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1 Introduction
In the EVS study item, we recognize that some items have been discussed in detail and arguments have been brought for or against a feature although agreement has not been reached in some cases. Examples are interoperability and bandwidths. 
Several further issues were not yet discussed in sufficient detail and depth, and they remain unresolved in the current EVS study item. We present and discuss three such open issues, and present proposals for addressing these open issues.
2 Stereo and Multi-channel
2.1 Lack of Relevant Supporting Evidence
Although several contributions in support of a recommendation for stereo and/or multi-channel capability in EVS have been presented in SA4, little evidence regarding the benefits of this capability has been provided for conversational speech applications.  Tdoc S4‑090494 cites three references (references 7-9 in that document) as showing the benefits of spatial rendering.  However, these references do not directly support the benefits of stereo/multi-channel capability since they only address the benefits of spatial audio rendering.

All three papers show that intelligibility in the presence of competing talkers increases when spatial audio rendering is used to synthesize spatial separation of multiple monophonic.  While this is certainly interesting, spatial rendering of multiple mono audio streams can be realized at a receiver without stereo/multi-channel encoding, and without any specification from 3GPP.
Furthermore, the cited papers do not compare the enhanced intelligence provided by spatial rendering against other techniques for dealing with competing talkers and/or noise.  It is likely that other technologies – such as steered microphone arrays, multi-microphone noise suppression, and active noise cancellation – may provide superior results in these cases, especially when used in combination.  Since terminal support for stereo/multi-channel voice comes at a cost in terms of hardware, device size, and network capacity, the benefits must be compared with similar benefits from alternative technologies that compete for terminal resources.

In the most general conferencing scenario, a conference room with multiple participants is connected to similar rooms and to individual callers.  Thus, further evidence is needed that stereo/multi-channel capture indeed provides the benefits claimed in the references, and that such capture can be combined with other mono streams with the same enhanced experience.  

2.2 Proposal for Stereo/Multi-channel in EVS

Due to the terminal costs required to support stereo, the lack of evidence presented in 3GPP in support of stereo/multi-channel, and the uncertainty of the quality enhancement it would provide, it is unnecessary for the current study item to recommend anything beyond optional support of stereo or multichannel.  If not provided natively by the codec, multiple monophonic coding can be realized by appropriate packetization technique.
3 Enhancement of Narrowband and Wideband Codecs
Two contributions at the last SA4#54 meeting, Tdocs S4-090430 and S4-090469 address the improvement of existing 3GPP codecs. We feel that it is an important undertaking to be considered and propose to discuss all details before jumping into EVS standardization work.
3.1 Enhancement of Narrowband

For narrowband, coding technology has evolved since standardization of AMR in 1999. We see the opportunity with introduction of LTE to have better speech quality than in pre-LTE systems. Quality means in this context a broad term including improvements in terms of speech quality, bit rate, delay, music quality etc., hence including capacity aspect as well. An enhanced service quality can be achieved by developing an enhanced narrowband codec.

3.2 Enhancement of Wideband

The motivation for enhancement of wideband coding may be equally high, especially at low bit rates and for music performance. The most referenced bit rate of AMR-WB is 12.65kb/s. As it is well known, the subjective quality at 8.85 and 6.6 kb/s is limited, these modes were included in the default codec set for fallback purpose only, i.e. to maintain connection for short periods of bad radio conditions.  Furthermore, the quality - bit rate - complexity tradeoff of AMR-WB (at 12.65 kb/s, for example) seems to be not optimal to serve as a core coder of EVS if a layered approach should be followed. Rather a new WB codec should be proposed for this purpose that represents a significantly better quality - bit rate - complexity tradeoff.
3.3 Enhancement to AMR-WB

Some proposals for EVS have focused on enhancing AMR-WB for EVS.   Standardizing an improved version of AMR-WB would provide improved quality even in AMR‑WB – to – AMR‑WB connections, provided the generic AMR-WB specifications would be enhanced. However, we believe that this work is outside the scope of the EVS discussion since it affects CS as well as other systems beyond LTE which is the target system of EVS. Hence we suggest a decoupling of this discussion from the EVS discussion. Possibly a separate work item could address this enhancement.  A separate work item would have the benefit of enabling more rapid deployment of these enhancements, rather than postponing their deployment until deployment of EVS, which may be several years away.

