	Question 1/12 - Evolution of the programme of work


	Type


Contributions oriented Question, leading to the permanent up-dating of the Study Group 12 programme of work.

	Background


The recent possibility of adopting new Questions by correspondence results in permanent evolutions of the programme of work of Study Group 12 during a Study Period. An input gate is needed for proposals from administrations, when they are not directly related to Questions already under study. In the same manner, Question 1/12 may be the right place for administrations to contribute on necessary and urgent actions that should be undertaken on existing Recommendations which have no associated Question and Rapporteur.

	Text of the Question


Considering
a) that the provision of telecommunications services and infrastructure is being opened to competition in many
    countries in a wide range of new connection topologies and "distributed responsibility" for transmission quality and
    that Study Group 12 programme of work needs to follow closely these evolutions;

b) that the evolution of new technology and services raises issues related to transmission quality on a continuing
    basis;

c) that there is no systematic way of identifying and introducing such new issues into the programme of work unless
    they are related to existing Questions under study;

d) that urgent actions concerning existing Recommendations may be necessary even if there is no Question and
    associated Rapporteur related to these Recommendations,

1. What are major factors in telecommunications which should influence the programme of study in the area of transmission 
    quality?

2. What new Questions important to administrations should be considered for study in Study Group 12?

3. What urgent actions are needed on existing Recommendations which are not related to Questions under study?

	Question 2/12 - Defenitions in the fields of telephonometry, speech signal processing, video signal processing, multimedia, terminal equipment and of characteristics of international connections and circuits


	Type


Contributions oriented Question. Work by correspondence. Leads to permanent updating of Recommendations P.10 and G.100.

	Background


Recommendations P.10: "Vocabulary of terms on telephone transmission quality and telephone sets" and G.100: "Definitions used in Recommendations on general characteristics of international telephone connections and circuits" provide basic definitions useful in the study of transmission quality. Such definitions need to be updated and new definitions need to be introduced as new technologies, new terminal equipment and new services are introduced. This permanent necessary updating is the main objective of this Question.

	Text of new Question


Considering
a) that there is a need for uniformity in terminology in the fields of telephonometry, speech signal processing, video
    signal processing, multimedia, terminal equipment and of characteristics of international connections and circuits,
    including transmission planning;

b) that it appears desirable to collect the pertinent definitions in one general Recommendation on terminology;

c) that new concepts and terms are evolving,

the following should be studied:

What definitions should be given to terms used in the above mentioned fields (a)?

Should the title of P.10 modified to take into account the evolving technologies and services?

NOTE 1 - These fields include such topics as general transmission performance, transmission impairment, hypothetical reference connections, propagation time, echo and stability.

NOTE 2 - Co-ordination with some other relevant Study Groups may be necessary ( ITU-T Study Groups 11, 15, 16 and CCT, CCV).

NOTE 3 - Study on this Question should be based on ITU-T Recommendations P.10 and G.100.

NOTE 4 - Attention is also drawn to the WTSC A-Series Recommendations.

 

	Question 3/12 - Radio frequency effects on telecommunication voice terminals


	Type


Task-oriented, leading to new ITU-T Recommendation.

	Background


Telecommunication terminals can be installed in different RF environments and the RF signals could possibly interfere with the transmission performance of all types of terminals. The wide use of cordless and mobile telephones has increased the opportunity for such RFI in adjacent terminal equipment. Considering the IEC basic EMC standards and CISPR 24 concerning immunity of ITE may not be fully satisfactory for the telecommunication equipment and that there is no ITU-T Recommendation available so far specially addressing the RFI immunity of telecommunication voice terminals, a new Recommendation on this issue is desirable.

	Text of the Question


Considering
a) that radiated and conducted RF signals can interfere with the transmission performance of telecommunication terminal equipment;

b) that such interference may be continuous or transient;

c) that making measurements to assess the effects of that interference may present its own problems of RFI within the measurement apparatus;

d) that the wide use of cordless and mobile telephones may increase the opportunity of RFI in adjacent terminals;

e) that special design precautions may be required in telecommunications terminal equipment to reduce the effects of RFI to an acceptable performance standard,

the following Questions should be studied:

1
What are the degradation characteristics that need to be evaluated in order to quantify the effects of RFI on the transmission performance of voice terminals?

2
What are the limits that can be recommended for these degradation characteristics?

3
a) What types of RFI can be expected?


b) What is the level of such interference?

c) How can the interference be simulated, calibrated and measured?

NOTE 1 – Study Group 12 is expected to provide a major contribution to Parts 1 and 2 of the Question.

NOTE 2 – Study Group 5 is expected to provide a major contribution to Part 3 of the Question.

NOTE 3 – In the study of this Question the work of IEC and CISPR will be considered to avoid duplication of work.

NOTE 4 – Standards already available from some regional organizations can provide useful input to this study.

	Relationship with other Study Groups


Close cooperation between Study Group 5 and Study Group 12 is necessary, as indicated in Notes 1 and 2 above.

 

	Question 4/12 - Updating the "Handbook on Telephonometry"


	Type


Contribution oriented, leading to revised ITU-T Handbook on Telephonometry or Supplements to the Handbook.

	Background


Since edition 2 of the Handbook there have been extensive changes to some existing Recommendations plus adoption of several new Recommendations (e.g. P.910, P.920, P.930 on multimedia and P.561 on non-intrusive testing).

It is necessary that the Handbook can help or support Recommendations and reflect the present situation.

	Text of the Question


Considering
a) that new testing methodologies are continually evolving;

b) that Recommendations are being generated, updated and replaced;

c) that the Handbook on Telephonometry will need constant revision,

What revisions may be drafted into the Handbook on telephonometry to take account of recent changes?

	Specific points


- Head and Torso Simulator

- Measurement of Non-Linear Distortion

- Measurement of pressure gradient microphones

- Artificial Conversational Speech

- Measurements using "composite" signal

- Speech synthesis/recognition

- Speech levels for recorded announcements

- Wideband telephones

- Multimedia terminals (Videophone, videoconference)

- Mobile telephones (including cordless)

- Non-intrusive assessment

- EMC

More detailed information on the following could be added:

- Digital telephones 

- Modelling

	Objectives and schedule


Revision of the Handbook to be completed within the Study Period.

	Relationship with other Study Groups


None.

 

	Question 5/12 - Efficiency of devices for preventing the occurrence of excessive acoustic pressure by telephone receivers


	Type


Task oriented designed to update Recommendation P.36.

