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An MTSI client should offer AVP for all media streams containing text. Only in cases where there is an explicit demand for the AVPF RTCP reporting timing or feedback messages AVPF shall be used. If AVPF is offered then RTP profile negotiation shall be done as described in clause 6.2.1a.
Examples of SDP offers for text can be found in clause A.5.
An MTSI client should indicate support of multiparty real-time text by including the "a=rtt-mixer" attribute in SDP.
An MTSI client configured to automatically enable global text telephony (GTT), e.g. because the MTSI client is used by a deaf or hearing-impaired person or a person wanting to communicate with such an impaired person, shall accept an initial INVITE request for a SIP dialogue if the SDP offer does not include real time text media. It shall then send a new SDP offer (e.g. in a SIP UPDATE request during call establishment) adding text media for real time text conversation.
NOTE:	As one example, incoming calls from a PSTN interworked by an MGCF will not contain media for real time text conversation in the initial SDP offer. The new offer adding media for real time text conversation enables the transport of real time text towards the MTSI client.
Third CHANGE
[bookmark: _Toc26369266][bookmark: _Toc36227148][bookmark: _Toc36228163][bookmark: _Toc36228790][bookmark: _Toc68847109][bookmark: _Toc74611044][bookmark: _Toc75566323][bookmark: _Toc89789874][bookmark: _Toc99466510][bookmark: _Toc130412352]7.4.4	Real-time text
The following RTP payload format shall be used:
-	T.140 text conversation RTP payload format according to RFC 4103 [31] including the updates from RFC 9071 [188] when the negotiation for support of multiparty real-time text is successful.
Real-time text shall be the only payload type in its RTP stream because the RTP sequence numbers are used for loss detection and recovery. The redundant transmission format shall be used for keeping the effect of packet loss low.
Media type signalling for usage in SDP is specified in section 10 of RFC 4103 [31] and section 3 of RFC 4102 [49] and section 2.3 of RFC 9071 [188].
Negotiation of support for mixing real-time text for multiparty-aware MTSI clients shall be done by the "a=rtt-mixer" SDP attribute. When the negotiation fails in a multiparty call, mixing for multiparty unaware endpoints shall be done by a mixer capable of handling multiparty mixing of real-time text as specified in RFC 9071 [188].
FOURTH CHANGE
[bookmark: _Toc26369287][bookmark: _Toc36227169][bookmark: _Toc36228184][bookmark: _Toc36228811][bookmark: _Toc68847130][bookmark: _Toc74611065][bookmark: _Toc75566344][bookmark: _Toc89789895][bookmark: _Toc99466532][bookmark: _Toc130412371]7.5.2.3	Text
Real-time text is intended for human conversation applications. Text shall not be transferred with higher rate than 30 characters per second (as defined for cps in section 6 of RFC 4103 [31]). A text-capable MTSI client shall be able to receive text with cps set up to 30 from an MTSI client in terminal. A text-capable MTSI client shall be able to receive text with cps set up to 90 in order to be prepared to handle text received in a multiparty session, with multiple parties sending at a rate of 30 characters per second. This shall be indicated by the cps parameter in the sdp fmtp attribute for the "t140" format.
FIFTH CHANGE
[bookmark: _Toc26369322][bookmark: _Toc36227204][bookmark: _Toc36228219][bookmark: _Toc36228846][bookmark: _Toc68847165][bookmark: _Toc74611100][bookmark: _Toc75566379][bookmark: _Toc89789930][bookmark: _Toc99466567][bookmark: _Toc130412406]9.4	Text
Redundant transmission provided by the RTP payload format as described in RFC 4103 [31] including the updates for multiparty real-time text situations in IETF RFC 9071 [188] shall be supported. The transmitting application may use up to 200 % redundancy, i.e. a T140block transported in one RTP packet may be repeated once or twice in subsequent RTP packets. 200 % redundancy shall be used when the conditions along the call path are not known to be free of loss. However, the result of media negotiation shall be followed, and transmission without redundancy used if one of the parties does not show capability for redundancy.
The sampling time shall be 300 ms as a minimum (in order to keep the bandwidth down) and should not be longer than 500 ms. New text after an idle period shall be sent as soon as possible. The first packet after an idle-period shall have the M-bit set.
The procedure described in section 5 of RFC 4103 [31], or a procedure with equivalent or better performance, shall be used for packet-loss handling in the receiving MTSI client in terminal.
SIXTH CHANGE
[bookmark: _Toc26369566][bookmark: _Toc36227448][bookmark: _Toc36228463][bookmark: _Toc36229090][bookmark: _Toc68847409][bookmark: _Toc74611344][bookmark: _Toc75566623][bookmark: _Toc89790175][bookmark: _Toc99466812][bookmark: _Toc130412651]A.5	SDP offers and answers for text
[bookmark: _Toc26369567][bookmark: _Toc36227449][bookmark: _Toc36228464][bookmark: _Toc36229091][bookmark: _Toc68847410][bookmark: _Toc74611345][bookmark: _Toc75566624][bookmark: _Toc89790176][bookmark: _Toc99466813][bookmark: _Toc130412652]A.5.1	T.140 with and without redundancy
An offer to use T.140 real-time text may be realized by using SDP according to the following example in session setup or for addition of real-time text during a session.
Table A.5.1: Example SDP offer for T.140 real-time text
	SDP offer

