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Foreword

This ETSI Standard (ES) has been produced by ETSI Technical Committee TISPAN NGN Services.

Introduction

The present document provides general requirements for videotelephony service. 

1
Scope

The purpose of this ETSI Standard is to define a user friendly pan European Generic Videotelephony Service over Next Generation Network, independent of the constraints of specific implementations.

The document compiles the existing videotelephony service standards as well as the relevant videotelephony service generic requirements which are necessary to give a seamless and consistent user experience on a pan European plane. 

This ETSI Standard aims at providing the minimum set of functions and performance parameters that will satisfy the basic users' needs and allow proper intercommunication on a European basis of videotelephony Services offered by different providers and with equipments from different manufacturers. Operators should be able to produce services that can be tailored to their particular markets.

The described services are studied from the user point of view (stage1).

Charging principles are outside the scope of the present document as well as protocol requirements, architecture requirements and terminal requirements.
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3
Definitions and abbreviations

3.1 Definitions

Audio Mute: State invokes by the Destination Party to not to be heard by the Originating Party. 

Busy State: A state where the user is already engaged in one or more connections and is not able to accept any further incoming communication.

Destination Party: Person who receives an incoming communication.

 IP Set Top Box: Device which allows television, Internet and telephony services.

Multipoint Videotelephony: Conference videotelephone communications with more than two participants.

Originating Party: Person who initiates an incoming communication.

Videophone:
Terminal allowing video communication.

Video Privacy: State invokes by one party to not to be seen by the other party.

Web Tablets: Portable, wireless computer workstations

3.2 Abbreviations

CIF



Common Intermediate Format

COIP



Connected Originating Identification Presentation

COIR



Connected Originating Identification Restriction
IP




Internet Protocol

NGN 



Next Generation Network

OIP



Originating Identification Presentation

OIR



Originating Identification Restriction

PCM



Pulse Coded Modulation

PDA



Personal Digital Assistant

QCIF



Quarter Common Intermediate Format

RTP



Real-time Transport Protocol
NGN



Next Generation Network

4
Service description

This Videotelephony Service allows multimedia conversational communications between two ore more users in different locations via Next Generation Networks. It provides real time bidirectional conversational transfer of audio, video or optionally other types of data.

The basic configuration is point to point between two terminals communicating through a bi-directional connection. This connection is usually symmetrical, but in special cases the media components present in each direction may be different, or they may be the same but with different bit rates and Quality of Service.

The service is applicable to dedicated terminal equipments (IP Videophone, IP Set Top Box, Web Tablets, PDA) or to Personal Computers.

The Videotelephony service needs to have a friendly user interface allowing an easy use in a family context.

The user shall be able to see the local video and far-end video. 

Videotelephony could be used in different situations, as for example: 

· face-to-face conversation with both audio and video,

· communication of speech and hearing impaired persons using sign language, 

· remote video surveillance (for home security inspection and unmanned baby-sitting for unattended kitset),

· transfer of moving scenes or documents with drawings and text,

· share of documents to work on their in real time,

· face-to-face conversation with simultaneous transfer of pictographical data such as images, documents and files of other kinds,

· remote consultation,

· remote diagnosis in telemedicine,

· participation in a videoconferencing.

4.1
Service options

The following applications may also be supported:

· visual guideline to assist the user to use the videotelephony service,

· transmission of other data such as documents, texts (Instant Messaging, chat, SMS), pictures, music, etc.,

· far-end camera control,

· conference,

· camera with adjustable shooting and zoom (additional cameras and microphones).

· When an external and an internal audio sources are used, the audio signal must be a mix of both and the user should manage it.

5
Procedures

5.1
Registration/Log-out

The videotelephony service shall either be provided on a subscription basis or, as a network option be generally available to all users without subscription. 

The videotelephony service can be withdrawn at the request of the user or for administrative reasons.

5.2
Communication phases

The communication phase for videotelephony service shall be as simple as those of legacy telephony.

5.2.1
Communication set-up

A dedicated information shall indicate to the user the communication status, in particular:

· video-audio mode: both users can see each other,

· mute mode: the user audio signal is not transmitted to the other party,

· video privacy mode: the user video signal is not transmitted to the other party,

The dedicated information can be a visual and/or an audible information.

