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	First Change


Foreword

This Technical Specification has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the specification;
The 3GPP transparent end-to-end packet-switched streaming service (PSS) specification consists of seven 3GPP TSs: 3GPP TS 22.233 [1], 3GPP TS 26.233 [2], 3GPP TS 26.244 [50], 3GPP TS 26.245 [51], 3GPP TS 26.246 [52], 3GPP TS26.247 [111] and the present document.

The TS 22.233 contains the service requirements for the PSS. The TS 26.233 provides an overview of the PSS. The TS 26.244 defines the 3GPP file format (3GP) used by the PSS and MMS services. The TS 26.245 defines the Timed text format used by the PSS and MMS services. The TS 26.246 defines the 3GPP SMIL language profile. The TS 26.247 defines the Progressive Download and Dynamic Adaptive Streaming over HTTP (3GP-DASH). The present document provides the details of the protocols and codecs used by the PSS.

The TS 26.244, TS 26.245 and TS 26.246 start with Release 6. Earlier releases of the 3GPP file format, the Timed text format and the 3GPP SMIL language profile can be found in TS 26.234. The TS 26.247 starts with Release 10. Earlier releases of Progressive Download and Dynamic Adaptive Streaming over HTTP can be found in TS 26.234.
	End of First Change
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Figure 1: Functional components of a PSS client

Figure 1 shows the functional components of a PSS client. Figure 2 gives an overview of the protocol stack used in a PSS client and also shows a more detailed view of the packet based network interface. The functional components can be divided into control, scene description, media codecs and the transport of media and control data.

The control related elements are session establishment, capability exchange and session control (see clause 5).

-
Session establishment refers to methods to invoke a PSS session from a browser or directly by entering an URL in the terminal's user interface.

-
Capability exchange enables choice or adaptation of media streams depending on different terminal capabilities.

-
Session control deals with the set-up of the individual media streams between a PSS client and one or several PSS servers. It also enables control of the individual media streams by the user. It may involve VCR-like presentation control functions like start, pause, fast forward and stop of a media presentation.

The scene description consists of spatial layout and a description of the temporal relation between different media that is included in the media presentation. The first gives the layout of different media components on the screen and the latter controls the synchronisation of the different media (see clause 8).

The PSS includes media codecs for video, still images, vector graphics, bitmap graphics, text, timed text, natural and synthetic audio, and speech (see clause 7).

Transport of media and control data consists of the encapsulation of the coded media and control data in a transport protocol (see clause 6). This is shown in figure 1 as the "packet based network interface" and displayed in more detail in the protocol stack of figure 2.
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Figure 2: Overview of the protocol stack

The delivery of media over HTTP provides an alternative delivery mechanism to the RTSP/RTP based media delivery. HTTP Progressive download and Dynamic Adaptive Streaming over HTTP are described in TS26.247 [111]. 
	End of Third Change
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5.1
Session establishment

Session establishment refers to the method by which a PSS client obtains the initial session description. The initial session description can e.g. be a presentation description, a scene description or just an URL to the content.

A PSS client shall support initial session descriptions specified in one of the following formats: SMIL, SDP, or plain RTSP URL.

In addition to rtsp:// the PSS client shall support URLs [60] to valid initial session descriptions starting with file:// (for locally stored files) and http:// (for presentation descriptions or scene descriptions delivered via HTTP).

Examples for valid inputs to a PSS client are: file://temp/morning_news.smil, http://example.com/morning_news.sdp, and rtsp://example.com/morning_news.

URLs can be made available to a PSS client in many different ways. It is out of the scope of this specification to mandate any specific mechanism. However, an application using the 3GPP PSS shall at least support URLs of the above type, specified or selected by the user.

The preferred way would be to embed URLs to initial session descriptions within HTML or WML pages. Browser applications that support the HTTP protocol could then download the initial session description and pass the content to the PSS client for further processing. How exactly this is done is an implementation specific issue and out of the scope of this specification.

As an alternative to conventional streaming, a PSS client should also support progressive download of 3GP files [50] delivered via HTTP or the Dynamic Adaptive Streaming over HTTP as defined in TS26.247 [111]. Session Establishment for Download and Dynamic Adaptive Streaming over HTTP is specified in TS26.247 [111].

	End of Fourth Change
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6.3
HTTP over TCP/IP

The IETF TCP provides reliable transport of data over IP networks, but with no delay guarantees. It is the preferred way for sending the scene description, text, bitmap graphics and still images. There is also need for an application protocol to control the transfer. The IETF HTTP [17] provides this functionality.

HTTP/TCP/IP transport shall be supported for:

-
still images (see clause 7.5);

-
bitmap graphics (see clause 7.6);

-
synthetic audio (see clause 7.3A);

-
vector graphics (see clause 7.7);

-
text (see clause 7.8);

-
timed text (see clause 7.9);

-
SMIL scene description (see clause 8);

-
presentation description (see clause 5.3.3).

HTTP/TCP/IP transport should be supported for:

-
3GP files for download, progressive download and Dynamic Adaptive Streaming over HTTP (see TS 26.247 [111]).

NOTE:
DIMS scene description can be provided either over RTP/UDP/IP (see clauses 5.4 and 6.2.4) or contained in a 3GP file downloaded over HTTP/TCP/IP (see clauses 5.4 and this clause).

	End of Fifth Change
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7.10
3GPP file format

3GP files [50] can be used by both PSS clients and PSS servers. The following profiles are used:

-
Basic profile shall be supported by PSS clients if timed text is supported;

-
Basic profile and Extended-presentation profile should be supported by PSS clients;

-
Streaming server profile should be supported by PSS servers.

The support of 3GPP file format for Progressive Download and for Dynamic Adaptive Streaming over HTTP is specified in TS 26.247 [111].
	End of Sixth Change
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12
Adaptive HTTP Streaming
Dynamic Adaptive Streaming over HTTP is defined in [111].









































































	
	

	
	

	
	

	
	












	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	


	
	
	
	
	

	

	
	
	
	
	
	

	
	
	
	
	

	

	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	

	

	
	
	
	
	
	

	




	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	


	
	
	
	
	
	
	
	



	
	
	
	
	
	
	

	

	
	
	
	
	
	
	

	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	


	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	



	
	
	
	
	
	
	
	

	

	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	

	
	
	
	
	
	
	
	
	
	


	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	

	


	
	
	
	
	
	
	
	
	
	

	
	
	
	
	
	
	
	
	
	




	






















































































































































	





















































































































































	
	
	

	
	
	

	
	
	
	

	
	
	
	
	

	
	
	
	

	
	
	
	
	

	
	
	
	
	













































































	End of Seventh Change


	Eighth Change


Annex Q (Informative):
Guidelines for Adaptive HTTP Streaming






















	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	


	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	

	

	
	
	
	
	

	
	
	
	
	

	
	
	
	

	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	

	
	
	
	
	


Guidelines for Adaptive HTTP Streaming are provided in [111].






































































































	End of Eighth Change
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