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1 INTRODUCTION

The lack of perceived quality of serviamanagement inMS technologyis addrassed by the
ADAMANTIUM project. This deliverable completes the integration of IPTV and VoIP equipments
and applicationand hence complemerttge existing IMSarchitecture to make it capable of

1 Compensahg networkimpairments,
1 Performing content dependent optimization of the encoding@mgtreaming parameters, and
1 Improvingthe end user experience/satisfaction by maximizing the delivered PQoS level.

1.1 Purpose

The purpose of this deliverable is teport the intgration of IPTV and VolP equipment and
applications intdADAMANTIUM pilot platform.

1.2 Audience

This deliverable is addressed to an audience, which can be considered as twofold:

A For the needs of ADAMANTIUM, this deliverable targets all people involvedtagration of
IPTV and VolP equipments and applications

A Beyond the needs of ADAMANTIUM, the current deliverable can be further exploited by the
industry as a reference document that has P@Qu8e and IMS compatible VolP and IPTV
services and their ag&ation

1.3 Structure of the document

In ADAMANTIUM, in the case of VolP servicéhe implemented VolP calscenario is between a
PQoS aware IMS compatib8G mobile handset andRQoS aware IMS compatible VolP soft phone.
In the case of IPTV service, PQa®vare IMS compatible IPTV soft phone is used. How these
equipments and software applications integrate with the ADAMANTIUM pilot platform is the main
focus of this deliverable.

This Deliverable B.2 has the following maigections.
Section Iprovidesa brief introductiorandthe importance of this deliverable

Section 2 describethe integration oPQoS awardMS compatible terminals into IMS and MCMS
modul es of the ADAMANTI UM project. These ter min
D3.3f.

Secton 3 focuses on thiategration of terminal adaptation module into the soft phone and G1 mobile
handset

Section4 presents the demonstration scenarios for feadit for the developedADAMANTIUM
pilot platform for VoIP and IPTV serges with the help of use cases
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Section 5concludesthe deliverake which aimed ateporting theintegration of IPTV and VolP
applicationsand equipmentsito the developedDAMANTIUM pilot platform driven by Open IMS
core.
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2 INTEGRATION OF PQOS AWARE IMS COMPATI BLE
PHONES

This section describes the integration of PQoS aware IM compatible phones with IMS and MCMS
testbed.For the needs of ADAMANTIUM project, two terminals have been considered/dtr
services:A PQoS aware 3G mobile terminals and a PQo&re safphone Both the terminals are
presented in the following stdections:

2.1 PQoS aware & mobile terminals

The 3G mobile terminain use in the ADAMANTIUM project is the Android based G1 mobile
handset as described in D3(Bfease see section 3.1)

The @mmunication protocol between G1 mobile handset and IMS and MCMS is based on SIP.
Monitoring parameters and adaptation actions are all done in SIP. MjSIP is the SIP stack beted in
mobile handsetThe integration of the G1 mobile handset with the ADANTAUM test bedhas been
possibleby theuse of thaleveloped TAMc.f., D3.3, c.f. Figure2-1-1).

G1 MOBILE HANDSET

TAM

- M

2]
RTP Sireams o o
- = =
= =
:ug Farameters = P2as Values ”
c o ;
=] o E
E G Adaptations ;
RTCP Packets o v =
_ £
[
=
Adaplations >
. SIP
L agent |
AlarmsWamings
Q
\"“‘--\
= IMS
MCMS

Figure 2-1-1 G1 mobile handset integration with IMS and MCMS.

All the communication betweahe G1 mobile(c.f., Figure2-1-2) and MCSM are done via the IMS.
The SIP stack that listens to SIP ewatitthe MCMSside is based on eXosip, these are developed as
MSMM and MSAM sip agents. They forward all SIP related messagaes d$MM and MSAM.

