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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.

Table A.2: Overview of the required RTSP method support

	Method
	Requirement for a minimal on-demand playback client according to [5].
	Requirement for a PSS client according to the present document.
	Requirement for a minimal on-demand playback server according to [5].
	Requirement for a PSS server according to the present document.

	OPTIONS
	O
	O
	Respond
	Respond

	REDIRECT
	Respond
	Respond
	O
	O

	DESCRIBE
	O
	Generate
	O
	Respond

	SETUP
	Generate
	Generate
	Respond
	Respond

	PLAY
	Generate
	Generate
	Respond
	Respond

	PAUSE
	Generate
	Generate
	Respond
	Respond

	TEARDOWN
	Generate
	Generate
	Respond
	Respond

	NOTE 1:     O = Support is optional

NOTE 2:     'Generate' means that the client/server is required to generate the request where applicable.

NOTE 3:     'Respond' means that the client/server is required to properly respond to the request.


Table A.3: Overview of the required RTSP header support

	Header
	Requirement for a minimal on-demand playback client according to [5].
	Requirement for a PSS client according to the present document.
	Requirement for a minimal on-demand playback server according to [5].
	Requirement for a PSS server according to the present document.

	Connection
	include/understand
	include/understand
	include/understand
	include/understand

	Content-Encoding
	understand
	understand
	include
	include

	Content-Language
	understand
	understand
	include
	include

	Content-Length
	understand
	understand
	include
	include

	Content-Type
	understand
	understand
	include
	include

	CSeq
	include/understand
	include/understand
	include/understand
	include/understand

	Location
	understand
	understand
	O
	O

	Public
	O
	O
	include
	include

	Range
	O
	include/understand
	understand
	include/understand

	Require
	O
	O
	understand
	understand

	RTP-Info
	understand
	understand
	include
	include

	Session
	include
	include
	understand
	understand

	Timestamp
	O
	O
	include/understand
	include/understand

	Transport
	include/understand
	include/understand
	include/understand
	include/understand

	User-Agent4
	O
	O
	O
	O

	NOTE 1:    O = Support is optional

NOTE 2:   'include' means that the client/server is required to include the header in a request or response where applicable.

NOTE 3:   'understand' means that the client/server is required to respond properly if the header is received in a request or response.
NOTE 4:   According to [5] the “User-Agent” header is not strictly required for a minimal RTSP client implementation, although it is highly recommended that it is included with requests. The same applies to a PSS client according to the present document.



The example below is intended to give some more understanding of how RTSP and SDP are used within the 3GPP PSS. The example assumes that the streaming client has the RTSP URL to a presentation consisting of an H.263 video sequence and AMR speech.  RTSP messages sent from the client to the server are in bold and messages from the server to the client in italic. In the example the server provides aggregate control of the two streams.

EXAMPLE:

DESCRIBE rtsp://mediaserver.com/movie.test RTSP/1.0
CSeq: 1 
User-Agent: TheStreamClient/1.1b2
RTSP/1.0 200 OK
CSeq: 1
Content-Type: application/sdp
Content-Length: 435

v=0
o=- 950814089 950814089 IN IP4 144.132.134.67
s=Example of aggregate control of AMR speech and H.263 video 
e=foo@bar.com
c=IN IP4 0.0.0.0 

b=AS:77
t=0 0
a=range:npt=0-59.3478 
a=control:*

m=audio 0 RTP/AVP 97

b=AS:13
a=rtpmap:97 AMR/8000
a=fmtp:97
a=maxptime:200
a=control:streamID=0
m=video 0 RTP/AVP 98

b=AS:64
a=rtpmap:98 H263-2000/90000
a=fmtp:98 profile=3;level=10 
a=control: streamID=1

SETUP rtsp://mediaserver.com/movie.test/streamID=0 RTSP/1.0
CSeq: 2
Transport: RTP/AVP/UDP;unicast;client_port=3456-3457
User-Agent: TheStreamClient/1.1b2

RTSP/1.0 200 OK
CSeq: 2
Transport: RTP/AVP/UDP;unicast;client_port=3456-3457; server_port=5678-5679
Session: dfhyrio90llk


SETUP rtsp://mediaserver.com/movie.test/streamID=1 RTSP/1.0
CSeq: 3
Transport: RTP/AVP/UDP;unicast;client_port=3458-3459
Session: dfhyrio90llk
User-Agent: TheStreamClient/1.1b2

RTSP/1.0 200 OK
CSeq: 3
Transport: RTP/AVP/UDP;unicast;client_port=3458-3459; server_port=5680-5681
Session: dfhyrio90llk


PLAY rtsp://mediaserver.com/movie.test RTSP/1.0
CSeq: 4
Session: dfhyrio90llk
User-Agent: TheStreamClient/1.1b2

RTSP/1.0 200 OK
CSeq: 4
Session: dfhyrio90llk
Range: npt=0-
RTP-Info: url= rtsp://mediaserver.com/movie.test/streamID=0; seq=9900;rtptime=4470048, 
                 url= rtsp://mediaserver.com/movie.test/streamID=1; seq=1004;rtptime=1070549
NOTE: 
Headers can be folded onto multiple lines if the continuation line begins with a space or horizontal tab. For more information, see RFC2616 [17].
The user watches the movie for 20 seconds and then decides to fast forward to 10 seconds before the end…

