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Summary

The group examined input contributions on extension of existing ITU-T voice coding standards (G.191, G.711, G.729.1 and G.722.1).  The work items on G.729.1 DTX/CNG and on G.722.1 full band extension have well progressed.  Two work items on G.711 wideband extension and G.729.1 super wideband extension have been launched and their Terms of Reference and time schedule drafted.  Progress on software tools update has been reported.  No consensus was reached to move for Consent under AAP the proposed G.729.1 Annex extending the low delay mode operation up to 14 kbit/s.

Q.10/16 will continue its work by correspondence (via the WP3 audio email reflector wp3audio@yahoogroups.com ) on the following items:
· EID (gen-patt BFER) software tool (ongoing action point)

· Moderator: Jonas Svedberg, L.M. Ericsson, jonas.svedberg@ericsson.com
· EID (eid-ev) software tool (ongoing action point)

· Moderator: Jonas Svedberg, L.M. Ericsson, jonas.svedberg@ericsson.com
· G.728 C-source code to STL (modified action point)

· Moderator: David Kapilow, AT&T, dak@research.att.com
· G.722.1 full band extension (ongoing action point) 

·  Moderator: Roni Even, Polycom Inc., roni.even@polycom.co.il 
· G.729.1 DTX/CNG (ongoing action point)

·  Moderator: Hervé Taddei, Siemens Networks, herve.taddei@siemens.com
· G.711 wideband extension (new action point)

·  Moderator: Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp
· G.729.1 super wideband extension (new action point)

· Moderator: Hervé Taddei, Siemens Networks, herve.taddei@siemens.com
The progress will be reviewed at the next Q10/16 Rapporteur meeting planned in March 2007.
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1 Introduction
Q10/16 deals with software tools and extension and maintenance aspects of existing speech and audio coding Recommendations. The experts group of Question 10/16 met under the chairmanship of Claude Lamblin (France Telecom, France).  The meeting took place together with Q8/16.  Nine Q10/16 sessions were held.  A joint session with Q7/12 was also held.  The list of participants is given in Annex Q10.A.  Q.10/16 objectives for this meeting were:
· Progress the work on G.729.1 DTX/CNG, Finalization and Approval the ToRs and Time schedule
· Progress the work on G.722.1 full band extension, Finalization and Approval the ToRs and Time schedule
· Review of any contribution on possible extension or maintenance of existing ITU-T voice coding standards (G.19x; G.711 and G.72x series)
The group adopted the agenda given in section 2 of document AC-0701-02.
2 Documentation

Report

	Number
	Source
	Title

	TD 335R1/Plen
	SG16
	Report of Working Party 3/16 (Media Coding) (Geneva, 14-24 November 2006)


White Contributions:

	Number
	Source
	Title

	COM16-C1
	WTSA-04  
	Questions assigned to ITU-T Study Group 16 by WTSA-04


AC

	Number
	Source
	Title

	AC-0701-00
	Rapporteurs
	List of participants

	AC-0701-02
	Q10/16 Rapporteur
	Objectives, agenda and list of documents for Q10/16 (16-19 January 2007)

	AC-0701-03
	Polycom
	Proposed Terms of Reference for ITU-T Full-Band Low-Complexity Audio Coding at 32, 48, and 64 kbit/s extension to G.722.1 for wireline conversional applications

	AC-0701-04
	Polycom
	Proposed Schedule ITU-T Full-Band Low-Complexity Audio Coding at 32, 48, and 64 kbit/s extension to G.722.1 for wireline conversional applications

	AC-0701-05
	Siemens Networks GmbH & Co. KG
	On G.729.1 DTX: further proposals to complete the ToR

	AC-0701-06
	NTT
	Low-Delay Wideband Extension to G.711 for IP Phone Services

	AC-0701-07
	Heinrich-Hertz-Institut – Fraunhofer IIS
	Comments on G.722.1 Full band Extension ToR

	AC-0701-08
	Q10/16 Rapporteur
	Q10/16 Interim Activities (November 2006-January 2007)

	AC-0701-10
	L.M. Ericsson
	Proposed update of STL/EID Bellcore burst error model

	AC-0701-11
	L.M. Ericsson
	Considerations for G729.1 extensions

	AC-0701-12
	SG 16 Chairman (on behalf of ETSI TC DECT)
	Reply LS on LS on ITU-T wideband coders selected in NG-DECT (COM 16‑LS‑171)

	AC-0701-16
	ETRI, France Telecom, Korea Telecom, Samsung Electronics Co., Ltd., SK Telecom
	Proposal for a super-wideband extension of G.729.1

	AC-0701-18
	France Telecom
	G729.1 additional test results

	AC-0701-19
	Motorola UK
	Super-wideband and Stereo Extension to G.729.1

	AC-0701-20
	KT
	Deployment status and foreseen application of G.729.1 in KT

	AC-0701-21
	VoiceAge
	Comments regarding the full band extension of G.722.1

	AC-0701-22
	Texas Instruments, Motorola UK Ltd.
	Comments on Interoperability between Speech Coding Standards

	AC-0701-23
	Siemens AG
	Comments on G.729EV low delay listening test results

	AC-0701-25
	VoiceAge
	Super wideband extensions to existing ITU-T codecs


3 Intellectual Property Statements

The Rapporteur made a call for IPR. No declarations were made.

4 Incoming Liaison Statements

In their liaison statement (AC-0701-12 "Reply LS on LS on ITU-T wideband coders selected in NG-DECT (COM 16‑LS‑171)") addressed to Q10/16, ETSI TC DECT provide further information regarding G.722 Appendices as well as information regarding codecs selected for NG-DECT.  ETSI TC DECT also express their view on the proposed G.729.1 low delay mode extension up to 14 kbit/s (see §5.4).
5 Results

5.1 G.191
At SG16 November 2006 plenary meeting, two Q10/16 action points related with STL2005 update have been created: 0611.01 and 0611.02. 
Action Point 0611.01 deals with the error pattern generation tool (gen-patt) update to make it more flexible and support higher BFER.  The moderator (Jonas Svedberg, L.M. Ericsson) reported the work performed since last SG16 plenary meeting in document AC-0701-10 (source: L.M. Ericsson, entitled "Proposed update of STL/EID Bellcore burst error model").  It proposes functional updates to the STL tool gen-patt related to Bellcore model burst frame error creation (and indirectly to the eid8k tool).  BFER operation range from 0.5% to 30% with 0.5% steps will be provided.  Furthermore, an option to gen-patt program will be added to allow removal of  the previous run state file used by default.
Action Point 0611.02 aims to provide G.728 C-source code to include it in STL.  The Rapporteur informed the group that AT&T has kindly accepted to deliver the C code to ITU for inclusion in the next STL release (moderator: David Kapilow, AT&T, dak@research.att.com).
As indicated in section 1 of document AC-0701-08, (source: Q10/16 Rapporteur, entitled "Q10/16 Interim Activities (November 2006-January 2007)"), a function to compute the average complexity has been developed to evaluate the complexity of G.722 PLC algorithms and incorporated in the basic operators software tool.  Furthermore G.722 software tool has also been updated to include the latest version (v2.2) of basic operators. These tools can be downloaded from the informal FTP site (basicOp_stl2005_v2.2.zip and G722_stl2005_v3.0.zip): 

http://ties.itu.int/u/tsg16/sg16/xchange/wp3/q10/stl2005/
Companies have been encouraged to test these tools, check their portability and provide feedback.

During the joint session between Q7/12 and Q10/16, clarifications on the software tool to generate and insert error patterns in layered fashion (EID-EV) were asked.  Preliminary explanations were given.  Further clarifications on the actual final frame error rate in EID-EV for layered application will be submitted as an update of the last paragraph in STL manual EID-EV description (ongoing Action point 0401.03, moderator: Jonas Svedberg, L.M. Ericsson, Jonas.Svedberg@ericsson.com).
5.2 G.711 wideband extension
Document AC-0701-06 (source: NTT, entitled "Low-Delay Wideband Extension to G.711 for IP Phone Services") proposes to start the standardization of an embedded wideband extension to G.711 in order to provide high quality speech services, such as wideband IP phone and multi-point speech conferencing.  Business needs and constraints of this extension are also described and preliminary terms of reference (ToR), including applications and constraints and time schedule given.  During the discussion, it was felt that this proposal was very interesting.  It was also mentioned that wideband extension on top of linear-PCM could also be considered (see §5.8).  Super wideband extensions were also mentioned.  It was clarified that the current proposal is limited to narrowband and wideband extension on top of G.711.  It was agreed to launch the standardisation of such a wide band extension to G.711.  A Q10/16 action point has been created: Action point 0701.01, objective "Study and specify a G.711 wideband extension", moderator: Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp.  The proposed Terms of Reference were further discussed and the time schedule prepared (see Annex Q10.H).  The work will progress by correspondence to finalize the still open issues of the ToRs:
· For clean speech quality in error conditions (parameter 6): the requirement for R2b, and objectives for R1, R2a, R2b are to be decided,
· For music quality (parameter 8): the requirement for R2a is to be decided (and also the objectives for R1, R2a, R2b),
· For parameters 11 (frame size) and 12 (Multipoint Control Unit operation), the current requirements have to be further discussed,

· The memory requirement (parameter 14) is missing.

It was agreed to send a LS to SG12 with the draft ToRs and time schedule attached, drawing their attention on MCU operation (see §5.7).
5.3 G.729.1 DTX/CNG
In November 2006, it was decided to launch the standardisation of a DTX/CNG scheme for G.729.1 and to progress on that work during the two interim meetings of January and March 2007 with the objectives of finalizing and approving the ToRs and Time schedule.  An Action point has also been created (Action point 0611.03, objective "Study and specify a DTX/CNG scheme for G.729.1", moderator: Hervé Taddei, Siemens Networks).
In Document AC-0701-05 (source: Siemens Networks GmbH & Co. KG, entitled "On G.729.1 DTX: further proposals to complete the ToR"), the moderator makes proposal in order to progress on the ToRs and the time schedule.  Section 2.3.3 of AC-0701-11 (source: L.M. Ericsson, entitled "Considerations for G729.1 extensions") proposes that the scalability feature of G.729.1 should be continued in the DTX/CNG scheme and that the time schedule should be aligned with Q8/16 G.SAD activities.  It was recalled that last November, it has been agreed to separately address VAD and DTX/CNG and to use G.722.2 VAD for G.729.1 DTX/CNG standardisation.
The Terms of Reference were further discussed and a lot of points clarified and agreed (see Annex Q10.F).  For some parameters, the requirements are still open waiting for further input: 

· For Complexity (parameter 6), G.729 DTX and G.722.2 VAD complexity figures are needed (Texas Instruments has kindly accepted to provide such figures by correspondence),
· For quality (parameter 7): The relaxation of the agreed objective has to be defined,
·  For DTX efficiency (parameter 8), the percentages above the voice activity depending on the background noise are missing (information could be made available from 3GPP2).
The time schedule has also been reviewed.  It was agreed to send a LS to SG12 with the revised ToRs and time schedule attached (see §5.7).
5.4 G.729.1 Low delay extension

Last November 2006, no consensus was reached to move for Consent under AAP the proposed G.729.1 Amendment and/or Annex to extend the low delay mode operation up to 14 kbit/s.

