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Abstract—Multimedia applications have became more usable
in recent years, since mobile broadband internet access became
available. Additionally, the Session Initiation Protocol turned
out to be the standard signaling protocol for Next Generation
Mobile Networks. There is an increasing demand on solutions
for seamless mobile communication. Two of the most important
services are Voice and Video over Internet Protocol. This
paper addresses issues for transferring an established session
to another device without interruption as well as splitting mul-
timedia streams over different devices. Finally, a description
about the ongoing implementation of one transfer and one split
mechanism for mobile phones is introduced.
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I. INTRODUCTION

In recent years the global evolution of the internet and its
bandwidth has enabled the development of many multimedia
applications such as Voice over Internet Protocol (VoIP) or
video streaming.

The daily used services are provided by separated net-
works until now. One of the main concepts in future net-
working is to merge all these networks into a single one, a
Next Generation Mobile Network (NGMN). It will be based
on the Internet Protocol (IP) and provide gateways to ensure
compatibility to legacy systems [1].

The networks themselves have altered. For example, tech-
niques and bandwidth for accessing the internet increased.
The Global System for Mobile Communication (GSM)
provided a much lesser bandwidth than the Universal Mobile
Telephony System (UMTS) using High Speed Packet Access
(HSPA). Long Term Evolution (LTE) will provide even more
bandwidth in near future. This evolution enables almost all
real-time multimedia services that are currently known [2].

Today, people are using social networks (e.g., Facebook)
to exchange messages, videos, and photos in real-time with
their friends all over the world. It is most likely that the users
want to use their services wherever they are, even while
traveling. Improvements in power consumption, processing
power, and memory make mobile devices capable of using
real-time multimedia services with high performance [3].
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An increasing amount of services are transferred from lo-
cal computers to the internet or to mobile phones. Therefore,
users can transport their files and services and access them
wherever they are. Seamless mobility is a precondition for
mobile networks [4]. All these developments underline the
need of users to use their services and devices everywhere.

This paper is structured as follows: First, an overview
about different types of mobility is given in Section II. Some
use cases that apply on our perspective are introduced in
Section III. The following sections describe transfer and split
mechanisms. In Section VI, the ongoing implementation is
described. Finally, a conclusion is drawn and future work is
suggested in the concluding Section VIIL.

II. TYPES OF MOBILITY

An increasing number of real-time multimedia services
are provided for mobile devices, since broadband internet
became available for them [5]. Therefore, a concept of
mobility is required. This can be divided into four categories
as follows [6].

A. Personal Mobility

Personal mobility allows users to initiate and receive
calls from any device and location. Therefore, they need
a mechanism to be reachable on multiple devices, which
is provided by a Session Initiation Protocol (SIP) registrar.
A user is addressed by his SIP URI. There are two types
of SIP URIs: The temporary SIP URI which is mapped to
the permanent SIP URI. A permanent SIP URI is similar
to an email address (e.g., sip:alice@home.de) and is used
for a location independent addressing. Temporary SIP URIs
contains a IPv4 or IPv6 address in the host part of the
URI (e.g., sip:alice@192.168.1.100) and are used to address
a specific user agent directly. A stateful SIP proxy could
support call forking, which makes it possible to send an call
attempt to multiple devices in parallel [7].

B. Service Mobility

Service mobility means that every service is usable with
the same data across different devices. Such data include
address book entries, call log, or speed dial settings. The
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idea is to maintain the data only once and changes will
be synchronized with all participating devices. SIP does
not provide this kind of mobility by default. Berger et
al. proposed a seamless mobility architecture, based on
multimedia, device integration, events, location-awareness,
privacy, and invisible users [8]. Shacham et al. introduced
another architecture with features such as support of hetero-
geneous devices, location-based configuration, and limited
configurations [9].

C. Terminal Mobility

With terminal mobility a terminal can move between
different networks without any interruption of the ongoing
session. The best known solution is the concept of Mobile
IPv4 [10] and Mobile IPv6 [11]. They enable mobile user
equipment users to switch networks while maintaining a
permanent IP address.

