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*** Change 1 ***

Introduction

Editor’s note: Need to add a little about fixed clients and fixed-mobile interworking.

Multimedia Telephony Service for IMS (MTSI), here also referred to as Multimedia Telephony, is a standardized IMS telephony service that builds on the IMS capabilities to establish multimedia communications between users within and in-between different operators. The users connect to the IMS using either a fixed (TISPAN) network or a 3GPP cellular network. 
The objective of defining a service is to specify the minimum set of capabilities required in the IP Multimedia Subsystem to secure multi-vendor and multi‑operator inter-operability for Multimedia Telephony and related Supplementary Services. The objective also includes defining procedures for inter-working between different clients and networks.
The user experience of multimedia telephony is expected to be equivalent to or better than corresponding circuit-switched telephony services. Multimedia telephony also exploits the richer capabilities of IMS. In particular, multiple media components can be used and dynamically added or dropped during a session.

*** Change 2 ***

1
Scope

Editor’s note: Clarify that fixed clients and fixed-mobile interworking is also addressed. Clarify which clauses that apply to mobile terminals, which clauses that apply to fixed terminals and which clauses that apply to both.

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.
To ensure interoperability, media codecs and formats are fully specified for RTP-based and MSRP-based transfer:

-
in the present document for 3GPP systems;

-
in 3GPP2 C.S0055-A [x1] for 3GPP2 systems; and

-
in the present document for fixed-broadband accesses, except for codecs that are specified in ETSI TS 181 005 [x2].

The present document describes two different clients:

-
MTSI client in 3GPP terminal which uses a 3GPP wireless access to connect to the IMS. These clients are described in Clauses 5 – 17 and Annexes A – M.
-
MTSI client in fixed terminal which uses a fixed access to connect to the IMS. These clients are described in Clause 18 and Annex N
.
MTSI clients in 3GPP terminals and MTSI clients in fixed terminal have many common procedures for the media handling. This specification aligns the media handling by using cross references whenever possible. This does not mean that 3GPP terminals must support fixed access, nor does it mean that fixed terminal must support 3GPP access.
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.
*** Change 3 ***
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3
Definitions and abbreviations

Editor’s note: Definitions may need to be changed to distinguish between “MTSI clients in mobile terminals” and “MTSI clients in fixed terminals”. Need to consider if the terminology “MTSI clients” should apply to both mobile and fixed terminals.

3.1
Definitions

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

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

example: text used to clarify abstract rules by applying them literally.

Evolved UTRAN: Evolved UTRAN is an evolution of the 3G UMTS radio-access network towards a high-data-rate, low-latency and packet-optimized radio-access network.

Frame Loss Rate (FLR): The percentage of speech frames not delivered to the decoder. FLR includes speech frames that are not received in time to be used for decoding.

MTSI client: A function in a terminal or in a network entity (e.g. a MRFP) that supports MTSI.

MTSI client in terminal: An MTSI client that is implemented in a terminal or UE. The term “MTSI client in terminal” is used in this document when entities such as MRFP, MRFC or media gateways are excluded.
MTSI client in 3GPP terminal: An MTSI client implemented in a terminal or UE using 3GPP access.

MTSI client in fixed terminal: An MTSI client implemented in a terminal or UE using fixed (TISPAN) access.
MTSI media gateway (or MTSI MGW): A media gateway that provides interworking between an MTSI client and a non MTSI client, e.g. a CS UE. The term MTSI media gateway is used in a broad sense, as it is outside the scope of the current specification to make the distinction whether certain functionality should be implemented in the MGW or in the MGCF.

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

CVO
Coordination of Video Orientation

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

FIR
Full Intra Request

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

QCI
QoS Class Identifier
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

*** Change 4 ***

4
System description

4.1
System

A Multimedia Telephony Service for IMS call uses the Call Session Control Function (CSCF) mechanisms to route control‑plane signalling between the UEs involved in the call (see figure 4.1). In the control plane, Application Servers (AS) should be present and may provide supplementary services such as call hold/resume, call forwarding and multi‑party calls, etc.

The scope of the present document is to specify the media path.  In the example in figure 4.1, it is routed directly between the PS Domains outside the IMS.
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Figure 4.1: High-level architecture figure showing two MTSI clients in 3GPP terminals involved in an MTSI call set-up. The terminals connect to the IMS network over a 3GPP radio access network.
The call setup for an MTSI client in fixed terminal is the same as shown in Figure 4.1 for cellular terminals except that a fixed access is used instead of the 3GPP access network.
4.2
Client

The functional components of a terminal including an MTSI client in 3GPP terminal are shown in figure 4.2. An MTSI client in fixed terminal has the same functional components except that it does not have any 3GPP L2 layer.
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NOTE:
The grey box marks the scope of the present document.

Figure 4.2: Functional components of a terminal including an MTSI client in 3GPP terminal
The scope of the present document is to specify media handling and interaction, which includes media control, media codecs, as well as transport of media and control data. General control-related elements of an MTSI client, such as SIP signalling (3GPP TS 24.229 [7]), fall outside this scope, albeit parts of the session setup handling and session control for conversational media are defined here:

-
usage of SDP (RFC 4566 [8]) and SDP capability negotiation (SDPCapNeg [69]) in SIP invitations for capability negotiation and media stream setup.

-
set-up and control of the individual media streams between clients. It also includes interactivity, such as adding and dropping of media components.

Transport of media consists of the encapsulation of the coded media in a transport protocol as well as handling of coded media received from the network. This is shown in figure 4.2 as the "packet based network interface" and is displayed, for conversational media, in more detail in the user-plane protocol stack in figure 4.3. The basic MTSI client defined here specifies media codecs for speech, video and text (see clause 5). All conversational media components are transported over RTP with each respective payload format mapped onto the RTP (RFC 3550 [9]) streams.
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Figure 4.3: User plane protocol stack for a basic MTSI client

An MTSI client may also support non-conversational media, for example IMS messaging. The functional entities and the protocols used for IMS messaging are described in 3GPP TS 24.247 [82].

4.3
MRFP and MGW

A Media Resource Function Processor (MRFP), see 3GPP TS.23.002 [47], may be inserted in the media path for certain supplementary services (e.g. conference) and/or to provide transcoding and may therefore act as a MTSI client together with other network functions, such as a MRFC.

A Media Gateway (MGW), see 3GPP TS 23.002 [47], may be used to provide inter-working between different networks and services. For example, a MTSI MGW may provide inter-working between MTSI and 3G-324M services. The MTSI MGW may have more limited functionality than other MTSI clients, e.g. when it comes to the supported bitrates of media. The inter-working aspects are described in more detail in clause 12.
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