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1. Motivation

Document S4-020544 was presented at S4#23. The document was positively received and Ericsson/Microsoft was encouraged to make an input document to the SA#24 where the proposed changes to TS 26.234 are explicitly shown.

The changes to TS.26.234, shown below with revision marks, are based on S4-020544. The update is split into two parts:

· Changes to the SDP description in the normative part of TS 26.234 (chapter 5.3.3.3 and 5.3.3.4)

· Update to Table A.1 and examples 2- 16 added in the informative  Annex A.1

Furthermore a new reference, (52) has been added in the references section of the document.

2. Proposal

The changes to TR 26.234 Rel-6  is presented for approval.
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5.3.3
SDP

5.3.3.1
General

RTSP requires a presentation description. SDP shall be used as the format of the presentation description for both PSS clients and servers. PSS servers shall provide and clients interpret the SDP syntax according to the SDP specification [6] and appendix C of [5]. The SDP delivered to the PSS client shall declare the media types to be used in the session using a codec specific MIME media type for each media. MIME media types to be used in the SDP file are described in clause 5.4 of the present document.

The SDP [6] specification requires certain fields to always be included in an SDP file. Apart from this a PSS server shall always include the following fields in the SDP:

-
"a=control:" according to clauses C.1.1, C.2 and C.3 in [5];

-
"a=range:" according to clause C.1.5 in [5];

-
"a=rtpmap:" according to clause 6 in [6];

-
"a=fmtp:" according to clause 6 in [6].

The bandwidth field in SDP should be used to indicate to the PSS client the amount of bandwidth that is required for the session and the individual media in the presentation. Therefore, a PSS server should include the "b=AS:" field in the SDP (both on the session and media level) and a PSS client shall be able to interpret this field. For RTP based applications, AS gives the RTP "session bandwidth'' (including UDP/IP overhead) as defined in section 6.2 of [9].

NOTE: The SDP parsers and/or interpreters shall be able to accept NULL values in the 'c=' field (e.g. 0.0.0.0 in IPv4 case). This may happen when the media content does not have a fixed destination address. For more details, see Section C.1.7 of [5] and Section 6 of [6].

5.3.3.2 Additional SDP fields

The following Annex G-related media level SDP fields are defined for PSS:

- 
"a=X-predecbufsize:<size of the hypothetical pre-decoder buffer>"
This gives the suggested size of the Annex G hypothetical pre-decoder buffer in bytes.

-
"a=X-initpredecbufperiod:<initial pre-decoder buffering period>" 
This gives the required initial pre-decoder buffering period specified according to Annex G. Values are interpreted as clock ticks of a 90-kHz clock. That is, the value is incremented by one for each 1/90 000 seconds. For example, value 180 000 corresponds to a two second initial pre-decoder buffering.

-
"a=X-initpostdecbufperiod:<initial post-decoder buffering period>"
This gives the required initial post-decoder buffering period specified according to Annex G. Values are interpreted as clock ticks of a 90-kHz clock.

-
"a=X-decbyterate:<peak decoding byte rate>" 
This gives the peak decoding byte rate that was used to verify the compatibility of the stream with Annex G. Values are given in bytes per second.

If none of the attributes "a=X-predecbufsize:", "a=X-initpredecbufperiod:", "a=X-initpostdecbufperiod:", and "a=x-decbyterate:" is present, clients should not expect a packet stream according to Annex G. If at least one of the listed attributes is present, the transmitted video packet stream shall conform to Annex G. If at least one of the listed attributes is present, but some of the listed attributes are missing in an SDP description, clients should expect a default value for the missing attributes according to Annex G.

5.3.3.3 The “alt-attr” and “alt-default-id” attribute

The client should interprete the following two media level attributes: “alt-attr” and “alt-default-id”. A client from earlier releases will ignore these attributes and can safely do so in a correct formatted SDP. If used by the server they shall be used in a way that makes them backward compatible. When interpreted, they define a number of alternatives from which the client can select the most appropriate one. 

