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1.
Introduction
In RAN#71 plenary meeting the new Rel-14 SI on VoLTE enhancements was approved [1]. The objectives of the SI are to investigate the potential RAN enhancements to:
· enable VoLTE/video codec mode and codec rate selection and change over E-UTRA; [RAN2-led]
· improve the VoLTE/video  quality perceived by the user by reducing packet loss or allowing the use of higher codec rate; [RAN1-led]
· prioritize VoLTE/video access and/or VoLTE/video related signaling and reduce call drop probability; [RAN2, RAN3]
In this contribution we discuss and provide our views on the scope of the VoLTE enhancements study.
2.
Discussion
2.1
Codec mode/rate selection/adaptation
In the following we discuss this enhancements area with focus on VoLTE.
Currently, at IMS voice 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 profile [2] in EPS a dedicated GBR bearer with QCI1 will be established for the IMS voice call to the UEs. In accordance with the NAS QoS attributes in AS the parameters for e.g. logical channel priority (value 1 to 16), prioritized bitrate (in kBytes per seconds) and bucket size duration (in ms) will be configured.
During an ongoing IMS voice call the codec rate can be adapted within the defined range for the negotiated codec type based on inband CMR (Codec Mode Request), RTCP or ECN (in IP) what is transparent to RAN. As per [3] UE-based rate adaptation is supported, i.e. the UE can decide on its own to adapt the codec rate but it is left to UE implementation on which criteria the decisions are made. On the contrary, as per GSMA profile [2] no UE-based rate adaptation is allowed but media gateway controls the rate adaptation. An IR.92 compliant UE is expected to adapt the bitrate change as received by media gateway. Furthermore, the codec type may be changed during an ongoing IMS voice call. In this case an EPS bearer modification procedure takes places to modify e.g. the GBR attribute. In AS a RRC connection reconfiguration takes places to adapt the changes e.g. by reconfiguring the prioritized bitrate value. Table 1 in the Annex summarizes the bitrates for AMR NB (Narrowband), AMR WB (Wideband) and EVS as specified in [3], [4]. To summarize:

· There are limitations in both IR.92 and 3GPP standard for codec rate adaptation.

· The current mechanisms are relatively slow and not under control of RAN.
In view of above we tend to agree that a RAN-controlled codec rate adaptation may be beneficial to allow a more dynamic codec adaptation based on radio condition and available bandwidth in UL/DL. However, in order to identify potential solutions for RAN-based solutions the following aspects need to be considered: 
· Criteria to apply for codec rate adaptation, e.g.

· Network capacity

· Radio condition

· User experience 

· Support of UE-based only, network-based only or both UE-and network-based codec adaptation

· In case of support of UE-based codec adaptation then it needs to be discussed whether an algorithm for codec adaptation needs to be specified or left to UE implementation

· Control per UE or per DRB
· Type of control information to transmit over the air, e.g.
· Codec rate acc. to codec type
· Bitrate acc. to QCI1, e.g. prioritized bitrate 
· Protocol layer over which the type of control information should be transmitted, e.g.
· RRC
· MAC
· PHY
· Compatibility between new RAN-based mechanism and legacy mechanisms, i.e. which one takes precedence if both are applicable. Certain rules may need to be defined to avoid collision.

Proposal 1: To discuss the aspects to consider for VoLTE codec adaptation on RAN.
2.2
VoLTE/video signalling related enhancements
For this enhancements area we see the need to discuss and agree first on the scenarios to consider as reference. Based on the agreed scenarios it would be then easier to analyse the problems and identify potential solutions.

In accordance with experiences we made in the field we observed VoLTE call drops in following mobility scenarios:
1) Inter-RAT change from LTE to 2G or 3G by redirection or PS HO when an IMS voice call for the terminating UE is under establishment or established and the terminating UE moves to an area of the other RAT where IMS voice is not supported. Then the IMS voice call will drop if SRVCC cannot be triggered in that RAT. Currently, there is no possibility to notify the calling UE to retry the IMS voice call over CS for avoiding a call drop.
2) Intra-LTE handover when the UE moves from a tracking area with IMS voice support to a tracking area without IMS voice support.

