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i\ UNITED STATES PATENT AND TRADEMARK OFFIGE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office

Address: COMMISSIONER FOR PATENTS
PQ. Box 1450

é\vlvsaaﬁgﬁg,gggxma 22313-1450
| APPLICATION NUMBER | FILING OR 371(C) DATE | FIRST NAMED APPLICANT | ATTY. DOCKET NO./TITLE |
10/159,770 05/30/2002 Gregory C. Burnett
CONFIRMATION NO. 9714
21125 POA ACCEPTANCE LETTER
NUTTER MCCLENNEN & FISH LLP
SEAPORT WEST

AR A AL
155 SEAPORT BOULEVARD LLLOOOOOMZBJZS?JL

BOSTON, MA 02210-2604

Date Mailed: 03/31/2022

NOTICE OF ACCEPTANCE OF POWER OF ATTORNEY
This is in response to the Power of Attorney filed 03/30/2022.

The Power of Attorney in this application is accepted. Correspondence in this application will be mailed to the
above address as provided by 37 CFR 1.33.

Questions about the contents of this notice and the
requirements it sets forth should be directed to the Office
of Data Management, Application Assistance Unit, at
(571) 272-4000 or (571) 272-4200 or 1-888-786-0101.

/nrhayden/
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uspto.gov

| APPLICATION NUMBER | FILING OR 371(C) DATE | FIRST NAMED APPLICANT | ATTY. DOCKET NO./TITLE |
10/159,770 05/30/2002 Gregory C. Burnett JAL-055
CONFIRMATION NO. 9714
15516 POWER OF ATTORNEY NOTICE

Kokka & Backus, PC
P.O. Box 60280 O, AP T
00000013284256

265 Cambridge Avenue

Palo Alto, CA 94306
Date Mailed: 03/31/2022

NOTICE REGARDING CHANGE OF POWER OF ATTORNEY

This is in response to the Power of Attorney filed 03/30/2022.

* The Power of Attorney to you in this application has been revoked by the assignee who has intervened as
provided by 37 CFR 3.71. Future correspondence will be mailed to the new address of record(37 CFR 1.33).

Questions about the contents of this notice and the
requirements it sets forth should be directed to the Office
of Data Management, Application Assistance Unit, at
(571) 272-4000 or (571) 272-4200 or 1-888-786-0101.

/nrhayden/

page 1 of 1



DocuSign Envelope ID: C544647C-BDCC-4496-BBED-120D984CBFFC

Doc Code: PA..
Document Description: Power of Attorney
PTO/AIA/82B (07-13)
Approved for use through 03/31/2021. OMB 0651-0035
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number

POWER OF ATTORNEY BY APPLICANT

| hereby revoke all previous powers of attorney given in the application identified in either the attached transmittal letter or
the boxes below.

Application Number Filing Date

(Note: The boxes above may be left blank if information is provided on form PTO/AIA/82A.)
| hereby appoint the Patent Practitioner(s) associated with the following Customer Number as my/our attorney(s) or agent(s),
and to transact all business in the United States Patent and Trademark Office connected therewith for the application
referenced in the attached transmittal letter (form PTO/AIA/82A) or identified above:
OR

| hereby appoint Practitioner(s) named in the attached list (form PTO/AIA/82C) as my/our attorney(s) or agent(s), and to transact
all business in the United States Patent and Trademark Office connected therewith for the patent application referenced in the
attached transmittal letter (form PTO/AIA/82A) or identified above. (Note: Complete form PTO/AIA/82C.)

21125

Please recognize or change the correspondence address for the application identified in the attached transmittal
letter or the boxes above to:

The address associated with the above-mentioned Customer Number
OR
I:l The address associated with Customer Number:

OR

Firm or
Individual Name

Address

City | state | | zip |
Country

Telephone | Email I

I am the Applicant (if the Applicant is a juristic entity, list the Applicant name in the box):

Jawbone Innovations, LLC

|:| Inventor or Joint Inventor (title not required below)
|:| Legal Representative of a Deceased or Legally Incapacitated Inventor (title not required below)

Assignee or Person to Whom the Inventor is Under an Obligation to Assign (provide signer’s title if applicant is a juristic entity)

Person Who Otherwise Shows Sufficient Proprietary Interest (e.g., a petition under 37 CFR 1.46(b)(2) was granted in
the application or is concurrently being filed with this document) (provide signer’s title if applicant is a juristic entity)

SIGNATURE of Applicant for Patent
The undersigned (whose‘g}_l‘enj‘sr%g'pnli{eglpelow) is authorized to act on behalf of the applicant (e.g., where the applicant is a juristic entity).

Signature (/{M’“’L 16%(1«5{0% Date (Optionaly [5/25/2021
Name KCEGGiestoh
Title Manager

NOTE: Signature - This form must be signed by the applicant in accordance with 37 CFR 1.33. See 37 CFR 1.4 for signature requirements
and certifications. If more than one applicant, use multiple forms.

D Total of 1 forms are submitted.




PTO/SB/96 (11-18)

Approved for use through 11/30/2020. OMB 0651-0031

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

STATEMENT UNDER 37 CFR 3.73(b)

Applicant/Patent Owner: Gregory C. Burnett

Application No./Patent No.: 7,246,058 Filed/Issue Date: July 17, 2007

Titled: DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND
NONACOUSTIC SENSORS

Jawbone Innovations, LLC ,a Limited Liability Company
(Name of Assignee) (Type of Assignee, e.g., corporation, partnership, university, government agency, etc.

states that it is:
1. the assignee of the entire right, title, and interest in;
2. |:| an assignee of less than the entire right, title, and interest in
(The extent (by percentage) of its ownership interest is %); or
3. |:| the assignee of an undivided interest in the entirety of (a complete assignment from one of the joint inventors was made)
the patent application/patent identified above, by virtue of either:
A. |:| An assignment from the inventor(s) of the patent application/patent identified above. The assignment was recorded

in the United States Patent and Trademark Office at Reel , Frame , Or a copy*
is attached.

OR
B. A chain of title from the inventor(s), of the patent application/patent identified above, to the current assignee as follows:

1. From: _Gregory C. Burnett To: _AliphGom, Inc.
The document was recorded in the United States Patent and Trademark Office at

Reel 013855 , Frame 0906 , Or a copy” is attached.

2. From: _Gregory C. Burnett To: _AliphCom
The document was recorded in the United States Patent and Trademark Office at
Reel 035532 , Frame 0905 , Or a copy* is attached.

3. From: _AliphCom dba Jawbone To: _AliphCom, LLC
The document was recorded in the United States Patent and Trademark Office at
Reel 043637 , Frame 0796 , or a copy™ thereof is attached.

Additional documents in the chain of title are listed on a supplemental sheet(s).

*As required by 37 CFR 3.73(b)(1)(i), if a copy/copies is/are attached, the documentary evidence of the chain of title from the
original owner to the assignee was, or concurrently is being, submitted for recordation pursuant to 37 CFR 3.11.

[NOTE: A separate copy (i.e., a true copy of the original assignment document(s)) must be submitted to Assignment Division
in accordance with 37 CFR Part 3. to record the assianment in the records of the USPTO. See MPEP 302.1

The undersigned (whose title is supplied below) is authorized to act on behalf of the assignee.

/Mark S. Leonardo/ March 29, 2022
Signature Date

Mark S. Leonardo 41,433
Printed or Typed Name Title or Registration Number




SUPPLEMENTAL SHEET FOR USE WITH PTO/SB/96 (11-18)

STATEMENT UNDER 37 CFR 3.73(b)

AliphCom (assignment for the benefit of

. From: AliphCom To: _creditors), LLC
The document was recorded in the United States Patent and Trademark Office at
Reel 043711 0001 , or for which a copy thereof is attached.
. From: AliphCom, LLC To: _JAWB Acquisition, LLC
The document was recorded in the United States Patent and Trademark Office at
Reel 043638 , Frame 0025 , or for which a copy thereof is attached.

AliphCom (assignment for the benefit
. From: of creditors), LLC To: _JAWB Acquisition LLC

The document was recorded in the United States Patent and Trademark Office at
Reel 043746, Frame 0693 , or for which a copy thereof is attached.

. From: JAWB Acquisition LLC To: _JI Audio Holdings LLC
The document was recorded in the United States Patent and Trademark Office at
Reel 056320 , Frame 0195 , or for which a copy thereof is attached.

. From: JI Audio Holdings LLC To: _Jawbone Innovations, LLC
The document was recorded in the United States Patent and Trademark Office at
Reel 056323  , Frame 0728 , or for which a copy thereof is attached.
. From: To:

The document was recorded in the United States Patent and Trademark Office at
Reel , Frame , or for which a copy thereof is attached.




Electronic Acknowledgement Receipt

EFS ID: 45348036
Application Number: 10159770
International Application Number:
Confirmation Number: 9714

Title of Invention:

NONACOUSTIC SENSORS

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND

First Named Inventor/Applicant Name:

Gregory C. Burnett

Customer Number:

15516

Filer:

Mark S. Leonardo

Filer Authorized By:

Attorney Docket Number: JAL-055
Receipt Date: 30-MAR-2022
Filing Date: 30-MAY-2002

Time Stamp: 08:07:04

Application Type:

Utility under 35 USC 111(a)

Payment information:

Submitted with Payment

no

File Listing:

Document Document Description File Name File Size(Bytes)/ Multi Pages
Number P Message Digest | Part/.zip| (ifappl.)
223726
1 Power of Attorney 122174_POA_OJlav§?one_execut no 1
e p 3be042904ae588b8cd483853d8861beed
Warnings:




The PDF file has been signed with a digital signature and the legal effect of the document will be based on the contents of the file not the
digital signature.

Information:
22536
) Assignee showing of ownership per37 | 122174-10101_Statement_3_7 no 2
CFR3.73 3.pdf
aedf9cade8bbc691a5fbec04247c5F812893]
bed

Warnings:

Information:

Total Files Size (in bytes):l 246262

This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt similar to a
Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see 37 CFR
1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date shown on this
Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions of 35
U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the application as a
national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt, in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary components for
an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the International Application Number
and of the International Filing Date (Form PCT/RO/105) will be issued in due course, subject to prescriptions concerning
national security, and the date shown on this Acknowledgement Receipt will establish the international filing date of
the application.




Case 2:21-cv-00435 Document 2 Filed 11/29/21 Page 1 of 2 PagelD #: 365

AQO 120 (Rev. 08710)

TO: Mail Stop 8 REPORT ON THE
) Director of the U.S. Patent and Trademark Office FILING OR DETERMINATION OF AN
P.O. Box 1430 ACTION REGARDING A PATENT OR
Alexandria, VA 22313-1450 TRADEMARK
In Compliance with 35 UL.S.C. § 290 and/or 15 U.S.C. § 1116 you are hereby advised that a court action has becn
fiied in the U.S. District Court for the Eastern District of Texas, Marshall Division on the following
T} Trademarks or A Patents.  ( [ rhe potent action involves 35 U.S.C. § 292.):
DOCKET NO. DATE FILED U.S. DISTRICT COURT
2:21-cv-00435 11/29/2021 for the Eastern District of Texas, Marshall Division
PLAINTIFF DEFENDANT
Jawbone Innovations, LLC Amazon.com, Inc. and Amazon.com Services, Inc.
PATENT OR DATE OF PATENT . . - -
TRADEMARY. NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK
1 8,019,091 oM3/2011 Jawbone Innovations, LLC
2 7,246,058 7MT712007 Jawbone Innovations, LL.C
3 8,280,072 10/2/2012 Jawbone Innovations, LLC
4 8,321,213 1MM17/2012 Jawbone Innovations, LLC
5 8,326,611 12/4/2012 Jawbone Innovations, LLC
In the above—entitled case, the following patent(s) trademark(s) have beer: ineluded:
DATE INCLUDED INCLUDED BY
O Amendment ] Answer ] Cross Bill O Other Pleading
PATENT OR DATE OF PATENT - . -
TRADEMARK NO. OR TRADEMARK HOLDER QF PATENT OR TRADEMARK
1
2
3
3
5

In the above—entitled case, the following decision has been rendered or judgement issued:

DECISION/IUDGEMENT

CLERK (BY) DEPUTY CLERK DATE

Copy 1—LUpon initiation of action, mail this copy te Director  Copy 3—Upon termination of actien, mail this copy to Director
Copy 2—Upen filing decument adding patent(s). mail this copy to Director  Copy 4—Case file copy

PAGE 1 of 2
-8-



Case 2:21-cv-00435 Document2 Filed 11/29/21 Page 2 of 2 PagelD #: 366
AO 120 (Rev_ 08/10)

TO: Mail Stop 8 REPORT ON THE
. Director of the U.S. Patent and Trademark Office FILING OR PETERMINATION OF AN
P.Q. Box 1450 ACTION REGARDING A PATENT OR
Alexandriz, VA 22313-1450 TRADEMARK
In Compliance with 35 U.S.C. § 290 and/or 15 U.S.C. § 1116 you arc hereby advised that a court action has been
filed in the U.S. District Court for the Eastern District of Texas, Marshall Division on the following
[ Trademarks or [ Patents. ¢ [ the patent action involves 35 U.S.C. § 292.):
DOCKET NQO. DATE FILED .S, DISTRICT COURT .
2:21-cyv-00435 11/26/2021 for the Eastern District of Texas, Marshall Division
PLAINTIFF DEFENDANT
Jawbone Innovations, LLC | Amazon.com, Inc. and Amazon.com Services, Inc.
PATENT OR DATE OF PATENT . . .
‘IRADEMARK NO. OR TRADEMARK [HIOLDER OF PATENT OR TRADEMARK
1 10,779,080 9/15/2020 Jawbone Innovations, LLC
2 11,122,357 o/14j2021 Jawbone Innovations, LLC
3 8,467,543 6/18/2013 Jawbone Innovations, LLC
4
5 1]
In the above—entitled ease, the following patent(s)/ trademark(s) have been included:
DATE INCLUDED INCLUDED BY -
0 Amendment O Answer O Cress Bill ] Orher Pleading
PATENT OR DATE OF PATENT "
TRADEMARK NO. OR TRADEMARE. HOLDER OF PATENT OR TRADEMARK
1
2
3
4
5
In the above—entitled case, the following decision has been rendered or judgement issued:
DECISIGN/IUDGEMENT
[ciERK (BY) DEPLTY CLERK DATE

Copy 1—Upon initiation of action, mail this copy to Director  Copy 3—Upon termination of action, mail this copy te Director
Copy 2—Upen filing document addiag patent(s), mail this copy to Dircetor  Copy 4—Case file copy

PAGE 2 of 2
-9-
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Case 8:21-0v-00084-A0A Document 2 Filed 08/23/21 Page lof 2

AO 120 (Rev. 08/10)

TO: Mail Stop 8 REPORT ON THE
’ Director of the U.S. Patent and Trademark Office FILING OR DETERMINATION OF
P.O. Box 1450 AN ACTION REGARDING A PATENT
Alexandria, VA 22313-1450 OR TRADEMARK

In Compliance with 35 U.S.C. § 290 and/or 15 U.S.C. § 1116 you are hereby advised that a court action has been
filed in the U.S. District Court Western District of Texas - Waco Division on the following

D Trademarks or Patents. ( |:| the patent action involves 35 U.S.C. § 292.):

DOCKET NO. DATE FILED U.S. DISTRICT COURT
6:21-cv-00984 September 23, 2021 Western District of Texas - Waco Division
PLAINTIFF DEFENDANT
Jawbone Innovations, LLC Apple Inc.
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK

1 8,019,091 2/8/2005 Jawbone Innovations, LLC

2 7,246,058 7/17/2007 Jawbone Innovations, LLC

3 8,280,072 10/2/2012 Jawbone Innovations, LLC

4 8321,213 11/27/2012 Jawbone Innovations, LLC

5 8,326,611 12/4/2012 Jawbone Innovations, LLC

In the above—entitled case, the following patent(s)/ trademark(s) have been included:

DATE INCLUDED INCLUDED BY
D Amendment |:| Answer |:| Cross Bill |:| Other Pleading
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK
1
2
3
4
5

In the above—entitled case, the following decision has been rendered or judgement issued.:

DECISION/JUDGEMENT

CLERK (BY) DEPUTY CLERK DATE

Copy 1—Upon initiation of action, mail this copy to Director Copy 3—Upon termination of action, mail this copy to Director
Copy 2—Upon filing document adding patent(s), mail this copy to Director  Copy 4—Case file copy

Page 1 of 2

-12-



Case 8:21-0v-00084-A0A Document 2 Filed 08/23/21 Page dof 2

AO 120 (Rev. 08/10)

TO: Mail Stop 8 REPORT ON THE
’ Director of the U.S. Patent and Trademark Office FILING OR DETERMINATION OF
P.O. Box 1450 AN ACTION REGARDING A PATENT
Alexandria, VA 22313-1450 OR TRADEMARK
In Compliance with 35 U.S.C. § 290 and/or 15 U.S.C. § 1116 you are hereby advised that a court action has been
filed in the U.S. District Court Western District of Texas - Waco Division on the following
D Trademarks or Patents. ( |:| the patent action involves 35 U.S.C. § 292.):
DOCKET NO. DATE FILED U.S. DISTRICT COURT
6:21-cv-00984 September 23, 2021 Western District of Texas - Waco Division
PLAINTIFF DEFENDANT
Jawbone Innovations, LLC Apple Inc.
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK
1 10,799,080 9/15/2020 Jawbone Innovations, LLC
2 11,122,357 9/14/2021 Jawbone Innovations, LLC
3 8,467,543 6/18/2014 Jawbone Innovations, LLC
4
5
In the above—entitled case, the following patent(s)/ trademark(s) have been included:
DATE INCLUDED INCLUDED BY
D Amendment |:| Answer |:| Cross Bill |:| Other Pleading
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK
1
2
3
4
5

In the above—entitled case, the following decision has been rendered or judgement issued.:

DECISION/JUDGEMENT

CLERK (BY) DEPUTY CLERK DATE

Copy 1—Upon initiation of action, mail this copy to Director Copy 3—Upon termination of action, mail this copy to Director
Copy 2—Upon filing document adding patent(s), mail this copy to Director  Copy 4—Case file copy

Page 2 of 2

-13 -




Case 8:21-0v-00085-A0A Document 2 Filed 08/23/21 Page lof 2
AO 120 (Rev. 08/10)

TO: Mail Stop 8 REPORT ON THE
) Director of the U.S. Patent and Trademark Office FILING OR DETERMINATION OF
P.O. Box 1450 AN ACTION REGARDING A PATENT
Alexandria, VA 22313-1450 OR TRADEMARK

In Compliance with 35 U.S.C. § 290 and/or 15 U.S.C. § 1116 you are hereby advised that a court action has been
filed in the U.S. District Court Western District of Texas - Waco Division on the following
D Trademarks or Patents. ( |:| the patent action involves 35 U.S.C. § 292.):

DOCKET NO. DATE FILED U.S. DISTRICT CQUR_T L
6:21-cv-00985 September 23, 2021 Western District of Texas - Waco Division

PLAINTIFF DEFENDANT

Jawbone Innovations, LLC Google LLC

PATENT OR DATE OF PATENT

TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK

1 8,019,091 2/8/2005 Jawbone Innovations, LLC
2 7,246,058 7/17/2007 Jawbone Innovations, LLC
3 8,280,072 10/2/2012 Jawbone Innovations, LL.C
4 8,321,213 11/27/2012 Jawbone Innovations, LLC
5 8,326,611 12/4/2012 Jawbone Innovations, LLC

In the above—entitled case, the following patent(s)/ trademark(s) have been included:

DATE INCLUDED INCLUDED BY
D Amendment |:| Answer |:| Cross Bill |:| Other Pleading
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK

1

2

3

4

5

In the above—entitled case, the following decision has been rendered or judgement issued:

DECISION/JUDGEMENT

CLERK (BY) DEPUTY CLERK DATE

Copy 1—Upon initiation of action, mail this copy to Director Copy 3—Upon termination of action, mail this copy to Director
Copy 2—Upon filing document adding patent(s), mail this copy to Director Copy 4—Case file copy

Page 1 of 2

-14 -



Case 8:21-0v-00085-A0A Document 2 Filed 08/23/21 Page dof 2
AO 120 (Rev. 08/10)

TO: Mail Stop 8 REPORT ON THE
) Director of the U.S. Patent and Trademark Office FILING OR DETERMINATION OF
P.O. Box 1450 AN ACTION REGARDING A PATENT
Alexandria, VA 22313-1450 OR TRADEMARK
In Compliance with 35 U.S.C. § 290 and/or 15 U.S.C. § 1116 you are hereby advised that a court action has been
filed in the U.S. District Court Western District of Texas - Waco Division on the following
D Trademarks or Patents. ( |:| the patent action involves 35 U.S.C. § 292.):
DOCKET NO. DATE FILED U.S. DISTRICT CQUR_T L
6:21-cv-00985 September 23, 2021 Western District of Texas - Waco Division
PLAINTIFF DEFENDANT
Jawbone Innovations, LLC Google LLC
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK
1 10,799,080 9/15/2020 Jawbone Innovations, LLC
2 11,122,357 9/14/2021 Jawbone Innovations, LLC
3 8,467,543 6/18/2014 Jawbone Innovations, LL.C
4
5
In the above—entitled case, the following patent(s)/ trademark(s) have been included:
DATE INCLUDED INCLUDED BY
D Amendment |:| Answer |:| Cross Bill |:| Other Pleading
PATENT OR DATE OF PATENT
TRADEMARK NO. OR TRADEMARK HOLDER OF PATENT OR TRADEMARK
1
2
3
4
5

In the above—entitled case, the following decision has been rendered or judgement issued:

DECISION/JUDGEMENT

CLERK (BY) DEPUTY CLERK DATE

Copy 1—Upon initiation of action, mail this copy to Director Copy 3—Upon termination of action, mail this copy to Director
Copy 2—Upon filing document adding patent(s), mail this copy to Director Copy 4—Case file copy

Page 2 of 2

-15 -



To: ATTN! Maintenance Fee United States P Page 1 of 1 2019-07-17 16:13:25 (GMT) 2126561388 From: Alan Srulowitz

¢

JAWBONE’

JAWB Acquisition LLC
321 West 44" Street, Suite 1000
New York, NY 10036

Hello,

This letter is to assert that JAWB Acquisition LLC 1s a small entity with four employees. We are the
current assignee and would like to submmit a payment for the patent below as a small entity:

PATENT #
7246058
APPLICATION #
10159770

FILING DATE
05/30/2002

ISSUE DATE
07/17/2007

Please contact Luke Conticello or Daniel Setton for additional information for JAWB Acquisition

LLC.

Thanks,
JAWB Acquisition LLC
631 495 2954

Patents@aliph.comn

Q_—

Luke Conticello, Director

PAGE 1/1 * RCVD AT 7/17/2019 12:13:26 PM [Eastern Daylight Time] * SVR:W-PTOFAX-003/21 * DNIS:2736500 * CSID:2126561388 * AN1:4046019001 * DURATION (mm-ss):00-34

-16 -



PATENT ASSIGNMENT COVER SHEET

Electronic Version v1.1
Stylesheet Version v1.2

EPAS ID: PAT3502102

SUBMISSION TYPE: NEW ASSIGNMENT

NATURE OF CONVEYANCE: SECURITY INTEREST
CONVEYING PARTY DATA

Name Execution Date

ALIPHCOM 08/26/2015
MACGYVER ACQUISITION LLC 08/26/2015
ALIPH, INC. 08/26/2015
BODYMEDIA, INC. 08/26/2015
PROJECT PARIS ACQUISITION LLC 08/26/2015

RECEIVING PARTY DATA

Name: BLACKROCK ADVISORS, LLC
Street Address: 1 UNIVERSITY SQUARE DRIVE
Internal Address: C/O GLOBAL ALLOCATION GROUP
City: PRINCETON

State/Country: NEW JERSEY

Postal Code: 08540

PROPERTY NUMBERS Total: 604

Property Type Number
Application Number: 10159770
Application Number: 13069244
Application Number: 13069264
Application Number: 13069275
Application Number: 13753441
Application Number: 29333427
Application Number: 29333428
Application Number: 29333430
Application Number: 29333431
Application Number: 29333432
Application Number: 10400292
Application Number: 10667207
Application Number: 10769302
Application Number: 11199856
Application Number: 11704552

-17 -




Property Type Number
Application Number: 11859460
Application Number: 11860004
Application Number: 11969737
Application Number: 11982956
Application Number: 12006607
Application Number: 12039718
Application Number: 12123364
Application Number: 12139333
Application Number: 12139344
Application Number: 12139355
Application Number: 12139361
Application Number: 12163592
Application Number: 12163617
Application Number: 12163647
Application Number: 12163675
Application Number: 12243718
Application Number: 12244670
Application Number: 12354689
Application Number: 12606140
Application Number: 12606146
Application Number: 12756051
Application Number: 12772947
Application Number: 12772963
Application Number: 12772975
Application Number: 12826643
Application Number: 12826658
Application Number: 12882482
Application Number: 12886919
Application Number: 13037057
Application Number: 13109839
Application Number: 13117539
Application Number: 13135728
Application Number: 13158372
Application Number: 13158416
Application Number: 13180000
Application Number: 13180320
Application Number: 13181486
Application Number: 13181500
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Property Type Number
Application Number: 13181511
Application Number: 13181512
Application Number: 13181513
Application Number: 13184422
Application Number: 13209047
Application Number: 13246617
Application Number: 13247975
Application Number: 13270976
Application Number: 13346719
Application Number: 13361919
Application Number: 13374746
Application Number: 13405240
Application Number: 13405241
Application Number: 13420568
Application Number: 13421576
Application Number: 13427839
Application Number: 13431725
Application Number: 13433204
Application Number: 13433208
Application Number: 13433213
Application Number: 13436765
Application Number: 13454040
Application Number: 13491345
Application Number: 13491524
Application Number: 13492770
Application Number: 13492776
Application Number: 13492857
Application Number: 13528830
Application Number: 13552462
Application Number: 13561033
Application Number: 13627997
Application Number: 13666932
Application Number: 13669356
Application Number: 13669369
Application Number: 13669375
Application Number: 13670419
Application Number: 13672392
Application Number: 13672398
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Property Type Number
Application Number: 13672451
Application Number: 13672671
Application Number: 13673846
Application Number: 13673857
Application Number: 13674080
Application Number: 13802266
Application Number: 13802283
Application Number: 13802305
Application Number: 13802319
Application Number: 13802409
Application Number: 13802425
Application Number: 13802442
Application Number: 13802528
Application Number: 13802646
Application Number: 13802674
Application Number: 13802689
Application Number: 13827683
Application Number: 13827754
Application Number: 13830770
Application Number: 13830860
Application Number: 13830927
Application Number: 13831139
Application Number: 13831260
Application Number: 13831301
Application Number: 13831447
Application Number: 13831485
Application Number: 13831689
Application Number: 13831698
Application Number: 13870843
Application Number: 13886173
Application Number: 13886254
Application Number: 13890143
Application Number: 13894850
Application Number: 13898451
Application Number: 13898465
Application Number: 13898472
Application Number: 13898474
Application Number: 13900943
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Property Type Number
Application Number: 13906109
Application Number: 13906244
Application Number: 13917225
Application Number: 13919307
Application Number: 13919339
Application Number: 13919919
Application Number: 13929718
Application Number: 13942503
Application Number: 13942623
Application Number: 13942674
Application Number: 13948160
Application Number: 13952532
Application Number: 13952552
Application Number: 13954331
Application Number: 13954367
Application Number: 13957383
Application Number: 13959707
Application Number: 13959708
Application Number: 13959709
Application Number: 13967317
Application Number: 14029300
Application Number: 14058125
Application Number: 14064189
Application Number: 14065393
Application Number: 14065400
Application Number: 14065415
Application Number: 14065419
Application Number: 14067444
Application Number: 14068551
Application Number: 14069008
Application Number: 14069031
Application Number: 14070437
Application Number: 14070443
Application Number: 14070446
Application Number: 14070452
Application Number: 14071531
Application Number: 14071546
Application Number: 14073550
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Property Type Number
Application Number: 14073696
Application Number: 14075523
Application Number: 14076014
Application Number: 14079632
Application Number: 14105119
Application Number: 14105127
Application Number: 14105146
Application Number: 14105157
Application Number: 14105159
Application Number: 14105172
Application Number: 14105173
Application Number: 14144494
Application Number: 14144499
Application Number: 14144505
Application Number: 14144512
Application Number: 14144513
Application Number: 14144514
Application Number: 14144516
Application Number: 14144517
Application Number: 14144518
Application Number: 14144519
Application Number: 14144521
Application Number: 14144524
Application Number: 14145849
Application Number: 14145852
Application Number: 14145856
Application Number: 14145879
Application Number: 14145887
Application Number: 14145894
Application Number: 14149805
Application Number: 14181589
Application Number: 14181595
Application Number: 14183425
Application Number: 14183463
Application Number: 14183472
Application Number: 14183490
Application Number: 14183491
Application Number: 14183493
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Property Type Number
Application Number: 14187317
Application Number: 14188602
Application Number: 14191284
Application Number: 14192432
Application Number: 14192463
Application Number: 14192610
Application Number: 14192620
Application Number: 14194424
Application Number: 14194495
Application Number: 14203464
Application Number: 14203467
Application Number: 14205138
Application Number: 14205151
Application Number: 14205215
Application Number: 14205263
Application Number: 14207183
Application Number: 14207203
Application Number: 14207221
Application Number: 14207235
Application Number: 14207243
Application Number: 14207263
Application Number: 14207420
Application Number: 14207429
Application Number: 14209329
Application Number: 14209690
Application Number: 14209959
Application Number: 14210201
Application Number: 14210234
Application Number: 14212832
Application Number: 14213439
Application Number: 14214065
Application Number: 14214086
Application Number: 14214254
Application Number: 14215038
Application Number: 14215047
Application Number: 14215051
Application Number: 14219648
Application Number: 14224868
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Property Type Number
Application Number: 14225339
Application Number: 14243747
Application Number: 14244677
Application Number: 14244759
Application Number: 14246971
Application Number: 14260221
Application Number: 14266697
Application Number: 14270242
Application Number: 14270249
Application Number: 14272464
Application Number: 14279253
Application Number: 14281856
Application Number: 14289617
Application Number: 14301220
Application Number: 14301227
Application Number: 14313895
Application Number: 14328665
Application Number: 14389766
Application Number: 14421815
Application Number: 14445051
Application Number: 14452496
Application Number: 14457051
Application Number: 14463556
Application Number: 14468327
Application Number: 29299133
Application Number: 29299134
Application Number: 29299135
Application Number: 29299139
Application Number: 29353843
Application Number: 29353844
Application Number: 29353846
Application Number: 29353847
Application Number: 29354212
Application Number: 29377627
Application Number: 29377628
Application Number: 29378325
Application Number: 29378327
Application Number: 29378328

-24 -




Property Type Number
Application Number: 29378329
Application Number: 29383495
Application Number: 29383712
Application Number: 29383714
Application Number: 29393916
Application Number: 29405617
Application Number: 29405623
Application Number: 29405625
Application Number: 29405626
Application Number: 29405627
Application Number: 29405628
Application Number: 29405630
Application Number: 29405631
Application Number: 29405633
Application Number: 29405634
Application Number: 29405635
Application Number: 29405636
Application Number: 29405637
Application Number: 29405638
Application Number: 29405639
Application Number: 29405640
Application Number: 29405641
Application Number: 29405642
Application Number: 29405643
Application Number: 29405644
Application Number: 29405645
Application Number: 29405646
Application Number: 29413571
Application Number: 29413572
Application Number: 29413573
Application Number: 29445283
Application Number: 29445286
Application Number: 29445287
Application Number: 29459899
Application Number: 29459900
Application Number: 62019327
Application Number: 62067428
Application Number: 62107411
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Property Type Number
Application Number: 14121355
Application Number: 14121463
Application Number: 14121465
Application Number: 14121938
Application Number: 14121939
Application Number: 14121940
Application Number: 14121941
Application Number: 14121942
Application Number: 14121943
Application Number: 14121944
Application Number: 14121947
Application Number: 14121948
Application Number: 14313901
Application Number: 14480048
Application Number: 14480070
Application Number: 14480427
Application Number: 14480446
Application Number: 14480452
Application Number: 14480462
Application Number: 14480628
Application Number: 14486978
Application Number: 14486997
Application Number: 14488042
Application Number: 14493298
Application Number: 14519116
Application Number: 14526503
Application Number: 14532789
Application Number: 14541064
Application Number: 14541134
Application Number: 14541135
Application Number: 14578297
Application Number: 14596127
Application Number: 14606995
Application Number: 14637387
Application Number: 14640013
Application Number: 14656683
Application Number: 14659521
Application Number: 09419600
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Property Type Number
Application Number: 09595660
Application Number: 09602537
Application Number: 09620579
Application Number: 09822890
Application Number: 09923181
Application Number: 10227575
Application Number: 10313255
Application Number: 10612894
Application Number: 10682293
Application Number: 10682759
Application Number: 10940214
Application Number: 10940889
Application Number: 11088002
Application Number: 11239748
Application Number: 11247049
Application Number: 11434949
Application Number: 11481147
Application Number: 11582896
Application Number: 11724373
Application Number: 11876623
Application Number: 11925906
Application Number: 11925965
Application Number: 11928039
Application Number: 11930036
Application Number: 11930053
Application Number: 11930081
Application Number: 11930091
Application Number: 11930092
Application Number: 11930094
Application Number: 12033722
Application Number: 12033731
Application Number: 12033741
Application Number: 12033746
Application Number: 12033751
Application Number: 12033753
Application Number: 12033760
Application Number: 12033766
Application Number: 12352911
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Property Type Number
Application Number: 12840109
Application Number: 13130282
Application Number: 13291879
Application Number: 13291982
Application Number: 13734433
Application Number: 13761409
Application Number: 13761557
Application Number: 14058485
Application Number: 14058493
Application Number: 14058501
Application Number: 14058563
Application Number: 14059054
Application Number: 14059072
Application Number: 14059117
Application Number: 14060004
Application Number: 14060010
Application Number: 14060029
Application Number: 14060047
Application Number: 14060072
Application Number: 14060082
Application Number: 14060092
Application Number: 14060122
Application Number: 14081369
Application Number: 14081406
Application Number: 14081880
Application Number: 14081889
Application Number: 14081901
Application Number: 14081928
Application Number: 14081935
Application Number: 14081942
Application Number: 14081951
Application Number: 14081956
Application Number: 14081967
Application Number: 14081972
Application Number: 14081979
Application Number: 14082070
Application Number: 14082176
Application Number: 14082178
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Property Type Number
Application Number: 14082179
Application Number: 14082180
Application Number: 14082183
Application Number: 14082185
Application Number: 14082186
Application Number: 14082188
Application Number: 14082189
Application Number: 14082190
Application Number: 14082192
Application Number: 14083372
Application Number: 14083382
Application Number: 14083389
Application Number: 14083397
Application Number: 14083401
Application Number: 14083404
Application Number: 14083407
Application Number: 14133607
Application Number: 14133610
Application Number: 14133612
Application Number: 14133615
Application Number: 14133619
Application Number: 14133620
Application Number: 14133622
Application Number: 14133625
Application Number: 14133626
Application Number: 14133634
Application Number: 14133638
Application Number: 14133640
Application Number: 14133641
Application Number: 14136750
Application Number: 14137027
Application Number: 14137087
Application Number: 14137126
Application Number: 14137233
Application Number: 14138030
Application Number: 14138033
Application Number: 14138024
Application Number: 14138043
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Property Type Number
Application Number: 14138046
Application Number: 14139871
Application Number: 14139872
Application Number: 14139873
Application Number: 14139875
Application Number: 14221506
Application Number: 14248576
Application Number: 14248776
Application Number: 14248830
Application Number: 14248853
Application Number: 14248885
Application Number: 14249135
Application Number: 14249211
Application Number: 14249235
Application Number: 14249262
Application Number: 14249290
Application Number: 14249314
Application Number: 14249318
Application Number: 14249328
Application Number: 14252090
Application Number: 14284947
Application Number: 14285018
Application Number: 14285036
Application Number: 14285092
Application Number: 14285159
Application Number: 14285194
Application Number: 14285232
Application Number: 14292105
Application Number: 14292368
Application Number: 14292735
Application Number: 14292831
Application Number: 14292833
Application Number: 14336413
Application Number: 14336448
Application Number: 14336539
Application Number: 14336571
Application Number: 14336598
Application Number: 14336625
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Property Type Number
Application Number: 29127587
Application Number: 29129931
Application Number: 29143975
Application Number: 29256362
Application Number: 29256753
Application Number: 29383860
Application Number: 29434003
Application Number: 14509034
Application Number: 14526499
Application Number: 14630618
Application Number: 14636157
Application Number: 14636158
Application Number: 95002354
Application Number: 95002360
Application Number: 95002366
Application Number: 95002367
Application Number: 95002371
Application Number: 95002376
Application Number: 95002382
Application Number: 14039258
Application Number: 09622910
Application Number: 09986989
Application Number: 29445284
Application Number: 29466527
Application Number: 29466531
Application Number: 29466534
Application Number: 29466536
Application Number: 29466539
Application Number: 29470963
Application Number: 29470964
Application Number: 29470965
Application Number: 29470966
Application Number: 29470967
Application Number: 29470968
Application Number: 29477005
Application Number: 29477006
Application Number: 29478533
Application Number: 29479052
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Property Type Number
Application Number: 29479055
Application Number: 29479058
Application Number: 29479060
Application Number: 29479064
Application Number: 29479066
Application Number: 29479069
Application Number: 29479071
Application Number: 29479074
Application Number: 29479077
Application Number: 29479078
Application Number: 29479079
Application Number: 29482849
Application Number: 29482850
Application Number: 29482851
Application Number: 29482852
Application Number: 29482854
Application Number: 29482855
Application Number: 29482856
Application Number: 29485103
Application Number: 29485118
Application Number: 29495368
Application Number: 29495369
Application Number: 29495373
Application Number: 29495376
Application Number: 29495380
Application Number: 29495384
Application Number: 29495387
Application Number: 29495389
Application Number: 29495390
Application Number: 29495394
Application Number: 29495395
Application Number: 29495397
Application Number: 29495399
Application Number: 29495400
Application Number: 29495404
Application Number: 29495405
Application Number: 29495406
Application Number: 29495407
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Property Type Number
Application Number: 29495669
Application Number: 29495670
Application Number: 29495674
Application Number: 29508180
Application Number: 29508184
Application Number: 29508185
Application Number: 29508187
Application Number: 29508193
Application Number: 29508196
Application Number: 29508200
Application Number: 29508205
Application Number: 29508207
Application Number: 29516012
Application Number: 29516014
Application Number: 29516015
Application Number: 29516016
Application Number: 29516017
Application Number: 29517054
Application Number: 29517056

CORRESPONDENCE DATA
Fax Number:

(617)235-9802

Correspondence will be sent to the e-mail address first; if that is unsuccessful, it will be sent
using a fax number, if provided; if that is unsuccessful, it will be sent via US Mail.

Phone:

Email:
Correspondent Name:
Address Line 1:
Address Line 2:
Address Line 4:

6179517860

ronald.duvernay@ropesgray.com

JOSHUA S. JACKSON

PRUDENTIAL TOWER, 800 BOYLSTON STREET
ROPES & GRAY LLP

BOSTON, MASSACHUSETTS 02199-3600

ATTORNEY DOCKET NUMBER: MFOG-652
NAME OF SUBMITTER: JOSHUA S. JACKSON
SIGNATURE: /j jackson/
DATE SIGNED: 08/27/2015
This document serves as an Oath/Declaration (37 CFR 1.63).
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AMENDED AND RESTATED PATENT SECURITY AGREEMENT

THIS AMENDED AND RESTATED PATENT SECURITY AGREEMENT (as it may be
amended, restated or otherwise modified from time to time, the “Patent Security Agreement”) is entered
into as of August 26, 2015 by and among (i) AliphCom, a California corporation (the “Company”),
MacGyver Acquisition LLC, a Delaware limited liability company, Aliph, Inc., a Delaware Corporation,
BodyMedia, Inc., a Delaware corporation, and Project Paris Acquisition LLC, a Delaware limited liability
company (each, a “Grantor”, and collectively, the “Grantors™), and (ii) BlackRock Advisors, LLC, a
Delaware limited liability company (the “Agent”).

