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1. Overall description:

EN 301 549 [1] references Real-time Text (RTT) conference calling as required by ICT systems providing
conversational voice calling. ETSI HF asked 3GPP SA4 in S4-121216 to make changes in 3GPP specifications to
accommodate for multiparty RTT. SA4 answered in S4-191253 that requirements were welcome. This document is
intended to contain the reply to that answer.

Recent progress has been made in IETF in standardisation of initiation and transport of multiparty RTT in IP networks.
ETSI HF is working on accessible user interfaces for multiparty RTT. A prerequisite for successful deployment of
services supporting multiparty RTT user interfaces is that the lower layers support initiation and transport of multiparty
RTT. 3GPP SA4 being an important source of specifications for interoperable conversational services is hereby kindly
asked to extend its specifications for voice, video and RTT in IMS to include details about initiation and transport of
multiparty RTT calling considering to base the modifications on the recent progress in IETF.

ETSI HF also wants to inform 3GPP about its ongoing work on user interface guidelines related to RTT multiparty
calling. and proposals for revisions of EN 301 549 in this area.

2. Actions

3GPP SA4 is hereby kindly asked to extend its IMS specifications of Multimedia Telephony to include details about
initiation and transport of multiparty RTT calling.

ETSI HF also wants to inform 3GPP about its ongoing work on user interface guidelines related toRTT multiparty
calling, and proposals for revisions of EN 301 549 [1] in this area. This information is intended to support 3GPP efforts
in meeting European requirements in the conversational service area.

If the required actions in 3GPP specifications tend to influence documents under the responsibility of other 3GPP

groups than SA4, we kindly ask SA4 to initiate and coordinate such actions.
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3. Date of next meetings of the originator:
ETSI TC HF#88 on June 1, 2022.

4. Detailed description and proposals

4 1 Introduction

ETSI HF is working on user interface requirements for multiparty calling with Real-time Text (RTT) with the goal to
produce a report TR 103 708 on the topic. The support for multiparty RTT in Europe is required in the accessibility
standard EN 301 549 [1]. The application of multiparty RTT requires proper support from lower layers for session
initiation and media transport.

Knowing that 3GPP SA4 manages the TS 126 114 [6] specification covering conversational multimedia services
already specifying use of RTT, ETSI HF hereby kindly asks SA4 to amend this and possible other related specifications
to explicitly support multiparty calling with RTT.

We have made a preliminary assessment of potentially influenced documents, and initial wording modification
proposals for TS 126 114. However, we of course leave it to 3GPP experts to assess these proposals and formulate the
final modification proposals.

ETSI HF is interested in being informed about the progress of actions related to this Liaison request.

ETSI HF also welcomes 3GPP experts to be informed about RTT in general and especially about multiparty RTT user
interface considerations by taking part of the draft ETSI TR 103 708 and corresponding modification proposals to EN
301 549.

4.2 Overview analysis

One important source of specifications for electronic communications in mobile environments is 3GPP. RTT is already
well specified in 3GPP specifications but, as in some other RTT specification collections, there is a lack of detail about
how multiparty calling should be established and performed.

Some modification to 3GPP specifications are almost certain to be needed to ensure the success of attempts to specify
multiparty RTT calling at the user interface level in the mobile communications area.

Although it is the responsibility of 3GPP groups and experts to fully assess and decide where and how to make
modifications, some starting points for possible analysis and actions in 3GPP are proposed in this LS answer.

Proposals for text changes in 3GPP documents are provided below in italic, indented and surrounded by quotation
marks.

4.3 Traditional SIP

For traditional SIP based conversational communication, the main 3GPP specification is ETSI TS 126 114 “IP
Multimedia Subsystem (IMS); Multimedia telephony; Media handling and interaction.” (3GPP TS 26.114) [6]. It
contains technical details on how to use audio, video and RTT in conversational calls, thereby providing a specification
for Total Conversation and subsets thereof.

