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3
Definitions and abbreviations

<… cut text …>

3.2 Abbreviations

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

ALC
Asynchronous Layered Coding

APN
Access Point Name

AVC
Advanced Video Coding

BM-SC
Broadcast-Multicast - Service Centre

CC
Congestion Control
DIMS
Dynamic and Interactive Multimedia Scenes
ERT
Expected Residual Time

ESI
Encoding Symbol ID

FDT
File Delivery Table

FEC
Forward Error Correction

FLUTE
File deLivery over Unidirectional Transport

<… cut text …>

8
Streaming delivery method

8.1
Introduction

The purpose of the MBMS streaming delivery method is to deliver continuous multimedia data (i.e. speech, audio, video and DIMS) over an MBMS bearer. Using MBMS Streaming delivery on unicast is defined in clause 8.5. This delivery method complements the download delivery method which consists of the delivery of files. The streaming delivery method is particularly useful for multicast and broadcast of scheduled streaming content.
8.2
Transport protocol

RTP is the transport protocol for MBMS streaming delivery. RTP provides means for sending real-time or streaming data over UDP and is already used for the transport of PSS in 3GPP. RTP provides RTCP for feedback about the transmission quality. The transmission of RTCP packets in the downlink (sender reports) is allowed. In this version of the specification, RTCP RR shall be turned off by SDP RR bandwidth modifiers. Note that in the context of MBMS detection of link aliveness is not necessary.

8.2.1
RTP payload formats for media

The RTP payload formats and corresponding MIME types are aligned with those defined in PSS Rel-6 3GPP TS 26.234 [47] as much as possible. For RTP/UDP/IP transport of continuous media the following RTP payload formats shall be used:

· AMR narrow-band speech codec (see sub-clause 10.2) RTP payload format according to RFC 3267 [33]. A MBMS client is not required to support multi-channel sessions.
· AMR wideband speech codec (see sub-clause 10.2) RTP payload format according to RFC 3267 [33]. A MBMS client is not required to support multi-channel sessions.
· Extended AMR-WB codec (see sub-clause 10.3) RTP payload format according to [34].
· Enhanced aacPlus codec (see sub-clause 10.3): RTP payload format and MIME types according to RFC 3640 [41], namely the Low Bit-Rate AAC or the High Bit-Rate AAC modes.
· H.264 (AVC) video codec (see sub-clause 10.5) RTP payload format according to RFC 3984 [35]. An MBMS client supporting H.264 (AVC) is required to support all three packetization modes: single NAL unit mode, non-interleaved mode and interleaved mode. For the interleaved packetization mode, an MBMS 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 [TBD].
· DIMS (see sub-clause 10.12) RTP payload format according to [89].
8.2.2
FEC mechanism for RTP

The “MBMS FEC scheme” is described in sub-clause 8.2.2.8. 

A UE that supports MBMS User Services shall support a decoder for the “MBMS FEC scheme”. The use of MBMS FEC by the sender is recommended, but it is permitted not to use it. In the case where the FEC is not used by the sender, the FEC Layer should not be used (i.e. RTP is mapped onto UDP directly).
This sub-clause defines a generic mechanism for applying Forward Error Correction to streaming media. The mechanism consists of three components:

(i)
construction of an FEC source block from the source media packets belonging to one or several UDP packet flows related to a particular segment of the stream(s) (in time). The UDP flows include RTP, RTCP, SRTP and MIKEY packets.

(ii)
modification of source packets to indicate the position of the source data from the source packet within the source block

(iii)definition of repair packets, sent over UDP, which can be used by the FEC decoder to reconstruct missing portions of the source block.

The mechanism does not place any restrictions on the source data which can be protected together, except that the source data is carried over UDP. The data may be from several different UDP flows that are protected jointly. 
A receiver supporting the streaming delivery method shall support the packet format for FEC source packets and may also support the packet format for FEC repair packets.
At the sender, the mechanism begins by processing original UDP packets to create:

(i)
a stored copy of the original packets in the form of a source block; and
(ii)
FEC source packets for transmission to the receiver.
After constructing the source block from the original UDP payloads to be protected and their flow identity  (based on destination IP address and UDP port), the FEC encoder generates the desired amount of FEC protection data, i.e. encoding symbols. These repair symbols are then sent using the FEC repair packet format to the receiver. The FEC repair packets are sent to a UDP destination port different from any of the original UDP packets' destination port(s) as indicated by the signaling.
The receiver recovers the original packets directly from the FEC source packets and buffers them at least the min-buffer-time to allow time for the FEC repair. The receiver uses the FEC source packets to construct a (potentially incomplete) copy of the source block, using the Source FEC Payload ID in each packet to determine where in the source block the packet shall be placed. In indication of the UDP flow (i.e. destination IP address and UDP port) the packet is part of is included in the source block with the UDP payload.
If any FEC source packets have been lost, but sufficient FEC source and FEC repair packets have been received, FEC decoding can be performed to recover the FEC source block. The original packets UDP payload and UDP flow identity can then be extracted from the source block and provided to the upper layer. If not enough FEC source and repair packets were received, only the original packets that were received as FEC source packets will be available. The rest of the original packets are lost.

