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1 Introduction

At RAN#73, a work item on Voice and Video enhancements for LTE has been approved [1]. The objectives of this work item are to specify the following features based on the output of the study item report [2]:

1. The codec mode/rate selection and adaptation solution details specification

2. VoLTE/ViLTE signalling optimization

3. VoLTE quality/coverage enhancements

With respect to the codec mode/rate selection and adaptation, one detailed objective is to: 

1. The codec mode/rate selection and adaptation solution details specification (RAN2)

· Develop the necessary details of the concerning codec adaptation procedures and messages, e.g. the procedural exchange of messages, the message type and formats, the form of the recommended bit rate.
In this contribution we discuss the use case 5.3.1 “Codec mode and rate selection at call-setup” that was not studied entirely during the SI due to limited time. We show that the mechanisms introduced for rate adaptation during an on-going call may also be used for the initial codec rate selection if an additional information on the desired packet treatment (e.g. QCI) is conveyed from the UE to the eNB. 

2 RAN assisted initial codec rate selection
Figure 1 describes how RAN may assist the application layer for selecting an appropriate codec bit rate at call set-up. Since RAN and the application layer are loosely coupled, the details on application layer signalling are omitted and only described on a high level. Details on the realization of the application layer signalling and media flow are described in 3GPP TS 26.114 [3]. 
Note that since the information provided by the respective eNB’s in Steps 3 and 6 typically would reflect the short term condition on the radio link, it would typically not be used by the UE to limit its codec sets but to set the initial codec mode to use, i.e. reducing the need for an immediate in-call codec bit rate change. The exact usage is however proposed to be defined by the profiling of the VoLTE service [4]. 
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Figure 1: RAN assistance for initial codec rate selection
Step 1: The user initiates the call.

Step 2: UE-1 sends a rate recommendation request message to eNB-1 for each dedicated bearer it intends to use in the call and wants initial codec rate information for, indicating which QCI that bearer would use. It is assumed that the UE is pre-configured with which QCI to indicate for different dedicated bearers.
Step 3: eNB-1 sends a rate recommendation message to UE-1 as response to each request.

Step 4: UE-1 uses the UL rate recommendation to configure the initial sending rate of the codec. The rate information included in the SDP offer describes the “overall” maximum codec rate to be used for the entire call, which is typically based on codec maximum rate, general service limits, operator policy, user subscription, or other rather static considerations. The rate recommendation from eNB-1 is a volatile value that should not typically be used to limit the rate for the entire call duration.
Step 5: UE-2 sends a rate recommendation request message to eNB-2 for each dedicated bearer it intends to use and wants initial codec rate for, similar to UE-1 in Step 2.
Step 6: eNB-2 sends a rate recommendation message to UE-2 as response to each request.

Step 7: UE-2 uses the UL rate recommendation to configure the initial sending rate of the codec.
Step 8: RTP media flow with codec rate based on RAN recommended rate.
Since, during the initial part of the call-setup procedure, there is no established quality of service class known to the eNB for the media flow, the desired quality of service class needs to be included in the query of the recommended rate from the UE to the eNB at steps 2 and 5 above.

As described above, this may for instance be indicated via the Quality of Service Class Indicator (QCI) value of the dedicated bearer that will be configured for the media flow. Also, to identify the service that is requesting the rate recommendation the logical channel identity of the default bearer to which the dedicated bearer is linked may be included in the query from the UE.
The procedure above requires that the VoLTE client is provisioned with the desired packet treatment for the media traffic and the exact realization of this is proposed to be defined by the profiling of the VoLTE service  [4]. 
Observation 1 The mechanisms used for an on-going call rate recommendation may be used also during the call establishment phase if information on the desired packet treatment and service identification is conveyed from the UE to the eNB.

Proposal 1 The mechanism introduced for recommendation of the bit rate shall include a possibility for the UE to query a recommended bit rate for a specific packet treatment.
3 Conclusion
In this contribution we discussed the use case 5.3.1 “Codec mode and rate selection at call-setup” that was not studied entirely during the SI due to limited time. We show that the mechanisms introduced for rate adaptation during an on-going call may also be used for the initial codec rate selection if an additional information on the desired packet treatment (e.g. QCI) is conveyed from the UE to the eNB. In section 2 we made the following observation:
Observation 1
The mechanisms used for an on-going call rate recommendation may be used also during the call establishment phase if information on the desired packet treatment and service identification is conveyed from the UE to the eNB.


Based on the discussion in section 2 we propose the following:
Proposal 1
The mechanism introduced for recommendation of the bit rate shall include a possibility for the UE to query a recommended bit rate for a specific packet treatment.
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