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1.
Opening of the conference call 

The SA4 MTSI SWG Chairman, Kari Järvinen (NOKIA Corporation), opened the conference call at about 16:00 hours CET on December 3, 2014. He requested the participants to send an email to the secretary (about them attending the call) so that the list of participants can be prepared.

Tomas Frankkila volunteered to prepare a brief report of the conference call.
2.
Approval of the agenda and registration of documents
The MTSI SWG chairman (Kari Järvinen) presented S4-AHM220 Proposed agenda for SA4 MTSI SWG conf. call #2 on QoS End-to-end MTSI extensions (QOSE2EMTSI).

The proposed agenda in Tdoc S4-AHM220 was approved. The Tdoc allocation is included in S4-AHM220R1, which was approved.
3.
Reports and liaisons from other groups
There were no relevant reports or LSs.

4.
QoS End-to-end MTSI extensions (QOSE2EMTSI)

4.1
Discussion on requirements
Paul Szucs presented S4-AHM221 “Discussion on media source control for end-to-end QoS” from Sony Mobile Communications.
The contribution describes a new use case for scenarios where the UE to take into account the listening and viewing conditions in the receiving terminal and thereby adjusting the video and/or encoding parameters, to save power or communication bandwidth.

Kyunghun Jung (Samsung) had questions on the information that is sent back to the sender, what type of information this is and how this information is used by the sender. Paul answered that this would be a new type of information.
Stephane Proust (Orange) wanted clarifications on the relationship between the ambient conditions and how the encoding is changed for certain conditions. Paul answered that under e.g. dark conditions then the bitrate can be reduced since one then don’t need so much contrast. The behaviour would not need to be specified.
Thomas Belling (NSN) commented that the use case seems to be outside the scope of this study, which is about making the network aware about the QoS requirements and not so much about the interaction between the end-points. It should be clarified what impact this has on the networks.

Kari Järvinen (Nokia) had the same comments/concerns as Thomas B.

Conclusion: S4-AHM221 was noted.
Tomas Frankkila presented S4-AHM222 “Proposed requirements for improved end-to-end QoS handling, update” from Ericsson LM.

Tomas described that this is an updated version of S4-AHM219. The main changes are in the proposed requirements, to make them more generic and to follow the style of the already agreed use case. Otherwise, the gaps are mainly the same as in S4-AHM219 except that the discussion on the EVS codec has been moved to the new use case K.
Use case A:
No discussion since no gap was identified for this use case.
Use case B:

Tomas described that the description of the proposed requirements have been changed to use the style “…make the networks aware…”. This is more generic because one don’t define from where this information comes, just that the network is (somehow) made aware of this information. 

Tomas also clarified that he had divided the requirements to handle one property each, e.g. to have separate requirements for; minimum and maximum bandwidth; separate requirements for minimum required and desired bandwidth; and separate requirements for sending and receiving direction.
Kyunghun asked for clarification on “network”, if it is eNodeB, IMS, core network or all of this. Tomas clarified that this basically means the IMS operator, not any specific note but any node that handles resource allocation.

