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Abstract:  
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D3.3i and D3.3f. In order for these equipments and application to function and perform monitoring 

and adaptation, they must be integrated into the ADAMANTIUM IMS and MCMS module.  In this 

context, this deliverable aims to describe how these equipments and applications are integrated into 
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1 INTRODUCTION  

 

The lack of perceived quality of service management in IMS technology is addressed by the 

ADAMANTIUM project. This deliverable completes the integration of IPTV and VoIP equipments 

and applications and hence complements the existing IMS architecture to make it capable of  

 

¶ Compensating  network impairments, 

¶ Performing  content dependent optimization of the encoding and/or streaming parameters, and  

¶ Improving the end user experience/satisfaction by maximizing the delivered PQoS level. 

 

 
 

1.1 Purpose 

The purpose of this deliverable is to report the integration of IPTV and VoIP equipments and 

applications into ADAMANTIUM pilot platform. 

 

1.2 Audience 

 

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

Á For the needs of ADAMANTIUM, this deliverable targets all people involved in integration of 

IPTV and VoIP equipments and applications.  

Á Beyond the needs of ADAMANTIUM, the current deliverable can be further exploited by the 

industry as a reference document that has PQoS-aware and IMS compatible VoIP and IPTV 

services and their adaptation.  

 

1.3 Structure of the document 

 

In ADAMANTIUM, in the case of VoIP service, the implemented VoIP call scenario is between a 

PQoS aware IMS compatible 3G mobile handset and a PQoS aware IMS compatible VoIP soft phone. 

In the case of IPTV service, PQoS aware 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 D5.2 has the following main sections.  

Section 1 provides a brief introduction and the importance of this deliverable. 

Section 2 describes the integration of PQoS aware IMS compatible terminals into IMS and MCMS 

modules of the ADAMANTIUM project. These terminalsô developments are detailed in D3.3i and 

D3.3f. 

Section 3 focuses on the integration of terminal adaptation module into the soft phone and G1 mobile 

handset. 

Section 4 presents the demonstration scenarios for the 2
nd

 audit for the developed ADAMANTIUM  

pilot platform for VoIP and IPTV services with the help of use cases.  
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Section 5 concludes the deliverable which aimed at reporting the integration of IPTV and VoIP 

applications and equipments into the developed ADAMANTIUM 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 for VoIP 

services: A PQoS aware 3G mobile terminals and a PQoS-aware soft-phone. Both the terminals are 

presented in the following sub-sections: 

 

2.1 PQoS aware 3G mobile terminals  

The 3G mobile terminal in use in the ADAMANTIUM project is the Android based G1 mobile 

handset as described in D3.3f (please see section 3.1).  

 

The communication 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 ported in the 

mobile handset. The integration of the G1 mobile handset with the ADAMANTIUM test bed has been 

possible by the use of the developed TAM (c.f., D3.3, c.f., Figure 2-1-1). 

 

 

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

 

All the communication between the G1 mobile (c.f., Figure 2-1-2) and MCSM are done via the IMS. 

The SIP stack that listens to SIP 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 and IMS compatible G1 mobile handset architecture described in D3.3f is 

implemented with main functional blocks described in Figure 2-1-1.  
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JLibRTP stack is used in the G1 mobile handset for VoIP rtp stack. This is responsible for receiving 

and transmitting RTP streams during a VoIP session. It also manages the RTCP packets whose 

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 the MJSIP stack. 

The MJSIP stack acts as a light weight SIP for the mobile terminal which is the main entry for all SIP 

methods which are INVITE, ACK, CANCEL, BYE, MESSAGE, PRACK and UPDATE.  