	Background


With the advent of new earphone geometries and types of construction sensitivity measurement results will depend a great deal on which artificial ear is used and/or called for. Some recent measurements carried out in the UK. suggest that if the wrong artificial ear is used the true result can be as much as 16 dB in error compared with the sensitivity achieved on real ear. This has implications for the approvals processes but also for acoustic shock where our current Recommendation P.36 only assumes one artificial ear, the Type 1 of new Recommendation P.57. It is envisaged that the results of this study will help to address the choice of artificial ear for the telecommunication approvals procedures.

	Text of the Question


Considering
a) that new Recommendation P.57 defines a number of new artificial ears;

b) that Recommendation P.36 is based only on one type of artificial ear (Type 1 of Recommendation P.57);

c) that new types of earphones (e.g. low acoustic impedance, with and without foam pads) and new earcap geometries are now available on handsets and headsets;

recognising
d) that the IEC is currently addressing acoustic shock as a safety issue;

e) that the presence of an acoustic leak will greatly affect the sensitivity of an earphone and thus the sound pressure
   level developed in an ear due to the transient,

How should the Recommendation P.36 be updated to take into account these developments?

	Study items


Main points of study are:
- characterisation of the transfer function of the new types of artificial ears on impulse signals;

- comparisons of the results of the tests performed with different artificial ears on stationary signals. The aim is to define "correction factors" to be applied for each type of artificial ear;

- generation of guidances for the tests, in particular for handsets and headsets with new geometries.

	Objectives and schedule


Contributions are requested in the beginning of 1997.

From the results presented in these contributions, a first draft proposing the amendments to Recommendation P.36 could be available at the first meeting in 1997.

The new draft Recommendation could be approved in 1998.

	Question 6/12 - Specification and test principles for hands-free terminals, acoustics echo cancellers and speech enhancement devices


	Type


Task-oriented, leading to new and revised ITU-T Recommendations

	Background


During this Study Period, new product oriented Recommendations have been approved on hands-free terminals: Recommendation P.341 on digital wideband hands-free terminals, Recommendation P.342 on digital telephone band hands-free terminals. Another Recommendation (P.30), approved in 1988, deals with Group Audio Terminals.

A more general Recommendation on transmission quality of hands-free telephones (P.340) have been produced, replacing and completing the previous Recommendation P.34.

On AEC and speech processing devices a Recommendation (G.167 - Acoustic Echo Controllers) is available. This Recommendation is under the responsibility of Study Group 15. This Recommendation includes sections on definitions of the AEC parameters, and on recommended performances, and a section on interworking with speech processing devices. For the future, this Recommendation shall be split in one P-Series Recommendation under the responsibility of Study Group 12 and in one new G-Series Recommendation dealing with interworking between terminal and network speech processing devices under the responsibility of Study Group 15.

Recommendations as P.58 (HATS) and P.501 (Test signals for use in telephonometry) give the opportunity to make progresses in the methodology.

So this methodological Question should address the principles for specifying the terminal performance of hands-free applications, including the characterization and specification of acoustic echo control and dereverberation and noise reduction devices, extension to mobile, and specification of test methods of handsfree terminal based on HATS.

	Text of the question


Considering
a) that technologies based on speech processing techniques are implemented in an increasing number of terminals, and need more appropriate testing techniques;

b) that new types of hands-free terminals (mobile, multimedia,...) imply more realistic test conditions,

1. What could be the recommended test methodology and consequences of the use of HATS for the test of new types of hands-free terminals?

2. What values can be specified the quality of the three types of hands-free terminals defined in Recommendation P.340?

3. What are the more appropriate test methods to be applied to characterize the performance of speech processing devices implemented in terminals? What limits and/or characteristics may be defined to ensure that the speech processing devices contribute to improve the overall quality of the speech transmission?

4. What are the consequences on the speech quality of the association of different speech processing devices (e.g. AEC and Noise reductors in mobile terminals,...)? What characteristics and limits can apply for these associations?

	Study items


- Applications of HATS

. Definition of the positionings of HATS for each type of hands-free situation (mobile, Audio Group Terminals, videotelephony,...).

. Calibration conditions for sending.

. Binaural applications (equalization of HATS, combination of ear signals, consequences on the determination of the loudness ratings).

. Use of HATS with microphone arrays.

- Maintenance of Recommendation P.340

. Integration in P.340 of the data relative to the use of HATS.

. Improvements of Sections 8 and 9. (Limits to be defined).

. Investigations on the terminal return loss of 2-wire analog handsfree and loudspeaking terminals ( test methods, limits,...). 

- New P-Series Recommendation based on Recommendation G.167

Determination of recommended values for the parameters described in the new P-Series Recommendation. 

The priority shall be given to processing delay, TCLw in double talk, speech attenuation during double talk. The values could be different depending on the application.

. Application of Recommendation P.501 and definition of objective test methods to qualify the performance of the speech processing devices.

. Investigations on subjective tests to search correlations between results obtained with subjective and objective tests on hands-free terminals implementing speech processing devices.

. Definition of characteristics for the noise reduction system and characterisation of the association of AEC and noise reduction systems in the context of mobile hands-free terminals. Definition of characteristics for dereverberation systems.

The results of the study will be the first draft a new P-Series Recommendation on AEC and speech processing devices implemented in (hands-free) terminals.

NOTE: The results of the study of this Question will provide input into performance requirements of digital hands-free terminals (Question 9/12) and mobile hands-free (Question 12/12).

	Objectives and schedules


Preliminary proposals for the use of HATS: 1997. First draft on application of HATS in car environment: 1998.

New P-Series Recommendation on AEC and speech processing techniques. First draft: 1998. Final draft: 1999.

Amendments of Recommendations of P.340 (use of HATS and improvements of Sections 8 and 9). First draft: 1999.

	Relationship with other Study Groups


A close relationship shall be maintained with Study Group 15 (especially Question 7/15) on interworking between network and terminals speech processing devices.

 

	Question 7/12 - Analysis methods using complex measurement signals


	Type


Task oriented, leading to an updated Recommendation P.501.

	Background


Terminal equipment increasingly includes complex signal processing techniques. Such terminals can no longer be regarded as linear, time-invariant systems. The subjectively relevant transmission characteristics of such equipment needs to be correctly determined using adequate measurement methods.

There is a need of having reproducible, well defined measurement methods available -for certification labs as well as for developers.

During Study Period 1993-1996 test signals for use in telephonometry have been collected. This work led to Recommendation P.501 where the different test signals are described and typical application are shown. According to the original text of the Question the various analysis techniques which can be applied to the test signals in various conditions should have been studied also. Due to the lack of time and contributions however this point has been covered only partially. The Recommendation should be completed by adding for each signal typical analysis procedures.

	Text of the Question


1. What kind of measurement/analysis techniques are available which can be used to determine in various conditions the transmission characteristics?

