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1.	 Discussion

MP_RTT PD (S4-230702) includes general requirements referring to an expired IETF draft “draft-hellstrom-avtcore-Multiparty-rtt-solutions-08”, which is not appropriate. 

This contribution proposes updates on general requirements according to ITU-T.140, IETF RFCs, 3GPP TS 23.228 and ETSI TS 103 479 V1.2.1, etc. 


--------------------------------- first input starts --------------------------------

2.2 Multiparty RTT requirements 
According to clause 3 of draft-hellstrom-avtcore-Multiparty-rtt-solutions-08[2], the key Multiparty RTT requirements are listed as follow
2.2.1 General requirements
General requirements:

The general Multiparty RTT requirements from existing standards are listed as follows:
· A solution shall be applicable to IMS as specified in 3GPP TS 23.228 [3], Additionally, 3GPP TS 24.147 [5] provides the protocol details for conferencing within IMS based on SIP, SIP Events, SDP and the Binary Floor Control BFCP.
·  SIP-based VoIP, and Next Generation Emergency ServiceThe transmission interval for text should not be longer than 500 milliseconds when there is anything available to send. Ref ITU-T T.140.
· If text loss is detected or suspected, a missing text marker should be inserted in the text stream as defined in ITU-T T.140 Amendment 1 [6].
· The display of text from the members of the conversation shall be arranged so that the text from each participant is clearly readable, and its source and the relative timing of entered text is visualized in the display. Mechanisms for looking back in the contents from the current session should be provided. The text should be displayed as soon as it is received as defined in ITU-T T.140 [6].
· Bridges must be multimedia capable (voice, video, text).It MUST be possible to use real-time text in conferences both as a medium of discussion between individual participants (for example, for sidebar discussions in real-time text while listening to the main conference audio) and for central support of the conference with real-time text interpretation of speech. Further session setup and control requirements can be found in RFC5194 [7]. 
· It should be possible to protect RTT contents with the usual means for privacy and integrity.
2.2.2 Performance requirement 
Performance requirements:
The Multiparty RTT performance requirements from existing standards are listed as follows:

· The mixer performance requirements can be expressed in one number, extracted from the user requirements on real-time text expressed in ITU-T F.700 [8], where it is stated that for "good" usability, text characters should not be delayed more than 1 second from creation to presentation. For "usable" usability the figure is 2 seconds. 
· If buffering is provided in the data channel, it should not delay transmission more than 500 ms [3]. A buffering time of 300 ms is RECOMMENDED when the application or end-to-end network conditions are not known to require another value as indicated in RFC 4103 [9].
· The mean delay of text passing the mixer introduced when only one participant is sending text should be kept to a minimum and should not be more than 400 ms.
· The mean delay of text passing the mixer should not be more than 1 second during moments when up to three users are sending text simultaneously.
· For the very rare case that more than three participants send text simultaneously, the mixer may take action to limit the introduced delay of the text passing the mixer to 7 seconds.
· The load on network and nodes should be limited. This is usually achieved by setting a limit for how many packets per second that may be sent from a mixer to each participant. While two-party use by RFC 4103, limits the load to 3.3 packets per second, a realistic limit for mixers could be 10 packets per second.


2.2.3 Specific requirements - Next Generation Emergency Services

ETSI TS 103 479 V1.2.1 [10] indicated that Real-time text can be used for emergency service. The relevant references and requirements are listed as follows:  

All call handling elements in the ESInet shall support the framework for Real-time Text over IP using the Session Initiation Protocol (SIP), as in IETF RFC 5194 [7], specifying the use of IETF RFC 4103 [9] for the packetization of real-time text, and enhancements of real-time text for mixing in a centralized conference model as in IETF RFC 9071 [11]. This medium may be used simultaneously with voice and/or video in calls. Refer to ETSI TS 101 470 [12] and ETSI TR 103 201 [13] and for further information on Real-Time Text and Total Conversation to Emergency Services.
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2. Proposal
It is proposed to avoid using draft-hellstrom-avtcore-Multiparty-rtt-solutions-08 as reference and to incorporate the revised requirements into the MP_RTT PD as described above. 
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