	[bookmark: _MCCTEMPBM_CRPT86940502___7]m=text 53490 RTP/AVP 100 98
b=AS:2
b=RS:0
b=RR:500
a=rtpmap:100 red/1000/1
a=rtpmap:98 t140/1000/1
a=fmtp:100 98/98/98
a=rtt-mixer



The example in table A.5.1 shows that RTP payload type 98 is used for sending text without redundancy, whereas RTP payload type 100 is used for sending text with 200 % redundancy. IPv4 addressing is assumed in the computation of bandwidth values. The "a=rtt-mixer" attribute indicates multiparty support.
An answer from a device supporting multiparty capability could provide the following SDP:
Table A.5.2: Example SDP answer for T.140 real-time text with multiparty capability
	SDP answer from multiparty capable device

	m=text 14400 RTP/AVP 100 98
b=AS:2
b=RS:0
b=RR:500
a=rtpmap:100 red/1000/1
a=rtpmap:98 t140/1000/1 cps=90
a=fmtp:100 98/98/98
a=rtt-mixer



The example in table A.5.2 shows an answer with RTP payload type 100 text with 200% redundancy, RTP payload type 98 is used for declaring the "t140" format to be carried with redundancy in the "red" format. Successful multiparty support negotiation is indicated by the "a=rtt-mixer" attribute. Note that the format can be used also for point-to-point sessions.
An answer from a device without multiparty capability could provide the following SDP:
Table A.5.3: Example SDP answer for T.140 real-time text without multiparty capability
	SDP answer from multiparty uncapable device

	m=text 14400 RTP/AVP 100 98
b=AS:2
b=RS:0
b=RR:500
a=rtpmap:100 red/1000/1
a=rtpmap:98 t140/1000/1 cps=90
a=fmtp:100 98/98/98



