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1 Introduction

The work item on "Media Handling Aspects of IMS-based Telepresence" (IMS_TELEP_S4) as defined in SP-140483.zip was approved during SA#65 in September 2014. 

Among the objectives of the work item to specify the media handling aspects of IMS-based telepresence in 3GPP services in the context of the following:

· Media codecs (speech, video, real-time text) for IMS-based telepresence 

The normative work on video codec requirements for IMS-based telepresence services has already been completed with an agreed Tdoc S4-151070 during SA4#85, and the related text has been incorporated into the latest version of the draft specification TS 26.223. 

The remaining important item on the codecs front for the IMS_TELEP_S4 work item is to agree on the audio codec requirements for IMS-based telepresence. This discussion paper is aimed at reviewing the potential alternatives as documented in TR 26.923. 

2 Identified Gaps in TR 26.923 on Audio Codecs
The conclusions of TR 26.923 contains the following text relevant for audio codec requirements for IMS-based telepresence:
 “Media codec requirements for IMS-based telepresence should be defined for speech, video and real-time text. Various gaps with respect to MTSI codec requirements were documented in the present document and these additional codec capabilities, e.g. as also documented in GSMA's IR.39 IMS Profile on High Definition Video Conference (see clause 5.2), should be considered during the course of the normative work. In particular, as discussed in clauses 5.2 and 5.4, it is relevant to consider the following codec profiles to be supported by TP UEs:

· Audio:

· ITU-T G.719 [19] and MPEG AAC-LD [20] codecs from GSMA IR.39 profile [16]

· MPEG AAC-ELD codec in [20] 

In addition, in clause 5.2 of TR 26.923 identifies various gaps related to audio codecs based on a review of GSMA IR.39 profile on High-Definition Video Conferencing (HDVC). This is given by the following text from TR 26.923:
5.2.3
Voice Codecs

Mandatory and recommended voice codec requirements of IR.39 for HDVC UEs contain those in TS 26.114 for MTSI clients using 3GPP access and partially those for MTSI clients using fixed access (there are some additional codecs recommended in TS 26.114 for MTSI clients using fixed access based on TS 181 005). Beyond that, some further requirements on voice codecs are specified in GSMA IR.39 for HDVC UEs. The discussion below provides some of these requirements.

If super-wideband or fullband voice is supported, an HDVC UE of GSMA IR.39 is required to support the Enhanced Voice Services (EVS) codec and recommended to support the ITU-T G.719 codec (described in ITU-T G.719 recommendation) [19] or the AAC-LD codec (described in recommendation ISO/IEC 14496-3:2009) [20].  Furthermore, according to the GSMA IR.39 profile, the entities in the IMS core network that terminate the user plane are mandated support the EVS codec. The ITU-T G.719 codec or the AAC-LD codec and the transcoding between EVS and these codecs may be supported if needed for super-wideband or fullband voice interoperability with UEs not supporting EVS (non HDVC UEs or HDVC UEs before EVS is introduced). Accordingly, the following RTP payload format considerations apply:

·    G.719 Payload Format Considerations: When an HDVC UE supports G.719, it also supports the G.719 payload format of IETF RFC 5404 [21] according to GSMA IR.39.  

·    AAC-LD Payload Format Considerations: When an HDVC UE supports AAC-LD, it also supports the MP4A-LATM payload format of IETF RFC 3016 [22], according to GSMA IR.39.

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, super-wideband (SWB) and fullband (FB) audio coding can be considered for IMS-based telepresence services. 

As an example, one of the codecs supporting SWB and FB 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 [45], where the following was concluded: 
·    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 or fullband 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).”
Finally, clause 5.4 of TR 26.923 considers technical gaps around MPEG codecs relevant for IMS-based telepresence and documents potential gaps for TP UEs from an audio codec perspective. This is given by the following text from TR 26.923:
5.4.1
MPEG-4 AAC-ELD

5.4.1.1
Introduction

The Moving Picture Experts Group (MPEG) updated AAC-LD to AAC-ELD [20], providing more coding efficiency and lower algorithmic delay [40]. Interoperability is achieved through compliance to the MPEG-4 Audio Profile Low Delay AAC v2. When the clients are negotiating use of AAC-ELD, then SDP offers should include both AAC-ELD and AAC-LD, where AAC-ELD is preferred over AAC-LD.

5.4.1.2  Gap Analysis

Neither AAC-LD nor AAC-ELD is supported in MTSI. As AAC-ELD is an update of AAC-LD, which is supported in IR.39 (see Clause 5.2.3 of this TR), and widely supported by mobile operating systems, AAC-ELD may also be considered for TP UEs.

3 Proposal
It is proposed to discuss the identified gaps on audio codecs in Section 2, and collect views on the mandatory and recommended audio codecs suitable for IMS-based telepresence services to be adopted in TS 26.223. Based on the collected feedback and minuted agreements, a normative text proposal for TS 26.223 will be prepared for the next IMS_TELEP_S4 telco on October 6th.
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