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3.2
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [3] and the following apply.

3GP
3GPP file format
AAC
Advanced Audio Coding

ADU
Application Data Unit

AVC
Advanced Video Coding

CC/PP
Composite Capability / Preference Profiles

CPB
Coding Picture Buffer

CVO
Coordination of Video Orientation

DCT
Discrete Cosine Transform


DLS
Downloadable Sounds

DRM
Digital Rights Management

Enhanced aacPlus
MPEG-4 High Efficiency AAC plus MPEG-4 Parametric Stereo

GIF
Graphics Interchange Format

HDTV
High-Definition TeleVision
HEVC
High Efficiency Video Coding

HTML
Hyper Text Markup Language

HTTP
Hypertext Transfer Protocol

HTTPS

Hypertext Transfer Protocol Secure
IDR
Instantaneous Decoding Refresh
ITU-T
International Telecommunications Union – Telecommunications

JFIF
JPEG File Interchange Format

MIDI
Musical Instrument Digital Interface

MIME
Multipurpose Internet Mail Extensions

MMS
Multimedia Messaging Service

MPD
Media Presentation Description

MPEG-2 TS
Moving Picture Experts Group Transport Stream

NADU
Next Application Data Unit

OMA
Open Mobile Alliance

PDCF
Packetized DRM Content Format

PNG
Portable Networks Graphics

PSS
Packet-switched Streaming Service

QCIF
Quarter Common Intermediate Format

RAP
Random Access Point

RDF
Resource Description Framework

RFC
Request For Comments

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

RTSP
Real-Time Streaming Protocol

SBR
Spectral Band Replication

SDP
Session Description Protocol


SP-MIDI
Scalable Polyphony MIDI

SPS
Sequence Parameter Set

SRTP
Secure Real-time Transport Protocol

SVG
Scalable Vector Graphics

UAProf
User Agent Profile

UCS-2
Universal Character Set (the two octet form)

URI
Uniform Resource Identifier

URL
Uniform Resource Locator

UTC
Universal Time Coordinated
UTF-8
Unicode Transformation Format (the 8-bit form)

VCL
Video Coding Layer

VPS
Video Parameter Set

W3C
WWW Consortium

WML
Wireless Markup Language


XMF
eXtensible Music Format

XML
eXtensible Markup Language


	Third Change


5.2.3.2
PSS base vocabulary

The PSS base vocabulary contains four components called "PssCommon", "Streaming", and "ThreeGPFileFormat". The division of the vocabulary into these components is motivated by the fact that the PSS contains three different base applications:

-
pure RTSP/RTP-based streaming, HTTP-based streaming and progressive download, or both (described by the Streaming component);

-
3GP file download or progressive download (described by the ThreeGPFileFormat component);

The last application can consist of downloadable images, text, etc., as well as RTSP/RTP streaming and downloadable 3GP files. Capabilities that are common to all PSS applications are described by the PssCommon component. The three base applications are distinguished from each other by the source of synchronization: for pure streaming it is RTP, for 3GP files it is inherit in the 3GP file format.


The PSS base vocabulary is an extension to UAProf and is defined as an RDF schema in Annex F. Together with the description of the attributes in the present clause, it defines the vocabulary. The vocabulary is associated with an XML namespace, which combines a base URI with a local XML element name to yield an URI. Annex F provides the details.

The PSS specific components contain a number of attributes expressing capabilities. The following subclauses list all attributes for each component.

	Fourth Change


5.2.3.2.4
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	Fifth Change


5.3.1
General

Continuous media is media that has an intrinsic time line. Discrete media on the other hand does not itself contain an element of time. In this specification speech, audio, video, and timed text belong to the first category and still images and text to the latter one.

Streaming of continuous media using RTP/UDP/IP (see clause 6.2) requires a session control protocol to set-up and control the individual media streams. For the transport of discrete media (images and text), vector graphics, timed text and synthetic audio this specification adopts the use of HTTP/TCP/IP (see clause 6.3). In this case there is no need for a separate session set-up and control protocol since this is built into HTTP. This clause describes session set-up and control of continuous media.

	Sixth Change


5.4
MIME media types

For continuous media the following MIME media types shall be used:

-
AMR narrow-band speech codec (see sub-clause 7.2) MIME media type as defined in [11];

-
AMR wideband speech codec (see sub-clause 7.2) MIME media type as defined in [11];

· Extended AMR-WB codec (see sub-clause 7.3) MIME media type as defined in [85];

· Enhanced aacPlus and MPEG-4 AAC audio codecs (see clause 7.3) MIME media type as defined in RFC 6416 [13].
The following applies to servers when this MIME type is used in SDP:

1. Configuration information is exclusively carried out-of-band in the SDP “config” parameter; this shall be signaled by sending “cpresent=0”.

2. A PSS server serving implicitly signaled Enhanced aacPlus content shall include “SBR-enabled=1” in the “a=fmtp” line; it shall include “SBR-enabled=0” if it serves plain AAC content.

3. A PSS server serving explicitly signaled content is recommended not to include the “SBR-enabled” parameter in the “a=fmtp” line.