PAUSE rtsp://mediaserver.com/movie.test RTSP/1.0
CSeq: 5
Session: dfhyrio90llk
User-Agent: TheStreamClient/1.1b2

PLAY rtsp://mediaserver.com/movie.test RTSP/1.0
CSeq: 6
Range: npt=50-59.3478
Session: dfhyrio90llk
User-Agent: TheStreamClient/1.1b2

RTSP/1.0 200 OK
CSeq: 5
Session: dfhyrio90llk


RTSP/1.0 200 OK
CSeq: 6
Session: dfhyrio90llk
Range: npt=50-59.3478
RTP-Info: url= rtsp://mediaserver.com/movie.test/streamID=0; 
                seq=39900;rtptime=44470648, 
                 url= rtsp://mediaserver.com/movie.test/streamID=1; 
                seq=31004;rtptime=41090349

After the movie is over the client issues a TEARDOWN to end the session…

TEARDOWN rtsp://mediaserver.com/movie.test RTSP/1.0
CSeq: 7
Session: dfhyrio90llk 
User-Agent: TheStreamClient/1.1b2

RTSP/1.0 200 OK
Cseq: 7
Session: dfhyrio90llk 
Connection: close 

(…un-altered sections left out here…) 

G.2
PSS Buffering Parameters

The behaviour of the PSS buffering model is controlled with the following parameters: the initial pre-decoder buffering period, the initial post-decoder buffering period, the size of the hypothetical pre-decoder buffer, the peak decoding byte rate, and the decoding macroblock rate. The default values of the parameters are defined below. 

-
The default initial pre-decoder buffering period is 1 second.

-
The default initial post-decoder buffering period is zero.

-
The default size of the hypothetical pre-decoder buffer is defined according to the maximum video bit-rate according to the table below: 

Table G.1: Default size of the hypothetical pre-decoder buffer

	Maximum video bit-rate
	Default size of the hypothetical pre-decoder buffer

	65536 bits per second
	20480 bytes

	131072 bits per second
	40960 bytes

	Undefined
	51200 bytes


-
The maximum video bit-rate can be signalled in the media-level bandwidth attribute of SDP as defined in clause 5.3.3 of this document. If the video-level bandwidth attribute was not present in the presentation description, the maximum video bit-rate is defined according to the video coding profile and level in use.

-
The size of the hypothetical post-decoder buffer is an implementation-specific issue. The buffer size can be estimated from the maximum output data rate of the decoders in use and from the initial post-decoder buffering period.

-
By default, the peak decoding byte rate is defined according to the video coding profile and level in use. For example, H.263 Level 10 requires support for bit-rates up to 64000 bits per second. Thus, the peak decoding byte rate equals to 8000 bytes per second.

-
The default decoding macroblock rate is defined according to the video coding profile and level in use. If MPEG-4 Visual is in use, the default macroblock rate equals to VCV decoder rate. If H.263 is in use, the default macroblock rate equals to (1 / minimum picture interval) multiplied by number of macroblocks in maximum picture format. For example, H.263 Level 10 requires support for picture formats up to QCIF and minimum picture interval down to 2002 / 30000 sec. Thus, the default macroblock rate would be 30000 x 99 / 2002 ( 1484 macroblocks per second.

PSS clients may signal their capability of providing larger buffers and faster peak decoding byte rates in the capability exchange process described in clause 5.2 of the present document. The average coded video bit-rate should be smaller than or equal to the bit-rate indicated by the video coding profile and level in use, even if a faster peak decoding byte rate were signalled.

Initial parameter values for each stream can be signalled within the SDP description of the stream. Signalled parameter values override the corresponding default parameter values. The values signalled within the SDP description guarantee pauseless playback from the beginning of the stream until the end of the stream (assuming a constant-delay reliable transmission channel).

PSS servers may update parameter values in the response for an RTSP PLAY request. If an updated parameter value is present, it shall replace the value signalled in the SDP description or the default parameter value in the operation of the PSS buffering model. An updated parameter value is valid only in the indicated playback range, and it has no effect after that. Assuming a constant-delay reliable transmission channel, the updated parameter values guarantee pauseless playback of the actual range indicated in the response for the PLAY request. The indicated pre-decoder buffer size and initial post-decoder buffering period shall be smaller than or equal to the corresponding values in the SDP description or the corresponding default values, whichever ones are valid. The following header fields are defined for RTSP:

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

-
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.

-
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.

These header fields are defined for the response of an RTSP PLAY request only. Their use is optional.

The following example plays the whole presentation starting at SMPTE time code 0:10:20 until the end of the clip. The playback is to start at 15:36 on 23 Jan 1997. The suggested initial post-decoder buffering period is half a second.

     C->S: PLAY rtsp://audio.example.com/twister.en RTSP/1.0

           CSeq: 833

           Session: 12345678

           Range: smpte=0:10:20-;time=19970123T153600Z
           User-Agent: TheStreamClient/1.1b2
     S->C: RTSP/1.0 200 OK

           CSeq: 833

           Date: 23 Jan 1997 15:35:06 GMT

           Range: smpte=0:10:22-;time=19970123T153600Z

           x-initpredecbufperiod: 45000
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