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Introduction
The delivery of TV services over MBMS using a Transport session allows for the delivery of TV services unmodified in their original format. A transport session is configurable through the xMB interface, allowing the following options:
· BM-SC performs the session announcement or Content Provider performs the session announcement
· Forward-only or Proxy mode for data delivery
Currently, there is no support for these options in the procedures of the BM-SC. The AE_enTV work item has as one of its objectives the definition of the required procedure extensions at the BM-SC to provide support for transport sessions. 
A key task to enable transport sessions is the specification of a delivery method that supports both data delivery modes, fulfill the requested QoS requirements by the content provider, as well as being flexible enough to accommodate future extensions.
Delivery Method
A content provider that uses the xMB interface to deliver its TV services over mobile broadcast is interested in meeting the QoS requirements that it set for the delivery in the target geographical area, while at the same time ensuring integrity of its content. The content provider is not likely to be interested in the details of the MBMS delivery and as such has the choice of delegating most of the functionality to the BM-SC. The Proxy mode allows the content provider to delegate the creation/sourcing of the multicast traffic to the BM-SC. Alternatively, it may pick the forward-only mode and assume responsibility for creating the multicast traffic itself. 
When using the Forward-only mode, the BM-SC decapsulates the DTLS records and extracts the multicast UDP packets at each of these records. It then forwards these packets to the UEs without modification. 
When using the Proxy mode, the BM-SC decapsulates the DTLS records and packs the payload of each DTLS record in a newly created multicast UDP datagram that it delivers to the UEs. 
The content provider may specify the following set of QoS parameters for the delivery over MBMS:
· Max ingest bitrate: indicates the requested bitrate excluding FEC and transport overhead. 
· Max delay: indicates the maximum delay that the MBMS system should add from the time the packet is received by the BM-SC to the time when the packet is received by the MBMS client.
Other parameters may be provided in the future. 
In order to fulfill these QoS requirements, the new delivery method needs a set of tools that will allow the BM-SC and MBMS client to ensure the QoS requirements but at the same time maintaining the integrity of the content provider’s streams. The following tools will be required:
· Identifier of each UDP datagram
· Delivery timestamp of each UDP datagram
· Transport buffer model
· Feedback about QoS measurements
These enablers will allow the BM-SC and the MBMS client to configure the delivery to meet the bitrate and delay requirements that are currently supported by the xMB interface to the content provider. It will also allow future extensions such as the support of FEC protection. 
A framing protocol is introduced to encapsulate the service payload before packing into a UDP datagram. The following diagram shows the protocol stack for the Transport Framing protocol:
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Figure 1 Reference Protocol Stack for Transport Sessions
The Transport Framing is applied irrespective of whether the forward-only or the proxy mode is used as it serves the evaluation of the QoS parameters at the MBMS client side. The BM-SC should inform or agree on the PMTU with the content provider to ensure that the service payload fits within a transport frame in a single UDP datagram without enforcing any IP fragmentation. The Transport Framing uses the following framing protocol header:
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The packet sequence number is a 32 bit integer that starts with a random offset for the first packet in the transport session and is incremented by 1 for each following packet. More precisely, the sequence number space is shared among all UDP/IP packets that share the same source and destination IP addresses irrespective of the source and destination port numbers.
The NTP short format timestamp is a timestamp that indicates the UTC timestamp at the time of transmission of this packet by the BM-SC. The format is defined in RFC 5905.
In release 14, the client shall measure the experienced delay and report it back to the BM-SC by measuring the time at the reception of every packet. The reporting shall happen periodically, where the period and the reporting location is indicated by the service announcement. 
Transport Buffer Model
A transport buffer model is used by the BM-SC to emulate the behavior of the UE and to ensure the target bitrate and max delay constraints are maintained. The buffer model applies to all framed payload of all UDP/IP packets that share the same (source IP, destination IP) address pair. 
The following figure depicts the transport buffer model:
Transport Buffer
Pkt (#n,t)
Pkt
Pkt
Pkt

Figure 2. Transport Buffer
The transport buffer operation is as follows:
1. The transport buffer (TB) is initially empty
2. Define max_buffer_size and min_buffer_delay (< max_delay) as the QoS parameters provided by the content provider 
3. For incoming packet with timestamp ts, size s, and sequence number n
a. if size(TB)+s<max_buffer_size, insert packet into transport buffer
b. otherwise, discard packet n
4. for each packet pkt in buffer TB, 
a. if timestamp(pkt)+min_buffer_delay>=now, remove and forward packet pkt
5. Goto step 3
The characteristics of the transport buffer, i.e. the max_buffer_size and the min_buffer_delay are to be signaled as part of the service announcement. The UEs shall provide a buffer with at least the indicated buffer size and should ensure that packets are removed from the buffer in a timely manner, not to exceed max_delay.
Service Announcement
The content provider may either perform service/session announcement by itself or rely on the BM-SC to do so. However, in both cases the service announcement requires information from the content provider and from the BM-SC to compile the service announcement. Furthermore, some of these information is needed by the MBMS client and some will be needed by the application. In general, information coming from the content provider is needed at the application and information coming from the BM-SC is required at the MBMS client. 
The following parameters are needed by the MBMS client:
· Source IP address, destination IP address, and destination port number 
· TMGI
· availabilityInfo
· timing information
· transport buffer information
The following information is needed by the application:
· media stream protocol over UDP
· timing information
· any additional media parameters
Missing information in the USD and SDP for delivery over MBMS or through the xMB needs to be added.
Proposal
We propose to define a new delivery method that is tailored for transport sessions and able to accommodate the requested QoS by the content provider. We also propose the definition of a minimalistic service announcement 
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