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List of Questions to be studied by ITU-T Study Group 16 
during the 2001 – 2004 Study Period

	Question
	Title

	A/16
	MediaCom 2004

	B/16
	Multimedia Architecture

	C/16
	Multimedia applications and services

	D/16
	Interoperability of Multimedia Systems and Services

	E/16
	Media coding

	F/16
	Quality of Service and End-to-end Performance in Multimedia Systems

	G/16
	Security of Multimedia Systems and Services

	H/16
	Accessibility to Multimedia Systems and Services

	I/16
	Use of public telecommunication services for emergency and disaster relief operations

	J/16
	Multimedia framework for e-health applications

	K/16
	Mobility for Multimedia Systems and Services

	1/16
	Multimedia systems, terminals and data conferencing

	2/16
	Multimedia over packet networks using H.323 systems

	3/16
	Infrastructure and interoperability for Multimedia over packet networks

	4/16
	Video and data conferencing using Internet-supported services

	5/16
	Control of NAT and firewall traversal for multimedia systems

	6/16
	Advanced video coding

	7/16
	Wideband coding of speech at around 16 kbit/s

	8/16
	Encoding of speech signals at bit rates around 4 kbit/s

	9/16
	Variable bit rate coding of speech signals

	10/16
	Software tools for signal processing standardization activities and maintenance of existing voice coding standards

	11/16
	Voiceband Modems: Specification and Performance Evaluation

	12/16
	DCE-DCE Protocols for the PSTN and ISDN

	13/16
	DTE-DCE Interfaces and Protocols

	14/16
	Facsimile terminals (Group 3 and Group 4)

	15/16
	Distributed Speech Recognition (DSR) and Distributed Speaker Verification (DSV)


SG 16 work programme - Relations between Framework Study Areas (FSA), "vertical" Questions and priorities

SG 16 has identified three "priority issues" in its work: Multimedia as related to "Mobility", to "IP" and to the convergence between Conversational Multimedia and Interactive Broadcasting. However, these currently identified priority issues do not restrict the study of other multimedia content not falling into the category of the SG 16 priority issues, nor does it mean that SG 16, in the course of its further studies, may not modify its current priority issue list.

	
	
	
	
	Priority issues
	

	
	FSAs
	Framework Question
	Mobility


	IP
	Interactive broadcasting

	Q.A
	Architecture
	Q.B
	1, 2, 3, 5, 12, 13, 14
	2, 3, 11, 12, 13, 14
	

	
	Applications and Services
	Q.C
	1, 2, 3, 5, 12, 13, 14
	2, 3, 4, 11, 12, 13, 14
	

	
	Interoperability
	Q.D
	1, 2, 3, 5, 12, 13, 14
	2, 3, 4, 11, 12, 13, 14
	

	
	Coding
	Q.E
	6, 7, 8, 9, 10, 12, 14
	6, 7, 8, 9, 10, 12, 14
	6, 7, 10, 12

	
	QoS and Performance
	Q.F
	2, 3, 5
	2, 3, 4, 11
	

	
	Security
	Q.G
	2, 3, 4, 12, 13, 14
	2, 3, 4, 11, 12, 13, 14
	

	
	Accessibility
	Q.H
	2, 3, 4, 12, 13, 14
	2, 3, 4, 11, 12, 13, 14
	


Question A/16 - Mediacom 2004

(Continuation of Questions 16/16 and 17/16)

Background and justification

Noting that:

•
global standards and harmonized regulations are essential for an effective and democratic Information Society, and consistent multimedia systems and services are part of the core in this Information revolution; 
•
many standards development organizations (SDOs) and industry forums are developing multimedia standards;
•
the present convergence trends are bringing further overlaps in standardization work and, as a consequence, introduce the need for costly and complex gateways to maintain end-to-end interoperability;

•
the rapid increase in diversity of services and systems increases the possibility of confusion amongst users;
•
it is necessary to develop a standards framework for multimedia applications, services and systems.

SG 16 has established the project Mediacom 2004 to create a framework for the harmonized and coordinated development of multimedia communication standardization for use across all ITU-T and ITU-R Study Groups, and in close cooperation with other regional and international SDOs and industry forums.
The objective of this Question is to manage the development and progress of this project. The technical studies will be addressed in the Questions corresponding to the standardization areas identified in the Mediacom 2004 framework, and the other technical Questions in the study group.

Study items

•
Continuing development and updating of the Mediacom framework and associated documentation.

•
Development and maintenance of a database (web-based) of existing and planned multimedia standards. This includes standards developed by ITU-T and ITU-R, and also those developed by other SDO and industry forums.

•
Development and maintenance of a multimedia standards Issue List which will aim to identify standardization issues of concern to ITU-T members e.g. areas of overlapping standardization activity or areas where some standardization activity is required.

•
Development and maintenance of a multimedia glossary and acronym list.

Specific task objectives 

•
Managing the areas of common activity.

•
Define and implement a management structure including a Multimedia Standards Steering Committee involving all interested organizations, initiated with a Workshop taking place as soon as possible after the WTSA and at the latest by the first half of 2001.

•
Document and agree the processes for coordination.

•
Using the coordination processes, including the Steering Committee, negotiate with the relevant bodies to ensure that overlapping efforts are avoided, all required standards are being addressed, and the need for gateways to ensure end-to-end interoperability is minimized.

•
Continued progress on the above study items.

Relationships
•
ITU-T SGs 2, 3, 7, 8, 9, 11, 12 and 13 for coordination of their multimedia related studies.

•
ITU-R SGs 10 and 11.

•
ISO/IEC (SC 29 MPEG and others), IETF, IMTC, ATMF, TV Anytime, MPEG4 Industry Forum, W3C, 3GPP, 3GPP2.

Question B/16 - Multimedia Architecture

Background and justification

The work on multimedia standardization has resulted in the definition of a number of systems, all of which conform to a common architectural model at the highest level, but show significant divergence at levels of greater detail. Recommendation H.245 represents a first step toward development of reusable system components within the multimedia architecture. Further steps in this direction are to be encouraged, and at the same time recent work on gateway decomposition has suggested that the architecture of H.245 itself should be reviewed. H.323 has introduced innovative architectural elements, particularly the Gatekeeper, and the implications of these innovations for further work on multimedia systems should be explored. Looking beyond Study Group 16, the linkage with architectural activities in other study groups (particularly Study Group 13) and other organizations has been weak; it is desirable that this linkage be strengthened through explicit assignment of responsibility for ensuring that multimedia system architecture is consistent with the architecture of the broader communications network.

In summary, the objective of this Question is to ensure that the work of multimedia standardization under Mediacom 2004 takes place within an architectural framework which promotes integrity of system design, scalability of solutions, reuse of system components, and consistency with the architecture of the broader telecommunications network.

Study items

This Question shall have the following responsibilities:

•
creating and maintaining a living architectural framework document to provide guidance to individual multimedia projects within ITU-T and ITU-R;

•
recognizing and responding to issues of architectural policy raised in the course of execution of individual multimedia projects;

•
recognizing and negotiating a resolution to any inconsistencies between the multimedia architectural framework and other architectural work within ITU-T and ITU-R;

•
coordinating the work on multimedia architecture with related work being performed in other SDOs and industry forums.

Specific task objectives with expected time-frame of completion

•
Documentation of architectural assumptions made by previous work on multimedia standardization (H- and T-series Recommendations): early 2001.

•
First draft of multimedia architectural framework: mid 2001.

•
Recommendations for evolution of H.245: mid 2001.

•
Identification of inconsistencies between the multimedia architectural framework and architectural work carried out in other study groups and other bodies: late 2001.

•
Negotiation of resolution of inconsistencies and updating of the multimedia architectural framework: ongoing.

Relationships

•
Other Questions of Study Group 16.

•
Multimedia-related studies in Study Groups 8 and 9.

•
Multimedia-related studies in ITU-R.

•
Architectural Questions in other study groups, particularly Study Group 13.

•
IETF (particularly the Applications and Transport Areas).

•
The ATM Forum (particularly the RMOA Working Group).

•
ISO/IEC SC 29 MPEG.

•
Architectural groups within regional telecommunications standardization bodies (in particular, WG 2 of ETSI TIPHON).

Question C/16 - Multimedia applications and services 

(Continuation of part of Questions 1 and 2/16)

Background and justification

ITU-T Study Group 16 has successfully established H.300- and T.120-series system Recommendations largely for real-time video and data conferencing applications in various network environments. Based on these systems, we can configure other applications such as distance learning, telemedicine, satellite offices where additional sets of specifications would be required to make different systems interoperable. It is noted that utilization of rich IP supported services together with the audiovisual functionalities would play an important role in these applications. 

