TSG-SA4#52 meeting
Tdoc S4-080122
26-30 January 2009, Paris, France

Source:

SA4 EVS SWG Chaiman
Title:
Draft Report SA4 EVS SWG
Participants: 
S. Bruhn (Ericsson), D. Sinder (Qualcomm), K. Järvinen (Nokia), C. Greer (Nokia), M. Jelinek (VoiceAge), R. Salami (VoiceAge), W. Navarro (Mindspeed), Q. Zhang (Huawei), H. Wan (Huawei), M. Xie (Huawei), S. Kendell (Motorola), H. Francois (Motorola), E. Schuijers (Philips), H. Ehara (Panasonic), B. Feiten (T-Mobile), F. Gabin (Ericsson), B. Kovesi (France Telecom), Stéphane Ragot (Orange), Bernhard Grill (FhG), Oliver Kunz (Dolby), Markus Schnell (FhG), Pierre Berthet (France Telecom)
9.1 Opening of the session: Tuesday 27th January 2009
The EVS SWG Chairman, Mr. Stefan Bruhn, opened the EVS meeting at 9.00.
9.2 Approval of the agenda and registration/allocation of documents 675R1
The EVS Chairman presented TD S4-090074R1 (Proposed Agenda for EVS SWG at SA4#52) and proposed the document allocation. It was approved.
9.3 Incoming LSs 
012
The incoming LS from SA1 was reviewed as well as the LS attachment containing the update of the TR. The TR updates made by SA1 were noted.
Mr. Stefan Bruhn (EVS Chairman) presented the LS from SA1 (S4-000012), both the LS body and the LS attachment containing the update of the TR. The TR updates made by SA1 were noted.
The LS body identifies issues of SA1 with the changes in the LS proposed by SA4#51. Specifically, the LS states:

During our SA1#43 meeting, we reviewed the modifications made by SA4 with the following feedback:

1) There is no consensus in SA1 to confirm the addition of the new paragraph in the “Scope” section that addresses Release 9 services.

2) We would like SA4 to confirm that narrowband VoIP service is part of MTSI and will continue to be so in release 9.  Please do so through clarification in the TR and inform SA1 accordingly.

3) SA1 requests that SA4 clarify in the TR whether MTSI in Rel. 9 will continue to allow the use of codecs and/or media types other than those mentioned in Figure 1.

Other than the requests for clarification above, SA1 confirms the modifications made by SA4.

The group discussed this feedback and edited (Editor: EVS Chairman, Stefan Bruhn) the relevant parts of the TR. In order to address issue 1) the group edited the Scope section of the TR. Issue 2) was addressed by a clarifying statement in section 4.3 of the TR. Issue 3) was discussed in more detail under consideration of the input provided in Tdoc S4-090060. The discussion resulted in a modification of Fig. 1 in Section 4.3 and adding a further clarification in the caption text of this figure.

All changes were agreed by the group.

The group discussed further the actions identified in the LS:
SA1 kindly asks SA4 to finalize their portion of the work “Study of enhanced voice service requirements for the Evolved Packet System (EPS) (Release 9)” using the attached version of the TR that represents the final output from the SA1 EVS subworking group. 

Please address the above questions and concerns and provide feedback.
It was concluded that the requested feedback will be provided at a later stage together with the completed TR.
9.4 
Progress on the TR
025, 052, 059, 060, 063, 075, 080
The EVS chairman suggested handling Tdoc S4-090060 first and in conjunction with issue 3) of the received LS (see above). Tdoc S4-090052 would be presented and discussed then as it addresses general aspects of the SA4 part of the TR. Possible changes to the TR would be done immediately afterwards. The remaining documents would be presented in sequential order as they contain specific aspects followed by short discussions. Editing of the TR would be done en-bloc after these presentations and discussions, subsection by subsection.   
This procedural proposal was agreed.
Mr. Daniel Sinder (Qualcomm) presented Tdoc S4-090060. 

The contribution addresses issue 3) of the received LS (S4-090012). The contribution was discussed. Nokia and Ericsson pointed out that the wording (media types) is not correct, relevant specification are 3GPP specifications (TS 26.114) and not that of IETF terminology. It was agreed to use terms "speech media component " and codecs. The group agreed on changes of section 3.4 of the TR and the editor of the TR (EVS chairman) implemented them. Mr. Kari Jarvinen (Nokia) suggested sending the updated TR to SA1 when agreed and ready for approval and not at this meeting which would be premature. The document was noted.   

Mr. Craig Greer (Nokia) presented Tdoc S4-090052.
The point of the contribution was to clarify that the purpose of the work item is significantly higher quality, not efficiency only. 

