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1  Introduction

A few contributions have been introduced on videotelephony during the past meetings such as:
· D 326 : Features of a videotelephony service
· D 147 : International IP based video-telephony service (features)

· D 147 : International IP based video-telephony service (bit-rate limits on access networks)

The contribution D.326 was introduced as a draft Recommendation at last plenary meeting. One ITU-T member stated that the text should be improved. 

This contribution lists the main requirements to provide interoperability between services operated by various ISP or telecommunication providers on a national or international basis. 

2 Videotelephony
2.1 Business situation Spring 2006
In 2006, it can be seen that various terminals are available by browsing on the Internet. Video telephony Services are opened in a few countries. A few URLs are listed for information:

http://grandstream.com/y-gxv3000.htm
http://www.moldtelecom.md/services/videotelephony/en.html
http://www.provu.co.uk/ipvideo_wvp2100.html
http://www.btbroadbandtalk.bt.com/btbroadbandtalk-video.html
http://www.senao.com/product/driverdb/000092096/VT-3000.PDF
http://www.packet8.net/about/VIDEOPHONEFEATURESandBENEFITS.asp
Having a look to the features of the various videotelephone service or terminals show that we have important differences between them:
· A range of  bit rate is given but there is no indication about limitations

· There are generally no indication about QoS parameters

· There are 3 protocols which are referred to: SIP, H.323 and streaming

· There is no indications about audio levels 

· There is no indication about video settings (is gamma compensation implemented or not?)
If H.323 and SIP protocols are referred to, it is more astonishing to see a reference to streaming protocol for a real time application! Even more, interoperability can't be achieved.
2.2 Proposal for a New Recommendation

Interoperability between services and terminals is the main objective for ITU-T. However, the current documents don't allow service providers to launch videotelephony service which will offer interoperability on a national or international basis.

The following parts are spread in various documents or incomplete:
· Audio settings (sensitivity, level alignment, echo control…)

· Mandatory and optional audio codecs 

· Video settings for cameras and screens (video alignment, colorimetry, gamma compensation…)
· Mandatory and optional video codecs 

· Minimum Bit rate on access networks (ADSL, cable and fibre optics) and recommended values for higher bit rates.
· QoS values (average and maximum packet loss, maximum jitter, maximum delay…)

· Mandatory and optional C&I

· Numbering and addressing

· Interoperability with other networks such as PSTN/ISDN
2.3 Features which should be used 
The implementation of defined procedures such as Null Capset (Re invite for SIP) is often forgotten by videotelephone manufacturers. This feature is always used by videoconference manufacturers but it should not be omitted in videotelephones since it is a useful step for supplementary services such as call transfers.
2.4 Document structure

Since 2 systems might be used, i.e H.323 and SIP, 2 annexes could detail a few specific parameters.

3 Conclusion

In the context of the growing number of video telephone terminals and services, this contribution points out the need for a New Recommendation focusing on videotelephony features in order to provide smooth interoperability.
___________________________
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