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3.1
Definitions

For the purposes of the present document, the terms and definitions given in 3GPP TR 21.905 [6], ITU-T Recommendation E.164 [48] and the following apply:
Carrier textphone mode: a mode for text communication, where continuous signals (i.e. a carrier tone) are present on the connection irrespective of whether text is being exchanged or not. 
Carrierless textphone mode: a mode for text communication, where signals are only present on the connection when text is being exchanged. E.g.: Baudot
SS7 signalling function: function in the CS network, which has the capabilities to transport the SS7 MTP-User parts ISUP and BICC+STCmtp
SIP signalling function: function in the IM CN subsystem, which has the capabilities to transport SIP

Incoming or Outgoing: used in the present document to indicate the direction of a call (not signalling information) with respect to a reference point.

Incoming MGCF (I‑MGCF): entity that terminates incoming SIP calls from the IMS side and originates outgoing calls towards the CS side using the BICC or ISUP protocols.

Outgoing Interworking Unit (O‑MGCF): entity that terminates incoming BICC or ISUP calls from the CS side and originates outgoing calls towards the IMS using SIP.

Root Termination: refers to Media Gateway as an entity in itself, rather than a Termination within it. A special TerminationID, "Root" is reserved for this purpose. See ITU-T Recommendation H.248.1. [2]
Signalling Transport Converter (STC): function that converts the services provided by a particular Signalling Transport to the services required by the Generic Signalling Transport Service. 

STCmtp: Signalling Transport Converter on MTP. See ITU-T Recommendation Q.2150.1 [29].

BICC+STCmtp: this terminology means that BICC signaling always need to be used on top of STCmtp sublayer.
* * * Next Change * * * *

Annex X (normative):
GTT interworking between the IP Multimedia Core Network (CN) Subsystem (IMS) and Circuit Switched (CS) networks
X.1
Overview of GTT interworking between the IMS and Circuit Switched (CS) networks 
The support of Global Text Telephony (GTT) is optional, but may be required by national regulatory requirements. If GTT is supported, the procedures described within this Annex shall be applied. 

Global Text Telephony (GTT) offers real time conversation in text, optionally combined with voice. GTT is mainly used for distant conversation with hearing or speech impaired users. 
GTT is supported in IMS via the Real-Time Text protocol over RTP, using IETF SIP/SDP for the negotiation of the text media and IETF RFC 4103 [x3] RTP-text for transport, with text coded according to ITU‑T Recommendation T.140 [x2]. See 3GPP TS 23.226 [x1], 3GPP TS  26.114 [104], 3GPP TS 26.235 [x6] and 3GPP TS 26.236 [x7]. 
In PSTN, different specified systems for text telephony exist and are used in different regions, e.g. Baudot (in US), EDT, V.21, Bell103, Minitel and V.18. They all use different modem technologies within PCM and different character coding for the transmission of text. They are described in the annexes of ITU-T Recommendation V.18 [x4]. ITU-T Recommendation V.18 [x4] is an international text telephone modem standard with an automoding mechanism that enables communication with all the different kinds of PSTN text telephone systems. Any party of a GTT call may at any time initiate text or send voice. Speech and text may be used in an alternating manner during a conversation on the PSTN. It is also possible that speech is transferred in one direction and text in the opposite direction. However, speech and text can not be used in the same direction at the same time in most sub-modes of V.18.
In the 3GPP CS radio interface, a dedicated CTM modem is used (see 3GPP TS 26.226 [x5]), which is terminated within the CS domain and interworked to PTSN inband text telephony format. 
Interworking between Real-Time Text over RTP within IMS and PSTN text telephony is provided at the MGCF / IM-MGW by the MGCF triggering the insertion of an Interworking (conversion) function within the IM-MGW which then behaves in accordance with ITU‑T Recommendation V.18 [x4] or any of its specific sub-modes. 
The support of this Interworking function between IP-based Real-Time Text over RTP and modem based transmission of real-time text is optional both at the MGCF and IM-MGW, but can be required by national regulatory bodies. If this Interworking function is supported, the procedures described within this Annex shall be applied.
The Interworking function in the IM-MGW shall support the detection of text modem signals on the CS side and the conversion between text/modem signals and Real-Time Text over RTP.

