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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

DCT
Discrete Cosine Transform
DIMS
Dynamic and Interactive Multimedia Scene
DLS
Downloadable Sounds

DRM
Digital Rights Management

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

GIF
Graphics Interchange Format

HTML
Hyper Text Markup Language

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

NADU
Next Application Data Unit

PNG
Portable Networks Graphics

PSS
Packet-switched Streaming Service

QCIF
Quarter Common Intermediate Format

RDF
Resource Description Framework

RTCP
RTP Control Protocol

RTP
Real-time Transport Protocol

RTSP
Real-Time Streaming Protocol

SBR
Spectral Band Replication

SDP
Session Description Protocol

SMIL
Synchronised Multimedia Integration Language

SP-MIDI
Scalable Polyphony MIDI

SRTP
The Secure Real-time Transport Protocol

SVG
Scalable Vector Graphics

UAProf
User Agent Profile

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

UTF-8
Unicode Transformation Format (the 8-bit form)

W3C
WWW Consortium

WML
Wireless Markup Language

XHTML
eXtensible Hyper Text Markup Language

XMF
eXtensible Music Format

XML
eXtensible Markup Language
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4
System description


[image: image1]
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 , 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
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5.2.3.2.4
PssSmil component
Attribute name:

SmilAccept
Attribute definition:
List of content types (MIME types) that can be part of a SMIL presentation. The content types included in this attribute can be rendered in a SMIL presentation. If video/3gpp (or audio/3gpp) is included, downloaded 3GP files can be included in a SMIL presentation. Details on the 3GP file support can then be found in the ThreeGPFileFormat component. If the identifier "Streaming-Media" is included, streaming media can be included in the SMIL presentation. Details on the streaming support can then be found in the Streaming component. For each content type a set of supported parameters can be given. A content type that supports multiple parameter sets may occur several times in the list. 

Component:


PssSmil

Type:




Literal (Bag)

Legal values:


List of MIME types with related parameters and the "Streaming-Media" identifier.

Resolution rule:

Append

EXAMPLE 1: 
<SmilAccept>
  <rdf:Bag>
    <rdf:li>image/gif</rdf:li>
    <rdf:li>image/jpeg</rdf:li>
    <rdf:li>Streaming-Media</rdf:li>
  </rdf:Bag>
</SmilAccept>

Attribute name:

SmilAccept-Subset
Attribute definition:
List of content types for which the PSS application supports a subset. MIME types can in most cases effectively be used to express variations in support for different media types. Many MIME types have several parameters that can be used for this purpose. There may exist content types for which the PSS application only supports a subset and this subset cannot be expressed with MIME-type parameters. In these cases the attribute SmilAccept-Subset is used to describe support for a subset of a specific content type. If a subset of a specific content type is declared in SmilAccept-Subset, this means that SmilAccept-Subset has precedence over SmilAccept. SmilAccept shall always include the corresponding content types for which SmilAccept-Subset specifies subsets of.

The following values are defined:

-
"JPEG-PSS": Only the two JPEG modes described in clause 7.5 of the present document are supported.

-
"SVG-Tiny"

-
"SVG-Basic"
-
DIMS
Subset identifiers and corresponding semantics shall only be defined by the TSG responsible for the present document.
Component:


PssSmil

Type:




Literal (Bag)

Legal values:


"JPEG-PSS", "SVG-Tiny", "SVG-Basic", “DIMS”
Resolution rule:

Append

EXAMPLE 2:
<SmilAccept-Subset>
  <rdf:Bag>
    <rdf:li>JPEG-PSS</rdf:li>
    <rdf:li>SVG-Tiny</rdf:li>
  </rdf:Bag>
</SmilAccept-Subset>
Attribute name:

SmilBaseSet
Attribute definition:
Indicates a base set of SMIL 2.0 modules that the client supports.

Component:


Streaming

Type:




Literal

Legal values:
Pre-defined identifiers. "SMIL-3GPP-R4" and "SMIL-3GPP-R5" indicate all SMIL 2.0 modules required for scene description support according to clause 8 of Release 4 and Release 5, respectively, of TS 26.234. "SMIL-3GPP-R6" indicates all SMIL 2.0 modules required for scene-description support according to clause 8 of the present document (Release 6 of TS 26.234) and to Release 6 of TS 26.246 [52].

