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1 INTRODUCTION 
 
The IP Multimedia subsystem (IMS) is an overlay system that is serving the convergence of mobile, 
wireless and fixed broadband data networks into a common network architecture where all types of 
data communications are hosted in all IP environments using the session initiation protocol protocols 
infrastructure. 
 
As recent public trials have shown, IMS technology still suffers a number of confining factors, 
amongst them is perceived quality of service. The existing IMS infrastructure does not provide any 
PQoS aware management mechanism within its service provision control system. 
 
It is expected that the success of multimedia services within the IMS infrastructure will depend on 
how end users perceive the quality of the services provided. Therefore, novel IMS compatible user 
centric network management solutions that employ cross layer adaptive techniques are inevitable.  
 
These techniques will be deployed into the existing IMS architecture in order to complement it with 
the objectives to, 
 

·  compensate for network impairments, 
·  perform content dependent optimization of the encoding and/or streaming parameters, and to 
·  improve the end user experience/satisfaction by maximizing the delivered PQoS level. 

 
To alleviate the current inability of the IMS to provide any PQoS aware management mechanism 
within its service provision control system, ADAMANTIUM aims at designing and developing IPTV 
and VoIP services generation and their adaptation. 
 

1.1 Purpose 
The purpose of this deliverable is to provide the final status of the development of the IPTV and VoIP 
ADAMANTIUM services, their generation and adaptation features.  

 

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

�  For the needs of ADAMANTIUM, this deliverable targets all people involved in the set-up 
and implementation of the ADAMANTIUM modules services. Especially, technical staff of 
ADAMANTIUM partners will use this document as input for the first test-bed demonstration.  

�  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 
 

This Deliverable D3.3f includes the following main sections.  

In Section 1 a brief introduction is given to the ADAMANTIUM system to allow readers to familiarise 
themselves with the overall view of the project. 

Section 2 describes PQoS aware media resource function (MSRF) which provides information on the 
current development status of the MSRF development. 
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Section 3 focuses on the current development status of the PQoS-aware VoIP, IPTV and 3G IMS 
compatible phones. 

Section 4 focuses on monitoring and adaptation at the terminal side, both for IPTV terminals (i.e. 
receive only terminals) and for VoIP terminals where the device sends and receives information in the 
same order of magnitude.  Please note that, the IPTV monitoring function is described in D3.2f. 

Section 5 concludes the development of the IPTV and VoIP services and their generation in 
ADAMANTIUM. 
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2 PQOS AWARE MEDIA SERVER RESOURCE FUNCTION 

2.1 Overview  
The Media Server Resources Function (MSRF) is responsible for delivering Live and VOD IPTV 
services across heterogeneous core transport (DiffServ/MPLS) and access (e.g., UMTS) networks. 
Additionally, the MSRF is also responsible for adapting and monitoring the IPTV services at server 
side. The monitoring and the adaptation of the media streaming sessions are driven by the 
ADAMANTIUM management system, namely the Multimedia Content Management System 
(MCMS). From an IMS perspective the MSRF is an Application Server (AS): the user’s terminal can 
initiate and terminate a SIP session with the MSRF. During the session streaming process, the user’s 
terminal can consume the related audio-visual media resource using the RTSP protocol. 

Figure 1 shows the relations between the MSRF and the other components of the ADAMANTIUM 
framework.  

 

 

Figure 1: Relationship between the MSRF, the MCMS and the terminal  

 

We present now a typical scenario developed in ADAMANTIUM illustrating the role of the MSRF. 
The user wants to watch a VoD IPTV service (video file), so his mobile terminal initiates a SIP 
session with the MSRF through the IMS infrastructure. Once the session is set up between the user 
terminal and the MSRF, the former first informs the MCMS through it’s the Terminal Adaptation 
Module (TAM) and later sends a RTSP command to the MSRF to start the video streaming. While the 
user is consuming his video service, the TAM monitors the Network QoS parameters (NQoS) such as 
the packet loss and evaluates the related Perceived Quality of Service (PQoS). The user is moving and 
enters in an area with bad network coverage. After some time, the TAM detects that PQoS dropped 
bellow the alarm threshold and sends a PQoS alarm to the MCMS. The MCMS then request 
monitoring data from the MSRF (through its MCMS/MSRF Interface, MMIF), the core transport 
network, access network and the terminal. On reception of these data, the decision logic engine of the 
MCMS, referred as the Action Engine Module (AEM), analyses them and determines the 
corresponding adaptations. Depending on the cause of the PQoS degradation, the MCMS then sends 
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theses adaptation actions to the MSRF(also through its MMIF) and/or the core transport network 
and/or access network. Please note that the terminal adaptation is achieved automatically or driven by 
the MSRF. 

The MSRF can adapt several parameters of the delivered video resource: 

- Video codec 

- Video resolution: width and height 

- Bit-rate of the video, which determine image crispness (the higher the better) 

- Frame-rate of the video 

- FEC (Forward Error Correction) 

As mentioned above, before the adaptation actions the MSRF can monitor several session parameters: 

-  All the preceding parameters: code, resolution, bitrate, framerate, FEC 

- Content type: news, documentary, action movie, talk show, sport… 

Regarding the MSRF-specific monitoring and adaptation functions, the scenario addressed in this 
document is presented in the Figure 2. The MCMS receives PQoS alarm from the terminal, retrieves 
monitored data at the MSRF and triggers an adaptation that requires a renegotiation of the SIP session 
parameters at the MSRF. This last one renegotiates the new required parameters with the terminal. If 
the terminal accepts the proposed parameters, the MCMS is informed and both the MSRF and the 
terminal respectively restart to stream and play the media content in the new negotiated context.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 2: Monitoring and adaptation scenario 
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The following subsections describe the monitoring and adaptation interactions. Further details are 
provided in D3.2F and D5.1. 

 

2.2 MSRF Architecture   

The MSRF is an essential ADMANTIUM architecture component because it streams and adapts video 
and audio content. This section presents informally the architecture of the MSFR (see Figure 3).  
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Figure 3: MSRF Architecture 

 



D3.3f: IPTV and VoIP services generation and adaptation Page 11 of 56 

Copyright © ADAMANTIUM 

The MSRF is driven by a SIP Agent (SIP User Agent) that represents the main entry point.  The 
MSRF instantiates a streaming session when it receives a SIP INVITE message from a client who is 
seeking for a media resource.  Each streaming session is composed of: 

- a Media Streamer which streams media resources to the requesting client; 

- an RTSP Session Controller which controls the Media Streamer with respect to the commands 
received from the client; 

- an MMIF,  which sends monitoring data to the MCMS and receive adaptation commands from 
the MCMS.  

2.2.1 MSRF Components 
This section presents an overview of the components of the architecture, their role and interactions. 

2.2.1.1 SIP Agent Component 
The SIP Agent component represents the main entry point of the MSRF. As depicted in Figure 4, it 
relies on an (UDP based) SIP transport framework (see the implementation section) encapsulating all 
the transport layer communications as specified by SIP standard. The SIP Agent component also 
includes a SIP User Agent (here, more specially a User Agent Server, UAS) that handles all initial 
requests (SIP massages) to the MSRF. In SIP specification, an UAS is a logical entity that generates a 
response to a SIP request. On session initialization, the UAS communicates with the Media Controller 
for media resource availability and the streaming session creation (Session Streamer instantiation to 
serve one User). This is done in scope of SIP Dialog, which defines a peer-to-peer relationship with 
the client. Note that several Dialogs can be instantiated for a given media content referred here as 
(SIP) Resource. Then, during the streaming, the SIP Agent component listens for monitoring and 
adaptation requests forward them to the MMIF bloc and forward back the responses of this last bloc to 
the client which requested the adaptation. Finally, the SIP Agent also listens for session releasing 
communicating with the Media Controller for the session teardown. 

