Question 1/16 - Audiovisual/multimedia services��

Identification of the requirement��1.1 Many telephone-based international telecommunication services have been provided by PSTN. Present technology provides for the development of the facilities utilized in PSTN.

1.2 ISDN has been standardized and many countries have started the provision of enhanced telecommunication services using ISDN. ISDN supports multimedia information transmission capabilities because the division and/or multiplexing of channel capabilities is easily accomplished and provides many integrated service/applications of the multimedia information base.

1.3 Furthermore, broadband ISDN providing high quality enhanced audiovisual multimedia services and mobile networks expanding the scope of the telecommunication area, have been standardized in the network Study Groups.

1.4 As to telecommunication services using ISDN, Study Group 1 has standardized the bearer services, teleservices and supplementary services. Audiovisual services, handling multimedia information such as audio, video graphics and data, have been standardized as a multimedia teleservice. Study Group 1 has standardized the following audiovisual multimedia services, as an audiovisual service infrastructure: 

·	F.700: Audiovisual multimedia services;

·	F.701: Teleconference services general;

·	F.710: Audiographic conference services general;

·	F.711: Audiographic conference services in the ISDN;

·	F.720: Videotelephony services general;

·	F.720 supplement: Videotelephony services general provided over low bit-rate network;

·	F.721: Videotelephony services in the ISDN;

·	F.723: Videotelephony services in the PSTN;

·	F.730: Videoconference services general;

·	F.MCS: Multimedia conference services;

·	F.240: Audiovisual interactive services general.

1.5 Terminal aspects, coding algorithms for audio and visual information, and communication protocols for multimedia information have been standardized in technical Study Groups (e.g. 8, 15).

1.6 The rapid and intelligent handling of information worldwide in the fields of business and home activities makes it highly desirable for the user to be offered enhanced and attractive telecommunication services, incorporating audiovisual multimedia services.

1.7 Current developments in multimedia communications, the computer and consumer fields and the appearance of small-size, low-cost and high-performance personal computers, the current progress of the Global Information Infrastructure (GII), using broadband networks, satellite links and broadcasting and the application trials based on the combination of telecommunication systems (for the control information) with broadcasting systems (for multimedia contents information) will considerably expand services or applications (e.g. video on demand, etc.) based on the usage of multimedia information. A decrease in the possible constraints between the broadcast, computer and telecommunication industry sectors is expected.

1.8 A number of countries intend to introduce international audiovisual multimedia services as soon as possible. In order to develop the requested Recommendations quickly, flexible standardization work is necessary.

1.9 At present, in the multimedia service fields, many fora and consortia, acting as a defacto standardization bodies, have been established. There is a need to harmonize efforts with these standardization bodies as far as possible, to avoid duplication of the work.

1.10 To ensure a reasonable degree of compatibility and international interoperability between multimedia systems, application and operating software and terminals, recognition of the needs of service providers, content providers' and manufacturers' innovations is important.

Text of the Question��2.1 There is a need for standardized international multimedia services which will fully meet evolving user needs and guarantee the compatibility of multimedia systems and terminals on a worldwide basis.

2.2 In the 1993-1996 period Recommendation F.700 was developed providing the mechanism to further develop generic AVMMS services using an Application Scripting (AS) methodology. The following Generic Service Recommendations are identified in F.700 as requiring future development: Multimedia Distribution Services (MDS), Multimedia Collection Services (MCLS), Multimedia Conversational Services (MCVS), Multimedia Message Services (MMS), Multimedia Retrieval Services (MRS).

2.3 The following technical issues are particularly important:

a) The study of the integration of broadcasting systems (for video information) and telecommunication systems (for control information)

In order to request the video content (a movie for example) the user will send commands using the telecommunication system while the video content will be covered by the broadcasting systems. This situation requires the development of an integrated interface between broadcasting video information and telecommunication control signals.

b) The study of the selection mechanism in the multimedia retrieval services

The multimedia retrieval services, such as the audiovisual interactive service standardized in F.740 (AVIS-general), have been studied in SG 1 during the 1993-1996 study period. The selection mechanism should be developed as an extension of this Recommendation.

2.4 The existence of other multimedia standardization bodies (e.g. DAVIC: Digital Audio Visual Council for VOD etc.) in this field is recognized. The necessary harmonization between ITU-T and the other standardization bodies should be accomplished to avoid duplication of work. Therefore completion of a Recommendation on Video On Demand services (VODS) during the 1997-2000 study period is also highly desirable.

2.5 In this standardization effort, the following items should be covered for each audiovisual/multimedia service: consideration of systems, definitions, classification, basic requirement, basic principles, intercommunication, quality of service, terminal/network aspects, applicable network capabilities, international operation, communication procedure for human interface, service attributes.

Expected results��

 � �Target date�� �Service Recommendations�Application Script�Draft Service Recommendation��a)�F.MDS�Nov. 1996�Oct. 1997��b)�F.MCLS�1997�Oct. 1997��c)�F.MMS�1997�Oct. 1997��d)�F.MRS�1997�Oct. 1997��e)�F.VODS�1997�Oct. 1997��The derivation of network-specific service Recommendations from these generic service Recommendations is also required.

Liaison activity��Cooperation will be required with ITU-T Study Groups 2, 7, 11, 12, 13 and 15.

Collaboration with other Questions of ITU-T Study Group 2 will be needed regarding some of the network-specific service Recommendations (e.g. N-ISDN, B-ISDN, PSTN, mobile).

Question 2/16 - Interactive multimedia information retrieval services (MIRS)��

Objectives��Production and maintenance of a set of Recommendations covering protocols and data-syntax aspects of broadband and narrow-band MIRS including architecture, application programming interfaces (APIs), end-to-end and lower layer (network access) protocols , and interworking issues. Conformance testing issues might be investigated on a case-by-case basis. The work items identified in this document will form the basis for the work of this Question. A flexible market-oriented approach will be taken when identifying new work items that may result from market requirements during the study period.

Recommendations��2.1 Existing Recommendations 

·	T.100, T.101, T.102, T.103, T.104, T.105, T.106 T.107, T.504, T.523, T.541 and T.564.

2.2 Planned Recommendations 

·	T.170, T.171, T.172, T.173, T.174, T.175 and T.176.