The example in table A.5.3 shows an answer with RTP payload type 100 included by a device for receiving text with 200% redundancy. RTP payload type 98 is used for declaring the "t140" format to be carried with redundancy in the "red" format. IPv4 addressing is assumed in the computation of bandwidth values. Note that a mixer may send multiparty text to a device without multiparty capability by formatting text for presentation for a multiparty view with some functional limitations.
SEVENTH CHANGE
[bookmark: _Toc26369646][bookmark: _Toc36227528][bookmark: _Toc36228543][bookmark: _Toc36229170][bookmark: _Toc68847490][bookmark: _Toc74611425][bookmark: _Toc75566704][bookmark: _Toc89790256][bookmark: _Toc99466894][bookmark: _Toc130412737]E.4	Bi-directional real-time text (3 kbps, IPv4 or IPv6, RTCP and MBR=GBR bearer)
Bi-directional text at 3 kbps all inclusive (text, IP overhead, RTCP).
Note: For multiparty call scenarios, "Guaranteed bitrate for downlink (kbps)" and "Maximum bitrate for downlink (kbps)" should be a higher value than 3 kbps, 6kbps would be a suitable value.
EIGHTH CHANGE
Annex XX (normative):
Support of multiparty real-time text (MP_RTT)
[bookmark: _Toc83210232]XX.1	General
Real-time text (RTT) may be used so that all call participants are enabled to create and send RTT to the other participants, and the text being presented in readable chunks growing in real time with indication of source. The presentation should provide an approximate view of the relative timing of text from different parties.
The MTSI terminal may support multiparty real-time text (MP_RTT) as defined in this clause, the MP_RTT functionality has two solutions, over RTP and over IMS data channel.
The MP_RTT functionality for MTSI enables support of real-time text communication between each participant in a conference session. It addresses scenarios in some special groups of people, e.g., deaf person calls emergency service using RTT. 
XX.2	Requirements
XX.2.1 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 [167], Additionally, 3GPP TS 24.147 [147] provides the protocol details for conferencing within IMS based on SIP, SIP Events, SDP and the Binary Floor Control BFCP.
-	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[185].
-	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 [185].
-	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 [186].
XX.2.2 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 [187], 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 500ms. A buffering time of 300ms is RECOMMENDED when the application or end-to-end network conditions are not known to require another value as indicated in RFC4103[31].
XX.3 Multiparty RTT over RTP
XX.3.1 Architecture
The Multi-party RTT over RTP solution can reuse the current architecture, which is defined in clause 4 of TS 23.228[167].
According to clause 1.2 of RFC9071[188], for multiparty considerations, several alternatives were introduced, but only two alternatives were selected when searching for an efficient and easily implemented multiparty method for real-time text:
RTP-mixer-based method for multiparty-aware endpoints:
This solution is used when the endpoint supports multiparty-aware identifying by “a=rtt-mixer” in the SDP negotiation procedure. Only one single RTP stream for each participant, the source is indicated in the CSRC element in the RTP packets. Text from one source shall be transmitted in the same packet if available for transmission at the same time. Text from different sources must not be transmitted in the same packet.
Pros:
Good performance for multiparty RTT communication with real time transmission.
Cons:
Has new requirements on the endpoint.
Mixing for multiparty-unaware endpoints:
This solution is used as a fallback solution when the receiving endpoint is not capable of handling the mixed format. This is made possible by having the mixer insert a new line and a text-formatted source label before each switch of text source in the stream. Switching the source can only be done in places in the text where it does not disturb the perception of the contents. Text from only one source at a time can be presented in real time. The delay will therefore vary.
Pros:
No need modifications in existing user devices implementing RFC4103[31] for real-time text.
Cons:
Text from only one source at a time can be presented in real time. The delay will therefore vary.
XX.3.2 Procedure
XX.3.2.1 RTT-mixed SDP negotiation between two parties Procedure


Figure XX.1 RTT-mixed SDP negotiation between two parties
The main steps are shown as below:
1. If the Caller party supports RTP-mixer-based method, when the caller party initiates an SDP offer, it can add “a=rtt-mixer” in “m=text” line. The SDP example is shown as below:
m=text 11000 RTP/AVP 100 98
a=rtpmap:98 t140/1000
a=fmtp:98 cps=90
a=rtpmap:100 red/1000
a=fmtp:100 98/98/98
a=rtt-mixer
 2-3. If the called party supports RTP-mixer-based method, when the called party receives an SDP offer containing “a=rtt-mixer” in “m=text” line, it should include “a=rtt-mixer” in the corresponding “m=text” line in the SDP answer. The SDP example is shown as below:
m=text 14000 RTP/AVP 100 98
a=rtpmap:98 t140/1000
a=fmtp:98 cps=90
a=rtpmap:100 red/1000
a=fmtp:100 98/98/98
a=rtt-mixer
4-5. If the called party doesn’t support RTP-mixer-based method, when the called party receives an SDP offer containing “a=rtt-mixer” in “m=text” line, it should remove “a=rtt-mixer” in the corresponding “m=text” line in the SDP answer. The SDP example is shown as below:
m=text 14000 RTP/AVP 100 98
a=rtpmap:98 t140/1000
a=fmtp:98 cps=90
a=rtpmap:100 red/1000
a=fmtp:100 98/98/98
XX.3.2.2 RTT-mixed SDP negotiation for Multiparty Procedure


