. Such encapsulation is also called 

tunnelling. This is illustrated Figure 11. 

 

 

 

 
 

Figure 11. Encapsulation process [19] 

 

 

 

Mobile IP supports only limited mobility without encountering problems. 

This is because registering of care-of address and thus routing is relatively 
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slow operation. Therefore mobile IP is used rather in fixed networks –or 

wireless LAN (WLAN) environments- when host is plugged into fixed 

network from different location or via different WLAN than with cellular 

networks where cell’s diameter can be really small and location updates are 

frequent. 

 

 

3.2 Challenges of mobile multicast  

  

In mobile environment the network not only must manage multicast group 

membership and establish the necessary routes, but also struggle with the 

fact that the routes established may be very temporary. Since network has 

to deal with dynamic group membership and also with dynamic location 

characteristics of mobile hosts. Basically this is why  multicast in a mobile 

environment so demanding. 

 

 

3.2.1 Moving mobile host    

 

If we assume that a set of mobile hosts (MH) belong to a certain multicast 

group, it is probable that these MH's will be located in different cells in a 

cellular network. In principle there are three different kind of moves [20], 

which MH can do. In the first type of move, a MH moves from cell c1 into 

cell X. Cell X does not contain any  MH's from that certain multicast group 

and therefore it has to join to the group and start receiving – and 

forwarding - multicast transmission. This kind of move is illustrated in 

Figure 12. 
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Figure 12. Mobile host moves from cell c1 to cell X    

 

  

In the second type of move, the MH moves from cell c2 into cell Y and 

immediately continues into cell c4. In this case cell Y initially joins 

multicast group but leaves group right after the MH enters cell c4. This 

move is shown in Figure 13. 

 

 

 

Figure 13. Mobile host moves to cell c4 via cell Y 
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 The third type of move is one where the MH moves from cell c3 to cell c2 

both of which belong to the multicast group considered. This move is 

shown in Figure 14. 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 14 Mobile host moves from cell c3 to cell c2  

 

 

In typical system there can be hundreds of MHs belonging to the same 

multicast group. If most of them roam, situation  where MHs randomly and 

frequently enter and leave cells will probably occur. This continuous 

movement has to be considered while determining bandwidth allocation 

policy; at every point of time the cell should be able to deliver multicast to 

the mobile hosts in its territory with the promised quality of service. Thus 

the problem of adequate bandwidth occurs also in single cells. For example 

we can consider a situation where almost all of the bandwidth available in 

the cell is already used by the MHs belonging to same multicast group in 

that area. Now, when new MH which belongs to that same multicast group 

enters the cell, there might not be enough transmission capacity left to 

deliver multicast to it. These problems should  be somehow decided when 
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choosing the bandwidth allocation policy; whether to lower the quality of 

service for all MHs, deny service from some MHs or execute some other 

method for distributing multicast to all MHs required. 

 

 

3.2.2 Synchronisation problem 

 

When a mobile host (MH) moves between cells, a synchronisation problem 

can occur. Because of the latency of the handover, routing and other 

network related operations, MH can fall behind in receiving multicast 

transmission and loose some information. 

 

When moving between cells which are using different bandwidths, MH 

might also experience the fall behind phenomenon when moving to a 

slower cell or get duplicates when moving to a faster cell. When several 

this kind of moves are done to a slower and slower cell or to a faster and 

faster cell, the total amount of data lost or duplicated can be considerable. 

 

To better illustrate this problem of mobility in the cell level, let us consider 

the third type of move shown in the Figure 14. In practice there will be 

some amount of bandwidth allocated to the cells c2 and cell c3. If  the 

bandwidth in cell c2 is higher than the bandwidth in cell c3  the multicast 

transmission is some amount of bits or even bytes further in c2 and when 

mobile host moves to c2 from c3  it will lose this "bandwidth of c2 minus 

bandwidth of c3 “-  information  even though the move itself is considered 

instant. Vice versa, when mobile host moves from cell c2 to cell c3 – now 

from a higher bandwidth cell to a lower bandwidth cell –   it receives 

exactly the same transmission in cell c3  which it already received in faster 

cell c2 before the cell change.  
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Synchronisation problem could be solved in many different ways. For 

instance, one can buffer multicast transmission in MH, synchronise BS's 

(Base Station) or buffer transmission in BS's.  If buffering in BS's is used, 

MH could use unicast while "catching up" or "slowing down" until 

transmission received is synchronised with the rest of the group and MH 

can start listening to a multicast channel. 

 

 

3.2.3 Number of multicast channels used 

 

In the mobile environment, where information is transferred via radio links, 

it's probable that errors will occur. Because of these errors, it could be wise 

to send the same multicast in n multicast channels. The problem is to 

decide, which is the "correct" value of n to guarantee best possible QoS and 

still preserve the efficiency of the multicast.  

 

After discovering the general optimal number of slots used to send the 

same multicast transmission, it should be easy to decide, how many 

multicast slots should be used for a given error rate. 

 

 

3.2.4 Cell size and transmission characteristics 

 

It has to be remembered that mobile users will not only use multicast but 

also unicast. For example at first MH uses unicast to order some kind of 

multicast service, receives that for a while, then uses unicast again maybe 

for speech or to order another multicast service, then again receive 

multicast and so on (Figure 15). 
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Figure 15. Fluctuating use of multicast and unicast 

 

 

 

This multicast-unicast fluctuation sets limits for reasonable cell size. In 

bigger cells multicast is more efficient and larger number of MH's could be 

served but when MH's switch to unicast there could occur capacity 

problems. Because of this, all bandwidth available can not be used for 

multicast transmission although it would be the most efficient solution 

concerning the amount of MH's served.  

 

 

3.2.5 Forming of the multicast group 

 

The problem of forming – or  the simplest version of the problem; joining 

to a certain group - a multicast group is one of the main problems in mobile 

multicast. For example, when several MH's belonging to same multicast 

group move from cell A to cell B, it will take some time T, before multicast 

group is formed again in cell B and MH's can start receiving multicast 

transmission. Especially if MH's are moving fast, there could be problems 

because the group forming time T sets limits for the minimum cell size. In 

the worst case MH's pass through the cell so fast, that a multicast group is 

not formed (Figure 16). The simplest version of the problem  occurs, when 

MS joins to a certain multicast group; there will be some amount of delay.   
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MH may also  experience a period disconnection or fade when it moves 

from cell to cell another. In this case -even if the bandwidth in both cells is 

equal - the MH entering cell will notice that it has not received all the bytes 

from the multicast, because some bytes were lost during the fade. Of 

course the same problem of fading can happen in the same cell, when MH 

incidentally looses its connection to the cellular network. This is somewhat 

similar problem as delays experienced in handoffs and group joining. 

 

 

 

Figure 16. Moving multicast group 
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4 RELIABILY AND SCALABILITY OF MULTICAST 

 

As perceived that providing of adequate quality of service (QoS) is one of 

the main problems considering multicast in a network environment 

containing mobile hosts. QoS problem can be divided into smaller fraction 

problems, such as bandwidth allocation policy etc. When adding 

complexity of the fixed Internet, we are approaching the core of the 

problem; multicast protocol used should be scalable since multicast group 

can contain fixed and mobile hosts all over the Internet and cellular -or 

wireless- networks and when the user buys some kind of service, he should 

also be able to get the service promised and paid.  

