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Abstract of the contribution: The collection of VoIP Metrics as defined in IETF RFC 3611 Real Time Control Protocol Extended Reports (RTCP XR) can assist in the detection and isolation of voice quality problems associated with audio sessions. This contribution describes how this capability can be supported in an IMS architecture.
1.0 Discussion

IETF RFC 3611 [1] defines an RTCP Extended Report Block called VoIP Metrics Report Block that contains detailed information related to the voice quality of the RTP session. The VoIP metrics report provides a set of performance metrics that can be helpful in diagnosing problems affecting call quality. RTCP XR is a media path reporting protocol, i.e., messages are exchanged between User Equipment or Media Gateways, however they may be captured by intermediate network probes or analyzers.

RFC 3611 defines the following:
· A mechanism for accumulating local VoIP metrics data based on RTP and RTCP packets received from remote party of the media session

· A mechanism for accumulating remote VoIP metrics based on the RTCP XR reports received from the remote party of the media session

· A new SDP attribute that enables a party involved in a media session to request a remote party to send RTCP XR reports
IETF draft-ietf-sipping-rtcp-summary-01 [2] defines a mechanism for reporting accumulated VoIP metrics to a centralized back-office collection function, using the SIP PUBLISH method. 
This discussion makes a distinction between the UE functions of collecting, responding and reporting VoIP metrics. The term "collecting" refers to the process of calculating and accumulating local VoIP metrics data and accumulating remote VoIP metrics data received in RTCP XR packets from the remote entity for a session.  The term "responding" is the sending of the accumulated local metrics data for a session in RTCP XR packets to the remote connected device as specified in RFC 3611. The term "reporting" refers to the process of reporting the accumulated local and remote VoIP metric data for the session from the collecting UE to the network in a PUBLISH method. 

An operator can configure the UE to enable or disable VoIP metrics reporting (the actual configuration mechanism is out-of-scope). When VoIP metrics reporting is enabled, the local UE will use SDP signaling as specified in RFC 3611 to ask the remote UE to start transmitting RTCP XR VoIP metrics data for the remote end of the connection. The local UE will accumulate a local and remote copy of the VoIP metrics data to be reported to the network when the session is ended. 

A UE will collect local VoIP metrics data for two separate reasons; when VoIP metrics reporting is enabled by the operator via UE configuration data, or when requested to collect VoIP metrics by the remote endpoint via SDP signaling. 
2.0 Component Impacts

The UE is the only component impacted for support for VoIP metrics. UE support of VoIP metrics is optional. 
If a UE supports VoIP metrics, and it receives an SDP "rtxp-xr" attribute with "voip-metrics" in its value field from a remote UE (in either an offer or an answer), then it shall send locally accumulated VoIP metrics data to the remote UE via the RTCP XR VoIP metrics block.
If a UE supports VoIP metrics, and if metrics reporting is enabled, then the UE shall request remote metrics from the remote UE by including an SDP “rtxp-xr" attribute with "voip-metrics" in its value field (in either an offer or answer). Also, the UE shall report the accumulated metrics in a PUBLISH method at the end of a session and when the session is reconfigured in any way. Examples of session reconfigurations are call transfers, conference joins, codec changes, and changes from one media type (e.g., voice) to another (e.g., voiceband data). The UE sends the PUBLISH method using normal IMS SIP routing procedures, as follows:

· the UE identifies the Public User Identity associated with the session in the request URI and sends the PUBLISH to its assigned P-CSCF, 
· the P-CSCF forwards the request to the S-CSCF identified in the Route header, and 
· the S-CSCF routes the message to the Application Server responsible for collecting VoIP metrics, based on the Initial Filter Criteria processing
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