 

 

Figure 4: The SIP Agent component Architecture 
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2.2.1.2 Media Streamer Component 
The Media Streamer Component is responsible for streaming multimedia resource, using RTP (Real-
Time Transfer Protocol) and RTCP (Real-Time Transfer Control Protocol) protocols. Basically, the 
RTP component can stream any multimedia resource, while the RTCP component provides 
information of ongoing RTP sessions, for Quality of Service (QoS) purpose. The Media Streamer is 
implemented in ADAMANTIUM as Gst streamer and/or VLC streamer that use respectively the well 
known GStreamer and VLC tools for effective RTP/RTCP based streaming (c.f. Figure 5). Both of 
these streamers provide interfaces for (1) RTSP based streaming control by the RTSP Session 
Controller, and (2) monitoring and adaptation purposes through the MMIF component.  

 

 

Figure 5: The Media Streamer component Architecture 

2.2.1.3 MMIF Component  
As shown in Figure 6, the MMIF component includes the Interface for sending monitoring data to the 
MCMS and for receiving adaptation orders from the MCMS. As explained in the previous section, the 
MCMS will request monitoring data when the TAM detects degradation in the PQoS. From this point, 
the MCMS requests monitoring data from the MMIF component. The Monitoring sub-component of 
the latter monitors the session parameters and reports back the results to the MCMS. After analysis of 
the reported data from the MMIF, the MCMS sends adaptation actions to the MMIF. With respect to 
the state of the RTSP session, the Adaptation sub-component of the MMIF component then forwards 
these orders to the Media Streamer. The Media Streamer finally enforces the adaptation actions.  

The MCMS and the MMIF component communicate via SIP messages through the SIP Agent.  
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Figure 6: The MMIF component Architecture 

 

 

2.2.1.4 RTSP Session Controller and RTSP Server Components 
The RTSP Session Controller (in fact, a subcomponent of the RTSP Server as depicted in Figure 7) is 
responsible for particular User session streaming control using the RTSP protocol. Please note that in 
the ADAMANTIIUM concept, the session itself is initialized (created) and tore down by the SIP 
Agent. We do not rely on RTSP to initiate the session. Consequently, only a part of the RTSP methods 
is used by the user’s terminal or the MMIF to control the Media Streamers: PLAY and PAUSE. This 
part of RTSP methods is referred here as ADAMANTIUM Lightweight RTSP. The DESCRIBE, 
SETUP and TEARDOWN methods are replaced by SIP INVITE and SIP BYE methods.  

During the session streaming, the Server entity of the RTSP Server component listens for the RTSP 
request messages and forwards them to the given RTSP Session Controller, based on the request URL. 

 

Figure 7: The RTSP Server Architecture 

2.2.1.5 Media Controller Component 
The multimedia resources to be streamed are added to the MSRF (from a resource store, e.g., location 
directory) using the Media Controller component. In addition, it can propose an interface for resources 
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adding, removing and accessibility management by an Administrator through the Resource Controller 
sub-component. Please note that the resource accessibility functions are not supported in 
ADAMANTIUM implementation. 

The Session Controller subcomponent is responsible for effective session streaming creating or 
removing on SIP Agent request, respectively after successful SIP INVITE or SIP BYE methods.  

 

Figure 8: The Media Controller component Architecture 

 

 

2.2.2 Streaming and Adaptation Elementary Tasks 
This section describes the media resource streaming and adaptation use case anticipated in 
ADAMANTIUM focusing on the messages exchange that take place in each use case elementary task.  
We distinguish five elementary tasks carried out by the MSRF in this use case chain: 

1. The IMS-SIP compliant session initiation phase, started on the IPTV soft phone (terminal) 
request through the CSCF.  

2. The Media resource streaming phase, based on the well-know RTP/RTCP protocols and driven 
by the ADAMANTIUM lightweight RTSP protocol. 

3. The Session monitoring phase, triggered, using SIP signaling, by the MCMS on PQoS 
degradation detection at the terminal. 

4. The Session adaptation phase, also triggered, using SIP signaling, by the MCMS to enforce the 
adaption decision based on the previous monitoring task. 

5. The IMS-SIP compliant session teardown phase, requested by the terminal to free resources 
allocated in the aforementioned phases.   

We describe, in the following, these five elementary phases:  

2.2.2.1 IMS-SIP Compliant Session Initiation Procedure 
Before playing any media resource, a session initiation phase configures all involved components 
within the MSRF, which later-on allows the related streaming and adaptation processes. Thus, at each 
involved component, a configuration takes place to basically register a new session. This session set-
up procedure is started by the terminal which contacts through the CSCF the MSRF using IMS-SIP 
INVITE message. In ADAMANTIUM, the INVITE massage contains the terminal’s SDP offer 
consisting of its capabilities (video size, codecs, etc.) and the name of the requested media resource.   

On reception of an INVITE + SDP message (see Figure 9), the SIP Agent asks the Media Controller 
for the media resource availability and for new session creation. The Media Controller instantiates 
new session and, based on the terminal capabilities, the Adaptation subcomponent of the MMIF 
generates a SDP answer (new adapted SDP). Then, a response is reported back to the terminal using 
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SIP OK + SDP message.   If the terminal accepts the MSRF SDP answer, it acknowledges with a SIP 
ACK. Finally, the Media Streamer and the related RTSP session at the RTSP Server and the RTSP 
Session Controller are initialized.   

 

Figure 9: Session initiation procedure 

2.2.2.2 Lightweight RTSP-driven Media Resource Streaming Procedure 
This procedure tells the MSRF to effectively stream data via the mechanism specified in the session 
initiation procedure. As mentioned before, the ADAMANTIUM lightweight RTSP protocol drives the 
streaming process. More specially, only the PLAY and PAUSE methods are used to start and pause, 
respectively the current media resource streaming.   

In fact, the terminal requests are received by the RTSP Server and forwarded to the RTSP Session 
Controller in order to play or pause the media resource at the Media Streamer.  The responses are 
reported to the terminal through the reverse path. The media resource is streamed to the terminal using 
the classic RTP/RTCP protocol. The following Figure 10 depicts the described here media resource 
streaming procedure.  

�

Figure 10: Media resource streaming procedure 
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2.2.2.3 SIP Compliant Session Monitoring Procedure 
Within the session monitoring phase, more generally, the MCMS (though its MSMM sub-module) can 
target all or specific parameters of the streaming process (e.g., frame rate), for a given monitoring 
granularity. This type of monitoring is based on the current values of the above mentioned streaming 
parameters. 

In ADAMANTIUM, as depicted in the Figure 11, the monitoring procedure uses the SIP MESSAGE 
+ SDP to and from the MSRF. On monitoring request, the SIP Agent contacts the monitoring 
subcomponent of the MMIF and this last one retrieves the monitoring data from the Media Streamer, 
aggregates them and sends back the results to be delivered to the MCMS.   

