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1 Reason for Change

a) Justification: 

The current UP does not describe in details how RTCP RR/SR reports are built.  PoC Session may have huge number of participants and PoC Session may last very long.  If packet amounts are counted cumulatively from the beginning of the PoC Session, then unwanted additional memory capacity is needed in PoC Clients and PoC Servers.  
If RR is lost, then there are problems in generating correct charging records (in case charging is based on successfully delivered packets) and making User Plane adaptation (if supported) in any case independently on how the lost packets are counted (from the beginning of PoC Session or from the beginning of Talk Burst).   Using timers as proposed by RFC, cases problems also and the accuracy of the charging records will not be good enough.
This contribution proposes a solution for this problem. 
R01: more RFC aligned solution suggested and justifications sharpened.

RFC 3550 specifies for RTCP SR/RR procedures, that RTCP should not exceed 5 % of the Session BW. PoC Session BW is ~ 8 000 bit/s. 

5 % out of 8000 b/s is 400 bits/s. Assuming size of SR and RR being ~ 400 bits, this would give us possibility to send SR and RR every 2 seconds in PoC Session. In other words, the RTCP reporting interval would be 2 seconds. 

RFC 3550 specifies time-out values for active members and senders with their SSRC’s. SSRC may be timed-out if no report from that SSRC has been issued during 5 times the RTCP reporting interval. In other words, SSRC can be timed-out, if not heard during last 10 seconds. Basically this would mean that in PoC, the accurate SSRC state would be maintained only for the last talker, assuming avg speech turn to be 6…7 seconds.
In any case, RFC has specified possibility to time out the SSRC from the senders list. This is intended for the case, where group size is large. In PoC, we don’t use periodic RTCP SR/RR. We don’t have concept of RTCP reporting interval. Therefore it would be difficult, time consuming and impractical to specify timers or rules for timing out the SSRC’s in PoC. 

To be more aligned with RFC and to allow also timing out the SSRC’s of other senders in case of large group sessions, it is proposed to specify a minimum number of latest active senders, whose SSRC state SHALL be maintained. This does not preclude that some Client would have SSRC’s and states of all participants maintained.
b) Clauses affected:

Sub clause 7.1.2.2. 

c) Summary of change:

Additional bullet is added in 7.1.2.2 is to cover the maintaining of the SSRC states..
d) Consequence if not approved:

Potential IOP problems.
e) Reason for revision:

R01:  Telco discussion taken account.
2 Impact on Backward Compatibility

None.

3 Impact on Other Specifications

None.

4 Intellectual Property Rights

Members and their Affiliates (collectively, “Members”) agree to use their reasonable endeavours to inform timely the Open Mobile Alliance of Essential IPR as they become aware that the Essential IPR is related to the prepared or published Specification.  This obligation does not imply an obligation on Members to conduct IPR searches.  This duty is contained in the Open Mobile Alliance application form to which each Member’s attention is drawn.  Members shall submit to the General Manager of Operations of OMA the IPR Statement and the IPR Licensing Declaration.  These forms are available from OMA or online at the OMA website at www.openmobilealliance.org.

5 Recommendation

To make the corrections according to the chapter below:

6 Detailed Change Proposal

7. Media control

7.1 Quality feed back

7.1.1 General

The PoC Client and the PoC Server performing the Controlling PoC Function MAY send quality feedback reports for the RTP Media packet transmission. The quality feedback SHALL be done according to Error! Reference source not found. with the clarifications in this subclause. If supported, the quality feedback reporting:

· SHALL be performed by the transmission of RTCP Receiver Reports (RR) packets and Sender Reports (SR) packets; and,

· SHALL send the SR packets and the RR packets as RTCP SR compound packets and RTCP RR compound packets.

7.1.2 Procedures at the PoC Client

The PoC Client:

· SHALL act as an RTP endpoint according to Error! Reference source not found.;

· MAY support the transmission of RTCP SR/RR compound packets;
NOTE 1:
Some PoC Clients may utilize radio bearers that prohibit the possibility to collect sender and reception statistics. Such PoC Client doesn’t have to send any RTCP SR/RR compound packets, e.g. Service Option 60, see Error! Reference source not found..

· SHALL support the reception of RTCP SR/RR compound packets;

· SHOULD NOT schedule transmission of RTCP SR compound packets during a Talk Burst (to reduce potential degradation of the quality of the RTP Media packet transmission); and,

· SHOULD NOT schedule the transmission of RTCP RR compound packets during a Talk Burst (to save bandwidth).
NOTE 2:
Periodic transmission of RTCP RR compound packets during RTP Media packet transfer may be used as ‘heart beat’ indication from the listening PoC Clients to the PoC Server. One of the functions RTCP SR compound packets perform is synchronize multiple data streams, e.g. audio and video, and if synchronization is performed the transmission of RTCP SR compound packets during the RTP Media packet transfer is required.
7.1.2.1 PoC Client sending RTP Media packets

A PoC Client that supports quality feedback and has sent RTP Media packets:

· SHALL send a RTCP SR compound packet, when it ends the Talk Burst by sending the TBCP Talk Burst Release message.

7.1.2.2 PoC Client receiving media packets 

A PoC Client that supports quality feedback and has received RTP Media packets:

· SHALL send a RTCP RR compound packet, when it gets an indication to trigger the transmission of the RTCP RR compound packet; and,

NOTE 1: 
Which indication the PoC Client uses to trigger the transmission of the RTCP RR compound packet is an implementation option but it may be the reception of a RTCP SR compound packet, an indication that the Talk Burst has ended, i.e. the reception of a TBCP Talk Burst Idle message or the expiry of the ‘PoC Client end of RTP Media timer’.

· SHOULD use the reception of the RTCP SR compound packet as an indication to trigger the transmission of the RTCP RR compound packet.

NOTE 2:
Quality feedback is an implementation option and a PoC Client cannot rely on the other PoC Clients in the PoC Session to send RTCP SR compound packets. Therefore, a PoC Client that waits for a RTCP SR compound packet before sending a RTCP RR compound packet must have a fallback option. 

A PoC Client using the reception of the RTCP SR compound packet as indication to trigger the transmission of the RTCP RR compound packet:

· SHOULD implement a timer that supervises the reception of the RTCP SR compound packet.

NOTE 3:
This timer should be started when the PoC Client gets an indication that the Talk Burst has ended. On expiry the of the timer the PoC Client should conclude that the RTCP SR compound packet is not sent or is lost. On expiry the PoC Client should send the RTCP RR compound packet to the PoC Server even though it hasn’t received the RTCP SR compound packet. 

NOTE 4:
Specification of this timer is outside the scope of this specification.
A PoC Client SHALL maintain the SSRC states as minimum of 20 latest senders in a PoC Session i.e. PoC Client MAY allow timing out the SSRC state of other PoC Client who is not listed among 20 latest senders.

NOTE 5: Above requirement allows PoC Client maintaining SSRC states of any number e.g. all Participants in PoC Session, but it defines a minimum that needs to be maintained.
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