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ABSTRACT

MULTICAST MOBILITY SUPPORT
IN SESSION LAYER USING SIP

Xiuxia Yang

Due to the development of computer hardware technology, the use of portable computers
has become more popular. Research workers have become more and more interested in
wireless mobility related to these new hardware technologies. Much work focusing on
Mobile IP has been done. However, there exist some issues such as “Triangle Routing” in
Mobile IP. It has been found that SIP-based (Session Initiation Protocol) mobility has
advantages that can be used to avoid the issues in Mobile IP. Based on this idea, this
thesis first introduces the previous work related to mobility as well as mobility with
multicast, and presents some issues that exist in IP mobility with multicast. Then we
provide an approach called “Multicast Mobility Support in Session Layer Using SIP”,
which is independent of the IP layer and automatically avoids the issues in [P layer. The
structure of the SIP mobility with multicast is presented and a proposal to extend SIP
functions for supporting SIP multicast mobility is provided. Based on the system model
built by using SDL (ITU Specification and Description Language), we used ObjectGeode
tool set to simulate the proposed idea presented in this thesis. This work may be helpful
to shift the concept of multicasting and mobility from IP layer to session and application

layers for real time multimedia.
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CHAPTER 1

INTRODUCTION

1.1 INTRODUCTION

The hardware technology development has made an explosive growth in the
number of portable computers sold. This has created an explosion of interest in problems
related to the mobile computing. Multicast operation with mobile hosts is not common
today, but it may become widespread in the future. Much more work has been done on
mobility support multicast. It also is a new era for the real-time multimedia that is

receiving increasing interest.

Multicasting services are increasing in popularity as service providers take
advantage of multicasting solutions to efficiently distribute content to a large number of
users. For example, multicasting can be used to provide streaming content such as news
or video to many subscribers. Additionally, multicast services could be used to provide
location-based information such as traffic report and advertisement tailored for users in a
specific geographical area. While these application gain performance when the
underlying network supporting them have multicasting capabilities, the networks are not
consistent in this capability across the entire infrastructure reaching the user. This is
especially true when IP multicasting is not ubiquitous to all networks. The quality of

multicast services also becomes problematic when service providers consider the wireless
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network environment and the maintenance of multicast sessions to users moving through

various access network types.

Multicast services are supported currently by the deployment of techniques such
as IP multicasting in the network to efficiently handle these applications. IP-layer
multicast solutions for wired networks have been thoroughly investigated for non-mobile
users [1-6]. Although multicast-related work has been done in wired networks, wireless
networks introduce other considerations. It is desirable from the users’ point of view to
maintain multicast services from any point of attachment to the network. For example,
users in cars moving through different access networks will desire the capability to

continuously receive multicast streams and location-specific information.

Research relevant to support multicasting for mobile host has been done
specifically for Mobile IP [7]. The bi-directional tunneling solution for Mobile IP puts the
burden of forwarding the multicast packets to mobile users on the Home Agent (HA).
However, when an HA has a number of users in the same multicast group visiting the
same foreign network (FN), tunneling multiple multicast packets to the foreign network
is inefficient. To avoid the duplication of multicast packets, remote subscription has been
proposed whereby a user desiring to join a multicast group will do so in each visited
network through the Foreign Agent (FA). However, this requires that after every handoff
the user must rejoin the multicast group and the multicast tree used to route multicast
packets will be updated after every handoff to track multicast group membership. In

addition, the user may lose their identities [8] [9] [10].

For IP multicast, service providers require the ability to efficiently multicast to

mobile users through various networks. From the service provider’s point of view, this
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requires some understanding of the multicasting capabilities in the various access
networks over which service is provided. In most cases, the service provider will have
limited knowledge and control over the networks. Besides the issues discussed above
Mobile IP is still struggling with the problems of triangular routing, triangle registration,
encapsulation overhead and need for permanent home address for unicast and with the
problems of the tunnel convergence problem and multicast router requirement on home

network or foreign network for multicast as will be discussed in the following section.

Current multicast solutions rely on knowledge and control of the network routers
to perform multicast routing. However, multicast deployment has not been completed and
is not ubiquitous to all wired and wireless networks. Tunneling techniques, such as
Automatic Multicast Tunneling (AMT)[11] and UDP Multicast Tunneling Protocol
(UMTP) [12], have been proposed to route IP multicast packets to users across non-
multicast-enabled networks. For UMTP, there are some advantages such as: no triangle
routing inefficiency, lower handoff latency, and no additional infrastructure. Although
UMTP enables a host to establish a connection to the Mbone (Multicast Backbone) by
tunneling multicast UDP datagram inside unicast UDP datagram, the end subnet still
requires multicast routers for multicasting datagram to local group members. In addition,
the multicast package must all be UDP. This means it does not support TCP. The UMTP
implementation requires to know each (group, port) that the multicast-based application
uses. However, under the mobility situation the group of multicast-based application are
often created and destroyed dynamically. The (group, port) is not specified in advance,
but instead is determined by the application itself. In this case, UMTP could not be used.

Besides, the act of tunneling a multicast packet by using UMTP changes its source



address, so the application, which must use source addresses to identify these original
data sources, could not use UMTP. Because of these disadvantages we prefer other
approaches to UMTP like multicasting in application layer. A straightforward advantage
of using multicast in the application layer is that multicast applications can be executed in
networks that do not support IP layer multicast. Application Layer Multicast (ALM)
offers accelerated deployment, simplified configuration and better access control at the
cost of additional (albeit small) traffic load in the network, because in an ALM session,
only the source and the destination nodes of the multicast session can sit on the end
points of the paths. All the participants are connected via a virtual multicast tree, that is, a

tree that consists of unicast connections between end hosts [13].

In order to solve the problems appearing in Mobile IP and find a better way to
cooperate the development of mobile communication, we propose a solution that
provides an infrastructure to evolve with the multicast capabilities of the network based
on application-layer SIP (Session Initiation Protocol) multicast. SIP is the application
layer protocol that already supports the personal and terminal mobility. Also, application
layer mobility does not require any changes to the operating system of any of participants

and can be deployed widely much easier than mobile IP.

Traditional SIP multicast support applies multicasting at IP layer. So, all problems
that exist in IP multicasting also appear in this situation such as the multicast routers
requirement, the lack of wide scale multicast network deployment and the issue of how to
track group membership. Also the main drawback of IP multicast protocols is that they
are developed for multicast parties whose members are topologically stationary and they
do not consider extra requirements to support either topologically mobile senders or
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mobile sources. In order to address these concerns, Application Layer Multicast [14] [15]
has already been proposed as another multicast approach. Under this background, we

propose a new approach to implement SIP Mobility Multicast in the application layer.

1.2 REVIEW OF MOBILE IP

Mobile IP support has been standardized by the IETF (Internet Engineering Task
Force). Mobile IP introduces the following functional entities [7][16]: Mobile host (MH)
is a host or router that changes its point of attachment from one network or sub-network
to another, without changing its IP address and can continue to communicate with other
Internet nodes at any location using its permanent [P address. Correspondent host (CH) is
a peer with which a mobile host is communicating. Home agent (HA) is a router on a
mobile host’s home network that delivers datagram to departed mobile hosts, and keeps
track of the current location of the MH. Foreign agent (FA) is a router on a MH’s visited
network that cooperates with the home agent to complete the delivery of datagram to the
mobile host while it is away from home network. Home address is an IP address that is
assigned for an extended period of time to a mobile host and remains unchanged
regardless of where the node is attached to the Internet. Care-of address is the
termination point of a tunnel toward a mobile node for datagram forwarded to the mobile
host while it is away from home. There are two different kinds of care-of address: a
foreign agent care-of address is an address of a foreign agent with which the mobile host
is registered and a collocated care-of address is an externally obtained local address that
the mobile host has associated with one of its own network interface. Home network

(FN) is a network (possibly virtual) having a network prefix matching that of a mobile
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host’s home address. Foreign network (FN) is a network other than a mobile host’s home

network to which the mobile host is currently connected.

Mobile IP normally performs three related operations that are Agent Discovery,
Registration and Datagram tunneling. Mobility agent (HA/FA) make themselves known
by sending agent advertisement messages. After receiving an agent advertisement
message, a MH determines whether it is on its home network or a foreign network. A
mobile host basically works like any other node on its home network when it is at home.
When a mobile host moves away from its home network, it obtains a care-of address on
the foreign network by soliciting or listening for agent advertisements, or contacting
Dynamic Host Configuration Protocol (DHCP). The mobile host registers each new care-
of address with its home agent, possibly by way of a foreign agent. The datagram sent to
the mobile host’s home address by correspondent host are intercepted by its home agent,
tunneled by its home agent to the care-of address, received at the tunnel endpoint (at
either a foreign agent or the mobile host itself), and finally delivered to the mobile host.
On the other hand, datagram sent by the mobile host are generally delivered to their
destination using standard [P routing mechanisms, not passing through the home agent.
Figure 1-1 illustrates the routing of datagram to and from a mobile host away from home
network, while the mobile host has registered with its home agent. Here, the mobile host
is presumed to be using a care-of address provided by the foreign agent. A datagram to
the mobile host arrives on the home network via standard IP routing. The datagram is
intercepted by the home agent and is tunneled to the care-of address, as depicted by the
arrow going through the tube. The datagram is de-tunneled and delivered to the mobile

host. For datagram sent by the mobile host, standard IP routing delivers each to its



destination. In the Figure 1-1, the foreign agent is the mobile host’s default router through

which it sends datagram to CH.

1: datagram from CH to home address of MH
2: tunneling datagram to MH#flcare-of address

3: deliver datagram to MH
4: datagram from MH to CH by way of FA
5: datagram from MH to CH

Figure 1-1 Mobile IP

1.2.1 Limitation of Mobile IP with Unicast

As noted in Figure 1-1, datagram going to the mobile host have to travel through
the home agent when the mobile host is away from home network, but datagram from
home host to other stationary Internet hosts can instead be routed directly to their
destinations (Figure 1-2). This asymmetric routing, called triangle routing, is far from

optimal especially in cases when the CH is very close the MH.



packets from CH
routed indirectly
through HA

packets to
CH

tunneling

Figure 1-2 Triangle Routing

Route Optimization solves the triangle routing problem. The basic idea underlying
route optimization is that the routes to mobile hosts from their correspondent nodes can
be improved if the correspondent host has an up-to-date mobility binding for the mobile
host in its routing table. Here, Mobility Binding is the association of a home address with
a care-of address along with the remaining lifetime of that association. The basic
operation of route optimization is: (1) The Correspondent host may send a binding
request. (2) The home agent may send an authenticated binding update containing the
mobile host’s current care-of address. (3) For smooth handoffs, the mobile host transmits
a binding update and has to be certain that the update was received. Thus it can request a

binding acknowledgment from the recipient.

Although route optimization shortcuts the data path, but it still requires binding
updates tunneled through the home agent, adding the handoff delays. Besides, they
require changes in operating system of the correspondent host, including authentication

mechanism.



Regardless of the problem of data path, Mobile IP encapsulation adds between 8
and 20 bytes [17] [18] of overhead. Packet header overhead is significant for low bit-rate

packet voice where payloads tend to be very short.

In order to obtain the benefits of Mobile IP, a user has to have a permanent home
IP address and needs to convince his ISP to offer home agent services. The fact is most
customer devices do not have a fixed IP address but rather acquire one dynamically via
DHCP only when log in. Thus, a customer is at the mercy of his ISP to obtain mobility

services.
In summary, the disadvantages of Mobile IP are:
e Need two addresses: home and visiting.
e Triangle routing.

e Encapsulation overhead for voice: 8-20bytes/packet for a 50-byte

payload.

