3GPP TSG-SA WG 4 Meeting #14
Tdoc S4-000588
Bath, United Kingdom, November 27 – December 1, 2000



Agenda Item:
Transparent End-to-End Packet Switched Mobile Streaming Applications
Source:
Motorola

Title:
Proposal for update of Draft: TS 26.233, "Packet Switched Streaming Services (PSS), General Description"

Document for:
Discussion/Decision

_____________________________________________________________________________________

3G TS 26.233 V0.0.1 (2000-10)
Technical Specification

3rd Generation Partnership Project;

Technical Specification Group Services and System Aspects;

Packet-switched Streaming Services (PSS);
General Description

Release 4
[image: image1.png]K ey




The present document has been developed within the 3rd Generation Partnership Project (3GPP TM) and may be further elaborated for the purposes of 3GPP.
 
The present document has not been subject to any approval process by the 3GPP Organisational Partners and shall not be implemented.
 
This Specification is provided for future development work within 3GPP only. The Organisational Partners accept no liability for any use of this Specification.
Specifications and reports for implementation of the 3GPP TM system should be obtained via the 3GPP Organisational Partners' Publications Offices.

Keywords

<Streaming, multimedia]>

3GPP

Postal address

3GPP support office address

650 Route des Lucioles - Sophia Antipolis

Valbonne - FRANCE

Tel.: +33 4 92 94 42 00 Fax: +33 4 93 65 47 16

Internet

http://www.3gpp.org

Copyright Notification

No part may be reproduced except as authorized by written permission.
The copyright and the foregoing restriction extend to reproduction in all media.

© 2000, 3GPP Organizational Partners (ARIB, CWTS, ETSI, T1, TTA,TTC).

All rights reserved.


Contents

5Introduction

1
Scope
6
2
References
6
3
Abbreviations
6
4
Usage scenarios
7
4.1
Applications
7
4.2
Use case descriptions
7
4.2.1
Simple streaming
7
4.2.2
Other streaming cases
8
5
General network architecture
8
6
Functional components of a PSS terminal
9
6.1
Session protocols and data transport
9
6.2
Codecs
9
6.3
File format
9
7
Interworking with other core network services
9
7.1
Interworking with WAP
9
7.2
Interworking with MMS
9
7.3
Interworking with charging/billing services
9
8
Security
9
9
Digital Rights Management
10
Annex A: Change history
10


Introduction

Streaming refers to the ability of an application to play synchronised media streams like audio and video streams in a continuous way while those streams are being transmitted to the client over a data network. 

Applications, which can be built on top of streaming services, can be classified into on-demand and live information delivery applications.  Examples of the first category are Music- and news-on-demand applications. Live delivery of radio and television programs are examples of the second category.

Streaming over fixed-IP networks is already a major application today. While IETF and W3C have developed a set of protocols used in fixed-IP streaming services, no complete standardised streaming framework has yet been defined. For 3G systems, the 3G packet-switched streaming service (PSS) fills the gap between 3G MMS, e.g. downloading, and conversational services. 

PSS enables mobile streaming applications, where the protocol and terminal complexity is  lower than for conversational services, which in contrast to a streaming terminal require media input devices, media encoders and more complex protocols.

This document defines the overall architecture of 3G packet-switched streaming services (3G PSS). 

1 Scope

The present document contains a general description of a packet-switched streaming service in 3G networks. In particular, it defines the overall architecture and terminal related components.  Protocols and codecs are defined in [1].
2 References

[1]
3G TS 26.xxx, Packet-switched streaming services, Protocols and Codec
[2]
H. Schulzrinne S. Casner  et al., “RTP: A Transport Protocol for Real-Time Applications”, RFC1889, January 1996.
[3]
C. Bormann L. Cline et al., “RTP Payload Format for the 1998 Version of ITU-T Rec. H.263 Video (H.263+)”. RFC2429, October 1998.
[4]
H. Schulzrinne , A. Rao, R. Lanphier, “Real Time Streaming Protocol (RTSP)”, RFC2326, April 1998.
3 Abbreviations

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

PSS
Packet-switched Streaming Service

MMS
Multimedia Messaging Service

RAB

FFS
For further study

4 Usage scenarios

4.1 Applications

The streaming platform supports a multitude of different applications including streaming of news at very low bitrates using still images and speech, music listening at various bitrates and qualities, video clips and watching live sports events.

4.2 Use case descriptions

4.2.1 Simple streaming

The simple streaming service includes a basic set of streaming control protocols, transport protocols, and media codecs In this simple case, there is neither explicit capability exchange, nor any encryption or digital rights management

A mobile user gets a URI to specific content that suits his or her terminal. This URI may come from a WWW-browser, a WAP-browser, or typed in by hand.  This URI specifies a streaming server and the address of the content on that server. An application that establishes the multimedia session should understand a Session Description Protocol (SDP) file. The SDP file may be obtained in a number of ways. It may be provided in a link inside the HTML page that the user downloads, via an embed tag. It may also be directly obtained by typing it as a URI. It may also be obtained through RTSP via the DESCRIBE method. The SDP file contains the description of the session (session name, author, …), the type of media to be presented (AMR audio, H.263 video, …), and the bitrate of the media.

