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Participants (tbc): H. Chung (Qualcomm), S. Devillers (Orange), R. Drogo de Iacovo (Telecom Italia), A. Ehret (Coding Technologies), D. Enstrom (Ericsson), B. Feiten (T-Mobile), O. Franceschi (Ericsson), T. Frankkila (Ericsson), P. Frojdh (Ericsson), F. Gabin (NEC), L. Hong (Airbiquity), D. Huo (Lucent Technologies), K. Järvinen (Nokia, Chairman), R. Jayaram (Qualcomm), S. Kendall (Motorola), B. Kenrick (Dilithium), E. Koda (Hitachi), A. Lakaniemi (Nokia), H. Madadi ("3"), T. Nagai (Toshiba), P. Ojala (Nokia), H. Olofsson (Ericsson), C. Quinquis (Orange), R. Robinson (Airbiquity), R. Sperschneider (Fraunhofer IIS), N. Srinivasamurthy (Qualcomm), H. Tanaka (Toshiba), P. Usai (ETSI, Secretary), I. Varga (Siemens), S. Wenger (Nokia), Y. Zhang (China Mobile), Zheng Zhimeng (HuaWei Technologies Co., Ltd), W. Zia (BenQ Mobile).

9.1
Opening of the session
The meeting was opened by the acting Chairman Mr. Kari Jarvinen. The Secretary was Paolo Usai (MCC).

9.2
Approval of the agenda and registration of documents
379
TD S4-060379  Proposed meeting agenda for MTSI ad-hoc during SA4#40 was approved and further revised during the meeting.
9.3
Reports and liaisons from other groups

None.
9.4
Jitter buffer handling   

Jitter buffer management in terminals (Clause 7):
384
On Performance Requirements for Jitter Buffer Management in IMS Multimedia Telephony; Siemens
Mr. Imre Varga presented TD S4-060384 On Performance Requirements for Jitter Buffer Management in IMS Multimedia Telephony, from Siemens. For the issue of jitter buffer management (JBM), three topics for objective measures were identified: delay, time scaling (although still to be confirmed) and jitter-induced concealment operations or loss rate (still to be confirmed). The detailed minimum performance requirements in terms of objective metrics and values were left for further study.
This contribution presented some considerations to catalyse the definition of objective measures and corresponding limits which Siemens consider relevant for JBM in MTSI.
Siemens proposed that 3GPP SA4 include the presented considerations when completing TS 26.114.
Comments / Questions : loss rate 0.7 % for objective measurement was clarified it was proposed in the document after simulations conducted by Siemens. "3" asked SA4 to agree on target requirements for delay. Definition of time scaling was felt still to be agreed and harmonised with SQ (Qualcomm asked to clarify the concept). Lucent felt TD S4-060038 contained useful information on time scaling definition. Ericsson commented that some requirements are only partly influenced by JBM (e.g. end-to-end delay). 
The contribution was noted.
418
Objective performance requirements for JBM; Qualcomm
Mr. Naveen Srinivasamurthy presented TD S4-060418 Objective performance requirements for JBM, from Qualcomm. 

Clause 7.2.2.2 in TS 26.114 [specifies objective performance requirements that speech jitter-buffer implementation used in IMS Multimedia Telephony shall meet. In this contribution the specified  objective performance requirements are discussed and more clarification regarding them are provided.

Comments / Questions : definitions in clause 3 were asked to be clarified by Lucent and Siemens. Qualcomm asked to define "erasures" and clarified the statistics (duration) they used for their proposals. Ericsson felt the relevant figure for Jitter induced concealment operations is the number of times the concealment takes place. Nokia pointed out that in Figures 4 and 5 different strategies could handle delays.
The contribution was noted.
450
Jitter buffer requirements in IMS Multimedia Telephony; Ericsson
Mr. Daniel Enstrom presented TD S4-060450 Jitter buffer requirements in IMS Multimedia Telephony, from Ericsson. For performance requirements, three different areas have been discussed.
1. Delay criteria