 

Figure 11: Session monitoring procedure 

2.2.2.4 SIP-driven Session Adaptation Procedure 
Figure 12 depicts the sequence diagram of an adaption with renegotiation with the terminal involving 
SIP (Re) INVITE between the MCMS and the MSRF and also between the MSRF and the terminal 
through the CSCF. This adaptation phase is MCMS driven on PQoS degradation and after a successful 
monitoring procedure. It aims to adapt the media streaming parameters to the new network conditions 
for better media resource consuming at the terminal.  

In this task, the SIP Agent requests at the adaptation subcomponent of the MMIF for a new SDP offer 
based on the MCMS adaptation decision available in SIP-(Re)IINVITE + SDP request. The generated 
SDP offer by the MMIF is sent to the terminal using SIP INVITE+ SDP. If the terminal accepts this 
new SDP offer, it replies with a SIP INVITE OK. Then, the MMIF stops (pauses) the streaming 
process through the RTSP Session Controller and adapts the streaming parameters at the Media 
Streamer. After a successful adaptation the SIP Agent acknowledges to the terminal and requests the 
RTSP Session Controller to restart (play) the streaming process. Finally, a SIP (Re)INVITE OK is sent 
back to the MCMS that acknowledges the (Re) INVITE transaction.   
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Figure 12: Session adaptation procedure 

2.2.2.5 IMS-SIP Compliant Session Teardown Procedure 
The session teardown procedure request stops the stream delivery for the given session, freeing the 
resources associated with it. The associated RTSP session is no longer valid.  

Indeed, this session clean-up procedure (cf. Figure 13) is started by terminal which contacts through 
the CSCF the MSRF using IMS-SIP BYE message. Then, the SIP Server requests the Media 
Controller to tear down the RTSP session at the RTSP Server, the RTSP Session Controller, and the 
Media Streamer and to release the session. Finally, the SIP BYE OK is reported back to the terminal.  

 

Figure 13: Session teardown procedure 
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For better understanding of the above discussed phases, the following sequence diagram (cf. Figure 
14: Streaming and Adaptation with Renegotiation use case) summarizes the overall working scenario 
of the streaming and adaptation use case. 

 

Figure 14: Streaming and Adaptation with Renegotiation use case 
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2.3 MSRF Implementation 

2.3.1 Implementation Tools 

The implementation of the MSRF was done under the written in Python 2.6 and Twisted 8.2.0 
framework. The Netbeans Version 6.7 and 6.8 platforms were used to provide programming 
environment under Linux Ubuntu 9.04. The implementation for the SIP UA part was based on the 
modified DivMod Sine 0.2.0. The choice of these tools is discussed in D3.3i. Figure 15 depicts the 
outline of ADAMANTIUM IPTV application project consisting of the common (with the IPTV soft 
phone) packages (common, sipagent and sdp) and the MSRF packages. The MSRF packages are 
presented more in detail in Figure 16. 

·  sipagent:  The sipagent package includes the SIP User Agent (useragent) module and the 
related sip resource modules for SIP session messages handling and resource providing. These 
modules then encapsulate the SIPAgent and the SIPResource classes. 

·   sdp: This package provides the sdp module that includes the SDP class. The latter allows 
easy handling of the SDP messages. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 15: MSRF packages (common package details) 
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·  msrf:  The msrf package contains the controller module that includes the MediaControtroller 
class, the gui module that provides the MSRFGUI class and the the msrf module that 
encapsulates the MSRFMain class respectively for the media resources controlling, the user 
interface providing and the launching of the MSRF application. 

·  streamer: The effective media streamers based on VLC and GStreamer are encapsulated in 
the VLCMediaStreamer and GstMediaStreamer classes located respectively in the vlcstreamer 
and gststreamer modules of the streamer package. Theses modules use Python bindings of 
the VLC and GStreamer streames, natively written in C++. 

·  rtspserver: This package provides means for media streaming process control through the 
server (RTSPServer) and related (media to be streamed) resource modules. 

·  mmif:  The mmif package contains server monitoring and adaptation  component (MMIF) 
classes for monitoring  (Monitor) and adaptation (Adaptor) purposes of streaming sessions. 
These classes are located respectively in the monitor and adaptor modules of the mmif 
package. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 16: MSRF packages details. 
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2.3.1.1 Monitoring and adaptation functions 
The MMIF component in MSRF monitors media resources streaming session in a Python class named 
as Monitor, located at the monitor module. The current value of the delivered bitrate, the media 
content type and the session related metadata such as codec type, framerate, are used to provide 
monitoring data to the MCMS on its request. These data are then encapsulated in to SDP message 
using the SDP class and delivered using SIP MESSAGE provided by SIPAgent class of sipagent 
module. 

Adaptation function receives adaptation actions from MCMS (MSAM) in the form of SDP format, it 
translates this actions and initiate adaptation actions by negotiating adaptation at the client. The SIP 
(Re)INVITE messages are used for adaptation purpose. The adaptation class, Adaptor of the adaptor 
module, then receives the request thought its adapt interface method and enforces the adaptation 
actions.  
Some adaptation and monitoring aspects are discussed in D3.2 and D5.1 
 

2.3.1.2 Installation, setup and running 
The installation and running of the MSRF is done one in Linux Ubuntu environment and is detailed in 
the D5.1. Here we provide a short walkthrough and a picture of MSRF with RTSP settings.  

 

1. Install the application using the provided readme file; 

2. Configure the SIP settings if necessary using the SIP-> ‘SIP Preferences’ menu; 
3. Configure the RTSP server settings if necessary using the RTSP-> ‘RTSP Preferences’ menu; 
4. Register the application at IMS using the  SIP->Register menu (when applicable); 

5. Select the streaming tool to be used (VLC or GStreamer) using the Tools menu; 
6. MRSF is ready for IPTV soft phone requests. 

 
The Figure 17 shows the application and the RTSP menu windows of the MSRF.  
 
 

 

 

 

 

 

 

 

 

 

Figure 17: MSRF application and RTSP menu windows 
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2.3.2 Achievements 

In this section we present achievements of the MSRF implementation. 

According to aforementioned scenario, we implemented the SIP Agent, the Media Controller, the 
RTSP Server, RTSP Session Controller, both monitoring and the adaptation parts of the MMIF and the 
Media Streamer.  

The implementation status of the use case procedures are: 

- The IMS-compliant Session initiation procedure: implemented.  
- The RTSP compliant Session streaming: implemented. 
- The IMS-compliant Session monitoring procedure: implemented. 
- The IMS-compliant Session adaptation procedure: implemented.  
- The IMS-compliant Session teardown procedure: implemented. 

 

The following Table 1 summarises the actual MSRF progress status. 

 

Component Implementation status Requirements 

SIP Agent implemented    Linux, Python, Twisted 

RTSP Server implemented    Linux, Python, Twisted 

RTSP Session Controller implemented    Linux, Python, Twisted 

Media Controller implemented    Linux, Python, Twisted 

Media streamer implemented    Linux, Python, Twisted, 
VLC/GStreamer 

MMIF (Adaptation) implemented Linux, Python, Twisted, 
VLC/GStreamer 

MMIF (Monitoring) implemented Linux, Python, Twisted, 
VLC/GStreamer 

Table 1: MSRF progress status 
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3 PQOS AWARE IMS COMPATIBLE PHONES 
 

This chapter presents the PQoS aware IMS compatible terminals that are implemented and used in the 
ADAMANTIUM project. The terminals are categorized into soft and hard phones. The implemented 
terminals are described in terms of architecture, components and implementation status. 

