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SA4 would like to thank RAN2 for their LS on rate-adaptive real-time media. 

RAN2 asked several detailed questions on real-time media adaptation. SA4 tries to answer them below:

Q1:
How many packets would need to be dropped/delayed to trigger a “down switch” in common rate adaptation schemes for real-time media (e.g., from a higher codec rate to a lower codec rate)? 

Q2:
How many packets would need to be dropped/delayed in normal operation to prevent an “up switch” in common rate adaptation schemes for real-time? 

Q3:
What would be the implication on the perceived service quality of packet dropping/delaying required to trigger a “down switch”?

Q4:
Would the packet dropping/delaying method and the configuration of the method (i.e. the algorithm and the quantity) be same for all applications, codecs and codec rates (i.e. service agnostic), or would it have to be service, codec or codec rate specific?

Q5: 
Is the answer to questions above same for non-real time traffic?

Q6:
Is the answer to questions above expected to change in the future?

The adaptation scheme for real-time media is optional in TS 26.114 MTSI specification. Therefore, the detailed behaviour of the adaptation is implementation dependent. The overall target is naturally to maintain high perceived media quality in all channel conditions. Hence, for example for speech, the media adaptation target is to maintain frame error rate below 1%. It should be noted that due to different packetisation schemes, such as frame redundancy, the given frame error rate target implies different packet error rate targets. Certain packet drop/delay rate will result in different frame error rate and user experience depending on the packetisation scheme. Dropping packets may actually increase the media bit rate if e.g. frame redundancy is invoked due to degraded channel conditions. For video media the receiver would react by sending AVPF NACK messages. The reaction of the video sender to receiving AVPF NACK is not specified/mandated in TS 26.114. Therefore, there is no particular target number for lost/delayed packets for any adaptation action for any media.
The adaptation mechanism and thresholds for adaptation actions is media and codec dependent since the tools for rate adaptation are different for example for speech and video coding.

Non-real time traffic naturally has different methods for media adaptation. The adaptation most likely will not be able to affect the media encoding. Therefore, the methods are limited to packetisation and transport issues such as frame redundancy and packet re-transmissions.

SA4 is about to start working with Rel-8 specifications. The media adaptation may be included in the work items. 

RAN2 had further questions in LS (S4-070250):
Question 1: 
The latest reply from SA4 in S4-070225 seems to indicate that rate control based on packet dropping would not provide a sufficient solution for the RAN because the behaviour of the media flow sender/ receiver is not clearly specified/mandated. Is this a correct understanding?

SA4 is not mandating any adaptation scheme. Hence, if RAN2 rate adaptation is dependent on particular media adaptation scheme, SA4 believes the RAN2 understanding is correct. Furthermore, rate control based on packet dropping would not provide a solution from media coding and transport point of view. 
Question 2: 
If SA4 thinks that still a solution based on packet dropping could be a good/sufficient rate control solution, RAN2 would appreciate to receive answers to the questions contained in R2-063562 and copied above. More specifically, how would the RAN be able to choose a good “dropping pattern” which triggers the intended behaviour by the media flow receiver and sender?

SA4 provided some answers above. Since the frame dropping pattern depends on the packetisation and furthermore, the adaptation is media and codec dependent, it is not possible to define any packet dropping pattern for media adaptation.
Question 3:
RAN2 was not sure how to interpret the answer to this question: e.g. did SA4 intend to say that when the EUTRAN is informed by the CN IMS that a (multi-rate) codec set is configured, it should be possible for the EUTRAN to e.g.:

· sends inband signaling (e.g., by explicitly marking packets) to the peers implicitly asking for a codec rate change resulting in a rate decrease, or 

· by local signaling asks the UE to change to another UL codec (assuming that a corresponding feedback mechanism exists between the UE and coder application), or

· by local signaling asks the UE to sent inband signaling to the peer asking for a codec rate change resulting in a rate decrease for the DL direction (assuming that a corresponding feedback mechanism exists between the peer entity L2 and the coder application)?

Codec mode requests are conveyed in RTCP packets between MTSI clients. The RTCP packets contain sender and receiver reports based on which the client conducts media rate adaptation. In addition, in case of speech, the RTCP_APP packets may contain explicit codec rate requests. In the current architecture this is end-to-end signalling. 
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