WHEREAS, each of the Grantors, the Purchasers identified therein and the Agent are entering
into the Note Purchase Agreement, dated as of April 28, 2015, as amended by the First Amendment to
Note Purchase Agreement; Omnibus Amendment to Secured Convertible Promissory Notes and Limited
Consent, dated as of July 22, 2015 (as amended, restated, supplemented, or otherwise modified from time
to time, the “Existing Note Purchase Agreement”), pursuant to which the Company issued certain secured
convertible promissory notes (the “Notes”) and the other Grantors agreed to Guarantee the Obligations;

WHEREAS, each of the Grantors and the Agent entered into the original Security Agreement,
dated as of April 28, 2015 (as amended, restated, supplemented, or otherwise modified from time to time,
the “Original Security Agreement”), in order to induce the Purchasers to purchase the Notes and to secure
the Secured Obligations; and

WHEREAS, pursuant to the Original Security Agreement, each of the Grantors is required to
execute and deliver to Agent the original Patent Security Agreement, dated as of April 28, 2015 (the
“Original Patent Security Agreement”);

WHEREAS, each of the Grantors, the Purchasers identified therein and the Agent entered into the
Note Purchase Agreement, dated as of July 21, 2015 (as amended, restated, supplemented, or otherwise
modified from time to time, the “July 2015 Note Purchase Agreement”), pursuant to which the Company
issued certain additional Notes and the other Grantors agreed to Guarantee the Secured Obligations;

WHEREAS, each of the Grantors and the Agent entered into the Amended and Restated Security
Agreement, dated as of July 22, 2015 (as amended, restated, supplemented, or otherwise modified from
time to time, the “Security Agreement”), in order to induce the Purchasers to purchase the additional
Notes and to secure the Secured Obligations; and

WHEREAS, the parties to the Original Patent Security Agreement wish to amend and restate the
Original Patent Security Agreement in its entirety;

NOW, THEREFORE, in consideration of the premises and mutual covenants herein contained
and for other good and valuable consideration, the receipt and sufficiency of which are hereby
acknowledged, each Grantor hereby agrees as follows:

L. DEFINED TERMS. All initially capitalized terms used but not otherwise defined herein
have the meanings given to them in the Security Agreement, and this Patent Security Agreement shall be
subject to the rules of construction set forth in the Security Agreement, which rules of construction are
incorporated herein by this reference, mutatis mutandis.

52501132_3

-35-



2. GRANT OF SECURITY INTEREST IN PATENT COLLATERAL. Each Grantor does
hereby unconditionally grant, assign, and pledge to Agent, and agrees to unconditionally grant, assign,
and pledge to Agent, for its benefit and the benefit of each of the Noteholders, to secure the Secured
Obligations, as applicable, a continuing security interest (referred to in this Patent Security Agreement as
the “Security Interest”) in all of such Grantor’s entire right, title and interest in and to the following,
whether now owned or hereafter acquired or arising (collectively, the “Patent Collateral”):

(a) all of such Grantor’s Patents and Patent Intellectual Property Licenses to which it is a
party including those referred to on Schedule I;

(b) all applications, improvements, divisionals, continuations, continuations-in-part, reissues,
reexaminations, or extensions of the foregoing, foreign counterparts, and the inventions covered thereby;

(©) all files and records relating to the prosecution, exploitation, and defense of any of the
foregoing, and all rights of action pertaining to the Grantor’s Patents; and

(d) all products and proceeds of the foregoing, including any claim by such Grantor against
third parties for past, present or future infringement of any Patent or any Patent exclusively licensed under
any Intellectual Property License, including the right to receive damages, or right to receive license fees,
royalties, and other compensation under any Patent Intellectual Property License.

3. SECURITY FOR SECURED OBLIGATIONS. This Patent Security Agreement and the
Security Interest created hereby secures the payment and performance of the Secured Obligations,
whether now existing or arising hereafter. Without limiting the generality of the foregoing, this Patent
Security Agreement secures the payment of all amounts which constitute part of the Secured Obligations
and would be owed by Grantors, or any of them, to Agent, or the Noteholders, whether or not they are
unenforceable or not allowable due to the existence of an Insolvency Proceeding involving any Grantor.

4. SECURITY AGREEMENT. The Security Interest granted pursuant to this Patent
Security Agreement is granted in conjunction with the security interests granted to Agent, for its benefit
and the benefit of the Noteholders, pursuant to the Security Agreement. Each Grantor hereby
acknowledges and affirms that the rights and remedies of Agent with respect to the Security Interest in the
Patent Collateral made and granted hereby are more fully set forth in the Security Agreement, the terms
and provisions of which are incorporated by reference herein as if fully set forth herein. To the extent
there is any inconsistency between this Patent Security Agreement and the Security Agreement, the
Security Agreement shall control.

5. AUTHORIZATION TO SUPPLEMENT. If any Grantor shall obtain rights to any new
patent application or issued patent or become entitled to the benefit of any patent application or patent for
any improvement, divisional, continuation, continuation-in-part, reissue, or reexamination of any existing
patent or patent application, or any inventions covered thereby, the provisions of this Patent Security
Agreement shall automatically apply thereto. Grantors hereby authorize Agent unilaterally to modify this
Patent Security Agreement by amending Schedule I to include any such new patent rights of each
Grantor. Notwithstanding the foregoing, no failure to so modify this Patent Security Agreement or amend
Schedule I shall in any way affect, invalidate or detract from Agent’s continuing security interest in all
Collateral, whether or not listed on Schedule 1.

6. COUNTERPARTS. This Patent Security Agreement is a Note Document. This Patent
Security Agreement may be executed in any number of counterparts and by different parties on separate
counterparts, each of which, when executed and delivered, shall be deemed to be an original, and all of
which, when taken together, shall constitute but one and the same Patent Security Agreement. Delivery
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of an executed counterpart of this Patent Security Agreement by telefacsimile or other electronic method
of transmission shall be equally as effective as delivery of an original executed counterpart of this Patent
Security Agreement. Any party delivering an executed counterpart of this Patent Security Agreement by
telefacsimile or other electronic method of transmission also shall deliver an original executed counterpart
of this Patent Security Agreement but the failure to deliver an original executed counterpart shall not
affect the validity, enforceability, and binding effect of this Patent Security Agreement.

7. CHOICE OF LAW AND VENUE. JURY TRIAL WAIVER. THIS PATENT
SECURITY AGREEMENT SHALL BE SUBJECT TO THE PROVISIONS REGARDING CHOICE OF
LAW AND VENUE AND JURY TRIAL WAIVER SET FORTH IN SECTIONS 8.16. 8.17 AND 8.18
OF THE SECURITY AGREEMENT, AND SUCH PROVISIONS ARE INCORPORATED HEREIN BY
THIS REFERENCE, MUTATIS MUTANDIS.

8. ORIGINAL PATENT SECURITY AGREEMENT AMENDED AND RESTATED.
This Patent Security Agreement is an amendment and restatement of the Original Patent Security
Agreement. This Patent Security Agreement is in no way intended to constitute a novation of the Original
Patent Security Agreement or the “Obligations” (as defined in the Existing Note Purchase Agreement and
the July 2015 Note Purchase Agreement). Any security granted pursuant to or in connection with the
Original Patent Security Agreement and the other documents executed in connection therewith shall
continue to secure the Secured Obligations.

[signature page follows]
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IN WITNESS WHEREQOF, the parties hereto have caused this Patent Security Agreement to be
executed and delivered as of the day and year first above written.

GRANTORS: ALIPHCOM,
a California corporation

o DocuSigned by:

Hoaceis Faliman
TIOMAA, Pl

BT D2

Name: Hosain Rahman
Title: Chief Executive Officer

ALIPH, INC.,

a Delaware corporation
_,.---~D(u:u§igna(i h)",‘
e Nalwan

BY: . sesmormsroren

Name: Hosain Rahman

Title: Chief Executive Officer

MACGYVER ACQUISITION, LLC,
a Delaware limited liability company
by ALIRE(LIMsas sole member

{ : y

@ f
N : T
i HEW R&ii.uﬁ‘\,f\{:\.\

§
By
UI:‘OL)OI'.:‘\I OTUIRLTS

Name: Hosain Rahman
Title: Chief Executive Officer

BODYMEDIA, INC.,
a Delaware corporation
ooDracnSiged by:‘
Fataite, Ealusatn
By: s JEADISFA187 02400
Name: Hosain Rahman
Title: Chief Executive Officer

PROJECT PARIS ACQUISITION LLC, a
Delaware limited liability company
by ALIPHCEMymasussple member

&%

WAL :‘{ §'" -§~ Ax Y
IOV, PRI,

By. TEAE e FAT ST At

Name: Hosain Rahman
Title: Chief Executive Officer

[SIGNATURE PAGE TO AMENDED AND RESTATED PATENT SECURITY AGREEMENT]
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AGENT:

ACCEPTED AND ACKNOWLEDGED BY!

BLACKROCK ADVISORS, LIC

By: LMWW
Name: {154, §'3R§Wf‘if§-f

Title: NMARLAYE et §
0

» § e i
ey & L L et §
@B i2ed Syadiong.

{SIGNATURE PAGE TO AMENDED AND RESTATED PATENT SECURITY AGREEMENT]
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SCHEDULE I
to
PATENT SECURITY AGREEMENT

Patents

Current Owner Country | Patent No. Application No. Filed
Aliph, Inc. u.s. 7246058B2 | 10159770 5/30/2002
Aliph, Inc. u.s. 13069244 3/22/2011
Aliph, Inc. u.s. 13069264 3/22/2011
Aliph, Inc. u.s. 13069275 3/22/2011
Aliph, Inc. u.s. 8,942,383 13753441 1/29/2013
Aliph, Inc. u.s. D0609901S | 29333427 3/9/2009
Aliph, Inc. u.s. D0610579S | 29333428 3/9/2009
Aliph, Inc. u.s. D0614179S | 29333430 3/9/2009
Aliph, Inc. u.s. D0609900S | 29333431 3/9/2009
Aliph, Inc. u.s. D0620247S | 29333432 3/9/2009
Aliphcom, Inc. u.s. 8467543B2 | 10400282 3/27/2003
Aliphcom, Inc. u.s. 8019091B2 | 10667207 9/18/2003
Aliphcom, Inc. u.s. 7433484B2 | 10769302 1/30/2004
Aliphcom, Inc. u.s. 8340309B2 | 11199856 8/8/2005
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Aliphcom u.s. 8810732B1 | 11704552 2/9/2007

Aliphcom u.s. 8839342B2 | 11859460 9/21/2007
Aliphcom u.s. 8320824B2 | 11860004 9/24/2007
Aliphcom u.s. 7929446 11969737 1/4/2008

Aliphcom u.s. 11982956 11/5/2007
Aliphcom u.s. 8489136B2 | 12006607 1/3/2008

AliphCom, Inc. u.s. 8055307 12039718 2/18/2008
Aliphcom, Inc. u.s. 8625816B2 | 12123364 5/19/2008
Aliphcom, Inc. u.s. 8503691B2 | 12139333 6/13/2008
Aliphcom, Inc. u.s. 8837746B2 | 12139344 6/13/2008
Aliphcom, Inc. u.s. 8494177B2 | 12139355 6/13/2008
Aliphcom, Inc. u.s. 8503692B2 | 12139361 6/13/2008
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Aliphcom, Inc. u.s. 8254617B2 | 12163592 6/27/2008
Aliphcom, Inc. u.s. 8280072B2 | 12163617 6/27/2008
Aliphcom, Inc. u.s. 12163647 6/27/2008
Aliphcom, Inc. u.s. 8477961B2 | 12163675 6/27/2008
Aliphcom, Inc. u.s. 8130984B2 | 12243718 10/1/2008
Aliphcom, Inc. u.s. 8503596B2 | 12244670 10/2/2008
Aliphcom, Inc. u.s. 8452347B2 | 12354689 1/15/2009
Aliphcom, Inc. u.s. 8326611B2 | 12606140 10/26/2009
Aliphcom, Inc. u.s. 8321213B2 | 12606146 10/26/2009
Aliphcom, Inc. u.s. 12756051 4/7/2010
Aliphcom, Inc. u.s. 8503686B2 | 12772947 5/3/2010
Aliphcom, Inc. u.s. 8452023B2 | 12772963 5/3/2010
Aliphcom, Inc. u.s. 8488803B2 | 12772975 5/3/2010
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Aliphcom, Inc. us. 8699721B2 | 12826643 6/29/2010
Aliphcom, Inc. us. 8731211B2 | 12826658 6/29/2010
Aliphcom, Inc. us. 834284882 | 12832482 9/15/2010
Aliphcom, Inc. us. 9003429 12886919 9/21/2010
Aliphcom, Inc. us. 13037057 2/28/2011
AliphCom us. 13109839 5/17/2011
Aliphcom, Inc. us. 881764282 | 13117539 5/27/2011
Aliphcom, Inc. us. 13135728 7/12/2011
Aliphcom, Inc. us. 13158372 6/10/2011
Aliphcom, Inc. us. 13158416 6/11/2011
Aliphcom us. 13180000 7/11/2011
Aliphcom us. 879352282 | 13180320 7/11/2011
Aliphcom us. 13181486 7/12/2011
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Aliphcom u.S. 13181500 7/12/2011
Aliphcom u.s. 13181511 7/12/2011
Aliphcom u.S. 13181512 7/12/2011
Aliphcom u.s. 13181513 7/12/2011
Aliphcom u.S. 8838184B2 | 13184422 7/15/2011
Aliphcom u.s. 13209047 8/12/2011
AliphCom, Inc. u.S. 8509690B2 | 13246617 9/27/2011
Aliphcom u.s. 13247975 9/28/2011
Aliphcom u.S. 8804986B2 | 13270976 10/11/2011
Aliphcom u.s. 13346719 1/9/2012
Aliphcom u.S. 13361919 1/30/2012
Aliphcom u.s. 13374746 1/9/2012
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Aliphcom u.S. 13405240 2/25/2012
Aliphcom u.s. 13405241 2/25/2012
Aliphcom u.S. 13420568 3/14/2012
Aliphcom u.s. 13421576 3/15/2012
Aliphcom u.S. 8529811B2 | 13427839 3/22/2012
Aliphcom, Inc. u.s. 13431725 3/27/2012
Aliphcom u.S. 13433204 3/28/2012
Aliphcom u.s. 13433208 3/28/2012
Aliphcom u.S. 13433213 3/28/2012
Aliphcom, Inc. u.s. 8682018B2 | 13436765 3/30/2012
Aliphcom, Inc. u.S. 8446275B2 | 13454040 4/23/2012
Aliphcom u.s. 13491345 6/7/2012
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Aliphcom u.s. 13491524 6/7/2012

Aliphcom u.S. 13492770 6/8/2012

Aliphcom u.s. 13492776 6/8/2012

Aliphcom u.S. 13492857 6/9/2012

Aliphcom u.s. 13528830 6/20/2012
AliphCom u.s. 13552462 7/18/2012
Aliphcom u.s. 13561033 7/28/2012
AliphCom u.s. 13627997 9/26/2012
AliphCom, Inc. u.s. 13666932 11/1/2012
AliphCom, Inc. u.s. 13669356 11/5/2012
AliphCom, Inc. u.s. 13669369 11/5/2012
AliphCom, Inc. u.s. 13669375 11/5/2012
AliphCom u.s. 13670419 11/6/2012
AliphCom u.s. 13672392 11/8/2012
Aliphcom u.s. 13672398 11/8/2012
AliphCom u.s. 13672451 11/8/2012
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Aliphcom u.s. 13672671 11/8/2012
AliphCom u.s. 13673846 11/9/2012
AliphCom us. 13673857 11/9/2012
AliphCom u.s. 13674080 11/11/2012
AliphCom u.s. 893465482 | 13802266 3/13/2013
AliphCom u.s. 13802283 3/13/2013
AliphCom u.s. 13802305 3/13/2013
AliphCom u.s. 13802319 3/13/2013
AliphCom u.s. 13802409 3/13/2013
AliphCom u.s. 13802425 3/13/2013
AliphCom us. 13802442 3/13/2013
Aliphcom, Inc. u.s. 13802528 3/13/2013
AliphCom u.s. 13802646 3/13/2013
Aliphcom u.s. 13802674 3/13/2013
Aliphcom u.s. 13802689 3/13/2013
Aliphcom u.s. 13827683 3/14/2013
AliphCom u.s. 13827754 3/14/2013
AliphCom u.s. 13830770 3/14/2013
Aliphcom u.s. 13830860 3/14/2013
Aliphcom u.s. 13830927 3/14/2013
Aliphcom u.s. 13831139 3/14/2013
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AliphCom u.s. 13831260 3/14/2013
AliphCom us. 13831301 3/14/2013
AliphCom u.s. 13831447 3/14/2013
Aliphcom u.s. 13831485 3/14/2013
AliphCom u.s. 13831689 3/15/2013
AliphCom u.s. 13831698 3/15/2013
Aliphcom us. 13871843 4/26/2013
AliphCom u.s. 13886173 5/2/2013

Aliphcom u.s. 13886254 5/2/2013

AliphCom u.s. 13890143 5/8/2013

AliphCom u.s. 13894850 5/15/2013
Aliphcom u.s. 13898451 5/20/2013
AliphCom u.s. 13898465 5/20/2013
AliphCom us. 13898472 5/21/2013
AliphCom us. 13898474 5/21/2013
AliphCom u.s. 13900943 5/23/2013
AliphCom u.s. 13906109 5/30/2013
AliphCom u.s. 13906244 5/30/2013
AliphCom us. 13917225 6/13/2013
Aliphcom us. 13919307 6/17/2013
Aliphcom u.s. 13919339 6/17/2013
AliphCom us. 13919919 6/17/2013
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AliphCom u.s. 13929718 6/27/2013
Aliphcom u.s. 13942503 7/15/2013
Aliphcom us. 13942623 7/15/2013
Aliphcom u.s. 13942674 7/15/2013
Aliphcom, Inc. us. 13948160 7/22/2013
AliphCom u.s. 13952532 7/26/2013
AliphCom u.s. 13952552 7/26/2013
AliphCom u.s. 13954331 7/30/2013
AliphCom u.s. 13954367 7/30/2013
AliphCom us. 13957383 8/1/2013
Aliphcom u.s. 13959707 8/5/2013
Aliphcom, Inc. u.s. 13959708 8/5/2013
Aliphcom us. 13959709 8/5/2013
AliphCom u.s. 13967317 8/14/2013
AliphCom u.s. 14029300 9/17/2013
AliphCom u.s. 14058125 10/18/2013
AliphCom u.s. 14064189 10/27/2013
AliphCom u.s. 14065393 10/28/2013
AliphCom u.s. 14065400 10/28/2013
AliphCom u.s. 14065415 10/28/2013
AliphCom u.s. 14065419 10/29/2013
AliphCom u.s. 14067444 10/30/2013
AliphCom u.s. 14068551 10/31/2013
AliphCom u.s. 14069008 10/31/2013
AliphCom u.s. 14069031 10/31/2013
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AliphCom us. 14070437 11/1/2013
Aliphcom us. 14070443 11/1/2013
AliphCom us. 14070446 11/1/2013
AliphCom us. 14070452 11/1/2013
AliphCom us. 14071531 11/4/2013
AliphCom us. 14071546 11/4/2013
AliphCom us. 14073550 11/6/2013
AliphCom u.s. 14073696 11/6/2013
AliphCom us. 14075523 11/8/2013
AliphCom us. 14076014 11/8/2013
AliphCom us. 14079632 11/13/2013
AliphCom us. 14105119 12/12/2013
AliphCom us. 14105127 12/12/2013
AliphCom us. 14105146 12/12/2013
AliphCom us. 14105157 12/12/2013
AliphCom us. 14105159 12/12/2013
AliphCom us. 14105172 12/12/2013
AliphCom us. 14105173 12/12/2013
AliphCom us. 14144494 12/30/2013
AliphCom us. 14144499 12/30/2013
AliphCom us. 14144505 12/30/2013
AliphCom us. 14144512 12/30/2013
AliphCom us. 14144513 12/30/2013
AliphCom us. 14144514 12/30/2013
AliphCom us. 14144516 12/30/2013
AliphCom us. 14144517 12/30/2013
AliphCom us. 14144518 12/30/2013
AliphCom us. 14144519 12/30/2013
AliphCom us. 14144521 12/30/2013
AliphCom us. 14144524 12/30/2013
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AliphCom u.s. 14145849 12/31/2013
AliphCom u.s. 14145852 12/31/2013
AliphCom u.s. 14145856 12/31/2013
Aliphcom u.s. 14145879 12/31/2013
AliphCom u.s. 14145887 12/31/2013
AliphCom u.s. 14145894 12/31/2013
AliphCom u.s. 14149805 1/7/2014
AliphCom u.s. 14181589 2/14/2014
AliphCom u.s. 14181595 2/18/2014
AliphCom u.s. 14183425 2/18/2014
AliphCom u.s. 14183463 2/18/2014
AliphCom u.s. 14183472 2/18/2014
AliphCom u.s. 14183490 2/18/2014
AliphCom u.s. 14183491 2/18/2014
AliphCom u.s. 14183493 2/18/2014
AliphCom u.s. 14187317 2/23/2014
AliphCom u.s. 14188602 2/24/2014
AliphCom u.s. 14191284 2/26/2014
AliphCom u.s. 14192432 2/27/2014
AliphCom u.s. 14192463 2/27/2014
AliphCom u.s. 14192610 2/27/2014
AliphCom u.s. 14192620 2/27/2014
AliphCom u.s. 14194424 2/28/2014
AliphCom u.s. 14194495 2/28/2014
AliphCom u.s. 14203464 3/10/2014
AliphCom u.s. 14203467 3/10/2014
AliphCom u.s. 14205138 3/11/2014
AliphCom u.s. 14205151 3/11/2014
AliphCom u.s. 14205215 3/11/2014
AliphCom u.s. 14205263 3/11/2014
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AliphCom u.s. 14207183 3/12/2014
AliphCom u.s. 14207203 3/12/2014
AliphCom u.s. 14207221 3/12/2014
AliphCom u.s. 14207235 3/12/2014
AliphCom u.s. 14207243 3/12/2014
AliphCom u.s. 14207263 3/12/2014
AliphCom u.s. 14207420 3/12/2014
AliphCom u.s. 14207429 3/12/2014
AliphCom u.s. 14209329 3/13/2014
AliphCom u.s. 14209690 3/13/2014
AliphCom u.s. 14209959 3/13/2014
AliphCom u.s. 14210201 3/13/2014
AliphCom u.s. 14210234 3/13/2014
AliphCom u.s. 14212832 3/14/2014
AliphCom u.s. 14213439 3/14/2014
AliphCom u.s. 14214065 3/14/2014
AliphCom u.s. 14214086 3/14/2014
AliphCom u.s. 14214254 3/14/2014
AliphCom u.s. 14215038 3/16/2014
AliphCom u.s. 14215047 3/16/2014
AliphCom u.s. 14215051 3/16/2014
AliphCom u.s. 14219648 3/19/2014
Aliphcom, Inc. u.s. 14224868 3/25/2014
AliphCom u.s. 14225339 3/25/2014
AliphCom u.s. 14243747 4/2/2014

AliphCom u.s. 14244677 4/3/2014

AliphCom u.s. 14244759 4/3/2014

AliphCom u.s. 14246971 4/7/2014

AliphCom u.s. 14260221 4/23/2014
AliphCom u.s. 14266697 4/30/2014
AliphCom u.s. 14270242 5/5/2014

AliphCom u.s. 14270249 5/5/2014
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AliphCom u.s. 14272464 5/7/2014
AliphCom u.s. 14279253 5/15/2014
AliphCom u.s. 14281856 5/19/2014
AliphCom u.s. 14289617 5/28/2014
AliphCom u.s. 14301220 6/10/2014
AliphCom u.s. 14301227 6/10/2014
AliphCom us. 14313895 6/24/2014
AliphCom u.s. 14328665 7/10/2014
AliphCom u.s. 14389766 9/30/2014
AliphCom u.s. 14421815 2/13/2015
AliphCom u.s. 14445051 7/28/2014
AliphCom u.s. 14452496 8/5/2014
AliphCom u.s. 14457051 8/11/2014
AliphCom u.s. 14463556 8/19/2014
AliphCom u.s. 14468327 8/25/2014
AliphCom, Inc. u.s. D0582398S | 29299133 12/19/2007
AliphCom, Inc. u.s. D0584294S | 29299134 12/19/2007
AliphCom, Inc. u.s. D0582898S | 29299135 12/19/2007
AliphCom, Inc. u.s. D0585881S | 29299139 12/19/2007
Aliphcom u.s. D0632674S | 29353843 1/14/2010
Aliphcom u.s. D0632675S | 29353844 1/14/2010
Aliphcom u.s. D0645026S | 29353846 1/14/2010
Aliphcom u.s. D0632676S | 29353847 1/14/2010
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Aliphcom u.s. D0633480S | 29354212 1/20/2010
Aliphcom u.s. D0648709S | 29377627 10/22/2010
Aliphcom u.s. D0648726S | 29377628 10/22/2010
Aliphcom u.s. D0645024S | 29378325 11/2/2010
AliphCom u.s. D0655689S | 29378327 11/2/2010
AliphCom u.s. D0652019S | 29378328 11/2/2010
AliphCom u.s. D0652020S | 29378329 11/2/2010
AliphCom u.s. D0641341S | 29383495 1/18/2011
AliphCom u.s. D0664948S | 29383712 1/20/2011
AliphCom u.s. D0664949S | 29383714 1/20/2011
AliphCom u.s. D0653149S | 29393916 6/10/2011
AliphCom u.s. D0695758S | 29405617 11/3/2011
AliphCom u.s. D0696272S | 29405623 11/3/2011
AliphCom u.s. D0695759S | 29405625 11/3/2011
AliphCom u.s. D0695760S | 29405626 11/3/2011
AliphCom u.s. D0695761S | 29405627 11/3/2011
AliphCom u.s. D0696273S | 29405628 11/3/2011
AliphCom u.s. D0696274S | 29405630 11/3/2011
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AliphCom u.s. D0695762S | 29405631 11/3/2011
AliphCom u.s. D0699252S | 29405633 11/3/2011
AliphCom u.s. D0695763S | 29405634 11/3/2011
AliphCom u.s. D0696275S | 29405635 11/3/2011
AliphCom u.s. D0695764S | 29405636 11/3/2011
AliphCom u.s. D0695765S | 29405637 11/3/2011
AliphCom u.s. D0695766S | 29405638 11/3/2011
AliphCom u.s. D0695767S | 29405639 11/3/2011
AliphCom u.s. D0695768S | 29405640 11/3/2011
AliphCom u.s. D0695769S | 29405641 11/3/2011
AliphCom u.s. D0695770S | 29405642 11/3/2011
AliphCom u.s. D0695771S | 29405643 11/3/2011
AliphCom u.s. D0695772S | 29405644 11/3/2011
AliphCom u.s. D0695773S | 29405645 11/3/2011
AliphCom u.s. D0696276S | 29405646 11/3/2011
AliphCom u.s. D0678864S | 29413571 2/16/2012
AliphCom u.s. D0678865S | 29413572 2/16/2012
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AliphCom u.s. D0678244S | 29413573 2/16/2012
AliphCom u.s. D0698757S | 29445283 2/8/2013
AliphCom u.s. D0698758S | 29445286 2/8/2013
AliphCom u.s. D0698759S | 29445287 2/8/2013
AliphCom u.s. D0710325S | 29459899 7/3/2013
AliphCom u.s. D0713389S | 29459900 7/3/2013
AliphCom u.s. 62019327 6/30/2014
AliphCom u.s. 62067428 10/22/2014
AliphCom u.s. 62107411 1/25/2015
AliphCom u.s. 14/121,355 8/22/2014
AliphCom u.s. 14/121,463 9/8/2014
AliphCom u.s. 14/121,465 9/8/2014
AliphCom u.s. 14/121,938 11/4/2014
AliphCom u.s. 14/121,939 11/4/2014
AliphCom u.s. 14/121,940 11/4/2014
AliphCom u.s. 14/121,941 11/4/2014
AliphCom u.s. 14/121,942 11/4/2014
AliphCom u.s. 14/121,943 11/4/2014
AliphCom u.s. 14/121,944 11/4/2014
AliphCom u.s. 14/121,947 11/4/2014
AliphCom u.s. 14/121,948 11/4/2014
AliphCom u.s. 14/313901 6/24/2014
AliphCom u.s. 14/480,048 9/8/2014
AliphCom u.s. 14/480,070 9/8/2014
AliphCom u.s. 14/480,427 9/8/2014
AliphCom u.s. 14/480,446 9/8/2014
AliphCom u.s. 14/480,452 9/8/2014
AliphCom u.s. 14/480,462 9/8/2014
AliphCom u.s. 14/480,628 9/8/2014
AliphCom u.s. 14/486,978 9/15/2014
AliphCom u.s. 14/486,997 9/15/2014
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AliphCom u.s. 14/488,042 9/16/2014
AliphCom u.s. 14/493,298 9/22/2014
AliphCom u.s. 14/519,116 10/20/2014
AliphCom u.s. 14/526,503 10/28/2014
AliphCom u.S. 14/532,789 11/4/2014
AliphCom u.s. 14/541,064 11/13/2014
AliphCom u.s. 14/541,134 11/13/2014
AliphCom u.s. 14/541,135 11/13/2014
AliphCom u.s. 14/578,297 12/19/2014
AliphCom u.s. 14/596,127 1/13/2015
AliphCom u.s. 14/606,995 1/27/2015
AliphCom u.s. 14/637,387 3/3/2015
AliphCom u.s. 14/640,013 3/5/2015
AliphCom u.s. 14/656,683 3/12/2015
AliphCom u.s. 14/659,521 3/16/2015
BodyMedia, Inc. u.s. 6,527,711 | 9419600 10/18/1999
BodyMedia, Inc. u.s. 7,689,437 | 9595660 6/16/2000
BodyMedia, Inc. u.s. 6605038B1 | 9602537 6/23/2000
BodyMedia, Inc. u.s. 9620579 7/20/2000
BodyMedia, Inc. u.s. 659592982 | 9822890 3/30/2001
BodyMedia, Inc. u.s. 726169082 | 9923181 8/6/2001
BodyMedia, Inc. u.s. 702050882 | 10227575 8/22/2002
Bodymedia, Inc. u.s. 715326282 | 10313255 12/6/2002
BodyMedia u.s. 10612894 7/7/2003
BodyMedia, Inc. u.s. 8157731B2 | 10682293 10/9/2003
BodyMedia, Inc. u.s. 728509082 | 10682759 10/9/2003
BodyMedia, Inc. u.s. 839854682 | 10940214 9/13/2004
BodyMedia, Inc. u.s. 750264382 | 10940889 9/13/2004
BodyMedia, Inc. u.s. 866310682 | 11088002 3/22/2005
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Bodymedia, Inc. us. 11239748 9/30/2005
Bodymedia, Inc. us. 8073707 11247049 10/11/2005
Bodymedia, Inc. us. 8961413 11434949 5/16/2006
Bodymedia, Inc. us. 8403845 11481147 7/5/2006
BodyMedia, Inc. us. 11582896 10/17/2006
Bodymedia, Inc. us. 896141482 | 11724373 3/15/2007
Bodymedia, Inc. us. 7,959,567 | 11876623 10/22/2007
Bodymedia, Inc. us. 11925906 10/27/2007
BodyMedia, Inc. us. 870890482 | 11925965 10/28/2007
Bodymedia, Inc. us. 11928039 10/30/2007
Bodymedia, Inc. us. 11930036 10/30/2007
Bodymedia, Inc. us. 11930053 10/30/2007
Bodymedia, Inc. us. 11930081 10/30/2007
Bodymedia, Inc. us. 864161282 | 11930091 10/31/2007
Bodymedia, Inc. us. 8,968,196 | 11930092 10/31/2007
Bodymedia, Inc. us. 885209882 | 11930094 10/31/2007
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BodyMedia, Inc. u.s. 12033722 2/19/2008
BodyMedia, Inc. u.s. 12033731 2/19/2008
BodyMedia, Inc. u.s. 12033741 2/19/2008
BodyMedia, Inc. u.s. 12033746 2/19/2008
BodyMedia, Inc. u.s. 12033751 2/19/2008
BodyMedia, Inc. u.s. 8382590B2 | 12033753 2/19/2008
BodyMedia, Inc. u.s. 8275635B2 | 12033760 2/19/2008
BodyMedia, Inc. u.s. 12033766 2/19/2008
BodyMedia u.s. 12352911 1/13/2009
BodyMedia, Inc. u.s. 8369936B2 | 12840109 7/20/2010
BodyMedia, Inc. u.s. 13130282 6/18/2012
Virginia

Commonwealth

University

Bodymedia, Inc. u.s. 8870766 13291879 11/8/2011
Bodymedia, Inc. u.s. 13291982 11/8/2011
BodyMedia, Inc. u.s. 13734433 1/4/2013
BodyMedia, Inc. u.s. 13761409 2/7/2013
BODYMEDIA, INC. u.s. 13761557 2/7/2013
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BodyMedia, Inc. u.S. 14058485 10/21/2013
BodyMedia, Inc. u.S. 14058493 10/21/2013
BodyMedia, Inc. U.S. 8979763 14058501 10/21/2013
BodyMedia, Inc. u.s. 14058563 10/21/2013
BodyMedia, Inc. u.S. 14059054 10/21/2013
BodyMedia, Inc. U.S. 14059072 10/21/2013
BodyMedia, Inc. u.s. 14059117 10/21/2013
BODYMEDIA, INC. u.S. 14060004 10/22/2013
BodyMedia, Inc. u.S. 14060010 10/22/2013
BodyMedia, Inc. u.S. 14060029 10/22/2013
BodyMedia, Inc. us. 14060047 10/22/2013
BodyMedia, Inc. u.s. 14060072 10/22/2013
BodyMedia, Inc. u.S. 14060082 10/22/2013
BodyMedia, Inc. U.S. 14060092 10/22/2013
BODYMEDIA, INC. u.s. 14060122 10/22/2013
BodyMedia, Inc. u.S. 14081369 11/15/2013
BodyMedia, Inc. u.S. 14081406 11/15/2013
BodyMedia, Inc. u.S. 14081880 11/15/2013
BodyMedia, Inc. us. 14081889 11/15/2013
BodyMedia, Inc. u.s. 14081901 11/15/2013
BodyMedia, Inc. U.S. 14081928 11/15/2013
BodyMedia, Inc. U.S. 14081935 11/15/2013
BodyMedia, Inc. u.s. 14081942 11/15/2013
BodyMedia, Inc. u.S. 14081951 11/15/2013
BodyMedia, Inc. u.S. 14081956 11/15/2013
BodyMedia, Inc. u.S. 14081967 11/15/2013
BodyMedia, Inc. U.S. 14081972 11/15/2013
BodyMedia, Inc. u.s. 14081979 11/15/2013
BodyMedia, Inc. u.S. 14082070 11/15/2013
BodyMedia, Inc. U.S. 14082176 11/17/2013
BodyMedia, Inc. u.s. 14082178 11/17/2013
BodyMedia, Inc. u.S. 14082179 11/17/2013
BODYMEDIA, INC. u.S. 14082180 11/17/2013
BodyMedia, Inc. u.S. 14082183 11/17/2013
BODYMEDIA, INC. u.S. 14082185 11/17/2013
BodyMedia, Inc. u.s. 14082186 11/17/2013
BodyMedia, Inc. u.S. 14082188 11/17/2013
BodyMedia, Inc. U.S. 14082189 11/17/2013
BodyMedia, Inc. u.s. 14082190 11/17/2013
BodyMedia, Inc. u.S. 14082192 11/17/2013
BodyMedia, Inc. u.S. 14083372 11/18/2013
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BodyMedia, Inc. u.S. 14083382 11/18/2013
BodyMedia, Inc. u.S. 14083389 11/18/2013
BodyMedia, Inc. U.S. 14083397 11/18/2013
BodyMedia, Inc. u.s. 14083401 11/18/2013
BodyMedia, Inc. u.S. 14083404 11/18/2013
BodyMedia, Inc. U.S. 14083407 11/18/2013
BodyMedia, Inc. u.s. 14133607 12/18/2013
BodyMedia, Inc. u.S. 14133610 12/18/2013
BodyMedia, Inc. u.S. 14133612 12/18/2013
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BodyMedia, Inc. u.s. 14133626 12/18/2013
BodyMedia, Inc. u.S. 14133634 12/18/2013
BodyMedia, Inc. u.S. 14133638 12/19/2013
BodyMedia, Inc. u.S. 14133640 12/19/2013
BodyMedia, Inc. us. 14133641 12/19/2013
BodyMedia, Inc. us. 14136750 12/20/2013
BodyMedia, Inc. U.S. 14137027 12/20/2013
BodyMedia, Inc. U.S. 14137087 12/20/2013
BodyMedia, Inc. u.s. 14137126 12/20/2013
BodyMedia, Inc. u.S. 14137233 12/20/2013
BodyMedia, Inc. u.S. 14138030 12/21/2013
BodyMedia, Inc. u.S. 14138033 12/21/2013
BodyMedia, Inc. U.S. 14138042 12/21/2013
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BodyMedia, Inc. u.S. 14249211 4/9/2014

BodyMedia u.S. 14249235 4/9/2014

BodyMedia, Inc. U.S. 14249262 4/9/2014

BodyMedia, Inc. u.s. 14249290 4/9/2014
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BodyMedia, Inc. U.S. 14285194 5/22/2014
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-63 -




u.s. 29466527 9/9/2013
u.s. 29466531 9/9/2013
u.s. 29466534 9/9/2013
u.s. 29466536

u.s. 29466539

u.s. 29470963 10/25/2013
u.s. 29470964 10/25/2013
u.s. 29470965 10/25/2013
u.s. 29470966

u.s. 29470967

u.s. 29470968

u.s. 29477005

u.s. 29477006

u.s. 29/478,533 1/6/2014
u.s. 29/479,052 1/10/2014
u.s. 29/479,055 1/10/2014
u.s. 29/479,058 1/10/2014
u.s. 29/479,060 1/10/2014
u.s. 29/479,064 1/10/2014
u.s. 29/479,066 1/10/2014
u.s. 29/479,069 1/10/2014
u.s. 29/479,071 1/10/2014
u.s. 29/479,074 1/10/2014
u.s. 29/479,077 1/10/2014
u.s. 29/479,078 1/10/2014
u.s. 29/479,079 1/10/2014
u.s. 29/482,849 2/21/2014
u.s. 29/482,850 2/21/2014
u.s. 29/482,851 2/21/2014
u.s. 29/482,852 2/21/2014
u.s. 29/482,854 2/21/2014
u.s. 29/482,855 2/21/2014
u.s. 29/482,856 2/21/2014
u.s. 29/485,103 3/14/2014
u.s. 29/485,118 3/16/2014
u.s. 29/495,368 6/30/2014
u.s. 29/495,369 6/30/2014
u.s. 29/495,373 6/30/2014
u.s. 29/495,376 6/30/2014
u.s. 29/495,380 6/30/2014
u.s. 29/495,384 6/30/2014

-64 -




u.s. 29/495,387 6/30/2014
u.s. 29/495,389 6/30/2014
u.s. 29/495,390 6/30/2014
u.s. 29/495,394 6/30/2014
u.s. 29/495,395 6/30/2014
u.s. 29/495,397 6/30/2014
u.s. 29/495,399 6/30/2014
u.s. 29/495,400 6/30/2014
u.s. 29/495,404 6/30/2014
u.s. 29/495,405 6/30/2014
u.s. 29/495,406 6/30/2014
u.s. 29/495,407 6/30/2014
u.s. 29/495,669 7/2/2014
u.s. 29/495,670 7/2/2014
u.s. 29/495,674 7/2/2014
u.s. 29/508,180 11/4/2014
u.s. 29/508,184 11/4/2014
u.s. 29/508,185 11/4/2014
u.s. 29/508,187 11/4/2014
u.s. 29/508,193 11/4/2014
u.s. 29/508,196 11/4/2014
u.s. 29/508,200 11/4/2014
u.s. 29/508,205 11/4/2014
u.s. 29/508,207 11/4/2014
u.s. 29/516,012 1/28/2015
u.s. 29/516,014 1/28/2015
u.s. 29/516,015 1/28/2015
u.s. 29/516,016 1/28/2015
u.s. 29/516,017 1/28/2015
u.s. 29/517,054 2/9/2015
u.s. 29/517,056 2/9/2015

-65 -




Patent License

- 66 -



i\ UNITED STATES PATENT AND TRADEMARK OFFIGE

| APPLICATION NUMBER |

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uspto.gov

FILING OR 371(C) DATE I FIRST NAMED APPLICANT I

10/159,770

98195

Gregory & Sawrie LLP
2018 Bissonnet Street
Houston, TX 77005

ATTY. DOCKET NO./TITLE |
Gregory C. Burnett ALPH.P009

CONFIRMATION NO. 9714
POWER OF ATTORNEY NOTICE

T

Date Mailed: 12/12/2011

05/30/2002

NOTICE REGARDING CHANGE OF POWER OF ATTORNEY
This is in response to the Power of Attorney filed 11/30/2011.