In their LS (AC-0701-12, see §4), ETSI TC DECT indicates that the features (reduced delay, reduced complexity and reduced memory requirements) of the proposed G.729.1 low delay mode extension up to 14 kbit/s are in line with NG-DECT constraints and outlines that it can be easily implemented without affecting the interoperability with "full" G.729.1.  ETSI TC DECT confirms the interest of this additional mode for optional usage in NG-DECT.  Document AC-0701-18 (source: France Telecom, entitled "G729.1 additional test results") reports the subjective test execution of experiment 1b of the ITU-T G729.1 Optimisation/Characterisation phase using G.729.1 at 14kbit/s in Low Delay mode instead of default mode.  The test results show that G.729.1 operating at 14kbit/s in Low Delay mode passes all the requirements set for the 14kbit/s default mode.  Based on these test results, the LS from ETSI TC DECT and the contribution submitted last November, Siemens AG reiterates in document AC-0701-23 ("Comments on G.729EV low delay listening test results") its proposal to extend the low delay mode G.729.1 to its first wide band layer and to standardise G.729.1 low delay with a bitrate limited to 14 kbit/s as an Annex to G.729.1.  In Section 2.3.1 of AC-0701-11, L.M. Ericsson expresses concerns on this proposed extension as it provides only one single WB-synthesis medium delay mode and this WB-mode has a likely quality decrease with respect to the normal delay G.729.1 14 kbit/s operation (for clean speech).  L.M. Ericsson also proposes to set proper requirements for a scalable medium delay WB extension if actual market need is shown. 
Some companies asserted their burning market needs for a low delay extension to G.729.1 to wideband mode and expressed that the current proposal even limited to the first wide band layer fit their need as it offered both delay and complexity reduction with very limited modifications needed to the existing G.729.1 Recommendation. However, two sector members (Nokia, L.M. Ericsson) maintained their objections raised last November against the approval of this extension.
5.5 G.729.1 super wideband extension 

Last November, two contributions proposed to launch a super wideband extension to G.729.1.  In order to address a potential overlap with some other super wideband work, it was suggested to develop generic SWB extension layers on top of G.729.1, G.722.2 as well as Q9/EV-VBR.  To discuss further this proposal, a joint Q9/Q10/Q23 session was set.  As it was felt that the ToRs were divergent, it was agreed that each Question would follow its own route.  So, discussions resumed in Q10/16 on G.729.1 super wideband extension, some companies expressed their market needs for G.729.1 super-wideband extension whereas others said that they wanted to review more contributions.

Document AC-0701-16 (source: ETRI, France Telecom, Korea Telecom, Samsung Electronics Co., Ltd., SK Telecom, entitled "Proposal for a super-wideband extension of G.729.1") proposes starting the standardization of a super-wideband extension of G.729.1 and to extend G.729.1 scalable architecture in order to offer super-wideband voice and audio quality for some specific needs and applications with limited impact on existing infrastructures thanks to backward compatibility with G.729 and G.729.1 based systems.  Document AC-0701-19 (source: Motorola UK, entitled "Super-wideband and Stereo Extension to G.729.1") discusses the pros and cons of using the same super-wideband and stereo extensions for the EV-VBR codec and the G.729.1 codec. It proposes to wait for the standardisation completion of a super-wideband codec in Q9/16 before contemplating in Q10/16 dedicated work on super-wideband extension to G.729.1 unless the Q9/16 EV-VBR selected baseline coder is completely different from G.729.1.  Document AC-0701-20 (source: KT, entitled "Deployment status and foreseen application of G.729.1 in KT") presents the deployment status and foreseen applications of ITU-T G.729.1 Recommendation in KT and expresses that G.729.1-based MultiMedia Ring-Back service and foreseen other multimedia services need better quality enhancement by its super-wideband extension to provide diverse kinds of music.  Document AC-0701-25 (source: VoiceAge, entitled "Super wideband extensions to existing ITU-T codecs") indicates that there are some alternatives to the continuation of the G.729.1 path and the market need for a scalable G.729.1 SWB extension is yet to be motivated and suggests postponing discussion on the topic until next Q23 meeting in order to discuss the possibility of harmonizing this work across several codecs in WP3.  In AC-0701-11 (§2.2 and 3.1), L.M. Ericsson proposes to concentrate in Q10/16 the scalable SWB extension work on a codec which actually have a wide market presence, to wait for Q9 SWB and in harmonization with that to start with extending the G.722.2 codec.

In spite of the reluctances reported above and some concerns (see next paragraph), the work item has been launched as five ITU-T sector members have clearly indicated their need in their input contribution for G.729.1 super wideband extension, requiring a fast standardisation process.  A corresponding action point has been created: Action point 0701.02 "Study and specify a G.729.1 super wideband extension".  Noting the strong support from Korean companies, the Rapporteur has proposed to have this work moderated by one of their representatives and invited them to design a moderator.  In the meantime, Herve Taddei (Siemens Networks, herve.taddei@siemens.com), whose excellent work as the G.722 PLC moderator has been acknowledged (see §3.5.4.5 of TD 335R1/Plen) has kindly accepted to moderate the work.  The proposed Terms of Reference and the time schedule were further discussed (see Annex Q10.I) and contributions to the next Q10/16 meeting invited.  The work will also progress by correspondence.  It was agreed to send a LS to SG12 with the draft ToRs and time schedule attached.
Motorola UK, Nokia Corporation and L.M. Ericsson wanted to express the following specific concerns on G.729.1 super wideband extension: "Motorola UK, Nokia Corporation and L.M. Ericsson expressed deep concern that Q10/16 has launched a work item on a super-wideband and stereo mode for G.729.1 in parallel with the work of Q9/16 on the EV-VBR with its planned super-wideband and stereo mode.  In their view this will be a duplication of effort within WP3 and will lead to confusion in the market."
5.6  G.722.1 full band extension
At last SG16 plenary meeting, it was agreed to launch the standardisation of a full band extension to G.722.1 for wireline conversational applications and a Q10/16 action point has been created: Action point 0611.04, objective "Study and specify a G.722.1 full band extension", moderator: Roni Even, Polycom Inc, roni.even@polycom.co.il.  Terms of Reference have been drafted and contributions were solicited to progress the work.  Two LSs were sent: one to SG12 to alert them on the quality assessment methodology of such a full band coding scheme, another to ISO/IEC MPEG asking for information on possible MPEG reference coders.

Document AC-0701-03 (source: Polycom, entitled "Proposed Terms of Reference for ITU-T Full-Band Low-Complexity Audio Coding at 32, 48, and 64 kbit/s extension to G.722.1 for wireline conversional applications") answers some comments raised at the previous meeting and proposes an updated draft ToRs.  Document AC-0701-04 (source: Polycom, entitled "Proposed Schedule ITU-T Full-Band Low-Complexity Audio Coding at 32, 48, and 64 kbit/s extension to G.722.1 for wireline conversional applications") proposes a tentative time schedule.  Document AC-0701-07 (source: Heinrich-Hertz-Institut – Fraunhofer IIS, entitled "Comments on G.722.1 Full band Extension ToR") gives comments on the relaxation of the quality requirements for the proposed G722.1 Full band Extension and proposed additional tests (stereo and error conditions).
Document AC-0701-21 (source: VoiceAge, entitled "Comments regarding the full band extension of G.722.1") has been withdrawn.
The Terms of Reference were further discussed (see Annex Q10.G).  The parameter 8 (quality) is still open waiting for the choice of the reference codec (and of its bit rates).  Various codecs were proposed as reference codecs: LAME MP3 codec, an ISO/IEC MPEG codec such as AAC-LD, SBC codec.  Questions were raised about these codecs since, at the targeted bit rates, they may reduce the bandwidth in order to optimize quality/bandwidth tradeoff.  It was also suggested to include in the test full band references possibly degraded by tandeming.  The availability of a testing methodology suitable for full band coding schemes with possibly different bandwidth rendering was also questioned.  During the joint session with Q7/12, the relaxation of the quality requirement was discussed.  It was recommended to stick to 95% confidence interval (and avoid 99%) and suggested to rather choose a reference coder with lower quality (by using for instance a lower bit rate for the reference coder).  It was also announced that Q7/12 was working on appropriate test methodologies.  Q10/16 was asked to progress the time schedule and to inform Q7/12 about the qualification phase dates.

The time schedule has been reviewed: the deadline for declaration of intent to submit a candidate is 1st March 2007 5 PM CET, and the deadline for confirmation to submit a candidate will be in mid-April.  The qualification phase will be organised in March 2007 for execution completion at the next SG16 plenary meeting. 
Four companies have already orally declared their intention to submit a candidate: Polycom, Nokia, Ericsson, Motorola.
It was agreed to send a LS to SG12 with the ToRs and time schedule attached and ask them help in the preparation of the Qualification Test Plan in March 2007 and analysis of the subjective test results in June 2007 (see §5.7). 
5.7 Outgoing Liaison Statements
The group has decided to prepare one Liaison Statement to Q7/12 on Q10 ongoing works: G.722.1 full band extension (§5.6), G.729.1 DTX/CNG (§5.3), G.711 wideband extension (§5.2), G.729.1 super wideband extension (§5.5).
5.8 Future work
Document AC-0701-22 (source: Texas Instruments, Motorola UK Ltd., entitled "Comments on Interoperability between Speech Coding Standards ") stresses the importance of the interoperability between speech coding standards to ensure high end-to-end speech communication quality and proposes that the first priority and focus of work on codec interoperability within ITU should be on interoperability between widely deployed ITU standards guided by an assessment of potential end-to-end speech quality benefits.  Contributions on this topic have been invited for the next SG16 meeting.
The group also revised the list of action items for Q10/16 (see Annex Q10.B).
Question 10/16 will continue its work by correspondence (via the WP3 audio email reflector wp3audio@yahoogroups.com ) especially on the following items:

	Item
	Status
	Editor/ Moderator
	Email

	Error Insertion Device update
	Ongoing
	Jonas Svedberg/ L.M. Ericsson
	Jonas.Svedberg@ericsson.com

	FER pattern generation update
	Ongoing
	Jonas Svedberg/ L.M. Ericsson
	Jonas.Svedberg@ericsson.com

