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Abstract of document:

IMS Multimedia Telephony is a standardized IMS telephony service in 3GPP Release 7 that builds on the IMS capabilities already provided in 3GPP Releases 5 and 6. The objective of defining a service is to specify the minimum set of capabilities required in the IP Multimedia Subsystem to secure multi-vendor and multi‑operator inter-operability for Multimedia Telephony and related Supplementary Services. While the user experience of multimedia telephony is expected to have some similarity to existing telephony services, the richer capabilities of IMS is exploited. In particular, multiple media components can be used and dynamically added or dropped during a call.
The scope of the present document is to specify media handling and interaction, which includes media control, media codecs, as well as transport of media and control data.
The present document specifies a client for the Multimedia Telephony Service for IMS (MTSI) supporting conversational speech, video and text with the scope to deliver a user experience comparable to that of CS conversational services using the same resources. It defines media handling, e.g., signalling, transport, buffer handling, packet-loss handling, adaptation, etc., and interactivity, e.g., adding or dropping media during a call. The focus is to ensure a reliable and interoperable service with a predictable media quality, while allowing for flexibility in the service offerings.

The scope includes maintaining backward compatibility in order to ensure seamless inter-working with existing services available in the CS domain, such as CS speech telephony and 3G-324M video telephony, as well as with terminals of earlier 3GPP releases. In addition, inter-working with traditional POTS and emerging TISPAN network is covered.

The specification is written in a forward-compatible way in order to allow additions of media components and functionality in releases after Release 7. 
Changes since last presentation:

This specification has now been completed, and is presented to TSG SA Plenary for approval.

The agreed functional requirements for the speech JBM guarantee appropriate management of jitter which shall be the same for all speech JBM implementations used in MTSI clients. In Annex D the reference jitter management (JBM) algorithm is described. It is written in pseudo code and is non-causal; hence non-implementable. The purpose of this algorithm is to define an "ideal" behaviour which all jitter buffers used in MTSI should strive to mimic. 
The zip-archive "JBM_evaluation_files.zip" shall be used for evaluation of a JBM against the minimum performance requirements. The data is stored as RTP packets, formatted according to "RTP dump" format. The input to these files is AMR or AMR-WB encoded frames, encapsulated into RTP packets using the octet-aligned mode of the AMR RTP payload format.

The attached profiles in the zip-archive "delay_and_error_profiles.zip" are formatted as raw text files with one delay entry per line. The delay entries are written in milliseconds and packet losses are entered as "-1". Note that when testing for compliance, the starting point in the delay and error profile shall be randomized.
Outstanding Issues: 
None.

Contentious Issues:

None.
Comment(s): None.
