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Draft minutes of MTSI ad-hoc meeting during SA4#42

9.1
Opening of the session

The MTSI Chairman, Kari Järvinen opened the MTSI ad-hoc meeting during SA4#42 on Monday afternoon.
9.2
Approval of the agenda and registration of documents
5a
TD S4-070005 Proposed Meeting Agenda for MTSI ad-hoc during SA4#42 was approved.
TD S4-070052 Illustrative scheme for jitter buffer management, from Nokia, was WITHDRAWN.

TD S4-070054 Benefits of time scaling in MTSI jitter buffer management, from Qualcomm, was WITHDRAWN.

TD S4-070055 Illustrative JBM scheme for MTSI, from Qualcomm, was WITHDRAWN.

TD S4-070064 The need of granularity for media synchronization, from Nokia, was WITHDRAWN.
The other documents for the MTSI ad-hoc meeting were allocated to the respective Agenda Item.
9.3
Reports and liaisons from other groups
 108 (RAN2), 65* 
LS on Optimised voice scheduling in LTE -> MTSI (dealt immediately after coffee break on Wednesday)
TD S4-070108 LS on Optimised voice scheduling in LTE, from TSG RAN WG2. RAN2 is currently discussing UL and DL scheduling solutions for LTE. As a baseline for downlink (DL) scheduling, a dynamic scheduling approach was agreed in which the UE is informed about every DL transmission via a control channel indication.
Recognising that voice will be an important service in LTE, a large effort was made to ensure that an efficient solution for supporting voice scheduling will be available. Currently RAN2 is examining different proposals to see if a more optimized scheduling approach than the baseline for supporting voice services is possible. Related to this effort, RAN2 has made a number of assumptions and has a number of questions on which it would appreciate input from SA2 and SA4.

The MTSI ad-hoc was tasked to deal with this LS in detail (on Wednesday afternoon). 
Conclusion : Mr. Bernard Feiten (T-Mobile International) agreed to draft a reply.

TD S4-070065 Wideband Speech Codec for SAE/LTE, from T-Mobile International was related to TD S4-070108.
Discussion : about question 1 of TD S4-070108, F. Gabin commented that RAN 2 had the correct understanding of statistics.

About questions in b1) of TD S4-070108, in TD S4-070065 T-Mobile asked SA4 to consider AMR-WB to become a mandatory codec for SAE/LTE terminals for telephony services. T-Mobile proposed that SA4 reply to the LS of RAN2 with a statement that AMR-WB will be a mandatory codec for LTE. T-Mobile proposed to decide if AMR-WB can be specified as mandatory codec in TS 26.114 Release 7 MTSI, Media Handling and Interaction or if it is more appropriate to discuss this proposal in the context of a version of this specification for Release 8. 
It was felt that  TSG SA WG1 should set the service requirements (for Release 8). Orange felt a new WI should be opened for Rel-8 (for which maybe other codecs could be considered as well).

About question 4 in  b2) of TD S4-070108, the assumptions of RAN2 were confirmed.

About question 5 in c) of TD S4-070108, text was left to be drafted for the reply.

About questions 6 and 7 in d) of TD S4-070108, text was left to be drafted for the reply.

About questions 8, 9 and 10 in e) of TD S4-070108, text was left to be drafted for the reply.

Conclusion:  the reply to TD S4-070108 was left to be drafted in TD S4-070171 (c/o Mr. Bernard Feiten). 
TD S4-070065 was noted.

 752 (RAN2) 
Rate adaptive real-time media  MTSI (dealt immediately after coffee break on Wednesday)
TD S4-060752 LS on Rate-Adaptive Realtime Media, from TSG RAN WG2, was already presented at the TSG SA4#41 closing Plenary.
RAN2 was discussing the possibility of introducing a function that drops or delays packets (e.g., at certain congestion levels, or in “cell edge” scenarios) as one alternative to shape the uplink traffic. The two options were to :

either locate that function in the UE or 
to locate that function in the network side (e.g. eNB or UPE).

To allow RAN2 to make a decision, RAN2 needed to understand current and future rate adaptation schemes for real-time media sources such as streaming video. In particular, RAN2 asked to get a better understanding on the following questions:

Q1:
How many packets would need to be dropped/delayed to trigger a “down switch” in common rate adaptation schemes for real-time media (e.g., from a higher codec rate to a lower codec rate)? 

