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7
Download Delivery Method
7.1
Introduction

MBMS download delivery method uses the FLUTE protocol (RFC 3926 [9]) when delivering content over MBMS bearers. MBMS download delivery method may use OMA PUSH [79] when delivering content over other UMTS bearers. Usage of FLUTE protocol is described in clause 7.2. The Usage of OMA Push is described in clasue 7.4. The FLUTE session set-up with RTSP is defined in clause 7.x.
FLUTE is built on top of the Asynchronous Layered Coding (ALC) protocol instantiation (RFC 3450 [10]). ALC combines the Layered Coding Transport (LCT) building block [11], a congestion control building block and the Forward Error Correction (FEC) building block (RFC 3452 [12]) to provide congestion controlled reliable asynchronous delivery of content to an unlimited number of concurrent receivers from a single sender. As mentioned in (RFC 3450 [10]), congestion control is not appropriate in the type of environment that MBMS download delivery is provided, and thus congestion control is not used for MBMS download delivery. See figure 10 for an illustration of FLUTE building block structure. FLUTE is carried over UDP/IP, and is independent of the IP version and the underlying link layers used.
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Figure 10: Building block structure of FLUTE

ALC uses the LCT building block to provide in-band session management functionality. The LCT building block has several specified and under-specified fields that are inherited and further specified by ALC. ALC uses the FEC building block to provide reliability. The FEC building block allows the choice of an appropriate FEC code to be used within ALC, including using the no-code FEC code that simply sends the original data using no FEC coding. ALC is under-specified and generally transports binary objects of finite or indeterminate length. FLUTE is a fully-specified protocol to transport files (any kind of discrete binary object), and uses special purpose objects - the File Description Table (FDT) Instances - to provide a running index of files and their essential reception parameters in-band of a FLUTE session.

**************** Next Modification ****************
7.5
FLUTE session setup and control with RTSP
7.5.1
Introduction
In case the MBMS User Service contains MBMS Streaming and MBMS Download delivery sessions, it may be beneficial to control all flows with RTSP. The prime use case of FLUTE session set-up and control with RTSP is for sending MBMS streaming associated presentation data.
7.5.2
SDP handling

The FLUTE specific SDP extensions are defined in clause 7. For the FLUTE session establishment using RTSP, a control URI as defined in [89] shall be present for the FLUTE media description. Note, a control URI is defined by the "a=control:" SDP field according to [89]

7.5.3
RTSP SETUP Method

The control URI as defined in [89] shall be present for each FLUTE media description in the SDP. The control URI is used within the RTSP SETUP method to establish the described FLUTE sessions.

The RTSP transport protocol specifier for FLUTE as defined in [89] shall be "FLUTE/UDP". One and only one UDP port is allocated for each FLUTE channel. 

The following RTP specific parameters shall be used in the transport request and responds header for FLUTE sessions:

· client_port: This parameter provides the unicast FLUTE port(s) on which the client has chosen to receive FLUTE data. 

· server_port: This parameter provides the unicast FLUTE port(s) on which the server has chosen to send data. 

7.5.4
RTSP PLAY Method

The PLAY method tells the server to start sending data including FLUTE session data as defined in [89]. The RTSP server forwards the FLUTE packets as according by the RTSP range header in the RTSP PLAY. 

Only ntp and clock range units may be used with the "Range" headers. Normal Play Time (NPT) indicates the stream absolute position relative to the beginning of the presentation. The NPT consists of a decimal fraction.The clock range header describe the absolute time expressed as ISO 8601 timestamps, using UTC (GMT).

7.5.5
RTSP PAUSE Method

The PAUSE request causes the stream delivery including all FLUTE sessions to be interrupted (halted) as defined in [89].

7.5.6
RTSP Teardown method

The TEARDOWN client to server request stops the stream delivery including all FLUTE data delivery for the given URI, freeing the resources associated with it. Details for the TEARDOWN method are defined in [89]
**************** End of Modifications ****************
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