Furthermore there is a wide range of multimedia services other than multimedia conferencing which are dealt with inside and outside ITU. There is a need for standardized international multimedia applications and services which will fully meet evolving user needs and guarantee the compatibility of multimedia systems and terminals on a worldwide basis. Across different networks SG 16 has developed a general methodology for description of services as F.700 and applied it to F.700-series service Recommendations. The user requirements are captured through specific application scenarios and a modular approach facilitates evolution and interoperability.

This Question is motivated to study a consistent approach for various generic multimedia applications and services taking into consideration the increasing technical convergence of the telecommunications, television and computer fields and to apply it specifically to the applications and services developed by SG 16.

Study items

•
Identify multimedia services and applications studied by ITU and other bodies and produce a map of their interrelationship.

•
Identify priorities to respond to the market demand.

•
Identify missing and overlapped areas.

•
Harmonize development of multimedia applications and services with that of network services. 

•
Apply the general service description methodology defined in F.700 to all the multimedia services.

•
Extend this methodology to generic applications.

•
Identify the services and applications to be explored by SG 16.

•
Define the scope of those services and applications under SG 16 responsibility.

•
Define the requirements for those services and applications under SG 16 responsibility which contribute to development of the specification.

•
Study the requirements for metadata in real-time multimedia communications, and ensure the development of appropriate standards in cooperation with other relevant SDOs.
NOTE - The service description should not cause unnecessary constraints. They should provide the minimum characteristics for the terminals and systems to support the service, but allow service providers to add any enhancement they wish to offer to their customers.

Specific task objectives with expected time-frame of completion

•
Production of an initial map of multimedia services and applications: early 2001.

•
Update of the map: 2002-4.

•
Production of the scope and requirements capture for the services and applications under SG 16 responsibility: 2001.

•
Creation of F-series Recommendations on F.MRS (retrieval services (NOTE 1)), F.MDS (distribution services (NOTE 2)), F.MMS (messaging services), F.MCLS (collection services), F.EMS (emergency multimedia services), F.Ecom (e-commerce services or applications) and F.TM (telemedicine applications): 2002.

•
Enhancements and improvements to existing Recommendations: T.100, T.101, T.102, T.103, T.104, T.105, T.106, T.107, T.170, T.171, T.172, T.173, T.174, T.175, T.176, T.504, T.523, T.541 and T.564.

•
Coordination of Project M.3 on electronic commerce.

NOTE 1 - Including interactive audiovisual and multimedia services.

NOTE 2 - Including broadcasting services.

Relationships

•
SG 16 Mediacom 2004 Project.

•
ITU-T SGs 2, 9, 11, 12, 13 and 15, ITU-R SGs 10 and 11 for broadcast services and applications.

•
IETF for Internet services.

•
Questions 1-5 of SG 16 for specific systems.

•
SG 13 IP Project.

•
SG 13 GII Project.

•
ISO, IEC and UN/ECE for the MoU on electronic business (Project M3).

Question D/16 - Interoperability of Multimedia Systems and Services

Background and justification

As work on interoperability in the GII demonstrated, the topic of interoperability has several aspects. Three of these may logically be addressed within the context of Mediacom 2004 activity:

•
interoperability of services, to the extent that they contain equivalent functional elements. For example, the service of "multimedia call transfer" should be fully interoperable with "call transfer" in the legacy telephone network in the degenerate case of an audio-only call;

•
interoperability of multimedia systems with each other and with the legacy telecommunications network, to the extent to which they provide equivalent services;

•
measures to enhance interoperability of different implementations of the same multimedia system or service.

Other bodies besides ITU-T are developing standards relating to multimedia systems and services. To the extent that the market demands it, methods of interoperation between ITU-T-developed and other standards must be themselves standardized. It is desirable that this work be assigned to a common Question.

Study items

This Question shall have the following responsibilities:

•
coordinating with the Question on Multimedia Applications and Services to ensure that the definition of multimedia services and of the services to be provided by new multimedia systems preserves as much consistency as possible with corresponding elements of the services provided by existing multimedia systems and the legacy telephone network;

•
standardizing the means for interworking between different multimedia systems and between such systems and the legacy telephone network, through additions to Recommendation H.246 and other Recommendations as necessary. Question D/16 has primary and residual responsibility for Recommendation H.246, but may delegate the development of sections of Recommendations dealing with their respective systems to individual questions; 

•
influencing the development of signalling protocols to further the objective of multimedia service interworking across different systems and networks;

•
coordinating with the Question on Multimedia Architecture to ensure that the architectural framework minimizes the effort required to achieve system interoperability;

•
investigating methods and developing tools for improving the prospects of interoperability between different implementations of the same multimedia system or service, by means such as the generation of conformance statements or the creation of reference code in the period between determination and decision.

Specific task objectives with expected time-frame of completion

•
Completion of work on interworking between H.323 and H.320, taking into account the possibility of MCU decomposition: late 2001. This task has a dependency on the architectural work item in Question B/16 on review of the H.245 architecture.

•
Completion of proposals for improving the interoperability of different implementations of systems and services developed under Mediacom 2004: late 2001.

•
Implementation of these proposals: 2002.

Relationships

•
Work on multimedia systems and services in other Questions of this Study Group, Study Groups 8 and 9, and ITU-R.

•
Study Groups 2 and 11, for service definitions.

•
Study Group 11, for signalling.

•
Related groups in the IETF (particularly including the IPTEL, SIP, SIGTRAN and MEGACO Working Groups).

•
IMTC, for interoperability testing.

•
ISO SC 29 MPEG.

•
ETSI TIPHON.

Question E/16 - Media coding

Background and justification

Media coding is a key element of multimedia communications and encompasses several areas for study:

•
still-image coding;

•
character coding;

•
graphic coding;

•
computer data compression;

•
moving image coding;

•
audio coding (20-20 000 Hz);

•
wideband coding (50-7 000 Hz);

•
narrow-band (or telephony band) coding (200-3 400 Hz).

This question will address the media coding topics that affect conversational and non‑conversational applications, such as conventional and IP telephony, audiovisual multimedia communications, that have not been addressed by other media coding questions in ITU-T. This Question will also address the need to define extensions to existing ITU-T media coding Recommendations for use in conversational and non-conversational services and systems.

Study items

•
Extension of existing Recommendations when the work cannot be meaningfully addressed in current ITU-T media coding Questions including:

–
coding of moving image;

–
audio coding;

–
wideband and narrow-band signal coding, including scalability issues, pre- and post‑processing functions, including discontinuous transmission and comfort noise generation algorithms, noise suppression techniques, packet loss concealment methods;

–
embedded and layered coding of speech, in particular for packet-based (including IP) and wireless applications;

–
computer data compression.

•
Harmonization of media coding activities with other standard development organizations (SDOs).

•
Packetization definition issues.

•
Security aspects that directly affect media coding including watermarking techniques.

Specific tasks

This question will deal with the study items as contributions are made available to determine whether:

•
the work should be allocated to an existing question; or 

•
for studies that require a short-term effort, an ad hoc group should be created with a specific mandate; or 

•
for studies that require a medium- or long-term effort, to propose to the study group the establishment of a new question or the revision of an existing one.

Relationship

•
Other relevant Questions of Study Group 16.

•
ITU-T Study Group 8 on still-image coding.

•
ITU-T SG 11 and ITU-R SG 8 on IMT-2000 issues.

•
ITU-T Study Group 12 on end-to-end performance issues.

•
ITU-T Study Group 13: IP, ATM, ISDN and general network issues.

•
ITU-T Study Group 15: on network signal processing issues, including echo cancellers and digital circuit multiplication equipment.

•
IETF for media packetization issues.

•
3GPP, 3GPP-2 and WAP Forum for wireless applications.

•
ISO/IEC JTC 1/SC 29 (MPEG, JPEG) for still- and motion image and audio coding.

•
ISO/IEC JTC 1/SC 2 for character coding.

•
W3C for HTML.

Question F/16 - Quality of Service (QoS) and End-to-End Performance in Multimedia Systems

Background and justification

ITU-T Study Group 16 has focused on the H.300-series standardization of tele-time audiovisual conversational services and systems, such as videoconferencing and video telephony, over various types of networks. In past work, either a high level of QoS was assumed to be provided by the network (H.320/ISDN) or the network was assumed to have no ability to provide QoS (H.323 V1/LANs). Looking forward, MM will be most frequently operated over packet networks that support various types of QoS features, including but not limited to ATM QoS services and IP QoS services. The general topic of how MM systems and coders interact with and request QoS from the network and how this relates to end-to-end performance requires further study.

Study Items

•
QoS needs of MM systems and coders.

•
Preferred signalling methods for QoS in MM systems.

•
Study of methods to provide better QoS in lossy networks, including routed packet networks and mobile networks. 

•
Common API or interfaces to different QoS signalling methods.