1.2.2 Mobile IP with Multicast

IP multicast is a technology that saves bandwidth and reduces traffic by delivering
a single stream to thousands of recipients (Figure 1-3). In order to perform multicasting,
the basic requirement is to add multicast router whose function is to forward incoming IP
multicast packets out to all interfaces that lead to members of the multicast group. Every
member can dynamically join or leave the group by using IGMP (Internet Group
Management Protocol). Multicast routing protocols, such as DVMRP (distance vector

multicast routing protocol), PIM (Protocol Independent Multicast), CBT (Core-Based
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Trees) and MOSPF (multicast open shortest path first), exist to implement the multicast

service [19] [20].

incoming traffic

multicast
router

Figure 1-3 Multicasting

Mobile IP multicast uses the IGMP Join message (Host Membership Report) to
join the group and IGMP Leave message to leave the group as is done in [P multicast
communication. The current version of Mobile IP proposes two approaches to support

mobile multicast [8] [21], called remote subscription and bi-directional tunneling.

In remote subscription, the mobile host re-subscribes to its desired multicast
groups while at a foreign network. The remote subscription approach is simple and works
well if the mobile host spends a relatively long time at each foreign network. It has the
advantage of offering good routes for delivery of multicast datagram to mobile hosts.
However, the approach implicitly presumes that mobile hosts are only recipients of
multicast messages or that they have a co-located address on the foreign network. If the
mobile host sends the multicast datagram with its home address as the source, the
incoming interface check (Reverse Path Forwarding (RPF) check) [19] [22] of most
multicast routing algorithms may discard datagram intended for the multicast group.
Finally, the approach assumes the existence of a multicast router at the foreign network.
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The fact is that this assumption may not always hold in an IP inter-network. On the other
hand, without such a multicast router, multicast message delivery can be achieved only

by using some form of tunneling.

With bi-directional tunneling, mobile hosts send and receive all multicast
datagram by way of their home network using unicast mobile IP tunnels from their Home
Agents. This approach in fact hides host mobility from all other members of the group.
The disadvantages, however, are two-fold. First, the routing path for multicast delivery
can be far from optimal in the worst case that the source and the recipient can be on the
same network while all multicast messages between two hosts have to traverse the entire
inter-network twice. Second, the approach offers limited scalability that means home
agents with multiple mobile host group members away from home must replicate and
deliver tunneled multicast datagram to each of them regardless of at which foreign

networks they reside which may result in convergence problem.

Normally there are two ways each for Mobile IP multicast to receive and to send
multicast traffic [23] [24]. The following is the summary of two ways as well as their

limitations:

e Receiving Multicasts:

1. The mobile node can tunnel the IGMP Host Membership Report packet to
it’s HA to tell the HA that it wants to join this multicast group from which
to receive the multicast packets. Then HA will intercept the multicast
packets and tunnel them to the mobile node. The problem is that if there
are many (more than one) mobile nodes subscribing to the same group and

registering with the same FA, all the tunnels from the different HA will
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carry the same multicast packets and result in Tunnel Convergence (Figure

1-4) problem.

‘ HAa

1 HAb L HAc

VEIRN

MHai MHaz MHb1 MHzi

Figure 1-4 Tunnel Convergence Problem

2. The mobile node can also send the IGMP report to a multicast router on

the foreign network. This router will add the mobile node to the multicast
tree and route the multicast packets to it by using multicast routing
protocols. Here the requirement is that the multicast router be present on

the foreign network.

e Sending Multicast: the mobile node that wants to send the multicast packets

need not be a member of a multicast group, and may not join the multicast group.

1.

The mobile node can tunnel the multicast packets to the HA directly. This
case has a requirement that the HA should be a multicast router.

The mobile node can also send the multicast packets to the multicast group
on the foreign network through the local multicast router. In this case, if
the mobile node uses its home address as source address, the RPF check

(reverse path forwarding) would fail; if the mobile node uses its care-of
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address as the IP source address, the RPF check would succeed, but
mobile node would lose its identity. At the same time there must be a

multicast router on the foreign network.

Because of such disadvantages for mobile IP and mobile IP supporting multicast,
researchers hope to improve mobile IP protocol or to find another better way to

implement mobility.

1.2.2.1 Limitation of Mobile IP with Multicast

The summary for the issues of the Mobile IP with multicast is presented in the

following:
e Tunnel Convergence problem.
e Requirement for multicast router in home and foreign network.

e RPF check failing

1.3 WHY USING SIP

Several wireless technical forums, e.g., 3GPP, 3GPP2, and MWIF, have agreed
on SIP as the basis of the session management of signally protocol on the mobile Internet.
It seems that SIP will certainly be an integral part of the mobile Internet's protocol
architecture. Thus, it would be desirable to use SIP to provide means of terminal, service
as well as personal mobility for all applications. The underlying rationales for seeking

such a solution are;
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i.  The expected growth of Internet multimedia services.
ii.  Strong likelihood of using SIP for supporting service and personal mobility, and

iii.  The beliefs that SIP can also support terminal mobility with minimal extensions.

The advantages of using SIP for supporting mobility are that it

» Allows users to depend on their appliances rather than the network for supporting
mobility on an end-to-end basis without reliance on and knowledge about abilities
of network elements for packet interception and forwarding, i.e., mobile users can
roam across SIP environments without concern about whether they support

network layer mobility or not,

¢ Provides a means of route optimization and improved performance for real-time
services via SIP signaling messages for address binding, registration, etc., and

» Allows dealing with mobility at a semantic level above IP terminals.

In the short term, supporting mobility with SIP at the application layer can either
partially replace or complement other approaches that rely on network layer mobility

protocols (e.g., mobile IP, GPRS).

1.4 THESIS OBJECTIVE

The objectives of this thesis are:

e Present architecture, i.e., SIP mobility supporting multicast, for supporting
multicast roaming users in a mobile wireless internet whose signaling system is

built upon SIP.
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e Develop the detailed messages for supporting the new protocol and demonstrate

its performance.

e Use SDL to simulate.

1.5 THESIS OUTLINE

The content of this thesis is organized as follows:

Chapter 2 introduces the basic ideas for SIP mobility. It includes the basic concept
and network structure as well as the measures of dealing with unicast and multicast

mobility.

Chapter 3 presents our approach for SIP mobility with multicast. System structure
and detailed messages are given in this chapter. UML (Unified Modeling Language)

sequence diagram are given here to guide to understand its performance.

Chapter 4 presents the procedures for MHs’ handoff. In this chapter, we discuss
various kinds of situation under which handoff may happen: whether moving happens
before calling or during calling; whether the new domain where MH is moving to has

group member/members or not.

Chapter 5 provides the results of simulations by means of an example. At the
beginning of the chapter, it simply introduces the SDL (ITU Specification and
Description Language), and then gives the system model as well as the configuration of

the simulation model. The results are shown thereafter.

Chapter 6 gives the summary of the thesis. The issues and the suggestions for
future work on this topic are presented.
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CHAPTER 2

SIP MOBILITY

The Session Initiation Protocol (SIP) is an Internet standard that was published as
RFC 2543 in March 1999 (the latest issue is RFC 3261 in June 2002). It is a text-based
client-server signaling protocol used for creating, changing and tearing down multimedia
sessions between two or more participants [25] [26]. In addition to being able to set up,
change and release sessions, SIP can also be used to build advanced telephony service
like call waiting, call forwarding, and so on. SIP also allows two or more participants to
establish a session consisting of multiple media streams such as audio, video or any other
Internet-based communication mechanism. The media stream for a single user can be
distributed across a set of devices, e.g., specialized audio and video network appliances in
addition to a workstation. The protocol is standardized by the IETF and is being

implemented by a number of vendors, primarily for Internet telephony.

2.1 Review of SIP

SIP [26] [27] defines a number of logical entities, namely user agents and
network servers. A user agent is an end system that contains both a protocol client used
to initiate a call and a protocol server used to answer a call. It is used to originate and
terminate requests. Examples include conferencing software or gateways to the PSTN

(Public Switched Telephone Network), but also voice mail systems. Generally, user
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agents are the only elements where media and signaling converge. SIP end points are
addressed by SIP URLs (Universal Resource Locators) that have the form of email

addresses like xx-vang@ece.concordia.ca. SIP network servers include proxy server,

redirect server, and registrar. Proxy server acts as both a server and a client for the
purpose of making requests on behalf of other clients. It ensures that a request is sent to
another entity “closer” to the targeted user. It receives a request, determines which server
to send it to, and then forwards the request, possibly after modifying some of the header
fields. A SIP proxy has no way of knowing whether the next server to receive the request
is another proxy server, a redirect server, or a user agent server. For this reason, SIP
request can traverse many servers on their way from user agent client to user agent
server. Response to a request always travels along the same set of servers the request
followed, but in reverse order. Redirect server receives request, but instead of forwarding
them to the nest hop server, it just generates responses to requests it receives and
indicates where the request should be sent next. It answers the client’s request using a
redirect response that contains the address of the next hop server. For example, a redirect
server may keep track of the user’s location and then return a response indicating that
location as a list of one or more SIP URLs. Typically, a SIP server implements a redirect
and proxy server with information provided by a built-in registrar. Registrar is a server
that accepts REGISTER request and stores the information it received in the request into
the location service for the domain it handles. Normally the registrar is collocated with
proxy servet/redirect server. Depending on configuration and the specific request, the

server acts as either a proxy or redirect server or a registrar.
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A SIP request consists of a request line, header fields, and a message body. The
various header fields contain information on call services, addresses, and protocol
features. The body can contain anything. SIP defines six different method types,
including INVITE, ACK, CANCEL, OPTIONS, REGISTER, and BYE. INVITE method
is used to invite user(s) to a session and establish a new connection. The header fields of
an INVITE request contain the address of the caller and callee, subject of the call, call
priority, and call routing requests, caller preferences for user location and so on. The
body of the request contains a description of the media content of the session. Usually,
this body is an object described by the session description protocol (SDL), a textual
syntax for describing unicast and multicast multimedia sessions. It contains information
on codec, ports, and protocols to be used for sending media to the caller. REGISTER is
used to transfer the information about a user’s location to a SIP server. REGISTER
allows a user to tell a SIP server how to map an incoming address into an outgoing
address that will reach that user (or another proxy that knows how to reach that user). The
body of a REGISTER message can be anything. Currently, researchers are investigating
the use of simple scripts to describe the more complex programmatic name translations.
Furthermore, the body of a REGISTER response can contain configuration information
useful to the user agent. Such information may include additional addresses that allow for
private branch exchange, whereby the server chooses the address used by each client.
Beyond INVITE and REGISTER described in the above, the SIP methods also include:
ACK, an acknowledgement of an INVITE and is used to confirm reliable message
exchanges; BYE used to terminate a session; OPTIONS used to query SIP servers’

capability, but do not set up a call; and CANCEL is used to terminate a pending request,
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but does not undo a completed call. When received at a user agent server (UAS),
CANCEL has no effect if the UAS has already answered the call. If the UAS has not
answered, CANCEL indicates that it should not respond because the call has effectively
been cancelled. This does not, however, prevent a UAS from answering the call request.
It is simply an optimization. Figure 2-1 shows an example of SIP session setup and

termination [16].