Resolution rule:

Locked

EXAMPLE 3:
<SmilBaseSet>SMIL-3GPP-R6</SmilBaseSet>
Attribute name:

SmilModules
Attribute definition:
This attribute defines a list of SMIL 2.0 modules supported by the client. If the SmilBaseSet is used those modules do not need to be explicitly listed here. In that case only additional module support needs to be listed.

Component:


Streaming

Type:




Literal (Bag)

Legal values:
SMIL 2.0 module names defined in the SMIL 2.0 recommendation [31], section 2.3.3, table 2.

Resolution rule:

Append

EXAMPLE 4:
<SmilModules>
  <rdf:Bag>
    <rdf:li>BasicTransitions</rdf:li>
    <rdf:li>MulitArcTiming</rdf:li>
  </rdf:Bag>
</SmilModules>

5.2.3.2.5
PssDIMS component
Attribute name:

DIMSAccept
Attribute definition:
List of content types (MIME types) that can be part of a DIMS presentation. The content types included in this attribute can be rendered in a DIMS presentation. If video/3gpp (or audio/3gpp) is included, downloaded 3GP files can be included in a DIMS presentation. Details on the 3GP file support can then be found in the ThreeGPFileFormat component. If the identifier "Streaming-Media" is included, streaming media can be included in the DIMS presentation. Details on the streaming support can then be found in the Streaming component. For each content type a set of supported parameters can be given. A content type that supports multiple parameter sets may occur several times in the list. 

Component:


PssDIMS
Type:




Literal (Bag)

Legal values:


List of MIME types with related parameters and the "Streaming-Media" identifier.

Resolution rule:

Append

EXAMPLE 1: 
<DIMSAccept>
  <rdf:Bag>
    <rdf:li>image/gif</rdf:li>
    <rdf:li>image/jpeg</rdf:li>
    <rdf:li>Streaming-Media</rdf:li>
  </rdf:Bag>
</DIMSAccept>

Attribute name:

DIMSAccept-Subset
Attribute definition:
List of content types for which the PSS application supports a subset. MIME types can in most cases effectively be used to express variations in support for different media types. Many MIME types have several parameters that can be used for this purpose. There may exist content types for which the PSS application only supports a subset and this subset cannot be expressed with MIME-type parameters. In these cases the attribute DIMSAccept-Subset is used to describe support for a subset of a specific content type. If a subset of a specific content type is declared in DIMSAccept-Subset, this means that DIMSAccept-Subset has precedence over DIMSAccept. DIMSAccept shall always include the corresponding content types for which DIMSAccept-Subset specifies subsets of.

The following values are defined:

-
"JPEG-PSS": Only the two JPEG modes described in clause 7.5 of the present document are supported.

-
“DIMS” for update streams in particular
Subset identifiers and corresponding semantics shall only be defined by the TSG responsible for the present document.
Component:


PssDIMS
Type:




Literal (Bag)

Legal values:


"JPEG-PSS", “DIMS”

Resolution rule:

Append

EXAMPLE 2:
<DIMSAccept-Subset>
  <rdf:Bag>
    <rdf:li>JPEG-PSS</rdf:li>
    <rdf:li>DIMS</rdf:li>
  </rdf:Bag>
</DIMSAccept-Subset>
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5.4
MIME media types

For continuous media (speech, audio and video) the following MIME media types shall be used:

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

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

· Extended AMR-WB codec (see 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 3016 [13]. When used in SDP the attribute “cpresent” SHALL be set to “0” indicating that the configuration information is only carried out of band in the SDP “config” parameter. A PSS server using enhanced aacPlus with implicit signaling shall include the “SBR-enabled” parameter in the SDP “a=fmtp” line.  “SBR-enabled” shall be set to “1” for streams containing SBR and shall be set to “0” for streams not containing SBR. Terminals may rely on this parameter to set the correct output sampling rate to either the indicated rate (where “SBR-enabled” is set to “0”) or twice the indicated rate (where “SBR-enabled” is set to “1”);
-
MPEG-4 video codec (see clause 7.4) MIME media type as defined in RFC 3016 [13]. When used in SDP the configuration information shall be carried outband in the "config" SDP parameter and inband as stated in RFC 3016. As described in RFC 3016, the configuration information sent inband and the config information in the SDP shall be the same except that first_half_vbv_occupancy and latter_half_vbv_occupancy which, if exist, may vary in the configuration information sent inband;

