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Introduction
With the accelerating deployment of LTE networks worldwide, VoLTE solution, which can support high definition (HD) voice and other richer communication services, meets a quick developing period. Up to April this year, 90 operators in 47 countries were investing in VoLTE deployments, studies or trials. 16 operators in 7 countries had commercially launched VoLTE-HD voice service, with 186 smart phones supporting VoLTE, according to GSA’s latest research [1].
“Full HD voice” is the trend for mobile voice, and the super high voice quality is the key differentiator for the operators when competing with over the top (OTT) providers. In order to enable vastly improved voice quality, network capacity and advanced features for voice services, 3GPP SA4 specified the Enhanced Voice Service (EVS) new codec [2] for LTE and other radio access technologies. EVS is characterized by:
· Enhanced quality and coding efficiency, with EVS low rate of 5.9kbps having the same quality as AMR12.2kbps.
· Much wider bit- rate range supporting all bandwidths for maximum flexibility, and many more new rates (e.g. 7.2kpbs, 8.0kbps, 9.6kbps, 13.2kbps etc) than traditional AMR-WB/NB.
· Extreme low rate up to 5.9kbps, potentially beneficial for both coverage improvement at cell edge and overall capacity.
With the introduction of EVS into 3GPP, in order to enable the EVS over UMTS CS and improve user quality and/or capacity, RAN#66 approved a new WI proposal (RP-142282) to Support EVS over UTRAN CS [3]. LTE also requires some adaptation to EVS to be able to utilize the complete EVS advantage e.g. codec adaptation for EVS codec, new bit-rates with new packet sizes requires new TBS size for efficiency. 
Furthermore, full HD voice quality is determined by more than the codec aspect. Wireless network coverage problems at cell edge or indoor environment cause experience degradation and will damage the voice quality in spotty areas, which impact the full HD voice brand provided by operators. Together with the EVS full HD voice introduction, it is also essential to enhance the RAN coupled with EVS to provide high voice quality everywhere.
Enhanced EVS packets transmission flexibility for high quality voice
Voice codec rate adaptation is a traditional important feature supported from 2G, beneficial to balance the quality and capacity, and adapt to channel quality at weak coverage. The importance continued in the LTE era and RAN#44 initiated the vocoder rate adaptation study for LTE, with the objective of enabling operators to control the codec rate based on load criteria. After that RAN#45 continued the study of system aspects of vocoder rate adaptation for LTE. Eventually the explict congestion notification (ECN) mechanims was adopped to fulfil the vocoder rate adaptation requirement.
Now in the high quality HD voice era, voice quality is more and more essencial. When the channel quality is good, a higher codec rate (e.g. AMR23.85kbps, EVS24.4kbps) can be used, but the packet loss rate will increase if the codec rate is still high when channel quality degrades. The air interface is the bottleneck of the whole VoIP path, therefore the codec rate shall adapt to radio conditions dinamically. Given thatthe eNBknows the wireless channel situation clearly, the eNB is the suitable network node to help the UE to adjust the codec rate based on the radio situation, in order to maintain a good quality continuity. 
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Figure 1.VoLTE handling at cell edge
ECN could also support this purpose, however the ECN mechanism has some limitations. Among them:
· ECN requires all the involved intermediate nodes of the session to support ECN simultaneously, including those routers out of the 3GPP network; 
· The UE should monitor a window of several hundreds of milliseconds before figure out the “congestion” and take next step. It is less effective when a sharp channel situation variation occur;
· ECN cannot support the EVS codec adaptation and codec type change between AMR and EVS.
From the observations above, the enhancement for RAN controlled quick codec adaptation mechanism is required, to better react to channel quality and maintain high voice quality in EVS full HD voice era. 

Enhanced EVS packets transmission reliability and efficiency
To ensure seamless full HD voice quality, besides the source quality (codec) improvement itself e.g. from AMR to EVS, it is very important to focus on the transmission reliability, which is mainly determined by the cell edge coverage performance. There was a study in 3GPP RAN1 in Release 12 [5] on LTE coverage enhancement for VoIP and data-rate services, in which the RTT reduction for TTI bundling was adopted, and about 1dB gain was achieved.
Now, with the introduction of EVS full HD voice, the voice quality is increased for VoLTE by using higher codec rate. To enjoy the better user experience given by higher EVS codec,  the support of high codec rate at weak coverage is a new requirement. Coverage improvements is the direction to look to solve weak coverage problem and can be used to support higher codec rates at the cell edge. In addition, the new small voice packet size of EVS (extreme low rate of 5.9kbps, with same quality of AMR12.2kbps) was introduced, which can also be used for cell edge case. It is  therefore reasonable to evaluate how to ensure high quality voice everywhere. Some potential directions for improvements could be considered:  
1. In the frequency domain, further enhancements of TTI bundling with frequency hopping and cross-subframe channel estimation, denser DMRS, etc .Some of the enhancements were discussed in eMTC topic in RAN1 with the assumption of latency tolerance and enabled by many times of repetition. Probably this kind of enhancements can be discussed in RAN1, with the aim to also support the latency critical VoLTE services to medium range, e.g. 3~5dB;
2. In the time domain, to further increase the transmission time opportunities of packets, especially those that are experiencing transmission/reception problems. In UMTS CS, each voice packet can use 20ms for transmission, which is not optimal since the transmission time is equal for all packets. In LTE the air latency budget (e.g. 50ms) can be shared by different packets to some extent even with TTI bundling, and further sharing improvement can be considered to further improve the coverage performance;
3. EVS introduced many new rates slightly higher than AMR-WB. In LTE, the existing TBS sizes were carefully designed for typical AMR-WB packets support without any padding. For EVS packets, padding has to be added and wastes power density in uplink. To solve this problem, a small revision of some TBS sizes can make a significant step towards padding reduction to reduce resource waste and do not waste power density. Another direction to explore is to further reduce some of the headers in ROHC etc., so that the EVS packets can fit the TBS well.



Objectives of a Study to improve the HD voice performance for VoLTE
The objectives of a possible study to improve the HD voice performance for VoLTE could include:
· Study new mechanisms which can effectively enable the RAN to adapt the codec session parameters, to maintain the best voice session quality when the radio conditions changes:
· To enable the EVS codec adaptation (codec type change between AMR and EVS, and codec rate change) in RAN based on radio condition.
· Study the possible enhancements to improve the session quality at cell edge, including: 
· Further reduce the overhead for EVS and other voice packets.
· Ways to maximize the utilization of the transmission time for voice packets transmission.
·  New TBS size definition to adapt to the new voice packet sizes introduced by the new EVS rates. 
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