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*** Start change 1 ***

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.

The scope includes maintaining backward compatibility in order to ensure seamless inter-working with existing services available in the CS domain, such as CS speech and video telephony, as well as with terminals of earlier 3GPP releases. In addition, inter-working with traditional PSTN and emerging TISPAN network is covered.

The client may also support the IMS Messaging service and Group 3 facsimile transmission. The scope therefore also includes media handling for non-conversational media using MSRP and UDPTL-based Facsimile over IP (FoIP).

The specification is written in a forward-compatible way in order to allow additions of media components and functionality in releases after Release 7.

NOTE 1:
MTSI clients can support more than conversational speech, video and text, which is the scope of the present document. See 3GPP TS 22.173 [2] for the definition of the Multimedia Telephony Service for IMS.

NOTE 2:
3GPP TS 26.235 [3] and 3GPP TS 26.236 [4] do not include the specification of an MTSI client, although they include conversational multimedia applications. Only those parts of 3GPP TS 26.235 [3] and 3GPP TS 26.236 [4] that are specifically referenced by the present document apply to Multimedia Telephony Service for IMS.

NOTE 3:
The present document was started as a conclusion from the study in 3GPP TR 26.914 [5] on optimization opportunities in Multimedia Telephony for IMS (3GPP TR 22.973 [6]).

NOTE 4:
For ECN, the present specification assumes that an interface enables the MTSI client to read and write the ECN field. This interface is outside the scope of this specification.
*** End change 1 ***

*** Start change 2 ***
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*** Start change 3 ***

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].

AC
Alternating Current

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

ECN
Explicit Congestion Notification

ECN-CE
ECN Congestion Experienced

ECT
ECN Capable Transport

eNodeB
E-UTRAN Node B

E-UTRAN
Evolved UTRAN

FLR
Frame Loss Rate
FoIP
Facsimile over IP
GIP
Generic IP access

GOB
Group Of Blocks

H-ARQ
Hybrid - ARQ

HSPA
High Speed Packet Access

ICM
Initial Codec Mode

IDR
Instantaneous Decoding Refresh
IFP
Internet Facsimile Protocol

IFT
Internet Facsimile Transfer
IMS
IP Multimedia Subsystem

IP
Internet Protocol

IPv4
Internet Protocol version 4

ITU-T
International Telecommunications Union - Telecommunications

JBM
Jitter Buffer Management

MGCF
Media Gateway Control Function

MGW
Media GateWay

MIME
Multipurpose Internet Mail Extensions

MO
Management Object

MPEG
Moving Picture Experts Group

MRFC
Media Resource Function Controller

MRFP
Media Resource Function Processor

MSRP
Message Session Relay Protocol

MTSI
Multimedia Telephony Service for IMS

MTU
Maximum Transfer Unit

NACK
Negative ACKnowledgment

NNI
Network-to-Network Interface

NTP
Network Time Protocol

PCM
Pulse Code Modulation

PDP
Packet Data Protocol

PLI
Picture Loss Indication

POI
Point Of Interconnect

PSTN
Public Switched Telephone Network

QoE
Quality of Experience

QoS
Quality of Service

QP
Quantization Parameter
RoHC
Robust HeaderCompression

RR
Receiver Report

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SB-ADPCM
Sub-Band Adaptive Differential PCM

SDP
Session Description Protocol

SDPCapNeg
SDP Capability Negotiation

SID
SIlence Descriptor

SIP
Session Initiation Protocol

SR
Sender Report

TFO
Tandem-Free Operation

TISPAN
Telecoms and Internet converged Services and Protocols for Advanced Network

TMMBN
Temporary Maximum Media Bit-rate Notification

TMMBR
Temporary Maximum Media Bit-rate Request

TrFO
Transcoder-Free Operation

UDP
User Datagram Protocol
UDPTL
Facsimile UDP Transport Layer (protocol)
UE 
User Equipment

VoIP
Voice over IP

VOP
Video Object Plane

*** End change 3 ***

*** Start change 4 ***

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. Multiple media components (including media components of the same media type) may be present in a session. 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, for example, captured by a camera of terminal A, transmitted to terminal B and, for example, 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 MTSI client 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 MTSI client support the additional component.