* The Power of Attorney to you in this application has been revoked by the assignee who has intervened as
provided by 37 CFR 3.71. Future correspondence will be mailed to the new address of record(37 CFR 1.33).

[atesfai/

Office of Data Management, Application Assistance Unit (571) 272-4000, or (571) 272-4200, or 1-888-786-0101

page 1 of 1
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uspto.gov

| APPLICATION NUMBER | FILING OR 371(C) DATE | FIRST NAMED APPLICANT | ATTY. DOCKET NO./TITLE |
10/159,770 05/30/2002 Gregory C. Burnett ALPH.P009
CONFIRMATION NO. 9714
15516 POA ACCEPTANCE LETTER

Kokka & Backus, PC
OO A

703 Hight Street

Palo Alto, CA 94301
Date Mailed: 12/12/2011

NOTICE OF ACCEPTANCE OF POWER OF ATTORNEY

This is in response to the Power of Attorney filed 11/30/2011.

The Power of Attorney in this application is accepted. Correspondence in this application will be mailed to the
above address as provided by 37 CFR 1.33.

[atesfai/

Office of Data Management, Application Assistance Unit (571) 272-4000, or (571) 272-4200, or 1-888-786-0101

page 1 of 1
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PTO/SB/B0 (11-08)

Approvad for use through 11/30/2011, OMB 0861-0035

U.S, Palant end Trademark Office; U.8, DEPARTMENT OF COMMERCE

Under 1he Paparwork Reducllon Aot of 1085, no perdone ara required o respond fo & colleall tlon unlesa () ,' ys a valld OME cantrel number,

[

POWER OF ATTORNEY TO PROSECUTE APPLICATIONS BEFORE THE USPTO j

| heteby revoke all previous powers of attorney given in the appilcation ldehtlfled In the attached stafe'ment under
37 CFR 3.73(b).

| hereby appoint;

Practlfloners assoolated with the Customer Number: 16616
OR * .
D Practitioner(s) named helow (If more than tan patent practitfoners are fo be named, then a customer number must be used);

' Name Registration

Name Registration
Number

Number

as altorney(s) or agant(s) to repreaerlt the undersigned befora the Unlted Slates Patent and Tradem ark Offioa (USH (USPTO) In connectlon with
any and all patent applioations asslgned enly to the undersigned according to the USPTO assignment records or assignment documents
attached o this form In accordance with 37 CFR 8 73(b)

Please change the corespondonas addrass for the appncatlon identifled in the aftached statement under 37 CFR 3.73(b) to;

m 'The address assoolaled with Customer Number; | 15516
OR .

Flim of
| L indlidual Name
Addresa

o - Sel TZp
" Gountry * l

Talephone . | Emall

Asslghes Name and Address:

AliphCom, Inc
410 Jessle Street
8an Franoisco, Callfornia 94103

flled In each application In which this form s used, The statement under 37 GFR 3.73(h) may be complated by one of

A copy of this form, together with a statement under 37 CFR 3. 73(b) (Form PTO/SB!% or equlvalent) is required to be

the practitioners appolnted In thls form If the appointed practitioner is authorized to act on behalf of the assignee,
and must Identify the application In which this Power of Attorney is to be filed.

SIGNATURE of Asslgnee of Regord
The Individual whose s/@utme and title is supplled below is authorlzed to act on bebalf of the asslgnee

Signature W_\\___ Date 2 ~z~7R |)

Name / Michael Edward Smith Luna Telephone  (B77) 254-7426

The - Chief Technology Officer, AllphCom, Inc ik

Thia uo!lacilon of Informllon e requirad by 37 GFR 1,31, 1,32 and 1,33, The Informaiian s requlred to obtaln or retaln & bensfil by the public which s fo file (and
by Ihe USPTO fo p ) an'af i .(Ialny Is governed by 86 U.8,0, 122 and 37 CFR 1,11 and 4,14, ‘This collection ia aslimated {o teke 3 minules

to nomplata mm]mthgﬂng;mpgnng gng submitilng the complaled appllcalion form to the USPTO Time will vary depending upon the Individue! cage. Any

. commenls on the amouni of me you require to-aomplele thls form and/or suggeslions for reducing this burden, should be seni i (he Ghlef Informalion Officer,

U.8, Patent and Trademark Offlce, U.S, Depariment of Commares, PO, Box 1450, Alexandre, VA 22313+1460, DO NOT SEND FEES OR COMPLETED
FORMS TO THIS ADDRESS. SEND TQ: Commissioner for Patents, PO, Box 1440, Alexandria, VA 22313-1460,

If you need assistance In completing the form, oall 1-800-P70-9189 and select option 2.
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PTO/SB/96 (07-09)

Approved for use through 07/31/2012. OMB 0651-0031

U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERGCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

STATEMENT UNDER 37 CFR 3.73(b)

Applicant/Paterit Owner: Gregory C. Bumett

Application No./Patent No,: 10/159,770/7,246,058 Filed/Issue Date: 05/30/2002; 07/17/2007
Titled:
e DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND NONACOUSTIC SENSORS
AliphCom, Inc ,a Corporation
(Name of Assignee) (Type of Assignee, e.g., corporation, partnership, university, government agency, etc.

states that it is:

1. the assignee of the entire right, title, and interest in;

2. D an assignee of less than the entire right, title, and interest in
(The extent (by percentage) of its ownership interest is %); or
3. |:| the assignee of an undivided interest in the entirety of (a complete assignment from one of the joint inventors was made)
the patent application/patent identified above, by virtue of either:
A. An assignment from the inventor(s) of the patent application/patent identified above. The assignment was recorded in

the United States Patent and Trademark Office at Reel 013855 , Frame 0906 , or for which a
copy therefore is attached.

OR
B. D A chain of title from the inventor(s), of the patent application/patent identified above, to the current assignee as follows:

1. From; To:

The document was recorded in the United States Patent and Trademark Office at

Reel , Frame ° , or for which a copy thereof is aftached.
2. From: : To:

The document was recorded in the United States Patent and Trademark Office at

Reel , Frame , or for which a copy thereof is attached.
3. From: To:

The document was recorded in the United States Patent and Trademark Office at

Reel , Frame , or for which a copy thereof is attached.

D Additional documents in the chain of title are listed on a supplemental sheet(s).
As required by 37 CFR 3.73(b)(1)(i), the documentary evidence of the chain of title from the original owner to the assignee was,
or concurrently is being, submitted for recordation pursuant to 37 CFR 3.11.

[NOTE: A separate copy (i.e., a true copy of the original assignment document(s)) must be submitted to Assignment Division in
accordance with 37 CFR Part 3, to record the assignment in the records of the USPTO. See MPEP 302.08]

The undersigned (whose title is supplied below) is authorized to act on behalf of the assignee.

7 > December 2, 2011
Sig’r'fature N4 Date

Scott S, Kokka Attorney of Record
Printed or Typed Name Title

This collection of information is required by 37 CFR 3.73(b). The information is required to obtain or retain a benefit by the public which is to file (and by the USPTO to
process) an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1.11 and 1.14, This collection is estimated to take 12 minutes to-complete, including
gathering, preparing, and submiiting the completed application form to the USPTO. Time will vary depending upon the individual case. Any comments on the amount of time
you require to complete this form and/or suggestions for reducing this burden, should be sent {o the Chief Information Officer, U.S. Patent and Trademark Office, U.S.
Departmeni of Commerce, P.O. Box 1450, Alexandria, VA 22313-1450. DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Commissioner
for Patents, P.O. Box 1450, Alexandria, VA 22313-1450.

If you need assistance in completing the form, call 1-800-PTO-9199 and select option 2.
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Electronic Acknowledgement Receipt

EFS ID: 11537223
Application Number: 10159770
International Application Number:
Confirmation Number: 9714

Title of Invention:

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND

NONACOQUSTIC SENSORS

First Named Inventor/Applicant Name:

Gregory C. Burnett

Customer Number:

98195

Filer:

Scott Susumu Kokka

Filer Authorized By:

Attorney Docket Number: ALPH.P009
Receipt Date: 02-DEC-2011
Filing Date: 30-MAY-2002
Time Stamp: 21:25:32

Application Type:

Utility under 35 USC 111(a)

Payment information:

Submitted with Payment

no

File Listing:

Document . . File Size(Bytes)/ Multi Pages
Number Document Description File Name Message Digest | Part/.zip| (if appl.)
385207
ALI-055_GPOA_and_stmt_37C
1 yes 2

FR373b_asfiled.pdf

Sad7a2bbcd8e5cf828594c1ef8d43cd181f5
154b
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Multipart Description/PDF files in .zip description
Document Description Start End
Power of Attorney 1 1
Assignee showing of ownership per 37 CFR 3.73(b). 2 2
Warnings:
Information:
Total Files Size (in bytes):| 385207

This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt similar to a
Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see 37 CFR
1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date shown on this
Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions of 35
U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the application as a
national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt, in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary components for
an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the International Application Number
and of the International Filing Date (Form PCT/RO/105) will be issued in due course, subject to prescriptions concerning
national security, and the date shown on this Acknowledgement Receipt will establish the international filing date of
the application.
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PTOISBIA0 (11-08)
Approved foruge through11/30/2011, OMB DB51-DDAB
U.8. Paterit and Trademark Offige; U.S, DEPARTMENT OF COMMERCE
Undetthe Paperwork: Reducllor Act of ‘[995, na'persons afa regulrad to respond 10 a eollegtion of Informatich unless It displays.a valld OMB esnliol nurber;

POWER OF ATTORNEY TO PROSECUTE APPLICATIONS BEFORE THE USPTO

\,

| higreby fevoke-all previous powers of: aﬂorney glven in the. apphcation identified inthe atfached statementurider: )
37 CFR.8,73(b).

I'hereby-appoint:

_ Pragtitichérs assoolated it lfie Customer Numbiar; 15516

OR
D Practlt«onat(s) Hamed biglow: (If rbre-itan.ten’ patent pracmluners aréto-be’ namad lhen 4 clistomer number must be used)

Name Reg|stration

Name ) Ragiétration
Nurnber .

Nurriber

as, attornay(s) or agent(s) to repr ' ) e ore the United Statés Patent and Tra»cje,“ : fﬁca (USPTO) In connecﬂon wllh
iy aid- gl patent applications a ed only 1. the. dersigned acoordu]g {0 the’'USPTE assngnmantrecords ol assignment documents
aftached {o-1his fornin accordance with:37 CER 3,73(b). )

Pléase phange,tha;corraspandenca ‘address for the-application identified Th the aftacigd! siatéfnet tinder'a7 GFR 3,73(6) tor

[z] The; eddress assoclatedwllh Custemer Numbar' ‘ 125516-
JOR

Firm:or
- Individual Name
Address:

Oy nE : — ' "Sta_te{ — ) 7p
Couniry

T ']E'm“’aﬁ"

Asslgnes Namé and Addrass;
AliphGon, Inc.

410 Jessle. Btreet, Unit: 804
Sén Franclseo, CA 94403

A copy of this: formy’ together w1th ‘a.statement: urider 37-CFR 3.73(b) {Form FTOISBI% or equivalent) is requlred to'be
filed in sach application'in which this: form is used, The statementunder 37 CFR 3:73(b) may be complsted hy one of
thie ractitioner .polnted In.t i fed-prac is Al orized.to Act onbehalf of the. assignet,.

SIGNATURE of Assignea of Rencrd
The individyal whose sigiiatuie. ‘and:itle g supphed ‘below iz iuthorized-to det ofi behalf.f the assignee

Srews || Ao P oo/l 20~z (]

Name z Michasl Edwaird:Smith Luna Telophone.  (877).264-7426

Title ‘Chief Technology Offlcer, AlipiCom, inc.

e —x MO A= A R
Thig gollection of lnrorrnauon 18 reqUired by-37-CFR 1.31; 1:32°and 1,33 The.Informatlon ‘s required to-oblaln oretain‘a benefit by the-public which'Js:fo fiig.(and
hythe USPTO to- process) an app!lcallon, Confidefitialily is-governed by 35'U,8.0; 122 aiid 37 OFR 1.1 and 1,94, This callecubn 18 salimated to. lake 3 mlnules,
ta complate, ircluding gathéring, prépaing, and submiling thé completed ,applk:allnn form to.the USPTO, Time Wil vaty teperiding upon e, individual case. Al

commenis-on the -amount, of fimie ynu require fo complete. thia form. and/or suggestlnns for reduicing thls:burdan, shou Id be.dent to:the Chief. infarmallon: Officer,
U.8. Ratenl and.Tradémark Office, U.S. Depatment:of Commaerce, P.O, Box1450; Alexandria; VA 22313-1450: DO-NOT.SEND FEES. OR’ COMPLETED

FORMS TQ THIS ADDRESS. SEND TO; Camiaissioner forPatents, P.0. Box 1450, Alexandria, VA 22313-1450,

E

if 'yqu-need-ess!srgnqe in complating the form, call 1~8007!,?TO-9_19_9 apd selactopfion 2:
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PTO/SB/96 (07-09)

Approved for use through 07/31/2012. OMB 0651-0031

U.S. Patent and Trademark Office; U.S, DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it displays a valid OMB control number.

STATEMENT UNDER 37 CFR 3.73(b)

Applicant/Patent Owner: Gregory C. Burnett
Application No./Patent No.: 10/159,770/7,246,058 Filed/lssue Date: 05/30/2002; 07/17/2007
Titled:

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND NONACOUSTIC SENSORS

AliphCom, Inc. ~a Corporation

(Name of Assignee) (Type of Assignee, e.g., corporation, partnership, university, government agency, etc,

states that it is:

1. the assignee of the entire right, title, and interest in;

2. [ ] an assignee of less than the entire right, title, and interest in
(The extent (by percentage) of its ownership interest is %); or
3. D the assignee of an undivided interest in the entirety of (a complete assignment from one of the joint inventors was made)

the patent application/patent identified above, by virtue of either:

A. An assignment from the inventor(s) of the patent application/patent identified above. The assignment was recorded in
the United States Patent and Trademark Office at Reel 013855 , Frame 0906 , or for which a
copy therefore is attached.

OR
B. D A chain of title from the inventor(s), of the patent application/patent identified above, to the current assignee as follows:

1. From: To:

The document was recorded in the United States Patent and Trademark Office at

Reel , Frame , or for which a copy thereof is attached.

2. From: To:

The document was recorded in the United States Patent and Trademark Office at

Reel , Frame ., or for which a copy thereof is attached.

3. From: To:

The document was recorded in the United States Patent and Trademark Office at

Reel , Frame or for which a copy thereof is attached.,

D Additional documents in the chain of title are listed on a supplemental sheet(s).
As required by 37 CFR 3.73(b)(1)(i), the documentary evidence of the chain of title from the original owner to the assignee was,
or concurrently is being, submitted for recordation pursuant to 37 CFR 3.11.

[NOTE: A separate copy (i.e., a true copy of the original assignment document(s)) must be submitted to Assignment Division in
accordance with 37 CFR Part 3, to record the assignment in the records of the USPTO, See MPEP 302.08]

The undersigned (whose title is supplied below) is authorized to act on behalf of the assignee.
, / November 30, 2011

Signature 7 Date
Scott S. Kokka Attorney of Record
Printed or Typed Name Title

This collection of information is required by 37 CFR 3.73(b). The information is required to obtain or retain a benefit by the public which is to file (and by the USPTO to
process) an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1,11 and 1.14. This collection is estimated to take 12 minutes te complete, including
gathering, preparing, and submitting the completed application form fo the USPTO. Time will vary depending upon the individual case. Any comments on the amount of time
you require to complete this form and/or suggestions for reducing this burden, should be sent to the Chief Information Officer, U.S. Patent and Trademark Office, U.S.
Department of Commerce, P.O. Box 1450, Alexandria, VA 22313-1450, DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Commissioner
for Patents, P.O. Box 1450, Alexandria, VA 22313-1450,

If you need assistance in completing the form, call 1-800-PT0-9199 and select option 2.
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Privacy Act Statement

The Privacy Act of 1974 (P.L. 93-579) requires that you be given certain information in connection
with your submission of the attached form related to a patent application or patent. Accordingly,
pursuant to the requirements of the Act, please be advised that: (1) the general authority for the
collection of this information is 35 U.S.C. 2(b)(2); (2) furnishing of the information solicited is voluntary;
and (3) the principal purpose for which the information is used by the U.S. Patent and Trademark

Office is to process and/or examine your submission related to a patent application or patent. If you do
riot furnish the requested information, the U.8. Patent and Trademark Office may not be able to
process and/or examine your submission, which may result in termination of proceedings or
abandonment of the application or expiration of the patent.

The information provided by you in this form will be subject to the following routine uses:

1.

The Information on this form will be treated confidentially to the extent allowed under the
Freedom of Information Act (5 U.8.C. 552) and the Privacy Act (5 U.S.C 552a). Records from
this system of records may be disclosed to the Department of Justice to deterinine whether
disclosure of these records is requited by the Freedom of Information Act.

A record from this system of records may be disclosed, as a routine use, in the course of
presenting evidence to a court, magistrate, or administrative tribunal, including disclosures to
opposing counsel in the course of settlement negotiations.

A record in this system of records may be disclosed, as a routine use, o a Member of
Congress submitting a request involving an individual, to whom the record pertains, when the
individual has requested assistance from the Member with respect 1o the subject matter of the
record.

A record in this system of records may be disclosed, as a routine use, to a contractor of the
Agency having need for the information in orderto perform a contract. Recipients of
information shall be required to comply with the requirements: of the Privacy Act of 1974, as
amended, pursuant to 5 U.8.C. 552a(m).

A record related to an International Application filed under the Patent Cooperation Treaty in
this systern of records may be disclosed, as a routine use, to the Infernational Bureau of the
World Intellectual Property Organization, pursuant to the Patent Cooperation Treaty.

A record inthis system of records may be disclosed, as a routine use, to another federal
agency for purposes of National Security review (36 U.5.C. 181) and for review pursuantfo
the Atomic Energy Act (42 U.38.C. 218(c)).

A record from this system of records may be: disclosed, as a routine use, 10 the Administrator,
(eneral Services, or his/her designee, during an inspection of records conducted by GSA as
partof that agency’s responsibility to recommend improvements in records management
practices and programs, under authority of 44 U.S.C. 2904 and 2908, Such disclosure shall
be made in accordance with the GSA regulations governing inspection of recards for this
purpose, and any other refevant (/.e.,, GSA or Commerce) directive. Such disclosure shall not
be used to make determinations about individuals.

A record from this system of records may be disclosed, as a-routine use, to the public after
gither publication of the application pursuant to. 35 U.8.C. 122(b) or issuance of a patent
pursuant to 38 U.8.C. 151. Further, a record may be disclosed, subject to the limitations: of 37
CFR 1.14, as a routine use, tothe public if the record was filed in an application which

became abandoned or in which the proceedings were terminated and which application is
referenced by either a published application, an application open to public inspection or an
issued patent.

A record from this system of records may be disclosed, as a routine use, to a Federal, State,
or local law enforcement agency, if the USPTO becomes aware of a violation or potential
violation of law or regulation.
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Electronic Acknowledgement Receipt

EFS ID: 11516248
Application Number: 10159770
International Application Number:
Confirmation Number: 9714

Title of Invention:

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND

NONACOQUSTIC SENSORS

First Named Inventor/Applicant Name:

Gregory C. Burnett

Customer Number:

98195

Filer:

Scott Susumu Kokka

Filer Authorized By:

Attorney Docket Number: ALPH.P009
Receipt Date: 30-NOV-2011
Filing Date: 30-MAY-2002
Time Stamp: 23:34:48

Application Type:

Utility under 35 USC 111(a)

Payment information:

Submitted with Payment

no

File Listing:

Document . . File Size(Bytes)/ Multi Pages
Number Document Description File Name Message Digest | Part/.zip| (if appl.)
671858
ALI-055_GPOA_and_Stmt_37C
1 yes 3

FR373b_asfiled.pdf

b5b44595031b6b76c63d3accd7<230fe87c|
2d37b
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Multipart Description/PDF files in .zip description
Document Description Start End
Power of Attorney 1 1
Assignee showing of ownership per 37 CFR 3.73(b). 2 3
Warnings:
Information:
Total Files Size (in bytes):| 671858

This Acknowledgement Receipt evidences receipt on the noted date by the USPTO of the indicated documents,
characterized by the applicant, and including page counts, where applicable. It serves as evidence of receipt similar to a
Post Card, as described in MPEP 503.

New Applications Under 35 U.S.C. 111

If a new application is being filed and the application includes the necessary components for a filing date (see 37 CFR
1.53(b)-(d) and MPEP 506), a Filing Receipt (37 CFR 1.54) will be issued in due course and the date shown on this
Acknowledgement Receipt will establish the filing date of the application.

National Stage of an International Application under 35 U.S.C. 371

If a timely submission to enter the national stage of an international application is compliant with the conditions of 35
U.S.C. 371 and other applicable requirements a Form PCT/DO/EO/903 indicating acceptance of the application as a
national stage submission under 35 U.S.C. 371 will be issued in addition to the Filing Receipt, in due course.

New International Application Filed with the USPTO as a Receiving Office

If a new international application is being filed and the international application includes the necessary components for
an international filing date (see PCT Article 11 and MPEP 1810), a Notification of the International Application Number
and of the International Filing Date (Form PCT/RO/105) will be issued in due course, subject to prescriptions concerning
national security, and the date shown on this Acknowledgement Receipt will establish the international filing date of
the application.
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNTTED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

PQ. Box 1450

Alexandria, Virginia 22313-1450

WWW.uspto.gov

| APPLICATION NUMBER | PATENT NUMBER | GROUP ART UNIT | FILE WRAPPER LOCATION |

10/159,770 7246058 2626 9200

N A

Correspondence Address/Fee Address Change

The following fields have been set to Customer Number 98195 on 08/09/2010
« Correspondence Address
« Maintenance Fee Address
« Power of Attorney Address

The address of record for Customer Number 98195 is:

98195

Gregory & Martensen LLP
2018 Bissonnet Street
Houston, TX 77005

PART 1 - ATTORNEY/APPLICANT COPY
page 1 of 1
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t‘; UNITED STATES PATENT AND TRADEMARK OFFICE

Y.

UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.0O.Box 1450

Alexandria, Virginia 22313-1450

WWW. .L\SP[O.gOV

| APPLICATION NO. ISSUE DATE PATENT NO. ATTORNEY DOCKET NO. CONFIRMATION NO.
10/159,770 07/17/2007 7246058 ALPH.PO09 9714
53186 7590 06/27/2007
COURTNEY STANIFORD & GREGORY LLP
P.O. BOX 9686

SANJOSE, CA 95157

ISSUE NOTIFICATION

The projected patent number and issue date are specified above.

Determination of Patent Term Adjustment under 35 U.S.C. 154 (b)
(application filed on or after May 29, 2000)

The Patent Term Adjustment is 688 day(s). Any patent to issue from the above-identified application will
include an indication of the adjustment on the front page.

If a Continued Prosecution Application (CPA) was filed in the above-identified application, the filing date that
determines Patent Term Adjustment is the filing date of the most recent CPA.

Applicant will be able to obtain more detailed information by accessing the Patent Application Information
Retrieval (PAIR) WEB site (http://pair.uspto.gov).

Any questions regarding the Patent Term Extension or Adjustment determination should be directed to the
Office of Patent Legal Administration at (571)-272-7702. Questions relating to issue and publication fee
payments should be directed to the Customer Service Center of the Office of Patent Publication at
(571)-272-4200.

APPLICANTY(s) (Please see PAIR WEB site http://pair.uspto.gov for additional applicants):

Gregory C. Burnett, Livermore, CA;

IR103 (Rev. 11/05)
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mey Docket No. ALPH.P0Q9 A Patent

Transmittal of Issue Fee
Certification Under 37 C.F.R. §1.8()

Transmitted to USPTO Central Facsimile
WNo.: May 25, 2007
871-273-2885 . Date of Transmission

1 hereby certify that this document, and any other accompanying documents referred to herein are being
transmitted via facsimile to the United States Patent Office to the Facsimile number above on the date

indicated above.
Barbara B. Courtney ﬂd ya C‘J——.@\
{Print Namnc of Person Transmitting Facsimile) 7— r(ngmmrc of Person Transmitting Fa
IN THE UNITED STATES PATENT OFFICE
In Re Patent Application of: . )
: ) Examiner: Abul K. Azad
Gregory C. Burnett ) Art Unit: 2626

)
Application No. 10/159,770 )
Filed: May 30,2002 )
For: DETECTING VOICED AND UNVOICED SPEECH )
USING BOTH ACOUSTIC AND NONACOQUSTIC SENSCRS H

3 pages total

VIA FACSIMILE: 571-273-2885
Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450

Sir:
In response to the Notice of Allowance dated May 22, 2007, Applicant herewith submits the
following:
1. Form PTOL-85B;
2. Authorization to charge our credit card in the amount of $1,700.00 to cover the
following:
a. Issue Fee Large Entity $1400.00; and
b. Publication Fee $300.00.

Courtney Staniford & Gregory LLP
PO Box 9686

San Jose, CA 95157

Tel: 408-342-1902

Fax: 408-342-1909

Attorney Docket No. ALPH.P009 1
PAGE 1/3* RCVD AT 512512007 4:51:53 P [Eastem Dayfight Time] * SVR:USPTO-EFXRF-5/21* DNIS: 2732885 * CSID:14083421909 * DURATION (mm-5s):01-10
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UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.O. Box 1450
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PETITION BY THE APPLICANT. SEE 37 CFR 1.313 AND MPEP 1308.

THE ISSUE FEE AND PUBLICATION FEE (IF REQUIRED) MUST BE PAID WITHIN THREE MONTHS FROM THE
MAILING DATE OF THIS NOTICE OR THIS APPLICATION SHALL BE REGARDED AS ABANDONED. THIS
STATUTORY PERIOD CANNOT BE EXTENDED. SEE 35 U.S.C. 151. THE ISSUE FEE DUE INDICATED ABOVE DOES
NOT REFLECT A CREDIT FOR ANY PREVIOUSLY PAID ISSUE FEE IN THIS APPLICATION. IF AN ISSUE FEE HAS
PREVIOUSLY BEEN PAID IN THIS APPLICATION (AS SHOWN ABOVE), THE RETURN OF PART B OF THIS FORM
WILL BE CONSIDERED A REQUEST TO REAPPLY THE PREVIOUSLY PAID ISSUE FEE TOWARD THE ISSUE FEE NOW
DUE.

HOW TO REPLY TO THIS NOTICE:

1. Review the SMALL ENTITY status shown above.

If the SMALL ENTITY is shown as YES, verify your current If the SMALL ENTITY is shown as NO:
SMALL ENTITY status:

A. If the status is the same, pay the TOTAL FEE(S) DUE shown A. Pay TOTAL FEE(S) DUE shown above, or
above.

B. If the status above is to be removed, check box 5b on Part B - B. If applicant claimed SMALL ENTITY status before, or is now
Fee(s) Transmittal and pay the PUBLICATION FEE (if required) claiming SMALL ENTITY status, check box 5a on Part B - Fee(s)
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of Part B - Fee(s) Transmittal should be completed and an extra copy of the form should be submitted. If an equivalent of Part B is filed, a
request to reapply a previously paid issue fee must be clearly made, and delays in processing may occur due to the difficulty in recognizing
the paper as an equivalent of Part B.

I1I. All communications regarding this application must give the application number. Please direct all communications prior to issuance to
Mail Stop ISSUE FEE unless advised to the contrary.

IMPORTANT REMINDER: Utility patents issuing on applications filed on or after Dec. 12, 1980 may require payment of
maintenance fees. It is patentee's responsibility to ensure timely payment of maintenance fees when due.
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Application No. Applicant(s)
) . 10/159,770 BURNETT, GREGORY C.
Notice of Allowability Examiner Art Unit
ABUL K. AZAD ' 2626

-- The MAILING DATE of this communication appears on the cover sheet with the correspondence address--
All claims being allowable, PROSECUTION ON THE MERITS IS (OR REMAINS) CLOSED in this application. If not included
herewith (or previously mailed), a Notice of Allowance (PTOL-85) or other appropriate communication will be mailed in due course. THIS
NOTICE OF ALLOWABILITY IS NOT A GRANT OF PATENT RIGHTS. This application is subject to withdrawal from issue at the initiative
of the Office or upon petition by the applicant. See 37 CFR 1.313 and MPEP 1308.

1. [ This communication is responsive to the communication filed on April 9, 2007. ¢

2. [X] The allowed claim(s) is/are 6-10.

3. [0 Acknowledgment is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d) or (f).

ay[J Al b)[JSome* c)[JNone ofthe:
1. [ Certified copies of the priority documents have been received.
2. [ Certified copies of the priority documents have been received in Application No. __
3. [0 Copies of the certified copies of the priority documents have been received in this national stage application from the

International Bureau (PCT Rule 17.2(a)).
* Certified copies not received: ___
Applicant has THREE MONTHS FROM THE “MAILING DATE” of this communication to file a reply complying with the requirements

noted below. Failure to timely comply will result in ABANDONMENT of this application.
THIS THREE-MONTH PERIOD IS NOT EXTENDABLE.

4. [_] A SUBSTITUTE OATH OR DECLARATION must be submitted. Note the attached EXAMINER'S AMENDMENT or NOTICE OF
INFORMAL PATENT APPLICATION (PTO-152) which gives reason(s) why the oath or declaration is deficient.

5. [_] CORRECTED DRAWINGS ( as “replacement sheets”) must be submitted.
(@) O including changes required by the Notice of Draftsperson’s Patent Drawing Review ( PTO-948) attached
1) [ hereto or 2) [] to Paper No./Mail Date .

(b) [J including changes required by the attached Examiner's Amendment / Comment or in the Office action of
Paper No./Mail Date . )
Identifying indicia such as the application number {see 37 CFR 1.84(c)) should be written on the drawings in the front (not the back) of
each sheet. Replacement sheet(s) should be labeled as such in the header according to 37 CFR 1.121(d).

6. (] DEPOSIT OF and/or INFORMATION about the deposit of BIOLOGICAL MATERIAL must be submitted. Note the
attached Examiner's comment regarding REQUIREMENT FOR THE DEPOSIT OF BIOLOGICAL MATERIAL.

Attachment(s)
1. [J Notice of References Cited (PTO-892) 5. [ Notice of informal Patent Application
2. [ Notice of Draftperson's Patent Drawing Review (PTO-948) 6. [J Interview Summary (PTO-413),
Paper No./Mail Date .
3. [ Information Disclosure Statements (PTO/SB/08), 7. [J Examiner's Amendment/Comment
Paper No./Mail Date
4. ] Examiner's Comment Regarding Requirement for Deposit 8. [J Examiner's Statement of Reasons for Allowance
of Biological Material
9.JOther___ .
541‘ ﬁz"f%‘?ﬁ?
ABUL K. AZAD
Primary Examiner
Art Unit: 2626
U.S. Patent and Trademark Office

PTOL-37 (Rev. 08-06) , Notice of Allowability Part of Paper No./Mail Date 20070428
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Attomey Docket No.: 37212.8009.US00

. >
INVENTORSHIP DECLARATION BY SOLE INVENTOR ) / /5? ?@

| HEREBY DECLARE THAT:

My residence, mailing address, and citizenship are stated next to my name in PART A on hereof.

I believe | am the original, first, and sole inventor of the subject matter which is claimed and for which
a patent is sought on the invention entitled

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND NONACOUSTIC SENSORS

the specification of which:
X ‘ is attached hereto.
O was filed on as Application Serial No. and was amended on
__(if applicable).

. | have reviewed and understand the contents of the above-identified specification, including the
= claims, as amended by any amendment referred to above.

&
= | acknowledge the duty to disclose information which is material to the examination of this application
,f in accordance with Title 37, Code of Federal Regulations, §1.56.

* g hereby claim priority benefits under Title 35, United States Code §119 of any foreign application(s)
,::i‘ for patent or inventor's certificate listed in PART B hereof and have also identified in PART B hereof
s any foreign application for patent or inventor’s certificate having a filing date before that of the
. application of which priority is claimed.

£ | hereby claim the benefit under Title 35, United States Code, §119(e) and §120 of any United States

T application(s) listed in PART C hereof and, insofar as the subject matter of each of the claims of this

L application is not disclosed in the prior United States application in the manner provided by the first

g paragraph by the first paragraph of Title 35, United States Code §112, | acknowledge the duty fo

L disclose material information as defined in Title 37, Code of Federal Regulations §1.56 which occurred

i} petween the fi iling date of the prior application and any national or PCT international filing date of this
application.

{ hereby declare that all statements made herein of my knowledge are true and that all statements
made on information and belief are believed to be true; and further that these statements were made
with the knowledge that willful false statements and the like so made are punishable by fine or
imprisonment, or both, under Section 1001 of Title 18 of the United States Code and that such willful
false statements may Jeopardize the validity of the application or any patent issued thereon.

Please direct all telephone calls to Richard L. Gregory, Jr. at (650) 838-4408. Address all
correspondence to: .

Customer No. 22918
Perkins Coie LLP
101 Jefferson Drive
Menlo Park, California 94025-1114
(650) 838-4300

See page 2 attached, signed, and made a part hereof.

[37212-8009/8Y021500.018] ' 1
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Attorney Docket No.: 37212.8009.USC0

INVENTORSHIP DECLARATION BY SOLE INVENTOR

PARTA: INVENTOR INFORMATION AND SIGNATURE

* Full name of Sole inventor: Gregory C. Bumett

Citizenship: U.S.A. Mailing Address: 675 South H Street
Livermore, CA 94550

Residence (if different):

inventor’s Signature: Date:

F PARTB: CLAIM TO PRIORITY OF FOREIGN APPLICATION(S) UNDER 35 U.S.C. 119(a-d)

gﬁ

bk

HE

3 Country App. No. Filing Date

o

-

:‘:‘ PARTC: CLAIM TO PRIORITY OF U.S. PROVISIONAL AND NONPROVISIONAL

5 APPLICATION(S) UNDER 35 U.S.C. 119(e) AND 120

il

Li

- Serial No. Flling Date Status

i 60/294,383 5/30/01 X  Pending
09/905,361 7/12/01 Pending
60/336,100 10/30/01 = Pending
60/332,202 11/21/01 X Pending
09/990,847 11/21/01 Pending
60/362,162 3/5/02 X Pending
60/362,103 3/5/02 Pending
60/362,170 3/5/02 X Pending
60/361,981 3/5/02 & Pending
60/362,161 3/5/02 X Pending
60/368,209 3127102 B Pending
60/368,208 3/27/02 X Pending
60/368,343 3/27/02 Pending

[37212-8009/BY021500.018) 2
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Typical methods for classifying voiced and unvoiced speech have relied
mainly on the acoustic content of microphone data, which is plagued by problems
with noise and the corresponding uncertainties in signal content. This is especially
problematic now with the proliferation of portable communication devices like
cellular telephones and personal digital assistants because, in many cases, the
quality of service provided by the device depends on the quality of the voice
services offered by the device. There are methods known in the art for
suppressing the noise present in the speech signals, but these methods
demonstréte performance shortcomings that include unusually long computing
time, requirements for cumbersome hardware to perform the signal processing,
and distorting the signals of interest.

ERIEF DESCRIPTION OF THE FIGURES
Figure 1 is a block diagram of a NAVSAD system, under an embodiment.
Figure 2 is a block diagram of a PSAD system, under an embodiment.

Figure 3 is a block diagram of a denoising system, referred to herein as the
Pathfinder system, under an embodiment.

Figure 4 is a flow diagram of a detection algorithm for use in detecting
voiced and unvoiced speech, under an embodiment.

Figure 5A plots the received GEMS signal for an utterance along with the
mean correlation between the GEMS signal and the Mic 1 signal and the threshold
for voiced speech detection.

Figure 5B plots the received GEMS signal for an utterance along with the
standard deviation of the GEMS signal and the threshold for voiced speech
detection.

Figure 6 plots voiced speech detected from an utterance along with the
GEMS signal and the acoustic noise.

Figure 7 is a microphone array for use under an embodiment of the PSAD
system. _

Figure 8 is a plot of AM versus d for several Ad values, under an
embodiment.

Figure 9 shows a plot of the gain parameter as the sum of the absolute
values of Hi(z) and the acoustic data or audio from microphone 1. |

Figure 10 is an altemative pl_ot of acoustic data presented in Figure 9.

2
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In the figures, the same reference numbers identify identical or substantially

similar elements or acts.
Any headings provided herein are for convenience only and do not
necessarily affect the scope or meaning of the claimed invention.

' DETAILED DESCRIPTION

Systems and methods for discriminating voiced and unvoiced speech from
background nolse are provided below including a Non-Acoustic Sensor Voiced
Speech Activity Detection (NAVSAD) system and a Pathfinder Speech Activity
Detection (PSAD) system. The noise removal and reduction methods provided
herein, while allowing for the separation and classification of unvoiced and voiced
human speech from background noise, address the shortcomings of typical
éystems known in the art by cleaning acoustic signals of interest without distortion.

Figure 1 is a block diagram of a NAVSAD system 100, under an
embodiment. The NAVSAD system couples microphones 10 and sensors 20 to at
least one processor 30. The sensors 20 of an embodiment include voicing activity
detectors or non-acoustic sensors. The processor 30 controls subsystems
including a detection subsystem 50, referred to herein as a detection algorithm,
and a denoising subsystem 40. Operation of the denoising subsystem 40 is
described in detail in the Related Applications. The NAVSAD system works
extremely well in any background acoustic noise environment.

Figure 2 is a block diagram of a PSAD system 200, under an embodiment.
The PSAD system couples microphones 10 to at least one processor 30. The
processor 30 includes a detection subsystem 50, referred to herein as a detection
algorithm, and a denoising subsystem 40. The PSAD system is highly sensitive in
low acoustic noise environments and relatively insensitive in high acoustic noise
environments. The PSAD can operate independently or as a backup to the
NAVSAD, detecting voiced speech if the NAVSAD fails. '

Note that the detection subsystems 50 and denocising subsystems 40 of
both the NAVSAD and PSAD systems of an embodiment are algorithms controlled
by the processor 30, but are not so limited. Alternative embodiments of the
NAVSAD and PSAD systems can include detection subsystems 50 and/or
denoising subsystems 40 that comprise additional hardware, firmware, software,
and/or combinations of hardware, firmware, and software. Furthermore, functions

3
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DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC
AND NONACOUSTIC SENSORS

ABSTRACT OF THE DISCLOSURE

Systems and methods are provided for detecting voiced and unvoiced

speech in acoustic signals having varying levels of background noise. The

10 systems receive acoustic signals at two microphones, and generate difference
parameters between the acoustic signals received at each of the two microphones.
The difference parameters are representative of the relative difference in signal
gain between portions of the received acoustic signals. The systems identify
information of the acoustic signals as unvoiced speech when the difference

15 parameters exceed a first threshold, and identify information of the acoustic
signals as voiced speech when the difference parameters exceed a second
threshold. Further, embodiments of the systems include non-acoustic sensors that
receive physiological information to aid in identifying voiced speech.

19
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IN THE UNITED STATES PATENT OFFICE

In Re Patent Application of: )
) Examiner: Abul K. Azad
Greg Burnett )

) Art Unit: 2654
Application No. 10/159,770

Filed: May 30, 2002

For:  DETECTING VOICED AND UNVOICED SPEECH
USING BOTH ACOUSTIC AND NON-ACOUSTIC

— SENSORS

haot! San? sl Nt Sl it St

" CENTRAL FAX NUMBER 571-273-8300

Commissioner for Patents
P.O. Box 1450
Alexandria, VA 22313-1450

Sir:
Response under 37 C.E.R § 1.116(8)

This is a response to the Final office action mailed October 10, 2006. Applicants

respectfully request entry of the following amendments and consideration of the
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laims 1-5  Canceled.
6. (original) A system for detccting voiced and unvoiced speech in acoustic
signals having varying levels of background noise, comprising:
at least two microphones that receive the acoustic sigpals;
at least one voicing semsor that receives physiological information associated with
human voicing activity; and _
at least one processor coupled among the microphones and the voicing sensor,
wherein the at least one processor; )
gencrates cross correlation data between the physiological information and
an acoustic signal received at one of the two microphones;
identifies information of the acoustic signals as voiced speech when the
cross correlation data corresponding to a portion of the acoustic signal received at the one
receiver exceeds a correlation threshold;
generates difference parameters between the acoustic signals received at
each of the two receivers, wherein the difference parameters are representative of the
relative difference in signal gain between portions of the received acoustic signals;
identifies information of the acoustic signals as unvoiced speech when the
difference parameters exceed a gain threshold; and
identifies information of the acoustic signals as noisc when the difference
parameters are less than the gain threshold.