MJSIP interacts with IMS CSCFs and MCMS via IMS for sending alarms and monitored parameters 

to MSMM and for receiving adaptation actions from MSAM. It provides wrapping of the SIP stack 

functionalities and implements SIP listener interface that handles incoming and outgoing SIP 

messages. The MJSIP interacts with the TAM in order to receive adaptation actions,  

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2-1-2 G1 mobile handset 

 

2.1.1 Installation, configuration and running 

 

The ada-ims for G1 mobile handset  has the following requirements for compiling and installation 

¶ Hardware:  

o QualcommÈ MSM7201AÊ, 528 MHz , ROM 256MB, RAM 192MB 

¶ Operating system: 

 

o AndroidÊ 

Á Version: 1.6 

o Kernel: 2.6.29 

¶ Programming language:  

o JAVA 
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¶ Compiler: 

o JDK 1.6.0_10.  

¶ Development environment:  

o Eclipse. An IDE tool.  Version: 3.4.0 Build id: I20080617-2000. 

o Apache Ant version 1.7.1. 

¶ Connection to/with other subsystems 

o Interacts with MCMS for session monitoring parameters and adaptation actions 

o Connect to  IMS for SIP signaling messages 

o Connect to another IMS client for RTP communication 

 

Ada-ims is compiled by eclipse and after successfully compilation ada-ims android package ada-

ims.apk is created. This 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. Type adb in a command prompt, this will display all the options, adb.exe is Android SDK 

tool used to install applications. 

3. Download ada-ims.apk file to a local folder in your computer and type the  command  below 

at command prompt  to install the application, 

 adb install ada-ims.apk   ada-ims.apk 

 

The following procedures are necessary to configure and make calls in PQoS aware G1 mobile 

handset. 

 

1. Press application icon on the home screen, the following applications screen Figure 2-1-3  will 

appear together with the ada-ims application 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2-1-3 Applications screen 
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2. Touch the ada-ims icon, ada-ims will load and after pressing the menu button of the mobile 

the following screen will appear Figure 2-1-4. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

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 successfully configuration, the mobile can now register to IMS by pressing the Register 

icon. The registration can also be done automatically by ticking ñregister on startò under proxy 

settings. 

5. After successfully registration of the mobile to the IMS, calls can be made 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 sends session parameters to the MSMM at the start of a session (INITSESSION) in 

XML format which are received by the MSMM SIP agent (c.f., Figure 2-1-5(a)). At the end of the 

session G1 mobile sends to MSMM the end of session parameters (ENDSESSION) (c.f., Figure 2-1-5 

(b)). 
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(a)         (b) 

Figure 2-1-5 INITSESSION and ENDSESSION parameters at MSMM  

When a session is ongoing and PQoS values drops to a predetermined threshold warning alarm are 

generated (c.f.,  Figure 2-1-6 (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 logic decision. These alarms are also in XML 

format encapsulates in SIP message. 
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(a)         (b) 

Figure 2-1-6 Warning and red alarms 

 

 

2.1.3 Communication with MSAM  

 

Adaptation actions (c.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. 

 

 

 

 

 

 

 

 

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

 

The above actions are parsed by the mobile and adapt by switching the payload type from 0 (PCMU) 

to 3 (GSM).  SIP re-Invite 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 soft phones 

This section provides the integration between PQoS aware soft phones with ADAMANTIUM pilot 

platform. ADAMANTIUM implements only soft phone solution for IPTV service while VoIP service 

is provided by both soft and hard phone solutions. 

2.2.1 IPTV soft phone  

 

The IPTV soft phone as described in D3.3 is responsible for playing Live and VOD IPTV services by 

initiating (at userôs terminals) QoS-aware streaming sessions of media resources located at the IPTV 

servers. To achieve these streaming functions, the IPTV soft phone includes several components such 

as SIP and RTSP communication agents (SIP Agent, RTSP Client), media controllers (Media 

Controller), players (Media Player) and adaptors that support the QoS-awareness of the soft-phone. 

Indeed, the adaptation of media streaming sessions requires sessions initiation at the AEM component 

of the MCMS and both initiation and adaptation are achieved though the TAM component of the IPTV 

soft phone.  

From an IMS perspective, the IPTV soft phone is an end user which starts SIP session initiation to an 

IPTV AS, i.e., the MSRF in ADAMANTIUM.  