The PQoS aware and IMS compatible G1 mobile handset architecture described in D3.3f is
implemented with main functional blocks describe&igure2-1-1.
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JLIbRTP stack is used in the G1 mobile handset for \fggstack.This is responsible for receiving

and transmittingRTP streams during a VolP sessidh also manages the RTCP packets whose
statistics are injected in the monitoring function for PQoS values computation in the PQoS model
function.

Depending orpredetermined threshold values, warnings and alarms will be generated, these alarms
are communication to MCMS via IMS by the MJSIP stack.

The MJSIPstack actas alight weight SIP for the mobile terminal which ighe main entry for all SIP
methods whictare INVITE, ACK, CANCEL, BYE, MESSAGE, PRACK and UPDATE

MJSIPinteracts with IMS CSCFs and MCMS via IMS for sending alarms and monitored parameters
to MSMM and for receiving adaptation actions from MSAMprovides wrapping of the SIP stack
functionalifes and implements SIP listener interface that handles incoming and outgoing SIP
messages. THdJSIPinteracts withthe TAM in order toreceiwe adaptation actions,

SR SIPOHOID

- -

alice@ada.open ims test

Figure 2-1-2 G1 mobile handset

2.1.1 Installation, configuration and running

The adaims for G1 mobile handset has the following requirements for compiling and installation

 Hardware:
o0 Qual commE MSM7201AE, 528 MHz , ROM 256 ME

1 Operating system:

o Androi dE
A Version: 1.6
o Kernel: 2.629
1 Programming language:
o JAVA
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1 Compiler:
o JDK1.6.0 10
1 Development environment:

0 Eclipse. An IDE tool.Version: 3.4.0 Build id: 120080612000.
0 Apacte Ant version 1.7.1

1 Connection to/with other subsystems
0 Interacts with MCMS for session monitoring parameters and adaptation actions
o0 Connectto IMS for SIP signaling messages

o Connect to another IMS client for RTP communication

Adaims is compiled by emse and fier successfully compilation adias android package ada
ims.apk is created.his installation is based on windows XP and follows the following step:

1. Connect your Android base mobile phone to a PC with usb connection

2. Typeadbin a command prontpthis will display all the optionsdb.exe is Android SDK
tool used to install applications.

3. Download adams.apkfile to a local foldeiin your computeandtypethe commandbelow
at commangrompt to installthe application,
adb install adarims.apk ada-ims.apk

The following procedures are necessaryctmfigure and make callsn PQoSaware G1 mobile
handset.

1. Press application icon on the home screen, the following applicatossrFigure2-1-3 will
appear togethawith the adams application

HAd M @ 23:39

ada-ims - - ¥

Alarm Clock

2 £,

Browser Calculator  Calendar Camcorder

B REN

Camera Contacts Dialer Email

Flying High Gallery getBler  Google Mail

Figure 2-1-3 Applications screen

Copyright © ADAMANTIUM



D5.2: Integration ofPTV and VolP applications Pagel0of 35

2. Touch the adéms icon, adams will load and after pressing the menu button ofrtiubile
thefollowing screen will appedfigure2-1-4.

A BER @ 23:36
e e ——

SIPDROID mm!m] F

y . SIST 3 |& H
por—e y: Wl swsTiQUE | sip

| alice@open-ims.test |

Figure 2-1-4 ada-ims main screen

3. To configure the mobile as an IMS client, press configure icon and fill IMS proxy settings,
user profile, user information and call settings.

4. After successfull configuration, the mobile can now register to IMS by pressing the Register
icon. The registration can also be done autorl
settings.

5. After successfully registration of the mobile to the IM8&liscan be rade by pressing the call
icon.

2.1.2 Communication with MSMM

The G1 mobile opens UDP port 5060 for listening to SIP events, port 21000 and 21070 audio and
video streams respectively, and port 21001 and 21071 for their corresponding RTCP reports.