7. (original) A method for removing noise from acoustic signals,
comprising:

receiving the acoustic signals at two receivers and receiving physiological
information associated with buman voicing activity at a voicing sensor;

generating cross correlation data between the physiological information and an
acoustic signal received at one of the two receivers;
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Atty. Docket No.: ALPH.P009 Serial No. 10/159,770
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Transmitted to USPTO Central
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Date of Transmission

571-273-8300

I hereby certify that this document, and any other accompanying documents refetred to
herein are being transmitted via facsirnile to the United States Patent Office to the
facsimile number and on the date indicated above.

Barbara B. Courtney A o S

(Print Namc of Person Transmitting Facsitnile) / ((Signmwe of Person Transmitting Fa ile)
J

IN THE UNITED STATES PATENT OFFICE

In Re Patent Application of: )
) Examiner: Abul K. Azad
Greg Burnett )
) Art Unit: 2654
Application No. 10/159,770

Filed: May 30, 2002

For:  DETECTING VOICED AND UNVOICED SPEECH

USING BOTH ACOUSTIC AND NON-ACOUSTIC
SENSORS

)
)
)
)
)
)
)

CENTRAL FAX NUMBER 571-273-8300
Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450

AMENDMENT AND REPONSE UNDER 37 C.F.R.§ 1.116(b)

Sir:
Response under 37 C.F.R. § 1.116(b)

This is a response to the Final office action mailed October 10, 2006. Applicants
respectfully request entry of the following amendments and consideration of the
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Remarks.

Petition for extension of time

This response is submitted with a Petition for an extension of time (3 months)
under 37 C.F.R. § 1.136(a) to respond to the Final office action. The fee under 37 C.F.R.
§ 1.17(a)(3) is also submitted herewith. |
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Atty. Docket No.: ALPH.P009 Serial No. 10/159,770

IN THE CLAIMS
Amend the claims as indicated below.

1 Claims 1-5  Canceled.

6. (original) A system for detecting voiced and unvoiced speech in acoustic
signals having varying levels of background noise, comprising:

at least two microphones that receive the acoustic sigoals;

at least one voicing sensor that receives physiological information associated with
human voicing activity; and

at least one processor coupled among the microphones and the voicing sensor,
wherein the at least one processor; V

gencrates cross correlation data between the physiological information and

A= R - R L

an acoustic signal received at one of the two microphones;

10 identifies information of the acoustic signals as voiced speech when the
11 cross correlation data corresponding to a portion of the acoustic signal received at the one
12 receiver cxceeds a correlation threshold;
13 generates difference parameters between the acoustic signals received at
14 cach of the two receivers, wherein the difference parameters are representative of the
15 relative difference in signal gain between portions of the received acoustic signals;
16 identifies information of the acoustic signals as unvoiced speech when the
17  difference parameters exceed a gain threshold; and
18 identifies information of the acoustic signals as noisc when the difference
19  parameters are less than the gain threshold.

1 7. (original) A method for removing noise from acoustic signals,

2 comprising:

3 receiving the acoustic signals at two receivers and receiving physiological

4  information associated with human voicing activity at a voicing sensor;

5 generating cross correlation data between the physiological information and an

6  acoustic signal received at one of the two receivers;

) 30f6
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11
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13
14
15
16

Atty. Docket No.: CSHE.P007 o Serial No. 10/044,289

identifying information of the acoustic signals as voiced speech when the cross
correlation data corresponding to a portion of the acoustic signal received at the one
receiver exceeds a correlation threshold;

generating difference parameters between the acoustic signals received at each of
the two receivers, wherein the difference parameters are representative of the relative
difference in signal gain between portions of the received acoustic signals;

identifying information of the acoustic signals as unvoiced speech when the
difference parameters exceed a gain threshold; and

identifying information of the acoustic signals as noise when the difference
parameters are less than the gain threshold.

8. (New) The method of claim 7, further comprising generating the gain threshold

using standard deviations corresponding to the generation of the difference parameters.

9. (New) The method of claim 7, further comprising performing denoising on the

identified noise.
10.  (New) The method of claim 7, wherein the voicing sensor includes at least one

detector selected from a group including radio frequency devices, electroglottographs,
ultrasound devices, acoustic throat microphones, and airflow detectors.

40f 6
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Atty. Docket No.: ALPH.P009 Serial No. 10/159,770

REMARKS
Claims 1-7 are pending in the application. Claims 1-5 ave canceled without

prejudice herein. Claims 8-10 are added. No new matter is added by claims 8-10.

Allowable subject matter

Claims 6 and 7 were indicated to be allowable over the prior art of record. New
claims 8-10 include further limitations on the patentable subject matter of claim 7, and
are therefore allowable. Claim 8 includes the subject matter of claim 3. Claim 9 includes

the subject matter of claim 4. Claim 10 includes the subject matter of claim 5.

Rejections under 35 US.C. § 103

Claims 1-5 were rejected under 35 U.S.C. § 103(a) as being unpatentable over
Park et al. (U.S. Patent No. 5,590,241, bereinafter “Park™), in view of Cho et al (US
Patent No. 6,233,551, hereipafter “Cho™). Claims 1-5 have been canceled herein without
prejudice. -

Applicart respectfully submits that the only claims remaining in the application

are indicated to be allowable over the cited references.

50f6
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.

Atty. Docket No.: ALPH.POO9 Serial No. 10/159,770

CONCLUSION

In view of the foregoing amendments and remarks, Applicants respectfully submit
that claims 6-10 are in condition for allowance. The Examiner is respectfully requested
to telephone the undersigned to resolve any remaining issues before allowance of the

claims as amended.

AUTHORIZATION TO CHARGE DEPOSIT ACCOUNT

Please charge deposit account 503616 for any fees due, and not paid herewith, in

connection with this application.

Respectfully submitted,
Courtney Staniford & Gregory LLP

Date:_April 9, 2007

Barbdra B. Courtney, Reg. Ncm\442
el. 408-342-1902

Courtney Staniford & Gregory LLP
P.0. Box 9686
San Jose CA 95157
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Courtney Staniford & Gregory LLP
Intellectual Property Aﬂor}:eys

Tel: 408-342-1900
Fax: 408-342-1909
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Art Unit 2626

USPTO

CSG IP LAaW PAGE 81/8S
10001 N, De Anza Bivd., Suite 300 RECEIVED
Cupertino, California 95014 FAX CENTER
P0.Box 9636 - APR 0 92007
San Jose, California 95157
www.csgip.com

From: Barbara Courtney

Courtney Staniford & Gregory & LLP
Phone: 408-342-1902
Fax: 408-342-1909

" Fax  571-273-8300

Pages: @ including cover

Phone: 571-272-7500

Date:  April 9, 2007

Application Serial No, 10/159,770
Re: Art Unit 2626
Examiner Abul K. Azad

Atty Docket No. ALPH.P009

cC:

& Urgent & For Review

Please Comment

Please Acknowledge

Attomney Docket No. CSHE.PO07

571-273-8300

indicated above under 37 CFR 1.8.

Barbara B. Courtney

Transmittal of Office Action Response
Certification of Transtission Under 37 C.FR §1.8

Transmitted to USPTO Central Facsimile No.

1 hereby certify that this decument, and any other accompanying documents referred to herein are being
transmitted via facsimile to the United States Patent Office to the facsimile number and on the date

Patent

April 9, 2007
Date of Transmisgion

/ﬁ/z, @:‘ﬁ*

(Print Name of Person Transmitting Facsimile)

(Slgna!urc of Person Trmsrrumng ile)

Wi

Response to the Final Office Action mailed October 10, 2006
Petition for three month Extension of Time; and
Authorization to charge Credit Card.

Confidentiali te

This facsimile transmission contains information which is confidential. Tf you are not the intended recipient named
on this cover page, be aware that any disclosure, copying, distribution or usc of this faxed information is prohibited.
If you have received this facsimile in error, please notify us by telephone immediately so that we can arrange for the

rerrieval of the original documents at no cost to you.
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UNITED STATES PATENT AND TRADEMARK OFFICE

e ——————————————————
UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: COMMISSIONER FOR PATENTS

P.O. Box 1450

Alexandria, Virginia 22313-1450

WWW.USPLO.gov

| APPLICATION NO. | FILING DATE ~ FIRST NAMED INVENTOR ] ATTORNEY DOCKET NO. ] CONFIRMATION NO. ]
10/159,770 05/30/2002 Gregory C. Bumnett ALPH.P009 9714
53186 7590 10/1072006 . | EXAMINER J
COURTNEY STANIFORD & GREGORY LLP AZAD, ABUL K
P.O. BOX 9686 ) . i
SAN JOSE, CA 95157 | ART UNIT. |  PaperNUmBER |

2626

DATE MAILED: 10/10/2006

Please find below and/or attached an Office communication concerning this application or proceeding.

PTO-90C (Rev, 10/03)
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Application No. Applicant(s)

10/159,770 BURNETT, GREGORY C
Office Action Summary Examiner A Unit

ABUL K. AZAD 2626

-- The MAILING DATE of this communication appears on the cover sheet with the correspondence address --
Period for Reply

A SHORTENED STATUTORY PERIOD FOR REPLY IS SET TO EXPIRE 3 MONTH(S) OR THIRTY (30) DAYS,
WHICHEVER IS LONGER, FROM THE MAILING DATE OF THIS COMMUNICATION.

Extensions of time may be available under the provisions of 37 CFR 1.136(a). In no event, however, may a reply be timely filed

after SIX (6) MONTHS from the mailing date of this communication.
- If NO period for reply is specified above, the maximum statutory period will apply and will expire SIX (6) MONTHS from the mailing date of this communication.
- Failure to reply within the set or extended period for reply will, by statute, cause the application to become ABANDONED (35 U.S.C. § 133).

Any reply received by the Office later than three months after the mailing date of this communication, even if timely filed, may reduce any

earned patent term adjustment. See 37 CFR 1.704(b).

Status

N Responsive to communication(s) filed on 15 June 20086.
2a)X] This action is FINAL. 2b)[] This action is non-final.
3)] Since this application is in condition for allowance except for formal matters, prosecution as to the merits is
closed in accordance with the practice under Ex parte Quayle, 1935 C.D. 11, 453 O.G. 213.

Disposition of Claims

4)X] Claim(s) 1-7 is/are pending in the application.
4a) Of the above claim(s) is/are withdrawn from consideration.
5)X Claim(s) 6 and 7 is/are allowed.
6)X] Claim(s) 1-5 is/are rejected.
7] Claim(s) is/are objected to.
8)[] Claim(s) _____ are subject to restriction and/or election requirement.

Application Papers

9)[] The specification is objected to by the Examiner.
10)["] The drawing(s) filed on is/are: a)[_] accepted or b)[] objected to by the Examiner.
Applicant may not request that any objection to the drawing(s) be held in abeyance. See 37 CFR 1.85(a).

Replacement drawing sheet(s) including the correction is required if the drawing(s) is objected to. See 37 CFR 1.121(d).
11)[] The oath or declaration is objected to by the Examiner. Note the attached Office Action or form PTQ-152.

Priority under 35 U.S.C. § 119

12)[C] Acknowledgment is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d) or (f).
a)(JAIl b)[J Some * c)[] None of:
1. Certified copies of the priority documents have been received.
2.[] Certified copies of the priority documents have been received in Application No. __
3.0 Copies of the certified copies of the priority documents have been received in this National Stage
application from the International Bureau (PCT Rule 17.2(a)).
* See the attached detailed Office action for a list of the certified copies not received.

Attachment(s)
1) [_—_| Notice of References Cited (PTO-892) 4) [:I Interview Summary (PTO-413)
2) [[] Notice of Draftsperson’s Patent Drawing Review (PTO-948) Paper No(s)/Mail Date.
3) [] nformation Disclosure Statement(s) (PTO/SB/08) 5) [ Notice of Informal Patent Application
Paper No(s)/Mail Date . 6) [_] other:
U.S. Patent and Trademark Office
PTOL-326 (Rev. 08-06) Office Action Summary Part of Paper No./Mail Date 20060929
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Application/Control Number: 10/159,770 Page 2
Art Unit: 2626

DETAILED ACTION

Response to Amendment

1. This action is in response to the communication filed on June 17, 2006.
2. Claims 1-7 are pending in this action. Claims 1 and 2 have been amended.
3. The applicant’s arguments with respect to claims 1-5 have been fully considered

but they are not deemed to be persuasive. For examiner's response to the applicant’s
arguments or comments, see the detailed discussion in the Response to the Arguments
section.

Claim Rejections - 35 USC § 103
4. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all

obviousness rejections set forth in this Office action:

(a) A patent may not be obtained though the invention is not identically disclosed or described as set
forth in section 102 of this title, if the differences between the subject matter sought to be patented and
the prior art are such that the subject matter as a whole would have been obvious at the time the
invention was made to a person having ordinary skill in the art to which said subject matter pertains.
Patentability shall not be negatived by the manner in which the invention was made.

5. Claims 1-5 are rejected under 35 U.S.C. 103(a) as being unpatentable over Park
et al. (US 5,590,241) in view of Cho et al. (US 6,233,551).

As per claim 1, Park and Cho teach, “a system for detecting voiced and unvoiced
speech in acoustic signals having varying levels of background noise”, comprising:

Park teaches, “at least two microphones for receiving the acoustic signals” (Fig.
1, elements 31 and 34);

“at least one processor coupled among the microphones, wherein the at least

one processor” (Fig. 1, element 30);
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Application/Control Number: 10/159,770 Page 3
Art Unit: 2626

“‘generates difference parameters between the acoustic signals received at each
of the two microphones, wherein the difference parameters are representative of the
relative difference in signal gain between portions of the received acoustic signals” (Fig.
1, element 38);

Park teaches a signal predictor (Fig. 4, element 90) and determined voiced and
unvoiced signal (col. 4, lines 10-36) but does not explicitly teach “identifies information
of the acoustic signals as unvoiced speech when the difference parameters exceed a
first threshold and identifies information of the acoustic signals as voiced speech when
the difference parameters exceed a second threshold”. However, Cho teaches,
“identifies information of the acoustic signals as unvoiced speech when the difference
parameters exceed a first threshold and identifies information of the acoustic signals as
voiced speech when the difference parameters exceed a second threshold” (col. 5, lines
10-56). Therefore, it would have been obvious to one of ordinary skill in the art at the
time of the invention to use Cho’s teaching in the invention of Park because Cho
teaches his invention provide a vocoder with improved sound quality by implementing
voicing according to his invention (col. 6, lines 14-20).

As per claim 2, it is interpreted and thus rejected for the same reasons set forth
in the rejection of claim 1.

As per claim 3, Park teaches, “generating the first and second thresholds using
standard deviations corresponding to the generation of the difference parameters” (col.

6, lines 42-54),
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Application/Control Number: 10/159,770 Page 4
Art Unit: 2626

As per claim 4, Park teaches, “identifying information of the acoustic signals as
noise when the difference parameters are less than the first threshold; and performing
denoising on the identified noise” (col. 7, lines 1-6).

As per claim 5, Park teaches, “further comprising receiving physiological
information associated with human voicing activity, wherein the physiological
information comprises receiving physiological data associated with human voicing using
at least one detector selected from a group including radio frequency devices,
electroglottographs, ultrasound devices, acoqstic throat microphones, and airflow
detectors” (Fig. 1, element 34).

Allowable Subject Matter

6. Claims 6 and 7 are allowed over the prior art of record.

Response to Arguments

7. The applicant argues that element 34 is not a microphone is an accelerometer.

The examiner disagrees with applicant above assertion because Park teaches at
the background section a microphone at col. 1, lines 22-44 and also he said that the
microphone configuration could be as two microphone at col. 8, lines 14-25.
8. The applicant further argues that Cho does not teach detecting voice and
unvoiced speech as claimed.

The examiner disagrees because voicing level is as voiced and unvoiced

determinations please see at col. 3, lines 34-40.
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Application/Control Number: 10/159,770 Page 5
Art Unit: 2626

9. In response to applicant's argument that propose combination does not result in
the claimed invention, the test for obviousness is not whether the features of a
secondary reference may be bodily incorporated into the structure of the primary
reference; nor is it that the claimed invention must be expressly suggested in any one or
all of the references. Rather, the test is what the combined teachings of the references
would have suggested to those of ordinary skill in the art. See In re Keller, 642 F.2d
413, 208 USPQ 871 (CCPA 1981).

Conclusion

10. THIS ACTION IS MADE FINAL. Applicant is reminded of the extension of time
policy as set forth in 37 CFR 1.136(a).

A shortened statutory period for reply to this final action is set to expire THREE
MONTHS from the mailing date of this action. In the event a first reply is filed within
TWO MONTHS of the mailing date of this final action and the advisory action is not
mailed until after the end of the THREE-MONTH shortened statutory period, then the
shortened statutory period will expire on the date the advisory action is mailed, and any
extension fee pursuant to 37 CFR 1.136(a) will be calculated from the mailing date of
the advisory action. In no event, however, will the statutory period for reply expire later

than SIX MONTHS from the mailing date of this final action.
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Application/Control Number: 10/159,770 Page 6
Art Unit; 2626

Contact Information

11.  Any inquiry concerning this communication or earlier communications from the
examiner should be directed to Abul K. Azad whose telephone number is (571) 272-
7599. If attempts to reach the examiner by telephone are unsuccessful, the examiner's
supervisor, Richemond Dorvil, can be reached at (§71) 272-7602.
Any response to this action should be mailed to:

Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450
Or faxed to: (571) 273-8300.

Hand-delivered responses should be brought to 401 Dulany Street, Alexandria,
VA-22314 (Customer Service Window).

Information regarding the status of an application may be obtained from the
Patent Application Information Retrieval (PAIR) system. Status information for
published applications may be obtained from either Private PAIR or Public PAIR.
Status information for unpublished applications is available through Private PAIR only.
For more information about the PAIR system, see http://pair-direct.uspto.gov. Shouid

you have questions on access to the Private PAIR system, contact the Electronic

Business Center (EBC) at 866-217-9197 (toll-free). ‘ %%

September 29, 2006 Abul K. Azad
Primary Examiner
Art Unit 2626
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UNITED STATES PATENT AND TRADEMARK OFFICE

Im%

UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address: ggl\gl\ﬂlS‘SSgONER FOR PATENTS

0. Box

Alexandria, Virginia 22313-1450
WWW,USpto.gov

{ APPLICATION NUMBER | FILING OR 371 (¢) DATE | FrsTnameDAPPLICANT | ArTY.DOCKETNO/MTITLE ]
10/159,779 05/30/2002 Gregory C. Burnett ALPH.P009

CONFIRMATION NO. 9714

22 RKINS COIE LLP 000 0 . DO

. 019487760
P.O. BOX 2168 0G000000019487760
MENLO PARK, CA 94026

Date Mailed: 07/05/2006

NOTICE REGARDING CHANGE OF POWER OF ATTORNEY

This is in response to the Power of Attorney filed 06/17/2008.

e The Power of Attorney to you in this application has been revoked by the assignee who has intervened as
provided by 37 CFR 3.71. Future correspondence will be mailed to the new address of record(37 CFR 1.33).

SHARON KUANG
PTOSS (703) 305-3006
OFFICE COPY
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UNITED STATES PATENT AND TRADEMARK OFFICE

UNITED STATES DEPARTMENT OF COMMERCE
United States Patent and Trademark Office
Address; COMMISSIONER FOR PATENTS

P.O. Box 1450

Alexandria, Virginia 22313-1450
WWW.USPLO.Gov

| APPLICATIONNUMBER | FILING OR 371 (c) DATE |  FrsTnameDApPLicANT | ATTY.DOCKETNO.MTITLE |
10/159,770 05/30/2002 Gregory C. Burnett ALPH.P009

CONFIRMATION NO. 9714

53180 LA L 0

COURTNEY STANIFORD & GREGORY LLP . A
P.O. BOX 9686 0C000000019487866
SAN JOSE, CA 95157

Date Mailed: 07/05/2006

NOTICE OF ACCEPTANCE OF POWER OF ATTORNEY

This is in response to the Power of Attorney filed 06/17/2006.

The Power of Attorney in this application is accepted. Correspondence in this application will be mailed to the
above address as provided by 37 CFR 1.33.

SHARON KUANG
PTOSS (703) 305-3006

OFFICE COPY
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RECEIVED
CENTRAL FAX CENTER
JUN 17 2006
Attorney Docket No. ALPH.P009 Patent

Transmittal of Power of Attorney
Certification Under 37 C.F.R, §1.8(a)

Transmitted to USPTO Central Facsimile No. June 17, 2006
Date of Transmission
571-273-8300

I heteby certify that this document, and any other accompanying documents referred to herein are being
transmitted via facsimile to the United States Patent Office to the Central Facsimile pumber on the date
indicated above.

Barbara B. Courtney . /t\ /)’\ C(J\—.;ﬁ

(Print Name of Person Transmitting Facsimile) éng:mure of Person Transmitting Facslm

Fax

To: USPTO From: Barbara Courtney

Courtney Staniford & Gregory LLP
Phone: 408-342-1902
Fax: 408-342-1909

Fax: 571-273-8300 Pages: 3 including cover

Phone: Date:  June 17, 2006

RE: U.S. Patent Application No. 10/159,770
Filed May 30, 2002

Attorney docket no. ALPH.P009
The following are submitted herewith on the date indicated above:

Power of Attorney (PTO/SB/80); and
Statement under 37 CFR 3.73(b) (PTO/SB/%),

Confidentiality Note

This facsimile transmission contains information which is confidential. If you arc not the intended recipient named
on this cover page, be aware that any disclosure, copying, distribution or use of this faxed information is prohibited.
If you have received this facsimile in ervor, please notify us by telephone immediately so that we can arrange for the
retrieval of the original documents at no cost to you.
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RECEIVED
~gd/17/2006 12:11 14983421909 CsG IP LAWCENTRAL FAX CENTER PAGE ©3/03

JUN 17 2006
PTO/SB/BA (D8-04)

Approved for use through 07/31/2008. OMB 0851-0031
U.S. Patent and Tradamark Offce; U.5, DEPARTMENT OF COMMERCE

Under the Paperwork Reduction Act of 1996, no persons are requied to respond to 8 collection of infammation unloss it displays @ yalid OMB control number.
STATEMENT UNDER 37 CFR 3.73{b)

Applicant/Patent Owner: _Allphcom, Ine.

Application Na./Patent No,; 10/159,770 FiledNigsue Date; 05/30/2002

Entitlad; DETECTING VOICED AND UNVOICED SPEECH USING 80TH ACOUSTIC AND NONACQUSTIC SENSORS

Inc - Corporation
(Name of Assignee) (Type of Asslp B.g., corperation, parnership, wnivorsity, government agency, etc.)

stateg that it is:
1. the assignes of the entire right, title, and interest; or

2. D an assignes of lass than the entire right, title and interest.
The extent (by percentage) of its ownarship interest is %

in the patent application/patent identified above by virtue of gither:

Al7] An assignmant from the inventor(s) of the patent application/patent identified above. The assignment was recorded
in the United States Patent and Trademark Office at Reel 013855 , Frame _0206 , or far which a copy
thereof is attached.

OR
B.[] A chain of title from the inventor(s), of the patent application/patent identified above, to the current assignee as shown
balow:
1, From; To:
The document was recarded in the United States Patent and Tradamark Office at
Reel Frame , or for which a copy thereof is attached.
2. From:

To:
The document was recorded in the United States Patent and Trademark Office at
Real , Frame or for which a copy thereof is attached.
3. From: To:
The documant was recorded in the United States Patent and Trademark Office at
Reel , Frame , or for which a copy thereaf is attached.

(] Additions! documents in the chain of title are listed on & supplemental sheet.

D Copies of assignments or other documents in the chain of title are anached.
[NOTE: A separate copy (i.e., a true copy of the original assignment document(s)) muat be submitted to Assignment
Division in accordance with 37 CFR Part 3, if the assignment is to be recorded in the records of the USPTO. See

MPEP 302,08]
Tha undersxgned (whosE titie is supphadﬁa&‘is\authorimd to act on behalf of the assignae,
Juna 17, 2008
/ { Signature Date
Barbara B, Courtnay 408 342 1902
Printed or Typed Name Telephone Number
Patent Attorney Represeptptive of Assignea, Req. No. 42442
Title

This collection of Information is required by 37 CFR 3.73(b). Tha Infarmation is required to obtain or retein a benetlt by the public which is to file (and by the
USPTO to process) an application. Confidentiality it geverned by 35 U.S.C. 122 and 37 CFR 1,91 and 1,14, This collection is eatimsted to tske 12 minutns to
complete, including gathering, proparing, snd submitting tha completed apglicetion form to the USFTO. Time will vary dapaneing vpon the mdMdusl casa. Any
comments on the amount of ime you require to eampiate this form andfor sugpestions for reducing this burden, should be sent to the Chiaf Information Officer,
U.S. Petent snd Trademark Office, U.5. Departmant of Commerca, P.Q, Box 1450, Alexendria, VA 22313-145D, DO NOT $END FEES OR COMPLETED
FORMS TO THIS ADDRESS. SEND TO: Commissgjoner for Patentg, P.O. Box 1450, Alaxandrig, VA 22313-1450,

i you nesd assistance in completing the form, calt 1-800-PTO-7199 andt select option 2.
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RECEIVED

#6/15/2006 13:06 14883421909 CSG IP LAW

eEN?ﬁAL FAX CENTER PAGE 84/12
JUN 15 2006
Attorney Docket No. ALPH.PO09 Patent
Transmiteal of Response ¥ 1
Certificarion Under 37 C.F.R. §1.8(a)
Transmitted to USPTO Central Facsimile June 15, 2006
No. Date of Transmission

§71-273-8300

1 hereby certify that this document, and any other accompanying documents referred to hercin anc being transmitted via facstmile to

the Linited Stetes Patent Office to the facsimilc number and on the date indicated above.
Richard L. Gregory, Jr. V€
(Print Namc of Persen Transmitting Facsimilc) (Signaturc af Pclbl Tm}sqilting Facsirhile)
Atty. Docket No. ALPH.P0Q9 PATENT

IN THE UNITED STATES PATENT OFFICE

In Re Patent Application of: :
Examiner: Abul K. Azad
Gregory C. Burnett Art Unit: 2654
Application No. 10/159,770
Filed; May 30, 2002

For:  DBTECTING VOICED AND UNVOICED
SPEECH USING BOTH ACOUSTIC AND NON-
ACOUSTIC SENSORS

LJVV\-/\/V\JVV\JV

Commissioner for Patents
P.O. Box 1450
Alexandria, VA 22313-1450

AMENDMENT AND RESPONSE UNDER 37 C.F.R. §1.111
Sir:
Response under 37 CF.R. § 1.111
This is a response to the Office Action mailed December 15, 2005. Applicant

respectfully requests entry of the following amendments and consideration of the

Remarks.
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Petition for Extension of time under 37 C.F.R. § 1.136
Applicant submits herewith a petition for a three month extension of time,
including the fee under 37 CF.R. § 1.17.
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In the Claims

Please amend the claims as follows.

1 L. (currently amended) A system for detecting voiced and unvoiced speech

2 inacoustic signals having varying levels of background noise, comprising:

3 at least two microphones for receiving the acoustic signals; and

4 at least one processor coupled among the microphones, whercin the at least onc

5  processor.preeesses;

6 generates difference parameters between the acoustic signals rcecived at

7  each of the two microphones, wherein the difference parameters are representative of the

8 relative difference in signal gain between portions of the received acoustic signals;

9 identifies information of the acoustic signals as unvoiced speech when the
10  difference parameters exceed a first threshold; and
11 identifies information of the acoustic signals as voiced speech when the
12 difference parameters exceed a second threshold.

1 2. (currently amended) A method for detecting voiced and unvoiced speech

2 inacoustic signals having varying lévels of background noise, comprising:

3 receiving the acoustic signals at two receivers;

4 generating difference parameters between the acoustic signals received at

5  each of the two receivers, wherein the difference parameters are representative of a the

6 relative difference in signal gain between portions of the received acoustic signals;

7 identifying information of the acoustic signals as unvoiced speech when

8  the difference parameters exceed a first threshold; and

9 identifying information of the acoustic signals as voiced speech when the
10 difference parameters exceed a second threshold.

1 3. (original) The method of claim 2, further comprising generating the first

and second thresholds using standard deviations corresponding to the generation of the

difference parameters.

3
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1 4, (original) The method of claim 2, further comprising:
2 identifying information of the acoustic signals as noise when the difference
3 parameters are less than the first threshold; and
4 performing denoising on the identified noise.
1 5. (original) The method of claim 2, further comprising receiving
2 physiological information associated with human voicing activity, wherein the
3 physiological information comprises receiving physiological data associated with human
4  voicing using at least one detector selected from a group inclhuding radio frequency
5 devices, electroglottographs, ultrasound devices, acoustic throat mictophones, and
6 airflow detectors.
1 6. (original) A system for detecting voiced and unvoiced speech in acoustic
2 signals having varying levels of background noise, comprising:
3 at Jeast two microphones that receive the acoustic signals;
4 at least one voicing sensor that receives physiological information associated with
5 human voicing activity; and
6 at least one processor coupled among the microphones and the voicing sensor,
7  wherein the at least one processor;
8 generates cross correlation data between the physiological information and
9 an acoustic signal recejved at one of the two microphones;
10 identifies information of the acoustic signals as voiced specch when the
11 cross correlation data corresponding to a portion of the acoustic signal received at the one
12 receiver exceeds a correlation threshold; |
13 generates difference parameters between the acoustic signals received at
14 each of the two receivers, wherein the difference parameters ave representative of the
15  relative difference in signal gain between portions of the received acoustic signals;
16 identifies information of the acoustic signals as unvoiced speech when the
17  difference parameters exceed a gain threshold; and
18 identifics information of the acoustic signals as noise when the difference
19  parameters are less than the gain threshold.

4
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1 7. (original) A method for removing noise from acoustic signals,
2 comprising:
3 receiving the acoustic signals at two receivers and receiving physiological
4  information associated with human voicing activity at a voicing sensor;
5 generating cross correlation data between the physiological information and an
6  acoustic signal received at one of the two receivers;
7 identifying information of the acoustic signals as voiced speech when the cross
8 correlation data corresponding to a portion of the acoustic signal received at the one
9 recciver exceeds a correlation threshold;
10 generating difference parameters between the acoustic signals received at each of
11 the two receivers, wherein the difference parameters are representative of the relative
12 difference in signal gain between portions of the received acoustic signals;
13 identifying information of the acoustic signals as unvoiced speech when the
14  difference parameters exceed a gain threshold; and
15 identifying information of the acoustic signals as noise when the difference
16 parameters are less than the gain threshold.
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REMARKS
Claims 1.7 are pending in the application. No claims have been allowed. Claims

1 and 2 have been amended. No new material is added by the amendments herein.

Claim Rejections 35 USC §103

Claims 1-7 were rejected under 35 USC §103(a) as being unpatentable over Park
et al., United States Patent number 5,590,241 (“Park™), in view of Cho et al., United
States Patent number 6,233,551 (“Cho™). Applicants respectfully submit that the claims
would not have been obvious in view of the cited art.

Park teaches a speech processing system (30) that operates in a noisy environment
(20) by performing adaptive prediction betwecen inputs from two sensors positioned to
transduce speech from a speaker, such as an accelerometer and a microphone. An
adaptive filter (37) such as a finite impulse response (FIR) filter reccives a digital
accelerometer input signal, adjusts filter coefficients according to an estimation error
signal, and provides an enhanced speech signal as an output. (Abstract).

Park teaches an adaptive filter that attempts to make a sensor signal more speech-
like. This is in contrast to the claimed invention, which includes voice activity detection.
There is no teaching or suggestion in Park regarding voice activity detection.

Regarding claim 1, the Examiner states Park discloses using at least two
microphones (Figure 1, elements 31 and 34). Applicants respectfully disagree. Park is
limited to teaching using one microphone only. Element 34 is an accelerometer, which is
not a microphone.

The Exmainer further states that Park teaches at least one processor (Figure 1,
element 30). Applicants note that element 30 is a system that includes the elements
pointed to, but it is not a processor. Nor does the system 30 include a processor.

'The Examiner further states that Park generates difference parameters between the
acoustic signals received at the two microphones. First, Park teaches only one
microphone. Second, Park specifies a summer (Figure 1, element 38) that sums the
tnicrophone signal and the adapted accelerometer signal as part of a standard adaptive
filter. The summer does not generate difference parameters.

The Examiner further states that:

6
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Park tcaches a signal predictor (Fig. 4, element 90), but does not
explicitly teach “identifies information of the acoustic signals as unvoiced
speech when the difference parameters cxceed a first threshold and
identifies information of the acoustic signals as voiced specch when the
difference parameters exceed a sccond threshold”. However, Cho teaches
“identifies information of the acoustic signals as unvoiced speech when
the difference parameters exceed a first threshold and identifies
information of the acoustic signals as voiced speech when the difference
parameters exceed a second threshold™ (col. 5, lines 10-56).

(column 5, lines 10-36).

Applicants respectfully disagree with this interpretation of Che and of the
combination of Park and Cho.

Cho teaches a single microphone system and method. In particular, Cho teaches a
method and an apparatus for determining multiband voicing levels using a frequency
moving method in a vocoder. Cho’s method for determining the multiband voicing levels
using the frequency moving reethod in the vocoder includes the steps of (a) applying a
window to an input voice signal and obtaining a power spectrum from a voice spectrum
obtained by Fourier converting a windowed signal, (b) moving the frequency of each
subband to an origin after dividing the power spectrum into a predetermined number of
subbands, (¢) obtaining autocorrelation values of the respective subbands by inverse
Fouricr converting the power spectrum the frequency of which is moved to the origin,
and (d) normalizing the respective autocorrelation values and determining the voicing
levels of the subbands from the normalized autocorrelation values. (Abstract).

Applicants respectfully submit that Cho docs not teach detecting voiced and
unvoiced speech as claimed, but rather determining the voicing levels of the subbands (of
the single microphone signal) from the normalized autocorrelation values.

Therefore, Applicants submit that the proposed combination does not result in the
claimed invention which includes a multiple microphone system that gencratcs diffcrence
parameters and identifies speech as voiced or unvoiced. Applicants respectfully submit
that neither of the cited references contain any of these elements, nor do they suggest
them. Further, at least because the suggested combination of the references would not
result in the claimed invention, Applicants submit that one of ordinary skill in the art
would find no motivation to combine the references. Neither of the references provide

any motivation to combine to achieve the claimed system for detecting voiced and

7
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unvoiced speech in acoustic signals having varying levels of background noise. For
example, Park refers to an adaptive filtering algorithm, while Cho refers to a vocoder.
For all of these reasons, Applicants submit that claim 1 would not have been obvious in
view of the cited references.

Claim 2 recited a method for detecting voiced and unvoiced speech in acoustic
signals having varying levels of background noise, including receiving the acoustic
signals at two receivers, generating difference parameters between the acoustic signals
received at each of the two reccivers, wherein the difference parameters are
representative of the relative difference in signal gain between portions of the received
acoustic signals, identifying information of the acoustic signals as unvoiced speech when
the difference parameters excecd a first threshold, and identifying information of the
acoustic signals as voiced speech when the difference parameters exceed a second
threshold. Applicants respectfully incorporate the above remarks with reference to claim
1 here. Applicants have shown that the pitcd references, alone or in combination, do not
teach or suggest the invention of claim 2. Therefore, Applicants submit that claim 2
would not have been obvious in view of the cited references.

Dependent claims 3-5 include further limitations on claim 2. Therefore,
Applicants submit that claims 3-5 are patentable over the cited references for the same
reasons.

Claim 6 recites a system for detecting voiced and unvoiced speech in acoustic
signals having varying levels of background noise, including at least two microphones
that receive the acoustic signals. Further, the claimed system generates difference
parameters between the acoustic signals received at each of the two receivers, wherein
the difference parameters are representative of the relative difference in signal gain
between portions of the received acoustic signals. The claimed system further identifies
information of the acoustic signals as unvoiced or unvoiced speech. As remarked with
reference to claim 1, the cited references alone or together lack at leasc these elements.
Therefore, Applicants submit that claim 6 would not have been obvious in view of the
cited references.

Claim 7 recites a method for removing noise from acoustic signals, including

receiving the acoustic signals at two receivers and receiving physiological information

8
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associated with human voicing activity at a voicing sensor, generating difference
parameters between the acoustic signals received at each of the two receivers, wherein
the difference parameters are representative of the relative difference in signal gain
between portions of the received acoustic signals, and identifying information of the
acoustic signals as unvoiced speech when the difference parameters exceed a gain
threshold. As discussed with reference to claim 1, the cited references alone or together
Tack at lease these elements. Therefore, Applicants submit that claim 7 would not have

been obvious in view of the cited references.
Conclusion

In view of the foregoing amendments and remarks, Applicants respectfully submit
that claims 1-7 as presented herein are in condition for allowance. Thus, allowance of the
claims is requested. If in the opinion of Examiner Azad a telephone conference would
expedite the prosecution of the subject application, or if there are any issues that remain
to be resolved prior to allowance of the claims, Examiner Azad is encouraged to call
Barbara Courtney at (408) 342-1902.

- AUTHORIZATION TO CHARGE DEPOSIT ACCOUNT:

The USPTO is hereby authorized to charge our deposit account number 503616 for any
underpayments required for this submission.

Respectfully submitted,
C7ey Staniford §nGregory LLP

Richard L. {Gre ,
Reg. No. 42,60
Tel. 408-342-1900

Date:_June 15, 2006
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10/158,770 BURNETT, GREGORY C.
Office Action Summary Examinor A Unit

ABUL K. AZAD 2654

-- The MAILING DATE of this communication appears on the cover sheet with the correspondence address --
Period for Reply

A SHORTENED STATUTORY PERIOD FOR REPLY IS SET TO EXPIRE 3 MONTH(S) OR THIRTY (30) DAYS,
WHICHEVER IS LONGER, FROM THE MAILING DATE OF THIS COMMUNICATION.

- Extensions of time may be available under the provisions of 37 CFR 1.136(a). In no event, however, may a reply be timely filed

after SIX (6) MONTHS from the mailing date of this communication.
- fNQ period for reply is specified above, the maximum statutory period will apply and will expire SIX (6) MONTHS from the mailing date of this communication.
- Failure to reply within the set or extended period for reply will, by statute, cause the application to become ABANDONED (35 U.S.C. § 133).

Any reply received by the Office later than three months after the mailing date of this communication, even if timely filed, may reduce any

earned patent term adjustment. See 37 CFR 1.704(b).

Status

1B Responsive to communication(s) filed on 30 May 2002.
2a)[] This action is FINAL. 2b)X This action is non-final.
3)] Since this application is in condition for allowance except for formal matters, prosecution as to the merits is
closed in accordance with the practice under Ex parte Quayle, 1935 C.D. 11, 453 0.G. 213.

Disposition of Claims

4)J Claim(s) 1-7 is/are pending in the application.
4a) Of the above claim(s) is/are withdrawn from consideration.
5[] Claim(s) is/are allowed.
6)& Claim(s) 1-7 is/are rejected.
7)) Claim(s) ____is/are objected to.
8)[] Claim(s) are subject to restriction and/or election requirement.

Application Papers

9)[] The specification is objected to by the Examiner.
10)X] The drawing(s) filed on 08 August 2002 is/are: a)X] accepted or b)[] objected to by the Examiner.
Applicant may not request that any objection to the drawing(s) be held in abeyance. See 37 CFR 1.85(a).
Replacement drawing sheet(s) including the correction is required if the drawing(s) is objected to. See 37 CFR 1.121(d).
11)J The oath or declaration is objected to by the Examiner. Note the attached Office Action or form PTO-152.

Priority under 35 U.S.C. § 119

12)J Acknowledgment is made of a claim for foreign priority under 35 U.S.C. § 119(a)-(d) or (f).
a)lJAl b)J Some * ¢)] None of:
1.0 Certified copies of the priority documents have been received.
2.[ Certified copies of the priority documents have been received in Application No. _____
3. Copies of the certified copies of the priority documents have been received in this National Stage
application from the International Bureau (PCT Rule 17.2(a)).
* See the attached detailed Office action for a list of the certified copies not received.

