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1 Introduction

In RAN#71, a study item on enhancement of VoLTE has been approved [1]. The objective of the study item is to investigate the potential RAN enhancements to:

· enable VoLTE/video codec mode and codec rate selection and change over E-UTRA;

· improve the VoLTE/video quality perceived by the user by reducing packet loss or allowing the use of higher codec rate;

· prioritize VoLTE/video access and/or VoLTE/video related signalling and reduce call drop probability;

In this contribution, we discuss the status of the current media rate adaptation in VoLTE and ViLTE (Video over LTE) and aspects of RAN assistance for improving the media quality perceived by the end user by providing recommendations on the used bit-rate for media traffic.
2 Discussion
The speech codecs (AMR, AMRWB, and EVS) used in the voice over LTE service (VoLTE, GSMA PRD IR.92) include a wide range of bit rates from 4.75 to 24.4kbps. By appropriately selecting and possibly adapting the bit-rate being used in an individual call, the intrinsic speech quality (as provided by the speech codec) and the coverage of the voice component of the IR.92 service may be enhanced. The use of a lower bit rate speech codec may also improve the system capacity.
A high quality conversational video service over LTE access is defined in IR.94 on top of the 3GPP features required for voice as profiled in IR.92. The mandatory video codec for IR.94 is currently H.264 CBP Level 1.2 with a maximum bit rate of 384kbps and from April 2016 H.264 CHP Level 3.1 is mandatory. This implies that the receiving video decoder has to be able to handle video streams up to 14Mbps, but in practice the sender may produce any video bit rate lower than that. It is considered that “good” video for the IR.94 service may be produced at around (or below) 1Mbps, depending on the content of the video image. These video bit rates may be prohibitively large particularly for UEs in poor radio conditions but also in congested network conditions. For the real-time video service there is thus a need to support video bit rate adaptation to handle various coverage and capacity scenarios. It should also be noted that a video client may fall back to voice-only to maintain a basic communication, since the video media is not assumed to require the same coverage as voice for a successful service to be deployed.

Observation 1 Fast and accurate information about the currently available transport rate available in RAN would provide significant benefits for both voice (IR.92) and video (IR.94) real-time communication services.


2.1 Rate Adaptation in Application Layer

The media handling aspects of both IR.92 and IR.94 is based on 3GPP TS 26.114 [2]. This specification addresses rate adaptation from the application layer, and specifies that the application entities in the UE and IMS core network that terminates the user plane may use either the CMR (Codec mode request) field in the RTP payload for AMR, AMRWB, and EVS or RTCP APP (Application specific) message to signal rate adaptations for voice. For video, RTCP TMMBR (Temporary maximum media bit-rate) message is used. A further option described in 3GPP TS 26.114 is to use Explicit Congestion Notification (ECN) bits in the IP header to initiate rate adaptation for voice and video.
TS 26.114 gives guidance on how the rate-adaptation may be used, but no mandatory implementation is described in the GSMA PRDs defining the voice and video services over LTE, IR.92 and IR.94.
TS 26.114 is also used for other access types than LTE (e.g. Wi-Fi) and application layer initiated rate control may be triggered by the application at the remote connection when interworking with other access types.
Proposal 1 Any rate adaptation mechanism introduced by RAN shall work together with the rate-adaptation mechanisms specified in TS 26.114. 
2.2 Characteristics of Rate Adaptation
The options for rate adaptation presented in [2] have different characteristics. 

A first differentiator is explicit versus non-explicit rate adaptation. The use of RTP CMR, RTCP APP, or RTCP TMMBR give explicit rate recommendations (for RTP CMR and RTCP APP the codec mode to use and for RTCP TMMBR the available bit-rate), whereas the use of ECN is a non-explicit rate adaption since the element in the transmission path that initiates the rate adaptation via ECN do not give an explicit indication of what bit-rate is recommended, but only gives an indication that the currently used bit-rate is too high.

Proposal 2 Any rate adaptation mechanism introduced by RAN shall be explicit. 

A second differentiator is codec agnostic or codec specific rate adaptation. The use of RTCP TMMBR is codec agnostic and the message includes the actual bit-rate recommendation, whereas CMR and RTCP APP is codec specific and rate-adaptation is signalled via the mode request of the actual currently used codec. The concept of CMR is only applicable to the AMR, AMRWB, and EVS speech codec.

Proposal 3 Any rate adaptation mechanism introduced by RAN shall be codec agnostic. 

A third differentiator is discrete versus continuous rate adaptation. The use of RTCP TMMBR and RTCP APP is discrete rate recommendation and the rate recommendation is sent as one single command, whereas RTP CMR and ECN are continuous rate adaptation sine the rate recommendation needs to be sent continuously during some time (either via the CMR filed in the individual RTP packets or via the ECN flag in the UDP packets).
Proposal 4 Any rate adaptation introduced by RAN shall be discrete in time, i.e., it is possible to control the rate with a single command. 

2.3 RAN initiated rate adaptation
With RAN initiated rate adaptation it is possible to control the used codec rate directly without longer control loop. RAN initiated rate adaptation may either be conveyed to the VoLTE client on the application layer or on the RAN (PDCP, RLC, or MAC) layer. With RTP CMR, RTCP APP, and RTCP TMMBR, rate adaptation is considered as being conveyed via the application layer.  
Proposal 5 RAN2 to further investigate the relative merits of RAN initiated rate adaptation via either the application layer or the RAN layer.

3 Conclusion

In this contribution, we discussed the status of the current media rate adaptation in VoLTE and ViLTE and aspects of RAN assistance for improving the media quality perceived by the end user by providing recommendations on the used bit-rate for media traffic. In section 2 we made the following observations:
Observation 1
Fast and accurate information about the currently available transport rate available in RAN would provide significant benefits for both voice (IR.92) and video (IR.94) real-time communication services.


Based on the discussion in section 2 we propose the following:
Proposal 1
Any rate adaptation mechanism introduced by RAN shall work together with the rate-adaptation mechanisms specified in TS 26.114.
Proposal 2
Any rate adaptation mechanism introduced by RAN shall be explicit.
Proposal 3
Any rate adaptation mechanism introduced by RAN shall be codec agnostic.
Proposal 4
Any rate adaptation introduced by RAN shall be discrete in time, i.e., it is possible to control the rate with a single command.
Proposal 5
RAN2 to further investigate the relative merits of RAN initiated rate adaptation via either the application layer or the RAN layer.
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