•
End-to-end latency and QoS.

•
Other aspects of end-to-end performance as perceived by the user.

•
Alignment with goals related to Mediacom 2004, IP, GII.

Specific task objectives with expected time-frame of completion

•
Enhanced QoS signalling in H.323/H.225.0 V4.

•
QoS signalling in possible future terminals (2002+).

•
Input to terms of reference for audio and video coders that maximize QoS in lossy networks (2000).

•
Input to ATM Forum, IETF, IMT-2000, and SG 11 on MM QoS needs (2000).

Relationships

•
All project Questions in SG 16.

•
IETF for Internet QoS RFCs.

•
ATM Forum and SG 11 for ATM QoS.

•
SG 16 on Mediacom 2004 project.

•
SG 13 on IP and GII projects.

•
SG 12 on performance.

•
ETSI TIPHON.

Question G/16 - Security of Multimedia Systems and Services

Background and justification

Users, operators, and vendors have always had expectations for the security of telecommunications services and systems. Users have requirements for confidentiality and integrity of their communications and may require authentication of other parties in a session and non-repudiation of transactions undertaken with those other parties. Operators require authentication of users and authorization of their activities in order to carry out proper billing and control of usage of resources. All parties have a stake in correct and reliable operation, even in the face of malicious attacks on system or network integrity. At the same time, security is subject to regulation in the various legal jurisdictions, both to ensure that minimum standards are met and to support enforcement of criminal and other laws. 

Two factors make security an even more complex issue within the context of Mediacom 2004 than it is elsewhere: the specific nature of multimedia communications (diverse media, multiple streams within one communication), and the use of multimedia communications in the course of e‑commerce. While e-commerce puts even greater emphasis on the objectives of confidentiality, integrity, and non-repudiation of communications, it also raises new issues of protection of intellectual property distributed over the telecommunications network.

Traditionally, vendors (and the standards from which they work) provide mechanisms for the provision of security. Operators and users are responsible for the development and enforcement of policies which make use of these mechanisms to achieve their respective security objectives. The IETF has a well-developed process for ensuring that the foundations of this division of effort are properly laid: every project within the IETF must consider and explicitly document the security requirements associated with the end-product, ensure that the necessary mechanisms are put into place, and provide advice on the use of those mechanisms and other policy issues associated with the use of the end-product. ITU-T can learn from this process, in order better to serve the needs of the world community. This Question provides a focal point for the introduction of improvements in work on security as reflected in the content of Recommendations produced under Mediacom 2004.

At the same time, security is a specialized topic involving a considerable body of specialized knowledge. Even more knowledge is required to ensure security in multimedia communications. This Question serves as a central point from which this special expertise may be applied as needed to individual projects.

Study items 

This Question shall have the following responsibilities:

•
assisting in the threat analysis of existing and proposed multimedia systems and services;

•
maintaining Recommendation H.235 as a security framework providing the mechanisms needed to protect multimedia systems and services from identified threats;

•
maintaining Recommendations H.233, H.234 and T.135;

•
encouraging the development of documentation within Recommendations on multimedia systems and services, providing guidance on potential threats to security, the mechanisms provided to counter those threats, and the policies which system operators should put in place to use those mechanisms for their intended purpose;

•
contributing to the work of the Question on Multimedia Architecture to ensure that the architectural framework includes due consideration of functions associated with security;

•
providing advice on the application of the security framework in specific cases of system design.

Specific work items

To be completed.

Relationships

•
The team of experts working on this Question will cooperate with and advise the other Questions of this Study Group and multimedia-related Questions of other study groups. They will coordinate with experts working in the area of security in other study groups, and the experts of the Security Area of the IETF.

•
ETSI TC SEC.

Question H/16 - Accessibility to Multimedia Systems and Services

Background 

The capabilities to handle different information media and control actions varies within wide boundaries among users of telecommunications and multimedia services. The variation may have a cause in age-related functional limitations, in disabilities because of other reasons, and in other natural causes. With the ageing populations in large parts of the world, many telecom users will have sensory and motor limitations. It is important to meet this wide variety in capabilities in the design of telecommunication services so that an increasing number of users can make benefit of them.

Multimedia systems and services have great opportunities to provide valuable and accessible information in a way that the individual user can control, if care is taken in accessible design of these services.

The accessibility activities in SG 16 and its predecessor have created Recommendation V.18 for text telephony, T.140 as the general Presentation Protocol for Text Conversation, T.134 for text conversation in the T.120 environment, H.323 Annex G for text conversation in H.323. Complemented by a number of additions to other Recommendations, the Total Conversation concept is founded for conversation in Video, Text and Voice as an accessible superset of video telephony, text telephony and voice telephony. 

It is the task of the Accessibility question to cooperate in standardization activities leading to optimized accessibility to services and systems in the Multimedia field.

With the priority on mobile services in the general telecom development, this priority is also valid in the Accessibility area.

Items for study

1)
Mechanisms for alternative and user selectable media, and its production, storage, transport, consumption and logical linking.

2)
Media transformation mechanisms, and their inclusion in Multimedia Services.

3)
Support for the perception limits of each medium for maximum usability, according to human factors.

4)
Interface Recommendations for control of devices, systems and services in different modes.

5)
Sections in relevant Recommendations on accessibility issues, declaring how accessibility is achieved, with priority for mobile services.

6)
Utilization of wireless technologies for Accessibility. 

7)
Mechanisms for interworking with monomedia services in an accessible way (e.g. text telephony and voice telephony).

8)
Expansion of Total Conversation into new areas required by the market.

Specific tasks and deadlines

•
Enhancement of Total Conversation sections in Recommendation H.248 (2001).

•
Document accessibility requirements on interfaces between communication devices and user interface devices (2001).

•
Analysis of enhancement requirements on Total Conversation, and a plan for its completion (2001).

•
Contribution to further accessibility sections in H.323 (beyond Annex G Text Conversation) (2001).

Relationships

•
Other Multimedia Questions and projects for integration of accessibility features in the architectures, service descriptions and protocols.

•
IETF in general, and specifically the megaco and avt groups.

•
ITU-D SG 1 for information.

Question I/16 – Use of public telecommunication services for emergency and disaster relief operations 

(New Question approved 25 October 2002 – TSB Circular 131)

Background and justification

The focus of this question is to address public telecommunication services that authorities can use to communicate during emergency and disaster operations. This capability, referred to as the emergency telecommunication service (ETS), will enable communications from authorized users to have preferential treatment for organizing and coordinating disaster relief operations. Preferential treatment is particularly important because telecommunication networks often experience severe stress during these events due to high traffic demands, bandwidth limitation, and possibly infrastructure damage.

Unexpected natural and manmade disasters may occur anywhere at any time. The very nature of disasters requires immediate response for organizing and coordinating recovery operations. Critical disaster recovery activities may be aided by ready availability and accessibility to public telecommunication resources to support urgent communications. The development and standardization of telecommunication capabilities to support emergency and disaster relief communications is needed.

There are a variety of telecommunication capabilities for use in emergency situations. The scope of this question addresses the capabilities specifically for authorities to use public telecommunication services for emergency and disaster relief operations. However, it is recognized that some of the technical solutions emerging from this work could be applicable to other emergency telecommunication capabilities. In addition, consideration could be given to possible interfacing between public networks providing ETS capabilities and dedicated systems used by authorities during disaster relief operations.

This question addresses a variety of issues associated with converging and evolving next generation networks including consideration for multimedia applications, as well as traditional telephony. Standards that emerge from this work are intended to apply to international ETS traffic.

Development of ETS capabilities is being addressed by many standards development and disaster relief organizations. Therefore, cooperation and liaison (coordination) among the many organizations representing different interest areas is essential to ensure consistency and completeness in the provisioning of effective telecommunication capabilities to support emergency and disaster relief operations.

Study items

1. Identify organizations addressing the various aspects related to telecommunication capabilities for emergency and disaster relief operations

2. In conjunction with Study Group 2, identify user requirements for ETS capabilities, e.g. solicit input from Administrations and disaster relief organizations.

3. Define ETS capabilities drawing from identified user application requirements. 

4. In conjunction with Study Group 17, define security aspects for authentication of users and prevention of interference, e.g. spoofing, changing content, denial of service, eavesdropping, with ETS traffic.