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

MTSI specifications also support other media types than the core components described above, for example facsimile (fax) transmission.
Facsimile transmission is described in Annex L.
*** End change 4 ***

*** Start change 5 ***

6.2.1
General

The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s). The session setup may also determine: ECN usage and any additional session parameters.
The session setup for UDP transported media without RTP shall determine: IP address(es), UDP port number(s) and additional session parameters.
An MTSI client shall offer at least one RTP profile for each RTP media stream. Multiple RTP profiles may be offered using SDPCapNeg as described in Clause 6.2.1a. The first SDP offer for a media type shall include at least the AVP profile. Subsequent SDP offers may include only other RTP profiles if it is known from a preceding offer that this RTP profile is supported by the answerer. The MTSI client shall accept both AVP and AVPF offers in order to support interworking.

The configuration of ECN for media transported with RTP is described in clause 6.2.2 for speech and in clause 6.2.3 for video. The negotiation of ECN at session setup is described in [84]. The adaptation response to congestion events is described in clause 10.
*** End change 5 ***

*** Start change 6 ***

7.1
General

MTSI clients shall support an IP-based network interface for the transport of session control and media data. Control-plane signalling is sent using SIP; see 3GPP TS 24.229 [7] for further details. Real-time user plane media data is sent over RTP/UDP/IP. Non-real-time media may use other transport protocols, for example UDP/IP or TCP/IP. An overview of the user plane protocol stack can be found in figure 4.3 of the present document.

*** End change 6 ***

*** Start change 7 ***

Annex L (Normative):
Facsimile transmission
L.1
General
This Annex describes Facsimile over IP (FoIP) transmission in MTSI using UDPTL-based transmission, see ITU-T Recommendation T.38, [x3].
FoIP is an optional capability for both MTSI client in terminals and MTSI MGWs. This Annex defines the minimum capabilities that need to be supported when FoIP is supported.
L.2
FoIP support in MTSI clients
L.2.1
FoIP support in MTSI client in terminal

An MTSI client in terminal supporting FoIP is typically either a facsimile gateway or a facsimile end-point and does not need to support both cases.

An MTSI client in terminal may support FoIP where the MTSI client in terminal is used as a facsimile gateway between an external Group 3 facsimile equipment and the IMS network. In this case, the MTSI client in terminal acts as an Internet Facsimile Protocol (IFP) peer, either as an emitting gateway or as a receiving gateway depending on whether the MTSI client in terminal initiates the Internet Facsimile Transfer (IFT) or whether it accepts the IFT, [x3].
An MTSI client in terminal may support FoIP where the MTSI client in terminal is the end-point for the facsimile transmission. In this case, the facsimile transmission originates or terminates in the MTSI client in terminal.
An MTSI client in terminal supporting FoIP and used as a facsimile gateway shall support:

-
input/output to Group 3 facsimile devices, [x1]

NOTE:
The interface used to connect the external facsimile device to the MTSI client in terminal is outside the scope of this specification.

An MTSI client in terminal supporting FoIP and used either as a facsimile gateway or as a facsimile end-point should support the recommended configuration defined in Clause L2.3, Table L.1.
-
encapsulating and decapsulating T.30 to/from Internet Facsimile Protocol (IFP) packets, [x3];

L.2.2
FoIP support in MTSI MGW
An MTSI MGW may support FoIP where the MGW is used as a facsimile gateway between the IMS network and a Circuit Switched (CS) network, e.g. PSTN or CS GERAN, in order to connect to another Group 3 facsimile device.
An MTSI MGW supporting FoIP should support the recommended configuration defined in Clause L2.3, Table L.1.
L.2.3
Recommended configuration

The recommended configuration for T.38 UDPTL-based FoIP is defined in Table L.1.
Table L.1: Recommended configuration for T.38 UDPTL-based FoIP
	SDP attributes
	Value

