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Executive summary:

Draft TS 26.114 “IMS Multimedia Telephony; Media handling and interaction” was progressed for speech media type in terminals especially on the following topics: 1) codecs, 2) RTP payload formats, 3) signalling and transport (SDP usage and media flow), 4) jitter buffer management, 5) packet-loss handling, and 6) front-end handling. The main updates in draft TS 26.114 (v0.2.0 -> v0.3.1) are: 

· Codecs: The use of AMR and AMR-WB mode sets Config-NB-Code=1 {AMR-NB12.2, AMR-NB7.4, AMR-NB5.9, AMR-NB4.75} and Config-WB-Code=0 {AMR-WB12.65, AMR-WB8.85, AMR-WB6.60} is recommended for speech and wideband speech, respectively. (These should be used unless the session-setup negotiation determines that other codec modes shall be used.)  
· RTP payload formats: The specification text was improved and made more precise. The bandwidth-efficient payload format was defined to be used for all radio access bearer technologies, unless the session setup concludes that the octet-aligned payload format is the only payload format that all parties support.

· SDP usage: Description of SDP usage was prepared including an annex that contains several SDP examples. Also, media flow is now described in detail. This part contains considerations on how to use media in RTP, packetization guidelines, and other transport considerations 

· Jitter buffer management: Functional requirements were defined. On minimum performance requirements, three topics for objective requirements were identified (delay, time scaling (tbc) and jitter-induced concealment operations (tbc)). Detailed requirements are ffs. Discussion on subjective minimum performance requirements was postponed until a better understanding of the objective performance requirements is obtained.
· Packet-loss handling: A simple application layer redundancy scheme was identified as useful for handling operational conditions with severe packet loss rates. This is based on encapsulating one or more previously transmitted frames into the same RTP packet as the current previously not transmitted frame. The application layer redundancy is for further study pending on several aspects to be clarified. 

· Front-end handling: Codec modes and source control rate operation (DTX) as specified in TS 26.132 shall be used when conformance is tested against the requirements set in TS 26.131. The use of AMR-WB codec mode 12.65 instead of 19.85 was raised and is to be discussed at SA4#40 in the form of a CR to TS 26.132.   
Definition of codecs etc. for media gateways were left for further study (pending on the motivation to become clear).
Details of the use of real time text based on T.140 and RFC 4103 were discussed but decisions were postponed until SA4#40. 
Simulation principle using feedback channel was agreed for video, while for speech this may be used case-by-case. Software specification will be provided and no specific SW is forced to be used. 
Heterogeneous link environments (GAN) and application level layer mechanisms were reconfirmed to be within the scope of the WI. 
Acronym “MTSI” will be used consistently for “Multimedia Telephony Service for IMS” (instead of MMTel) and this was updated into the draft TS 26.114. 
SA4 MTSI workplan was updated to contain a second ad-hoc meeting in October (provisional dates: October 2-4).
The agreed meeting output documents are: draft TS 26.114 (v0.3.1) and MTSI Timeplan (v1.1).
1.
Opening of the meeting: Tuesday June 27th, at 09:00 hours

The meeting chairman Kari Järvinen opened the meeting, and welcomed the delegates to Kista, Sweden. Per Fröjdh, on behalf of the host Ericsson, welcomed the delegates and illustrated the meeting facilities and scheduling.  

The Chairman volunteered to prepare a meeting report in case a rather brief report would be sufficient. In case a more extensive report on the very details of discussions is needed, then a volunteer is needed to act as a secretary. It was agreed that a brief report prepared by the Chairman will be sufficient as the essential agreed outcome of the meeting will be contained in updated draft of TS 26.114.
2.
Review of the scope and mandate of the meeting

The Chairman reminded delegates on the scope and mandate of the meeting: 
The scope is to progress the SA4 WI on "IMS Multimedia Telephony; media handling and interaction". 

The mandate from SA4#39: The workplan (Tdoc S4-060337) describes the decisions expected to take place at each meeting and also gives guidelines for which area the input documents should focus on - for MMTel#1 ad-hoc meeting the following is expected: 
Propose working assumptions on:

1. Jitter buffer handling

2. Codec modes and transport format combinations

3. Front-end handling

4. Video handling (e.g. recommendations for codec settings, rate control, transport issues, , etc) 

5. Conversational text
No specific mandate for any approvals on behalf of SA4 has been given. Hence, all decisions are agreements of the ad-hoc meeting. 