Liaisons��·	ITU-T SG 2 (on Service aspects of videotex)

·	ISO/IEC 1/SC 29/ WG 11 (MPEG)

·	ISO/IEC JTC 1/SC 29/ WG 12 (MHEG)

·	ITU-T SG 13 (broadband aspects) 

·	DAVIC (Digital Audio Visual Council)

·	ITU-T SG 15 

·	Informal with regional organizations, e.g. ETSI

·	ISO/IEC JTC 1/SC 18/WG 8

Work items��The work of this Question is structured into three work areas. This allows sharing of the workload between several associated Rapporteurs.

Multimedia functional model and APIs for broadband MIRS

This work area will develop the basic framework and general reference model for the work to be carried out in this Question. Moreover, APIs will be developed to allow the implementation of portable application software in the framework of this Question.

WI1:�Functional model for MIRS (base documents from DAVIC and ETSI)���Draft Recommendation T.170�"Framework and functional reference model for broadband MIRS"����This document will form the basis for the work to be carried in this new Question. It will be based on the functional reference models developed by ETSI and DAVIC and it will show how these different approaches can be mapped on each other.����The target date for approval is 1997/1998.��WI2:�Application programming interfaces (base documents from ETSI)���Draft Recommendation T.174�"API for MHEG-1"����This document specifies the API for MHEG-1 engines. This will allow applications as well as Script engines to make use of the services offered by a MHEG-1 engine. The interface will be defined making use of the interface definition language (IDL) of the object management group (OMG).����Date for approval: October 1996.���Draft Recommendation T.175�"API for MHEG-5"����This document specifies the API for MHEG-5 engines. This will allow applications as well as Script engines to make use of the services offered by a MHEG-5 engine. The interface will be defined making use of IDL defined by OMG. This standard is applicable to the set top unit (STU) environment.����The target date for Resolution 1 procedure is February 1997.��Multimedia syntaxes and protocols for broadband MIRS

This work area will develop multimedia syntaxes and protocols for broadband MIRS. Close cooperation with other international and regional organizations like ISO, DAVIC and ETSI is envisaged to guarantee a harmonized set of Recommendations that will allow end-to-end interoperability on a worldwide basis.

A relationship with Q.3/16 will be developed and an interworking with the T.120-series will be explored when the direction of interactive multimedia information retrieval services moves towards multimedia conferencing.

WI3:�Multimedia syntaxes (base documents from ISO and ETSI)�� �Draft Recommendation T.171�"MHEG-1 - Coded representation of multimedia and hypermedia objects (ASN.1 notation)"�� � �This document specifies the coded representation of multimedia application in the ASN.1 format. MHEG-1 is a generic standard applicable to a broad range of applications that can serve for future profiling activities.�� � �Date for approval: October 1996.�� �Draft Recommendation T.172�"MHEG-5 - Coded representation of multimedia and hypermedia objects; profile for base-level implementation (ASN.1 notation)"�� � �This document specifies the coded representation of basic multimedia application in the ASN.1 format. MHEG-5 is derived from MHEG-1 and applicable for the STU environment and a basic set of applications.�� � �The target date for approval is 1997/1998.�� �Draft Recommendation T.173�"MHEG-3 - Script interchange representation (SIR)"�� � �This document specifies the scripting enhancement to be used in a MHEG environment. This script functionality extends MHEG applications with features like logical control structures, advanced computation and an interfacing mechanism to the external environment. Moreover, the SIR can be used as a standard for application software portability independent from an MHEG environment.�� � �The target date for Resolution 1 procedure is February 1997.��WI4:�Multimedia protocols (base document from ISO)�� �Draft Recommendation T.176�"End-to-end protocols for MIRS"�� � �This document specifies the application-oriented user-to-user and user-to-network protocols to be used in an MHEG environment. The user-to-user protocols are defined by specifying (using IDL) an interface to application-oriented functionality (e.g. FileRead). The user-to-network protocol provides session management functions rather than layer three functionality. This document will be based on DSM-CC as defined by MPEG-2 Part 6.�� � �The target date for approval is 1998.��Low and medium bandwidth MIRS

This work area will provide a framework and a set of Recommendations for low and medium bandwidth MIRS. Moreover, market relevant interworking scenarios between different MIRS will be considered.

WI5:�Maintenance of videotex Recommendations�� � �The standardization activities in videotex are completed. Videotex Recommendations are stable and no major work and no new Recommendations are expected under this work item.��WI6:�Further developments of VEMMI (based on Recommendation T.107)�� � �This work item will deal with the enhancement of VEMMI to cope with new data content types like HTML. It is also expected that VEMMI will be improved taking into account results from the first commercial implementations.�� � �The target date for approval is 1998/1999.��WI7:�Interworking between different MIRS (e.g. videotex, Internet, VEMMI, MHEG and DAVIC systems)�� � �This work item aims to identify possible market-relevant interworking scenarios between the above-mentioned technology. According to the actual market situation several Recommendations are expected under this work item. The interworking between videotex and Internet has already been identified as market relevant.�� � �The target date for approval is 1997/1998/1999.�� 

Working methods (as proposed during past study period)��The work of this Question is structured into three different working areas, each of them working under the responsibility of an associated Rapporteur. The meeting of the different work areas will be held sequential in a non-overlapping fashion, to take benefit of the expertise of all members of the group in each individual working area. Parallel working sessions will only be scheduled on request of all working areas. The Rapporteur will act as a product manager and coordinate the activities and the schedule of the group (meeting schedule to be published in advance of each meeting). He is also responsible for representing the group to the outside world.

Question 3/16 - Data protocols for multimedia conferencing��

Type��Task-oriented Question.

Reasons for proposed Questions��Communications of all sorts and in particular terminal to terminal communications has experienced tremendous growth over the last decade. Much of this growth has been in point-to-point communications. Multipoint communications (calls such that various points within a group can communicate with the rest of the group) is a logical extension of this trend. It is recognized that a common comprehensive suite of communication and control protocols is required to support the communications between terminals with different characteristics over connections with different service levels.

This Question has been developing such a set of comprehensive protocols to support communications required in the various classes of multimedia conferences. The active participation of manufacturers and service providers to support this standardization activity supports the need for this work. This participation has gradually increased over the past five years. In addition, consortia such as the IMTC (International Multimedia Teleconferencing Consortium, Inc.) are requesting recognition from the ITU so that they can contribute directly to this standards work.