Attachment(s)
1) X Notice of References Cited (PTO-892) 4) [ interview Summary (PTO-413)
2) [] Notice of Draftsperson’s Patent Drawing Review (PTO-948) Paper No(s)/Mail Date. ____.
3) X Information Disclosure Statement(s) (PTO-1449 or PTO/SB/08) 5) L] Notice of Informal Patent Application (PTO-152)
Paper No(s)Mail Date 11/504 12/27/02 1121/ 0 2~ 6) (] other: .
U.S. Patert and Trademark Office
PTOL-326 (Rev. 7-05) Office Action Summary Part of Paper No./Mail Date 20051210
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DETAILED ACTION

1. Claims 1-7 are pending in this Office Action.

Claim Rejections - 35 USC § 103
2. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all

obviousness rejections set forth in this Office action:

(a) A patent may not be obtained though the invention is not identically disclosed or described as set
forth in section 102 of this title, if the differences between the subject matter sought to be patented and
the prior art are such that the subject matter as a whole would have been obvious at the time the
invention was made to a person having ordinary skill in the art to which said subject matter pertains.
Patentability shall not be negatived by the manner in which the invention was made.

3. Claims 1-7 rejected under 35 U.S.C. 103(a) as being unpatentable over Park et
al. (US 5,590,241) in view of Cho et al. (US 6,233,551).

As per claim 1, Park and Cho teach, “a system for detecting voiced and unvoiced
speech in acoustic signals having varying levels of background noise”, comprising:

Park teaches, “at least two microphones for receiving the acoustic signals” (Fig.
1, elements 31 and 34);

“at least one processor coupled among the microphones, wherein the at least
one processor” (Fig. 1, element 30);

“generates difference parameters between the acoustic signals received at each
of the two microphones, wherein the difference parameters are representative of the
relative difference in signal gain between portions of the received acoustic signals” (Fig.
1, element 38);

Park teaches a signal predictor (Fig. 4, element 90) but does not explicitly teach

“identifies information of the acoustic signals as unvoiced speech when the difference
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parameters exceed a first threshold and identifies information of the acoustic signals as
voiced speech when the difference parameters exceed a second threshold”. However,
Cho teaches, ““identifies information of the acoustic signals as unvoiced speech when
the difference parameters exceed a first threshold and identifies information of the
acoustic signals as voiced speech when the difference parameters exceed a second
threshold” (col. 5, lines 10-56). Therefore, it would have been obvious to one of ordinary
skill in the art at the time of the invention to use Cho's teaching in the invention of Park
because Cho teaches his invention provide a vocoder with improved sound quality by
implementing voicing according to his invention (col. 6, lines 14-20).

As per claim 2, itis interpreteg and thus rejected for the same reasons set forth
in the rejection of claim 1.

As per claim 3, Park teaches, “generating the first and secon:xd thresholds using
standard deviations corresponding to the generation of the difference parameters” (col.
B, lines 42-54).

As per claim 4, Park teaches, “identifying information of the acoustic signals as
noise when the difference parameters are less than the first threshold; and performing
denoising on the identified noise” (col. 7, lines 1-6).

As per claim 5, Park teaches, “further comprising receiving physiological
information associated with human voicing activity, wherein the physiological
information comprises receiving physiological data associated with human voicing using

at least one detector selected from a group including radio frequency devices,
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electroglottographs, ultrasound devices, acoustic throat microphones, and airflow
detectors” (Fig. 1, element 34).
As per claims 6 and 7, they are interpreted and thus rejected for the same

reasons set forth in the rejection of claims 1 and 3-5.

Contact Information
4. Any inquiry concerning this communication or earlier communications from the
examiner should be directed to Abul K. Azad whose telephone number is (571) 272-
7599. If attempts to reach the examiner by telephone are unsuccessful, the examiner's
supervisor, Richemond Dorvil, can be reached at (571) 272-7602.
- Any response to this action should be mailed to:

Commissioner for Patents

P.O. Box 1450

Alexandria, VA 22313-1450
Or faxed to: (571) 273-8300.

Hand-delivered responses should be brought to 401 Dulany Street, Alexandria,

VA-22314 (Customer Service Window).

-141 -



Application/Control Number; 10/159,770 Page 5
Art Unit: 2654

Information regarding the status of an application may be obtained from the
Patent Application Information Retrieval (PAIR) system. Status information for
published applications may be obtained from either Private PAIR or Public PAIR.
Status information for unpublished applications is available through Private PAIR only.
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should

you have questions on access to the Private PAIR system, contact the Electrqnic

Business Center (EBC) at 866-217-9197 (toll-free). ﬁ
Abul K. Azad

December 10, 2005
Primary Examiner

Art Unit 2654

-142 -



PTOISB/OBA (08-03)

Approved for use through 07/31/2006. OMB 0651-0031

U.S. Petent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1985 no persons are fequired (o respond to a collection of informalon untess it contains a valid OMB control number.

Substitute for form 1449/PTO Complete i Known
Application Number 10/159,770
"Filing Date 05/30/2002
INFORMATION DISCLOSURE FrtNamed werior | Gregory €. Bummetl
STATEMENT BY APPLICANT A Unit 26as QG6E 4
(Use ag many shests as necassary} Examiner Name Notyet-assigned” A *‘ZAD
\_Sheat |1 | of 11 Attorney Docket Number [ALPH.P009
U. 5. PATENT DOCUMENTS
Examiner | Cite Document Number Publication Oate Name of Patentee or Pages, Columns, Lines, Where
Initials® No.! MM-DO-YYYY Applicant of Cited Document Relevant Passages or Relsvant
Number-King Coge® ™" Figures Appear
A US-2002/039425 A1 04-04-2002 |Burnett etal. - N\
‘ US-3,789,166 01-29-1974 _[Sebesta \
Us- 4,006,318 02-01-1977 |Sebesta et al. \
US- 4 501,668 05-27-1986 |lwata \
YS-4,901,354 02-13-1990 [Gollmar et al. \
US-5 473,702 12-05-1995 |Yoshida et al. \
US-5515,865 05-14-1996 (Scanlon et al. \
US- 5,649,055 07-15-1997 |Gupta et al. \
US- 5,684,460 11-04-1997 |Scanlon et al. \
US-5,729,694 03-17-1998 _|Holzrichter et al. \
Us- 5 754,665 05-19-1998 [Hosoi et al. \
Y5 5,853,005 12-29-1998 _[Scanlon \
Ys- 6,069,963 05-30-2000 |Martin et al. \
us-6,191,724 02-20-2001 _ [McEwan \
US-6,266,422 07-24-2001 [lkeda \
US- 6,430,295 08-06-2002 |Handel et al. \
US-5 097,515 03-17-2002 [Baba \
r“"’"" us ___\‘,Lﬂ
il I ~ T
FORE!ENEAIEI!ID.QQ!F.ENTS
Examiner | Cite | Foreign Patent Document Publication Nameg of Patentee or Pages, Columns, Lines,
inltials* No.! Date Applicant of Cited Document Where Relsvan! Passages
MM-DD-YYYY Or Relavant Figures Appear | T°
Country Code® "Number * “Kind Cudn‘(lkmwm
A A [Eros3rierA 02:01-1995 [Pan Communicati___ |\
A A EP 0795 851 A2 09-17-1997 [Tokyo Shibaura ~N
- EP 0 984 660 A2 03-08-2000 |Nippon T&T Corp N
Y1 {32000 312 395 11-07-2000 [Alpine Electron ~N
— 4| [JP 2001 189 987 07-10-2001 |Pioneer Electro S~
Iy WO 02 07151 e O1~24£QOZ ALIPHCOM, Inc.
\ r 3
Examin Oat
| s;;am“:; I ﬂ , ﬂ%{‘\/ h czr{‘slaered \ { 0 0 \
"EXAMINER: initial f reference considered, whelher or not Glation 18 In conformanca wilth MPI . Draw line through citation if ngt in coi ance and no!
considered. Include copy of this form with next communication to applicant, ' Applicant's unique citation designation number (aptional). *Sea Kinds Codes of
USPTO Patent Documents at www,uspto.gov or MPEP 801.04. ? Enter Office that issued the document, by the twodetter cade (WIPO Standard ST.3). * For
p patent ¢ 1ts, the indication of the year of the reign of the Emperor must precede the serial aumber of the patent document, *Kind of documaent by
the appropriate symbols as indl d on the under WIPO Standard ST.16 If possible. ®Applicant Is to place & chack mark here if English language

Trenstation is atlached.
This collection of information is required by 37 CFR 1.97 and 1.98. The information Is required o obtain or retain a benefit by the public which Is to file (and by the
USPTO to process) an application. Confidentiality Is g by 35 U.5.C. 122 and 37 CFR 1.14. This collection is estimated to take 2 hours to complete,
including gathering, preparing, and submitting the complated application form to the USPTO. Time will vary d ding upon the individual case. Any
on the amount of time you require to complete thig form and/or suggestions for reducing this burden, should be sant to the Chief Information Officer. U.S. Patent
and Trademark Office, P.0. Box 1450, Alexandria, VA 22313-1450, DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND
TO: € issloner for Pat P.0. Box 1450, Alexandria, VA 22313-1450.

If you need asslstance in compleling the form, call 1-800-PTO-9199 (1-800-786-9199) and select option 2.

- 143 -



AN

-~

Pleasa type o plus sign (+) inside this box ~»

Approved for use through 10/31/2002. OMB 0651-0031
U.8. Patant and Trademark Office: U.S. DEPARTMENT OF commsv:ce

PYO/SB/OBA (08-00)

+

d {0 a collection of informalion unless it contains a valid OMB contro

er
Substitute for form 1449APTO Complete if Known
Application Number 10/159,770
INFORMATION DISCLOSURE  |ioosos May 362003
STATEMENT BY APPLICANT First Named Inventor | Gregory C. Bumett
Group Art Unit B644 O |
(use as many shests as necessary) Examiner Name URKAOWR—
\_ Sheet| 1 lof] 2 Attomey Docket Number | ALPH.P009 .
U.S. PATENT DOCUMENTS
. , Cotu 3 3
'Examlnor Cite U3 Patent D;c;m;::’ Name of Patenlee or Applicant Dag!:‘;%'ﬂ:f:‘:i’: of PO s Relovont
Initials No.! Number (i kmown) of Cited Dof;ument MM-DD- Pn;n::::; Rl.I:\'mnt
- 5,406,622 Sitverberg et al. 04-11-1995
~ AT 5,517,435 Sugiyama 05-14-1996
= RECEIVED
9 14
\ v
~ - o
\
\
<
\
Y
\
\
\
\ ;-
——
FOREIGN PATENT DOCUMENTS
, ) Foreign Patent Documant Date of Publication of]  PeRes, Gotumns, Lines,
iEnilials‘ z:a‘ ] Number* Kind Code? ADPT::a'::;'gf;;"I[)::’:’nam Cited Document an:;: Rmel i:;:‘:an(
\ - 0Office?, umbe: { known) MM-0D-YYYY Flgures Appear T
]
\
e \
~
\"N \
"
'\
~ N
4 2 ] "
Examiner Date ’ 57 -
Signature - Considered ’ O

*EXAMINER: Initial if reference considered, whether or not citation Is in conformanca wi

considerad. include copy of this form with next communication to applicant.

Y Uniqua cilation designation number. 2 See attached Kinds of U.S. Patent Documents. 3 Enter Office that issuad the document, by the two-letter
code (WIPO Standard ST.3).  For Japanese patent documents, the indication of the year of the reign of the Empaercr must precede the serial

number of the patent document. 3 Kind of document by the appropriate sy

bols as indicated on the d

passibla. ®Applicant is to place a check mark here if English tanguage Translation is sttached.

-144 -

MPEP 603. Draw line through cifation if not I conformance and not

t under WIPQ Standard ST. 16 if

Burden Hour Statement: This fanm is estimated to take 2.0 hours to complete. Time will vary depanding upon the needs of the individual case. Any comments on
the amount of time you are required to camplets this form should be sent to the Chief Information Officer, U. S. Patent and Trademark Offica, Washington, DC 20231,
DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Patents, Washington, OC 20239,



Plaase type a plus sign (+) inside this box w3

PTO/SB/0SE (08-00)
Approved for use through 10/31/2002. OMB 0651-0031

U. 8. Patent and Trademark Office: U.S. DEPARTMENT OF COMMERCE
quired to respond to a collection of information unless it contains a valid OMB control number.

Substiute for form 18498/PTO Complete If Known
Application Number 10/159,770
INFORMATION DISCLOSURE [ Fiiing Date May 30. 2002
STATEMENT BY APPLICANT | _FirstNamedinventor | GregoryC. BumeRElJ
Group Art Unit 644 ) [... J
(use as many shests as necessary) Examiner Name Unknews A,'?«A.M
Sheet | 2 [of| 2 Attorney Docket Number | ALPH.P009 2600
T
OTHER PRIOR ART -- NON PATENT LITERATURE DOCUMENTS
5 | Include name of the author (in CAPITAL LETTERS), title of the article (when appropriate), title of the
Examiner |Cite item (boak, magazine, journal, serial, symposium, catalog, etc.), date, page(s), volume-issue number(s), ™
Initials No.! publisher, city and/or country where published.
/A /" |GREGORY C. BURNETT: “The Physiological Basis of Glottal Electromagnetic Micropower
A - Sensors (GEMS) and Their Use in Defining an Excitation Function for the Human Vocal Tract",
Dissertation, University of California at Dayis, Januarv, 1999, USA,
) . et al.: "Speaker Verification Using Combined Acoustic an ensor Signa
/|TODD J. GABLE et al.: *Speaker Verification Using Combined Acoustic and EM Sensor Signal
& -~ A_ Processing®, IEEE Intl. Conf. on Acoustics, Speech & Signal Processing (ICASSP-2001), Salt Lake
City, USA, 2001,
1 / A. HUSSAIN: "Intelligibility Assessment of a Multi-Band Speech Enhancermnent Scheme”,
v'A_ Proceedings IEEE intl. Conf. on Acoustics, Speech & Signat Processing (|CASSP-2000) Istanbul,
Turkev, June 2000
7N 4 ————
I'd
Examiner Date i
Signature ,, \ . k . M@nswered (& @/ 03

"EXAMINER: Initiat if reference consldered. whether ar not citation s in conformance wntr)‘dPEP 609. Draw line through citation if
considered. Include copy of this form with next communication to appficant.

o

¥ Unique citation d

3

ion . 2 Applicant is to place a check mark here if English language Translation is attached.

Burden Hour Statement: This form is astimated to take 2.0 hours to complsta. Time will vary depending upon the needs of the individual case. An)

. Any
the amount of time you are required to complete this form should be sent to the Chief Information Officer, U, S. Patent and Trademark Office, Washi
DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Patents, Washington, DC 20231,

hot in e‘nfotmance and not

ts on
0C 20231,

- 145 -



8BA (0800

+

PTO/SBA
Approved for use through 10/31/2002, OMB 0651-0031
V2 S Patent and Trademalk Oﬂiee us. OEPARWENT OF COMMERCE
08 g d b

*EXAMINER: Inital if referance considerad, whother or nat citatien is in conformance m}n MPEP 609. Draw fine through citatich if nat

Substitute for form 144SA/PTO Complete if Known
Application Number 10/159,770
INFORMATION DISCLOSURE | riepats May 55, 2002
STATEMENT BY APPLICANT First Named tnventor Gregory C. Burnett
Group Art Unit 2644 ¢S -S4
(use as many sheels as necessary) Examiner Name UnknowR— A 2
\_ Sheet | [or] 2 Attorney Docket Number | ALPH.P009 )
U.S. PATENT DOCUMENTS
E: Cita =:5. Patent oi:‘dmc:: Name of Patentes or Applicant D‘g‘:;p“""“'i?";‘ o P":v:e?::;:'a;‘tnu
Initials’ . No.' Number (’ﬂ'ﬂ.'!-") of Cited Document "™ -DDWD-YYYYI Pu'all?.l’s::; Re'l:»'lml
C - 5,212,764 Ariyoshi (5-18-1993 [N
5,400,409 Linhard 03-21,1995 N
5414,776 Sims, Jr. 05-09-1995 N\
5,539,859 Robbe et al, 07-23-1996 N E‘ﬂ)
5,633,935 Kanamori et al, 05-27-1997 RECEIV
5,835,608 Wamaka et al, 11-10-1998
\ 5,917,921 Sasaki et al. 06-29-1999
\ 6.000.396 Nagata 12.26-1999 ~ AN
| 6,191,724 |81 | McEwan 02-20-2001 T 600
| 5,986,600 McEwan 11-16-1999
_27 5,966,090 McEwan 10-12-1999
c SN 6,006,175 Holzrichter 12-21-1999
< |
\
\—H
~——
~——
[~
FOREIGN PATENT DOCUMENTS
[Examiner] Cita me%‘ Name of Patenlss or D"g':;%‘::ﬂ‘g: of ""&'ﬁﬁi’%’i‘ﬁ’é&'&"’"
nﬂiah;;", No.! {office® Numbert ¥ known) Applicant of Cited Document MM-OD-YYYY Pnfmw T8
b
e \
~
T
] [~
—
"
\
~J—
. . JAAY
Examiner Date
Signature 'kl( . m&pnswewd | 2 l {o pS I
‘conformance and not

considered. include copy of this fam with next communication to applicant,
! Unique citation designation numbar. 2See attached Kinds of U.S. Patant Documents, ¥ Entar Office that issued the document, by the two-letter

cods (WIPO Standard ST.3). ¢ ForJ

the indi of the yeer of the reign of the Emperor must precede the serial

palent d

aumber of the patent document. $ Kind of documant by the appropriate symbols as indicated on the document under WIPO Standard ST, 16 if
possible. ¢ Applicant is to place & check mark here if English language Translation is attached.

Burden Mour Statement: This form is estimatad to take 2.0 hours to completa. Time will vary depending upon the needs of the individual case. Ary comments on

the amount of time you are required to complate this form should be sent to tha Chisf Information Officer, V. S. Patent and T Office, ¥
00 NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistan! Commissioner for Patents, Washington, DC 20231.

DC 20231,

- 146 -



" PTQ/SB/088 (08-00)

@plus sign (+) nside this box —» Approved (or use through 10/31/2002, OMB 0651-0031
U. 8. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE
8003 are required to respond to a collection of information unless It contains a valid OMB control number.

Paperwork Reduction Act of 1835, no

Substitute for form 1449B/PTO Completo if Known
Application Number 10/159,770
INFORMATION DISCLOSURE [ Fiing pate May 30, 2002 REGEDH:D
Y A ANT Flrst Named Inventor Gregory C. Bumett
STATEMENT BY APPLIC Fint s y C.Bumet_ 2
(use as many sheets as necessary) Examiner Name Unknowa- A-—?—A%e i
\Sheet | 2 [of] 2 Attomey Docket Number | ALPH.P009 iy naalogy Cester 2600

e st
OTHER PRIOR ART — NON PATENT LITERATURE DOCUMENTS

Include name of the author (in CAPITAL LETTERS), titls of the articla (when appropriate), tite of the
Examiner C“G‘ item (book, magazine, journal, serial, symposium, catalog, etc), date, paga(s), volume-issua number(s), T
Initiala®  |No. publisher, city and/or country where published.

, J Zhao Li et al: "Robust Speech Coding Using Microphone Arrays®, Signals Systems and Computers,
”(A- 1997. Conf. record of 31st Asilomar Conf., Nov. 2-5, 1997, IEEE Comput. Soc. Nov. 2, 1997, USA.

1

' / L.C. Ng et al.: "Denoising of Human Speech Using Combined Acoustic and EM Sensor Signal
A ‘#\ Processing", 2000 IEEE Intl Conf on Acoustics Speech and Signal Processing. Proceedings (Cat.

No. 00CH37100), Istanbul, Turkey, June 5-9, 2000 XP002186255, ISBN 0-7803-6293-4

S. Affes et al.: "A Signal Subspace Tracking Algorithm for Microphone Array Processing of

rA . A“ Speech". [EEE Transactions on Speech and Audio Processing, N.Y, USA Vol. 5, No. 5, Sept. 1,
1997, XP000774303, ISBN 1063-6676

N
™~
~
\

h

) yi 4 e
Examiner Date ’
Signature ?&\ ) /.. M\Considemﬁ * ,2"/ ,DIOJ

N

A)
‘EXAMINER: Initial if raference considered, whether or not citation is in conformance with MPE" 609. Oraw fine through citation if noln conformance and not
considered. Include copy of this form with next communication to applicant. '

Y Uniqua citation designation number. 2 Applicant is to place 8 chetck mark here if English language Translation is attached.
I Burden Hour Statement: This form is estimatsd (o take 2.0 hours to completa. Time will vary depending upon the needs of the individual case. Any comments on

the amount of ime you are required to complete this form should be sent to the Chief Information Officer, V. S. Patent and Trademark Office, Washington, DC 20231,
0O NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Patents, Washington, DC 20231,

- 147 -



Application/Control No. Applicant(s)yPatent Under
Reexamination
10/159,770 BURNETT, GREGORY C.
Notice of References Cited Eaminer AU
ABUL K. AZAD 2654 Page 1 of 1
U.S. PATENT DOCUMENTS
* coum%‘ffm‘m'i‘émﬁcﬂ Code MMI???W Name Classification
* 1 A | US-5,590,241 12-1996 Park et al. 704/227
* | B | US-6,233,551 05-2001 Cho et al. 704/208
* | ¢ | US-4,653,102 03-1987 Hansen, Per K. 381/92
* | p [ US-5,664,052 09-1997 Nishiguchi et al. 704/214
* [ e | US-6,008,175 12-1999 Holzrichter, John F. 704/208
*| F | US-4,777,649 10-1988 Carlson et al, 704/233
G | US-
H | US-
1| US-
J | Us-
K | US-
L | US-
M | US-
FOREIGN PATENT DOCUMENTS
* coum??o%'l'i«'b'm'i‘éf’.gﬁé Code | MMTYYY Country Name Classification
N
o]
P
Q
R
S
T
NON-PATENT DOCUMENTS
* Include as applicable: Author, Title Date, Publisher, Edition or Volume, Pertinent Pages)
U
v
w
X
*A copy of this reference is nol being furnished wilh this Office action. (See MPEP § 707.05(a).)

Dates in MM-YYYY format are publication dates, Classifications may be US or foreign.

U.S. Patent and Trademark Office
PTO-892 (Rev. 01-2001)

Notice of References Cited

- 148 -

Part of Paper No. 20051210




Index of Claims

Application/Control No.

Applicant(s)/Patent under
Reexamination

10/159,770 BURNETT, GREGORY C.
Examiner Art Unit
ABUL K. AZAD 2654
. (Through numeral) i
v | Rejected Cancelled n| Non-Elected Appeal
=| Allowed + Restricted || Interference Objected
Claim - Date Date Claim Date
T |8 ]
2 :§ g B
“1812 S
11y 51 101
2 | 52 102
3 | 53 103
4 |V 54 104
5 [+ 55 105
6 |V 56 106
7 |V 57 107
8 58 108
9 59 109
10 60 110
11 61 111
12 62 112
13 63 113
14 64 114
15 65 115
16 66 116
17 67 117
18 68 118
19 69 118
20 70 120
21 71 121
22 72 122
23 73 123
24 74 124
25 75 126
26 76 126
27 77 127
28 78 128
29 79 129
30 80 130
31 81 131
32 82 132
33 83 133
34 84 134
35 85 135
36 86 136
37 87 137
38 88 138
39 89 139
40 90 140
41 91 141
42 92 142
43 93 143
44 94 144
45 95 145
46 96 146
47 97 147
48 98 148
49 93 149
50 100 150

U.S. Patent and Trademark Office

- 149 -

Part of Paper No. 20051210




Search Notes

Application/Control No.

Applicant(s)/Patent under
Reexamination

10/159,770 BURNETT, GREGORY C.
Examiner Art Unit
ABUL K. AZAD 2654

SEARCH NOTES

(INCLUDING SEARCH STRATEGY)

DATE

EXMR

EAST Searched (See attached)

12/7/12005 AA

SEARCHED
Class Subclass Date Examiner
INTERFERENCE SEARCHED
Class Subclass Date Examiner

U.S. Patent and Trademark Office

- 150 -

Part of Paper No. 20051210




Ref

Hits | Search Query

DBs

Default

Operator

Plurals

Time Stamp

S8

S1 and threshold

80 | S7 and microphone

US-PGPUB;
USPAT;

EPO; JPO;
DERWENT;

US-PGPUB;
USPAT;
EPO; JPO;
DERWENT;
IBM_TDB

OR

OR

OFF

ON 2005/12/07 11:00

2005/12/10 13:09

2005/12/07 10:26

Search History

12/10/05 3:30:57 PM  Page 1

C:\Documents and Settings\AAzad\My Documents\EAST\workspaces\10159770.wsp

-151 -



S10

S12

1001 | S9 and threshold

174 | S11 and (background adj noise)

22 510 and (two adj microphones)

( |
"4468804" | "4490839" |
"4653102" | "4747143" |
"4852169" | "4916743" |
"4952931" | "5083310" |
"5148488" | "5251263" |
"5260896" | "5293425" |
"5319736" | "5353376" |
"5396554").PN.

US-PGPUB;
USPAT;
EPO; JPO;
DERWENT;
1BM_TDB

US-PGPUB;
USPAT;
EPO; JPO;
DERWENT;
IBM_TDB

US-PGPUB;
USPAT;
EPO; JPO;
DERWENT;
IBM_TDB

US-PGPUB;

USPAT;
EPO; JPO;

OR

OR

OR

ON

ON

ON

2005/12/10 09:39

2005/12/10 09:41

2005/12/10 09:58

2005/12/10 12:19

Search History

C:\Documents and Settings\AAzad\My Documents\EAST\workspaces\10159770.wsp

12/10/05 3:30:57 PM  Page 2

- 152 -



S20

S22

397

113

$19 and microphones

S21 and vary$4

(second adj threshold)

US-PGPUB;
USPAT;
EPO; JPO;
DERWENT;
IBM_TDB

US-PGPUB;
USPAT;
EPO; JPO;
DERWENT;
IBM_TDB

17

USPAT;
EPO; JPO;
DERWENT;

c
hid
T
(]
)
c

@

USPAT;
EPO; JPO;
DERWENT;
IBM_TDB

OR

OR

ON

ON

2005/12/10 12:19

2005/12/10 12:19

005/12/10 13:10

2005/12/10 13:17

Search History 12/10/05 3:30:57 PM  Page 3
C:\Documents and Settings\AAzad\My Documents\EAST\workspaces\10159770.wsp

-153 -



Atty. Docket No. ALPH.P009 PATENT
IN THE UNITED STATES PATENT OFFICE
In Re Patent Application of:
Gregory C. Burnett Examiner: To be assigned
Application No. 10/159,770 . Art Unit: 2644
Filed: May 30, 2002
For:  DETECTING VOICED AND UNVOICED

SPEECH USING BOTH ACOUSTIC AND
NONACQUSTIC SENSORS

b’ e e e N N Nt Nt N e

MS Amendment
Commissioner for Patents
P.O. Box 1450

Alexandria, VA 22313-1450

INFORMATION DISCLOSURE STATEMENT UNDER 37 CFR § 1.97

Sir:

Enclosed is an Information Disclosure Citation Form PTO/SB/08. Also enclosed are copies of
all references that are not U.S. Patent references. It is respectfully requested that all cited references be
considered and that a copy of the enclosed Form PTO/SB/08 be initialed by the Examiner to indicate
such consideration and a copy thereof returned to Applicant.

Pursuant to 37 CFR 1.97(h), the submission of this Information Disclosure Statement is not to
be construed as an admission that the information cited in this statement is material to patentability.

This Information Disclosure Statement is being submitted pursuant to 37 CFR 1.97(b)(3) before
the mailing of a first office action on the merits.

The Commissioner is hereby authorized to charge any fees which may be required in
connection with this submission to Deposit Account No. 501914.

Respectfully submitted,

SHEMWELL GREGORY & COURTNEY LLP

Dated: November 4, 2004 /A m

Earba/ra B. Courtney l’)f)
egistration No. 42,442

-154 -



PTO/SB/O8A (08-03)
Approved for use through 07/31/2006. OMB 0651-0031
U.S. Patent and Trademark Office; U.S. DEPARTMENT OF COMMERCE

Complete if Known

Substitute for form 1449/PTO
Application Number 10/158,770
Filing Date 05/30/2002
INFORMATION DISCLOSURE First Named Inventor Gregory C. Burnett
STATEMENT BY APPLICANT Ar Uni 2644
(Use as many sheets as necessary) Examiner Name Not yet assigned
- E T of 11 Attorney Docket Number [ALPH.P009

U. S. PATENT DOCUMENTS

Examiner | Cite Document Number Publication Date Name of Patentee or Pages, Columns, Linss, Where
tnitials® No.! MM-DD-YYYY Applicant of Cited Document Relevant Passages or Relevant
Number-Kind Code? ™ Figures Appear
US-2002/039425 A1 04-04-2002 (Burnett et al.
US- 3 789,166 01-29-1974 |Sebesta
US- 4,006,318 02-01-1977 |Sebesta et al.
US- 4,501,668 05-27-1986 |lwata
US- 4,901,354 02-13-1980 |Gollmar et al.
US- 5,473,702 12-05-1995 |Yoshida et al.
Us-5,515,865 05-14-1996 |Scanlon et al.
US- 5,649,055 07-15-1997 |Gupta et al.
US-5 684,460 11-04-1997 [Scanlon et al.
Us- 5,729,694 03-17-1998 |Holzrichter et al.
US- 5,754,665 05-19-1998 |Hosoi et al.
US- 5,853,005 12-29-1998  {Scanlon
YS- 6,069,963 05-30-2000 |Martin et al.
US-6,191,724 02-20-2001 |McEwan
Us- 6,266,422 07-24-2001 |lkeda
US-6,430,295 08-06-2002 |[Handel et al.
Us-5.097,515 03-17-2002 |Baba
us-
uUs-
FOREIGN PATENT DOCUMENTS
Examiner | Cite | Foreign Patent Document Publication Name of Patentee or Pages, Columns, Lines,
Initials* No.! Date Applicant of Cited Document Where Relevant Passages
MM-DD-YYYY Or Relevant Figures Appear | T°
Country Code® "Number * Kind Code® (# known)
EP 0637 187 A 02-01-1995 |Pan Communicati ]
EP 0795 851 A2 09-17-1997 {Tokyo Shibaura
EP 0984 660 A2 03-08-2000 |Nippon T&T Corp
JP 2000 312 395 11-07-2000 |Alpine Electron
JP 2001 189 987 07-10-2001 |Pioneer Electro
WO 02 07151 01-24-2002 |ALIPHCOM, inc.
Examiner Date
Signature Considered
"EXAMINER: Initial if ref e idered, or not citation is in conformance with MPEP 609. Draw line through citation if not in conformance and not

considered. Inciude copy of this form with next comr ion to af it. ~ Applicant's unique citation designation number (optional). ?See Kinds Codes of
USPTO Patent Documents at www.uspto.gov or MPEP 801.04. 3 Enter Office that issued the document, by the two-letter code (WIPO Standard ST.3). * For

p patent d its, the indication of the year of the reign of the Emperor must precede the serial number of the patent document. 5Kind of document by
the appropriate symbols as indicated on the document under WIPQC Standard ST.16 if possible. 8 Applicant is to place a check mark hers if English language
Transtation is attached.
This collection of information is required by 37 CFR 1.97 and 1.88. The information is required to obtain or retain a benefit by the public which is to file (and by the
USPTO to process) an application. Confidentiality is governed by 35 U.S.C. 122 and 37 CFR 1.14. This collection is estimated to take 2 hours to complete,
including gathering, preparing, and submitting the completed application form to the USPTO. Time will vary depending upon the individual case. Any comments
on the amount of time you require to complete this form and/or suggestions for reducing this burden, should be sent to the Chief Information Officer, U.S. Patent
and Trademark Office, P.O. Box 1450, Alexandria, VA 22313-1450. DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND
TO0: € i for Pat: , P.O. Box 1450, Alexandria, VA 22313-1450.

If you need assistance in completing the form, call 1-800-PTQO-9199 (1-800-786-9199) and select option 2.

- 155 -



CERTIFICATE OF MAILING UNDER 37 C.FR. 1.8

I hereby certify that the following correspondence is being deposited
with the United States Postal Service with sufficient postage and
addressed to MS Amendment, Commissioner for Patents, P.O. Box
1450, Alexandria VA 22313-1450 on the date below by:

|t  BorbaraB. Courtney
(Name of person transmitting correspondence)

November 4. 2004

Date
Serial/Patent No.:_10/159,770 Filing/Issue Date: May 30,2002 Client: ALIPH, Inc.
Title:_Detecting Voiced and Unvoiced Speech using Both Acoustic and Nonacoustic Sensors
Atty. Docket No.; ALPH.P0O09 Date Mailed:_November 4, 2004
The following has been received in the U.S. Patent & Trademark Office on the date stamped hereon:
O Amendment/Response ( pgs.) [ petition for Extension of Time (  month(s))
0 Preliminary Amendment ( pgs.) [ 1nformation Disclosure Statement & PTO/SB/0SA
O Application - Utility ( pgs.) B tnformation Disclosure Statement Transmittal

[J Application - Rule 1.53(b) Contin. ( pgs) [ Submission of Formal Drawings
O Application - Rule 1.53(b) Divis. (  pgs.) [ Notice of Appeal

0 Application - Rule 1.53(b) CIP(  pgs.) O Appeal Brief ( pgs. in triplicate)
[ Application - Rule 1.53(d) CPA( pgs) L Reply Brief

O Application - PCT ( pgs.) O Response to Notice of Missing Parts
O Application - Provisional (  pgs.) O Utility Patent Application Transmittal
O Drawings (  sheets) [ Fee Transmittal (in duplicate)

O Declaration & POA( pgs.) M wemized Postcard

W] Assignment & Cover Sheet ( pgs.) M First Class Mail Certificate Of Mailing
[ power of Attorney (| Express Mail No.

O Nonpublication Request (35 USC 122(b)) [ Check No. — Amt$

™ oOther _Seven (7). cited references

- 156 -



EP 0 637 187 A1

Europdisches Patentamt
European Patent Office

° 3

Office européen des brevets

®

@ Application number: 93112064.6

@ Date of filing: 28.07.93

@ Publication number:

|

A AR

0637 187 A1

i

EUROPEAN PATENT APPLICATION

® int.ci1s: HO4R 1/10

@ Date of publication of application:
01.02.95 Bulletin 95/05

Designated Contracting States:
DEESFRGBIT

@ Applicant: PAN COMMUNICATIONS, INC.
Enokizaka Bldg. 4F,
1-12-12, Akasaka
Minato-ku,
Tokyo 107 (JP)

@ Inventor: Yamaguchi, Noboru

11-15-203, Isogodai, Isogo-ku
Yokohama-shi,
Kanagawa-ken (JP)

Inventor: Konoml, Masao
3-14-12 Meguro

Meguro-ku,

Tokyo 153 (JP)

Representative: Patentanwailte Griinecker,
Kinkeldey, Stockmair & Partner
Maximilianstrasse 58

D-80538 Mlinchen (DE)

& Two-way communications earset.

@ A one piece two way voice communications ear-
set which is situated in or at the ear of the user and
which includes either two unidirectional microphonss
having their outputs combined or a single bi-direc-

tional microphone.

11¢

11c

\

FIG. 4

Rank Xerox (UK) Business Services

13.10/73.09/3.3.4)

- 157 -

a CUT-AWAY
LINE
20 { "’”elo
\_ I }:':"'"“.'E;oo
x [ L |
1 ﬂ\ lz: n
4 B>=s: BT
o
[ i
1b =1L, 1 i —10
077
P P BT
4 : ,:: 1 J
11d P {,—40'
11d2 — ] |- 50
11e2

BEST AVAILABLE COPY



1 EP 0 637 187 Al 2

BACKGROUND OF THE INVENTION

The present invention relates to an earset for
use in two-way voice communications which is
worn in or at an ear canal of a user and which is
operated hands-free. The earset of the present
invention can transmit the user's voice and receive
voice signals from another party simultaneously
without causing fesdback.

Modern wireless technologies have advanced
to the extent that portable, wirsless and mobile
telephones have become small in size and are
used widely. Such portable tslephones typically
include a handset requiring the use of at least one
hand for communication.

A disadvantage of the handset type of tele-
phone is that they are inconvenient to use in front
of a computer or while driving a car. In such
instances, the user must use a hand to hold the
handset while typing at the keyboard, which is very
difficuit to do, or while holding the steering wheel
of a car, which is dangerous. Alternatively, the user
must hold the telephone handset to their ear with
their shoulder, which is very uncomfortable.

In order to solve this drawback, hands-free
telephones have been developed. A conventional
two-way communications apparatus used with
hands-free telephones comprises a headband in-
cluding a speaker positioned in front of one ear and
a boom attached to the headband with a small
microphone at one end of the boom. With the
boom connected to the headband, the microphone
extends in front of the mouth of the user. However,
this type of hands-free telephone is not convenient
to use because it is cumbersome and because it
disturbs the hair of the user.

Another conventional two-way communications
system used with hands-free telephones includes a
structure which hangs from the ear of the user.
This type of communications system includes a
speaker positioned in front of the user's ear and a
boom having a microphone extending in front of
the mouth of the user. Again, such a structure is
not convenient for the user because it typically
does not hang well at the ear and because it is
bulky to carry owing to the boom.

Alternatively, as shown in Fig. 1, yet another
conventional two-way communications system in-
cludes a receiver section 1 with a speaker 1a which
is placed in the user’s ear canal. Sound is transmit-
ted to the user via an opening 1b in the back of the
speaker 1a. The two way communications system
also includes a transmitter section 3 which is lo-
cated relatively close to the user's mouth. The
transmitter section 3 includes a microphone 3a.

In the conventional two-way communications
system shown in Fig. 1, however, the transmitter
section 3 is attached to the receiver section 1 by a
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chord 2. The cord 2 also extends past the transmit-
ter section 3 and is connected to a telephone
terminal (not shown).

The two-way communications system shown in
Fig. 1 does not require hands to operate. However,
due to the connection of the transmitter section 3
by the cord 2, the microphone 3a dangles. With
such a configuration, the microphone 3a must be
omnidirectional causing noise when the micro-
phone 3a rotates at the chord 2. Additionally, with
the two-way communications system shown in Fig.
1, the sound intake of the microphone 3a may be
blocked by the face or clothing of the user, causing
a decrease in the quality of the transmitted voice
signals. Moreover, contact between the transmitter
section 3 and the clothing of the user tends to
cause noiss.

Conventional two-way communications sys-
tems, such as those shown in Fig. 2 and Fig. 3
attempt to overcome the deficiencies described
above with the two-way communications system
shown in Fig. 1.

The conventional two-way communications ear-
sets shown in Figs. 2 and 3 integrate the speaker
1a and the microphone 3a into a single case 4. The
L-shaped case 4 houses the speaker 1a in one leg
and houses the microphone 3a in the other lsg. In
the embodiment shown in Fig. 2, the speaker 1a
has a single opening 4a at a back portion thereof.
Alternatively, as shown in Fig. 3, the speaker ta
may have a plurality of holes 4a'. The microphone
3a has an opening 4b through which signals are
received. There is a chord 2 coming out from the
lower part of the L-shaped case 4 which is con-
nectad to a telephone terminal (not shown).

By incorporating the speaker 1a and the micro-
phone 3a in the case 4, conventional two-way com-
munications earsets shown in Figs. 2 and 3 solve
many of the problems discussed above related to
the communications system shown in Fig. 1. How-
ever, the two-way communications earsets of Figs.
2 and 3 cause feedback because sound that leaks
out from the opening 4a is fed into the microphone
3a though sound intake hole 4b. Therefors, in the
communications earsets shown in Figs. 2 and 3,
either the sound volume of the speaker 1a has to
be controlled below a certain level or the sensitivity
of the microphone 3a has to be kept below a
certain level to reduce the effects of feedback.

However, if the sound volume is maintained at
a low level, the user may find it difficult to hear
voice signals due to the presence of ambient noise.
In an effort to reduce the effects of ambient noise,
the user may cover his ear with his hand. Unfortu-
nately, this significantly increases the acoustic cou-
pling between the speaker and microphone, caus-
ing even more feedback.
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In addition, with two-way communications ear-
sets shown in Figs. 2 and 3, voice signals of the
user are picked up at the sar, which is about 14 cm
away from the user's mouth. Conventional tele-
phone handsets are designed to pick up voice
signals directly in front of the user's mouth which
are approximately 2.5 cm away from the micro-
phone. At this distance, the level of the voice signal
is approximately 94dBSPL. Because the two-way
communications earsets shown in Figs. 2 and 3
receive voice signals further away from the mouth
than conventional handsets, the signals are ap-
proximately 14 dBSPL (sound pressure level) lower
than those received by a conventional telephone
handset. Because the voice signals are received
from further away, they require greater amplifica-
tion. As a result, the systems shown in Figs. 2 and
3 tend to pick up more ambient noise and room
reverberation, both of which make the recsived
voice signals less intelligible.