The G1 mobile seds session parametets the MSMMat the start of a sessigiNITSESSION)in
XML format which are receivedy the MSMM SIP agen(c.f., Figure 2-1-5(a)). At the end of the
session G1 mobile sends to MSMM the end of session paeE{ENDSESSION) (c.fFigure2-1-5

(b)).
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Henu

1, Start

2, Exit

MSHMM - SIP port 5061

REGISTER sent to

pcscf ,open-ims, test $ 4060
Registered with open-ims,test
parsefudio

1 Parameters registered
======= fAudio

Codec type: 0

NunmFlows: 1

initsessions INITSESSION
sessionlds 33203732

ipsend: 141,163,75,7

portsends 22224

ipreceive: 141,163,75,33
portreceive; 22224

protocols RTP

mediaType: audio

appType: 2

codecModes -1

qosClass: -1

ulMaxBandllidth: -1
dlMaxBandWlidth: -1

sendURI: sip:jackBopen-ims,test
receivellRI: sipialiceRopen-ims,test

parsefudio

1 Parameters registered

======= Audio

Codec type: 0

NumFlowss 1

initsession: INITSESSION
sessionld: 14063843

ipsend: 141,163,75,33

portsends 22224

ipreceive; 141,163,75.7
portreceives 22224

protocol: RTP

mediaType: audio

appType: 2

codectodes -1

qosClass: -1

ulMaxBandWidth: -1
dlMaxBandllidth: -1

sendURI: sip:jack@open-ims,test
receivelRI: siptalicelopen-ims,test

(@)

Pagell of 35

parsefudio

1 Parameters registered
======= fudio
endsessions ENDSESSION
sessionld: 14069843

parsefudio

1 Parameters registered
======= fudio
endsessions ENDSESSION
sessionlds 33203732

(b)

Figure 2-1-5 INITSESSION and ENDSESSION parametersat MSMM

When a session is ongoing and PQoS values dropgptedetermined threshold warning alarm are
generated (c.f.Figure2-1-6 (a)), subsequently if the PQoS continues to drop the mobile will send red
alarm (c.f.,Figure 2-1-6 (b)) to MSMM for adaptation Igic decision. These alarms are also in XML
format encapsulatés SIP message.
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parsefudio

1 Parameters registered

======= fAudio

alarm: true

Codec type: 0

pqos: 1,1846122737346068

threshold: 2,0

sessionld: 1812813

FlowID: 141,163,75,44:22224:141,163,75,7:22222:RTP
MoOfAlarms: 1

AlarmType: 0

sendURI: sip:jackBopen-ims,test
receivellRI: siptalicelopen-ims,test

(@)

Pagel?2 of 35

parsefudio

1 Parameters registered

======= fAudio

alarm: true

Codec type: 0

pgos: 1,2042843670553598

threshold: 2,0

sessionld: 1812813

FlowID: 141,163,75,44:22224:141,163,75,7:22222:RTP
NoOfAlarms: O

AlarmType: 1

sendURI: sip:jack@open-ims,test
receivelRI: siptalicelopen-ims,test

(b)

Figure 2-1-6 Warning and red alarms

2.1.3 Communication with MSAM

Adaptation actiongc.f., Figure 2-1-7) are communicated via MSAM to the mobile, the MSAM SIP
agent forward them in XML format to the mobile phone.

parseAudio

1 Parameters registered

=====' Audio
alarm: true
payload: 3

pgos: 1.1941597526682393

threshold: 2.0
sessionId: 15040737

sendURI: sip:jack@open-ims.test
receiveURI: sip:alice@open-ims.test

Figure 2-1-7 Adaptation actions from MSAM SIP agent

The above actions aparsed by the mobile and adapt by switching the payload type from 0 (PCMU)
to 3 (GSM). SIP rénvite will then be issued to another party and eventually the two clients will both

be communication under GSM codec.
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2.2 PQoS aware sft phones

This sedbn provides the integration between PQoS aware soft phones with ADAMANTIUM pilot
platform. ADAMANTIUM implements only soft phone solution for IPTV service while VolP service
is provided by both soft and hard phone solutions.