Based on technologies developed in the T.120-series, service providers intend to offer multimedia conference bridging services to users. Development of standardized protocols for conference reservations and monitoring, for the various equipments playing a role in the conferencing model is recognized as bringing added value to end users. This activity finds large support from service providers, equipment manufacturers, and others.

Other study groups have also recognized the value of this activity. T.120 codepoints have been assigned in a number of H-series Recommendations and applicable V-series Recommendations.

Text of Question��System aspects 

·	Consideration of protocols to support the multimedia conferencing defined in Recommendation F.710;

·	definition and division of responsibility between terminals, multipoint control units and reservation systems;

·	definition of conferencing management functions;

·	interworking and intercommunications;

·	reservation of resources and required facilities.

Terminal, multipoint control unit and reservation system aspects 

·	Necessary capabilities negotiation;

·	conference establishment procedures;

·	multipoint data delivery and synchronization;

·	conference scheduling and control;

·	conference privacy and security.

Protocol aspects 

·	Protocol architecture to provide a multipoint common visual space;

·	real-time graphical interaction on the common visual space;

·	communications of common ITU-T and ISO image and graphics types in the common visual space;

·	mechanism for identification and arbitration of standard and non-standard application protocols;

·	provisions for interoperation across various networks;

·	high-level conference control of audio, video and data;

·	design of application protocol service elements that have broad utility, including conference reservation protocols, transparent user data and application sharing.

Frame structure 

·	Requirements of transport services in various networks;

·	applicability of multiplexer Recommendations defined by others.

Task/objective schedule�� 

Task�Adoption��Overview of T.120-series�1996��General application template�1996��T.123 extensions�WTSC-96��Set of audio video control Recommendations�First meeting of next study period��Set of reservations Recommendations�Second meeting of next study period��Transparent user data�Second meeting of next study period��T.120-series extensions�1997-2000��T.122/T.125� ��T.124� ��T126� ��T.127� ��

Task relationships��Recommendations 

·	G-, H-, Q- and V-series

Questions 

·	New Questions 9, 10/8 and 2/16

Study Groups 

·	ITU-T Study Group 7 on multipoint data delivery services.

Other standardization bodies 

·	ISO/IEC JTC 1/SC 29/WG 11

·	ETSI-TE4

Consortia 

·	IMTC, DAVIC

Question 4/16 - Modems for switched telephone network and telephone-type leased circuits��

Background��During the 1993-1996 study period the activity has been high on this Question with six new Recommendations being developed.

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��Modems used in switched and leased line telephone-type applications, including such features as:

1) modulation techniques, and procedures for: 

·	startup,

·	data signalling and/or symbol rate selection,

·	training,

·	retraining, 

·	fall-back in data signalling rate and/or symbol rate; and

2) techniques for the integration of data and audio communications on a telephone connection including procedures for negotiating such facilities;

3) compatibility with network equipment, specifically DCME/PCME and echo control devices;

4) interworking issues arising from the use of modems on mixed GSTN - other transport mechanisms;

5) interworking issues arising from the use of modems on various multimedia platforms.

Specific tasks��Enhancements to Recommendation V.34: 1997.

A Recommendation on voice grade GSTN multimedia interworking.

Relationships��ITU-T Study Group 8 on simultaneous voice and fax and audiographic conferencing.

ITU-T Study Group 12 on speech coder quality assessment.

ITU-T Study Group 15 on matters of network equipment compatibility.

Question 5/16 - ISDN terminal adapters, and interworking of DTEs on ISDNs with DTEs on other networks��

Background��Recommendations V.110 and V.120 were updated and a new Recommendation was developed during the 1993-1996 study period. Continued study is necessary on issues arising from the use of V-series terminals on ISDN services.

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: 

·	multi-use bearer service, and

·	other bearer services.

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

·	DTEs on non-ISDN digital networks;

·	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 TA 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

Question 6/16 - DTE-DCE interchange circuits��

Background��During the 1993-1996 study period one new Recommendation was developed and many existing Recommendations were modified. The need for the continued study of DTE-DCE interfaces to keep pace with changing modem and DTE technologies remains of high importance.

Items for study��The definition of DTE-DCE interchange circuits including: functional, and electrical characteristics.

Specific tasks��The development of new DTE-DCE interface-related Recommendations as well as revising existing ones. Also the development of a joint ITU-T Recommendation/ISO IEC Technical Report on Data Flow Control at the DTE-DCE interface.

Relationships��·	ITU-T Study Group 7 on DTE-DCE interface issues.

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





Question 7/16 - DTE-DCE protocols��

Background��During the 1993-1996 study period new Recommendations were developed which greatly expand the DTEs' ability to configure and control the associated DCE. This work will need to be continued to meet the changing requirements of DCEs and DTEs.

Items for study��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.

Specific tasks and deadlines��Develop new control Recommendations as well as update Recommendations V.25, V.25bis, V.25ter and V.80.

Relationships��·	Other questions of SG 16 on multimedia commands.

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

Question 8/16 - DCE-DCE protocols��

Background��During the 1993-1996 study period much of the study was concentrated on the study of the compression of synchronous data. Work has recently been started in ISO/IEC JTC 1/SC 6 to consider the inclusion of the results of this study in a DTE.

Items for study��Protocols between DCEs including such items as: 

·	half-duplex operation;

·	statistical multiplexing;

·	secure access and privacy of data;

·	compression of synchronous data;

·	improved compression algorithms;

·	changes to Recommendations V.42, V.42bis, and V.76.

Specific tasks and deadlines��The development of new Recommendations for compression of synchronous data and secure access, and the addition of improved compression algorithms to V.42bis.

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

Question 9/16 - Accessibility to multimedia for people with disabilities��

Background��Question Q.9/16 "Accessibility to multimedia for people with disabilities" produces and maintains Recommendations for multimedia systems and services of specific interest to people with disabilities. Current focus is on text conversation facilities. The requirements for such facilities traditionally come mainly from users who can not use voice telephony because of a speech or hearing disability. The needs are similar to voice telephone user needs; simple straightforward connection and conversation (in text) without bothering about parameter settings, mode selections and compatibility issues. Recommendation V.18 is the platform for plain text telephony in the PSTN. Many disabled users would benefit from having an opportunity to use any combination of voice, text and video simultaneously in the same call. The Question cooperates with the other Questions in the Study Group to create awareness, information and recommendations for accessible multimedia systems.