2. What parameters have to be measured?

3. What reproducibility of the results can be expected?

	Objectives and schedule


The Question will start with the definition of the most important parameters where improved measurement methods are needed.

Collection of measurement methods 

Beginning 1998

Verification tests 




1998-1999

A draft text of updated Recommendation 

1999

New Recommendation 



2000

	Relationship of this study activity to other Recommendations, Questions, Study Groups:


Recommendations: P.30, P.340, P.341, P.310, P.79, G.IEC

Questions: Q.5/12, Q.6/12, Q.9/12, Q.10/12, Q.12/12 and Q.7/15.

Study Groups: SG15

 

	Question 8/12 - General aspects in telephone electroacoustic measurement


	Type


Task-oriented, leading to revision of a number of existing Recommendations.

	Background


This is the enlarged continuation of the study of Question 8/12 (1993-1996) by the addition of many items related to telephone electroacoustic measurements, as a consequence of the termination of several study Questions [9/12, 12/12 and 23/12 (1993-1996)].

	Text of the Question


Considering
a) that the methodology for the determination of loudness ratings is defined in the ITU P-Series Recommendations;

b) that the use of loudness ratings is gaining world-wide acceptance in specifying the transmission performance of telephones and telephone connections;

c) that telephones having substantially different performance characteristics (e.g. low acoustic impedance receivers) are gaining acceptance in the marketplace;

d) that new types of artificial ears and a head and torso simulator (HATS) have been introduced into ITU P-Series Recommendations for measuring the characteristics of telephones;

e) that the use of complex impedance terminations are being specified by some administrations;

f) that proposals were made in the 1993-1996 Study Period for clarifying the specification of the loudness rating guard ring position (LRGP) in Annex C to Recommendation P.64 and for specifying, in Recommendation P.65, a preferred method for determining the sensitivity/frequency characteristics and loudness ratings of conventional narrowband analogue telephones;

g) that there are some electroacoustic measurement aspects under study in sidetone, hearing aids and wideband telephony while the relevant Questions are closed, and

h) that telecommunications terminals having non-linear input/output characteristics are becoming available and great care needs to be applied in their characterisation,

1. How may the use of the new types of artificial ears specified in Recommendation P.57 be incorporated into P-Series Recommendations concerning the determination of sensitivity vs. frequency characteristics and loudness ratings?

2. How may the use of the HATS specified in Recommendation P.58 be incorporated into P-Series Recommendations concerning the determination of sensitivity vs. frequency characteristics and loudness ratings?

3. Is there need for further amplification of the information given in Annex B to Recommendation P.64 on the use of complex| impedances in the determination of sensitivity vs. frequency characteristics and loudness ratings?

4. What other modifications need to be made to P-Series Recommendations to facilitate the proper determination of sensitivity vs. frequency characteristics and loudness ratings of telephones?

NOTE 1 - In particular, the methods for measuring the performance of telephones using low acoustic impedance receivers should be studied.

NOTE 2 - A proposal was made during the 1993-1996 Study Period to provide information on a preferred method to be used for determining sensitivity vs. frequency characteristics and loudness ratings of conventional narrowband analogue telephones in Recommendation P.65. Draft ETSI Standard DI/TE 04004-2 and IEEE Std 269-1992 may provide guidance for this work.

NOTE 3 - This Question is intended to also include consideration of measuring methods for determining the sensitivity vs. frequency                  characteristics and loudness ratings of telephony equipment not specifically covered by other Questions (e.g. sidetone, headsets and hearing aids, including wideband).

5. What additional information is necessary to complete the clarification of the LRGP specification given in Annex C to Recommendation P.64? 

NOTE 4 - The Annex to the Report on Question 8/12 in COM 12 - R 13 for the 1993-1996 Study Period gives a preliminary draft text for the revision.

6. What particular test signal(s) and test method(s) can be recommended to enable the determination of sensitivity/frequency characteristics and loudness ratings for handsets, headsets and handsfree sets having non-linear input/output characteristics?

NOTE 5 - Recommendation P.501 recommends several test signals that may be helpful in the study of this part of the Question.

	Objectives and schedule


Revision of relevant P-Series Recommendations will be completed within the Study Period.

	Relationship with other Study Groups


None.

 

	Question 9/12 Speech transmission characteristics and measurement methods for digital handset and handsfree terminals for both telephone band (300-3400 Hz) 
and wideband (50-7000 Hz)


	Type


Task oriented, leading to new and/or revised ITU-T Recommendations.

	Background


Previous work has been focused on digital terminals using waveform coding i.e. ITU-T Recommendations G.711, G.722 and G.726.

A new ITU-T Recommendation G.728 (16 kbit/s, LD-CELP) was agreed by Study Group 15 during the 1988-1992 Study Period and already some administrations have used this algorithm to develop videophones.

There is a need to be aware of future coding schemes and improved measurement methods and to be in a position to react when digital terminal applications are needed.

This Question is an amalgamation of three previous Questions and have been combined because of their similarity.

	Text of the Question


Considering
a) that desirable transmission performance characteristics can be found in:

. ITU-T Recommendation P.310 (handset) and P.342 (handsfree) for telephone band digital telephones using coding according to ITU-T Recommendations G.711 and G.726;

. ITU-T Recommendations P.311 and P.341 for wideband digital telephones using coding according to ITU-T Recommendation G.722;

. ITU-T Recommendation P.30 for Group Audio Terminals (GATs);

b) that current digital telephone sets are based on 64 kbit/s PCM coding (A- or µ-law) and other coding schemes are currently being used or developed by some administrations,

1. What changes and/or improvements can be made to ITU-T Recommendations P.30, P.310, P.311, P.341 and P.342?

NOTE 1: Close co-operation shall be maintained with Question 7/12 on verification methods for terminals using non-linear techniques.

NOTE 2: Close co-operation shall be maintained with Question 8/12 on requirements applicable to low acoustic impedance transducers and for a wideband loudness rating algorithm.

NOTE 3: Close co-operation shall be maintained with Question 6/12 for issues on GATs.

2. What changes or amendments to transmission characteristics and testing methodologies must be made to meet the needs of the future?

NOTE 1: Speech requirements for videophone are also included in this study.

NOTE 2: Cordless and mobile terminals are studied under Question 12/12.

	Objectives and schedules


Revisions to ITU-T Recommendations P.30, P.310, P.311, P.341 and P.342 are expected to be completed at different times during the 1997-2000 Study Period.

A new ITU-T Recommendation on a digital telephone using coding conforming to ITU-T Recommendation G.728 is expected to be available by 1999.

	Relationship with other Study Groups


Some support from Study Groups 15 and 16 will be required.

 

	Question 10/12 - Subjective methods for evaluating audiovisual quality in multimedia services


	Type


Task-oriented, leading to new ITU-T Recommendations.