A non-extended SDP gives only one alternative for each media part (Annex A.1 Example 1). This is the default alternative for each media. The new SDP attributes are used to modify the default attributes or to add new attributes to the default attributes thus creating new alternatives. Each alternative is numerically identified. 

The alternative attribute is used to replace or add a SDP line to the default configuration. If the alternative attribute contains an SDP line, for which the type and the modifier already exist in the default alternative, the default must be replaced with the given line (s). In case there are multiple lines with the same type and modifier in the default alternative all of the lines must be replaced. Multiple alternative lines can be used to modify the default alternative. The alternative lines that are used to form a certain alternative  shall all carry the same numerical identifier (Annex A.1, Example 2-4).

The alternative identifier is a unique identifier that points out a single alternative in one media declaration. The identifier must be unique between all media descriptions and their alternatives as it is used for creating combinations between different medias with the grouping attribute (see 5.3.3.4).

The default configuration is in it self a valid alternative. Therefore an attribute (alt-default-id) is defined that assigns an alternative identifier to the default alternative. This identifier can then be used with the grouping attribute (see 5.3.3.4) to create combinations of alternatives from different medias. 

The alternative attribute is defined below in BNF from RFC 2234 [52]. The SDP line is any SDP line allowed at media level except “m=”. 

alt-attr = “a” “=” “alt” ”:” alt-id ”:” SDP-line CRLF

SDP-line = <type>=<value> ; See RFC 2327

alt-id = 1*DIGIT  ; unique identifier for the alternative in whole SDP.

To be able to assign an alternative ID to the default alternative, the following identification attribute is defined.  

alt-default-id = “a” “=” “alt-default-id” “:” alt-id CRLF

5.3.3.4 The session level grouping attribute, “alt-group-attr”

The client should handle the following attribute: “alt-group-attr”. A client from earlier releases will ignore this attribute and can safely do so. When interpreted, it defines a number of grouping alternatives from which the client can select the most appropriate one. The identifiers defined in 5.3.3.3 are used together with the “alt-group-attr” attribute to create combinations consisting for instance of one audio and one video alternative. It is the server’s responsibility to create meaningful grouping alternatives.

A grouping attribute is used to recommends certain combinations of media alternatives to the client. There may be more than one grouping attribute at the session level as long as they are for different grouping types and subtypes. 

alt-group-attr = “a” “=” “alt-group” “:” alt-group-type “:” alt-group-subtype “:” alt-grouping *(“;” alt-grouping) CRLF

alt-group-type =  token     ; “token” defined in RFC 2327 [6]
alt-group-subtype = token

alt-grouping = grouping-value “=”  alt-id *(“,” alt-id)

grouping-value = token

The alt-group attribute gives one or more combinations of alternatives, through their ID’s. Each grouping must be given a grouping value. The grouping value is used to determine if the alternatives within the grouping suits the client. New types and subtypes can later be added. 

The following grouping types and subtypes are defined:

· Type: BW, Subtype: All modifiers defined for the SDP b= attribute at session and media level. See www.IANA.org for current list of registered attributes. 

Grouping value: The bandwidth value defined for that modifier calculated over all the alternatives grouped together in that grouping. For SDP bandwidth modifiers defined at session level the value shall be calculated according to its rule over the alternative part of the grouping. For media-level-only modifiers, the grouping value shall be calculated as a sum of the media level values in the grouped alternatives. Note: The meaning of a sum may not be clearly defined but should give a decent enough indication for the grouping.

Grouping recommendations: Each grouping should only contain one alternative from each media type. There is no need to give groupings for all combinations between the media alternatives, rather it is strongly recommended to only give the most suitable combinations (Annex A.1 Example 5).

· Type: LANG
Subtype: RFC3066

Grouping value: A language tag as defined by RFC 3066 [5]. The grouping MUST contain all media alternatives, which supports that language tag. 

