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1
Scope

The present document specifies a client for the Multimedia Telephony Service for IMS (MTSI) supporting conversational speech (including DTMF), video and text transported over RTP with the scope to deliver a user experience equivalent to or better than that of Circuit Switched (CS) conversational services using the same amount of network resources. It defines media handling (e.g. signalling, transport, jitter buffer management, packet-loss handling, adaptation), as well as interactivity (e.g. adding or dropping media during a call). The focus is to ensure a reliable and interoperable service with a predictable media quality, while allowing for flexibility in the service offerings.
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2
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The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

· References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

· For a specific reference, subsequent revisions do not apply.

· For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.
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3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

<… cut text …>

 [61]
IETF RFC 4733 (2006): "RTP Payload for DTMF Digits, Telephony Tones, and Telephony Signals", H. Schulzrinne and T.Taylor.

[62]
3GPP TS 23.10. "Support of Dual Tone Multi-Frequency (DTMF) signalling",

[63]
ETSI ES 201 235-2, v1.2.1: "Specification of Dual Tone Multi-Frequency (DTMF); Transmitters and Receivers; Part 2: Transmitters".

3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply:

NOTE:
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

AL-SDU
Application Layer - Service Data Unit

AMR
Adaptive Multi-Rate

AMR-NB
Adaptive Multi-Rate - NarrowBand

AMR-WB
Adaptive Multi-Rate - WideBand

APP
APPlication-defined RTCP packet

ARQ
Automatic repeat ReQuest

AS
Application Server

AVC
Advanced Video Coding

CCM
Codec Control Messages

CDF
Cumulative Distribution Function

CMR
Codec Mode Request

cps
characters per second

CS
Circuit Switched
CSCF
Call Session Control Function

CTM
Cellular Text telephone Modem
DTMF
Dual Tone Multi-Frequency
DTX
Discontinuous Transmission
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5
Media codecs

5.1
Media components

The Multimedia Telephony Service for IMS supports simultaneous transfer of multiple media components with real-time characteristics. Media components denote the actual components that the end-user experiences.
The following media components are considered as core components. At least one of these components is present in all conversational multimedia telephony sessions.

· Speech: The sound that is picked up by a microphone and transferred from terminal A to terminal B and played out in an earphone/loudspeaker. Speech includes detection and generation of DTMF signals.
· Video: The moving image that is captured by a camera of terminal A and rendered on the display of terminal B.
· Text: The characters typed on a keyboard or drawn on a screen on terminal A and rendered in real time on the display of terminal B. The flow is time-sampled so that no specific action is needed from the user to request transmission.

The above core media components are transported in real time from one terminal to the other using RTP (RFC 3550 [9]). All media components can be added or dropped during an ongoing session as required either by the end-user or by controlling nodes in the network, assuming that when adding components, the capabilities of the UE support the additional component.

NOTE:
The terms voice and speech are synonyms. The present document uses the term speech.

5.2
Codecs for terminals

5.2.1
Speech

MTSI terminals offering speech communication shall support:
· AMR speech codec (3GPP TS 26.071 [11], 3GPP TS 26.090 [12], 3GPP TS 26.073 [13] and 3GPP TS 26.104 [14]) including all 8 modes and source controlled rate operation ‎3GPP TS 26.093 [15]. The terminal shall be capable of operating with any subset of these 8 codec modes.

The codec mode set Config-NB-Code=1 (3GPP TS 26.103 [16]) {AMR-NB12.2, AMR-NB7.4, AMR-NB5.9 and AMR-NB4.75} should be used unless the session-setup negotiation determines that other codec modes shall be used.

When transmitting, the terminal shall be capable of aligning codec mode changes to every frame border, and shall also be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_2 (3GPP TS 26.103 [16]). The terminal shall also be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. When receiving, the terminal shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.

MTSI terminals offering wideband speech communication at 16 kHz sampling frequency shall support:
· AMR wideband codec (3GPP TS 26.171 ‎‎[17], 3GPP TS 26.190 ‎[18], 3GPP TS 26.173 ‎[19] and 3GPP TS 26.204 [20]) including all 9 modes and source controlled rate operation ‎3GPP TS 26.193 [21]. The terminal shall be capable of operating with any subset of these 9 codec modes.

The codec mode set Config-WB-Code=0 (3GPP TS 26.103 [16]) {AMR-WB12.65, AMR-WB8.85 and AMR-WB6.60} should be used unless the session-setup negotiation determines that other codec modes shall be used.

When transmitting, the terminal shall be capable of aligning codec mode changes to every frame border, and shall also be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_WB‎ (3GPP TS 26.103 [16]). The terminal shall also be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. When receiving, the terminal shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.

MTSI terminals offering wideband speech communication shall also offer narrowband speech communications. When offering both wideband speech and narrowband speech communication, wideband shall be listed as the first payload type in the m line of the SDP offer (RFC 4566 [8]).

