[image: C:\Documents and Settings\vreck\My Documents\00-ETSI\Logo&Images\ETSI Logo_Office_20101130.jpg]		

	

	Title:
	Information to SA4 work item MP_RTT from ETSI STFs on accessible communication.

	Date:
	2024-01-23

	
	

	From (source):
	ETSI TC EMTEL STF 642

	Contact(s):
	
ETSI TC EMTEL Cristina Lumbreras cl@eena.org
Gunnar Hellström gunnar.hellstrom@ghaccess.se, 
Stf642@groups.etsi.org


	
	

	To:
	3GPP SA4 Frederic Gabin frederic.gabin@etsi.org

	Copy to:
	3GPP SA4 Frederic Firmin frederic.firmin@etsi.org
3GPP MP_RTT 
Su Huanyu su.huanyu@huawei.com

	
	

	


ABSTRACT:  3GPP SA4 work item MP_RTT has the goal to produce TR 26.982 "Implementations Guidelines for multiparty RTT"
The work item description indicates that more information on actual use cases for multiparty RTT will be collected. STF 642 has information to provide about the use in emergency communication and can also convey information on other use cases for multiparty RTT. Knowing that the timeline for MP_RTT is extremely short, STF 642 want to convey this information in this informal communication to those working with the MP_RTT work item, and also hear your view on a couple of questions expressed at the end of this document.

More aspects on multiparty RTT than this document provides can be found in TR 103 708. 

Further information on these topics can be provided on request from the addresses above.  

1. Overall description: 
ETSI TC EMTEL STF 642 on Accessible emergency communications is as a dominating case specifying communication between IMS MTSI users in emergency and emergency services. This standardisation is done as a response to a standardisation request M/587 from the European Commission intended to result in a harmonised standard matching the EAA directive EU 2019/882. The current work item is DTS/EMTEL-00068

Support for multiparty real time text (RTT) is an important function of use in the intended deliverable. Having observed the creation of the work item MP_RTT in 3GPP SA4, with a task to collect use case information for multiparty RTT, STF642 want to provide such information. Accessible emergency communications implies use cases where multiparty RTT is required. 

We can also convey information on the use of multiparty RTT for regular interpersonal communication involving users of IMS MTSI worked on by ETSI STF 614 and STF 674 also as a response to the requirement in the EAA.

Knowing that TR 26.982 will cover both RTP based RTT and IMS DC based RTT, we provide details for both technologies. 
2. General requirements
2.1 Accessibility requirements
RTT is by EU directive 2019/882, when it comes into force in 2025, required to be provided in Europe between all endpoints where voice communication is available. That includes general interpersonal communication as well as emergency communication.  In emergency communications it is valid for both the initial communication, any callback and any additions of parties to the communication and transfer of the communication. This is because communication users who have no or limited use of the voice in the communication shall have equal opportunities to communication as voice users. 

This requirement is also valid when it is possible to have video in the communication. The combination of the full set of real time conversational media text, video and voice is called Total Conversation and it is specified In TS 22.173 that MTSI provides Total Conversation when all three media are supported. 

In practise, these requirements will likely be limited to IP based services in Europe, while in USA there is still a requirement to provide interworking with the old and limited form of text communication for deaf users in the analogue circuit switched networks called TTY. 

There are other kinds of accessibility requirements specified in ETSI EN 301 549, which is being updated to a new version meeting the EAA requirements. The requirements for emergency services are to be specified first in TS 103 919, to be converted to EN 301 919. 
 
2.2 Service requirements
RTT is among the specified media for MTSI in IMS. The service specification TS 22.173 says in clause 4.1 that the supplementary services shall function on all media included in a session: 
“-When a supplementary service is invoked, it applies to all media components of an IMS Multimedia Telephony communication.”

TS 22.173 specifies CONF, 3PTY, and ECT Consultative services, where multiparty RTT would be supported according to that general requirement. 

