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Summary

The group examined input contributions on maintenance and extension of existing ITU-T voice coding standards and STL (G.191, G.711, G.729, G.722, G.729.1 and G.722.1).
The group reviewed the G.711 wideband extension characterization phase deliverables.  The group agreed to move it for consent under AAP.  The preparation of the optimization/characterization phases of G.729.1 DTX/CNG and G.722.1 fullband extension has been completed and the foreseen Consent meeting is next SG16 Plenary meeting (22 April – 2 May 2008).  Progress on software tools has been reviewed.  G.728 C-source code has been delivered to be included in STL.  It was also decided to study tools for stereo processing.  It was agreed to postpone next STL Release to January 2009.  The work on G.722 and G.711WB superwideband extension and G.711 lossless compression has progressed. 
It was also agreed to launch the standardization of a floating point version of G.711WB extension.
The group decided to prepare Liaison Statements to ETSI/STQ, SG12, and ISO/IEC MPEG.
Q.10/16 will continue its work by correspondence (via the WP3 audio email reflector wp3audio@yahoogroups.com ) on the following items:

· STL2009 Release (modified action point)
· G.722.1 fullband extension (ongoing action point) 

· G.729.1 DTX/CNG (ongoing action point)

· G.711 wideband extension (ongoing action point)

· G.729.1 superwideband extension (ongoing action point)

· Floating point implementation of G.722.1 fullband extension (ongoing action point)

· Lossless compression algorithm with G.711 (ongoing action point)

· Superwideband extension to G.722 and G.711WB (ongoing action point)

· Floating point implementation of G.711 wideband band extension (new action point)

· Tools for stereo processing (new action point)

The progress will be reviewed at the next SG 16 Plenary meeting in April-May 2008.
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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, Q9/16 and Q23/16.  Eight Q10/16 sessions were held.  Ad-Hoc sessions were also held.  The list of participants is given in Annex Q10.A.  Q.10/16 objectives for this meeting (see section 1 of AC-0801-Q10-01R1) were:
· Review the results of the ITU-T G.711 WB optimisation/characterisation phase, finalize it for consent under AAP

· Progress the work on G.722.1 fullband extension optimisation/characterization phase 

· Progress the work on G.729.1 DTX/CNG optimisation/characterization phase

· Progress the work on G.729.1 superwideband extension qualification phase

· Progress the work on next STL release

· Progress the work on the floating point implementation of G.722.1 fullband extension 

· Finalization and Approval the ToRs and Time schedule of superwideband extension to G.722 and G.711 wideband and preparation of the qualification phase 

· Progress the work on G.711 lossless compression algorithm standardisation

· Review of any contribution on possible extension or maintenance of existing ITU-T voice coding standards (G.19x; G.711 and G.72x series)

· Review the Question text for the next study period
The group adopted the agenda given in section 2 of document AC-0801-Q10-01R1.
2 Documentation

Report

	Number
	Source
	Title

	TD 404R1/Plen
	Chairs WP 3/16
	Report of Working Party 3/16 (Media Coding) (Geneva, 24 June – 6 July 2007)


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-0801-Q10-00
	Rapporteur Q10/16
	List of participants

	AC-0801-Q10-01
	Rapporteur Q10/16
	Objectives, Agenda and List of input documents for Q10

	AC-0801-Q10-02
	Rapporteur Q10/16
	Q10/16 Rapporteurs’ Meeting report (Geneva, 8 – 12 October 2007)

	AC-0801-Q10-03
	Rapporteur Q10/16
	Q10/16 Interim Activities (October 2007 – January 2008)

	AC-0801-Q10-04
	ITU-T SG 12
	GEN-431-16: Reply LS on wideband/fullband test signals and babble noise (COM 16-LS 242)

	AC-0801-Q10-05
	ITU-T SG 12
	GEN-435-16: Reply LS on speech and audio coding matters (COM 16-LS 242)

	AC-0801-Q10-06
	ITU-T SG 12
	GEN-436-16: Reply LS on speech and audio coding matters (COM 16-LS 242)

	AC-0801-Q10-07
	ITU-T SG 12
	GEN-438-16: Reply LS on P.862.1/ P.862.2 application to EVRC family of codecs (COM 16-LS-177)

	AC-0801-Q10-08
	ISO/IEC JTC 1/SC 29/WG 11
	GEN-448-16: Reply LS on ITU-T G.722.1 fullband extension (COM 16-LS 239)

	AC-0801-Q10-09
	Chairman ITU-T SG 16 (on behalf of 3GPP TSGS SA)
	GEN-450-16: LS on Codecs and Common IMS

	AC-0801-Q10-10R1
	ETRI, France Telecom, Huawei, VoiceAge, NTT
	A draft recommendation of G.711WBE

	AC-0801-Q10-11
	NTT
	Frequency response of G.711WBE codec

	AC-0801-Q10-12
	ETRI
	ETRI IPR policy declaration for the ITU-T G.711 wideband extension standard

	AC-0801-Q10-13
	France Telecom
	France Telecom G711 WB IPR Statement

	AC-0801-Q10-14
	Huawei
	Huawei G711WB IPR Statement

	AC-0801-Q10-15
	NTT
	NTT's IPR declaration for G.711WBE

	AC-0801-Q10-16
	VoiceAge Corporation
	VoiceAge IPR intent declaration for the ITU-T Embedded Wideband G.711 Extension codec

	AC-0801-Q10-17
	Rapporteur Q10/16
	G.711 WB Optimization/characterization phase test results: subjective and objective (WB-PESQ) scores for Experiments 1a and 1b conditions

	AC-0801-Q10-18
	NTT
	Suggestions for ToR of G.711/722SWB

	AC-0801-Q10-19
	NTT
	Suggestions for ToR of G711LLC

	AC-0801-Q10-20
	L.M. Ericsson
	Evaluation of the methodology for fullband codec frequency response measurements

	AC-0801-Q10-21
	L.M.Ericsson
	Proposed update of G729 simulation frame handling

	AC-0801-Q10-22
	Rapporteur Q10/16
	Information on STL stalled actions

	AC-0801-Q10-23
	ETRI, France Telecom, Huawei, VoiceAge, NTT
	Proposal for standardization of a floating point annex of G.711WBE

	AC-0801-Q10-24
	Cisco Systems, Inc.
	G.711 Lossless Compression Algorithm: A Proposed Speech and Noise Corpus for Compression Results

	AC-0801-Q10-25
	Cisco Systems, Inc.
	G.711 Lossless Compression Algorithm: Proposed Processing Plan

	AC-0801-Q10-26
	Cisco Systems, Inc.
	G.711 Lossless Compression Algorithm: Compression Results

	AC-0801-Q10-27
	Huawei Technologies Co. ltd
	Comments on G.711 lossless compression

	AC-0801-Q10-28
	Huawei Technologies, Siemens Enterprise Communications
	Progress report on G.729.1 DTX/CNG collaboration work

	AC-0801-Q10-29
	France Telecom
	Terms of Reference for G.711/G.722 superwideband extensions

	AC-0801-Q10-30R1
	Qualcomm Inc, Sprint Nextel, Verizon Wireless
	Proposal to update the P.341 send filter in G.191 STL

	AC-0801-Q10-31
	Rapporteur Q10/16
	Proposed update of ITU-T frequency response measurement tool

	AC-0801-Q10-32
	Rapporteurs Q10/16 & Q23/16
	Draft proposal for Question C4/16 in the next study period

	AC-0801-Q10-33

	France Telecom
	Babble noise simulation

	AC-0801-Q10-34
	G.722.1 Editor
	Update to G.722.1 Implementors' Guide (2002/10)

	AC-0801-Q10-35
	Rapporteur Q10/16
	Processing Test Plan for ITU-T G.722.1 fullband Extension characterization/optimization Phase

	AC-0801-Q10-36
	Q7/12
	GEN-479-16: LS on speech and audio coding matters

	AC-0801-Q10-37
	Rapporteur Q10/16
	Revised Processing Plan for G.711WB Optimisation/Characterization Phase

	AC-0801-Q10-38
	Rapporteur Q10/16
	Processing Test Plan for the ITU-T G.729.1 DTX/CNG scheme optimization/characterization phase

	AC-0801-Q10-39
	G.729.1 Editor
	Maintenance of existing voice coding standards: G.729.1

	AC-0801-Q10-40
	ISO/IEC/JTC1/SC29/WG11
	GEN-480-16: LS on Enhanced Low Delay AAC


NOTE:
The Rapporteur meeting documents for this Q10/16 meeting can be found at the following location: http://ties.itu.int/u/tsg16/sg16/xchange/wp3/0801-Geneva/q10/.

3 Intellectual Property Statements
The Rapporteur made a call for IPR. Documents AC-0801-Q10-12, AC-0801-Q10-13, AC-0801-Q10-14, AC-0801-Q10-15, and AC-0801-Q10-16 that contain IPR policy declaration related with G.711WB candidate were presented (see §6.4).  It was mentioned that TSB has already received IPR declaration forms from ETRI and VoiceAge.  During the meeting, TSB received France Telecom and Huawei IPR declaration forms related to G.711WB.

4 Texts for Consent / Approval

The following lists the Recommendations proposed for Consent.

	Description
	Type
	Documents
	Question

	Draft new G.711-WB “Wideband embedded extension for G.711 PCM” (for Consent)
	New
	TD 306/WP3
	10


No documents are submitted for Approval at the WP 3/16 meeting (1 February 2008).

5 Report of Interim Activities
Question 10 held one Rapporteur meeting in October 2007.  The group reviewed the draft report of the Q10/16 January 2007 meeting in AC-0801-Q10-02 and approved it with some minor revisions (see TD 293R1/WP3).

Document AC-0801-Q10-03 contains Q10/16 Interim Activities from October 2007 till January 2008.  E-mail correspondences pertaining to the activities of this group are routinely conducted using the e-mail reflector WP3 audio email reflector (wp3audio@yahoogroups.com).

6 Incoming Liaison Statements

Eight Liaison Statements addressed to Q10/16 since its last October 2007 meeting have been submitted at this January meeting: five from SG12 (drafts of the first three LS from SG12 were briefly presented during Q10/16 October 2007 meeting), two from ISO/IEC JTC 1/SC 29/WG 11 (the first one also addressed to Q23/16, the second one also addressed to Q9/16 and Q23/16), one from 3GPP TSG SA (also addressed to other WP3/16 questions): 

· In AC-0801-Q10-04 ("GEN-431-16: Reply LS on wideband/fullband test signals and babble noise (COM 16-LS 242)"), Q6/12 gives possible solutions to create wideband/superwideband/fullband test signals (see §6.8) and voice babble (see §6.5).

· In AC-0801-Q10-05 ("GEN-435-16: Reply LS on speech and audio coding matters (COM 16-LS 242)"), Q3/12 provides feedback on the filters designed for fullband signals processing and mentions that it is foreseen to address input characteristics for superwideband and fullband terminal during the next Study Period (see §6.2).
· The first five sections of the LS from Q7/12 (AC-0801-Q10-06: "GEN-436-16: Reply LS on speech and audio coding matters (COM 16-LS 242") are addressed to Q10/16 and deal respectively with STL (see §6.2), G.711 wideband extension (see §6.4), G.722.1 fullband extension (see §6.8), G.729.1 DTX/CNG (see §6.5), and superwideband and stereo extension for G.729.1 and G.EVBR (see §6.6).

· In AC-0801-Q10-07 ("GEN-438-16: Reply LS on P.862.1/ P.862.2 application to EVRC family of codecs (COM 16-LS-177)"), Q9/12 informs Q9, Q10 and Q23/16 of the output of their discussion on performance of P.862.1/ P.862.2 in relation to the EVRC family of codecs and the revision of P.862 and P.862.3.  This LS was noted.
· In AC-0801-Q10-08 ("GEN-448-16: Reply LS on ITU-T G.722.1 fullband extension (COM 16-LS 239)"), ISO/IEC JTC 1/SC 29/WG 11 thanks for the information on the ITU-T G.722.1 fullband extension qualification phase (COM 16-LS 239) and asks to be kept informed on the future progress of this work (see §6.8).