3.
Approval of the agenda and registration of documents

The proposed Agenda in Tdoc S4-AHM001 was agreed. The allocation of Tdocs and the structure of discussions as proposed in Revision 2 of the Agenda (Tdoc S4-AHM001R2) was agreed. On scheduling of the meeting, the Chairman proposed to take Agenda Item 6 before 5 as this feels more logical for the discussions. This was agreed. 

The Agenda was further revised during the meeting to include the allocation of some new input documents (Revision 4 being the last version – also included in Annex 1 of this report).  

The IPRs obligations for 3GPP members were recalled to all delegates. The Chairman made the following call for IPRs:
	“Delegates' attention is drawn to their obligations under the 3GPP Partner Organizations' IPR policies.  Every Individual Member organization is obliged to declare to the Partner Organization or Organizations of which it is a member any IPR owned by the Individual Member or any other organization which is or is likely to become essential to the work of 3GPP.”

The members take note that they are hereby invited:
· to investigate in their company whether their company does own IPRs which are, or are likely to become Essential in respect of the work of the Technical Specification Group.

· to notify the Director-General, or the Chairman of their respective Organizational Partners, of all potential IPRs that their company may own, by means of the IPR Statement and the Licensing declaration forms (e.g. see the ETSI IPR forms http://webapp.etsi.org/Ipr/).


4.
Reports and liaisons from other groups


The Chairman explained the outcome of TSG-SA#32 meeting relevant for the ad-hoc. There were two such issues: 
Issue 1: Acronym for MMTel

On IMS Multimedia Telephony, there was a request to align the SA4 used acronym "MMTel" (used in the presentation slides) with the one used in the Work Plan. To avoid confusion resulting from using many acronyms on the same Feature “MTSI” should be used for “IMS Multimedia Telephony Service” and "MTSI-MHI” for IMS Multimedia Telephony Service; Media Handling and Interaction. This was given as guidance to SA4.
Issue 2: Release 7 schedule
At TSG#32, the status of the Rel-7 features/independent items is as follows:

· 7 have been completed

· 16 are 60 % or more complete and can reasonably be assumed to be completed in the next 6 months

· More than 30 are less than 60 % complete. This generally means that the Stage 2 (or equivalent, when there is no explicit Stage 2) is not yet completed.

TSG#32 agreed that September 2006 will be the expected Stage 2 Rel‑7 Feature completion date.

On issue 1, the ad-hoc meeting agreed to use acronym “MTSI” (Multimedia Telephony Service for IMS) consistently for the service. On issue 2, the ad-hoc meeting noted that this brings the expected finalisation of SA4 MTSI work (SA4#42 in February 2007 / SA#35 in March 2007) rather safely into Release 7 timeframe.
5.
Jitter buffer handling 
The documents and structuring of discussions are listed below:

Functional requirements (Clause 7.2.1)
11

Performance requirements (Clause 7.2.2) 
4, 12, 13
Functional requirements (Clause 7.2.1)
Tdoc S4-AHM011 “Proposal for Jitter Buffer Functional Specification for MTSI Terminals”, from Ericsson was presented by Daniel Enström. Pasi Ojala (Nokia) pointed out that the meaning of “re-buffering” needs to be clarified. Imre Varga (Siemens) requested the last bullet point (on clock drift) to be elaborated so that the use of existing mechanisms, if available, is allowed for that purpose. Naveen Srinivasamurthy (Qualcomm) requested the requirement of the fourth bullet point (on source-controlled rate operation) to be clarified. The Chairman suggested the first two bullet-points (on support for codecs/modes) to be made to refer to codec and mode definition Clause of the TS (rather than repeating the definitions). The Chairman also raised a question if any functional requirements for the allowed implementation of jitter buffer management (JBM) inside the decoder are needed. Frederic Gabin (NEC Technologies) commented that he sees e.g. no need to define any interfaces between decoder and JBM. No functional requirements for the allowed implementation inside the decoder were identified. The requirements proposed in the document were modified based on the comments and were agreed to be included into updated version of draft TS 26.114. Only a requirement for maximum buffer depth (of at least 20 speech frames) was dropped out completely from the list of functional requirements; it will be considered as part of subjective performance requirements where it was felt to suit better. The introduction text proposed for Clause 7.2.1 in Tdoc S4-AHM011 will be included as well. In addition, editor’s note was agreed to point out that terminology needs to be defined precisely. The editor’s note already contains a provisional definition for JBM: “jitter buffer management includes the actual buffer as well as any actual control and adaptation mechanisms for the buffer”. 
Performance requirements (Clause 7.2.2) 