Another solution is mid-call mobility, where a moving
device sends another INVITE request to the session partner
after it obtains a new IP address [6]. This request is sent to
inform the session partner about the new address.

D. Session Mobility

Session mobility makes it possible to transfer an ongoing
session from one device to another without any interruption.
The session can be transferred completely or only partial.

SIP has two ways for session mobility. The first approach
is Third Party Call Control (3PCC) [12]. The second ap-
proach uses the REFER method to provide session mobility
over multiple devices [13].

The restriction of these approaches is that an ongoing
session is transferred completely. It is not supported to split
a session into separate media streams such as audio and
video [5].

The detailed possibilities for session mobility are de-
scribed in more detail afterwards, since this paper focuses
on it.

III. USE CASE DESCRIPTION

Multiple scenarios are possible in the context of our work.
First, let us assume that a representative user has a smart
phone with camera in use. Additionally, the user has an SIP-
enabled television and Hi-Fi components at home.

These are only the most obvious scenarios for the session
transfer and session spit. In Figure 1 is a use case diagram
that gives further illustration.

A. Coming Home

Alice comes home while she has a phone call with Bob.
She still wants to talk a bit with him but does not want to use
her mobile phone any longer. She could have many reasons
such as a low battery on her mobile phone or that she does
not feel comfortable with the mobile any longer. However,
she comes home and transfers the call to her devices at
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Figure 1. Use case diagram for session mobility.

home. The voice transmission output is transferred to the
Hi-Fi components while the voice input is done by a headset.

B. Coming to a Smart Home

This scenario is very similar to the one above. She
transfers the complete phone call to a central device at her
home, instead of transferring the parts of it one by one. This
central device then splits the audio streams immediately to
pre-configured devices (e.g., the Hi-Fi components and the
headset).

Additionally, it is possible to configure the central device
in order to act differently, depending on the time of day.
This could be that it transfers the complete session to the
handset of her cordless phone during the night. Therefore,
she can continue to talk with Bob without the risk waking
up her husband.

C. Session Extension

In addition to the scenarios above could it be desirable
of to enrich the current session. Bob maybe want to explain
Alice some facts, she cannot understand them just by hearing
it. Therefore, it is possible to add a video stream to the phone
call, even if this is not supported with her mobile phone. This
video stream is transmitted to the televisions in her home.
Therefore, she can see what he explains.

IV. SESSION TRANSFER

Schulzrinne and Wedlund discussed two possibilities of
transferring a session from one device to another [6].

In 3PCC the transfer-initiating device invites the new
device and changes the current media streams, so that they
are redirected to another device. The second way is the
REFER request, which is sent from the transfer-initiating
device to the session partner. The session partner establishes
a new session to the referenced device after he receives the
REFER request. He transfer the current session to the new
device and quits his old connection to the originating device
after a successful session setup.

The following sections are illustrated by a example sce-
nario, which is performed between the two users Alice and
Bob. Alice uses her mobile phone and is on her way home.
Bob uses a video phone at work. The third device is Alice’s
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Figure 2. A session transfer using 3PCC.

video phone at home where the session should be transferred
to.

A. Third Party Call Control

This method needs a third party that controls the call until
the transferred session ends, as the name of this method
indicates [12]. The session transfer with 3PCC is depicted
in Figure 2.

Alice maintains a session on her mobile phone with Bob.
Alice went home and wants to transfer the session to her
home device. Therefore, Alice sends an INVITE request to
it without Session Description Protocol (SDP) information.
Following, Alice receives a 200 OK on her mobile phone
from her home phone with an attached SDP offer (i.e.,
SDP 1). These SDP offer contain information about the
supported media streams and sets of media codecs. Then,
Alice updates the current session by forwarding this received
SDP data to Bob in a reINVITE. Bob answers with a 200
OK and sends his SDP answer (i.e., SDP 2) including a
selected media stream and codec. Finally, Alice sends an
ACK request from her mobile phone with Bob’s SDP offer
to her home phone. An ACK request to Bob completes the
transfer. Now, Bob sends his media streams to Alice’s home
phone and receives the media streams from there.