-
H.263 [22] video codec (see clause 7.4) MIME media type as defined in clause 4.2.7 of [62];

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

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

-
OMA DRM protected streaming media MIME media type as defined in clause K.1.4 in Annex K;

-
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, DIMS, timed text and XHTML can be used both in the "Content-type" field in HTTP and in the "type" attribute in SMIL 2.0, in SVGT1.2 and in DIMS. The following MIME media types shall be used for these media:

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

-
GIF (see 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 8.2) MIME media type as defined in [42];
-
DIMS (see sub clause 8.3) MIME media type as defined in [98]
-
XHTML (see clause 7.7) MIME media type as defined in [16];

-
Timed text (see subclause 7.8) MIME media type as defined in [79].

MIME media type used for SMIL files shall be according to [31] and for SDP files according to [6].
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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;

-
MPEG-4 video codec (see clause 7.4) RTP payload format according to RFC 3016 [13];

-
H.263 video codec (see clause 7.4) RTP payload format according to RFC 2429 [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;

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

-
DRM encrypted RTP payload format according to clause K.1 in Annex K;
-     DIMS (see subclause 8.3) RTP format according to [98]
-
RTP retransmission payload format according to [81].

NOTE:
The payload format RFC 3016 for enhanced aacPlus and MPEG-4 AAC specify that the audio streams shall be formatted by the LATM (Low-overhead MPEG-4 Audio Transport Multiplex) tool [21]. It should be noted that the references for the LATM format in the RFC 3016 [13] point to an older version of the LATM format than included in [21]. In [21] a corrigendum to the LATM tool is included. This corrigendum includes changes to the LATM format making implementations using the corrigendum incompatible with implementations not using it. To avoid future interoperability problems, implementations of PSS client and servers supporting enhanced aacPlus and/or AAC shall follow the changes to the LATM format included in [21]. It should be noted further that the enhanced aacPlus signalling mode “backwards compatible explicit signalling” (as defined in [21]) can not be used with LATM.

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);


-
text (see clause 7.8);

-
timed text (see clause 7.9);

-
scene description (see clause 8);
· SMIL (see clause 8.1)

· Vector Graphics (see clause 8.2);

· DIMS (seen clause 8.3)
-
presentation description (see clause 5.3.3).

HTTP/TCP/IP transport should be supported for:

-
3GP files for progressive download (see clause 7.10).

6.4
Transport of RTSP

Transport of RTSP shall be supported according to RFC 2326 [5].
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7
Codecs

7.1
General

For PSS clients supporting a particular media type, corresponding media decoders are specified in the following clauses.

7.2
Speech

If speech is supported, the AMR decoder shall be supported for narrow-band speech [18][63][64][65]. The AMR wideband speech decoder, [20][66][67][68], shall be supported when wideband speech working at 16 kHz sampling frequency is supported.

7.3
Audio

If audio is supported, then one or both of the following two audio decoders should be supported:

· Enhanced aacPlus [86] [87] [88]

· Extended AMR-WB [82] [83] [84]

Specifically, based on the audio codec selection test results Extended AMR-WB is strong for the scenarios marked with blue, Enhanced aacPlus is strong for the scenarios marked with orange, and both are strong for the scenarios marked with green colour in the table below:

	Content type

Bit rate
	Music
	Speech over Music
	Speech between Music
	Speech

	14 kbps mono
	
	
	
	

	18 kbps stereo
	
	
	
	

	24 kbps stereo
	
	
	
	

	24 kbps mono
	
	
	
	

	32 kbps stereo
	
	
	
	

	48 kbps stereo
	
	
	
	


More recent information on the performance of the codecs based on more recent versions of the codecs can be found in TR 26.936 [95].
Enhanced aacPlus decoder is also able to decode AAC-LC content.