Tdoc S4-AHM012 “Proposal for Jitter Buffer Minimum Performance Specification for MTSI Terminals”, from Ericsson and Tdoc S4-AHM013 “Updated Proposal for Minimum performance requirements for speech jitter handling in IMS Multimedia Telephony”, from Ericsson were presented by Daniel Enström. Naveen Srinivasamurthy (Qualcomm) questioned the need for objective requirements and suggested that even all might be subjective ones. Imre Varga (Siemens) commented that at least delay impact must be tested by objective means and this was supported by Ari Lakaniemi (Nokia). On the error-delay profiles, Ari commented that the suggested profiles all start with good conditions and that the profiles to be used should also contain cases where bad conditions occur at the beginning. 
Tdoc S4-AHM004 “On minimum performance requirements for jitter buffer handling”, from Nokia, was presented by Ari Lakaniemi (Nokia). Imre Varga (Siemens) asked if timescaling is foreseen needed in JBM. Ari responded that this should be up to the implementor; for testing timescaling Ari felt subjective tests needed as it is difficult to test timescaling using only objective measures. Daniel Enström (Ericsson) commented that it is difficult to set objective measures for timescaling as its performance depends on the source speech, and hence perhaps there is no need to define objective criteria for timescaling but handle it entirely in subjective tests. Daniel also saw need to use always subjective testing (even if timescaling is not included in the JBM). Naveen Srinivasamurthy (Qualcomm) commented that the delay of the first frame is important and should be addressed in the delay performance metrics. 
Text based on the above three contributions with some modifications was agreed and will be included into updated draft TS 26.114. The objective minimum performance requirements were defined to consist of criteria for delay, time scaling (to be confirmed) and jitter-induced concealment operations (tbc) with some initial text included for each. Detailed requirements are for further study. Discussion on subjective minimum performance requirements was postponed until a better understanding of the objective performance requirements is obtained. Then, the subjective performance requirements can be set better. 
Daniel Enström (Ericsson) requested feedback especially on the proposed delay and error profiles. He raised two critical questions: 1) Do the channels cover the jitter characteristics the MTSI clients will encounter?, and 2) Is the proposed approach with synthesised channels fine? There were no readily available answers to these two questions and the delegates were requested to consider these by SA4#40. The issue of profiles starting always in good conditions was felt to be easily solved by randomising the starting position when using the profiles. It was felt that relevant RAN WGs must be consulted before finalizing the error and delay profiles for the TS. However, when doing so the RAN WGs must be made aware of the limited use of the error and delay profiles. An editor’s note on these delay and error profile issues was agreed to be added into the draft TS 26.114.
The editor of TS 26.114 (Per Fröjdh) was asked to include the above agreements on JBM into an updated version of the TS. This was done and an updated version 0.3.0 was made available later in Tdoc S4-AHM020. 
6.
Codec modes and transport format combinations    
The documents and structuring of discussions are listed below:

Codecs (Clause 5.2) 


- terminals
3, 5



- media gateways 
6

RTP payload formats (Clause 5.3)



- terminals
5



- media gateways 
6

Signalling and protocols (Clause 6) 



- SDP usage (Clause 6.3.2)
5, 8, 18

- media flow (Clause 6.5)
5
Packet-loss handling (Clause 8)
7

Codecs (Clause 5.2) – terminals
Tomas Frankkila (Ericsson) presented Tdoc S4-AHM005 (“Proposal for Voice Codec Specification for MTSI Terminals”, from Ericsson) on parts relevant to codecs in terminals. Naveen Srinivasamurthy (Qualcomm) presented Tdoc S4-AHM003 (“Speech codec modes for MMTel”, from Qualcomm Europe, S.A.R.L). Although the proposals differ in terms of what codecs “shall be supported” both put specific importance to Config-NB-Code=1 {AMR-NB12.2, AMR-NB7.4, AMR-NB5.9 and AMR-NB4.75} in AMR and Config-WB-Code=0 {AMR-WB12.65, AMR-WB8.85 and AMR-WB6.60} in AMR-WB. These mode sets have specific importance in CS Telephony. It was agreed (confirmed) that MTSI terminals offering speech communication shall support all 8 AMR modes, and those offering wideband speech shall support all 9 AMR-WB modes. The use of AMR and AMR-WB mode sets Config-NB-Code=1 and Config-WB-Code=0 is recommended. (These should be used unless the session-setup negotiation determines that other codec modes shall be used.) Furthermore, editor’s note was agreed on giving explicit SDP offer/answer examples for the 2 mode sets to promote their use. (The examples are to be discussed later in the ad-hoc meeting.)
Codecs (Clause 5.2) – media gateways

