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S2/GERAN joint meeting

1 to 3 August 2001

Note: for the hyperlinks to work, the tdocs have to be stored zipped individually in the same folder.

The meeting took place in Helsinki, Finland. It started on Wednesday, 1st of August and finished on Friday, 3rd of March 2001. It was hosted by Nokia.

The meeting was chaired by Mr Mikko Puuskari from Nokia and supported by Mr Alain Sultan, MCC.

1. General

OVS-01001 from Chairman: Agenda 
The meeting was chaired by Mr. Mikko Puuskari, chairman of TSG SA WG2. He clarified that it is not an official joint meeting with TSG RAN and as such does not have the mandate to make decisions on RAN issues. It has however been agreed (for example at TSG-SA#12) that TSG RAN (and RAN WGs) are to be invited to the meetings dealing with issues related to provisioning IMS services over radio (including GERAN optimised voice services support), in order to utilise their expertise and to emphasise that the solutions and IMS architecture developed should be as common as possible for both UTRAN and GERAN.

There are two main topics to be addressed at the meeting: the support for voice optimisation for the IMS and possible other IMS topics. Almost all the contributions are provided for the first topic.

Conclusion: Approved.

2. Support for voice optimisation for the IMS in the GERAN

OVS-01002 from G2-010205: Draft TR on Support for voice optimisation for the IMS in the GERAN 
This draft TR (v.0.0.1, no number yet) provides an overview of the architecture and issues related to the provision of voice optimisation within the GERAN. The main chapters deal with Overall description of voice over IP in the IMS domain when connected to GERAN, Definition of optimised voice schemes, Header removal, Issues for the support of header removal within GERAN and Header compression in GERAN.

Conclusion: No general comment on it, but most of the tdocs contain proposal to enhance the TR.

OVS-01004 from Ericsson: Proposal on general and editorial changes to the Technical Report on support for voice optimisation in GERAN 
The tdoc mainly proposes to add two new assumptions for header removal ("In the case where there is a non-SIP user on the other end, a translator in the control plane is needed to translate SIP to the call control protocol used by the other party"; and end"-to-end security can not be provided when using header removal."). 

Discussion: Concerning section 6. 1, Nokia do not see any value added by the point 3 (translator in control plane). 

Points 3 and 2 are seen by Siemens as general comments, not specific to GERAN. Nokia see them more as technical consequences rather than requirements, so they should not be included, even Nokia recognised that point 3 is fully correct. Nortel reminded that for point 2 ("It is unclear when/whether mid path transcoders for the IMS will be available between two SIP end users."), S2 already answered that this will not be the case.

Ericsson were reluctant to lose the information of point 3, but accepted to move it elsewhere: it has to be collected in a separate list on issues to be studied by other groups.

At this stage, it was decided that the process for the meeting was to collect all the open points and elaborate LSs to the concerned WGs and/or report these open points in the TR. The LSs are in tdocs 34 to 38. 

Back to the proposal, point 2 is kept as in Ericsson's proposal, i.e. separated from 1.

The tdoc OVS-01003 was said to go deeper in the problem of security (point 9).

Nokia stated that even if IPsec cannot be ensured, some other security mechanisms might be provided. SRTP is seen has the only other security mechanism apart from IPsec, which might not be supported neither. Some more debates on security are expected to take place. So point 9 is open until tdoc 3 is seen.

After tdoc 3 was seen, it was decided to reword off-line the bullet 9.

Concerning section 6.2, point 6 on codec issues was agreed.

Point 7 is not new, it is just dissociated form 6: it's approved.

On the bullet "The principle of how to signal/negotiate a change the codec during an ongoing call.", "signal" means "indicate". Nokia clarified that the bullet applies to application or SIP levels (there are already mechanisms for codec negotiation in the RRC layer). This should be clarified in the text.

There is no problem for the other changes.

Conclusion: Revised off-line to OVS-01028.