While the media streams are sent between Bob’s and
Alice’s home phones, Alice’s mobile phone still handles the
signaling. Alice’s mobile phone acts as the controller in this
scenario. This is a disadvantage. Another variant is to let the
controlling be done by a central controller that never keeps
any media streams and only manages the session.

B. REFER Method

The REFER method [13] is the second possibility to
transfer a SIP session to another device. The transfer-
triggering device sends his session partner the SIP URI of
the new device, where the session should be transferred, in
the REFER request. The anchor device can retire from the
session after a successful transfer. Figure 3 illustrates the
transfer of a session via REFER method.
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Figure 3. A session transfers using the REFER method.

Alice maintains a session on her mobile phone with
Bob and wants to transfer the session to her home phone.
Therefore, Alice sends a REFER request with the SIP URI
of her home phone in the Refer-To header field to Bob. An
exemplary REFER request with the Refer-To header field
is presented in Listing 1. Bob establishes a new session
with Alice’s home phone via a new INVITE request if
he accepts the REFER request. Bob quits the session with
Alice’s mobile phone by sending a BYE request, after the
transfer is completed successfully

Listing 1. An exemplary REFER request for a session transfer.

V. SESSION SPLIT

Chen et al. proposed a mechanism to split a session over
multiple devices, which uses the REFER request with the
Mobility header field [14]. Another approach proposed from
Shacham et al. groups all devices involved into a virtual
device. Within this virtual device 3PCC is used to manage
the session split [15].

In this section we assume that Alice uses an IP-based
television with a camera instead of her internal phone.
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Figure 4.  Split a session using SSIP.

A. Split Session over Multiple Devices

Chen et al. introduce an extension header field called Mo-
bility [14]. The Mobility header field contains information
about the current session and the media stream that should be
split. Therefore, the header field contains the Call-ID of the
session, an incoming split attempt belongs to. The header
field is placed in REFER and INVITE requests. Figure 4
illustrates the session split with SSIP.

Alice maintains once more a multimedia session on her
mobile phone with Bob. Alice now wants to split the video
stream to her television. Therefore, she sends a REFER
request to it. The Refer-To header field contains Bob’s SIP
URI and the Mobility header field contains the current Call-
ID and the stream that should be transferred. In Listing 2
is an exemplary REFER request with Mobility header field.
Then Alice’s television sends an INVITE request to Bob
in order to establish a video stream session. The Mobility
header field in this INVITE request contains the Call-ID
from the session between Alice’s mobile phone and Bob.
Therefore, Bob knows that this partial session belongs to
his ongoing session with Alice’s mobile phone [14].

Listing 2. An exemplary REFER request for a session split with SSIP.

B. Mobile Node Control

Shacham et al. combine several devices to a virtual device
or Multi-Device System (MDS) [15]. One of these devices
is the Multi-Device System Manager (MDSM). It is able to
control the session and split certain media streams to other
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Figure 5.

Schematic representation of a Multi-Device System.

devices in the virtual device via 3PCC. This is called Mobile
Node Control (MNC). Figure 5 shows the schematic design
of a MDS with a MDSM, a television, and an audio device.

If Alice comes home while she is in a video call with
Bob on her mobile phone, she can use her mobile phone as
MDSM and split the video stream (e.g., to her television).
Figure 6 illustrates the split mechanism.

The mobile phone acts as MDSN and sends an INVITE
request without SDP information to the television in order to
initiate the session split. She receives a SDP offer from the
television in the 200 OK response (i.e., SDP 1). The MDSM
sends a reINVITE to Bob with this SDP offer, which invites
Bob to send the video stream to the television. Then, Alice’s
mobile phone receives a 200 OK response from Bob, which
contains Bob’s SDP answer (i.e., SDP 2). The MDSM only
has to forward this SDP answer to the television to conclude

alicel@mobile bobf@work

| session |

alice.tvl@dhome

@ INVITE (no SDP) ==

=200 OK (SDP 1
e = |NVITE (SDP 1) =fp

| — )|
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Figure 6. Split a session using a MDS in MNC mode [15].
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Figure 7. Tearing down a partial session using MDS in MNC mode.

the session split.

