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===================== Start of next change =====================
16.2.9	Call setup time
The call setup time is measured on SIP level for originating calls (see ITU-T G-1028 [181] Table 3). It is defined as the time between the transmitted INVITE, and the reception of either "200 OK" or "180 RINGING" (whichever comes first). 

The syntax for the metric "Call_Setup_Time" is defined in sub-clause 16.3.2.
The measured call setup time shall be stored in the variable CallSetupTime. The unit of this metrics is expressed in milliseconds. The variable is reported by the MTSI client as part of the QoE report (sub-clause 16.4).
NOTE:	The reason for also using "180 RINGING" as an end-of-call-setup criteria is to compensate for the physical answering delay caused by the called user. Thus the metric measures the fastest possible call setup time, i.e. as if the called user had answered directly.
===================== Start of next change =====================
16.4.1	XML schema for QoE report message
<?xml version="1.0" encoding="UTF-8"?>
<xs:schema xmlns:xs="http://www.w3.org/2001/XMLSchema"
targetNamespace="urn:3gpp:metadata:2008:MTSI:qoereport" 
xmlns="urn:3gpp:metadata:2008:MTSI:qoereport" 
	elementFormDefault="qualified">
	<xs:element name="QoeReport" type="QoeReportType"/>

	<xs:complexType name="QoeReportType">
	<xs:sequence>
		<xs:element name="statisticalReport" type="starType" minOccurs="0"
		maxOccurs="unbounded"/>
		<xs:any namespace="##other" processContents="skip" minOccurs="0"
		maxOccurs="unbounded"/>
	</xs:sequence>
	<xs:anyAttribute processContents="skip"/>
	</xs:complexType>

	<xs:complexType name="starType">
	<xs:sequence>
		<xs:element name="mediaLevelQoeMetrics" type="mediaLevelQoeMetricsType" minOccurs="1"
		maxOccurs="unbounded"/>
	</xs:sequence>
	<xs:attribute name="startTime" type="xs:unsignedLong" use="required"/>
	<xs:attribute name="stopTime" type="xs:unsignedLong" use="required"/>
	<xs:attribute name="callId" type="xs:string" use="required"/>
	<xs:attribute name="clientId" type="xs:string" use="required"/>
    <xs:attribute name="qoeReferenceId" type="xs:hexBinary" use="optional"/>
    <xs:attribute name="recordingSessionId" type="xs:hexBinary" use="optional"/>

	<xs:anyAttribute processContents="skip"/>
	</xs:complexType>

	<xs:complexType name="mediaLevelQoeMetricsType">
	<xs:sequence>
		<xs:any namespace="##other" processContents="skip" minOccurs="0"
		maxOccurs="unbounded"/>
	</xs:sequence>	
	<xs:attribute name="mediaId" type="xs:integer" use="required"/>
	<xs:attribute name="totalCorruptionDuration" type="unsignedLongVectorType"
       	use="optional"/>
	<xs:attribute name="numberOfCorruptionEvents" type="unsignedLongVectorType"
       	use="optional"/>
	<xs:attribute name="corruptionAlternative" type="xs:string" use="optional"/>
	<xs:attribute name="totalNumberofSuccessivePacketLoss" type="unsignedLongVectorType"
		use="optional"/>
	<xs:attribute name="numberOfSuccessiveLossEvents" type="unsignedLongVectorType" 
       	use="optional"/>
	<xs:attribute name="numberOfReceivedPackets" type="unsignedLongVectorType" 
       	use="optional"/>
	<xs:attribute name="framerate" type="doubleVectorType" use="optional"/>
	<xs:attribute name="totalJitterDuration" type="doubleVectorType" use="optional"/>
	<xs:attribute name="numberOfJitterEvents" type="unsignedLongVectorType"
		use="optional"/>	
	<xs:attribute name="totalSyncLossDuration" type="doubleVectorType" use="optional"/>
	<xs:attribute name="numberOfSyncLossEvents" type="unsignedLongVectorType"
		use="optional"/>	
	<xs:attribute name="networkRTT" type="unsignedLongVectorType" use="optional"/>
	<xs:attribute name="internalRTT" type="unsignedLongVectorType" use="optional"/>
	<xs:attribute name="codecInfo" type="stringVectorType" use="optional"/>
	<xs:attribute name="codecProfileLevel" type="stringVectorType" use="optional"/>
	<xs:attribute name="codecImageSize" type="stringVectorType" use="optional"/>
	<xs:attribute name="averageCodecBitrate" type="doubleVectorType" use="optional"/>
	<xs:attribute name="callSetupTime" type="xs:unsignedLong" use="optional"/>
	