Note: out of communications, the presence of a camera device can disturb the user. It should be may to hide it physically.

The detailed procedure of the communication establishment depends on the type of terminal used.

Basically the procedure shall be consistent with the existing procedure for a NGN terminal communication and shall be as simple as possible in order to achieve good acceptance:

· the originating party may perform a kind of "on/off hook" function (before or after connection request),

· the originating party indicates the Destination Identification,

· the originating party receives an acknowledgement that the network is able to process the communication,

· the destination party receives an indication of the arrival of an incoming videotelephony communication,

· the originating party receives an indication that the communication has been offered,

· the destination party chooses to be heard or/and to be seen by the originating party (audio mode or/and video mode),

· the destination party answers the communication,

· the bidirectional communication is established (opening of the RTP ports)

Two options shall be possible for the communication establishment: 

· the communication is first established in audio mode and then switches to in video mode,

· or either the communication is established directly in video-audio mode.

By default, the communication is first established in audio mode (to avoid any personal intrusion).

5.2.1.1
Communication setup in audio mode

In this mode, the communication shall be established first in audio mode and then only will change to video mode upon request of the participants.

5.2.1.2
Communication setup in video-audio mode

In this mode, the communication shall be established directly in video associated with audio: the originating party sees and hears the destination party right from the start of the communication as well as that the destination party sees and hears the originating party right from the start.

Speech and image shall be connected simultaneously and synchronised.

Independently of communication, it should always be possible to display the local image (PIP: Picture and PIcture function). 

If the received communication do not support video mode (for example if the communication is received from a legacy terminal), the originating party shall be informed by dedicated information his correspondent receives the call in audio mode.

5.2.2
Communication release

The procedure for terminating a communication shall be the same as for legacy telephony.

A request to terminate the videotelephony communication can be generated by either of the users. If one user terminates the communication, the other shall be given a dedicated indication.

The audio and video connections shall be simultaneously closed when the user hangs up or the network releases the connections. 

Then each users shall be able to set-up or receive another communication. 

5.3
Change of communication mode

5.3.1
Mute

Each party shall be able to mute the video and/or audio stream at at any time (before or during the communication).

5.3.2
Frozen

Each party shall be able to freeze the picture the terminal is sending to the remote. The remote videophone must display the frozen picture without blinks or impairments, even when the frozen picture is displayed on interlaced monitors such as TV screens.

The frozen image shall not be inversed (in order to read a document for example)

5.3.3
Audio/video

The user should be able to switch easily between audio and video communication, either off-line (pre-configuration) or during the communication.

During the modification request, the appropriate bearer should be selected to allow the right service with full transparency for user. During modification request the previous service should stay active without stopping the communication and the new service selected should be negotiated in background.

Contrary to switch video to audio mode, for switching audio to video mode both parties shall accept the video mode. The new service should be active, after acceptance for switching audio to video mode, and the first one should be shut down in background. The modification duration should be as short as possible and transparent from the user point of view.

5.3.4
External Source

The user should be able to change the video source during the call or off-line (before calling) in order to share audio/video with his correspondent. 

As soon as the user changes the video source, a dedicated information may warn the user that he has changes the source.

5.3.5
Quality

5.3.5.1
Network quality

The quality for video or audio may be adjusted by the network depending on the bandwidth available.

5.3.5.2
Video coding quality

During a communication, the user should be able to change the characteristic of videotelephony by means of adjusting available quality for audio and video in an audiovisual session. 

6
Quality of service requirements

The videotelephony service shall be able to perform lip-synchronization to an effect that there is no human perceptible asynchronism between audio and video.

6.1
Video quality

Four profiles are defined. Other enhancement or additional functions can be added.

	Profile
	Description

	A
	Basic Videotelephony: PCM or equivalent telephony audio, QCIF or CIF video with limited movements capability.

	B
	Enhanced Videotelephony: wideband audio, CIF video. The service should be usable for sign language and lip-reading and should provide adequate representation of the fluid movements of a person displayed in head and shoulders view. Facial expressions shall be clearly recognized. 