	Background


Digital networks (e.g. ISDN, B-ISDN, ATM, DECT and others) enable communications systems to carry new multimedia services (e.g. audio plus moving or still pictures, audio plus text, etc.). In these digital systems the quality of each communication medium is influenced by a number of interacting factors, such as source coding and compression, bit rate (fixed or variable), delay, bandwidth, synchronization between the media, and many others.

The perceived quality also depends on the kind of application and on the tasks the applications are used for. For example in a free conversation through a videophone the perceived quality primarily depends on delay, lip-synchronization and audio quality, while in a mainly one-way application like remote-teaching the perceived quality could be primarily related to the quality of graph and low motion picture sequences.

Therefore different assessment criteria and procedures should be defined and applied.

During the Study Period 1993-1996, Question 22/12 started to fill in the gap existing in Study Group 12 between the expertise in audio and video quality evaluation and developed the basic background needed to evaluate multimedia services. Three Recommendations were developed, two of them (P.910 and P.930) are related to video quality assessment only while the third Recommendation (P.920) is addressed also to joint audio and video evaluation.

Since the above mentioned Recommendations reflect the current early status of research in their respective fields, as new knowledge is attained the Recommendations may have to be revised.

Summarizing, quality evaluation in multimedia services requires on the one hand the continuous updating of draft Recommendations P.910, P.920 and P.930 and on the other hand the definition of new task-oriented/application-dependent evaluation methods for the combined evaluation of audio and video signals.

The work of this Question and the Question 11/12 on objective measurements will be closely linked.

	Text of the Question


1. What subjective measurement methods should be used to evaluate transmission quality of each medium (e.g. video, audio) and the interactions between the media, with particular attention to the audiovisual quality assessment of coder-decoders for real-time applications and retrieval applications?

2. What specification of reference impairment systems most effectively provide calibrated video and audio impairments for use in subjective tests?

3. What are the most significant factors (e.g. temporal resolution, spatial resolution, color, audio and visual artefacts, media synchronization, delay, etc.) affecting the perceived overall quality of multimedia services?

4. Can these factors (as found in 3 above) depend on the kind of application considered?

5. How can the mutual interaction between these factors (as found in 3 above) be subjectively measured with respect to their influence on overall audiovisual quality?

6. For what applications can the subjective measures (as found in 3 above) be shown to be useful and robust over a range of conditions.

7. What are the minimum acceptable quality levels for the physical factors found in 3 above for different applications taking into account the interactions between media?

8. What new methods and assessment tools are required to fully describe the performance of specific multimedia applications (e.g. multipoint conference, remote monitoring, mobile audiovisual communication, etc.)

9. Which audiovisual test material (e.g. audiovisual test sequences) can be used for subjective evaluations?

10. Which criteria should be used to characterize and classify audiovisual test material?

	Objectives and schedule


A stable draft of a Recommendation on one-way audiovisual quality test methods is expected to be available in 1998.

	Relationship with other Study Groups


This work will most likely be of interest to ITU-T Study Groups 1, 2, 8, 9, 13, 14, 16 and ITU-R Study Groups 10 and 11.

 

	Question 11/12 - Objective methods for evaluating audiovisual quality in multimedia services 


	Type


Task-oriented, leading to new ITU-T Recommendations.

	Background


In digital systems the quality of each communication medium is influenced by a number of interacting factors, such as source coding and compression, bit rate (fixed or variable), delay, bandwidth, synchronization between the media, and many others. In the last Study Period Question 22/12 covered both subjective and objective assessment of quality in multimedia services. However, this work has concentrated on subjective methods.

This Question and Question 10/12 on subjective methods will be closely linked.

The lack of effective measuring methodology based on objective measuring techniques is limiting the degree to which audio and video quality objectives can be expressed in the audiovisual service descriptions being developed in other ITU Study Groups and elsewhere. It is therefore desirable to identify objective techniques for measuring the various individual and combined effects on the perceived quality of audiovisual systems to factors such as digital compression, transmission, storage, and others. It is also important to verify that these techniques are meaningful by correlating proposed objective tests with corresponding subjective test data.

The development of Recommendations for the quality assessment of stand-alone audio is not included in this audiovisual Question to avoid overlapping work. The Recommendations developed under other study Questions pertaining to this matter will be utilized in the work of this Question.

	Text of the Question


1. What objective measurement methods should be used to evaluate end-to-end quality of each medium (e.g. video, audio) and the interactions between the media, with particular attention to the audiovisual quality assessment of systems used for videoconferencing/videotelephony and other multimedia services?

2. Among the most significant factors (e.g. spatial resolution, temporal resolution, color fidelity, audio and visual artefacts, media synchronization, delay, etc.) affecting the overall quality of multimedia services what objective methods assess the extent of and/or can differentiate between these factors?

3. How can the mutual interaction between these factors (as found in 2 above) be objectively measured with respect to their influence on overall audiovisual quality?

4. For what applications can the objective measures (as found in 2 above) be shown to be useful and robust over a range of conditions.

5. What are the quality levels that can be defined by objective methods for these factors in different applications (or tasks) taking into account the interactions between media?

6. What objective measurements can be used to characterize the quality effects of Multipoint Conference Units for audiovisual communication?

7. What objective methods and assessment tools are required to fully describe perceived audiovisual impairments in terms of measurable system parameters?

8. In some cases it may be useful to combine objective measures (e.g. transmitted frame rate, spatial resolution, audio measures, media synchronization) to provide a single figure of merit. In this regard, which objective measures and/or techniques should be combined, and in what manner, so that the figure of merit correlates satisfactorily with subjective test results?

	Objectives and schedule


The first draft of a Recommendation covering the framework for the objective assessment of video quality is expected to be available in 1997. The first draft of a Recommendation on the objective assessment of audiovisual quality is expected in 1998.

	Relationship with other Study Groups


This work will most likely be of interest to ITU-T Study Groups 1, 2, 8, 9, 13, 14 and 16 and ITU-R Study Groups 10 and 11.

 

	Question 12/12 -Cordless and mobile terminal audio performance and testing requirements


	Type


Task oriented designed to lead to new ITU-T Recommendation(s).

	Background


In the mid 1980s when the study of digital telephones started the proportion of cordless and mobile telephones was only a very small portion of the total telephone population. Thus Recommendation P.310 does not reflect this type of telephone.

However, sales of cordless and mobile terminals have increased to such an extent that they now are a significant proportion of the total telephone population and therefore warrant their own study.

These terminals present their own unique measurement problems, for example, in practice the terminals do not have a defined distance from the base station.