Figure XX.2 RTT-mixed SDP negotiation for Multiparty
The main steps are shown as below:
1-2. UE-A creates a conference.
3.  UE-A will finish SDP negotiation with MRF, the RTT-mixed SDP negotiation procedure is the same as Figure XX.1.
4-6. UE-A invites UE-B to the conference, UE-A sends a REFER message to IMS, IMS will finish SDP negotiation with UE-B, the RTT-mixed SDP negotiation procedure is the same as Figure XX.1.
7-9. UE-A invites UE-C to the conference, UE-A sends a REFER message to IMS, IMS will finish SDP negotiation with UE-C, the RTT-mixed SDP negotiation procedure is the same as Figure XX.1.
10-11. UE-D joins the conference, IMS will finish SDP negotiation with UE-D, the RTT-mixed SDP negotiation procedure is the same as XX.1.
XX.3.2.3 Multiparty RTT Processing Procedure


Figure XX.3 Multiparty RTT over RTP Processing
The main steps are shown as below:
UE-B support RTT-mixer-based method, but UE-C can’t support. UE-A, UE-B and UE-C enter a multi-party RTT conference.
1. UE-A sends RTT in the conference, the RTT content in RTP packet should follow RFC4103[31].
2. MRF acts as a mixer, and MRF will decide how to handle the RTT content based on the SDP negotiation on rtt-mixer with UE-B and UE-C.
3. For UE-B that supports RTT-mixer-based method, MRF will modify the RTP packets, set CC=1, and put UE-A in the CSRC list. An example is shown as below:
|Seq no 101, Time=20400 |
|CC=1 |
|CSRC list A |
|R2: Empty, Offset=600 |
|R1: Empty, Offset=300 |
|P: A1 |

4. For UE-C that does not support RTT-mixer-based method, MRF will treat it as multiparty-unaware endpoint, a presentable label be composed and sent for the source initially in the session and after each source switch. An example is shown as below:
|Seq no 101, Time=20400 |
|CC=0 |
|SSRC |
|R2: Empty, Offset=600 |
|R1: Empty, Offset=300 |
|P: [UE-A]A1 |

XX.4 Multiparty RTT over IMS data channel
XX.4.1 Architecture
The Multiparty RTT over data channel solution is based on data channel architecture, which is defined in clause AC.2.1 of TS 23.228 [167].
According to clause 5.5 of RFC8865 [189], for multiparty considerations, two alternatives were considered when searching for an efficient and easily implemented multiparty method for real-time text:
Multiple DC streams, one per participant:
One DC stream per source would be sent in the same session. UE can identify the source by the “label” attribute in the DC stream ID line when receiving RTT. If a new UE is added to the conference, a new downlink stream ID indicating the new UE should be added to all the existing participants. The conference application needs to manage the mapping relationship between the UE identity and the steam ID of each participant, obtain the corresponding UE identity according to the stream ID when receiving the real-time text of each participant.
Pros:
This is a straightforward solution. The load per source is low.
Cons:
With a high number of participants, the overhead of establishing and maintaining the high number of data channels required may be high, even if the load per channel is low.