 

Reliable unicast in the Internet is provided by using Transmission Control 

Protocol (TCP). Unlike the unicast case where requirements for reliable 

data delivery are somewhat general, different multicast applications may 

have different requirements for reliability; for example some applications 

have many or all members of the group sending data while others have 

only one data source. These differences affect the design of a reliable 

multicast protocol. 

 

 

4.1 Reliability in protocols 

 

In any reliable protocol some party must be responsible for loss detection 

and recovery. In unicast communication either sender or receiver can take 

this role, In TCP, the sender times transmissions and retransmits same 

datagram until an acknowledge is received [21]. This method is shown to 

work well in unicast. But if  TCP style sender based approach is applied to 

multicast  problems will arise. While datagrams trigger acknowledgements 

from all the receivers, the sender could be congested because of the vast 

amount of acknowledgements received. Also if  the sender is responsible 
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for reliable delivery, it should keep track on the changing group of active 

receivers and the state of them. Since IP multicast model states that data is 

send to the multicast group not to set of receivers this task can disclose to 

be impossible. Finally the algorithms used to adapt to changing network 

environment tend to be useless in case of a multicast. For example, how to 

compute round-trip time estimate to retransmit timer, when the propagation 

time can vary among different receivers? 

 

The problems illustrated above denote that point-to-point, sender based 

control method does not scale well for multicast communication. Because 

members of a multicast group have different transmission paths and may 

join or leave group at any time,  the coupling of sender-receiver pair as in 

unicast can not be generalised to multicast. So it can be assumed that 

receiver based reliability assurance is  much better method for multicast. 

 

When trying to apply unicast methods for multicast communication we 

also face the problem of  conversation procedures between sender and 

receiver used to describe their progress of communication. A receiver can 

request retransmission either in application data units or in terms of the 

shared communication state. Since in multicast communication the state 

synchronisation is much weaker and more diverse, using shared 

communication state no name data does not work well. For example, if a 

receiver joins to a group later, it receives some sequence of datagrams. 

While it does not know, what it has missed, it can not do anything with the 

data received nor make an intelligent request for retransmission. 

 

To overcome restrictions of a unicast model, there have been many 

proposals and implementations. In 1990 protocol model called Application 

Level Framing (ALF) was proposed by Clark and Tennenhouse [22]. This 

model explicitly includes an application's semantics in the design of that 

application's protocol. Later lightweight rendezvous mechanism based on 

the IP multicast distribution model was elaborated to it with a notion of 
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receiver based adaptation for unreliable real time applications. The result of 

this elaboration is known as LightWeight Sessions (LWS) [23] and has 

successfully been used in designing large scale conferencing applications. 

The principles of ALF and LWS are have been proven useful in further 

development of reliable multicast protocols, such as Scalable Reliable 

Multicast (SRM). 

 

 

4.2 Scalable Reliable Multicast (SRM)  

 

SRM is a reliable multicast framework intended for applications that share 

following assumptions [24]: 

 

?? All data has a persistent, unique name consisting end host's Source-ID 

and a locally unique sequence number. 

?? The name always refers to the same data. 

?? Source-ID is persistent across invocations of application, so that user 

can leave group and rejoin maintaining ownership of any data created 

before leaving the session. 

?? IP multicast datagram delivery is available. 

?? All participants join to the same multicast group so that there are no 

distinction between senders and receivers 

 

In SRM, always when a member of a multicast group transmits data, it is 

seen as a multicast by the rest of the group. Each member is also 

individually responsible for detecting loss and requesting retransmission. 

Because it is possible that the last datagram of a sequence is dropped, each 

member multicast periodic session messages that announce the highest 

sequence number received. Session messages also contain timestamps 

which are used to estimate the distance from each member to every other. 
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To prevent the explosion of the control packets sent from receivers to the 

multicast group, receivers use multicast control packets designed in the 

Xpress Transport Protocol (XTP) [25]. In XTP receivers wait for a random 

time before sending a control packet and refrain from sending it, if they 

notice a control packet from another receiver with the same information. 

SRM uses similar mechanisms to control the sending of a request or repair 

datagrams. As a difference to XTP, in SRM the random delay before 

sending request or repair datagram is a function of the group member's 

distance in seconds from the node that triggered the request or repair. 

  

Like the original data, repair requests and retransmissions are send as a 

multicast to the whole group. So, although many hosts may all have lost the 

same datagram, a host closest to the point of failure is likely to timeout first 

and multicast the request. When other hosts, who also lost that same 

datagram hear the request they suppress their own requests. Request can be 

answered by any host having a copy of the requested data. When 

answering, the host sets up a repair timer and sends data, when the timer 

goes off. Other hosts that also had the missing data and scheduled repair 

transmissions  will cancel their repair timers, when they notice the 

multicast from the first host. In ideal case, lost datagram triggers only one 

request from the host just downstream from the point of failure and a single  

repair from the host just upstream from the point of failure. 

 

 

Session messages   

 

Each member of a certain group multicasts periodic session messages that 

report the sequence number state for active sources. These session 

messages enable receivers to detect the loss of the last datagram in a burst 

and make it possible for the sender to monitor the status of the receivers. 

Members of a group can also use session messages to determine the current 
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participants of the session. The generation rate of the session messages is 

dynamically adjusted in proportion to the multicast group size. 

 

 

Loss recovery              

 

The loss recovery algorithm provides the means for reliable data delivery 

[24]. In SRM group members, who detect a loss, wait for a random time 

and then transmit their repair request trying to cancel requests from other 

hosts sharing the same loss. These repair requests differ from traditional 

negative acknowledge in two ways: they are not addressed to a specific 

sender and they request data using its unique name.  

 

 

Request and repair for  Chain topology    

 

The chain topology is illustrated in Figure 17, where all nodes in the chain 

are members of the multicast group. In the chain topology, simple, 

deterministic loss recovery algorithms can be used.  

 

 

Figure 17. SRM chain- topology 
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Assume that  source S multicasts a datagram that is dropped on link L and 

the second datagram sent from the source S is not dropped. Hosts right 

from the point of failure will notice the loss after receiving the second 

packet from the source S.  The first node on the right side of L notices the 

loss first and multicasts the request after request timer goes off. Now other 

nodes on the right side receive the request and cancel their own requests.   

 

On the left side, first node from the point of failure receives the request and 

multicasts the repair, which is then received by all the nodes right from the 

point of failure. In this way the number of requests and repairs are 

suppressed and the furthest node will receive repair sooner than if it had to 

rely on its own unicast communication with the original source. 

 

 

Request and repair for  Star topology   

 

In the start topology illustrated in Figure 18 it is assumed that all links are 

identical and the center node does not belong to the multicast group.  In the 

star topology, setting the request timer as a function of the distance from 

the source is not essential; all nodes detect the loss at the same time. 

Instead, randomisation which can prevent explosion of the control packets 

is an essential feature for the star topology. 
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        Figure 18. SRM star- topology 

 

 

Assume that the first packet from the node S is dropped on the adjacent 

link. All other members of that multicast group will detect the loss almost 

at the same time, depending on the distance. Thus the request timer would 

go off almost at the same time in each node and all nodes would send their 

requests which could cause congestion. So it is necessary to randomise 

timers using adequate parameters. But when the number of the requests is 

reduced by randomising timer parameters, the expected delay until the first 

request is sent increases. The optimum balance lies somewhere between 

high number of request and long delays. 

