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1. Introduction
This document adds text to describe the profile of requirements in order to specify an interoperable baseline for for RTP and SDP to support MCPTT. 
The text is based upon the profile documented by the GSMA in PRD IR.92 which profiles IMS for Voice over LTE.  

2. Summary of Changes
Data transport and RTCP usage is described.
3. Proposal

It is proposed to agree the following changes to 3GPP TR 24.980v0.1.0
* * * First Change * * * *
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5.2
Data transport

5.2.1
MCPTT UE
It is recommended that the UE uses RTP over UDP as described in IETF RFC 3550 [x] and IETF RFC 768 [y], respectively, to transport voice and use symmetric RTP as defined in IETF RFC 4961 [z].
5.2.2
SIP core
It is recommended that the entities in the SIP core that terminate the user plane use RTP over UDP as described in IETF RFC 3550 [x] and IETF RFC 768 [y], respectively, to transport voice and use symmetric RTP as defined in IETF RFC 4961 [z].
5.3
RTCP usage
5.3.0 General

It is recommended that the RTP implementation includes an RTP Control Protocol (RTCP) implementation according to IETF RFC 3550 [x].
5.3.1
MCPTT UE
It is recommended that the UE uses symmetric RTCP as defined in IETF RFC 4961 [z]
The bandwidth for RTCP traffic is described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by IETF RFC 3556 [b]. Therefore, it is recommended that a UE includes the "b=RS:" and "b=RR:" fields in SDP, and a UE is able to interpret them if received. If the “b=RS:” field or “b=RR:” field or both these fields are not included in a received SDP (offer or answer), then it is receommended that the UE uses the recommended default value for the missing field(s) as defined in IETF RFC 3556 [b].

It is recommended that the RTCP transmission is turned on by the UE.
It is recommended that the UE sets the sending frequency of control packets to a value calculated from the values of "RS" and "RR" SDP bandwidth modifiers according to rules and procedures in IETF RFC 3550 [x]. The UE sets the "RS" and "RR" SDP bandwidth modifiers such that the calculated RTCP sending frequency is equal or less than 5 seconds, in order to allow sufficiently quick detection of inactivity.

It is recommended that the UE supports the transmission of RTCP packets formatted according to the rules in IETF RFC 3550 [x] and with the clarifications below:

-
It is recommended that RTCP compound packet format is used. When sent, the compound packet includes one report packet and one source description (SDES) packet. When no RTP packets have been sent in the last two reporting intervals, a Receiver Report (RR) should be sent. Some implementations send a Sender Report (SR) instead of a Receiver Report (RR), and this is handled and accepted as valid.
-
It is recommended that the SR, RR and SDES packets are formatted as described in detailed below:

-
Sender report (SR) and Receiver Report (RR) RTCP packet

-
Version 2 is be used.

-
Padding is not to be used (and therefore padding bit is not be set).

-
Source description (SDES) RTCP packet

-
Version and Padding as described for SR packet.

-
The SDES item CNAME is included in one packet. 

-
Other SDES items should not be used.

Note:
Because the randomly allocated SSRC identifier can change, the CNAME item is included to provide the binding from the SSRC identifier to an identifier for the source that remains constant. Like the SSRC identifier, the CNAME identifier is unique among all other participants within one RTP session.
5.3.2
SIP core
It is recommended that entities in the SIP core that terminate the user plane use symmetric RTCP as defined in IETF RFC 4961 [z].
The bandwidth for RTCP traffic is described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by IETF RFC 3556 [b]. Therefore, it is recommended that the SIP core entities that terminate the user plane are able to interpret the "b=RS:" and "b=RR:" fields in SDP.
It is recommended that the RTCP transmission is turned on by the SIP core entities that terminate the user plane.
It is recommended that the SIP core entities that terminate the user plane set the sending frequency of control packets to a value calculated from the values of "RS" and "RR" SDP bandwidth modifiers according to rules and procedures in IETF RFC 3550 [x]. 

It is recommended that the SIP core entities that terminate the user plane support the transmission of RTCP packets formatted according to the rules in IETF RFC 3550 [x] and with the clarifications below:

-
It is recommended that RTCP compound packet format is used. When sent, the compound packet includes one report packet and one source description (SDES) packet. When no RTP packets have been sent in the last two reporting intervals, a Receiver Report (RR) should be sent. Some implementations send a Sender Report (SR) instead of a Receiver Report (RR), and this is handled and accepted as valid.

-
It is recommended that the SR, RR and SDES packets are formatted as described in detailed below:

-
Sender report (SR) and Receiver Report (RR) RTCP packet

-
Version 2 is be used.

-
Padding is not to be used (and therefore padding bit is not be set).

-
Source description (SDES) RTCP packet

-
Version and Padding as described for SR packet.

-
The SDES item CNAME is included in one packet. 

-
Other SDES items should not be used.

Note:
Because the randomly allocated SSRC identifier can change, the CNAME item is included to provide the binding from the SSRC identifier to an identifier for the source that remains constant. Like the SSRC identifier, the CNAME identifier is unique among all other participants within one RTP session.
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