	<xs:anyAttribute processContents="skip"/>
	</xs:complexType>

	<xs:simpleType name="doubleVectorType">
	<xs:list itemType="xs:double"/>
	</xs:simpleType> 

	<xs:simpleType name="stringVectorType">
	<xs:list itemType="xs:string"/>
	</xs:simpleType> 

	<xs:simpleType name="unsignedLongVectorType">
	<xs:list itemType="xs:unsignedLong"/>
	</xs:simpleType>
</xs:schema>

[bookmark: _Toc26369459][bookmark: _Toc36227341][bookmark: _Toc36228356][bookmark: _Toc36228983][bookmark: _Toc68847302][bookmark: _Toc74611237][bookmark: _Toc75566516]16.4.2	Example XML for QoE report message
Below is one example of QoE report message, in this example the measurement interval is 20 seconds, the reporting interval is 5 minutes, but the call ends after 55 seconds.
<?xml version="1.0" encoding="UTF-8"?>
<QoeReport xmlns="urn:3gpp:metadata:2008:MTSI:qoereport"
	xmlns:xsi="http://www.w3.org/2001/XMLSchema-instance"
	xsi:schemaLocation="urn:3gpp:metadata:2008:MTSI:qoereport qoereport.xsd">
	<statisticalReport	
	startTime="1219322514" 
	stopTime="1219322569"
	clientId="clientID"	
	callId="callID">
    qoeReferenceId="240F512A"
    recordingSessionId="0001"
	<mediaLevelQoeMetrics 
		mediaId="1234"
		totalCorruptionDuration="480 0 120" 
		numberOfCorruptionEvents="5 0 2" 
		corruptionAlternative="a"
		totalNumberofSuccessivePacketLoss="24 0 6"
		numberOfSuccessiveLossEvents="5 0 2" 
		numberOfReceivedPackets="535 645 300"
		framerate="50.0 49.2 50.0" 
		numberOfJitterEvents="0 1 0" 
		totalJitterDuration="0 0.346 0"
		networkRTT="120 132 125"
		internalRTT="20 24 20"
            codecInfo="AMR-WB/16000/1 = ="
		averageCodecBitRate="12.4 12.65 12.7"
		callSetupTime="345"/>
	<mediaLevelQoeMetrics 
		mediaId="1236"
		totalCorruptionDuration="83 0 0" 
		numberOfCorruptionEvents="1 0 0" 
		corruptionAlternative="b"
		totalNumberofSuccessivePacketLoss="3 0 0"
		numberOfSuccessiveLossEvents="2 0 0" 
		numberOfReceivedPackets="297 300 225"
		framerate="14.7 15.0 14.9" 
		numberOfJitterEvents="0 0 0" 
		totalJitterDuration="0 0 0"
		numberOfSyncLossEvents="0 1 0" 
		totalSyncLossDuration="0 0.789 0"
		networkRTT="220 232 215"
		internalRTT="27 20 25"
            codecInfo="H263-2000/90000 = ="
            codecProfileLevel="profile=0;level=45 = ="
            codecImageSize="176x144 = ="
		averageCodecBitRate="124.5 128.0 115.1"
		callSetupTime="345"/>
	</statisticalReport>
</QoeReport>