OVS-01028 from Ericsson: Proposal on general and editorial changes to the Technical Report on support for voice optimisation in GERAN 
Revision of OVS-01004.

Discussion: A new point has been added in the " Assumptions for header removal": "Header removal cannot be used where end-to-end encryption or integrity protection is used as it does not guarantee bit-exact transfer of traffic.".

Conclusion: Approved. See LS in OVS-01034 (approved as OVS-01043) on this point.

OVS-01005 from Ericsson: Proposal on changes regarding header regeneration to the TR on support for voice optimisation in GERAN 
This contribution proposes changes to the TR to reflect that header regeneration in the MS is an implementation issue, not to be standardised.

Discussion: In section 6.2, point 3, the statement prohibiting to send messages specific to header regeneration is seen too strong by Siemens. So the sentence was proposed to be finished at "[...] is an implementation issue.", the rest of the bullet being deleted. But finally Ericsson did not agree with this change. The argument of stating that the TR applies only to Rel5 is incorrect in Siemens' point of view. If this had applied to Rel5 only, Siemens would have had no problem with the statement.

For Nortel too, the parameters needed to allow header regeneration are not known now, so the second part of the sentence should be deleted. Nortel presented a tdoc on this subject in GP-00512.

The case of handover, e.g. ROHC handling at HO, and in particular the way the information is passed to the UE need to be studied.

Conclusion: Revised off-line to OVS-01029.

OVS-01029 from Ericsson: Proposal on changes regarding header regeneration to the TR on support for voice optimisation in GERAN 
Revision of OVS-01005

Discussion: The point 3 in section 6.2 has been rewording as follow: "Whether header regeneration is carried out in the MS is an implementation issue.".

Conclusion: Approved. See draft LS in OVS-01038 (not approved) on this point.

OVS-01014 from Siemens: Requirements to be included into the TR "Support for voice optimisation for the IM CN Subsystem in the GERAN" 
This contribution proposes to re-organise section 6 of the TR, by separating clearly the requirements from the present "assumptions" and "principles" sections.

Discussion: Revision marks should have been shown. Points 1, 4, 5, 6, 7 and 8 are new. The bullets 1.1, 1.2, 2, 3, 9 and 10 have just been moved from other sections. Only the new ones were reviewed.

Point 1: Ericsson cannot accept it as a requirement (they have a contribution on flexible layer 1...). So it's not agreed at this point. However, 1.1 and 1.2 are agreed (they are just moved from section 4).

On point 4: on " The GERAN solution shall have minimum impact to 3G core network nodes.", AWS stress that there might be other selection criteria, so a better wording has to be found.

Point 5: "QoS RAB parameters shall be utilised to distinguish RABs for SIP signalling from RABs for the actual speech transport.": SA2 is still discussing the issue on how to distinguish SIP signalling bearers from other bearers. The future conclusion of S2 shall be used here, so this point cannot be agreed now. See draft LS in OVS-01035 (approved as OVS-01044) on this topic.

Point 6: Nokia states that this is obvious: the GERAN cannot interpret IMS messages anyway. "signalling" has to be changed to "messages".

Point 7: OK, only the note has to be deleted (it's only an example).

On point 7.1: The wording is a little bit unclear and has to be changed.

Point 8: The word "system" in " inter system handovers" is confusing: it should be "inter RAN". The sentence has to be finished at "[...] shall be possible during handover.".

In point 9, the statement " SIP compression is required" shall be re-introduced (deleted by accident).

Conclusion: Revised off-line to OVS-01025.

OVS-01025 from Siemens: Requirements to be included into the TR "Support for voice optimisation for the IM CN Subsystem in the GERAN" 
Revision of OVS-01014.

Discussion: Revision marks compared to previous version should have been used.

Points 1 and 2 have to be moved to the open issue list (section 10).

Conclusion: Approved with this modification.

OVS-01018 from AWS: Items for discussion on the TR for Optimised Voice section 7.1, BSS limitations on SIP negotiation within the IMS 
AWS propose a series of 6 contributions intending to summarise some working assumption for GERAN. 