Encoding of DTMF is described in Annex G.
6.2.2
Speech

For AMR or AMR-WB encoded media, the session setup shall determine: if all codec modes can be used or if the operation needs to be restricted to a subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if codec mode changes shall be restricted to be aligned to only every other frame border or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes within the negotiated codec mode set or if codec mode changes can be performed to any mode within the codec mode set; the number of speech frames that should be encapsulated in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.

If the session setup negotiation concludes that multiple configuration variants are possible in the session then the default operation should be used as far as the agreed parameters allow, see clause 7.5.2.1. It should be noted that the default configurations are slightly different for different access types.

An MTSI terminal offering a speech media session for narrow-band speech and/or wide-band speech should offer SDP according to the examples in clauses A.1 to A.3.

An MTSI terminal shall offer AVPF for speech media streams. An MTSI terminal may offer AVP if RTCP is not used.
Session setup for sessions including speech and DTMF events is described in Annex G.
7.4.2
Speech

When transmitting AMR or AMR-WB encoded media in RTP
· the AMR (and AMR-WB) payload format shall be used ‎[28].

MTSI terminals shall support both the bandwidth-efficient and the octet-aligned payload format. The bandwidth‑efficient payload format shall be preferred over the octet-aligned payload format.
The MTSI terminal shall use the parameters defined in table 7.1 during the session, unless the remote side prevents it. For all access technologies, and for normal operating conditions, the MTSI terminal should encapsulate the number of non-redundant (a.k.a. primary) speech frames in the RTP packets that corresponds to the ptime value defined in table 7.1. The MTSI terminal may encapsulate more non-redundant speech frames in the RTP packet but shall not encapsulate more than 4 non-redundant speech frames in the RTP packets. The MTSI terminal may encapsulate any number of redundant speech frames in an RTP packet but the length of an RTP packet, measured in ms, shall never exceed the maxptime value.

NOTE:
The terminology "non-redundant speech frames" refers to speech frames that have not been transmitted in any preceding packet.

Table 7.1: Encapsulation parameters (to be used as defined above)
	Radio access bearer technology
	Recommended encapsulation
	ptime 
	maxptime

	Unknown
	1 non-redundant speech frame per RTP packet

Max 12 speech frames in total
	20
	240

	HSPA
	1 non-redundant speech frame per RTP packet

Max 12 speech frames in total
	20
	240

	EGPRS
	2 non-redundant speech frames per RTP packet

Max 12 speech frames in total
	40
	240

	GIP
	1 to 12 non-redundant speech frames per RTP packet

Max 12 speech frames in total
	20, 40, 60 or 80
	240


NOTE:
It is possible to send only redundant speech frames in one RTP packet.

For all radio access bearer technologies, the bandwidth-efficient payload format should be used unless the session setup concludes that the octet-aligned payload format is the only payload format that all parties support. The SDP offer shall include an RTP payload type where octet-align=0 is defined or where octet-align is not specified and should include another RTP payload type with octet-align=1. MTSI terminals offering wide-band speech shall offer these parameters and parameter settings also for the RTP payload types used for wide-band speech.
For examples of SDP offers and answers, see annex A.
The RTP payload format for DTMF events ís described in Annex G.
7.5.2.1.1
General

This clause describes how the voice media should be packetized during a session. It includes definitions both for the cases where the access type is known and one default operation for the case when the access type is not known.
Requirements for transmission of DTMF events are described in Annex G.
12.3.1.1
Speech

Media gateways offering speech communication between MTSI clients and non-MTSI clients operating in the CS domain in GERAN and UTRAN should support Tandem-Free Operation (TFO) according to 3GPP TS 28.062 [37], and Transcoder-Free Operation (TrFO), see 3GPP TS 23.153 [38].

MTSI media gateways offering speech communication and supporting TFO and/or TrFO shall support:

· AMR speech codec modes clauses 12.2, 7.4, 5.9 and 4.75 [11], [12], [13], [14] and source-controlled rate operation [15].

· Operation according to the UMTS_AMR_2 codec type with the Config-NB-Code=1 configuration as defined in [16].

MTSI media gateways should also support the other codec types and configurations as defined in [16].

When transmitting to the PS client, the media gateway shall be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_2 [16], and shall be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. The media gateway should be capable of changing codec mode aligned to every frame border and to any codec mode within the negotiated codec mode set. When receiving from the PS client, the media gateway shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.

MTSI media gateways offering wideband speech communication at 16 kHz sampling frequency and supporting TFO and/or TrFO for wideband speech shall support:

· AMR wideband codec clauses 12.65, 8.85 and 6.60 [17], ‎[18], ‎[19], [20] and source controlled rate operation ‎[21].

· Operation according to the UMTS_AMR_WB codec type with the Config-WB-code=0 configuration as defined in [16].

MTSI media gateways offering wideband speech communication at 16 kHz sampling frequency should also support the other codec types and configurations as defined in [16].