The contribution triggered two major discussions. One discussion addressed the interoperability requirement. On the general perspective Qualcomm did not accept the suggested interoperability if understood as bitstream interoperability. In this discussion Qualcomm stated their position that bitstream interoperability is not compatible with efficiency. And also that bitstream interoperability is not needed, since the new EVS terminals will support also AMR NB and AMR WB codecs. Interoperability can hence be achieved by codec negotiation. Orange highlighted that bitstream interoperability would be a necessary feature for conferencing. FhG commented that MCUs will decode to PCM, sums inputs and re-encode, and can re-encode in different formats so interoperability is still not needed. Voiceage responded that bitstream interoperability enables intelligent and efficient mixing rather than transcoding and mixing in the PCM domain. Panasonic stated that interoperability is interesting for manufacturers for implementation. Voicage stated that interoperability is possible in an efficient way, as exemplified with G.718. There was further a discussion about the use cases gaining from bitstream interoperability. Ericsson pointed out various use cases in the Annex of the draft TR that would imply a requirement for bitstream interoperability. Among them especially the use case was highlighted on mobility with handover between cells with and without EPS support and those where the codec to be used throughout the session could not be negotiated upfront. Qualcomm still maintained with their position that this would not really motivate the bitstream interoperability requirement and requested more technical justification. 
In order to conclude the discussion the EVS Chairman asked participants to indicate their position towards a bitstream interoperability requirement. Seven companies (Ericsson, Nokia, Motorola, VoiceAge, Orange, T-Mobile, Panasonic) indicated support, three companies (Qualcom, FhG, Dolby) indicated opposition. The EVS chairman concluded that there was no consensus.
There was further a discussion of how much focus of the EVS should be on transmission efficiency. 
Qualcomm stated their position that extending audio bandwidth beyond wideband and support of stereo or multichannel are not the only way to have better user experience and even questioned if provisioning of such capabilities would necessarily lead to enhancements of user perception. Accordingly, there should also be a focus on coding efficiency and quality enhancements for NB and WB speech. Orange argued that the perception of SWB in mobile environment should be tested. They pointed out that terminal equipment would likely need to be adapted in a similar way as was done with adapting the terminal acoustic specifications for proper support of wideband speech. Orange pointed out that there was no conflict between quality enhancements on the one hand and coding efficiency on the other hand as is exemplified with EFR and AMR-WB both operating at essentially the same bit rate but with a substantial quality benefit with AMR-WB. Ericsson added that the service requirements on quality of user experience and efficiency cannot be separated. Rather significantly enhanced user experience should be provided in an efficient way. A sole focus on efficiency without providing significantly enhanced quality over what is possible with existing narrow and wideband codec would hence be wrong.
The document was noted.

The group made an attempt to edit the introduction of section 6 of the TR (High level technical requirements on voice codecs) according to the suggestion made by Tdoc S4-090052. The following text was edited though could not be agreed. It was however concluded to move the text to this report and to revisit it at a later stage again. 
To achieve the system and service requirements defined in Section 5, the EPS voice codec(s) should focus on delivering higher bandwidths (beyond wideband) and increased number of channels. Efficiency and interoperability are important.

[Editor’s note: No agreement was achieved about how to achieve interoperability and more input is invited]

Other achievements can be made including for instance encoding of WB speech at a lower bit-rate for still higher network efficiency, as well as enhancing WB quality performance (e.g. higher quality WB speech in conjunction with improved error robustness), however these other achievements should not compromise the main goal of providing enhanced user experience. 

Mr. Hiroyuki Ehara (Panasonic) presented Tdoc S4-090025

Comments where raised on the proposed bitrate constraints, on the background noise test conditions and on the suggested variable bitrate and embedded scalability.
The document was noted.
Mr. Daniel Sinder (Qualcomm) presented Tdoc S4-090059

In response to a question on proposed noisy speech requirements, Qualcomm clarified the proposal to compare EVS codec with references with 10 dB higher SNR. This assumes that state of art noise reduction should be used.

In a discussion about the proposed speech requirements VoiceAge pointed out that most of them are met by G.718, so they are feasible.