Thomas Belling (NSN) asked for clarification on the last requirement, what “extra bandwidth” means and if this is in addition to the minimum or the maximum bandwidth. Tomas clarified that the extra bandwidth would be the difference between the session bandwidth and the codecs maximum bandwidth, and that it could for example be used for redundancy. Thomas B considered it confusing if the extra bandwidth e.g. for redundancy would not be included in the maximum bandwidth for the codec. Tomas F clarified that the maximum codec bandwidth is the maximum bitrate that the encoder can use for the source coding, and that it is possible to allocate a larger bandwidth for the transport. Thomas B wondered if it matters for the network if the bandwidth is used for redundancy or for the codec. Tomas F referred to the resource allocation that can use codec specific information which does not include any bandwidth for redundancy. If the network would set MBR based on the codec bandwidth, thereby overriding the session bandwidth, then it would not be possible to use the extra bandwidth for redundancy. This causes confusion, if the codec bitrate and the session bandwidth are not aligned. I.e., if the extra bandwidth is intended to be used for something or if one should do resource allocation based on the codec bandwidth instead of the session bandwidth. Thomas B suggested that one should then instead say that the network should be made aware of the amount of used redundancy, or similar, and that this should be used in codec specific algorithm. Thomas B commented that it was too vague to only give an example of the possible usage of the extra bandwidth. Tomas F asked if the preference would be to signal more specifically what was intended with the extra bandwidth. Thomas B answered that this would be better, or that one signal how many times each frame is sent instead of signalling bandwidth. Then the codec specific algorithm could figure out the related bandwidth.
Thomas B asked for clarification on the first three requirements and commented that these were very similar to the already agreed formulation, which would be preferable. Tomas F confirmed that the existing requirement already covers the three first requirements, but the intention was here to present individual requirements, which can then be grouped together at a later stage. The existing requirement is an aggregation of several individual requirements. Thomas B commented that the requirements seemed like solutions. Tomas F asked for clarification. Thomas B answered that the new requirements indicated that several bandwidths would be defined in the SDP offer, e.g. for different payload types, which is only useful in the SDP offer, while the existing requirement described negotiated bandwidth. And in the SDP answer one only have one payload type. Tomas F commented that there can be several payload types in the SDP answer, not even after a second SDP offer-answer, if they use the same codec. Thomas B answered that the network ultimately only needs to know the bandwidths for the session, in both directions, and that the SDP offer is not so useful. Tomas F could agree to this.
Tomas F commented that this use case not about bandwidths for individual payload types but rather that the codec specific is not enough, at least not the existing information. Thomas B would not necessarily disagree with this, that it is clear that the bandwidth for redundancy is not covered today, that the bandwidth in the offer direction is also not covered by b=AS, and that we also need something for the minimum bandwidth.
Thomas B suggested that the requirements should be on a higher level. Tomas F clarified that the intention was here more about how to document the individual (“atomic”) requirements then how they are grouped to more high-level requirements, i.e. how to structure the report. Thomas B commented that many of the requirements seemed to be quite similar and that repeating them many times might be confusing. He proposed to only have the existing requirement instead of the three first requirements. Tomas F answered that it would be no problem to have more high-level requirements but that one should document how one get to those requirements so that one don’t forget them in the discussion on the solutions. Thomas B suggested that it might help to add the atomic requirements in a note. Kari Järvinen (Nokia) explained that he also considered the atomic requirements as explanatory description instead of actual requirements.

Kari suggested keeping the existing requirement as is and consider how to document the three first atomic requirements for the January meeting.
For the fourth requirement, Thomas B suggested that the requirement could describe that it should be possible to make the network aware of the amount of redundancy to be used and perhaps to say in brackets or in a comment that a codec specific algorithm could then take this into account.

It was agreed to keep the existing requirement as is in the TR and to add a note about the atomic structure related to the first three requirements. It was also agreed to add a requirement on making the network aware of the amount of redundancy to be used, with comment a comment that a codec specific algorithm could take this into account.
Further editing was left for the January meeting.
Use case C:

Thomas B asked for clarification on the difference between the minimum desired bandwidth and the minimum supported bandwidth. He suspected that one is from the UEs perspective and the other is from the networks perspective. Tomas F clarified that this is about what quality levels one want to have in the session. The minimum desired bandwidth is the quality level that one would like to ensure for the session, for example AMR 7.4 kbps in most cases while it is still allowed to adapt down to 4.75 or 5.9 in exceptional cases, e.g. if the channel gets very bad. The minimum supported bandwidth would be limited by the mode-set that is negotiated, for example {4.75, 5.9, 7.4, 12.2}, even if it would be desirable to have a higher quality for most cases. An example of the impact for the network would be that GBR would be set to correspond to AMR 7.4 instead of AMR 4.75.
Thomas B asked whether it was envisioned to negotiate two minimum bandwidths. Tomas F answered that the desired minimum bandwidth would be used to set GBR but this does not prevent adapting to lower bandwidths if needed. Thomas B stated that it might be overkill to have two parameters. Tomas F clarified that it is not proposed to add more QoS parameters for the bearer setup, and one would still use the normal MBR and GBR parameters for this. The new parameters would exist only in SDP.
Thomas B wondered if this is per payload type (similar to what is discussed above in Use case B for the existing requirement) or if this is the negotiated bandwidths for the session.
Thomas B wondered if it is covered to signal both the minimum desired bandwidth as well as the minimum supported bandwidth. Tomas F answered that the minimum supported bandwidth is already signalled with the mode-set, or if this is not included then it is what the codec supports.
Thomas B suggested that, if one wants to define a requirement on desired bandwidths, then it should be formulated in the same way as for the existing requirement on minimum and maximum bandwidth requirements. Tomas F agreed with this and proposed “It should be possible to make the network aware of the minimum and maximum desired bandwidth requirements negotiated between the UEs for each media direction, if this is different from the supported bandwidths”. The “maximum desired bandwidth” is not discussed in this use case but rather in Use case K for the EVS codec.
It was agreed to add this requirement, given that to the need for “maximum desired bandwidth” is to be reviewed later when discussing Use case K.
It was also suggested that Tomas F describes the atomic structure in a note, or similar.