Accordingly, an object of the present invention
is to provide an earset for use in two-way voice
communications which is worn in or at an ear canal
of the user and which is operated hands-free.

Another object of the present invention is to
provide an earset which transmits the user's voice
and receives voice signals from another party si-
multaneously without causing feedback caused by
acoustic or mechanical coupling between the
speaker and the microphone.

A further object of the present invention is to
provide a two-way communications earset which
delivers an adequate level of sound to the user
without causing feedback, while also delivering an
adequats leve! of sound to a receiver a the other
end of the communication system.

A still further abject of the present invention is
to provide a two-way voice communications earset
which is less sensitive to ambient noise at a level
almost equal to a telephone handset and to room
reverberation so that clear voice communications
can be obtained.

Additional objects and advantages of the inven-
tion will be set forth in the description which fol-
lows, and in part will be obvious from the descrip-
tion, or may be learned by practice of the inven-
tion. The objects and advantages of the invention
may be realized and obtained by means of the
instrumentalities and combinations particularly
pointed out in the appended claims.

SUMMARY OF THE INVENTION

To achisve the objects in accordance with the
purposes of the present invention, as embodied
and described herein, the earset of the present
invention comprises a one piece two-way simulta-
neous voice transmitting and receiving device com-
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prising a receiver for emitting sound primarily to
the ear canal of a user and a transmitter, coupled
to the receiver, and located outside the ear canal,
comprising a first microphons adapted to bs lo-
cated at a first position relative to the mouth of the
user and outputting a first signal, a second micro-
phone spaced a distance away from the first micro-
phone and adapted to be located at a second
position relative to the mouth of the user further
from the mouth of the user than the first position,
and outputting a second signa! and means for
detecting the first and second signals.

The earset of the present invention further
comprises a one piece two-way simultaneous voice
transmitting and receiving device comprising a re-
ceiver, emitting sound primarily to the ear canal of
a user, and a transmitter, coupled to the recsiver
and located outside the ear canal, comprising a
microphone with bi-directional directivity having two
sound receiving ends, a cavity housing the micro-
phone substantially at a central portion thereof and
directed toward the mouth of the user and sound
absorbing materials placed with the cavity and
abutting the sound receiving ends of the micro-
phone.

BRIEF DESCRIPTION OF THE DRAWINGS

The accompanying drawings, which are incor-
porated in and constitute a part of the specification,
illustrate the presently preferred apparatus of the
present invention and, together with the general
description given above and the detailed descrip-
tion of the preferred embodiments given below
serve to explain the principles of the invention. In
the drawings:

Fig. 1 is a sectional view of a conventional
earset with a microphone attached to a cord;
Fig. 2 is a side sectional view of a conventional
one piece earset adapted to be worn in a user's
ear;
Fig. 3 is a side sectional view of another con-
ventional one piece earset adapted to be worn
in a user's ear;
Fig. 4 is a sectional view of a two-way commu-
nications earset according to a first embodiment
of the present invention;
Fig. 5 is a side view of a second embodiment of
a two-way communications earset according to
the present invention placed in an ear of a user;
Fig. 6 is a sectional view of a two-way commu-
nications system according to a third embaodi-
ment of the present invention;

Fig. 7 is a side view showing the relative posi-

tioning of a sound source relative to the earset
shown in Fig. 4;

Fig. 8 is a side view showing the relative posi-

tioning of a mouth relative to the earsst shown
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in Fig. 4;

Fig. 9 is a side view showing the relative posi-
tioning of a speaker output relative to the earset
shown in Fig. 6;

Fig. 10 is a side view showing the relative posi-
tioning of a sound source with respect to an
alternative embodiment of the two-piece micro-
phons;

Fig. 11 is a circuit diagram of conventional cir-
cuit that produces an electret microphone out-
put;

Fig. 12 is a circuit diagram of circuitry used in
the earset of the present invention for subtrac-
ting the outputs of two microphones when the
microphones are in phase;

Fig. 13 is a circuit diagram of circuitry used in
the earset of the present invention for adding
the outputs of two microphones when the micro-
phone outputs are out of phase;

Fig. 14 is a circuit diagram of circuitry used in
the earset of the present invention for adding
the outputs of two microphones when the micro-
phones are mutually out of phase;

Fig. 15 is a side view of a two-way communica-
tions earset according to a fourth embodiment of
the present invention;

Fig. 16 is a side sectional view of the earset
according to the fourth embodiment of the
present invention hung on the user's ear;

Fig. 17 is a sectional view of a two-way commu-
nications earset according to the fifth embodi-
ment of the present invention;

Fig. 18 is a side view of the earset according to
the fifth embodiment inserted in a user's ear
canal;

Fig. 19 is a side view of the earset according to
the fifth embodiment with an alternative ear in-
sertion shape;

Fig. 20 is a back view of a two-way communica-
tions earset according to the sixth embodiment
of the present invention;

Fig. 21 is a side sectiona! view of the earset
according to the sixth embodiment hung on an
ear of a user;

Fig. 22 is a block diagram of a circuit used in
the earsst of the present invention for reducing
the degree of amplification of sound to less than
70 dBSPL; and

Fig. 23 is a graphical representation of the input-
output characteristics of the circuit shown in Fig.
22.

DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Fig. 4 is a sectional view of a two-way commu-
nications earset according to a first embodiment of
the present invention. The embodiment shown in
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Fig. 4 comprises an earset 10 which has an L-
shaped configuration. The earset 10 is preferably
made of plastic and inciudes an eniarged portion
11a which is inserted in the ear of the user. The
enlarged portion 11a includes an earset component
portion 11b and an insertion portion 11c.

The enlarged portion 11a is placed in the
user's ear auricle and the insertion portion 11¢ is
inserted into the ear canal. The insertion portion
11c is preferably shapsd so that the ear canal of
the user will not be completely clogged by the
earset 10 and so that the earset 10 will not be so
loose as to cause feedback due to leaked sound.

A speaker 20 is housed in the earset compo-
nent portion 11b and is supported by resilient ma-
terial 30. The output of the speaker 20 is input to
the insertion part 11c and is fed into the ear canal
of the user through hole 11f. The speaker 20 can
preferably be either a magnetic-type speaker or
dynamic-type speaker. As shown in Fig. 1, the
speaker 20 is situated in the earsst component
portion 11b. Howsever, in accordance with the
present invention, the speaker 20 can be placed in
an alternate location, so long as the output from the
speaker 20 is guided into the ear canal of the user.

The earset 10 also includes a cylindrical cavity
11d. At the ends of the cavity 11d are housing
spaces 11d1 and 11d2. The housing spaces 11d1
and 11d2 are connected to the outside of the
earset 10 through two respective holes 1et and
1e2. Two electret pieces 40 and 40’ are respec-
tively housed in the two housing spaces 11d1 and
11d2. Each of the electret pieces 40 and 40 is
preferably a small and sensitive device.

Additionally, in a preferred embodiment of the
present invention, the electret pieces 40 and 40'
are preferably back-type electret so that they are
immune to vibrations emanating from the earset 10
and from extraneous noise from the wires connect-
ing the elements of the earset 10. Such wires may
include the wire 50, which is substantially parallel
to the cylindrical cavity 11d, and is led to the
outside of the earset 10 and the wires coming from
speaker 20 and elsctret pieces 40 and 40'.

The earset 10 shown in Fig. 4 also preferably
includes a combination circuit 100 which combines
the outputs of the electret pieces 40 and 40'. The
combination circuit is explained in more detail be-
low, but preferably is coupled to the output wires of
the electret pieces 40 and 40’ and has its output
coupled to wire 50. As shown in Fig. 4, the com-
bination circuit 100 is located within the cylindrical
portion 11d. Howsever, in accordance with the
present invention, the combination circuit 100 may
be located at any convenient place in the earset
10, so long as the outputs of the electret pieces 40
and 40°' are input thereto.
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Fig. 5 shows an earset according to a second
embodiment of the present invention. As shown in
Fig. 5, the earset has a two-piece construction
including a two-way wireless communication device
52 connected to an earset 51. The communication
device 52 includes a transmitter/receiver at the
front portion of the ear lobe. The communication
device 52 also includes an integrated circuit (not
shown) that transmits voice signals from electret
pieces 40 and 40' to a station and receives voice
signals from the station, and a combination circuit
100 that combines the outputs of electret pieces 40
and 40'.

The communication device 52 also includes a
battery cell located at the back portion of the ear
lobe. The battery cell and the transmitter/receiver
remain connected to the ear lobe by a pinching
mechanism located therebetwesn. The earset 51,
shown in Fig. 5, is substantially the same as that
shown in Fig. 4.

Fig. 6 is a side sectional view of an earset
according to a third embodiment of the present
invention. The earset 60 includes a cylindrical cav-
ity 61d which preferably has a slightly folded cylin-
drical shape. With such a shape, the lower slectret
pisce 40" is situated closer the user's mouth than
the upper electret piece 40. With such a configura-
tion, the lower microphone 40' picks up more of
the user's voice signals that doss the upper micro-
phone 40 and therefore the users voice can be
amplified to a greater extent than when the earset
shown in Fig. 4 is used.

The operation of the earset according to any of
the embodiments shown in Figs. 4-6 will be de-
scribed below, specifically with respect to Fig. 4.
The enlarged portion 11a of the earset 10 is in-
serted into the user's ear auricle and the insertion
part 11c is inserted into the ear canal. The shape
of the insertion part 11¢c is formed so that the
insertion part 11c will not clog the ear canal. With
such a shape, the user can hear sound coming
from the outside and therefore finds the earset 10
safe to use.

Additionally, the shape of the insertion part 11c
is formed so that the insertion part 11c will not leak
much sound. As shown in Fig. 4, the speaker 20 is
preferably situated in the sarset component portion
11b. However, the speaker 20 can be located in
other places within the earset 10 as long as the
output of the speaker 20 is output to the user's ear
canal.

With the earset 10 situated in the user's ear,
the user can hear sound from the speaker 20 that
is sent via the wire 50 from a duplex transmitting
and receiving terminal (not shown). The output of
the speaker 2 is led to the ear canal via a hole 11f
of the insertion part 11c.
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The voice signal from the user reaches the
earset 10 via holes 11e1 and 1162, and then re-
spectively reaches the electret pieces 40 and 40'.
The voice signals are converted into electrical sig-
nals by electret pieces 40 and 40' and are sent
after being combined by the combination circuit
100 via the wire 50 to the duplex voice transmitting
and receiving terminal (not shown).

The earsets according to the embodiments
shown in Figs. 4-6 have a higher sensitivity to the
voice signal of the user than to noise signals com-
ing from places distant from to the user's mouth.
This is because the lower electret piece 40’ is
located closer to the user's mouth than the upper
electret piece 40. Thus, when the combination cir-
cuit 100 combines the outputs of the selectret
pieces 40 and 40", the voice signal of the user is
output and noise signals from distant sources are
nulled.

More specifically, if the output signals of the
electret pieces 40 and 40’ are in phase relative to
the voice of the wearer, the combination circuit 100
preferably subtracts the output signals. If the output
signals of the electret pieces are out of phase
relative to the voice of the wearer, the circuit 100
preferably adds the outputs. However, regardless
of whsther the outputs are in phase or ocut of
phase, in order to achieve an effective cancellation
of noise, preferably the electret pieces 40 and 40"
are identical in shape and selectrical performance
characteristics.

The noise cancellation which is achieved by
the earset according to the present invention is
itlustrated with respect to Fig. 7. Fig. 7 is a side
visw showing the relative positioning of a sound
source relative to the earset 10 shown in Fig. 4.
This explanation assumes that the two electret
pieces 40 and 40' have identical electrical perfor-
mance characteristics and the circuit 100 subtracts
the outputs of the slectret pieces 40 and 40'.

Typically, a sound source, having sound pres-
sure P, transmits sound through the air and a
microphone a distance L from the sound source
recsives the sound, producing an electrical output
of V volts. The relation of P, V and L is as follows:

V = k P/L (k is a constant related to a micro-
phone) (U]

In the earset according to the present invention
including electret pieces 40 and 40, two voltages V
and V' are produced. Additionally, the upper elec-
tret piece 40 is located a distance L1 fram the
sound source while the lower electret piece is
located a distance L2 from the sound source P.
According to equation (1) above, the difference
between the outputs V and V' respsctively from the
electret pieces 40 and 40’, the distances L1 and L2
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from the sound source P and the microphone con-
stants k and k' have ths following relationship:

Vo = V1-V2 = (k1 PIL1)- (k2 PAL2) (2)

Assuming the two electret pieces 40 and 40'
are identical in electrical performance such that ki
= k2 = k, the formula (2) can be simplified as
follows:

Vo =Vi-V2=L1¢-LL2) @3

if the distance betwesen the electret pieces 40
and 40' is L3, and L1 and L2 are 10 times larger
than L3, formula (3) shows that as L1 and L2
become almost equal, Vo becomes zero. in other
words, as the distance to the noise source P in-
creases, the difference between the outputs of the
electret pieces 40 and 40’ also approaches zero,
so that no signal will be output from the earset 10
as a result of such a noise source P. Since L3 is
designed to be around 5 cm, noise sources with a
distance of 50 cm will not cause an produce an
output from the earset.

Fig. 8 shows the distance relationship between
the earset 10 and the mouth M of the user. Typi-
cally, the distance betwsen the mouth and the
entrance to an ear canal is approximately 14 cm.
As shown in Fig. 8, the distance between the
mouth M and the upper electret piece 40 is des-
ignated as L2, while the distance betwsen the
lower electret piece 40' and the user's mouth M is
designated as L1. Because the distance L3 be-
tween electret pieces 40 and 40’ is approximately 5
cm, the L1/12 relationship becomses less than 1 in
equation (3). As a result, a significant output is
produced by the difference between the outputs of
the electret pieces 40 and 40Q’. This output is pri-
marily due to the voice signals of the user and is
not due to ambient noise signals, which are sffec-
tively cancelled.

In the third embodiment of the present inven-
tion shown in Fig. 6, the lower electrst piece 40" is
preferably located closer to the user's mouth. With
such a configuration, the ratio L1/L.2 becomes sven
smaller because the distance betwsen the user's
mouth M and the lower electret piece 40' is de-
creased. As a result, the output signal Vo is greater
than the output signal when using the first embodi-
ment of the present invention shown in Fig. 4.

Using a combination of electret pisces 40 and
40', as shown in the first through third embodi-
ments of the present invention, and the combina-
tion circuit 100 also helps to reduce feedback of
the earset. As shown in Fig. 9, under this cir-
cumstance, the sound source P is the output of the
speaker 20. As long as the distances bstween the
speaker 20 and the electret pieces 40 and 40,
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shown in Fig. 9 as L1 and L2, respectively, are
nearly equal, the output Vo, as evidenced from
equation (3), becomes smali, thus reducing feed-
back.

The electret pieces 40 and 40' used in the
earset according to the present invention can be an
omni-directional type, a unidirectional type or bi-
directional type. Unidirectional type electret pisces
produce more directionality toward the user's
mouth than do omni-directional type electret pieces
and therefore may be preferable to omni-directional
type microphonss.

Fig. 10 is a side sectional view of a dual
microphone structure using two unidirectional mi-
crophones. As shown in Fig. 10, the lower electret
piece 104' is directly opposite the upper slectret
piece 104 in the cylindrical cavity 101. The two
electret pieces 104 and 104’ are placed back to
back at the ends of the cavity 101 so that direc-
tionality of the two electret pieces 40 and 40' is
opposite. Therefore, when the earset with the un-
idirectional microphones shown in Fig. 10 is placed
in a user's ear, the directionality of the lower elec-
tret piece 104’ is toward the user's mouth while the
directionality of the upper electret piece 104 is in a
direction opposite to the mouth. More spscifically,
the directionality of the selectret pisces 104 and
104' together form a figure eight, with a nuil point
in the center.

In operation, the unidirectional electret pieces
104 and 104' require an input at the respective
back surfaces 104a and 104a" of the electret
pieces 104 and 104'. This input is provided by a
hole 102 in the cylindrical cavity 101, Preferably,
the hols 102 is placed at the null point of the
directionality of the unidirectional microphones 104
and 104', that is, in the center of the cylindrical
cavity 102. More specifically, the hole 102 should
be placed such that the distances to the respective
back surfaces 104a and 104a’ of the unidirectional
microphones 104 and 104’ are equal. As shown in
Fig. 10, the distances to the back surfaces 104a
and 104a' are Lp1 and Lp2. The distance from the
sound source P to the hole 102 is Lp. In a pre-
ferred embodiment of the present invention, the
distances from the sound source P to the back
surfaces 104a and 1042’ are equal so that the
combination circuit 100, not shown in Fig. 10, can
effectively reduce noise.

As well as being an input for the unidirectional
microphones 104 and 104', the hole 102 can pref-
erably also be used as an outlet for wires connect-
ing the electret pieces 104 and 104' and the wire
50, shown in Fig. 4.

The combination circuit 100, which combines
the outputs from the electret pieces 4 and 4',
shown in Figs. 4 and 7-9, 64 and 64', shown in Fig.
6 and 104 and 104°, shown in Fig. 10, is explained
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below with respect to Figs. 11-14.

Fig. 11 is a circuit diagram of a conventional
output circuit of a single electret microphone. As
shown in Fig. 11, a positive direct voltage Vcc, a
load resister RL and direct current cut-off capacitor
C are connsected to the microphone output terminal
111. An alternating voltage v appears as the output
with respect to the microphone reference terminal
112. With the circuit of Fig. 11, only one output
from a single microphone is produced.

However, in accordance with the present inven-
tion, the earset can have two microphones, the
outputs of which must be combined. Fig. 12 shows
a circuit diagram of a first combination circuit 100a
to be used with the earset of the present invention.
The combination circuit 100a, shown in Fig. 12 is
similar to the circuit shown in Fig. 11 in that it
includes direct voitage Vcc, load resistances RL1
and RL2, respectively of the microphones 40 and
40' and respective current cut-off capacitances C1
and C2.

The combination circuit 100a shown in Fig. 12
further includes a subtraction circuit S which out-
puts the difference between the outputs of the
microphonss 40 and 40", which ars input, respec-
tively at inputs 121 and 123. The combination
circuit shown in Fig. 12 is used when the micro-
phone elements are in phase. Reference voltages
for the microphones 40 and 40' are provided at
terminals 122 and 124. The two output signals of
the microphones are respectively represented by
v1 and v2.

The subtraction circuit S comprises an oper-
ational amplifier OP1 and resistors, RA1, RA2, RA3
and RA4. The operational amplifier and the resis-
tors are configured such that the subtraction circuit
S has no gain relative to the input signals. As a
result, the output of the operational amplifier OP1 is
Vo = vl -v2.

In the combination circuit 100a shown in Fig.
12, the resistance of RA1 is preferably more than
20 times greater than the resistances of both RL1
and RL2. The capacitances of C1 and C2 are such
that signals with frequencies higher than 50 Hz are
passed. Moreover, if the outputs of the micro-
phones which are input to the combination circuit
100a have equal sensitivities in their electrical per-
formance, RL1 is preferably equal to RL2. How-
over, if the microphones have different sensitivities,
the values of the resistances RL1 and RL2 are
preferably different so that such difference in the
microphone sensitivities can be nulled.

Fig. 13 is a circuit diagram of a combination
circuit to be used in an earset according to the
present invention when the outputs of the micro-
phones are out of phase. Like reference numerals
in the combination circuit 100a shown in Fig. 12
are used in Fig. 13.
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With the combination circuit 100b of Fig. 13,
operational amplifiers OP2 and OP3 are used in
combination with resistors RB1 through PRBS. The
resistors are configured such that no gain is
achieved with respect to the input signals. Thus,
the addition circuit produces Vo = v1 + v2.

it is noted that using the combination circuits
100a and 100b, shown respectively in Figs. 12 and
13, differences in electrical performance of the
microphones 40 and 40’ can be compensated for
by adjusting the values of the resistors. It is noted
that in order to allow for continuous adjustments
either one of the resistors RL1 and RL2 shown in
Figs. 12 and 13 can be replaced by a variable
resistor.

For a perfectly matched pair of microphones
40 and 40' that are perfectly in phase, the com-
bination circuit 100c shown in Fig. 14 can be
employed. The combination circuit 100c shown in
Fig. 14 is an idealized version of that shown in Fig.
12, assuming that the microphone outputs appear-
ing at terminals 121 and 123 are identical in slec-
trical characteristics so that adjustments made via
the subtraction circuit S are unnecessary. With the
combination circuit 100c, no adjustments for differ-
sences in sensitivity of the microphones 40 and 40’
can be made and the output Vo is simply the
difference between the outputs of the microphones
40 and 40'. Using the combination circuit 100c
shown Fig. 14 the number of wires coming out
from the earset can be reduced.

Fig. 15 shows a back view of a two-way com-
munications earset according to a fourth embodi-
ment of the present invention. The earset 150,
shown in Fig. 15, hangs at the ear of the user,
instead of being inserted into the user's ear canal,
as in the first through third embodiments of the
present invention. The earset 150 includes an ear
cover 157 having an arc shaped portion 157a that
hangs at the base of the user's ear. Inside the ear
cover 157 is a speaker 152, similar {o the speaker
20 shown in Fig. 4.

Preferably, the ear cover 157 is constructed of
an electrically-conductive plastic, which discharges
static electricity that a user may pick up before
inserting the earset 150 into their ear. If the ear
caver is not constructed of such a material, the
user may get a shock upon inserting the earset 150
into his ear.

Fig. 18 is a sectional view of the two-way
communications earset according to the fifth em-
bodiment of the present invention shown in Fig. 15
hung from a user's ear. As shown in Fig. 16,
outside the ear cover 157 are the electret pisces
40 and 40" situated in cylindrical cavity 168, similar
to those shown in Fig. 6. Additionally, thers is a
hole 168a in the cavity 168, which holds the elec-
tret pieces 40 and 40', which corresponds to the
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hole 102, shown in Fig. 10. The embodiment
shown in Figs. 15 and 16 is easy to wear since it
hangs at the ear of the user. Additionally, because
the sar cover 157 shields sound from the speaker
152, there is little fesdback between the micro-
phones 40 and 40’ and the speaker 152.

An earset according to the sixth embodiment of
the present invention is shown in Figs. 17 and 18.
In the earset shown in Figs, 17 and 18, the two
microphones, shown in Figs. 4-10 and 15-16, are
replaced by a small single electret microphone 179
with bi-directional directivity. The bi-directional mi-
crophone 179 is located in the middle of a cylin-
drical cavity 171d, which is preferably similar to
one of the cylindrical cavities shown in Figs. 4 and
6. Between the sound intake holes 171el1 and
17182 at either end of the cylindrical cavity 171d is
sound absorbing materials 172. Preferably, the
sound absorbing materials 172 are fibres or cotton
filling which fill the spaces on both sides of the
microphone 179.

Preferably, in the embodiment shown in Fig.
17, the total length of the cylindrical cavity 171d in
which the microphone 179 is mounted should be
less than 10 cm owing to the stability required for
wearing the earset 170 in the user's ear. Accord-
ingly, the microphone 179 is preferably mounted
less than 5 cm from each end of the cylindrical
cavity 171d.

It is noted, however, that the earset 170, shown
in Fig. 17, can alternatively have the structure
shown in Fig, 4, so long as the two electret micro-
phones 40 and 40' are replaced by a single bi-
directional microphone 179. Additionally, as with
the embodiments shown in Fig. 4-8, the location of
the speaker 20 in Fig. 17 can be changed so long
as the output of the speaker 20 is input to the ear
canal of the user. The remainder of the earset 170
is the same as that shown in Fig. 6 and like
reference numerals identify like elements.

Fig. 18 is a side view of the embodiment
shown in Fig. 17 inserted in an ear canal C. As
shown in Fig. 18, the insertion part 61c¢ fits snugly
in the ear canal C, while the enlarged portion 61a
abuts the ear auricle A. Alternatively, the earset
170 can have an ear insertion configuration such as
that shown in Fig. 19. Fig. 19 shows a modification
of the earset 170 which includes an ear insertion
portion 191c and an enlarged portion 191a. The ear
insertion portion 191c doses not fit snugly in the ear
canal, but rather is placed at the entrance of the
ear canal C. Additionally, in the modification shown
in Fig. 19, the enlarged portion 181a surrounds a
portion of the ear auricle A and maintains the
earset 170 at the user's ear.

It should also be noted that the earsets accord-
ing to the first through third embodiments of the
present invention can include two bi-directional mi-
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crophones 179 similar to that shown and described
with respect to Figs. 17-19. Using two bi-diractional
microphonses in lieu of two unidirectional micro-
phones 104 and 104' may be preferable because
of the increased directivity achieved with bi-direc-
tional microphenes.

An earset according to a sixth embodiment of
the present invention is described with respect to
Figs. 20 and 21. The earset 200, shown in Figs. 20
and 21 is shaped similar to the embodiment shown
in Figs. 15 and 16, but includes a single bi-direc-
tional microphone, as shown in the embodiment
shown and described with respect to Figs. 17-19.
Like reference numerals from those figures are
used in Figs 20 and 21.

As shown in Fig. 20, the earset 200 preferably
includes a sound absorbing or shielding material
201 surrounding the speaker 152. Preferably, the
sound absorbing or shielding material 201 is made
of sponge and is ring-shaped surrounding the
speaker 152. The sound absorbing or shielding
material 201 prevents sound from leaking out of the
space enclosed by the ear canal, the ear auricle
and the ear cover 157.

Fig. 18 is a side sectional view of the earset
200 hung on the user's ear. As shown in Fig. 21,
the bidirectional microphone 179 is placed within a
cylindrical pipe 168. The cylindrical pipe 168 in-
cludes openings 202 and 202a which input signals
to the bidirectional microphone 179 through the
sound absorbing material 172. As with the embodi-
ment shown in Fig. 16, signals are output through
wire 50.

In the embodiments shown in Figs. 17-21, us-
ing a single bi-directional microphone 179, the
leakage of the sound from the speaker 20 is pre-
vented because such leaked sound, if any, travels
to the bi-directional microphone 179 at a direction
in which the microphone sensitivity is not high.
This is because the axis of directionality of the bi-
directional microphone 179 is perpendicular to the
direction of any leaked sound from the speaker 20.
As a result, feedback between the bidirectional
microphone 179 and the speaker 20 is less likely to
occur, as compared with conventional earsets.

Additionally, the earsets shown in the embodi-
ments of the present invention have a cylindrical
cavity 11d, 168, and 171d. Preferably, the length of
the cylindrical cavity in sach of the embodiments
of the present invention is less than 10 cm. In the
embodiments shown in Figs. 17-21, preferably the
length of the cylindrical cavity below the bi-direc-
tional microphone 179 is less than 5 cm and is
directed toward the user's mouth. Such a structure
effectively shortens the distance from the mouth to
the microphone 178, since the sound reaches the
opening in the lower end of the cylindrical cavity
pipe 1e2 without diffusion. Additionally, the sound
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absorbing material 172 within the cylindrical cavity
171d, shown in Figs. 17-19, or 168, shown in Fig.
21, limits feedback between the speaker 20 and
the bi-directional microphone 179 becauss the
sound absorbing material 171 absorbs higher fre-
quency signals, which are the major cause of such
feedback.

The earsets according to the embodiments
shown in Figs. 17-21 are less sensitive to ambient
noise, because ambient noise under normal cir-
cumstances tends to come from the horizontal
plane. However, when placed in a user's ear, the
bi-directional microphone 179 has its virtually on a
vertical plane. So oriented, ambient noise impinges
on the bi-directional microphone 179 from its least
sensitive dirsction.

Additionally, as explained above with respect to
the dual microphone embodiments, typically, sour-
ces of ambient noise tend to be more than 10
times the distance of that between the user's
mouth and the bi-directional microphone 179. As
explained in detail with respect to Fig. 7, the result
of this distance is that the microphone will not
output signals responsive to distant noise sources,
but will primarily output voice signals of the user.

It is noted, howsver, that a small amount of
ambisnt noise may still be heard using the sarsets
of the present invention. This is particularly true
when the user stops talking and only ambient noise
signals are picked up. In order to reduce such
ambient noise, the circuitry shown in Fig. 22 can
be used in combination with any of the earset
embodiments of the present invention.

Fig. 22 is a block diagram of a circuit used in
any one of the earsets of the present invention for
reducing the degree of amplification of signals of
less than 70 dBSPL. Typically, people use tele-
phones at a noise level of less than 70 dBSPL
while the sound level to be picked up at the ear is
approximately 80 dBSPL. An ordinary telephone
assumes 94 dBSPL at a distance of 2.5 cm in front
of the user's mouth. The circuit shown in Fig. 22
amplifies signals with a sound level of less than 70
dBSPL much less than signals with' a sound level
of 70 dBSPL or greater. Accordingly, ambient noise
signals which typically have a sound level of less
than 70dBSPL will be amplified less than the voice
signals of the user. Thus, ambient noise signals will
be reduced.

The circuitry 220 shown in Fig. 22 includes a
signal tevel detection circuit 2211 which receives
an input signal at terminal 221. The input signal at
terminal 221 is preferably either the output from
one of the combination circuits shown in Figs. 12-
14, when a dual micrephone earset is used, or the
output from the bidirectional microphone 179, when
such an embodiment of the earset is used. it is
noted that the circuitry 220 can be placed at any
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convenient location within the earsets of the
present invention so long as the input terminal 221
is provided with the output of either the combina-
tion circuit or the bi-directional circuit 178 and the
output of the circuit 220 is led to the output wire.

The circuitry 220 further includes a logarithmic
amplifier 2212, which amplifies the input signal. A
non-linear signal generating circuit 2213, is coupled
between the signal leve! detection circuit 2211 and
the logarithmic amplifier 2212 and generates a
control signal, depending on output signal level
from the signal level detection circuit 2211.

The logarithmic amplifier 2212 is coupled to a
dividing circuit 2214, which is common in typical
telephones and divides the output from the loga-
rithmic amplifier 12. Specifically, the output from
the logarithmic amplifier 2212 is output to an am-
plifier 2215, which feeds signals to the speaker 20.
The dividing circuit 2214 also outputs the signal
from the logarithmic amplifier 2212 to a line 2216
which is connected to a telephone exchange. it is
noted that line 2216 shown in Fig. 22 may be
incorporated in line 50 shown in the embodiments
of the earset of the present invention.

The circuit shown in Fig. 22 operates such that
input at terminal 221 is fed into the signal level
detection circuit 2211. The signal level detection
circuit 2211 produces a control signal equal to the
level of the input sound, which is then fed to the
control signal generating circuit 2213. The control
signal generating circuit 2213 generates a lowser
control signal when the input signal is less than 70
dBSPL and generates a higher control signal when
the input signal is higher than 70 dBSPL.

This output is shown in Fig. 23, which shows a
logarithmic plot of the relationship betwesn output
signals of the signal leve! detection circuit 2211
and the output signals of the non-iinear signal
generating circuit 2213. In Fig. 23, the output of the
signal level dstection circuit 2211 is shown on the
horizontal axis while the output of the non-linear
signal generating circuit 2213 is shown on the
vertical axis.

The graph of Fig. 23 shows that the output of
the control signal gensrating circuit 2213 controls
the degree of the amplification of the logarithmic
amplifier 2212. As a result, when ambient noise is
low, the amplification of the amplifier 2212 be-
comes low, so that a small amount of sound is
transmitted through the dividing circuit 2214 to the
outside line 2216.

Additionally, there is a small amount of sound
leaked to the amplifier 2215, resulting in a small
amount of sound being leaked to the speaker 20. A
further benefit of the circuit shown in Fig. 22 is that
room reverberation is diminished because of the
lower amplification of reverberated sound.
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It is noted that the circuit shown in Fig. 22 can
be applied to embodiments shown in Figs. 4, 5 and
15 as well as to the embodiments shown in Figs.
17-18. In any of the embodiments of the earset
according to the present invention, the circuit
shown in Fig. 22 preferably eliminates any weak-
ness in the performance of the device owing to the
distance betwsen earset and the user's mouth.
This is because by using the circuit shown in Fig.
22 in combination with the earset of the present
invention, ambient noise is reduced and reverber-
ated voice signals are eliminated.

The above described embodiments of the
present invention implicitly refer to public wired
telephone systems. However, it is to be understood
that the embodiments of the present invention can
be applied to any two-way simultaneous voice
communication system such as wireless, portable,
mobile and private systems.

Other embodiments of the invention will be
apparent to those skilled in the art from consider-
ation of the specification and practice of the inven-
tion disclosed herein. It is intended that the speci-
fication and examples be considered as exemplary
only, with the true scope and spirit of the invention
being indicated by the following claims.

Claims

1. A one piece two-way simultaneous voice trans-
mitting and receiving device comprising:
receiver means for emitting sound to the
ear canal of a user;

transmitter means, coupled to the receiver
means, and located outside the ear canal,
comprising:

a first microphone for sound pickup adapt-
ed to be located at a first position relative to
the mouth of the user and outputting a first
signal; and

a sscond microphone for sound pickup
spaced a distance away from the first micro-
phone and adapted to be located at a second
position relative to the mouth of the user fur-
ther from the mouth of the user than the first
position, and outputting a second signal; and
means for detecting the first and second sig-
nals.

2. The one piece two-way simultaneous voice
transmitting and receiving device according to
claim 1, wherein the first and second micro-
phones are bi-directional microphones.

3. The one piece two-way simultaneous voice
transmitting and receiving device according to
claim 1, wherein the first and second micro-
phones are unidirectional microphonss.
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The ons piece two-way simultaneous voice
transmitting and receiving device according to
claim 1, wherein the means for detecting com-
prises a combination circuit for subtracting the
first and second signals.

The one piece two-way simultaneous voice
transmitting and receiving device according to
claim 1, wherein the means for detecting com-
prises a combination circuit for adding the first
and second signals.

The one pisce two-way simultansous voice
transmitting and receiving device according to
claim 1, wherein the device is adapted to fit
within the ear canal of the user.

The onse pisce two-way simuitaneous voice
transmitting and receiving device according to
claim 1, wherein the device is adapted to hang
at the ear of the user.

A one piece two-way simultaneous voice trans-
mitting and receiving device comprising:

a receiver emitting sound to the ear canal
of a user; and

a transmitter, coupled to the receiver and
located outside the ear canal, comprising:

a microphone for sound pickup and bi-
directional directivity having two sound receiv-
ing ends;

a cavity housing the microphone substan-
tially at a central portion thereof and directed
toward the mouth of the user; and

sound absorbing materials placed within
the cavity and abutting the sound receiving
ends of the microphone.

The one piece two-way simultaneous voice
transmitting and receiving device according to
claim 8, wherein the cavity comprises a sound
pipe which extends less than § cm from each
of the sound receiving snds of the microphone.

The one piece two-way simultaneous voice
transmitting and receiving device according to
claim 8, wherein the device is adapted to fit
within the ear canal of the user.

The one piece two-way simultaneous voice
transmitting and receiving device according to
claim 8, wherein the device is adapted to fit
hang at the ear of the user.

A one piece simultaneous voice transmitting
and receiving device comprising:

a receiver for emitting sound primarily to
the ear canal of a user;
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a transmitter, coupled to the receiver, and
adapted to be located outside the ear canal
comprising:

a first microphone for sound pickup adapt-
ed to be located at a first position relative to
the mouth of the user and outputting a first
signal; and

a second microphone for sound pickup
spaced from the first microphone and adapted
to be located at a second position relative to
the mouth of the user further from the mouth
of the user than the first position and ocutput-
ting a second signal;

subtracting means, coupled to the first and
second microphones, for subtracting the first
and second signals and for outputting a third
signal with a degres of amplification; and

reducing means, coupled to the subtrac-
ting means, for reducing the degree of am-
plification of the third signal if a sound level in
the area of the ear canal is less than 70 dBSPL
to a greater extent than when the sound level
is greater than 70 dBSPL.

The one piece simultansous voice transmitting
and receiving device according to claim 12,
wherein the reducing means comprises:

a signal level detection circuit which re-
ceives the third signal from an input terminal
and which detects the level of the third signal;

a signal generating circuit, coupled to the
signal level detection circuit, for outputting a
control signal based on the level detected by
the signal level detection circuit;

a logarithmic amplifier, coupled to the sig-
nal generating circuit, which recsives the third
signal and amplifies the third signal based on
the control signal output from the signal gen-
erating circuit;

a dividing circuit, coupled to the logarith-
mic amplifier, which divides the amplified third
signal;

an amplifier, coupled to the dividing circuit,
which amplifies a first output of the dividing
circuit and outputs an amplified signal to the
receiver; and

an output line, coupled to the dividing cir-
cuit, for outputting a second output of the
dividing circuit to the transmitter.

A one pisce two-way simultansous voice trans-
mitting and recsiving device comprising:

a receiver section for emitting sound pri-
marily to the ear canal of a user; and

a transmitter section, coupled to the re-
ceiver section, located outside the ear canal
comprising:

a microphone for sound pickup with bi-
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directional directivity having two sound receiv-
ing ends and for outputting a signal; and

a cavity housing the microphone substan-
tially at a central portion thersof and directed
toward the mouth of the user;

sound absorbing materials placed within
the cavity and abutting the sound recsiving
ends of the microphone; and

reducing means, coupled to the micro-
phone, for reducing the degree of amplification
of the signal if a sound level in the area of the
ear canal is less than 70 dBSPL to a greater
extent than when the sound level is greater
than 70 dBSPL.

A two-way simultaneous voice transmitting and
receiving device comprising:

an ear cover adapted to hang at the auricle
of a user's ear;

a speaker attached to an inside portion of
the esar cover and facing the entrance of the
user's ear canal;

a transmitter attached to an outside portion
of the ear cover and having a first microphone
for sound pickup adapted to be located at a
first position relative to the mouth of the user
and outputting a first signal and a second
microphone for sound pickup spaced from the
first microphone and adapted to bs located at
a second position relative to the mouth of the
user that is further away from the mouth of the
user than the first position and outputting a
second signal; and

a combination circuit, coupled to the trans-
mitter, which subtracts the first and second
signals.

A two-way simultaneous voice transmitting and
receiving device comprising:

an ear cover adapted to hang at the auricle
of a user's ear;

a speaker attached to an inside portion of
the ear cover and facing the entrance of the
user's ear canal;

a transmitter section adapted to be located
outside the user's ear canal, comprising:

a microphone for sound pickup with bi-
directional directivity having two sound receiv-
ing ends and for outputting a signal; and

a cavity housing the microphone substan-
tially at a central portion thereof and directed
toward the mouth of the user; and

sound absorbing materials placed within
the cavity and abutting the sound receiving
ends of the microphons.

A two-way simultaneous voice transmitting and
receiving device comprising:
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an ear cover adapted to hang at the auricle
of a user's ear;

a speaker attached to an inside portion of
the ear cover and facing the entrance of the
user's ear canal;

a transmitter, coupled to the receiver, and
adapted to be located outside the ear canal
comprising:

a first microphone for sound pickup adapt-
ed to be located at a first position relative to
the mouth of the user and outputting a first
signal; and

a second microphone for sound pickup
spaced from the first microphone and adapted
to be located at a second position relative to
the mouth of the user further from the mouth
of the user than the first position and output-
ting a second signal;

subtracting means, coupled to the first and
second microphones, for subtracting the first
and second signals and for outputting a third
signal with a degree of amplification; and

reducing means, coupled to the subtrac-
ting means, for reducing the degree of am-
plification of the third signal if a sound level in
the arsa of the ear canal is less than 70 dBSPL
to a greater extent than when the sound level
is greater than 70 dBSPL.

A two-way simultaneous voice transmitting and
receiving system comprising:

an ear cover adapted to hang at the auricle
of a user's ear;

a speaker attached to an inside portion of
the ear cover and facing the entrance of the
user's ear canal;

a transmitter section, coupled to the re-
ceiver section, located outside the ear canal
comprising:

a microphone for sound pickup with bi-
directional directivity having two sound receiv-
ing ends and for outputting a signal;

a cavity housing the microphone substan-
tially at a central portion thersof and directed
toward the mouth of the user; and

sound absorbing materials placed within
the cavity and abutting the sound receiving
ends of the microphone; and

reducing means, coupled to the micro-
phone, for reducing the degree of amplification
of the signal if a sound level in the area of the
ear canal is less than 70 dBSPL to a greater
extent than when the sound level is greater
than 70 dBSPL.
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Description
BACKGROUND OF THE INVENTION
FIELD OF THE INVENTION

The present invention relates to a microphone array input type speech recognition scheme in which speeches
uttered by a user are inputted through microphone array and recognized.

