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1. Introduction

3GPP TS 23.226 (clause 5) documents how GTT is implemented in the wireless networks using GTT-Voice (i.e. CTM or V.18 signals in a circuit switched voice channel), GTT-CS (circuit switched multimedia, 3G.324 terminal) and GTT-IP (text over RTP, transported according to IETF RFC 4103).

There is a desire to use GTT-IP to support the GTT service for IMS/LTE devices. Interworking between GTT-IP and GTT-Voice and GTT-CS is required to support GTT service between IMS/LTE users and PSTN/CSCN users. 

3GPP SA4 already specified within 3GPP TS 26.114 the user plane interworking requirements: 

· GERAN/UTRAN CS inter-working (subclause 12.3)

· GTT-IP <> GTT-CS for 3G-324m, in subclause 12.3.0

· GTT-IP <> GTT-Voice (CTM), in subclause 12.3.1.2

12.3.1.2
Text

The CTM coding format defined in 3GPP TS 26.226 [52] is used for real time text in CS calls. In order to arrange inter‑working, a transcoding function between CTM and RFC 4103 is required in the MTSI media gateway. A buffer shall be used for rate adaptation between receiving text from a real-time text transmitter according to the present document and transmitting to a CTM receiver. A gateway buffer of 2K characters is considered sufficient according to clause 13.2.4 in EG 202 320 [51].

· PSTN interworking (subclause 12.4)

· GTT-IP <> GTT-CS for 3G-324m, in subclause 12.4.1

· GTT-IP <> GTT-Voice (CTM), in subclause 12.4.2

12.4.2
Text

PSTN text telephony inter-working with PS environments is described in ITU-T Recommendation H.248.2 [50]and further elaborated in EG 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 Recommendations 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 speech and text transmission. An MTSI client in 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 client in terminal, active transmission of text from the MTSI client in terminal, or active transmission of text telephone tones from the PSTN terminal. See clause 13 of EG 202 320 [51].

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.

It should be noted that ETSI EG 202 320 provide very high level call flows for GTT-Voice to GTT-IP interworking, but without any details on the H.248 signalling interactions. 

To support this interworking, 3GPP TS 22.226 & 23.226 refer to ITU-T H.248.2 in several places, e.g. TS 23.226 subclause 4.1.2.5: 
4.1.2.5
Conversion

For text conversation with text telephones and text capable terminals in different networks or using different transport mechanisms, conversion functions may be used. Functions and procedures suitable for the conversion functions are described in ITU‑T Recommendation H.248.2, packages for Text telephony, Text Conversation and Call Type Discrimination [9].

Problem is that 3GPP TS 29.163 has no reference to GTT-IP  <> GTT Voice or GTT-CS call flows. Support of Text media type is even not defined at all (only audio, video & image (for T.38) media types are considered).

Similarly, 3GPP TS 29.332 does not support any H.248.2 packages nor text media type. The Text Conversional package is not supported yet in any 3GPP H.248 profiles.
Thus a need for further standardization is identified to support GTT services between the PS and PTSN/CSCN domain, with open interworking between vendors. 

2. Requirements

TTY/TDD provides a service which permits users to communicate by both text and voice via TTY devices.  This is a regulatory feature.  Users may alternate between text and voice in either direction at will. 

The following requirements shall be supported:

I. A PSTN user with a legacy  TTY device must be able to call an IMS/LTE user with a proper device such that:

a. At any time either user may initiate text. 

b. At any time either user may send voice.

c. Voice may be sent in either direction and text may be sent in the other direction.

d. If the IMS/LTE device is not capable of meeting these requirements graceful treatment must be determined and supported.

e. The service is not disrupted in any circumstance that a voice call would not be disrupted. This includes the case where the LTE user executes a SRVCC hand-down to 2g/3g.

II. An IMS/LTE user with a proper device must be able to call a PSTN user with a legacy  TTY device such that:

a. At any time either user may initiate text. 

b. At any time either user may send voice.

c. Voice may be sent in either direction and text may be sent in the other direction.

d. If the PSTN user’s equipment is not capable of meeting these requirements the voice call is still supported.

e. The service is not disrupted in any circumstance that a voice call would not be disrupted. This includes the case where the LTE user executes a SRVCC hand-down to 2g/3g.

III. An IMS/LTE user with a proper device must be able to call 911 and be properly served by a legacy  PSAP (which always includes a TTY device ).

IV. A 2/3g mobile user with a TTY device and a TTY capable mobile must be able to call an LTE/IMS user with proper equipment such that:

a. At any time either user may initiate text. 

b. At any time either user may send voice.

c. Voice may be sent in either direction and text may be sent in the other direction.

d. If the PSTN user’s equipment is not capable of meeting these requirements the voice call is still supported.

e. The service is not disrupted in any circumstance that a voice call would not be disrupted. This includes the case where the LTE user executes a SRVCC hand-down to 2g/3g.