	G.728 C-source code to STL
	Ongoing
	David Kapilow, AT&T
	dak@research.att.com

	G.729.1 DTX/CNG
	Ongoing
	Hervé Taddei/ Siemens Networks
	herve.taddei@siemens.com

	G.722.1 full band extension
	Ongoing
	Roni Even/ Polycom
	roni.even@polycom.co.il

	G.711 wideband extension
	New
	Yusuke Hiwasaki, NTT
	hiwasaki.yusuke@lab.ntt.co.jp

	G.729.1 super wideband extension
	New
	Hervé Taddei/ Siemens Networks
	herve.taddei@siemens.com


In addition to the correspondence works, Q10/16 plans another interim meeting in March 2007 with the following objectives:

· Progress the work on G.729.1 DTX/CNG, Finalization and Approval the ToRs and Time schedule, Preparation of the qualification phase,
· Progress the work on G.722.1 full band extension, Finalization and Approval the ToRs and Time schedule, Preparation of the qualification phase,
· Progress the work on G.711 wide band extension, Finalization and Approval the ToRs and Time schedule, Preparation of the qualification phase,
· Progress the work on G.729.1 super wideband extension, Finalization and Approval the ToRs and Time schedule, Preparation of the qualification phase,
· Progress the work on software tools (EID-EV, gen-patt for BFER, G.728 C source code),
· Review of any contribution on possible extension or maintenance of existing ITU-T voice coding standards (G.19x, G.711 and G.72x series).
5.9 AOB
During discussions on G.711 wideband extension, it was also proposed to work on wideband and super wideband extensions on top of PCM signals.  Contributions on this subject were invited to the next SG16 plenary meeting.  The Rapporteur clarified that as such PCM signals were not addressed by existing ITU-T speech and audio coding Recommendations, such contributions should be addressed to Q23.
The Rapporteur recalled the ongoing development of an online ITU Test Signal database and invited again WP3 audio coding experts to provide feedback on what platforms/compilers would be worth considering in this development.
Motorola UK, Nokia Corporation and L.M. Ericsson wanted to express the following concerns:
· "Motorola UK and Nokia Corporation expressed concern that within WP3 of SG16, there were now too many speech-related activities going on in parallel, many of them with aggressive timescales. The main problem appears to be in Q10/16, where there are now five activities in parallel; related to G.722.1 Full-band extension, G.729.1 DTX/CNG, G.729.1 Low Delay mode, G.729.1 Superwideband and G.711 Wideband.  It should also be noted that speech activities are also present in Q9/16 (EV-VBR) and Q8/16 (G.SAD).  Motorola UK and Nokia Corporation felt that this high level of activity will lead to poorer standards since companies only have finite resources to contribute to these many activities.  Motorola UK and Nokia Corporation suggested that either WP3 should be more selective about commencing or scheduling future activities, or that the timescales should be relaxed in order to permit more companies to make meaningful contributions."

· "LM Ericsson states concerns that the current Q10/16 procedures of rapidly launching new work items in the general media coding area, will eventually lead to ITU-T coding standards of undesired quality and will dilute the status of the total set of ITU-T coding standards."
More generally, some questions were raised about the work allocation between Q23/16 and Q10/16.  This would be discussed at the June 2007 meeting (contributions are invited).  In the meantime, technical work on extensions to existing speech and audio coding ITU-T standards will progress in Q10/16.
Annex Q10.A:
List of participants to Q10/16 January 2007 meeting
(Extract from document AC-0701-00 "List of participants")
	Title
	Family Name
	Given Name
	Country
	Organization
	Tel
	Fax
	Email

	Mr
	Coverdale
	Paul
	Canada
	Industry Canada
	+1 613 820 66 43
	+1 613 820 58 56
	coverdale@sympatico.ca

	Mr
	Salami
	Redwan
	Canada
	VoiceAge Corp.
	+1-514-7374940 Ext. 239
	+1-514-9082037
	redwan.salami@voiceage.com

	Mr
	Luo
	Zhong(Noah）
	China
	Huawei
	+86 755 28786346 
	+86 755 28789166
	noah@huawei.com

	Mr
	Zhang
	Jun
	China
	Huawei
	010-59722013
	+86 755 5972 2341
	darral@huawei.com

	Mr
	Zhang
	Liang
	China
	Huawei
	+86 755 2897 6226 
	+86 755 2897 6758
	l.zhang@huawei.com

	Mr
	Hagqvist
	Jari
	Finland
	Nokia Corporation
	+358504835459
	+358718035888
	jari.hagqvist@nokia.com

	Ms
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Annex Q10.B:
Pending Action Points from Q10/16 meeting as of January 2007
	Number
	Status
	Description
	Task Force

	9606.03
	Stalled
	Verify PCM-domain multiplier and tone and noise generation tools
	

	9606.04
	Stalled
	General Processing Framework tool
	

	9801.02
	Stalled
	Investigate the G.711’s 1’s/2’s complement issue
	

	9801.01
	Stalled
	Solve inconsistencies in IS54 code
	

	9809.02
	Stalled
	Add filters to speech voltmeter demo programs
	

	0401.02
	Ongoing
	Study and specify an embedded coder with a core bitstream interoperable with G.729 (G.729 Annex J/G.729.1)
	Stéphane Ragot, France Telecom, stephane.ragot@rd.francetelecom.com

	0401.03
	Ongoing
	EID update 

- Adapt G.191 and/or G.192 to EV coders 
	Jonas Svedberg, L.M. Ericsson, Jonas.Svedberg@ericsson.com

	0406.01
	Ongoing
	Study and specify a G.722.1 extension (14 kHz bandwidth Low-Complexity Audio Coding at 24, 32, and 48 kbit/s)
	Minjie Xie, Polycom Inc., Minjie.Xie@polycom.com

	0411.05
	Ongoing
	Revision of G.72x based on the Implementors’ Guides of past Study Periods
	Stéphane Ragot, France Telecom, stephane.ragot@rd.francetelecom.com

	0611.01
	 Ongoing
	Update error pattern generation tool (gen-patt) to make it more flexible and support higher BFER
	Jonas Svedberg, L.M. Ericsson, Jonas.Svedberg@ericsson.com

	0611.02
	Ongoing
	Provide G.728 C-source code to STL
	David Kapilow, AT&T, dak@research.att.com

	0611.03
	Ongoing
	Study and specify a DTX/CNG scheme for G.729.1 (bitstream interoperable with G.729 Annex B)
	Hervé Taddei, Siemens Networks herve.taddei@siemens.com

	0611.04
	Ongoing
	Study and specify a G.722.1 full band extension
	Roni Even, Polycom Inc., roni.even@polycom.co.il

	0701.01
	New
	Study and specify a G.711 wideband extension
	Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp

	0701.02
	New
	Study and specify a G.729.1 super wideband extension
	Hervé Taddei, Siemens Networks herve.taddei@siemens.com


Annex Q10.C:
Terms of Reference (ToR) for the Super Wideband Low-Complexity Audio Coding at 24, 32, and 48 kbit/s extension to ITU-T G.722.1 

(approved November 2004)

Summary

This annex defines the terms of reference (ToR) of the Super-Wideband (14 kHz) Low-Complexity Audio Coding at 24, 32, and 48 kbit/s extension to ITU-T G.722.1.. 

1. Background

The following general features are considered relevant for this activity:

· Input and output audio signals should have a bandwidth of 14 kHz at a sampling rate of 32 kHz.

· Low computational complexity is the most important objective.
· Primary signals of interest are open-mic speech with office and conference room background noise, with and without multiple talkers. Music, natural sounds, and clean speech are of secondary interest but must be rendered adequately.

2. Applications

The following applications are foreseen for the low-complexity 14kHz bandwidth algorithm around 24-48 kbit/s:

1
Video conferencing applications

	Features:
	Speech quality clearly better than the ITU-T 7 kHz bandwidth codecs 

Low complexity frees up resources for video coding

Business applications (point-to-point, multi-point-links)

14kHz bandwidth transmission, 1 octave better than the current ITU-T wideband algorithms

Robust under background noise conditions

Robust under multiple talker conditions

Main focus on open-mic speech with noise, good performance on other signals desirable


2
Tele-conferencing/speakerphone applications

	Features:
	Higher-quality audio-conferencing than the ITU-T 7 kHz codecs

Low complexity to meet cost constraints

Business applications (point-to-point, multi-point-links)

14kHz bandwidth transmission, 1 octave better than the current ITU-T wideband algorithms

Robust under background noise conditions

Robust under multiple talker conditions

Main focus on open-mic speech with noise, good performance on other signals desirable


3
Internet streaming audio applications

	Features:
	14kHz bandwidth transmission 

Both business and consumer applications

Low complexity permits interoperability across all device classes

All signal types (close and open-mic speech, music, natural sounds) are important


Video conferencing is considered the primary application.

3. Performance requirements and objectives

The performance requirements and objectives for the coding algorithm are shown in Table 1.

Requirements must be met in order to support the anticipated applications.

Objectives are desirable improvements beyond the requirements. However some objectives are more important to the anticipated applications than others. The “Priority of Objective” column below gives information about which objectives are relatively more important.

For quality requirements, the Reference codec is: 

MPEG-4 AAC LD (ISO/IEC 14496-3:2001 “Coding of Audiovisual Objects – Part 3: Audio”, 2nd Edition, 2001) – Low Delay (LD) mode. 

32 kHz sample rate 

All input signals band limited to 50 Hz to 14 kHz 

All input signals 16 bit PCM 

All output signals 16 bit PCM 

All output signals band limited to 50 Hz to 14 kHz 
Table 1 – Performance requirements & objectives for 14 kHz bandwidth audio coding

	Parameter
	Requirement
	Reasons for Requirement
	Objective
	Priority of Objective

	1. Bit-rates


	24 kbit/s 

48 kbit/s

One intermediate rate between 24 and 48 kbit/s

Scalability not required.
	For use on symmetrical PSTN modems 

For use in ISDN videoconferencing according to H.320 (H.221 limits usable rate to 48 kbps). 