INVITE sip:bob@mcgill.ca sip/2.0
To:sip:bob@mcgill.ca
From:sip:anne@concordia.ca

Call-ID::12345@a.concordia.ca Sip.megill.ca  INVITE sip:bob@b.megill.ca

Cseq:1 INVITE 3 To:sip:bob@mecgiil.ca -
Contact:sip:anne@a.concordia.c SIP2.0 307 Moved temporarily EE
' = Contaetsipjack@megillca -~
EE SUP2.0 100 Trving i oa =
< 2 = = . 4
B ACK sip:bob@b.mcgill.ca %
To:<sip:bob@mcgill.ca> ¢ o, -
% « 10 SIP/2.0 2000K b.megill. ca

a.concordia.ca

A INVITE sip:jack@c.mcgill.ca
6 To:sip:bob@mcgill.ca
, SIP2U IR0 Ringing 5
= '
SHP2.0 1000K
Tosip.boblemegillca c.nmegill. ca
From:sipaneiweoncordta i
Calbk1D:d fa.concardin.ca
Cseg b INVITE
ACK sip:jack@c.megill.ca I8 Contactstpyackemegill.ea
BYE sip:anne@a.concordia.ca
Cseq:1 BYE 12
SH:2.0 20001 13

Figure 2-1 Example of SIP Session Setup
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2.2 SIP Mobility

From Chapter 1, we see that Mobile IP is struggling with the problem of
triangular routing. The route optimization solves this by sending binding updates to
inform the sending host about the actual location of the mobile host. This solution still
has several problems like the requirement of changes in the IP stack of the correspondent
host in order to encapsulate IP packets and store care-of addresses of the foreign agent or
mobile host, and the extra delay added before the correspondent host finds out where to
send the packets. Therefore, there is a need to introduce mobility awareness on a higher
layer. The application layer protocol SIP already supports personal mobility, and the
changes needed to support device mobility are minor. In the following, it is discussed
how mobility support in SIP can improve the performance for real-time services in
wireless networks. Also, application layer mobility does not require any changes to the
operating system of the participants and thus can be deployed widely much easier than

Mobile IP.

2.2.1 SIP Personal Mobility

Personal mobility is the ability of an end user to originate and receive calls and
access subscribed telecommunication services on any terminal in any location, and the
ability of the network to identify end users as they move [3][28][29]. Personal mobility
is based on the use of a unique personal identity. SIP support advanced personal mobility
services, an example of which is shown in Figure 2-2 [29]. A user of the system, John,

maintains an office at Laurent Technologies location. In addition, John is a researcher at

-20 -



Concordia University, where he has another office. John publishes a single IP telephony

phone address for himself: john@laurent.com. When John is at Concordia University, he

sends a REGISTER message to the Laurent SIP server (1), listing his Concordia address-

john@concordia.ca as forwarding address. Once at Concordia, John registers his office-

john@office.concordia.ca with the Concordia registration server (2). Later in the day,

jack@mcgill.ca places a call to john@laurent.com. Using DNS (Domain Name System),

the caller resolves Laurent.com to the address of the Laurent SIP server, which receives
the call request (3). The server checks its registration databases (4) and decides to

forward the request to john{@concordia.ca. To do so, it looks up concordia.ca in DNS and

obtains the address of the main Concordia server. It then forwards the request there (5).

As soon as the request arrives, the Concordia server looks up john@concordia.ca in the

registration database (6) and determines that he is at the office of Concordia University.
The server then sends a call request to the office, causing the office phone to ring (7).
John then answers the phone in his office, sending and acceptance response back to the
Concordia server (8). Having now received the response, the Concordia server forwards
the call acceptance back to the Laurent server (9), which forwards the request to the
original caller (10). At this point, call transactions may proceed directly between the

caller and John without passing through the intermediate server (11).
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Figure 2-2 An Example of SIP Personal Mobility

2.2.2 SIP Terminal Mobility

Terminal mobility allows a device to move between IP subnets, while continuing

to be reachable for incoming requests and maintaining sessions across subnet change. A
subset of terminal mobility, being able to be reached for new sessions after subnet
changes, requires only DHCP (Dynamic Host Configuration Protocol) and dynamic DNS.
Using SIP for mobility trades generality for ease deployment. SIP-based mobility is less
suitable for TCP (Transmission Control Protocol) based applications, but does not requirc
adding capability to existing operating system nor the installation of home agents or
dynamic DNS update [30] in the user’s ISP (Internet Service Provider). Here, SIP
mobility means SIP terminal mobility. SIP mobility happens at two stages: pre-call and

mid-call [16] [31]. Pre-call means that moving happens before session is setup. Mid-call
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means that moving happens in the middle of communication or say after session is setup.
Figure 2-3 and Figure 2-4 are the examples of SIP mobility with its basic messages and

entities for unicast application.

The pre-call mobility is the easiest part of SIP mobility. Within the pre-call
mobility a MH has already moved to a foreign network before receiving or making a call.
The MH re-registers with its home registrar each time it moves. Figure 2-3 shows the
working of the SIP pre-call mobility. A correspondent host (CH) sends INVITE MH
message (1) to its home network. MH has moved but has registered with its home
network. Redirect server responses the INVITE message providing the new server
address of MH (2). CH sends INVITE MH message (3) to foreign network where MH is
located. Upon receiving INVITE, MH sends 2000K message to CH (4). They begin

media communication (6) after CH confirms with ACK (5).

Figure 2-3 SIP based Pre-call Mobility



SIP based mid-call mobility is shown in Figure 2-4. Within mid-call mobility a
MH moves after it receives or makes a call. As soon as MH knows it has moved, it sends
a new INVITE message (1) to CH with its new location information, without going
through any intermediate SIP proxies (a SIP proxy will be traversed if it has requested to
be part of future signaling messages by inserting a Record-Route header during the initial
call setup). CH accepts it by responding with 2000K message (2). MH confirms with
ACK (3) and they continue to communicate with each other (4). After setting up
communication with CH, the MH registers with its home registrar (5). If new foreign
local proxy server cannot send REGISTER message to home registrar directly, it has to
send REGISTER message to home server through the outbound proxy server (Figure 2-4
step 5" and step 6"). An outbound proxy can be manually configured or learned through
auto-configuration protocols. A UAC (user agent client) is recommended to send
messages to the location indicated in the first Route header field value instead of sending
all messages to the outbound proxy. It allows endpoints that cannot resolve the first

Route URI to delegate that task to an outbound proxy [26].

Figure 2-4 SIP based Mid-call Mobility
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The occasion discussed above is focused on the situation under which CH is
static. If CH moves, it also sends REGISTER message to its home proxy server. MH
simply sends INVITE request, which the SIP server infrastructure then routes to the SIP
server of the CH’s home link following the standard SIP procedures. Assuming that the
SIP server on the home link is a redirect server, it returns the address that the CH has
registered with. The MH then redirects the INVITE request to the CH directly. If the CH
accepts the invitation, it exchanges future SIP messages as well as any other data directly

with the MH from that moment on.

2.2.3 Hierarchical Registration

By default, registrations are sent to the “home” registrar, as explained normally.
Thus, any location change causes a SIP REGISTER request and response to be sent.
Although SIP signaling is likely to use a higher-speed network, the signaling traffic is
still undesirable. Within SIP, registrations can be forwarded just like other requests as
shown in Figure 2-5 [16]. In the figure, Anne, with a home in Quebec, visits Montreal.
Each time she moves, she sends REGISTER request towards her home registrar through
the outbound proxy in Montreal. For the REGISTER message originating in Laval, the
outbound proxy makes a note of the registration and then forwards the request to the
normal home registrar after modifying Contact in the registration to point to it. After
Anne moves to Dorval, the REGISTER update hits the same registrar (MTL). It
recognizes that Anne is already in Montreal and does not forward the request. It updates

the Contact field to point to Dorval. A call from anywhere first reaches the QC proxy
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server that forwards the request to the MTL proxy server that in turn forwards it to

Anne’s correct location.

b Fromianne@QC SIP montreal.com SIP quebec.com
Laval MWI server server
: Iz

H

MTL > QC A [l =

. (03]
rom:anne@QC —————  REGISTER

Contact:anne@dorval.mtl - INVITE

Dorval

Figure 2-5 Hierarchical Registrations in SIP

Here the example is focusing on the personal (Anne) mobility. For the terminal
mobility, the concept of hierarchical registration is the same as above. So we do not

repeat it again.

2.2.4 Issues of SIP Multicast Support

Much work has been done for SIP mobility unicast support. This section identifies

problems that may exist with multicast communication.

We assume that the mobile host and the correspondent host communicate via an
IP multicast group of which both hosts are the members. When the mobile host moves to
another link, it gets a new [P address. This means that it will have to leave the multicast

group with its old IP address and join the group with its new IP address. However when
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mobile host detects that it has moved to another link using router advertisements [32], it
will have no way to contact its old multicast router and deliver the IGMP (Internet Group
Management Protocol) unsubscribe message to it. This means that multicast router on the
mobile host’s old link keeps on multicasting message destined for the mobile host, if
there are other mobile host on the old link that happen to be a member/members of the
same multicast group. However, when the mobile host is the last one on the old link that
was receiving the multicast message from the multicast group, the multicast router on the
old link will keep on sending the multicast message on the old link while there are no
hosts that want to receive them. This is a waste of the bandwidth, especially on the
wireless link. This sending will not stop until the multicast router on the old link finds out
that there are no nodes on the link that are interested in receiving packets from the
multicast group. To solve the above problem, the mobile node should be able to send the
IGMP unsubscribe message for its old IP address to the old multicast router. This
requires the mobile node to record its old IP address as well as the IP address of the old
multicast router. The mobile host should be able to send this IGMP message, which only
carries IP multicasts address, to the old multicast router by a tunnel. Finally, the old
multicast router needs to be able to act as a representative of the mobile host. It should be
able to take the unsubscribe message from tunnel and transmit them onto the mobile link

on behalf of the mobile host.

When it is a problem to gracefully leave a multicast group on the old link, it is
easy to complete the handoff from the old link to the new link. All the mobile host has to
do is to join the same multicast group by using its new IP address on its new link. Here

we assume that the router of the new link is a multicast router. Unlike the unicast
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situation, the mobile host does not need to send an INVITE message to the correspondent
host, because the correspondent host is not aware of the identity of the host that it is

communicating with anyway.

2.3 SUMMARY

In this chapter, we introduce the work that has been done recently in the literature
related to SIP. It includes the basic SIP concept, the SIP structure and how it works. At
the same time we provide the issues about the SIP mobility with multicast and explain the
reason why propose an approach of application layer multicast. Based on these ideas, we
develop a new method for SIP based mobility with multicast. This will be introduced in

the following chapter.
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CHAPTER 3

SIP-BASED MOBILITY WITH MULTICAST

We see in Chapter 1 that there exist problems such as triangular routing for IP
unicast mobility. Though route optimization is adopted to solve the triangular routing
problem, it brings new problems such as the binding update delay and the changes
required in the operating system of the correspondent host. For the IP multicast mobility,
the problems are that the multicast router is required and of tunneling convergence.
Another problem is which address (home address or care-of address) should be used as
source address when MH wants to send multicast packets to CHs. If mobile host uses
home address as the source address, mobile host cannot pass the RPC checking and the
packets would be dropped. If care-of address is used as source address, the mobile host
may lose its identity. That results in research work that has been done in this thesis on the
application layer to provide SIP based multicast mobility. SIP already supports personal
mobility. The difference between the personal mobility and the terminal mobility is the
frequency with which MHs register at different locations [23]. SIP works in application
layer, it therefore does not need any changes in the operating system of correspondent
host, and is thus easier to deploy in the system. As seen in Chapter 2, the traditional SIP
multicast mobility support applies the multicast protocol in IP layer to implement
multicasting. There still exist the problems as discussed in Section 2.2.4 as well as the

problem of multicast router requirement.
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The work presented in this Chapter focuses on the SIP multicast mobility support
to avoid the traditional multicast protocol of IP layer, and to move the multicast
functionality to application layer. This avoids the issues discussed in Chapter 1 and

Chapter 2.