2. Induced concealment operations criteria

3. Time scaling criteria

Ericsson proposed methods including both subjective measures and objective measures to secure the performance of a candidate jitter buffer. Ericsson would like SA4 to re-visit their proposal and provide the opinion of the group about the proposed minimum performance requirements for jitter buffer management in MTSI.
Comments / Questions : Lucent pointed out correlation characteristics of jitter should also be taken into account, and accommodated in mathematical formulas. Ericsson believe felt a good coverage of use cases should be pursued and the scenarios covered enough (static and dynamic). Siemens felt the need of the reference model still an open point. Qualcomm asked to consider the traces given by RAN WGs and check that the used channels for this exercise are consistent and not misaligned.
Items/questions  in Clause 7.2.2.4 of draft 26.114 were tackled :

Use of defined "synthetic" channels :  Lucent asked to change the word  "synthetic", but agreed that the use of channels derived from real transport characteristics was fine in general, provided some criteria is given to prove evidence and check that the chosen channels are sufficient to cover expected real situations. Lucent proposed to use the traces provided by RAN WGs. Ericsson felt the traces were only partly covering a span of real situations and other cases were felt possible, as already stated by RAN WGs .
In conclusion, a check of consistency between the proposed channels and the traces provided by RAN WGs will be conducted by Ericsson. Nokia already conducted some investigations and felt the proposal from Ericsson covered a wider space than the traces provided by RAN WGs.
The use of JBM reference model using MATLAB code, proposed by Ericsson was covered in the previous discussion (see reservation from Siemens), and felt still a pending issue.

Conclusion: on Jitter buffer delay criteria, the formula in proposal 1 of TD S4-060418 was discussed. Ericsson felt it acceptable, but Siemens asked to clarify how the probability would be measured. An off-line drafting session was scheduled on Tuesday evening, starting at 19:00 hours, that would cover also proposal 2 of TD S4-060418.

9.5
Codec modes and transport format combinations    

Media types and formats (Clause 5):
445
Media gateway specification; Ericsson
Mr. Tomas Frankkila presented TD S4-060445 Media gateway specification, from Ericsson. At the MMTel ad-hoc meeting it was asked for clarification on why SA4 should specify codecs for media gateways. This contribution provided some clarification on this issue.
There are many reasons for why there must be a quite large amount of flexibility in MTSI-MHI and why at least the terminals have to support many different variants. The requirement space thus has to be quite large for the terminals.

For the media gateway, it is however possible to have a smaller requirement space. The smaller requirement space would enable rapid development and deployment. To ensure interoperability between products from different vendors, the specification needs to outline at least a few variants as mandatory.

It is Ericsson’s opinion that it is beneficial for the Multimedia Telephony service if at least a few variants are specified as mandatory while other variants can be specified as optional.

Ericsson felt  that 3GPP/SA4 should specify at least a rudimentary set of media handling variants (codecs, codec configurations, payload formats, frame encapsulation schemes, etc) for the MTSI media gateways. It should be clearly specified what is mandatory and what is optional. Adopt the TS text attached, that outlines the minimum requirements.
Comments / Questions : Nokia asked what conditions would be covered and how interoperability of terminals would work (from the architectural point of view). Siemens supported Ericsson's proposal. NEC felt the need of specifying the media getaway was still doubtful and the benefit of such specification still to be demonstrated. Ericsson made an example of speech continuity disruption for codec mode mismatch, and pointed out that the market will spend some (long) time to converge, if freedom of choice is left. NEC and Nokia pointed out that the media getaways will be designed since the beginning taking into account terminal needs. NEC felt a recommendation (i.e. not mandatory) in 3GPP specs about media getaway could be enough.
Conclusion : still there was not agreement, and the document was noted.
Packet-loss handling (Clause 8):