For flexibility to adjust to video bitrate requirements, forward error correction, data streams, etc.
	None
	

	2. One-way coder/decoder delay:
	
	
	
	

	· frame size
	No requirement
	
	20ms
	Low

	· algorithmic delay
	50 ms or less
	Avoid additional latency beyond lipsync delay
	40ms or less
	High

	3. Convergence time 
	250 ms or less
	Decoders may enter ongoing conference at any time
	100 ms or less
	Low

	4. Sampling rate 
	32 kHz
	Support at least 14 kHz audio bandwidth
	None
	

	5. Nominal frequency range
	Lower bound:50 Hz 

Upper bound:14000 Hz or above
	Double bandwidth of existing wideband codecs, cover full range of speech
	None
	

	6. Computational complexity
	< 17 WMOPS (encoder + decoder)
	DSP cost, free up cycles for video processing.  Conferencing applications use 2-way audio.
	< 15 WMOPS or less
	High

	7. Memory
	< 25 kBytes RAM per channel

< 40 kBytes ROM (usable for many channels)
	Cost.
	As low as possible
	Low

	8. Quality
	Adequate for primary application.  Subjective quality clearly and obviously better than that offered by wideband (7 kHz) algorithms of similar complexity and similar bitrate.
	Application requirements.
	As high as possible
	Medium

	8.1 Quality in clean Speech (single speaker) in error-free condition at input signal nominal level -26 dB with respect to the overload point 
	1) at 24 kbit/s

Not worse than AAC-LD at 24 kbit/s ( 99% confidence level)

2) at 32kbit/s

Not worse than AAC-LD at 32 kbit/s ( 99% confidence level)

3) at 48 kbit/s

Not worse than AAC-LD at 48 kbit/s ( 99% confidence level)
	
	
	

	8.2a Quality with Reverberant Speech (microphone 1.5 meters from speaker)
	1) at 24 kbit/s

Not worse than AAC-LD at 24 kbit/s ( 99% confidence level)

2) at 32kbit/s

Not worse than AAC-LD at 32 kbit/s ( 99% confidence level)

3) at 48 kbit/s

Not worse than AAC-LD at 48 kbit/s ( 99% confidence level)
	
	
	

	8.2b Quality with Reverberant Speech + office noise (SNR 15 Db) (see note 1)
	1) at 24 kbit/s

Not worse than AAC-LD at 24 kbit/s ( 99% confidence level)

2) at 32kbit/s

Not worse than AAC-LD at 32 kbit/s ( 99% confidence level)

3) at 48 kbit/s

Not worse than AAC-LD at 48 kbit/s ( 99% confidence level)
	
	
	

	8.2c Quality with Reverberant Speech + interfering talker (SNR 15 dB)
	1) at 24 kbit/s

Not worse than AAC-LD at 24 kbit/s ( 99% confidence level)

2) at 32kbit/s

Not worse than AAC-LD at 32 kbit/s ( 99% confidence level)

3) at 48 kbit/s

Not worse than AAC-LD at 48 kbit/s ( 99% confidence level)
	
	
	

	8.2d Quality with Reverberant Speech + fan noise + disk drive noise (SNR 15 dB)
	1) at 24 kbit/s

Not worse than AAC-LD at 24 kbit/s ( 99% confidence level)

2) at 32kbit/s

Not worse than AAC-LD at 32 kbit/s ( 99% confidence level)

3) at 48 kbit/s

Not worse than AAC-LD at 48 kbit/s ( 99% confidence level)
	
	
	

	9. Specification description and implementation
	Bit-exact 16/32 bit fixed-point modular ANSI-C code electronic format using basic operators set provided in the ITU-T Software Tool Library.
	Interoperability, unambiguous definition.
	Floating-point C code (Electronic format)
	Medium


Note 1: office noise is typical of offices and conference rooms, i.e. fan noise + disk drive noise

Annex Q10.D:
Time Schedule for the Super Wideband Low-Complexity Audio Coding at 24, 32, and 48 kbit/s extension in floating point to ITU-T G.722.1 

(approved April 2006)

	April 2005 (WP3/16 meeting)
	· Launch the standardization of a floating point version of G.722.1 Annex C (future Annex D)

· Start of preparation of host lab and test lab sessions for the characterization phase using floating point PC executable (liaison to Q7/12)

	April-July 2005
	· Finalisation of the Quality Assessment test plan (liaison with Q7/12)

	August 2005 – March 2006
	· Work stalled

	March - mid June 2006
	Work resumes

· Finalisation of the processing plan 

	mid June –mid October 2006 
	· Host lab and test lab sessions

	16-20 October 2006 (Q7/12 Rapporteurs' meeting)
	· Review and analysis of test results

	November 2006 (SG16 Plenary meeting)
	Consent meeting for floating point

· Review of :

· Test results

· Algorithm description (delayed contribution)

· Declaration of IPR policies.

· C-source code available to ITU-T TSB.

· Preparation of the complete text for Recommendation (Annex D to G.722.1) 

Consent (AAP)


Annex Q10.E:
Terms of Reference (ToR) for the G.729 based Embedded 
Variable Bit-Rate (G.729EV) extension to the ITU-T G.729 Speech Codec

(approved November 2004)

Summary

This annex contains the approved Terms of Reference for the future G.729 based Embedded Variable Bit-Rate (G.729EV) extension to the ITU-T G.729 Speech Codec.

1
Introduction

This annex of G.729 must be prepared in a timely fashion, while maintaining speech quality requirements. So the work is focused on main application constraints (e.g. NB to WB only, bit-rate range limited to 8-32 kbit/s). Other interesting features such as wider bandwidth or multichannel such as stereo may be the object of an extension of G.729EV or an annex of another standard (e.g. based on G.722.2 core).

2
Applications

Packetized wideband voice (VoIP, VoATM, ToIP, IP phone, private networks) – this does not prevent from having access to the wireless world through a gateway 

· designed for applications requiring scalable wideband on top of G.729

· in particular for residential and corporate services such as providing mono or multi-lines

· designed for an easy integration with existing VOIP infrastructure and services and for a fast deployment

· designed to cope with other services as videoconferencing, VOD, etc.

· scalability used for :

· gateways or other devices that multiplex or combine data streams (including audio)

· handling heterogeneous accesses/terminals

· examples :

· residential gateways, IPBX,  CME/Trunking equipment

· optimization of bitrate allocation

·  network congestion handling

· voice messaging: capacity vs quality tradeoff optimisation and access adaptation (in terms of bitrate and format, for heterogeneous accesses)

· high quality audio/video conferencing

· graceful degradation from WB (face-to-face) quality to NB (telephone) quality

· having a stereo capability would be a desirable feature

3
Constraints

· Embedded scheme with core bitstream interoperable with G.729B/G.729AB

· Bandwidth: NB to WB 

· Delay: compatible with conversational services

· Fixed-point (16/32-bit precision) and floating-point versions must be available

· Complexity/Memory:

· Low to moderate complexity/memory resources for baseline terminals

· Granularity of bit-rate scalability 

· Fine grain necessary for multiple accesses/terminals/ multi-application purposes. Byte level granularity desirable and 2 kbit/s granularity is required. 

· Quality should increase gracefully with bitrate

· For testing purpose, some bitrates should be selected spanning the overall range and compatible with application requirements (anchor points for the test)

4
Terms of Reference

Table 1

	Parameter
	Requirement
	Reasons for requirement
	Objective
	Priority of objective
	Status of Requirement
	Status of Objective

	1. Core layer
	G.729B / G.729AB bitstream interoperable

Note: the bitstream format of the core layer must be strictly compliant with G.729B / G.729AB 
	Interoperability with existing voice communication equipments
	
	
	Agreed
	Agreed

	2.   Embedded bitstream

· Bandwidths in kHz
see note 6

· Input Sampling rate in kHz

· Bit rates range

     See note 7

· Minimum bit rate for WB 

· Granularity

     See note 8
	[300,3400] to [50,7000]

16

8 – 32 kbit/s

at least above 14 kbit/s


The decoder will decode at the byte level

2 kbit/s 

Threshold for fine bit rate granularity at 14 kbit/s 
	Support wideband speech
	15 kHz (not for short-term normalization - see note 1) 

- 

-

-

Byte level
	Medium
	Agreed
	Agreed

	3.   Speech quality in error-free condition at nominal input level of -26 dB with respect to the OVL point 
	Reference and CuT at the same input level

At 8 kbit/s: same as or better than G.729A at 8 kbit/s

At 12 kbit/s: not worse than G729E (intermediate bandwidth is acceptable, tested at narrowband) 

At 14 kbit/s: better than G.729A 

and not worse than G.722.2 at 8.85 kbit/s (both wideband rendering)

(intermediate bandwidth is acceptable)

At 24 kbit/s: not worse than G.722 at 48 kbit/s

At 32 kbit/s: not worse than G.722 at 56 kbit/s
	Application requirements
	Reference and CuT at the same input level

At 8 kbit/s: Better than G.729A at 8 kbit/s

At 12 kbit/s: better than G729E (intermediate bandwith is acceptable, tested at narrowband)

At 14 kbit/s: Not worse than G.722.2 at 12.65 kbit/s

(full 50-7000 Hz bandwidth)

At 24 kbit/s: Better than G.722 at 48 kbit/s

At 32 kbit/s: Better than G.722 at 56kbit/s
	Medium
	Agreed


	Agreed



	4.   Speech quality in error-free condition at nominal level of -16dB with respect to the OVL point 
	Reference and CuT at the same input level

At 8 kbit/s: same as or better than G.729A at 8 kbit/s

At 12 kbit/s: not worse than G729E (intermediate bandwidth is acceptable, tested at narrowband) 

At 14 kbit/s: better than G.729A 

and not worse than G.722.2 at 8.85 kbit/s (both wideband rendering)

(intermediate bandwidth is acceptable)

At 24 kbit/s: not worse than G.722 at 48 kbit/s

At 32 kbit/s: not worse than G.722 at 56 kbit/s


	
	Reference and CuT at the same input level

At 8 kbit/s: Better than G.729A at 8 kbit/s

At 12 kbit/s: better than G729E (intermediate bandwith is acceptable, tested at narrowband)

At 14 kbit/s: Not worse than G.722.2 at 12.65 kbit/s

(full 50-7000 Hz bandwidth)

At 24 kbit/s: Better than G.722 at 48 kbit/s

At 32 kbit/s: Better than G.722 at 56kbit/s


	Medium
	Agreed
	Agreed

	5.   Speech quality in error-free condition at nominal level of -36 dB with respect to the OVL point 
	Reference and CuT at the same input level

At 8 kbit/s: same as or better than G.729A at 8 kbit/s

At 12 kbit/s: not worse than G729E (intermediate bandwidth is acceptable, tested at narrowband) 

At 14 kbit/s: better than G.729A 

and not worse than G.722.2 at 8.85 kbit/s (both wideband rendering)

(intermediate bandwidth is acceptable)

At 24 kbit/s: not worse than G.722 at 48 kbit/s

At 32 kbit/s: not worse than G.722 at 56 kbit/s


	
	Reference and CuT at the same input level

At 8 kbit/s: Better than G.729A at 8 kbit/s

At 12 kbit/s: better than G729E (intermediate bandwith is acceptable, tested at narrowband)

At 14 kbit/s: Not worse than G.722.2 at 12.65 kbit/s

(full 50-7000 Hz bandwidth)

At 24 kbit/s: Better than G.722 at 48 kbit/s

At 32 kbit/s: Better than G.722 at 56kbit/s


	Medium
	Agreed
	Agreed

	6.   Effect of switching between layers at the decoder side. Special attention needs to be paid to bandwidth switching (see note 2)
	No annoying effect. 