In this Chapter, we first propose the structure of SIP-based Multicast Mobility.
We add the new fields “join” and “leave” to REGISTER message and discuss the detailed
messages such as REGISTER _J, REGISTER L to register, INVITE for session setup and
BYE for session termination. In order to provide a clear presentation, we also provide

network diagram as well as UML diagram.

3.1 PROPOSED SIP-BASED MULTICAST MOBILITY

STRUCTURE

To support SIP Mobility for multicast applications, we define a new logical entity
named “Root Server (RS)” that is responsible for forming a multicast tree in the local
domain and to multicast packets to the group members. Figure 3-1 shows the network
structure in order to provide SIP Mobility with Multicast. Here the basic entities are the
same as SIP Mobility with unicast such as proxy server, redirect server and registrar. In
addition, there are RSs to implement the multicast service. Every MH who wants to join a
multicast group for receiving multicast packets must register with RS through its local
proxy server by using REGISTER J messége. We extend REGISTER method to
REGISTER_J and REGISTER_L method by adding “join” and “leave” fields for joining

and leaving a multicast group as described in the Section 3.2.
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Figure 3-1 SIP Multicast Mobility Structure

3.1.1 Forming the RSs Multicast Tree

An RS is active if there is a member of the multicast group in its domain. When a
root server is activated, it will join the RS multicast group by sending the
RS_REGISTER J request with “join” field to the Administrator Server (AS) that is
assigned by an ISP to administer the RSs multicast tree forming. If the RS is the first
server to send the RS_REGISTER J request with “join” to AS, the AS informs it to be
the source of the RS multicast tree. If the RS is not the first one to send the
RS _REGISTER _J request to AS, The AS will inform it about the source of the multicast
tree and redirects it to the source server. When a RS has no group members in its domain,
it sends the RS _REGISTER L request with “leave” field to the source root server for
leaving the multicast tree. If the source root server has no group member in its domain
and other domains, it will send RS REGISTER L request to leave the AS. Figure 3-2 is

an example of the root server multicast tree. In this figure, there are four domains and
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each domain has its local group members (mobile hosts) and it is up to the source RS to
apply any multicast routing protocol to obtain its multicast tree. Figure 3-3 provides the
sequence diagram for forming multicast tree of root servers. Here is only the general idea.
The detail about forming the multicast tree of root servers does not belong to the scope of

this research.

source proxy
OfRSS SErvers
proxy
Servers proxy proxy
servers servers
Figure 3-2 Sample of RS Multicast Tree
! ' As .
R  (administrator server) | RS2
. 1.RS_REGISTER_J
e T *>‘
< 22000k [

3RS REGISTER J
1 4.3xx:Redirect tgrRSI,>; ‘
L the source of G

5.RS_REGISTER J |
< I

6, 2000K | - >

|

Figure 3-3 Sequence Diagram for Forming RS Multicast
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We assume that all domain RSs exist and every RS knows the location of it’s AS
assigned by ISP. All local servers know the location of its RS in its domain either
manually or auto-configured. The first RS that has the first group member will be the

source of the multicast group.

3.2 MOBILE HOST REGISTRATION PROCESS

When a mobile host (MH) moves to a foreign network (FN) from its home
network (HN), first thing it needs to do is to register with local registrar that is normally
collocated with proxy server. The purpose of registration is to “join” the multicast group
by registering with RS through the local proxy server for multicast mobility and to inform
the home server where it is now by registering with home server through outbound proxy
server for unicast mobility. Figure 3-4 shows the registration procedure and Figure 3-5 is

the sequence diagram for registration.

In Figure 3-4, MH1 moves to FN from its home. As soon as MH reaches the FN,
it sends REGISTER_J message to local proxy server (proxy2). After finishing the
registration, proxy2 sends this REGISTER J message to RS2. When RS2 receives the
REGISTER J message from MHI! through its proxy server proxy2, it first checks if the
domain name shown in the “leave” field is the same as the RS2’s domain name. This

REGISTER _J message could be from a mobile host that has moved from a different

domain or from the same domain. If the REGISTER J message is for multicast and the
domain name in the Leave field is different from its domain, RS2 adds MH1 in its
domain group member’s table that contains the entries as [proxy2, MH1]. It then creates a

REGISTER_L message and transfers this REGISTER_L message to the pre-root server
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RS1 of the domain shown in the “Leave” field of REGISTER J message. RS1 deletes its
[proxyl, MHI] entry from its domain group member’s table and transfers this
REGISTER L message to the pre-proxy server (proxyl) mentioned in the “Leave” field
of REGISTER L message. Proxyl deletes MH1 from its list of mobile hosts supported.
Similarly, proxy2 adds MHI1 in its list of mobile hosts supported. If mobility happens in
the same domain such as moving from proxy2 to proxy3, the REGISTER J message is
for multicast and the domain name in the “Leave” field is the same as RS2’s domain,
RS2 updates its entry in its domain group member’s table from [proxy2, MHI] to
[proxy3, MH1]. Proxy3 adds MHI1 in its list of mobile hosts supported and proxy2
deletes MH1 from its list of mobile hosts supported. Here, REGISTER L and
REGISTER J are the same. We gave the different names like REGISTER J for joining
and REGISTER L for leaving just for readers to understand it easily. Every server will

send back 2000K message for the successful registration.
The detailed REGISTER message is as shown in the following:

e Registering with foreign proxy server and RS

MHI1 sends REGISTER J message to proxy2 for registering and joining the multicast
group.

REGISTER J MH1- proxy 2

REGISTER J sip: registrar.foreign.com SIP/2.0

Via: SIP/2.0/UDP laptop.foreign.com

From: sip: MH1@home.com

To: sip: MH1(@home.com

Contact: sip: MH1@10.12.3.6
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Join: sip: 224.10.20.5 (multicast group G)

Leave: sip: pre-proxy@pre-foreign.com

<other sip header>

———» REGISTER_J
----------------- » REGISTER _L

— — % 2000K
—_ —» REGISTER(unicast)

Figure 3-4 Registration of Mobile Host Moved From a Different Domain

Rs! Lot | ot

1. REGISTER_J

1 2. REGISTER_J

3. REGISTER_]

4. REGISTER_L

5. 2000K
6. 2000K

7. 2000K

8. 2000K

Figure 3-5 Sequence Diagram for Registration
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Proxy2 processes the registration request from MH1 and finds that MH1 needs to
join the multicast group G. Proxy?2 transfers this REGISTER _J message to RS2 for MH1
to join the group G and release the path to former IP address of MH1 from pre-proxy

SCrver.

REGISTER _J proxy2—-> RS2

REGISTER _J sip: rootserver.foreign.com SIP/2.0
Via: SIP/2.0/UDP proxy2.foreign.com

Via: SIP/2.0/UDP laptop.foreign.com

From: sip: MH1@home.com

To: sip: MH 1 @home.com

Contact: sip: MH1@10.12.3.6

Join: sip: 224.10.20.5 (multicast group G)

Leave: sip: pre-proxy(@pre-foreign.com

<other sip header>

RS2 finds the pre-RS (RS1) for MH1 by checking its RSs routing table according
to the information it gets from “leave” field of REGISTER J. After RS2 registers for

MHI1, it creates the REGISTER L. message and then forwards it to RS1.
REGISTER_L RS2-> RSI1

REGISTER L sip: rootserver.pre-foreign.com SI1P/2.0
Via: SIP/2.0/UDP RS2.foreign.com
Via: SIP/2.0/UDP  proxy2.foreign.com

Via: SIP/2.0/UDP laptop.foreign.com
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From: sip: MHI1(@home.com

To: sip: MH1@home.com

Contact: sip: MH1@10.12.3.6

Join: sip: 224.10.20.5 (multicast group G)

Leave: sip: pre-proxy(@pre-foreign.com

<other sip header>

RS1 updates its routing table for multicast group G, and forwards this message to

pre-proxy proxyl.
REGISTER_L RS1-> proxyl

REGISTER L sip: proxy!.pre-foreign.com SIP/2.0
Via: SIP/2.0/UDP RS1.pre-foreign.com

Via: SIP/2.0/UDP RS2.foreign.com

Via: SIP/2.0/UDP  proxy2.foreign.com

Via: SIP/2.0/UDP laptop.foreign.com

From: sip: MH1@home.com

To: sip: MH1@home.com

Contact: sip: MH1@10.12.3.6

Join: sip: 224.10.20.5 (multicast group G)

Leave: sip: pre-proxy(@pre-foreign.com

<other sip header>
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After updating the information about MH1 for the multicast group G, proxyl
sends back 2000K message for successful REGISTER_L to RSI1. 2000K message

reaches the same servers as mentioned above through the same path until MH1.

e Registering with home server

For multicast mobility, no matter where MH moves and no matter where it joins
the multicast group, it can always obtain the packets sent to the multicast group by other
CHs. That is why MH need not register with its home server after registering with foreign
proxy server and RS for multicast communication. On the other hand, for unicast
mobility each time MH moves to a new network or say obtains a new IP address, it
should register with its home server to inform home server where it is now. After MH |
registers with local proxy server, it sends a REGISTER message to its home server
through local proxy as well as outbound proxy. If MH does not register with home server
for unicast communication, CH may not find it and does not know where it should send

messages. It will result in losing connection between CHs and MH.

REGISTER MHI-> proxy2
REGISTER sip: registrar.home.com SIP/2.0

Via: SIP/2.0/UDP laptop.foreign.com

From: sip: MHI@home.com

To: sip: MH1{@home.com

Contact: sip: MH1@10.12.3.6

<other sip header>
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Proxy2 receives this REGISTER message and checks its database or location
server to know where the outbound proxy server is. In order to reach MH1’s home server,

then proxy2 forwards REGISTER message to this outbound proxy server.

REGISTER proxy2-> outbound proxy

REGISTER sip: registrar.home.com SIP/2.0
Via: SIP/2.0/UDP proxy2.foreign.com

Via: SIP/2.0/UDP laptop.foreign.com

From: sip: MH1@home.com

To: sip: MH 1i@home.com

Contact: sip: MH1@10.12.3.6

<other sip header>

According to the Hierarchical Registration, outbound proxy server keeps the
information about MH1 in its database and routes REGISTER message to MH1’s home
server across other proxy server when it is the first time for outbound proxy server to
route REGISTER message to MH1’s home server from MH1. When it is not the first
time, outbound proxy server should check if MHI locates in the same domain as before
by obtaining information from its database. If yes, outbound proxy server updates the
information related to MH1 in its database and need not route REGISTER message to

MH1’s home server. If not, it follows the same steps as if it is first time.

REGISTER outbound proxy => home server

REGISTER sip: registrar.home.com SIP/2.0
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Via: SIP/2.0/UDP outbound proxy.foreign.com
Via: SIP/2.0/UDP proxy1.foreign.com

Via: SIP/2.0/UDP laptop.foreign.com

From: sip: MH I{@home.com

To: sip: MH1(@home.com

Contact: sip: MH1@10.12.3.6

<other sip header>

Home server would send back 2000K message to MH1 through the entities
mentioned above if it successfully accepts this message. If the last entity receiving
2000K message is outbound server, it would be the source of sending the 2000K
message. Here these 2000K messages are omitted. Readers who are interested in it can

refer to the reference [27].