	T38FaxVersion
	2 (or higher) (NOTE 1)

	T38MaxBitRate
	14400 bps

	T38FillBitRemoval
	N/A (NOTE 2)

	T38FaxTranscodingMMR
	N/A (NOTE 2)

	T38FaxTranscodingJBIG
	N/A (NOTE 2)

	T38FaxRateManagement
	'transferredTCF'

	T38FaxMaxBuffer
	1800 bytes

	T38FaxMaxDatagram
	At least150 bytes

	T38FaxMaxIFP
	40 bytes (NOTE 3)

	T38FaxUdpEC
	't38UDPRedundancy'

	T38FaxUdpECDepth
	'minred:1', 'maxred:2' (NOTE 3)

	T38FaxUdpFECMaxSpan
	3 (NOTE 3)

	T38ModemType
	't38G3FaxOnly' (NOTE 3)

	NOTE 1:
Some SDP attributes listed here apply only to newer versions
NOTE 2:
Support not required
NOTE 3:
Only applicable when fax version 4 is supported 

NOTE 4:
See ITU-T T.38, Annex D, Table D.1 for a complete description


It is recommended that the MTSI client supports sending and receiving facsimile with 200% redundancy when UDP redundancy is used, even if the SDP attributes and parameters (‘T38FaxUdpECDepth’ with ‘minred’ and ‘'maxred’) are not supported. This allows for transmitting each IFP message three times, once as a primary message and twice as redundancy messages.
L.3
Session setup
L.3.1
Session setup for any MTSI client supporting facsimile transmission

An MTSI client supporting facsimile transmission shall support facsimile transmission in stand-alone sessions without any other media types.

NOTE:
This does not prevent supporting facsimile transmission also in other session types, for example in speech+facsimile sessions, but this is not described here.

An MTSI client supportings facsimile versions (T38FaxVersion) higher than 0 shall be capable of downgrading the session to any lower facsimile version, if indicated by a received SDP message.
An MTSI client sending an SDP for a facsimile session shall include the following in the SDP (offer or answer):
-
MIME media type and subtype names as defined in [x4];

-
bandwidth information, both on media level and session level;
-
T38FaxVersion attribute, if the offered version is higher than 0;
-
T38FaxRateManagement attribute, with the value according to the offered method.
Absence of the T38FaxVersion attribute indicates that only version 0 is supported.
SDP examples for facsimile calls can be found in clause L.7.
L.3.2
Session setup when the recommended profile is supported
When the MTSI client supports facsimile transmission according to the recommended profile in Annex L.2.3 and initiates a session for UDPTL-based facsimile transmission then:

-
the following SDP lines shall be used in the SDP offer:

-
b=AS with the bandwidth set to at least 46 kbps for IPv4 or 48 kbps for IPv6;
-
T38FaxVersion attribute indicating at least version 2;
-
T38FaxRateManagement attribute with value ‘transferredTCF’;
-
the following SDP attributes should be included in the SDP offer:

-
T38MaxBitRate, the value should be set to 14400;
-
T38FaxMaxBuffer with value 1800;

-
T38FaxMaxDatagram with value 150;
-
T38FaxUdpEC with value ‘t38UDPRedundancy’.

Other SDP attributes defined in ITU-T T.38 Annex D may be included, if supported.

When the MTSI client supports facsimile transmission according to the recommended profile in Annex L.2.3 and accepts an offer for a session initiation for facsimile transmission then:

-
the following SDP lines shall be included in the SDP answer:

-
T38FaxVersion attribute indicating at least version 2;
-
T38FaxRateManagement, the value shall be the same as in the SDP offer;

-
T38FaxUdpEC, the value to include depends both on what error correction schemes the MTSI client supports and what error correction schemes that are declared in the SDP offer;

-
b=AS, the value indicates the bandwidth needed for facsimile transmission and should be aligned with T38MaxBitRate (if included);

-
and the following SDP attributes should be included:

-
T38MaxBitRate, the value should be set to 14400;

-
T38FaxMaxBuffer, the value indicates the receiver buffer size.