Q2:
How many packets would need to be dropped/delayed in normal operation to prevent an “up switch” in common rate adaptation schemes for real-time? 

Q3:
What would be the implication on the perceived service quality of packet dropping/delaying required to trigger a “down switch”?

Q4:
Would the packet dropping/delaying method and the configuration of the method (i.e. the algorithm and the quantity) be same for all applications, codecs and codec rates (i.e. service agnostic), or would it have to be service, codec or codec rate specific?

Q5: 
Is the answer to questions above same for non-real time traffic?

Q6:
Is the answer to questions above expected to change in the future?

SA4 was requested to  provide guidance on the questions listed above.

Comments / Questions : despite the urgency, more time was felt needed by SA4 to provide a complete answer to RAN2 at SA4~41 meeting and SA4 Delegates were invited to debate the subject over the reflector.

TD S4-060752 was POSTPONED until SA4#42 meetingwhere it was confirmed that a decision was already taken in RAN2 (F. Gabin checked and confirmed RAN2 closed this issue). 
The MTSI ad-hoc was tasked to deal with this LS in detail (on Wednesday afternoon). 

Conclusion : an acknowledgement reply was asked to be provided in TD S4-060172 (c/o Daniel Enström).

9.4
Jitter buffer management  

JBM requirements

82n
Jitter buffer management specification in IMS Multimedia Telephony, Ericsson, NEC -> 124

Mr. Daniel Enström presented TD S4-070082 Jitter buffer management specification in IMS Multimedia Telephony, from Ericsson and NEC.

In this document, Ericsson addressed some concerns that have been raised during the latest ad-hoc meeting (MTSI#3, Paris) regarding the working assumption.

Further, Ericsson also proposed a note to the JBM requirements which will clarify some aspects of buffering delay and adaptation artefacts.

Comments / Questions : one sentence was asked to be modified (by the Author himself). Nokia asked to clarify adaptation, and to define better the meaning of the sentence "may relax its buffering time". Siemens Networks felt the actual wording on "end-to-end delay" of TS 22.105 was different (as a consequence, it was modified). Alcatel-Lucent asked to modify the bullet points on scaling, to consider the case of scaling = 0 (zero), but after discussion accepted the text "as is". Qualcomm also suggested further clarifications to the text.

Conclusion : the document was revised in TD S4-070124.
TD S4-070124 Jitter buffer management specification in IMS Multimedia Telephony (revised), from Ericsson, NEC was agreed (a note to the JBM requirements which will clarify some aspects of buffering delay and adaptation artefacts will be put in TD S4-070173).

54
Benefits of time scaling in MTSI jitter buffer management, Qualcomm

66a
Speech material for JBM minimum performance evaluation, Nokia
Mr. Ari Lakaniemi presented TD S4-070066 Speech material for JBM minimum performance evaluation, from Nokia.

This contribution proposed an update for the speech material used for the JBM performance evaluation described in section 8.2.3.5 of TS 26.114.

Nokia proposed that the current JBM test sequences for AMR-WB attached to TS 26.114 be replaced with data attached to this contribution.

Comments / Questions : Qualcomm asked to explain what was changed (pre-processing).
Conclusion : the proposal made in TD S4-070066 was found acceptable (see TD S4-070173).
Illustrative scheme

52
Illustrative scheme for jitter buffer management, Nokia

55
Illustrative JBM scheme for MTSI, Qualcomm

9.5
Codec modes and transport format combinations    

65*
Wideband Speech Codec for SAE/LTE, T-Mobile International
TD S4-070065 Wideband Speech Codec for SAE/LTE, from T-Mobile International was related to TD S4-070108. The MTSI ad-hoc was tasked to deal with this LS in detail (on Wednesday afternoon).
Mr. Bernhard Feiten presented TD S4-070065 Wideband Speech Codec for SAE/LTE, from T-Mobile International. T-Mobile asked SA4 to consider AMR-WB to become a mandatory codec for SAE/LTE terminals for telephony services. T-Mobile proposed that SA4 replies to the LS of RAN2 with a statement that AMR-WB will be a mandatory codec for LTE. T-Mobile proposed to decide if AMR-WB can be specified as mandatory codec in TS 26.114 Release 7 MTSI, Media Handling and Interaction or, if it is more appropriate, to discuss this proposal in the context of Release 8.
Conclusion : the document was noted at the MTSI ad-hoc meeting.

