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Introduction

This contribution aims to trigger initial discussions on possible enhancements for MGCF procedures to support text telephony.

Text telephony is part of the TS 26.114 MMTEL service.

It is also used in many PSTNs.

Regulatory requirements in the also US demand support of TTY for emergency calls.

Relevant Codecs and Requirements

In the PSTN world, TTY is transferred in some modem within PCM and ISUP signalling may not contain any related indication. Applicaple codecs may vary between countries are summarized in ITU-T V.18. For instance, in the US the "Baudeot" codec is used (this is used in the figures below as example).
In the 3GPP CS radio interface, a dedicated CTM modem is used (see 3GPP TS 26.226), that will be terminated within the CS domain and interworked to normal PSTN encoding. However, interworking could also occur at the MGCF.

Speech and TTY 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 TTY in the opposite direction. However, speech and TTY can not be used in the same direction at the same time.

If IP transport is used, two TTY encodings need to be taken into consideration:

1. Transport of TTY within a speech codec such as G.711 using the same codecs as within the PSTN world. This encoding is frequently used in existing VoIP networks and also fixed IMS operators are likely to apply this encoding (Note that the usage of TS 26.114 within the IMS is optional).  Compressed speech codecs such as AMR may not support this encoding.
This method of TTY will not be negotiated within SIP/SDP, where only a speech codec will be negotiated.
2. A dedicated RTP payload type in RFC 4103. This option is selected within TS 26.114.
The usage of this RTP payload type will be negotiated using SIP/SDP. The payload type is  registered as "text" MIME type  and will therefore need to be described in another SDP m-line than speech codecs. Speech and TTY can be used in parallel without any restrictions. As this encoding provides better protection against packet loss and can be used in parallel with compressed speech codecs, it is expected to be used in mobile networks.
It is assumed that various types of TTY terminals exists. Such terminals may either support speech and TTY, or only speech.

Overview of Connection Possibilities
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If one assumes that both IP encodings discussed above exist in the same IMS (e.g. if the network serves both fixed and mobile subscribers) or in interconnected IMS networks, transcoding issues within the IMS also arise. This will affect MRF and/or IBCF and is not further discussed in the present contribution. However, similar procedures to the ones discussed below could potentially also be applied at the transcoding nodes.
IMS to PSTN call
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The need for interworking of RFC 4103 based encoding can be recognised with ease based on incoming SDP offering the RFC 4105 payload, possibly in combination with a speech codec.

If both a speech codec and a RFC 4103 based TTY are negotiated, the IM MGW will need to detect TTY modem signals on the PSTN side and decide based on this detection if the signal is interworked to the speech ot the TTY media stream on the IMS side. In the media directionality towards the PSN, the MGW will need to mix both media streams into the PCM signal. Mn signalling interface extensions will be required to configure the MGW accordingly, in particular for the new RFC 4103 payload type.

If only a speech codec is negotiated at the IMS side, the MGW may apply a detection of the modem signaly to apply an optimised interworking of TTY signals. No Mn extension are necessary. The interworking can be transparent for the MGCF.
PSTN to IMS call
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It is proposed that the MGCF offers the RTP RFC 4103 payload type in addition to speech codecs for all calls if an interworking of TTY is required.

Terminals not supporting the RTP RFC 4103 payload type, or configured not to use it, will reject the corresponding SDP text m-line by setting the port to zero. This is expected to be encountered for most calls. The resources reserved for the RFC 4103 payload type can then be released.

As an optimisation to avoid a temporal reservation of text related resources at the MGW, the MGCF can use an invalid connection address (0.0.0.0) for the text m-line in the initial offer. Only if the peer accepts the text m-line, the MGCF reserves related resources at the MGW and sends a new offer in an SIP UPDATE or PRACK message.  To avoid that clipping occurs, the new offer needs to be sent while the call establishment is still in progress. This optimisation therefore requires the SIP 100rel extension.
The MGW behaviour and required Mn extensions are the same as discussed for the IMS to PSTN call above.
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