Tomas Frankkila (Ericsson) presented Tdoc S4-AHM006 (“Proposal for Voice Codec Specification for MTSI Media Gateway”, from Ericsson) on parts relevant to codecs in media gateways. As SA4 has not previously defined codecs for media gateways (e.g. for PS conversational applications), it was felt that a clear motivation to do so is needed first. Any further discussion on media gateways (e.g., codecs and RTP payload formats) was therefore postponed until such motivation is better understood. This topic was returned to later during the ad-hoc meeting, but it was still felt that more time is needed. Definitions for media gateways were therefore left for further study. Tdoc S4-AHM006 was noted.
RTP payload formats (Clause 5.3) – terminals
Tomas Frankkila (Ericsson) presented Tdoc S4-AHM005 (“Proposal for Voice Codec Specification for MTSI Terminals” from Ericsson) on parts relevant to RTP payload formats in terminals. The proposed text was felt agreeable but in need of editorial improvements, e.g. the definitions when terminal is aware / is not aware of its own access technology need to be made more clear. Some editorial modifications were agreed (e.g. using consistently term “encapsulate” in the second section). The rest of the text was put to be improved by off-line drafting group (meeting on Tuesday evening) and to be then included into updated draft TS.
RTP payload formats (Clause 5.3) – media gateways

Discussion on RTP payload formats for media gateways was postponed until later (in the meeting) when motivation to define RTP payload formats for media gateways for MTSI is better understood. (Tdoc S4-AHM006 “Proposal for Voice Codec Specification for MTSI Media Gateway”, from Ericsson was noted and discussions on the topic were postponed – see “Codecs (Clause 5.2) - media gateways” above.) 

Signalling and protocols (Clause 6) – SDP usage (Clause 6.3.2)

Tomas Frankkila (Ericsson) presented Tdoc S4-AHM005 (“Proposal for Voice Codec Specification for MTSI Terminals”, from Ericsson) on parts relevant to SDP Usage (i.e. for Clause 6.3.2). One note (“A terminal offering wide-band …”) was changed to become normal specification text. With this modification, the proposal was agreed to be included into updated draft TS. 
Tomas Frankkila (Ericsson) presented Tdoc S4-AHM008 (“SDP examples for voice in MTSI”, from Ericsson). Some comments were received, among them Harinath Garudadri (Qualcomm) requested highlighting Config-NB-Code=1 for AMR and Config-WB-Code=0 for AMR-WB in the examples. Further discussion was postponed until specific proposals to modify the presented examples are made. 
A proposal for modifying some of the examples of Tdoc S4-AHM008  was made available in Tdoc S4-AHM0018 (“Additional SDP Examples for MTSI”, from Qualcomm Europe, S.A.R.L) presented by Naveen Srinivasamurthy (Qualcomm). The use of the AMR {122, 7.4, 5.9, 4.75} or AMR-WB {12.65, 8.85, 6.60} mode-sets by MTSI terminals was agreed to have the benefits as highlighted in the Tdoc. However, the proposal was seen leading into the use of only these mode sets in all calls and therefore making unnecessary restrictions. This was not seen justified only for the purposes of ensuring TrFO with CS network. It was however agreed that further investigations are needed for 3-party call when one of the parties is camping in the CS network and joins an existing MTSI session. The Tdoc contained also a proposal for an example on the use of G.711 but this was not agreed as examples in the TS should cover only the codecs defined for the MTSI service. 
Outcome on SDP examples discussion: All examples from Tdoc S4-AHM008 will be included into updated draft TS 26.114 (preferably into annex); the text likely needs some editorial modifications. Also, the following editor’s note will be included: “Further investigations are needed for 3-party call when one of the parties is camping in the CS network and joins an existing MTSI session.”   
Signalling and protocols (Clause 6) – media flow (Clause 6.5)