9.6
Front-end handling
None.
9.7
Video handling 

56
Simulation Results for MTSI Dynamic Video Adaptation Signalling, Qualcomm
Mr. Chandrasekhar Sundarraman presented TD S4-070056 Simulation Results for MTSI Dynamic Video Adaptation Signalling, from Qualcomm.

In the December MTSI AdHoc meeting in Paris QUALCOMM was requested to provide simulation results demonstrating the advantage of the proposed APTO_ARR message over using TMMBR in connection with RTCP Receiver Reports.

Dynamic rate adaptation can significantly improve the performance of MTSI video users being served by the HSDPA shared downlink channel.  The proposed APTO_ARR signalling message provides information to enable fast, versatile, and accurate encoder adaptation mechanisms.  Furthermore, it has also been shown to provide better performance than a TMMBR-based adaptation mechanism. 

Qualcomm proposed that the message structure defined in Section 7 of the document be included in the media session.

Comments / Questions : Ericsson observed that TMMBR is just indicating the max bitrate in DL and there seemed to be also a bit of confusion on the use of TMMBR. About the simulation data, Ericsson asked to elaborate the benefit shown in Figure 1 and Figure 3, and questioned the mechanism given in Section 3.2.21 bullet 1. Ericsson asked whether simulations were conducted comparing towards the working assumption (i.e. with the RTCP receiver report included in the simulation). Ericsson and others reiterated that TMMBR was complementary to the receiver report, and that the simulation should have included the receiver report as well, to have a full picture. It was replied that the use case was different and the limitations due to the RTCP receiver report were known, and TMMBR would not benefit by including it. Figure 3 was asked again to be clarified. Nokia felt measuring the PSNR improvement could be a limited criteria to show the benefit of rate adaptation mechanisms. Nokia asked also how the proposal differed from the mechanism, existing for PSS, to determine when the receiver incurs in "underflow" situation (quite different, according to Qualcomm, and some checking to the purpose was left to be done). Still Nokia felt the PSS solution could be used, and Qualcomm clarified further the mechanism. Ericsson position was that the working assumption should be kept, until further proof of the benefit of the new proposal is given. Nokia also pointed out the proposal was not seen by them as convincing of the benefit.

Conclusion : there was no agreement on the proposal, and the MTSI Chairman proposed to report on this discussion at the closing SA4#42 Plenary, and the decision was left to be taken at SA4 level. The document was noted at the MTSI ad-hoc meeting.

95
Update on Video support for MTSI, Ericsson
Mr. Olle Franceschi presented TD S4-070095 Update on Video support for MTSI, from Ericsson.

The new service MTSI needs to be attractive in order to be successful. One way to get MTSI attractive is to have a good video support, preferably better then what today is possible in 3G-324M.

The development of more powerful terminals as well as larger screens makes it appropriate to move to higher levels for video. The video quality in 3G-324M can be a limitation and requirements for the possibility to offer higher quality video for conversational services have been expressed.  The use of HS bearer for conversational services also makes support for higher bitrates to become a realistic opportunity.

Ericsson proposed changes to the text of chapter 5.2.2 Video in TS 26.114 V1.2.0.

Comments / Questions : NEC asked to explain the rationale for replacing H.264 level 1.3 (with limitation in bitrate) instead of H.264 level 1.2, and asked more time to check this proposal from ericsson. Nokia asked to keep the level 1.2, and allow the level 1.3 (requiring more resources) be optional (felt already the case, as support would in any case be optional). Qualcomm also felt the level 1.3 could present more difficulties on the implementation (for complexity reasons).

Conclusion : POSTPONED until SA4 closing Plenary session.

97
MTSI video jitter buffer, Ericsson

Mr. Per Fröjdh presented TD S4-070097 MTSI video jitter buffer, from Ericsson.

The current draft MTSI specification included a description of jitter buffer management in terminals in clause 8. Speech jitter buffer was specified in clause 8.2, but the video clause in 8.3 was (so far) empty. It can be expected that video streams will be subject to transport delay jitter similar to or worse than for speech.

Initial investigations indicated that subjective video quality was not so sensitive to moderate jitter (like the one typically found in HS networks), but that quality could anyway be improved using a simple jitter buffer. It may be important to indicate in the MTSI specification that a video jitter buffer is of some value and must not be forgotten in an MTSI design. Considering that video jitter quality impact is not so high, it should be an optional function that may or may not be included by equipment manufacturers as a quality-improving measure.