Single DC stream, each participate use only one DC stream:
Only one DC stream for each participate, no SIP negotiation procedure for each participant when a new UE is added to the conference. The conference server should add a source information in front of the RTT content by identifying the label attribute in the DC stream ID line when receiving RTT from a UE.
Pros:
No negotiation when a new UE is added to the conference.
Cons:
The conference server should add decode and re-encode the RTT content.
XX.4.2 Procedure
XX.4.2.1 Multi DC Streams


Figure XX.4 Multi DC Streams Example
An example for three participants in a conference, each UE has one uplink stream ID and two downlink stream IDs, if a new UE is added to the conference, a new downlink stream ID indicating the new UE should be added to all the existing participants. 
The conference server (DCMF/MRF or DC AS) needs to manage the mapping relationship between the UE identity and the steam ID of each participant, obtain the corresponding UE identity according to the stream ID when receiving the real-time text of each participant, and add the UE identity before the real-time text to correctly display the source.

There are two modes which show the call flow below:
1) UE Aware Mode: The conference creator needs to be aware of who are in the conference, and carry each participant’s user name when initiates ADC establishment. 
2) UE Unaware Mode: The conference creator needs to be aware of who are in the conference, only carry itself user name when initiates ADC establishment.
XX.4.2.1.1 UE Aware Mode


Figure XX.5 Multi DC Streams with UE Aware Mode Call Flow
The steps are shown as below:
Case 1: UE-A create a conference and join UE-B and UE-C into the conference, then run the RTT application.
1. UE-A, UE-B and UE-C enter an audio/video conference and download the RTT application on each participant.
2. The UE-A runs application and sends an REINVITE message to establish application data channel, this REINVITE message carries SDP including 3 DC stream IDs, one ‘sendonly’ for UE-A sending RTT to other participants, one ‘recvonly’ for receiving UE-B’s RTT, and the last one ‘recvonly’ for receiving UE-C’s RTT, the label attribute in each ‘a=dcmap’ can be get from the conference information, which can identify each DC stream belongs to whom. The SDP offer example is shown as below:
m=application 911 UDP/DTLS/SCTP webrtc-datachannel
c=IN IP6 2001:db8::3
a=max-message-size:1000
a=sctp-port 5000
a=setup:actpass
a=dcmap:200 label="A-Identity";subprotocol="t140" 
a=dcsa:200 fmtp:t140 cps=20 sendonly
a=dcsa:200 hlang-send:es eo
a=dcmap:201 label="B-Identity";subprotocol="t140" 
a=dcsa:201 fmtp:t140 cps=20 recvonly
a=dcsa:201 hlang-recv:es eo
a=dcmap:202 label="C-Identity";subprotocol="t140" 
a=dcsa:202 fmtp:t140 cps=20 recvonly
a=dcsa:202 hlang-recv:es eo

3. DCSF establishes corresponding DC stream IDs for UE-A.
4-5. IMS-A sends an REINVITE message with three stream IDs to UE-B and establish corresponding DC stream IDs for UE-B. The stream IDs are similar to step2.
6-7. IMS-A sends an REINVITE message with three stream IDs to UE-C and establish corresponding DC stream IDs for UE-C. The stream IDs are similar to step2.

Case 2: UE-D call into the conference and run the RTT application.
8. UE-D calls into the conference created by UE-A, and runs the RTT application.
9. UE-D runs application and sends an REINVITE message to establish application data channel, this REINVITE message carries SDP including one DC stream ID for UE-D sending RTT to other participants.
10. IMS-A establishes the DC stream for UE-D.
11. The IMS-A identifies that there are three participants in the conference, so IMS-A decides to add a new downlink DC stream for each participant, and finally add three downlink streams for UE-D.
12-14. The IMS-A adds a new downlink DC stream for UE-A/UE-B/UE-C simultaneously, for receiving UE-D’s RTT.
15. The IMS-A adds three downlink DC streams for UE-D, for receiving UE-A/UE-B/UE-C’s RTT.

