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1   Introduction
In RAN #71 meeting, the proposal of study on enhancement of VoLTE has been approved. The study objectives include but not limited to [1]: 

· 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;
In this contribution, we would like to analyse the aspects that could be enhanced and accordingly the VoLTE service quality and user experience can be further improved.
2   Discussion
2.1 Code configuration and adjustment enhancement
One of the critical factors that may impact the user experience of VoLTE service is the voice codec configuration.. A higher AMR voice code rate may provide a HD voice call and accordingly a better user experience; however, the higher codec rate requires more radio resource allocation, which implies less available network load. As a consequence, operator needs to balance the voice codec rate and the network load. Radio conditions may also impact the codec mode and codec rate. For example, in poor radio conditions, a lower codec rate may be used to reduce the packet lose and on the other hand, a higher codec rate can be used in good radio conditions to ensure a better user experience of the VoLTE call. Therefore, when VoLTE is used, the voice codec, network load, radio conditions and user experience need to be taken into account altogether. In terms of voice codec, flexible and efficient codec configuration and adjustment mechanisms are useful and needed to fulfil such complex scenarios. 
The E-UTRAN, i.e., the eNB, is in the best position to trigger voice codec rate configuration and adjustment, however, because the voice is carried over IP and the codec information is not aware to RAN, currently RAN can not directly participate in the codec modification. In this sense, we think RAN-based codec configuration and adjustment solutions can be considered. Besides, this codec adaptation solution may bring more significant benefit when considering video service (e.g. video call), so it is important that this enhancement should be designed in a flexible manner in order to be extended to support video service as well.
In this condition, there might be need of core network to assist RAN, e.g., UE capability provision, which ight need further study in RAN3.
Observation 1: It is expected to enhance the codec configuration and adjustment based on RAN, with potential assistant of core network, e.g. UE capability provision, which might need further study in RAN3.
2.2 Call flow improvement
As voice service is/was the fundamental service of operator networks, traditionally voice specific signaling has always been treated with highest priority. For example in UTMS, there is separate CS domain with separate CS access signaling procedure which RAN can distinguish it from ps access, then the cs call can be ensured in a high priority manner. 

While in VoLTE, voice access or voice related signaling may not be guaranteed as high priority under congestion conditions, where call drop probability during mobility will increase, which will adversely impact user experience. For example although voice bearer QCI=1 can be differentiated from other bearers, the voice access procedure and the SIP signaling before and during the session cannot be treated with higher priority, and this might impact the session quality, such as increased call setup delay.  Some enhancements on VoLTE signaling flow might help the operators to improve user experience.
Further, the re-direction procedure will even cause UE voice call drop, just because the QCI=1 bearer is GBR bearer and the MME will release this particular bearer during re-direction, which will definitely degrade the user experience.
Proposal 1: RAN3 is expected to consider the possible call flow improvement to prioritize voice access and/or voice related signaling and to reduce call drop probability (e.g. potential call drop during mobility).

3   Conclusion
In this contribution, we discussed some aspects to be enhanced for VoLTE HD voice quality, and come to the following observation and proposal:
Observation 1: It is expected to enhance the codec configuration and adjustment based on RAN, with potential assistant of core network, e.g. UE capability provision, which might need further study in RAN3.
Proposal 1: RAN3 is expected to consider the possible call flow improvement to prioritize voice access and/or voice related signaling and to reduce call drop probability (e.g. potential call drop during mobility).
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