Thomas B suggested that the existing requirement should be updated to talk about the “supported bandwidth”, and that the difference between “desired bandwidth” and “supported bandwidth” should be described.
Use case D:

Tomas F described that the difference in this use case was to describe the bitrate for the sending direction, but otherwise this use case is quite similar to Use case B.

This is already covered in the existing requirement. No new requirement is needed but it should be described in a note or comment that this is already covered by the existing requirement.

Use case E:

Tomas F described that the gap is similar to the gaps for Use cases B and C and that it should therefore be no need to add any new requirement.

No new requirements are needed for this use case.

Use case F:

Tomas F described that for video there is no explicit or even implicit signalling of the minimum supported or desired bitrates, but the requirements would still be the same as for Use case C.

No new requirements are needed for this use case.

Use case G:

Tomas F described that there are codec parameters to indicate the general codec level and if a higher codec level is supported in the receiving direction. The general codec level could then be used to calculate the maximum bandwidth for the sending direction, at least if it is assumed that redundancy is not used for video. In such case, the requirements listed for Use case D applies also here.
No new requirements are needed for this use case.

Use case H:

Tomas F described that this this use case is when the video bandwidth for the sending direction cannot be derived from the general codec parameters. The bandwidth for the sending direction is already discussed in Use Case D, for speech. With this then the same requirements apply also here.
Thomas B commented that it is stated here that the requirements are the same as for Use cases D and G. But for Use case G it is already stated that the requirements are the same as for Uses case D, so it would be sufficient to state here that the requirements are the same as for Use case D.
No new requirements are needed for this use case.

Use case I:

Tomas F clarified that there is a typo in the proposed requirements. The text describes a reference to use cases “D and E” while this should be “C and E” to be aligned with the gap.

It was described that these requirements are already handled by the new requirement agreed for Use case C.

No new requirements are needed for this use case.

Use case J:

Tomas F described that this use case is for bitrate variations and that the TR already included a proposed requirement in brackets. The proposal is to do some re-wording:

· Replace “It should be possible to make the clients aware…” with “It should be possible to make the clients aware…”; and to:

· Add “e.g.” before “policing functions”, to describe that this is an example where this information could be taken into account.
The following updated requirement was agreed: “It should be possible to make the clients aware of what bitrate variations are allowed or how the bitrate average is calculated, e.g. in policing functions.”

Use case K:

Tomas F described that the main differences between the EVS codec and the legacy AMR and AMR-WB codecs are:
· The EVS codec supports a much larger bitrate range (5.9-128 kbps) and that the quality levels can be very different or at least clearly audible. For AMR and AMR-WB the quality of the different codec modes are still quite close. This motivates signalling also “what one want to use” and not only “what is supported”.
· The EVS codec also supports multiple audio bandwidths.

Hence, if SWB is offered then one should still offer also NB and WB, and also to adapt the lower bitrates to improve the interoperability with other networks that may want to do different things. However, in this case it is not clear from the negotiation how one would like to use the codec and how one would like GBR to be set. Most new requirements have already been discussed. The new requirement here is to negotiate the maximum desired bandwidth. With the new requirement described in Use case C then these atomic requirements are already covered.
It was agreed that no new requirement is needed since it is already covered by the new requirement from Use case C, with the motivation for the maximum desired bandwidth included here.

Overview of proposed requirements:

Tomas F described that the table was included just to summarize the atomic requirements. It was agreed that the table is not needed in the TR.

The summary of the discussions is:

· Keep the already existing and agreed requirement as it is.

· Add a new requirement on minimum and maximum desired bitrates, as described above for Use case C.

· Add a new requirement that it should be possible to make the network aware of the intended amount of redundancy.

· The requirement on bitrate variations should be updated as described above for Use case J.

· The “atomic structure” of the requirements should be described in notes (or similar). How this is captured in the TR was left for the editor to consider.
Thomas B reserved the right to further consider the new requirement on desired bitrates since this could lead to different responses in different networks if some of the use the minimum supported bandwidth to set GBR while other networks use the minimum desired bandwidth.

Conclusion: S4-AHM222 was noted.
The chairman expected that there will be a lively off-line discussion before the next meeting.

4.2
Initial discussion on solutions

No contributions.
4.3
Other issues

No contributions.
5. 
Review of the future work plan
The work plan and the activities planned for the January meeting were reviewed.

The MTSI SWG Chairman encouraged the participants of the call to progress the work offline until the next SA4 meeting.
6. 
Any Other Business
None.
7. 
Close of the conference call

The MTSI SWG Chairman thanked all the participants and then closed the conference call at about 17:49 hours CET. 
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