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------------------------------------------       Second Change        -----------------------------------------------
8.2.2.14
SDP for FEC repair packet streams
The repair packet stream is indicated in SDP using a media block with the protocol identifier “UDP/MBMS-REPAIR”. The media type shall be “application”. The FEC parameters, FEC encoding ID, FEC instance ID, FEC-OTI-Extension information and repair parameters (min-buffer-time) are signalled using the mechanisms defined in 8.3.1.9. A single FEC declaration shall be indicated using the “a=FEC” attribute. 

The mapping of the FEC source block flow ID (see sub-clause 8.2.2.6) to the destination IP address and UDP port are done using the SDP attribute “a=mbms-flowid” defined in sub-clause 8.3.1.9.

Interleaving may be signaled using the “X-3gpp-FEC-Interleaving” attribute, which also gives the arrangement of the flows in the source block and by consequence their transmission order. The “X-3gpp-FEC-Interleaving” attribute is defined in sub-clause 8.3.1.11.

------------------------------------------       Third Change        -----------------------------------------------
8.2.3 General RTP Header Extension Mechanism

8.2.3.1 Introduction

The General RTP Header Extension Mechanism [91] is a general mechanism to use the header extension feature of RTP (the Real-Time Transport Protocol).  The General RTP Header Extension Mechanism should be supported.  

8.2.3.2 Timestamp Offset 

Timestamp offsets for RTP may be transmitted using the general RTP header extension mechanism.  
The variable timestamp extension element is 32 bits long.  The first byte is the extension element header, i.e. the ID and len fields, as defined in [91].  The remaining 3 bytes are the timestamp-offset measured in the same frequency as the RTP timestamp.

Timestamp-offset: A 24 bit unsigned integer signaling the offset of the received packets of the same media in the tune-in FEC block.  The timestamp offset indicates at most the difference between the RTP timestamp of the current packet and the highest RTP timestamp of packets of the same media stream that are transmitted in the current FEC source block.

Timestamp offset shall not be used if FEC protection and Interleaving are not being used.  

The following example is a general RTP header extension block containing a single variable timestamp extension element.

    0                   1                   2                   3

    0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1 2 3 4 5 6 7 8 9 0 1

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   |          0xBEDE               |           length=1            |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

   |  ID   | len=2 |            timestamp-offset                   |

   +-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+-+

The presence of variable timestamps is signaled in the SDP file using the header extension specification and the URI "http://www.3gpp.org/2008/TimestampOffset".  The URI signals the possible presence of timestamp offsets with the given ID.
------------------------------------------       Fourth Change        -----------------------------------------------
8.3.1.11
Interleaving Signaling

When interleaving is used in combination with FEC protection of an MBMS service, the BM-SC may indicate to receivers the order of transmission of the media units of a source block using the “X-3gpp-FEC-Interleaving” attribute. It also indicates whether intra-stream interleaving (described in section G.1) has been performed or not for each of the flows in the FEC source block.

The “X-3gpp-FEC-Interleaving” attribute is defined as follows:


Interleaving=”X-3gpp-FEC-Interleaving:” SP flow_interleaving *(“,” flow_interleaving) CRLF

flow_interleaving=flowID “=” [“ordered” / “mixed” / ”reverse”] 

flowID is the indentification of the flow as described in section 8.3.1.9. The intra-stream interleaving modes may result in un-changed tranmission order (“Ordered”), a mixed transmission order (“Mixed”), or a reversed transmission order (“Reverse”). For a flow that is not listed in the X-3gpp-FEC-Interleaving attribute, the receiver should assume that no particular intra- or inter-stream interleaving has been performed. The transmission order does not preculde that some media units of a lower priority stream are interleaved with the media units of higher priority stream.  

-------------------------------------------        Fifth Change        ------------------------------------------------
8.2.2.15
Signalling example for FEC

This sub-clause contains a complete signalling example for a MBMS multicast mode session using FEC with a Service description, a SDP for the streaming delivery method, a SDP for the FEC repair stream, and a security description. 