3.1 PQoS aware 3G mobile terminals  
This subsection provides the description of IPTV and VoIP 3G mobile terminals that are IMS 
compatible and PQoS aware implemented in the ADAMANTIUM project. 

3.1.1 VoIP 3G mobile terminal  
The implemented VoIP 3G mobile terminal is the mobile handset that can make and receive 
voice/video calls over the UMTS access network. The PQoS aware VoIP 3G mobile terminal is an 
enhanced mobile handset that monitors and adapts VoIP voice/video quality in real time. The PQoS 
aware VoIP 3G mobile terminal architecture is depicted in Figure 18. 
 

 
 

Figure 18: PQoS aware VoIP 3G mobile terminal 

 
 
 
The PQoS aware VoIP 3G mobile terminal (c.f., Figure 18) has the following major components: 
 

1. SIP Manager: This is the main entry of the soft phone for all SIP methods which are 
INVITE, ACK, CANCEL, BYE, MESSAGE, PRACK and UPDATE.  
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·  SIP Manager interacts with IMS CSCFs and MCMS via IMS for sending alarms and 
monitored parameters to MSMM and for receiving adaptation actions from MSAM. 

·  SIP Manager provides wrapping of the SIP stack functionalities and implements SIP 
listener interface that handles incoming and outgoing SIP messages.  

·  The SIP Manager interacts with the Media Manager for triggering audio/video RTP 
sessions after acknowledgment of the INVITE methods. 

·  The SIP Manager interacts with TAM for sending monitored parameters to MSMM 
and for receiving adaptation actions, e.g. Codec changing, packetization scheme and 
buffering methods. 

 
2. Media Manager: This is responsible for receiving and transmitting multimedia streams 

during a VoIP session through the AV Rev/Trans bloc, which encapsulates RTP and RTCP. 
 

3. TAM:  Terminal adaptation module has two functions: 
·  Monitoring:   Responsible for monitoring and delivering PQoS values and relevant 

parameters to MCMS 
·  Adaptation:  Responsible for receiving adaptation actions and adapting VoIP 

parameters on the fly. 
 
The VoIP 3G mobile terminal monitors the following parameters: 
 

1. Codec 
2. PQoS scores 
3. Content parameters 
4. Packet loss 
5. Delay 
6. jitter 

 
The VoIP 3G mobile terminal performs one or all of the following actions during adaptation: 
 

1. Vary jitter buffer size and buffer mode or buffer algorithm selection for both voice and video 
calls. 

2. Vary packetization parameters. 
3. Change codec type or mode for voice calls. 
4. Change the quantisation index (bit rate) of the encoder for video calls. 
5. Change the temporal resolution or frame rate of the encoder for video calls. 
6. Change the spatial resolution of the encoded video for video calls. 
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3.1.2 VoIP 3G mobile terminal in ADAMANTIUM 
G1 mobile developer phone Figure 19 is used as the VoIP 3G mobile handset for the ADAMANTIUM 
project. The phone is unlocked and has root access for software development. With Android SDK in 
G1 mobile phone, developers have full access to the application framework APIs used by the core 
applications. The application architecture is designed to simplify the reuse of components; any 
application can publish its capabilities and any other application may then make use of those 
capabilities. 

 

 

 

 

 

 

 

 

 

 

 

Figure 19: G1 mobile developer phone 

 

The Android SDK has the following features 

 

1. Application framework  enabling reuse and replacement of components 

2. Dalvik virtual machine optimized for mobile devices 

3. Integrated browser based on the open source WebKit engine  

4. Optimized graphics powered by a custom 2D graphics library; 3D graphics based on the 
OpenGL ES 1.0 specification (hardware acceleration optional) 

5. SQLite for structured data storage 

6. Media support for common audio, video, and still image formats (MPEG4, H.264, MP3, 
AAC, AMR, JPG, PNG, GIF) 

7. GSM Telephony  

8. Bluetooth, EDGE, 3G, and WiFi  

9. Camera, GPS, compass, and accelerometer  

10. Rich development environment including a device emulator, tools for debugging, memory 
and performance profiling, and a plug-in for the Eclipse IDE 
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3.1.2.1 Implementation 
 

The implementation of PQoS aware VoIP 3G mobile terminal was done under JAVA SE JDK 6 and 
Android SDK 1.6. The Eclipse Ganymede-win32 Version 3.4.0 platform was used to provide 
programming environment under Windows XP Professional SP 2. The implementation was based on 
the modified Sipdroid and was renamed to ada-ims.  Figure 20depicts the outline of ada-ims. The 
folder structure is as follows:- 

·  Src: This stands for source, it’s a place where all JAVA source files are expected to be found 

·  Libs: This is the place were all Android library files are linked 

·  Assets:  This is useful to hold assets for a particular application such as fonts and external 
JAVA archives. 

·  Res:  A short form of resources, resources in the form of XML which define application 
layout and image files are always found in this folder. 

·  Gen:  Resources in res folder are accessed by using R class which is automatically generated 
as R.java and appears in gen folder. 

·  Jni: This is JAVA native interface folder where all c and c++ source files and headers are 
located. 

 

 

  

 

Figure 20: Outline of ada-ims 

 

ada-ims has the following packages as illustrated in Figure 21:- 
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·  Media: The media package contains terminal adaptation module (TAM) class for monitoring 
and adaptation purposes of audio and video streams. This package also contains 
RTPStreamSender class for transmitting audio and video streams. Video and audio codecs 
such as GSM, G711 and AMR are implemented in this package. 

·  Net:  The net package includes network classes such as RTP sockets and UDP datagram 
classes for receiving and sending RTP packets and their implemented interfaces are found in 
impl  package. 

·  Config:  The config package is used to write and read configuration settings presented in 
XML format such as proxy and user settings. 

·  Core:  The core package is the one responsible initiating SIP methods interaction with IMS 
such as user registration, termination and session setup and termination. 

·  UI:  This package is tasked to listen to all user interaction events and controls the user 
interface (UI). 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 21: ada-ims packages 
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SIP:  This package provides all SIP functionalities provided by MjSIP. The main class in this package 
is SipProvide. The SipProvider is mainly for sending and receiving SIP message. SIP messages are 
sent from the upper layer and SipProvider class sends them to the next hop SIP entity through the 
appropriate socket.  The SipProvider class also receives SP messages from the network, and sends 
them to appropriate entities such as a Transaction, a Dialog, or application entity. 
 

3.1.2.2 Installation, setup and running 
After successfully compilation, ada-ims android package ada-ims.apk is created. This installation is 
based on windows XP. 

 

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 
 

After installation, ada-ims package will appear in the mobile application window (c.f.,  

Figure 22). 
 
 
 
 
 

 

 

 

 

 

 

 

 

 

 

Figure 22: ada-ims in G1 application window 

 

If ada-ims icon is screen touched, the main ada-ims window will then open (c.f., Figure 23). 
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Figure 23: ada-ims main window 

 

The configure icon will let you input the configuration parameters in order ada-ims to connect to IMS 
server, this is illustrated in Figure 24. 

 

Figure 24: ada-ims configuration parameters 
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Once ada-ims is running the notification area displays PQoS icon indicator in three colours, i.e., green, 
orange and red for good, fair and bad VoIP quality respectively. 