3. Multiparty RTT situations in emergency communication
3.1 General
The main interface for European IP based Emergency services is specified in ETSI TS 103 479. It is a SIP interface. There, RTT is specified to be implemented according to RFC 4103, updated by RFC 9071 for multiparty communication. Voice and video are also specified. User calls are expected to be addressed to the service urn SOS or any of its sub-urn:s and be routed to the most appropriate PSAP. It is expected to include the location of the calling user according to RFC 6881 and any additional data.

The emergency service is supposed to Include other parties in the call by a multiparty bridge using the RFC 4579 procedures.

3.2 Assisted call transfer
The call-taker in the PSAP first dealing with the emergency communication will often consider that some other agent shall continue handling the communication. They are then supposed to REFER the communication to a multiparty bridge, and there add next party to the communication by RFC 4579 attended call transfer procedures. In many cases, the call-taker drops its connection to the call, when the transfer is complete and verified that the handling proceeds.

The signalling for the transfer is expected to reach out to the initially calling user device and operate on all media included in the communication.

3.3 Assisting expert
Any party in the emergency service handling the communication can decide that there is a need for an assisting expert to solve the emergency case. The expert will then be included by RFC 4579 procedures and take part in any combination of the media available in the communication. The signalling for the move to the bridge and the inclusion of the expert is expected to reach out to the initially calling user device and operate on all media included in the communication.
3.4 Supporting service e.g. relay service
The emergency services will be supposed to have RTT support, but there will be cases when this is not true in reality. For such cases, the emergency service will need to invoke a relay service in the call for conversion between speech and RTT. That invocation should preferably be done as a creation of a three party call in the bridge within the emergency service. The relay service will then be converting between speech and RTT in one single connection. That is not how most relay services operate today, they usually have two interfaces. One incoming and one outgoing, and they usually do the calling to the destination. 
The device of the user in emergency will get signalling as specified in RFC 4579 about the move to the bridge and inclusion of the relay service as a third party in general while the RTT in that case will only have two parties.

It may also be cases where the emergency service has RTT support, but do not handle the language that the user in emergency handles. Then a translation service needs to be invoked in the call by the emergency service. Further complications may appear, e.g.that the language interpreting service is not prepared to work with RTT, but want to use speech. That requires more parties in the communications. 
 

3.5 Call back
The emergency services need to be able to call back to the user in emergency e.g. if the original communication drops. If there was a third party included in the communication originally, the normal case will be to include the same parties in the call back. 
The signalling to the RTT user will be as a setup of a multiparty communication according to RFC 4579.
3.6 MTSI user calling relay service in an emergency situation
It will likely happen that an MTSI user with RTT in emergency does not trust that the emergency service has RTT capabilities. They may then initiate a regular call to the relay service if it is not capable of being called with a one-step call procedure invoking both relay and emergency service at the same time. 

We have not yet specified the procedure for this case. The ideal procedure should make the user MTSI terminal be referred to instead call emergency service and get the relay service invoked in the same communication, so that the user terminal is activated for providing location information and other data required in an emergency communication. 
The result will be either a three-party communication set up as described above by the bridge in the emergency service by RFC 4579 signalling or a three-party call set up by the relay service within or outside of IMS depending on what kind of access the relay service has. RFC 4579 will be used for that case as well. 

3.7 Language and modality preference causing invocation of supporting relay service in the communication
The EAA requirements say that emergency services shall answer emergency communications equally efficient for persons with disabilities as for the general public. There are cases when this will be complicated, e.g. if a user only handles a specific sign language well, and the emergency service provides access for video, speech and RTT but with no support for the specific sign language that the user has capability in. Then it can be very time consuming to figure out which kind of sign language interpretation needs to be invoked. RTT is also preferably part of such calls, so that the user and the emergency service can divert to RTT for details. 

