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1 Introduction

One of the main objectives of the approved SI [1] is to consider potential RAN enhancements that would provide a flexible and efficient codec modification mechanism under more dynamic radio conditions. During the previous meeting, the majority of companies consider a RAN based solution beneficial for realizing the objectives of the WIP. This contribution discusses the viable solutions for RAN-based codec rate adaptation.
2 Initial considerations 
During the previous meeting, the following understanding for RAN based solution was agreed:

	Agreements: Capture the following as the principles of the feasible candidate solutions of codec selection/adaptation

1.
Any rate adaptation mechanism introduced by RAN can co-exist with the rate-adaptation mechanisms specified in TS 26.114.

2.
Any rate adaptation mechanism introduced by RAN should explicitly indicate the recommended bit rate.

3.
Avoid excessive ping-pong tuning

FFS: Any rate adaptation mechanism introduced by RAN shall be codec type agnostic




In addition to the above baseline assumptions for potential RAN based solution, it is necessary to decide how the RAN interacts with the UE and which entity is ultimately responsible for codec rate decisions.  The need for codec rate adaptation during call setup is also considered. 
2.1 RAN controlled codec rate adaptation
In order to support RAN controlled codec rate adaptation, it should be considered whether the RAN needs to have the information on the specific codec rates for each type of supported codec.  Based on the result from the previous meeting, it is concluded that:
FFS: Any rate adaptation mechanism introduced by RAN shall be codec type agnostic

If we assume the RAN has specific information about the codec type, the implication is that the RAN would be aware of the codec rate, the frame aggregation, the redundancy level and the redundancy offset [2]. This would imply the RAN could essentially serve as the end point for codec rate adaptation in place of the UE. Even if such codec related information could potentially be available in the RAN, it would be desirable not to provide codec specific AS layer signalling to the UE as any future codec changes may result in further changes to AS layer signalling. Furthermore, we should consider that one of the major drawbacks to the ECN-based solution as pointed out in the WIP is that it would be necessary for all the network entities to support ECN for such a solution to work as was concluded in the previous meeting:

=>ECN solution needs all the nodes on the path to behave correctly.
The same may also be true for codec specific information within the RAN. Such a solution would also require that the RAN has specific codec information for the solution to work.  
Proposal 1:
As a baseline, the solution for codec rate adaptation should not require that the RAN has codec specific information.  
From the perspective of codec rate adjustment, Proposal 1 means the RAN may decide, based on e.g., its congestion condition, whether to request that the UE performs downswitching or upswitching of its codec rates.  However, it is conceivable that if RAN has some information about the codec, such as the allowable codec rates, it may lead to more efficient or faster means for adjusting codec rates.  Therefore, RAN2 should discuss whether there should be an option for the RAN to obtain certain codec specific information, such as the allowable codec rates, from the UE. 
Proposal 2:
If RAN controlled codec rate adaptation is supported, the RAN may optionally request the UE for the supported mode/codec rates of operation.   
As is described in [2], rate adaptation is mainly used to ensure that the used bandwidth is sufficiently low to avoid packet losses and extended delays when operating conditions change. From this perspective, the RAN is in the best position to decide whether sufficient resources may be provided to the UE to prevent any unnecessary interruptions. Therefore, the RAN should be allowed to determine the minimum GBR to the UE. Assuming Proposal 1 is agreeable, it should be considered how the RAN controlled codec adaptation should be realized to meet the minimum GBR. As a baseline and based on what was already agreed at the last meeting the RAN should explicitly indicate the recommended bit rate.  And if the RAN has specific codec rates under operation by the UE, the recommended codec rate may match the supported codec rates as suggested in Proposal 2. 
Confirmation 1: If RAN controlled codec rate adaptation is supported, the RAN should explicitly indicate the recommended bit rate.   
Based on Confirmation 1, RAN2 should also consider how the recommended bit rate should be provided to the UE.  The typical choices include the use of RRC Connection Reconfiguration, PDCCH or MAC CE. The choices would largely depend on the urgency for changing the codec rates. For example, with RRC Connection Reconfiguration, the RRC processing would usually take 15ms [7].  There was also a VoLTE latency-related discussion in [8], whereby it was considered whether C-DRX extension from 40ms to 60ms would cause significant degradation to voice quality.  However, since codec rate changes are not expected to be changed frequently, the RRC processing delay may still offer sufficient improvement over the existing end-to-end codec rate adaptation 
Proposal 3:
If RAN controlled codec rate adaptation is supported, RAN2 should further discuss the mechanism by which the codec bit rate is provided to the UE. 
Another issue that should be considered as part of the RAN controlled rate adaptation is the likelihood more than one rate adaptation algorithms could be used simultaneously and how the interactions among the rate adaptation algorithms should be handled. When multiple adaptation algorithms are used for the rate adaptation, it is assumed in that the rate that the MTSI client is allowed to use should be no higher than any of the rates determined by each adaptation algorithm [2]. For example, it is stated in section 10.3.5 of [2] for up-switch that:

“The bitrate of the encoded media is increased slowly until the currently allowed bitrate is reached while monitoring that the quality is maintained, i.e. no packet losses and no delay should be introduced because of the up-switch."
In case the RAN controlled codec rate adaptation is geared towards reducing the latency of such up-switching, it should be discussed how this affects the outcome from Agreement 1 above, i.e., “Any rate adaptation mechanism introduced by RAN can co-exist with the rate-adaptation mechanisms specified in TS 26.114”.
Considering the latency for the existing rate adaptation algorithm, it is likely that the RAN controlled rate adaption may not be effective if the existing rate adaptation mechanism frequently overrides the RAN controlled rate adaptation algorithm.  
Proposal 4:
If RAN controlled codec rate adaptation is supported, RAN2 should further discuss the UE behaviour under parallel codec rate adaptation algorithms. 
2.2 RAN assisted codec rate adaptation
In contrast to the RAN controlled codec rate adaptation discussed in section 2.1, the RAN assisted alternative leaves the final control of the rate adaptation to the UE.  Such a mechanism, may be similar in principle to the RAN assisted WLAN interworking whereby the RAN conditions for evaluating the need to change the codec rate is provided to the UE and the UE will make the final decision in the upper layer for the necessary rate adjustments. The main advantage for the RAN assisted codec rate adaptation is to allow for minimal impact to the existing codec rate adaptation algorithms. Additionally, the RAN would not need detailed information regarding the specific codec rates which is typically outside of RAN’s control. This mechanism would be easily aligned with the following agreement/conclusions from the last meeting:

“Any rate adaptation mechanism introduced by RAN can co-exist with the rate-adaptation mechanisms specified in TS 26.114.”
“==> Confirm that the candidate solutions should be RAN-involved.”

The main drawback for the RAN assisted mechanism is the lack of direct control of the specific codec rates and potentially the increased latency to tune to the desired codec rate.  
Proposal 5:
RAN2 should consider if the RAN assisted codec rate adaptation is preferable to the RAN controlled codec rate adaptation. 
If Proposal 5 is agreed, RAN2 should also consider the assistance information from the RAN that will be necessary take into account of the RAN conditions that are outside of UE’s knowledge.  Assistance information may include thresholds e.g., signal strength, number of dropped packets, number of HARQ retransmissions whereby the UE is recommended to take actions to either lower or increased the codec rate, in case the UE is not already operating in the targeted/desired codec rate. The thresholds may be configured to the UE via dedicated signalling or broadcast.  In some ways, this will have most of the benefit of the ECN solution without requiring all network layers to support ECN, which is one of the main obstacles for the support of the ECN solution.  
Proposal 6:
If Proposal 5 is agreeable, RAN2 should further consider how the RAN provides assistance to the UE for codec rate adaptation and the contents of the assistance.  
2.3 Rate adaptation during call setup
It has already been identified in the WID [1] that one of the objectives of the SI is to investigate mechanisms that are applicable to different codec types including AMR, EVS and video in both downlink and uplink to enable the following:
· Codec mode and rate selection at call setup
Based on previous studies in [3] and pointed out in [4], SA2 pointed out that “there is no requirement for voice codec selection based on network loading conditions” and the expectation is that the video codec can always start from the lowest codec rate supported and adapt to a higher rate under good conditions.  However, as pointed out in [5], if the UE starts from the lowest codec rate, the up-tuning delay can be excessive and could affect voice quality as there may be periods where the codec needs to be guaranteed operation at higher codec rate to properly encode the source material e.g., weakly correlated signals such as speech onsets/transients are coded at higher bit-rates to preserve audio quality [6].  Considering RAN2 has already agreed that any rate adaptation mechanism introduced by RAN should explicitly indicate the recommended bit rate for on-going calls, RAN2 should also consider if the same should be applicable to call setup.
Proposal 6:
RAN2 should consider if codec rate adaptation is should be supported at call setup. 
If Proposal 6 is agreeable, it may be assumed that the RAN can consider its congestion situation as part of the codec adaptation.  However, other aspects related specifically to the UE such as the radio condition are also needed for the RAN to determine the resources that need to be allocated to the UE to support the intended codec rate.  
Proposal 7:
RAN2 should further consider if the RAN requires UE specific information such as the UE’s radio condition to support codec rate adaptation at call setup.  

3 Conclusion
This contribution discusses the alternatives for RAN based codec rate adaptation, from the perspective of RAN controlled vs RAN assisted. The need for RAN based codec rate adaptation is also discussed for call setup. We have the following proposals and observations.
Proposal 1:
As a baseline, the solution for codec rate adaptation should not require that the RAN has codec specific information.
Proposal 2:
If RAN controlled codec rate adaptation is supported, the RAN may optionally request the UE for the supported mode/codec rates of operation.

Confirmation 1: If RAN controlled codec rate adaptation is supported, the RAN should explicitly indicate the recommended bit rate.   
Proposal 3:
If RAN controlled codec rate adaptation is supported, RAN2 should further discuss the mechanism by which the codec bit rate is provided to the UE. 

Proposal 4:
If RAN controlled codec rate adaptation is supported, RAN2 should further discuss the UE behaviour under parallel codec rate adaptation algorithms.
Observation 2:
For service continuity with make-before-break, it is up to the UE to obtain the service of interest via Unicast delivery when it is about to move out of the SC-PTM coverage. 
Proposal 5:
RAN2 should consider if the RAN assisted codec rate adaptation is preferable to the RAN controlled codec rate adaptation. 

Proposal 6:
If Proposal 5 is agreeable, RAN2 should further consider how the RAN provides assistance to the UE for codec rate adaptation and the contents of the assistance.

Observation 3:
With SC-PTM, no assumption can be made on whether the service of interest is provided by the neighbour cells while the UE remains in the same frequency.  

Observation 4:
With Solution 5, if SC-PTM service of interest is provided in the neighbour cell, multiple transitions between IDLE and CONNECTED will lead to increased signalling overhead and UE power consumption. 
Proposal 7:
RAN2 should further consider if the RAN requires UE specific information such as the UE’s radio condition to support codec rate adaptation at call setup.
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