When UE-A sends RTT over the uplink stream ID, DCMF/MRF will simultaneously send the RTT to UE-B, UE-C and UE-D through the dedicated stream ID channel, UE-B, UE-C and UE-D can identify the source by the corresponding “label” attribute that included in the ‘a=dcmap’ line.
XX.4.2.1.2 UE Unaware Mode


Figure XX.6 Multi DC Streams with UE Unaware Mode Call Flow
The steps are shown as below:
Case 1: UE-A creates a conference and joins UE-B and UE-C into the conference, then runs the RTT application.
1. UE-A, UE-B and UE-C enter an audio/video conference and download the RTT application on each participant.
2. The UE-A runs application and sends an REINVITE message to establish application data channel, this REINVITE message carries SDP including one uplink DC stream ID with ‘sendonly’ for UE-A sending RTT to other participants, the label attribute in ‘a=dcmap’ can be get from UE-A’s identity. The SDP offer example is shown as below:
m=application 911 UDP/DTLS/SCTP webrtc-datachannel
c=IN IP6 2001:db8::3
a=max-message-size:1000
a=sctp-port 5000
a=setup:actpass
a=dcmap:200 label="A-Identity";subprotocol="t140" 
a=dcsa:200 fmtp:t140 cps=20 sendonly
a=dcsa:200 hlang-send:es eo
 
3. DCSF establishes corresponding DC stream ID for UE-A.
4. The IMS-A identifies that there are three participants in the conference, so IMS-A decides to add another two new downlink DC streams for UE-A, and three DC streams including one uplink DC streams and two downlink DC streams for the other participants.
5-6. IMS-A sends an REINVITE message adding two downlink stream IDs to UE-A and establish corresponding DC stream IDs for UE-A. The SDP offer example is shown as below:
m=application 911 UDP/DTLS/SCTP webrtc-datachannel
c=IN IP6 2001:db8::3
a=max-message-size:1000
a=sctp-port 5000
a=setup:actpass
a=dcmap:200 label="A-Identity";subprotocol="t140" 
a=dcsa:200 fmtp:t140 cps=20 recvonly
a=dcsa:200 hlang-send:es eo
a=dcmap:201 label="B-Identity";subprotocol="t140" 
a=dcsa:201 fmtp:t140 cps=20 sendonly
a=dcsa:201 hlang-recv:es eo
a=dcmap:202 label="C-Identity";subprotocol="t140" 
a=dcsa:202 fmtp:t140 cps=20 sendonly
a=dcsa:202 hlang-recv:es eo
7-8. IMS-A sends an REINVITE message with three stream IDs to UE-B and establish corresponding DC stream IDs for UE-B. The stream IDs are similar to step4.
9-10. IMS-A sends an REINVITE message with three stream IDs to UE-C and establish corresponding DC stream IDs for UE-C. The stream IDs are similar to step4.

Case 2: UE-D calls into the conference and run the RTT application.
11. UE-D calls into the conference created by UE-A, and runs the RTT application.
12. UE-D runs application and sends an REINVITE message to establish application data channel, this REINVITE message carries SDP including one DC stream ID for UE-D sending RTT to other participants.
13. IMS-A establishes the DC stream for UE-D.
14. The IMS-A identifies that there are three participants in the conference, so IMS-A decides to add a new downlink DC stream for each participant, and finally add three downlink streams for UE-D.
15-17. The IMS-A adds a new downlink DC stream for UE-A/UE-B/UE-C simultaneously, for receiving UE-D’s RTT.
18. The IMS-A adds three downlink DC streams for UE-D, for receiving UE-A/UE-B/UE-C’s RTT.

When UE-A sends RTT over the uplink stream ID, DCMF/MRF will simultaneously send the RTT to UE-B, UE-C and UE-D through the dedicated stream ID channel, UE-B, UE-C and UE-D can identify the source by the corresponding “label” attribute that included in the ‘a=dcmap’ line.
XX.4.2.2 Single DC Stream


Figure XX.7 Single DC Stream Example
T140 protocol is too old to be extended to support adding the source label, so the conference server (DCMF/MRF or DC AS) can add a source label getting from the “label” attribute of ‘a=dcmap’ line in front of the text content when receiving the real-time text from a UE, and the terminal can display it directly without modification.


