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1. Introduction
RAN2 would like to thank SA4 for their responses in the above mentioned two liaisons.

2. Packet-dropping based rate control

The SA4 response liaison on “Rate Adaptive Real-time Media” (S4-070225) was a response to the RAN2 liaison in S4-060752 (R2-063562). In that liaison, RAN2 asked several questions:

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?

These questions were quite detailed because RAN2 would like to understand if a solution based on dropping packets in the eNB would provide a sufficient solution for the RAN to limit higher priority SAE bearers to a certain rate above their Guaranteed Bitrate.

In the reply liaison in S4-070225, SA4 indicates:

When a receiver of a media flow in MTSI detects packet losses at a rate above a specific threshold, the normal behaviour is to convey information to the sender either that these losses have occurred or that a specific action is requested from the sender. This action typically includes rate reduction and may include other measures such as application level redundancy and frame aggregation. The exact behaviour in terms of the above mentioned threshold and the temporal behaviour of the adaptation mechanism is implementation dependent. 

And:

Note that there is no mandatory adaptation control mechanism in the specification, only the protocol support for transmitting information that can be used in adaptation algorithms is specified.
This seems to indicate that:

1) it is quite open when/if a receiver of a media flow would transmit information to the sender when detecting packet losses;

2) it seems relatively open if/how a sender of a media flow receiving this information would respond;
It is RAN2’s understanding that if this type of behaviour from both the media flow receiver and sender is not clearly specified and mandated, this might make a rate adaptation solution based on packet dropping unuseable for the RAN. I.e. only if packet dropping would be ensured to result in a certain codec rate decrease, this type of mechanism would be useable in practice. Therefore RAN2 would still appreciate a response on the following questions:
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 ?

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 ?
3. Explicit RAN rate control

Alternative approaches for VOIP rate control were discussed in S4-070108 (R2-070413), on which SA4 replied in S4-070171 (R2-070868). In S4-070108 RAN2 asked if it would be possible for the RAN to control the codec rate e.g. for radio load control reasons.

In the answer to question 5 in that liaison related to codec set changes, SA4 replied:

SA4 supports concepts where the codecs are negotiated only during session initiation. Although SIP does allow a re-negotiation of the codec used for a particular media type, we believe it highly unlikely that a codec change will happen during the session. 

However, since both AMR and AMR-WB has the possibility to change the codec mode in-band during a session, such behavior should be assumed. The allowed codec modes to be used during the session is agreed during session set-up and any design should assume that changing codec modes will happen without any SIP signaling. The change of codec mode can happen very frequently dependent on the chosen speech frame packetisation and further parameters. The mode change is signaled in-band with the RTP packet stream. 

This seems to say that by inband control, the peer entities could frequently trigger a mode change. However SIP re-negotiation would not be used during a session.

Then in the answer to question 10, in which question RAN2 asked whether it would be possible for the access network to control the codec rate, SA4 replied:
IMS is in control of the codec configuration. Therefore SA2 is responsible to define the necessary signaling between EUTRAN and IMS. The SA4 specifications provide the required functionality for adapting the codec rate.

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) ?
4. Actions:

To SA4
ACTION: 
RAN2 kindly asks SA4 to answer the above indicated questions.
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