L.4
Data transport using UDP/IP
An MTSI client in terminal supporting facsimile transmission using UDP/IP shall support:

-
encapsulating and decapsulating T.30 [x2] into/from Internet Facsimile Protocol (IFP) packets [x3];

-
UDPTL-based transport format in ITU-T Recommendation T.38 [x3], and:

-
redundancy transmission of primary IFP packets, see ITU-T Recommendation T.38 Clause 9.1.4.1 [x3].

An MTSI client in terminal supporting facsimile transmission using UDP/IP may support:

-
the parity FEC scheme specified in ITU-T Recommendation T.38 Annex C [x3].

An IFP packet may include either partial, single or multiple HDLC frames.

A T.38 packet may include both one IFP packet and one or more redundancy/FEC information packets.
L.5
CS GERAN inter-working
An MTSI MGW for CS GERAN inter-working and supporting facsimile transmission should support the recommended profile in Annex L.2.3.
L.6
PSTN inter-working
An MTSI MGW for PSTN inter-working and supporting facsimile transmission should support the recommended profile in Annex L.2.3.
L.7
SDP examples

L.7.1
Facsimile-only session
This example shows the media scope of the SDP offer and SDP answer for a facsimile-only session when the recommended configuration in Annex L.2.3 is offered by both end-points.
Table L.2: Example SDP offer for facsimile-only session
	SDP offer

	m=image 49150 udptl t38
b=AS:46
a=T38FaxVersion:2

a=T38FaxRateManagement:transferredTCF
a=T38MaxBitRate:14400
a=T38FaxUdpEC:t38UDPRedundancy
a=T38FaxMaxBuffer:1800
a=T38FaxMaxDatagram:150

	SDP answer

	m=image 49154 udptl t38

b=AS:46
a=T38FaxVersion:2
a=T38FaxRateManagement:transferredTCF
a=T38MaxBitRate:14400
a=T38FaxUdpEC:t38UDPRedundancy

a=T38FaxMaxBuffer:1800
a=T38FaxMaxDatagram:150


Comments:

The session bandwidth is set to 46 kbps based on the following calculation:

-
the maximum fax bitrate is 14.4 kbps;
-
it is recommended that the MTSI client supports 200% redundancy;
-
14.4 kbps and 150 bytes in each IP/UDP packet gives 12 packets per second;

-
IPv4 and UDP gives 28 bytes overhead for each IP/UDP packet (IPv6 and UDP gives 48 bytes overhead).
This gives 3*14400 +12*28*8 = 45888 bps, which is rounded up to 46 kbps for IPv4 (48 kbps for IPv6).
ITU-T Recommendation T.38 states that only ‘T38FaxRateManagement’ is mandatory to include in the SDP. There are however other reasons to include the other SDP lines:

-
b=AS is included both because this is useful information both for resource allocation in network nodes and the remote end-point, and because it is required by the current specification, see Clause 6.2.5.1;
-
the ‘T38FaxVersion’ attribute needs to be included to declare that version 2 is supported, since the other end-point would otherwise assume that only version 0 is supported;
-
the ‘T38MaxBitRate’, ‘T38FaxMaxBuffer’ and ‘T38FaxMaxDatagram’ attributes are very useful to ensure that the remote end-point sends fax media within the limitations of the local end-point;
-
The ‘T38FaxUdpEc’ attribute is very useful information for the remote end-point in case of bad channel conditions.
The SDP attributes ‘T38FaxFillBitRemoval’, ‘T38FaxTranscodingMMR’ and ‘T38FaxTranscodingJBIG’ are not included since the MTSI client is not required to support these options.
The SDP attributes ‘T38FaxMaxIFP’, ‘T38FaxUdpECDepth’ and ‘T38FaxUdpFECMaxSpan’ are not included since these attributes are not defined for T.38 fax version 2.
*** End change 7 ***
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