The IM_MGW shall  support at least one of the sub-modes listed in ITU-T Recommendation V.18 [x4] (e.g. Baudot). The support of any of the sub-modes  is optional. 
The procedures to detect and convert text/modem involve expensive MGW resources. The present GTT interworking procedures intend to allow cost effective implementations by avoiding additional load or resources in MGW for calls not using text telephony (which represent most of the calls).
It is assumed that IMS terminals supporting text media will not automatically offer text media, but that this will be instead governed by terminal configuration options and user interactions to suit the communication preferences and abilities of the user.  However, an IMS terminal desiring to set up a GTT call will offer Real-Time Text media, possibly in parallel to voice media. The IMS-MGW shall then provide the conversion between Real-Time Text over RTP and text/modem signals. On the contrary, if the mobile does not request Real-Time Text support, no Interworking function is necessary. An IMS Multimedia terminal configured to use Real-Time Text Telephony but receiving an SDP offer for voice-only media will accept this offer and then send an own subsequent SDP offer adding text media. When receiving such a subsequent offer for text media, the IMS-MGW shall provide the conversion between Real-Time Text over RTP and text/modem signals at the CS interface. On the contrary, if the mobile does not offer Real-Time Text, no Interworking function is necessary. 
X.2
Control plane interworking

X.2.1
General
Before text conversation can begin, a call shall first be established, from PSTN to IMS or vice-versa. The ISUP or BICC signalling to/from the PSTN indicates a "speech" call, without any GTT indication. 
The IMS user may request a text connection from the beginning of a call, or add request for Real-Time Text media at a later stage in a call that was originally established with audio only.
X.2.2
Functionalities required in the MGCF for GTT calls support

In addition to the control plane interworking between SIP and ISUP or BICC (see clause 7), the MGCF shall support the negotiation of the Real-Time Text payload type (T.140 Text Conversation MIME media type as specified by IETF RFC 4103 [x3]) in a distinct SDP m-line.

X.2.3
IM CN subsystem originated session

X.2.3.1
Initial INVITE with an SDP offer including a text media line 
Figure X.2.3.1.1 shows an example call flow where the IMS terminal requests Real-Time Text telephony by sending an SDP offer including one audio line and one text media line within an initial INVITE message.
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Figure X.2.3.1.1: IM CN subsystem originated session - Initial INVITE offering audio and text
Upon receipt of a SIP INVITE request offering text media (possibly combined with audio media) (signal 1 in figure X.2.3.1.1) the Interworking Node (MGCF) starts the call set-up at the CS side by sending an IAM requesting a speech  with G.711 codec only or 3.1 Khz bearer (signal 2 in figure X.2.3.1.1), and completes the call setup on IMS and CS side using the procedures specified in clause 7, but returning an SDP answer including Real-Time Text media (possibly combined with audio media if audio media has been offered) (signal 3 in figure X.2.3.1.1).
The MGCF triggers the insertion an Interworking function in the IM-MGW for the duration of the call if a Real-Time Text media stream is established.
The MGCF reserves corresponding Real-Time Text media resources in the IM-MGW and activate the Interworking function, and if resources were available, return an SDP answer with audio and Real-Time Text.

X.2.4
CS network originated session
X.2.4.1
General

When starting the session setup signalling from a CS based network towards the IMS, the MGCF has no knowledge whether the CS side terminal supports and will accept to use text telephony. 
X.2.4.2
Initial INVITE with an SDP offer including audio only
The MGCF offers only audio media when setting up a call towards the IMS and waits for IMS terminals desiring Real-Time Text media to send a new offer adding Real-Time Text media attribute prior to inserting an Interworking function in the IM-MGW. If the MGCF receives a new offer adding Real-Time Text media and applies signalling with OoBTC on the CS CN, the MGCF shall apply appropriate OoBTC procedures to only select G.711 audio codec on the CS call leg. 
Figure X.2.4.2.1 shows an example call flow.
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Figure X.2.4.2.1: CS originated session - Initial INVITE offering audio only
Upon receipt of an IAM request for a speech or 3.1 Khz audio call (signal 1 in figure X.2.4.2.1) the Interworking Node (MGCF) starts the call set-up at the IM CN subsystem side by sending an INVITE request (signal 2 in figure X.2.4.2.1) offering audio media applying the interworking procedures in Clause 7. 
IMS terminals supporting GTT and configured to use it will send a new SDP offer including an audio and a Real-Time Text media line within a subsequent UPDATE or re-INVITE request.
When GTT interworking between IMS and CS networks is required, the MGCF shall reserve corresponding Real-Time Text media resources in the IM-MGW and thereby request the insertion of the Interworking function, and if resources were available, return an SDP answer with audio and Real-Time Text media attributes. 
X.2.5
Subsequent SDP offer/answer exchange adding text to an audio session
If only audio media has been offered in the initial SDP offer, the IMS terminal can also request GTT support by sending a new SDP offer including audio and Real-Time Text when a SIP dialogue (early or confirmed) has already been established. 
The MGCF shall then trigger the insertion of an Interworking function in the IM-MGW following the same principles as those specified in subclause X.2.3.14. However, if OoBTC signalling is supported and a codec other than PCM (default G.711) has been selected at the CS network, then a codec modification is required to G.711. Otherwise No additional ISUP or BICC signalling towards the CS network is required. 
X.3
User plane interworking