Grouping recommendations: It is recommended that other mechanisms, like user profiles if existing is primarily used to ensure that the content has language suitable for the user (Annex A.1, Example 6).

Se also Annex A1, Example 7 through 16. In the examples all three new attributes “alt-attr”, “alt-default-id” and “alt-group-attr” are used.

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];

-
MPEG-4 AAC audio codec (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;

-
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 annex C, clause C.1 of the present document.

MIME media types for JPEG, GIF, PNG, SP-MIDI, SVG, timed text and XHTML can be used both in the "Content-type" field in HTTP and in the "type" attribute in SMIL 2.0. 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;

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

-
XHTML (see clause 7.8) MIME media type as defined in [16];

-
Timed text (see subclause 7.9) MIME media type as defined in clause D.9 in Annex D of the present document.

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

======================================

Annex A (informative):
Protocols

A.1
SDP

This clause gives some background information on SDP for PSS clients.

Table A.1 provides an overview of the different SDP fields that can be identified in a SDP file. The order of SDP fields is mandated as specified in RFC 2327 [6].

Table A.1: Overview of fields in SDP for PSS clients

	Type
	Description
	Requirement according to [6]
	Requirement according to the present document

	Session Description

	V
	Protocol version
	R
	R

	O
	Owner/creator and session identifier
	R
	R

	S
	Session Name
	R
	R

	I
	Session information
	O
	O

	U
	URI of description
	O
	O

	E
	Email address
	O
	O

	P
	Phone number
	O
	O

	C
	Connection Information
	R
	R

	B
	Bandwidth information
	AS
	O
	R

	One or more Time Descriptions (See below)

	Z
	Time zone adjustments
	O
	O

	K
	Encryption key
	O
	O

	A
	Session attributes
	control
	O
	R

	
	
	Range
	O
	R

	
	
	Alt-group-attr
	ND
	O

	One or more Media Descriptions (See below)

	

	Time Description

	T
	Time the session is active
	R
	R

	R
	Repeat times
	O
	O

	

	Media Description

	M
	Media name and transport address
	R
	R

	I
	Media title
	O
	O

	C
	Connection information
	R
	R

	B
	Bandwidth information
	AS
	O
	R

	K
	Encryption Key
	O
	O

	A
	Attribute Lines
	control
	O
	R

	
	
	range
	O
	R

	
	
	fmtp
	O
	R

	
	
	rtpmap
	O
	R

	
	
	X-predecbufsize
	ND
	O

	
	
	X-initpredecbufperiod
	ND
	O

	
	
	X-initpostdecbufperiod
	ND
	O

	
	
	X-decbyterate 
	ND
	O

	
	
	alt-attr 
	ND
	O

	
	
	alt-default-id
	ND
	O

	Note 1: R = Required, O = Optional, ND = Not Defined
Note 2: The "c" type is only required on the session level if not present on the media level.

Note 3: The "c" type is only required on the media level if not present on the session level.

Note 4: According to RFC 2327, either an 'e' or 'p' field must be present in the SDP description. On the other hand, both fields will be made optional in the future release of SDP. So, for the sake of robustness and maximum interoperability, either an 'e' or 'p' field shall be present during the server's SDP file creation, but the client should also be ready to receive SDP content containing neither 'e' nor 'p' fields.


The example below shows an SDP file that could be sent to a PSS client to initiate unicast streaming of a H.263 video sequence.

EXAMPLE 1:
v=0
o=ghost 2890844526 2890842807 IN IP4 192.168.10.10
s=3GPP Unicast SDP Example
i=Example of Unicast SDP file
u=http://www.infoserver.com/ae600
e=ghost@mailserver.com
c=IN IP4 0.0.0.0
b=AS:128
t=0 0

a=range:npt=0-45.678
m=video 1024 RTP/AVP 96

b=AS:128
a=rtpmap:96 H263-2000/90000
a=fmtp:96 profile=3;level=10
a=control:rtsp://mediaserver.com/movie
a=recvonly