Resulting quality shall not be worse than that of lower layer involved
	
	
	
	Agreed
	Agreed

	7.   Speech quality in error conditions for an input signal nominal level of -26 dB 

· X % FER Random

· X % FER Bursty
	Detected frame erasures (see note 3), only random frame erasures

At 8 kbit/s: not worse than G729A at 3%

At 12 kbit/s: better than G729A at 3 %

At 24 kbit/s: not worse than G.722 at 48 kbit/s at 1 %

At 32 kbit/s: not worse than G.722 at 56 kbit/s at 1 %

Note 7A: errors will not be applied to G722  


	
	Both random and bursty frame erasures:

At 8 kbit/s: better than G729A at 3%

At 12 kbit/s: not worse than G729E at 3 %

At 24 kbit/s: better than G.722 at 48 kbit/s at 1 %

At 32 kbit/s: better than G.722 at 56 kbit/s at 1 %


	Low
	Agreed
	Agreed

	8. Quality dependency on speakers
	Not worse than their respective references at the same input levels
	
	
	
	Agreed
	

	9. Music in error-free condition at input signal nominal level –26 dB with respect to the overload point
	No requirement up to 30 kbit/s

At 32 kbit/s: Not worse than G722 at 56 kbit/s 
	
	At 24 kbit/s: Not worse than G.722 at 48 kbit/s

At 32 kbit/s: Not worse than G.722 at 64 kbit/s
	Medium
	Agreed
	Agreed

	10. Performance of the speech in the presence of background noises

· Background music at a SNR of 25 dB

· Office noise at a SNR of 20 dB

· Babble Noise at a SNR of 30 dB

· Interfering Talker at a SNR of 15 dB
	At 8 kbit/s: Not worse than G.729A at 8 kbit/s

At 12 kbit/s: better than G729A

At 24 kbit/s: No more than 10% additional annoying degradation, in terms of annoying or very annoying (i.e. % of 1+2 votes), with respect to ITU-T Rec. G.722 at 48 kbit/s

At 32 kbit/s: No more than 10% additional annoying degradation, in terms of annoying or very annoying (i.e. % of 1+2 votes), with respect to ITU-T Rec G.722 at 56 kbit/s
	
	At 8 kbit/s: Better than G.729A at 8 kbit/s

At 12 kbit/s: better than G729E at 11.8 kbit/s

At 24 kbit/s: Better than G.722 at 48 kbit/s

At 32 kbit/s: Better than G.722 at 56 kbit/s
	Medium
	the SNR values were agreed

Requirements agreed for all bit rates
	the SNR values were agreed

Objectivesagreed for all bit rates

	11. Quality improvement with respect to bit rate granularity
	Needed: Graceful quality improvement provided from 14 to 32 kbit/s with 2 kbit/s steps 

At X kbit/s: not worse than X+2 kbit/s with X=14 to 30 with 2 kbit//s steps 

Note 11A: reliable testing required. Possible testing are:

- Objective testing with PESQ-WB at all bit rates in between 14 and 32 kbit/s with 2 kbit/s steps

- Subjective testing at all bit rates in between 14 and 32 kbit/s with 2 kbit/s steps

Objective testing is preferable


	
	
	
	Agreed
	

	12. Algorithmic delay (see note 4)
	[image: image1.wmf]£

 60 ms
	Compatibility with conversational services
	[image: image2.wmf]£

 45 ms 
	High
	Agreed
	Agreed

	13. Frame size 
	20 ms 
	
	
	
	Agreed
	-

	14. Capability to transmit voiceband data
	Not worse than G729A
	
	V.18
	
	Agreed
	Agreed

	15. Capability to transmit signalling and information tones
	Not worse than G729A
	
	DTMF
	
	Agreed
	Agreed

	16. Capability to support speech recognition
	Not worse than G729A
	
	Better than G729A
	
	Agreed
	Agreed

	17. Capability to support discontinuous transmission
	Needed : core bitstream interoperable with G.729B/G.729AB SID frame
	
	Wideband comfort noise generation and DTX with embedded SID above 14 kbit/s 
	
	Agreed
	Agreed

	19. Multipoint Control Unit operation
	No requirement
	
	mixing at lower complexity  than decoding + encoding
	
	Agreed
	Agreed

	20.Effect of switching signal sources to the codec (see note 5)
	No requirement
	
	For further study
	
	Agreed
	Agreed


	21. Complexity 
	Combined encoder and decoder to be implementable on a commercially available (single CPU) fixed point 16-32 bits DSP device

< 40 WMOPS
	DSP cost, allow parallel processing of multiple channels
	< 35 WMOPS


	Medium

Low
	Agreed
	Agreed



	22. Memory
	RAM: < 30 kWord (16-bit words)

ROM: < 64 kWord (16-bit words)
	Cost
	As low as possible for RAM and ROM


	High
	Agreed
	Agreed

	23. Specification description and implementation
	Bit-exact 16-32 fixed-point modular ANSI-C code using basic operators set provided in the ITU-T Software Tool Library v2.0
	Interoperability, unambiguous definition
	Interoperable floating-point implementation (Electronic format)
	
	Agreed
	Agreed


Notes to Table 1
1. To fulfil a tight time schedule, only narrow and wide bands are considered in this first stage. Once the standardization of this short term annex is completed, embedded schemes dealing with wider bandwidth capability (and even stereo) could be considered as an extension of this G.729EV or alternatively as a future extension of another standard ( such as G.722.2EV) 

2. Operating mode switching refers to the on-the-fly change of operating mode. Frequent/non-frequent switching across the different bandwidth should be taken into account. The minimum switching interval rate is the frame size (in ms). 

3. Packet network characteristics need to be taken into account. Core layers are expected to be less subjected to packet losses than enhancement layers
4. Algorithmic delay includes the frame size delay plus any other delays inherent in the algorithm (look-ahead, noise suppression and error correcting codes for algorithm purposes and any algorithmic decoding delay). 
5. Switching signal source to the codec may occur when the pooled-codec configuration should be adopted by the system (e.g. CMS). 

6. Bandwidth: output signal will be filtered to fit the particular bandwidth (testing issue) 

7. Bit rate range: source coding bit rate only. 
8. The encoder is assumed to work always at 32 kbit/s. Elements in the network can skip parts of the bitstream. 

Annex Q10.F:
Terms of Reference (ToR) and Time schedule 
for ITU-T G.729.1 DTX/CNG scheme

(Draft January 2007)

Summary

This document contains the draft Terms of Reference and time schedule for the future G.729.1 DTX/CNG scheme.
1. Terms of Reference
	Parameter
	Requirement
	Objective
	Agreed

	1. Bit stream compatibility
	· When operating at 8 kb/s, G.729 Annex B SID shall be used.
· Core bit stream compatible with G.729 Annex B SID frame.

· G.729 Annex B SID shall be decodable.
	
	Y

	2. Signal types
	Wideband CNG shall be supported for all bitrates higher than 12 kbit/s when the decoder operates in wideband mode.
	
	Y

	3. Bit rates
	· All bit-rates of G.729.1 shall be supported.

· G.729 Annex B SID shall be used at 8kb/s.
	
	Y

	4. Specification format
	16/32 bit fixed-point C code with BASOPs as given in STL.
	Floating-point code in addition
	Y

	5. VAD
	G.722.2 VAD shall be used.
	
	Y

	6. Complexity
	VAD complexity will not be considered (given by G.722.2 VAD), only requirements for DTX complexity (worst case).

Active transmission (VAD=1 or VAD=0 with normal transmission): additional complexity must be limited (< 0.5+X wMOPS). 

Inactive transmission (SID frames and non transmitted frames): complexity must be limited (< 10-X wMOPS). 

X is the VAD complexity.

Additional RAM, ROM: less than 10% G.729.1.
	
	G.722.2 VAD and G.729 DTX complexity to be provided 

	7a. DTX/CNG quality
	Relaxation of the objective [liaison with Q.7/12], to be tested at 12-22-32 kbit/s*.

Test items: clean speech (-26 dBov) and additionally, two types of background noise used for G.729.1:

· office 

· babble (2 types of noise with different number of talker voices being mixed (40 voices and 128 voices). 

SNR level, same as in http://www.itu.int/md/T05-SG16-060403-TD-WP3-0115/en]
*Tested bitrates are maximum values, it is allowed to use lower values when VAD=0.
	Not worse when comparing DTX with no DTX operation
	Y

	7b. Interoperability with legacy G.729AB decoder
	Relaxation of the objective
	Same as or better than G.729AB with G.729.1 DTX bistream truncated to G.729AB format
	

	8. DTX efficiency
	Measured as overall bitrate on files comprising speech with silence, speech mixed with different types of background noise based on office and babble noises as used for G.729.1. (to be discussed with Q.7/12). X % above the voice activity of the file depending on the background noise (information from 3GPP2 could be available).

SID packets (wideband and narrowband) shall be sent together.
	
	Y

X to be defined

	9. DTX handler
	Scaled frames shall be handled.

Handling of active speech frames, lost speech frames, first SID frames, SID update frames, SID lost frames, no data shall be supported.
	
	Y

	10. SID frame
	Maximum total SID size: 10 bytes.

Bit rate granularity of SID frame: at least 2 layers.
	5 bytes
	Y


2. Time schedule

T0 was declared in November 2006.

	T0( T0+4 months

Nov 2006 → March 2007
	· Finalization of ToRs and Time schedule 

· Email discussions on test methodology
· Preparation of qualification phase (processing plans, list of conditions to be tested…)

	Q.10/16 meeting followed by WP3, first week jointly with Q.7/12

19-29 March 2007
	· Approval of ToR and Time schedule

· Approval of qualification test and processing plans
· Qualification phase organization

	16th of April 2007 (CET 5pm)
	· Deadline for declaration of intent to submit a candidate 

	14th of June 2007 (CET 5pm)
	· Deadline for confirmation of submission of a candidate 

	26/06-6/07 SG 16 meeting
	· Finalization of qualification phase (test plans, qualification phase organization…)

	10th of August, 2007; (CET 5pm)
	· Deadline for delivery of candidate executable code (floating point) for qualification tests

	August 2007(October 2007

T0 + 9
	· Qualification phase (host lab session and listening session…)

	Deadline for submitting test results
	· 

	October 2007; T0+11 months
SG12 meeting: 2-11 October 07

SG16 WP 3 meeting: to be fixed
	Qualification / Approval Meeting 

· Review of test results

· Submission of deliverables:

· High-level description of the algorithm, 

· Complexity evaluation (floating point), 

· Qualification test results

· Declaration of IPR policy.