5. Define the terminology associated with ETS capabilities for emergency and disaster relief operations

Specific task objectives with expected time-frame of completion

1. Develop and maintain a table of work items related to ETS being addressed by standards development organizations and other relevant organizations, which provides initial and eventual target dates for completion of the work items – living document

2. Develop an emergency telecommunication requirements Recommendation – first draft May 2002.  This continuing work will draw from actual user. This is a SG2 objective –first draft June 2003

3. Identify the ETS capabilities that are needed to fulfil the requirements – first draft January 2004 

4. Liaise with organizations or activities responsible for addressing specific capabilities – ongoing

5. Develop a system framework Recommendation identifying the components needed to support the ETS capabilities –2005

Relationships

· ITU-T Study Groups 2, 3, 4, 9, 11, 12, 13, 15, 17, and SSG

· Questions of related topics within ITU-T Study Group 16, e.g., 2, F, G, and C-Metadata Ad Hoc

· ITU-R – WP 4B, WP 8B, and WP 9B

· ITU-D - Study Group 2

· UN Working Group on Emergency Telecommunications (WGET)

· Internet Engineering Task Force (IETF) – IAB, IESG, ieprep Working Group

· European Telecommunications Standardization Institute (ETSI), OCG EMTEL, Partnership Project MESA, ETSI Project TIPHON, and Partnership Project 3GPP

· Telecommunications Industry Association (TIA) Partnership Project 3GPP2

· Asia-Pacific Telecommunity Standardization Program (ASTAP) Expert Group on Public Disaster Relief Communications

· User organizations – UN and other international disaster relief organizations

Question J/16 ‑ Multimedia framework for e-health applications

(New Question approved 30 January 2004 – TSB Circular 217)

Motivation
The evolution of advanced digital telecommunication techniques has enabled the development of MM-systems to support e-health applications, in particular in the area of Telemedicine.

E-health designates the use of Information and Communication Technology (ICT) means to support health needs, while Telemedicine is considered as that part of e-health where telecommunication systems allow interconnecting remote locations and to access distant resources. Examples of Telemedicine applications are teleconsulting, teleradiology, telesurgery, etc. (See note below for the definitions from the World Health Organization.)

This question focuses on standardization of Multimedia Systems to support e-health applications.

In order to allow a wide deployment of e-health applications (with an initial focus on Telemedicine applications), in particular in developing countries, it is important to achieve interoperability among systems and to reduce the cost of devices through economies of scale. Consequently, the development of global international standards with the involvement of the major players (governments, inter-governmental organizations, non-governmental organizations, medical institutions, doctors, etc.) is a key factor to achieve these objectives.

Considering the fact that many organisations are already active in this field with which ITU has existing cooperation agreements and that in addition to technical issues, there are a number of other aspect to be considered (e.g. legal, ethical, cultural, economics, regional), it is considered that ITU‑T can provide the right environment to harmonize and coordinate the development of a set of open global standards for e-health applications.

In the framework of this generic question, Study Group 16, as lead study group for Multimedia Terminals, Applications and Services, will coordinate the technical standardisation of Multimedia systems and capabilities for e-health applications in ITU-T and will develop corresponding Recommendations.

The improvements and additions to the specific characteristics of Multimedia Systems and Terminals will be addressed within the relevant equipment related questions of Study Group 16.

Note: According to the World Health Organization, Telemedicine is “the use of information and communication technology to deliver medical services and information from one location to another", while e-health is “a new term used to describe the combined use of electronic Information and Communication Technology (ICT) in the health sector”.

Study items

(
Identification of users' requirements

(
Multimedia framework (including overall concept) for e-health applications (and Telemedicine, in particular)

(
Roadmap for e-health (including Telemedicine) standards

(
Generic Architecture for e-health applications (and Telemedicine, in particular)

(
Specific system characteristics for e-health applications (e.g. video and still picture coding, audio coding, security, directory architecture, etc).

Tasks

Tasks include, but are not limited to:

	(
Inventory of existing e-health / Telemedicine standards 

	2004

	(
Creating and maintaining a high-visibility web page documenting the progress of the question 

	
Ongoing

	(
Roadmap for e-health / Telemedicine standards, compiling and analysing standardisation requirements from e-health stakeholders and identifying standardisation items with priorities 

	

2004

	(
Develop a Recommendation “Generic Architecture for Multimedia 
Telemedicine Applications” 

	
2005

	(
Provide inputs for extension and improvement of existing Recommendations on 
MM-Systems (e.g. H.323, H.264, V.18, ...) 

	
2005

	(
Develop new Recommendations if necessary 

	2005


An up-to-date status of work under this Question is contained in the SG 16 Work Program (http://www.itu.int/itudoc/itu-t/com16/workprog/01-04).

Relationships

Recommendations:


H.300-series, H.260-series, V.18, T.80-series, T.800-series.

Questions:


A/16, B/16, C/16, D/16, E/16, F/16, G/16, H/16, I/16, K/16, 1/16, 2/16, 3/16, 4/16, 6/16.

Study Groups:


(
ITU-T/SG 9, SG 12, SG 17, SSG;


(
ITU-D/SG 2;


(
ITU-R/SG 8, SG 9.

Other bodies:

(
e-Health Standardization Coordination Group (eHSCG);

(
ISO, IEC, CEN, ETSI, IETF, IEEE and other relevant standardization bodies;

(
HL7, DICOM and other relevant forums and consortia.

Question K/16 - Mobility for Multimedia Systems and Services

Background and justification

ITU-T Study Group 16 has created in H.320, H.321, H.322, H.310, H.324 and H.323 a widely-used set of system specifications. Each is specialized to a particular network transport, such as N-ISDN, ATM, packet networks, ISO-ethernet, the GSTN, etc. Increasingly, MM is being used in mobile networks. Substantial work has been done to create a mobile version of H.324, and mobile annexes to H.323 are being developed.

Study Items

The goal of this question is to:

1)
further develop mobility for H.323 and H.324 as needed;

2)
ensure that a possible future terminal in its initial version supports mobility;

3)
consider protocol support for MM mobility for both user, terminal and service mobility;

4)
coordinate with IMT-2000 to avoid duplication of effort;

5)
standardize interfaces between an MM terminal, keyboard and display when all are connected by some kind of wireless network, and related protocol support.

It should be noted that it is not a goal of this work to create an alternative wireless system to IMT‑2000, nor to duplicate IETF IP mobility work.

Specific task objectives with expected time-frame of completion

•
Input to H.323 mobile Annexes.

•
Input to H.FutureTerminal mobile text or annexes.

•
Input to H.324 mobile work.

•
A recommendation for MM interworking between a terminal, keyboard and display.

Relationships

•
All framework questions in SG 16 on high rate systems.

•
Question 2/16 on H.323.

•
Question 1/16 on H.324 mobility.

•
IMT-2000 and other wireless groups and consortiums.

•
IETF for IP mobility.

•
SG 16 on Mediacom 2004 Project.

•
3GPP and related consortia.

Question 1/16 - Multimedia Systems, Terminals and Data Conferencing

(Continuation of parts of Questions 3, 11 and 12/16)

Background and justification

Since the first set of Recommendations for audiovisual communication systems for N-ISDN environments (H.320) were established in 1990, additional audiovisual communications systems have been developed including the H.324-series of Recommendations for audiovisual communications over the fixed and mobile (wireless) telephone networks and the H.310-series of Recommendations for point-to-point and multipoint on B-ISDN networks. For data sharing in point‑to-point and multipoint environments, the T.120-series of recommendations have been developed. Following this, several enhancements with respect to multipoint communication, use of new audio and video coding, security features and use of data conferencing and control continue to be developed in the form of new Recommendations or revision of existing Recommendations. To respond to the market needs, these enhancements (with particular attention to the support of advanced coding technologies, interworking with other terminals accommodated in different networks and enhancements to cover other services) may want to be included in existing audiovisual communications systems Recommendations to assure these existing systems remain competitive in the market place.
Study items

•
Improvements in quality aspects; audio quality, picture quality, delay, hypothetical reference connection and performance objectives, taking account of the studies in relevant SGs. (NOTE - Scope of this question does not include studies of performance measurement.)

•
Enhancement by use of optional advanced audio and visual coding (e.g. H.26L).

•
Continued enhancements relative to error protection for use in error-prone environments such as mobile networks.

•
Specifications necessary for accommodating new services other than conversational services, such as retrieval, messaging, distribution services applicable to the supported Recommendations.

•
Establishment of Recommendations to support channel aggregation in mobile terminals (H.mml).

•
Enhancement of existing H-series Recommendations.

•
Possibility of new multimedia terminal system for all networks.
Specific task objectives with expected time-frame of completion

•
Responsibility of this Question includes: definition of corrigenda or revisions and creation or revision of Implementor Guides for Recommendations H.221, H.222.0, H.222.1, H.223, H.224, H.226, H.230, H.231, H.242, H.243, H.244, H.247, H.281, H.283, H.310, H.320, H.321, H.322, H.324, H.331, T.120 through T.128, T.134, T.135, T.140 and related annexes and appendices. This work will be ongoing throughout the study period.

Relationships

•
Other Questions of SG 16.

•
ITU-T SG 2 for service aspects and human factors.