416
MTSI voice service on HSPA and GAN; Qualcomm
Mr. Naveen Srinivasamurthy presented TD S4-060416 MTSI voice service on HSPA and GAN, from Qualcomm. TS 26.114 specifies terminal behaviour for MTSI terminals in voice services. The 3GPP transports  considered are EDGE and HSPA. In addition, WLAN and public Internet have also been considered as possible access types with which MTSI terminals need to inter-work.
Qualcomm concluded that it is not necessary to support speech redundancy for HSPA MTSI terminals. Hence Qualcomm recommended that HSPA terminals are only mandated to encapsulate one speech frame per RTP packet.  Furthermore, it should not be mandated for HSPA MTSI terminals to support reception of up to 12 speech frames in a single RTP packet.
Comments / Questions : Ericsson felt the constraint to encapsulate one speech frame per RTP packet should be removed. NEC asked Qualcomm to prove the benefit that it is not necessary to support speech redundancy for HSPA MTSI terminals (Ericsson felt in poor conditions redundancy could be activated and beneficial, as last resource).
Conclusion : no conclusion was yet taken on the proposals from Qualcomm, and the document was noted.
417
Packet errors in typical WLAN environments; Qualcomm
Mr. Naveen Srinivasamurthy presented TD S4-060417 Packet errors in typical WLAN environments, from Qualcomm. TS 26.114 specifies terminal behaviour for MTSI terminals in voice services. WLAN has been considered as a possible access types with which MTSI terminals need to inter-work This contribution presented results for typical operating conditions in a 802.11b/g wireless LAN.
One solution to deal with such high bursty packet losses is to handoff the call to a cellular network; this is already supported by the GAN specification. 
Comments / Questions : Ericsson asked whether there was any competing WLAN traffic (other access points were active, but not monitored), and commented redundancy would help in extreme conditions.
Conclusion : the document was noted.
446
Redundancy and Media Gateways; Ericsson
Mr. Tomas Frankkila presented TD S4-060446 Redundancy and Media Gateways, from Ericsson. At the MMTel ad-hoc meeting, it was asked if redundancy had any impacts on the interoperability when a media gateway is used. This contribution gives some clarification on this issue.
It is already required that a receiver must handle redundancy in the receiving direction.

Transmitting redundant media is proposed as an optional feature for media gateways.

Ericsson would like to add new SDP parameters that identify if redundancy is supported or not.

The simple form of redundancy will then be turned off for the configurations where it is not concluded that redundancy can be used.

Comments / Questions : a clarification was requested on adding new SDP parameters that identify if redundancy is supported or not. Lucent asked to clarify the phased approach (media gateways supporting /not supporting redundancy).
Conclusion: the explanations given in the document were felt agreeable.
447
Redundancy Impact on Conversational Quality; Ericsson
Mr. Tomas Frankkila presented TD S4-060447 Redundancy Impact on Conversational Quality, from Ericsson. At the MMTel ad-hoc meeting, it was questioned how much impact the additional delay introduced by redundancy has on the overall conversational quality.
The conversational quality was therefore studied using the ITU-T E-model. This analysis was performed by first calculating the delay impairment factor for different delays and the equipment impairment factor for two AMR modes, AMR 12.2 and AMR 5.9 kbps, for different packet loss rates. The delay impairment factor and the equipment impairment factors were then combined to the total R value for different combinations. The R value was then mapped to MOSCQE. Finally, the difference between the MOSCQE values of AMR 5.9 with redundancy and AMR 12.2 without redundancy was calculated. Other impairment factors were not modeled in this analysis.
The advantage with redundancy is quite substantial, up to about 0.9 MOSCQE. The advantage with redundancy also increases quite rapidly up to about 5% packet loss rate. Redundancy thereby gives a nice resilience against high packet loss rates.
Ericsson proposed to accept application layer redundancy proposed and the proposed TS text attached in this document to be included the MTSI-MHI TS.
This document was discussed with TD S4-060448, and was finally noted.
448
Results from Subjective Listening Test with Redundancy; Ericsson
Mr. Tomas Frankkila presented TD S4-060448 Results from Subjective Listening Test with Redundancy, from Ericsson. In the MMTel ad-hoc meeting, it was asked how redundancy performed in subjective listening tests. A subjective listening test was therefore performed to verify the performance gain with redundancy.
Application layer redundancy gives a very large performance gain at high packet loss rates. The performance gain has been verified with both subjective tests and objective tools. The performance gain with redundancy is about 1.2 MOS for 5% and 10% packet loss rate.