 

 

 

 

 



 47

Request and repair for  Tree topology         

 

In the tree topology, both recovery algorithms, distance dependent timers 

and parameter dependent randomisation are used. The request timer value 

should be a function of distance to enable requests and repairs to suppress 

further request -or repairs - from the lower leafs of the tree. In addition it is 

useful to use randomisation to prevent request or repair packet explosion 

from nodes that are at an equal distance from the source of the dropped 

packet or from the source of the first request. Thus, behaviour of the 

recovery algorithm in the tree topology principally depends on the distance 

of the sender from the point of failure. 
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5 SIMULATIONS   

 

The simulation part of this thesis concentrates on simulating the problem of 

delay in forming of the multicast group. This problem is  introduced in 

theoretical part in chapter 3.2.6. Simulations are done using Network 

Simulator (NS). 

 

 

5.1 Network Simulator (NS)  

 

Network Simulator (NS) [26] is freeware simulator developed in 

University of Berkeley as a variant of a REAL network simulator which 

was developed in the Cornell University. REAL is a network simulator 

originally intended for studying the dynamic behaviour of flow and 

congestion control schemes in packet-switched data networks. NS is a 

hybrid of C++ and OTcl (Object Tcl) programming languages. OTcl works 

mainly as a configuration and command interface but is also a part of a 

implementation of NS. This 'two language'- dilemma is also origin of the 

some problems encountered in NS; while C++ has to be compiled, OTcl is 

interpreted. Both languages have their own class hierarchies, which may be 

concurrent or complements for each other.   

 

NS is an event based simulator, where a scheduler activates events 

sequentially. When simulations were made, there were four different 

schedulers which use different data structures implemented in NS.  Usually 

the scheduler selects the next event from the event queue and finishes it. 

After that the next event is taken and so on. There are no parallel 

operations in NS. If two or more events have same starting time, scheduler 

selects event, which was first put into event queue. 
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NS evolves continuously and its further development is done in many 

research groups all over the world. The version of NS used is 2.1b6 and it 

is freely distributed in Berkeley's World Wide Web page 

(http://mash.cs.berkeley.edu/ns/ ).  Although this continuing evolution definitely 

enrichments the simulator and new features are added almost at daily 

basics, this also leads to some problems. Some parts of the simulator may 

not be compatible with others and with some components there are no 

sufficient documentation available.  

 

 

5.2 Structure of NS 

 

A NS simulated network is build from three basic part: node, link and 

agent. Links are used to connect nodes and with these two particles, the 

topology of the network to be simulated is formed. Nodes represent traffic 

sources or receivers or actual network nodes like routers or switches. Links 

work in simplex mode so if duplex connections are wanted, it has to be 

done using two simplex links as duplex link, one for each direction. Agents 

represent connection endpoints, where packets are received or transmitted. 

In practise this means that different protocol layers are implemented using 

agents. One network node can contain one or more agents, so for instance 

one node can simulate several different protocols. 

 

 

5.2.1 Node  

 

Node is a parent class and thus has no forefathers or inherited methods or 

fields but has some child classes. The inheritance of the classes is shown in 

Figure 19.   
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Figure 19. Inheritance tree of the class node [27] 

 

 

 

Nodes contain several independent objects, such as a classifier, having 

their own definite assignments. For instance,  a classifier provides a way to 

match a packet against some logical criteria and retrieve a reference to 

another simulation object based on the match results. Each classifier 

contains a table of simulation objects indexed by the slot number. The job 

of a classifier is to determine the slot number associated with a received 

packet and forward that packet to the object referenced by that particular 

slot. The structure of the node is illustrated in Figure 20 
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Figure 20. The structure of the node [27] 

 

 

Nodes functionalities are implemented using methods. There are over 70 

different methods in Node. Class node supports both unicast and multicast 

simulation.  By default, nodes in NS are constructed for unicast 

simulations. In order to create nodes for multicast simulation, the class 

variable 'EnableMcast_', should be set to 1 before any nodes are created: 

 
\begin{program} 
        Simulator set EnableMcast_ 1 
\end{program} 
 

 

5.2.2 Link    

 

Link is also a parent class but has only one child, 'SimpleLink'  which itself 

can have several child classes. Inheritance tree of a link is shown in Figure 

21. 



 52

 

 

 
Figure 21. Inheritance tree of the class  Link [27] 
 
 
 
Link is also constructed from several independent objects, such as 'queue_' 

which is a reference to the main queue element of the link. Simple links 

usually have one queue per link. Other more complex types of links may 

have multiple queue elements in the link. The class Link is implemented 

entirely in OTcl. But for instance, the OTcl SimpleLink class uses the C++ 

LinkDelay class to simulate packet delivery delays. Like class Node, class 

Link has many methods to provide desired activities.  

 

The creation of the links in NS is very simple and can be done with one 

command line such as: 

 

 $ns simplex-link (node0) (node1) (bandwidth) (delay) (queue_type) 

 
The parameters for the link are bandwidth given in mega- or kilobytes or 

bits. Delay can be given in milli-, nano-, or picoseconds. For queuing there 

are many different implementations in  NS, such as drop-tail (FIFO) 

queuing and variants of Fair Queuing including, Fair Queuing (FQ), 

IntServLink

FQLink

CBQLink

SimpleLink

Link
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Stochastic Fair Queuing (SFQ), weighted fair queuing (WFQ) and Deficit 

Round-Robin (DRR).   

 

 

5.2.3 Agent  

 

In NS agents are used  in the implementation of protocols at various layers. 

So agents execute different tasks in different protocols. Part of the agents is 

implemented using OTcl and part with C++. This kind of solution can 

cause problems, when trying to aggregate different functionalities to same 

node.  Vast amount of agents has been implemented in NS, although most 

of them are TCP (Transmission Control Protocol) variants. 

 

The simplest agent is 'Agent/Null' which discards packets it receives. This 

agent can be used for example in receiving UDP (User Datagram Protocol) 

packets, because they do not need any acknowledgements. The inheritance 

tree of a 'Agent/Null' is shown in Figure 22. 

 

 

Figure 22. Inheritance tree of the class Agent/Null  
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The internal state of an Agent can be modified by use of Tcl 'set' function 

and any Tcl functions an Agent -or its base classes- implements. But some 

of an Agent's internal state may exist only within OTcl, and is thus is not 

directly accessible from C++. 

 

 

5.3 NS and multicast  

 

Multicast forwarding requires enhancements to the nodes and links in the 

topology. Therefore, the user must specify multicast requirements to the 

Simulator class before creating the topology. This is done in one of two 

ways: 

 

 

begin{program} 
        set ns [new Simulator -multicast ignored_flag] 
 or 
        set ns [new Simulator] 
        $ns multicast ignored_argument 
end{program} 
 

 

When multicast extensions are thus enabled, nodes will be created with 

additional classifiers and replicators for multicast forwarding, and links 

will contain elements to assign incoming interface labels to all packets 

entering a node. 

 

The method 'mrtproto' in the class Simulator specifies either the route 

computation strategy, for centralised multicast routing, or the specific 

detailed multicast routing protocol that should be used. For detailed 

multicast routing, 'mrtproto' will accept, as additional arguments, a list of 

nodes that will run an instance of  that routing protocol. Multiple multicast 



 55

routing protocols can be run at a node, but in this case the user must 

specify which protocol owns which incoming interface. 