The first one presents a set of 6 assumptions on the implication of GERAN in codec negotiation.

Discussion: The intention with the 6 AWS contributions was clarified afterwards to be to liaise to other WGs to check their understanding and/or comments on these assumptions.

For this particular contribution, Ericsson has tdoc 3 related to the same section.

The points were reviewed one by one:

Point 1: OK, even if it's not a BSS limitation.

Point 2 (if and when the GERAN has to give its codec limitation to SIP entities): covered by tdoc 003. From an architectural perspective, there is no particular constraint. The TR already identifies 3 solutions for this purpose (SIP based -with or without delay of SDP message- or RTP/RTCP based approach). Open (see 003)

Point 3: "In initial implementation" is not needed: this is the Rel5 version, and there's no need to indicate what might be included in future releases. Finally, this was not done and text starting by "In future implementation" was proposed.

Nortel stressed that the statement is not in line with 23.228, where it is specified that multiple codecs can be chosen (v.5.1.0: section 5.11.3.1, bullet 19). After 2 hours of discussions on this point, the chairman asked what is the opinion of the group of having one or several codecs at the end of the SIP negotiation, and there was no answer...

After endless discussions, it was clarified that the requirement to finish the SIP negotiation having only one codec in the final SDP is a new requirement from GERAN (this seems not to be imposed by 23.228). The problem is that it is hard to say from 23.228 with certitude if there is such restriction. S2 will have to debate and conclude on this point. This question was included in the draft LS sent to S2.

Siemens thought initially that this was coming from 23.228. If this is not the case, then Siemens want this requirement to be decided in GERAN.

Ericsson stressed that one important consideration is to have the same handling in GERAN as in UTRAN. 

This point was used to elaborate the draft LS in OVS-01036 (approved as OVS-01046).

Point 4 is not relevant according to Ericsson ("in future specifications....").

Point 5 is covered by other contributions, so not considered.

Same for Point 6. Point 6 was later rephrased in tdoc 032 from Motorola.

Conclusion: Noted.

OVS-01032 from Motorola: Clarification of codec change 
This rephrases the bullet 6 of tdoc 18.

Discussion: For Ericsson and Nortel, the text is not clearer than the original one. Ericsson do not understand the statement " If future specifications" starting the document (note 1: spelling mistake, it should be read in any case "In future specification") (note2: the tdoc states "code" instead of "codec" in almost all the document).

Conclusion: Not approved. Further clarifications are expected.

OVS-01040 from Motorola: Clarification of Codec negotiation. 
Revision of 32

Discussion: Nokia, Ericsson and Nortel complained that the document was available too late (some minutes before the presentation).

Conclusion: Not approved (postponed e.g. to the next GERAN meeting).

OVS-01017 from Siemens: Information Transfer and Header Removal 
Siemens propose to identify a set of GERAN and MS states for IMS calls to be used for Header Removal. The information handled by the GERAN and MS for this purpose is also presented.

Discussion: In point 1, page 3, "... and this support is stable" is not very clear and shall be rephrased.

Other minor rewordings have to be performed.

Conclusion: Revised off-line to OVS-01026.

OVS-01026 from Siemens: Information Transfer and Header Removal 
Revision of OVS-01017.

Discussion: The exact place where to put the text of the section entitled "Summary of GERAN/MS States for IMS Calls with Header Removal" was clarified: just before section 7.1.

The second "Summary" section, entitled "Summary of GERAN/MS Information for IMS Calls with Header Removal" is not subject to inclusion in the TR.

Conclusion: First "summary" approved.

OVS-01003 from Ericsson: Comments to using RTP/RTCP as protocol for handling codec negotiation 
The contribution refines the pro and cons of using RTP/RTCP for codec negotiation, adding more concerns.

Discussion: Also some rewording has to be made off-line.

Conclusion: Revised off-line to OVS-01027.