Items for study��·	Refinement of the text-only procedures in V.18.

·	Clarification of protocols for simultaneous voice and text.

·	Symmetric handling of mode transfer from voice to text.

·	Adjustments of the V.25ter modem control specification for V.18.

·	Booking of codepoints in V.8bis for agreed modes for text telephony.

·	Higher level protocols for text conversation in V.18.

·	Requirement specification and service definition for text conversation.

·	Text conversation protocols in the multimedia environments T.120, H.32x and the Internet.

·	Requirements on videocoding and videotelephony for sign language and lip-reading.

·	General information and awareness of needs and existing solutions for disabled and elderly people in the multimedia environment.

Specific tasks and deadlines��·	Revision to Recommendation V.18 for text telephony in the PSTN to be decided in January 1998.

·	Protocol and architecture for text conversation in multimedia services to be determined January 1998.

·	Requirements on video communication for sign language and lip-reading documented together with Q.15/16.

Relationships��·	Other Questions of ITU-T SG 16 on multimedia protocols and architectures for text conversation.

·	ITU-T Q.15/16 on videocoding for sign language and lip-reading communication.

·	ITU-T Q.1/16 on service definitions.

·	ITU-T Q.16/2 and Q.17/2 on coordination of disability-related issues.

·	ITU-D Q.2/1 for information.

Question 10/16 - Testing��

Background��During the 1993-1996 study period two new Recommendations were developed. This Question will need to be continued to respond to changes in network and DCE technology.

Items for study��Definition of maintenance loops and methods for testing DCEs including: 

·	specification of maintenance loops;

·	measurement of throughput including the effects of error control;

·	specification of network simulations to reflect network changes;

·	measurement of performance:

a) on simulated analogue cellular connections;

b) of multimedia modems excluding the audio channel performance.

Specific tasks and deadlines��The possible development of new Recommendations addressing items 4 a) and b) as well as revisions to Recommendations V.54, V.56, V.56bis and V.56ter to address new developments in modem and network technology.

Relationships��ISO/IEC JTC 1/SC 6 on the usage of maintenance loops.

QUESTION 11/16 Circuit Switched Network (CSN) multimedia systems and terminals

Question 11/16 - Circuit Switched Network (CSN) multimedia systems and terminals��

Background and justification��Since the first set of Recommendations for audiovisual communication systems in N-ISDN environments (H.320) were established in 1990, conforming equipment has been developed. Following this, several enhancements with respect to multipoint communication, use of new audio coding, security features and use of telematics data have been developed during the last study period in form of new Recommendations or revision of existing Recommendations. For audiovisual communications over the PSTN, H.324 series of Recommendations have been developed in 1996. Work for expanding the Recommendations to mobile applications has also been determined. These efforts to respond to the market needs should be continued with particular attention to the introduction of advanced technologies, interworking with other terminals accommodated in different networks and enhancements to cover services other than conversational service.

Study Items��·	Guidance for design of terminals based on human factors considerations and accumulated experience in the field

·	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 audiovisual coding (e.g. H.263L)

·	Enhancement by use of optional telematics data

·	Terminal signal processing for MCU, particularly for continuous presence systems

·	Requirements for call control and signalling

·	Studies of multilink, multipoint, loopback and encryption

·	Error protection "tools" for use with mobile networks

·	Interworking with other terminals accommodated in other networks (H.310, H.320, H.323); function allocation and gateway specifications

·	Improvements in detection of far-end terminal type and offered features and reduction of delays associated with service start-up after call completion (H.dispatch)

·	Specifications necessary for accommodating new services other than conversational services, such as retrieval, messaging, distribution services

·	Revision/maintenance of existing H-series Recommendations; Recommendations under the responsibility of this Question include H.221, H.223, H.224, H.230, H.242, H.244, H.320, H.324, H.324/Annex C, H.281 and H.331.

Specific task objectives with expected time frame of completion��·	Revisions of H.320: 1997

·	New H.32X for new multimedia services: 1998

·	Enhancement of H.324 for non-conversational services as well as multilink, multipoint, and loopback: 1997

·	Finalization of H.324: 1998

·	Extension of H.324 to FPMLTS: to be determined

·	Error protection of H.223 Bitstream: to be determined

·	H.dispatch: to be determined

Relationships��·	Other Questions of SG16 dealing with audio coding and AVMMS and modems

·	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 TG 8/1 for FPMLTS

·	ISO/IEC SG 29/WG11

·	IMTC

Question 12/16 - B-ISDN Multimedia systems and terminals��

Background and justification��ITU-T Study Group 15 has studied requirements for audiovisual multimedia terminals working over "broadband ISDN" ("B-ISDN") and ATM networks. This Question addresses further work required to improve and extend working of AVMMS for both conversational non-conversational services with these network types and will include continued enhancements of working methods for H.310 and H.321 terminal systems and improve interworking with other AVMMS terminals.

Study items��·	Further work on existing B-ISDN multimedia terminal Recommendations, including verification tests with real-time hardware, start-up issues, Q.2931 signalling for terminal protocol identification, audio level setting when MPEG audio is used, etc.

·	Further development of systems to make use of network-specific features such as asymmetric channel configurations (e.g. for distance learning, intra-company TV), multipoint conferences without a multipoint control unit, variable bit rate coding methods.

·	Terminal equipment requirements, including e.g. network adaptations and interfaces and user interface.

·	Commonality of constituent elements with other AVMM systems on other network types.

·	Use of non-conversational and telematic services and features.

·	Adaptation of advanced audiovisual coding.

·	Alignment with goals related to GII.

·	Revision/maintenance of existing H-series Recommendations; Recommendations under the responsibility of this Question include H.222.0, H.222.1, H.310 and H.321.