· Possible reduction of candidates via collaborative effort if needed or approval of the proposed solution

	January 2008

T0+14
	Submission of fixed point solution(s)

	February/March 2008
	Optimisation/Characterisation phase (or Selection phase if more than 1 candidate)

	March/April 2008
SG16 meeting (?)
	Consent meeting (+ selection meeting if more than 1 candidate)
· Review of test results

· Submission of deliverables:

· Detailed description of the algorithm, 

· Fixed point complexity estimation

· Test results

· Fixed point C source code integrated in G.729.1 Main body available to TSB
· AAP 


Annex Q10.G:
Terms of Reference and Time schedule for ITU-T Full-Band Low-Complexity Audio Coding extension to ITU-T G.722.1 at 32, 48, and 64 kbit/s for wireline conversional applications
(Draft January 2007)

Summary

This document contains the draft Terms of Reference and time schedule for the future full band extension to ITU-T G.722.1.
1. Background

The following general features are considered relevant for this activity:
· Input and output audio signals should have a bandwidth of 20 kHz at a sampling rate of 48 kHz.

· Low computational complexity is an important objective.

· Primary signals of interest are open-mic speech with office and conference room background noise, with and without multiple talkers. Music, natural sounds, and clean speech are of secondary interest but must be rendered adequately.
2. Scope

The codec is to be used for hands-free teleconferencing and videoconferencing – there is strong and increasing demand for audio coding providing the full human auditory bandwidth of 20 Hz to 20 kHz.  This is because: 
· Conferencing systems are increasingly used for more elaborate presentations, often including music and sound-effects (e.g. animal sounds, musical instruments, vehicles or nature sounds) which occupy a wider audio band than speech.  Presentations involve playback of audio and video from DVDs and VCRs, audio/video clips from PCs, and elaborate audio-visual presentations from, for example, PowerPoint.

· Users perceive the 20-20000 Hz bandwidth as representing the ultimate goal for audio bandwidth.  The resulting market pressures are causing a shift in this direction, now that sufficient IP bit-rate and audio coding technologies are available to deliver this.
3. Applications

The following applications are foreseen for the low-complexity 20 kHz bandwidth algorithm around 32-64 kbit/s:

1
Video conferencing applications

	Features:
	Music & sound effect (e.g. animal sounds, vehicles, nature sounds) quality clearly better than G.722.1C 

Low complexity frees up resources for video coding and other audio processing (e.g. acoustic echo canceller)
Business applications (point-to-point, multi-point-links)

20 kHz bandwidth transmission, better than G.722.1C

Robust under background noise conditions

Robust under multiple talker conditions

Open-mic speech with noise, good performance on other signals desirable


2
Teleconferencing/speakerphone applications

	Features:
	Main focus on open-mic speech with noise, good performance on other signals desirable
Low complexity to meet cost constraints

Business applications (point-to-point, multi-point-links)

20 kHz bandwidth transmission, 1 octave better than G.722.1C 

Robust under background noise conditions

Robust under multiple talker conditions

Music & sound effect quality clearly better than G.722.1C 


²
4. Performance requirements and objectives

The performance requirements and objectives for the coding algorithm are shown in Table 1.

Requirements must be met in order to support the anticipated applications.

Objectives are desirable improvements beyond the requirements. However some objectives are more important to the anticipated applications than others. The “Priority of Objective” column below gives information about which objectives are relatively more important.
For quality requirements, the Reference codec is: LAME MP3

· 48 kHz sample rate 

· All input signals band limited to 20 Hz to 20 kHz 

· All input signals 16 bit PCM 

· All output signals 16 bit PCM 

· All output signals band limited to 20 Hz to 20 kHz 

Table 1 – Performance requirements & objectives for 20 kHz bandwidth audio coding

	Parameter
	Requirement
	Reasons for Requirement
	Objective
	Priority of Objective
	Status

	1. Bit-rates


	32 kbit/s 

48 kbit/s

64 kbit/s

Embedded scalability not required.
	For flexibility to adjust to video bitrate requirements, forward error correction, data streams, etc.

For use in ISDN videoconferencing according to H.320 (H.221 limits usable rate to 48 kbit/s). 

For highest quality when sufficient bitrate is available.
	None
	
	agreed

	1.a Bit rate switching on frame boundary
	
	Technology feasible no requirement
	Not worse than lowest bit rate
	
	Discuss supported bit rates and bit rates switching 

	2. One-way coder/decoder delay:
	
	
	
	
	

	· frame size
	multiple of 10 msec
	As an extension to G.722.1 should have the same frame size.
	
	Low
	agreed

	· algorithmic delay
       (see note 1)
	40 ms or less
	Avoid additional latency beyond lip-sync delay  
	Less
	High
	agreed

	3. Convergence time
	250 ms or less
	Decoders may enter ongoing conference at any time
	100 ms or less
	Low
	agreed

	4. Sampling rate
	48 kHz
	Support at least 20 kHz audio bandwidth 
	None
	
	agreed

	5. Nominal frequency range
	Lower bound: 20 Hz 

Upper bound: 20 000 Hz or above
	Full human auditory range
	None
	
	agreed

	6. Computational complexity
	[image: image3.wmf]£

20 WMOPS (encoder + decoder)
	DSP cost, free up cycles for video processing.  Conferencing applications use 2-way audio.
	Less
	High
	agreed

	7. Memory
	As low as possible for RAM and ROM
	Cost.
	
	Low
	agreed

	8. Quality
	Adequate for primary application.
	Application requirements.
	As high as possible
	Medium
	agreed

	8.1 Quality in clean Speech (single speaker) in error-free condition at input signal nominal level -26 dB with respect to the overload point 

	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec 

	8.1a Quality in clean Speech (single speaker) with 3% FER random at input signal nominal level -26 dB with respect to the overload point
	
	
	As good as possible
	
	agreed

	8.2a Quality with Reverberant Speech (microphone 1.5 meters from speaker)
	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec

	8.2b Quality with Reverberant Speech + office noise (SNR 15 dB) (see note 2)
	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec

	8.2c Quality with Reverberant Speech + interfering talker (SNR 15 dB)
	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –l waiting for reference codec

	8.2d Quality with Reverberant Speech + fan noise + disk drive noise (SNR 15 dB)
	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec

	8.3a Quality in music in error-free condition at input signal nominal level –26 dB with respect to the overload point

	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec

	8.3b Quality in sound-effects in error-free condition at input signal nominal level –26 dB with respect to the overload point
	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec

	8.3c Quality in mixed content in error-free condition at input signal nominal level –26 dB with respect to the overload point
	1) at 32 kbit/s

Not worse than reference codec at 32 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than reference codec at 48 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than reference codec at 64 kbit/s (95% confidence level)
	
	
	
	Open –waiting for reference codec

	9. Specification description and implementation
	Bit-exact 16/32 bit fixed-point modular ANSI-C code electronic format using basic operators set provided in the ITU-T Software Tool Library release 2005 (STL2005).
	Interoperability, unambiguous definition.
	Floating-point C code (Electronic format)
	Medium
	agreed

	10. Stereo
	For Further Study
	
	
	
	agreed


Note 1: Algorithmic delay includes the frame size delay plus any other delays inherent in the algorithm (look-ahead, sample rate conversion, noise suppression and error correcting codes for algorithm purposes and any algorithmic decoding delay).
Note 2: Office noise is typical of offices and conference rooms, i.e. fan noise + disk drive noise

5. Time Schedule

	T0 
(January 2007)
	· Finalization of ToRs of the Full Band extension to G.722.1

· Draft time schedule of the Full Band extension to G.722.1 

	T0 ( T0+1.5 month

(March 1st , 5 PM Geneva time)

Email to Rapportuer
	· Deadline for declaration of intent to submit candidate

	T0(T0+2 months
March Rapportuer meeting 
	· Finalization of time schedule of the Full Band extension to G.722.1
· Discussions on qualification test methodology 

· Approval of qualification test and processing plan by correspondence

	T0+2( T0+2.5 month

Mid April
	· Deadline for final declaration of intent to submit candidate

	T0+3(T0+5 months
	· Delivery of candidate executable code for testing purposes

· Execution of qualification tests

	T0+5 months

(SG16 – July meeting)
	· Formal approval of time schedule 

· Submission as delayed contributions by each Candidate Proponent of its deliverables:

· High-level description of the algorithm 

· Complexity evaluation (fixed point)
· Qualification test results

· Declaration of IPR policy
· If only one candidate meets Requirements and passes Qualification Tests:

· Prepare for next stage
· If more than one candidate meets Requirements and passes Qualification Tests:
· Possible reduction of candidates via collaborative effort 

· Prepare for next stage based on the final number of candidates


If only one candidate:

	T0+5(T0+10 months
	· Preparation of host labs and test lab sessions for the characterization phase using fixed point PC executable 
(liaison with Q7/12)
· Approval of host lab and test lab for characterization
· Host lab and test lab sessions for the characterization
· Preparation of complete text for Recommendation (Annex ? to G.722.1)

	T0+10 months


	· Review of:

· Characterization test results

· Detailed description of algorithm
· Fixed point complexity estimation with hardware or DSP simulator (in terms of WMOPS, RAM, program ROM and table ROM)
· C-Source available to ITU-T TSB

· IPR Declaration
· Consent (AAP)


If more than one candidate:

	T0+5(T0+10 months
	· Preparation of host labs and test lab sessions for the selection using fixed point PC executable (liaison with Q7/12)
· Approval of host lab and test lab for selection 
· Host lab and test lab sessions for the selection

· Preparation of the complete text for Recommendation (Annex ? to G.722.1 – for each candidate in selection test)

	T0+10 months
(SG or WP meeting)
	· Review of:

· Selection test results

· Detailed description of algorithm
· Fixed point complexity estimation with hardware or DSP simulator (in terms of WMOPS, RAM, program ROM and table ROM)
· Declaration of IPR policy

· C-Source code available to ITU-T TSB

· Selection of a coder for AAP

· Consent (AAP)

	T0+10(T0+14 months
	· (Post-AAP schedule for review at WP3 or SG16 meeting :)

· Preparation of host labs and test lab sessions for the characterization phase using fixed point PC executable 

· Approval of host lab and test lab for characterization 

· Host lab and test lab sessions for the characterization 


______________

Annex Q10.H:
Terms of Reference (ToR) and Time schedule 
for ITU-T wideband extension to G.711

(Draft January 2007)

Summary

This document contains the draft Terms of Reference and time schedule for the future wideband extension to ITU-T G.711.
1. Background

An embedded wideband extension to G.711 has been launched. The main purpose of this extension is to provide high quality speech services, such as wideband IP phone and multi-point speech conferencing, built on the 100Mbit/s broadband consumer network using the optical fiber access lines and on the enterprise local area networks. In order to improve the speech quality while keeping the interoperability with conventional terminals equipped with G.711 codec, the embedded scheme with the G.711 core bitstream is required.