3.3 SESSION SETUP PROCESS

When a correspondent host (CH) wants to set up a media session with a multicast
group G, it should have itself registered with RS to join the multicast group and be part of
the RS multicast tree. It sends INVITE message to its local proxy server (proxyl) and
informs it to set up a media session to the group G (Figure 3-6). Local proxy server
checks its database or location server to obtain the information about RS of group G. It
then directs this INVITE message to RS1. If RS1 has local group members registered

with it, it forwards INVITE message to all local group members. RS1 also sends INVITE
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message to other RSs in other domain that have group G members. RS1 routes INVITE
message to RS2 that has group members including MH1 and MH2. After receiving
INVITE message from RS1, RS2 multicasts INVITE message to group members MH1
and MH2. MH1 and/or MH2 will send back 2000K message to CH if it / they accept the
INVITE. After CH receives 2000K, it responds with ACK message, and the session is
set up. RTP/RTCP media can now be sent and session is established. Figure 3-7 is a

sequence diagram that gives the detailed steps for session set-up.

INVITE
2000K

Figure 3-6 Example of Session Setup

The detailed message is following:
INVITE CH - proxyl

INVITE groupmembers@224.10.20.5 (multicast address) SIP/2.0

Via: SIP/2.0/UDP laptop.home.com

From: CH@home.com

To: groupmembers@224.10.20.5
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<other SIP header>

‘ CH ] {proxyll [ RSI ] |proxy3} | RS2 ] [pmxyzl [ MHI | | MH?2 | [MHs |
1. INVITE
2. INVITE
3. INVITE 3. INVITE
4. INVITE
4. INVITE
H 5. INVITE
5. INVITE
1 [0 6. 2000K
7.2000K |
000 6. 2000K H
6. 2000K
7. 2000K
8 2000K
9. 2000K
10, 2000K
11. ACK b ACK
13, ACK
13. ACK
14 ACK
14 ACK 15. ACK
15. ACK

Figure 3-7 Sequence Diagram for Session Set-up (RS1 having local members)

INVITE proxyl = RSI

INVITE groupmembers@?224.10.20.5 (multicast address) SIP/2.0

Via: SIP/2.0/UDP proxyl@home.com
Via: SIP/2.0/UDP laptop.home.com

From: CH@home.com

To: groupmembers@?224.10.20.5
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<other SIP header>

INVITE RS1 = RS2 and RS1 = proxy3

INVITE groupmembers@?224.10.20.5 (multicast address) SIP/2.0

Via: SIP/2.0/UDP RS1@home.com
Via: SIP/2.0/UDP proxy1@home.com
Via: SIP/2.0/UDP laptop.home.com

From: CH@home.com

To: groupmembers@?224.10.20.5

<other SIP header>

INVITE proxy3 = MHI1

INVITE groupmembers@?224.10.20.5 (multicast address) SIP/2.0

Via: SIP/2.0/UDP poxy3@home.com
Via: SIP/2.0/UDP RS1@home.com
Via: SIP/2.0/UDP proxyl@home.com
Via: SIP/2.0/UDP laptop.home.com

From: CH@home.com

To: groupmembers@224.10.20.5

<other SIP header>...
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As soon as RS2 gets the INVITE message, it multicasts INVITE to all local proxy
servers that have the same group members. The message is similar to the above and is not

repeated again. For 2000K and ACK message, the difference is the first line that is

changed from INVITE groupmembers@224.10.20.5 (multicast address) SIP/2.0 to
SIP/2.0 2000K and SIP/2.0 ACK. 2000K message comes from MHs and follows the
INVITE path in the reverse direction, and ACK message come from CH and follows the

same path direction of INVITE. Here one 2000K and ACK message is shown.

2000K MH1 — proxy3

SIP/2.0 2000K

Via: SIP/2.0/UDP RS1@home.com
Via: SIP/2.0/UDP proxy! @home.com
Via: SIP/2.0/UDP laptop.home.com

From: CH{@home.com

To: groupmembers@?224.10.20.5

<other SIP header>

ACK CH - proxyl

SIP/2.0 ACK

Via: SIP/2.0/UDP laptop.home.com

From: CH@home.com

To: groupmembers@?224.10.20.5

<other SIP header>
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3.4 SESSION TERMINATION

When CH wants to terminate the session between CH and group G, it sends BYE
message to root server RS1 through the local proxy server proxyl. Then RS transfers the
BYE message to its local group members as well as to RS2 in other domain that has the
same group members. On the other hand, if any member (MH) does not want to continue
this communication, it sends BYE message to its local proxy server, then the server will
terminate this session to it. If no group members belong to this local server, this server
sends BYE message to RS in the same domain and the RS will terminate the session to it.
Figure 3-8 is the sequence diagram of session termination corresponding to the Figure 3-

6 when CH initiates to terminate the communication,

The detailed message is following:

BYE CH - proxyl

BYE sip: groupmembers@224.10.20.5 (multicast address) SIP/2.0

Route: <proxy1l.home.com>
Route: <RS1.home.com>

<other SIP header>

BYE proxyl = RSI

BYE sip: groupmembers@224.10.20.5 (multicast address) SIP/2.0

Route: <RS1.home.com>

<other SIP header>
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RS1 receives BYE message and removes the first Route header field. It reformats

the request to be:

BYE RS1 = proxy3

BYE sip: groupmembers@?224.10.20.5 (multicast address) SIP/2.0

Route: <proxy3.home.com>

<other SIP header>

BYE RS1- RS2

BYE sip: groupmembers@224.10.20.5 (multicast address) SIP/2.0

Route: <RS2.foreign.com>

<other SIP header>

Proxy3 multicasts BYE request to its local group members and forwards 2000K
message coming from group members to RS1. RS2 multicasts BYE request to its local
group members through its local proxy servers. RS2 also forwards 2000K message that
are from local proxy servers. The session is terminated finally after CH gets 2000K

message through proxyl and RS1.
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1.BYE
2.BYE
3.BYE 3BYE
4, BYE
4, BYE
H 5.BYE
5.BYE
1 N 6. 2000K
7.2000K 000K U
6. 2000K
7. 2000K
8. 2000K
9. 2000K
10. 2000K -[

Figure 3-8 Sequence Diagram for Session Termination

3.5 SUMMARY

In this chapter we propose a new architecture to support multicast mobility in SIP
based networks based on the work introduced in Chapter 2. We define a new server, RS,
to control the multicast session messages. In order to support the multicast functionality,
the REGISTER message field was added with new fields: “From’ and “To”. The detailed
message format for REGISTER messages are shown for MHs to join and leave the
multicast sessions with mobility. Finally we apply the UML diagram to explain how the
new proposal works during registration, session setup and session termination. The

following chapter will focus on the handoff issue for SIP mobility with multicast.
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CHAPTER 4

SIP-BASED MULTICAST MOBILITY HANDOFF

In this chapter, we introduce two kinds of handoff: subnet handoff and domain
handoff [33]. Upon every cell handoff, the DHCP client in the mobile station (MS)
initiates a reconfiguration process. Its DHCP client requests for new IP address and
domain name, etc. The MS examines the DHCP response according to the following

rules to identify the handoff process [33].

e If the new IP address is the same as the current one, then a cell handoff has

occurred

e [fthe new IP address is different from the current one though the domain name is

the same as the current one, the subnet handoft happens.

e [f the new IP address and new domain name both differ from current ones, it is a

domain handoff process.

4.1 SUBNET HANDOFF

For multicast mobility, the basic mobility idea is the same as unicast mobility in
Section 2.2. We also discuss MH mobility subnet handoff in two different stages: pre-call

moving and mid-call moving.
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4.1.1 Pre-call Moving

In Figure 4-1 and Figure 4-2, a MH moves and gets a new [P address. It moves in
the same domain as the current domain. It registers with local proxy2 (1). Proxy2
transfers REGISTER _J to RS1 for MH to join the multicast group (2). RS1 updates the
information related to MH and forwards REGISTER L to proxyl for leaving group G
from proxyl (3). MH will hit the same outbound proxy when registering with home
server (proxy_H) (4). The outbound server will find MH is still in the same domain, so it
will update all information related to the MH, but not forward the request to the home

SCrver.,

outbwpf‘oygy

|
'
N
NI
N -
J

Figure 4-1 Pre-call Moving
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|| 2. REGISTER J_ - ypdate

P .. information of’

B < IMH

1 = Rremove the MH
J 3; REGISTER,—E . from the member list

P
S~

Figure 4-2 Sequence Diagram for Pre-call Moving

4.1.2 Mid-Call Moving

In Figure 4-3, MH1 moves as it is getting signal/data packets from the multicast
group. We use the lighter line to represent the multicast communication after the
multicast session is setup. MH1 registers with new local server (proxy2) and informs the
local server to join the multicast group G (1). The new local server does registration for
MHI1 and forwards REGISTER J to RS2 (2). RS2 adds MH1 to its local multicast tree
and forwards REGISTER L to the pre-proxy server (proxyl) for informing it to release
the path to MH1 (3). MHI registers with home server by sending REGISTER message to
the outbound server (4). If the new proxy server proxy2 already has group members
before MHI registered with it, proxy2 would setup session with MHT1 directly. If there no
members exist, RS2 would setup session with MH1 through proxy2. After receiving the
response to REGISTER L, it would terminate session with proxyl if RS2 knows that
there is no group member in proxyl. The sequence diagram for Figure 4-3 is similar to

Figure 4-2.
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MH1

Figure 4-3 Mid-call Moving

4.2 DOMAIN HANDOFF

For domain handoff, we discuss two different situations in which there still are
pre-call and mid-call cases. It is the same idea as subnet pre-call and mid-call moving. So
in the following we will not discuss pre-call and mid-call again and only focus on if there

are members in the new domain.

4.2.1 Destination Foreign Domain with Group Members

Figure 4-4 and Figure 4-5 show handoff when a MH moves to a domain with
already existing group members. When MH2 moves to a domain where root server RS2

has been activated and has the same group members in this domain, it sends
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REGISTER J message to local proxy server (proxy2) with “join” and “leave” fields (1).
Proxy2 does registration for MH2 after receiving the message. Then proxy2 sends
REGISTER J with “join” and “leave” field to RS2 in this domain (2). RS2 adds MH2 in
its multicast tree, then forwards REGISTER L. message to the pre-root server RS3 (3).
RS3 updates the information related to MH2 and transfers the message to pre-proxy
server proxy3 (4). Proxy3 removes MH2 from its members list. After that, MH2 sends
unicast REGISTER message to its home server through the outbound proxy server.
Outbound proxy server puts MH2 in its contact list. Outbound server transfers the
REGISTER message to the MH2’s home server. The home server updates MH2’s
information. Then it will send back 2000K message to MH2 following the same path as
REGISTER message comes. The outbound proxy and unicast registration messages are

however omitted from the diagram for clarity purposes.

= ———» REGISTER J
------------------- » REGISTER L
— — —»  2000K

Figure 4-4 Domain Handoff with group members
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MH2 | proxy2 | | Rrs2 | | Rs3 | | proxy3 |

1. REGISTER_J
Do refistration
2. REGISTER_J
Do registration
3. REGISTER_L Remove MH2
4. REGISTER_L
Remove MH2
5. 2000K
6. 2000K & ]
7. 2000K
8. 2000K 00

Figure 4-5 Sequence Diagram of Domain Handoff with group members

4.2.2 Destination Foreign Domain without Group Members

In Figure 4-6, when MH2 moves to a domain where root server has not been
activated and does not have the same group members in this domain, sending
RS REGISTER _J message to AS for joining the RS multicast group G will first activate
the RS of this domain. After successfully joining the RS multicast group, RS adds the
MH to its local multicast tree and sends REGISTER_L request to the pre-root server of
MH to inform it that MH has already moved to a new domain and to release the path to
MH in order not to send message to the end system where no member exists. Figure 4-6
is the structure about MH moving to a domain without the group members. The following
is the sequence diagram in Figure 4-7. MH2 registers with local proxy server (proxy2)

with “join” and “leave” fields (1). Proxy2 does registration for MH2. Proxy2 sends
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REGISTER _J with “join” and “leave” to the root server (RS2) in this domain (2). RS2
sends join request RS REGISTER _J to its multicast tree AS (Administrator Server) (3).
Then it adds the MH2 in its delivery tree. RS2 forwards REGISTER message as
REGISTER L to the pre-root-server RS3 (4). RS3 removes MH2 from its multicast
group. RS3 transfers REGISTER L to the local proxy server (proxy3) and informs it to
release the path to MH2 (5). Proxy3 removes MH2 from its member list and then sends
back 2000K message. For unicast registration, it is same as the unicast registration in

Section 3.2 of Chapter 3.