OVS-01027 from Ericsson: Comments to using RTP/RTCP as protocol for handling codec negotiation 
Revision of OVS-01003.

Discussion: The clarifying rewording has been done.

Conclusion: Approved.

OVS-01019 from AWS: Items for discussion on the TR for optimised voice, section 7.2, Handling of ACS for AMR 
A set of assumptions on the handling of AMR's ACS (Active Codec Set) by the GERAN is proposed here.

Discussion: Point 1: It was recognised that no decision can be taken without consulting S4. S1 can have also remarks on this topic. To be added in the "open issues" list.

Point 2: OK

Point 3: OK

Point 4: To be rephrased as "In future implementations it is assumed that the ACS may be agreed on a non-SIP level"

Point 5: OK

Point 6: (to ensure that HR is used): an action to IETF (because of the relationship with AMR over IP) has to be reported in the list. 

Conclusion: Partially approved. This tdoc was used for the elaboration of the draft LS in OVS-01036 (approved in OVS-01046).

OVS-01020 from AWS: Items for discussion on the TR for optimised voice sections 7.3, 7.5 and 7.6, Radio Bearer Identification for GERAN, Identification of header removal allowed, IP and port number information transfer from MS to GERAN. 
Same approach as OVS-01019 but for IP and port number information transfer from MS to GERAN.

Discussion: Point 1: no comment.

Point 2: covered by tdoc 15

Point 3: this is a Working Assumption from GERAN, to be communicated outside

Point 4: covered by tdoc 15.

Conclusion: Noted.

OVS-01015 from Siemens: Transfer of RAN specific information via direct communication between the MS and the BSC 
The paper proposes flows for Extended RB set-up procedure, showing how the decision of enabling header removal or not can be taken.

Discussion: For Nokia, this contribution contradicts the agreement that the adaptation mechanism is made in the GERAN: here, it's the MS which decides. Siemens disagree with this point of view and state that the MS only takes part in the decision process.

Each time a RB is setup, there is an exchange to know whether the UE supports header removal or not. This is not efficient from the point of view of the use of radio ressources: this is a "constant" information. Siemens recognised that this can be optimised later on: this is not the core of their proposal.

For AWS, the CN has to be aware of the RB used, at least for charging reasons.

Nokia stated that this solution cannot work, e.g. because it's not clear how the activation of the channel in the BTS will be possible. Also the title of the procedure is misleading: this should not be considered as RB setup, still according to Nokia.

Conclusion: The concerns have to be included in a revised version to be provided in OVS-01030. There is no basic disagreement to include the revised version in the TR (but the revised version has to include the concerns...).

OVS-01030 from Siemens: Transfer of RAN specific information via direct communication between the MS and the BSC 
Revision of OVS-01015.

Discussion: It has to be clear that tdoc 30 represents only one option. Nokia think that there are better options available.

GERAN can come back on the issue at their next meeting. RAN3 and SA2 have to be kept in the loop of the discussion.

Conclusion: Approved.

OVS-01021 from AWS: Items for discussion on the TR for optimised voice, sections 7.4, Limitations due to RTP handling 
Two assumptions on the limitations due to RTP handling are proposed here.

Discussion: The author informed that the first one is studied more in depth in tdoc 12, the second one was already discussed the day before.

Conclusion: Noted (no discussion: almost withdrawn by the author).

OVS-01006 from Ericsson: Proposal on changes to RTP and handover issues in the TR on support for voice optimisation in GERAN 
The contribution proposes to synchronise the clocks in the network entities carrying out header removal/generation in order to shorten the losses or silent periods at handover.

Discussion: There was a general support for the proposal. It was clarified that the proposal does not lead to synchronise the BTSs. "since the equipment are time synchronised" is then a bad wording. A future improvement is to distinguish several cases in which this process can take place.

Conclusion: Revised off-line to OVS-01031. Agreed in principle, the revised version is to correct the fuzziness on the used of the term "synchronisation". 

