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****  Next Change ****
5.2.2.1

Session Description

One or more session descriptions are contained in one session description object. The session description instance shall be formatted according to the session description protocol (SDP). Each session description instance must describe either one Streaming session or one FLUTE Download session. A session description for a Streaming session may include multiple media descriptions for RTP sessions. The sessionDescriptionURI references the session description object. The session description is specified in clause 7.3 for the MBMS download delivery method and in clause 8.3 for the MBMS streaming delivery method.

5.2.2.2
Associated Delivery Procedure Description

The description and configuration of associated delivery procedures is specified in clause 9. The associatedProcedureDescriptionURI references the associated delivery procedure instance. 

An associated delivery procedure description may be delivered on a dedicated announcement channel and updated on a dedicated announcement channel as well as in-band with an MBMS download session.

If an associated delivery procedure description for File-Repair operations is available, then the MBMS receiver may use the file repair service as specified in clause 9.3.

If an associated delivery procedure description for reception reporting is available, then the MBMS receiver shall provide reception reports as specified in clause 9.4.

****  Next Change ****

7.3.2.7
Mode of MBMS bearer per media

A new MBMS bearer mode declaration attribute is defined which results in, e.g. 

    a=mbms-mode:broadcast 1234

Where any media for the MBMS multicast mode are described, the MBMS bearer mode declaration attribute shall not be used at session level. The MBMS bearer mode declaration attribute shall not be used at media level for media flows on the MBMS multicast mode. The MBMS bearer mode declaration attribute shall be used to described MBMS broadcast mode media. 
The MBMS bearer mode declaration attribute may be session-level (where all media are broadcast (and so becomes the default for all media); and media-level to specify differences between media. 

      mbms-bearer-mode-declaration-line = "a=mbms-mode:" “broadcast” SP tmgi CRLF

      tmgi = 1*DIGIT
The Temporary Mobile Group Identity  (tmgi) information element is defined in [33]. Only octets 3 to 5 or octets 3 to 8 are encoded in the tmgi attribute as a decimal number. Octet 3 is the most significant octet.
****  Next Change ****

7.3.2.10 Bandwidth Specification

The maximum bit-rate required by this FLUTE session shall be specified using the "AS" bandwidth modifier [14] on media level. The application specific (AS) bandwidth for a FLUTE session shall be the largest sum of the sizes of all packets transmitted during any one second long period of the session, expressed as kilobits. The size of the packet shall be the complete packet, i.e. IP, UDP, and FLUTE headers, and the data payload. 
7.3.3
SDP Examples for FLUTE Session

Here is a full example of SDP description describing a FLUTE session:

 v=0

 o=user123 2890844526 2890842807 IN IP6 2201:056D::112E:144A:1E24

s=File delivery session example

i=More information

t=2873397496 2873404696
a=mbms-mode:broadcast 1234
a=FEC-declaration:0 encoding-id=128; instance-id=0
a=source-filter: incl IN IP6 * 2001:210:1:2:240:96FF:FE25:8EC9

a=flute-tsi:3

m=application 12345 FLUTE/UDP 0

c=IN IP6 FF1E:03AD::7F2E:172A:1E24/1
b=64
a=lang:EN

a=FEC:0

****  Next Change ****
8.2.1.14
Mapping the Media types to SDP

The information carried in the MIME media type specification has a specific mapping to fields in the Session Description Protocol (SDP) [6], which is commonly used to describe RTP sessions.  When SDP is used to specify sessions employing the FEC payload format, the mapping is as follows:

· The Media type (application, audio, video, or text) goes in SDP "m=" as the media name.

· The Media subtype (payload format name) goes in SDP "a=rtpmap" as the encoding name.  The RTP clock rate in "a=rtpmap" SHALL be 10000 for application/rtp-mbms-fec-symbols, and according to the rate parameter for audio/rtp-mbms-fec-tag, video/rtp-mbms-fec-tag, or text/rtp-mbms-fec-tag.