It was further commented by Motorola that the wording of the table 2-1 "better quality for NB and WB” was in conflict with the required set in the TR22.813 which would imply “better quality than NB and WB”. Qualcomm replied the word "for" could be changed to "than" though insisted that their interpretation is properly expressed with the formulation in their document. Nokia commented in that context that the TR22.813 section 5.2 does not impose the use of NB. Qualcomm remained with their position that improvements are possible and should be required in NB, WB and SWB. France Telecom commented about the proposed NB capability for the EVS codec given Qualcomm’s position that there should be no requirement for bit-stream interoperability with legacy AMR; In this case this operation mode could only be used between EVS terminals and the question would then be why not use at least using WB. Qualcomm replied that NB might still offer lower bit rates and could hence be preferable for operators (example 6 kbps with the quality of EFR). Orange questioned that the gain in EPS environment with headers would be significant. Ericsson commented that AMR-NB has already today offers such low bitrates with suitable quality. The gain will hence merely be a slight quality improvement. Ericsson commented that it would hardly be justified to spend much development effort on a completely new NB solution.

Panasonic pointed out that "automatic detection of music" is a design constraint and not a requirement.

FhG commented on the suggested music requirement with eAAC+ as a reference that such a requirement would be very challenging given much lower bit rate and allowed codec delay for the EVS codec.
Nokia questioned if the nature of the EPS error pattern is really bursty as claimed by the contribution. Qualcomm indicated that they were not quite sure on that.
The document was noted.
Mr. Stefan Bruhn (Ericsson) presented Tdoc S4-090075

The suggestion is to allow flexible setting of the delay to allow for optimization on the overall end to end delay. Daniel Sinder (Qualcomm) thought that it was not appropriate to use G.718 as an example of how things are and that coding gains and efficiency may come also from other trade offs. Mr. Stefan Bruhn (Ericsson) thought that this was part of our task to look at state of the art speech coding and that no one is currently doing better than G.718 when it comes to lower rate of the core codec even though it is not a direct candidate but probably a good reference. 
The document was noted.
Mr. Stéphane Ragot (Orange) presented Tdoc S4-090063

The document triggered a discussion on market aspects implied by the introduction of new codecs. Orange pointed out that they don’t want to confuse the market by replacing AMR-WB or introducing a codec that is not interoperable. Consequently, the first priority is higher bandwidth rather than wideband. In reply Qualcomm requested clarification on the term "market confusion".

Orange clarified that codecs operating on the same bandwidth would force to make a choice e.g. at session setup. There might be different codecs used by different operators and interoperability issues could arise. There was agreement in the group that a new EVS terminal should at least support AMR-WB. Qualcomm however still pointed out that this doesn’t preclude the EVS codec to comprise a new WB encoding format that would not be compatible with AMR-WB. T-Mobile clarified that it would confuse actors to adopt AMR-WB if EVS supports WB. Also market confusion could delay the roll-out of 3GPP wideband speech service. Orange stated that in short term they would like to increase the status of AMR-WB support. EVS is regarded a longer term issue.
The document was noted. 
Mr. Stefan Bruhn (Ericsson) presented Tdoc S4-090080

Mr. Daniel Sinder (Qualcomm) noted that P.800 specified that naïve listeners should be in this test and not expert listeners. He thought that expert listeners have this pre-conception that wider bandwidth is better and the ability to detect it. It was countered by others (Panasonic, Ericsson) that their experience is rather the opposite. Usually, naïve listeners prefer larger bandwidths. VoiceAge commented that according to their experience there is usually high correlation between tests with naïve and expert listeners. Qualcomm did not agree that this test proved that only small improvements could be made in NB and WB. The group agreed that improvements could be made in SWB in EVS. The document was noted.

After discussing the contributions 025, 059, 075, 063, 080 the group turned back to editing the draft TR. Only section 6.1.1 (audio bandwidth design constraints) was addressed due to lack of time.

There was consensus to recommend mandating the support of the 32 kHz sampling rate with a 50-14000 Hz bandwidth (SWB). FhG wondered why mandating 32 kHz and not 48 kHz sampling rate, but there was no agreement on this suggestion. 

The further support of 16 kHz resulted in a longer debate. Bernhard Grill (FhG) questioned the need for WB support. Stéphane Ragot (Orange), supported the inclusion of WB at least for interoperability but didn’t require any emphasis on WB. Qualcomm stated they didn’t agree to focus on SWB. A discussion took place on the wording and on whether the I/O sampling frequency, frequency mask or internal sampling frequency should be used to define the audio bandwidth supported by EVS. It was finally agreed that this bandwidth should be supported. 

Regarding NB support, based on Tdoc S4-090080 showing limited potential improvements, Nokia and Ericsson did not think it was relevant to add NB in the supported audio bandwidth. Qualcomm did not agree and thought improvements could be made in NB and that the TR should recommend that NB may be supported. Orange said that the focus should be on SWB and stereo extension on top of WB. It was agreed to highlight in these meeting minutes that further input is invited motivating NB audio bandwidth design constraints.
The EVS chairman closed the meeting on 28th January at 13.10.
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