•
ITU-T SG 8 for Telematic aspects.

•
ITU-T SG 12 for Quality aspects.

•
ITU-R SG 8 for IMT-2000 aspects.

•
ISO/IEC SG 29/WG 11 for MPEG aspects.

•
IMTC.

Question 2/16 - Multimedia over Packet Networks using H.323 Systems

(Continuation of Q.13/16)

Background and justification

ITU-T Study Group 16 has created in H.323 a widely-used system of protocols for MM conferencing and video/Internet telephony over packet networks, including the Internet and LANs. This work is ongoing, and currently focuses on mobility, interactions with SIS/IN, and stimulus‑based call signalling in H.323 combined with network control of terminating call services.

Study Items

This question will cover ongoing work in:

1)
H.323;

2)
H.225.0;

3)
H.450.x;

4)
H.332.

Other items to be covered include:

•
Alignment with goals related to Mediacom 2004, IP, GII.

•
Operation of H.323 systems over all kind of physical layers (cable, xDSL, mobile, etc.).

•
Negotiation for optimal transport mechanisms, such as H.223 or H.323 Annex C.

•
Operation in the same fashion in both public and private networks.

•
Support of Accessibility.

•
System robustness.

•
Possibility of new multimedia terminal system for all networks.
Specific task objectives with expected time-frame of completion

To be completed.

Relationships

•
All framework questions in SG 16 on high rate systems.

•
IETF for Internet matters.

•
ATM Forum and SG 11 for ATM QoS.

•
SG 16 on Mediacom 2004 Project.

•
SG 13 on IP and GII Projects.

•
IMTC for interoperability.

•
TIPHON on requirements and architecture.

•
TIA.

•
Audio/Video questions B, C, and D.

•
SG 15 for xDSL.

Question 3/16 - Infrastructure and Interoperability for Multimedia over Packet Network Systems 

(Continuation of parts of Q.14/16)

Background and justification

ITU-T Study Group 16 has created in H.323 a widely-used system of protocols for MM conferencing and video telephony over packet networks, including the Internet and LANs. This work is ongoing, and currently focuses on mobility, interactions with SS7/IN/H.450, and stimulus‑based call signalling in H.323 combined with network control of terminating call services. These systems require a supporting infrastructure of MCUs, Gatekeepers, Gateways, MIBs (management information bases), and management tools and methods. Possible future terminals will also make use of this infrastructure, or an extension of it.

In addition, H.248 decomposes an H.246 gateway into a Media Gateway Controller and a Media Gateway to facilitate interfacing system to SS7/IN networks, and also for other purposes. The ongoing development of H.248 will be a major work area in ITU-T in the future study period. This work is being done in cooperation with the IETF.

Study Items

This question considers protocol infrastructure for H.323 and for possible future terminals, including:

1)
MCUs;

2)
GKs;

3)
GWs, including H.248;

4)
annexes of H.246 that related to SS7/IN interoperability;

5)
annexes of H.246 that relate to H.323 to PSTN interoperability;

6)
H.323 to H.323 gateways;

7)
MIBs, including H.341;

8)
management tools and methods related to H.341;

9)
H.245.

Specific task objectives with expected time-frame of completion

•
Updates to H.245.

•
H.248 V2 and related annexes.

•
Annexes to H.246.

Relationships

•
All framework questions in SG 16 on high rate systems.

•
Question 2/16 on H.323.

•
IETF for Internet matters including MEGACO and IPTEL working groups.

•
ATM Forum and SG 11 for ATM QoS.

•
SG 16 on Mediacom 2004 Project.

•
SG 13 on IP and GII Projects.

Question 4/16 - Video and data conferencing using Internet supported services 

Background and justification

ITU-T Study Group 16 has focused on the H.300- and T.120-series standardization of real-time audiovisual conversational services and systems, such as videoconferencing, videophone and data conferencing, over various types of network. As a platform of those systems, the personal computer (PC) is used more and more to implement not only control functions but also audiovisual coding and presentation. PC is also capable to access rich Internet supported services such as hypertext multimedia data retrieval, e-mail, multimedia file transfer which are becoming widely accepted to make business activities more efficient. The network infrastructure to support the video and data conferencing service is converging to the IP-based one which has been developed to provide Internet services. This Question addresses how to enhance video and data conferencing systems by use of Internet supported services in business situations like conferencing, distance learning and telemedicine.

Study Items

•
Architecture to integrate video and data conferencing functions with Internet supported service functions.

•
Protocols to implement the above integration.

•
Mechanism of synchronization between audiovisual and other service presentations.

•
Multipoint aspects of the integrated systems.

•
Verification tests for interoperability.

•
Alignment with goals related to Mediacom 2004, IP, GII Projects.

Specific task objectives with expected time-frame of completion

•
Definition of the service and requirements capture: 2001.

•
Protocol specifications: 2002.

•
Interoperability tests: 2003.

Relationships

•
Questions 1/16 and 2/16 for H.300-series systems.

•
IETF for Internet supported services.

•
SG 16 on Mediacom 2004 Project.

•
SG 13 on IP and GII Projects.

Question 5/16 ‑ Control of NAT and firewall traversal for multimedia systems

(New Question approved 30 January 2004 – TSB Circular 217)

Motivation

By its very definition, the Internet is comprised of an interconnected collection of public, enterprise, and private IP networks. Increasingly, even large private networks share many of these same characteristics with the Internet. These individual networks are often interconnected through firewalls or other types of remote access devices, which, in addition to filtering traffic according to pre-administered or dynamic rules, often perform some type of network address and/or port translation (NAT). The reasons for such services include both necessity (IP address reuse) and security:

· preventing unauthorized outside access to internal services;

· hiding internal network addresses from the public internet;

· hiding internal network topologies;

· providing public access to (selected) internal addresses;

· compensating for scarcities of IPv4 addresses;

· providing conversion between public and private IP addresses;

· providing conversion between IPv4 and IPv6 addresses.

These types of firewall operation have proven problematic for multimedia protocols that require the dynamic assignment and exchange of transport addresses for media and signalling.  Previous efforts to develop solutions to this collection of problems have resulted in inefficient solutions (e.g., application level gateways), limited solutions (e.g., UDP tunnelling of IPSec), or limited progress (e.g., midcom). Nevertheless, the need for robust solutions that will make the deployment of multimedia communication easy for service providers, enterprises, and home users has not abated, especially in light of increased security requirements and the increasing deployment of multimedia applications.  A practical solution that is easy for all users to deploy will contribute to the success of the Next Generation Network.

As a practical matter, it is expected that much use will be made of existing work.

Study Items


Service requirements for Firewalls, including access policy enforcement, inter-network policy enforcement, configurations, operations, and security;


Architecture of communications devices and network(s), configuration of telephony elements, multimedia applications, and firewalls;


Appropriate control protocol(s) that ensure security;


Support of signalling and media transport protocols.

Tasks

Tasks include, but are not limited to:


Define Requirements (3Q 2004).


Develop Architecture Specification (1Q 2005):

–
Control Elements;

–
Firewalls;

–
Access policy;

–
Inter-network policy;

–
Gatekeepers, Gateways, SIP Proxies, SIP Registrars, and Endpoints;

–
Network Topologies;

–
Robustness.


Define Protocols (1Q 2006):

–
Controller/Firewall Authentication;

–
Firewall and NAT Control;

–
Robustness.

An up-to-date status summary of work under this Question is contained in the SG 16 Work Program (http://www.itu.int/itudoc/itu-t/com16/workprog/01-04/index.html).

Relationships

Recommendations:

(
H.225.0, H.245, H.248, H.235, H.323, H.501.

Questions:

(
F, G, K, 1, 2, 3, 4/16.

Study Groups:

(
ITU SG 11, SG 13.

Other Bodies:

(
IETF;

(
ETSI TISPAN.

Question 6/16 - Advanced video coding

(Continuation of Question 15/16)

Background and justification

Without regard to transport type (GSTN, N-ISDN, B-ISDN, LAN, Mobile), multimedia systems share a need for advanced media coding, such as:

•
video or moving-image coding;

•
still-image coding;

•
audio coding;

•
data compression and representation methods.

The goal of this Question is to produce advanced moving-image coding methods appropriate for conversational audio/visual services. However, moving-image coding should also consider applications for non-conversational services. This Question will focus on advanced techniques leading to significant quality and performance improvements. Video coding standards will be developed with sufficient flexibility to accommodate a diverse number of transport types (Internet, LAN, Mobile, N-ISDN, B-ISDN, GSTN, etc.). The Question will also include maintenance issues regarding existing video coding standards.

Two advanced video coding projects designated as H.263++ and H.26L have been developed. H.263++ is to improve the performance of H.263 by means of incremental extensions to the H.263 algorithm. H.26L will investigate new video coding algorithms with the objective of achieving a significant improvement in performance relative to the best available version of H.263. This Question will continue the work on both H.263+ and H.26L.