The following gives some examples on the use of the “alt-attr” and the “alt-default-id” attribute (only the affected part of the SDP is shown):

EXAMPLE 2:
m=audio 0 RTP/AVP 97

b=AS:12

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

a=alt-default-id:1

a=alt:2:b=AS:16

a=alt:2:a=control:trackID=2


The equivalent SDP for alternative 1 (the default) is 

EXAMPLE 3:
m=audio 0 RTP/AVP 97

b=AS:12

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

Alternative 2 is based on the default alternative but replaces two lines, “b=AS” and “a=control”. This result in an equivalent SDP media block like this:

EXAMPLE 4:
m=audio 0 RTP/AVP 97

b=AS:16

a=rtpmap:97 AMR/8000

a=control:trackID=2

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

Below is one example on the use of “alt-group” attribute with the subtype “BW”:

EXAMPLE 5:
a=alt-group:BW:AS:32=1,4;56=2,4;64=3,5

The above line gives three groupings based on application specific bit rate values. The first grouping will result in 32 kbps using media alternative 1 and 4. The second grouping has a total bitrate of 56 kbps using media alternatives 2 and 4. The last grouping needs 64 kbps when combing media alternative 3 and 5.

Here follows an example on the use of “alt-group” attribute with the subtype “LANG”:

EXAMPLE 6:
a=alt-group:LANG:RFC3066:en-US=1,2,4,5;se=3,4,5

The above line claims that media alternative 1,2,4, and 5 supports US English and that media alternative 3, 4 and 5 supports Swedish. 
A more complex example where a combination of “alt-attr”, “alt-default-id” and “alt-group” are used is seen below. The example allows a client to select a bandwidth that is suitable for the current context in an RTSP SETUP message. 

The client sends an RTSP DESCRIBE to the server and the server responds with the following SDP. A client, who supports the “alt-“ attributes, can now select the most suitable alternative.  The client then uses the control URLs corresponding to the selected alternatives in the RTSP SETUP messages. The server sets up the alternatives and the client then start playing them. If the client is unaware of the attributes they will be ignored. The result will be that the client uses the default “a=control” URLs at setup and receives the default alternatives.

EXAMPLE 7:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=A basic audio and video presentation

c=IN IP4 0.0.0.0

b=AS:56

a=control:*

a=range:npt=0-150.2

a=alt-group:BW:AS:28=1,3;56=1,4;60=2,4;120=2,5

t=0 0

m=audio 0 RTP/AVP 97

b=AS:12

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

a=alt-default-id:1

a=alt:2:b=AS:16

a=alt:2:a=control:trackID=2

m=video 0 RTP/AVP 98

b=AS:44

a=rtpmap:98 MP4V-ES/90000

a=control:trackID=4

a=fmtp:98 profile-level-id=8; config=01010000012000884006682C2090A21F

a=range:npt=0-150.2

a=X-initpredecbufperiod:98000

a=alt-default-id:4

a=alt:3:b=AS:16

a=alt:3:a=control:trackID=3

a=alt:3:a=X-initpredecbufperiod:48000

a=alt:5:b=AS:104

a=alt:5:a=control:trackID=5

a=alt:5:a=X-initpredecbufperiod:150000

The above example has 5 alternatives, 2 for the audio and 3 for the video. That would allow for a total of six combinations between audio and video. However the grouping attribute recommends that only 4 of these combinations be used. The equivalent SDP for the default alternatives (alternative 1 and 4) with a total session bitrate of 56 kbps follows: 

EXAMPLE 8:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=Ericsson commercial

c=IN IP4 0.0.0.0

b=AS:56

a=control:*

a=range:npt=0-150.2

t=0 0

m=audio 0 RTP/AVP 97

b=AS:12

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

m=video 0 RTP/AVP 98

b=AS:44

a=rtpmap:98 MP4V-ES/90000

a=control:trackID=4

a=fmtp:98 profile-level-id=8; config=01010000012000884006682C2090A21F

a=range:npt=0-150.2

a=X-initpredecbufperiod:98000

The equivalent SDP for the 28 kbps total session bitrate (alternative 1 and 3) is:

EXAMPLE 9:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=A basic audio and video presentation

c=IN IP4 0.0.0.0

b=AS:28

a=control:*

a=range:npt=0-150.2

t=0 0

m=audio 0 RTP/AVP 97

b=AS:12

a=rtpmap:97 AMR/8000

a=control:trackID=1

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

m=video 0 RTP/AVP 98

b=AS:16

a=rtpmap:98 MP4V-ES/90000

a=control:trackID=3

a=fmtp:98 profile-level-id=8; config=01010000012000884006682C2090A21F

a=range:npt=0-150.2

a=X-initpredecbufperiod:48000

The equivalent SDP for the grouping with a 120 kbps total session  bandwidth (alternative 2 and 5):

EXAMPLE 10:
v=0

o=ericsson_user 1 1 IN IP4 130.240.188.69

s=A basic audio and video presentation

c=IN IP4 0.0.0.0

b=AS:120

a=control:*

a=range:npt=0-150.2

t=0 0

m=audio 0 RTP/AVP 97

b=AS:16

a=rtpmap:97 AMR/8000

a=control:trackID=2

a=fmtp:97 octet-align=1

a=range:npt=0-150.2

m=video 0 RTP/AVP 98

b=AS:104

a=rtpmap:98 MP4V-ES/90000

a=control:trackID=5

a=fmtp:98 profile-level-id=8; config=01010000012000884006682C2090A21F

a=range:npt=0-150.2

a=X-initpredecbufperiod:150000

The recommendation for a session with a total bitrate of 60 kbps is as easily formed. A client will use the received SDP and, as an example available bandwidth, to chose which alternatives to set up. If the client only has 32 kbps it selects the media alternative 1 and 3 which uses 28 kbps. The client sets this up by sending two normal RTSP requests using the control URLs from the chosen alternatives. 

The audio SETUP request for the default (i.e. 56 kbps in the example above) looks like this:

EXAMPLE 11:
SETUP rtsp://media.example.com/examples/3G_systems.3gp/trackID=1 RTSP/1.0

CSeq: 2

Transport: RTP/AVP/UDP;unicast;client_port=3456-3457

The response from the server would be:

EXAMPLE 12:
RTSP/1.0 200 OK

CSeq: 2

Session: jEs.EdXCSKpB

Transport: RTP/AVP/UDP;unicast;client_port=3456-3457;server_port=4002-4003;ssrc=5199dcb1

Also the video is added to the RTSP session under aggregated control:

EXAMPLE 13:
SETUP rtsp://media.example.com/examples/3G_systems.3gp/trackID=3 RTSP/1.0

CSeq: 3

Transport: RTP/AVP/UDP;unicast;client_port=3458-3459

Session: jEs.EdXCSKpB

And the response would be: 

EXAMPLE 14:
RTSP/1.0 200 OK

CSeq: 3

Session: jEs.EdXCSKpB

Transport: RTP/AVP/UDP;unicast;client_port=3458-3459;server_port=4004-4005;ssrc=ae75904f

Had the client had more available bandwidth it could have set up another pair of alternatives in order to get better quality. The only change had been the RTSP URLs that had pointed at other media streams. For example the 120 kbps version would have been received if the audio SETUP request had used: 

EXAMPLE 15:
“rtsp://media.example.com/examples/3G_systems.3gp/trackID=2” 

and the video request 

EXAMPLE 16:
“rtsp://media.example.com/examples/3G_systems.3gp/trackID=5”.

A.2
RTSP

A.2.1
General

Clause 5.3.2 of the present document defines the required RTSP support in PSS clients and servers by making references to Appendix D of [5]. The current clause gives an overview of the methods (see Table A.2) and headers (see Table A.3) that are specified in the referenced Appendix D.  An example of an RTSP session is also given. 
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