2.2.1 IPTV soft phone

ThelPTV sot phoneas described in D3.8 responsible foplayingLive and VOD IPTV services by
initiating (at uasvarestteaming sessiondmMmadiagesour@emcted at the IPTV
serves. To achieve these streaming functions,|BEV soft phondncludes several components such
as SIP and RTSPcommunication agent$SIP Agent RTSP Client), media controllers (Media
Controlle), players Media Player) andadaptorsthat support the Qe8wareness of the segfhone.
Indeed, the adaptation of media stréagrsessions requires sessions initiation at the AEM component
of the MCMS and botnitiation and adaptation are achieved though the TAM component of the IPTV
soft phone

From an IMS perspective, tHETV soft phonds an end usewhich starts SIP sesgianitiation to an
IPTV AS, i.e., the MSRF in ADAMANTIUM

2.2.1.11PTV Soft Phone nstallation and running guidelines
Hardware requirements:
1 Evaluated on Intel Cor2 Duolaptop with Z5B of RAM.
Operating System:
1 Linux (tested with : Linux Ubuntu 9.04)
Software requirements (including versions):
1 Python 2.6 (with pythowlev, pythorgtk2 pythongtk2-dev)
T Twisted 8.2 (with pythostwisted, pythorzopeinterface, pythenevow, pythorepsilon)
T Vic -ver. 1.00 ++ (with libvic2, libvledev, libviccore2, libviccorglev, and needed plugins)
1

Python binding of Vic (wiki.videolan.org/Python_bindings) OR provided by VIO library
(vic.so) to be copied to the python directory (/usr/lib/python2.6fdiskages/).

1 Ffmpeg libs (with libavcodeanstrippeds52)

1 Gstreamer (OPTIONAL) ver. 0.10.21 ++ (with needed plugins)

For more details, please see the provided by VIO readme file.
Supported interfaces:

1 Media playing session initiation and termination using SIP protocol through the IMS
framework

Mediaplayingsession adaptation ugitsIP protocol through the IMS framework

Graphic User Interface (GUI) for tHeTV soft phoneapplication configuration (IMS, local
host and streaming tools setting)
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Connections to/with other subsystems:
1 Integration to the IMS framework;
1 Connection wh theMSRF
9 Interaction with the MCMS
Details about communication see D3.3F, D3.2F
Installation and configuration:
1 Install the all required software/libraries mentioned in the previous section;
1 Copy the providedPTV soft phonesource code to the desirdulectory;
1 Default local host settings can bleanged in the src/sipagent/iptvphgnefile;
Running
1 From the code root directory (e.g., AdamantiumIPTV/src), set the python environment:
o cd AdamantiumIPTV/src
o export PYTHONPATH=.
0 python sipagent/iptvphormy

IMPORTANT: Note that théPTV softphoneapplication will try to detect the listening IP address
(using gethostbyname system call) and the result can be a local loop one (127.x.x.X). In this case,
the IP address should be configured manually:

0 using theSIP menu; OR
o0 by modifying the /etc/hosts file to map the host name to the desired IP address.
Graphic User Interface (GUI)
The SIP menu of thETV application provides the IMS integration interface allowing:
1 Setting the registration parameters accaydmpilot configuration;
1 Reqgistering to IMS core (OpdMS);
The SIP setting interface is presented inRlygire2-2-8.

Copyright © ADAMANTIUM



D5.2: Integration ofPTV and VolP applications Pagel5of 35

™ ADAMANTIUM IPTV Phone [_ |0 x|
File RTSP SIP Tool Help

[-ims.vio;media=a.avi;vb=500;vframesize=cif|

SIP User Agent Address: [192.168.1.153
SIP User Agent Port: |5064

Usermame: | iptvphone

Domain (Realm): |open-ims.vio

|
|
|
Password: ecccccccee |
|
|

Outbound Proxy URI: |sip:pcscf.open-ims.vio:4

l &l valider ‘ ‘ €3 Annuler ‘ ‘ ©| Aide ‘

Figure 2-2-8 The SIP setting interface.

