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1. Background
In the MTSI conference call on August 4, the possibility of reconsidering the legacy codec requirements in MTSI in the context of IMS-based telepresence was suggested. An option is that high quality codec requirements may be mandated on TP UEs and that some of the existing legacy codec requirements on MTSI UEs may therefore not need to be enforced on TP UEs. 

The view was also expressed that SA1 TS 22.228 requires backwards compatibility of TP UEs with MTSI UEs and therefore by definition TP UEs would have to inherit or fulfil all of the codec requirements on MTSI UEs, such that TP UEs can interoperate with MTSI UEs when needed.

It was felt that this aspect needed more discussion and there might be alternative approaches for guaranteeing interoperability of TP UEs with MTSI UEs. 

In the above context, TS 22.228 specifies in Section 7.10.2.2:

A user participating in a Telepresence session shall be able to communicate with others using different types of UEs in the same Telepresence session (e.g. mobile phone, laptop/pc, conference room with a different number of cameras and displays).
This service requirement from SA1 implies handling a large variety of systems at the same time which is possible through the gateway. In the SA1 examples, mobile phones, globally thinking, may use NB, WB, SWB bandwidths in various codecs, e.g. FR, EFR, AMR, EVRC-NW etc. A laptop may be equipped by several codecs with the possibility of support for Skype codecs, for example. A conference room using existing telepresence system typically supports super-wideband and/or fullband codecs.
2. User Experience in Current Telepresence Systems
Currently existing telepresence systems offer a greatly improved user experience over regular video conferencing. Indeed, telepresence is a premium service with the goal of feeling like being in the same room for the session participants. 
This is illustrated on Figure 1 which shows a typical telepresence system that is available commercially these days.
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Fig. 1: Typical telepresence system (commercially available)
Telepresence clearly goes beyond the grade of standard telephony such as PSTN or MMTel (MM Telephony over IMS). In 3GPP, MMTel is capable of offering regular conferencing already now and the user experience in telepresence will go beyond that. 

From this perspective, it is clear that the regular audio quality in telepresence must be better than in standard telephony and hence it is worth considering how to distinguish between the two in terms of codecs. In case of lack of sufficient differentiation, there is a risk that 3GPP telepresence is not successful and other solutions (e.g. standard telephony based conferencing) is used instead.
3. Proposal
The proposal is to include the below text in the TR 26.923 in Clause 5.2.3.
------------------------------  Start of Changes -----------------------
Currently existing telepresence systems offer improved user experience over regular video conferencing. In order to provide a “being there” experience where the users enjoy a strong sense of realism and presence for conversational audio, SWB audio coding can be considered for IMS-based telepresence services. 
As an example, one of the codecs supporting SWB audio coding is EVS. To show the quality benefits of SWB audio coding relative to WB and NB, 3GPP has conducted extensive EVS characterization testing, in TR 26.952, where it was concluded that for, 
· Clean and Noisy speech: The EVS-SWB codec performance is significantly better than the previously standardized AMR-WB codec. The subjective quality of EVS-SWB coding at 9.6 kbps is better than the AMR-WB at 23.85 kbps. Further, the EVS-SWB codec performance is significantly better than the existing super-wideband codecs, such as the ITU-T G.719, both in clean channel as well as under impaired channel conditions. The EVS-SWB clean speech quality at 13.2 kbps is comparable to that of the ITU-T G.719 at 48 kbps. 

· Music/audio coding: The subjective quality of EVS-SWB coding starting at 13.2 kbps is significantly better than the AMR-WB at its highest bit rate 23.85 kbps. Further, EVS-SWB shows major improvements for mixed-content and music, performing equally or better than the existing super-wideband codecs, such as the AMR-WB+, the ITU-T G.719 at much lower algorithmic delay than those codecs.

Consequently, super-wideband coding can be a more suitable and compelling choice for IMS-based telepresence services as the extended coding of audio bandwidth (as depicted in Figure 5.2), would provide not only an improved sense of presence and contribute to better music quality but also improve naturalness.
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Figure 5.2: Audio bandwidth depiction, NB (~300 Hz to 4 kHz), WB (~100 Hz to 7 kHz), and SWB (~50Hz to 16 kHz).
------------------------------  End of Changes -----------------------