Alice only has to change the SDP information again if
she wants to combine previously separated session again.
Then, Bob sends the video stream to Alice’s MDSM, which
manages the session tear down with the television.

Alice has to forward an incoming BYE request from Bob
to all devices in the MDS that are part of the current session,
as depicted in Figure 7. Alternatively, she has to send a own
BYE request if she decides to end the session.

VI. IMPLEMENTATION

This section introduces our ongoing implementation pro-
cess for session mobility on mobile phones.

A. Method Decision

As described in Section II, session mobility include the
session transfer and session split process. We chosed one of
each aspects for the implementation.

Section IV explained two methods for transferring a
SIP session (i.e., 3PCC and the REFER method). The
disadvantage of 3PCC is that a central controller is always
required. This is sometimes not desired (e.g., the battery of
the initiating device runs out of energy) [14]. The REFER
method lacks the ability to split up a session and transfer
only certain media streams to other devices. The decision is
made on the REFER method, because the session should be
transferred completely from one device to another without
any restrictions. Furthermore, the REFER method is already
implemented in the most SIP stacks.

Section V explained two methods to split a SIP session
(i.e., SSIP and MNC). The drawback of SSIP is that every
user agent needs to understand the new Mobility header.
According to this, every SIP user agent needs to be modified.
The advantage of MNC is that only the user agent that
initiates the split has to be modified. All other user agents
involved can be regular SIP user agents. The MNC method
has been chosen, because only the device that has to be
capable of spliting and handle the partial sessions, have to
be modified. In our opinion only few devices need such
capabilities.
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B. Testbed

To implement these methods the mobile phone operating
system Android [16] was selected, because its application
framework is well documented and easy to learn. The se-
lected user agent is the open source application sipdroid [17].
It is released under the GNU General Public License (GPL)
and uses the mjSip SIP stack [18]. mjSip is based on the
SIP standard [7] and is released under the GNU GPL, as
well. The REFER method is also still implemented in mjSip.
Therefore, we can focus on the actual implementation of the
selected methods.

sipdroid already has rudimentary preparations for the
session transfer with the REFER method implemented, but
there were bugs, which prevented the transfer from being
successful. Furthermore, sipdroid has no proper multi ses-
sion handling.

Unfortunately, the implementation process is not finished
until this publication. Therefore, we are not able to present
any evaluation results for now.

C. Security Considerations

Session mobility contains powerful procedures that are
attracting abuse. An attacker could want to transfer a session
to another destination of his or her use or interest. Another
opportunity is that it could be used to hijack a session. The
same for the session split functionality. An attacker could
use this function to observe an ongoing session.

Therefore, it is important, if not necessary, to secure
these procedures. This could be done by an authentication
of the participating users (e.g., with Secure Multipurpose
Internet Mail Extensions (S/MIME) [19]) [14]. Additionally,
all security mechanisms that prevent an observation of the
session, or even the session setup, could be applied to ensure
higher security.

VII. CONCLUSION AND FUTURE WORK

Mobility will be a very important application feature in
the near future. This paper showed that SIP provides mech-
anisms to support significant session mobility by design.
Nevertheless, SIP does not provide a way to split a session
over multiple devices.

Some mechanisms are discussed to provide application
layer mobility support for NGMNs in this paper. Therefore,
different solutions were presented to show how a session can
be transferred to other devices or split over multiple devices.
Every solution has its benefits and drawbacks.

The most appropriate solutions were chosen for an im-
plementation. The programming of the session transfer is
already completed, while the implementation of the session
split is still ongoing. We expect the completion by the end
of February 2011.

Furthermore, security considerations will be taken into
account after a successful implementations. A suitable so-
lution to ensure the authenticity of the transfer- or split-
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initiating party should be specified. We will also start a
first evaluation of the performance and reliability of the
implemented sipdroid extension.
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