X.3.1
Functionalities required in the IM-MGW for GTT support

An IM-MGW supporting GTT interworking between IMS and CS network shall support: 
· Real-Time Text as specified in 3GPP TS 26.235 [x6], 3GPP TS 26.236 [x7] and 3GPP TS 26.114 [104] for a  Multimedia Telephony Service Indicator (MTSI) compliant IM-MGW; this includes: 
- 
requirement to support ITU-T Recommendation T.140 [x2] Text Conversation MIME media type and  RTP-text transport as specified by IETF RFC 4103 [x3], and  ITU-T Recommendation T.140 [x2] Text Conversation presentation coding;

-
recommended support of redundancy coding variant specified in IETF RFC 4103 [x3] for error resilience;
· PSTN based text telephony using ITU‑T Recommendation V.18 [4] or any of its specific sub-modes.
NOTE:
One specific text telephone protocol of the ITU-T Recommendation V.18 standard, called "Baudot Code" (Baudot modulation at 45.45 baud), is particularly important for support of emergency calls in US.  
X.3.2
Monitoring of text/modem signals on the CS side
When the IMS session is setup with text media (possibly combined with audio media), the MGCF thereby requests the IM-MGW to monitor the CS termination for possible receipt of text telephone signals, in order to detect whether the CS user wishes to transit from voice to text during a voice call. The IM-MGW shall be provisioned with the text telephone mode(s) for which the termination should be monitored. The presence of the text media in the IMS session is an explicit indication that monitoring of text telephone signals is required.
When  monitoring for text telephony signals the IM-MGW should listen on the CS side voice line for text telephone signals, and shall not transmit modem tones from the CS side termination to IMS side termination until one of the following occurs:
1)
If the PSTN terminal is a carrier-based device and transmits answer tone. The IM-MGW shall then resolve the text telephone mode according to V.18 procedures and then operate in  that mode;
2)
If the PSTN terminal is a carrier-less device, the end user starts sending characters such that these may be detected by the IM-MGW. The IM-MGW shall then detect the text telephone mode and then operate in that mode.
If the IMS terminal transmits text characters first the IM-MGW shall initiate a text connection toward the CS network and resolve the textphone type, so that communication can continue in text mode.
See ITU-T Recommendation V.18 [x4] for a detailed description of those procedures. 
X.3.3
Multiplexing between the CS and IMS streams 
The IM-MGW should remain in speech mode until such time that text is detected from either user. The IM-MGW shall detect modem signals on the CS termination and decide based on this detection if the media received from the CS side is interworked to the speech or the text media stream on the IMS side. In the media direction towards the CS network, the IM-MGW needs to multiplex both media streams into the PCM signal. 

The following procedures provide further information on the procedures to be followed by the IM-MGW, for normative behaviour the ITU-T Reccommendation V.18 [x4] shall be followed. 
- Carrier text phone: 
-
After a carrier mode text connection is established, loss of carrier can be taken as the indication that the audio stream on the IMS termination shall be connected with the (PCM) interface of the line on the CS termination. 