 

 

3.1.2.3 Achievements 
Ada-ims application was developed and ported in G1 mobile developer phone to make it PQoS aware 
an IMS compatible 3G mobile handset. The G1 mobile developer phone can now perform, 

·  IMS registration (SIP REGISTER) 

·  Session establishment (SIP INVITE) 

·  Session monitoring (RTCP) 

·  The adaptation (SIP RE-INVITE) 

·  Instant messages  exchanges with MCMS (SIP MESSAGE) 

·  Session teardown (SIP BYE) 

 

 

Table 2 summarises the current achievement of VoIP 3G mobile terminal implementation 

Component Implementation status Requirements 

TAM  Implemented Linux, Windows, Java, Open IMS 
Core, Android SDK 

PQoS Model Implemented Linux, Windows, Java, Open IMS 
Core, Android SDK 

Instant Massage (IM) Implemented    Linux, Windows, Java, Open IMS 
Core, Android SDK Core, Android 
SDK 

SIP stack Implemented  Linux, Windows, Java, Open IMS 
Core, Android SDK 

RTP stack Implemented Linux, Windows, Java, Open IMS 
Core, Android SDK 

Table 2: Development of VoIP 3G mobile terminal 

 

 

 

 

 

 

 

 

 

 



D3.3f: IPTV and VoIP services generation and adaptation Page 31 of 56 

Copyright © ADAMANTIUM 

 

3.2 PQoS aware soft phones 
This subsection provides the description of IPTV and VoIP soft phones that are IMS compatible and 
PQoS aware implemented in the ADAMANTIUM project. 

 

3.2.1 IPTV soft phone 
The IPTV soft phone is a program which receives VoD and live IPTV streams from IPTV server. The 
PQoS aware IPTV soft phone is an enhanced IPTV soft phone which relies on PQoS probes. The 
PQoS probes monitor the perceived video quality of the IPTV service. Note that the perceived audio 
quality is not monitored because the visual part of the IPTV service is the most important one. The 
PQoS aware IPTV soft phone is depicted in Figure 25. 
 

 
 

Figure 25: PQoS aware IPTV soft phone 

 
The PQoS aware IPTV soft phone has the following major components: 
 

1. SIP Agent: This is the main entry of the IPTV soft phone for all SIP methods which are 
INVITE, ACK, CANCEL, BYE, MESSAGE, PRACK and UPDATE.  

·  SIP Agent interacts with IMS CSCFs and MSRF via IMS for session initialization and 
teardown requests. 

·  SIP Agent provides wrapping of the SIP stack functionalities and implements SIP 
listener interface that handles incoming and outgoing SIP messages.  

·  The SIP Agent interacts with the Media Controller for triggering IPTV sessions after 
acknowledgment of the INVITE methods. 
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·  The SIP Manager interacts with TAM for sending monitored parameters to MSMM. 
 

2. Media Controller deals with the user interface: media selection, connection to the MSRF 
(session creation) playing/pausing the data stream and disconnection from the MSRF (session 
teardown). 

4. RTSP Client: encapsulates the ADAMANTIUM lightweight RTSP client (PLAY, PAUSE). 
5. TAM: This is responsible for (i) the terminal capabilities’ offer generation; (ii) the validation 

of new offer on MRSF request in case of an adaptation with renegotiation; (iii) the monitoring 
of the playing session and the adaptation decision enforcement at the Media player. 

6. Media Player: allows the RTP/RTCP based media resource playing. 
 

The communication interactions of the IPTV soft phone with the MSRF are discussed more in 
detail in the MSRF Architecture Section 2.2. 

 

3.2.1.1 Implementation 

The implementation of the IPTV soft phone was done and  written in Python 2.6 and Twisted 8.2.0 
framework as described in MSRF section.  

 Figure 26 depicts the outline of ADAMANTIUM IPTV application project consisting of the common 
(with the MSRF) packages (common, sipagent and sdp) and the soft phone packages as presented 
below (note that the common packages were presented in the MSRF section): 

·  iptvphone: The iptvphone package contains the controller module that includes the 
MediaControtroller class, the gui module that provides the IPTVPhoneGUI class and the the 
iptvphone module that encapsulates the IPTVPhoneMain class respectively for the resource 
controlling, the user interface providing and the launching of the soft phone application. 

·  player: The effective media players based on VLC and GStreamer are encapsulated in the 
VLCMediaPlayer and GstMediaPlayer classes located respectively in the vlcplayer and 
gstplayer modules of the player package. Theses modules use Python bindings of the VLC 
and GStreamer players, natively written in C++. 

·  rtspclient: This package provides means for media playing control through the client 
(RTSPClient) and related (media to be played) resource modules. 

·  tam: The tam package contains terminal adaptation module (TAM) classes for monitoring  
(Monotor) and adaptation (Adaptor) purposes of playing sessions. These classes are located 
respectively in the monitor and adaptor modules of the tam package. 

·  sipagent and sdp:  these packages are for implementing the SIP User Agent and the SDP 
messages as described in the MSRF section. 

 

3.2.1.2 Installation, setup and running 
The installation and running of the IPTV soft phone is done in Linux Ubuntu environment and is 
detailed in the D5.2. Here we provide a short walkthrough and a picture of running IPTV soft phone.  

 

4. Install the application using the provided readme file; 

5. Configure the SIP setting if necessary using the SIP-> ‘SIP Preferences’ menu; 
6. Register the application at IMS using the  SIP->Register menu; 
7. Select the playing tool to be used (VLC or GStreamer) using the Tools menu; 
8. Conncet the the application to the MSRF using the connect (left) button; 
9. Play/Pause the media resource using the play/pause buttons. 
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Figure 26: IPTV soft phone packages 

 
 
The Figure 27 shows the playing windows of the IPTV soft phone application.  
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Figure 27: IPTV soft phone application window 

3.2.1.3 Achievements 
We developed an IPTV soft phone based on the above mentioned MSRF implementation platform. 
The available working version supports the following features: 

·  The session initiation (SIP INVITE); 

·  The media playing (ADAMANTIUM Lightweight RTSP: PLAY, PAUSE); 

·  The adaptation (SIP RE-INVITE); 

·  The session teardown (SIP BYE); 

The following table summarises the current IPTV soft phone progress status. 
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Component Implementation status Requirements 

SIP Agent implemented Linux, Python, Twisted 

RTSP Client implemented Linux, Python, Twisted 

Media Controller implemented Linux, Python, Twisted 

Media Player implemented Linux, Python, Twisted, 
VLC/GStreamer 

TAM implemented Linux, Python, Twisted 

Table 3: Development of IPTV soft phone status 

 

3.2.2 VoIP soft phone 
The VoIP soft phone is a program that is able of making and receiving voice/video calls while making 
use of a computer's microphone and speakers, or an attached headset. The PQoS aware and IMS 
compatible VoIP soft phone is an enhanced VoIP soft phone which monitors and adapts VoIP voice 
and video quality at real time over the IMS platform. The proposed architecture of the PQoS aware 
IMS compatible VoIP soft phone is  
depicted in Figure 28. 
 

 
 

Figure 28: Basic PQoS aware VoIP soft phone architecture 
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The PQoS aware VoIP phone has the following major components: 
 

1. SIP Manager: This is the main entry of the soft phone for all SIP methods which are 
INVITE, ACK, CANCEL, BYE, MESSAGE, PRACK and UPDATE.  