Proposal 2: To discuss and agree on the mobility scenarios to consider in the VoLTE/video signalling enhancements area.
2.3
VoLTE/video quality related enhancements
Referring to the WID [1] this is a RAN1-led topic with focus on coverage enhancement techniques:

· Enhancements that improve the VoLTE/video quality perceived, focusing on (RAN1-led):

· 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. 

Furthermore, only one 1 meeting with 0.5 TU was allocated for RAN1 to treat this topic. Therefore, we wonder in which way RAN2 may contribute and what kind of input RAN2 may provide to RAN1 so that they can work efficiently on this topic.
Proposal 3: To discuss in which way RAN2 may contribute and what kind of input RAN2 may provide to RAN1 on VoLTE/video quality related enhancements.
2.4
Other
In accordance with experiences we made in the field we observed some issues during audio silence period while a VoLTE call is ongoing using AMR codec. During audio silence the UE transmits only one audio packet every 160ms for comfort noise but the network allocated periodic UL resources in accordance with UL SPS configuration. Although the UE has no audio data to transmit it uses these resources during audio silence period by transmitting only padding data. These “empty” transmissions from the UE lead to unnecessary power consumption and waste of radio resources.

One solution to avoid such “empty” transmissions is to release SPS configuration by PDCCH during audio silence. However, this solution requires the UE to send SR for requesting UL resources when there are audio data to be transmitted again what would cause additional power. Alternative solution would be to keep the SPS configuration during audio silence but the UE sends an indication to eNB when it enters and leaves audio DTX mode. With such indications the eNB could better manage the UL resources to allocate for the UE. There may be other solutions to avoid “empty” transmissions during audio silence period.
Therefore, we think that enhancements to reduce power consumption and optimize UL resource allocation during audio silence period can be considered in the VoLTE enhancements study as well.

Proposal 4: To discuss whether other enhancements such as reduction of power consumption and optimization of UL resource allocation during audio silence period can be considered in the VoLTE enhancements study as well.
3.
Summary and conclusion
In this contribution we discussed and provided our views on the scope of the VoLTE enhancements study, and made the following proposals:

Proposal 1: To discuss the aspects to consider for VoLTE codec adaptation on RAN.

Proposal 2: To discuss and agree on the mobility scenarios to consider in the VoLTE/video signalling enhancements area.
Proposal 3: To discuss in which way RAN2 may contribute and what kind of input RAN2 may provide to RAN1 on VoLTE/video quality related enhancements.
Proposal 4: To discuss whether other enhancements such as reduction of power consumption and optimization of UL resource allocation during audio silence period can be considered in the VoLTE enhancements study as well.
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5.
Annex

Table 1: Codec type, sampling rate and codec bitrate as specified in [3], [4]
	Codec type
	Sampling Rate (kHz)
	bitrate (kbps)

	EVS
	 
	 

	 
	8k, 16k
	5.9

	 
	8k, 16k
	7.2

	 
	8k, 16k
	8

	 
	8k, 16k, 32k
	9.6

	 
	8k, 16k, 32k
	13.2

	 
	8k, 16k, 32k, 48k
	16.4

	 
	8k, 16k, 32k, 48k
	24.4

	 
	16k, 32k, 48k
	32

	 
	16k, 32k, 48k
	48

	 
	16k, 32k, 48k
	64

	 
	16k, 32k, 48k
	96

	 
	16k, 32k, 48k
	128

	AMR NB
	 
	 

	 
	8k
	12.2

	 
	8k
	10.2

	 
	8k
	7.95

	 
	8k
	7.4

	 
	8k
	6.7

	 
	8k
	5.9

	 
	8k
	5.15

	 
	8k
	4.75

	AMR WB
	 
	 

	 
	16k
	6.6

	 
	16k
	8.85

	 
	16k
	12.65

	 
	16k
	14.25

	 
	16k
	15.85

	 
	16k
	18.25

	 
	16k
	19.85

	 
	16k
	23.05

	 
	16k
	23.85
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