- 
When the text carrier reappears on the CS termination, or text is received from the text media stream on the IMS termination, the IM-MGW connects the text stream on the IMS termination with the (PCM) interface of the line on the CS termination. 
- Carrierless text phone: 
-
When the V.18 modem detects text, the textphone CS termination stops feeding the audio stream of the IMS termination, and instead inserts the detected and T.140 converted characters into the text stream of the IMS termination. This mode is continued as long as characters keep coming from the PSTN textphone. When no more characters arrive, and no textphone signal is received within 1 second, the audio channel is again fed to the audio stream of the IMS termination. If new text comes from the V.18 side, the process is repeated.

-
If text is received from the text stream of the IMS termination when V.18 is not actively receiving text, no media shall be applied to the IMS audio stream, and the characters are sent to the V.18 modem for transmission. When all text is transmitted and no more is received for two seconds, the audio channels are enabled again. Since the carrierless systems are one-way alternate transmission systems, transmission of characters is possible only in one direction at a time. Once started, reception is given priority. Characters received from text stream of the IMS termination while V.18 is busy receiving should be buffered (up to a reasonable limit).

X.3.4
Conversion between text/modem and Real-Time Text over RTP
The legacy PSTN textphone modes have limited character sets. For all legacy modes, the text received through the V.18 modem shall be converted if necessary in the RTP/T.140 format for the text stream on the IMS termination, according to the rules in ITU-T Recommendation. T.140 [x2] and IETF RFC 4103 [x3], and vice-versa.
Redundancy may be used as specified in IETF RFC 4103 [x3]. Use or not of redundancy is derived from the text media description configured on the IMS termination (RTP/RED/T.140).
X.4
MGCF and IM-MGW interactions

X.4.1
Introduction
This clause describes requirements for extensions to the Mn interface protocol in 3GPP TS 29.332 [15] needed to support the Interworking of Real-Time Text Telephony media in IMS with text/modem calls in CS domain. 
X.4.2
Mn signalling interactions

X.4.2.1
Introduction
The following subclauses describe the Mn interface procedures.
All message sequence charts in these subclauses are examples.

X.4.2.2
H.248 Context Model

The H.248 context model depicted in figure X.4.2.2.1 shall be applied for interworking Real-Time Text media in IMS to text/modem in CS. 
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Figure X.4.2.2.1: H.248 Context Model for GTT support
The H.248 context contains one IP termination (IMS side) with two streams (one stream for Real-Time Text/RTP, another stream for audio/RTP), plus a TDM, AAL2 or IP termination (CS side) with one single stream carrying both voice via PCM and V.18 text telephony. 
X.4.2.3
Specific Mn signalling for GTT 
The following information shall be provided from the MGCF towards the IM-MGW:
· SDP with audio and Real-Time Text m-lines for the IMS termination;
· PCM (G.711) codec for the CS side termination.
This shall trigger the IM-MGW to insert an IWF to support RTT to PSTN text telephony conversion. If the topology is incoming (or bothway) from the CS network the IM-MGW shall monitor for text telephony and convert to RTT towards the IMS network. If the topology is outgoing (or bothway) to the CS network the IM-MGW shall multiplex RTT payload into the PCM stream.
X.4.2.4
IM CN subsystem originated session between the MGCF and IM-MGW
X.4.2.4.1
Initial INVITE with an SDP offer including Real-Time Text

[image: image4.emf]MGCF IM-MGW

1. SIP: INVITE 

[SDP offer: audio + Real-

Time Text]

2. SIP: 100 Trying

7. ISUP: IAM 

5. H.248: ADD.req [Context ID = C1, Termination ID = T2]

6. H.248: ADD.resp [Context ID = C1, Termination ID = T2] 

3. H.248: ADD.req [Context ID = ?, Termination ID=?, 

stream=1{audio media},stream=2{Real-Time Text media}]

4. H.248: ADD.resp [Context ID = C1, Termination ID = T1]

CALL IN ACTIVE STATE

Reserve IMS Connection

Point, and Configure

Remote Resources

Change IMSThrough-

Connection = backward 

Reserve TDM Circuit,

Change  TDM Through-

Connection= both, 

Monitor Text Call

Next steps of basic  call establishment (as specified in subclause 9.2.2.3), returning an SDP Answer with audio + text

9. H.248:  MOD.req  [Context ID=C1, Termination ID = T1]

10. H.248: MOD.resp [Context ID = C1, Termination ID = T1] 

8.ISUP: ANM 

13. SIP:200 OK (INVITE)

14. SIP: ACK

11. H.248:  MOD.req ) [Context ID=C1, Termination ID = T2]

12. H.248: MOD.resp [Context ID = C1, Termination ID = T2] 

Change IMS Through

-Connection = both

Activate TDM Voice 

Prosessing Function

15. Text/modem 

16. Text/RTP

CS Network

IMS


Figure X.4.2.4.1.1: Example Mn signalling interactions for IMS originated session with audio and text
The Mn signalling interactions specified in subclause 9.2.2.3 shall apply, with the following differences.