OVS-01031 from Ericsson: Proposal on changes to RTP and handover issues in the TR on support for voice optimisation in GERAN 
Revision of OVS-01006.

Discussion: The comments have been introduced. 

Conclusion: Approved.

OVS-01022 from AWS: Items for discussion on the TR for optimised voice, sections 7.7, Handover issues in optimized voice 
Two issues on handover are proposed for discussion here: state information has to be transferred to the target node of the HO, and the BSC acts as a proxy, handling the uplink RTP timestamps and sequence numbers.

Discussion: RAN2 has no problem with the assumptions, except that the term "information" is too fuzzy: this should be clarified as soon as possible.

The 2nd bullet tries to clarify the information mentioned in point 1. The second point is proposed as a Working Assumption, but a more general statement can be more appropriate. The second sentence of 7.7.2.1.1 was preferred to reflect the current assumption.

Ericsson stated that there was no competence in the room to decide whether this WA is correct (it implies UTRAN too).

Conclusion: Point 1 is approved, point 2 is not approved. Used as input paper for the elaboration of the draft LS in OVS-01038 (not approved).

OVS-01023 from AWS: Items for discussion on the TR for optimised voice, sections 7.9, Bearer support for mid call SIP signalling 
AWS propose that for mid call SIP signalling, both FACCH and DTM can be used (the choice being made according to the length of the signalling message).

Discussion: The discussion quickly focussed on the way to identify SIP signalling. A QoS based approach was mentioned, but this cannot be a suitable solution as different QoS can apply for SIP signalling bearers. Anyway, S2 is already discussing the issue, so S2's solution will be used.

Ericsson wondered if FACCH is an acceptable solution. Nokia answered that it's OK for short SIP message. The problem is to identify what is meant by "short".

Vodafone reminded that DTM is also possible on 1+1 (not only on HR), but AWS explained that the worth case is mentioned.

Conclusion: Noted. Used as input to elaborate the draft LS in OVS-01035 (approved as OVS-01044).

OVS-01009 from Ericsson: Configurable Physical Layer - Introduction and performance 
Ericsson propose to introduce a configurable physical layer (FLOC: Flexible Layer One Concept): the CRC, Coding and "Punctunring/Repetition" can be defined for each Transport Channel offered to the layer 2.

Discussion: This has been already presented in GERAN. Nokia mentioned that there were a lot of technical discussions not particularly related to S2 activities, so wondered why this subject was raised at this joint meeting. Ericsson explained that they presented here the results of FLOC, as requested by GERAN, and they have other contributions related to this topic (e.g. 008). They clarified that this is presented here for information only.

The feature is intended to be included in Rel5.

Conclusion: Noted. To be further discussed in GERAN.

OVS-01008 from Ericsson: Header Compression for Optimized Voice Within GERAN: The Link-Layer Assisted ROHC RTP Profile (LLAROHC) 
This paper introduces the Link-Layer Assisted Robust Header Compression, a new header compression technique, supposed to be fully transparent, have an average compressed header "close to 0 octet", provide the exact original header independently of the application. This is compared to Header Removal and Generation, accused to terminate IP in the network infrastructure side, and compared to Header Stripping and ReGeneration, accused to regenerate an header not identical to the original header.

Discussion: Siemens complained that the document was submitted during the meeting, but Ericsson replied that this is only the presentation file: the core document in OVS-01007 was submitted some days before.

The time plan (in slides 16 and 8) seems hard to achieve to AWS and Siemens.

Ericsson recognise that the proposal is not as efficient as header removal with respect to spectrum efficiency, but this is balanced by the other advantages listed in the presentation. But if an operator still prefer to use header removal, this shall be possible: Ericsson's intention is not to replace header removal but to complement it.

AWS wish to have more precise simulation data on the impact of spectrum efficiency.

For Nokia, the 2 essential requirements for optimised voice service are to have the highest spectrum efficiency and not modify the physical layer. Ericsson put in question these 2 requirements respectively by the LLAROHC and the FLOC.