RTT is specified to use ITU-T T.140 [5] on the presentation level and IETF RFC 4103 [2] on the transport level. IETF
has recently (July 2021) published an update for IETF RFC 4103 about how to use IETF RFC 4103 in multiparty calls.
The update is IETF RFC 9071 “RTP-Mixer Formatting of Multiparty Real-Time Text” [4]. Proper RTT multiparty
media handling requires the endpoints to be multiparty aware and take active part in presentation of the received text so
that it can be presented while it is received originating from different parties and separated to be readable and its
different sources identified. RFC 9071[4] specifies how this is achieved when both the mixer and the endpoints are
multiparty-aware. Since earlier implementations of RTT in endpoints may not take active part in presentation of
multiple sources properly, RFC 9071 also specifies a fallback method for mixers to use when sending text from multiple
sources to multiparty-unaware endpoints. The selection of method is specified to be based on negotiation of an SDP
attribute “a=rtt-mixer”
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A way to update ETSI TS 126 114[6] to support RTT multiparty calling would be to add IETF RFC 9071 for multiparty
calling to where IETF RFC 4103 is mentioned, and show the negotiation for multiparty RTT support during call
establishment specified in IETF RFC 9071 in the corresponding sections of ETSI TS 126 114.

In ETSI TS 124 147 “Conferencing using the IP Multimedia (IM) Core Network (CN) subsystem; Stage 3”, a paragraph
could be added in 6.3.2 about support of the text (real-time text) media for multiparty sessions in conference scenarios.
However, this level of detail is not shown for other media, so it may be better to concentrate the details to TS 126 114.

There may also be a need for amendments to 3GPP emergency service specifications of access to IP based emergency
services, starting with an analysis of ETSI TS 123 167. 3GPP experts should be able to find the correct places and
wordings.

4.4 WebRTC

For WebRTC based Real Time Communications, RTT media establishment and transport of RTT is specified in IETF
RFC 8865 [3]. IETF RFC 8865 already supports multiparty calling, and RFC 8865 is already referred from ETSI TS
124 371 “Web Real-Time Communications (WebRTC) access to the IP Multimedia (IM) Core Network (CN)
subsystem (IMS); Stage 3;”. The user device is expected to have ETSI TS 126 114 [6] implemented which allows for
WebRTC data channels. This might be sufficient for specification of WebRTC based real-time text with multiparty
support in 3GPP specifications, but we ask 3GPP experts to assess if something more specific needs to be said on this
topic.

4.5 Analysis and change proposals for ETSI TS 126 114 (3GPP TS 26.114)

4.5.1 Introduction
The change proposals below are adapted to version 17.2 of the TS 26.114 [6 Jdocument. The changes are needed to
make the mobile handsets and mixers multiparty aware in sessions containing real-time text. It should be noted that

such sessions can be initiated both outside of the IMS network (e.g. by emergency service PSAPs), and inside the IMS
network.

4.5.2 Modification proposals to TS 126 114

1) Add a reference last in clause 2: References
"[181] IETF RFC 9071; “RTP-mixer formatting of multiparty Real-time text”"
2) Add a paragraph after the first in clause 5.2.3 about multiparty real-time text

"T.140 includes requirements and examples of multiparty real-time text presentation. Further specifications
and examples of multiparty real-time text usage are included in IETF RFC 9071[181]."

3) In 6.2.4 Text, add after the second paragraph:
"An MTSI client should indicate support of multiparty real-time text by including the "a=rtt-mixer" attribute in

SDP, and apply the multiparty real-time procedures of IETF RFC 9071 [181] when the negotiation for
multiparty aware mixing is successful."

4) In 7.4.4 Real-time text, modify the first list point starting with "T140" to read:

"- T.140 text conversation RTP payload format according to RFC 4103 [31] including the updates from RFC
9071 [181] when the negotiation for support of multiparty real-time text is successful."

5) In 7.4.4 Real-time text, modify the currently last paragraph to read:

"Media type signalling for usage in SDP is specified in section 10 of RFC 4103 [31], section 3 of RFC 4102
[49] and section 2.3 of RFC 9071 [181]."

6) In 7.4.4 Real-time text, add this new paragraph at the end:

"Negotiation of support for mixing real-time text for multiparty-aware MTSI clients shall be done by the
“a=rtt-mixer” SDP attribute. When the negotiations fails in a multiparty call, mixing for multiparty unaware
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endpoints shall be done by a mixer capable of handling multiparty mixing of real-time text as specified in RFC
9071 [181]."

7) In 7.5.2.3 Text media flow, add the following at the end of the second sentence
"from an MTSI client in terminal."

8) In 7.5.2.3 Text media flow, change the last sentence to read:
"4 text-capable MTSI client shall 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 fimtp attribute for the "t140" format."

9) In 9.4 Packet loss handling for text, modify the first sentence to read:
"Redundant transmission provided by the RTP payload format as described in RFC 4103 [31] including the
updates for multiparty real-time text situations in IETF RFC 9071 [181] shall be supported.”