Comments / Questions : Qualcomm asked to clarify the distribution of errors, and felt the cost/benefit ratio should be quantified.
Conclusion: the explanations given in the two documents were felt a valuable information (delay issues still to be further checked), , and were finally noted.
9.6
Front-end handling  

Front-end handling (Clause 10):

422
CR 26.132-0029 Change of reference AMR-WB mode for terminal acoustic requirements (Rel-7); NEC
Mr. Frederic Gabin presented TD S4-060422 CR 26.132-0029 Change of reference AMR-WB mode for terminal acoustic requirements (Rel-7), from  NEC. It was felt not any more needed and WITHDRAWN.
9.7
Video handling (e.g. recommendations for codec settings, rate control, transport issues etc.)    

266 
Simulation Methods for Conversational Services in IMS Multimedia Telephony; BenQ mobile -> S4-AHM002 (dealt at MMTel#1)

TD S4-060266 was felt not more needed to be dealt with at this meeting.

438
New Results of Feedback Techniques for Video Conversational Applications; BenQ Mobile
Mr. Waqar Zia presented TD S4-060438 New Results of Feedback Techniques for Video Conversational Applications, from  BenQ Mobile. 

In S4-AHM002 a simulation model for Conversational Services in MTSI has been introduced. This model incorporates a feedback channel from the receiver to transmitter where such information can be used by the video encoder for variety of purposes, primarily incorporating loss information in encoder mode decisions to enhance robustness and quality. Interest was expressed in:

· further investigations in this direction employing feedback channel,

· further specifications of the interfaces to enable reproduction of results and so on.

Based on this feedback we have pursued the work in both directions. This document provide further results and motivation to continue the work on application layer feedback and to employ a simulation model as proposed in S4-AHM002.
BenQ Mobile proposed to:

· Further investigate feedback techniques in the MTSI WID.

· Apply the simulation approach proposed in S4-AHM002 for the evaluation and assessment of different techniques to assess all aspects of feedback delay and buffer occupancy in sufficient detail.

Comments/Questions : Nokia supported to study the feedback mechanism, the assumption being the feedback channel would be subject to errors as well.

Conclusion : the proposal was agreed.
474
FEC-Subsequences -- more simulations; Nokia
Mr. Stephan Wenger presented TD S4-060474 FEC-Subsequences -- more simulations, from Nokia. The use of FEC-subsequences has advantages over the use of subsequences only, and that is better than simply using slices.  
However, Nokia still do not want to propose any text for the TS, mostly since still unsure about a few aspects of the simulations (to be conveyed orally during the meeting).

Comments/Questions : it was clarified that no additional delay would be implied with the use of FEC-subsequences. Demonstration including error concealment technology was eventually requested (at next meeting) by Ericsson. There was no request in the document to replace any alternative technology, just complement.

Conclusion : the document was noted. 
9.8
Conversational text  

None.

9.9
Session and media adaptation (media rate adaptation, drop and add of media components etc.)
449
Media Layer adaptation in IMS Multimedia Telephony; Ericsson
Mr. Daniel Enström presented TD S4-060449 Media Layer adaptation in IMS Multimedia Telephony, from Ericsson. This document serves as Ericsson starting point for the discussion on media layer run-time adaptation in MTSI. Media layer adaptation is needed for MTSI in order to secure the reliability, predictability, quality and interoperability of the service. For speech, this analysis has been done before in CS services, where the adaptive feature of AMR enabled run-time changes of both the bit-rate but also error resilience (e.g. enhanced channel coding at lower rates). The flexibility of IP allows us to further enhance the possible use cases for speech for very bad conditions where the application layer redundancy significantly increase the tolerance to packet losses, and this at a very low cost. In addition, frame aggregation also provides another possibility to reduce the IP layer bit-rate in the transport network. All-in-all, expanding the scope of the environments where a successful real-time communication still can be achieved would clearly benefit the service.