· In AC-0801-Q10-09 ("GEN-450-16: LS on Codecs and Common IMS"), 3GPP TSG-SA provides its conclusions reached of their debate on the relationship between codec selection and common IMS, stressing that it is desirable to minimize the total number of supported codecs and also to have codecs in common with other accesses, while acknowledging that it is up to each SDO to evaluate the tradeoffs and select the set of codecs that are most appropriate for a given IMS application.  This LS addressed to all WP3/16 media coding Questions (Q6/16, Q8/16, Q9/16, Q10/16 and Q23/16) for information presented in Q23/16 session was not addressed in Q10/16 sessions.
· The first six sections of the LS from Q7/12 (AC-0801-Q10-36: "GEN-479-16: LS on speech and audio coding matters") are addressed to Q10/16 and deal respectively with STL (see §6.2), G.711 wideband extension (see §6.4), G.729.1 DTX/CNG (see §6.5), superwideband for G.722 and G.711WB (see §7.7), G.722.1 fullband extension and its floating implementation (see §6.8).
· In AC-0801-Q10-40 ("GEN-480-16: LS on Enhanced Low Delay AAC"), ISO/IEC/JTC1/SC29/WG11 inform us on the recent conclusion of their work on the Enhanced Low Delay AAC, mentions that they plan to carry out a verification test that will include ITU-T G.722.1 Annex C as a benchmark and use the ITU-T Software Tool Library for preparing speech items.  Q9/16, Q10/16 and Q23/16 jointly answered to this LS (see §6.9).
7 Results

7.1 Maintenance of existing ITU-T voice coding standards

Three documents dealing with maintenance of existing ITU-T voice coding standards were submitted.  Document AC-0801-Q10-21 (source: L.M.Ericsson, entitled "Proposed update of G729 simulation frame handling") proposes to update the G729 Release2 simulation c-code software to have the desired behavior for frames with an occasional softbit value of zero.  Document AC-0801-Q10-34 (source: G.722.1 Editor, entitled "Update to G.722.1 Implementors' Guide (2002/10)") proposes an update of the Implementors' Guide for ITU-T Recommendation G.722.1.  Document AC-0801-Q10-39 (source: G.729.1 Editor, entitled "Maintenance of existing voice coding standards: G.729.1") describes problems found in G729.1 and proposes corrections to fix them.  

It was agreed that the G.729.1 Editor will prepare an Implementors' Guide collecting these corrections for Approval at the next SG16 meeting.  G.729.1 Editor reiterated his thanks to Jinliang Dai (Huawei) and Stefan Schandl (Siemens AG) for their contributions on G729.1 maintenance.  Instead of updating G.722.1 Implementors' Guide, the group agreed to rather include the revised 
C-code of G.722.1 Annex B in the Amendment to G.722.1 that will be proposed for Consent under AAP at the next SG 16 meeting to incorporate the new G.722.1 fullband extension.  As far as the propose update to G.729 is concerned, the group decided to postpone the decision till the next SG16 plenary meeting.
7.2 G.191
At last October 2007 Q10/16 meeting, to prepare STL2008 Release, the new or revised tools proposed since STL2005 Release were reviewed.  Annex Q10.L of AC-0801-Q10-02 lists these tools and indicates their status regarding their inclusion in next STL Release.  As far as the stalled Q10/16 Action Points related with STL were concerned, it was asked whether more detailed descriptions could be provided.  Sections of draft SG12 liaison statements related with STL (see section 2 of AC-0801-Q10-04 on fullband test signals to measure fullband audio codec frequency responses, AC-0801-Q10-05 on input characteristics of fullband terminals and section 1 of AC-0801-Q10-06 on tools to create references conditions for superwideband and fullband codec testing and procedure for down-mixing multi-channel audio material to mono) were also briefly presented.

During the interim period, the moderator of Action Point 0611.02 ("Provide G.728 C-source code to STL") delivered a G.728 fixed point and floating point C codes as basis for inclusion in the STL whereas SG 16 Counselor prepared a draft for inclusion in the STL user's manual that describes the floating-point operation and design. The software (g728.tgz) and the draft STL manual chapter on G.728 (g728desc.pdf) can be downloaded from the following informal FTP site: 

http://ties.itu.int/u/tsg16/sg16/xchange/wp3/q10/stl2005/G728/
At last October Q10/16 meeting, a tool to evaluate the complexity of floating point modules complexity was kindly provided by VoiceAge to the group and experts were invited to give feedback.  During the interim period, it was pointed out that there were differences between the STL2005 fixed point counters and the proposed tool.  In particular, it seemed that in spite of its recent delivery (October 2007), the latest developments performed by the ITU-T ad-hoc group that worked on STL2005 basic operators sets were not taken into account.  Consequently, some work is probably required to solve potential discrepancies and align the proposed tool with the STL2005 fixed point complexity evaluation tool.  The Editor of the basic operators (K. Djafarian, Texas Instruments, k-djafarian@ti.com) who kindly accepted to review the proposed tool gave first feedback: suggesting the usage of the macros (IF() / FOR() / WHILE() / BREAK / SWITCH) defined in STL2005 instead of defining new ones with different weights, advising to be careful with the INDIRECT() macro usage (since usually the fixed point library limits such type of cost counting), wondering the benefit of FUNC() macros.

During the interim period, clarifications on a basic operators chapter passage of STL manual were also asked.  Currently, there are two sentences dealing with address computation: "Address computation must be excluded from the complexity evaluation.  However, when extremely complex address computations are done, these address computations should be resolved using the basic operations, in order to account for the associated complexity".  The Editor gave the following examples to illustrate address computation in a loop:

ptr += N; /* no add: if N is constant in the loop (i.e: regularly incremented pointer) */ 
ptr += N; add(0,0) /* add: if N varies in the loop */ 

The Editor also advises against double dimension array usage.  If such an array is used and if it is not regularly addressed, address computation is more complex requiring three basic operators (one move, one add, one mac). 

Document AC-0801-Q10-22 (source: Rapporteur Q10/16, entitled "Information on STL stalled actions") provides information on the STL stalled action points retrieved from previous study period documents.  Document AC-0801-Q10-30R1 (source: Qualcomm Inc, Sprint Nextel, Verizon Wireless, entitled "Proposal to update the P.341 send filter in G.191 STL") proposes an update to the STL P.341 send filter suitable for mobile devices and recommends eliminating the use of background noise weighting (ΔSM filtering) during the processing of noise samples for subjective evaluations.  Document AC-0801-Q10-31 (source: Rapporteur Q10/16, entitled "Proposed update of ITU-T frequency response measurement tool") proposes an update to the frequency response measurement tool from the STL 2005 to fix the problem found for sweep tone.  In Section 1 of their January 2008 LS (AC-0801-Q10-36), Q7/12 informs Q10/16 that software tool library may have to be updated to accommodate the reference band pass filtering needed by Superwideband testing and that appropriate tools will be needed as soon as stereo aspects clarified.
It was mentioned that work is still needed to incorporate G.728 tool in the STL (C-code and manual chapter).  It was agreed that further work is needed to align the complexity evaluation tool of floating point modules with the STL2005 fixed point complexity evaluation tool.  It was agreed to incorporate in the basic operators STL chapter the examples illustrating complexity evaluation of address computation.  It was felt that guidelines on basic operators usage to properly instrument C-source code would be useful.
The proposed ways for Action Points 9809.02 ("Add filters to speech voltmeter demo programs"), 9801.01 ("Solve inconsistencies in IS54 code"), 9606.04("Verify PCM-domain multiplier and tone and noise generation tools") were agreed.  For Action point 9801.02 ("Investigate the G.711’s 1’s/2’s complement issue"), it was wondered whether the issue was still present and whether it is in G.711 software tool or G.726 software tool.  For Action point 9606.04 ("General Processing Framework tool"), it was decided to wait feedback at the next SG16 meeting and to close this action point, if no one volunteers to contribute.  
It was noted that the proposed filter to update STL P.341 filter conform to both ITU-T P.341 and 3GPP TS26.131 frequency mask specifications and yet has a narrower bandwidth than the current STL P.341 send filter used in previous wideband speech coding ITU-T and 3GPP standardization activities.  It was decided that the proposal update must not replace the current STL P.341 filter but might be considered as a possible alternative that could be used in codec characterization phase to model some specific mobile environments.
It was wondered whether the window overlap option proposed to update the frequency response measurement tool should be the default mode. It was also suggested that an option to use other window sizes might be useful.  It was felt that manual chapter might be revised to incorporate more guidelines on the tool usage and on the appropriate test signals such as those proposed by Q6/12 that seem suitable (see AC-0801-Q10-20) (see also §6.8).
The list of action points dealing with STL were reviewed (see annex Q10.B).  Jonas Svedberg (L.M. Ericsson, Jonas.Svedberg@ericsson.com) was appointed Editor of the STL EID tool.  Following Q7/12 LS and discussions in Q23/16 on stereo scenarios and processing, an action point with the objective to study and specify tools for stereo processing was created (AP 0801.02, moderator: Jonas Svedberg, L.M. Ericsson, Jonas.Svedberg@ericsson.com).
To allow time to check the new or revised tools proposed since STL2005 Release and to prepare tools for stereo and superwideband and fullband processing, it has been decided to postpone the AAP of G.191 Annex A (with STL2009 Release) initially foreseen in May 2008 to January 2009.

Q10/16 decided to send a LS to SG 12 (see §6.9)  to list the software tools updated or provided since the last SG16 meeting, the planned work on stereo processing tools, to asking feedback on the proposed alternative to STL P.341 filter (characteristics and suitable applications), and on background noise weighting.  It was agreed to send an LS to ETSI/STQ asking feedback on the proposed alternative to STL P.341 filter.
Note: during the WP3/16 Plenary, after discussions of the text in the LS to SG12 (section 2 of TD 308/WP3), it was agreed to delete the text concerning the proposed alternative P.341 send-side filter. As a consequence, it was agreed by the plenary that preparation of a LS to ETSI STQ (proposed in the Q10/16 meeting) would be postponed for consideration at the April-May 2008 meeting of SG 16, after the experts have more time to discuss the matter.
Volunteers to contribute on STL work are invited to contact the Rapporteur.

7.3 Lossless compression for G.711

At last Q10/16 meeting, it was agreed to launch the standardization of a lossless compression algorithm with G.711 (“G.711-LLC”).  A Q10/16 action point has been created: Action point 0710.02, objective "Study and specify a lossless compression algorithm with G.711", moderator: Michael Ramalho, Cisco, mramalho@cisco.com.  Preliminary Terms of Reference (including applications and design constraints) were discussed and drafted (see Annex Q10.K of AC-0801-Q10-02).  Further contributions are invited at the next Q10/16 meeting to progress the ToR.  During the interim period, discussions have occurred on possible corpus to produce compression results and processing plan details specific to G.711-LLC.  The moderator has also investigated processing plans and useful software tools.

Five documents have been submitted at this meeting.  Document AC-0801-Q10-19 (source: NTT, entitled "Suggestions for ToR of G711LLC") addresses some suggestions for the Terms of Reference of lossless coding of G.711.  Document AC-0801-Q10-27 (source: Huawei Technologies Co. ltd, entitled "Comments on G.711 lossless compression") gives some comments for discussion which focus on the coding efficiency and the complexity of G.711 lossless compression.  Document AC-0801-Q10-24 (source: Cisco Systems, Inc., entitled "G.711 Lossless Compression Algorithm: A Proposed Speech and Noise Corpus for Compression Results") proposes a speech and noise corpus for the generation of the compression results.  Document AC-0801-Q10-25 (source: Cisco Systems, Inc., entitled "G.711 Lossless Compression Algorithm: Proposed Processing Plan") presents a processing plan for the G.711 LossLess Compression with proposed methodologies for testing G.711-LLC losslessness, and for generating G.711-LLC compression results.  Document AC-0801-Q10-26 (source: Cisco Systems, Inc., entitled "G.711 Lossless Compression Algorithm: Compression Results") presents compression results for the speech and noise corpus proposed in AC-0801-Q10-24 with a G.711-LLC algorithm previously proposed in AC-0710-Q10-08.
Discussions on draft ToR, speech and noise corpus and processing were held.  The first two sections of the draft ToRs and some requirements/objective have been agreed (see Annex Q10.K).  
It was decided to send an LS to SG 12 asking for feedback on the draft ToR and processing plan (see §6.9)
7.4 G.711 wideband extension
After the completion of the qualification phase in July 2007, the optimization/characterization phase has been launched and prepared.  At October Q10/16 Rapporteur meeting, this characterization phase was further prepared. Then the work was progressed by correspondence.

The quality assessment test plan for the ITU-T G.711 wideband extension Optimization/characterization phase, prepared by Q7/12 during SG 12 October 2007 plenary meeting (see section 2 of Q7/12 LS AC-0801-Q10-06) was revised to fix some typos and bring further explanations (see attachment 1 of Q7/12 LS (AC-0801-Q10-36)).  The processing test plan (AC-0801-Q10-37) has also been revised to add processing missing conditions. 