When transmitting to the PS client, the media gateway shall be capable of restricting codec mode changes to be aligned to every other frame border, e.g. like UMTS_AMR_WB [16], and shall be capable of restricting codec mode changes to neighbouring codec modes within the negotiated codec mode set. The media gateway should be capable of changing codec mode aligned to every frame border and to any codec mode within the negotiated codec mode set. When receiving from the PS client, the media gateway shall allow codec mode changes at any frame border and to any codec mode within the negotiated codec mode set.

MTSI terminals offering wideband speech communication shall also offer narrowband speech communications. When offering both wideband speech and narrowband speech communication, wideband shall be listed as the first payload type in the m line of the SDP offer (RFC 4566 [8]).
Requirements applicable to media gateways for DTMF events are described in Annex G.
A.1
SDP offers for speech sessions initiated by terminal
This Annex includes several SDP examples for session setup for speech. SDP examples for sessions with speech and DTMF are shown in Annex G.
Annex G (Normative)
DTMF events

G.1
General

This annex describes a method for sending DTMF events in the same RTP media stream as the speech.

· MTSI terminals offering speech communication shall support the below described method in the transmitting direction and should support it in the receiving direction.

· MTSI media gateways offering speech communication shall support the below described method in both the transmitting and the receiving direction. For MTSI media gateways, the described method applies only to the PS session between the gateway and an MTSI terminal.

This method was designed to send DTMF events in the same RTP streams as the speech.

G.2
Encoding of DTMF signals

DTMF should be encoded and transmitted as DTMF events. DTMF events in this Annex refers to the DTMF named events described in Section 3.2, Table 3 in [61], i.e. events (0-9,A-D, *, #) which are encoded with event codes 0—9, 10, 11 and 12 – 15 respectively. DTMF events can either be narrowband or wideband, i.e. use 8 kHz or 16 kHz sampling frequency respectively. MTSI terminals and media gateways that support both narrowband and wideband speech shall support both narrowband and wideband DTMF events. When switching between speech and DTMF, the DTMF events should use the same sampling frequency as for the speech that is currently being transmitted.

The encoding of DTMF events includes specifying the duration time for the events, [61]. To harmonize with legacy DTMF signalling, [62], [63], the tone duration of a DTMF event shall be at least 65 ms and the pause duration in-between two DTMF events shall be at least 65 ms. The duration of the DTMF event and the pause time to the next DTMF event, where applicable, should be selected such that it enables incrementing RTP Time Stamp with a multiple of the number of timestamp units corresponding to the frame length of the speech codec used for the speech media.

G.3
Session setup

An MTSI terminal or media gateways offering a speech media session for speech and DTMF events should include an offer for DTMF events according to the example in Table G.3.1 when narrowband speech is offered and according to the example in Table G.3.2 when both narrowband and wideband speech is offered.
Table G.3.1: SDP example for narrowband speech and DTMF
	SDP offer

	m=audio 49152 RTP/AVP 97 98 99
a=rtpmap:97 AMR/8000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR/8000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1
a=rtpmap:99 telephone-event/8000/1

a=fmtp:99 0-15
a=ptime:20

a=maxptime:240


Table G.3.2: SDP example narrowband and wideband for both speech and DTMF
	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100 101 102
a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 telephone-event/16000/1

a=fmtp:99 0-15
a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220

a=rtpmap:101 AMR/8000/1

a=fmtp:101 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:102 telephone-event/8000/1

a=fmtp:102 0-15
a=ptime:20

a=maxptime:240


G.4
Data transport

When sending and receiving DTMF events with RTP the RTP payload format for DTMF digits, telephony tones, and telephony signals, RFC 4733 [61], shall be supported.
DTMF events shall use the same media stream as for speech, i.e. the same IP number, UDP port and RTP SSRC. Thereby, RTP Sequence Number and RTP Time Stamp shall be synchronized between speech and DTMF. I.e. the initial random values shall be the same and when switching from speech to DTMF, or vice versa, the RTP Sequence Number and RTP Time Stamp shall continue from the value that was used for the other audio media (speech or media).

The RTP Sequence Number shall increment in the same way as for speech, i.e. by 1 for each transmitted packet.

The RTP Time Stamp should increment in the same way as for speech packets or with a multiple, i.e. if the RTP Time Stamp increments with 160 between speech packets then the increment for DTMF should be 160 or a multiple of 160. The RTP Time Stamp should not increment with a smaller interval for DTMF than for speech. The RTP Time Stamp should use the same sampling frequency as for the speech that is transmitted immediately before the start of the DTMF event(s). 

NOTE:
One DTMF event may be transmitted in several RTP packets, for example if the event is a long-lasting event. In this case all RTP packets containing the same DTMF event shall have the same RTP Time Stamp value according to RFC 4733 [61].

Speech packets shall not be transmitted when DTMF events are transmitted in the same RTP media stream.
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