—————— REGISTER J
............. # REGISTER L
— . — . — RS _REGISTER J

Figure 4-6 Domain Handoff without group members
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MH2 | proxy2 | | Rs2 | | Rs3 | [ poxy3 | | as

1. REGISTER J
Do refistration
2. REGISTER J
= 3. RS_REGISTER J
4,200 OK
Do registration
5. REGISTER_
H Remove MH2
6. REGISTER L.
] Remove MH2
7. 2000K
9. 2000K 8. 2000K
10. 2000K

Figure 4-7 Sequence Diagram for the Domain Handoff without the Group Members

4.3 SUMMARY

Dealing with handoff is the most difficult problem in SIP mobility. In this chapter
we introduce the working of the new proposal when handoff takes place. We discuss it

according to the different situations:
1. When the MH moves within the same domain (subnet handoff):
e Pre-call moving.
e Mid-call moving.
2. When the MH moves to a different domain (domain handoff):

e The new domain with the same group member/members.
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e The new domain without the same group member/members.

We also employed the UML diagram to express the theory of how it works when

handoff happens.
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CHAPTER S

SIMULATIONS

We have used ObjectGeode [34] as a simulation tool on the system model built
using SDL (ITU Specification and Description Language) [35] [36]. ObjectGeode is a
formal toolset dedicated to analysis, design, and verify through simulation and testing of
real time and distributed applications. ObjectGeode can verify that the system works as
expected with limited number of nominal cases described by MSC (Message Sequence

Charts) [37].

SDL is an internationally standardized language, developed and maintained by
ITU-T (International Telecommunication Union-Telecommunication) since 1976. The
language is well suited for describing stimuli-response behavior since it is based on
experience of describing telecommunication systems functions as communicating state
machines. [t has evolved from an informal drawing technique to a formal description
technique. Due to its simple conceptual basis and its choice of graphical or textual
representation it is very intuitive and helps the designer in visualizing relationships. It is
well received in the telecommunication community and has been extensively used both in
standard and product development. MSC (Message Sequence Charts) is a language that
has been informally used in ITU and in industry for visualization of selected message
trace within communication system. The MSC language is now standardized by ITU-T in

recommendation Z.120, and is used most frequently together with SDL. MSCs and SDL
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descriptions should be regarded as two different but complementary system
representations. SDL on one hand provides a complete behavior description of individual
processes (communicating entities), but there is no direct description of communication
between several entities. On the other hand, MSC provides a clear description of system

traces in the form of message flow diagrams.

SDL and MSC are just two of many languages. They combine the power of
expression and communication of a graphical presentation with the formality required to
carry out formal analysis. MSC enables the formalization of scenario use sequence that
informally describes observed behavior in stimulus-response terms. MSC also allows the
interaction between the entities in a system to be shown. SDL bridges the gap between
specification and implementation, as it supports modeling at an abstract level as well as
detailed description of the implementation. Compared with MSC, an SDL description
describes the entities in the system as a number of well-defined machines that determine
the response for each stimulus. SDL also allows the relationships between entities and
classes in the system to be shown. Together the two languages provide a complete
solution for specification and design, and integrate well with ASN.1 for protocols. The
combination fits the requirements of specification languages: unambiguous, clear,
precise, easy to communicate, learn and use; supports analysis, modeling and product

development; allows abstraction.

5.1 STRUCTURAL DEFINITION

A system specification in SDL is divided into two parts: the system and its

environment. A system specification is a formal model that defines the relevant
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properties of an existing system in the real word. Everything outside the system belongs
to the environment. The SDL specification defines how the system reacts to events in the
environment that are communicated by messages, called signals, sent to the system. The
behavior of a system is the joint behavior of all the process instances contained in the
system, which communicate with each other and the environment via signals. The
process instances exist in parallel with equal rights. A process may create other
processes, but once created, these new process instances have equal rights. SDL process
instances are extended finite-state machines (FSM). An extended FSM is based on an
FSM with the addition of variables that represent additional state information and signal
parameters. The union of the FSM-state and additional state variables represent the
complete state space of the process [38]. The relationship between modeled entities, their
interfaces, and attributes are considered parts of the structural definition. A SDL system
represents static interactions between SIP entities. The channel connected between
various block instances specify the signals or SIP message that are sent between user
agent and/or proxy/RS servers. Block and process types are used to represent SIP entity
types such as user agents, proxies and root servers. SIP messages are defined as SDL
signals in the SIP message package. We have defined only the main header fields of the
SIP header because we are interested in only the operation and the endpoints of the
session. These fields in a SIP message are represented by the corresponding signal

parameters.

In our SDL model, we use different SDL systems to represent different structural
bindings between SIP entities and to simulate a particular set of call scenarios. The first

system in our model realizes the concept of registration after moving. The most complex
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system in our models realizes the concept of originating and terminating the session. The
originating block contains the entire user agent process instances that originate SIP
requests while the terminating block contains all user agent process instances that receive
these requests. Upon receiving a request, a terminating user agent would reply with the

corresponding response messages.

5.2 SYSTEM MODEL

We design and define the internal structure and behavior of three main
components by SDL/MSC: SIP user agent (UA), SIP proxy server (PS) and SIP root
server (RS). In our system modeling, we provide two configurations for the registration,
session setup and session termination scenarios. One configuration is for registration as
shown in Figure 5-1 that includes user agent (UA), new proxy server (PS2), pre-proxy
server (PS1), new RS (RS1) and pre-RS (RS2). The other configuration as shown in
Figure 5-2 is session setup and session termination that contains one caller (UA1), three
PS (PS1, PS2, PS3), three RS (RS1, RS2, RS3) and four cal lees (UA2, UA3, UA4, UA5)
distributing the three different domains. Figure 5-3 and Figure 5-4 show the systems
models described by SDL for registration and session setup respectively. Session
termination system description (Figure 5-5 and Figure 5-6) is similar to session setup

except for the different SIP messages used.
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UA PS2 RS2

RS1 PS1

Figure 5-1 Configuration for Registration

Fig 5-1 shows the configuration of registration for general situation. Every time
UA moves to a new area, it is supposed to register with new RS (RS2) through the new
local proxy server (PS2). The new RS is responsible to tell its pre-RS (RSI) and pre-

proxy server (PS1) to release the path to its old location.

RS2 PS2
UA2 UA3
UA1 PS1 RS1
UA4 UA5
RS3 PS3

Figure 5-2 Configuration for Session Setup and Termination

Figure 5-2 shows the configuration of session setup and session termination. In
the case of session setup, UA1 sends INVITE message to multicast address to setup the
session with multicast group. They response it with 2000K messages as soon as the
invitees accept this message. Then UA1 sends ACK message to all invitees that response
with 2000K. The configuration for session termination is same as shown in Figure 5-2.

UA terminates its session by sending BYE message.
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syslem registration
use smregister; j
rs2rs1 O < AS2P1 » {1 rs1rs2
mcgill_RS:rootserver? [regster [responed] concordia_RS: rootserveri
Ei e
[register J]
A
A [feq;onse] RS‘;?FQ
[response]
PIRS2 &
pers
Y [register_i] Cece:proxy?
ua
1152 .
Mece_%roxy‘l Hregiter
UA2P2
¥l response]
uap?
anne:useragent!

Figure 5-3 SDL System Structure for Registration

Figure 5-3 includes five blocks that are proxyl (“Mece”), rootserver2
(“mcgill RS”), rootserverl (“concordia RS”) and proxy2 (“Cece”) and useragentl
(*‘anne”). Here “anne” moves from “mcgill” domain to “concordia” domain. She registers
by sending “register J” to its new RS (“concordia_RS”) through its new local proxy
server (“Cece”). “concordia_RS” sends “register L” message to its previous RS and
proxy server (“mcgill RS” and “Mece”) for release the path to the old location of “anne”

after it finishes the registration for “anne”.
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syslem sessonsefup

——— RS2MP
luse smsessicnseiLp; O megil_RS: teriszQ’ e Mece-proxy_Meg
p ack & &
[resporeq] & 4 [rosponed]
[inwle]
A MP2UAT MP2UAZ
RS12R8
¥ v [invde] [im/ﬂe] Y
[resparl 5\9] ack ack
B susant userat ecntH1_Mc illt jack1:usera %?ﬁpf‘?_Mc ill
UA20P OP2AS? il i ;
UBSPCE 11 ?,l 4 puat Pt G——P—H S0 hria RS:
anne: | response WG} Cece:oldpro it g
Lseragents [m PrOXY lresponee] [fm e] roolservert
1s3 susan?:useragggptmm_Uqam jack.?:usgggggntHQ_Uqam
[responee] A [?Wﬂﬂ 4 {invilei]
I’y ark ark
RS12RS83
v UP2UM UP2UA2
[nwie]
ack [mspgm] ‘[response]
" By o [irg(/#e} tpual Tpua2
ugam_RS: fesponse . Uece:proxy_Uga
rooiserverd redp f—4——» fpre oy am
RS3UP

Figure 5-4 SDL System Structure for Session Setup

Figure 5-4 shows the system model for session setup. There are eleven blocks in
this system. They include five user agents (“anne”, “susanl”, “jackl”, “susan2” and
“jack2”), three proxy servers (“Cece”, “Uece” and “Mece”) and three root servers
(“ugam_RS”, “concordia_RS” and “mcgill RS”). When the caller wants to setup session
to multicast group, it sends INVITE message to the group through its local proxy server

and RS.
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sysiem termination

use smtermination;

Lasp [
anne:
useragents

ugam_RS:rootserverd

[respoase]

[t Uece:proxy_Ugam

RS2MP
) ) 182p + > 0 prs
mogll_AS10080Vo2 frspun] [y Mece proxy_Megil
3 npuat npua2
[me] [respons% ‘[respons%z]
4
- MPR2UAS MP2UA2
12RS2
Y foeponed [ b
s ua; C.
[responee] [ty susant P Plackr:
2 pua ps! B—a—>— rspt ' useragentR1_Mcgill | | useragentR2_Mcgil
. OP2RS concordia_RS:
Cece:oldproxy roolsarvart
183
= susan2: jackz:
useragenLthﬁ_Uqam useragent@a%p Lcham
asfic
“[respanm] & A
[ov] & A [t
RS12R83
v UP2uAl UP2UA2
(o]
[response] Y Y [response]
£ RS3UP S a—
53 S + > Gprs  npual npua?