Ericsson stressed that the text is intended to be included in the non normative TR and remarked that some other solutions have been introduced without checking their spectrum efficiency.

Siemens prefer to have a more generic section on header compression.

Conclusion: The actual text proposal is in tdoc 007.

OVS-01007 from Ericsson: Proposal on changes regarding Header Compression to the TR on support for voice optimisation in GERAN 
This is the companion contribution of 008 and 009, introducing all the changes of FLOC and LLAROHC in the TR.

Discussion: Ericsson propose to dissociate the problems and to modify their proposal as to introduce only LLAROHC and to delete the FLOC part.

For Nokia, the document is very ambitious, as it proposes to change important parts of the TR.

The chairman stressed that the S2 involvement to decide on the inclusion or not of this change to the TR is not clear. He also explained that the way of working which consists in having in the TR both agreed and not agreed parts is not clear to him, so he does not want to take the responsibility to include non agreed parts in the TR.

The scope of the TR was then discussed, as it was argued that the Ericsson's proposal was not fitting in the scope of the TR. Ericsson stated that it perfectly corresponds to the scope as described in chapter 1 (Optimised Voice Support in GERAN). Nokia asked Ericsson if they would still consider as being fitting to the scope of the TR a proposal which e.g. do not respect the 200 kHz frame structure...

Conclusion: Not approved. A revised version might be provided by Ericsson later on.

OVS-01010 from Ericsson: Protocol stacks for header removal and header compression 
The tdoc shows two different protocol stacks taking into account the proposal in 007 (for header removal and for header compression).

Discussion: There are some concerns about the overall schemes in general and if they provide any technical value.

Conclusion: Not approved. To be revised off-line and possibly presented again at this meeting.

OVS-01012 from Nortel: impact of TE-MT split study to the TR 
This contribution analyses the way to handle Optimised Voice Service in the case the UE is composed of separated TE and MT.

Discussion: Motorola mentioned that the S1 work on UE split is not stable at all, and the assumptions taken in the beginning of this contribution are not valid anymore ("SIP signalling is at the TE, SIP signalling in not at the MT, AMR coding is at the TE, AMR relay is provided at the MT").

Nortel explained that they base their analysis on the LS sent by S1 as S1-010850.

Ericsson thought it was not the appropriate meeting to answer: the LS is sent to GERAN, so it should be answered by GERAN (with T WGs giving also their comments).

AWS expressed that this is an interesting subject but also share the concern that the work is not enough developed on this subject: the TE/MT interface should be more precisely defined.

Siemens mentioned that the problem is the same for UTRAN, not specific to GERAN.

Conclusion: Noted. The work is still ongoing between several WGs on this subject and is not stable enough to take a decision here.

OVS-01016 from Siemens: Packet Adaptation Specific Non-Access-Stratum Information Transfer 
The concept of "PASNAS" (standing for Packet Adaptation Specific information - Non Access Stratum) is introduced. These optional data can be used to assist the PDCP processor in selecting the appropriate scheme for packet adaptation within the RAN. It can be viewed as a set of “suggestions” from the MS to the RAN.

Discussion: The Traffic Type Identity (specifying what kind of flow is transported: IP, TCP, UDP, UDP/RTP, UDP/SIP, TCP/HTTP) should be extended to support GSM flows.

Siemens stressed that the essence of their contribution is to have some hints given by the UE to the RAN in order to ease and optimise the compression.

Ericsson have some concerns with it, or at least require more time to study it.

Conclusion: Noted. The paper was presented here for information and will be presented again to next GERAN meeting.

OVS-01033 from Motorola: Methods of relaying GERAN/UTRAN codec and header optimisation scheme information to MS/UE 
The tdoc identifies 4 different ways to allow the GERAN/UTRAN to inform the MS/ UE about the networks codec capabilities and header optimisation scheme, and recommend one of them, the “UE capability information” to be used.