Assuming that low delay and low packet loss are more important than jitter for overall conversational video quality in MTSI, a video jitter buffer should have minimum impact on delay and packet loss.

Ericsson proposed text be added under subclause 8.3 of TS 26.114.
Comments / Questions : Text was asked to be improved off-line.
Conclusion : the document was revised in TD S4-070127.
TD S4-070127 MTSI video jitter buffer (revised), from Ericsson, was left to be dealt with during the closing SA4#42 Plenary.
9.8
Conversational text 

96u
Update on conversational text for MTSI, Ericsson -> Olle to check spec language  in section 5.2.3 for “is expected to” ->125 
Mr. Olle Franceschi presented TD S4-070096 Update on conversational text for MTSI, from Ericsson.

There are a few questions on and open areas in the working assumption for conversational text. This input tried to solve those problems.
Comments / Questions : in 5.2.3 "shall" or "should" (instead of "is expected to") was debated, and will be checked.

Conclusion : the document was revised in TD S4-070125.
TD S4-070125 Update on conversational text for MTSI (revised), from Ericsson, was found acceptable.

Conclusion : the Editor will include the proposed text into the draft TS 26.114.
9.9
Session and media adaptation 
84
Non-compound RTCP, Ericsson
Mr. Tomas Frankkila presented TD S4-070084 Non-compound RTCP, from Ericsson.

This document contained a proposal to recommend support for the use of non-compound RTCP in TS 26.114. The use of non-compound RTCP makes transmission of critical feedback messages more robust in severe radio conditions where small packet sizes are crucial for successful transmission, another advantage is that non-compound RTCP packets can be transmitted more frequently (since they are smaller). This means that adaptation requests can be transmitted more frequently with the given bandwidth, this enables faster adaptation. 
The concept is not new to the mobile industry; it is also used in OMA-PoC. 

The proposed change assumes an additional SDP attribute “ncp” interpreted as non-compound. Additionally the use of the parameter “trr-int” differs from what is described in ch. 7.3.2 in TS26.114.

The proposal to 3GPP-SA4 from Ericsson was to adopt these additions to the MTSI-TS.
Comments / Questions : Nokia expressed reservation on the proposed changes, despite OMA already accepted the concept proposed in the document. Also Siemens Networks was not in favour of the proposed changes. Ericsson proposed to continue eventually the discussion at next meeting, but felt more important that TS 26.114 is approved at SA#35.
Conclusion : the document was noted.
9.10
Media synchronization issues
64
The need of granularity for media synchronization, Nokia WITHDRAWN
9.11 
QoS parameter descriptions

63u End-to-end signaling of negotiated Guaranteed Bitrate for IMS multimedia sessions, Nokia -> 126

Mr. Igor Curcio presented TD S4-070063 End-to-end signaling of negotiated guaranteed bit rate for IMS multimedia sessions, from Nokia.

This document presented a proposal for signaling the negotiated Guaranteed Bit Rate for IMS multimedia telephony sessions. During MTSI Adhoc#3 meeting in Paris, Nokia submitted a contribution describing the mechanism for end-to-end signaling of negotiated QoS parameters. The modified proposal in this document incorporated the feedback received from the group during that meeting.

Note that the term “negotiated” here means “granted”, i.e., it describes the end result of a QoS negotiation between the mobile terminal and the mobile network (or the end result of what the network grants to the terminal even if no negotiation takes place).

Nokia proposed that the negotiated QoS parameter Guaranteed Bit Rate is signaled to the other end via the SIP UPDATE method using the b=AS attribute. Signaling this information during session set up (or during the lifetime of a session) in a multimedia call would result in better usage of network resources and enhanced user experience. Nokia proposed that spec text in section 3 be included in the technical specification for MTSI work item in Release 7.
Comments / Questions : Nokia pointed out the contribution was produced to clarify how the mechanism would work. NEC asked why the QoS parameter Guaranteed Bit Rate should be made mandatory and signalled to the other end via the SIP UPDATE method using the b=AS attribute, considering that it would not always be possible to signal SIP UPDATE. Ericsson pointed out a mismatch could occur, and then the session would fail. Ericsson also pointed out that the PDP context could differ in the two sides and RABs would be allocated consequently, which could cause a problem. Mapping of PDP context (QoS parameter Guaranteed Bit Rate) was still felt unclear. Qualcomm also raised further questions on this contribution. Section 6.2.8, 1st paragraph, 1st, 2nd and 3rd sentence, was proposed to be removed by Nokia.