Processing batch files were distributed to the processing laboratories candidates on November 2007.  Common FER pattern files and background noise files (except interfering talker background noise file) were also provided to these laboratories.  The executable was sent to the Q10/16 Rapporteur by mid November 2007.  Each experiment was performed in two different languages and the processing performed twice by two different laboratories for cross-checking.  The listening sessions were conducted between end of November and mid December 2007 by five listening laboratories.  Table 4b in Annex Q10.M indicates for each experiment the two languages and the two listening/processing laboratories.  All raw data of the subjective test experiments were sent to Q7/12 Rapporteur before 8 January 2008.  Q7/12 experts have reviewed the results that are reported in section 2 and the annex of their January 2008 LS (AC-0801-Q10-36: source: Q7/12, entitled "GEN-479-16: LS on speech and audio coding matters").  The detailed description of the G.711 WB algorithm prepared by the G.711WB consortium is given in document AC-0801-Q10-10R1 (source: ETRI, France Telecom, Huawei, VoiceAge, NTT, entitled "A draft recommendation of G.711WBE").  The fixed point complexity estimation and the algorithmic delay are also reported.  Document AC-0801-Q10-11 (source: NTT, entitled "Frequency response of G.711WBE codec") presents the measured frequency responses of G.711WBE codec for all modes, R1, R2a, R2b and R3.  IPR declarations from five companies can be found in documents AC-0801-Q10-12 (source: ETRI, entitled"ETRI IPR policy declaration for the ITU-T G.711 wideband extension standard"), AC-0801-Q10-13 (source: France Telecom, entitled"France Telecom G711 WB IPR Statement"), AC-0801-Q10-14 (source: Huawei, entitled"Huawei G711WB IPR Statement"), AC-0801-Q10-15 (source: NTT, entitled"NTT's IPR declaration for G.711WBE"), AC-0801-Q10-16 (source: VoiceAge Corporation, entitled "VoiceAge IPR intent declaration for the ITU-T Embedded Wideband G.711 Extension codec").  TSB has already received 8 IPR Declarations (4 "Patent Statements and Licensing Declaration" and 4 "Copyright Statements and Licensing Declaration") for G.721WB from the following companies: ETRI, France Telecom, Huawei, and VoiceAge (see TD 302/WP3).  NTT has indicated that the formal IPR declarations will be submitted shortly.  The C-source code has also been made available to ITU-T TSB.
G.711 WB extension deliverables of Optimization/Characterization Phase were reviewed.  Based on the Optimisation/Characterization Phase deliverables, it was agreed to move G.711WB extension candidate for Consent under AAP.  The group also agreed to prepare the text for Recommendation based on AC-0801-10R1 and to incorporate editorial corrections and an AAP summary.  Thus, an editorial group chaired by G.711WB Editor was set to prepare this text (TD 306/WP3).  It has also been agreed to perform C-code cleaning while keeping bit exactness with the version used for the processing of the optimization/characterization phase experiments till the AAP starting date.  An overview of G.711WBE Optimization/Characterization Phase has been prepared.  It is annexed to this report (annex Q10.M). 
It was asked to clarify the usage of the optional postfitering at the decoder and how it was tested.  It was explained that this postfilter may optionally be implemented with the G.711WB decoder and its main objective is to reduce audible quantization noise in signals encoded with legacy G.711 encoder.  This postfilter was tested in the qualification phase and also during the collaboration phase.  It was decided to incorporate this optional postfilter in the future G.711WB Recommendation as its Appendix I and to further test the quality performance.  The agreed list of conditions are the tested conditions in Experiments 1a, 2a, 3a,b,c, d  of G.711WB optimization/characterization phase with the postfiltering off and on and without R2a conditions. The test of switching conditions of R1 mode with postfilter on with higher bit rates was also mentioned but it was felt that this condition might be tested in a later stage if needed.
The group decided to send an LS to SG12 to announce that G.711WB move for Consent under AAP, to thank for the aid in G.711WB Optimization/Characterization Phase and to ask their assistance in the characterization test of Appendix I to G.711WB (see §6.9).
To assist Study Group 12 with the E-model adaptation (see Q8/12 request at the end of section 2 of AC-0801-Q10-06), the subjective and the objective (WB-PESQ) scores of experiments 1a and 1b have been collected from the laboratories that performed these experiments and are reported in document AC-0801-Q10-17 ("G.711 WB Optimization/characterization phase test results: subjective and objective (WB-PESQ) scores for Experiments 1a and 1b conditions").  It was agreed to send an LS to Q8/12 (and also to Q9/12 and Q7/12) with these results attached, providing potential explanation of the difference between objective and subjective scores for G.711 A-law legacy codec conditions, and mentioning that more data could be provided if needed (see §6.9).

Document AC-0801-Q10-23 (source: ETRI, France Telecom, Huawei, VoiceAge, NTT, entitled "Proposal for standardization of a floating point annex of G.711WBE") proposes starting the standardization of a floating point annex of currently ongoing G.711WBE standardization, in which the algorithm is implemented in fixed point and also asks for some discussions on a possible way forward.  It was clarified that both floating point encoder and decoder are needed.  It was agreed to launch this standardization and the corresponding Action Point created: AP 0801.01, objective " Study and specify a floating point implementation of G.711WB extension", moderator: Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp.  It was clarified that both floating point encoder and floating point decoder will be developed.  Following the proposal to assess the quality of this alternative implementation with objective measurements, such as (WB-)PESQ and segmental SNRs, and informal experts listening, it was decided to ask SG12 feedback on use of such quality assessment methodologies to compare alternative implementations of the G.711WB algorithm and test the four interoperability configurations (see §6.9). 

7.5 G.729.1 DTX/CNG 

At the last SG16 Plenary meeting, after the two candidates announced their collaboration, it was decided to skip the qualification phase and to launch the optimization/characterization phase.  At October Q10/16 Rapporteur meeting, this optimization/characterization phase was further prepared (quality assessment test plan and its associated processing plan, detailed time schedule with list deliverables at the Consent meeting).  Sections of draft SG12 LSs dealing with G.729.1 DTX/CNG (see section 3 of AC-0801-Q10-04 on babble noise generation and section 4 of AC-0801-Q10-06 on quality assessment test plan) were also briefly presented.
The quality assessment test plan for the ITU-T G.729.1 DTX/CNG Optimization/characterization phase, prepared by Q7/12 during SG 12 October 2007 plenary meeting has been revised to fix some typos and bring further explanations (see attachment 7 of AC-0801-Q10-36).  The processing test plan (AC-0801-Q10-38) has also been updated.  Document AC-0801-Q10-28 (source: Huawei Technologies, Siemens Enterprise Communications, entitled "Progress report on G.729.1 DTX/CNG collaboration work") informs about the work progress of the collaboration development, proposes one change in the time schedule (postponement of the fixed-point-based executables submission from February 14 to February 25, 2008) and provides comments on babble noises.  In section 3 of AC-0801-Q10-04 ("GEN-431-16: Reply LS on wideband/fullband test signals and babble noise (COM 16-LS 242)"), Q6/12 gives possible solutions to create voice babble.  Document AC-0801-Q10-33 (source: France Telecom, entitled "Babble noise simulation") reports the ongoing work to investigate Q6/12 proposals.
The revisions introduced in the quality assessment plan were presented.  As Q6/12 proposals to create realistic babble noises are still under study and results will not be available before of end of May, the group agreed with the proposal of AC-0801-Q10-28 to use in G.729.1 DTX/CNG optimization/characterization phase babble noises already available.  The updated processing plan was presented.  Following the request to review the G.722.2 VAD generation tool, Siemens AG has kindly agreed to provide this tool to the group and it has been uploaded (mkvad.itu.290108.zip) to the following informal FTP site:

http://ties.itu.int/u/tsg16/sg16/xchange/wp3/q10/g729ev/
It has been agreed that the deadline to provide feedback on this tool is 8 February 2008.  The processing plan has been revised to provide this tool usage (AC-0801-Q10-38R1).  The group agreed to postpone the deadline for submission of the fixed-point-based executables from February 14 to February 25 (see revised time schedule in Annex Q10.F).
It was agreed to send an LS to Q7/12 thanking them for the optimization/characterization Quality Assessment Test Plan revisions, providing them the revised processing plan, and asking them the analysis of the test results.  It was also decided to inform Q6/12 that the results of voice babble generation study will be presented at their next meeting (see §6.9).
7.6 G.729.1 superwideband extension

At last SG16 Plenary meeting, G.729.1 superwideband extension Terms of Reference were completed and approved.  At October Q10/16 Rapporteur meeting, following Q23/16 outcome on the joint work of G.729.1 SWB extension and G.EV-VBR SWB extension, G.729.1 Superwideband Terms of Reference have been revised and agreed (see Annex Q10.I of AC-0801-Q10-02).  In section 5 of their LS (AC-0801-Q10-06), Q7/12 asked for the agreed list of conditions to prepare a quality assessment test plan for the qualification phase.  This qualification phase is under preparation in Q23/16.  No discussions were held in Q10/16 sessions.
7.7 Superwideband extension to G.722 and G.711 WB
At last SG16 plenary meeting, it was proposed to start the standardization of a superwideband scalable extension to G.722.  This proposal was further discussed at Q10/16 October 2007 Rapporteur meeting, and it has been agreed to launch the standardization of a superwideband extension to G.722 and G.711WB.  A Q10/16 action point has been created: Action Point 0710.03 "Study and specify a superwideband extension on top of G.722 and G.711WB", moderators: Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp; Stéphane Ragot, France Telecom, stephane.ragot@orange-ftgroup.com.  Preliminary Terms of Reference and time schedule have been drafted (see Annex Q10.J of AC-0801-Q10-02).  Further contributions were invited at the next Q10/16 meeting to progress and finalize the ToR.

Two documents have been submitted at this meeting.  Document AC-0801-Q10-18 (source: NTT, entitled "Suggestions for ToR of G.711/722SWB") proposes a revised draft of the terms of reference (ToR) for the superwideband (SWB) extension to ITU-T G.722 and ITU-T G.711WBE.  Document AC-0801-Q10-29 (source: France Telecom, entitled "Terms of Reference for G.711/G.722 superwideband extensions") discusses and makes proposals to update and finalize the Terms of Reference.  In Section 4 of their LS (AC-0801-Q10-36), Q7/12 provides some comments on the draft ToRs and requests inputs on application scenarios (especially stereo scenarios).
The two proposals were further discussed and G.711SWB ToRs were merged.  The naming conventions for bit rate suggested in AC-0801-Q10-29 were adopted.  The group agreed to split the ToR discussions and finalization in two steps: SWB mono first, stereo second.  Therefore the discussions were concentrated on requirements and objectives for SWB mono parameters and most of them have been agreed (see annex Q10.J).
7.8 G.722.1 fullband extension

Last SG16 plenary meeting, the qualification phase was completed with the qualification of the two candidates.  In mid- September, the two candidates announced their collaboration in an optimization/characterization phase. So, at October Q10/16 Rapporteur meeting, this optimization/characterization phase was prepared (quality assessment test plan and its associated processing plan, detailed time schedule with list deliverables at the Consent meeting).  Last October, sections of draft SG12 liaison statements related with fullband audio signal processing (see section 2 of AC-0801-Q10-04 on fullband test signals to measure fullband audio codec frequency responses, AC-0801-Q10-05 on input characteristics of fullband terminals and section 3 of AC-0801-Q10-06 on quality assessment test plan) were also briefly presented.  The standardization of the floating point implementation of G.722.1 fullband extension has been launched and the corresponding Action Point created: AP 0710.01, objective " Study and specify a floating point implementation of G.722.1 fullband extension", moderator: Roni Even, Polycom Inc..  Two LS were sent to SG12 and ITU-R WP6Q asking for feedbacks on usage of objective quality assessment methodologies such as PEAQ. 

The quality assessment test plan has been revised by Q7/12 (see section 5 and attachment 8 (AH-08-16) of AC-0801-Q10-36).  The processing test plan has also been updated (see AC-0801-Q10-35).  In section 2 of AC-0801-Q10-04 ("GEN-431-16: Reply LS on wideband/fullband test signals and babble noise (COM 16-LS 242)"), Q6/12 gives possible solutions to create wideband/superwideband/fullband test signals.  Document AC-0801-Q10-20 (source: L.M. Ericsson, entitled "Evaluation of the methodology for fullband codec frequency response measurements") reports the results of the evaluation of Q6/12 proposals for a variety of standardized full-band codecs.
The revisions introduced in the quality assessment plan were presented and additional clarifications provided by Q7/12 Rapporteur.  The processing test plan has been further updated (see AC-0801-Q10-35R3).  Following Q6/12 guidelines on fullband test signals and the evaluation results given in AC-0801-Q10-20, it was agreed to use the composite signals to measure the frequency responses of G.722.1 fullband codec.  It was decided that there is no need for demo.
As far as the quality assessment of floating implementation by objective measurements using PEAQ is concerned, Q7/12 requests to clarify which version of PEAQ would be used and expresses that in their opinion objective measurements should be validated first for the fullband case (see section 6 of AC-0801-Q10-36).  Q9/12 addressed our LS at their 29-30 January 2008 meeting.  Informal feedback from Q9/12 seems to indicate that if PEAQ can predict the quality of G.722.1 fullband extension algorithm in fixed point implementation, it may be appropriate to assess the quality of an alternative implementation in floating point.  Consequently, Q10/16 plan to collect subjective and objectives scores of the optimization/characterization test conditions to provide them to SG12 in order to help them to check the validity of PEAQ usage to assess G.722.1 fullband extension quality and to compare alternative implementations of the algorithm.  It was noted that after the reorganization of ITU-R (ITU RA-07), ITU-R WP 6Q is now part of ITU-R WP 6G, which is scheduled to meet only in May (19-23 May 2008).