Extended AMR-WB decoder is also able to decode AMR-WB content.
In addition, MPEG-4 AAC Low Complexity (AAC-LC) and MPEG‑4 AAC Long Term Prediction (AAC-LTP) object type decoders [21] may be supported. The maximum sampling rate to be supported by the decoder is 48 kHz. The channel configurations to be supported are mono (1/0) and stereo (2/0). 

When a server offers an AAC-LC or AAC-LTP stream with the specified restrictions, it shall include the “profile-level-id” and “object” MIME parameters in the SDP “a=fmtp” line.  The following values shall be used:

	Object Type
	profile-level-id
	object

	AAC-LC
	15
	2

	AAC-LTP
	15
	4


7.3a
Synthetic audio

If a PSS client supports synthetic audio both the Scalable Polyphony MIDI (SP-MIDI) content format defined in Scalable Polyphony MIDI Specification [44] and the device requirements defined in Scalable Polyphony MIDI Device 5-to-24 Note Profile for 3GPP [45] should be supported. 

SP-MIDI content is delivered in the structure specified in Standard MIDI Files 1.0 [46], either in format 0 or format 1.

In addition a PSS client supporting synthetic audio should also support both the Mobile DLS instrument format defined in [70] and the Mobile XMF content format defined in [71].

A PSS client supporting Mobile DLS shall meet the minimum device requirements defined in [70] in section 1.3 and the requirements for the common part of the synthesizer voice as defined in [70] in sections 1.2.1.2. If Mobile DLS is supported, wavetables encoded with the G.711 A-law codec (wFormatTag value 0x0006, as defined in [70]) shall also be supported.  The optional group of processing blocks as defined in [70] may be supported. Mobile DLS resources are delivered either in the file format defined in [70], or within Mobile XMF as defined in [71]. For Mobile DLS files delivered outside of Mobile XMF, the loading application should unload Mobile DLS instruments so that the sound bank required by the SP-MIDI profile [45] is not persistently altered by temporary loadings of Mobile DLS files.

Content that pairs Mobile DLS and SP-MIDI resources is delivered in the structure specified in Mobile XMF [71]. As defined in [71], a Mobile XMF file shall contain one SP-MIDI SMF file and no more than one Mobile DLS file. PSS clients supporting Mobile XMF must not support any other resource types in the Mobile XMF file. Media handling behaviours for the SP-MIDI SMF and Mobile DLS resources contained within Mobile XMF are defined in [71].

7.4
Video

If a PSS client supports video, ITU-T Recommendation H.263 profile 0 level 45 decoder [22] shall be supported. In addition, a PSS client should support:

-
H.263 Profile 3 Level 45 decoder [22];

-
MPEG-4 Visual Simple Profile Level 0b decoder [24];

-
H.264 (AVC) Baseline Profile Level 1b decoder [90][91] with constraint_set1_flag=1 and without requirements on output timing conformance (Annex C of [90]).

The video buffer model given in Annex G of the present document should be supported if H.263 or MPEG-4 Visual is supported. It shall not be used with H.264 (AVC).

The H.264 (AVC) decoder in a PSS client shall start decoding immediately when it receives data (even if the stream does not start with an IDR access unit) or alternatively no later than it receives the next IDR access unit or the next recovery point SEI message, whichever is earlier in decoding order. Note that when the interleaved packetization mode of H.264 (AVC) is in use, de-interleaving is done normally before starting the decoding process. The decoding process for a stream not starting with an IDR access unit shall be the same as for a valid H.264 (AVC) bitstream. However, the client shall be aware that such a stream may contain references to pictures not available in the decoded picture buffer. The display behaviour of the client is out of scope of this specification.