Therefore, the following applies to terminals:

1. The rtpmap rate parameter should not be considered definitive of the sampling rate (though it is, of course, definitive of the timescale of the RTP timestamps).
2. If explicit signaling is in use, the StreamMuxConfig contains both the core AAC sampling rate and the SBR sampling rate. The appropriate output sampling rate may be chosen dependant on Enhanced aacPlus support.
3. If explicit signalling is not in use and no SBR-enabled parameter is present, the StreamMuxConfig contains the AAC sampling rate and the appropriate output sampling rate may be set to this indicated rate. 
4. If explicit signalling is not in use and the SBR-enabled parameter is present, terminals supporting Enhanced aacPlus should set the output sampling rate to either the core AAC sampling rate as indicated in the StreamMuxConfig [21] (where “SBR-enabled” is set to “0”) or twice the indicated rate (where “SBR-enabled” is set to “1”);
-
H.263 [22] video codec (see sub-clause 7.4) MIME media type as defined in clause 8.1.2 of [14]. In order to guarantee backward compatibility with earlier Releases (before Release 7), MIME parameters other than “profile” and “level” should not be used;

-
H.264 (AVC) [90] video codec (see sub-clause 7.4) MIME media type as defined in [92];

-
H.265 (HEVC) [117] video codec (see sub-clause 7.4) MIME media type as defined in [118];

-
3GPP timed text format [51] MIME media type as defined in sub-clause 7.1 of [80];

-
enc-isoff-generic MIME media type as defined in [102] and used in Annex R;

-
RTP retransmission payload format MIME media types as defined in clause 8 of [81];


MIME media types for JPEG, GIF, PNG, SP-MIDI, Mobile DLS, Mobile XMF, SVG, timed text, and 3GP can be used in the "Content-type" field in HTTP, "content_type" field in the item information box of 3GP files. The following MIME media types shall be used for these media:

-
JPEG (see sub-clause 7.5) MIME media type as defined in [15];

-
GIF (see sub-clause 7.6) MIME media type as defined in [15];

-
PNG (see sub-clause 7.6) MIME media type as defined in [38];

-
SP-MIDI (see sub-clause 7.3A) MIME media type as defined in clause C.2 in Annex C of the present document;

-
DLS MIME media type to represent Mobile DLS (see sub-clause 7.3A) as defined in  [97];

-
Mobile XMF (see sub-clause 7.3A) MIME media type as defined in clause C.3 in Annex C of the present document;

-
SVG (see sub-clause 7.7) MIME media type as defined in [42];

-

Timed text (see sub-clause 7.9) MIME media type as defined in [79];

-
3GP files (see sub-clause 7.10) MIME media type as defined in [79].


NOTE:
The 3GP MIME media type [79] is used for all 3GP files, including 3GP files carrying timed text, images, etc.

	Seventh Change


6.2.4
RTP payload formats

For RTP/UDP/IP transport of continuous media the following RTP payload formats shall be used:

-
AMR narrow-band speech codec (see clause 7.2) RTP payload format according to [11]. A PSS client is not required to support multi-channel sessions;

-
AMR wideband speech codec (see clause 7.2) RTP payload format according to [11]. A PSS client is not required to support multi-channel sessions;

· Extended AMR-WB codec (see clause 7.3) RTP payload format according to [85];

· Enhanced aacPlus and MPEG-4 AAC codec (see clause 7.3) RTP payload format according to [13]; the size of audioMuxElements shall be limited to the maximum size of one audio frame, which is 6144 bits per AAC channel; moreover multiplexing of multiple audio frames into one audioMuxElement should be avoided if this would lead to  fragmentation across RTP packets;

-
H.263 video codec (see clause 7.4) RTP payload format according to RFC 4629 [14];

-
H.264 (AVC) video codec (see clause 7.4) RTP payload format according to [92]. A PSS client is required to support all three packetization modes: single NAL unit mode, non-interleaved mode and interleaved mode. For the interleaved packetization mode, a PSS client shall support streams for which the value of the "sprop-deint-buf-req" MIME parameter is less than or equal to MaxCPB * 1000 / 8, inclusive, in which "MaxCPB" is the value for VCL parameters of the H.264 (AVC) profile and level in use, as specified in [90]. Parameter sets shall not be transmitted within the RTP payload, i.e., all parameter sets required for a session must be provided in the SDP;

-
H.265 (HEVC) video codec (see clause 7.4) RTP payload format according to [118];

-
3GPP timed text format (see clause 7.9) RTP payload format according to [80];

-

encrypted “enc-isoff-generic” (see Annex R) RTP payload format according [102];

-
RTP retransmission payload format according to [81];

- 
RTP Header Extension to signal CVO information as specified in clause 6.2.5.
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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);
-
HTML5 and related resources 
-
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 3GPP TS 26.247 [112]).


Transport security in HTTP over TCP/IP is achieved using the HTTPS (Hypertext Transfer Protocol Secure) as specified in RFC2818 [105] and TLS as specified in TLS profile of Annex E in TS 33.310 [111]. In case secure delivery is desired, HTTPS and TLS should be used to authenticate the server and to ensure secure transport of the content from server to client. 
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7.7
Vector graphics

If a PSS client supports vector graphics, SVG Tiny 1.2 [42] [43] and ECMAScript [94] shall be supported. 

NOTE 1:
The compression format for SVG content is GZIP [59], in accordance with the SVG specification [42].

NOTE 2:
Only codecs and MIME media types supported by PSS, as specified in clause 7 and in subclause 5.4, respectively, shall be used. In particular, PSS clients are not required to support the Ogg Vorbis format.

NOTE 3:
Content creators of SVG Tiny 1.2 are strongly recommended to follow the content creation guidelines provided in Annex L.
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7.8
Text





Text is provided as part of the HTML5 scene description. The following character coding formats shall be supported:

-
UTF-8, [30];

-
UCS-2, [29].


	Eleventh Change


8
Scene description

8.1
General
Scene description in PSS is supported through the usage of the 3GPP HTML5 Profile as defined in [119]. The HTML5 document may be served separately as an entry point to the PSS service.