It was agreed to send an LS to SG12 thanking Q7/12 for the optimization/characterization Quality Assessment Test Plan revisions, to provide the revised processing plan, to ask whether the office noise is common to the two labs or not, to confirm the time schedule and ask them the analysis of the test results.  It was also agreed to inform Q6/12 that their proposals fullband test signals have been evaluated and found suitable for the evaluation of frequency responses of a Fullband or a Superwideband codec.
It was agreed to answer ISO/IEC JTC 1/SC 29/WG 11 LS AC-0801-Q10-08 giving information about the progress of the work.
7.9 Outgoing Liaison Statements
The group has agreed to send Liaison Statements:
· to ISO/IEC MPEG, jointly with Q9/16 & Q23/16, to reply to their LS on Enhanced Low Delay AAC (see TD 305/WP3)
· to ISO/IEC MPEG WG 11 to provide further information on ITU-T G.722.1 fullband extension standardization progress (see TD 304/WP3)
· to SG12 (see TD 308/WP3) with eight sections respectively related to new or updated software tools (see §6.2), to terminal characteristics sending filters (see §6.2), background Noise weighting (see §6.2) to fullband test signals and Babble Noise generation (see §6.8 and §6.5), to G.711WB (see §6.4), to G.729.1 DTX/CNG (see §6.5); to G.722.1 fullband extension (see §6.8), to floating point implementation of G.722.1 fullband extension (see §6.8), to superwideband extension for G.722 and G.711WB (see §6.7), to G.711LLC (see §6.3)
Note: Concerning the intent to prepare a LS to ETSI/STQ on terminal characteristics sending filters, it was decided during the WP3 Plenary to continue discussions on the matter at the next SG 16 meeting (see §6.2).
7.10 Future work
Document AC-0801-Q10-32 (source: Rapporteurs Q10/16 & Q23/16, entitled "Draft proposal for Question C4/16 in the next study period") contains the draft text of Question C4/16 ("Speech and audio coding and related software tools"), which is the continuation of Question 10/16 and part of Question 23/16 for the next Study Period.  Due to the lack of time, this document was not addressed by Q10/16 but it was revised by Q23/16 (see TD 307/WP3).
The group revised the list of action items for Q10/16 (see Annex Q10.B).
No other interim meeting is planned.  Q.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

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

	G.729.1 DTX/CNG
	Ongoing
	Hervé Taddei
	herve.taddei@ieee.org

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

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

	G.729.1 superwideband extension
	Ongoing
	Hervé Taddei
	herve.taddei@nsn.com

	Floating point implementation of G.722.1 fullband extension 
	Ongoing
	Roni Even, Polycom Inc.
	roni.even@polycom.co.il

	Lossless compression algorithm with G.711
	Ongoing
	Michael Ramalho, Cisco
	mramalho@cisco.com

	Superwideband extension to G.722 and G.711WB
	Ongoing
	Yusuke Hiwasaki, NTT, Stéphane Ragot, France Telecom
	hiwasaki.yusuke@lab.ntt.co.jp, stephane.ragot@orange-ftgroup.com

	Floating point implementation of G.711WB extension 
	New
	Yusuke Hiwasaki, NTT
	hiwasaki.yusuke@lab.ntt.co.jp

	Tools for stereo processing 
	New
	Jonas Svedberg, L.M. Ericsson,
	Jonas.Svedberg @ ericsson.com


7.11 AOB

None.
(Full text available only in the electronic version)
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	Xie
	Minjie
	USA
	Polycom, Inc.
	+1 781 270 0159
	+1 781 270 2344
	Minjie.Xie@polycom.com  

	Huang
	Jeff
	USA
	Qualcomm Inc.
	+1-858-651-4220
	
	jhuang@qualcomm.com

	Stachurski
	Jacek
	USA
	Texas Instruments
	+1 214 480 1276
	+1 972 761 6969
	jacek@ti.com

	Legutko
	Christoph
	
	Intel GmbH
	+49 171 55 202 43
	
	Christoph.Legutko@intel.com


Invited Participants

	Family Name
	Given Name
	Tel
	Fax
	Email

	Sharpley
	Alan
	+1-512-476-4797
	+1-512-472-2883
	asharpley@dynastat.com 

	Taddei
	Hervé
	+49 15224749277
	
	herve.taddei@ieee.org


Annex Q10.B
Pending Action Points from Q10/16 meeting as of January 2008
	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
	Closed
	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@orange-ftgroup.com

	0401.03
	Done
	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@orange-ftgroup.com

	0611.01
	Done
	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, herve.taddei@ieee.org

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

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

	0701.02
	Ongoing
	Study and specify a G.729.1 superwideband extension
	Hervé Taddei, herve.taddei@ieee.org

	0703.01
	Ongoing
	Frequency response tool adaptation
	Paul Coverdale, Industry Canada, coverdale@sympatico.ca

	0710.01
	Ongoing
	Study and specify a floating point implementation of G.722.1 fullband extension 
	Roni Even, Polycom Inc., roni.even@polycom.co.il

	0710.02
	Ongoing
	Study and specify a lossless compression algorithm with G.711
	Michael Ramalho, Cisco, mramalho@cisco.com

	0710.03
	Ongoing
	Study and specify a superwideband extension on top of G.722 and G.711WB
	Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp;

Stéphane Ragot, France Telecom, stephane.ragot@orange-ftgroup.com

	0801.01
	New
	Study and specify a floating point implementation of G.711WB extension 
	Yusuke Hiwasaki, NTT, hiwasaki.yusuke@lab.ntt.co.jp

	0801.01
	New
	Study and specify tools for stereo processing 
	Jonas Svedberg, L.M. Ericsson, Jonas.Svedberg@ericsson.com


Annex Q10.C
Terms of Reference (ToR) for the SuperWideband 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 SuperWideband (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:

2.1
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


2.2
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


2.3
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 SuperWideband 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
	· Finalization of the Quality Assessment test plan (liaison with Q7/12)

	August 2005 – March 2006
	· Work stalled

	March - mid June 2006
	Work resumes

· Finalization 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 versus quality trade-off optimization 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

1. Terms of Reference (approved March 2007, revised July 2007)
	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

Note: VAD complexity is not considered (given by G.722.2 VAD), only requirements for DTX complexity.
	Active transmission (VAD=1 or VAD=0 with normal transmission): additional complexity must be limited (< 1 wMOPS). 

Inactive transmission (SID frames and non transmitted frames): less than 50 % of fullband encoding-decoding complexity (about 18 wMOPS). 

Additional RAM, ROM: less than 15% G.729.1. (Note: G.729.1 values: RAM 8.7 kWords (SRAM: 5 kWords, DRAM 3.7 kWords (max of encoder-decoder DRAM), DROM 8.5 kWords, PROM 32 kWords)

Note: worse case wMOPS

	< 0.5 wMOPS 

Less than 10 wMOPS

Maximum re-use of existing RAM-ROM and PROM

As low as possible
	Y

Y

Y

	7a. DTX/CNG quality
	To be tested at 12-22-32 kbit/s*.

Clean speech: should be done with expert listening to check for problems as G.722.2 VAD is used and is working fine.

· PoW test: No more than 10 % additional annoying degradation, in terms of annoying or very annoying (i.e. % of 1+2 votes), with respect to G.729.1 without DTX
One language should be sufficient. 

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). 

· Office noise at a SNR of 20 dB

· Babble Noise at a SNR of 20 dB for 128 voices

· Babble Noise at a SNR of 30 dB for 40 voices

*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

Y

Y

	7b. Interoperability with legacy G.729AB decoder
	For further study (Note: Demo tape)
	NWT G.729AB with G.729.1 DTX bitstream truncated to G.729AB format
	Y

	8. DTX efficiency
	Maximum number of DTX hangover frames: 7 frames.

SID frame cannot be sent every frame during inactive transmission

No annoying artifact when removing some SID frames (concerns SID frames but excluding the first SID frame after speech burst (demo tape for the final candidate)).
	As low as possible 

Averaged interval between SID should be higher than 10 frames 

Note: Measured as averaged overall bitrate on files comprising speech with silence, speech mixed with different types of background noise (office and babble) as in box 7 over the number of frames for which VAD = 0.
	Y

Y

	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


(Continuation of Annex Q10.F)
2. Time schedule (approved March 2007, revised July 2007, October 2007, January 2008)

T0 was declared in November 2006.

	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

22-30 March 2007
	· Approval of ToR and Time schedule

· Draft qualification test and processing plans

· Qualification phase organization

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

	19-22/06 Q.7/12 meeting
	· Finalization of qualification test plan and processing plan

	26th of June 2007 (CET 5pm)
	· Deadline for confirmation of submission of a candidate 

	26/06-6/07 2007 SG 16 meeting
	· Preparation of Optimization/Characterization phase (test plans, organization…)

	July-October 2007
	· Preparation of processing plan with objective and subjective experiments

	2-11 October 2007 (SG 12 meeting)
	· Finalization of Optimization/Characterization plan

	October 2007- February 2008
	· Preparation of host lab and test lab sessions for the characterization (or selection) in fixed point PC executable (liaison with Q7/12)

· Continuation of preparation of the processing plan with objective and subjective experiments

	25 February 2008 5 PM CET
	· Submission of fixed point solution

	From 15 February 2008 till 17 March 2008
	· Host lab and test lab sessions for the Optimization/Characterization phase in fixed point

	18 March 2008 3PM CET
	· Deadline for submission by each listening lab of raw data of the subjective Optimization/Characterization test experiments and a draft test report to Q7/12 Rapporteurs

	1-4 April 2008 (Q7/12 meeting, tbc)
	· Analysis of test results

	22 April 2008- 2 May 2008 (SG16 meeting)
	Consent meeting

Review of deliverables submitted: 

· by the consortium candidate as contributions
· Detailed description of the algorithm including the complexity (draft text for Recommendation)

· DTX efficiency measurement, Interoperability with legacy G.729AB decoder (demo)

· by the consortium candidate to TSB (SG16 Counsellor)

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

· by each company in the consortium candidate as a contribution

· Two IPR Declaration policy (one "Patent Statements and Licensing Declaration" and one "Copyright Statements and Licensing Declaration")

· by Q7/12 as a LS from SG12

· Formal subjective quality test results

· Review of deliverables

· Availability of the complete text for Recommendation

· Consent (AAP)

· by each company in the consortium candidate to TSB

· Two IPR Declaration forms (one "Patent Statements and Licensing Declaration" and one "Copyright Statements and Licensing Declaration")


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
(approved March 2007, Revised July 2007)

Summary

This document contains the approved Terms of Reference and time schedule for the future fullband 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:

3.1
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


3.2
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 



3.3
Video conferencing is considered the primary application.

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 16 or 18 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
	
	agreed 

	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
	High
	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 LAME MP3 at 40 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than LAME MP3 at 56 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than LAME MP3   at 64 kbit/s (95% confidence level)
	
	
	
	Agree (1,2,3)

	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 LAME MP3 at 40 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than LAME MP3 at 56 kbit/s (95% confidence level)

3) at 64 kbit/s

Not worse than LAME MP3  at 64 kbit/s (95% confidence level)
	
	
	
	Agreed (1,2, 3)

	8.2b Quality with Reverberant Speech + office noise  + interfering talker (SNR 15 dB) (see note 2,4)


	1) at 32 kbit/s

Not worse than LAME MP3 at 40 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than LAME MP3 (with option –k) at 56 kbit/s (95% confidence level) (see note 3)

3) at 64 kbit/s

Not worse than LAME MP3 at 64 kbit/s (95% confidence level)


	
	
	
	Agreed (1,2,3)

	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 LAME MP3  at 40 kbit/s (95% confidence level) 

2) at 48 kbit/s

Not worse than LAME MP3 LAME MP3 (with –k) at 56 kbit/s (95% confidence level) (see note 3)

3a) at 64 kbit/s

Not worse than LAME MP3 at 64 kbit/s (95% confidence level)

3b) at 64 kbit/s

Better than G.722.1 C at 48 kbit/sec. (95% confidence level)

Or

Not worse than Direct (95% confidence level)


	
	
	
	Agreed (1,2, 3)

	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 LAME MP3  at 40 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than LAME MP3 (with –k option)  at 56 kbit/s (95% confidence level) (see note 3)

3) at 64 kbit/s

Not worse than LAME MP3  at 64 kbit/s (95% confidence level)
	
	
	
	Agree (1,2,3)

	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 LAME MP3  at 40 kbit/s (95% confidence level)

2) at 48 kbit/s

Not worse than LAME MP3 (with –k option)  at 56 kbit/s (95% confidence level) (see note 3)

3) at 64 kbit/s

Not worse than LAME MP3   at 64 kbit/s (95% confidence level)
	
	
	
	Agreed (1,2,3)

	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

Note 3: The –k option is used to get the maximum bandwidth and not the maximum quality.