 

The agents use the instance procedures 'join-group' and 'leave-group', in the 

class Node to join and leave multicast groups. These procedures take two 

mandatory arguments. The first argument identifies the corresponding 

agent and second argument specifies the group address. 

 

 

Multicast protocol support in NS 
 

The centralised multicast is a sparse mode implementation of multicast 

similar to PIM-SM. A Rendezvous Point (RP) rooted shared tree is built for 

a multicast group.  The actual sending of prune, join messages etc. to set up 

state at the nodes is not simulated.  A centralised computation agent is used 

to compute the forwarding trees and set up multicast forwarding state at the 

relevant nodes as new receivers join a group.  Data packets from the 

senders to a group are unicast to the RP. 

 

The Dense Mode protocol is an implementation of a dense-mode like 

protocol.  Depending on the value of DM class variable 'CacheMissMode' 

it can run in one of two modes.  If 'CacheMissMode' is set to 'pimdm' PIM-

DM-like forwarding rules will be used.  Alternatively, 'CacheMissMode' 

can be set to 'dvmrp' based on DVMRP. The main difference between these 

two modes is that DVMRP maintains parent-child relationships among 

nodes to reduce the number of links over which data packets are broadcast.  

 

Sparse mode is a version of a shared-tree multicast protocol.  Class variable 

array 'RP\_' indexed by group determines which node is the RP for a 

particular group.  At the time the multicast simulation is started, the 

protocol will create and install encapsulator objects at nodes that have 
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multicast senders and decapsulator objects at RPs and connect them.  To 

join a group, a node sends a graft message towards the RP of the group.  To 

leave a group, it sends a prune message.  The protocol currently does not 

support dynamic changes and LANs. 

 

Bi-directional Shared Tree Mode is an experimental version of a bi-

directional shared tree protocol.  As in shared tree mode, RPs must be 

conFigured manually by using the class array 'RP\_'.  The protocol 

currently does not support dynamic changes and LANs. In addition to these 

'traditional' multicast protocols, SRM chain and star topologies are 

currently supported in NS. 

 

 

5.4 NS and mobility 

 

There are two ways to execute mobility in NS; CMU's (Carnegie Mellon 

University) Monarch group's mobility extensions which was used in the 

Monarch project in the School of Computer Science at Carnegie Mellon 

University [29]   and Charlie Perkins' Mobile-IP extensions [28]. Both of 

them are briefly examined. 

 

 

5.4.1 CMU's wireless model 

 

The wireless model consists of the MobileNode at the core, with additional 

supporting features that allows simulations of multi-hop ad-hoc networks 

or wireless LAN. The Mobile Node object is a split object. The C++ 

implemented MobileNode is derived from 'Node'. So, in principle it is the 

basic Node object with added functionalities of a wireless and mobile node 

such as ability to move within a given topology, ability to receive and 

transmit signals to and from a wireless channel. The main difference 
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between them is that a MobileNode is not connected with Links to other 

nodes or mobile nodes.  

 

The two ad-hoc routing protocols that are currently supported are 

Destination Sequence Distance Vector (DSDV) and Dynamic Source 

Routing (DSR). The creation of  a mobile node depends on which routing 

protocol it would be using.  

 

The mobile node is designed to move in a three dimensional topology. 

However the third dimension is not used. So, the mobile node is assumed 

to move always on a flat terrain. The mobile node has X, Y, Z(=0) co-

ordinates that is continually adjusted as the node moves.  

 

There are two mechanisms to induce movement in mobile nodes.  In the 

first method, starting position of the node and its future destinations may be 

set explicitly. These directives are normally included in a separate 

movement scenario file. In this method the node-movement-updates are 

triggered whenever the position of the node at a given time is required to 

be known. This may be triggered by a query from a neighbouring node 

trying to know the distance between them, or the 'setdest' that changes the 

direction and speed of the node.  The second method implements random 

movement of the node while the destination and speed values are generated 

randomly.  
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5.4.2 Mobile-IP   

 

The mobile-IP scenario consists of Home-Agents(HA) and Foreign-

Agents(FA) and have Mobile-Hosts(MH) moving between their HA and 

FAs. The HA and FA are essentially base-station nodes while MHs are 

basically mobile Nodes. 

 

The HA and FA nodes are defined as 'MobileNode/MIPBS' having a 

registering agent 'regagent\_' which sends beacon to the mobile nodes, sets 

up encapsulator and decapsulator and replies to solicitations from MHs. 

The MH nodes are defined as 'MobileNode/MIPMH' which too have a 

'regagent\_' that receives and responds to beacons and sends out 

solicitations to HA or FAs.  

 

The MobileNode/MIPBS node routinely broadcasts beacon or 

advertisement messages to MHs. A solicitation from a mobile node 

generates an ad that is send directly to the requesting MH. The address of 

the BS sending out beacon is heard by MH and is used as the COA (care-

of-address) of the MH. When the MH moves from its home network to 

foreign domains, its COA will be changed. 

 

When receiving  'reg\_request' from a mobile host the BS checks to, if it is 

the HA for the MH. If not, it sets up its decapsulator and forwards the 

reg\_request towards the HA of the MH.  In case the base-station the HA 

for the requesting MH but the COA does not match its own, it sets up an 

encapsulator and sends reg-request-reply back to the COA From where it 

got it. Now all packets destined to the MH reaching the HA would be 

tunnelled through the encapsulator which encapsulates the IP packet header 

with a IP in IP header, destined to the COA instead of MH. The FA's 

decapsulator receives this packet, removes the encapsulation and sends it to 

the MH. 
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The mobile host sends out solicitations if it does not hear any 

advertisements (ads) from the BSs. When receiving advertisement, it 

changes its COA to the address of the HA/FA it has heard from the ad, and 

replies back to the COA with a request for registration using 'reg-request' 
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6 SIMULATION SETUP 

 

6.1 The problem of implementing delay 

 

Modelling and simulating multicast group forming delay problem in 

mobile network using NS has to be done using 'fake' mobility, while NS 

does not yet support multicast in mobile networks. In this case 'fake' 

mobility means that nodes does not actually move but links connecting 

nodes are dropped  down and then re-enabled to create time dependent 

'mobility'.  

 

The easiest –but not so satisfying- way to get results is to statically define 

the delay of the link between two MH's little bit higher than others but this 

gives appropriate results only for a while; the amount of delay should 

change dynamically as a function of time resulting to the situation, where 

the delay at all links connecting MH's to the BS is same.  

 

The ‘join group’- method, which is implemented in class ‘node’ has no 

delay variable thus the joining to the certain multicast group happens 

immediately. So 'mobility' dependent delay has to be done using properties 

of the ‘link’. Because the links has to be defined before actual events in 

topology section of the simulation script, there has to be done some tricks 

for example with ‘dynamic links’ to achieve delay- or 'packets lost'- 

phenomenon.  