2.2.1.2TAM at thelPTV Soft Phone

In the IPTV soft phoneimplementation, theTAM componentprovides means for (1) sending
initiation/teardown commands and Warning/Red alarms to the MCMS and (2) for receiving adaptation
orders from the MSRF through the SIP Ageftt). Thus, he main functions of thEAM are to

9 Detect sessions initiation/teardown processes

1 Send the agreed (between the IPTV soft phone and the MSB¥Sion parameters
encapsulated iBDP to theMSMM component of theMICMS for initiation purpose;

Receive session adaptation requests from the MSRF;

Send the session teardown request to the MSMM component iGNES.

To implement these functionss ghown inFigure 2-2-9, the TAM componeniincludesthe Session

Initiation/Teadown subcomponent that monitors successf@ s s inibatios &nd teardown at the
MSRF in order to inform the MCMS about theasing 3P MESSAGE It also includes the
Monitoring and the Adaptation subcomponemdsdescribed belaw

The Monitoring subcompwentuses the Media Player component for access to the IPTV RTP/RTCP
stackthat is responsible for receiving and transmittiRJ P streamsand for managing the RTCP
packets statisticgluring an IPTV session These statistics are then retrieved for PQoS vaks
computation Depending on predetermined threshold values, Warning or Red alarms can be generated
andreported to the MCMSia IMS by theSIP Agent componerfior remedial actiondecisiontaking.

Copyright © ADAMANTIUM



D5.2: Integration ofPTV and VolP applications Pagel6 of 35

The role of the Adaptation subcomponent is first to ikecéusing SIP RE/INVITE)the adaptation
ordersfrom the MSRF after adaptation decisions taken by the MCMS. Note that the interaction
between the MCMS antthe MSRF is discussed in D5.1ftér receiving the adaptation commands, the
TAM componenfinally pawses theplaying process and adapts the sesgtaying parameters at the
Media Player. The adaptatigorocess consists ¢éking in account new session parameters, i. e., the
video framerate, bitrajeideo scale, etc.

MCMS §
IPTV soft phone
I’ —
{ Init. / Teard. SIP TAM Media
= Agent < > Session Player
Alarm Init. / Teard.
SDP
MSRF  sipwsop i | -nitoring —
— . RTCP
4/’ Adaption | g Adaptation |
=

Figure 2-2-9 The TAM integration at the IPTV soft phone

2.2.1.3TAM and theMCMS module

The communication protocol betwedRTV soft phoneand IMS and MCMS is based on SIP.
Monitoring parameters and adaptation actions are all done irASIBveloped by the VIO and TGV

SIP agen(SIP Agent),based on the DivMod Sine and the Twisted framework, are used in the IPTV
soft Phone and thg'SMM of) the MCMSas discussed in D3&hd D3.2 This P agent ishe main

entry for all SIP methods which alVITE, ACK, , BYE, MESSAGE etc.

The integration of théPTV soft phonewith the ADAMANTIUM test bed has been possible by the
use of the developed TAM (c.f., D3.3, cRigure2-2-9). Note that the IPTV soft phone architectige
described in D3.3f, while the architecture of the MCMS is detailed infD3.3

All the communication between theTV soft phoneand MCMS(c.f., Figure2-2-10) are done via the
IMS. The SIP Agent listens to SIP events at the MECdlde (MSMM) and forwards all SIP related
messages to the AEM.

On successful session initiation/teardown, the T#kbugh the SIP Agent interacts with IMS CSCFs

and MCMS via IMS forsendng the session parameters to the MSMM component of the MCMS in
orderto allow the AEM to be aware of session creation (and consequeraiypw futureadaptatios)

/ teardown using SIP MESSAGE with SDP. This SDP contains, among others, the desired command
type and the related session information such as the sessionadeslilt is reported back to the TAM

using the SIP MESSAGE OK.