Study items

•
Advanced coding methods in order to achieve the following objectives:

–
reduction of real-time delay;

–
improvements in compression efficiency;

–
improvements in picture quality;

–
robust operation in error-prone environments (e.g. non-guaranteed-bandwidth packet networks or mobile wireless communication);

–
organization of the compressed data format to support packetization and streaming;

–
methods to allow sub-rate streams to be easily mixed by MCUs or terminals, including intra only operation;

–
temporal and spatial alignment of streams of varying coding;

–
reduction of complexity;

–
additional features such as object coding and multiview operation.

•
Maintenance of existing H-series video coding Recommendations, including H.120, H.261, H.262|ISO/IEC13818-2 and H.263.

•
Variable Bit Rate coding.

•
Video coding needs for those using sign language and lip reading communication.

•
Video bit rate reduction for compressed-digital to compressed-digital processing.

•
The impact of colorimetry, video quality assessment, and quality control requirements on video codec development.

•
Impact of downloaded video algorithm coding.

Specific task objectives with expected time-frame of completion

•
H.263++: 2001.

•
H.26L: 2002.

Relationships

•
Other Questions dealing with multimedia communication, including SGs 16, 9, 11 (for mobility aspects), 13 (for IP aspects).

•
ITU-T SG 12 for quality aspects.

•
ISO/IEC JTC 1/SC 29 for harmonization of advanced coding objectives.

•
IETF for packetization issues.

•
Standard development organizations like 3GPP, 3GPP-2, WCC, etc.

Question 7/16 - Wideband coding of speech at around 16 kbit/s

(Continuation of part of Question 20/16)

Background and justification

Currently, there is an increased interest for a high-quality wideband speech coder operating at bit rates around 16 kbit/s for wireless and packed-based applications (including IP). This question will aim at developing a suitable, high-quality algorithm for the following applications:

•
Wideband transmission over the Internet.

•
IP videoconferencing.

•
Third generation wireless systems.

•
Audio-conferencing for business applications.

•
ISDN wideband telephony.

•
ISDN videotelephony and videoconferencing.

The following general guidelines are considered relevant for this wideband activity:

•
Input and output audio signals should have a bandwidth of 7 kHz at a sampling rate of 16 kHz.

•
Speech is the primary signal of interest.

•
Robustness to frame erasures and random bit errors is important.

•
Low algorithmic delay.

•
Interoperability with systems using different coding methods.

Study items

a)
Consideration of system requirements and constraints (e.g. influence of H.32x protocols, interoperability with systems using different coding methods, tandeming in MCU configurations).

b)
The study of appropriate environmental conditions (e.g. error conditions, background noise conditions) for the primary targetted applications.

c)
Study of scaleable coding techniques. A scaleable codec may, for example, consist of one or more of the following features: variable bit rate, variable bandwidth, variable decoding complexity, variable delay, embedded bit stream. The scalability is targeted for a wide set of applications while maintaining high quality. 

d)
Study of the applicability of voice activity detection and comfort noise generation techniques.

e)
Definition of test conditions and evaluation procedures to be applied in selecting between candidate algorithms on the basis of subjective voice performance and non-voice performance.

f)
Selection and specification of one or several coding schemes.

g)
Definition of procedures to be used in verifying the implementation of algorithms.

h)
Study of the support of text-telephony (TDD) devices in systems using wideband speech and audio coding.

Specific tasks

•
Study and definition of performance and test requirements for the new coding algorithm: 2000.

•
Evaluation of algorithm performance against specified requirements for the new coding algorithm: early 2001.

•
Definition of algorithms and associated verification procedures for the new coding algorithm: end 2001.

Relationships

•
Other relevant Questions of SG 16.

•
ITU-T SG 11 and ITU-R SG 8 (mobility aspects).

•
ITU-T SG 12 (evaluation of performance with respect to voice quality).

•
ISO/MPEG (standardization of similar types of coding algorithms).

•
3GPP and 3GPP-2.

•
IETF (for packetization issues).

•
ITU-T SG 13 (for IP aspects).

Question 8/16 - Encoding of speech signals at bit rates around 4 kbit/s

(Continuation of Question 21/16)

Background and justification

During the 1993-1996 Study Period, ITU-T specified the G.729 speech-coding algorithm, which is capable of encoding speech signals at telephone (or toll) quality at 8 kbit/s. The increasing use of wireless access and circuit- and packet-switched multimedia applications, such as low bit rate video telephony, motivates the standardization of an algorithm with equivalent performance at bit rates around 4 kbit/s.

Successful completion of this effort will permit significant economies in bandwidth utilization to be realized, both within the access network and within the core network, while providing the high quality that a user would expect from the fixed network. The increasing use of packet bearers, such as IP and packet radio, will be an important factor in the selection of a suitable algorithm.

Study items

What algorithm should be specified for the encoding of 3.4 kHz band-limited, telephone-quality speech at transmission rates in the region of 2.4 kbit/s to 6.4 kbit/s?

Items for study include:

a)
Study and definition of applications and performance for low-rate speech coding.

b)
Definition of performance requirements with consideration to the constraints of key systems and networks.

c)
Definition of the test conditions and evaluation procedures to be applied in selecting between candidate algorithms on the basis of subjective performance, as specified by SG 12, and objective performance.

d)
What type of Voice Activity Detection/Comfort Noise Generation (VAD/CNG) algorithm should be recommended for this speech-coding algorithm?

e)
Study of encoding techniques and evaluation of possibility of selecting a single type of technique capable of operating at a number of selectable transmission rates with an associated improvement in speech quality as the transmission rate is increased.

f)
Selection and specification of procedures to be used in verifying the implementation of algorithms implemented in accordance to the recommended procedures.

g)
Study of the support of text-telephony (TDD) devices in systems using low bit-rate speech coding.

Specific tasks and deadlines

•
Definition of network, algorithm, performance and test requirements (2000).

•
Evaluation of algorithm performance against specified requirements (late 2000).

•
Definition of 4 kbit/s algorithm and associated verification procedures (mid 2001).

•
Definition of bit rate extensions and VAD/CNG (2002).

Relationships

•
Other relevant Questions of SG 16.

•
ITU-T SG 2 (to identify other potential user applications).

•
ITU-T SG 12 (evaluation of performance with respect to voice quality).

•
ITU-T SG 13 (for IP matters).

•
ITU-R SG 8, ITU-T SG 11 (to ensure compatibility with mobile transmission system constraints).

•
3GPP and 3GPP2.

•
IETF (for packetization issues).

•
ISO/MPEG.

Question 9/16 - Variable bit rate coding of speech signals

(Continuation of Question 24/16)

Background and justification 

ITU has noted a rapid increase in the use of IP for data and a growing commercial interest in deploying voice over IP as an application. In addition, the worldwide usage of wireless communication systems is rapidly increasing, which includes the possibility of deploying certain IMT-2000 networks as IP-oriented systems. IP traffic is evolving to become the dominant global communication system with both wired and wireless access. The transport of IP voice traffic within and between wired and wireless networks is of special interest.

A key issue therefore is the design of new voice coding technology that can best exploit the properties of these networks to provide efficient use of bandwidth and minimize the need for transcoding. As traditional circuit-switched networks will stay with us for a long time, easy transcoding with them is also an important design aspect. 

Hence, new work is proposed to examine the applications, technical issues of IP and wireless networks, and investigate the design of a suitable variable bit rate voice coder.

Examples of bearer networks for VoIP carriage which have been identified as benefiting from a variable bit rate voice coder are:

•
Ethernet Networks.

•
ATM Systems.

•
Third Generation Wireless Systems, including CDMA and TDMA.

Additionally, multimedia applications may benefit from a variable bit rate voice coder.

For the activities of this question, the term variable bit rate (VBR) has been defined as follows. A VBR encoder outputs a bit stream which may have a variable number of bits in successive frames. That is, each frame may contain a different number of bits relative to the last frame. Bit rate may vary, for example, in large predefined increments/decrements or it may vary by as little as one bit resolution. The variability in bit rate may be either network controlled or source controlled according to the input audio signal.

Study items

What algorithm should be specified for the coding of voice/audio, with specific attention being paid to the applications, and the consequent constraints imposed jointly by the network and application. 

Items for study include:

1)
Study and definition of applications and performance for variable bit rate voice coding. 

2)
Consideration of network requirements and constraints.

3)
Definition of performance requirements and system constraints.

4)
Definition of the test conditions and evaluation procedures to be applied in selecting between candidate algorithms on the basis of subjective performance, as specified by SG 12, and non-voice performance.