· The FEID and FIID parameters are indicated using the "a=FEC-declaration" (see clause 7.3.2.8) and the FOTI parameter by the "a=FEC-OTI-extension" (see clause 8.3.1.9). To bind the correct FEC-declaration and corresponding FEC-OTI-extension to a payload type, an "a=fmtp" line parameter value pair "FEC-ref="<fec-ref> shall be used. Where the <fec-ref> value is equal to the fec-ref number used in the SDP attributes FEC-declaration and FEC-OTI-extension.   
· Any remaining parameters go in the SDP "a=fmtp" attribute by copying them directly from the MIME media type string as a semicolon separated list of parameter=value pairs.

These payload formats is only intended to be used in declarative SDP use cases and no offer/answer negotiation procedures is defined. 
























8.3 
Session description

SDP is provided to the MBMS client via a discovery/announcement procedure to describe the streaming delivery session. The SDP describes one or more RTP session part of the MBMS streaming session. The SDP shall be a correctly formed SDP according to [14]. 
8.3.1
SDP Parameters for MBMS streaming session

The semantics of a Session Description of an MBMS streaming session shall include the parameters:

· The sender IP address;

· The number of media in the session;

· The destination IP address and port number for each and all of the RTP sessions in the MBMS streaming session;

· The start time and end time of the session;

· The protocol ID (i.e. RTP/AVP);

· Media type(s) and fmt-list;

· Data rate using existing SDP bandwidth modifiers;

· Mode of MBMS bearer per media; 

· FEC configuration and related parameters;

· Service-language(s) per media.


· 

8.3.1.1
Sender IP address

There shall be exactly one IP source address per media description within the SDP. The IP source address shall be defined according to the source-filter attribute (“a=source-filter:”) [15] for both IPv4 and IPv6 sources, with the following exceptions:

1. Exactly one source address may be specified by this attribute such that exclusive-mode shall not be used and inclusive-mode shall use exactly one source address in the <src-list>. 

2. There shall be exactly one source-filter attribute per complete MBMS streaming session SDP description, and this shall be in the session part of the session description (i.e., not per media). 

3. The * value shall be used for the <dest-address> subfield. 

8.3.1.3
Destination IP address and port number for channels

Each RTP session part of a MBMS streaming session is defined by two parameters:
· IP destination address

· Destination port number(s).

The IP destination address shall be defined according to the “connection data” field (“c=”) of SDP [14]. The destination port number shall be defined according to the <port> sub-field of the media announcement field (“m=”) of SDP [14]. Multiple ports using "/" notation shall not be used. The RTCP port, if used, shall be RTP port +1. 
8.3.1.4

Media Description
The media description line shall be used as defined in SDP [14] for RTP. The <media> part indicates the type of media, audio, video, or text. The usage of RTP and any applicable RTP profile shall be indicated by using the <proto> field of the ‘m-line’. The one or more payload types that are being used in this RTP session are enumerated in the <fmt> part. Each payload type is declared using the "a=rtpmap" attribute according to SDP [14] and use the "a=fmtp" line when required to describe the payload format parameters.
8.3.1.5
Session Timing Parameters

A MBMS streaming session start and end times shall be defined according to the SDP timing field (“t=”) [14]. 

8.3.1.6
Mode of MBMS bearer per media

The MBMS bearer mode declaration attribute defined in Clause 7.3.2.7 may be used. 
8.3.1.7
Service-language(s) per media

The existing SDP attribute “a=lang” is used to label the language of any language-specific media. The values are taken from RFC 3066 which in turn takes language and (optionally) country tags from ISO639 and 3661 (e.g. "a=lang:EN-US"). These are the same tags used in the User Service Description XML.