Note 4:  office noise + interfering talker means mixing of the two noises

(Continuation of Annex Q10.G)

5. Time Schedule  (Approved March 2007, Revised July 2007, October 2007, January 2008)

Qualification meeting - SG16 June-July 2007 meeting

	Date
	

	16-19 January 2007 (Q10/16 Meeting)
	Draft ToR and time schedule

	1 March 2007
	Deadline for declaration of intent to submit candidate

	22-30 March 2007 (Q10/16+ WP3/16  Meeting)
	Finalization and approval of ToR and time schedule

Start of preparation of qualification phase

· Design of the quality assessment test plan (liaison with SG12)

· Design of Processing test plan

· Organization of host lab and test lab sessions

	April 2007- May 2007
	Finalization of processing and quality assessment test plans and qualification organization

	26 April 2007
	Deadline for confirmation to submit a candidate

	11 May 2007
	Q7/12 provides the final test plan

	22 May 2007 5 PM CET
	Submission of executables in fixed or floating point and estimation of the computational complexity in WMOPS.

	From May 23 till June 11 2007
	Host lab and test lab sessions for qualification tests

· 11 June 2007 3 PM CET: Deadline for submission by each listening lab of raw data of the subjective selection test experiments and a draft test report to Q7/12 Rapporteurs

	19-22 June 2007 (Q7/12 Rapporteur Meeting)
	Analysis of test results

	26 June- 6 July 2007 (SG 16 Plenary Meeting)
	Qualification meeting:

Review of deliverables submitted:

· by each candidate as a contribution(s)

· High-level description of the algorithm

· Complexity evaluation (WMOPS, RAM, ROM))

· Declaration of IPR policy (Patent and copyright)

· by Q7/12 as a LS from SG12

· Formal subjective quality test results

· By Q10/16 Rapporteur as WP3/16 temporary document

· Informal Experiment(s) (Demo)

· Complexity evaluation (include processing time –TBD)

Possible reduction of the number of candidates

Next phase preparation 


Joint collaboration among the qualified candidates: AAP in May 2008
	July 2007- February 2008
	· Collaboration phase

· Preparation of host lab and test lab sessions for the optimization/characterization in fixed point PC executable (liaison with Q7/12)

	7 February 2008 5 PM CET
	· Submission of fixed point executables

	From 8 February 2008 till 24 March 2008
	· host lab and test lab sessions for the optimization/characterization in fixed point PC executable 

	25 March 2008 3PM CET 
	· Deadline for submission by each listening lab of raw data of the subjective selection test experiments and a draft test report to Q7/12 Rapporteurs

	1-4 April 2008 (Q7/12 meeting TBC)
	· Analysis of test results

	22 April 2008- 2 May 2008 (SG16 meeting)
	Review of deliverables submitted 

· by the consortium candidate as a contribution

· Detailed description of the algorithm (including complexity figures)
· Contribution with frequency response
· by the consortium candidate to TSB (SG16 Counsellor)

· Fixed point C source code
· by each company in the consortium candidate as a contribution

· Two IPR Declaration policy (one "Patent Statements and Licensing Declaration" and one "Copyright Statements and Licensing Declaration")
· by Q7/12 as a LS from SG12

· Formal subjective quality test results
· Review of characterization test results

· Availability of the complete text for Recommendation

· Consent (AAP)
· by each company in the consortium candidate to TSB

· Two IPR Declaration forms (one "Patent Statements and Licensing Declaration" and one "Copyright Statements and Licensing Declaration")


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

(Approved March 2007, Revised July 2007)

Summary

This annex contains the 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: not worse than G.711 64 kbit/s at 95% confidence interval (See Note 7)

R2b: not worse 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: not worse than G.711 64 kbit/s at 95% confidence interval (See Note 7)

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: not worse than G.711 64 kbit/s at 95% confidence interval (See Note 7)

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



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

· 3 % FER Random

· 3 % FER Bursty


	R1, R2a (3% random FER): Not worse than 3% random FER G.711 App.I

R2b (3% random FER): Not worse than 1% random FER G.722 with PLC0 (See Note 6) at 56 kbit/s

R3 (3% Random FER): Not worse than 1% random FER G.722 with PLC0 (See Note 6) at 64 kbit/s
	
	R1, R2a (3% burst FER): Not worse than 3% bursty FER G.711 App.I

R2b (3% burst FER): Not worse than 1% bursty FER G.722 with PLC0 (See Note 6) at 56 kbit/s

R3 (3% bursty FER): Not worse than 1% bursty FER G.722 with PLC0 (See Note 6) 64 kbit/s 
	Low
	Agreed

	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: not worse than G.711 64 kbit/s at 95% confidence interval (See Note 7)

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
	Low
	Agreed

	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: not worse than 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 
	5 ms or sub multiple of 5ms
	
	
	
	Agreed

	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.
	
	R2a: not worse than G.711 conventional mixing.

R2b: not worse than G.722 48 kbit/s conventional mixing.

R3: not worse than G.722 56 kbit/s conventional mixing.
	
	Agreed




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

	14. Memory
	RAM: less than 10 kWord

ROM: less than 3000 basic operators, and 5 kWord table ROM
	Cost
	As low as possible for RAM and ROM


	Medium
	Agreed

	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

	16. Level control
	(for further study: parametric/decoder?)
	
	Complexity as low as possible
	Low
	


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. A reference simulation program for the partial mixing has been provided and latest available version will be used.

6. G.722 PLC0 is an option which was used for standardization of G.722 App.III/IV, and is operable with 5ms frame erasures.
7. The narrowband input signal for the conditions other than CuT should be processed with P.341 filtering of the wideband input, followed by FLAT1 filtering and downsampled using an HQ filter in UGST. The input signal for the CuT should be processed P.341.
8. The tool to count the number of basic operators and function calls will be used (which has been provided during the G.722 PLC standardizations).

(Continuation of Annex Q10.H)
5. Time Schedule (Approved March 2007, Revised July & October 2007)
	Date
	

	16-19 January 2007 (Q10/16 Meeting)
	Draft ToR and time schedule

	22-30 March 2007 (Q10/16+ WP3/16  Meeting)
	Finalization and approval of ToR and time schedule

Start of preparation of qualification phase in fixed point

· Design of the quality assessment test plan (liaison with SG12)

· Design of Processing test plan (Q10/16)

· Organization of host lab and test lab sessions

	April 2007- May 2007
	Finalization of processing and quality assessment test plans and qualification organization

	17 April 2007
	Deadline for declaration of intent to submit a candidate

	26 April 2007
	Deadline for confirmation to submit a candidate

	22 May 2007 5 PM CET
	Submission of fixed or floating point executable(s)

	From May 23 till June 11 2007
	Host lab and test lab sessions for qualification tests

· 12 June 2007 3 PM CET: Deadline for submission by each listening lab of raw data of the subjective selection test experiments and a draft test report to Q7/12 Rapporteurs

	19-22 June 2007 (Q7/12 Rapporteur Meeting)
	Analysis of test results

	26 June- 6 July 2007 (SG 16 Plenary Meeting)
	Qualification meeting:

Review of deliverables submitted:

· by each candidate as a contribution(s)

· High-level description of the algorithm

· Complexity evaluation (fixed point/WMOPS, RAM and ROM)

· Declaration of IPR policy

· by Q7/12 as a LS from SG12

· Formal subjective quality test results

· By Q10/16 Rapporteur as WP3/16 temporary document

· Informal Experiment(s) (Demo)

Possible reduction of the number of candidates

Next phase preparation 

	July 2007- November 2007
	· Optimization phase

Preparation of host lab and test lab sessions for the optimization/characterization in fixed point PC executable (liaison with Q7/12)

	15 November 2007 5 PM CET
	Submission of fixed point executable

	From 16 November 2007 till 7 January 2008
	host lab and test lab sessions for the optimization/characterization in fixed point PC executable 

	8 January 2008 3PM CET
	Deadline for submission by each listening lab of raw data of the subjective selection test experiments and a draft test report to Q7/12 Rapporteurs

	15-18 January 2008 (Q7/12 meeting)
	Analysis of test results

	January 2008 (Q10/16 Rapporteur meeting followed by half day WP3)
	Review of deliverables submitted 

· by the joint candidate as a contribution

· Detailed description of the algorithm (including complexity figures)
· by the joint candidate in a separate contribution

· Frequency response
· by the joint candidate to TSB (SG16 counsellor)

· Fixed point C source code
· by Q7/12 as a LS from SG12

· Formal subjective quality test results
· by each company in the joint candidate

· IPR Declarations provided as contributions

· Review of characterization test results

· Availability of the complete text for Recommendation

· Consent (AAP)
· by each company in the joint candidate to TSB

· Two IPR Declaration forms (one "Patent Statements and Licensing Declaration" and one "Copyright Statements and Licensing Declaration")


 Annex Q10.I
Terms of Reference (ToR) and time schedule for the G.729.1
based embedded superwideband extension to ITU-T G.729.1

(approved July 2007, revised October 2007)

Summary

This annex contains the approved Terms of Reference for the future G.729.1 based superwideband extension to ITU-T G.729.1. Approved in July 2007, they have been revised taking into account Q23/16 outcome on joint tool extending G.729.1 and G.729.1 with superwideband functionality.  The time schedule can be found in Annex Q23.D of October 2007 Q23/16 Report (TD 29Z/WP3).
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 superwideband extension is to rely on the G.729.1 scalable architecture to provide a superwideband extension to offer for some specific applications superwideband 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 superwideband 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 superwideband 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 
· Bandwidths 

· Superwideband, 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 superwideband mono is set to 60 kbit/s

· 36 kbit/s to 60 kbit/s for superwideband mono

· 64 kbit/s for superwideband 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

	1. Core coder
	no changes to G.729.1; wideband output bit exact with “old” G.729.1
	provide an additional filter-bank to reduce delay

	2. Embedded bitstream

· Bandwidths in Hz

· Input sampling rate in kHz (Note: 8/16 interface due to G.729.1 constraints as core)
· Bit rates range (on top of G.729.1)

· Minimum bitrate for SWB
· WB stereo minimum bitrate
· SWB stereo minimum bitrate
· Granularity
	[50, 14000] (Note: minimum requirement), [50-7000]

32, 16

36-40-48-56-64 kbit/s 

36 kbit/s

40 kbit/s

56 kbit/s 
	4 kbit/s above 32 kbit/s

	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

SWB mono

At 36 kbit/s: BT G.729.1 @ 32 kbit/s
 or not worse than direct (WB) and NWT G.722.1C @ 24 kbit/s

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

At 64 kbit/s: NWT G.722.1C @ 48 kbit/s

WB stereo:

At 40 kbit/s n.w.t G.729.1 kbit/s (2ch x 20 kbit/s)

SWB stereo:
At 56 kbit/s: nwt G.722.1C (2ch x 24 kbit/s)
	SWB mono

At 36 kbit/s: BT G.722.1C @ 24 kbit/s or not worse than direct (SWB)

At 48 kbit/s: BT G.722.1C @ 32 kbit/s or not worse than direct (SWB)

At 64 kbit/s: BT G.722.1C@ 48 kbit/s s or not worse than direct (SWB)

SWB stereo:
At 64 kbit/s: NWT G.722.1C (2ch @ 32 kbit/s)

	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
SWB mono:

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

At 64 kbit/s: NWT  G.722.1C @ 48 kbit/s 
WB stereo: nwt G.729.1 (2ch x 26 kbit/s)
SWB stereo:
At 64 kbit/s: nwt G.722.1C (2ch x 32 kbit/s)
	SWB mono
At 48 kbit/s: BT G.722.1C @ 32 kbit/s or not worse than direct (SWB)

At 64 kbit/s(mono): BT G.722.1C@ 48 kbit/s or not worse than direct (SWB)



	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

Note: Bitrate switching between 8-64 kbit/s at 32 kHz sampling frequency. 
	

	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

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

At 64 kbit/s: NWT G.722.1C @ 48 kbit/s
	Same as requirement but for bursty frame erasures.

