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1. Introduction
The VoLTE Enhancement Study Item [1] includes the following objectives:

The objective of this 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 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 (RAN2-led):

· 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

This contribution provides some background and aspects of vocoder rate adaptation that should be considered as part of this study.

2. Discussion
2.1. Rel-9/10 Vocoder Rate Adaptation Work Item
The Rel-9 and Rel-10 work items on speech and video rate adaptation specified the use of ECN as the bases for the feature.  The work in Rel-10 also produced the Technical Report in [4].
2.1.1. High Level Overview of ECN Solution
Figure 1 and Figure 2 depict the key elements of the ECN solution adopted for speech in Release 9 and 10.
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Figure 1:
Solution (High Level) – Downlink Direction
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Figure 2:
Solution (High Level) – Uplink Direction

The key element of the solution is the use of the IP based Explicit Congestion Notification (ECN) specified in [3]. The eNodeB can use ECN as an “early pre-warning” mechanism, i.e., first set the ‘Congestion Experienced’ (ECN-CE) codepoint in IP packets at incipient congestion, and only start the dropping of packets on a bearer when congestion persists and/or increases. The ECN-CE codepoint in an IP packet indicates congestion in the direction in which the IP packets are being sent. The ECN-CE signal propagates to the receiving IP end-point and is made available to the media / application layer receiver. The receiver can then send an application layer rate reduction message (e.g., RTCP or CMR) to request a new send rate from the corresponding sender. Thereby, the media / application layer should typically have sufficient reaction time, i.e., trigger a rate reduction before packets need to be dropped at the bottleneck. The media / application layer aspects of ECN are addressed in [2].

2.1.2. ECN Procedures and Considerations for Codec
When defining the procedures for how the UE adapts its codec rate to the ECN CE markings SA4 took into account the following for the mid-call rate adaptation procedures:

1. Down-switch rate adaptation should be fast enough to avoid dropping packets or causing severe delays.

2. Up-switch rate adaptation should be more conservative.  Aggressively up-switching the codec rate can cause congestion which would require another down-switch.  This should be avoided as it causes artefacts in the decoded media, i.e., it is better to keep the rate low rather than aggressively up-switch then quickly down-switch.

3. The adaptation algorithm should be configurable as operators run their networks differently and may want to target different user experience, and the trade-off between quality and capacity.

The procedures in [2] use parameters that can be configured by the operator using OMA-DM to control the ECN-based rate adaptation algorithm.  Some of these parameters are included in Table 1.

	Parameter
	Description
	Comment

	ECN/MIN_RATE
	Minimum bit rate (bps, excluding IP, UDP, RTP and payload overhead) that speech encoder should use
	Default value is the Initial Codec Mode (ICM) Initial Rate.

	ECN/STEPWISE_DOWNSWITCH
	Boolean parameter that selects which down-switch method to use, i.e., direct or step-wise to the ECN/MIN_RATE
	In combination with ECN/RATE_LIST, allows operator to control how aggressively to react to ECN-CE markings detected on downlink.

	ECN/RATE_LIST
	List of bit rates to use during stepwise down-switch. This parameter is only applicable when stepwise down-switch is used.

	Note that this list can be readily applied to the EVS codec and its multitude of rates.

Default value if list is not specified is 4750, 5900, 7400, and 122000 bps.

	ECN/CONGESTION_WAIT
	Minimum interval (ms) between detection of ECN-CE and up-switch from the reduced rate.


	Default value is 5 seconds, providing a conservative up-switch rate.  Operators can always reduce this interval if more aggressive up-switch is desired but should avoid needing to quickly down-switch afterwards.  

	ECN/CONGESTION_UPSWITCH_WAIT
	Waiting time (ms) at each step during up-switch after a congestion event, except for the initial up-switch which uses the ECN/CONGESTION_WAIT time
	Default value is 5 seconds, providing a conservative up-switch rate. Operators can always reduce this interval if more aggressive up-switch is desired but should avoid needing to quickly down-switch afterwards.