V. An IMS/LTE user with a proper device must be able to call a 2/3g mobile user with a TTY device and a TTY capable mobile such that:

a. At any time either user may initiate text. 

b. At any time either user may send voice.

c. Voice may be sent in either direction and text may be sent in the other direction.

d. If the PSTN user’s equipment is not capable of meeting these requirements the voice call is still supported.

e. The service is not disrupted in any circumstance that a voice call would not be disrupted. This includes the case where the LTE user executes a SRVCC hand-down to 2g/3g.

These scenarios should be explicitly supported and appropriate stage 1, 2, and 3 descriptions referenced or provided.

3. Scenarios & needed work illuminated

3.1 Scenario I: A PSTN user with a legacy TTY calls an IMS/LTE UE.

It must be possible for a user in the PSTN with a TTY device to call a user in the IMS. The PSTN user may, at any time, begin sending Baudot tones (using his TTY Device). The well established architecture for this scenario is shown in figure 1.
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Figure 1.

Assume that a  PSTN -> IMS voice call is established using well understood procedures.  The state is illustrated in Figure 2.
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Figure 2.

It must be possible to use alternate text and voice in either direction and may change at any time during the call.  In order for this to occur there must be bearer transcoding between Baudot tones and RTP Text, and between PCM voice and AMR over RTP.  A high level scenario is described in Figure 3.
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Figure 3.

· A normal voice call is established. Important points are

· A SIP invite is sent to the UE with an SDP Media: Audio. 

· The MGW transcodes AMR <> PCM.

· The PSTN user begins using TTY

a. PSTN user sends Baudot tones.

b. The MGW must recognize the use of Baudot tones and

c. The MGW must signal that Baudot tones are detected to the MGCF.

d. The IMS must now send a RE-INVITE over  SIP to the UE with the SDP indicating the addition of a new media text component  (Voice: AMR, Text).

e. The MGCF must instruct the MGW to begin transcoding the Baudot tones to Text/RTP.

Text initiation from LTE UE

It should be noted that the LTE UE could initiate text prior to the PSTN user initiating text.  In this case the LTE UE must first send SDP with 2M lines indicating audio and text.  This could be done in a SIP RE-INVITE. Upon receiving a SIP message with and m-lines for both audio and text the MGCF must direct the MGW to transcode between text over RTP and Baudot tones.  

If the LTE UE is the first to initiate text there is no guarantee that the PSTN user is actually TTY enabled. This is not a problem. A PSTN user who is not TTY enabled would simply hear the Baudot tones.  This is exactly what happens when a PSTN user with a TTY device calls another PSTN user who does not have TTY device.
Alternatives:

Call flows of Section 13 of EG 202 320 suggest that the MGC attempts to negotiate audio + text bearers in the very first outgoing INVITE e.g. to avoid delay to transfer subsequent text. Negotiation of both media types is obviously the simplest approach when considering that text / speech may alternate at any time during the call (=> no need for SIP renegotiation at each transition).   This alternate method of avoids the need for a SIP re-invite but has the disadvantage of always enabling text and perhaps allocating resources even when text is not going to be used.
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Figure 7: Scenario 1, call from carrier based textphone
From EG202 320 Section 13
Actions

Assuming this method is agreed the procedure needs documentation. For example:

· We assume the IMS Media Gateway now detects the Baudot tones. Where is this documented?

· We assume the IMS Media gateway now sends a H.248v2 message up to the MGCF to indicate tone detection.  Where is this requirement documented?

· We assume an implementation in which the IMS now sends a re-invite to the IMS user with two M: lines in the SDP: one for audio and one for text. 

· We assume that the UE now either accepts or rejects the negotiation.  That exists.
· We might assume that if the negotiation is accepted the MGCF now instructs the MGW to transcode the Baudot tones to text and the speech to AMR - Where is this requirement?

· If the negotiation fails what happens? Do we continue the audio call?

NB:  The above has not addressed the SRVCC question for hand-down to 2G or 3G while a GTT-IP session is ongoing. 

3.2 Scenario II: An IMS/LTE user with a proper device calls a PSTN user with a legacy TTY device.

An IMS user can call a PSTN user and later initiate GTT-IP or initiate GTT-IP at call set up. The architecture of Figure 1 applies. They UE must send the SDP with media lines for both Audio and Text. This might be done in the initial INVITE or later.  At any time the IMS UE may send a RE-INVITE to change or add media lines. 