A PSS client supporting H.264 (AVC) should ignore any VUI HRD parameters, buffering period SEI message, and picture timing SEI message in H.264 (AVC) streams or conveyed in the "sprop-parameter-sets" MIME/SDP parameter. Instead, a PSS client supporting H.264 (AVC) shall follow buffering parameters conveyed in SDP, as specified in clause 5.3.2.2, and in RTSP, as specified in clause 5.3.2.4. A PSS client supporting H.264 (AVC) shall also use the RTP timestamp or NALU-time (as specified in [92]) of a picture as its presentation time, and, when the interleaved RTP packetization mode is in use, follow the "sprop-interleaving-depth", "sprop-deint-buf-req", "sprop-init-buf-time", and "sprop-max-don-diff" MIME/SDP parameters for the de-interleaving process. However, if VUI HRD parameters, buffering period SEI messages, and picture timing SEI messages are present in the bitstream, their contents shall not contradict any of the parameters mentioned in the previous sentence.

NOTE:
ITU-T Recommendation H.263 profile 0 has been mandated to ensure that video-enabled PSS supports a minimum baseline video capability. Both H.263 and MPEG-4 Visual decoders can decode an H.263 profile 0 bitstream. It is strongly recommended, though, that an H.263 profile 0 bitstream is transported and stored as H.263 and not as MPEG-4 Visual (short header), as MPEG-4 Visual is not mandated by PSS.

7.5
Still images

If a PSS client supports still images, ISO/IEC JPEG [26] together with JFIF [27] decoders shall be supported. The support requirement for ISO/IEC JPEG only applies to the following two modes:

-
baseline DCT, non-differential, Huffman coding, as defined in table B.1, symbol 'SOF0' in [26];

-
progressive DCT, non-differential, Huffman coding, as defined in table B.1, symbol 'SOF2' [26].

7.6
Bitmap graphics

If a PSS client supports bitmap graphics, the following bitmap graphics decoders should be supported:

-
GIF87a, [32];

-
GIF89a, [33];

-
PNG, [38].







7.7
Text

The text decoder is intended to enable formatted text in a SMIL presentation. 

If a PSS client supports text it shall support

-
text formatted according to XHTML Mobile Profile [47];

-
rendering a SMIL presentation where text is referenced with the SMIL 2.0 "text" element together with the SMIL 2.0 "src" attribute.

If text is supported, the following character coding formats shall be supported:

-
UTF-8, [30];

-
UCS-2, [29].

NOTE:
Since both SMIL and XHTML are XML based languages it would be possible to define a SMIL plus XHTML profile. In contrast to the presently defined SMIL Language Profile that only contain SMIL modules, such a profile would also contain XHTML modules. No combined SMIL and XHTML profile is specified for PSS. Rendering of such documents is out of the scope of the present document.

7.8
Timed text

PSS clients supporting timed text shall support [51]. Timed text may be transported over RTP or downloaded contained in 3GP files using Basic profile.

NOTE: 
A PSS client supporting timed text shall receive and parse 3GP files containing the text streams. This does not imply a requirement on PSS clients to be able to render other continuous media types contained in 3GP files, e.g. AMR and H.263, if such media types are included in a presentation together with timed text. Audio and video are instead streamed to the client using RTSP/RTP (see clause 6.2).

7.9
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 Progressive-download profile should be supported by PSS clients;

-
Streaming server profile should be supported by PSS servers.
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8
Scene description

8.1
Synchronised Multimedia Integration Language
If. PSS clients and servers support the synchronised multimedia integration language,  the 3GPP SMIL Language Profile defined in [52] shall be supported. This profile is a subset of the SMIL 2.0[31] Language Profile, but a superset of the SMIL 2.0 Basic Language Profile. Document [52] also includes an informative Annex A that provides guidelines for SMIL content authors.

NOTE:
The interpretation of this is not that all streaming sessions are required to use SMIL. For some types of sessions, e.g. consisting of one single continuous media or two media synchronised by using RTP timestamps, SMIL may not be needed.

8.2
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.

NOTE 4:
If SVG Tiny 1.2 will not be published within a reasonable timeframe, the decision to adopt SVG Tiny 1.2 in favour of SVG Tiny 1.1 may be reconsidered.

8.3
Dynamic interactive Multimedia Scene

If PSS clients and servers support dynamic interactive multimedia scene, DIMS [98] shall be supported.

	End of modifications
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