DESCRIPTION OF THE BACKGROUND ART

in the speech recognition, a surrounding environment under which the speech input is made can largely affect the
recognition performance. In particular, background noises and reflected sounds of the user's speeches can degrade the
recognition performance so that they are sources of a serious problem encountered in a use of a speech recognition
system. For this reason, in general, a short range microphone designed for use near the mouth of the user suchas a
headset microphone or a hand microphone has been employed, but it is uncomfortable to wear the headset microphone
on a head for any extended period of time, while the hand microphone can limit a freedom of the user as it occupies the
user's hands, and there has been a demand for a speech input scheme that can allow more freedom to the user.

A microphone array has been studied as a potential candidate for a speech input scheme that can resolve the con-
ventionally encountered inconvenience described above, and there are some recent reports of its application to the
speech recognition system. The microphone array is a set of a plurality of microphones which are arranged at spatially
different positions, where noises can be reduced by the synthetic processing of outputs of these microphones.

Fig. 1 shows a configuration of a conventional speech recognition system using a microphone array. This speech
recognition system of Fig. 1 comprises a speech input unit 11 having a microphone array formed by a plurality (N sets)
of microphones, a sound source direction estimation unit 12, a sound source waveform estimation unit 13, a spesch
detection unit 14, a speech analysis unit 15, a pattern matching unit 16, and a recognition dictionary 17.

In this configuration of Fig. 1, the speech entered at the microphone array is converted into digital signals for
respective microphones by the speech input unit 11, and the speech waveforms of all channels are entered into the
sound source direction estimation unit 12.

At the sound source direction estimation unit 12, a sound source position or direction is estimated from time differ-
ences among signals from different microphones, using the known dslay sum array method or a method based on the
cross-correlation function as disclosed in U. Bub, et al.: "Knowing Who to Listen to in Speech Recognition: Visually
Guided Beamforming”, ICASSP 95, pp. 848-851, 1995.

A case of estimating a direction of the sound source and a case of estimating a position of the sound source
respectively correspond to a case in which the sound source is far distanced from the microphone array so that the inci-
dent sound waves can be considered as plane waves and a case in which the sound source is relatively close to the
microphone array so that the sound waves can be considered as propagating in forms of spherical waves.

Next, the sound source waveform estimation unit 13 focuses the microphcne array to the sound source position or
direction obtained by the sound source direction estimation unit 12 by using the detay sum array method, and estimates
the speech waveform of the target sound source.

Thereafter, similarly as in the usual speech recognition system, the speech analysis is carried out for the obtained
speech waveform by the speech analysis unit 15, and the pattern matching using the recognition dictionary 17 is carried
out for the obtained analysis parameter, so as to obtain the recognition result. For a method of pattern matching, there
are several known methods including the HMM (Hidden Markov Model), the multiple similarity method, and the DP
matching, as detailed in Rabiner et al.: "Fundamentals of Speech Recognition”, Prentice Hall, for example.

Now, in the speech recognition system, it is custom to input the speech waveform. For this reason, even in the con-
ventional speech recognition system using the microphone array as described above, the sound source position (or the
sound source direction) and the speech waveform are obtained by processing the microphone array outputs according
to the delay sum array method, due to a need to estimate the speech waveform by a small amount of calculations. The
delay sum array method is often utilized because the speech waveform can be obtained by a relatively smalil amount of
calculations, but the delay sum array method is also associated with a problem that the separation power is lowered
when a plurality of sound sources are located close to each other.

On the other hand, as a method for estimating the sound source position (or direction), there is a parametric
method based on a mode! as disclosed in S. V. Pillai: "Array Signal Processing”, Springer-Verlag, New York, 1989, for
example, which is presumably capable of estimating the sound source position at higher precision than the delay sum
array method, and which is also capable of obtaining the power spectrum necessary for the speech recognition from
the sound source position estimation processing at the same time.

Fig. 2 shows a processing configuration for this conventionally proposed parametric method. in the configuration of
Fig. 2, signals from a plurality of microphones are entered at a speech input unit 21, and the frequency analysis based
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on the FFT (Fast Fourier Transform) is carried out at a frequency analysis unit 22. Then, the sound source position esti-
mation processing is carried out for each frequency component at a power estimation unit 23, and the final sound
source position estimation result is obtained by synthesizing the estimation results for all the frequencies at a sound
source direction judgement unit 24.

Here, the sound source position estimation processing is a processing for estimating a power at each direction or
position while minutely changing a direction or position over a range in which the sound source can possibly be located,
so that a very large amount of calculations are required. In particular, in a case of assuming the propagation of sound
waves in forms of spherical waves, it is going to estimate a position of the sound source rather than an armriving direction
of the sound waves, so that two- or three-dimensional scanning is necessary and consequently an enormous amount
of calculations are required.

Moreover, in the conventionally proposed parametric method described above, it is necessary to carry out this
scanning processing for each frequency component obtained by the fast Fourier transform of the speech, so that it is
difficult to reduce a required amount of calculations.

SUMMARY OF THE INVENTION

It is therefore an object of the present invention to provide a method and a system for microphone array input type
speech recognition capable of realizing a high precision sound source position or direction estimation by a small
amount of calculations, and thereby realizing a high precision speech recognition. This object is achieved by obtaining
a band-pass waveform, which is a waveform for each frequency bandwidth, from input signals of the microphone array,
and directly obtaining a band-pass power of the sound source from the band-pass waveform. Then, the obtained band-
pass power can be used as the speech parameter.

It is another object of the present invention to provide a method and a system for microphone array input type
speech recognition capable of realizing the sound source estimation and the band-pass power estimation at high pre-
cision while further reducing an amount of calculations. This object is achieved by utilizing a sound source position
search processing in which a low resolution position estimation and a high resolution position estimation are combined.

According to one aspect of the present invention there is provided a microphone array input type speech recogni-
tion system, comprising: a speech input unit for inputting speeches in a plurality of channels using a microphone array
formed by a plurality of microphones; a frequency analysis unit for analyzing an input speech of each channel inputted
by the speech input unit, and obtaining band-pass waveforms for each channel, each band-pass waveform being a
waveform for each frequency bandwidth; a sound source position search unit for calculating a band-pass power distri-
bution for each frequency bandwidth from the band-pass waveforms for each frequency bandwidth obtained by the fre-
quency analysis unit, synthesizing calculated band-pass power distributions for a plurality of frequency bandwidths, and
estimating a sound source position or direction from a synthesized band-pass power distribution; a speech parameter
extraction unit for extracting a speech parameter for speech recognition, from the band-pass power distribution for each
frequency bandwidth calculated by the sound source position search unit, according to the sound source position or
direction estimated by the sound source position search unit; and a speech recognition unit for obtaining a speech rec-
ognition result by matching the speech parameter extracted by the speech parameter extraction unit with a recognition
dictionary.

According to another aspect of the present invention there is provided a microphone array input type speech anal-
ysis system, comprising: a speech input unit for inputting speeches in a plurality of channels using a microphone amray
formed by a plurality of microphones; a frequency analysis unit for analyzing an input speech of each channel inputted
by the speech input unit, and obtaining band-pass waveforms for each channel, each band-pass waveform being a
waveform for each frequency bandwidth; a sound source position search unit for calculating a band-pass power distri-
bution for each frequency bandwidth from the band-pass waveforms for each frequency bandwidth obtained by the fre-
quency analysis unit, synthesizing calculated band-pass power distributions for a plurality of frequency bandwidths, and
estimating a sound source position or direction from a synthesized band-pass power distribution; and a speech param-
eter extraction unit for extracting a speech parameter from the band-pass power distribution for each frequency band-
width estimated by the sound source position search unit, according to the sound source position or direction estimated
by the sound source position search unit.

According to another aspect of the present invention there is provided a microphone array input type speech anal-
ysis system, comprising: a speech input unit for inputting speeches in a plurality of channels using a microphone array
formed by a plurality of microphones; a frequency analysis unit for analyzing an input speech of each channel inputted
by the speech input unit, and obtaining band-pass waveforms for each channel, each band-pass waveform being a
waveform for each frequency bandwidth; and a sound source position search unit for calculating a band-pass power
distribution for each frequency bandwidth from the band-pass waveforms for each frequency bandwidth obtained by the
frequency analysis unit, synthesizing calculated band-pass power distributions for a plurality of frequency bandwidths,
and estimating a sound source position or direction from a synthesized band-pass power distribution.

According to another aspect of the present invention there is provided a microphone array input type speech rec-
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ognition method, comprising the steps of: inputting speeches in a plurality of channels using a microphone array formed
by a plurality of microphones; analyzing an input speech of each channel inputted by the inputting step, and obtaining
band-pass waveforms for each channel, each band-pass waveform being a waveform for each frequency bandwidth;
calculating a band-pass power distribution for each frequency bandwidth from the band-pass waveforms for each fre-
quency bandwidth obtained by the analyzing step, synthesizing calculated band-pass power distributions for a plurality
of frequency bandwidths, and estimating a sound source position or direction from a synthesized band-pass power dis-
tribution; extracting a speech parameter for speech recognition, from the band-pass power distribution for each fre-
quency bandwidth calculated by the calculating step, according to the sound source position or direction estimated by
the calculating step; and obtaining a speech recognition result by matching the speech parameter extracted by the
extracting step with a recognition dictionary.

According to another aspect of the present invention there is provided a microphone array input type speech anal-
ysis method, comprising the steps of: inputting speeches in a plurality of channels using a microphone array formed by
a piurality of microphones; analyzing an input speech of each channel inputted by the inputting step, and obtaining
band-pass waveforms for each channel, each band-pass waveform being a waveform for each frequency bandwidth;
calculating a band-pass power distribution for each frequency bandwidth from the band-pass waveforms for each fre-
quency bandwidth obtained by the analyzing step, synthesizing calculated band-pass power distributions for a plurality
of frequency bandwidths, and estimating a sound source position or direction from a synthesized band-pass power dis-
tribution; and extracting a speech parameter from the band-pass power distribution for each frequency bandwidth cal-
culated by the calculating step, according to the sound source position or direction estimated by the calculating step.

According to another aspect of the present invention there is provided a microphone array input type speech anal-
ysis method, comprising the steps of: inputting speeches in a plurality of channels using a microphone array formed by
a plurality of microphones; analyzing an input speech of each channel inputted by the inputting step, and obtaining
band-pass waveforms for each channel, each band-pass waveform being a waveform for each frequency bandwidth;
and calculating a band-pass power distribution for each frequency bandwidth from the band-pass waveforms for each
frequency bandwidth obtained by the analyzing step, synthesizing calculated band-pass power distributions for a plu-
rality of frequency bandwidths, and estimating a sound source position or direction from a synthesized band-pass
power distribution.

Other features and advantages of the present invention will become apparent from the following description taken
in conjunction with the accompanying drawings.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram of a conventional microphone array input type speech recognition system.

Fig. 2 is a block diagram of a processing configuration for a conventionally proposed parametric method for esti-
mating the sound source position or direction.

Fig. 3 is a block diagram of a microphone array input type speech recognition system according to the first embod-
iment of the present invention.

Fig. 4 is a diagram of a filter function to be used in a sound source position search unit in the system of Fig. 3.

Figs. 5A and 5B are diagrams showing a relationship between a sound source position and microphone positions
in the system of Fig. 3, for a case of direction estimation and for a case of position estimation, respectively.

Fig. 6 is a diagram for explaining a peak detection from a sound source power distribution after the synthesizing
processing in the system of Fig. 3.

Fig. 7 is a block diagram of one exemplary configuration for a speech recognition unit in the system of Fig. 3.

Fig. 8 is a block diagram of another exemplary configuration for a speech recognition unit in the system of Fig. 3.

Fig. 9 is a flow chart for the overall processing in the system of Fig. 3.

Fig. 10 is a diagram for explaining a read out waveform data for one frame used in a calculation of a correlation
matrix at a sound source position search unit in the system of Fig. 3.

Figs. 11A and 11B are diagrams showing a relationship between a resolution and an increment value for search in
a sound source position estimation in the system of Fig. 3.

Fig. 12 is a block diagram of a sound source position search unit in the system of Fig. 3 according to the second
embodiment of the present invention.

Fig. 13 is a flow chart for the processing of the sound source position search unit of Fig. 12.

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS
Referring now te Fig. 3 to Fig. 10, the first embodiment of a method and a system for microphone array input type
speech recognition according to the present invention will be described in detail.

Fig. 3 shows a basic configuration of a microphone array input type speech recognition system in this first embod-
iment. This speech recognition system of Fig. 1 comprises a speech input unit 1, a frequency analysis unit 2, a sound
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source position search unit 3, a speech parameter extraction unit 4, and a speech recognition unit S.

The speech input unit 1 has a microphone array (not shown) formed by N sets (8 sets, for example) of microphones,
and converts speeches entered from the microphone array into digital signals.

The frequency analysis unit 2 analyzes the input speech for each microphone {channe!) entered at the speech
input unit 1 by a band-pass filter bank (a group of band-pass filters), and obtains a band-pass waveform which is a
waveform for each frequency bandwidth.

The sound source position search unit 3 estimates a power arriving from each position or direction for each band-
width according to the band-pass waveform for each frequency bandwidth obtained for each channel by the frequency
analysis unit 2, as a sound source position judgement information, and identifies a sound source direction or position
by synthesizing the obtained sound source position judgement information for a plurality of frequency bandwidths.

The speech parameter extraction unit 4 extracts the band-pass power of the speech signals arrived from the sound
source direction or position identified by the sound source position search unit 3, as a speech parameter, according to
the sound source position judgement information obtained at the sound source position search unit 3.

The speech recognition unit S carries out the speech recognition by matching the speech paramster extracted by
the speech parameter extraction unit 4 with a recognition dictionary.

Now, the outline of the overall operation in the speech recognition system of Fig. 3 will be described.

First, the speeches entered at N (=8) sets of microphones are AD converted at the sampling frequency such as 12
KHz for example, microphone channel by microphone channel, at the speech input unit 1. Then, the frequency analysis
is carried out at the frequency analysis unit 2, to obtain band-pass waveforms for a plurality of bands (bandwidths) cor-
responding to microphones. Here, a number M of bands used in the analysis is assumed to be equal to 16. The trans-
mission bandwidths of the band-pass filters are to be determined as those required at the speech recognition unit 5. A
manner of constructing the band-pass filters is well known and can be found in Rabiner et al.: "Fundamentals of Speech
Recognition”, Prentice Hall, for example.

Next, at the sound source position search unit 3, an arriving power in each bandwidth is estimated for each position
or direction, according to the band-pass waveforms for N (=8) channels in each bandwidth outputted by the frequency
analysis unit 2, as the sound scurce position judgement information. This processing is repeated for M (=16) times. This
calculation of the sound source position judgement information is a calculation of an arriving power while sequentially
displacing an assumead sound source position or direction, so as to obtain a distribution of arriving powers over a range
in which the sound source can be located.

Thereafter, the sound wave arriving direction or the sound source position is estimated by synthesizing the above
described power distribution obtained for each of M frequency bandwidths. Here, a position or direction with a large
value in the power distribution is to be estimated as that of the source source.

In addition, at the speech parameter extraction unit 4, the sound source power (band-pass power) at the sound
wave arriving direction or the sound source position is extracted, from the sound source position judgement information
estimated for each bandwidth at the sound source position search unit 3, as the speech parameter. This speech param-
eter is then given to the speech recognition unit 5, where the speech recognition result is obtained and outputted.

As described, in this first embodiment, the sound source position is determined according to the estimated power
distribution for each frequency bandwidth to be used in the speech recognition, and the speech parameter is cbtained
according to the determined sound source position, so that even when the sound source position is unknown, it is pos-
sible to realize the speech recognition by directly obtaining the speech parameter at high precision with a small amount
of calculations.

Note that, when the sound source position is known, it suffices to obtain the arriving power value by limiting a power
distribution calculation range to a single known sound source position or direction, and the configuration of Fig. 3 is also
applicable to this case without any change. This simplified operation is effective when it is possible to assume that a
user makes a speech input by approaching to a specific location.

Next, the detailed operation for obtaining the power distribution from a plurality of band-pass waveforms at the
sound source position search unit 3 will be described.

At the sound source position search unit 3, in order to obtain a power at each direction or position from a plurality
(M sets) of band-pass waveforms, the calculation of the minimum variance method is carried out. The minimum vari-
ance method is well known and described in Haykin: "Adaptive Filter Theory", Prentice Hall, for example.

In this first embodiment, at a time of the sound source power estimation by the minimum variance method, in order
to deal with signals having a certain bandwidth which is not a narrow bandwidth, a filter function as indicated in Fig. 4
is realized by calculation, where the band-pass waveforms of the same frequency bandwidth obtained for N sets of
microphones (i = 1 to N) by the frequency analysis unit 2 are added by an adder 32 after passing through transversal
filters 31-1 to 31-N with multiple delay line taps corresponding to N sets of microphones (i = 1 to N). Here, the filter coef-
ficients wy  towy,, = = = = =« < o wy, towy, of the filters 31-1 to 31-N are switchably set up for each bandwidth, so as
to realize the filter function for all bandwidths.

In the configuration of Fig. 2, a number of taps in the filter is denoted as J, and a filter coefficient of the i-th micro-
phone (microphone No. i} is denoted as w;; (1 Sid N, 1 5] s J). Here, J is equal to 10, for exampile, but this setting may
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be be changed depending on a width of the bandwidth.

The filter output y in this configuration of Fig. 2 can be expressed as follows.

First, by denoting the band-pass waveform of the k-th frequency bandwidth (1 s k = M) obtained from the waveform
for the i-th microphone as xu(n), and by arranging band-pass waveform sample sequences: x; = (xy (n~J+1),
Xy (0= J42), « < = = = o o 2y (N-1), X (N)) from J samples past of a certain time n up to this time n, for all N sets of
microphones, it is possible to obtain a vector given by the following equation (1).

Xy = (K Xg =00 s oo e x| (M
Also, by arranging the filter coefficients wy;, it is possible to obtain a vector given by the following equation (2).

Wi =Wy Wyp, ® %% @ %2t Wi Wy Wpy, *ovtesce,

T @
Woj =% 00 s Wy Wyp, * 0000t m,Wy)
Using the above equations (1} and (2), the filter output y can be expressed as:
y=w, "X, (3)
where * denotes a complex conjugate of a vector. In this expression, xi is usually called a snap-shot.
Now, denoting the expectation value as E[ ], the expectation value of the filter output power y? is expressed as :
Ely®) = EWy " Xy Xy " Wid =Wy " Ry wy, @

where R, = E[x, x,*] is a correlation matrix of x. Then, the estimation vector according to the minimum variance
method is obtained by minimizing this expectation value E{y?] under the constraint conditions that a response of the
microphone array for a target direction or position is to be maintained constant.

These constraint conditions can be expressed as:

w,"A=g {5)

where g is a column vector with constant values in a size equal to a number L of constraint conditions. For example, this
gcanbe[1,1, <+ <+« -« 1] Also, Ais a matrix formed by direction control vectors ap, for different frequencies as
column vectors. This matrix A can be expressed as:

A=[a ,a,, ******++,a.} (6)

and each direction control vector a,, (m=1,2, = =« - =+ - + 1) can be expressed as:

,jcomtz' c e e s s e 'aNe-]cnm:N) %)

a,=(1aze
where 13, = = « « + « » « 1y are propagation time differences of the incident sound wave for the second to N-th micro-
phones with reference to the first microphone, respectively. Note that the propagation time difference t4 of the incident
sound wave for the first microphone is set equal to zero. Also, a,, is an angular frequency, andap, * <+« » « - »,ayare
amplitude ratio of the incident sound wave for the second to N-th microphone with reference to the first microphone,
respectively. Here, L is set equal to 10, for example, and o, is settobe o, = (0 4-@p)(L-1)) * M + @, , where o, is
an upper limit angular frequency of the bandwidth and , is a lower limit angular frequency of the bandwidth.

When the problem of minimization under the constraints given by the equations (4) and (5) is solved by the
Lagrange’s method of indsterminate coefficients, the filter coefficient w, for minimizing the arriving power from any
direction or position other than the sound source direction 6 or the sound source position 8 can be given by the following
equation (8).

we=R, AMAR, A g @

Using this filter coefficient w,, the arriving power (arriving band-pass power, sound source power) P, (6) for the k-th
bandwidth from the sound source 8 can be calculated as the following equation (9).

Pu@=g"(A"R,"A)"g o)
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In a case of the sound source position estimation, 8 is taken as a vector for expressing the coordinates.

Now, with reference to Figs. 5A and 5B, a manner of obtaining the propagation time difference and the amplitude
tor each microphone will be described. Here, the explanation is given on two-dimensional plane for the sake of simplic-
ity, but the extension to the three-dimensional space should be obvious.

First, as shown in Fig. 5A, the coordinates of the first microphone (No. 1) are denoted as (x4, y;) and the coordi-
nates of the i-th microphone (No. i) are denoted as (x;, y;). Then, for a case of the plane waves, when the sound waves
are incident from a direction 6, the propagation time difference r; of the incident sound waves at the i-th microphone and
the first microphone is given by:

T(8) = ((x,%4) % + (v, ¥ 1) ©) " cos(e-tan""((y, -y M, x 1))} (10)
and the amplitude can be assumed as:
ﬂ1=az=""""=au=1 (11)

On the other hand, in a case of a point sound source, as shown in Fig. 5B, when an assumed sound source position
9 is located at (X, Ys), the propagation time difference 1; and the amplitude g; can be given by:

= (0 x) 2+ by ¥ ) P X 2+ iy ) D) P e (12)
and
;= (%) % + 1y ) ) P A x ) 2+ v ¥ ) D) P (13)

where ¢ is the speed of sound.

P(6) given by the above equation (9) becomes large when 6 coincides with the arriving direction or the sound
source position, or small when they do not coincide. For this reason, by calculating Py(6) for each direction or position,
the arriving direction or the sound source position can be estimated as a position of the peak.

To this end, in a case of obtaining the sound source direction, the sound source position search unit 3 calculates
P«(6) while sequentially changing 6 gradually, 1° by 1° for example. Also, in a case of obtaining the sound source posi-
tion, the sound source position search unit 3 calculates Py(6) for lattice points at 2 cm interval for example, within the
search range. The increment value for ® may be changed to any appropriate value depending on factors such as a
wavelength and a distance to an assumed sound source position.

Next, at the sound source position search unit 3, P,(6) of the equation (9) obtained for all bandwidths are synthe-
sized to estimate the sound source position or the sound source direction.

Here, the synthesizing can be realized by multiplying a weight W, to the arriving power distribution P,(0) for each
bandwidth, and taking a sum for all the frequency bandwidths fromk = 1to k=M, thatis:

P(8) o1 = Z W P (8) (14)

and estimating the sound source from a peak on the distribution after this synthesizing processing (the total sound
source power distribution).

Here, all the weights W, may be set equal to 1, or the weight for the frequency of a noise source with a leown fre-
quency characteristic such as a power source frequency may be set small so as to reduce the influence of the noise.

The detection of the sound source is carried out according to a size of a peak in P(8),, as described above, and
a single largest peak can be detected as the sound source. Alternatively, as shown in Fig. 6, by setting a prescribed
threshold with reference to an average value of portions other than peak portions on the synthesized (total) sound
source power distribution, such as 5 dB, and all peaks above this threshold may be detected as the sound sources,
while not detecting any sound source at all when there is no peak above this threshold.

In this manner, the arriving power distribution Py(6) for each bandwidth given by the equation (9) is used in Judging
whether the sound source exists at an assumed sound source position which is set to be each direction or position
determined with reference to positions of a plurality of microphones, so that this arriving power distribution P, (8) will be
referred to as the sound source position judgement information.

Next, the speech parameter extraction unit 4 can extract the power of the k-th frequency bandwidth of the sound
source, from the already obtained arriving power distribution P,(8) for each bandwidth, according to the sound source
direction or position obtained by the sound source position search unit 3. Consequently, by extracting the power for all
the bandwidths fromk = 1 to k= M, itis possible to obtain the band-pass power to be used as the speech parameter.

The band-pass power of the sound source obtained in this manner is sent from the speech parameter extraction
unit 4 to the speech recognition unit 5, and used in the speech recognition processing.
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As shown in Fig. 7, the speech recognition unit 5 comprises a speech power calculation unit 501, a speech detec-
tion unit 502, a pattern matching unit 503, and a recognition dictionary 504.

In this speech recognition unit 5, the speech power is calculated from the speech parameter (band-pass power)
extracted by the speech parameter extraction unit 4, and a speech section is detection by the speech detection unit 502
according to the calculated speech power. Then, for the speech parameter in the detected speech section, the pattern
matching with the recognition dictionary 504 is carried out by the pattern matching unit 503.

Note that, as shown in Fig. 8, the speech recognition unit 5§ may be formed by a pattern matching unit 511, a rec-
ognition dictionary 512, and a speech detection unit 513, so as to carry out the word spotting scheme in which the con-
tinuous pattern matching for the speech parameter is carried out and a section with the largest matching score is
determined as a speech section.

The total speech power can be obtained by summing powers for ail the bandwidths extracted by the speech param-
eter extraction unit 4, so that it is possible to use the known speech section detection method based on the speech
power as disclosed in L. F. Lamel et al.: "An Improved Endpoint Detector for isolated Word Recognition”, IEEE Trans-
actions on Acoustics, Speech, and Signal Processing, Vol.ASSP-29, No. 4, pp. 777-785, August 1981. The above
processing is to be carried out for each frame of the input speech waveform data so as to recognize the speech contin-
uously.

In this first embodiment, using the configuration of the microphone array input type speech recognition system as
described above, the speech recognition is realized by directly obtaining the band-pass power which is the speech
parameter. Consequently, it is possible to use the minimum variance method which is a sound source direction or sound
source position estimation method with a high precision and a small amount of calculations.

Now, the flow of processing as described above will be summarized with reference to the flow chart of Fig. 9.

First, prior to the start of the processing, the initial setting is made for factors such as whether a direction estimation
is to be used or a position estimation is to be used, a range of sound source search to be used, and an increment value
to be used in the search (step S1). In an example of Fig. 9, a direction estimation is to be used, a searching range is
from -80° to +90°, and an increment value for search is 1°.

Next, the speeches entered at N sets of microphones are A/D converted at the sampling frequency of 12 KHz for
example, for all N channels in parallel, by the speech input unit 1. The obtained waveform data are then stored in a
buffer (not shown) of the speech input unit 1 (step S2). Normally, this step S2 is carried out continuously in real time,
regardless of the other processing.

Next, the waveform data for each channel is read out from the buffer for one frame size, 256 points for example,
and applied to the band-pass filter bank at the frequency analysis unit 2, so as to extract the band-pass waveform for
each frequency bandwidth k (k = 1 to M), where M = 16 in this example (step S3). Here, the calculations for the band-
pass filters may be carried out independently for each microphone in parallel, or sequentially for each microphone seri-
ally.

Next, at the source source position search unit 3, using the band-pass waveform data for N channels obtained by
the frequency analysis unit 2 at the step S3, the correlation matrix Ry for each frequency bandwidth k is obtained (step
54). Here, as shown in Fig. 10, the calculation of the correlation matrix R is realized by obtaining the correlation matrix
Ry as a time average of the auto-correlation matrices of samples for 20 frames taken at an interval of 2 samples from a
frame data of 256 samples (points) for example.

In addition, at the step 84, using this correlation matrix Ry, the arriving power distribution
Pk{8) = g* (A* Ry "t A)" g is obtained as the sound source position judgement information for each assumed position
or direction. This calculation is carried out over the entire space to be searched through, so as to cbtain the spatial dis-
tribution of the arriving powers. As for the bandwidths, when M = 16, the calculation is carried out fromk=1to k = 16.

Next, at the sound source position search unit 3, the arriving power distributions Py (6) for different frequency band-
widths are summed over the entire frequency bandwidths, for each 6, so as to obtain the total sound source power dis-
tribution P(8)o1a1- Then, the largest peak is extracted from this P(6)q and identitied as the sound source position 8y
(step S5).

Next, at the speech parameter extraction unit 4, a value on the arriving power distribution (sound source position
judgement information distribution) P, (8) for each frequency bandwidth obtained by the sound source position search
unit 3 at the sound source position 8y is extracted, and this is repeated for all the frequency bandwidths for each sound
source, so as to obtain the speech parameter P, (8;) (step S6).

In addition, at the step S6, the powers for different bandwidths k of the speech parameter P,(6) are summed to
obtain the power for the entire speech bandwidth at the speech power calculation unit 501 of the speech recognition
unit 5.

Next, using the power for the entire speech bandwidth obtained at the step S6, the speech section is detected by
the speech detection unit 502 of the speech recognition unit 5 (step S7).

Then, whether the end of the speech section is detected by the speech detection unit 502 or not is judged (step
$8), and if not, the processing returns to the step S2 to carry out the frequency analysis for the next waveform data
frame.
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On the other hand, when the end of the speech section is detected, a matching of the speech parameter in the
detected speech section with the recognition dictionary 504 is carried out, and the obtained recognition result is output-
ted (step S9). Then, the processing returns to the step S2 to carry out the frequency analysis for the next waveform data
frame.

Thereatfter, the above processing is repeated so as to carry out the speech parameter estimation and the speech
recognition continuously.

Note that the processing described above can be carried out at high speed by adopting the pipeline processing
using a plurality of processors (as many processors as a number of microphones, for example) which are operated in
parallel.

Referring now to Fig. 11A to Fig. 13, the second embodiment of a method and a system for microphone array input
type speech recognition according to the present invention will be described in detail.

This second embodiment is directed to a scheme for further reducing an amount of calculations in the sound
source position estimation, by changing the constraint conditions used in the spectrum estimation so as to control the
resolution, and changing the search density according to the resolution so as to reduce an amount of calculation in the
sound source search. In this second embodiment, the basic configuration of the speech recognition system is the same
as that of the first embodiment, so that Fig. 3 will be also referred in the following description.

In the first embodiment described above, the constraint conditions used in the spectrum estimation based on the
minimum variance method are that a response of the microphone array for one direction or position is to be maintained
constant. In this case, the resolution of the estimation is sufficiently high, so that the peak is found by the dense search
in which the arriving power is obtained while changing 8 1° by 1° for example within the socund source search range.

When the resolution is so high as in this case, as shown in Fig. 11A, there is a possibility for failing to detect an
accurate apex of the peak when the search is carried out not so densely, so that an amount of calculations for the
search cannot be reduced easily.

In contrast, when the resolution of the sound source position estimation processing can be lowered, as shown in
Fig. 11B, a possibility for overlooking the peak position can be made low even when the search is carried out coarsely,
so that an amount of calculations can be reduced. In this case, however, it may not be possible to separate the closely
located sound sources, or the estimation precision may be lowered, as much as the resolution is lowered.

For this reason, this second embodiment adopts a scheme in which the lower resolution search is carried out first
and then the high resolution search is carried out only in a vicinity of the peak, so as to realize the high precision sound
source position estimation with a small amount of calculations. This scheme will now be described in detail.

The resolution at a time of the sound source position estimation can be controlied by requiring that responses of
the microphone array for a plurality of directions or positions are to be simuttaneously maintained constant, instead of
just requiring a response of the microphone array for one direction or position to be maintained constant as in the con-
straint conditions of the equation (5).

For example, using two time delays t(04) and t5(8,) for two angles 8, and 6, (according to the equation (10)), itis
possible to use two direction control vectors a,(6¢) and an(8s) (m=1,2, + « + « « = » « L) given by the following equa-
tions (15) and (16).

-jome2({61) ~jmmrN(91)) (1 5)

an(0,)=(1,ae seccerec age

-]mmt2(82). -jmmr(62)) (1 6)

am(02)=(1,aze seceeees age

Then, using these two direction contro! vectors a,,(04) and a,(8,), it is possible to set:
A={a1(01), 32(91)- frrreee "aL(B‘])- 31(92)- 82(92)- e '.3,_(92)] (17)

so as to make responses of the microphone array to two directions simultanaously.

Here, when 8, and 6, are set to close values, suchas 8, = 8, + 1° for example, it is equivalent to a case of mak-
ing a response of the microphone array for a single direction with a width between 8, and 6,, so that it is equivalent to
the lowering of the resolution. Note here that a number of directions for which the responses of the microphone array
are to be made simultaneously is not necessarily limited to two.

When the resolution is lowered, the search can be coarser compared with a case of high resolution, so that an
amount of calculations can be reduced.

Then, after the search using the low resolution sound source position estimation processing described above, the
high resolution search as described in the first embodiment can be carried out only in a vicinity of the peak detected by
the first search, so that the high precision sound source position estimation can be realized with a reduced amount of
calculations overall.

Fig. 12 shows a configuration of the sound source position search unit 3 in this second embodiment for realizing
the above described sound source position estimation processing.
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In this configuration of Fig. 12, the sound source position search unit 3 comprises a low resolution sound source
poesition search unit 301 and a high resolution sound source position search unit 302. The low resolution sound source
position search unit 301 coarsely estimates the arriving power distribution in terms of positions or directions by using
the low resolution spectrum estimation. The high resolution sound source position search unit 302 densely estimates
the arriving power distribution by using the high resolution spectrum estimation only in a vicinity of the position or direc-
tion obtained by the low resolution sound source position search unit 301.

Now, the flow of processing in this sound source position search unit 3 in the configuration of Fig. 12 will be
described with reference to the flow chart of Fig. 13.

First, using the inputs of the band-pass waveforms corresponding to the microphone, the correlation matrix Ry is
calculated (step S11). Here, a method for obtaining this correlation matrix Ry is the same as in the first embodiment.

Next, using the obtained correlation matrix Ry, the low resolution sound source position search is carried out (step
S12). At this point, the increment value 84 for search is set to be a relatively large value, such as 5° for example, so as
to camrry out the search coarsely over the entire search range. Also, in order to lower the resolution, a matrix as
expressed by the equation (17) which has two direction control vectors a,,(64) and a,(6,) for two directions or positions
as expressed by the equations (15) and {16) as column vectors is used instead of a matrix A in the equation (9). in Fig.
13, this matrix is denoted as B in order to distinguish it from a matrix A of the equation (6). The search is carried out for
each bandwidth.

Next, the low resolution arriving power distributions for different bandwidths are synthesized, and the sound source
position 8, is obtained from a peak therein (step S13).

Next, in a vicinity of the sound source position obtained at the step S13, the high resolution sound source position
search is carried out. Here, the setting of the search range is set to be £10° of the sound source position obtained at
the step S13, for example. At this point, the equation to be used for the arriving power estimation (arriving power distri-
bution) is the same as the equation (9), and the increment value is set to a smaller vaiue such as 1° for example (step
S14).

Next, the high resolution arriving power distributions for different bandwidths obtained at the step S14 are synthe-
sized, and the sound source position 8,' is obtained from a peak therein (step S15).

At the speech parameter extraction unit 4, the power (speech parameter) of the sound source is extracted from the
arriving power distribution obtained by the high resolution sound source position search at the high resolution sound
source position search unit 302 of the sound source position search unit 3.

As described, in this second embodiment, by using the sound source position search processing in which the low
resolution sound source position estimation and the high resolution scund source position estimation are combined, it
is possible to estimate the sound source position and its band-pass power while reducing an amount of calculations
considerably.

As described, according to the present invention, a band-pass waveform which is a waveform for each frequency
bandwidth is obtained from input signals of the microphone array, and a band-pass power of the sound source is directly
obtained from the band-pass waveform, so that it is possible to realize a high precision sound source position or direc-
tion estimation by a small amount of calculations. Moreover, the cbtained band-pass power can be used as the speech
parameter so that it is possible to realize a high precision speech recognition.

In the speech recognition system of the present invention, the input signals of the microphone array entered by the
speech input unit are frequency analyzed by the frequency analysis unit, so as to obtain the band-pass waveform which
is a waveform for each frequency bandwidth. This band-pass waveform is obtained by using the band-pass filter band
{a group of band-pass filters), instead of using the frequency analysis based on FFT as in the conventional speech rec-
ognition system. Then, the band-pass power of the sound source is directly obtained from the obtained band-pass
waveform by the sound source position search unit.

Here, in order to handle signals within some bandwidth collectively, a filter configuration (filter function) having a
plurality of delay line taps for each microphone channel is used and the socund source power is obtained as a sum of
the filter outputs for all channels, while using the minimum variance method which is a known high precision spectrum
estimation method.

The sound source power estimation processing using the minimum variance method is also used in the conven-
tionally proposed parametric method described above, but a use of only one delay line tap has been assumed conven-
tionally, so that it has been impossible to obtain the bandwidth power collectively.

In contrast, in the speech recognition system of the present invention, a filter configuration with a plurality of delay
line taps is used so that the power in each direction or position is obtained for each frequency bandwidth necessary for
the speech recognition, rather than obtaining the power in each direction or position for each frequency, and therefore
the obtained power can be directly used for the speech recognition while a required amount of calculations can be
reduced.

For example, in a case of using the conventional FFT with 512 points, it has been necessary to repeatediy obtain
the power in each direction for each of 256 components, but in the present invention, when a number of bands in the
band-pass filter bank is set to 16 for example, it suffices to estimate the power in each direction for 16 times. In addition,
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this power (band-pass power) can be estimated at higher precision compared with the conventional case of using the
delay sum array processing, so that it is possible to realize the high precision speech recognition.

In the sound source position search unit, the synthesizing of the band-pass power distributions for a plurality of fre-
quency bandwidths can be realized by multiplying respective weights to the band-pass power distributions of different
bandwidths, and taking a sum of the weighted band-pass power distributions for all the frequency bandwidths. Here, all
the weights may be set equal to 1, or the weight for the frequency of a noise source with a known frequency character-
istic such as a power source frequency may be set small so as to reduce the influence of the noise.

Also, in the sound source position search unit, the estimation of the sound source position or direction from the syn-
thesized power distribution for each position or direction can be realized by detecting a peak in the synthesized power
distribution and setting a position or direction corresponding to the detected peak as the sound osurce position or direc-
tion.

Furthermore, according to the present invention, by using a sound source position search processing in which a
low resolution position estimation and a high resolution position estimation are combined, it is possible to realize the
sound source estimation and the band-pass power estimation at high precision while further reducing an amount of cal-
culations.

In this case, the coarse search carried out by the sound source position search unit for the purpose of reducing an
amount of calculations is the low resolution search so that it is possible to malke it highly uniikely to overlook the sound
source position or direction (a peak position in the power distribution).

Although there is a possibility for being unable to separate closely located sound sources or lowering the estimation
precision by the low resolution search alone, the high resclution search is also carried out only in a vicinity of the sound
source position or direction obtained by the low resolution search (in a vicinity of the detected peak), so that itis possible
to realize the high precision sound source position estimation with a further reduced amount of calculations.

It is to be noted that, in the above description, the speech recognition system having a speech recognition unit has
been described, but the speech parameter extraction technique according to the present invention can be utilized sep-
arately from the speech recognition device.

Namely, it is also possible to provide a microphone array input type speech analysis system for analyzing the input
signals of the microphone array and extracting the speech parameter, which is formed by the speech input unit, the fre-
quency analysis unit, the sound source position search unit, and the speach parameter extraction unit substantially as
described above, in which the band-pass waveform which is a waveform for each frequency bandwidth is obtained from
input signals of the microphone array, a band-pass power of the sound source is directly obtained from the band-pass
waveform, and the obtained band-pass power is used as the speech parameter.

Similarly, it is also possible to provide a microphone array input type speech analysis system for analyzing the input
signals of the microphone array and estimating the sound source position or direction, which is formed by the speech
input unit, the frequency analysis unit, and the sound source position search unit substantially as described above, in
which the band-pass waveform which is a waveform for each frequency bandwidth is obtained from input signals of the
microphone array, a band-pass power of the sound source is directly obtained from the band-pass waveform, and the
sound source position or direction is estimated according to a synthesized band-pass power distribution.

Such a microphone array input type speech analysis system according to the present invention is utilizable not only
in the speech recognition but also in the other speech related processing such as a speaker recognition.

It is also to be noted that, besides those already mentioned above, many modifications and variations of the above
embodiments may be made without departing from the novel and advantageous features of the present invention.
Accordingly, all such modifications and variations are intended to be included within the scope of the appended claims.