The efficient inclusion of the proper language and modality support may be made more rapidly if the user is provided with an option to specify language and modality capabilities and get them matched during call setup. A couple of mechanisms are available for such specification: By additional data in the emergency call, by caller preferences and callee capabilities in the SIP headers RFC 3840 RFC 3841, and by lang attributes in SDP, and by RFC 8373  language negotiation in sdp. Using any of these, or human mechanisms may result in invocation of supporting services in a three-party fashion in the communication specified above in 3.4. 
3.8 RTT via RTP vs IMS data channel
RTT is specified to be possible to be used in two technologies. One is RTP as specified in RFC 4103 updated by RFC9071. The other is IMS data channel which is the WebRTC data channel with the RTT provided as specified in RFC 8865.

For emergency communications, there is no current plan to include support for WebRTC data channels. Therefore any communication from an IMS data channel user being allowed to initiate an emergency communication with RTT in the data channel enabled, would need to be converted to RTP based RTT before reaching the emergency service interface. 

For the case that a third party with RTT is invoked by the emergency service, the method described in RFC 8865 with one data channel per RTT stream shall be used, and not the method with source indicated inline. 

There are multiparty and gateway considerations in both RFC 8865 and RFC 9071.  
4. Multiparty situations in regular interpersonal communications
4.1 General
In regular interpersonal communications, RTT should be possible to use in the same kind of situations as the other media in an MTSI communication.
4.2 Users in multiparty meetings
MTSI users can be involved in meetings and conferences with multiple users. The EAA requires a possibility to use RTT wherever voice is possible. Thus also in meetings, just like text chat is often provided in meeting systems. RTT will provide a more rapid and live experience than text chat, and could be provided as an enhanced text chat. 

Regardless if RTT is provided as an enhanced text chat or a separate feature, it should be possible to get multiparty RTT support in meetings by using RTT enabled CONF, 3PTY, or special IMS application service provided multiparty support. Since text is provided only by actively contributing participants, it may be sufficient to support RTT multiparty performance for up to 3 concurrently sending participants. 

Text relay services provided in meetings can use the RTT stream to provide modality conversion to users depending on text.   
4.3 User of RTT including relay service in calls.
RTT users or total conversation users may want to include relay services in communications to convert between different modalities in the communications. The relay services may reside within IMS or outside IMS. They may be invoked as a third party in the communications, either using a specific application service in IMS or a corresponding function outside IMS to get the needed media connections for a relay call. They may also provide a traditional relay call with two interfaces, making an outgoing call as a result of a request in an incoming call. A method for initiating the call by addressing both the destination and the relay service in the same initiation or having the end user device including the relay service automatically or semi-automatically on incoming calls is preferred but not exactly standardised. ETSI ES 202 975 contains some indications of possible procedures in annexes.

4.4 RTT via RTP vs IMS data channel
RTT is specified to be possible to be used in two technologies. RTP as specified in RFC 4103 updated by RFC9071 versus the IMS data channel with the RTT provided as specified in RFC 8865. 

For multiparty RTP based RTT, RFC 9071 is specified to be used in an RFC 4579 bridge environment with a mixer for RTT. We have had some comments that also a selective forwarding mechanism like the one described in TS 26.114 Annex S.6.3 would have been desirable. Not because of the bandwidth load, but possibly because of that the text stream does not need to be manipulated in the bridge and that the SDP would be smaller for large conferences. This is discussed in RFC9071, but not solved, partly because of the complexity to avoid indications of loss of text in the redundant transmission method when the same RTP stream changes between different sources. We are interested to get your view of the need and possibility for a selective forwarding solution for RTP based RTT and if that can be done without causing interoperability problems.

For IMS Data Channel based RTT, using RFC 8865, there is a gap in specifications. RFC 8865 signalling is based on RFC 8864, and specified to use the SDP attributes dcsa and dcmap, e.g. for conveying the T.140 subprotocol value and the label used for source indication in the multiparty case. These attributes are however not specified and implemented in the W3C API for WebRTC. We see that as a complicating factor for implementation of RFC 8865, and are interested to hear your view on this and if it is feasible to ask W3C to implement support for these attributes.  
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