SWB mono:
At 48 kbit/s: BT G.722.1C @ 32 kbit/s s or not worse than direct (SWB)
At 64 kbit/s: BT G.722.1C @ 48 kbit/s or not worse than direct (SWB)

	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

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

At 64 kbit/s: NWT G.722.1C @ 48 kbit/s

SWB stereo:
At 64 kbit/s: NWT G.722.1C (2ch @ 32 kbit/s)
	SWB mono:
At 48 kbit/s: BT G.722.1C @ 32 kbit/s or not worse than direct (SWB)

At 64 kbit/s: BT G.722.1C@ 48 kbit/s or not worse than direct (SWB)

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

	11b. 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) (for SWB mono)

≤  60 ms (total) (SWB stereo)
	≤  55 ms (no change to the G.729.1 QMF filter-bank) (for SWB mono and SWB stereo)

≤  50 ms (with change to the G.729.1 QMF filter-bank) (for SWB mono and SWB stereo)

	13. Frame size 
	20 ms 
	

	14. Capability to support discontinuous transmission

Note: this is needed but the requirements are for further study.
	Needed : Core bitstream interoperable with G.729 SID frame
	


	15. Complexity 

(Note: G.729.1 complexity about 36 wMOPS)
	≤  70 WMOPS (total; in SWB mono)

≤  70 + X=30 WMOPS (total; in SWB stereo)
	≤  60 WMOPS (total; in SWB mono)

≤  60 + X=15 WMOPS (total; in SWB stereo)

	16. Memory (including G.729.1 core)
	RAM: ≤ 20 kWord (in SWB mono)

DROM ≤ 20 kWord (in SWB mono)

RAM: ≤ 20 +(X =10) kWord (in SWB stereo)

DROM ≤ 20 +(X = 10) kWord (in SWB stereo)

Note: subtract the figures from G.729.1
	As low as possible for RAM and ROM

PROM less than 35% additional PROM compared to G.729.1 (in SWB mono)

PROM less than 50% additional PROM compared to G.729.1 (in SWB stereo)

(based on basicop values)

	17. Specification description and implementation
	Bit-exact 16-32 bit 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)


Annex Q10.J
Terms of Reference (ToR) and time schedule for the superwideband extension to ITU-T G.722 and ITU-T G.711WB

(Draft October 2007, revised January 2008)
1. Applications

Foreseen applications are IP Packetized superwideband conversational services (VoIP, IP phone, IP-PBX, VoIP gateway) over fixed network (wireline or cordless access) with bitstream interoperability with G.722 or G.711-Wideband based WB networks and terminals and especially NG-DECT terminals supporting G.722 as a mandatory wideband codec.

· Designed for applications requiring scalable superwideband on top of G.722 or G.711-wideband

· Designed for bi-directional communication applications where wider bandwidth can give an improved presence/fidelity between high-quality terminals for instance high quality media/audio/video conferencing or conversational services mixing speech and music.

· Designed for low-complexity and scalable integration with existing G.722 or 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

· Devices that multiplex or combine speech streams such as MCUs, conference bridges, and etc…

· Network media server, voicemail server : scalable formats that can be decoded by G.722 and G.711 based terminals
2. Constraints

· Bandwidths: superwideband (SWB) and wideband (WB)

· Embedded scheme with core bitstream interoperable with G.722 and G.711-Wideband

· G.722-SWB should render in 64 kbit/s channel.

· SWB signal is split into lower-band and higher-band. The lower-band signal is the input of the G.722 or G.711-wideband bitstream interoperable core.

· Three or more layers including the G.722 or G.711-WB bitstream interoperable core.

· Delay: as low as possible

· Complexity/Memory: as low as possible to install into the terminals and the systems at lower cost.

· Robustness against random and bursty packet loss 

· Low-complexity mixing in multi-point conference. Partial mixing should be considered.

· Fixed-point (16/32-bit precision) and floating-point versions must be available (Note: G.722 and G.711WB are not available in floating-point)
3. Terms of Reference
Naming conventions for bit rate:

RXyz

X = bit rate index: '0'(56 kbit/s), '1'(64 kbit/s), '2'(80 kbit/s), '3'(96 kbit/s), '4'(112 kbit/s), '5'(128 kbit/s)

y = n (narrow band), w (wide band) s(superwideband)

z = m for mono, s for stereo

For G.711SWB: RXyz = RXyz with R2b core, RX*yz = RXyz with R3 core 
In the following boxes which are not yet agreed are highlighted in green.
a. Common SWB mono/stereo part

	Parameter
	Requirement
	Objective
	Status

	1. Core coder
	Bitstream interoperable with G.722 (note: modifications to G.722 are allowed)

Core bitrate at 56 and 64 kbit/s

Note: Use of 56 kbit/s core limited to a SWB mono coder with a maximum bit rate of 64 kbit/s   


	No modification to G.722


	Agreed



	
	Bitstream interoperable with G.711WBE

Core bitrates at R2b (80 kbit/s), R3 (96 kbit/s)


	No modifications to G.711WBE
	Agreed

	2. Embedded bitstream

· Bandwidths in Hz

· Input sampling rates in kHz

	WB: [50, 7000]

SWB: [50, 14000]

16/32


	
	Agreed

Agreed



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

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


	
	Agreed (better wording to be found for Q.7/12)

	
	No annoying effect.

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


	
	Agreed

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

	13. Frame size 
	5 ms or submultiples
	
	Agreed

	14. Capability to support discontinuous transmission
	Needed
	
	Agreed

	17. Specification description and implementation
	Bit-exact 16-32 bit 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)
	Agreed

	19. Input signal resolution
	16 bit linear PCM

14 bit (note: to be checked if G.722 can take 14 bit resolution or just 16 bit) ?
	
	

	20. Level control
	t.b.d.
	Complexity as low as possible
	


b. SWB-mono specific part

	Parameter
	Requirement
	Objective
	Status

	2. Embedded bitstream
    Bit rates for SWB mono
· Bit rates for G.722 core (the first bit rate in parenthesis is the G.722 core bitrate)

· Bit rates for G.711WB core

	G.722 core:

R1sm = 64 kbit/s SWB mono (56+8 kbit/s) (note: bitstream frame structure to be specified) 

R2sm = 80 kbit/s SWB mono (64+16 kbit/s)

R2ws = 80 kbit/s WB stereo (64+16 kbit/s)

R3sm = 96 kbit/s SWB mono (64+16+16 kbit/s)
	Granularity finer than 16 kbit/s desirable
	Agreed

Agreed

	
	G.711WBE (R2b) core:
R3sm = 96 kbit/s SWB mono (R2b + 16 kbit/s SWB enhc. Layer)
R4sm = 112 kbit/s SWB mono (R2b + 16 kbit/s SWB enhc. Layer + 16 kbit/s enhc. Layer)

	G.711WBE (R3) core:
R4sm = 112 kbit/s SWB mono (R3 + 16 kbit/s SWB enhc. Layer)
R5sm = 128 kbit/s SWB mono (R3 + 16 kbit/s SWB enhc. Layer + 16 kbit/s SWB enhc. Layer)
A further enhancement layer could be considered for transparency 
	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

G.722 core:
R1sm NWT G.722.1C @ 24 kbit/s

R2sm NWT G.722.1C @ 32 kbit/s

R3sm NWT G.722.1C @ 48 kbit/s

If the core is modified:

R0wm 56 kbit/s NWT G.722@56 kbit/s

R1wm 64 kbit/s NWT G.722@64 kbit/s
Note: interoperability with legacy G.722 to be verified (in both directions)


	Reference and CuT at the same input level

R2sm NWT G.722.1C @ 48 kbit/s

R3sm BT G.722.1C @ 48 kbit/s


	

	
	Reference and CuT at the same input level

G.711WB (R2b) core:

R3sm NWT G.722.1C @ 32 kbit/s
R4sm NWT G.722.1C @ 48 kbit/s

if optional R3 core is supported:

G.711WB (R3) core
R4*sm NWT G.722.1C @ 48 kbit/s
R5*sm BT G.722.1C @ 48 kbit/s or NWT direct
	Reference and CuT at the same input level

G.711WB (R2b) core:

R3sm NWT G.722.1C @ 48kbit/s
R5sm BT G.722.1C @ 48kbit/s or NWT direct


	Requirements agreed

Objectives TBD

	4. Speech quality in error-free condition at nominal level of -16 dB with respect to the OVL point 
	Same as 3
	Same as 3
	Agreed

	
	Same as 3
	Same as 3
	Agreed

	5. Speech quality in error-free condition at nominal level of -36 dB with respect to the OVL point 
	Same as 3 
	Same as 3
	Agreed

	
	Same as 3
	Same as 3
	Agreed

	6. Music and mixed content quality in error-free condition at nominal input level of -26 dB with respect to the OVL point
	Same as 3 
	Same as 3
	Agreed

	
	Same as 3
	Same as 3
	Agreed

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

· 3 % FER Random

· 3 % FER Bursty 
	Detected 3% random frame erasures

Same as 3 (both codec and reference with 3% random detected erased frames)
	Detected 3% bursty frame erasures

Same as 3 (both codec and reference with 3% bursty erased frames)
	RFER in req. and BFER in obj. agreed

Need to clarify how to deal with frame size 

	
	Detected 3% random frame erasures

Same as 3 (both codec and reference with 3% random detected erased frames)
	Detected 3% bursty frame erasures

Same as 3 (both codec and reference with 3% bursty erased frames)
	

	10. Speech quality in the presence of background noise 

· 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 SNR
Same as 3
	Same as 3
	Agreed

	
	Reference and CuT at the same input level

Same as 3
	Reference and CuT at the same input level

Same as 3
	Agreed

	11a. Speech quality improvement with respect to bit rate granularity
	
	Graceful (monotonic) quality improvement with increasing bitrate
	Agreed

	
	
	Graceful (monotonic) quality improvement with increasing bitrate 
	Agreed

	11b. Music and mixed content quality improvement with respect to bit rate granularity
	
	Graceful (monotic) quality improvement with increasing bitrate
	Agreed

	
	
	Graceful (monotonic) quality improvement with increasing bitrate 
	Agreed

	12. Algorithmic delay (total for SWB mono)
	G.722 core (~1.5 ms):

≤  15 ms
	G.722 core:

≤  10 ms
	Agreed

	
	G.711WB core ~12 ms): 
≤  20 ms
	G.711WB core: 
≤  15 ms
	Agreed


	15. Complexity (total for SWB mono)


	G.722 core:

≤  30 WMOPS
	≤  20 WMOPS
	Agreed

	
	G.711WB core:

≤  30 WMOPS
	G.711WB core:

≤  20 WMOPS
	Agreed

	16. Memory for mono (including G.722/G.711WB core)
	RAM :

· less than  5 kwords 

Data ROM : less than 5 kWords

Program ROM : less than 5000 basicops
	As low as possible for RAM and ROM
	Agreed

	
	RAM :

· less than 8 kwords 

Data ROM : less than 8 kWords

Program ROM : less than  6000 basicops 
	As low as possible for RAM and ROM
	Agreed

	18. Multipoint Control Unit operation 
	
	
	

	
	Bitstream structure that is possible to perform partial mixing. 
R3b: not worse than G.722.1C 24 kbit/s conventional mixing.

R4b: not worse than G.722.1C 32 kbit/s conventional mixing.
	R4a: same as R4b
R5a: not worse than G.722.1C 48 kbit/s conventional mixing.
	


c. Stereo specific part TBD
	Parameter
	Requirement
	Objective
	Status

	2. Embedded bitstream
    Bit rates for stereo
· Bit rates for G722 core (the first bit rate in parenthesis is the G.722 core bitrate)

· Bit rates for G711WB core 

	G.722 core:
R1sm = 64 kbit/s SWB mono (56+8 kbit/s) (note: bitstream frame structure to be specified) 

R2ws = 80 kbit/s WB stereo (64+16 kbit/s)

R3sm = 96 kbit/s SWB mono (64+16+16 kbit/s)

R3ss = 96 kbit/s SWB stereo (64+16+16 kbit/s) 


	Granularity finer than 16 kbit/s desirable
	Agreed

Agreed



	
	G.711WB core (R2b):
R7ss = 192 kbit/s SWB stereo (R3bx2, MS stereo)
R8ss = 224 kbit/s SWB stereo (R4bx2, MS stereo)
	G.711WBE (R3) core and WB stereo:
R6*ws = 160 kbit/s WB stereo (R2wm x2, MS stereo)
R7*ws= 192 kbit/s WB stereo (R3wm x2, MS stereo)
R8*ss = 224 kbit/s SWB stereo (R4sm x2, MS stereo)
R9*ss = 256 kbit/s SWB stereo (R5sm x2, MS stereo)
	Tbd (note: naming conventions to be aligned with G.722-SWB)



	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

G.722 core:

R2ss NWT G.722.1C @ 32 kbit/s dual mono


	Reference and CuT at the same input level

R2ss : NWT G.722.1 @ 48 kbit/s dual mono


	

	
	Reference and CuT at the same input level

G.711WB core (R2b):

R7ss NWT G.722.1C @ 32 kbit/s dual mono
R8ss NWT G.722.1C @ 48 kbit/s dual mono
	Reference and CuT at the same input level

G.711WB core (R3):

R6*ws NWT G.722.1 @ 24 kbit/s dual mono  (t.b.d.)

