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1 Introduction

A new work item on "Media Handling Aspects of IMS-based Telepresence" (IMS_TELEP_S4) as defined in SP-140483.zip was approved during SA#65 in September 2014. 

Among the objectives of the work item to study on the media handling aspects of IMS-based telepresence in 3GPP services in the context of the following:
· Requirements and guidelines for media adaptation in IMS-based telepresence, for example in response to changes of network bandwidth
· Study and evaluation of end-to-end quality of experience (QoE) for IMS-based telepresence use cases for various codec, media handling and QoS configurations 
During SA4#82, various technical gaps with respect to media handling aspects of telepresence systems from ITU-T SG 16 were identified and documented in TR 26.923. This contribution identifies some further gaps based on ITU-T H.TPS-AV “Audio/video parameters for telepresence systems”, proposed to be included in TR 26.923 for IMS_TELEP_S4.
2 Further Media Handling Aspects of Telepresence Systems from ITU-T SG16
In [R1], the audio/video/environment endpoint parameters for telepresence systems are defined, including those which are used in the media setup phase during capability negotiation, and [R1] also gives the specific format definitions for these parameters. Collectively, these audio/video parameters and their associated values can be expected to provide a high quality telepresence experience and are relevant for 3GPP’s IMS-based telepresence services from a media handling point of view. Furthermore, guidance is provided in [R1] on the need for signalling these parameters at session initiation and during a session.
As far as possible, the audio/video parameters defined in [R1] have been aligned with those specified by the IETF CLUE Working Group. However, there are several additional parameters that have also been specified. The set of parameters defined by ITU-T SG16 in [R1] that are relevant for 3GPP’s IMS-based telepresence services are documented below, and with also an indication their relationship to IETF CLUE. 
2.1 Capture Related Parameters
2.1.1 General Parameters

	Parameter
	Need for signalling at session initiation
	Need for signalling during session
	Remarks

	media Type
	Y
	Y
	See the ' CapturedMedia ' attributes in IETF CLUE data model schema [11].

	captureScene description
	Y
	Y
	See the “Description" attribute in 7.2.1 of IETF CLUE framework [8].

	sceneView description
	Y
	Y
	See the “Description" attribute in 7.2.2 of IETF CLUE framework [8].

	Lang
	Y
	N
	See "Language" in IETF CLUE framework [8].

	Priority
	Y
	Y
	See "Priority" in IETF CLUE framework [8].

	Embeddedtext
	Y
	Y
	See "Boolean" in IETF CLUE framework [8].

	relatedTo
	Y
	Y
	See "Related to" in IETF CLUE framework [8].

	Presentation
	Y
	Y
	See "Presentation" in IETF CLUE framework [8].

	personInfo
	Y
	Y
	As per clause 7.1.1.11 in IETF CLUE framework [8].

	personType
	Y
	Y
	As per clause 7.1.1.12 in IETF CLUE framework [8].

	sceneInformation
	Y
	Y
	As per clause 7.3.1.1 in IETF CLUE framework [8].

	mediaCapture description
	Y
	Y
	See the “Description" attribute in clause 7.1.1 of IETF CLUE framework [8].

	captureScene scale
	Y
	N
	See "Area Scale" in IETF CLUE framework [8].

	mediaCapture mobility
	Y
	N
	See "Mobility of capture" in IETF CLUE framework [8].

	mediaCapture view 
	Y
	Y
	See "View" in IETF CLUE framework [8].

	maxGroupBandwidth
	Y
	N
	See "maxGroupBandwidth" in IETF CLUE framework [8].

	Simulcast
	Y
	Y
	Telepresence systems may provide multiple encodings for the one capture through a technique known as simulcast. For example, this may be achieved by sending multiple video coding streams with different characteristics to allow a receiving endpoint to choose the stream that meets its needs.


2.1.2 Visual parameters

	Parameter
	Need for signalling at session initiation
	Need for signalling during session
	Remarks

	colorGamut
	Y
	N
	This parameter indicates the Colour Gamut used in a Telepresence Video Stream. Signalled as part of the codec information, e.g. in H.264 and H.265 SEI.

	lumaBitDepth
	Y
	N
	This parameter indicates the bit depth of the luma samples in a digital picture. Signalled as part of the codec information, e.g. in H.264 and H.265 SEI.

	chromaBitDepth
	Y
	N
	This parameter indicates the bit depth of the chroma samples in a digital picture. Signalled as part of the codec information, e.g. in H.264 and H.265 SEI.

	effectiveResolution
	N
	N
	This parameter indicates effective resolution of a rendered video stream as perceived by the viewer. Not signalled.

	captureArea
	Y
	Y
	See "Area of Capture" in IETF CLUE framework [8].

	capturePoint
	Y
	Y
	See "Point of Capture" in IETF CLUE framework [8].

	lineOfCapturePoint
	Y
	Y
	See the "Point on line of Capture" attribute in IETF CLUE framework [8].