·  SIP Manager interacts with IMS CSCFs and MCMS via IMS for sending alarms and 
monitored parameters to MSMM and for receiving adaptation actions from MSAM. 

·  SIP Manager provides wrapping of the SIP stack functionalities and implements SIP 
listener interface that handles incoming and outgoing SIP messages.  

·  The SIP Manager interacts with the Media Manager for triggering audio/video RTP 
sessions after acknowledgment of the INVITE methods. 

·  The SIP Manager interacts with TAM for sending monitored parameters to MSMM 
and for receiving adaptation actions. e.g. Codec changing, packetization scheme and 
buffering methods. 

 
2. Media Manager: This is responsible for receiving and transmitting multimedia streams 

during a VoIP session through the AV Rev/Trans bloc, which encapsulates RTP and RTCP. 
 

3. TAM:  Terminal adaptation module has two functions: 
·  Monitoring:  Responsible for monitoring and delivering PQoS   values and relevant 

parameters to MCMS via IMS. 
·  Adaptation:  Responsible receiving adaptation actions for MCMS and adapting VoIP 

parameters on the fly. 
 
The VoIP soft phone monitors the following parameters: 
 

1. Codec 
2. PQoS scores 
3. Content parameters 
4. Packet loss 
5. Delay 
6. jitter 

 
The VoIP soft phone performs one or all of the following actions during adaptation: 
 

1. Vary jitter buffer size and buffer mode or buffer algorithm selection for both voice and video 
calls. 

2. Vary packetization parameters (number of frames in a packet for voice and packet size for 
video). 

3. Change codec type and mode for voice calls. 
4. Change the quantisation index (bit rate) of the encoder for video calls. 
5. Change the temporal resolution or frame rate of the encoder for video calls. 
6. Change the spatial resolution of the encoded video for video calls. 

 

3.2.2.1 VoIP soft phone in ADAMANTIUM 

Open IMS-Communicator (c.f., Figure 29) is used as the VoIP soft phone.  It is implemented on top 
of the JAIN-SIP stack and the Java Media Framework API. It is used with Open IMS Core. 
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Figure 29: IMS-Communicator screen shot 

 

IMS-Communicator is an IMS softphone based on the old version of the sip-communicator java 
project, implemented on top of the JAIN-SIP stack and the Java Media Framework API. It can be used 
with Open IMS Core. 

The IMS-Communicator has the following standard and specification features: 

 

1. SIP and SDP support (modified JAIN-SIP stack to support IMS) 

2. Procedures at the UE (SIP and SDP) – 3GPP TS 24.229 

3. SIP PRACK method (RFC 3262) 

4. SIP UPDATE method (RFC 3311) 

5. SIP Precondition Mechanism (RFC 3312 +  RFC 4032) 

6. A SIP Event Package for Registrations (RFC 3680) 

7. SIP Security Agreement (RFC 3329 + 3GPP TS 33.203 Annex H) 

8. SIP REFER method (RFC 3515) and Session Transfer Procedures (3GPP TS 23.228) 

9. SIP Referred-By Mechanism (RFC 3892) 

10. 3GPP TS 24.229 – IP multimedia call control protocol based on SIP and SDP 

11. HTTP AKA (RFC 3310) 

12. HTTP Digest Authentication (RFC 2617) 

13. MILENAGE 3GPP Authentication Algorithm (TS 35.205, TS 35.206, TS 35.207, TS 35.208) 

 

The IMS-Communicator has the following features: 

 

1. Setup wizard  
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2. IMS user Registration and Authentication (AKAv1-MD5) 

3. IMS Call Initiation  

4. Voice and video calls  

5. JMF 2.1.1 

6. SIP Call Transfer (Blind and Consultative Transfer) 

7. Dial history  

8. Contact list, IM and Presence support 

3.2.2.2 Implementation 
The implementation of PQoS aware IMS-Communicator was done under JAVA SE JDK 6 and JMF 
2.1.1e. The Eclipse Ganymede-win32 Version 3.4.0 platform was used to provide programming 
environment under Windows XP Professional SP 2. The implementation was based on the modified 
IMS-Communicator.  Figure 30 depicts the outline of PQoS Aware IMS-Communicator. The folder 
structure is as follows:- 

·  Src: This folder contains all JAVA source files organised in a JAVA package structure 

·  Lib: This is the place were all static library files are place such as encoders, sounds and device 
libraries 

·  Reference Libraries:  This folder contains external JAVA archive files such as SIP, JMF and 
sound 

·  Resource:  Resource files such as images are kept in this folder. 

·  Classes:  All  JAVA classes are saved in this folder after successfully compilation of JAVA 
source files 

·  log: Compilation and run log messages are kept on this folder. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

 

 

Figure 30: PQoS Aware IMS-Communicator outline 
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PQoS Aware IMS-Communicator has the following main packages depicted in Figure 31. 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 31: PQoS Aware IMS-Communicator packages outline 

 

 

·  Media: This package manages the overall media functionalities of the IMS-Communicator. It 
has audio and video sender and receiver, terminal adaptation module (TAM) class for 
monitoring and adaptation methods. This package is also a link between IMS-Communicator 
and JMF. 

·  SIP:  This package provides wrapping of the underlying SIP stack's functionalities. It also 
implements the SipListener interface and handles incoming SIP messages. 

·  GUI:  This manages graphical user interface of the PQoS Aware IMS-Communicator. 

 

3.2.2.3 Installation, setup and running 
After successfully compilation, ims-communicator.jar executable will be created. IMS-Communicator 
configuration is done via the settings menu or by editing ims-communicator.xml.  

The main configuration sections of the xml file are: 

<net.java.sip.communicator.media> for setting media and SDP options such as preferred audi and 
video codecs and ports for receiving audio and video streams. 

<net.java.sip.communicator.sip> for SIP profile setup such as SIP username, SIP proxies and 
registrar IP addresses. 

<net.java.sip.communicator.sip.ims>  for setting IMS profiles such as PCSCF, user private address 
for authentication and security mechanism. 



D3.3f: IPTV and VoIP services generation and adaptation Page 40 of 56 

Copyright © ADAMANTIUM 

After successful configurations, IMS-Communicator can be run in Linux by executing the shell script 
file ims-communicator.sh, and in Microsoft Windows by double clicking executable ims-
communicator.jar or from the command prompt by typing “java –jar ims-communicator.jar”. 

When audio session in progress, the windows panel in the middle of the GUI will turn gray, showing 
the time frame, call status “Connected”, PQoS value and codec in use (c.f., Figure 32).  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 32: Audio session in progress 

 

3.2.2.4 Achievements 
The PQoS Aware IMS-Communicator can perform the following functions:- 

·  IMS registration (SIP REGISTER) 

·  Session establishment (SIP INVITE) 

·  Session monitoring (RTCP) 

·  The adaptation (SIP RE-INVITE) 

·  Instant messages  exchanges with MCMS (SIP MESSAGE) 

·  Session teardown (SIP BYE) 
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Table 4 summarises the current achievement of VoIP soft phone IMS-Communicator implementation. 

Component Implementation status Requirements 

TAM  Implemented Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP 

PQoS Models Implemented Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP 

Instant Massage (IM) Implemented    Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP 

SIP stack Implemented  Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP 

RTP stack Implemented Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP 

Table 4: Development of VoIP IMS compatible soft phone 
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4  TERMINAL ADAPTATION MODULE 
Terminal adaptation module implemented in the project has monitoring and adaptation two functions. 
These functions are described in the next two subsections.  
 