Specific task objectives with expected time frame of completion��·	Completion of B-ISDN Multimedia Systems and Terminals Recommendations as noted in Study Items: early 1997

·	Integration of new features such as non-conversational services, telematics: late 1997

·	Multipoint working with and without an MCU: 1998

·	Inclusion of advanced media coding: mid to late 1998

Relationships��·	Other Questions of Study Group 16 dealing with audio coding, audio signal processing and AVMMS

·	ITU-T SG 2 for service aspects

·	ITU-T SG 8 for telematic aspects

·	ITU-T SG 13 on GII

·	ITU-T SGs 11 and 13 and ATM Forum on B-ISDN/ATM

·	ITU-T SG 15 on PDH/SDH networks

Question 13/16 - Packet switched multimedia systems and terminals��

Background and justification��ITU-T Study Group 15 initiated studies related to audiovisual multimedia terminals using packet switched networks, specifically in the context of the Local Area Network (LAN). Use of packet-switched technologies beyond premises LANs has increased, notably in the context of "the Internet." Note that these studies should take account of systems and terminals operating independently of transport network types, so long as common packet-switched network layers are provided to isolate the AVMMS from the details of operation of the transport network. Further work in this area is required to complete, improve, and maintain the existing Recommendations and to improve working in wide area packet-switched networks such as the Internet.

Study items��·	Completion of H.323 AVMMS terminal Recommendation (e.g. signalling issues, security. multipoint with and without MCU).

·	Enhancement for use of packet-switched network features such as multicast, bandwidth reservation, congestion detection and avoidance (including budgeting and allocating resources).

·	Identification of unique and common features of working on packet-switched networks vs. working on circuit-switched networks.

·	Requirements for improved media coding adapted to the packet-switched environment.

·	Studies of abstract packet switched network interface to allow adaptation of a generic packet-switched terminal type to multiple physical network types.

·	Interaction of AVMMS with LAN/Internet information services, such as name and address directory services.

·	Studies of distributed control and other distributed operations.

·	Integration with non-interactive services in pursuit of GII goals.

·	Revision/maintenance of existing H-series Recommendations; Recommendations under the responsibility of this Question include H.225.0, H.322 and H.323.

Specific task objectives with expected time frame of completion��·	Revision and enhancement of H.323 and H.225.0 for encryption and advanced network features including especially additional multipoint features: 1998

·	New Recommendation for management aspects, uni-direction distribution, specification of packetization formats for new audio and video algorithms: 1998

·	Adoption of abstract packet-switched network interface: 1999

Relationships��·	Other Questions of Study Group 16 dealing with audio coding and AVMMS

·	ITU-T SG 2 for human factor aspects

·	ITU-T SG 8 for telematic aspects

·	ITU-T SG 12 for quality aspects

·	ITU-T SG 13 for GII

·	Organizations outside the ITU such as ISO, Frame Relay Consortium, ATM Forum, etc.

Question 14/16 - Common protocols, MCUs and protocols for interworking with H.300 Series terminals��

Background and justification��ITU-T Study Group 15 has studied requirements for multipoint control units (MCU). This Question addresses further work required to improve and extend the working of MCUs, and adds studies of the working of gateways between AVMMS on different network types. This addition is motivated by the increasing number of network types over which AVMMS are expected to operate, and the need to promote interworking between such units on such networks without adding undue complexity to the AVMMS terminals. Since some fundamental differences exist between the network types, different component elements are sometimes required, but it would be burdensome to include components for all networks in all systems. Translation between differing component elements is to be provided by gateways capable of translating and transcoding between network types; such functionality may commonly be integrated with MCUs which bridge different network types.

This Question also addresses the common protocols to ensure interworking and harmonization of AVMM systems. For example, the H.245 Recommendation has been developed to specify a common control and indication protocol for terminals on all network types.

Study items��·	Maintenance of existing MCU Recommendations

·	Continued development of MCUs for operation on a single network type, including types not yet considered

·	MCUs and interworking methods for working between different network types

·	Advanced media stream combination and mixing services including combination of multiple video streams into a "continuous presence" format, operation of multicast "mixer" devices

·	Interworking with other network devices (e.g. switches and routers) to support advanced AVMMS features

·	Relationship between multipoint conferences with and without an MCU and development of working methods for hybrid conference combining terminals for both multipoint conference types

·	Conference control functions of MCUs, including admission to and expansion of conferences, use of conference control protocols such as T.120 and T.130 series

·	Development of methods to permit authentication, encryption, and encryption key exchange between dissimilar network and terminal types

·	Integration of conversational and non-conversational services

·	Interworking between H.323, H.310, H.324, H.320 and other H.300 series terminals addressing issues such as: multiplex conversion, control protocol conversion, media transcoding, etc.

·	Call control, management, and quality of service issues in multipoint and multinetwork operation

·	Revision/maintenance of existing H-series Recommendations; Recommendations under the responsibility of this Question include H.231, H.233, H.234, H.243 and H.245

Specific task objectives with expected time frame of completion��·	MCU support for non-conversational services and advanced conference control (service interworking): late 1998

·	H.24i for H.242 to H.245 conversion, H.221 to H.225.0, and other conversions and procedures: 1998

·	MCU for GSTN terminals: 1998

·	Support for advanced media mixing techniques: 1998

·	MCU for B-ISDN terminals: 1999

Relationships��·	Other Questions of Study Group 16 dealing with audio coding and AVMMS

·	ITU-T SG 8 for telematics aspects

·	ITU-T SG 11 for encryption aspects

·	ITU-T SG 12 for quality of service aspects

·	ITU-T SG 13 for B-ISDN and GII aspects





Question 15/16 - Advanced video coding��

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.

Two advanced video coding projects designated as H.263+ and H.263L have been developed. H.263+ is to improve the performance of H.263 by means of incremental extensions to the H.263 algorithm. H.263L 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.263L.

Study items��Advanced coding methods in order to achieve the following objectives: 

·	methods to lower delay;

·	higher compression ratios;

·	a better quality image;

·	robust operation in error prone environments (e.g. mobile);

·	organization of the bit stream to support packetization;

·	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 (studied in MPEG4).

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

New video compression algorithms.

Variable Bit Rate coding.

Impact of download coding.

Specific task objectives with expected time frame of completion��·	H.263+ : 1997

·	H.263L : 1998 or later

Relationships��·	Other Questions of SG 16 dealing with AVMMS

·	ITU-T SG 12 for quality aspects

·	ISO/IEC MPEG4 for harmonization of advanced coding objectives

Question 16/16 - Harmonization of multimedia systems, applications, and services��

Background and justification��Harmonisation of audiovisual systems began in 1985 when the need for a widely coordinated approach to multimedia (then "multi-facility") was recognised, and has been realized in the H.200 Recommendation. SG 15, as the lead SG for AVMMS in the ITU-T, has the role of coordinating and harmonizing the relevant work carried out in other SGs. The harmonization of multimedia methods needs to be strengthened.