	Text of the Question


Considering
a) that cordless and mobile terminals are now a substantial proportion of the telephone population;

b) that the characteristics and measurement methods of fixed telephone sets can be found in several ITU-T Recommendations, e.g.: P.310, P.35 and in the Handbook on Telephonometry;

c) that the connection between handset and base station uses a radio link;

d) that such terminals may include echo control;

e) that measurements will be made on an artificial head having an interference effect on measurements due to reflections, etc.;

f) that cordless and mobile terminals will often be used in noisy environments,

the following questions should be studied:

1. What transmission characteristics and measurement methods are needed for cordless and mobile terminals?

2. What reference points, interfaces and measurement positions need to be standardised?

NOTE 1 - This Question is primarily directed at digital terminals but the findings will also be applicable to analogue terminals.

NOTE 2 - The scope of this Question includes both handset and handsfree terminals.

	Objectives and schedule


It is anticipated that the study will result in new ITU-T Recommendation(s).

The estimated time frame is one Study Period.

	Relationship with other Study Groups


This work will likely be of interest to ITU-T Study Groups 2 and 15, among others, with whom appropriate liaison should be maintained.

 

	Question 13/12 - Objective measurement of speech quality under conditions of non-linear processing 


	Type


Task-oriented, leading to new and revised ITU-T Recommendations.

	Background


During the previous two Study Periods several methods for objectively evaluating non-linear processes, particularly with regard to low bit-rate codecs, have been studied. This led to an agreement on a single method, based on the Perceptual Speech Quality Measure (PSQM), which is contained in new Recommendation P.861. Recommendation P.861 specifies a measure for objectively testing voice-band (300 - 3400 Hz) coders under the varying conditions of transcodings, codec speech input levels, talkers, languages, and bit rates. There is an increasing variety of conditions under which telephones are used and this will require reliable methods for objectively assessing the speech quality of very low bit-rate (usually non-waveform) coding algorithms under a wider variety of conditions, including multiple simultaneous talkers, channel errors, and environmental noise. Further work should continue to enhance P.861 to accommodate these conditions, and, as necessary, identify the need for additional models.

Study Group 12 has recognized the need for developing coded speech database as a tool for evaluating and improving the performance of objective speech quality measures.

	Text of the Question


1. Can P.861 be enhanced to operate under a wider variety of conditions? Examples include, but are not limited to:

- time alignment of input and output speech

- wideband signals

- channel errors

- temporal clipping

- talker dependencies

- background noise

- audio path effects

- effects of non-linear processors in echo canceller

- new non-waveform coders

- impulsive noise

- cell loss in ATM systems

2.  What criteria should determine the acceptability of such methods, as a complement to subjective methods?

3.  Is a single- or multi-dimensional model practical for predicting user-perceived quality in cases when user expectation plays a significant role in quality judgements (e.g., application biases, cost comparison, performance tradeoffs, available features)?

4.  There are several objective methods and tentative models to determine psycho-acoustic factors, such as loudness, tonality, pitch, sharpness and roughness, or to predict the effects of binaural signal processing in hearing. To what extent can these factors be used for determining speech transmission quality, and how can they be included in a measurement tool?

5.  How can an objective method be implemented in a hardware device, for use in actual networks and terminals?

	Study Items


The main points of study are:

- Develop principles of objective measures.

- Development of Recommendations on more widely applicable objective measures and models.

- Development and maintenance of subjectively-scored coded-speech database for assessing the performance of objective speech quality measures.

	Objectives and Schedule


It is anticipated that an enhanced version of P.861 can be developed by the end of the 1997-2000 Study Period. In addition, a database of subjectively scored speech can be provided to the ITU for consideration as a saleable product by the end of the Study Period.

	Relationship with other Study Groups


Most of the activities relating to the Question are likely to be internal to ITU-T Study Group 12 (e.g., SQEG, objective video quality), although close liaison with ITU-T Study Groups 9, 15, 16 and ITU-R TG 8/1 is desirable to ensure that the Recommendations produced under this Question can be used effectively to study the codecs and radio channel models, respectively, generated by these bodies. In addition, coordination with ITU-R TG 10/4 will ensure objective measurement Recommendations developed in the two working groups are compatible without being redundant.

	Question 14/12 - Methods and tools for the subjective assessment of digital transmission systems 


	Type


Task-oriented, leading to new and revised ITU-T Recommendations.

	Background


The extensive use of digital processing equipment (e.g., echo cancellers, speech codecs, voice activity detectors) in the PSTN and in wireless communications systems has produced many benefits for users and operators of the network. In addition to the benefits obtained, such equipment also introduces impairments of various types. The extent to which these impairments have adverse effects on the perceived quality of network connections is of some interest. In some cases objective or instrumental methods are available to assist network planners and administrators in assessing the subjective effects of active speech signal processing equipment. However, there are other cases where only subjective evaluations can provide adequate assessment of subjective performance.

In recent years, several issues of subjective performance assessment have arisen, which have been incorporated in Recommendations P.800, P.810, and P.830. However, it has become clear that significant issues remain for study. It is generally agreed that improved methods of conversational testing are required. In addition, listening and conversational methods for the subjective evaluation of some devices (notably echo cancellers) are required. A new reference system is needed for use in evaluating non-waveform, low bit-rate coders. These issues have led to a consensus of Study Group 12 experts that further progress is needed in developing and standardizing the subjective testing methodologies and evaluation tools for effective assessment of the subjective performance of digital transmission systems. These methods and tools will be needed for both conventional and wideband telephony.

	Text of theQuestion


Considering the need for standard subjective testing methodologies and standard reference impairment systems for the effective assessment of the transmission performance of digital systems,

Subjective Assessment
1. What methods are required for evaluating the subjective performance of active signal processing devices (especially echo cancellers and voice activity detectors)?

2. What is the relationship between the results obtained with subjective methods and objective methods for evaluating such devices (e.g., the tests in G.IEC)?

3. Can the results of subjective performance evaluations be used to provide guidance for developing new tests and tests currently under study for these devices?

4. What new or revised subjective assessment methods are required for use with very low rate (less than or equal to 8 kbit/s) telephone band and low bit rate (less than or equal to 32 kbit/s) wideband (greater than 3 kHz) coding algorithms, or other non-linear processes used widely in the telecommunications network (e.g. impulsive noise due to transmission errors, cell loss in ATM systems, etc.)?

Reference Systems
5. What new reference systems, parameters and tools can be recommended for use in evaluating digital speech processing for conventional telephone bandwidth (300–3400 Hz) and for wideband (50–7000 Hz) systems?

	Objectives and Schedule


It is anticipated that new Recommendations on subjective evaluation of echo cancellers and a new reference impairment system for low bit-rate codecs can be produced in the 1997–2000 Study Period. Recommendation P.830 will be revised to include new or updated sending and receiving characteristics for use in evaluation of digital codecs.

