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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 supporting multiparty real-time text shall indicate this 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 [185] 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 [185].
Negotiation of support for mixing real-time text for multiparty-aware MTSI clients shall be done by using "a=rtt-mixer" to SDP attribute specified in RFC 9071. 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 [185].
Note: multiparty unaware endpoints is define in RFC9071[185].
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 may 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] shall be supported. When the negotiation for support of multiparty real-time text is successful, redundant transmission provided by the RTP payload format as described in IETF RFC 9071 [185] shall also 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, e.g., 6kbps would be a suitable value.

Table E.3: QoS mapping for bi-directional real-time text (3 kbps, IPv4, RTCP and MBR=GBR bearer) when using a conversational class bearer
	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	[bookmark: _MCCTEMPBM_CRPT86940659___4]The application should handle packet reordering.

	Maximum SDU size (octets)
	1400
	[bookmark: _MCCTEMPBM_CRPT86940660___4]Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	[bookmark: _MCCTEMPBM_CRPT86940661___4]Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	1*10-3 
	[bookmark: _MCCTEMPBM_CRPT86940662___4]Text should have a higher level of protection than voice and video.

	Transfer delay (ms)
	130 ms
	[bookmark: _MCCTEMPBM_CRPT86940663___4]Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	3.0
	[bookmark: _MCCTEMPBM_CRPT86940664___4]An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for uplink (kbps)
	3.0
	[bookmark: _MCCTEMPBM_CRPT86940665___4]The same as the guaranteed bitrate. 

	Guaranteed bitrate for downlink (kbps)
	3.0
	[bookmark: _MCCTEMPBM_CRPT86940666___4]An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for downlink (kbps)
	3.0
	[bookmark: _MCCTEMPBM_CRPT86940667___4]The same as the guaranteed bitrate. 

	Allocation/Retention priority
	Subscribed value
	[bookmark: _MCCTEMPBM_CRPT86940668___4]Indicates the relative importance to other radio access bearers. It should be a lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	



Using a conversational class bearer means that resources are reserved throughout the session. Depending on the intended usage of real-time text, it might not be the most resource efficient choice to use a conversational class bearer, especially if it is foreseen that the sessions will be long-lived while the actual text conversations will be rare and bursty. Table E.4 therefore shows an example with QoS mapping for using an interactive class bearer. It is recommended to use QCI 6, 8, or 9 [90] for T.140 real-time text unless the service policy decides to assign different QCI types.
Table E.4: QoS mapping for bi-directional real-time text (3 kbps, IPv4, RTCP) when using an interactive bearer
	Traffic class
	Interactive class
	Notes

	Delivery order
	No
	[bookmark: _MCCTEMPBM_CRPT86940669___4]In sequence delivery is not required

	Maximum SDU size (octets)
	1400
	[bookmark: _MCCTEMPBM_CRPT86940670___4]Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	[bookmark: _MCCTEMPBM_CRPT86940671___4]Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and voice transport delay and delay variation.

	SDU error ratio
	10-4
	[bookmark: _MCCTEMPBM_CRPT86940672___4]Text should have a higher level of protection than voice and video.

	Maximum bitrate (kbps)
	[Depending on UE category]
	[bookmark: _MCCTEMPBM_CRPT86940673___4]Should be set as high as the UE category can handle

	Allocation/Retention priority
	Subscribed value
	[bookmark: _MCCTEMPBM_CRPT86940674___4]Indicates the relative importance to otherradio access bearers. It should be a lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Traffic handling priority
	3
	

	Signalling indication
	‘No’
	



Table E.5: QoS mapping for bi-directional real-time text (3 kbps, IPv6, RTCP and MBR=GBR bearer) when using a conversational class bearer
	Traffic class
	Conversational class
	Notes

	Delivery order
	No
	[bookmark: _MCCTEMPBM_CRPT86940675___4]The application should handle packet reordering.

	Maximum SDU size (octets)
	1400
	[bookmark: _MCCTEMPBM_CRPT86940676___4]Maximum size of IP packets

	Delivery of erroneous SDUs
	No
	

	Residual BER
	10-5
	[bookmark: _MCCTEMPBM_CRPT86940677___4]Reflects the desire to have a medium level of protection to achieve an acceptable compromise between packet loss rate and speech transport delay and delay variation.

	SDU error ratio
	1*10-3 
	[bookmark: _MCCTEMPBM_CRPT86940678___4]Text should have a higher level of protection than voice and video.

	Transfer delay (ms)
	130 ms
	[bookmark: _MCCTEMPBM_CRPT86940679___4]Indicates maximum delay for 95th percentile of the distribution of delay for all delivered SDUs between the UE and the PS domain during the lifetime of a bearer service. Permits the derivation of the RAN part of the total transfer delay for the radio access bearer. This attribute allows RAN to set transport formats and H-ARQ/ARQ parameters such as the discard timer. 

	Guaranteed bitrate for uplink (kbps)
	4.0
	[bookmark: _MCCTEMPBM_CRPT86940680___4]An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for uplink (kbps)
	4.0
	[bookmark: _MCCTEMPBM_CRPT86940681___4]The same as the guaranteed bitrate. 

	Guaranteed bitrate for downlink (kbps)
	4.0
	[bookmark: _MCCTEMPBM_CRPT86940682___4]An assumed total bit-rate of a real-time text service including headers and RTCP.

	Maximum bitrate for downlink (kbps)
	4.0
	[bookmark: _MCCTEMPBM_CRPT86940683___4]The same as the guaranteed bitrate. 

	Allocation/Retention priority
	Subscribed value
	[bookmark: _MCCTEMPBM_CRPT86940684___4]Indicates the relative importance to other radio access bearers. It should be a lower value to the priority of a Conversational bearer with source statistics descriptor ‘speech'.

	Source statistics descriptor
	‘unknown'
	


[bookmark: _GoBack]
END OF CHANGES