The digital telecommunication terminals except mobile phones are mostly equipped with G.711. Until the wideband speech terminals totally replace the narrowband ones, the two types of terminals will co-exist and wideband terminals must be capable of interoperating with those which have only G.711. Thus the interoperability with G.711 will remain crucial. 
In a large-scale multi-point speech conferencing, it is necessary to introduce the multi-point control unit (MCU) acting as a mixing hub. The signal processing in MCUs involves decoding all codes from multiple locations, summation of all decoded signals, subtraction of the signal from one’s own location and re-encoding. To provide the conferencing services using the existing wideband codec, such as G.722, the load required in decoding and re-encoding is greatly increased when compared to that of the conventional G.711 mixing. To overcome the problem, a G.711 embedded codec is efficient by exploiting partial mixing. By taking a hybrid approach that combines the mixing of the G.711 core layer and the switching of the enhancement layer from the most active location, the wideband signal mixing can be performed with only a small increase in complexity.

The new G.711 extension for the high quality speech services through the optical fiber access lines and the enterprise intranet will need to have the following characteristics.

· Sampling rate of the input is 16 kHz and the bandwidth is from 50 Hz to 7 kHz. 
· Interoperable with G.711 by introducing embedded scheme with the G.711 core bit stream. To implement the scheme in a simple way, the inputs are divided into two bands by an orthogonal filter-bank, e.g. quadrature mirror filter (QMF) used in G.722, and the lower-band signals, 50 Hz–4 kHz, are directly encoded by G.711 as the core layer.
· The number of enhancement layers is two. The lower-band enhancement layer reduces the quantization noise of the G.711 core and the higher-band enhancement layer adds a presence/fidelity.
· Low delay to achieve the quality comparable to PSTN. To keep the end to end delay less than 150 ms even in the best-effort network, it is expected that the delay made as low as possible.

· Low complexity and low memory to install the codec into the terminals and the systems at lower cost.

· Complexity reduction required for the mixing process in multi-point conferences. Must be capable of the enhancement layer switching, thus it is preferable not to use inter-frame predictions.

· Robust against the packet losses. In order to conceal the packet losses with high precision, it is preferable not to use any prediction over the frames.
2. Primary Applications

· IP Packetized wideband telephony services (VoIP, IP phone, IP-PBX, VoIP gateway) with seamless interoperability with G.711 based terminals and systems for the broadband network on the optical fiber access lines and the enterprise LAN, of which the bandwidth is 100Mbit/s.
· Designed for applications requiring scalable wideband on top of G.711.
· Designed for bi-directional communication applications where wider bandwidth can give an improved presence/fidelity between high-quality terminals

· Designed for easy integration with existing G.711 based VoIP infrastructure (VoIP gateway, IP-PBX) and services

· Scalability used for :

· VoIP gateway, PBX or other devices that multiplex or combine data streams

· Handling heterogeneous accesses/terminals

· High quality speech conferencing

· Support of 7 kHz and 3.4 kHz
· Scalability used for:
· MCU or other devices that multiplex or combine G.711 speech streams

· Handling heterogeneous accesses/terminals

3. Constraints

· Bandwidths: wideband (WB) and narrowband (NB)
· Embedded scheme with core bitstream interoperable with G.711

· The input signal has 16-bit resolution 
· WB signal is split into lower-band and higher-band. The lower-band signal is the input of the G.711 core.
· Two or more enhancement layers.
· Delay: as low as possible to keep the speech quality comparable to PSTN
· Complexity/Memory: as low as possible to install into the terminals and the systems at lower cost.
· Maintained robustness to random and bursty FER
· Partial mixing without annoying artifacts
· Complexity reduction for the mixing in multi-point conference.
· Fixed-point (16/32-bit precision) and floating-point versions must be available

4. Terms of Reference

Table 1 Performance requirements & objectives

	Parameter
	Requirement
	Reasons for requirement
	Objective
	Priority of objective
	Status

	1.   Core layer
	G.711 (supports both A/u laws)
	Interoperability with existing voice communication equipments
	Core layer A/u conversion made possible
	
	agreed



	2.   Embedded bitstream

· Number of layers
· Bit-rates in kbit/s (see note 1) 

· Bandwidths in kHz (see note 2)
· Sampling rate in kHz


	2 enhancement layers (see note 3)

R1 (G.711 core) = 64

R2a, R2b = 80, R3 = 96

R1: R2a:[0.05-4]
R2b, R3:[0.05-7]
R1,R2a: 8

R2b, R3:16
	Support wideband speech
	
	
	Note: telephony bandwidth is to be considered to R1 for testing

	3.   Speech quality in error-free condition at nominal input level of -26 dB with respect to the OVL point 
	Reference and CuT at the same input level

R1: same as G.711 at 64 kbit/s (the input signal is FLAT characteristic)

R2b: not worth than G.722 at 56 kbit/s
R3: not worse than G.722 at 64 kbit/s
	Application requirements
	Reference and CuT at the same input level

R2a: not worse than 16-bit linear PCM at 128 kbit/s

R2b: not worse than G.722 64 kbit/s

R3: better than G.722 at 64kbit/s
	High
	agreed

	4.   Speech quality in error-free condition at nominal level of -16dB with respect to the OVL point 
	Reference and CuT at the same input level

R1: same as G.711 at 64 kbit/s (the input signal is FLAT)

R2b: not worse than G.722 at 56 kbit/s
R3: not worse than G.722 at 64 kbit/s
	
	Reference and CuT at the same input level

R2a: not worse than 16-bit linear PCM at 128 kbit/s

R2b: not worse than G.722 at 64 kbit/s

R3: better than G.722 at 64kbit/s
	High
	agreed

	5.   Speech quality in error-free condition at nominal level of -36 dB with respect to the OVL point 
	Reference and CuT at the same input level

R1: same as G.711 at 64 kbit/s (the input signal FLAT)

R2b: not worse than G.722 at 56 kbit/s
R3: not worse than G.722 at 64 kbit/s
	
	Reference and CuT at the same input level

R2a: not worse than 16-bit linear PCM at 128 kbit/s 

R2b: not worse than G.722 at 64 kbit/s

R3: better than G.722 at 64kbit/s
	Medium
	agreed

	6.   Speech quality in error conditions for an input signal nominal level of -26 dB 

· 3 % FER Random

· 3 % FER Bursty


	R1, R2a: G.726 32kbit/s under error free condition (may be a good)

R2b: t.b.d.

R3: Random FER: Not worse than G.722 48kbit/s under error free condition
	
	R1, R2a, R2b: (t.b.d.)

R3: Random FER: Not worse than G.722 56kbit/s under error free condition

R3: Bursty FER: Not worse than G.722 48kbit/s under error free condition 
	Low
	(requirement for R2b, and objectives for R1, R2a, R2b t.b.d. by correspondence)

	7.   Quality dependency on speakers
	Not worse than their respective references at the same input levels
	
	
	
	agreed

	8.   Music in error-free condition at input signal nominal level –26 dB with respect to the overload point
	Reference and CuT at the same input level
R1: same as G.711 at 64 kbit/s (the input signal t.b.d.)

R2a: t.b.d.

R2b: not worse than G.722 at 56 kbit/s
R3: not worse than G.722 at 64 kbit/s
	
	Reference and CuT at the same input level
(t.b.d)

R2b: not worse than G.722 at 64 kbit/s
	Low
	(t.b.d. by correspondence)

	9.   Performance of the speech in the presence of background noises

· Background music at a SNR of 25 dB

· Office noise at a SNR of 20 dB

· Babble Noise at a SNR of 30 dB

· Interfering Talker at a SNR of 15 dB
	Reference and CuT at the same input level

R1: same as G.711 at 64 kbit/s (the input signal FLAT)
R2b: not worse than G.722 at 56 kbit/s
R3: not worse than G.722 at 64 kbit/s
	
	Reference and CuT at the same input level

R2a: not worse than 16-bit linear PCM at 128 kbit/

R2b: not worse than G.722 at 64 kbit/s

R3: better than G.722 at 64kbit/s
	High
	agreed

	10.  Algorithmic delay (see note 4)
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 15 ms
	Compatibility with conversational services
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 10 ms
	
	agreed

	11.  Frame size 
	[image: image6.wmf]£

 5 ms (sub multiple of 5ms)
	
	
	
	(t.b.d. by correspondence)

	12.  Multipoint Control Unit operation
	Bitstream structure that is possible to perform partial mixing. (see note 5) 

R2a: not worse than G.726 32 kbit/s conventional mixing.

R3: not worse than G.722 48 kbit/s conventional mixing.
	
	Not worse than the conventional mixing of itself.

R2b: not worse than G.722 48 kbit/s conventional mixing.
	
	Temporary requirements (Materials to be indicated, the requirements) 


	13.  Complexity 
	< 20 WMOPS
	DSP cost
	< 10 WMOPS
	Medium
	agreed

	14. Memory
	(t.b.d.)
	Cost
	As low as possible for RAM and ROM
	Medium
	(t.b.d. by correspondence)

	15. Specification description and implementation
	Bit-exact 16/32 fixed-point modular ANSI-C code using basic operators set provided in the ITU-T Software Tool Library v2.2(or the latest version)
	Interoperability, unambiguous definition
	Interoperable floating-point implementation (Electronic format)
	
	agreed


Notes to Table 1
1. Bit-rate range: source coding bit-rate only

2. Bandwidth: output signal will be filtered to fit the particular bandwidth (testing issue).

3. R1: G.711 Core, R2a: R1 + lower-band enhancement layer, R2b: R1 + higher-band enhancement layer, R3: R1 +  lower-band enhancement layer + higher-band enhancement layer

4. Algorithmic delay includes the frame size delay plus delays in the algorithm (look-ahead, noise suppression and any algorithmic decoding delay plus packet loss concealment and filter-bank).

5. Partial mixing is a signal mixing scheme where only a part of the bitstream (core layer) is mixed and other layers are switched to generate a wideband output. The simulation program for the partial mixing will be provided (contributions welcomed).

5. Time Schedule

	T0-2

Jan., 2007 
	· Draft of ToRs and Time schedule (liaison with Q7/12)

	T0

Mar., 2007

Rapporteur meeting
	· Finalization of ToRs and Time schedule (liaison with Q7/12)

· Draft Qualification test methodology (liaison with Q7/12)

	T0+1

around Apr. 2007
	· Deadline for declaration of intent to submit a candidate

	T0+4

Jul. 6, 2007

SG16 Plenary meeting
	· Approval of Qualification test and processing plans

	T0+5

mid. Aug. 2007
	· Deadline for confirmation of a candidate submission

	T0+6

mid. Sep. 2007
	· Delivery of candidate executable code (fixed point) for Qualification tests (see note 1)

	T0+6 → T0+8

Sep. 2007 → Nov. 2007
	· Host lab and test lab sessions for Qualification tests



	T0+8

Nov. 2007 (?)