	Relationship with other Study Groups


The work of this Question will be closely related to the work of other standardization efforts, as noted below.

- Recommendations:

Recommendations on new or improved signal processing equipment (e.g., G.IEC) may include objective tests of various features of those devices. The extent to which subjective performance of those devices can be reflected in such tests will enhance the usefulness of the tests to planners and administrators.

- Questions:

16/12 (Transmission Planning), 17/12 (Noise Aspects), 13/12 (Objective Assessment of Speech Quality of Codecs), 22/16 (Hardware and Software Tools), 7/15 (Improved Echo Cancellers), and speech coding Questions [Q.19/16 (Enhancements to G.728 and G.729), Q.20/16 (Wideband Speech Coding), Q.21/16 (4 kbit/s speech coding)].

- Study Groups:

Most of the activities relating to the Question are likely to be internal to ITU–T Study Group 12, although close liaison with ITU–T Study Groups 9, 15, 16 and ITU–R TG 8/1 is desirable to ensure that the Recommendations produced under this Question can be used effectively to study the signal processing devices (e.g., echo cancellers), codecs and radio channel models, respectively, generated by these bodies.

	Question 15/12 - In-service non-intrusive assessment of voiceband channel transmission performance 


	Type


Task-oriented, leading to new and revised ITU-T Recommendations.

	Background


Signal processing technology applied to both directions of transmission in a 4-wire path, can be used to estimate the contribution of a number of factors affecting the transmission performance of the complete connection, without interfering with the signals on the connection;

Desirable voice service measurements can be found in ITU-T Recommendation P.561.

A device that performs such measurements is known as an In-service Non-intrusive Measurement Device (INMD).

	Text of the Question


1. What changes and/or improvements can be made to ITU-T Recommendation P.561?

2. What relationship exists between the subjective responses of users at the terminals and the objective measurements made from the point at which the non-intrusive assessment system is connected?

3. What measures give an estimate of the transmission quality of the circuit?

4. How can such measures be used to assess, plan and maintain the transmission quality of networks?

5. How are non-intrusive measurements related to conventional intrusive measurements?

	Objectives and Schedule


- Revised Recommendation P.561 by 2000.

- Production and verification of speech tapes for use in testing of INMDs by 1997.

- New draft Recommendation on analysis and interpretation of measurements by 2000.

	Relationship with other Study Groups


Liaison should be maintained with ITU-T Study Group 2 who deal with Quality of Service (QoS) and ITU-T Study Group 4 whose responsibility is maintenance of networks.

 

	Question 16/12 - Transmission planning for voiceband, data and multimedia services 


	Type


Task-oriented, leading to new and revised ITU-T Recommendations.

	Background


The ITU-T Recommendations have been a source for network transmission planning information for many years and these Recommendations have continued to be evolved, replaced or complemented to keep up with technological evolution. There is 
a continued need for this guidance, especially in light of the changes that have recently allowed competing carriers to provide 
service in any portion of a telecommunications connection. Thus, it is just as imperative that new guidance continue to be available as it is that out of date Recommendations be terminated.

The network will:

- continue its evolution from analogue to digital;

- involve new connection topologies;

- consist of a mixture of analogue and digital circuits and exchanges for a significantly long period before it becomes wholly digital;

- offer ISDN and mixed ISDN-PSTN connections on an ever increasing basis;

- continue to use increasingly sophisticated digital processes (codecs, DCME, and packet voice, etc.) to increase connection efficiency;

- become more difficult to model because these new processes will introduce impairments (e.g. quantizing distortion, speech clipping and delay) that will impact on the quality of the services carried on these connections;

- support an increasing number of sophisticated non-speech services over the switched telephone network in advance of the introduction of extensive integrated services digital networks, and that such non-speech services could be affected by the increased impairments.

	Text of the Question


Considering that a valid set of transmission planning guidelines should be available to network planners:

- What current transmission planning Recommendations are obsolete.

After determination of the Recommendations that are obsolete, it must be determined if they should be cancelled; modified; or replaced.

- Is a new approach to transmission planning required.

The operating environment has changed to allow more liberalized competition and new connection topologies. The impact of this on the approach to transmission planning should be determined.

- What Hypothetical Reference Connections (HRC’s) are required to perform network transmission planning.

The existing HRC’s in the G.100-Series Recommendations should be reviewed and harmonized as necessary. They should be complemented by new HRC’s, if required as a result of new connection topologies.

- Are different HRC’s required for different transmission parameters.

In recognition of that fact that as the connections become more digital and some of the digital processing becomes more sophisticated, it may be necessary to develop HRC’s that apply to specific transmission parameters.

- What enhancements can be made to G.113 to improve its value to network planners, particularly in the area of providing guidance for non-speech services.

The recent extensions of G.113 were focused on speech services while there was no advancements made in the area of nonspeech services.

	Study Items


Main points of study are:

- determination of the obsolete planning Recommendations and generation of an action plan to either cancel, modify or replace the Recommendation;

- determine the impairment effect of each new coding algorithm, so that it can be considered in the context of the G.113 planning Recommendation;

- determine if G.113 can be enhanced by its extension to include other impairment factors, e.g. speech clipping that affect speech transmission;

- determine how frame slips, random bit errors, and ATM cell loss should be incorporated into the transmission planning process for speech and non-speech signals;

- determine what planning rules are required for multimedia services that incorporate a speech component;

- determine if the new operating environment and the resultant new connection topologies require a new approach to transmission planning.

	Objectives and Schedules


Draft Recommendation G.101 will be approved and issued in 1997.

A draft Recommendation G.ref on hypothetical reference configurations is under development and its completion in 1998 is anticipated.

Enhancements to the contents of G.113 Transmission impairments are expected. It is anticipated that an enhanced version of G.113 will be issued in the 2000.

	Relationship with other Study Groups


This Question should be studied in cooperation with ITU-T Study Groups 15 and 16.

 

	Question 17/12 - Noise aspects in evolving networks


	Type


General task, leading to new and revised ITU-T Recommendations.

	Background


A wide range of new services that utilize digital processes and radio transmission are being considered for introduction into the mixed analogue/digital, ISDN and/or wireless telephone networks. One example of such services is wireless (wide- or narrow-band) speech and data transmission from/to a fixed or mobile customer, that may imply the use of hands-free, hand-held or even headset mobile phones possibly employing environmental noise suppression techniques. Moreover, PABXs, multimedia and advanced telephone/fax terminals, digital and packetized circuit multiplication equipments, multiple echo cancellers, mobile radio and satellite systems, low bit rate codecs are typical examples of devices, or equipments, or transmission systems, more or less affected by noise. Also the performance and measurement tolerances of new digital maintenance equipments, like INMD (In-service Non-Intrusive Measurement Devices), depend on the correct classification of the signal in terms of speech, noise and data.

