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END OF FIRST CHANGE

SECOND CHANGE

9.4.6
Reception Report Message

Once the need for reception reporting has been established, the MBMS receiver sends one or more Reception Report messages to the reception report server URI. All Reception Report requests and responses for a particular MBMS transmission should take place in a single TCP session using the HTTP protocol (RFC 2616 [18]).

The Reception Report request shall include the URI of the file for which delivery is being confirmed. URI is required to uniquely identify the file (resource).

The client shall make a Reception Report request using the HTTP (RFC 2616 [18]) POST request carrying XML formatted metadata for each reported received content (file). An HTTP session shall be used to confirm the successful delivery of a single file. If more than one file were downloaded in a particular MBMS download multiple reception reports shall be added in a single POST request.

Each Reception Report is formatted in XML according the following XML schema (sub-clause 9.5.3). An informative example of a single reception report XML object is also given (sub-clause 9.5.3.2).

Multipart MIME (multipart/mixed) may be used to aggregate several small XML files of reception reports to a larger object.

For Reception Acknowledgement (RAck) a receptionAcknowledgement element shall provide the relevant data.

For Statistical Reporting (StaR) one or more statisticalReport elements shall provide the relevant data.
Multiple reception reports can be aggregated together in order to reduce radio resources and HTTP transactions. In the case that sessions are close together as defined in sub-clause 9.4.4, two or more reception reports should be aggregated together at the client. There are two possible mechanisms for aggregating reception reports. In the case of StaR (StaR, StaR-all, StaR-only):
· a single reception report should contain multiple statisticalReport elements, each relating to a different serviceId.
· alternatively, multipart MIME (multipart/mixed) may be used to aggregate several reception report XML files.
In the case of RAck reporting:

· multipart MIME (multipart/mixed) may be used to aggregate several reception report XML files.
For both RAck and StaR/StaR-all (mandatory):

· For download, one or more fileURI elements shall specify the list of files which are reported. If the Content-MD5 value of the file is present in the FDT, it shall be provided in the Content-MD5 attribute in the reception report. Note, this allows unambiguous identification of the files. For RAck reporting, a clientID attribute, whose format is the same as that defined below for clientId under StaR/StaR-all/StaR-only, may be included. If present, it shall be included in at least the first instance the fileURI elements to allow identification of the client that has received the file(s) identified by all instances of the fileURI element in the RAck report.

· For the StaR-all mode only, a list of the number of received symbols and a list of the total number of source symbols shall be provided for failed blocks of the file, if any. Both lists are tabulated before any unicast file repair procedures. Thus, the lists are provided for failed files, and for successfully received files that required unicast file repair procedures.
For only StaR/StaR-all/StaR-only (all optional):

· Each fileURI element has an optional receptionSuccess status code attribute which defaults to "true" ("1") when not used. This attribute shall be used for StaR-all reports. This attribute shall not be used for StaR reports. This attribute is not relevant for StaR-only reports.
· Each QoE Metrics element has a set of attributes and any number of media level QoE Metrics elements. All attributes are defined in sub-clause 9.5.3 and correspond to the QoE metrics listed in sub-clause 8.4.2. Individual metrics, both at session and at media level can be selected via SDP as described in sub-clause 8.3.2.1.
· The sessionId attribute identifies the delivery session. If the sessionType is "download", sessionId is of the format source_IP_address + ":" + flute-tsi. If the sessionType is "streaming", sessionId is of the format source_IP_address + ":" + RTP_destination_port.

· The sessionStartTime and sessionStopTime attributes identifies the time when the session was started and stopped, respectively. The values of each attribute corresponds to the 32 most significant bits of a 64 bit Network Time Protocol (NTP) [78] time value  (i.e. the seconds part of the NTP time stamp format).  These 32 bits provide an unsigned integer representing the time in seconds relative to 0 hours 1 January 1900.  Handling of wraparound of the 32 bit time is outside the scope of NTP and FLUTE.
· The sessionType attribute defines the basic delivery method session type used = "download" || "streaming".
· The serviceId attribute is value and format is taken from the respective userServiceDescription serviceId definition.
· The clientId attribute is unique identifier for the receiver, e.g. an MSISDN of the UE as defined in [77].
· The serviceURI attribute value and format is taken from the respective associatedDeliveryProcedureDescription serviceURI, which was selected by the UE for the current report. This attribute expresses the reception report server to which the reception report is addressed.
END OF SECOND CHANGE

THIRD CHANGE

9.5.3.2
Example XML for the Reception Report Request

<?xml version="1.0" encoding="UTF-8"?>

<receptionReport xmlns="urn:3gpp:metadata:2008:MBMS:receptionreport"



xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"



xsi:schemaLocation="urn:3gpp:metadata:2008:MBMS:receptionreport receptionreport.xsd">


<receptionAcknowledgement>



<fileURI>http://www.example.com/mbms-files/file1.3gp</fileURI>



<fileURI>http://www.example.com/mbms-files/file2.3gp</fileURI>



<fileURI>http://www.example.com/mbms-files/file4.3gp</fileURI>


</receptionAcknowledgement>

</receptionReport>

A second example shows a statistical report for a streaming session.  Note that the cell used during the second measurement period is the same cell as was used during the first period (indicated by the "=" sign).

<?xml version="1.0" encoding="UTF-8"?>

<receptionReport xmlns="urn:3gpp:metadata:2008:MBMS:receptionreport"



xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"



xsi:schemaLocation="urn:3gpp:metadata:2008:MBMS:receptionreport receptionreport.xsd">


<statisticalReport 



clientId="clientID" 



sessionType="streaming" 



serviceURI="bmsc.example.com" 



serviceId="serviceID">



<qoeMetrics 




numberOfRebufferingEvents="0 1 0" 




initialBufferingDuration="3.213" 




totalRebufferingDuration="0 1.23 0"

            contentAccessTime="2.621"




sessionStartTime="3428397714"




sessionStopTime="3428397741"

            networkResourceCellId="240012AF134EA = 240012AF1325E">
            <medialevel_qoeMetrics





sessionId="10.50.65.30:5050"





framerateDeviation="0.345 0.250 0.123" 





t="false" 





numberOfSuccessiveLossEvents="5 0 3" 





numberOfCorruptionEvents="6 5 2" 





numberOfJitterEvents="0 1 0" 





totalCorruptionDuration="152 234 147" 





totalNumberofSuccessivePacketLoss="25 0 6"





numberOfReceivedPackets="456 500 478"





codecInfo="H263-2000/90000 = ="

            
codecProfileLevel="profile=0;level=45 = ="

            
codecImageSize="176x144 = ="





averageCodecBitRate="124.5 128.0 115.1"

            
totalJitterDuration="0 0.346 0"/>



</qoeMetrics>


</statisticalReport>

</receptionReport>

END OF THIRD CHANGE