5)
Study of encoding techniques and evaluation of the possibility of selecting a single type of VBR technique capable of operating at different transmission rates with an associated improvement in speech quality as the transmission rate is increased.

6)
Selection and specification of procedures to be used in verifying the implementation of selected algorithms.

7)
Study of the support of text-telephone (TDD) devices in systems using variable rate coding of speed.

While studying these work items, specific efforts will be put on the key issues of reducing cost and complexity, minimizing transcoding, interworking with other systems, and quality of service.

Specific tasks and deadlines

•
Definition of performance requirements and objectives: February 2000.

•
Approval (Decision) of the Recommendation: November 2001.

Relationships

•
Other relevant Questions of SG 16.

•
ITU-T SG 2 to identify other potential user applications.

•
ITU-T SG 11.

•
ITU-T SG 12 for the performance evaluation of specified algorithms with respect to voice quality.

•
ITU-T SG 13.

•
ITU-T SG 15.

•
ITU-R SG 8 to ensure compatibility with mobile transmission system constraints.

•
ISO/MPEG.

•
ETSI (Tiphon).

•
TIA.

•
IETF.

•
ATM Forum.

•
3GPP, 3GPP-2.

Question 10/16 - Software tools for signal processing standardization activities and maintenance of existing voice coding standards

(Continuation of part of Questions 22/16 and 19/16)

Background and justification

In the scope of signal processing, in particular in relationship with the definition of new schemes, SG 16 recognized the need to investigate and specify appropriate software tools for the verification and evaluation of signal processing algorithms. Past results include Recommendation G.191, which gives some basic principles for the use of this kind of tools and a list of the recommended tools available from the ITU-T Software Tool Library.

Cases which will greatly benefit from the existence of standardized software tools include:

a)
situations where experimental results generated with different software tools may not be directly compared;

b)
software tools used by different organizations may not perfectly conform to related ITU‑T Recommendations, which may delay ITU-T standardization processes;

c)
ITU-T Recommendations may leave open room for different implementations;

d)
frequently software tools which are not specified by ITU-T Recommendations are necessary in the standardization process of signal processing algorithms;

e)
the ability to perform host laboratory processing activities (which are part of the testing activities in the standardization process of speech coders) completely in software, thus significantly reducing cost and time to perform such activities and at the same time increasing their reliability and repeatability.

Additionally, ITU-T has published several voice coding Recommendations, such as G.728 describing a 9.6, 11.2, 16 and 40 kbit/s speech coding algorithm, G.729 describing a 6.4, 8 and 11.8 kbit/s speech coding algorithm, and G.723.1 describing a dual rate speech coding algorithm at 5.3 and 6.3 kbit/s. There is therefore the need for a clearly identified point-of-contact for maintenance of such Recommendations (e.g. for the correction of specification defects and the incorporation of algorithm extensions), in particular Recommendations that have been specified with ANSI C code.

Study items

•
What software tools for the signal processing standardization activities should be specified, taking into account the increasing complexity of signal processing standards and the need for compatible test methods?

–
Tool Library: definition of methodology to collect, evaluate, qualify, maintain, archive and make available unique implementation and documentation of the software tools.

–
Selection of Tools: identification of software tools that should be included in the Tool Library.

–
Requirements and Objectives: definition of the Requirements and Objectives for the performance of each tool.

–
Tool Structure: identification of the proper structure for the software tools (documentation, input and output, storage, etc.) to allow their proper interworking.

–
Maintenance: collection of defect reports on voice coding Recommendations, assessment on their merit, and identification of the appropriate course of action. This may include generation of "Implementor's Guides", corrigenda or re-issuance of existing Recommendations.

Specific tasks

•
Maintain the existing ITU-T Software Tool Library and existing voice coding Recommendations, in particular (continuous activity):

–
G.711, G.726, and G.727;

–
G.728 and its annexes;

–
G.729 and its annexes;

–
G.723.1 and its annexes;

–
G.722 and G.722.1 and its annexes.

•
Identify and implement new algorithms to upgrade the ITU-T Software Tool Library as support to ITU-T signal processing activities by the year 2004, e.g.:

–
signal processing framework tool;

–
basic operators;

–
echo cancellation models;

–
channel models, error patterns and statistics for packet-based networks (including IP and Internet), wireless networks and mobile-satellite systems;

–
identify techniques for verification of the correct implementation of algorithms.

Relationships

•
Other SG 16 questions as relevant.

•
ITU-T SG 12 for performance, the work on the P-series of Recommendations, for changes that may affect the Tools Library.

•
ITU-R SG 8, 3GPP and 3GPP-2 on channel models.

Question 11/16 - Voiceband Modems: Specification and Performance Evaluation

(Continuation of Q.4/16, Q.10/16 and Q.23/16)

Type of Question

Task-oriented Question designed to lead to one or more Recommendations.

Background

During the 1997-2000 study period, activity related to voiceband modems has been high, particularly within Questions 4/16 and 23/16. Of particular interest is network access, which has become by far the dominant application for voiceband modems. Today, most people use modems to access the Internet, an online service or a corporate network. In an increasing number of such applications, the network connection consists of a central-site modem directly connected to the digital backbone of the PSTN and a remote user's modem connected via an analogue local loop to the PSTN.

Although digital networks are rapidly being deployed around the world, analogue access will remain the only choice in many locations. Users in these locations will continue to have the need to access and exchange electronic information. Therefore, the continued study of modem technology is required to supply these users with the best standardized tools to meet their needs.

Items for study

1)
Development of modulation techniques for high-speed voiceband modems connected to either an analogue local loop or directly to the digital network.

2)
Development of modulation techniques compatible with an optional linear coding mode in the network.

3)
Development of procedures for initial training, retraining, rate re-negotiation (including seamless), determination of a given connection's ability to support a particular modulation mode, fallback to other modulation modes, etc.

4)
Development of procedures for the exchange of capabilities and selection of operating mode, such as enhancements to Recommendation V.8 and V.8bis, as well as procedures for switching between operating modes.

5)
Development of techniques to support the transmission of data over IP networks, such as signal discrimination techniques for IP gateways.

6)
Compatibility with network equipment, such as DCME/PCME and echo control devices.

7)
Interworking issues arising from the use of modems on various multimedia platforms.

8)
Definition of means for evaluating voiceband modem performance, including the specification of network models and test procedures.

9)
Maintenance of existing modem and related Recommendation (where appropriate work may be delegated to Questions 12 or 13/16).

Specific task objectives

•
Development of enhancements to Recommendation V.90 (1998).

•
Development of enhancements to Recommendations V.8 and V.8bis.

•
Development of a network model and test procedures for the evaluation of V.9x-series modem performance.

Relationships

•
Recommendations V.91, V.90, V.34, V.8, V.8bis, V.56bis, V.56ter and G.711.

•
Question 13/16 on DTE-DCE interface and protocol issues.

•
Question 12/16 on DCE-DCE protocols for the PSTN and ISDN.

•
Question 2/16 and 3/16 on gateway access to IP networks.

•
ITU-T Study Group 8 on facsimile requirements for V.9x-series modems.

•
ITU-T Study Group 15 on PSTN characteristics.

Question 12/16 - DCE-DCE Protocols for the PSTN and ISDN

(Combination of Q.5/16 and Q.8/16)

Background

This study includes the work on HDLC-based protocols for both modem-based communication, i.e. V.42 and V.75, and ISDN-based communication, i.e. V.120. Additionally data compression on top of these protocols is addressed. Continued study is necessary on issues arising from new applications.

Items for study

Terminal adapters (TAs) for devices having V-series interfaces to provide for their use on ISDN bearer services. This will include their use on:

1)
multi-use bearer service; and

2)
other bearer services.

Protocols between DCEs for applications such as:

1)
half-duplex operation;

2)
statistical multiplexing;

3)
secure access and privacy of data;

4)
compression of synchronous data;

5)
improved data compression algorithms;

6)
changes to existing V-series Recommendations;

7)
management of remote DCEs.

It shall also include procedures to ensure reliable interworking between DTEs on the PSTN using modems and:

1)
DTEs on non-ISDN digital networks;

2)
DTEs on ISDNs using:

a)
TAs with modems on 3.1 kHz audio bearers;

b)
TAs for adaptation to digital bearers;

c)
TAs for use on multi-use bearer services.

Specific tasks

Develop new Recommendations and update existing Recommendations.
Relationships

•
ITU-T Study Group 2 on services.

•
ITU-T Study Group 8 on fax.

•
ITU-T Study Group 11 on network signalling systems.

•
ITU-T Study Group 13 on ISDN.

•
ISO/IEC JTC 1/SC 6 on the compression of synchronous data.

•
Other questions of SG 16 on the Mediacom 2004 Project.