4.1 PQoS Aware IMS-Communicator 
 

The TAM in PQoS aware IMS-Communicator is implemented in the media package of the PQoS 
aware IMS-Communicator. The TAM implements ReceiveStreamListener interface that spawns the 
callback for all RTPSessionManager Events which keeps track of session participants and streams that 
are on going. The interface generates callbacks for events that relate to a particular RTPReceiveStream 
such as active, inactive, application, new streams, remote changed payload, bye, RTCP and timeout 
events. TAM implements SessionListener interface in order to receive notification about events 
relating to the RTP session such as new participants joining a session.  

TAM implements SendStreamListener interface in order to receive notification whenever a 
locally created stream is created and the payload type of the send stream has changed. The 
main events are similar to those of ReceiveStreamLister but these are locally created. 

RemoteListener interface is implemented in order to receive RTCP reports. These are receiver and 
sender reports.  

 

 

 

 

Figure 33 illustrate the PQoS aware IMS-Communicator with its components. Figure 34 
depicts the structure of the TAM class. 

 

 

 

 

 

 

 

 

 

Figure 33: PQoS aware IMS-Communicator TAM with its components 
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Figure 34: TAM class structure 

 

 

4.1.1 VoIP monitoring function 
The TAM in VoIP terminals monitors audio and video streams in a JAVA class named as TAM. The 
RTCP report is used to monitor network parameters such as packet loss rate, delay and jitter, 
application parameters such as codec payload type, codec mode and buffering scheme. 

4.1.1.1 Implementation  
The monitoring function gets parameters from RTCP reports and feed them into PQoS models (c.f., 
D4.1) as appropriate. These parameters are obtained from the public interface “feedback” under the 
following public methods: getDLSR, getFractionLost, getJitter, getNumLost. They are also obtained 
from public interface “getGlobalReceptionStats()” under its public methods such as getBadRTPkts 
and getTransmitFailed.  Upon the start of RTP session, the monitoring function will inform the 
MSMM about the client parameters, the communication is done via the SIP message via the IMS in an 
XML format (c.f., Figure 35). 
 
During an on going RTP session, RTCP parameters will be fed into PQoS models in order to calculate 
PQoS values. The results from PQoS models and other parameters will be structured into an XML 
format ready to be transmitted to MSMM via the SIPManager provided by JAIN-SIP stack on 
condition of the proposed PQoS thresholds. The PQoS thresholds values can be changed by a user via 
the ims-communicator.xml file. 
 



D3.3f: IPTV and VoIP services generation and adaptation Page 44 of 56 

Copyright © ADAMANTIUM 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 35: INITSESSION parameters 

 

The monitoring function is also responsible for sending warnings and red alarms to MSMM once a 
predetermined PQoS threshold has been reached.  The alarms are formatted in XML format as 
demonstrated in Figure 36. 

 

 

 

 

 

 

 

 

 

 

Figure 36: XML formatted PQoS alarm 

 

The monitoring function is also tasked to inform the MSMM at the end of an ongoing session. This is 
also sent in XML format that contains ENDSESSION and sessionID parameters. 

 

The programming language and tools used in the implementation of monitoring and adaptation 
functions of the TAM are outlined below, 
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·  Operative System: 

o SUSE Linux Server 11 (i586) 

�  Version: 11 

o Kernel: 2.6.25.11-0.1 

o Microsoft Windows XP Professional, Version 2002 with service pack 2. 

·  Programming language:  

o JAVA. 

·  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. 

  
 
 

4.1.2 VoIP adaptation function  
 

Adaptation function receives adaptation actions from MSAM in the form of XML format, it translates 
this actions and initiate adaptation actions in the client if required. If the adaptation decision that 
affects service level parameters on both user equipments such as switching codec type is received 
from the MSAM, then SIP re-Invite will be used, otherwise adaptation will be done without informing 
the other user equipment. 
 

4.1.2.1 Implementation  
 
The SipManager class in the PQoS aware IMS-Communicator is responsible for listening to SIP 
messages that carry adaptation actions from the MSAM. SipManager class implements SipListener 
and has the sendMessage method which sends message via a simple messageProcessing (c.f., Figure 
37) class. The SipManager class provides wrapping of the underlying SIP stack's functionalities. It 
also implements the SipListener interface and handles all incoming SIP messages 
 

 
 

 

 

 

 

 

Figure 37: MessageProcessing class structure in PQoS aware IMS-Communicator 

 

The programming language and development tools were the same as those used in the monitoring 
function. 
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4.2 G1 mobile handset 
 

The TAM in PQoS aware mobile handset has the same functionalities as the ones in the PQoS aware 
IMS-Communicator. The difference between the two lies in the use of RTP, SIP stack and 
programming environment.  The SIP stack is based on MJSIP and a simplified JLibRTP for RTP 
stack. The TAM is implemented in the TAM class residing in the media package and interacts with 
SipProvider class for sending and receiving adaptation actions and monitoring parameters. 

The TAM in G1 mobile handset implements a TransactionClientListener interface which listens for 
TransactionClient events. It collects all TransactionClient callback functions such as transaction 
provisional, success and failure responses and time outs.  The major components and the outline of the 
TAM class in depicted in Figure 38 and Figure 39 respectively. 

 

 

 

 

 

 

 

 

 

Figure 38: TAM components in G1 mobile handset 
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 Figure 39: Outline of the TAM class in G1 Mobile handset 
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4.2.1 Achievements  
Table 5 summarises the current achievement of TAM in IMS-Communicator and G1 mobile handset 
implementation. 

Component Implementation status Requirements 

Monitoring  

Monitoring parameters 
such as packet loss and 
jitter. This has been done in 
PQoS aware IMS-
Communicator and G1 
mobile handset.  

 

PQoS Thresholds have been 
implemented in IMS-
Communicator and G1 
mobile handset. 

Communication of 
monitoring parameters to 
MSMM has been 
implemented in IMS-
Communicator and G1 
mobile handset. 

INITSESSION, 
ENDSESSION, warning 
and red alarms have been 
implemented in IMS-
Communicator and G1 
mobile handset. 

 

PQoS models for voice and 
video have been 
implemented. 

 

Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP, Android SDK, 
MJSIP 

 

 

 

 

 

Adaptation 

Adaptation function has 
been implemented in PQoS 
aware IMS-Communicator 
and G1 mobile handset. 

Adaptation actions have 
been communicated 
between MSAM and PQoS 
aware IMS-Communicator 
and G1 mobile handset. 

 

SIP Re-Invite has been 
implemented to perform 
adaptation that requires 
other client to adapt. 

 

Linux, Windows, Java, Open IMS 
Core, JMF,JAINSIP, Android SDK, 
MJSIP 

Table 5: Development of TAM 
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4.3 Alarm Filter of IPTV Test Terminal 

4.3.1 Configuration of the alarm filter 
The alarm filter of the IPTV Test terminal is used for experimental measurements and testing. 
Therefore, a certain flexibility is built in that is probably beyond the requirements of a commercial 
product. 

The alarm filter is configured by means of a configuration file that is edited manually by the person 
setting up the testbed. 