Study items��Enhancement and updating of Framework for MM Standardisation, and other management tools for mapping the whole MM architecture/standards scene, market needs and business priorities; this work will show standards already achieved, and plan and monitor the ongoing/future work. Note: H.200 could be a basis for this study.

Analysis and listing of the requirements for harmonisation including: 

·	use of common components for multiple systems (e.g. G.711, G.722 and H.221/242 in H.320 and audiographic teleconferencing, H.221 also for broadcast quality audio transmission, H.261 in PSTN as .well as N-ISDN systems, H.245 in-band control for PSTN, B-ISDN and LAN systems, T.120 for a wide range of systems...);

·	use of similar processes to minimise complexity and/or encourage the manufacture of multi-use equipment;

·	interworking between different terminals connected to the same network, and same or different terminals connected to different networks; analysis of the effect of network service gateways on multimedia protocols and liaison with appropriate SGs (e.g. by developing a Living Document summarising all such interworking requirements and policies with clear configuration diagrams);

·	impacts of new networks such as Internet, CATV and wireless LANS.

Continual review of current work to ensure that it is consistent with the requirements 

·	maximum use of existing standards, and cooperation between parallel activities to maximise re-use;

·	takes into account in specific detail, the interworking aspects listed:

- call control on one network, including information concerning capabilities which may affect whether the remote terminal answers a call request or not;

- call control involving two (or more) networks;

- in-band control, including capability exchange, mode information/control, encryption+key management;

- information media - commonality and/or profiling.

Specific task objectives with estimated time frames of completion��·	Revision/updating of H.200: as required

·	Developing a living list: as required

Relationship of this study to others��·	ITU-T SGs 2, 3, 7, 8, 9, 11, 12 and 13 for coordinating their AVMMS related studies

·	ITU-R SGs 10 and 11

·	ISO/IEC (MPEG), DAVIC, IMTC

Question 17/16 - AVMMS Coordination��

Background and justification��As the Lead Study Group for AVMMS in the ITU-T, Study Group 15 has to develop a framework for coordination of the activities amongst the involved Study Groups.

Study items��The following items should be studied: 

·	Develop a standardization plan for AVMMS with other Study Groups of the ITU-T and in conjunction with ITU-R and other partner organizations.

·	Develop a work plan with agreed and established business based priorities and deadlines to help to coordinate and focus the studies on AVMMS.

·	Provide coordination across all ITU-T Study Groups to ensure the best utilization of all available expertise and that all parties be involved in the establishment of the priorities.

·	Provide coordination with ITU-R to ensure necessary expertise and advice when necessary.

·	Provide coordination with other standards organizations such as IEC/ISO to ensure consolidation of work plans and priorities, and with other industry consortia as necessary to ensure adequate business, market and technological input to the establishment of the work priorities.

Specific tasks��·	Develop a standardization plan for the AVMMS in conjunction with partners, initial by end 1996 and an agreed update by mid 1997

·	Develop a work plan including prioritization for all ITU work on the AVMMS: initialization end 1996, agreed update: by mid 1997

·	Consolidate the ITU work plan with partner organizations by mid 1997.

Relationships��·	All ITU-T Study Groups

·	ITU-R Study Groups as appropriate

·	ISO/IEC

·	Industry consortia, such as DAVIC, MMCOI, ATMF, DVB, …

Question 18/16 - Interaction of high-speed voice-band data systems with signal processing�equipment in the public telephone network��

Background and justification��High speed voice-band data transmission techniques are now used in many terminals connected to the public switched telephone network (PSTN). With interactive multimedia applications and services, a number of sophisticated signal processing algorithms will be used for speech coding, speech recognition and synthesis, speaker identification, echo control, automatic level control and speech enhancement, facsimile and video processing will be deployed in the PSTN. In the same time, algorithms for speech coding, acoustic echo cancellation and voice activity detection will be deployed in terminal equipment and may interact with signal processing equipment in the network in ways that could potentially affect the quality of the voice signals that the user perceives. Finally, it is expected that networks will not be homogeneous either in the type of infrastructure or in the nature of ownership. 

Study items��·	Develop unified procedures and network protocols to the PSTN with the following capabilities:

- interworking with existing protocols, algorithms, between the network and end-user terminals to allow easy upgrade of capabilities;

- ability within the network to separate bit streams on virtual channels to provide functions such as language translation, voice messaging, etc.;

- ability to support tandem network operations, such as the support functions necessary to avoid transcoding of speech and video traffic over various links;

- ability within the network to support rate adaptation (i.e., throughput rate may different for the input and the output for each traffic type, independent of the other types.

·	The specific PSTN properties and constraints that should be taken into account when multimedia services are introduced in the evolving telecommunications networks.

·	The physical and protocol characteristics of the ISDN, B-ISDN, Local Area Networks, cellular and mobile networks (including those that use satellite communications) to be considered to achieve as much harmonization within the network as possible.

·	The development of network interface control procedures for the introduction of new mulitmedia services on the PSTN.

·	The effect of rapidly varying transmission error, frame loss and multiple frame loss upon the integrity of ITU-T voice coding algorithms, particularly for mobile and satellite systems.

·	The optimal error-protection strategies to protect the key parameters within the various voice coding algorithms taking into account the trade-offs between channel capacity and the degree of protection, particularly for mobile and satellite systems.

·	The test procedures and the parameters that can be used to evaluate and measure the interaction of multimedia services with signal processing equipment in the PSTN need to be considered.

·	The models that could be recommended for use to measure the above parameters.

·	The effects of different network architectures and configurations on the interaction of multimedia traffic and existing telephonic services.

·	What extensions and/or supplements are needed to existing G.series recommendations that could be recommended for use to maintain or enhance the service quality of existing services when new types of traffic are introduced ?

·	To study and propose inter-platform, low overhead protocols that will provide synchronization and error protection to the new ITU speech and audio coders and, optionally, to those specified in Recommendations G.728 and G.729.