R7*ss  NWT G.722.1C @ 32 kbit/s dual mono (t.b.d.)
R8*ss  NWT G.722.1C @ 48 kbit/s dual mono
R9*ss  BT G.722.1C @  48 kbit/s dual mono or NWT direct
	

	4. Speech quality in error-free condition at nominal level of -16 dB with respect to the OVL point 
	Same as 3
	Same as 3
	

	
	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 
	Same as 3 
	Same as 3
	

	
	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
	Same as 3 
	Same as 3
	

	
	Same as 3
	Same as 3
	

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

· 3 % FER Random

· 3 % FER Bursty 
	Detected 3% random frame erasures

Same as 3 (both codec and reference with 3% random detected erased frames)
	Detected 3% bursty frame erasures

Same as 3 (both codec and reference with 3% bursty erased frames)
	

	
	Detected 3% random frame erasures

Same as 3 (both codec and reference with 3% random detected erased frames)
	Detected 3% bursty frame erasures

Same as 3 (both codec and reference with 3% bursty erased frames)
	

	10. Speech quality in the presence of background noise 

· 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

Same as 3
	Same as 3
	

	
	Reference and CuT at the same input level

Same as 3
	Reference and CuT at the same input level

Same as 3
	

	11a. Speech quality improvement with respect to bit rate granularity
	
	Graceful (monotonic) quality improvement with increasing bitrate
	

	
	
	t.b.d.
	

	11b. Music quality improvement with respect to bit rate granularity
	
	Graceful (monotonic) quality improvement with increasing bitrate
	

	
	
	t.b.d.
	

	12. Algorithmic delay (additional for SWB stereo)
	G.722 core:

≤  20 ms
	G.722 core:

≤  15 ms
	

	
	G.711WB core: 
≤  25 ms
	G.711WB core: 
≤  20 ms
	


	15. Complexity (total)


	G.722 core:

≤  45 WMOPS
	≤  30 WMOPS
	

	
	G.711WB core:

≤  60 WMOPS?

≤  45 WMOPS ?
	G.711WB core:

≤  40 WMOPS ?

≤  30 WMOPS ?
	

	16. Memory for stereo (including G.722/G.711WB core)
	RAM :

· less than 8 kwords

Data ROM : less than 5 kWords

Program ROM : less than 5000 basicops
	As low as possible for RAM and ROM
	

	
	RAM :

· less than 5 kwords ?

· less than 8 kwords ?

Data ROM : less than 8 kWord ? / 5 kWords ?

Program ROM : less than 6000 / 5000 basicops ?
	As low as possible for RAM and ROM
	


(Continuation of Annex Q10.J)
4. Time schedule (draft October 2007, needed to be revised at SG16 April meeting) 

	Date
	

	8-12 Oct. 2007 Q10/16 Rap meeting  
	Draft ToR and time schedule

	January 2008 

Q10/16+ WP3/16  Meeting

Q7/12 Meeting
	Finalization and approval of ToR and time schedule

Start of preparation of qualification phase in fixed point

· Design of the quality assessment test plan (SG12/Q7 & SG16/Q10 in liaison with SG12)

· Design of Processing test plan (Q10/16)

· Organization of host lab and test lab sessions

	April 2008

Q7/12 Rap. Meeting (1-4 Apr.)

SG16 Plenary meeting (22 Apr – 2 May)
	Draft quality assessment, processing plans

Deadline for declaration of intent to submit a candidate

	June 2008

SG12 June plenary meeting (22-30 May)

Q10/16 Rap meeting (9-13 June ?)
	Finalization of processing and quality assessment test plans and qualification organization

Deadline for confirmation to submit a candidate

	D1 – 1.5 months (( November 2008)
	Submission of fixed point executable(s)

	D1 – 1.5 months → D1 – 2 weeks 
	Host lab and test lab sessions for Qualification phase

	D1 – 2 weeks (( End December 2008)
	Deadline for submission of raw data of the subjective Qualification test results to Q7/12 Rapporteurs

	D1 – 1 week (Jan 2009) : SG12/Q7 Rapporteur meeting (Jan 2009, could be week before SG16 meeting) 
	Analysis of test results

	Jan 2009

D1 = Next SG16 meeting
	Qualification meeting:

Review of deliverables submitted:

· by each candidate in a contribution(s)

· High-level description of the algorithm

· Complexity evaluation (fixed point/WMOPS, RAM and ROM)

· Declaration of IPR policy

· by Q7/12 as a LS from SG12

· Formal subjective quality test results

Possible reduction of the number of candidates

Start of preparation of next phase (processing and quality assessment test plans and next phase organization)

	Jan 2009 →  August 2009
	Optimization/Characterization (or Selection) phase 

Preparation of host lab and test lab sessions (liaison with Q7/12)

	D2 – 1,5 months (( end August 2009)
	Submission of fixed point executable

	D2 – 1.5 months → T2 – 2 weeks
	Host lab and test lab sessions for the optimization/characterization (or selection) phase

	D2 – 2 weeks
	Deadline for submission of raw data of the subjective test experiments to Q7/12 Rapporteurs

	D2 – 1 week (Oct 2009) SG12/Q7 Rapporteur meeting 
	Analysis of test results

	October 2009

D2 = Next SG16 meeting
	Consent meeting

Review of deliverables submitted 

By the candidate(consortium) (or by each candidate if Selection) :

· Detailed description of the algorithm as a contribution
· Fixed point C source code to TSB /SG16 counsellor

· Two IPR Declaration forms (one "Patent Statements and Licensing Declaration" and one "Copyright Statements and Licensing Declaration")
By Q7/12 as a LS from SG12

· Formal subjective quality test results
By Q10/16 Rapporteur as WP3/16 temporary documents

· Complexity evaluation of the candidate
· Informal Experiment(s) (Demo)

Review of characterization (or Selection) test results

If Selection : Selection of one candidate

Availability of the complete text for Recommendation

Consent (AAP)
If Selection: start of preparation of Characterization phase (processing and quality test plans and next phase organization)

	If previous phase  = Selection

D2 →D2 + 4 months (Beginning 2010)
	If previous phase = Selection:

Preparation and finalization of host labs and test lab sessions for the for the characterization

Analysis of characterization test results 


Annex Q10.K
Terms of Reference (ToR) and time schedule for G.711 lossless compression (G.711-LLC)
(Draft October 2007, revised January 2008)
Note: Sections 1 and 2 have been agreed at Q10/16 January 2008 Rapporteur meeting

1. Applications

ITU-T Rec. G.711, henceforward noted simply as “G.711”, has been the benchmark standard for narrowband PSTN/GSTN telephony encoding for many decades. In some cases it is desirable in voice over packet applications to send speech/audio signals end-to-end in G.711 format in less average bandwidth, when possible. Such cases include the following:

· Narrowband conferencing (desire for bandwidth efficient G.711 transport without VAD).

· FAX or modem pass-through.

· VoIP Trunk Gateway Applications.

· File storage applications maintaining bit-exact G.711 signal.

2. Design Constraints

· Packet based transport of data frames consisting of encoded G.711 samples.

· Compression must be performed on a G.711 frame-by-frame basis.

· Average bandwidth savings over uncompressed G.711 when payload consists of speech signals.

· Must be lossless for any G.711 payload (including “data signals”).

· Compression of G.711 frames must be stateless across compressed frames.

· Detected frame errors in the compressed frames must not propagate errors to other frames.

· The G.711-LLC algorithm will have algorithmic delay equal to the time represented by the number of samples in the G.711 frame (i.e., no “look-ahead”).

· Low complexity is desired (e.g., gateway density considerations).

· Both G.711 µ-law and A-law encodings must be supported.

· Potential instantaneous bandwidth increase in a given G.711 frame should be kept to a minimum.

· Algorithm must accommodate input G.711 frame sizes up to and including 2000 samples (i.e., 250 ms at 8k sampling); however a given application may choose to implement maximum frame size consistent with its application below this limit
(e.g., 160 samples/20 ms).

· A desired property is that the G.711-LLC compressed frame is “self-describing”. Self-describing” is defined here as the ability to determine how many source G.711 samples are contained in a given G.711-LLC compressed frame by information contained solely within the G.711-LLC compressed frame.

3. Terms of Reference (ToR)

The term “lossless compression algorithm” in the ToR below refers to both the encoding and decoding portions of the proposed G.711-LLC algorithm. The usual sampling rate of 8k samples/sec is assumed below. The term “G.711 input frame” is defined here as a grouping of G.711 encoded samples.

	Parameter
	Requirement
	Objective
	Agreed?

	1. Lossless compression is to operate on G.711 input frames.
Note: A G.711 input frame is defined as a group of G.711 samples presented to the G.711-LLC algorithm for compression.
	G.711-LLC is to losslessly compress frames composed of G.711 encoded samples.
	
	Agreed

	2. G.711 encoding rules supported.
	Both µ-law and A-law G.711 formats are to be supported.
	
	Agreed

	3. G.711 input frame sizes 
	Multiple input frame sizes

40 sample (5 ms) 

80 sample (10 ms) 

160 sample (20 ms) 
	Arbitrary or more granular input G711 frame size selection, subject to 2000 sample maximum input frame size of
Requirement 4.
	Not agreed.

	4. Algorithm limitation on input G.711 frame length.
	The G.711-LLC algorithm must accommodate input G.711 frame sizes up to and including 2000 samples (i.e., 250 ms at 8k sampling).

Important Note: A given G.711-LLC implementation may choose to implement a maximum frame size consistent with its application below this 2000 sample limit (e.g., 160 samples/20 ms) and be conformant to the proposed standard.
	
	Not agreed.

Agreed in principle – needs re-wording. Eyal Shlomot to provide wording.

	5. Characteristics to be LLC

Lossless compression for any G.711 input frame
(i.e., not just zero-mean, acoustically-coupled signals).
	Lossless compression algorithm must be lossless for any arbitrary input G.711 frame (containing a number of samples conformant to Requirements 3 & 4).
	
	Agreed

Note: Test for losslessness proposed in Section 7 AC-0810-10-25 agreed.
Additional test material may be proposed at later time (e.g., actual FAX/modem data) and additional test material is not objected.

	 6. Algorithmic Delay
	G.711-LLC shall have algorithmic delay equal to the time represented by the number of samples in the input G.711 frame (i.e., no “look-ahead”).
	
	Agreed

	7. Statelessness Property
	Lossless compression algorithm must be stateless (i.e., decompression at decoder is not dependent on correct reception of previously encoded frames).
	
	Agreed

	8. Error Propagation Property
	Detected frame errors in the compressed frames must not propagate to errors in the decompression of other frames.
	
	Agreed

	9. Complexity

Note: Complexity is to be measured in WMOPS using the STL2005
	< 3 WMOPS encode
< 3 WMOPS decode
	< 1 WMOPS encode
< 1 WMOPS decode
	Not Agreed

< 3.0 (NTT)
< 2.0 (Huawei),
< 1.5 (TI),
< 0.5 (Cisco)

	10. Memory
	TBD 
	TBD
	Not agreed
Note: Cisco for 160 sample frame size for encode/decode individually:
<200k program memory (octets)
 < 500 data (octets)

	11. Compression for zero-mean, acoustically-coupled signals (e.g., speech/audio).
Discussed issue: Obtainable compression primarily a function of VAF, speech level and noise level.
Needs more study.
Section will be broken down into specific test cases in future (11A, 11B, etc.).
	> 30 % overall average compression for nominal interactive speech communications, as represented by subset of one or more of the following copra: NTT database, additional recorded G.711 content (both A and mu-law from operational systems), P.501, or P.501 with newly recorded Chinese language content.
Important Note: “nominal communications” refers to nominal G.711 speech input levels and noise floor consistent with enterprise communications environments.
	> 35 % overall average compression for nominal interactive speech communications, as represented by subset of one or more of the following copra: NTT database, additional recorded G.711 content (both A and mu-law from operational systems), P.501, or P.501 with newly recorded Chinese language content.

	Not agreed
Note: Processing plan proposed in AC-0810-A10-25 agreed with small modification to insert “measured” G.711 data at appropriate processing point).

	12. Limit on instantaneous bandwidth expansion for G.711-LLC compressed frame.

Note: Given the arbitrary G.711 input requirement, a given algorithm will have at least one allowable input frame for which it cannot compress. For a given algorithm, such an input frame is defined to be an “uncompressible G.711 input frame”.
	The size of the encoded frame should be no greater 3 % larger than unencoded input frame.


