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Introduction

The present document contains a specification for required protocol usage within 3GPP specified Conversational Packet Switched Multimedia Services [5] which is based IP Multimedia Subsystem (IM Subsystem). IM Subsystem as a subsystem includes specifically the conversational IP multimedia services, whose service architecture, call control and media capability control procedures have been defined in 3GPP TS 24.229 [7], and are based on the 3GPP adopted version of IETF Session Initiated Protocol (SIP) [1].

In conversational packet switched multimedia service depends on IM Subsystem. The individual media types are independently encoded and packetized to appropriate separate Real Time Protocol (RTP) packets. These packets are then transported end-to-end inside UDP datagrams over real-time IP connections that have been negotiated and opened between the terminals or between a terminal and a server during the SIP call as specified in 3GPP TS 24.229 [7].

The UEs operating within IM Subsystem need to provide encoding/decoding of the derived codecs, and perform corresponding packetization/depacketization functions. Logical bound between the media streams is handled in the SIP session layer, and inter-media synchronization in the receiver is handled with the use of RTP time stamps.

Next modified section
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3
Definitions and abbreviations

3.1
Definitions

For the purposes of the present document, the following term and definition applies:

3G PS multimedia terminal: terminal based on IETF SIP/SDP internet standards modified by 3GPP for purposes of 3GPP IM Subsystem services

3.2
Abbreviations

For the purposes of the present document, the following abbreviations apply:

AMR
Adaptive MultiRate codec
DSR
Distributed Speech Recognition
IETF
Internet Engineering Task Force

IM Subsystem
Internet protocol Multimedia Subsystem

ITU-T
International Telecommunications Union-Telecommunications

RFC
IETF Request For Comments

RTPCP
RTP Control Protocol

RTP
Real-time Transport Protocol

SDP
Session Description Protocol
SES
Speech Enabled Service
SIP
Session Initiation Protocol
4
General

3G PS multimedia terminals provide real-time video, audio, SES or data, in any combination, including none, over 3GPP IM Subsystem. Terminals are based on IETF defined multimedia protocols SIP, SDP, RTP and RTCP. Communication may be either 1-way or 2-way. Such terminals may be part of a portable device or integrated into an automobile or other non-fixed location device. They may also be fixed, stand-alone devices; for example, a video telephone or kiosk. Multimedia terminals may also be integrated into PCs and workstations.
In the case of SES then uplink communication is from the terminal to a server containing speech recognition. 
In addition, interoperation with other types of multimedia telephone terminals, such as 3G-324M may be possible, however in such case a media gateway functionality supporting 3G-324M - IM Subsystem interworking will be required within or outside the IM subsystem.

Figure 1 presents the user plane protocol stack of a 3G PS conversational multimedia terminal explaining the transport of different media types and QoS reports.
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Figure 1 – User plane protocol stack for 3G PS conversational multimedia terminal
5
Media type requirements

Media type RTP payload usage is specified in this clause. The media types and corresponding codecs are specified in 3GPP TS 26.235 [5]. The continuous media type RTP payloads are mapped to RTP packets according to IETF RTP Profile for Audio and Video Conferences with Minimal Control in RFC 3551 [4].

5.1
Audio

5.1.1
RTP session description parameters

The IETF AMR and AMR-WB RTP payload format [19] offers different options. Here is the list of options and how they should be used by the transmitter. The receiver shall at least support the options as they are listed:

-
the bandwidth efficient operation shall be used,

-
only one speech frame shall be encapsulated in each RTP packet,

-
the multi-channel session shall not be used,

-
interleaving shall not be used,

-
internal CRC shall not be used.

5.2
Video

Video packets should not be large to allow better error resilience and to minimize the transmission delay in conversational service. The size of each packet shall be kept smaller than 512 bytes.
5.3
Real time text

Real time text media type RTP payload format for ITU-T Recommendation T.140 is specified in [27]. Redundant transmission provided by the RTP payload format is recommended in error prone channel.
5.4
SES

The RTP payload for the DSR codec and AMR or AMR-WB used for SES are specified in [29, 19].
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