Figure XX.8 Single DC Stream Call Flow
The steps are shown as below:
Case 1: UE-A create a conference and join UE-B and UE-C into the conference, then run the RTT application.
1. UE-A, UE-B and UE-C enter an audio/video conference and download the RTT application on each participant.
2. The UE-A runs application and sends an REINVITE message to establish application data channel, this REINVITE message carries SDP including only one DC stream ID, the SDP offer example:
m=application 911 UDP/DTLS/SCTP webrtc-datachannel
c=IN IP6 2001:db8::3
a=max-message-size:1000
a=sctp-port 5000
a=setup:actpass
a=dcmap:200 label="A-Identity";subprotocol="t140" 
a=dcsa:200 fmtp:t140 cps=20 sendrecv
a=dcsa:200 hlang-send:es eo

3. DCSF establishes corresponding DC stream ID for UE-A.
4-5. IMS-A sends an REINVITE message with only one stream ID to UE-B and establishes corresponding DC stream ID for UE-B. The stream ID is similar to step2.
6-7. IMS-A sends an REINVITE message with only one stream ID to UE-C and establishes corresponding DC stream ID for UE-C. The stream ID is similar to step2.

Case 2: UE-D call into the conference and run the RTT application.
8. UE-D calls into the conference created by UE-A, and runs the RTT application.
9. UE-D runs application and sends an REINVITE message to establish application data channel, this REINVITE message carries SDP including one DC stream ID for UE-D sending and receiving RTT.
10. IMS-A establishes the DC stream for UE-D.
When UE-A sends RTT over the uplink stream ID, DCMF/MRF will identify the source by the application data channel established is between UE-A and DCMF/MRF, and then add the UE-A’s identity as source to the RTT content. DCMF simultaneously send the RTT to UE-B, UE-C and UE-D through the dedicated stream ID channel, UE-B, UE-C and UE-D directly display the RTT content.
XX.5 Interworking between RTP and IMS Data Channel Solution
If both RTP and IMS data channel solutions for Multiparty RTT are deployed, the interworking between them is needed. The list below provides some guidance and considerations to take into account when designing a gateway for interworking between IMS data channel and RTP-based transport for RTT:
-    For each data channel, there is an RTP stream for real-time text. Redundancy is by default declared and used on the RTP stream. There is no redundancy on the data channel, but the reliable property is set on it.
-    During a normal text flow, T140blocks received from one network are forwarded towards the other network. Keepalive traffic is handled by lower layers on the data channel. A gateway might have to extract keepalives from incoming RTP streams and MAY generate keepalives on outgoing RTP streams.
-    If the gateway detects or suspects loss of data on the RTP stream and the lost data has not been retrieved using a redundancy mechanism, the gateway SHOULD insert the T.140 missing text marker [T140ad1] in the data sent on the outgoing data channel.
-    If the gateway detects that the data channel has failed and got torn down, once the data channel has been re-established the gateway SHOULD insert the T.140 missing text marker [T140ad1] in the data sent on the outgoing RTP stream if it detects or suspects that data sent by the remote data channel endpoint was lost.
-    If the gateway detects that the data channel has failed and got torn down, once the data channel has been re-established the gateway SHOULD insert the T.140 missing text marker [T140ad1] in the data sent on the outgoing data channel if it detects or suspects that data sent or to be sent on the data channel was lost during the failure.
-    The gateway MUST indicate the same text transmission direction on the data channel and the RTP stream.
NOTE: In order for the gateway to insert a missing text marker or perform other actions that require that the gateway have access to the T.140 data, the T.140 data cannot be encrypted end to end between the data channel endpoint and the RTP endpoint. No mechanism to provide such end-to-end encryption is defined yet.

In addition, there are two new requirements shown as follows:
-    The gateway is required to convert the source indication between IMS data channel and RTP in RTT transmission.
-    The gateway is recommended to support SDP negotiation termination for RTT over RTP.
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