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Introduction
As per online discussion, this paper is intended to provide a Text Proposal to capture the solution descriptions of Codec adaptation w.r.t the recommended bit rate provision from the eNB to the UE.
The relative agreements are as follows:

	
=> Use the following description as the baseline for section 5.4:

In case the eNB determines to recommend a connected-mode UE to modify the bit rate due to e.g. poor radio condition or network congestion detected in uplink or downlink transmission direction, it sends a message with the recommended codec bit rate to that UE for usage. And then the UE may use this recommended bit rate as an input to initiate an end-to-end negotiation on the codec rate adaptation by sending an application layer message (e.g. RTCP or RTP CMR) to the peer UE. Accordingly, the peer UE may further retrieves a recommended codec bit rate from its serving eNB to ensure an end-to-end codec adaptation.
The codec adaptation procedure between the UE and eNB are (including the solutions mentioned in R2-165616)




=>	Change “codec bit rate” to “bit rate” in the whole TR.
CB on Thursday to provide a revised TP for the solution part of VoLTE/Video codec adaptation.

As agreed and mentioned above, the following four solutions were agreed to be captured in this TP:
1, Dedicated RRC based solution
2, Broadcast based solution
3, MAC CE based solution
4, Application layer based solution

The Text Proposal is drafted based the latest TR 36.750v0.3.0.
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In case the eNB determines to recommend a connected-mode UE to modify the bit rate due to e.g. poor radio condition or network congestion detected in uplink or downlink transmission direction, it sends a message with the recommended bit rate to that UE for usage. And then the UE may use this recommended bit rate as an input to initiate an end-to-end rate adaptation by sending an application layer message (e.g. RTCP or RTP CMR) to the peer UE or or the concerning media GW. Accordingly, the peer UE may further retrieves a recommended bit rate from its serving eNB to ensure an end-to-end codec adaptation.
Regarding the provision and delivery of the recommended bit rate from eNB to UE, there are four alternatives that are studied, as described in the following sections.
[bookmark: _Toc458763508]5.4.1 Dedicated RRC signaling based solution
In case of poor radio condition or network congestion, etc, the network uses the RRC dedicated signalling to indicate the recommended bit rate to the UE to modify the bit rate for uplink or downlink transmission direction. 
For the use cases in Sections 5.3.2 1 – 5.3.2.4, the UL and DL recommended bit rate indication in Step 2 is conveyed by RRC dedicated signalling, e.g. RRCConnectionReconfiguration from the eNB to the UE. 

5.4.2 Broadcast based bit rate adaptation
This approach is to assist UE to adjust bit rate based on broadcast signalling when a VoLTE call is initiated or on-going. With this mechanism, network can consider the cell load status and broadcast the mapping relationship between available bit rates and channel condition via system information. When initiating VoLTE call or during an on-going call, UE determines the available bit rates corresponding to the measured channel condition and negotiates with peer UE based on SIP procedure. 
The detail procedure is as follows:


Figure 5.4.2.1-1: Broadcast based bit rate adaptation mechanism
Step 1: eNB decides the mapping relationship of the bit rates/highest bit rate corresponding to each channel condition scope considering the cell load status.
Step 2: eNB broadcasts the mapping relationship to UEs.
Step 3: UE performs the measurements, and determines the available bit rates from the broadcast information based on the measured results.
Step 4: UE performs legacy SIP signalling or application layer bit rate negotiation procedure with the peer UE within the respectively available bit rates scope determined in step 3.

5.4.3 MAC Control Element
The UL and DL rate indication in Step 2 of the use cases in Sections 5.3.2 1 – 5.3.2.4 is conveyed as a MAC Control Element (CE) from the eNB to the UE. 
The bit rate recommendation retrieval in Step 5 of the use case in 5.3.2.3 and Step 6 of the use case 5.3.2.4 uses the MAC Control Element as a combination of a UE UL or DL bit rate query and a corresponding eNB bit rate recommendation as outlined in Figure 5.4.3-1.
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Figure 5.4.3-1: UE UL or DL bit rate query and a corresponding eNB bit rate recommendation
The recommended bit rate on an established radio bearer is provided with an index to a table of bit rate values. It is indicated whether the bit rate recommendation is in the uplink or downlink. 
The response from the eNB to the UE uses the same MAC CE as for the bit rate recommendation from the eNB to the UE as described above. The eNB may respond with a bit rate either equal, lower, or higher than the bit rate included in the query from the UE. The eNB may also send a response with reject for the query for a recommended bit rate. 

5.4.4 Application layer based solution


Figure 5.4.4-1: Application layer based solution
The application layer based solution also refers to the network triggered CMR/TMMBR solution.
The eNB by implementation knows which DRB is using speech or video service. In order to change the DL/UL bit rate of the DRB, the eNB can construct a CMR message for speech or a TMMBR message for video which is sent to the target UE. The UE(s) receiving the bit rate change request message will trigger the codec mode/bit rate change in-turn. The CMR/TMMBR message sent by the eNB can be per DRB per UE. In Step 3, the UE receiving the change request of codec mode/bit rate will trigger the SIP signalling procedure to negotiate the new code mode/bit rate with the target UE, according to [3].

-----------------------------------------------------------------End of TP-------------------------------------------------------------------
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