 

Dynamic links are a special form of links also having the possibility of a 

link failure. They are implemented using queues. Queues refer locations 

where packets may be held or dropped and scheduling refers to the 

decision process used to choose which packets should be received or 

dropped. When a delay element is downstream from a queue, the queue 

may be blocked until it is re-enabled by its downstream neighbour. This 
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mechanism can be used simulating transmission delay in a chosen link in 

NS. Instead of queues, also error models and dropping packets can be used 

to simulate the group forming delay in NS. For instance 'Drop every packet 

starting at 0.02s until 0.25s' –type of scheme could be used but the 

simulations at this thesis are done using a more straightforward way, using 

the 'link down' and 'link up' methods: 

 

$ns rtmodel-at 0.05 down $n(0) $n(1)    
$ns rtmodel-at 0.05 down $n(0) $n(2) 
$ns rtmodel-at 0.15 up   $n(0) $n(1)  
$ns rtmodel-at 2.15 up   $n(0) $n(2) 
$ns rtmodel-at 4.05 down $n(0) $n(1) 
 

The script above - a model for this simple set-up is illustrated in Figure 23 - 

disconnects links between nodes 0 and 1 and 0 and 2 at the simulation time 

0.05 second. After 0.1 second the link 0-1 is engaged and mobile station 1 

has joined the multicast group. After two seconds, another mobile customer 

either wants to join  the multicast group or already is a member of a 

multicast group and enters the cell. Again, there is a delay of 0.1 second 

and the link 0-2 is up at the simulation time 2.15. Next event, cutting of 

link 0-1, represents the situation where mobile customer 1 either leaves the 

cell or retires from the multicast group.  
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Figure 23. Illustration of the example model 

 

 

6.2 Description of the simulation model used 

 

Model consists of nine nodes, node 0 acts as a CBR (Constant Bit Rate) 

traffic source and nodes 1 to 9 act as a mobile hosts. Layout is star-like, 

where all mobile hosts are connected directly to the source node "in 

center".  The traffic source generates a packet size of 500 bytes every 

0,0333 second. So the actual transmission speed of the data flow is about 

14,6 kb/s.   The parameters of the links are set as follows: 

 
$ns duplex-link $n(0) $n($i) 0.2Mb 45ms DropTail 

 

The capabilities of the link are intentionally selected so, that there will be 

no congestion and repair requests are send only because of the group 

joining delay. 
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When the simulation starts, all links connecting mobile hosts to the source 

node are cut down. At the first stage the source node and the first mobile 

host join  the multicast group and the source starts transmitting: 

 
$ns at 0.02 "$srm(0) start; $srm(0) start-source"   
$ns at 0.02 "$srm(1) start"  
 

After the deterministic delay determined in the simulation script, a link 

from node 0 to node 1 will be opened: 

 
$ns rtmodel-at 0.1 up   $n(0) $n(1)  

 

Node 1 keeps receiving data until the next event concerning multicast 

group happens; the second mobile host "enters" the cell: 

 
$ns at 1.02 "$srm(2) start"   

 

At the same manner the link from the source node to the node 2 is put up 

after the selected delay. The hosts keep on joining the multicast group 

according to a deterministic arrival process. This is determined in the 

simulation script. The next event concerning the multicast group happens 

after eight seconds, when the first mobile host leaves the cell. This is done 

by cutting down the link connecting the mobile host to the source.  

 

It has to be remembered that the simulation set-up used for these 

simulations is very much simplified and too deterministic to give reliable 

results concerning the real world and the result of this thesis concentrate on 

protocol behaviour. A complete Tcl- source code for one simulation is 

shown in Appendix 1. 
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6.2.1 Parameters of simulations 

 

The simulations have been done using several different parameters. 

Interarrival time - the interval between the mobile hosts joining  the group - 

is set either to 1.0 second or to 0.8 second and concerns all hosts in that 

simulation. Another parameter altered is the value of the timers. The 

default values for the timers in SRM are 2.0 second for sending a repair 

request- packet and 1.0 second for sending a repair- packet. Simulations 

are also made using modified timers, 1.0 second for repair request and 0.5 

second for repair. 

 

Altering above parameters simulations were made using the delays 20ms, 

40ms, 60ms, 80ms, 100ms, 150ms, 200ms, 400ms, 600ms and 1000ms in 

join group procedure to study the effect of the delay - and other parameters 

- to the amount of repair requests which indicate how reliable the 

transmission has been and how much data has to be send again.  

 

 

6.3 Getting results 

 

NS creates piles of information into the huge trace files and the information 

needed has to be digged out somehow.  This has been done by writing 

small C- programs to parse the trace files. With these parsing operations 

desired protocol events  - repair requests in this case - were separated to 

dedicated files. In this form the information is still pretty useless unless you 

need some snapshots, how many packets there is in the net at the certain 

point of time. 

 

Next step was to refine the information - again with small C- programs - 

into a sensible form. At this stage the data was handled so that cumulative 

distribution function (CDF) charts could be plotted using Microsoft Excel.  
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7 THE RESULTS 

 

The SRM protocol implemented in NS is not complete and looks like a 

beta version. For instance, there is no 'leave-group'- method although it 

should be one of the main parts of the multicast protocol.   

 

It has to be taken into account that the transmission errors on radio link and 

the effects of the timer values to the Quality of Service are ignored in these 

simulations and thus repair requests are generated only because of the 

group forming delay. Minimising the number of the repair requests may 

lead into the situation, where clients loose information while the protocol 

does not manage to send repair- packets in time. Therefore, if we consider 

only the number of repair request- packets in these conditions, "the best" 

solution is to increase timer values so that the mobile host has left the cell 

before the timer goes off and although there are now transmission errors, 

there are no repair requests. This example indicates that the proportion 

between timer values, error rates of the transmission path and group 

forming delays is not so simple and they all effect to the Quality of Service 

in different circumstances.   

 

 

7.1 Drawbacks of  the SRM in a mobile network 

 

The main drawback of SRM in a mobile environment can be seen from the 

specifications of the protocol; when the host notices that it has lost some 

information, it starts the repair request- timer and when the timer goes off 

sends a repair request. In fixed network this would not cause any problems 

and the nearest node - which has the missing data - from the point of failure 

would receive request first, start repair- timer and probably would not get 

repair packets from further nodes before repair- timer goes off and thus is 

the only node sending the repair- packet needed. But in a mobile - or in 
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better words radio - network repair request travels through air and arrives 

to all hosts in that multicast group almost simultaneously. When using 

transmission rate of about 200kbit/s as in the simulations in this thesis, the 

transmission delay and timer dependent delays are milliseconds - or even 

hundreds of milliseconds- while differences in the propagation delay are 

some microseconds. Although timers should be varied  randomly, it seems 

that all hosts would send repair- packets  almost simultaneously and the 

idea of SRM is lost.  

 

This can be seen in NAM (Network AniMator) which is a visualisation tool 

for NS; after a while the whole network - or to be more precise the traffic 

source - is congested.   So in this kind of case, assuring the quality of 

service for customer would only decrease the Quality of Service and lead 

to even more repair requests.  

 

This problem could be solved by modifying the SRM protocol so, that only 

the SRM entity in the base station has all the functionalities of the protocol. 

Mobile hosts do not need 'send repair'- functionalities, because the 

transmission time from nearest mobile host to the host needing the repair is 

about the same as the transmission time from the base station to that host. 

Reducing functionalities also makes the protocol lighter and helps to save 

meagre resources at the mobile host. It is also much easier to increase the 

resources of the base station. 