When reserving the IMS termination, the MGCF shall configure two streams; one for the audio and one for the Real-Time Text media line, with their respective media description (signal 3 in figure X.4.2.4.1.1). Monitoring of text telephony at the CS side termination is indicated by the inclusion of Real-Time Text media at the IMS side termination and by the topology being bothway or incoming from the CS side.
The text telephone mode(s) for which the CS side termination is monitored shall be provisioned in the IM-MGW.
X.4.2.5
CS network originated session
X.4.2.5.1
Initial INVITE with an SDP offer only including audio
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 Figure X.4.2.5.1.1: Mn signalling interactions for CS originated session – Initial INVITE with audio only
The Mn signalling interactions specified in subclause 9.2.3.3 shall apply, with the following differences.

Upon receipt of a subsequent SDP offer from the IMS terminal including the audio and Real-Time Text media lines, the MGCF shall add an additional text stream to the IMS termination and configure it with the remote media description (signal 13 in figure X.4.2.5.1.1). 
X.4.3
Mn Signalling procedures

X.4.3.1
Overview
This clause describes the logical signalling procedures (i.e. message identifiers are not part of the protocol) between the MGCF and IM-MGW. The procedures within this clause are intended to be implemented using the standard H.248 procedure as defined in ITU recommendation H.248.1 [2] with appropriate parameter combinations.
The procedures "Reserve IMS connection point" and "Configure IMS resources" and "Reserve IMS Connection point and configure remote resources" shall allow the configuration of two media streams; one for audio and one for Real-Time Text on the IMS termination. See subclause 9.3.1.
* * * End of changes * * * *
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Figure 4a – CS Orig, 183 & 180 response, pMGW generated media (MGCF)


Figure 4b – CS Orig, 183 & 180 response, pMGW generated media (MGCF/MSC)
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Figure 5a – CS Orig, 183 & 180 response, IMS generated media (MGCF)


Figure 5b – CS Orig, 183 & 180 response, IMS generated media (MGCF)
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Figure 6a – CS Orig, switch of media authorization from LCP to RCP (MGCF)


Figure 6b – CS Orig, switch of media authorization from LCP to RCP (MGCF/MSC)
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Figure 3a – CS Orig, 180 resonse, pMGW generated media (MGCF)


Figure 3b – CS Orig, 180 response, uMGW generated media (MGCF/MSC)
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Figure 8b – CS Orig, switch of media authorization from RCP to LCP, wait for 180 (MGCF/MSC)


Figure 7a – CS Orig, switch of media authorization from RCP to LCP (MGCF)


Figure 7b – CS Orig, switch of media authorization from RCP to LCP (MGCF/MSC)
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Figure 10b – CS Term INVITE w/o SDP  (MGCF/MSC)
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Figure 9a – CS Orig, switch of implicit media authorization from RCP to LCP, wait for 180 (MGCF)


Figure 9b – CS Orig, switch of implicit media authorization from RCP to LCP, wait for 180 (MGCF/MSC)
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Figure 11 – Call Forwarding Immediate G/V-MSC when no MGW has been allocated


Figure 13a – Call Forwarding when MGW has been allocated, INVITE w/ SDP
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Figure 12 – Call Forwarding G/V-MSC when no MGW has been allocated, INVITE w/o SDP
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Figure 13a – Call Forwarding when MGW has been allocated, INVITE w/o SDP
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Figure 14 – Call Forwarding, first response w/o SDP
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5. H.248: ADD.resp [Context ID = C1, Termination ID = T1]


Configure IMS  Resources


13. H.248: MOD.req [Context ID = C1,Termination ID = T1, 
                stream=1{audio media}, stream=2{Real-Time Text media}]


14. H.248: MOD.resp [Context ID = C1, Termination ID = T1 ] 
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