Tdoc S4-090469 also speculates that if legacy interoperation is not provided through the use of AMR-WB, then the success of the new enhanced WB services will be jeopardized:
As a consequence, although these customers have purchased new and more powerful and expensive terminals implementing new EVS codec and promising enhanced quality they could fail in practise to experience such claimed quality improvement in current usage : improved quality will be experienced only in a very few percentage of the calls which may dramatically endanger the success of new WB EVS services especially during the critical emerging phase.
It is worth noting that this argument precisely is applicable to the existing 3GPP WB voice services as well.  New terminals supporting existing WB services can interoperate with legacy NB terminals only by using the existing NB service.  By this same logic then, the success of existing 3GPP WB services (AMR-WB) may be endangered because during the critical emerging phase when only a very small percentage of calls from new AMR-WB terminals will experience improved quality over NB.  As such, legacy WB services should not serve as a foundation for future enhanced services since the ultimate success of the legacy WB service is not yet ensured. Hence we think a new WB coder is well justified in the context of EVS.
4 Interoperation with non-3GPP Access Networks
Tdoc S4-090469 also speculates that requiring that the EVS codec has AMR-WB bit-stream interoperability would enable non-3GPP terminals supporting the EVS codec but not AMR-WB to interoperate with all AMR-WB legacy.  Of course it is pure speculation that non-3GPP terminals will support the EVS codec.  Such terminals could support any number of codecs, some of which may also have AMR-WB bit-stream interoperability, such as the new G.718 codec from ITU-T.  It is also possible that AMR-WB will be widely supported in non-3GPP terminals and EVS will find little or no support outside 3GPP.  In these cases, AMR-WB bit-stream interoperability in EVS has no bearing on the quality of interoperation with non-3GPP terminals.  As the great American baseball player Yogi Berra once said, “It's tough to make predictions, especially about the future.”  Since the future is unknown, 3GPP should avoid specifying codecs for the express purpose of interworking with non-3GPP access technologies.

This same conclusion also has been reached by SA1 as an outcome of their work on EVS.  In Tdoc S1‑082142, it was similarly proposed that the scope of EVS should include the consideration of non‑3GPP access to the EPC.  However, SA1 decided (in plenary) that individual codecs should not be specified when considering non-3GPP access.  In the SA1#41 meeting report [Tdoc S1‑083388], the details of this decision is made very clear with nearly a full page of notes.  As it is noted there:
 “The Chairman summarized: legacy codecs are outside the scope of common IMS. 3GPP had already finished some work supporting interworking. New codecs needed to be specified for new services. These codecs might be common to all, but endorsement of this outside 3GPP was not 3GPP's responsibility. 3GPP had, however, to take interworking into consideration, without specifying individual codecs.”

The final statement from the Chairman is reported as follows:

“The Chairman warned that 3GPP requirements were limited to a need for transcoding capability, without discussing further the precise method.”
If SA4 chooses to ignore the decision made by SA1, then further study is needed to give due consideration to all non-3GPP access technologies and their potential impact on future 3GPP services.  For example, optimized interworking with other mobile access technologies perhaps should be prioritized over interworking with fixed access networks.  Mobile operators that expect to provide services over more than one access technology might find this particularly appealing.
Since transcoding performance is addressed in the TR as it is currently written, we propose that the existing text of the TR covers the necessary requirements for interoperation with non-3GPP networks.
5 Conclusion
This document highlights several remaining open issues in the consideration of enhanced voice services for EPS.  We propose some recommendations and suggest that SA4 fully investigates and discusses these topics at the current (SA4#55) and next (SA4#56) meetings in order to meet Rel-9 timeline for completion of the TR in the EVS Study Item.
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