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1  Introduction

The Real Time Streaming Protocol, or RTSP(RFC 2326), is an application-level protocol for control over the delivery of data with real-time properties. RTSP provides an extensible framework to enable controlled, on-demand delivery of real-time data, such as audio and video. It is suitable for both live and stored multimedia content streaming. RTSP is intended to control multiple data delivery sessions, provide a means for choosing delivery channels such as UDP, multicast UDP and TCP, and provide a means for choosing delivery  mechanisms based upon RTP (RFC 1889).

2  RTSP States

The streaming control in PSS is done with RTSP requests. The following states play a central role in defining the allocation and usage of stream resources on the server:

SETUP: Causes the server to allocate resources for a stream and start an RTSP session.

PLAY and RECORD: Starts data transmission on a stream allocated via SETUP.

PAUSE: Temporarily halts a stream without freeing server resources.

TEARDOWN: Frees resources associated with the stream. The RTSP session ceases to exist on the server.

3 RTSP Methods

The following table shows the RTSP methods as in RFC 2326, their direction and what objects they operate on:

Method
Direction
Object
Requirement

PLAY
C->S
P,S
Required

SETUP
C->S
S
Required

OPTIONS
C->S, S->C
P,S
Required   (S->C: optional)

TEARDOWN
C->S
P,S
Required

DESCRIBE
C->S
P,S
Recommended

PAUSE
C->S
P,S
Recommended

GET_PARAMETER
C->S, S->C
P,S
Optional

SET_PARAMETER
C->S, S->C
P,S
Optional

REDIRECT
S->C
P,S
Optional

RECORD
C->S
P,S
Optional

ANNOUNCE
C->S, S->C
P,S
Optional

Table 1: Table of RTSP methods as in RFC 2326, their direction (C: Client, S: Server), what objects (P: presentation, S: stream) they operate on, and their requirement level.

3.1 PLAY

The PLAY method tells the server to start sending data via the mechanism specified in SETUP. A client must not issue a PLAY request  until any outstanding SETUP requests have been acknowledged as successful.

This is a mandatory method in RTSP. The server and the client must support it.

3.2 SETUP

The SETUP request for a URI specifies the transport mechanism to be  used for the streamed media. Transport parameters can be changed by issuing a SETUP request for a stream that is already playing (the server MAY allow this). The session identifiers are generated by the server in response to SETUP request.

This is a mandatory method in RTSP. The server and the client must support it.

3.3 OPTIONS

An OPTIONS request may be issued at any time from client to server to see which methods are available from the server side. The server responds to the client by sending a list of available methods.

This is a mandatory method for the client, but optional for the server, i.e. the server must know how to respond to it, but need not necessarily know how to make an OPTIONS request.

3.4 TEARDOWN

The TEARDOWN request stops the stream delivery for the given URI, freeing the resources associated with it. If the URI is the  presentation URI for this presentation, any RTSP session identifier associated with the session is no longer valid.Unless all transport parameters are defined by the session description, a SETUP request has to be issued before the session can be played again.

This is a mandatory method in RTSP. The server and the client must support it.

3.5 DESCRIBE

The DESCRIBE method retrieves the description of a presentation or media object identified by the request URL from a server. The DESCRIBE reply-response pair constitutes the media initialisation phase of RTSP. 

This method is recommended by IETF. We propose it to be a mandatory method and use Session Description Protocol (RFC 2327) for media initialisation. 

3.6 PAUSE

The PAUSE request causes the stream delivery to be halted temporarily. After resuming playback or recording, synchronization of the tracks must be  maintained. Any server resources are kept, though servers may close the session and free resources after being paused for the duration specified with the timeout parameter of the Session header in the SETUP message.

This is a recommended method. It may be used to stop a current session without freeing the resources allocated for the session. The PAUSE state duration is usually bounded by the timeout duration of the server.

3.7 GET_PARAMETER

The GET_PARAMETER request retrieves the value of a parameter of a presentation or stream specified in the URI. The content of the reply and response is left to the implementation. GET_PARAMETER with no entity body may be used to test client or server liveness ("ping").

This method is optional.  It may be needed if the client or the server wants to have a feed back for dynamic or adaptive control over the session. For example, the server may ask for a parameter called 'jitter' to understand the jitter characteristics on the client side and adjust itself according to it. 

3.8 SET_PARAMETER

This method requests to set the value of a parameter for a presentation or stream specified by the URI. Transport parameters for the media stream must only be set with the SETUP method.

This method is optional. It may not be necessary to implement it if no parameter setting is necessary on the server for the client and vice versa, except than the transport parameters which are set up using SETUP method. This method is  also independent of the GET_PARAMETER method.  

3.9 REDIRECT

A redirect request informs the client that it must connect to another server location. If the client wants to continue to send or receive media for this URI, the client MUST issue a TEARDOWN request for the current session and a SETUP for the new session at the designated host.

This method is optional. We believe that it is beneficial to implement it since the request could be redirected to the best server for the sake of better network performance (e.g. redirecting a request to a less congested server, or the nearest server to the client for better wireless network performance).

3.10 RECORD

This method initiates recording a range of media. The timestamp reflects start and end time (UTC). If no time range is given, the start or end time provided in the presentation description is used. If the session has already  started, recording is started immediately.

This method is optional and it is a server specific method. The media server supporting recording of live presentations must also support the clock range format because the SMPTE (A SMPTE relative timestamp expresses time relative to the start of the clip) format does not make sense.

3.11 ANNOUNCE

The ANNOUNCE method serves two purposes:

· When sent from client to server, ANNOUNCE posts the description of a presentation or media object identified by the request URL to a server. 

· When sent from server to client, ANNOUNCE updates the session description in real-time.

This method is optional. It may be needed if the content structure of the multimedia session changes in real-time, i.e. addition or deletion of streams during the session. 

4 Conclusion

For PSS service, we propose to adopt the IETF method set with following amendments: 

· the RTSP method DESCRIBE will be a required method and 

· use of Session Description Protocol (RFC2327) is basis of media initialisation. 

· REDIRECT method should be a recommended method, since we believe that it brings certain advantages in means of QoS handling in multi-server configurations. 

Method
Direction
Object
Requirement

PLAY
C->S
P,S
Mandatory

SETUP
C->S
S
Mandatory

OPTIONS
C->S, S->C
P,S
Mandatory  (S->C: optional)

TEARDOWN
C->S
P,S
Mandatory

DESCRIBE
C->S
P,S
Mandatory

PAUSE
C->S
P,S
Recommended

GET_PARAMETER
C->S, S->C
P,S
Optional

SET_PARAMETER
C->S, S->C
P,S
Optional

REDIRECT
S->C
P,S
Recommended

RECORD
C->S
P,S
Optional

ANNOUNCE
C->S, S->C
P,S
Optional


Table 2: Table of proposed PSS RTSP methods, their direction (C : Client, S : Server), what objects (P: presentation, S: stream) they operate on, and their requirement. The requirements in bold letters show the differences from RFC 2326.

We thus propose that the contents of Table 2 of this document is added to the 26.xxx, "PSS, Codecs and Protocols" to Section 5.4 as a table indicating the specified methods, and the justifying text in chapter 3.1 above is added to the end of the same specification as an Informative Annex. 

(Moreover, if the requirement levels of the methods cannot be agreed upon, having an informative annex in the TS would act as a basis for further discussion. Each of the methods would then be moved to the normative part when their requirement level can be agreed upon.)