During the session playing process, the TAM continuously evalta&XoS level and in case of its
degradation, itsengd Warning or Red alarm (depending of predefined threshold vahrek}o

MSMM. Similarly to the above described scenario, the message are encapsulated to SDP and
delivered using SIP MESSAGE
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Init/'Teard_Request

Init'Teard_Response
‘MESSF&GE OK+SDP Lo MESSAGE OK +SDP <

| [Init'Teard_Response

|

| [Warning/Red_Alarm
> SIP MESSAGE+SDP _ | SIP MESSAGE+SDP

Warning/Red_Alarm

A
\J

MESSAGE OK +SDP Warning/Red_Respornse
MESSAGE OK +SDP g N —

| |Warning/Red_Resporise

d

Figure 2-2-10 Communication betweenTAM and MCMS .

2.2.1.4TAM and theMSRF

In ADAMANTIU M, when the MSRF receives an adaption request from the MCMS, it initiates the
session adaptation at the terminaldeydng new corresponding request to the TAMorder to adapt

the session media resourplaying parametersFor this purpose, the MSRF tlugh SIP protocol
interacts with IMS CSCFs and TAM via IMS8sing SIP Re/INVITE. The adaption actions are
formatted using SDP offer/answer model and the aforementioned VIO & TGV SIP Agent ensures the
IMS-Compliant communication between tMSRF and theTAM. The SIP communication between

the MSRFandthe TAMis depicted irFigure2-2-11.
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MSRE CSCE IPTV Soft Phone

SIP RelNVITE+SDP offer q SIP RelNVITE+SDP offer

Adaptation_Request
> N
ReINVITE OK +SDP Adaptation_Responise
ReINVITE OK +SDP ansvierig answet
RelNVITE ACK ReINVITE ACK
P > Adaptation_Request Ack
-
PR \
¢ Adaptation |
: \  Action ,—

bl

Figure 2-2-11 Communication betweenTAM and MSRF.

2.2.2 VolIP soft phone

The VolP phoe in use in the ADAMANTIUM project is the open source H@8mmunicator as
described in D3.3f.

The communication protocol betwedS-Communicatorand IMS and MCMS is based on SIP.
Monitoring parameters and adaptation actions are all done in SIP-SIRIN the SIP stack ported in
the IMSCommunicator. The integration of tHElS-Communicatorwith the ADAMANTIUM test
bed has been possible by the use of the developed TAM (c.ff)D3.3
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Figure 2-2-12 IMS -Communicator soft phoneintegration with IMS and MCMS.

All the communication between thiglS-Communicator (c.f.Figure2-2-13) and MCSM are done via

the IMS. The SIP stack that listers $IP events at the MCMS side is based on eXosip, these are
developed as MSMM and MSAM sip agents. They forward all SIP related messages to the MSMM
and MSAM.

The PQoS aware IMEommunicator soft phone architecture described in D3.3f is implemented with
main functional blocks described Figure2-2-12.

JMF RTP stack is used in IMGommunicator for VolIP rtp stacKhis is responsible for receiving and
transmittingRTP streams during a VoIP sessidhalso manages the RTCP paskehose statistics
are injected in the monitoring function for PQoS values computation in the PQoS model function.

Depending on predetermined threshold values, warnings and alarms will be generated, these alarms
are communication to MCMS via IMS by thellSIP stack.

The JAINSIP stack acts as a light weight SIP for the mobile terminal whicheismain entry for all
SIP methods which are INVITE, ACK, CANCEL, BYE, MESSAGE, PRACK and UPDATE

JAINSIP interacts with IMS CSCFs and MCMS via IMS for sendingrrata and monitored
parameters to MSMM and for receiving adaptation actions from MS#ptovides wrapping of the

SIP stack functionalities and implements SIP listener interface that handles incoming and outgoing
SIP messages. THAINSIPinteracts withthe TAM in order toreceiw adaptation actions,
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