2.2.1.1 IPTV Soft Phone installation and running guidelines 

Hardware requirements: 

¶ Evaluated on Intel Core 2 Duo laptop with 2GB of RAM. 

Operating System: 

¶  Linux  (tested with : Linux Ubuntu 9.04) 

Software requirements (including versions): 

¶ Python 2.6 (with python-dev, python-gtk2 python-gtk2-dev) 

¶ Twisted 8.2 (with python-twisted, python-zopeinterface,  python-nevow, python-epsilon) 

¶ Vlc - ver. 1.00 ++ (with libvlc2,  libvlc-dev,  libvlccore2,  libvlccore-dev,  and needed plugins) 

¶ Python binding of Vlc (wiki.videolan.org/Python_bindings) OR provided by VIO library 

(vlc.so) to be copied to the python directory (/usr/lib/python2.6/dist-packages/). 

¶ Ffmpeg libs (with libavcodec-unstripped-52) 

¶ Gstreamer (OPTIONAL) - ver. 0.10.21 ++ (with needed plugins) 

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

Supported interfaces: 

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

framework 

¶ Media playing session adaptation using SIP protocol through the IMS framework 

¶ Graphic User Interface (GUI) for the IPTV soft phone application configuration (IMS, local 

host and streaming tools setting)  
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Connections to/with other subsystems: 

¶ Integration to the IMS framework; 

¶ Connection  with the MSRF 

¶ Interaction with the MCMS 

Details about communication: see D3.3F, D3.2F 

Installation and configuration:  

¶ Install the all required software/libraries mentioned in the previous section; 

¶ Copy the provided IPTV soft phone source code to the desired directory; 

¶ Default local host settings can be changed in the src/sipagent/iptvphone.py file; 

Running  

¶ From the code root directory (e.g., AdamantiumIPTV/src), set the python environment: 

o cd AdamantiumIPTV/src 

o export PYTHONPATH=. 

o python sipagent/iptvphone.py  

IMPORTANT: Note that the IPTV soft phone application 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:  

o using the SIP menu;  OR 

o by modifying the /etc/hosts file to map the host name to the desired IP address. 

Graphic User Interface (GUI) 

The SIP menu of the IPTV application provides the IMS integration interface allowing:  

¶ Setting the registration parameters according to pilot configuration; 

¶ Registering to IMS core (Open-IMS); 

The SIP setting interface is presented in the Figure 2-2-8. 
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Figure 2-2-8 The SIP setting interface. 

 

2.2.1.2 TAM at the IPTV Soft Phone 

In the IPTV soft phone implementation, the TAM component provides 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 Agent.  (1). Thus, the main functions of the TAM are to  

¶ Detect sessions initiation/teardown processes; 

¶ Send the agreed (between the IPTV soft phone and the MSRF) session parameters 

encapsulated in SDP to the MSMM component of the  MCMS for initiation purpose; 

¶ Receive session adaptation requests from the MSRF;  

¶ Send the session teardown request to the MSMM component of the MCMS. 

 

To implement these functions, as shown in Figure 2-2-9, the TAM component includes the Session 

Initiation/Teardown subcomponent that monitors successful sessionsô initiation and teardown at the 

MSRF in order to inform the MCMS about them using SIP MESSAGE. It also includes the 

Monitoring and the Adaptation subcomponents as described below.  

The Monitoring subcomponent uses the Media Player component for access to the IPTV RTP/RTCP 

stack that is responsible for receiving and transmitting RTP streams and for managing the RTCP 

packets statistics during an IPTV session. These statistics  are then retrieved for PQoS values 

computation. Depending on predetermined threshold values, Warning or Red alarms can be generated 

and reported to the MCMS via IMS by the SIP Agent component for remedial actions decision taking.  
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The role of the Adaptation subcomponent is first to receive (using SIP RE/INVITE) the adaptation 

orders from the MSRF after adaptation decisions taken by the MCMS. Note that the interaction 

between the MCMS and the MSRF is discussed in D5.1. After receiving the adaptation commands, the 

TAM component finally pauses the playing process and adapts the session playing parameters at the 

Media Player. The adaptation process consists of taking in account new session parameters, i. e., the 

video framerate, bitrate, video scale, etc. 