WP3 meeting
	Qualification Meeting 

· Submission of deliverables:

· High-level description of the algorithm, 

· Complexity evaluation (fixed point), 

· Qualification test results

· Declaration of IPR policy.

· C-source code available to ITU-T TSB

· Availability of the complete text for Recommendation

	T0+8(T0+12
	· Preparation of host labs and test lab sessions for the characterization phase
(liaison with Q7/12)

· Approval of host lab and test lab for characterization

· Host lab and test lab sessions for the characterization

	T0+12

Mar. 2008

SG 16 Plenary Meeting
	· Review of characterization test results

· Consent (AAP)


Notes to Proposed schedule

1. It was agreed at the Jan. 2007 Q10/16 Rapporteur meeting that submission is in fixed point executable code.
2. WP3 meeting at the end of 2007 will be held in October, thus Qualification tests time period may have to shortened (t.b.d.).
Annex Q10.I:
Terms of Reference (ToR) and time schedule for the G.729.1 based embedded 
super wideband extension to ITU-T G.729.1

(Draft January 2007)
Summary
This annex contains the draft Terms of Reference and time schedule for the future G.729.1 based super wideband extension to ITU-T G.729.1.

1. Background

One of the main specific features of G.729.1 in comparison with other wideband codecs is the scalability on top of an already existing and widely deployed narrow band standard: G.729. This allows a smooth transition from narrow band to wideband conversational services with limited impact on existing G.729 based VoIP infrastructure thanks to full backward interoperability.

The purpose of this super wideband extension is to rely on the G.729.1 scalable architecture to provide a super-wideband extension to offer for some specific applications super-wideband voice and audio quality with limited impact on networks due to backward compatibility with G.729 and G.729.1 based systems. 

2. Applications
The following applications are foreseen for a super-wideband extension of G.729.1: 

· Packetized wideband voice (VoIP, VoWiFi, IP Phone, private networks) services for seamless interoperability with G.729.1 and G.729-based systems with improved presence (e.g. voice and background music/sound)
· Designed for applications requiring scalable super-wideband on top of G.729.1

· Designed for conversational applications where wider bandwidth can give an improved presence/fidelity effect : communications between high quality terminals (high quality hands free microphone …)

· Designed for easy integration with existing G.729 / G729.1 based VoIP infrastructure and services 

· Scalability used for :

· gateways or other devices that multiplex or combine data streams (including audio)

· handling heterogeneous accesses/terminals

· G.729.1-based audio services
· Call progress music and sound effect
· Remote audio monitoring
· Conversational e-learning and home shopping
· PC applications
· Enhanced quality audio/video conferencing in comparison with G.729.1
· Internet streaming, mixed speech/music audio applications not requiring high music quality
3. Constraints 

The G.729.1-SWB should be prepared within a timely fashion, while maintaining voice and music quality requirements. As a consequence it is proposed to design this G.729.1-SWB codec as an extension of G.729.1 in terms of bitrate and algorithmic structure. Thus following constraints are proposed in design of G.729.1-SWB 

· Embedded scheme with bitstream interoperable with G.729.1 (note: if changes are made to the core (G.729.1), quality should be rechecked)
· Bandwidths 
· Super-wideband, wideband and narrow band
· Delay
· Compatible with conversational services

· Fixed-point (16/32-bit precision) and floating-point versions must be available
· Complexity/Memory
· Low to moderate complexity/memory resources 
· Granularity of bit-rate scalability: 
· 4 kbit/s granularity for SWB is required
· Quality should increase gracefully with bitrate
· It is proposed to set stereo capability as an objective only at maximum bit rate of 64 kbit/s. To avoid several possible modes at same bitrate, the maximum bitrate for super-wideband mono is set to 60 kbit/s
· 36 kbit/s to 60 kbit/s for super-wideband mono

· 64 kbit/s for super-wideband stereo
For testing purpose, some bitrates should be selected spanning the overall range and compatible with application requirements (anchor points for the test)
4.  Terms of Reference 

	Parameter
	Requirement
	Objective
	Agreed

	1. Core layer
	Bitstream interoperable with G.729.1
(No changes except in the analysis/synthesis filterbank)
	
	Contributions invited

	2. Embedded bitstream

· Bandwidths in Hz
· Input sampling rate in kHz

· Bit rates range

· Minimum bitrate for SWB 
· Granularity
	 [50, 14000]

32

36 – 60 kbit/s (mono)
36 kbit/s

4 kbit/s:  > 32 kbit/s 
	64 kbit/s for stereo

	[300, 3400]/[50, 7000], contributions on sampling rates are invited

8/16 to be clarified

	3. Speech quality in error-free condition at nominal input level of -26 dB with respect to the OVL point 
	Reference and CuT at the same input level

At 48 kbit/s: NWT G.722.1C @ 48 kbit/s


	At 60 kbit/s: BT G.722.1C@ 48 kbit/s
	Are more bitrates needed? With which references?

At 36, 60 kbit/s: TBD for requirement

Stereo objectives are needed (on what kind of signal)?

	4. Speech quality in error-free condition at nominal level of -16 dB with respect to the OVL point 
	Reference and CuT at the same input level

Same as 3
	Same as 3
	

	5. Speech quality in error-free condition at nominal level of -36 dB with respect to the OVL point 
	Reference and CuT at the same input level

Same as 3 
	Same as 3
	

	6. Music  quality in error-free condition at nominal input level of -26 dB with respect to the OVL point
	Reference and CuT at the same input level
At 48 kbit/s: NWT  G.722.1C @ 32 kbit/s

At  60 kbit/s: NWT  G.722.1C @ 48 kbit/s 
	At 64 kbit/s: (stereo) NWT G.722.1C @32k dual mono
	36 kbit/s?

	7. Effect of switching between layers at the decoder side. Special attention needs to be paid to bandwidth switching 
	No annoying effect.

Resulting quality shall not be worse than that of lower layer involved
	
	Switching between SWB and WB layers. 

Switching between WB and NB not needed (depend on decision for box 1).

	8. Speech quality in error conditions for an input signal nominal level of -26 dBoV 

· 3 % FER Random

· 3 % FER Bursty
	Detected frame erasures, only random frame erasures

Same as 3 in the same condition (with packet losses)
	Same as requirement but for bursty frame erasures.
	Note: G.722.1c not tested in FER condition

What about burst frame erasures?

	9. Quality dependency on speakers
	Not worse than their respective references at the same input levels
	
	

	10. Performance of the reverberant speech in the presence of background noises 
· Music at a SNR of 25 dB
· Office noise at a SNR of 20 dB

· Babble noise at a SNR of 30 dB

· Interfering talker at a SNR of 15 dB 
	Reference and CuT at the same input level

At 48 kbit/s: NWT  G.722.1C @ 32 kbit/s

At  60 kbit/s: NWT  G.722.1C @ 48 kbit/s
	
	

	11. Speech/Music quality improvement with respect to bit rate granularity
	Needed: Graceful quality improvement provided from 36 to 60 kbit/s with 4 kbit/s steps 
	
	

	12. Algorithmic delay 
	≤  60 ms (total)
	≤  50 ms
	

	13. Frame size 
	20 ms 
	
	

	14. Capability to support discontinuous transmission
	Needed : Core bitstream interoperable with G.729 SID frame
	
	


	15. Complexity
	≤  70 WMOPS (total)
	≤  60 WMOPS
	

	16. Memory
	RAM: ≤ 20 kWord

ROM: ≤ 64 kWord
	As low as possible for RAM and ROM
	

	17. Specification description and implementation
	Bit-exact 16-32 fixed-point modular ANSI-C code using basic operators set provided in the ITU-T Software Tool Library (STL2005)
	Interoperable floating-point implementation (Electronic format)
	Is 40 bit precision needed?


Contributions are invited and especially on the priority of the objectives and requirements (helps to select a subset of requirements to be tested).

5.  Time schedule

	T0
(January 16 ~ 19, 2007)

Rapporteur meeting
	Draft ToRs and time schedule of the embedded super-wideband extension to G.729.1 (liaison with SG12/Q7)

	T0+2 months

(March 22 ~ 30, 2007)

Rapporteur meeting
	· Finalization of ToRs and Time schedule 

· Start discussions on Qualification test methodology  (liaison with SG12/Q7)

	T0 + 5 months
(June 26 ~ July 6, 2007)
SG16 Plenary meeting
	· Approval of ToRs and Time schedule
· Approval and finalization of qualification test and processing plans 



	T0 + 7 months

(End of August, 2007)

E-mail 
	· Declaration of intent to submit a candidate 

	T0+8 months

(End of September, 2007)

E-mail
	· Deadline for submission of candidate executable code (floating point) for Qualification tests

	T0+9 months

(October, 2007)

E-mail
	· Host lab and test lab session for qualification tests.

	T0+10 month

(November, 2007)

Rapporteur meeting
	Qualification Meeting 

· Submission of deliverables:

· Possible reduction of candidates via collaborative effort 

· Start of preparation of host lab and test lab sessions for the selection (or characterization/optimization) phase (liaison to Q7/12)

· Start of organization of the host labs and test lab sessions using fixed point PC executable
· Draft Selection (or characterization/optimization) test plan   

	T0 + 11 months

(December, 2007)

E-mail
	· Preparation of host labs and test lab sessions using fixed point PC executable 

· Approval of host lab and test lab by correspondence;

· Selection (or characterization/optimization) test plan finalized by correspondence (SG12/Q7)

· Mid December deadline for Submission of fixed point version for selection test (or characterization/optimization) 

	T0 + 12 months
(End of January, 2008)

E-mail
	· Host lab and test lab sessions for Selection tests (or characterization/optimization)

	T0 +13 months
(February 2008)

E-mail
	· Preparation of the complete text for Recommendation 

	T0+14 months

(March 2008 )
SG 16 Plenary Meeting
	Consent meeting  (+ selection if more than 1 candidate)
· Review of test results

· Submission of deliverables 

· Detailed description of algorithm

· Fixed point complexity estimation with hardware or DSP simulator (in terms of WMOPS, RAM, program ROM and table ROM)

· Declaration of IPR policy.

· Fixed point C-source code available to ITU-T TSB.

	Mid of 2008
	· Preparation of host labs and test lab sessions for the characterization phase using fixed point PC executable 

· Approval of host lab and test lab for characterization on correspondence;

· Characterization test plan finalized by correspondence (SG12/Q7)

· Host lab and test lab sessions for the characterization 
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