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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 requirements and propose evaluation criteria of potential solutions for RAN assisted codec rate adaptation for VoLTE and ViLTE (Video over LTE). We further propose four high level solution alternatives to be evaluated.
2 Discussion
The VoLTE service is designed with a loose integration of the media layer and the underlying LTE transport layer. With this approach, the service may rapidly deploy new voice and video codecs with a minimal impact on the complete system design. It is proposed that any RAN assisted rate selection or bit rate adaptation that is developed shall follow this design principle. In addition to the benefits for service evolution, this will also provide a cost efficient implementation, avoiding to implement multiple signalling formats for a single information element, i.e. the recommended application bit rate.
Proposal 1 Any rate selection or adaptation mechanism introduced by RAN shall be codec agnostic. 

Proposal 2 Any rate selection or adaptation mechanism introduced by RAN shall be independent of service specific information.

Proposal 3 Any rate adaptation mechanism introduced by RAN shall work together with and not conflict the existing rate adaptation mechanisms specified in TS 26.114. [1].

2.1 Considerations for RAN application bit rate assistance
On the end-user service level, the merits of the rate adaptation may be judged on the response time and the adaptation accuracy to the available transport capacity. This will manifest in the highest possible media quality at any given time. A slow response time to a decreasing transport capacity may either lead to excessive packet loss or increased end to end delay. A slow response time to an increased transport capacity or a poor accuracy in adapting to the available transport capacity may lead to an unnecessarily low media quality.
Proposal 4 Response time and possibility to adapt to the available transport capacity shall be included in the evaluation of the merits of a potential RAN rate recommendation.
In situations with radio link congestion and/or poor coverage any extra transmission capacity being consumed by the RAN rate assistance information may negatively impact the media quality perceived by the end-user.
Proposal 5 RAN resource efficiency shall be included in the evaluation of the merits of a potential RAN rate recommendation.
If the RAN rate recommendation is exposed to transmission errors this may delay the rate adaptation due to a need for retransmission. This may cause a longer response time of the rate adaptation, hence leading to unnecessary low media quality.    

Proposal 6 Robustness to transmission errors shall be included in the evaluation of the merits of a potential RAN rate recommendation.
The RAN rate recommendation shall not interfere with other service performance indicators.

Proposal 7 Robustness to increased call set-up time and call drop probability shall be included in the evaluation of the merits of a potential RAN rate recommendation

The need for sharing information between different layers of the implementation in the eNB or the UE may lead to increased response time and complicate the implementation.   

Proposal 8 Independence of cross layer information shall be included in the evaluation of the merits of a potential RAN rate recommendation.
2.2 Use case description including RAN transport capacity information exchange
In the diagram below, three potential use cases for the eNB providing the UE with information on the recommended application bit rate are described. The diagram is presented as a half call and it is proposed that the information on the recommended application bit rate is exchanged by the UE and the eNB for the local link. The end-to-end usage of this information is proposed to be handled via the regular call-control signalling (SIP and SDP) or rate adaptation commands (CMR for voice and RTCP TMMBR for video). 
The discussion is applicable to both the mobile originating and mobile terminating side. In all the three cases described below, the legacy SIP/SDP/RTP signalling procedures are proposed to be followed, but the information exchange is optimized based on the RAN assistance, leading to an improved end-user service.
In case 1), after the initial RRC connection establishment procedure, the information obtained from a UE initiated information exchange on the recommended application bit rate may be used by the UE to tailor its outgoing SDP offer/answer. With this, the amount of SIP signalling may be reduced in cases where the radio link may not support the requested transport capacity.
In case 2), once the call has been established, the eNB may send information on the recommended application bit rate in order for the UE to either directly adapt its media rate on the up-link or initiate a rate adaptation command (e.g. CMR and RTCP TMMBR) to its peer for adapting the down-link rate.
In case 3), during an on-going call, the UE may initiate an information exchange on the recommended application bit rate for optimizing the SIP signalling for e.g. an end-user request to add video to the call. If the recommended application bit rate is not sufficient to support a video stream, the SIP add media procedure is not initiated rather than being terminated on that the eNB rejects the establishment of a video bearer. Similarly to the information exchange at the call setup this will reduce the SIP signalling and may, particularly in poor radio conditions, reduce the risk of the SIP signalling negatively affecting the speech quality or other service performance indicators. 
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From an overall service perspective, it is desirable if all three usages described above of the currently recommended application bit rate may be implemented as a single framework. 