Specific tasks and deadlines��It is expected that this work will result in revising one or more of existing recommendations and as well as writing at least three new recommendations as follows : 

·	Recommendation on the call setup procedures for establishing secondary calls in the �PSTN: 1998

·	Recommendation on the testing and deployment of automatic level control devices in the network: 1997

·	Recommendation on the protocol to be used to provide synchronization and error protection to the various new ITU-T algorithms across several platforms: 1998.

Relationships��·	Other relevant questions of SG 16

·	ITU-T SG 8 for facsimile

·	ITU-T SG 11 for signaling interfaces

·	ITU-T SG 2 and SG 12 for test of automatic level control

·	ITU-T SG 13 for ISDN and B-ISDN interfaces

Question 19/16 - Extension to existing ITU-T speech coding standards at bit rates below 16 kbit/s��

Background and justification��ITU-T has issued in the last study period Recommendation G.728 describing a 16 kbit/s speech coding algorithm, G.729 describing an 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, respectively. These standards will be used in various applications such as audio-visual systems, mobile radio systems, circuit multiplication equipment, and simultaneous voice and data service.

In the 1997-2000 study period, standardisation of extensions to these recommendations are expected which increase the flexibility in using these standards in different applications, in terms of variable bit rates, improved quality and robustness and for discontinuous transmission.

Study items��·	What algorithm(s) should be recommended for encoded speech signals based on G.729 at variable rates at 6.4 kbit/s and around 12 kbit/s?

·	What Voice Activity Detection/Comfort Noise Generation (VAD/CNG) should be recommended for the current ITU-T speech coding algorithms ?

·	How should a floating-point inter-operable version of the ITU-T Rec. G.729 and the recommended algorithm(s) be recommended?

·	What algorithm should be recommended for encoded speech signals based on G.728 at variable rates to accommodate voice band data signals in a range of 16 kbit/s to 40 kbit/s?

·	What algorithm(s) should be recommended based on G.728 to increase robustness against frame erasures in mobile radio channels and allow operation in switched/packet channels?

·	What should be recommended for test methods and conditions to be used to select encoding algorithm(s) to be recommended ?

·	What should be recommended for procedure for the verification of implementation conformance to the recommended algorithm(s) ?

·	What changes to coding algorithms may be necessary to support system aspects of applications (e.g. synchronisation procedure to incorporate with a system)?

Specific tasks and deadlines��·	Annex to ITU-T Rec. G.729 for the floating point Inter-operable version: 1997

·	Annex to ITU-T Rec. G.729 for operating at variable bit rates: 1998

·	Annex to ITU-T Rec. G.728 for VBR operation for VBD transmission: 1997

·	Annex to ITU-T Rec. G.728 for mobile radio applications: 1997

·	VAD/CNG algorithm for mobile radio applications: 1998

Relationships��·	Other relevant Questions of Study Group 16

·	ITU-T Study Group 12: speech performance aspects of digital systems and integration of personal telephone systems into public switched networks, and subjective evaluation

·	ITU-T Study Group 13: ISDN and general network issues

·	ITU-R TG 8/1: PCS and FPLMTS applications, in particular, radio-channel characteristics of the PCS and FPLMTS systems, and the requirements of low complexity/low power for an 8 kbit/s speech codec to be employed

Question 20/16 - Audio and wideband coding in public telecommunication networks��

Background and justification��The increasing interest in new services using wideband speech and audio coding methods in public telecommunication networks stress the need to investigate new standards both for audio signals with bandwidth of 15 - 20 kHz and for wideband 7 kHz bandwidth.

Examples of potential applications are: 

·	communication services with storage and retrieval of multimedia documents;

·	services on PSTN;

·	mobile audiovisual services in universal mobile telecommunications networks;

·	services on ISDN: ISDN narrow-band video telephony, audiographic conference, 7 kHz telephony using H.221 framing;

·	services requiring scaleable codecs, for example, 1) receiving terminals with limited processing resources able to recover a portion of the available coded bandwidth, and 2) systems using dynamic bandwidth allocation between coexisting services with the ability to allow bit rate trade-offs between voice, video and data services.

There is also a common belief that the progress of research in the field of audio coding would allow near CD quality at bit rates equal to or less than 64 kbit/s.

Concerning speech coding, ITU-T approved in 1986 Recommendation G.722 for wideband speech (7 kHz) at transmission rates of 64, 56 and 48 kbit/s. Since then, advances in speech coding are indicating that high quality voice at 7 kHz bandwidth can be achieved at significantly reduced transmission rates.

Question��What coding algorithms should be specified that can be used for speech coding and audio coding (mono or stereo) and that may operate at bandwidths greater than the telephone bandwidth up to �20 kHz (at bit rates equal to or less than 64 kbit/s)?

This Question will also continue the work, initiated in the 1993-1996 Study Period, to develop a wideband coding algorithm.

Study items��·	Study of applications requiring scaleable coding techniques.

·	Consideration of network requirements and constraints (e.g. influence of H.221 protocol, interworking with other coding methods, tandeming in MCU configurations).

·	The study of appropriate environmental conditions, e.g. error conditions, background noise conditions, and in hands-free-telephony this may include reverberation. Definition of test conditions and evaluation procedures to be applied in selecting between candidate algorithms.

·	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.

·	Selection and specification of one or several coding schemes.

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

Specific tasks��·	Complete the ongoing standardisation process for the wideband (7 kHz) algorithm at 16, 24 and 32 kbit/s: 1998

·	Study and definition of applications and network requirements for a new coding algorithm to be identified: 1998

·	Study and definition of performance and test requirements for the new coding algorithm: 1998

·	Evaluation of algorithm performance against specified requirements for the new coding algorithm: 1999

·	Definition of algorithms and associated verification procedures for the new coding algorithm: 2000.

Relationships��·	Other relevant Questions of SG 16.

·	ITU-T SG 2 (identification of potential applications)

·	ITU-T SG 9 (for sound & television transmission)

·	ITU-T SG 12 (evaluation of performances with respect to voice quality)

·	ITU-R SG 8 (requirements for application in mobile networks and UPT)

·	ISO/MPEG (standardization of similar types of coding algorithms)

Question 21/16 - Encoding of speech signals at bit rates around 4 kbit/s��

Background and justification��In the 1989 - 1992 and 1993 - 1996 study periods, ITU-T studied on a speech encoding algorithm operating at a bit rate around 8 kbit/s, which leads to the speech coding recommendation G.729. This effort has been a logical continuation of previous ITU-T activities which lead to the adoption of 64 kbit/s, then 32 kbit/s and, 16 kbit/s speech coding recommendations G.711, G.726 and G.728 with nearly equivalent voice quality. 