Conclusion : text was left to be revised off-line in TD S4-070126.
TD S4-070126 End-to-end signaling of negotiated guaranteed bit rate for IMS multimedia sessions (revised), from Nokia, was agreed, and spec text in section 3 will be included in the technical specification for MTSI work item in Release 7.
94
Example on QoS profiles for MTSI, Ericsson -> Table 1 SDU error ratio: 1.0->0.7%, Transfer delay value to be checked -> decision pp

Mr. Olle Franceschi presented TD S4-070094 Example on QoS Profiles for MTSI, from Ericsson.

A few examples of mapping of SDP parameters to UMTS QoS parameters for the MSTI application were illustrated. The QoS values given are derived from the media requirements. 

Ericsson proposed that the QoS profiles be included in the TS 26.114 as an informative Annex.

Comments / Questions : Qualcomm asked to align the SDU error ratio (0.7 instead than 1% was proposed), and asked to clarify the transfer delay and value of 130 ms. Alcatel-Lucent also asked to clarify the transfer delay (see 23.107 and 24.008).

Conclusion : the document was POSTPONED until further clarification would be provided, but no new document was provided at the MTSI meeting on Wednesday afternoon. SDU error ratio 0.7 instead than 1% was agreed, and the transfer delay was left 'tbd' instead than 130 ms (see TD S4-070173). Nokia also commented these were just basic examples.
9.12
Other issues  

81
Inter-working with non-MTSI VoIP clients, Ericsson
Mr. Mr. Tomas Frankkila presented TD S4-070081 Inter-working with non-MTSI VoIP clients, from Ericsson.

This contribution described what the MTSI (VoIP) client can expect when inter-working with non-MTSI clients. Most or even all issues should be resolvable from the MTSI-MHI client definitions and also based on the SDP offer-answer rules. The intention was therefore mainly to clarify how the MTSI (VoIP) client should behave when inter-working with a non-MTSI VoIP client. The intention was not to define how non-MTSI VoIP clients should behave.

Ericsson proposed the attached TS text be included in the MTSI-MHI TS.
Comments / Questions : sub-optimal solutions were discussed. AMR support was asked to be added to the title. Nokia asked whether interoperability issues could arise, and commented that some change of wording would be needed for better clarity. Qualcomm also asked some modifications.
Conclusion : the document was updated in S4-070175 (left for the TSG SA4#42 Plenary).
83
Media layer behaviour in supplementary services, Ericsson
Mr. Daniel Enström presented TD S4-070083 Media layer behaviour in supplementary services, from Ericsson.

This document proposed two additions to the MTSI TS. The first proposal was to add a specific chapter for supplementary services in which proper media layer configurations and usage are specified. The main purpose of this chapter would be to act as a target for references from other specifications. The second proposal was to add a section on recommended client procedures whenever a call is resumed after being put on hold. This proposal was made in order to minimize the risk of implementations that may behave in a way giving a codec state mismatch (when resuming a call being put on hold) resulting in media quality degradation. Neither of the new proposals would introduce any new functionality and it was believed that including the proposed text in the TS would benefit the deployment of the service and make the media layer specification of MTSI more complete. Ericsson proposed to 3GPP-SA4 to adopt these additions to the MTSI-TS.
Conclusion : the proposal (with one editorial correction) was agreed (see TD S4-070173).
93
File format and codecs used for MSRP transport in MTSI, Ericsson
Mr. Olle Franceschi presented TD S4-070093 File format and codecs used for MSRP transport in MTSI, from Ericsson.

At the 3GPP TSG SA WG#41 meeting an LS was sent to CT1, in S4-060718, stating that SA4 will take the responsibility to specify  “the media types, codecs and formats, including file format, for all MTSI services including non-conversational services”. The document proposed the following : 
1. Create a normative Annex in TS 26.114, that describe media types, codecs and file format for MSRP transported media in MTSI

2. Reference the applicable part of TS 26.141 from the Annex.

3. Include any “deltas” to TS 26.141 in the Annex.
Conclusion : TD S4-070174 will contain the Annex mentioned above.
9.13
Draft TS 26.114