The top element is the security description that 

<?xml version="1.0" encoding="UTF-8"?>

<bundleDescription

xmlns="urn:3GPP:metadata:2005:MBMS:userServiceDescription"

xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"


fecDescriptionURI="http://www.example.com/3gpp/mbms/session1-fec.sdp">


<userServiceDescription


serviceId="urn:3gpp:0010120123hotdog">



<deliveryMethod




sessionDescriptionURI="http://www.example.com/3gpp/mbms/session1.sdp"





protectionDescriptionURI="http://www.example.com/3gpp/mbms/sec-descript"/>


</userServiceDescription>


</bundleDescription>

The security description has the URI: http://www.example.com/3gpp/mbms/sec-descript 

<?xml version="1.0" encoding="UTF-8"?>

<securityDescription 


xmlns="urn:3GPP:metadata:2005:MBMS:securityDescription" 


xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"


confidentialityProtection="true" 


integrityProtection="true" 


uiccKeyManagement="true"


<keyManagement



waitTime="5"



maxBackOff="10">



<serverURI>http://register.example.com/</serverURI>



<serverURI>http://register2.example.com/</serverURI>


</keyManagement>


<keyId>



<mediaFlow flowID="FF1E:03AD::7F2E:172A:1E24/4002">




<MSK>





<keyDomainID>aMoM</keyDomainID>





<MSKID>aMoAAA==</MSKID>




</MSK>



</mediaFlow>



<mediaFlow flowID="FF1E:03AD::7F2E:172A:1E24/4004" srtpAuthenticationTagLength="4">




<MSK>





<keyDomainID>GM8M</keyDomainID>





<MSKID>aMkAAA==</MSKID>




</MSK>



</mediaFlow>


</keyId>


<fecProtection



fecEncodingId="1"/>

</securityDescription>

An example of how the SDP http://www.example.com/3gpp/mbms/session1.sdp could look for a session containing two media streams that are FEC protected. In this example we have assumed an audiovisual stream, using 56 kbps for video and 12 kbps for audio. In addition another 300 bits/second of RTCP packets from the source is used for the each of the sessions. Hence, the total media session bandwidth is 56+12+0.3+0.3 = 68.6 kbps. 

v=0
o=ghost 2890844526 2890842807 IN IP4 2001:210:1:2:240:96FF:FE25:8EC9
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:62

b=TIAS: 60500

a=maxprate: 25

a=source-filter: incl IN IP6 * 2001:210:1:2:240:96FF:FE25:8EC9

a=FEC-declaration:0 encoding-id=1; instance-id=0

m=video 4002 UDP/MBMS-FEC/RTP/AVP 96

b=TIAS:55000
b=RR:0

b=RS:300

a=rtpmap:96 H263-2000/90000
a=fmtp:96 profile=3;level=10
a=framesize:96 176-144
a=FEC:0

a=maxprate:15

m=audio 4004 UDP/MBMS-FEC/RTP/AVP 98

b=TIAS: 11500

b=RR:0

b=RS:300

a=rtpmap:98 AMR/8000

a=fmtp:98 octet-align=1
a=FEC:0

a=maxprate:10
The FEC stream used to protect the above RTP sessions and a MIKEY key stream has the below SDP (http://www.example.com/3gpp/mbms/session1-fec.sdp):

v=0
o=ghost 2890844526 2890842807 IN IP6 2001:210:1:2:240:96FF:FE25:8EC9
s=3GPP MBMS Streaming FEC 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:15

a=FEC-declaration:0 encoding-id=1

a=FEC-OTI-extension:0 ACAEAA==
a=mbms-repair: 0 min-buffer-time=2600

a=source-filter: incl IN IP6 * 2001:210:1:2:240:96FF:FE25:8EC9

m=application 4006 UDP/MBMS-REPAIR *

b=AS:15

a=FEC:0 

a=mbms-flowid: 1=FF1E:03AD::7F2E:172A:1E24/4002, 2=FF1E:03AD::7F2E:172A:1E24/4003, 3=FF1E:03AD::7F2E:172A:1E24/4004, 4=FF1E:03AD::7F2E:172A:1E24/4005, 5=FF1E:03AD::7F2E:172A:1E24/2269

a=X-3gpp-FEC-Interleaving: 1="reverse", 2="ordered"
-------------------------------------------        Last Change        ------------------------------------------------
Annex G Guidelines for Channel Tune-in and Switch Time Reduction