Further, video rate adaptation is a key component when trying to better fit the video transport to the telephony-grade criteria the service description states. Experiences from the CS version of video telephony show that the cross-media dependency of the available bit-rate does degrade the service experience since loss of video previously has meant also loss of the speech component in the call. Further development has been done in order to mediate this (SCUDIF). These experiences should be taken into account in the MTSI standard from the start. Video rate adaptation would also in other cases, where no such cross media dependency is present, still benefit the service since lowering the video bit-rate with reduced packet losses will give the user a better user experience of the real-time communication session.

For more technical details on how these adaptive measures can be realized TD S4-060451 Speech adaptation in IMS Multimedia Telephony, as well as upcoming proposal for video should be taken into consideration.

Comments/Questions : Nokia supported rate adaptation.

Conclusion: the document was noted.
451
Speech adaptation in IMS Multimedia Telephony;
Ericsson
Mr. Daniel Enström presented TD S4-060451 Speech adaptation in IMS Multimedia Telephony, from Ericsson. This document proposed a technical solution on how to realize the an adaptive mechanism for speech. This proposal is based on a three-step adaptive process. The first step is the well-known rate adaptive feature from AMR in which no new signalling, codec or packetization behaviour is introduced. The second step is based upon frame aggregation while the third step uses application layer redundancy. The second and third steps introduce new IP-level signalling. No changes are proposed for the speech codec it-self.
Comments/Questions : Nokia pointed out the signalling aspects would be relevant, and felt a bit premature to activate a working assumption on this matter. Qualcomm raised concern on the payload format and mentioned AVPF alternative, GAN compatibility issues, impact on cable operator monitoring tools. It was also mentioned that IETF signalling could not be available.
Conclusion: the document was noted, delegates were invited to study the proposals.
419
Recommended Procedures for Adding/Dropping Media Components  During Multimedia Telephony Sessions; Qualcomm
Mr. Naveen Srinivasamurthy presented TD S4-060419 Recommended Procedures for Adding/Dropping Media Components  During Multimedia Telephony Sessions, from Qualcomm. The MTSI Workplan document (S4-AHM017) identifies a work item for session and media adaptation that includes the dropping and adding of media components. This contribution proposed procedures that will enhance the user experience when media components (i.e., speech, video, or real-time text media streams) are removed or added during an active multimedia telephony session.
Comments/Questions : Ericsson expressed their favour for the proposals.
Conclusion : the proposed text in the document (on Codec Continuity and Fast Media Synchronization) was agreed to be included in the technical specification for MTSI work item in Rel. 7

9.10
Media synchronization issues
472
End-end Signaling of Transfer-Delay and Synchronization Skew in a multimedia call; Nokia
Mr. Igor Curcio presented TD S4-060472 End-end Signaling of Transfer-Delay and Synchronization Skew in a multimedia call, from Nokia. This contribution addressed previous concerns expressed in previous SA4 meetings.
This document proposed signaling of the acceptable synchronization skew between any two media streams in a multimedia call. This document also presented a proposal for signaling QoS parameters (Transfer-delay) for IMS multimedia telephony sessions. The application level synchronization skew value is dependent on the network granted Transfer-delay value, and their dependency was explained. 
With this document Nokia proposed two SDP attributes which, when signaled during session set up in a multimedia call, can result in better user experience and can use network resources efficiently. The user experience is enhanced when the desired level of synchronization is maintained between the media streams. Nokia proposed that these two SDP attributes be included in the technical specification for MTSI work item in Rel. 7.

Comments/Questions : actual Transfer-delay value information exchange mechanism was explained on request for clarification from "3". Tolerances were discussed as well on request for clarification from Qualcomm. Ericsson pointed out that the Transfer-delay value could not always be transmitted between the network and the terminal. NEC remarked the Release 6 and Release 7 could differ as regards QoS aspects. The terminology "included in the technical specification " was clarified was not meant as mandatory (up to SA4), but maybe as "preferred" behaviour, i.e. optional.
Conclusion: the content of the document was agreed to be included in the technical specification for MTSI work item in Rel. 7
9.11
Other issues    
Draft TS:

452
Draft TS 26.114 V0.3.2 IMS Multimedia Telephony - Media handling and interaction; Editor (Ericsson)
Mr. Per Frojdh presented TD S4-060452 Draft TS 26.114 V0.3.2 IMS Multimedia Telephony - Media handling and interaction. This version will be used as basis for the work during the ad-hoc MTSI meeting. A drafting session took place on Monday evening and the output was reviewed on Thursday morning. 
TD S4-060516 Draft TS 26.114 V0.4.0 IMS Multimedia Telephony - Media handling and interaction was reviewed in real time on the screen; some proposals (e.g. on redundancy) were left to be further discussed off-line. The document will be presented under A.I. 13.8.1.
9.12
Review of the future work plan 
Mr. Kari Jarvinen presented TD S4-060398 MTSI Timeplan v1.1.
The document was updated in TD S4-060514, which was left to be presented at the closing TSG SA4 Plenary.
An ad-hoc meeting was scheduled to take place Oct. 2-4, 2006  in San Diego, hosted by Qualcomm (tbc).
9.13
Any Other Business
None.
9.14 
Close of the session
The meeting was closed at 10:37 on Thursday morning. Output docs for Plenary SA4 are :
TD S4-060493 (this draft report), TD S4-060514 MTSI Timeplan v1.2, and TD S4-060516 Draft TS 26.114 V0.4.0 IMS Multimedia Telephony - Media handling and interaction
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9.1
Opening of the session

9.2
Approval of the agenda and registration of documents
379 a
9.3
Reports and liaisons from other groups


9.4
Jitter buffer handling   

Jitter buffer management in terminals (Clause 7):
384
On Performance Requirements for Jitter Buffer Management in IMS Multimedia Telephony; Siemens n
418
Objective performance requirements for JBM; Qualcomm n
450
Jitter buffer requirements in IMS Multimedia Telephony; Ericsson n
-> obj. perf. criteria proposed in 418 seen as evolution from 450. Working assumption text for TS to be elaborated off-line (Tue 19-20) -> on-line editing on Thursday -> 516 (not revieved in MTSI ad-hoc, to be presented at SA4-plenary)
9.5
Codec modes and transport format combinations    

Media types and formats (Clause 5):
445
Media gateway specification; Ericsson  n
Packet-loss handling (Clause 8):

416
MTSI voice service on HSPA and GAN; Qualcomm  n 
417
Packet errors in typical WLAN environments; Qualcomm  n
446
Redundancy and Media Gateways; Ericsson  n (agreed to address the open issue “Impact on interoperability when using media gateway” identified in draft TS)
447
Redundancy Impact on Conversational Quality; Ericsson n (agreed to address the open issue “Impact on delay” identified in draft TS)  
448
Results from Subjective Listening Test with Redundancy; Ericsson  n (agreed to partly address the open issue “Subjective tests “identified in draft TS)
9.6
Front-end handling  

Front-end handling (Clause 10):
422
CR 26.132-0029 Change of reference AMR-WB mode for terminal acoustic requirements (Rel-7); NEC
9.7
Video handling (e.g. recommendations for codec settings, rate control, transport issues etc.)    

266 
Simulation Methods for Conversational Services in IMS Multimedia Telephony; BenQ mobile -> This had been updated into S4-AHM002 and dealt already at MMTel#1. Hence, no need to cover anymore. 
438
New Results of Feedback Techniques for Video Conversational Applications; BenQ Mobile a
474
FEC-Subsequences -- more simulations; Nokia  n

9.8
Conversational text  

9.9
Session and media adaptation (media rate adaptation, drop and add of media components etc.)
449
Media Layer adaptation in IMS Multimedia Telephony; Ericsson n
451
Speech adaptation in IMS Multimedia Telephony;
Ericsson n
419
Recommended Procedures for Adding/Dropping Media Components  During Multimedia Telephony Sessions; Qualcomm  a
9.10
Media synchronization issues


472
End-end Signaling of Transfer-Delay and Synchronization Skew in a multimedia call; Nokia a
9.11
Other issues    
Draft TS:

452
Draft TS 26.114 V0.3.2 IMS Multimedia Telephony - Media handling and interaction; Editor (Ericsson)  a 
9.12
Review of the future work plan                                   398 a -> 514 a


9.13
Any Other Business
 

9.14 
Close of the session
_____________________
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