 

 

7.2 Comparison of different parameters with same delay 

 

The Figures 24 to 30 are created as follows:  the time axis in the simulation 

trace file is divided into time slots and the number of repair request- 

packets is calculated for each time slot. The Figures give the cumulative 

distribution function (CDF) and the number of packets.  
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In Figure 24 multicast group forming delay is 150ms in all curves. The 

interarrival time between mobile stations is 1.0 second for other curves and 

0.8 second for curves with '0.8s'. The timer settings for repair request and 

repair are in their default values 2.0 second and 1.0 second respectively for 

curves with 'def' and 1.0 second and 0.5 second for the other curves. 

 

As an example, the maximum number of repair request- packets in a time 

slot is obtained by reading the number of packets from the x- axis 

corresponding the probability P(0.5) from the y- axis. The number of 

packets corresponding to probability P(0.9) gives a such value that in 90 

percent of cases the number of repair request packets is smaller than that. 

If curve rises steeply to P(1) , it implies that the system is working well and 

the number of retransmissions caused by repair request packets is low. 

 

 

Figure 24. 150ms delays with different parameters 

 

 

In Figure 24 is seen that with default timers (i.e. curves with 'def') the 

protocol generates less repair request traffic. Part of the difference between 

the curves with default timer values and the curves with modified timer 
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values can be explained; if the value of the repair request -timer is lower, 

the sending of  requests will start sooner and thus generate more traffic. If 

the timers are modified so, that the 'go off'- timer values are cut into half,  

the number of the repair request packets is about doubled with P(0,5) 

which represents the average case but after that the proportion is not linear. 

For instance with default timers and interarrival time of 1.0 second, there 

will no more than 40 repair request packets in the net at the point of time T 

at the probability P(0,7). When timers are modified, there will be no more 

than 140 repair request packets at that same probability.   

 

 

Interarrival time of 1.0 second gives better - or at least almost the same - 

results in most of the cases. With smaller delays - up to 100ms - interarrival 

time of 1.0 second the ‘join group’- delay has no significant meaning if 

compared to other simulations with that same delay value. Partly this 

derives from the fact that when joining to the group is more intense, there 

are more mobile hosts at the cell at the same time and thus more traffic is 

generated and while the delay is smaller, less requests are generated. This 

is not the case with 80ms delay, where interarrival time of 0.8 second gives 

a clearly better performance. This can be seen in Figure 25. Charts 

illustrating simulation results using different parameters for delays 40ms, 

80ms, 100ms, 150ms, 400ms and 600ms are shown in Appendix  7. 
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Figure 25. Different delays and interarrival times with default timers 

 

 

7.3 Combining different delays and parameter settings 

 

With the default timer settings, there is very little difference in 

performance between 40ms, 100ms  and 400ms delays but the delay of 

150ms gives clearly better values. No reason for this odd behaviour is 

proposed in this Thesis. This is shown in Figure 26. 

 

Figure 26. Simulations with different delays using default timers and 

     interarrival time of 1.0 second 

Delays default timer

0

0,1

0,2

0,3

0,4

0,5

0,6

0,7

0,8

0,9

1

1 21 41 61 81 101 121 141 161 181 201

Number of request- packets at time T

P
ro

p
ab

ili
ty delay 40ms def

delay 100ms def
delay 150ms def
delay 400ms def

Default timers, different interarrival time

0

0,1

0,2

0,3

0,4

0,5

0,6

0,7

0,8

0,9

1

1 21 41 61 81 101 121 141 161 181 201 221 241

Number of request- packets at time T

P
ro

pa
bi

lit
y delay 80ms def 0.8s

delay 150ms def 0.8s

delay 80ms def

delay 150ms def



 70

When using modified timers there is hardly any difference between the 

curves with different delays. This implies that the delay is not so important 

compared to timer settings at least in the case of a deterministic interarrival 

time of 1.0 second. This is shown in Figure 27. 

 

 

Figure 27. Different delays with modified timers and interarrival time  

       of  1.0 second.  
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Figure 28. Different delays with default timer settings and interarrival time  

       of  0.8 second.  

  

 

While with the interarrival time of 1.0 second, the delay of 150ms was the 

best performer with probability P(0.8) by maximum of 68 request packets 

at the point of time T versus about 100 to 105 request packets for the other 

delays, now with interarrival time of 0.8 second 40ms delay seems to 

perform better  with value P(0.8) maximum of about 75 request packets. 

The amount of request packets with 100ms delay remains about the same, 

only 150ms and 400ms delays are performing worse; 150ms delay has 

about same values as 100ms and values of the 400ms delay are dropped 

somewhere near 150 packets at P(0.8). Charts containing simulation results 

for different delay-parameter combinations are shown in Appendix 8. 
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7.4 The best and the worst performers 

 

Comparison of the best and the worst values for each parameter set-up 

affirms the detection made earlier; main difference builds up from 

parameters, particularly from the timer values used in the protocol. There 

are several combinations of different parameters which give superior 

performance; 60ms delay for the interarrival time of 1.0 second with 

modified timers, 80ms delay for the interarrival time of 0.8 second with 

default timers, 100ms delay for the interarrival time of 0.8 second with 

modified timers and 150ms delay for the interarrival time of 1.0 second 

with default timers are shown in Figure 29. 

 

Figure 29. The best performers from different simulation set-ups 

 

 

Although the delay has less meaning than the timer values, the combined 

effect of the interarrival time and delays can cause significant difference. 

For instance from Figure 29 can be seen that the difference in the 

maximum number of request packets between 60ms delay with interarrival 

time of 1.0 second and 100ms delay with interarrival time of 0.8 second is 

over 40 percent at P(0.6). 
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The situation is about the same when considering the worst performers but 

there are some differences. While the best performers using default timers 

achieved about similar results, the case is a little bit different with the worst 

performers; when the interarrival time is 0.8 second, the performance is 

dropped with greater delays. On the other hand, there is no significant 

difference in performance between the interarrival times, if the request- 

timer is set to 1.0 second . The worst combinations of delay, interarrival 

time and timer settings are shown in Figure 30. 
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Figure 30.The worst performers from each of the simulation setup 

 

 

The last examination concerns the difference between the best and the 

worst values. If we look at the Figure 31, it is clear, that timer values are in 

very important role. 
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Figure 31. The best versus the worst performers 

  

 

The difference between parameter set-ups is very big, something like 

maximum of 40 versus 170 repair requests at P(0.7). That means that large 

part - almost all- of traffic transmitted to the mobile network is re-

transmissions while the mobile hosts try to catch up. Charts associated to 

the best and to the worst performer can be seen in Appendix 9. 
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8 CONCLUSIONS  

 

Multicast offers an advantageous way to offer IP- based services for 

customers. The benefit of using only one channel to serve numerous 

customers could be exploited in mobile networks, where the transmissions 

are done using radio links and the amount of available bandwidth  is 

scarce. 

 

The aim of this thesis was to simulate IP multicast in mobile networks and 

examine, how this could be done in NS. Main aspect in the simulations was 

to study, how different parameters effect to the behaviour of the SRM 

(Scalable Reliable Multicast) -protocol, which is a reliable multicast 

protocol implemented in NS. Network simulator does not yet support 

mobile multicast but this problem was circumvented using properties of the 

'link' and error model. The protocol used (SRM) may not be the best choice 

for mobile networks because of its way to assure reliability.  

 

Comparison of the effects of join group -delays to the effects achieved by 

altering protocol and system parameters, shows that the timer values of the 

protocol have a significant meaning when considering retransmissions. 