	C
	Television Broadcasting quality.

	D
	High Definition Television quality.


Tableau 1: Video quality profile

Note: This ETSI standard will define quality parameters for these 4 profiles. 

Following parameters shall be taken into account: Overall Delay, Delay Variation, Differential Delay between sound and image, Sound Quality, Image Quality, Echo Cancellation, Sensitivity to Packet Loss, etc.

6.2
Audio quality

The audio quality shall be as better as audio legacy services.

The user shall not be disturb by any echos. The videotelephony service shall be able to perform terminal-based echo-cancellation. 
7
Interworking considerations

For communications between NGNs, when the videotelephony service is invoked, the originating network shall provide the destination network a bidirectional real time transmission of voice together with motion video.

7.1
Interworking with IP telephony services

The communication between IP video terminal and IP telephone both connected on Next Generation Network shall be supported. 

The user can choose a screen on his terminal. If no screen is chosen, a default screen is displayed.

7.2
Interworking with PSTN telephony services

The communication between PSTN terminal and NGN terminal both connected on Next Generation Network should be supported. 

The user can choose a screen on his terminal. If no screen is chosen, a default screen is displayed.

7.3
Interworking with ISDN telephony services

The communication between ISDN terminal and NGN terminal both connected on Next Generation Network should be supported.

The user can choose a screen on his terminal. If no screen is chosen, a default screen is displayed.

8
Interactions with simulation services

The same spectrum of supplementary services supporting NGN Telephony is in principle applicable for Videotelephony. Please refer to [3].

Editors Note: This list needs updating to reflect the changes in the rest of the document.

8.1
Mandatory services

8.1.1
Originating Identification Presentation (OIP)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.1.2
Originating Identification Restriction (OIR)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.1.3
Terminating Identification Presentation (TIP)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.1.4
Terminating Identification Restriction (TIR)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.1.5
Malicious Communication Identification (MCID)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.1.6
Anonymous Communication Rejection (ACR)
The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.2
Strictly Recommended Services

8.2.1
Communication Diversion (CDIV)

In addition to the principles of the corresponding  PSTN/ISDN simulation service defined in [3] the following shall also apply

User A wishe to communicate with user B who has activated Communication Diversion towards user C. Users A and C have subscribed to videotelephony service, contrary to user B. If user C sets up a videotelephony communication with A, C shall be notified user B doesn't allowed videotelephony, If user B has subscribed to videotelephony service, a videotelephony will set up between C and B.

8.2.2
Communication Waiting (CW)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.2.3
Communication Hold (CH)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.2.4
Communication Baring (CB)
The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.2.5
Communication Completion on Busy Subscriber (CCBS)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.2.6
Follow Me (FM)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.2.7
Message Waiting Indication (MWI)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.3
Optional Services

8.3.1
Conference (CONF)
In addition to the principles of the corresponding  PSTN/ISDN simulation service defined in [3] the following shall also apply

A videotelephony service shall allow a conference service. If a correspondent's terminal doesn't allow videotelephony service, this conference shall be an audio conference for this correspondent and a video + audio conference for the other correspondents. 

A user shall be able to create a videoconference at any time during a communication.

If a Videostream is made available from the user who is talking, this videostream should be made available to all other correspondents.Sharing documents should be allowed during a videoconference.

8.3.2
Advice of Charge (AoC)

The principles of the corresponding PSTN/ISDN simulation service defined in [3] apply.

8.3.3
Explicit Communication Transfer (ECT)

In addition to the principles of the corresponding  PSTN/ISDN simulation service defined in [3] the following shall also apply

When the transferring User B, transfers a communaction between users A and B, to a communication to user C, which may be:

· Just requested, 

· In progress of being established, or

· Already established,

The resulting communication between user A to C shall become a Video Telephony communication if both communications A to B and B to C is established as a Video Telephony communication. Otherwise, if either of the two communications A to B or B to C is established as an Audio communication, the resulting communication between A and B will also be an audio communication.

Annex A: Terminal requirements (informative)

To be completed.
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�Deaf people cases should be clarified.


�Codecs negotiations are network independent. Should be clarified.
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