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The present document has been developed within the 3rd Generation Partnership Project (3GPP TM) and may be further elaborated for the purposes of 3GPP.

The present document has not been subject to any approval process by the 3GPP Organizational Partners and shall not be implemented.

This Specification is provided for future development work within 3GPP only. The Organizational Partners accept no liability for any use of this Specification.
Specifications and reports for implementation of the 3GPP TM system should be obtained via the 3GPP Organizational Partners' Publications Offices.

============ Start of 1st changed text =================================
5.2.3
Real-time text
MTSI terminals offering real time text conversation shall support

· ITU-T Recommendation T.140 [26][27].

T.140 specifies coding and presentation features of real-time text usage. Text characters are coded according to the UTF-8 transform of ISO 10646-1 (Unicode).
A minimal subset of the Unicode character set, corresponding to the Latin-1 part shall be supported, while support for the languages in the regions where the terminal is intended to be used should be supported. 

Presentation control functions from ISO 6429 are allowed in the T.140 media stream. A mechanism for extending control functions is included in ITU-T T.140. Any received non-implemented control code must not influence presentation. 
A terminal is expected to store the conversation in a presentation buffer during a call for possible scrolling, saving, display rearranging, erasure etc. It is recommended that at least 800 characters are kept in the presentation buffer during a call. 
Note that erasure (backspace) of characters is included in the T.140 editing control functions. It shall be possible to erase all characters in the presentation buffer. The display of the characters in the buffer shall also be impacted by the erasure.
============ End of 1st changed text =================================
============ Start of 2nd changed text =================================
7.3.4
Real-time text

For real-time text, RTCP reporting should be used according to general recommendations for RTCP. 
============ End of 2nd changed text =================================
============ Start of 3rd changed text =================================

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]. 

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 RFC 4103 [31] section 10 and RFC 4102 [49] section 3.
============ End of 3rd changed text =================================
============ Start of 4th changed text =================================

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 RFC 4103 [31] section 6). A text-capable MTSI terminal shall be able to receive text with cps set up to 30.

============ End of 4th changed text =================================
============ Start of 5th changed text =================================
12.4.2
Text

PSTN text telephony inter-working with PS environments is described in ITU-T H.248.2 [50]and further elaborated in ETSI EG TS 202 320 [51].

Text telephony modem tones are sensitive to packet loss, jitter and echo canceller behaviour. Therefore, conversion of modem based transmission of real-time text is best done at the border of the PSTN. If PSTN text telephone tones need to be carried audio coded in a PS network, considerations must be taken to carry them reliably as for example specified in ITU-T V.151 [54] and V.152 [55].

When inter-working with PSTN text telephones, it must be considered that in PSTN most text telephone communication methods do not allow simultaneous voice and text transmission. An MTSI terminal indicating text capability shall not automatically initiate text connection efforts on the PSTN circuit. Instead, either a requirement for text support should be required from the MTSI terminal, active transmission of text from the MTSI terminal, or active transmission of text telephone tones from the PSTN terminal. See ETSI EG TS 202 320 [51] chapter 13.

Note that the primary goal of real-time text support in MTSI is not to offer a replica of PSTN text telephony functionality. On the contrary, real-time text in MTSI is aiming at being a generally useful mainstream feature, complementing the general usability of the Multimedia Telephony Service for IMS.

============ End of 5th changed text =================================
============ Start of 6th changed text =================================
12.5.1
Text

RFC 4103 and T.140 are specified as default real-time text codec in SIP telephony devices in RFC 4504 [53]. When UMA/GAN PS implements this codec, the media stream contents are identical for the two environments. Packetisation will also in many cases be equal, while consideration must be taken to cope with different levels of redundancy and possible use of different media security and integrity measures.

============ End of 6th changed text =================================
============ Start of 4th changed text =================================
12.5
UMA/GAN PS inter-working

12.5.1
Text

RFC 4103 and T.140 are specified as default real-time text codec in SIP telephony devices in RFC 4504 [53]. When UMA/GAN PS implements this codec, the media stream contents are identical for the two environments. Packetisation will also in many cases be equal, while consideration must be taken to cope with different levels of redundancy and possible use of different media security and integrity measures.
============ End of 4th changed text =================================
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