Discussion: Siemens and Nortel do not understand the connection between this proposal and the TR, how it relates to the identified solutions with pros and cons listed in the TR.

Nortel stressed that the UE select if header removal is allowed or not, and the introduction paragraph seems to contradict this statement. Also the terms "IUE capability information exchange" is misleading, as it applies to a mechanism in which the GERAN communicates information to the UE.

The scenarios should be more developed before to take a conclusion.

Conclusion: Not approved.

OVS-01041 from Motorola: Using RRC: UE_Capability procedures for the negotiation of parameters for the support of Optimised Voice. 
Revision of 33

Discussion: There were complains by Nortel and Nokia that the document was available too late.

Conclusion: Not approved (postponed e.g. to the next GERAN meeting).

OVS-01024 from Motorola: Proposed procedural description using SIP for optimised voice call for IMS 
Motorola propose complete flows for Mobil Voice Optimised VoIP using SIP sessions. The slides are intended to be included to the TR in an annex as informative example.

Discussion: The general feeling is that the idea to summarise all the flows is very helpful, but there are also some proposals (e.g. UE capability inquiry) in the middle of agreed flows.

Siemens regret this confusion between what is already approved and what is new proposal.

AWS prefer to have references to the relevant TSs or to delete all the non approved flows to keep only the summary part. 

Conclusion: Not approved, but the idea of summarising the flows is widely appreciated and encouraged to be further elaborated in future GERAN meetings.

3. Other IMS topics
OVS-01011 from Nortel: Efficiency of PS Conversational Multimedia Service 
This contribution studies the aspect of splitting one IP multimedia flow into subflows on the radio interface, in order to realise Unequal Error Protection at physical layer, with the focus to determine where the split in subflows should be done (CN or AN). It concludes in favour of the split being done in the AN.

Discussion: The paper was previously presented to SA2, who proposed to have it discussed here. The proposal came from a RAN2 statement saying that UEP might be beneficial in the UTRAN. Ericsson clarified that RAN 2 is not tasked to elaborate UEP in the UTRAN, even if they recognise its benefit.

Nokia wondered about the advantage of the proposal: the gain on the radio should be clearer. This was already presented in GERAN according to Ericsson. Nokia mentioned that there has been discussion in the last GERAN meetig that the gain of UEP would not be higher than 0.4 db and questioned the need of UEP in this case. 

Motorola remarked that the proposal might work as long as the codecs are clearly identified, but wondered how to cater with other types of flows.  Nortel only address the former case in their proposal:  "...do the UEP according to the codec that has been negotiated during the SIP session establishment."

For Siemens, the means are already in place for the CS and should be reused by the PS, so the CN has to be involved. Indeed, the simple indication on how to protect each flow can be dissociated from the actual splitting, the former being e.g. performed in the CN (as it is the case in the UTRAN, for the CS domain) and the later in the AN. 

Before going in details on the requirements, the real benefit of UEP has to be demonstrated. Siemens have no doubt on its interest, at least for speech.

Req.1: "to be as general as possible" is meaningless for Siemens. " be as general as possible in order to" can be deleted.

Req. 2: Motorola wondered if subflows have to be indexed at PDP context activation. This could be a solution.

Then the review of the requirements was stopped due to lack of time.

In summary, there are 2 points:

1) there is no real agreement on UEP in the PS domain 

2) if UEP has to be supported, this has architectural impacts to be studied.

Conclusion: An LS highlighting the 2 issues is provided in tdoc 39.

4. Outputs of the meeting

In addition to the revised versions of tdocs presented just after the original tdoc, the Joint meeting generated the following LSs, proposed to summarise the conclusion and/or to ask the opinion of other WGS. 

OVS-01039 from drafting group: draft LS on UEP for the PS domain 
LS from tdoc 11: it informs S2 that the meeting did not agree whether the benefits would justify the introduction of Unequal Error Protection for the PS domain.