Tomas Frankkila (Ericsson) presented Tdoc S4-AHM005 (“Proposal for Voice Codec Specification for MTSI Terminals”, from Ericsson) on parts relevant to media flow. Couple of editorial changes were agreed to the proposal. The text was seen needing further revision to improve clarity; especially to avoid repetition of the same text and instead explaining the default operation (HSPA) and only highlighting the differences for the other access technologies (EDGE, GAN). The off-line drafting group (meeting on Tuesday evening) was tasked to polish the text accordingly and include it into an updated draft version of the TS. 
Packet-loss handling (Clause 8)
Tomas Frankkila (Ericsson) presented Tdoc S4-AHM007 (“Simple application layer redundancy for MTSI”, from Ericsson). The proposed use of application layer redundancy was seen beneficial in certain cases, but should be avoided in normal operating conditions. E.g., when packet loss rate is very high (in the range of 10% or 20%) the redundancy was certainly seen useful. Harinath Garudadri (Qualcomm) and Catherine Quinquis (France Telecom) pointed out that the threshold when the redundancy should be used is not clear and this needs more studies. Also, more evidence of the performance of application level redundancy should be given. PESQ results (presented earlier) were not felt to be enough by Catherine and Hari, and subjective test results were requested. (During the discussion Tomas also briefly reviewed the PESQ results presented at SA4#39.) Frederic Gabin (NEC Technologies) pointed out that the proposed application level redundancy has impact to end-to-end delay and also to interoperability when using media gateway and that these need to be assessed.

Content of Clause 8.2 (not of the further sub-clauses) of Tdoc S4-AHM007 was agreed to be included into the draft TS 26.114, but the use of application layer redundancy is still for further study pending on the following identified aspects to be clarified:

· When it should be used (threshold)?
· How to signal the use from receiver to transmitter?
· Impact to delay?
· Impact to interoperability when using media gateway?
· Subjective tests (listening only) on the performance with realistic bursty channels (e.g., HSPA EPs provided by RAN1)?
Editor’s note on these aspects needing clarifications will be included into updated draft TS.

The updated draft TS 26.114 will be prepared by off-line drafting group (meeting on Tuesday evening). The mandate of the drafting group is to make the agreed updates into the TS, and especially improve the text on RTP payload formats for terminals (Clause 5.3), media flow (Clause 6.5) and SDP examples (Annex A). 

Per Fröjdh (Ericsson) later presented Tdoc S4-AHM019 (“Draft TS 26.114 V0.2.2 IMS Multimedia Telephony - media handling and interaction”) from the drafting group. This version contains updates agreed under agenda item 6 (for Clauses 5, 6, 8 and Annex A) that were agreed during the ad-hoc meeting and some further editing done in the off-line drafting group. This version was agreed. 
7.
Front-end handling  

Tdoc S4-AHM014 (“Clarification on test configuration for acoustic characteristic”, from Ericsson) was presented by Per Fröjdh (Ericsson). The document proposes to use the codec modes and DTX as specified in TS 26.132. This was agreed. However, the sentence proposed in the document was modified slightly to refer to source control rate operation and becoming “The codec modes and source control rate operation (DTX) settings shall be as specified in 3GPP TS 26.132”. This was agreed to be put into draft TS 26.114 (and is included in version 0.3.1 in Tdoc S4-AHM022).
During the discussions Naveen Srinivasamurthy (Qualcomm) asked justification why AMR mode 19.85 is defined in TS 26.132 to be used instead of 12.65 mode which is expected to be used more commonly. There was no clear justification known for this, and the mode selection should be discussed at SA4#40 e.g. if  this should be changed in TS 26.132. Frederic Gabin (NEC Technologies) volunteered to draft a CR (Rel-7) on it for consideration at SA4#40.
8.
Video handling (e.g. recommendations for codec settings, rate control, transport issues, etc.)    

Tdoc S4-AHM009 (“Impact of video packet sizes and audio/video interleaving in IMS Multimedia Telephony”, from Ericsson) was presented for information by Rickard Sjoberg (Ericsson). Waqar Zia (BenQ Mobile) requested more information on the specific experiments that have been carried out (e.g. what bit-rates were used for the bearers, and what modes and packet sizes were used). Harinath Garudadri (Qualcomm) also requested further information on the experiment conditions and requested in future contributions companies to use as much as possible the tools and databases defined in SA4 video ad-hoc group in order to make comparison of results easier. Tdoc S4-AHM009 was provided for information sharing and was noted.
Tdoc S4-AHM016 (“H.264 subsequence with FEC support: first results”, from Nokia) was presented by Stephan Wenger (Nokia). Feedback was asked specifically on the following 3 issues
1. Our understanding is reconfirmed that heterogeneous link environments are within the scope of the MTSI WI

2. Our understanding is reconfirmed that application layer protection mechanisms for video are within the scope of the MTSI WI

3. Our understanding is reconfirmed that said application layer protection may include mechanisms such as Audio Redundancy Coding and application layer based FEC (ULP, RFC2733, MBMS FEC framework, whatever). 