Once the proper SDP is sent the MGCF can instruct the MGW to perform transcoding.  (Using H.248)

The transcoding itself is well understood. 

Since we want multi-vendor systems to operate properly this flow needs to be documented. This may not be the only conceivable solution. 

NB: We have not addressed SRVCC implications.

3.3 Scenario III: An IMS/LTE user with a proper device calls 911.

The outline shown above (3.2) covers the 911 case.  The 911 requirement is mentioned because it may eliminate some other potential implementations.  Furthermore 3GPP TS 22.101 Section 10 should be updated.

3.4. Scenario IV: A 2/3g mobile user with a TTY device and a TTY capable mobile calls an LTE/IMS user with proper equipment.

This scenario creates the need for the MTSI GW to detect CTM tones, signal the MGCF, and transcode between CTM/AMR and Text/RTP.  

There is some text in 3GPP TS 26.114 section 12.3.1.1 on this topic that establishes the need for transcoding on the MTSI Gateway. A flow (in 3GPP TS 29.163?)  and some more study may be needed.

3.5 Scenario V: An IMS/LTE user with a proper device calls a 2/3g mobile user with a TTY device and a TTY capable mobile.

This scenario creates the need for the MTSI GW transcode from Text/RTP to CTM/AMR.  There is some text in 3GPP TS 26.114 section 12.3.1.1 on this topic that establishes requirements on the MTSI Gateway. A flow (in 3GPP TS 29.163?)  and some more study may be needed.

4. Standards work outlined

SA1/SA2 specifications (for information)
3GPP TS 22.101 (owned by SA1) “Technical Specification Group Services and System Aspects Service aspects; Service principles” Section 10: on IM CN emergency call support:

The note that states that only voice is supported needs to be extended to include GTT-IP.
3GPP TS 23.226 (owned by SA2) “Technical Specification Group Services and System Aspects; Global Text Telephony (GTT); Stage 2”:  section 5.3.1 outlines interworking for GTT Voice to interwork with the PSTN.  A corresponding section for 5.1 (GTT-IP) is needed. 

3GPP TS 22.226 / 23.226: Obsolete H.248.2 references to be updated or (better) be replaced by a reference to the H.248 Mc / Mn profiles.

CT3 specifications

3GPP TS 29.163 (owned by CT3 no reference to GTT-IP  <> GTT Voice or GTT-CS call flows. Support of Text media type is even not defined at all (only audio, video & image (for T.38) media types are considered).

The following changes would be needed:
- add support of text media type; 

- specify SIP <> PSTN/CSCN call flows with H.248 interactions for the above scenarios. 


CT4 specifications

3GPP TS 29.332 (owned by CT4) “Media Gateway Control Function (MGCF) - IM Media Gateway (IM-MGW); Mn interface” Stage 3 does not support any H.248.2 packages nor text media type.. The following changes would be needed:

· add optional support of the following H.248.2 packages: ctyp (Call Type Discrimination package), txp (Text Telephony package), and txc (Text conversational package) to support Text <> CTM and Text <> V.18 interworkings;

· specify package usage for those new packages

· add support of text media type

Note 1:
 TS 29.232 (Mc profile) already specify optional support of the H.248.2 ctyp & txp packages. The same is not true for the Mn profile.

Note 2: TS 23.226 indicates need for the txc package, but the txc package has not been specified in Mc /  Mn H.248 profiles.
2.2 Working group meeting dates

SA1:
16 - 20 Nov 2009; 22 - 26 Feb 2010; 10 - 14 May 2010

SA2:
16 - 20 Nov 2009; 18 - 22 Jan 2010; 22 - 26 Feb 2010; 10 - 14 May 2010 

CT3:
9 - 13 Nov 2009; 22 - 26 Feb 2010; 10 - 14 May 2010

CT4:
9 - 13 Nov 2009; 22 - 26 Feb 2010; 10 - 14 May 2010              
5. Conclusions

Further standardization work has been outlined to define support in TS 29.163 of text media type, detailed GTT IP <> GTT Voice / GTT-CS interworking call flows (with H.248 interactions) and procedures.

This work is critical to complete within the Rel-9 timeframe to support regulatory GTT requirements for operators deploying LTE/IMS networks. It is proposed to handle this work via Rel-9 essential corrections CRs during the Feb 2010 CT3/CT4 meetings (to be jointly prepared between interested parties before the meeting).
CT3 should discuss and agree on the following points: 

1. Need for further standardization work on TS 29.163 (and corresponding stage 3 TS 29.332)

2. Call flows presented in section 3 of this contribution, or possible alternative solutions to fulfil requirements of 3GPP TS 26.114.
3. Way forward to follow to do this standardization work.
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