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Foreword

This Technical Specification has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

At the 3GPP TSG RAN#71 meeting, the Study Item Description on "Study on enhancement of VoLTE" has been approved in [2]. This study item covers the evaluation of potential enhancements for voice and video over LTE.

1
Scope

The present document captures the findings of the study on voice and video enhancement for LTE.


2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".





[2]
RP-160563: "New SI proposal: Study on enhancement of VoLTE".
[3]
3GPP TS 26.114: "IP Multimedia Subsystem (IMS); Multimedia Telephony; Media handling and interaction".
[4]
RFC 2481: "A Proposal to add Explicit Congestion Notification (ECN) to IP".

[5] 
R2-162650: "Analysis on ECN-triggered codec adaptation solution", Huawei.

[6] 
R2-162214: "Considerations on Vocoder Rate Adaptation", Qualcomm.

3
Definitions, symbols and abbreviations
Delete from the above heading those words which are not applicable.

Clause numbering depends on applicability and should be renumbered accordingly.

3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in 3GPP TR 21.905 [1].

Definition format (Normal)

<defined term>: <definition>.

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

Symbol format (EW)

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].



AMR                   Adaptive Multi-Rate
AMR-WB
Adaptive Multi-Rate – WideBand

APP
APPlication-defined RTCP packet

CMR
Codec Mode Request

ECN                    Explicit Congestion Notification

ECN-CE
ECN Congestion Experienced
ECT                     ECN-Capable Transport

E-UTRA              Evolved UTRA

EVS                     Enhanced Voice Services

ICM
Initial Codec Mode
LTE                     Long Term Evolution

RAN                    Radio Access Network
RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol
VoLTE                Voice over LTE
4
Objectives and requirements
Editor’s note: This section is intended to capture the objective and requirement according to the agreements from the meetings.
The objective of the study on voice and video enhancement for LTE 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 signaling and reduce call drop probability.
The study on enhancement should be considered in the following areas:
· Investigate mechanisms that are applicable to different codec types including AMR, EVS and video in both downlink and uplink to enable:
· Codec mode and rate selection at call setup

· Codec rate adaptation during an on-going call

· Coder adaptation can be triggered cell-wide or on a per-UE or per DRB basis

· Up/down-side tuning of codec rate
· Enhancements that improve the VoLTE/video quality perceived, focusing on:

· Identify if it is possible to re-use the coverage enhancement techniques that have been already discussed in previous releases
· Identify possible further enhanced HARQ for TTI bundling beyond Rel-12 enhancements
· Enhancements to prioritize VoLTE/video access and/or VoLTE/video related signaling and reduce call drop probability (e.g. potential call drop during mobility) by signalling enhancement for VoLTE/video.
Note 1: The focus should be on the E-UTRAN based enhancement. The expected solution should have no or minor impact on the core network. This study on codec adaptation requires coordination with SA4 and potentially other working groups in SA and CT.
Note 2: In case the time is limited, the study on the voice aspects has high priority than that on the video aspects.
5
Codec mode/rate selection/adaptation
5.1
Identified problems of existing mechanisms
Editor’s note: This section is intended to describe the identified problems of existing mechanisms during the meetings e.g. ECN solution needs all the nodes on the path to behave correctly.
ECN is a congestion indication mechanism which indicates congestion by means of IP-packet marking. It needs all network nodes on the routing path to behave correctly. If any node on the routing path does not support ECN, or it does not understand the meaning of ECN-Capable Transport (ECT) codepoint, ECN mechanism may not work correctly.
5.2
Potential solutions
5.2.1 
Principles

Editor’s note: This section is intended to capture the principles that should be used as a guideline for candidate solutions collection.
During the study, following principles should be considered when developing the candidate solutions:

· The candidate solutions should be RAN-involved.

· Any rate adaptation mechanism introduced by RAN can co-exist with the rate-adaptation mechanisms specified in TS 26.114 [3].
· Any rate adaptation mechanism introduced by RAN should explicitly indicate the recommended bit rate.

· The candidate solution should be able to avoid excessive ping-pong tuning.
FFS: Any rate adaptation mechanism introduced by RAN shall be codec type agnostic.
5.2.2 
Candidate solutions

Editor’s note: This section is intended to capture the candidate solutions driven by the contributions and agreed by the meetings.
5.3
Evaluations and Conclusions
Editor’s note: This section is intended to capture the evaluation and conclusion of potential solutions on the codec mode/rate selection and adaptation.
6
VoLTE/video enhancements to improve access and signalling
6.1
Identified problems of existing mechanisms
6.2
Potential solutions
6.3
Evaluations and Conclusions
7
VoLTE/video enhancements to improve quality
7.1
Identified problems of existing mechanisms
7.2
Potential solutions
7.3
Evaluations and Conclusions
8
Conclusions and Recommendations
Annex A (informative):
ECN-based codec rate adaptation mechanism 
A.1


ECN-based codec rate selection at call set-up
According to the Initial Codec Mode (ICM) scheme specified in TS 26.114 [3] the sending side always starts out with a low codec rate (this can be configured by the MNO using the ICM/INITIAL_CODEC_RATE parameter). After an initial measurement period and RTCP receiver reports indicating “good channel”, the sending side will attempt to up-switch the codec rate. If ECN is supported the receiver may receive an ECN-CE indication during the up-switch phase. If an ECN-CE indication is received, the transmitter should fall-back to the initial codec rate. Otherwise, the up-switch of the codec rate succeeds. It is estimated that the target codec rate would be selected within 700-1500 milliseconds.
As defined in TS 26.114 [3], the following rules apply for ICM (Initial Codec mode) selection.

· If 1 codec mode is included in the mode-set, this should be the ICM.

· If 2 or 3 codec modes are included in the mode-set, the ICM should be the codec mode with the lowest rate.

· If 4 or more codec modes are included in the mode-set, the ICM should be the codec mode with the 2nd lowest rate. 

The ICM rules are defined for the AMR and AMR-WB codecs in TS 26.114 [3]. There has not been any procedure specified for the EVS codec.
A.2


ECN-based codec rate adaptation at on-going session

The Rel-9 and Rel-10 work items on speech and video rate adaptation specified the use of ECN mechanism as the bases for the feature.
After ICM selection, ECN can be used for codec adaptation. Two bits in the ToS field in IP header are used for ECN. As defined in [4], these two bits are set to ‘00’when ECN is not supported. If ECN is supported, these two bits are set to ‘01’ or ‘10’. These two bits are set to ‘11’ when congestion is detected. The detailed procedures are provided in [6] as shown below.
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Figure A.2-1: Codec rate adaptation procedure for downlink direction

In the downlink direction, when network congestion is detected, the eNB should set the ECN-CE codepoint (‘11’) in PDCP SDUs to indicate downlink (radio) congestion. If ECN-CE is detected in the received PDCP SDU, UE shall send application specific adaptation request to the peer (UE) by using RTCP APP or CMR in RTP payload to request rate reduction. Based on the adaptation request from the UE, the peer (UE) performs the corresponding media bit-rate adaptation. 
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Figure A.2-2: Codec rate adaptation procedure for uplink direction

Similar to the downlink, in the uplink direction, when network congestion is detected, the eNB should set the ECN-CE codepoint (‘11’) in IP packet to indicate uplink (radio) congestion. The IP packet with ECN-CE marking is then sent to the peer (UE) through CN. If ECN-CE is detected in the received PDCP SDU, the peer (UE) shall send application specific adaptation request to the UE by using RTCP APP or CMR in RTP payload to request rate reduction. Based on the adaptation request from the peer (UE), the UE performs the corresponding media bit-rate adaptation.
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