The session establishment is the process in which the browser or the mobile user invokes a streaming client to set-up the session against the server. The client may be able to ask for more information about the content. It may also choose to set-up a specific bearer for the streaming media. The set-up of the streaming service is done by sending an RTSP SETUP message. This returns ports etc to be used. The client sends a PLAY message to the server that starts to send one or more streams over the IP network.

This case is illustrated below in Figure 1.














Figure 1a: Schematics for Unicast streaming session.

Figure 1b: Schematics for Multicast streaming session

Figure 1c: Schematic view for already established internet standard multimedia files.

4.2.2 Other streaming cases

Extended streaming service scenarios  include capability exchange, usage of SMIL for presentation layout, encryption and Digital Rights Management. These cases are FFS.

5 General network architecture

Figure 2 shows the most important network entities involved in a 3G packet -switched streaming service. A streaming service requires at least a content server and a streaming client. Additional components like portals, profile servers caching servers and proxies might be involved as well to provide additional services or to improve the overall service quality.

Portals are servers allowing convenient access to streamed media content. For instance, a portal might offer content browse and search facilities. In the simplest case, it is simply a Web/WAP-page with a list of links to streaming content. The content itself is usually stored on content servers, which can be located elsewhere in the network. 

User and terminal profile servers are used to store user preferences and terminal capabilities. This information can be used to control the presentation of streamed media content to a mobile user.
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Figure 2: Network elements involved in a 3G packet switched streaming service 

6 Functional components of a PSS terminal

This chapter lists the 3G packet-switched streaming service components, which belong to the terminal. Note that not all of the components need to be mandatory. Streaming services require some control components namely presentation control, capability exchange, session control and content selection. The functional behaviour of the different components is discussed in the following. 
6.1 Session protocols and data transport

Protocols are needed for session establishment, session setup, session control, capability exchange, and data transport of streaming media and other data. The protocols to be used are specified in [1].
6.1.1 Session Description Protocol File Format

The session description protocol has the following items that can be identified in a file. The changes recommended for 3GPP is that the bandwidth information be required rather than optional.

Type
Description
Requirement
3GPP Recommendations

Session Description

v
protocol version
R
R

o
Owner/creator and session identifier
R
R

s
Session Name
R
R

i
Session information
O
O

u
URI of description
O
O

e
Email address
O
O

p
Phone number
O
O

c
Connection Information
O
O

b
bandwidth information
O
R

z
time zone adjustments
O
O

k
encryption key
O
O

a
session attributes
O
O

Time Description

t
Time the session is active
R
R

r
Repeat times
O
O

Media Description

m
Media name and transport address
R
R

I
Media title
O
O

c
Connection information
O
O

b
Bandwidth information
O
R

k
Encryption Key
O
O

a
Attribute Lines
O
O

R = Required, O = Optional

Below is an example SDP file which can be transmitted to the client.

v=0
o=kgofron  2890844526 2890842807 IN IP4 192.168.10.10
s=3GPP SDP File Example
i=Example for 3GPP of a Session Description Protocol file
u=http://www.ccrl.mot.com/ae600/
e=gofron@labs.mot.com
c=IN IP4 228.1.3.3/64
t=0 0
m=video 1024 RTP/AVP 40
a=rtpmap:40 H263-1998/90000
a=recvonly
b=AS:128


A second SDP file example is given below for unicasting data to a client

v=0
o=kgofron 2890844526 2890842807 IN IP4 192.168.10.10
s=3GPP Unicast SDP Example
i=Example of Unicast SDP file
u=http://www.ccrl.mot.com/ae600
e=gofron@labs.mot.com
c=IN IP4 192.168.30.29
t=0 0
m=video 1024 RTP/AVP 40
a=rtpmap:40 H263-1998/90000
a=recvonly
b=AS:128

6.1.2 RTSP

As described in Tdoc S4-00519

6.2 Codecs

Codecs are needed for speech, audio, video, still images, bitmap graphics, vector graphics and text. The codecs to be used are specified in [1].
6.3 File format


[Content storage file format for Packet Streaming Services does not need to be defined.  The content transport file format for streaming is defined by the RTP/RTSP [2,4]. For instance the RTP payload format for H.263 is specified in [3].]

7 Interworking with other core network services

[Editors note: Is interworking with HSS/user profiles or IM sub-system functions required?.]

[Editors: Relation to MexE including UAProf  work performed by TSG-T2 to be clarified]

7.1 Interworking with WAP

FFS

7.2 Interworking with MMS

FFS

7.3 Interworking with charging/billing services

FFS

8 Security

FFS 

9 Digital Rights Management

Standardisation of 3G packet switched streaming services need to be aligned with standardised or industry solutions for media rights management. The specification of an appropriate DRM framework is FFS. 
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