If a UE that supports MBMS User Services receives a mathematically sufficient set of encoding symbols generated according to the encoder specification in Annex B for reconstruction of a source block then the decoder shall recover the entire source block. Note that the example decoder described in Annex E fulfils this requirement.
Note that the receiver must be able to buffer all the original packets and allow time for the FEC repair packets to arrive and FEC decoding to be performed before media playout begins. The min-buffer-time parameter specified in sub-clause 8.3.1.8 helps the receiver to determine a sufficient duration for initial start-up delay.

The Source and Repair FEC payload IDs are used to associate the FEC source packets and FEC repair packets, respectively, to a source block. The Source and Repair FEC payload ID formats are part of the definition of the FEC scheme. Each FEC scheme is identified by an FEC Encoding ID and, in the case of underspecified FEC schemes, FEC Instance ID, values. One FEC scheme for the streaming delivery method is specified in sub-clause 8.2.2.8. Any FEC schemes using the packet formats defined in the present document shall be systematic FEC codes and may use different FEC payload ID formats for FEC source packets and FEC repair packets.
The protocol architecture is illustrated in figure 11.
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Figure 11: FEC mechanism for the streaming delivery method interaction diagram
Figure 11 depicts how one or more out of several possible packet flows of different types (Audio, video, DIMS, text RTP and RTCP flows, MIKEY flow) are sent to the FEC layer for protection. The source packets are modified to carry the FEC payload ID and a new flow with repair data is generated. The receiver takes the source and repair packets and buffers them to perform, if necessary, the FEC decoding. After appropriate buffering received and recovered source packets are forwarded to the higher layers. The arrows in the figure indicate distinct data flows.
<… cut text …>

10
Media codecs and formats
10.1
General

The set of media decoders that are supported by the MBMS Client to support a particular media type are defined below. Speech, Audio, Video, Timed Text and Scene description media decoders are relevant for both MBMS Download and Streaming delivery. Other media decoders are only relevant for MBMS Download delivery.

<… cut text …>

10.8
Vector graphics

If vector graphics is supported, SVG Tiny 1.2 [66], [67] and ECMAScript [68] shall be supported. 

NOTE 1:
The compression format for SVG content is GZIP [42], in accordance with the SVG specification [66].

NOTE 2
Content creators of SVG Tiny 1.2 are strongly recommended to follow the content creation guidelines provided in annex L of 3GPP TS 26.234 [47].

NOTE 3:
A DIMS client is capable of processing SVG Tiny 1.2 data.
10.9
Text

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

If text is supported, a MBMS client shall support

· text formatted according to XHTML Mobile Profile [69];

· 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, [71];

· UCS-2, [70].

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 MBMS. Rendering of such documents is out of the scope of the present document.

10.10
Timed text

If timed text is supported, MBMS clients shall support 3GPP TS 26.245 [72]. Timed text may be transported over RTP or downloaded contained in 3GP files using Basic profile.

NOTE:
When a MBMS client supports timed text it needs to be able to receive and parse 3GP files containing the text streams. This does not imply a requirement on MBMS clients to be able to render other continuous media types contained in 3GP files, e.g. AMR, if such media types are included in a presentation together with timed text. Audio and video are instead streamed to the client using RTP.

10.11
3GPP file format

An MBMS client shall support the Basic profile and the Extended presentation profile of the 3GPP file format 3G
10.12
Scene Description
If scene description is supported, MBMS clients shall support 3GPP DIMS TS 26.142 [89].

Annex D (informative):
RTP packetization guidelines
This annex provides guidelines for MBMS senders to minimize initial buffering delay between starting of the reception and starting of rendering of media data in MBMS receivers: When H.264 (AVC) video is in use, an MBMS sender should form FEC source blocks in which the first H.264 (AVC) access unit in decoding order is an IDR access unit.
MBMS senders should transmit all application data units for a given H.264 (AVC) access unit, or audio frame within one FEC source block.

MBMS senders should set the min-buffer-time MIME/SDP parameter and the minimum buffering delay elements included in FEC source blocks to values that are sufficient to cover any required de-interleaving of application data units, such as H.264 (AVC) NAL units and coded audio frames, from their transmission order to decoding order.
When RTP timestamps are converted to the wallclock time of the MBMS receiver, the smallest RTP timestamp among the FEC source packets of a FEC source block of a stream should be equal or close to the smallest RTP timestamp among the FEC source packets of a FEC source block of any other stream of the same MBMS streaming session.

When RTP timestamps are converted to the wallclock time of the MBMS receiver, the greatest RTP timestamp among the FEC source packets of a FEC source block of a stream should be equal or close to the greatest RTP timestamp among the FEC source packets of a FEC source block of any other stream of the same MBMS streaming session.

When DIMS content is used, suitable media level recovery (a random access point such as a replacement scene, redundant scene, etc.) should be present at the beginning of each FEC source block. This facilitates immediate rendering of the DIMS content after FEC decoding, thus reducing tune-in latency.
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