Figure 5-5 SDL System Structure for Session Termination (caller to callees)

The termination follows session setup. The structure of session termination is the

same as the session setup. Figure 5-5 represents the session termination in the case that

the request is sent from caller to all callees. The caller wants to quit the session and

initiates the termination by sending BYE message to all callees.
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syslem termination2caller

luse smiermination;

i
[l (o]

ual prst g
P Cece:

oldpro;(y

R&2MP
P r52p2" <+ » p prs
mcgill_| .rotr) Sgﬁ)mel’ by [1esponsd] Mece proxy_Mcgil!
. npuat npua2
[responsd] [bvd 4
Iy
MP2UA1 MPRUAZ
RS12R82
! ylewonse]  [rpons
(2] L
Uaspe . Laspc
susant: jacki:

OP2RS1

& rspl 182
concordia_RS:
rooiserverl

[

[vespause]

useragentR1_Mcgill

useragentR2_Mcgilt

rs3 susan2: jack2:
useragentil_Ugam || useragentR2 Ugam
uaspe uaspe
1 T T
4 [response] [resporse] 4
RS12R83
v UP2UA1 UP2UA2
[response]
[bye Y { [b}@]

1531 bye [responsd n ﬁa1n;§ﬁaz
uqam_RS: 1s3p o lrd < » ors pUece:
roolserverd Rssup proxy_Ugam

Figure 5-6 SDL System Structure for Session Termination (Callee to Caller)

Figure 5-6 represents the termination situation that the request is sent from one or

some callee/callees to the caller direction. This figure 5-6 is the same as Figure 5-5. The

only difference is the message flow direction.

5.3 SIMULATIONS

Using ObjectGeode tool set we have built our SDL model of SIP Multicast

Mobility to simulate whether the model would be able to realize specific interaction

scenarios described informally in Unified Modeling Language (UML) [39] in Chapter 3,

and to simulate if our SDL system was able to generate the same MSC as the expected
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UML. We separate the simulation into three parts: 1) registration, 2) session setup, and 3)

session termination. Each part simulates different scenarios. In each part, the simulation

results and SIP package are given as following.

5.3.1 Registration

The registration package is shown in Figure 5-7. All data and data types used by
signals are defined here. All the signals used in registration simulation such as
“register J”, “register L” and “response” are included in this package. Here “sm” in

“smregistration” means “SIP message”.

package smregistration
newlype registermessage NEWTYPE information
struct ) STRUCT
Liriid Charstring; multiaddress integer; rootservery
uridomain Charstring; userid CharString:
vialid Charstring: userdomain Charstring;
via idomain Charstring; contactid Charstring;
viazid Charstring, cortactdomain CharString;
via2domain Charstring; ENDNEWTYPE; rootserver2
toid Charstring;
todomain Charstring;
fromid Charstring; signal reqister_J{registermessagej;
fromdomain Charstring; signal reqister_|(registermessage]:
joinaddress Integer,; signal response(responsemessage); proxy1
leaveid Charstring; signal storefinformation);
leavedomain Charstring; signal deletefinformationy;
leaveaddress integer; signal finish_store, finish_delete;
calllD integer;
Cseqnum Integer;
Cseqmethod Charstring; NEWTYPE binding L proxy2
endnevype, STRUCT
userid Charstring;
newtype responsemessage userdomain CharString;
struct ) contactid  CharString;
code Charstring, contactdomain charstring;
vialid Charslrlng; ENDNEWTYPE: useragerﬂ
vialdomain Charstring; i
viazid Charstring; NEWTYPE Birding Table
via2domain Charstring; Array(Integer, binding);
toid Charstring; ENDNEWTYPE;
todomain Charstring; ’
fromid Gharstring: NEWTYPE multiBtable
fromdomain Charstring; STRUCT
calllD integer; multiaddress integer
Cseqnum Integer;, table BindingTable;
Cseqmethad Charstring; mtnumber Integer;
endnewlype, ENDNEWTYPE;

Figure 5-7 Registration Package

The system includes a user who has moved from its proxy server “Mece” of its

“mcgill RS” to proxy server “Cece” of “concordia RS”. The user registers itself to
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multicast group through the new local proxy server “Cece” server and “concordia_RS”.
The RS “concordia RS” checks the “register J” message and finds that the pre-root
server and the pre-proxy server the user wants to leave are in the “mcgill” domain. It
creates a message “register L” and forwards to “mcgill RS”. The “mcgill RS” and the
pre-proxy server “Mece” remove the user’s information from their database. The
database may have one of the three scenarios: 1) No members left in both pre-RS
database and pre-proxy database (shown in Figure 5-8). The “concordia_RS” removes the
information of “mcgill RS” from its database. 2) No member left only in pre-proxy
database but has members left in pre-RS database (shown in Figure 5-9). The
“concordia_RS” does not remove the information about “mcgill RS”, because there still
are other members who wish to receive multicast message. The “mcgill RS” does not
have information about pre-proxy server who has not members left. 3) Members left in
both pre-RS database and pre-proxy database (shown in Figure 5-10). In this situation,
new RS “concordia RS” keeps the information about pre-RS “mcgill RS” and the pre-

RS keeps the information about the pre-proxy “Mece”.
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Domregismembers(0
fanne/ ICece/ fCece/ | feoncordia_RS) Yeoncordia_RS{ | /mcgil_RS/ || /megill_RS/ Mece/ Mece/
uaclient registrar? | | p2database || roolserver || rsldatabase || roolserver || rs2database || registrart || picatabase
register_J
store
finish_store
register J
slore
finish_store
register L
telete
finish_delete( 0}
register L
delete
finish_delete{ 0
response_L{2000K'
resporiseL(2000K) e—2orse LZN0K)
remove; ‘megil_RY')
response( 2000K )
sponsel 2000
I S S B B S E— A E—

Figure 5-8 MSC for registration (no members in pre-RS and pre-proxy)

In the situation shown in figure 5-8, there is no group member left in the domain

of pre-RS and pre-proxy after the MH moves, so the response for the REGISTER L

message includes this information (the number of group member left is 0) to the present

RS in order not to forward the message to group members that do not exist there.
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domainRegismembers10
lanne/ {Cece/ JCece/  {|fconcordia_RS{ |fconcordia_RSY| /megll RS/ || /megll RS Mece/ Mece/
uaclient registrar? || p2database || roolserver || refdatabase || roofserver || rs2oatabase || registrart || pidatabase
register_J
store
finigh_store
register_J
slore
finish_store
register L
tekte
finish_delete( 1
register_L delefe
, , finish_delete( 0}
response_{ 2000K' )
response_L{2000K'}  "Bmove( Mece)
response(2000K)
asponsa{’2000K)
IR R S E— N S S S R

Figure 5-9 MSC for Registration (no members in pre-proxy)

Figure 5-9 shows the situation when there is no member left that belongs to pre-
proxy, but there still exists member that belongs to pre-RS. The response for the
REGISTER L message includes this information to the present RS in order to receive the

future message to group members that exist in this domain.
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Domregismembers11
fanne/ {Cece/ Gece/ /concordia_RS( [/concordia_RS{| /megill RS/ || /megill_RS/ Mece/ Mece/
uaclient registrar? pZdatabase || roolserver || rsidatabase || roolserver || rsZdatabase || registrar pidatabase
register_J
store
finish_store
register_J
store
finish_store
register L
delete
finish_delete( 1/)
register_L
delete
. ) finigh_delete( 1))
response_L('2000K’)
response_L{'2000K")
response( 2000K")
response( 2000K')
- 5 ' I £ 5 J 3§ |

Figure 5-10 MSC for Registration (members in both pre-RS and pre-proxy)

This situation shown in figure 5-10 is similar to the situation shown in
Figure 5-9. Although the MH moves, there is still group member existing in this domain.

They would like receiving the future message for the multicast group members.

5.3.2 Session Setup

The configuration shown in Figure 5-2 has three domains: concordia, megill and
ugam with group members “anne”, “susanl” and “jackl”, “susan2” and “jack2”
respectively. Caller “anne” located in the “concordia” domain initiates session setup.
Anne sends INVITE message to multicast group members through its local proxy server
“Cece” and local RS “concordia RS”. The “concordia_ RS” forwards the INVITE
message to “mcgill RS” and “uqam_RS” that has multicast group members. These two

[13

Jack

bR 1Y
1",

RSs deliver the message to its local members (“susanl”, susan2” and “jack2”
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respectively) through its local proxy server (“Mece” and “Uece™). All the signals/signal
lists with their data and data types are defined in package “smsessionsetup” shown in
Figure 5-11. Figure 5-12 shows the situation when all four members accept the INVITE.
Session will be setup to all members. Figure 5-13 simulates the situation when two
members accept the INVITE message. Other two members send 4xxfail message. The
caller does not response with ACK message to these two members. The situation when
three members accept the INVITE and only one MH refuses invitation by sending back
4xxfail message is similar to Figure 5-13. There is no ACK message to member who
refused the INVITE. Figure 5-14 simulates the situation when session setup fails. This
happens when all MHs send back 4xxfails message and therefore in this case the caller

does not response by ACK message.

In Figure 5-11, we define data structure “sipRegularMessage” that is used by
signal “invite” and “ack”™ as well as data structure “sipResponseMessage” that is used by
signal “response”. Database checking uses the “userdata” and “groupdata”. We also
provide data for signal routing. The signal we define here are “invite”, “ack”, “response”,
“members_inquiry” and “resp_inquiry”. In the package we show all the block types we
used in simulation that include all the user agent types, root server types and proxy server

types. The following Figure 5-11 shows the details.
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[package smsessionsetup

newtype SpRegUlarMessage N foewtype sipResponseMessage
st sr“:cyre priesp ’ newlype Userdata 3 || useragentAt_Ugam roctserveri
method  CharString; code Charstring: st , -

uiid  Charstring: viatid  Charstring; userid Gharstring;

uridomain integer; vialdomaln Charstring; userdomain Charstring;

vialid  Charstring; viadd  Charstring; contactwho Charstring; useragenti2_Ugam roctserver2
viaidomain Charstring; via2domain Charstring; contactdomain Charstring;

viaZid  Charstring; " toig Charstring: Endnewiype;

viazdomain Charstring; i i -

toid Ch arstging; F?gﬁ?ﬂa'" g;,ea‘q,g{}ing; syntype multiaddr= integer useragentR1_Megi rootserver3
fodomain  Integer; fromdomain  Charstring; endsyntyps;

fromid Charstring; contactid Charstring; ,

fromdomain  Charstring; | | contacthost Charstring; newlype memberinfor Vil
contactid Charstring; contactdomain Charstring; array(integer, userdata); proxy_Meg
contacthost Charstring; callD  integer; endnewlype;

contactdomain Charstring Cseqnum Integer;

callD integer, Cseqmethod Charstring; hewvpe codeTabe D

Gsegnum  Integer ron ’ Arré;?(inctgggatgﬁe)- prog Lgam
Gsegmethod Charstring; endnewiype: ’ ’

endnewlype; !

N newtype table oldorax

rewtype ro0ISarvar Table N [rewvpe groupdala stuct . proxy
aray(integer, Charstring); stuet vor inteer cote Charstring;

endnewlype; numbr n egeé, nfor userid Charstring;

members memoerinfor; andnewrlype; useragents

newtype rootsenverinior endnewtype;

struet T -

multiaddr integer. newtype rootserverData signal Invite(sipReqularMessage).

rsdom%'ln roo%serverTable; sl R signal ack(mpFiegulifi{Messag(a; ) useragen1R2_MogiI{

rsnumber integer; groupacdr mulfiaddr, signal response(sipResponsel ess?age),

dnewivme: groupmembers memberinfor; signal members_inquery{multiaddr);

rdnewhpe, datanum  integer; signal resp_inquery(integer,memberinfor);

lendnewiype;

Figure 5-11 Packages for Session Setup

Figure 5-12 shows the situation that four invitees all accept the invitation by
sending back 2000K message to inviter. The inviter “anne” sends the INVITE message
to multicast group. The group members “susanl”, “jack1”, “susan2” and “jack2” accept
the invitation by sending 2000K to “anne”. The inviter “anne” finishes the session setup

by responding them ACK message. After receiving ACK, RTP/RTCP media follows up.