Proposal 9 A similar structure shall be used for both the information exchange at call setup and the information exchange during an on-going call on the recommended application bit rate.

2.3 Solution alternative
The information on the recommended application bit rate may be exchanged between the eNB and the UE on difference layers. Here we consider the MAC layer, the PDCP layer, and the RRC signalling level. For the PDCP layer, it is considered that the information either may be transmitted as PDCP control PDU or an application layer message injected as an IP packet at the PDCP layer (e.g. an RTCP TMMBR message or an RTCP APP message). 

Proposal 10 Solutions for application bit rate exchange between the eNB and the UE based on the usage of MAC control element, PDCP control PDU, injection of IP application message on PDCP layer, and RRC signalling are proposed to be evaluated.

The table below contrasts the four alternatives with reference to the evaluation criteria in the previous sections.
	 
	MAC
	PDCP control PDU
	PDCP application message
	RRC

	1. Codec agnostic
	Possible
	Possible
	Possible
	Possible

	2. Service independent
	Possible
	Possible
	May require service specific  information (e.g. IP address and port) to compose the application message
	Possible

	3. Alignment with E2E adaptation
	Possible
	Possible
	Possible
	Possible

	4. Response time and accuracy
	Very good
	Good
	Good
	Good

	5. RAN efficiency
	Good
	Good
	Medium
	Medium/low

	6. Robustness to transmission errors
	Good
	RLC UM may result in packet loss
	RLC UM may result in packet loss
	Good

	7. Impact on call set-up time and call drop probability
	None
	Minor if RLC UM
	Minor RLC UM
	Increased risk for call drop

	8.A eNB cross layer independence
	MAC layer provides information on the link performance..
	PDCP layer may provide information on the DL packet queue. 
	PDCP layer may provide information on the DL packet queue
	No information available on RRC layer. 

	8.B UE cross layer independence
	Requires client interface in UE to MAC layer information
	Requires client interface in UE to PDCP layer inforration
	Yes
	Requires client interface in UE to RRC layer information


Proposal 11 The potential solutions shall be evaluated with the criteria as proposed in Proposal 1 to 8.
3 Conclusion

Based on the discussion in section 2 we propose the following:
Proposal 1
Any rate selection or adaptation mechanism introduced by RAN shall be codec agnostic.
Proposal 2
Any rate selection or adaptation mechanism introduced by RAN shall be independent of service specific information.
Proposal 3
Any rate adaptation mechanism introduced by RAN shall work together with and not conflict the existing rate adaptation mechanisms specified in TS 26.114. [1].
Proposal 4
Response time and possibility to adapt to the available transport capacity shall be included in the evaluation of the merits of a potential RAN rate recommendation.
Proposal 5
RAN resource efficiency shall be included in the evaluation of the merits of a potential RAN rate recommendation.
Proposal 6
Robustness to transmission errors shall be included in the evaluation of the merits of a potential RAN rate recommendation.
Proposal 7
Robustness to increased call set-up time and call drop probability shall be included in the evaluation of the merits of a potential RAN rate recommendation
Proposal 8
Independence of cross layer information shall be included in the evaluation of the merits of a potential RAN rate recommendation.
Proposal 9
A similar structure shall be used for both the information exchange at call setup and the information exchange during an on-going call on the recommended application bit rate.
Proposal 10
Solutions for application bit rate exchange between the eNB and the UE based on the usage of MAC control element, PDCP control PDU, injection of IP application message on PDCP layer, and RRC signalling are proposed to be evaluated.
Proposal 11
The potential solutions shall be evaluated with the criteria as proposed in Proposal 1 to 8.
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