In addition to well-known types of circuit noise (quantization, idle, etc.), new kinds of stationary or non-stationary noise may contribute to degrade the communication quality (e.g. noticeable noise contrast produced by comfort noise generators during discontinuous transmission, isolated spikes, transient error bursts, clipping or mutilation effects due to speech/noise/data discriminators, signalling crosstalk, etc.).

Existing Recommendations of the G-Series mainly provide outdated noise objectives and methods for measuring stationary or random circuit noise on analogue connections.

As the mixed analogue/digital PSTN interworks with ISDN and/or wireless networks, the actual stationary and non-stationary noise levels, spectra and distributions in multiple telephone networks should be investigated leading to new ITU-T Recommendation(s).

	Text of the Question


The main Question regards what new stationary or non-stationary noise aspects should be considered in the multiple network environment.

	Study Items


1. What kinds of stationary, or non-stationary, circuit or environmental noise can be identified in the actual networks, or are relevant for the perceived transmission quality?

2. What noise level limits can be allowed for networks and terminals utilizing, for example, new wireless technologies, satellite links, multimedia telephones, echo cancellers or voice operated devices, etc. (Note 1)?

3. What measurement techniques and devices are recommended for measuring the level of non-stationary noise?

4. If there is a need for new methodologies to detect and assess the effects of new types of non-stationary noise?

5. What probability distribution can be assumed, and what characteristic values can be applied for recommendation purposes?

6. What mathematical model can be identified for simulating non-stationary noise, to be included in opinion model(s)?

7. What changes can be made in G- or P-Series of Recommendations (and others) to improve their application for multiple carrier networks?

NOTE 1 - In some applications (e.g. GSM mobile radio channel) a comfort noise is artificially inserted in the receiving terminal.

	Objectives


- New G.100-Series Recommendation including non-stationary noise limits

- Revision of existing G.100-Series of Recommendations

- Non-stationary noise model to be included in the E- model(s)

- Non-stationary noise level measurement to be included in Rev.P.561

	Relationship with other Activities


With other Recommendations: G.100-Series, P.561, and others to be identified

With other Questions: mainly Questions 6/12, 9/12, 12/12, 15/12 and 16/12, and others to be identified

With other Study Groups: SG1, SG2, SG4, SG11, SG15

With other Standardization Bodies: ETSI and others to be identified

	Expected time frame for completion


New measurement methods and non-stationary noise models: ASAP, depending upon the submission of substantial contributions.

End of Study Period (2000) for a new comprehensive Recommendation on noise aspects in modern networks.

 

	Question 18/12 - Interconnection of the public ISDN/PSTN with other networks (e.g. private networks, Internet) - Transmission quality aspects


	Type


General task leading to a new ITU-T Recommendation

	Background


Most of the Recommendations in the G-Series are presently based on configurations where the national part of an international connection is usually terminated by a single analogue telephone set or by a digital terminal. Consequently, these Recommendations may not explicitly consider PABXs (Private Automatic Branch Exchange) or networks like private ones or the Internet. However, modern private networks, mainly those of large size and/or using new technologies, will contribute in a specific, possibly significant amount to the overall transmission quality. Recommendation G.171 (1988) "Transmission plan aspects of privately operated networks" deals mainly with calls wholly within a private network. Only limited guidance is given for the interconnection of private networks with the public PSTN.

Recommendation G.175 (04/97) deals with the digital interconnection of public ISDN/PSTN and private networks. The primary application is to the overall quality of speech transmission for 3.1 kHz voiceband telephony using handsets, independent of all other types of services (e.g. facsimile and voiceband data) provided by those networks. The intention is to give guidance for transmission planning purposes, not only for a given network operator, but also for negotiations between the involved network operators. For the purpose of this Recommendation, only call paths between the private network and other networks (private or public) including telephone sets or other speech terminals are considered. Consequently, the provision of through-connections between two interfaces to other networks, or a call path between two terminals inside the same network are not covered by this Recommendation.

NOTE - The term "private network" is used here to cover a wide range of large private networks (several intermeshed PABXs), serving customers like banks with branch offices, mainly in metropolitan areas, but also in some cases extending over the whole national geographical area.

	Text of the Question


The main Question is what guidance can be provided in transmission planning for the interconnection of public and other networks like private ones or the Internet, based on a flexible allocation of transmission impairments in contrary to a rigid partitioning of parameter values?

Which transmission impairments are most important in a modern digital environment and should be considered during planning for calls that are handled to a great extent by other networks?

Is it possible to define a planning principle which enables the planner of a network other than the public to perform planning using an end-to-end consideration via the public ISDN/PSTN, resulting in a value for the expected speech transmission quality?

Is it possible to recommend the use of a planning tool (like the E-Model as described in draft new Recommendation G.107) which is providing with its given algorithms a method of planning calculation based on the Equipment Impairment Factor Method (as described in Recommendation G.113) with results in terms of expected quality?

	Study Items


It is proposed that the case of connections involving both the PSTN/ISDN and other networks should be studied.

- Is the use of the Equipment Impairment Factor Method (as described in draft new Recommendation G.113) applicable also for transmission planning of other networks interconnected with the public PSTN/ISDN?

- Is it possible to recommend the use of the E-Model as described in draft new Recommendation G.107, as the calculation tool for that planning purposes?

- What transmission impairments must be considered taking the modern digital environment into account?

- What consequences must be taken into account with respect to multiple operators in the public network area, new services like virtual private networks, the Internet and new signalling systems?

- Are revisions of ITU-T G-Series Recommendations necessary, to take care of networks like private ones or the Internet?

and the following items should be produced:

- a new Recommendation G.plg, giving guidance for transmission planning using the E-Model when interconnecting PABXs and other networks with the public PSTN/ISDN.

	Objectives and Schedule


- New ITU-T Recommendation G.plg

- Revision of other ITU-T G-Series Recommendations as indicated above.

	Relationship with other Activities


With other ITU-T Recommendations: Under Study

With other ITU-T Study Groups: SG 2 (Network operation)

SG 11 (Signalling Aspects)

SG 13 (ITU-T I.300-Series of Recommendations)

SG 15 (System Specification)

SG 16 (Speech coding)

With other Bodies: ETSI EP TIPHON, ETSI TC STQ

	Question 20/12 - Analysis and extension of the E-model 


	Type


Task oriented designed to lead to a new ITU-T Recommendation

	Background


In the process of mouth-to-ear voice transmission network planning it is important to anticipate how users perceive the voice quality even before the system is in use. In order to gain information on users' voice quality perception, customer surveys were performed which give reliable results concerning mouth-to-ear voice transmission quality. For these surveys different voice quality figures were generated by a number of transmission system configurations where impairments were introduced even on purpose.