The increasing use of wireless access as well as multimedia applications, like low bit rate video phone and simultaneous voice and date, to the public network motivates the continuation of these efforts with the objective to provide a means through which the encoding of speech at telephone (or toll) qualities can be achieved at even lower transmission rates less than 8 kbit/s. Successful completion of this effort will permit significant economies in network bandwidth utilisation to be realised.

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: 

·	Study and definition of applications and performance for low-rate speech coding

·	Consideration of network requirements and constraints

·	Definition of performance requirements and system constraints

·	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

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

·	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

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

Specific tasks and deadlines��·	Definition of network, algorithm, performance and test requirements (1996)

·	Evaluation of algorithm performance against specified requirements (1997)

·	Definition of algorithm(s) and associated verification procedures (2000).

Relationships��·	Other relevant Questions of SG 16

·	ITU-T SG 2 to identify other potential user applications

·	ITU-T SG 12 will be required to evaluate the performance of specified algorithms with respect to voice quality

·	ITU-R TG 8/1 to ensure compatibility with mobile transmission system constraints

·	ISO/MPEG

Question 22/16 - Software and hardware tools for signal processing standardization activities��

Background and justification��In the scope of signal processing, in particular in relationship with the definition of new schemes, �SG 15 recognized the need to investigate and specify appropriate software and hardware tools for the verification and evaluation of signal processing algorithms. Past results were Recommendation G.191, which gives some basic principles for the use of this kind of tools and a list of the recommended tools available the ITU-T Software Tool Library, and Recommendation G.192, which allows standardised interconnection of signal processing devices under test.

Aspects which will greatly benefit from the existence of standardised software and hardware tools include: 

·	in many cases, experimental results generated with different software tools may not be directly compared;

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

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

·	new speech and audio coding standards are increasing in complexity, leading to non-bitexact specifications; furthermore, appropriate testing procedures to assure interoperability of different implementations are needed;

·	frequently software and hardware tools which are not specified by ITU-T Recommendations are necessary in the standardisation process of signal processing algorithms;

·	new objective testing algorithms for different signal processing devices (echo cancellers, speech enhancement devices, etc.) under development in the ITU-T may be implemented in different fashions;

·	speech and audio coding standardization processes use hardware interfaces to codecs under test and to other reference systems;

·	existing software-based ITU-T Recommendations specifying signal processing algorithms may need to be maintained for the correction of implementation defects, for the incorporation of algorithm extensions, etc.

Study items��What software and hardware 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 and hardware 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.

·	Interfaces: Definition of hardware interfaces appropriate to allow intercommunication of Tools implemented in real-time hardware (eg, by means of Digital Signal Processors), as well as signal processing algorithms under evaluation by ITU-T Expert’s Groups.

Specific tasks��·	Maintain the existing ITU-T Software Tool Library (continuous)

·	Identify and implement new algorithms to upgrade the ITU-T Software Tool Library as support to ITU-T signal processing activities by the year 2000, e.g.:

* variable bit-rate operation of ITU-T voice codecs;�* voice activity detection/comfort noise injection (VAD/CNI) operation with ITU-T voice codecs;�* echo cancellation models;�* models for radio and mobile satellite channels; �* echo cancellation, speech enhancement, and facsimile on the network testing procedures;�* jitter models for multiplexing and demultiplexing processing functions, for example: PDH, SDH, residual jitter, transfer functions, pointer jitter, etc.

·	Identify and specify new hardware interfaces and tools for support to ITU-T signal processing standardisation activities (2000).

Relationships��·	Other SG 16 questions as relevant

·	ITU-T SG 8 on fax testing issues

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

·	ITU-R on channel models

Question 23/16 - PCM modems��

Source��ITU-T Study Group 16.

Title��A compatible pair of high-speed modems, one digital, the other analogue, for use together on the PSTN.

Type of Question��Task-oriented Question designed to lead to a Recommendation.

Background and justification��In recent years, network access has become by far the dominant application for voiceband modems. Today, most people use modems to access the Internet, an on-line 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.

It has been known for some time that in the modern digital telephone network the primary impairment for high-speed modems is the PCM system itself. PCM systems introduce quantization noise and other impairments.

Recently, it has been recognized that PCM quantization noise can be avoided when one of the modems is directly connected to the digital backbone, as in the case of a central-site modem. With such modems, a data signalling rate of 30-60 kbit/s may be feasible in the downstream direction from the central-site modem to the remote user. This is significantly higher than the maximum data signalling rate offered by Recommendation V.34, namely 33.6 kbit/s. Higher data signalling rates in the upstream direction may also be feasible.

There is an urgent need to develop a Recommendation (which will be referred to as V.pcm) for these modems in order to minimize the impact of non-interworking proprietary solutions that began to appear in the marketplace in early 1997.

This work has been identified as being of considerable interest to the developing countries.

Study items��·	Development of modulation techniques for both the analogue and digital PCM modems.

·	Development of procedures for initial training, retraining, rate renegotiation, determination of a given connection's ability to support PCM operation, fallback to other modulation modes, etc.

·	Development of fast startup procedures for high-speed modems (consulting with Q.4/16 as needed).

Specific task objectives with estimated time frames of completion��Develop a first Recommendation V.pcm prior to the end of 1997.

Develop an enhanced Recommendation V.pcm prior to the end of 1998.

Relationships��·	Recommendations V.34, V.8, V.8bis, G.711

·	Question 4/16 on V.8/V.8bis and V.34 issues

·	Question 5/16 on the use of V.pcm over ISDN

·	Question 6/16 on DTE-DCE interface issues

·	Question 7/16 on DTE-DCE protocol issues

·	Question 10/16 on a PSTN network model and test procedures for PCM modems

·	Question 11/16 on multimedia application requirements for V.pcm

·	ITU-T Study Group 8 on facsimile requirements for V.pcm

·	ITU-T Study Group 15 on PSTN characteristics

·	ITU-D Study Group 2 Question 1 (for information)

·	Coordination with TIA TR-30 concerning their work on an Interim Standard for PCM modems.