-72 -



9 {3 1 __ I I { | | |

OB
WOR - oE
3OE yaE e
B e ¥ae
{MO0pz)esuodsal
[ 10002z )opuodsal
{ MO0z Jpsucdsal
. {Mp00zZ, Jesuqdss A0
{0002, Jesuodsa MOo00Z )eslodse)
M000z,Yaksuodss) Ioaeesiods tMooaz Yesuodsal
{ MO00z, |esundsa)
aliaUl
JAUI
Aenbur dsal
Kenbui 5 jaqwaw
BliAUl
auAUl
Al ApnbuiTdsas
sonbui slaqusw
alAUl
Al Aienbui dsau
Kanbui siaquielu
Alenbuidssy
Aanbuslequel Al
! AUl AU

Janasen {|iawasen |jeseqerepd || Janiasen || Jemasen |psegerep d| |Axcidmau | |Axoidmey Ep zs: | | eseqeEp e || S1enesicor ||zemesioa || Lewespa || AXxoudpio || sjuaioen
Ny | ruesnsy || poany fnoEl || Luesnsy || jeo8py {309 2090 | sy ifowy || seueby || syweby || SuTifw; |lsyemcoicoy|| 9904 || fULEY

JodNBSU0ISSasU BLIOD|

Figure 5-12 Session Setup with 2000K from all MHs
-73 -




Figure 5-13 shows two out of four group members accepting the invitation.

Others refuse the invitation by responding with the “4xxfail” message to inviter.
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Figure 5-13 Session Setup with 2000K from two out of four MHs
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Figure 5-14 provides the result of the situation that all group members refuse the

invitation and response with “4xxfail” message to INVITE message from inviter.
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Figure 5-14 Session Setup fail with 4xxfail from all four MHs
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5.3.3 Session Termination

The caller or one/more callees who want to terminate their sessions may terminate
session. If the caller wants to terminate the session it sends BYE message to all members
who are in the session. Members/callees response to the caller through their local proxy
servers and RSs. In case of callee/callees terminating the session, only member/members
who want to quit the session initiate the termination by sending BYE message to their
local proxy server. If the proxy server has one or more than one group member, it
terminates the session to this member by sending 2000K message. If all members of this
proxy server send it BYE messages, it sends BYE message to its local RS after

terminating the session to all members by sending them 2000K messages. The RS

follows the same procedures as proxy server.

package smtermination

signal bye(sipRegularMessage), T
mesipﬂegularMessage n  |signal response(sipResponseMessage;); rootserverd —— oolservers
method ~ CharString; newtype SipResponseMessage
urid  Gharstring; S'c'gg‘e Crarstring:
e ey | | Grading
viaidomain Charstring; viatdomain Charstring;
via2id  Charstring’ ViaZid  Charsting:
vtigdeoma'm Chéﬁ;ﬂ;{%{ng thg_lﬁdomaln Chéﬁ;‘:gt%h . useragentsS useragentFiZ_Mogil! useragentR2_Uqam
todomain integer; todomain integer;
frormid Charstring; ggm:ﬁdomain cg?\;srgmgé
fromdomai Charstring; k r i i
ggmagtrrdamCharstring' g contactid Charstring; ”Seragemm—Mcg”! useragentR1_Ligam
contacthost Charstring; contacthost Charstring;
contactdomain Charstring; contactdomain Charstring;
callD  Integer; callD integer:
Csegnum  integer; Csegnum Integer; newhype codelable
Cseqmethod Char‘str'lng' Csegmethod Charstring; Array(integer, table);
endnewhps; ! endnewtype; endnewiype;
newlype fable
siruet

code Charstring;
userid Gharstring;
endnewiype;

Figure 5-15 Package for Session Termination
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Figure 5-15 shows the package used to simulate the termination. Figure 5-16
simulates the session termination from caller that initiates termination. The case when
only one MH wants to quit session is shown in Figure 5-17. Figure 5-18 and Figure 5-19
present the situation when termination is initiated by two MHs that are in the same
domain and in the different domain respectively. Figure 5-20 shows the case when all

MHSs want to terminate the session.

doma inSessterminationOK

fannef iCecel ||/concordia_RSA /mogil RS/ || fugam RS/ Mece/ fsusant/ fjack1/ Uece/ fsusan2/ fjack2/
uaclients oldproxy rootserver! | rooiserver2 || rootserverd || newproxy uaserver uaserver NEwproxy Laserver uaserverr
bye
byo bye
bye
oye bye
bye
bye
b
rasponse(Z000K) Ve bye
responsel 2000K
response(2000K} b ) response{2000K)
response{2000K) response(20pOK)
response(2000K)
response(200K]
response(2000K)
response(20pCK)

Figure 5-16 Session Termination from caller to callees

Figure 5-17 shows the case that one member “jack!” wants to quit the session.
“jack1” sends “bye” message to its local proxy server “Mece”. “Mece” terminates the
session to “jackl” by sending back 2000K. “Mece” still has other group
member/members in its area, so it keeps the session and does not send “bye” message to

its RS.
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DomTermibye

fsusanz/ flackz/ fsusant/ fjack1/ Mece/
uaserver uaserver uaserver uaserver NEWproxy

X oo

response( 200(K’)

Figure 5-17 Session Termination from one callee

DamTermi2bye
fsusan2/ {jack2! fsusant/ Mecef fjack1/ /mcgill_RS/ | | /concordia_RS/
uaserver uaserver uaserver Newproxy uaserver rootserver2 rooiserverl
bye
response{2000K’)

bye

response( 2000

bye

responise('2000K")

bye

response{' 2000K}

Figure 5-18 Session Termination from two callees belonging to the same domain

-78 -



In the situation shown in Figure 5-18, “Mece” receives “bye” message form all its
local group members. It sends “bye” message to RS “mcgill RS” after it terminate the

session to all members by sending 2000K messages to them.

The case as shown Figure 5-19 is similar to the case shown in Figure 5-17. The
difference is that two group members that want to quit the session are belong to different

domain respectively.

DomTerm1 1bye
fsusan2/ IUece! flack2/ fsusant/ Jjack/ Mece/
uaserver Newproxy uaserver uaserver uaserver NGWproxy
bye
response{’2000K) >< bye
response('2000K’)
—— —— — I——

Figure 5-19 Session Termination from two callees belonging to different domains

Figure 5-20 shows the situation when all group members want to quit the session.
The local proxy servers (“Uece” and “Mece”) send “bye” message to their RSs
(“ugam_RS” and “mcgill RS”) after terminating the session to their local group
members. Then RSs follow the same procedure to terminate the session to them and
request “concordia_RS” to terminate the session. The termination finishes until the caller

“anne” receives “bye” message and responds with 2000K.
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igsgonse(zoo( Ki response{2000K] e
bye \
respange(2000K) w bye
response2000K) bye
response(2000K )
—
bye N
response{2000K)
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response{2000K)
"
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¢ resporise{200CK) bye
responser2000K)
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Figure 5-20 Session Termination from all callees

The MSC diagrams from Figure 5-16 to Figure 5-20 show all the situations of

session termination that includes BYE message from caller and callee/callees.

5.4 SUMMARY

We present the theory of our new proposal in Chapter 4. All the work to simulate
and verify the proposal was discussed in this chapter. We used SDL to build the system
model, then used ObjctGeode toolset to simulate and verify them if it works as we
described it in Chapter 4. All the results were shown using MSC diagrams. According to
the MSCs, the proposal was shown to work well in the normal situation. All the

simulations followed the same sequences and steps as in Chapter 4.
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CHAPTER 6

CONCLUSIONS

This thesis first presents the problems existing in the [P mobile muliticasting, and
proposes a solution by using SIP multicast mobility. It is well known that SIP already
supports mobility and multicast depending on [P layer. Based on this basic theory, we
address a new idea to implement the multicast mobility in application layer and so to be
independent of the IP layer. This thesis shows the architecture of SIP multicast mobility
in which we added a new entity RS and extended REGISTER message with “join” and
“leave” fields. Here we focus on how to make multicast mobility work well. Regarding
issues like message duplication and message lost, by comparing RTP/RTCP (The Real-
Time Transport Protocol/ The RTP Control Protocol) sequence number, message
duplication can be avoided and message lost can be ignored for real time media. We use
SDL to build the system model and use ObjectGeode tool to build the system models and
to simulate. We have found that our model is able to realize specific interaction scenarios
for host registration, session setup and session termination described informally using
UML. The work we have done proves that the idea is feasible. Up to how to deal with
handoff, we have considered the cases of the destination foreign domain with group

members and without members in the new domain.
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6.1 CONTRIBUTIONS

The major contributions of this thesis are:

1. Propose an experimental topology for the Mobility with multicast in

application layer that help to eliminate the issues existing in Mobile IP.

2. Develop the detailed message based on the SIP unicast message field to

support the new behavior.

3. A laboratory prototype is built and simulation results show its feasibility.

6.2 OPEN ISSUES AND SUGGESTIONS FOR FUTURE WORK

6.2.1 Open Issue

During simulation of the proposed protocol, we find that there are some issues on
dealing with the group members’ responses. In our simulation, we chose to forward the
2000K messages after receiving all group members’ responses. Actually this is not the
best way to deal with this situation. Comparing to the method that 2000K responses is
forwarded as soon as the first 2000K responses from one of the group member is
received, the method we adopted use more time than the method above. But for the
method we did not use, the problem occurs about how to deal with the responses from
other group members that arrive later. For example, one RS has two group members
(MH), RS forwards the response as soon as it receives the first 2000K for INVITE

request from one of group members. But the second 2000K from another member may
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arrive after ACK message. In this situation, The MH, that response with late INVITE

request, will lose media.

6.2.2 SIP Mobility Multicast versus Mobile IP multicast

In the case of SIP-based multicast with mobility, multicast support is provided at
the application layer. By running distributed algorithms, receivers of a multicast session
organize themselves in an overlay network. All communications are then carried out
using unicast between neighbors of this overlay network. This offers the advantage of
possible immediate deployment since it can utilize all the flow/congestion control
capabilities available for unicast. The disadvantage is higher delay. In the case of Mobile
IP multicast, multicast support is provided at the network layer. Multicast routers are
needed in this case. These routers are responsible for building and managing multicast

distribution tree.

Addressing: The SIP mobility multicast approach to support mobility issues a
single temporary address to a mobile host. This eliminates the need for explicit address

translation as in Mobile IP.

Packet Forwarding: In Mobile IP multicast, since only the home agent is aware
of the care-of address of the mobile host, all packets form CH to a MH suffer from
triangular routing. In SIP mobility multicast, the RSs will forward the packets to local
proxy servers that multicast the packet to local group members, and triangular routing
disappears. Mobile [P Multicast applies tunneling techniques by using IP in [P
encapsulation protocol and results in multicast packet header overhead. On the other

hand, SIP Mobility Multicast does not have such packet overhead.
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Location Management: In Mobile IP, CH uses the home address of a MH. Thus,
it is sufficient for a MH to notify its home agent of its current care-of address. In SIP
mobility multicast, there is no notion of a home agent. When a server wishes to forward a

packet to a MH, it needs to locate the host by checking its registration database.

6.2.3 Future Work

The suggestions for the future work:
e A control methodology for fast and smooth handoff.

e Comparing the functionality of SIP mobility and Mobile IP for supporting

multicast.

e Combining SIP mobility with Mobile IP to find a more efficient way for

mobility supporting multicast.
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