Although repair requests are some kind of a burden from a network point 

of view, there is a clear reason for them; without retransmissions there are 

no guarantees of QoS. The results show that group forming delay, arrival 

process and error rate of the transmission path may change the performance 

of the protocol and thus influence the optimal timer settings. The optimal 

solution to decrease protocol generated additional traffic and still guarantee 

sufficient QoS depends on the variables of the system.  These issues are 

studied further in two  conference papers based on simulations and 

perceptions made in this thesis [30, 31]. 
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Appendix 1 
 
Example of NS- simulation TCL- script for 80ms delay, modified timers 
 
# Copyright (C) 1997 by USC/ISI 
# All rights reserved.                                             
 
#This is a sample of a Tcl- script used in the simulations using the  
# join group delay of 80ms. At the first part of the script, there are 
#formattings needed for new simulation, outputfiles, colours used in nam 
#and node, link and agent creation. Also timer seeds are introduced there. 
#When set-up (topology) is ready, traffic- source agent is attached to the 
#system. The midle part of the script simulates mobiles entering and  
#leaving the cell. Mobile nodes (i.e. agents) are started and they 'enter' 
#cell using deterministic arrival process. When mobile enters cell, it 
#will experience a delay (or fade) of 80ms. This delay is implemented  
#using link-down - link-up properties of the error model. After 8  
#seconds mobiles leave cell (link-down). The last part of the script 
#includes distance calculations and procedures needed to end the  
#simulation 
 
# Modifications made by P. Tiihonen, Lappeenranta Univercity of  
# Technology 
# during 1999 while simulating the behauviour of SRM-protocol 
# in mobile environment as a part of  the Master's Thesis.  
# Code originally taken from file "srm.tcl" available in ns2b6 distribution. 
 
if [string match {*.tcl} $argv0] { 
 set prog [string range $argv0 0 [expr [string length $argv0] - 5]] 
} else { 
 set prog $argv0 
} 
 
# To separate control messages 
source ../mcast/srm-nam.tcl   
 
#Set new simulation 
set ns [new Simulator -multicast on] 
 
#Outputfiles: .tr for trace  
#and .nam for network animator (NAM) 
$ns trace-all [open srm08.tr w] 
$ns namtrace-all [open srm1.nam w] 
 
#Colours for different kind of traffic (in NAM) 
$ns color 0 white  ;# data source 
$ns color 40 blue  ;# session 



  

$ns color 41 red  ;# request 
$ns color 42 green  ;# repair 
$ns color 1 Khaki  ;# source node 
$ns color 2 goldenrod 
$ns color 3 sienna 
$ns color 4 HotPink 
$ns color 5 maroon 
$ns color 6 orchid 
$ns color 7 purple 
$ns color 8 snow4 
$ns color 9 PeachPuff1 
 
#make the nodes  
for {set i 0} {$i <= 9} {incr i} { 
 set n($i) [$ns node] 
} 
 
#now the 0.2Mb/s links with 45ms delay 
for {set i 1} {$i <= 9} {incr i} { 
 $ns duplex-link $n(0) $n($i) 0.2Mb 45ms DropTail   
} 
 
#Create the multicast group 
set group [Node allocaddr] 
set mh [$ns mrtproto DM {}] 
 
#Protocol (SRM) behaviour related outputfiles 
set srmStats [open srm1Stats.tr w] 
set srmEvents [open srm1Events.tr w] 
 
#Attach SRM agents to the nodes 
set fid 0 
foreach i [array names n] { 
 set srm($i) [new Agent/SRM] 
 $srm($i) set dst_ $group 
 $srm($i) set fid_ [incr fid] 
 $srm($i) log $srmStats 
 $srm($i) trace $srmEvents 
 $ns attach-agent $n($i) $srm($i) 
} 
 
#values for reguest and repair timer 
#(default request 2 sec, repair 1 sec) 
#comment following lines, if using default  
for {set i 0} {$i <= 9} {incr i} { 
      $srm($i) set D1_ 0.5      ;#repair 
 $srm($i) set D2_ 0.5 



  

   $srm($i) set C1_ 1.0      ;#request  
 $srm($i) set C2_ 1.0 
} 
 
 
 
 
#Attach a CBR data source to srm(0)- agent 
#Packet size and transmission interval are set so that 
#there is no gongestion on links   
set packetSize 500 
set s [new Application/Traffic/CBR] 
$s set packetSize_ $packetSize 
$s set interval_ 0.03333 
$s attach-agent $srm(0) 
$srm(0) set tg_ $s 
$srm(0) set app_fid_ 0 
$srm(0) set packetSize_ $packetSize 
 
#Source node joins first and starts transmitting 
#Then mh's enter (join group) with interval of 1 sec 
#change here, if needing different interarrival times 
$ns at 0.02 "$srm(0) start; $srm(0) start-source"   
$ns at 0.02 "$srm(1) start"                         
$ns at 1.02 "$srm(2) start" 
$ns at 2.02 "$srm(3) start" 
$ns at 3.02 "$srm(4) start" 
$ns at 4.02 "$srm(5) start" 
$ns at 5.02 "$srm(6) start" 
$ns at 6.02 "$srm(7) start" 
$ns at 7.02 "$srm(8) start" 
$ns at 8.02 "$srm(9) start" 
 
 
#delay when mobile "arrives"  
#At first all links are down (to avoid prunes etc) 
#change here for different delays 
$ns rtmodel-at 0.01 down $n(0) $n(1)    
$ns rtmodel-at 0.1 up   $n(0) $n(1)     
$ns rtmodel-at 0.01 down $n(0) $n(2)  
$ns rtmodel-at 1.1 up   $n(0) $n(2)  
$ns rtmodel-at 0.01 down $n(0) $n(3)  
$ns rtmodel-at 2.1 up   $n(0) $n(3)  
$ns rtmodel-at 0.01 down $n(0) $n(4)  
$ns rtmodel-at 3.1 up   $n(0) $n(4)  
$ns rtmodel-at 0.01 down $n(0) $n(5)  
$ns rtmodel-at 4.1 up   $n(0) $n(5)  



  

$ns rtmodel-at 0.01 down $n(0) $n(6)  
$ns rtmodel-at 5.1 up   $n(0) $n(6) 
$ns rtmodel-at 0.01 down $n(0) $n(7)   
$ns rtmodel-at 6.1 up   $n(0) $n(7)     
$ns rtmodel-at 0.01 down $n(0) $n(8)  
$ns rtmodel-at 7.1 up   $n(0) $n(8)  
$ns rtmodel-at 0.01 down $n(0) $n(9)  
$ns rtmodel-at 8.1 up   $n(0) $n(9)  
 
#mobiles "leave" cell (link down) after 8 sec 
$ns rtmodel-at 8.02 down $n(0) $n(1)   
$ns rtmodel-at 9.02 down $n(0) $n(2)  
$ns rtmodel-at 10.02 down $n(0) $n(3)  
$ns rtmodel-at 11.02 down $n(0) $n(4)   
$ns rtmodel-at 12.02 down $n(0) $n(5)  
$ns rtmodel-at 13.02 down $n(0) $n(6) 
$ns rtmodel-at 14.02 down $n(0) $n(7)    
$ns rtmodel-at 15.02 down $n(0) $n(8)  
$ns rtmodel-at 16.02 down $n(0) $n(9)  
 