Table 1: Some of the ECN Parameters that can be configured by the MNO via OMA-DM

2.2. End-to-end adaptation vs. Link-by-link adaptation
Since there are multiple hops/links in the end-to-end VoIP transmission path, including the two wireless links in M-to-M calls, and the backhaul and core network routers, it is necessary to have an end-to-end adaptation protocol such as ECN.

RAN-link based adaptation supports some of the necessary adaptation actions, but is quite limited as described in Table 2.

	Action
	Requires End-to-End Mechanism
	Reason
	Comment

	Down-switch of codec rate on RAN uplink due to RAN uplink congestion
	No
	eNB could use RAN-level signalling to indicate down-switch to the UE.

Could also rely on UE detecting congestion (buffer build on uplink) in the uplink to modify the codec rate.
	Down-switch could be quicker than using ECN or RTCP RR/RS as it does not require far-end to detect congestion then send back Codec Mode Request (CMR).

Relying on UE detecting congestion in uplink buffer
 could also give quick indication for codec to down-switch.

	Up-switch of codec rate on RAN uplink due to easing of RAN uplink congestion
	Yes
	Even if congestion eases on uplink there could be congestion in subsequent links.
	

	Signalling the far-end encoder to reduce its rate due to downlink congestion
	Yes
	Requires end-to-end signalling such as the CMR to tell the far-end to reduce its rate.


	CMR could be triggered by eNB signalling detection of downlink congestion to UE.  Downlink congestion signalling could use ECN-CE marking.

	Signalling the far-end encoder to increase its rate due to easing of downlink congestion
	Yes
	Requires end-to-end signalling such as the CMR to tell the far-end to increase its rate.

Furthermore, even if congestion eases on uplink there could be congestion in subsequent links.
	


Table 2:
Analysis of Adaptation Actions for RAN-link based Adaptation

2.3. Codec rate selection at Call Set-up
The SA2 Rel-10 Work Item concluded in clause 6.1 of [4] that due to the wide range of bitrates that the EVS codec can operate at -- particularly at very low rates -- there is no requirement to perform load-based codec selection at call set-up.  The codec rate of EVS can be adjusted based on congestion conditions.  Thus the focus of this section is selecting the codec rate at call set-up.  

Figure 3 depicts how the eNodeB can control the codec rate selection at “call setup”. According to the Initial Codec Mode (ICM) scheme specified in TS 26.114 the sending side always starts out with a low codec rate (this can be configured by the MNO using the ICM/INTIAL_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. With the ECN solution the receiver will then get or not get an ECN-CE indication during the up-switch phase. If an ECN-CE is received then the sending side should fall-back to the initial codec rate. Otherwise, the up-switch of the codec rate will succeed, i.e., the receiving side would still report “good channel” in RTCP receiver reports. It is estimated that the target codec rate would be selected within 700 – 1500 milliseconds.
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The ICM rules are defined for the AMR and AMR-WB codecs in TS 26.114.  There has not been any procedures specified for the EVS codec.  Two options to consider:

1. SA4 specify that EVS follow the same rules and procedures as for AMR/AMR-WB.  For the codec rates being deployed in on-going EVS deployments this would mean that the EVS codec would likely start at rate of 13.2kbps.

2. Follow the solution being requested by MNOs currently deploying EVS: the codec starts at the highest negotiated codec mode supported by MBR, i.e., the MIN [MBR, highest negotiated codec rate]

3. Conclusion and Recommendations
· Compare performance of currently-specified ECN procedures and configurable adaptation algorithms when evaluating gains of defining new RAN-based procedures for rate adaptation

· Consider limitations and advantages of link-based vs. end-to-end based adaptation

· Consider how user experience can be impacted by overly-aggressive rate adaptation, particularly for up-switching

· If more aggressive rate adaptation is being studied, then coordinate with SA4 to understand impact on speech quality.
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