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1.
Introduction
In RAN#71 plenary meeting the new Rel-14 SI on VoLTE enhancements was approved [1] and at last RAN2#93bis meeting first discussion on codec mode/rate adaptation/selection took place. Following discussion the principles to consider when developing the candidate solutions were agreed:
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.

· 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.

In this contribution we address potential mechanisms for codec mode/rate adaptation during an ongoing VoLTE call that are in line with the agreed principles for developing potential solutions.
2.
Discussion
Currently, at VoLTE call setup a codec negotiation between the calling and terminating UE takes places and the codec type will be setup which is supported commonly by both UEs. In accordance with the GSMA IR.92 [2] in EPS a dedicated GBR bearer with QCI1 will be established for the IMS voice call to the UEs. Furthermore, in accordance with the NAS QoS attributes in AS the parameters such as logical channel priority (value 1 to 16), prioritized bitrate (in kBytes per seconds) and bucket size duration for logical channel prioritization (in ms) will be configured by eNB.

In the following we address potential mechanisms for codec mode/rate adaptation during an ongoing VoLTE call. 

a) Adaptation of UL codec bit rate
The Figure 1 below shows an exemplary UE-eNB interaction to adapt UL codec bitrate for voice based on UL available bandwidth indication on the radio interface.
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Figure 1: UE-eNB interaction to adapt UL codec bitrate for voice based on UL available bandwidth 
indication on the radio interface
In case UL congestion is determined by eNB it sends to UE1 an indication of UL available bandwidth on the radio interface.
· This indication may be a “recommended prioritized bitrate” for the logical channel in uplink that has been configured to carry voice data. 

· The new indication may be sent on e.g. MAC or PHY to allow a dynamic adaptation of codec mode/rate.
· Based on the new indication the UE1 determines the appropriate codec mode/rate bitrate to apply and sends voice data in accordance with the new codec rate.
· The new indication may be given by an explicit bitrate in kbps, or a bandwidth index of possible bitrates, see example below.

	Bandwidth Index

	Value
	Rate (kbps)

	0
	5

	1
	8

	2
	10

	3
	13

	4
	15

	5
	18

	6
	20

	7
	25

	8
	35

	9
	50

	10
	70

	11
	100

	12
	130

	13
	...


b) Adaptation of DL codec bit rate

The Figure 2 below shows an exemplary UE-eNB interaction to adapt DL codec bitrate for voice based on DL available bandwidth indication on the radio interface.

In case DL congestion is determined by eNB it sends to UE1 an indication of DL available bandwidth on the radio interface. 
· This indication may be a “recommended prioritized bitrate” for the logical channel in downlink that has been configured to carry voice data of UE2. 

· The new indication may be sent on e.g. MAC or PHY to allow a dynamic adaptation of codec mode/rate.

· Based on the new indication the UE1 determines the appropriate codec mode/rate bitrate to apply and informs peer UE2 or Media GW to e.g. reduce its codec rate. 
· UE2 sends voice data in accordance with the new codec rate to UE1.
· Same as for the UL codec rate adaption mechanism as described in a) above, the new indication may be given by an explicit bitrate in kbps, or a bandwidth index of possible bitrates.

[image: image2]
Figure 2: UE-eNB interaction to adapt DL codec bitrate for voice based on DL available bandwidth

indication on the radio interface
Proposal: RAN2 to discuss and adopt the mechanisms for codec mode/rate adaptation during an ongoing VoLTE call based on available bandwidth indication as a potential solution. 

3.
Summary and conclusion
In this contribution we addressed potential mechanisms for codec mode/rate adaptation during an ongoing VoLTE call that are in line with the agreed principles for developing potential solutions.

Proposal: RAN2 to discuss and adopt the mechanisms for codec mode/rate adaptation during an ongoing VoLTE call based on available bandwidth indication as a potential solution. 
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