86n
TS 26.114 V1.2.1 Editor's update, Editor (Ericsson)
Mr. Per Fröjdh presented TD S4-070086 TS 26.114 V1.2.1 Editor's update, from Ericsson. This version was the update from v. 1.0.0 (substantially including all changes agreed in V 1.2.0 at Paris). Some clarifications were given in real-time during the MTSI ad-hoc session on Wednesday afternoon.
Comments / Questions : an off-line session for clean-up was asked to be held.
Conclusion : the document was left to be revised in TD S4-070173.
114
Proposed update to TS 26.114 V1.2.1, Ericsson -> decision pp until later

Mr. Olle Franceschi presented TD S4-070114 Proposed update to TS 26.114 V1.2.1, from Ericsson.
Comments / Questions : the term UMA was asked to be removed.
Conclusion : more time was asked to consider the proposal. POSTPONED until the MTSI ad-hoc held on Wednesday afternoon. The update to TS 26.114 v. 1.2.1 was then agreed and will be included in TD S4-070173.
9.14
Review of the future work plan

None.

9.15
Any Other Business
None.

9.16

Close of the session
The session was closed on Wednesday afternoon at 19:40 hours.

Source:
SA4 MTSI ad-hoc chairman

Title:
Proposed meeting agenda for MTSI ad-hoc during SA4#42
Document for:
Approval 

Agenda Item:
9
Proposed meeting agenda for MTSI ad-hoc during SA4#42
9.1
Opening of the session 

9.2
Approval of the agenda and registration of documents
5a
9.3
Reports and liaisons from other groups
 108 (RAN2), 65* 
LS on Optimised voice scheduling in LTE -> MTSI (dealt immediately after coffee break on Wednesday) -> 171 to SA4#42 plenary (Bernhard)
 752 (RAN2) 
Rate adaptive real-time media  MTSI (dealt immediately after coffee break on Wednesday) -> 172 to SA4#42 plenary (Daniel)

9.4
Jitter buffer management  

JBM requirements

82n
Jitter buffer management specification in IMS Multimedia Telephony, Ericsson, NEC -> 124a -> to be included into 173
54
Benefits of time scaling in MTSI jitter buffer management, Qualcomm

66a
Speech material for JBM minimum performance evaluation, Nokia -> to be included into 173
Illustrative scheme

52
Illustrative scheme for jitter buffer management, Nokia

55
Illustrative JBM scheme for MTSI, Qualcomm
9.5
Codec modes and transport format combinations    

65n * Wideband Speech Codec for SAE/LTE, T-Mobile International
9.6
Front-end handling  


9.7
Video handling 

56n
Simulation Results for MTSI Dynamic Video Adaptation Signalling, Qualcomm -> no agreement; the Tdoc may be taken for further discussion to SA4#42 plenary level
95
Update on Video support for MTSI, Ericsson -> time requested to check esp. H.264 level update -> decision pp to SA4#42 plenary level

97u
MTSI video jitter buffer, Ericsson -> off-line (contact Per) -> 127 to be taken directly to SA4#42 plenary level 

9.8
Conversational text 

96u
Update on conversational text for MTSI, Ericsson -> Olle to check spec language in section 5.2.3 for “is expected to” -> 125a -> to be included into 173
9.9
Session and media adaptation 
84n
Non-compound RTCP, Ericsson

9.10
Media synchronization issues
64
The need of granularity for media synchronization, Nokia
9.11 
QoS parameter descriptions

63u 
End-to-end signaling of negotiated Guaranteed Bitrate for IMS multimedia sessions, Nokia -> 126a -> to be included into 173
94
Example on QoS profiles for MTSI, Ericsson -> Table 1 SDU error ratio: 1.0->0.7%, Transfer delay in Table 2 changed to “tbd” -> with these modifications to be included into 173
9.12
Other issues  

81u
Inter-working with non-MTSI VoIP clients, Ericsson -> 175 to SA4#42 plenary 
83
Media layer behaviour in supplementary services, Ericsson -> agreed with minor correction (“which” -> “whose” in 1st paragraph) -> to be included into 173 
93 
File format and codecs used for MSRP transport in MTSI, Ericsson -> principle agreed, Annex will be reviewed later -> 174 to SA4#42 plenary 
9.13
Draft TS 26.114

86n
TS 26.114 V1.2.1 Editor's update, Editor (Ericsson) 

114a Proposed update to TS 26.114 V1.2.1, Ericsson -> to be included into 173
173
TS 26.114 V1.3.0 Editor's update, Editor (Ericsson) -> to SA4#42 plenary 
9.14
Review of the future work plan 


9.15
Any Other Business
 

9.16

Close of the session 
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