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1 Introduction
2019-10-17, 3GPP SA4 received LS S4-191216 sent from ETSI TC HF to ask 3GPP to make changes for accommodating Multiparty RTT. 3GPP SA4 answered in S4-191253 that requirements were welcome.
[bookmark: _GoBack]2022-02-07, 3GPP SA4 received LS S4-220102 sent from ETSI TC HF containing the reply to that answer. Furthermore, ETSI TC HF has invited SA4 to initiate and coordinate actions regarding related specifications under the responsibility of other 3GPP groups than SA4. Then, 3GPP SA4 requested actions to 3GPP, GSMA and ATIS in S4-220321.
2 Answers from Other Groups
	Group
	LS
	Request
	Response

	3GPP SA1
	S1-221214
	SA4 asks SA1 to clarify if existing SA1 requirements would apply or if any new requirement would be necessary, and if SA1 is aware of any other regulatory requirements that should be taken into account.
	-    There are existing SA1 requirements captured in TS 22.173 that cover the support of multiparty RTT in conference calling.
-    SA1 is not aware of any other regulatory requirements.

	3GPP CT1
	C1-223991
	SA4 asks CT1 to consider the request from ETSI TC HF and confirm that the preliminary assessment of potentially impacted specifications is correct.
	-    CT1 confirms the preliminary assessment (i.e., impact to 3GPP TS 24.147) described in section 4.6.2 of S4-220102 is correct.
-    As requested in section 4.4 WebRTC of S4-220102, CT1 confirms that 3GPP TS 24.371 is already updated to support IETF RFC 8865 "T.140 Real-Time Text Conversation over WebRTC Data Channels".
-    CT1 confirms that support of IETF RFC 9071 "RTP-Mixer Formatting of Multiparty Real-Time Text" and the SDP attribute in RFC 9071 has an impact on 3GPP TS 24.229. SDP attributes with usage specified in IETF RFC 8865 "T.140 Real-Time Text Conversation over WebRTC Data Channels" are already supported by 3GPP TS 24.229.
-    Regarding how to coordinate the potential normative work, CT1 thinks a Release-18 work item for supporting multiparty Real-time Text (RTT) in conference calling is needed.

	3GPP CT4
	C4-223048
	SA4 asks CT4 to consider the request from ETSI TC HF and confirm that the preliminary assessment of potentially impacted specifications is correct.
	-    From CT4 perspective a dedicated work item on "multiparty Real-time Text (RTT) in conference calling" would be needed to understand all requirements and to provide a thorough assessment of the impacted specifications.
-    CT4 would like to inform SA4 that SA2 currently carries out a study on "Study on system architecture for next generation real time communication services" which might be of interest for SA4.

	GSMA
	UPG03_107r3
	SA4 asks GSMA NG to take the above information into account and provide feedback if any.
	1.GSMA NG GSG confirms that no new stage 1 RTT requirements are reported for RCS. GSMA PDTF group is responsible for RCS stage 1 requirements and if such new RTT requirements are identified those will be communicated to 3GPP SA4.
2.GSMA NG UPG confirms that no new stage 1 RTT requirements are reported for IP Multimedia Subsystem (IMS). The existing and documented RTT requirements are in effect and apply to IMS. 

	ATIS
	TBD
	SA4 asks ATIS to identify if there are requirements on multiparty RTT that should be taken into consideration.
	TBD



The answers can be summarized as follows:
1. There are no new requirements from 3GPP SA1 and GSMA.
2. There are two approaches for Multiparty RTT solution: over RTP and over data channel, the latter is being studied under FS_NGRTC by 3GPP SA2.

3 Multiparty RTT Use Cases and Requirements
3.1 Use Cases
According to clause 6.4 of Draft - DTR/HF-00103708 v0.0.11[1], Multiparty RTT use cases are defined as follows:
-    Call using RTT within a small group of Deaf persons
-    Deaf person calling emergency service and using RTT
-    Hard-of-hearing user talking with hearing friends
-    Deaf user participating in conference getting transcription support
-    Deaf user participating in conference contributing by text-to-speech
-    Deaf-Blind user participating in remote meeting
-    Person in a critical situation making an emergency call by RTT
-    Person in remote group meeting in occasional noise
-    Relay service using multiparty technology
-    Using an RTT relay service to connect to a voice conference call
3.2 Requirements
According to clause 3 of draft-hellstrom-avtcore-Multiparty-rtt-solutions-08[2], the key Multiparty RTT requirements are listed as follows:
General requirements:
-    A solution shall be applicable to IMS, SIP based VoIP and Next Generation Emergency Services.
-    The 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.
-    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.
-    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.
-    It should be possible to protect RTT contents with usual means for privacy and integrity.
Performance requirements:
-    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. 
-    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.

4 Proposal
Although RTT over RTP solution is already used in emergency call scenarios, Multiparty RTT over RTP still has noticeable quality issues due to poor performance of RTP-mixer when dealing “with more simultaneously sending participants and with receivers at default capacity, there will be a noticeable jerkiness and delay in text presentation” [3]. Alternatively, Multiparty RTT over IMS data channel can offer a better performance and richer user experiences. It is therefore proposed to initiate a new WI working on a more complete and more adequate solution for the industry. 
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