Discussion: Source and title are missing.

Nokia stated that UEP already exists in GERAN, so the wording has to be corrected: " UEP for IMS services in the PS domain" instead of " UEP for the PS domain".

" voice services" has to be replaced by "multimedia services"

Cc to RAN1, RAN2,RAN3, SA4 and GERAN should be added.

Conclusion: Revised to OVS-01047.

OVS-01047 from Joint: LS to S2 (Cc RAN1, RAN2, RAN3, SA4, GERAN) on UEP for the PS domain

Revision of OVS-01039

Conclusion: Approved.

OVS-01034 from drafting group: proposed LS on GERAN involvement in IMS signalling translation 
This LS is on the problem of translation of SIP messages into "something else" when only one party is a SIP user. N3 should confirm that this is transparent to GERAN.

Discussion: S2 should be added in Cc. Source is missing, title is incomplete. 

N3 is already working on the problem, so it's useless asking them. Only the transparency point is relevant.

Conclusion: Revised online to tdoc 43.

OVS-01043 from Joint: LS to N3 (Cc GERAN and SA2) on GERAN involvement in IMS signalling translation 
Revision of OVS-01034.

Conclusion: Approved.

OVS-01035 from drafting group: draft LS to SA2 (RAN2, RAN3, GERAN) on distinguishing between SIP Signalling and speech flows 
Four questions are asked to SA2 on this topic, and particularly if QoS parameters can be used for it.

Discussion: Source and title missing.

RAN3 to be put to the "To" field.

Conclusion: Editorially revised to OVS-01044

OVS-01044 from Joint: LS to SA2 and RAN3 (Cc RAN2, GERAN) on distinguishing between SIP Signalling and speech flows 
Editorial revision of OVS-01035

Conclusion: Approved.

OVS-01036 from drafting group: draft LS to SA2, CN1, SA4 (Cc GERAN) on SIP signalling and Codec issues 
This one is mainly on the relationship between GERAN and the codec negotiation.

Discussion: On bullet 4, before trying to now how the GERAN can enforce the use of AMR, Ericsson stressed that first of all, it has to be wondered if the GERAN can enforce the use of AMR to the far end, which might not use AMR.

Moreover, it seems that the question is more to GERAN rather than to any other group.

On point 3, the question is wrong according to Nokia: the answer is no, there is no way to enforce anyone to use AMR. This should be deleted.

The main question was if there is a constraint from IMS to have only one codec at the end of the negotiation and why, and this does not appear clearly in the LS. But Nokia stressed that even if there would be no reason from the IMS point of view, then the GERAN imposes to have one single codec for support of optimised voice.

Ericsson had a general comment that the questions are not direct and clear enough.

Conclusion: Revised to OVS-01046.

OVS-01046 from Joint: LS to SA2, CN1, SA4 (Cc GERAN) on SIP signalling and Codec issues 
Revision of OVS-01036

Conclusion: Approved.

OVS-01037 from drafting group: draft LS to SA1 (Cc SA2, T2, GERAN) on UE split impacts 
Discussion: Siemens stressed that if S1 does not have a meeting in the near future (recollection was that S1 meets next time in November), this LS will not be of much use as there are other LSs (e.g., from a response LS from GERAN) coming to the same meeting on the same issue.

Conclusion: Not needed.

OVS-01038 from drafting group: draft LS to RAN2 (Cc RAN3, GERAN) 
It is proposed to inform that work at GERAN on handover cases for the optimised voice service using header removal is going on. 

Discussion: Ericsson stated that there is almost zero information in the LS...

The statement on "context transfer" is too fuzzy: an LS has to be sent only once the information contained in the "context transfer" is clarified.

Conclusion: Not approved.

The statement has to be reported in the Section 10 (open issues list), as well as all the content of other LSs.

OVS-01042 from : New version of the TR including all the changes approved at this meeting 
Conclusion: To be sent by e-mail to the S2 and GERAN e-mail lists.
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