 
#distances of the nodes 
proc distDump interval { 
 global ns srm 
 foreach i [array names srm] { 
  set dist [$srm($i) distances?] 
  if {$dist != ""} { 
   puts "[format %7.4f [$ns now]] distances $dist" 
  } 
 } 
 $ns at [expr [$ns now] + $interval] "distDump $interval" 
} 
$ns at 0.0 "distDump 1" 
 
#Get ready to end simulation 
proc finish src { 
 $src stop 
 global prog ns srmStats srmEvents 
 $ns flush-trace 
 close $srmStats 
 close $srmEvents 
 exit 0 
} 
$ns at 16.5 "finish $s" 
$ns run 

 

 



  

Appendix 2 
 
Parts of a trace- file resulting from the script introduced in the  
appendix 3 
 
Format of a trace file line: 
 
+ 0.91991 0 1 cbr    500 ------- 0   0.1 128.0 27 27 
- 2.3942    0 2 SRM 516 ------- 42 0.1 128.0 -1 95 
 
+ sign indicates that data is put into the queue, - shows that data is taken off 
from the queue. The next element is simulation time in seconds. '0 1' and '0 
2' indicate source and destination node, 'cbr' or 'SRM' shows the type of the 
data and the number after them (ie. '500') is the size of the packet. The 
number after ------- sequence (ie. 42) indicates the type of the transmission: 
0 for CBR- data, 40 for SRM session messages, 42 for SRM repair packet, 
41 for SRM repair request and 30 for SRM prune. The last seuquence of 
numbers in trace- file line represents addresses.  
 
[simulation starts, links are put down. Same operation is done for 
every link] 
v 0.01 link-down 1 0 
v 0.01 link-down 1 0 
v 0.01 link-down 1 0 
v 0.01 link-down 0 1 
v 0.01 link-down 0 1 
v 0.01 link-down 0 1 
 
 
[first two nodes (0 and 1) join group at sim time 0.02 sec and  
link between them is put up] 
v 0.02 eval {set sim_annotation {0.02 0 join-group 32768}} 
v 0.02 eval {set sim_annotation {0.02 1 join-group 32768}} 
v 0.10000000000000001 link-up 1 0 
v 0.10000000000000001 link-up 1 0 
v 0.10000000000000001 link-up 1 0 
v 0.10000000000000001 link-up 0 1 
v 0.10000000000000001 link-up 0 1 
v 0.10000000000000001 link-up 0 1 
 
[CBR- transmissons and SRM session message from node 0 to node 1] 
+ 0.11999 0 1 cbr 500 ------- 0 0.1 128.0 3 3 
- 0.11999 0 1 cbr 500 ------- 0 0.1 128.0 3 3 
+ 0.91991 0 1 cbr 500 ------- 0 0.1 128.0 27 27 
- 0.91991 0 1 cbr 500 ------- 0 0.1 128.0 27 27 
+ 0.920002 0 1 SRM 36 ------- 40 0.1 128.0 -1 28 #SRM session message 
- 0.92831 0 1 SRM 36 ------- 40 0.1 128.0 -1 28 



  

 
[node 2 joins to the group at sim time 1.02 sec] 
v 1.02 eval {set sim_annotation {1.02 2 join-group 32768}} 
r 1.03997 0 1 cbr 500 ------- 0 0.1 128.0 29 31 
+ 1.05323 0 1 cbr 500 ------- 0 0.1 128.0 31 33 
 
 
[SRM repai packets are received (nodes 2, 3 and 1) from node 0] 
- 2.3942 0 2 SRM 516 ------- 42 0.1 128.0 -1 95 # SRM repair- packet 
- 2.39484 0 3 SRM 516 ------- 42 0.1 128.0 -1 95 
- 2.39484 0 1 SRM 516 ------- 42 0.1 128.0 -1 95 
 
[SRM repair request is send (by node 2) and received (by node 0)] 
+ 2.42033 2 0 SRM 16 ------- 41 2.1 128.0 -1 99 # SRM repair- request 
- 2.42033 2 0 SRM 16 ------- 41 2.1 128.0 -1 99 
 
[SRM prune from node 1 to node 0] 
+ 2.57294 1 0 prune 80 ------- 30 1.0 0.0 -1 111  #SRM prune- message  
- 2.57294 1 0 prune 80 ------- 30 1.0 0.0 -1 111 
 
 
 

 

 



Appendix 3

Simulation results for different delays 
using modified timers; 1 sec. for repair request 
and 0.5. sec for repair. Interarrival time of 1.0 sec.
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Appendix 4
 
Simulation results for different delays 
using default timers; 2 sec. for repair request
and 1 sec. for repair. Interarrival time 0f 1.0 sec.
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Appendix 5

Simulation results for different delays 
using default timers; 2.0sec. for repair request
and 1.0 sec. fro repair. Interarrival time of 0.8 sec.

Different delays with default timers, 0.8s arrival rate
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Appendix 6

Simulation results for different delays  
using modified timers; 1.0 sec. for repair request  
and 0.5 sec. for repair. Interarrival time of 0.8 sec.

Different delays with modified timers, 0.8s arrival rate
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Appendix 7

Comparison of different parameters within same delay

def= using default timers and 1.0 sec. arrival rate
XXms= using modified timers and 1.0 sec. arrival rate
def 0.8s= using default timers and 0.8 sec. arrival rate
0.8s= using modified timers and 0.8 sec. arrival rate
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Appendix 8

Simulation results for different timer settings and interarrival times

Default timers, using 2.0 sec for repair request and 1.0 sec for repair. 
interarrival time of 1.0 sec.

Modified timers, using 1.0 sec for repair request and 0.5 sec for repair.
interarrival time 0f 1.0 sec.

Delays default timer

0

0,1

0,2

0,3

0,4

0,5

0,6

0,7

0,8

0,9

1

1 21 41 61 81 101 121 141 161 181 201

Number of request packets at time T

P
ro

p
ab

ili
ty delay 40ms def

delay 100ms def

delay 150ms def

delay 400ms def

Delays modified timer

0

0,1

0,2

0,3

0,4

0,5

0,6

0,7

0,8

0,9

1

1 41 81 121 161 201 241 281 321 361 401 441

Number of request- packets at time T

P
ro

p
ab

ili
ty delay 40ms

delay 100ms

delay 150ms

delay 400ms



Interarrival time of 1.0 sec. default and modified timers

Interarrival time of 0.8 sec default and modified timers

The influence of the timer settings at the arrival rate of 0.8s 

0

0,1

0,2

0,3

0,4

0,5

0,6

0,7

0,8

0,9

1

1 41 81 121 161 201 241 281 321 361 401 441 481

Number of request- packets at time T

P
ro

p
ab

ili
ty delay 100ms def 0.8s

delay 100ms 0.8s

delay 400ms def 0.8s

delay 400ms 0.8s

The influence of the timer settings at the arrival rate of 1.0 s

0

0,1

0,2

0,3

0,4

0,5

0,6

0,7

0,8

0,9

1

1 41 81 121 161 201 241 281 321 361 401 441

Number of request- packets at time T

P
ro

p
ab

ili
ty delay 100ms def

delay 100ms

delay 400ms def

delay 400ms



Appendix 9

Results for comparing "The best" and "The worst"  values
simulated with different parameters:
def= default timers (2.0sec. for repair request and 1.0 sec. for repair)
0.8s= interarrival time is 0.8 s (otherwise 1.0 sec)
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