8.3.1.8
Bandwidth specification

The bit-rate required by the MBMS streaming session and its media components shall be specified using both the "AS" bandwidth modifier and the "TIAS" bandwidth modifier combined with "a=maxprate" [31] on media level in the SDP. On session level the "TIAS" bandwidth modifier combined with "a=maxprate" may be used. Where the session level expresses the aggregated peak bit-rate, which may be lower than the sum of the individual media streams. 
The bandwidth required for RTCP is specified by the "RR" and "RS" bandwidth modifiers [32] on media level for each RTP session. The "RR" modifier shall be included and set to 0 to specify that RTCP receiver reports are not used. The bandwidth used for RTCP sender reports shall be specified using the "RS" bandwidth modifier. 
8.3.1.9
FEC Parameters
The FEC encoding ID and instance ID is provided using the "a=FEC-declaration" attribute defined in Clause 7.3.2.8. Any OTI information for that FEC encoding ID and instance ID is provided with below defined FEC OTI attribute.
The FEC OTI attribute must be immediately preceded by the "a=FEC-declaration" attribute (and so can be session-level and media-level). The fec-ref maps the oti-extension to the FEC-declaration OTI it extends. The purpose of the oti-extension is to define FEC code specific OTI required for RTP receiver FEC payload configuration, exact contents are FEC code specific and need to be specified by each FEC code using this attribute.

The syntax for the attributes in ABNF [23] is:

      sdp-fec-oti-extension-line = "a=FEC-OTI-extension:" fec-ref SP oti-extension CRLF

      fec-ref = 1*DIGIT (the SDP-internal identifier for the associated FEC-declaration).

      oti-extension
=
base64

      base64

=
*base64-unit [base64-pad]

      base64-unit
=
4base64-char

      base64-pad
=
2base64-char "==" / 3base64-char "="

      base64-char
=
ALPHA / DIGIT / "+" / "/"

The FEC declaration and FEC OTI information utilized in a specific RTP payload type is indicated using the FEC-ref number in the a=fmtp lines as described in clause 8.2.1.14.

8.3.2
SDP Example for Streaming Session

Here is a full example of SDP description describing a FLUTE session:

v=0
o=ghost 2890844526 2890842807 IN IP4 192.168.10.10
s=3GPP MBMS Streaming SDP Example
i=Example of MBMS streaming SDP file
u=http://www.infoserver.example.com/ae600
e=ghost@mailserver.example.com
c=IN IP6 FF1E:03AD::7F2E:172A:1E24
t=3034423619 3042462419

b=AS:77
a=mbms-mode:broadcast 1234
a=source-filter: incl IN IP6 * 2001:210:1:2:240:96FF:FE25:8EC9

a=FEC-declaration:0 encoding-id=130; instance-id=0
a=FEC-OTI-extension:0 1SCxWEMNe397m24SwgyRhg==
a=FEC-declaration:1 encoding-id=131; instance-id=2
a=FEC-OTI-extension:1 1SCxWEMNe397m24SwgyRhg==

m=video 4002 RTP/AVP 97 96 100
b=TIAS:62000
b=RR:0

b=RS:600
a=maxprate:17
a=rtpmap:96 H264/90000
a=fmtp:96 profile-level-id=42A01E; packetization-mode=1; sprop-parameter-sets=Z0IACpZTBYmI,aMljiA==
a=rtpmap: 97 rtp-mbms-fec-tag/90000

a=fmtp:97 opt=96; FEC-ref=0
a=rtpmap: 100 rtp-mbms-fec-symbols/10000

a=fmtp:100 FEC-ref=1; min-buffer-time=2600

m=audio 4004 RTP/AVP 99 98 101

b=TIAS:15120
b=RR:0

b=RS:600
a=maxprate:10
a=rtpmap:98 AMR/8000

a=fmtp:98 octet-align=1

a=rtpmap: 99 rtp-mbms-fec-tag/8000

a=fmtp: 99 opt=98; FEC-ref=0 "

a=rtpmap: 101 rtp-mbms-fec-symbols/10000
a=fmtp:101 FEC-ref=1; min-buffer-time=2600
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