On all of these, the feedback from the ad-hoc meeting was that the understanding was reconfirmed. Olle Franceschi (Ericsson) pointed out that item 1 is related to a question how much work emphasis we would like to put on it in 3GPP (not only in SA4 but also in SA1 and SA2). 
9.
Conversational text  

Tdoc S4-AHM0015 (“Proposal for Real Time text for MTSI”, from Ericsson) was replaced by an updated version in Tdoc S4-AHM0021 (“Udpated Proposal for Real Time text for MTSI”, from Ericsson). This was presented for information by Olle Franceschi (Ericsson) and Gunnar Hellström (representing Ericsson). The Tdoc proposes the support (“shall be supported”) of real time text based on T.140 and RFC 4103 with text added over various parts of the draft TS 26.114 (Codecs, RTP payload formats, SDP usage, Media flow, Jitter buffer management, Packet-loss handling, Adaptation, and Inter-working).This Tdoc was presented only for information at the ad-hoc meeting, and the issue is to be considered further at SA4#40. Pasi Ojala (Nokia) asked several questions for clarification on the proposed use of Real Time text. Harinath Garudadri (Qualcomm) asked what explicit packet loss rates are expected and requested further information on the use of redundancy, e.g, if the proposed 200% redundancy will be enough. The ad-hoc meeting requested clarifications to be given by SA4#40 on the usage requirements for RFC 4103 in terms of error prone channels (packet losses) and in particular if use of 200% redundancy will meet the requirements. Tdoc S4-AHM0021 was then noted.  
10.
Other issues    

Per Fröjdh (Ericsson) presented Tdoc S4-AHM010 (“Draft TS 26.114 V0.2.1 IMS Multimedia Telephony - media handling and interaction”). This contains some editorial improvements over the TS version from SA4#39. It was agreed. It was noted that further work is needed on the open issues pointed out in the SA4#39 meeting report, but is not limited to these.
Tdoc S4-AHM002 (“Simulation Methods for Conversational Services in IMS Multimedia Telephony”, from BenQ Mobile) was presented by Waqar Zia (BenQ Mobile). Daniel Enström (Ericsson) and Harinath Garudadri (Qualcomm) pointed out that the proposed principle will not allow exact comparison of results because operation of e.g. forward and backward transport blocks (in Fig. 3) is not explicitly defined. Stephan Wenger (Nokia) saw the proposal anyway as a step to the right direction from trivial simulation models into more complete and better models and therefore considered the proposal very useful. The proposed interactive simulation principle (illustrated in Fig. 3) was agreed to be used for video simulations for MTSI. Good and solid software specification needs to be provided to SA4. Companies are allowed to develop own SW conforming to the principle, and hence no specific one SW is forced to be used in the simulation work. For speech the simulation principle was seen useful in cases where feedback is needed (e.g. for the use of application level redundancy). However there it should be checked case-by-case if the principle needs to be used or if more simple models are sufficient.

Per Fröjdh (Ericsson) presented Tdoc S4-AHM020 (“Draft TS 26.114 V0.3.0 IMS Multimedia Telephony - media handling and interaction”). In addition to updates in version 0.2.2 (Tdoc S4-AHM019), this version contains also the updates agreed under agenda item 5 for Clause 7. This draft TS was agreed after two revisions: In Clause  7.2.1 one “must” was replaced by “shall” and in Clause 7.2.2.1 “even if that means that the end-to-end delay requirement given in TS 22.105 [41] is violated” was moved into editor’s note. The updated and agreed draft (version 0.3.1) will be made available in Tdoc S4-AHM022. This version will also contain the agreed new sentence for testing front-end handling (as agreed under agenda item 7).
11.
Review of the future work plan 


The updated SA4 MTSI-workplan version 1.0 in Tdoc S4-AHM017 (“MTSI Timeplan v1.0”, from Ericsson) contains a proposal for a second ad-hoc meeting (outside SA4 plenary meetings) to be set for October. This new ad-hoc meeting was agreed, and the dates were provisionally set (October 2-4, tbd). The location for the meeting will likely be USA (on west coast). The provisional dates of the meeting were included into agreed updated version (version 1.1) of the workplan to be made available in Tdoc S4-AHM023. 
The SA4 meeting schedule was reviewed. 
12.
Any Other Business
 
13. 
Close of meeting: Thursday June 29th, at 14:00 hours (at the latest)

The Chairman thanked the host Ericsson for the hospitality and for all practical arrangements, and also thanked the delegates for their work during the meeting. The meeting was then closed. 
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