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Opening of the session: Wednesday 2th June 2008
The EVS SWG Chairman Mr. Stefan Bruhn (ETSI) opened the meeting and proposed to nominate Mr. Stéphane Ragot secretary of EVS SWG. This proposal was agreed.
Mr. Stephane Ragot, also Editor of DraftTR 22.813 for SA4, then acted as secretary. At this meeting Mr. Stefan Bruhn was acting Editor of DraftTR 22.813.

Registration of documents

The EVS Chairman proposed the document allocation (see agenda in TD S4-080428).
S4-080327 LS on Enhanced Voice Codecs for the Evolved Packet System (EPS):
3GPP SA1 thanks SA4 colleagues for the review and feedback on the draft TR 22.813 “Study of Use Cases and Requirements for Enhanced Voice Codecs for the Evolved Packet System (EPS)” contained in the LS. The inputs from SA4 have been agreed by SA1 and integrated in the current version of the draft.

During SA1#40 meeting, section 2 “References” was updated, clarifications were done on section 5 "Use Cases" and the skeleton was defined in Section 6 "System and service requirements". The next SA1 meeting needs to focus on the text in section 6.  

We kindly ask SA4 to review the updated draft TR22.813 in attachment. We are looking forward to getting updated on your progress and welcome feedback on the parts contributed by SA4 in the attached document. 
This is a joint effort between SA1 and SA4. We kindly ask SA4 to review the current state of the document and to provide input to the sections that are the responsibility of SA4.  Any feedback is welcome in the form of an LS.
Comments / Questions:
The SA1 changes to draft TR 22.13 were reviewed (clause by clause). The text in Section 5 was shortened. The audio conferencing was talking on network architecture and SA1 proposed to pull out some text.

In Sec. 5.2 it was commented that the priorization of wideband over narrowband is a good thing to promote wideband, still a high bit rate narrowband codec may give better quality than a very low bit rate wideband codec.
Sec 5.7 on access to media server brought up more discussion: The conversational character of this use case was questioned. The signal seems to be not originating from a terminal but from a media server (i.e. music on hold when it is sent to a server). This might be solved by payload type signalling of the content (e.g. to indicate "this is music") for use of existing audio codecs. Stéphane Ragot (Orange SA) clarified that the intention of Sec. 5.7 is to bring attention on mixed content and not just speech.
It was explained that in 3GPP SA1 there is not yet consensus on all use cases. It was asked whether mixed content nature of the signal implies switching between speech codec and music codec.

In Sec. 6 quality and complexity were felt by some people to be SA4 areas rather than service requirements.
Mr Eyal Shlomot (Huawei) commented that there is an issue on concentrating only on codec requirements, while codecs have a negligible impact on overall system quality. He asked whether noise suppression and jitter buffer management are in the scope (as done in 3GPP2).
As for Sec. 7, Mr. Käri Järvinen (Nokia) recalled that SA4 previously identified areas for requirements by defining headers. Now SA1 has adopted the same process. Therefore we might focus on the headers for this meeting. He recommended that the usual SA4 approach be adopted: distinguish design constraints (complexity…) and performance requirements (quality…)

Conclusion:

EVS SWG will draft an LS in response to SA1. In particular the distinction between service and codec requirements for performance/quality aspects will be discussed in a soft way.

S4-080303 On enhanced voice service requirements for the Evolved Packet System, from Orange SA, France Telecom was presented by Mr Stéphane Ragot.

Questions: 

It was clarified that the proposed test results for inclusion in TR 22.813 are from ITU-T characterization of G.722.1 Annex C (they were provided to SA4 as two 3GPP audio codecs were used as reference codecs).
It was pointed out that in practice that there are many parameters influencing quality, not just the codec, and that extending bandwidth may not systematically yield better quality (issues with background noise).

It was also commented that the MUSHRA methodology may have shortcoming. Indeed it assumes that the reference is the best quality and that the goal is to minimize distance to the original signal, which may not be the best to do for signal with background noise. Another issue with the MUSHRA methodology is that it assumes using experts, which will detect very well bandwidth difference, while non-expert people may not score in the same way. One conclusion could be that we need a new type of testing (e.g. if MUSHRA is not liked).

This document was noted.
Discussions then focused on taking Draft TR 22.813, addressing comments on the LS from SA1, and reviewing proposals from the S4-080303.
Sections headers in Section 7 were first discussed. It was agreed to split codec requirements in design constraints and performance requirements. In existing Draft TR 22.813 there were questions on the nature "diverse signals". Editorial rewording was done to separate "voice quality" and "quality for music and mixed content"
It was felt premature to include the proposed headers “Scalability” and "Flexibility to support classical signal processing algorithms" from S4-080303 – inputs from SA1 would be needed before including such requirements. The proposed header “transcoding performance” was added, however with a note that even on this item more input from SA1 would be needed.
In the meantime, existing sections were re-discussed, e.g. bit errors should not be considered in LTE which is a packet switched system, while robustness to jitter is important.
Mr. Eyal Shlomot (Huawei) invited the EVS SWG to consider the quality problem from a system point of view, putting noise suppression and jitter buffer management into play and not just codec-specific aspects. 
The text proposals from S4-080303 were then discussed. Mr. Stéphane Ragot (Orange SA) proposed to consider adding text in Section 7 of TR 22.813 on bandwidth and interoperability.

Clarifications were asked on the meaning of bitstream interoperability and interoperability of existing systems.

It was felt by some organizations premature to add any requirement for bandwidth until test results show the real advantage of superwideband over wideband, especially for speech. Some organizations also expressed that SA4 requirements depend on SA1 requirements, and the work of SA4 EVS cannot really progress until Section 6 in TR 22.813 reaches a sufficient level of completion. Therefore, no much progress can be made in SA4 until service requirements are defined by SA1. To solve this issue, SA4 could propose to progress the EVS topic in joint SA1/SA4 meetings.
Mr. Stéphane Ragot (Orange SA) was appointed to draft the reply LS to SA1 including in attachment the edited Draft TR 22.813 during this meeting (TD S4-080429).
The meeting was closed on Thursday 3rd July, 2008 at 20:15 hours.
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