	maxVideoBitrate
	Y
	Y
	This parameter indicates the maximum number of bits per second relating to a single video encoding and is signalled in the SDP. See “max-mbps” in IETF RFC 6184 [R2] and “CustomMaxMBPS” in ITU-T H.241 [R3].

	maxWidth
	Y
	N
	This parameter indicates the maximum video resolution width in pixels and is signalled in the SDP. See “horizontal image size” in IETF RFC 6236 [R4] and “CustomPictureFormat”  in ITU-T H.245 [R5].

	maxHeight
	Y
	N
	This parameter indicates the maximum video resolution width in pixels and is signalled in the SDP. See “vertical image size” in IETF RFC 6236 [R4] and “CustomPictureFormat” in  ITU-T H.245 [R5].

	maxFramerate
	Y
	N
	This parameter indicates the maximum video framerate and is signalled in the SDP. See "framerate" in IETF RFC 4566 [R6] and “MaxFPS” in ITU-T H.241 [R3].


2.1.3 Audio parameters

	Parameter
	Need for signalling at session initiation
	Need for signalling during session
	Remarks

	Audio capturePoint
	Y
	Y
	See "Point of Capture" in IETF CLUE framework [8].

	Audio lineOfCapturePoint
	Y
	Y
	See the "Point on line of Capture" attribute in IETF CLUE framework [8].

	Audio sensitivityPattern
	Y
	Y
	See the "Audio Capture Sensitivity Pattern" attribute in IETF CLUE framework [8].

	maxAudioBitrate
	Y
	Y
	This parameter indicates the maximum number of bits per second relating to a single audio encoding and signalled in the SDP. See “bandwidth” in IETF RFC 4566 [R6] and “maxBitRate” in ITU-T H.245 [R5].

	nominalAudio Level
	
	
	This parameter indicates the nominal audio level sent in the Telepresence audio stream. See ITU-T H.245 [R5]

	dynamicAudioLevel
	N
	Y
	This parameter indicates the actual audio level sent in the Telepresence audio stream as it varies as a function of time, and may be signalled in the RTP header extension. See IETF RFC 6464 [R7]


2.1.4 Delay parameters

	Parameter
	Need for signalling at session initiation
	Need for signalling during session
	Remarks

	endToEndVideoDelay
	N
	N
	This parameter indicates the one-way end to end delay (camera lens to video display) of the video media sent between two Telepresence terminals. In order to provide a high QoE telepresence experience to end-users, telepresence systems, it is desirable for the end to end video delay to be less than 320 milliseconds. Not signalled.

	endToEndAudioDelay
	N
	N
	This parameter indicates the one-way end to end delay (mouth to ear) of the audio media sent between two Telepresence terminals. In order to provide a high QoE telepresence experience to end-users, telepresence systems, it is desirable for the end to end audio delay to be less than 280 milliseconds. Not signalled.

	audioVideoSynchronization
	N
	N
	This parameter indicates the synchronization between an audio and the corresponding video media stream (EndtoEndVideoDelay-EndtoEndAudioDelay). In order to provide high QoE telepresence services to end-users, telepresence systems should maintain synchronization within 40 and -60 milliseconds (i.e. synchronization error is less than 40 ms if the audio stream is ahead of the video stream and less than 60 ms if the video stream is ahead of the audio stream).Not signalled.


2.1.5 Multiple Source Capture Parameters

	Parameter
	Need for signalling at session initiation
	Need for signalling during session
	Remarks

	multContentCapture
	Y
	Y
	See the ' Multiple content capture ' in IETF CLUE framework [8].

	MCC sources
	Y
	Y
	See the ' Multiple content capture ' in IETF CLUE framework [8].

	MCC maxCaptures
	Y
	Y
	See the ' Maximum Number of Captures within a MCC ' MCC attribute in IETF CLUE framework [8].

	MCC policy
	Y
	Y
	See the ' Policy ' MCC attribute in in IETF CLUE framework [8].

	MCC synchronizationID
	Y
	Y
	See the ' Synchronisation Identity ' MCC attribute in IETF CLUE framework [8].


2.2 Telepresence system environment parameters

	Parameter
	Need for signalling at session initiation
	Need for signalling during session
	Remarks

	illuminantType
	Y
	Y
	This parameter describes the profile of the visible light at a telepresence endpoint. May need to be signalled if lighting changes during session. Signalling is based on Annex E of ITU-T H.264 [R8] and Annex E of ITU-T H.265 [R9].

	illuminantCRI Index
	Y
	Y
	This parameter describes the colour rendering index (CRI) of the visible (ambient) light at the telepresence endpoint. Signalling is based on Annex E of ITU-T H.264 [R8] and Annex E of ITU-T H.265 [R9].

	illuminantColourTemperature
	Y
	Y
	This parameter describes the correlated colour temperature (CCT) of the visible (ambient) light at the telepresence endpoint. Signalling is based on Annex E of ITU-T H.264 [R8] and Annex E of ITU-T H.265 [R9].


3 Proposal
It is proposed to adopt Section 2 into the TR for the IMS_TELEP_S4 work item.
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