	The size of the encoded frame should be no greater than one octet larger than the input frame.
	Agreed

	13A. Design of G.711-LLC compressed frame format: “self-describing” property.

Note: “Self-describing” is defined here as the ability to determine how many source G.711 samples are contained in a given G.711-LLC compressed frame by information contained solely within the G.711-LLC compressed frame.
	The G.711-LLC compressed frames must be “self-describing”.


	
	Agreed.

	 13B. Design of G.711-LLC compressed frame format: “accommodation of multiple G.711-LLC compressed frames per packet” operation.

Note: Reserving codes in the encoded frame format definition would trivially allow for multiple G.711-LLC frames in a single packet payload via a packet payload definition (e.g., IETF payload format specification).
	The design of the G.711-LLC frame format may have accommodation for signalling the case where more than one G.711-LLC compressed frame is contained in a packet.


	The design of the G.711-LLC frame format must have accommodation for signalling the case where more than one G.711-LLC compressed frame is contained in a packet.
	Not Agreed

Some discussion concerning RTP payload format occurred.

NTT and Cisco representative to provide better wording.

	14. Specification description and implementation
	Bit-exact 16-32 bit fixed-point modular ANSI-C code using basic operators set provided in the ITU-T Software Tool Library v2.1
	
	Agreed


4. Time Schedule (tbd)
Annex Q10.L
New or revised tools to be considered for inclusion in STL 2009 Release (January 2008)
	Chapter
	Tool
	Description
	Revised (R) 
/New (N)
	Status

	3
	Rate change
	3 filters (14 kHz low-pass filter, 1.5 kHz low-pass filter, 20 Hz-20000 Hz bandpass filter) for fullband signals processing
	N
	Two LP filters to be included in STL2009 BP filter to be included in STL2009 unless an improved band-pass filter is proposed before April 2008 (by Q10/16 or WP2/16 experts').

	4
	EID-EV
	Adaptation the Error Insertion Device software tool to cope with different error patterns in EV coder layered bitstream
	N
	to be included in STL2009

	4
	Gen-patt
	Update error pattern generation tool to make it more flexible and support higher BFER
	R
	to be included in STL2009

	4
	Gen-rate-profile
	Fast switching rate profile generation tool
	R
	Update provided for Q9/16 G.EV-VBR optimization/characterization phase; to be considered for inclusion in STL2009 at next SG16 plenary meeting

	4
	Eid8k
	Tool developed for G.729 selection phase 
	R
	It was wondered whether this tool could be removed from the next STL release. It was recommended to keep in STL with a note.

	6
	G.711 App. I
	Adaptation to cope with 5ms frame 
	R
	Volunteers needed

	9
	G.722
	Update to make it compliant with G.192 bitstream format and enable EID-XOR/G.192 style of frame and bit error application to G.722, to incorporate basic Packet Loss Concealment functionality and current set of basic operators
	R
	to be included in STL2009

	11
	Duo-MNRU
	Discrepancy in some MNRU conditions found during the EV-VBR selection phase processing
	R
	Not yet fixed

	13
	Basic operators
	C-code Revision to increase its portability, to correct minor problems. Manual Revision to provide some examples illustrating whether moves are counted or not and to fix some typos.
	R
	to be included in STL2009

	13
	Program ROM counter 
	A tool to count the number of basic operators and function calls to assess the program ROM
	N
	to be included in STL2009
Contributions on the ratio between basic operators count and ROM program usage are invited

	14
	Reverberation
	Impulse response sampled at 48 kHz simulating a reverberant meeting room (90 m3)
	N
	to be included in STL2009

	15
	Bitstream Truncation
	A G.711 WB extension bitstream truncation tool has been derived from G.729EV truncate tool
	N
	to be included in STL2009

	16
	Frequency response measurement tool
	Update the frequency response calculation tool, take into guidelines received from Q6/12 on fullband input signals, fix problem with sweep tone fullband
	R /N
	Update proposed to fix problem with sweep tone fullband; may need further update to provide other window sizes; manual chapter may be revised to incorporate 

	-
	G.728 
	Provide G.728 C-source code (in fixed and floating point)
	N
	Floating point and C-code  uploaded in iftp at the end of the October 2007 meeting (waiting for guidelines to prepare inclusion in STL)

	- 
	G.729E bitstream conversion
	Tool to convert G729E bitstream provided for G.EV-VBR selection phase processing.  It can also be used to enable channel simulations for G729 (Main, A, D) in combination with EID-EV.
	N
	Update provided for Q9/16 G.EV-VBR optimization/characterization phase; to be considered for inclusion in STL2009 at next SG16 plenary meeting

	-
	Complexity evaluation tool of floating point modules
	Complexity evaluation tool of floating point modules provided to candidates in G.711 WB G.722.1 FB qualification phases (uploaded in iftp at the end of the October 2007 meeting)
	N
	Need to be aligned with the STL2005 fixed point complexity evaluation tool
Contributions on the value of the compensation factor are invited. 


Annex Q10.M
Overview of G.711WB Optimisation/characterization phase results

Table 1 - Algorithm overview
	
	Algorithm

	Layer 0
	G.711 compatible PCM

	Layer 1
	Dynamically bit-allocated Embedded PCM 

	Layer 2
	Interleave conjugate structure VQ in MDCT domain


Table 2 - Mode overview
	Modes
	Bitrate
	Bandwidth
	Layers

	R1
	64 kbit/s
	NB
	Layer 0

	R2a
	80 kbit/s
	NB
	Layer 0 + Layer 1

	R2b
	80 kbit/s
	WB
	Layer 0 + Layer 2

	R3
	96 kbit/s
	WB
	Layer 0 + Layer 1 + Layer 1


Table 3a – Codec Complexity [WMOPS]

	encoder
	Decoder

	5.396
	No FER
	R1
	0.700

	
	
	R1 w/postfilter (App.I)
	2.679

	
	
	R2a
	1.181

	
	
	R2b
	1.852

	
	
	R3
	2.333

	
	FER
	R1
	2.476

	
	
	R1 w/postfilter (App.I)
	3.049

	
	
	R2a
	2.476

	
	
	R2b
	3.304

	
	
	R3
	3.304


Table 3b – Storage requirements of the G.711WB coder
	
	Encoder
	Decoder
	Postfilter (Appendix I)

	Static RAM (KWords)
	0.18
	1.50
	+0.33

	Scratch RAM (KWords)
	0.66
	0.70
	+0.20

	Data ROM (KWords)
	2.21
	+0.19

	Program ROM (basic ops)
	1943
	+527


Quality

The G.711WB candidate coder met all requirements.  Table 4 summarizes the requirements.  The objectives that could be computed were also verified.  Table 5 indicates whether these objectives are passed/failed. 
Table 4a -– G.711 experiment details

	Exp
	NB/WB
	Methodology
	Conditions

	1a
	NB
	ACR
	Clean speech for narrowband speech signals: different input levels. frame erasure and bitstream interoperability with G.711 legacy system coder 

	1b
	WB
	ACR
	Clean speech for wideband speech signals: different input levels. frame erasure

	2a
	NB
	ACR
	Music signal. Interoperability with G.711 legacy system coder

	2b
	WB
	ACR
	Music signal.

	3a.b.c.d
	NB
	DCR
	Speech Quality with background noises

a: background music SNR=25dB; 
b: office noise SNR=20dB; 

c: babble noise SNR=30dB;

d: interfering talker SNR = 15dB

	4a.b.c.d
	WB
	DCR
	Speech Quality with background noises

a: background music SNR=25dB; 
b: office noise SNR=20dB; 

c: babble noise SNR=30dB;

d: interfering talker SNR = 15dB

	5a
	NB
	ACR
	Mixed speech

	5b
	WB
	ACR
	Mixed speech


Table 4b - Subjective Experiments Languages and allocation
	Exp
	Testing laboratory and language
	Testing laboratory and language

	1a
	Voice Age
	North American English
	ETRI
	Korean

	1b
	France Telecom
	French
	Huawei
	Chinese

	2a, 2b
	Huawei
	Chinese
	NTT
	Japanese

	3a.b.c.d
	ETRI
	Korean
	NTT
	Japanese

	4a.b.c.d
	Voice Age
	North American English
	France Telecom
	French

	5a
	Voice Age
	North American English
	ETRI
	Korean

	5b
	France Telecom
	French
	Huawei
	Chinese


Table 4c -– G.711WB Requirements/Objectives in Narrowband conditions
	
	R1
	R2a
	Exp

	Conditions
	Requirement
	P/F
	Objective
	P/F
	Requirement
	P/F
	Objective
	P/F
	

	Nominal Input Level (-26 dBov)*
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	1a

	High Input Level (‑16 dBov)*
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	1a

	Low input Level (‑36 dBov)*
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	1a

	Frame erasure (3% FER Random)
	not worse than 3% random FER G.711 App.I
	Pass
	‑
	‑
	not worse than 3% random FER G.711 App.I
	Pass
	‑
	‑
	1a

	Frame erasure (3% FER Bursty)
	‑
	‑
	not worse than 3% bursty FER G.711 App.I
	Pass
	‑
	‑
	not worse than 3% bursty FER G.711 App.I
	Pass
	1a

	Music noise 25 dB SNR 
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	3a

	Office noise 20 dB SNR
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	3b

	Babble noise 30 dB SNR
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	3c

	Interfering Talker 15 dB SNR
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	3d

	Music (-26 dBov)
	not worse than G.711 64kibt/s
	Pass
	‑
	‑
	‑
	‑
	not worse than 16-bit linear PCM at 128 kbi/s
	Pass
	2a

	MCU operation using partial mixing
	‑
	‑
	‑
	‑
	not worse than G.726 32 kbit/s conventional mixing
	Pass
	not worse than G.711 64 kbit/s conventional mixing
	Pass
	5a


Reference and CuT at the same input level; 

Table 4d -– G.711WB Requirements/Objectives in Wideband conditions
	
	R2b
	R3
	Exp

	Conditions
	Requirement
	P/F
	Objective
	P/F
	Requirement
	P/F
	Objective
	P/F
	

	Nominal Input Level (-26 dBov)*
	not worse than G.722 56kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	1b

	High Input Level (‑16 dBov)*
	not worse than G.722 56kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Fail

	1b

	Low input Level (‑36 dBov)*
	not worse than G.722 56kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Fail

	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	1b

	Frame erasure (3% FER Random)
	not worse than 3% random FER G.722 with PLC0 at 56 kbit/s
	Pass
	‑
	‑
	not worse than 3% random FER G.722 with PLC0 at 64 kbit/s
	Pass
	‑
	‑
	1b

	Frame erasure (3% FER Bursty)
	‑
	‑
	not worse than 1% bursty FER G.722 with PLC0 at 56 kbit/s
	Pass
	‑
	‑
	not worse than 1% bursty FER G.722 with PLC0 at 64 kbit/s
	Pass
	1b

	Music noise 25 dB SNR 
	not worse than G.722 56 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	4a

	Office noise 20  dB SNR
	not worse than G.722 56 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	4b

	Babble noise 30 dB SNR
	not worse than G.722 56 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	4c

	Interfering Talker 15 dB SNR
	not worse than G.722 56 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	4d

	Music (-26 dBov)
	not worse than G.722 56kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	not worse than G.722 64 kibt/s
	Pass
	better than G.722 64 kibt/s
	Pass
	2a

	MCU operation using partial mixing
	‑
	‑
	not worse than G.722 48 kibt/s conventional mixing
	Pass
	not worse than G.722 48 kibt/s conventional mixing
	Pass
	not worse than G.722 56 kibt/s conventional mixing
	Pass
	5a


Frequency response in terms of power spectrum

The frequency responses in terms of power spectra were calculated using STL2005 tool “freqresp”. This tool computes and outputs the average amplitude spectra in ASCII and also produces a bitmap file.  As recommended by SG12, P50 test signals (see ITU-T Recommendation P.50, "Artificial voices," September 1999) which are representative of speech signals were used to compute the frequency response: P50_m.16p for male speech and P50_f.16p for female speech.  Figure 1 shows the average frequency responses of the G.711WBE codec with the μ-law core for all four modes, R1, R2a, R2b and R3 for male speech, P50_m.16p.  Figure 2 shows those for female speech, P50_f.16p. Figure 3 and 4 show those with A-law core for both speech files respectively. Figures 5, 6, 7 and 8 also show the attenuation (direct -CuT).
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Figure 1 Frequency responses in dB (μ-law core, male speech)
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Figure 2 Frequency responses in dB (μ-law core, female speech)
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Figure 3 Frequency responses in dB (A-law core, male speech)
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Figure 4 Frequency responses in dB (A-law core, female speech)
_________________
 [end]
�mixed bandwidth rendering


� Failure in A-law in one listening lab (French)


� Failure in both A- and u-law in one listening lab (French)
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