This Annex describes some methods to improve channel tune-in and switching times for MBMS Streaming when using the FEC framework. It presents means for MBMS senders and receivers to minimize delay from a channel switch and initial tune-in time. Fast startup improvements for the layers below IP are not described here.
G.1 Interleaving for Tune-in Time Reduction of FEC protected MBMS Services
Interleaving may be applied to source blocks before FEC encoding to re-arrange the order of transmission of the UDP packets. The target of the interleaving is to provide high priority and correctly decodeable media units in a way that maximizes the resulting media duration at the receivers that tune in at that specific source block. The interleaver may operate at two different levels:

· Inter-stream interleaving: prioritize the media streams and arrange their transmission order according to the ascending order or priorities. I.o.w. high priority data e.g. audio data is transmitted towards the end of the source block.

· Intra-stream interleaving: high priority media data units such as Random Access Points of a video stream are transmitted towards the end of a source block.

The interleaving procedure enables receivers to reliably decode and present media data that has been received from a fraction of the tune-in source block. 

Interleaving is transparent to legacy receivers. The interleaving procedure is signaled as specified in section 

G.1.1
Timestamp Offsets
The timestamp offset field may be used to signal a timestamp offset for the received media units in the FEC block as specified in 8.2.3.2.  
The timestamp offsets may be used to reconstruct the presentation time line at the UE. They may also be used to reduce the out time caused by the reception of a partially received interleaved FEC source block as shown in figure X.


[image: image1]
Figure G.1: Early tune-in using variable timestamps
G.1.2 
Early Playout

A UE that desires to make use of the interleaving to reduce the tune-in time may start the playout earlier than dictated by the min-buffer-time value.

Instead, the UE may schedule the first media unit of the succeeding source block to be played out after the min-buffer-time. It may then estimate the appropriate time for starting early playout based on the amount of media duration that was received from the current block, the playout time of the earliest media unit of the next source block, and the highest presentation time of the media units of the current source block.

The early playout behavior is depicted by the following figure.
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Figure G.2 Early play out of interleaved media data of a FEC protected MBMS service
G.2 FEC Stream & Channel Bundling

G.2.1 Introduction

FEC Stream bundling is a method of improving the FEC efficiency and also to improve channel switching times. Several flows of one or more user services are “bundled” to form the source blocks for the FEC calculations. . This means, that all flows must be received for potential FEC recovery. 

If flows from more than one user service are bundled (i.e. Channel Bundling), then the receiver discards other services after FEC processing. When a switch is performed, media inside the same bundle is immediately available. Stream Bundling can be performed on whole channels, parts of channels, or not at all. 
Note: FEC Bundling does not improve start-up times.
G.2.1.1 Full Channel Bundling (All flows of several user services)
When full bundling is used, more than one complete channel is bundled.  A channel switch inside the bundle does not require rebuffering and can therefore be near instantaneous.  However, full bundling requires the processing of all packets.  In other words, at a single time instance all video streams and all audio streams are received and processed.  Also, the number of channels possible is limited by the fixed bearer bandwidth.
G.2.1.2 No Bundling

When no bundling is used, each channel is protected separately.  In a channel switch the new channel needs to be buffered for the full min-buffer-time.  At a single time instant one video stream and one audio stream is received and processed.
G.2.1.3 Partial Channel Bundling (Some flows of several user services)

Partial bundling may be used to combine some of the benefits of full bundling and no bundling.  In this case more than one parital channel is bundled.  This may be used to reduce the processing required on the terminal while retaining fast channel switching between parts of the media.  

Partial bundling may be used to bundle only the audio part of channels.  In other words, at a single time instance one video stream and all audio streams are received.  When a switch occurs the audio is switched instantaneously as it does not need to be rebuffered.  The complexity of this case is substantially lower than full bundling and the number of channels which can be bundled given a fixed bearer bandwidth is substantially increased.  This is due to the fact that the audio uses a substantially lower percentage of the bitrate compared to video.

G.2.1.3 Stream Bundling (All flows of a single user services)
 When stream bundling is used, all flows of a single channel are bundled. The FEC source block is formed using audio, video and security data.
...
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