 

 

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

 

 

2.2.1.3 TAM and the MCMS module  

The communication protocol between IPTV soft phone and IMS and MCMS is based on SIP. 

Monitoring parameters and adaptation actions are all done in SIP. A developed by the VIO and TGV 

SIP agent (SIP Agent), based on the DivMod Sine and the Twisted framework, are used in the IPTV 

soft Phone and the (MSMM of) the MCMS as discussed in D3.3 and D3.2. This SIP agent is the main 

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

The integration of the IPTV soft phone with the ADAMANTIUM test bed has been possible by the 

use of the developed TAM (c.f., D3.3, c.f., Figure 2-2-9). Note that the IPTV soft phone architecture is 

described in D3.3f, while the architecture of the MCMS is detailed in D3.3f.  

All the communication between the IPTV soft phone and MCMS (c.f., Figure 2-2-10) are done via the 

IMS. The SIP Agent listens to SIP events at the MCMS side (MSMM) and forwards all SIP related 

messages to the AEM. 

On successful session initiation/teardown, the TAM through the SIP Agent interacts with IMS CSCFs 

and MCMS via IMS for sending the session parameters to the MSMM component of the MCMS in 

order to allow the AEM to be aware of session creation (and consequently to allow future adaptations) 

/ teardown using SIP MESSAGE with SDP. This SDP contains, among others, the desired command 

type and the related session information such as the session id.  The result is reported back to the TAM 

using the SIP MESSAGE OK.   

During the session playing process, the TAM continuously evaluates the PQoS level and in case of its 

degradation, it sends Warning or Red alarm (depending of predefined threshold values) and to 

MSMM. Similarly to the above described scenario, the message are encapsulated to SDP and 

delivered using SIP MESSAGE,  
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Figure 2-2-10 Communication between TAM and MCMS . 

 

2.2.1.4 TAM and the MSRF  

In ADAMANTIU M, when the MSRF receives an adaption request from the MCMS, it initiates the 

session adaptation at the terminal by sending new corresponding request to the TAM in order to adapt 

the session media resource playing parameters. For this purpose, the MSRF through SIP protocol 

interacts with IMS CSCFs and TAM via IMS using 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 the MSRF and the TAM. The SIP communication between 

the MSRF and the TAM is depicted in Figure 2-2-11. 
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Figure 2-2-11 Communication between TAM  and MSRF. 

 

 

2.2.2 VoIP soft phone  

The VoIP phone in use in the ADAMANTIUM project is the open source IMS-Communicator as 

described in D3.3f.  

The communication protocol between IMS-Communicator and IMS and MCMS is based on SIP. 

Monitoring parameters and adaptation actions are all done in SIP. JAIN-SIP is the SIP stack ported in 

the IMS-Communicator. The integration of the IMS-Communicator with the ADAMANTIUM test 

bed has been possible by the use of the developed TAM (c.f., D3.3f) 
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Figure 2-2-12 IMS-Communicator soft phone integration with IMS and MCMS.  

 

All the communication between the IMS-Communicator (c.f., Figure 2-2-13) and MCSM are done via 

the IMS. The SIP stack that listens to SIP 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 IMS-Communicator soft phone architecture described in D3.3f is implemented with 

main functional blocks described in Figure 2-2-12. 

JMF RTP stack is used in IMS-Communicator for VoIP rtp stack. This is responsible for receiving and 

transmitting RTP streams during a VoIP session. It also manages the RTCP packets whose 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 the JAINSIP stack. 

The JAINSIP stack acts as a light weight SIP for the mobile terminal which is the main 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 sending alarms and monitored 

parameters to MSMM and for receiving adaptation actions from MSAM. It provides wrapping of the 

SIP stack functionalities and implements SIP listener interface that handles incoming and outgoing 

SIP messages. The JAINSIP interacts with the TAM in order to receive adaptation actions,  

 

 

 

 

 

 

 

 
