10) In Annex A.5, modify the title to read:
"SDP offers and answers for text"
11) In example A.5.1 modify the title to read:
" T.140 offer with multiparty capability"”

12) In example A.5.1, modify the text and table to read:

"An offer to use T.140 real-time text may be realised 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

m=text 53490 RTP/AVP 100 98
b=AS:6

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.5.1 shows that RTP payload type 98 is used for sending text with "t140" format,
whereas RTP payload type 100 is used for sending that text with 200 % redundancy. IPv4 addressing is
assumed in the computation of bandwidth values. The "a=rtt-mixer" attribute indicates multiparty support."”

13) Last in Annex A.5, add this new example titled A.5.2 T.140 answer with multiparty capability

"An answer from a device supporting multiparty capability could provide the following SDP:
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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:6
b=RS:0
b=RR:1000
a=rtpmap:100 red/1000/1

a=rtpmap:98 t140/1000/1 cps=90
a=fmtp:101 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
pavload 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.”

14) Last in Annex A.5, add this new example titled A.5.3 T.140 answer from a device without multiparty capability

"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 a device without multiparty capability
m=text 42400 RTP/AVP 100 98
b=AS:6
b=RS:0
b=RR:1000
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.

n

15) In Annex E.4, increase the bitrate needs to allow for multiparty communication according to this discussion.

When multiparty calling with real-time text is used, the total bitrates may be extended over the ones specified in Annex
E.4. Current Annex E.4 shows a bitrate of 3 kbps in many places, which is a high but suitable figure for a two-party
call. Calculations for a multiparty call shows that 12 kbps is a high figure with some users using speech-to-text for text
generation, while 6 kbps would be a suitable high figure for text creations by other means. It is recommended to change
all figures 3 kbps to 6 kbps to cover the multiparty case.

16) In Annex S Multiparty Multimedia Conference Media Handling consider modifications according to this discussion.

Annex S contains a specification of a mixing method where multiple media streams of different media are sent without
mixing to the endpoints, and the endpoints being capable of doing the presentation of this kind of multiparty support.
Real-time text is currently not included in Annex S. The load on a mixer from real-time text mixing is dramatically
lower than from audio and video. Therefore it may be realistic to let the mixer use the mixing method from RFC
9071[4] for real-time text even when other media are mixed according to Annex S. If mixing of real-time text is desired
to be done like for other media in Annex S, then new sections would be needed in Annex S, describing that mixing
method in detail. SA4 experts are asked for comments on this topic.
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4.6 Amendment needs in other 3GPP specifications

4.6.1 Introduction

An analysis is needed to define which other 3GPP specifications need amendments.
The following can be taken as an initial indication of needs for support of multiparty sessions with real-time text:

4.6.2 TS 24.147 Conferencing using the IP Multimedia (IM) Core Network
(CN) subsystem; Stage 3

It may be appropriate to add a paragraph in section 6.3.2 on the conference focus about support of the real-time text
media for multiparty sessions and the negotiation between mixing for multiparty-aware and unaware endpoints.
However very little details on that level are provided for other media, so the conclusion may be that such details will be
found by the implementer at the media level in TS 126 114.

4.6.3 TS 23.333 Multimedia Resource Function Controller (MRFC) -
Multimedia Resource Function Processor (MRFP) Mp interface:
Procedures Descriptions.

If used, the Mp interface for control of conferences would need additions for conferencing with real-time text of at least
the following items:
e Addition of text media for real-time text
Addition of negotiation for multiparty text.
Addition of procedures for real-time text mixing for multiparty aware UAs.
Addition of decoding of real-time text from multiparty aware mixers.
Addition of procedures for mixing real-time text for multiparty unaware UA:s

4.6.4 TS 29.333 Multimedia Resource Function Controller (MRFC) —
Multimedia Resource Function Processor (MRFP) Mp Interface;
Stage 3

If used, stage 3 of the Mp interface for control of conferences would need additions for conferencing with real-time text
of at least the following items:

e Add support for m=text

e Add support for the formats “red” and “t140”

e Add support for negotiation of mixing for multiparty aware and unaware endpoints by the SDP attribute “a=rtt-

mixer”
e Add the H.248.2 package (containing real-time text support)
e Add support for control of multiparty mixers for real-time text

5. References
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[4] IETF RFC 9071, “RTP-Mixer Formatting of Multiparty Real-Time Text”
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