Question 13/16 - DTE-DCE Interfaces and Protocols

(Combination of Q.6/16 and Q.7/16)

Background

During the 1997-2000 study period new Recommendations were developed and many existing Recommendations were modified. The need for the continued study of DTE-DCE interfaces and protocols to keep pace with changing modem and DTE technologies and applications remains of high importance.
Items for study

1)
The definition of DTE-DCE interchange circuits including functional and electrical characteristics.

2)
Protocols to be used by the DTE to transfer information over the DTE-DCE interface for the purposes of:

•
dialling; and

•
configuration and control of the local DCE by the DTE.

3)
The extension of DTE-DCE protocols to the remote DCE (DTE), to be considered in conjunction with Question 14/16.

Specific tasks

The development of new DTE-DCE interface-related Recommendations as well as revising existing ones. Develop new control Recommendations as well as the update of Recommendations V.25, the V.25X-series and V.80.
Relationships

•
ITU-T Study Group 7 on DTE-DCE interface issues.

•
ISO/IEC JTC 1/SC 6 on DTE-DCE interface issues.

•
Other questions of SG 16 on the Mediacom 2004 Project.

•
ITU-T SG 8 on fax and audiographics conferencing.

•
Other organizations using "AT" commands, e.g. ETSI.

Question 14/16 – Facsimile terminals (Group 3 and Group 4) (Continuation of Questions from Study Group 8)
Type of Question
The aim of this Question is to study the facsimile terminal characteristics and facsimile transmission over networks including the GSTN, ISDN, networks using the Internet Protocol and other packet networks.

Task-oriented Question mainly aimed at amending existing Recommendations related to facsimile terminals in response to the market needs.

Reason for the Question

This Question contains those aspects of 1/8, 2/8, 3/8, 4/8 and 5/2 from the 1997-2000 study period which require further study. It is necessary that the existing Recommendations are amended to reflect emerging market requirements and where appropriate new Recommendations produced. Changes in networks supporting facsimile communication will also need to be reviewed with regard to the quality of service and, if necessary, reflected in the appropriate Recommendations. The basic Recommendations defining facsimile transmission over the Internet that were completed in the 1997-2000 study period were T.37 and T.38. Further study is needed to extend their capabilities to enable all features of Group 3 and Group 4 to be supported on the Internet. The Question also proposes to cover facsimile over other packet networks such as X.25 and ATM in order to have a single point of leadership for facsimile.

Text of the Question

The work on facsimile terminals is divided into two broad areas, i.e. extension of existing facsimile capabilities and the quality of service aspects.

Facsimile terminal capabilities and operation on GSTN and ISDN

The work in this area will define new or amended capabilities and their implementation for Group 3 and/or Group 4 terminals. The work will consider a number of capabilities including, but not limited to, those listed below:

· definition of service and new usage of facsimile;

· new modulation schemes;

· new coding schemes;

· colour facsimile;

· facsimile centered computer interfaces;

· enhancements of the binary file transfer capability, to cope with further requirements (e.g. interactivity) related to the use of Recommendation T.434;

· test images and documents;

· input of items related to facsimile terminal capabilities and operations associated with network support (mainly 3rd Generation Mobile Networks).

Operation on networks other than GSTN and ISDN

For store and forward facsimile transmission using Internet mail capabilities, the following extensions should be studied:

-
Support for Full Mode enhancements;

-
Support for new image compression capabilities;

-
Support for non image transmission capabilities;

-
Support for Group 4;

-
Operation over mobile packet networks;

-
Terminals for direct connection to the Internet;

-
Gateway functionality.

For real time internet fax over IP networks, the following extensions should be studied:

-
Use of V.34 access;

-
Use of V.92 access;

-
Revisions to transport layer;

-
Revisions to H.323 call control;

-
Alternate internet call control methods (SIP/SDP and H.248);

-
Operation over mobile packet networks;

-
Gateway functionality.

Quality of service aspects

The work in this area will consider the effect on the facsimile quality of service of the changes being made to those networks that support facsimile communication. It will also identify causes for failures of poor quality facsimile calls and where appropriate proposing corrective measures. Initially, the work will consider the following list of items but additional ones will be considered as and when they arise:

-
terminal-network interaction;

-
interworking between facsimile terminals connected to different networks (mainly 3rd Generation Mobile Networks);

-
improvement of performance over long-delay or poor quality networks.

New Recommendation

None

Relationship

Directly related Recommendations

	E series
	E.450
E.459
	E.451
E.460
	E.452
	E.453
	E.454
	E.456
	E.457
	E.458

	F series
	F.182bis
	F.185
	
	
	
	
	
	

	T series
	T.4
	T.6
	T.22
	T.23
	T.24
	T.30
	T.31
	T.32

	
	T.33
	T.37
	T.38
	T.90
	T.400 series
	T.503
	T.563
	

	H Series
	H.225
	H.323
	H.245
	H.248
	
	
	
	

	V Series
	V.8
	V.34
	
	
	
	
	
	


Indirectly related Recommendations

	F series
	F.162
	F.163
	F.170
	F.182bis
	
	
	
	

	T series
	T.35
	T.36
	T.37
	T.38
	T.39
	T.42
	T.43
	T.44

	
	T.45
	T.66
	T.80
	T.81
	T.82
	T.83
	T.84
	T.85

	
	T.86
	T.87
	T.88
	T.89
	
	
	
	

	I series
	I.741
	
	
	
	
	
	
	

	X series
	X.3
	X.38
	X.39
	
	
	
	
	


Other Study Groups

Study Groups 12, 13 and 15

Other standardization Organizations


-
ISOC/IETF;


-
ETSI;

· Others as and when required.

Question 15/16 - Distributed Speech Recognition (DSR) and Distributed Speaker Verification (DSV)

Background and justification

Speech recognition systems are being deployed in commercial applications today, where the whole speech recognition system is typically implemented in a central place to which all speech signals are routed.

In addition to speech recognition, speaker verification plays an important role as a biometric verification mechanism, as recognized in the IP Networking and Mediacom 2004 Workshop (Geneva, April 24-27, 2001).

Speech recognition and speaker verification systems need to perform a set of operations, such as signal pre-processing, some sort of front-end extraction of features or parameters, back-end processing, and higher layer control according to the constraints of the application. 

With voice communication over packet based digital networks, such as Voice-over-IP, becoming popular, elements sitting on the edge of the packet network are becoming more capable of accomplishing complex signal processing tasks, such as speech encoding and decoding. With this evolution, there is an opportunity to enhance the performance and efficiency of speech recognition and speaker verification systems by moving some of the basic speech signal processing tasks to the edge of the packet network.

Components of a speech recognition or speaker verification system can be distributed between an edge element (such as a router, gateway or IP telephone) and a remote application server in a flexible manner. For example, the front-end may be implemented on a gateway and the back-end on an application server. In this example, a gateway processor would perform pre-processing and feature-extraction for speech recognition or speaker verification purposes. The features would be compressed, packetized and sent to a speech recognition/speaker verification application server. In turn, the server would perform the back-end processing and take the appropriate action. Alternatively, a portion of the front end such as the speech end-pointer may be implemented on a gateway with the feature extraction and back end being implemented on a server. 

One of the key issues to be resolved if Distributed Speech Recognition (DSR) and Distributed Speaker Verification (DSV) are to become successful is interoperability between system components at the edge of the packet network and those on the server, where the edge element and server are produced by different vendors. This is where standardization is critical.

This question will study which standards for DSR and DSV should be adopted for use over packet-based digital networks, such as IP or ATM networks.

Study items

· Develop the overall system architecture for Distributed Speech Recognition (DSR) and Distributed Speaker Verification (DSV) systems.

· Determine which sets of features are appropriate for DSR and DSV purposes, taking into consideration that the back-end processing should be left as open as possible to allow for improvements in the technologies.

· Study aspects of the front-end processing and feature extraction that should be standardized to ensure interoperability between front-end and back-end components of DSR and DSV systems.

· Define the signalling requirements for communication among front-end, back-end, and any intermediate processing elements of DSR and DSV systems, and develop a mechanism for negotiating capabilities between these elements and selecting a mode of operation.

· Define the protocol requirements for transport of the extracted information over packet based digital networks, and either identify an existing or develop a new transport protocol.

· Consider interoperability issues with existing systems (examples: ETSI AURORA and proprietary systems).

Specific tasks with expected time-frame of completion

This question will study the issues identified above and produce relevant standards for DSR and DSV systems: late 2002.

Relationships

•
Other relevant Questions within Study Group 16 (including Q.B, Q.5, Q.2, and Q.3)

•
ITU-T Study Group 12 on end-to-end performance issues

•
ITU-T Study Group 15 on transmission equipment issues

•
ETSI Aurora and TIPHON

•
Committee T1

•
IETF

•
3GPP, 3GPP-2

                                           