Algorithms from other models, and data collected from customer surveys and subjective tests, have been used as part of the basic material for developing a model. This computational model for voice transmission quality prediction is called the E-model and is described in Recommendation G. 101.

Although data from customer surveys were used, the model was extended and modified in the course of its development, without performing new customer surveys every time. As a consequence many new aspects of the E-model have not been verified.

The scope of the Question is the analysis of the E-model quality predictions on the basis of subjective tests under controlled conditions. The tests will be made with a limited specific set of transmission parameter variations and a limited number of test persons. With due care, data will be analyzed and interpreted with regard to the E-model quality predictions.

	Text of the Question


Considering
a) that a set of properly designed and conducted subjective tests can reliably be used to assess the voice transmission quality of telephone connections;

b) that it is very desirable to gain increased confidence in the applicability of the E-model for useful predictions;

c) that many new aspects of the E-model have not been formally supported by extensive subjective tests,

the following questions should be studied:

1. What is the current status of model verification?

2. What features can be verified with existing data?

3. What features should be checked by the collection of new data?

4. What criteria should be used for assessing model performance?

5. Should, and if so how should the model be up-dated?

6. What guidance can be given on how to apply the model?

7. What new features should be added to the model?

	Specific task objectives with expected time frames for completion:


Delivery of new Recommendation up to the end of the Study Period (1997-2000).

	Relationship of this study activity to other 


Recommendations: 



G.101, G.175, P.11

Questions: 




3/12, 14/12, 16/12, 17/12 and 18/12

Study Groups: 



G2

Relevant standardization bodies: 

ETSI and other regional standardization bodies

	Question 22/12 -SQEG Work Program


	Type


Task oriented, in support of new and revised Recommendations within Study Group 12 and other Study Groups, which require experimental validation.

	Background


The Speech Quality Experts Group (SQEG) was created in 1986 in response to the need for a centralized group within ITU-T (at that time CCITT) to plan and execute subjective tests on new speech coders. Since then, some excellent work has been 
done with respect to supporting the standardization of new speech coders such as G.728 and G.729 by interfacing directly with the former Study Group 15 and organizing and interpreting the results of subjective and objective experiments. SQEG contributions on methodological aspects have also played a significant role in drafting revisions to the P.800 series of Recommendations and updating the Handbook of Telephonometry.

However, the terms of reference and reporting structure of SQEG have never been explicitly defined, and this has led to a growing concern over possible duplication of effort with other activities within Study Group 12, and possibly with other ITU-T or ITU-R Study Groups.

Nevertheless, there is strong support that the fundamental experimental work of SQEG should continue, as a Question allotted 
to Working Party 2/12.

	Text of the Question


Considering that
a) standardization of new digital speech coders (telephony-band and higher quality) is likely to continue within ITU for the foreseeable future;

b) there is a need to ensure that the voice quality of such speech coders meets customer expectations;

c) other devices and equipment designed for carrying voice and audiovisual signals will also require evaluation;

d) expertise able to carry out these evaluations resides within Study Group 12;

There is therefore a need for Study Group 12 to be involved in the elaboration of test plans, planning, execution and interpretation of results of subjective tests on such equipment, and a work program needs to be maintained to determine:

1. Which Questions within SG 12, and other standardization activities within ITU, require support for subjective or objective testing?

2. What Recommended methodology is appropriate and what test plan can be elaborated and applied appropriate to the desired level of service quality?

3. When can this testing be carried out, by whom, and what opportunities exist for providing financial support ?

4. How should the results of the tests be interpreted, and what conclusions can be drawn ?

	Objectives and schedule


Detailed objectives and schedules will be generated and updated as part of the on-going work of this Question.

	Relationship with other Study Groups


A close relationship will be maintained with ITU-T SGs 15 and 16, and possibly with ITU-T SG 9 and ITU-R SG 8.

 

	Question 23/12 -Transmission performance considerations for voiceband services carried on networks that use Internet Protocol (IP)


	Type


Task-oriented, leading to new and revised ITU-T Recommendations.

	Background


As IP technology is introduced into the PSTN, new attention is being given to the TCP/IP protocol suite. This technology will 
affect the way that operators think about transport and switching (routing) in their networks, and will have a major impact on the range of services that are available to end users. Issues and guidelines for transmission performance must be reconsidered in light of this shift in the basic technology of voiceband services.

Existing Recommendations on transmission performance were developed for a network that operated using analogue and constant bit rate digital carrier systems (synchronized at least at the primary hierarchical level). As such, these Recommendations do not address many important aspects of packet-based systems such as IP.

As IP technology is introduced for carrying voiceband services, new issues of interconnection of carrier networks will need to be addressed. In particular, interconnection of IP-based long-haul networks with IP-based local networks will need attention.

	Text of the Question


Considering that IP technology is being introduced into telecommunications networks as both transmission and switching (routing) technology, and that IP technology will be used to provide multimedia and narrowband voice services:

- What new Recommendations are necessary to specify transmission performance for networks using IP technology?

- What Recommendations can be made concerning network planning rules for IP-based networks? 

- What planning rules and Recommendations are required to allow interworking between the Switched Circuit Network (SCN, a.k.a. the current PSTN) and networks using IP technology?

- What planning rules and Recommendations are required to allow optimum end-to-end performance when a connection consists of segments from multiple independent IP networks?

- What planning tools are appropriate for making transmission planning decisions in IP-based networks?

- Deployment of IP-based systems will require an understanding of the implications on end-to-end transmission performance of new parameters (e.g. lost packets). What guidance must be given to Study Groups 11, 13, 15 and 16 to ensure that adequate end-to-end performance of voiceband services will occur in IP-based networks?

	Study Items


The main points of study are:

- identification of transmission parameters (e.g. packet loss, packet delay variation, echo) relevant to IP-based networks for which transmission planning guidance must be provided on order to implement voiceband and multimedia services;

- quantification of the impact on end-to-end transmission quality of these transmission parameters;

- identification of necessary planning rules for networks that use IP technology.

NOTE: Account should be taken of the work currently under way in other Study Groups, particularly in Study Group 13 (e.g. Draft Recommendation I.380 and the work of Question 13/13).

	Objectives and Schedule


It is anticipated that a new Recommendation G.17x on transmission planning for IP networks will be approved in 1999.

	Relationship with other Study Groups


This work will be of interest to ITU-T Study Groups 2, 11, 13, 15 and 16. Liaison should be maintained with these Study Groups, ANSI/T1A1, ETSI/TIPHON, and IETF.