The configuration includes the following points: 

·  Number of continuously monitored parameters  
·  Time periods for averaging each parameter 
·  Type of window for averaging of parameter 
·  Thresholds for each parameter 
·  Number of threshold violations to trigger a warning or an alarm 
·  Time periods for counting threshold violations 
·  Type of window for counting threshold violations 
·  Combination of 2 or 3 warning or alarm parameters 
·  Definition for re-setting the warning or alarm 

 

Number of continuously monitored parameters 

The protocol analyser that forms together with the notebook the IPTV Test terminal, provides a 
multitude of parameter measurement which are up-dated every second. The list of parameters includes 
those derived at IP level, at TS level and at video level. 

From this list a small number of parameters are selected, i.e. 1, 2 or 3. 

 

Time periods for averaging each parameter 

Most of the protocol related parameters show a significant fluctuation over time. To map the 
parameter measurements to the user experience of perceived quality and to avoid unjustified warnings/ 
alarms it is necessary to average the measured values over a certain time interval. The time interval is 
specified in seconds. A typical value that was derived from the ongoing measurement campaign points 
to averaging periods between 5 sec and 30 sec. 

 

Type of window for averaging of parameter 

The configuration includes a definition of the type of window for the average calculation. Either a 
jumping window or a sliding window is used. The best choice may depend on the nature of the 
respective parameter. 

 

Thresholds for each parameter 

The configuration file allows for the setting of two thresholds for each of the selected parameters. The 
first threshold is used for warnings, the second for alarms. 

 

Number of threshold violations to trigger a warning or an alarm 

The measurements carried out so far showed that even with carefully set thresholds, a single threshold 
violation does not necessarily have an impact of the user experience. It is therefore appropriate to 
identify a trend of deterioration in the system performance. One way of doing this is counting the 
threshold violations over a specified period of time. 
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Time periods for counting threshold violations 

The time periods for threshold violations can be set independently for each of the selected parameters. 

 

Type of window for counting threshold violations 

The configuration file allows for the choice between jumping window and sliding window as in the 
definition of the window type for averaging (see above). 

 

Combination of 2 or 3 warning or alarm parameters 

The alarm filter allows for the logical combination of 2 or 3 parameters that have been averaged or 
counted within a specified time period. 

The possible combinations are: 

Combined warning/ alarm = 

pos/neg (pos/neg P1 OR/AND pos/neg P2 OR/AND pos/neg P3) 

 

Definition for re-setting the warning or alarm 

After having generated a warning or an alarm, the parameter evaluation may show a return to normal 
operation conditions as before the threshold violation started. The re-setting depends on the same 
configuration of time periods and types of windows as the setting of warning or alarms. In this sense, 
after a return to normal, the re-setting of the alarm and the warning may occur at the same time. It is 
also possible, that the alarm is re-set before the warning is re-set. 

The configuration file start with a default setting that can be used as is, or can be modified by the 
person operating the testbed. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 40: User interface of the Alarm Filter of the IPTV Test terminal 
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In  Figure 40 the Alarm Filter is configured for monitoring the thresholds for 2 parameters, the MDI 
Delay Factor and the RTP Interarrival Jitter. The 3rd parameter is not in use. 

The type of the window for averaging and counting is set to '1', i.e. a sliding window is used in all 
cases. The averaging time is set to 5 and 6 seconds, respectively, whereas the length of the window for 
the violation count is 4 and 6 seconds. The violation count thresholds are also set differently for both 
parameters to 2 and 4.  

This means for example, that the MDIDF values received by the Alarm Filter are averaged for 5 
seconds in a sliding window. If the threshold of 20 msec is exceeded twice in 4 seconds, an alarm is 
triggered and sent to the MSMM IP address as given in the configuration file. The parameter 
combination is a simple logical 'OR', so that a warning/ alarm is triggered if either parameter fulfils the 
criteria specified in the configuration file. 

 
 

Figure 41: Alarm Filter user interface and configuration file 

 

Figure 41 shows how the entries in the configuration file correspond  to the different entries of 
parameters and settings on the user interface of the Alarm Filter.  
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4.3.2 Alarm Filter in operation 

 

Figure 42: Alarm Filter user interface and log file 

The measurements of the specified parameters are repeated periodically every second. For test 
purposes, a log file is created that collects the information of the measurement values and the status of 
the Alarm Filter system. 

Additional information such as qPSNR measurements, the setting of IP address and port number etc. is 
obtained from the protocol analyser with the same periodicity, once per second. An example of the 
user interface of the protocol analyser and the related screen of the Alarm Filter is given in Figure 43. 

 

Figure 43: User interface of the protocol/ qPSNR analyser 
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5 CONCLUSIONS 
 

This deliverable has provided the status of the final development of the VoIP and IPTV services 
generations and their adaptation. 

From the development status of each service and function, the deliverable has shown that, working 
version of the PQoS aware MSRF server which includes SIP agent, RTSP server, RTSP session 
controller, media controller, media streamer and MMIF has already been developed and successfully 
tested. 

The development status shows that the working version of the PQoS aware VoIP 3G mobile terminal 
which includes TAM, PQoS model, RTP and SIP stacks has been developed and working under G1 
mobile phone.  

The final working version of the PQoS aware IPTV soft phone which includes SIP agent, RTSP client, 
Media controller and player and adapter have been developed and successfully tested. 

The working version of the PQoS aware VoIP soft phone which includes TAM, PQoS model, SIP IM 
and SIP updates has been developed and successfully tested. 

Final version of the monitoring and adaptation functions have been developed and successfully tested 
in G1 mobile and IMS-communicator. 

 

With the completion of this deliverable, the following Milestones have been completed: 

Milestones and expected results for WP3 

- ML3.4. Development of the TAM inside the mobile terminal 
- ML3.5. Development of PQoS-aware mobile terminal 
- ML3.6. Development of IPTV/VoIP service generation and adaptation modules 
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7 GLOSSARY 
 

3GPP 3rd Generation Partnership Project 

AS Application Servers 

AMR Adaptive multi-rate 

BER Bit Error Rate 

CSCF Call/session Control Factions 

CNR Carrier-to-Noise ratio 

DiffServ  Differentiated Services 

EMM External Monitoring Module 

FEC Forward Equivalence Class 

FEC Forward Error Correction 

GGSN Gateway GPRS Support Node 

GNU Gnu’s Not Unix 

HSS Home Subscriber Server 

IMM Internal Marking Module 

ITU International Telecommunication Union 

IP Internet Protocol 

IPTV Internet Protocol Television 

IMS IP Multimedia Subsystem 

MOS Mean Opinion Score 

MRFC Media Resource Function Controller 

MRF Media Resource Function 

MRFP Media Resource Function Processor 

MSRF Media Server Resource Function 

MPEG Moving Picture Experts Group 

MCMS Multimedia Content Management System 

MPLS MultiProtocol Label Switching 

NASS Network Attachment Sub-system 

NQoS Network Quality of Service 

NGN Next Generation Network 

PQoS Perceived Quality of Service 

PMB Project Management Board 

PMS Performance Management System 

PDF Policy Decision Function 

QoS Quality of Service 

RACS Resource and Admission Control Subsystem 

SBLP Service Based Local Policy 

SGSN Serving GPRS Support Node 

SDP Session Description Protocol 
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SIP Session Initiation Protocol 

SSIM Structural Similarity Index 

TMF Telemanagement Forum 

TAM Terminal Adaptation Module 

UMTS Universal Mobile Telecommunications System 

UE User Equipment 

UML User Mode Linux Based Networks 

VoD Video on Demand 

VoIP Voice over IP 

 