Claims
1. A microphone array input type speech recognition system, comprising:

a speech input unit for inputting speeches in a plurality of channels using a microphone array formed by a plu-
rality of microphones;

a frequency analysis unit for analyzing an input speech of each channel inputted by the speech input unit, and
obtaining band-pass waveforms for each channel, each band-pass waveform being a waveform for each fre-
quency bandwidth;

a sound source position search unit for calculating a band-pass power distribution for each frequency band-
width from the band-pass waveforms for each frequency bandwidth obtained by the frequency analysis unit,
synthesizing calculated band-pass power distributions for a plurality of frequency bandwidths, and estimating
a sound source position or direction from a synthesized band-pass power distribution;

a speech parameter extraction unit for extracting a speech parameter for speech recognition, from the band-
pass powar distribution for each frequency bandwidth calculated by the sound source position search unit,
according to the sound source position or direction estimated by the sound source position search unit; and
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a speech recognition unit for obtaining a speech recognition result by matching the speech parameter
extracted by the speech parameter extraction unit with a recognition dictionary.

The system of claim 1, wherein the sound source position search unit includes:

a low resolution sound source position estimation unit for estimating a rough sound source position or direc-
tion, by minimizing an output power of the microphone array under constraints that responses of the micro-
phone array for a plurality of directions or positions are to be maintained constant; and

a high resolution sound source position estimation unit for estimating an accurate sound source position or
direction in a vicinity of the rough sound source position or direction estimated by the low resolution sound
source position estimation unit, by minimizing the output power of the microphone array under constraints that
a response of the microphone array for one direction or position is to be maintained constant, wherein the
speech parameter extraction unit extracts the speech parameter for speech recognition according to the accu-
rate sound source position or direction.

The system of claim 1, wherein the frequency analysis unit obtains the band-pass waveforms for each channel by
using a band-pass fiiter bank.

The system of claim 1, wherein the sound source position search unit calculates the band-pass power distribution
for each frequency bandwidth, by calculating a band-pass power for each frequency bandwidth, in each one ofa
plurality of assumed sound source positions or directions within a prescribed search range.

The system of claim 1, wherein the sound source position search unit calculates the band-pass power distribution
for each frequency bandwidth by using a filter function configuration having a plurality of delay line taps for each
channel.

The system of claim 1, wherein the sound source position search unit calculates the band-pass power distribution
for each frequency bandwidth by using a minimum variance method for minimizing an output power of the micro-
phone array under constraints that a response of the microphone array for one direction or position is to be main-
tained constant.

The system of claim 1, wherein the speech parameter extraction unit extracts the band-pass power distribution for
each frequency bandwidth calculated by the sound source position search unit for the sound source position or
direction estimated by the sound source position search unit directly as the speech parameter.

The system of claim 1, wherein the sound source position search unit synthesizes the calculated band-pass power
distributions for a plurality of frequency bandwidths by weighting the calculated band-pass power distributions with
respective weights, and summing weighted band-pass power distributions.

The system of claim 1, wherein the sound source paosition search unit estimates the sound source position or direc-
tion by detecting a peak in the synthesized band-pass power distribution and setting a position or direction corre-
sponding to a detected peak as the sound source position or direction.

10. A microphone array input type speech analysis system, comprising:

a speech input unit for inputting speeches in a plurality of channels using a microphone array formed by a plu-
rality of microphones;

a frequency analysis unit for analyzing an input speech of each channel inputted by the speech input unit, and
obtaining band-pass waveforms for each channel, each band-pass waveform being a waveform for each fre-
quency bandwidth;

a sound source position search unit for calculating a band-pass power distribution for each frequency band-
width from the band-pass waveforms for each frequency bandwidth obtained by the frequency analysis unit,
synthesizing calculated band-pass power distributions for a plurality of frequency bandwidths, and estimating
a sound source position or direction from a synthesized band-pass power distribution; and

a speech parameter extraction unit for extracting a speech parameter from the band-pass power distribution for
each frequency bandwidth estimated by the sound source position search unit, according to the sound source
position or direction estimated by the sound source position search unit.

11. The system of claim 10, wherein the sound source position search unit includes:
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a low resolution sound source position estimation unit for estimating a rough sound source position or direc-
tion, by minimizing an output power of the microphone array under constraints that responses of the micro-
phone array for a plurality of directions or positions are to be maintained constant; and

a high resolution sound source position estimation unit for estimating an accurate sound source position or
direction in a vicinity of the rough sound source position or direction estimated by the low resolution sound
source position estimation unit, by minimizing the output power of the microphone array under constraints that
a response of the microphone array for one direction or position is to be maintained constant, wherein the
speech parameter extraction unit extracts the speech parameter according to the accurate sound source posi-
tion or direction.

12. A microphone array input type speech analysis system, comprising:

a speech input unit for inputting speeches in a plurality of channels using a microphone array formed by a plu-
rality of microphones;

a frequency analysis unit for analyzing an input speech of each channe! inputted by the speech input unit, and
obtaining band-pass waveforms for each channel, each band-pass waveform being a waveform for each fre-
quency bandwidth; and

a sound source position search unit for calculating a band-pass power distribution for each frequency band-
width from the band-pass waveforms for each frequency bandwidth obtained by the frequency analysis unit,
synthesizing calculated band-pass power distributions for a plurality of frequency bandwidths, and estimating
a sound source position or direction from a synthesized band-pass power distribution.

13. The system of claim 12, wherein the sound source position search unit includes:

a low resolution sound source position estimation unit for estimating a rough sound source position or direc-
tion, by minimizing an output power of the microphone array under constraints that responses of the micro-
phone array for a plurality of directions or positions are to be maintained constant; and

a high resolution sound source position estimation unit for estimating an accurate sound source position or
direction in a vicinity of the rough sound source position or direction estimated by the low resolution sound
source position estimation unit, by minimizing the output power of the microphone array under constraints that
a response of the microphone array for one direction or position is to be maintained constant.

14. A microphone array input type speech recognition method, comprising the steps of:

inputting speeches in a plurality of channels using a microphone array formed by a plurality of microphones:
analyzing an input speech of each channel inputted by the inputting step, and obtaining band-pass waveforms
for each channel, each band-pass waveform being a waveform for each frequency bandwidth;

calculating a band-pass power distribution for each frequency bandwidth from the band-pass waveforms for
each frequency bandwidth obtained by the analyzing step, synthesizing calculated band-pass power distribu-
tions for a plurality of frequency bandwidths, and estimating a sound source position or direction from a syn-
thesized band-pass power distribution;

extracting a speech parameter for speech recognition, from the band-pass power distribution for each fre-
quency bandwidth calculated by the calculating step, according to the sound source position or direction esti-
mated by the calculating step; and

obtaining a speech recognition result by matching the speech parameter extracted by the extracting step with
a recognition dictionary.

15. The method of claim 14, wherein the calculating step includes the steps of:

a low resolution sound source position estimation step for estimating a rough sound source position or direc-
tion, by minimizing an output power of the microphone array under constraints that responses of the micro-
phone array for a plurality of directions or positions are to be maintained constant; and

a high resolution sound source position estimation step for estimating an accurate sound source position or
direction in a vicinity of the rough sound source position or direction estimated by the low resolution sound
source position estimation step, by minimizing the output power of the microphone array under constraints that
a response of the microphone array for one direction or position is to be maintained constant, wherein the
extracting step extracts the speech parameter for speech recognition according to the accurate sound source
position or direction.
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The method of claim 14, wherein the analyzing step obtains the band-pass waveforms for each channel by using a
band-pass filter bank.

The method of claim 14, wherein the calculating step calculates the band-pass power distribution for each fre-
quency bandwidth, by calculating a band-pass power for each frequency bandwidth, in each one of a plurality of
assumed sound source positions or directions within a prescribed search range.

The method of claim 14, wherein the calculating step calculates the band-pass power distribution for each fre-
quency bandwidth by using a fitter function configuration having a plurality of delay line taps for each channel.

The method of claim 14, wherein the calculating step calculates the band-pass power distribution for each fre-
quency bandwidth by using a minimum variance method for minimizing an output power of the microphone armray
under constraints that a response of the microphone array for one direction or position is to be maintained constant.

The method of claim 14, wherein the extracting step extracts the band-pass power distribution for each frequency
bandwidth calculated by the calculating step for the sound source position or direction estimated by the calculating
step directly as the speech paramster.

The method of claim 14, wherein the calculating step synthesizes the calculated band-pass power distributions for
a plurality of frequency bandwidths by weighting the calculated band-pass power distributions with respective
weights, and summing weighted band-pass power distributions.

The method of claim 14, wherein the calculating step estimates the sound source position or direction by detecting
a peak in the synthesized band-pass power distribution and setting a position or direction corresponding to a
detected peak as the sound source position or direction.

A microphone array input type speech analysis method, comprising the steps of:

inputting speeches in a plurality of channels using a microphone array formed by a plurality of microphones;
analyzing an input speech of each channel inputted by the inputting step, and obtaining band-pass waveforms
for each channel, each band-pass waveform being a waveform for each frequency bandwidth;

calculating a band-pass power distribution for each frequency bandwidth from the band-pass waveforms for
each frequency bandwidth obtained by the analyzing step, synthesizing calculated band-pass power distribu-
tions for a plurality of frequency bandwidths, and estimating a sound source positicn or direction from a syn-
thesized band-pass power distribution; and

extracting a speech parameter from the band-pass power distribution for each frequency bandwidth calculated
by the calculating step, according to the sound source position or direction estimated by the calculating step.

The method of claim 23, wherein the calculating step includes the steps of:

a low resolution sound source position estimation step for estimating a rough sound source position or direc-
tion, by minimizing an output power of the microphone array under constraints that responses of the micro-
phone array for a plurality of directions or positions are to be maintained constant; and

a high resolution sound source position estimation step for estimating an accurate sound source position or
direction in a vicinity of the rough sound source position or direction estimated by the low resolution sound
source position estimation step, by minimizing the output power of the microphone amray under constraints that
a response of the microphone array for one direction or position is to be maintained constant, wherein the
extracting step extracts the speech parameter according to the accurate sound source position or direction.

A microphone array input type speech analysis method, comprising the steps of:

inputting speeches in a plurality of channels using a microphone array formed by a plurality of microphones;
analyzing an input speech of each channel inputted by the inputting step, and obtaining band-pass waveforms
for each channel, each band-pass waveform being a wavetorm for each frequency bandwidth; and
calculating a band-pass power distribution for sach frequency bandwidth from the band-pass waveforms for
each frequency bandwidth obtained by the analyzing step, synthesizing calculated band-pass power distribu-
tions for a plurality of frequency bandwidths, and estimating a sound source position or direction from a syn-
thesized band-pass power distribution.

14
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26. The method of ¢claim 25, wherein the calculating step includes the steps of:

a low resolution sound source position estimation step for estimating a rough sound source position or direc-
tion, by minimizing an output power of the microphone array under constraints that responses of the micro-
phone array for a plurality of directions or positions are to be maintained constant; and

a high resolution sound source position estimation step for estimating an accurate sound source position or
direction in a vicinity of the rough sound source position or direction estimated by the low resolution sound
source position estimation step, by minimizing the output power of the microphone array under constraints that
a responss of the microphone array for cne direction or position is to be maintained constant.

15
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Description

TECHNICAL FIELD

[0001] The present invention relates to a transmitter-receiver which comprises an ear-piece type acoustic transducing
part having a microphone and a receiver formed as a unitary structure and a transmitting-receiving circuit connected to
the acoustic transducing part and which permits hands-free communications. More particularly, the invention pertains
to a transmitter-receiver which has an air-conducted sound pickup microphone and a bone-conducted sound pickup.

BACKGROUND OF THE INVENTION

[0002] Conventionally, this kind of transmitter-receiver employs, as its ear-piece or ear-set type acoustic transducing
part, means which picks up vibrations of the skull caused from talking sound by an acceleration pickup set in the audi-
tory canal (which means will hereinafter be referred to also as a bone-conducted sound pickup microphone and the
speech sending signal picked up by this means will hereinafter be referred to as a "bone-conducted sound signal"), or
{2) means which guides a speech or talking sound as vibrations of air by a sound pickup tube extending to the vicinity
of the mouth and picks up the sound by a microphone set on an ear (which means will hereinafter be referred to also
as an air-conducted sound pickup microphone and the speech sending signal picked up by this means will hereinafter
be referred to as an "air-conducted sound signal").

[0003] Such a conventional transmitter-receiver of the type which sends speech through utilization of bone conduction
is advantageous in that it can be used even in a high-noise environment and permits hands-free communications. How-
ever, this transmitter-receiver is not suited to ordinary communications because of its disadvantages that the clarity of
articulation of the transmitted speech is so low that the listener cannot easily identify the talker, that the clarity of artic-
ulation of the transmitted speech greatly varies from person to person or according to the way of setting the acoustic
transducing part on an ear, and that an abnormal sound as by the friction of cords is also picked up. On the other hand,
the transmitter-receiver of the type utilizing air conduction is more excellent in clarity than the above but has defects that
it is inconvenient to handle when the sound pickup tube is long and that the speech sending signal is readily affected
by ambient noise when the tube is short.

[0004] The air-conducted sound pickup microphone picks up sounds having propagated through the air, and hence
has a feature that the tone quality of the picked-up speech signals is relatively good but is easily affected by ambient
noise. The bone-conducted sound pickup microphone picks up a talker's vocal sound transmitted through the skull into
the ear set, and hence has a feature that the tone quality of the picked-up speech signal is relatively low because of
large attenuation of components above 1 to 2 kHz but that the speech signal is relatively free from the influence of ambi-
ent noise. As a transmitter-receiver assembly for sending excellent speech (acoustic) signals through utilization of the
merits of such air-conducted sound pickup microphone and bone-conducted sound pickup microphone, there is dis-
closed in Japanese Utility Model Registration Application Laid-Open No. 206393/89 a device according to the prior art
portion of claim 1 that mixes the speech signal picked up by the air-conducted sound pickup microphone and the
speech signal picked up by the bone-conducted sound pickup microphone.

[0005] According to this device, the speech signals from the bone conduction type microphone and the air conduction
type microphone are both applied to a low-pass filter and a high-pass filter which have a cutoff frequency of 1 to 2 kHz,
then fed to variable attenuators and combined by a mixer into a speech sending signal. With this configuration, low-fre-
quency noises in the ocutput from the air conduction type microphone which are lower than the cutoff frequency are
removed, and it is possible to remove or cancel components higher than the cutoff frequency in the noise which the
bone conduction type microphone is likely to pick up, such as frictional noise by the friction between a cord extending
from the ear set and the human body or clothing, or wind noise by the wind blowing against the ear set. Moreover, in a
high-noise environment, the SN ratio of the speech sending signal can be improved by decreasing the attenuation of
the bone-conducted sound signal from the low-pass filter and increasing the attenuation of the air-conducted sound sig-
nal from the high-pass filter through manual control.

[0006] With this configuration, however, when the level of noise from the air-conducted sound pickup microphone is
high, the frequency components higher than the cutoff frequency need to be appreciably attenuated for the purpose of
attenuating the noise, and consequently, the speech sending signal is substantially composed only of the bone-con-
ducted sound signal components, and hence is extremely low in tone quality. Moreover, the attenuation contro! by the
variable attenuator is manually effected by an ear set user and the user does not monitor the speech sending signal;
hence, it is almost impossible to set the attenuation to the optimum value under circumstances where the amount of
noise varies. Furthermore, it is cumbersome to manually control the ratio of combining the speech signal from the air-
conducted sound pickup microphone and the speech signal from the bone-conducted sound pickup microphcne.
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SUMMARY OF THE INVENTION

[0007] Itis therefore an object of the present invention to provide a transmitter-receiver which automatically processes
the speech sending signal in accordance with use environments (such as the tone quality and the amount of sound) to
send speech of the best tone quality.

[0008] This object is achieved with transmitter-receiver as claimed in claim 1. Preferred embodiments are subject-
matter of the dependent claims,

[0009] According to the present invention, it is possible to efficiently cance! the noise component in the air-conducted
sound by the noise component from the omnidirectionnal microphone and to effectively prevent howling which results
from the coupling the speech sending signal and the received speech signal.

BRIEF DESCRIPTION OF THE DRAWINGS

{0010}

Fig. 1 is a sectional view illustrating the configuration of an acoustic transducing part for use in a first embodiment
of the present invention;

Fig. 2 is a block diagram illustrating the construction of a transmitting-receiving circuit connected to the acoustic
transducing part in Fig. 1;

Fig. 3 is a diagram for explaining the characteristics of a directional microphone and an omnidirectional micro-
phone;

Fig. 4 is a table for exptaining control operations of a comparison/control circuit 24 shown in Fig. 2;

Fig. 5 is a block diagram illustrating a transmitter-receiver according to a second embodiment of the present
invention;

Fig. 6 is a graph showing the relationship between the tone quality of an air-conducted sound signal and the
ambient noise level, and the relationship between the tone quality of a bone-conducted sound signal and
the ambient noise level;

Fig. 7 is a graph showing the relationship of the ambient noise level to the level ratio between the bone-con-
ducted sound signal and the air-conducted sound signal in the listening or silent state;

Fig. 8 is a graph showing the relationship of the ambient noise level to the level ratio between the bone-con-
ducted sound signal and the air-conducted sound signal in the talking or double-talking state;

Fig. 9 is a table for explaining operating states of the Fig. 5 embodiment;

Fig. 10A is a blocked diagram showing the construction of a signal mixing circuit which is used as a substitute for
each of signal select circuits 33, to 33, in the Fig. 5 embodiment;
Fig. 10B is a graph showing the mixing operation of the circuit shown in Fig. 10A;

Fig. 11 is a block diagram illustrating a modified form of the Fig. 5 embodiment; and
Fig. 12 is a block diagram showing the comparison/control circuit 32 in Fig. 5 or 11 constructed as an analog cir-
cuit.

DESCRIPTION OF THE PREFERRED EMBODIMENTS

[0011] In Fig. 1 there is schematically illustrated the configuration of an ear-piece type acoustic transducing part 10
for use in an embodiment of the present invention. Reference numeral 11 denotes a case of the ear-piece type acoustic
transducing part 10 wherein various acoustic transducers described later are housed, 12 a lug or protrusion for inser-
tion into the auditory canal 50, and 13 a sound pickup tube for picking up air-conducted sounds. The sound pickup tube
13 is designed so that it faces the user's mouth when the lug 12 is put in the auditory canal 50; that is, it is adapted to
pick up sounds only in a particular direction. The lug 12 and the sound pickup tube 13 are formed as a unitary structure
with the case 11.

[0012] Reference numeral 14 denotes an acceleration pickup (hereinafter also referred to as a bone-conducted sound
microphone) for picking up bone-conducted sounds, and 15 a directional microphone for picking up air-conducted
sounds (i.e. an air-conducted sound pickup microphone), which has such directional characteristics that its sensitivity
is high in the direction of the user's mouth (i.e. in the direction of the sound pickup tube 13). The directional microphone
15 has its directivity defined by the combining of sound pressure levels of a sound picked up from the front of the micro-
phone 15 and a sound picked up from behind through a guide hole 11. Accordingly, the directivity could also be
obtained even if the sound pickup tube 13 is removed to expose the front of the directional microphone 15 in the surface
of the case 11.

[0013] Reference numeral 16 denotes an omnidirectional microphone for detecting noise, which has a sound pickup
aperture or opening in the direction opposite to the directional microphone 15. Reference numeral 17 denotes an elec-

- 208 -



10

15

20

25

30

35

40

45

50

55

EP 0 984 660 A2

tro-acoustic transducer (hereinafter referred to as a receiver) for transducing a received speech signal into a sound, and
18 lead wires for interconnecting the acoustic transducing part 10 and a transmitting-receiving circuit 20 described later;
the transmitting-receiving circuit 20 has its terminals T, Tg, T¢ and T, connected via the lead wires 18 to the directional
microphone 15, the bone-conducted pickup sound microphone 14, the receiver 17 and the omnidirectional microphone
16, respectively.

[0014] In Fig. 2 there is shown in block form the configuration of the transmitting-receiving circuit 20 which is con-
nected to the acoustic transducing part 10 exemplified in Fig. 1. In Fig. 2 terminals T4, Tg. T¢ and T are connected to
those Tp, Tg. T¢ and Tp in Fig. 1, respectively.

[0015] Reference numeral 21B denotes an amplifier for amplifying a bone-conducted sound signal from the micro-
phone 14, and 21A an amplifier for amplifying an air-conducted sound signal from the directional, microphone 15. The
gains of the amplifiers 21B and 21A are preset so that their output speech signal levels during a no-noise period are of
about the same order at the inputs of a comparison/control circuit 24 described later. Reference numeral 21U denotes
an amplifier which amplifies a noise signal from the noise detecting omnidirectional microphone 16 and whose gain is
preset so that its noise output during a silent period becomes substantially the same as the noise output level of the
amplifier 21A in a noise suppressor circuit 23 described later. The amplifiers 21A and 21B and the noise suppressor
circuits 23 constitute a noise suppressing part 20N. The noise suppressor circuit 23 substantially cancels the noise sig-
nal by adding together the outputs from the amplifiers 21A and 21U after putting them 180° out of phase to each other.
[0016] Reference numeral 22B denotes a low-pass filter (LPF), which may preferably be one that approximates char-
acteristics inverse to the frequency characteristics of the microphone 14 used; but it may be a simple low-pass filter of
a characteristic such that it cuts the high-frequency components of the output signal from the amplifier 218 but passes
therethrough the low-frequency components, and its cutoff frequency is selected within the range of 1 to 2 kHz. Refer-
ence numeral 22A denotes a high-pass filter (HPF), which may preferably be one that approximates characteristics
inverse to the frequency characteristics of the directional microphone 15; but it may be a simple high-pass filter of a
characteristic such that it cuts the low-frequency components of the output signal from the noise suppressor circuit 23
and passes therethrough the high-frequency components, and its cutoff frequency is selected within the range of 1 to
2 kHz.

[0017] The directional microphone 15 and the omnidirectional microphone 16 bear such a relationship of sensitivity
characteristic that the former has a high sensitivity within a narrow azimuth angle but the latter substantially the same
in all directions as indicated by ideal sensitivity characteristics 15S and 16S in Fig. 3, respectively. Then, assuming that
the ambient noise level is the same in any directions and at any positions, and letting the total amount of noise energy
per unit time applied to the omnidirectiona! microphone 16 from all directions be represented by the surface area Ny of
a sphere with a radius r, the noise energy per unit time applied to the directional microphone 15 is represented by an
area Njp defined by the spreading angle of its directional characteristic on the surface of the sphere. Hence, their energy
ratio Nao/Ny takes a value sufficiently smaller than one. Now, assume that the amounts of speech energy S and Sy
applied to the directional microphone 15 and the omnidirectional microphone 16 take the same value S, and let the
gains of the amplifiers 21A and 21U be represented by Gp and Gy, respectively. By setting that a value GoNp is nearly
equal to a value GyNy, noise is substantially canceled by the noise suppressor circuit 23 but the speech signal level at
the output of the noise suppressor circuit 23 becomes G 4S-G ;S=G 5 S(1-N 4/N ;) , since the energy ratio Na/Ny, is
sufficiently smaller than one, the speech level is nearly equal to G, S--this indicates that a speech signal in the air-con-
ducted sound signal can effectively extracted therefrom ideally. The noise suppressing effect that could be achieved by
the directional microphone 15, the omnidirectional microphone 16 and the noise suppressing part 20N actually used
was typically in the range of 3 to 10 dB.

[0018] In Fig. 2 the bone-conducted sound signal and the air-conducted sound signal, which have their frequency
characteristics equalized by the low-pass filter 22B and the high-pass filter 22A, respectively, are applied to the com-
parison/control circuit 24, wherein their levels Vg and V, are compared with predetermined reference levels Vg and
VRga, respectively. Based on the results of comparison, the comparison/control circuit 24 controls losses Lg and L, of
variable loss circuits 25B and 25A, thereby controlling the levels of the bone- and air-conducted sound signals. A mixer
circuit 26 mixes the bone-conducted sound signal and the air-conducted sound signal having passed through the vari-
able loss circuits 258 and 25A. The thus mixed signal is provided as a speech sending signal St to a speech sending
signal cutput terminal 20T via a variable loss circuit 29T. A comparison/control circuit 28 compares the level of a speech
receiving signal Sg and the level of the speech sending signal St with predetermined reference levels Vrg and Vg,
respectively, and, based on the results of comparison, controls the losses of variable loss circuits 29T and 29R, thereby
controlling the levels of the speech sending signal and the speech receiving signal to suppress an echo or howling. The
speech receiving signal from the variable loss circuit 29R is amplified by an amplifier 27 to an appropriate level and then
applied to the receiver 17 via the terminal T¢.

[0019] Fig. 4 is a table for explaining the control operations of the comparison/contro! circuit 24 in Fig. 2. The compar-
ison/control circuit 24 compares the output level Vg of the low-pass filter 226 and the output level V4 of the high-pass
filter 22A with the predetermined reference levels Vg and Vga, respectively, and determines if the bone- and air-con-
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ducted sound signals are present (white circles) or absent (crosses), depending upon whether the output levels are
higher or lower than the reference levels. In Fig. 4, state 1 indicates a state in which the bone-conducted sound signal
(the output from the low-pass filter 23B) and the air-conducted sound signal (the output from the high-pass filter 23A),
both frequency-equalized, are present at the same time, that is, a speech sending or talking state. State 2 indicates a
state in which the bone-conducted sound signal is present but the air-conducted sound signal is absent, that is, a state
in which the microphone 14 is picking up abnormal sounds such as wind noise of the case 11 and frictional sounds by
the tead wires 18 and the human body or clothing. State 3 indicates a state in which the air-conducted sound signal is
present but the bone-conducted sound signal is absent, that is, a state in which no speech signal is being sent and the
noise component of the ambient sound picked up by the directional microphone 15 which has not been canceled by the
noise suppressor circuit 23 is being outputted. State 4 indicates a state in which neither of the bone-and air-conducted
sound signals is present, that is, a state in which no speech signal is being sent and no noise is present. The control
operations described in the right-hand columns of the Fig. 4 table show the operations which the comparison/control
circuit 24 performs with respect to the variable loss circuits 25B and 25A in accordance with the above-mentioned
states 1 to 4, respectively.

[0020] Next, a description will be given of the operation of this embodiment of the above construction. When a user
of this transmitter-receiver utters a vocal sound with the ear-piece type acoustic transducing part 10 of Fig. 1 puton his
or her ear, the vibration of the skull as well as aerial vibration are created by the vibration of the vocal chords. The vibra-
tion of the skull is picked up as a bone-conducted sound signal by the micrephone 14, from which the signal is provided
via the terminal Tg to the amplifier 21B. The aerial vibration of the speech is picked up by the directional microphone
15, from which the signal is provided as an air-conducted sound signal to the amplifier 21A via the terminal Tx.

[0021) In general, as compared with the air-conducted sound, the bone-conducted sound has many low-frequency
components, makes less contribution to articulation and contains, in smaller quantity, high-frequency components
which are important for the expression of consonants. On the other hand, abnormal sounds such as wind noise by the
wind blowing against the case 11 and frictional sound between the cords (lead wires) 18 and the human body or cloth-
ing are present in lower and higher frequency bands than the cutoff frequencies of the filters 22A and 22B. Such wind
noise and frictional sounds constitute contributing factors to the lack of articulation of the speech sending sound by the
bone conduction and the formation of abnormal sounds. On the other hand, "speech"” passes through the sound pickup
tube 13 and is picked up as an air-conducted sound signal by the directional microphone 15, from which it is applied to
the amplifier 21A via the terminal T5. The air-conducted sound by a talker's speech is a human voice itself, and hence
contains frequency components spanning low and high frequency bands.

[0022] In this embodiment, as described in the afore-mentioned Japanese Utility Model Registration Application Laid-
Open Gazette, the high-frequency components of the bone-conducted sound from the amplifier 21B are removed by
the low-pass filter 228 to extract the low-frequency components alone and this bone-conducted sound signal having the
high-frequency components thus cut out therefrom is mixed with an air-conducted sound signal having cut out there-
from the low-frequency components by the high-pass filter 22A. By this, a speech sending signal is generated which
has compensated for the degradation of the articulation which would be caused by the lack of the high-frequency com-
ponents when the speech sending signal is composed only of the bone-conducted sound signal. Besides, according to
the present invention, the processing for the generation of such a speech sending signal is automatically controlled to
be optimal in accordance with each of the states shown in Fig. 4, by which it is possible to generate a speech sending
signal of the best tone quality on the basis of time-varying ambient noise and the speech transmitting-receiving state.
[0023] The noise levels at the directional microphone 15 and the omnidirectional microphone 16 can be regarded as
about the same level as referred to previously; but, because of a difference in their directional sensitivity characteristic,
the directional microphone 15 picks up a smaller amount of noise energy than does the omnidirectional microphone 16,
and hence provides a higher SN ratio. Since the gains G, and Gy of the amplifiers 21A and 21U are predetermined so
that their output noise levels become nearly equal to each other as mentioned previously, the gain G, of the amplifier
21A is kept sufficiently larger than the gain Gy of the amplifier 21U. Hence, the user's speech signal is amplified by the
amplifier 21A with the large gain G, and takes a level higher than the noise signal level.

[0024] The comparison/control circuit 24 compares, at regular time intervals (1 sec, for instance), the outputs from
the low-pass filter 22B (for the bone-conducted sound) and the high-pass filter 22A (for the air-conducted sound) with
the reference levels Vg and Vga, respectively, to perform such control operations as shown in Fig. 4. At first, the char-
acteristic of the transmitter-receiver of the present invention immediately after its assembling is adjusted (or initialized)
by setting the losses Lg and L, of the variable loss circuits 25B and 25A to initial values Lgg and Lag so that the level
of the air-conducted sound signal to be input into the mixer 26 is higher than the level of the bone-conducted sound sig-
nal by 3 to 10 dB when no noise is present (State 4 in Fig. 4). The reason for this is that it is preferable in terms of artic-
ulation that the air-conducted sound be larger than the bone-conducted one under circumstances where no noise is
present.

[0025] Next, a description will be given of the actual state of use in which the levels of the bone-and air-conducted
sound signals vary every moment.
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{a) When the output (the bone-conducted sound signal) from the low-pass filter 22B is not present (State 3 or 4 in
Fig. 4):

The comparison/control circuit 24 compares the output level V4 of the high-pass filter 22A with the reference
level Vga. When the output from the high-pass filter 22A is smaller than the reference level Vg, (State 4), the com-
parison/control circuit 24 decides that noise is not present or small and that no talks are being carried out and sets
the losses of the variable loss circuits 258 and 25A to the afore-mentioned initial values Lgg and Lag, respectively.
When this state changes to the talking state (State 1), a mixture of the bone-conducted sound signal composed of
law-frequency components and the air-conducted sound signal composed of high-frequency components is pro-
vided as the speech sending signal St at the output of the mixer circuit 26.

Next, when the output level Vg of the low-pass filter 22B is smaller than the reference level Vg and the output
level Vp of the high-pass filter 22A is larger than the reference level Vgy (State 3), the comparison/control circuit 24
decides that no talks are being carried out and that ambient noise is large. In this instance, the comparison/control
circuit 24 applies a control signal Cy to the variable loss circuit 25A to set its loss L to a value larger than the initial
value Lpg in proportion to the difference between the output level V4 of the high-pass filter 22A and the reference
level value Vga as expressed by such an equation as follows:

LA = “V,\ 'VRA) / VM—] K + LAO (1)

where K is a predetermined constant and the notation[x] represents the smallest integer greater than x. Alterna-
tively, it is possible to increase the loss L by a constant K on a stepwise basis each time the level difference (V-
VRa) increases by a constant V), as expressed by the following equation.

La=K(Va-Vea) *Lpo 2)

When the output from the low-pass filter 22B becomes larger than the reference level Vgg, that is, when this
State 3 changes to the talking state (State 1), the losses of the variable loss circuits 25A and 25B are not changed
but are kept at the values set in the immediately preceding State 3. By this, the bone-conducted sound signal com-
posed of low-frequency components and the air-conducted sound signal of the same level as or lower than the level
of the bone-conducted sound signal and composed of high-frequency components are mixed by the mixer circuit
26 into the speech sending signal St. In this case, it is also possible to hold the loss of the variable loss circuit 25A
unchanged and control the loss of the variable loss circuit 25B so that the mixed output level of the mixer circuit 26
takes a predetermined value.

(b) When the output (the bone-conducted sound signal) level Vg of the low-pass filter 22B is larger than the refer-
ence level Vg (State 1 or 2 in Fig. 4):

The comparison/control circuit 24 checks the output level V, of the high-pass filter 22A and, if it is smaller than
the reference level Vra (State 2), determines that no talks are being carried out and that the microphone 14 is pick-
ing up abnormal sounds. In such an instance, the comparison/contro! circuit 24 applies a control signal Cg to the
variable loss circuit 25B to set its loss Lg o a value greater than the initial value Lgg in proportion to the difference
between the output level Vg of the low-pass filter 22B and the reference level Vg,, as expressed by the following
equation.

Lg=K(Vg-Vgg) *Lego 3

Alternatively, as is the case with the above, the loss Lg may be controlled as expressed by the following equa-
tion.

Le = [(Vg -Vag) / Vil K + Lg (4)

When the output level V,, of the high-pass filter 22A becomes larger than the reference level Vgy, that is, when
this State 2 changes to the talking state (State 1), the losses of the variable loss circuits 25A and 25B are held
unchanged, and hence are kept at the values set in the immediately preceding State 2. An air-conducted sound
signal composed of high-frequency components and a bone-conducted sound signal of a level set in accordance
with the output level Vg of the low-pass filter 22B and composed of low-frequency components are mixed together
by the mixer circuit 26. In this instance, it is also possible to hold the loss of the variable loss circuit 25B unchanged
and control the loss of the variable loss circuit 25A so that the output level of the mixer circuit 26 may assume the
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afore-mentioned predetermined fixed value.

[0026] Next, when the output level V, of the high-pass filter 22A is larger than the reference level Vpa (State 1), the
comparison/control circuit 24 decides that the state is the talking state, and causes the variable loss circuits 25B and
25A to hold losses set in the state immediately preceding State 1. As a result, bone- and air-conducted sound signals
of levels controlled in accordance with the losses held unchanged are mixed by the mixer circuit 26, which provides the
speech sending signal St.

[0027] Incidentally, the variable loss circuits 29T and 29R and the comparison/control circuit 28 are provided to sup-
press the generation of an echo and howling which result from the coupling of the speech sending system and the
speech receiving system. The ear-piece type acoustic transducing part 10 has the following two primary contributing
factors to the coupling which leads to the generation of howling. First, when the transmitter-receiver assembly is applied
to a telephone set, a two-wire/four-wire junction at a telephone station allows the speech sending signal to sneak as an
electrical echo into the speech receiving system from the two-wiref/four-wire junction, providing the coupling (sidetone)
between the two systems. Second, a speech receiving signal is picked up by the bone-conducted sound pickup micro-
phone 14 or directional microphone 15 as a mechanical vibration from the receiver 17 via the case 11--this also pro-
vides the coupling between the two systems. Such phenomena also occur in a loudspeaking telephone system which
allows its user to communicate through a microphone and a loudspeaker without the need of holding a handset. In this
instance, however, the cause of the sneaking of the received sound into the speech sending system is not the mechan-
ical vibration but the acoustic coupling between the microphone and the speaker through the air.

[0028] This problem could be solved by known techniques such as a method for the suppression of howling in the
loudspeaking telephone system. The configuration by the comparison/control circuit 28 and the variable loss circuits
29T and 29R is an example of such a prior art. The comparison/control circuit 28 monitors the output level V¢ of the
mixer circuit 26 and the signal level Vg at a received speech input terminal 20R and, when the speech receiving signal
level Vg is larger than a predetermined level Vrg and the output level V1 of the mixer circuit 26 is smaller than a prede-
termined level Vry, the circuit 28 decides that the transmitter-receiver is in the speech receiving state, and sets a pre-
determined loss Ly in the variable loss circuit 29T, reducing the coupling of the speech receiving signal to the speech
sending system. When the output level V1 of the mixer circuit 26 is larger than the predetermined level Vgy and the input
level Vg at the speech receiving signal input terminal 20R is lower than the predetermined level Vgg, the compari-
son/control circuit 28 decides that the transmitter-receiver is in the talking state, and sets a predetermined loss Lg in the
variable loss circuit 29R, suppressing the sidetone from the speech receiving system. When the output level V1 of the
mixer circuit 26 and the input level Vg at the speech receiving signal input terminal 20R are higher than the predeter-
mined levels Vgt and Vrg, respectively, the comparison/control circuit 28 decides that the transmitter-receiver is in a
double-talk state, and sets in the variable loss circuits 29T and 29R losses one-half those of the above-mentioned pre-
determined values Ly and Ly, respectively. In this way, speech with great clarity can be sent to the other party in accord-
ance with the severity of ambient noise and the presence or absence of abnormal noise.

[0029] According to the first embodiment described above, a mixture of the bone-conducted sound signal composed
principally of low-frequency components and the air-conducted sound signal composed principally of high-frequency
components is used as the speech signal that is sent to the other party. Moreover, the ratio of mixture of the two signals
is automatically varied with the magnitude of ambient noise and the abnormal sound picked up by the microphone 14.
This permits the implementation of a transmitter-receiver which can be used in a high-noise environment, obviates such
defects of the prior art as low clarity or articulation and discomfort by abnormal sound, and allows hands-free commu-
nications.

[0030] In the embodiment depicted in Figs. 1 and 2, the comparison/control circuit 24 and the variable loss circuits
25A and 25B may be dispensed with, and even in such a case, the noise level can be appreciably suppressed by the
operations of the directional microphone 15, the omnidirectional microphone 16 and the amplifiers 21A and 21B and
the noise suppressor circuit 23 which form the noise suppressing part 20N; hence, it is possible to obtain a transmitter-
receiver of higher speech quality than in the past. Alternatively, the omnidirectional microphone 16, the amplifier 21U
and the noise suppressor circuit 23 may be omitted, and in this case, too, the processing for the generation of the opti-
mum speech sending signal can automatically be performed by the operations of the comparison/control circuit 24, the
variable loss circuits 25A and 25B and the mixer circuits 26 in accordance with the states of signals involved.

[0031] Next, a detailed description will be given, with reference to Figs. 5 through 9, of a second embodiment of the
transmitter-receiver according to the present invention.

[0032] Fig. 5 illustrates in block form the transmitter-receiver according to the second embodiment of the invention.
The bone-conducted sound pickup microphone 14, the directional microphone 15 and the receiver 17 are provided in
such an ear-piece type acoustic transducing part 10 as depicted in Fig. 1. In this embodiment, the air-conducted sound
signal from the directional microphone (the air-conducted sound pickup microphone 15 and the bone-conducted sound
signal from the bone-conducted sound pickup microphone 14 are fed to an air-conducted sound dividing circuit 31A and
a bone-conducted sound dividing circuit 31B via the amplifiers 21A and 21B of the transmitting-receiving circuit 20,
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respectively. As is the case with Fig. 2, the gains of the amplifiers 21A and 21B are preset so that input air-and bone-
conducted sound signals of a vocal sound uttered in a no-noise environment may have about the same level. The air-
conducted sound dividing circuit 31A divides the air-conducted sound signal from the directional microphone 15 into
first through n-th frequency bands and applies the divided signals to a comparison/control circuit 32 and signal select
circuits 334 through 33,,. The bone-conducted sound dividing circuit 31B divides the bone-conducted sound signal from
the bone-conducted sound pickup microphone 14 into first through n-th frequency bands and applies the divided sig-
nals to the comparison/control circuit 32 and the signal select circuits 33, through 33,,. In the present invention, the air-
and bone-conducted sound signals need not always be divided (i.e. n = 1), but when divided into frequency bands, they
are divided, for example, every one or one-third octave, or into high and low bands, or high, intermediate and low bands.
[0033] A received signal dividing circuit 31R divides the received signal Sg from an external line circuit via the input
terminal 20R into first through n-th frequency bands and applies the divided signal to the comparison/control circuit 32.
In this embodiment, the comparison/control circuit 32 is such one that converts each input signal into a digital signal by
an A/D converter (not shown), and performs such comparison and control operations by a CPU (not shown) as
described below. That is, the comparison/control circuit 32 calculates an estimated value of the ambient noise level for
each frequency band on the basis of the air-conducted sound signals of the respective bands from the air-conducted
sound dividing circuit 31A, the bone-conducted sound signals of the respective bands from the bone-conducted sound
dividing circuit 31B and the received signals of the respective bands from the received signal dividing circuit 31R. The
comparison/control circuit 32 compares the estimated values of the ambient noise levels with a predetermined thresh-
old value (i.e. a reference value for selection) Ny, and generates control signals C1 to Cn for the respective bands on
the basis of the results of comparison. The control signals C1 to Cn thus produced are applied to the signal select cir-
cuits 33 to 33,,, respectively. The signal select circuits 33, to 33, respond to the control signals C1 to Cn to select the
air-conducted sound signals input from the air-conducted sound dividing circuit 31A or the bone-conducted sound sig-
nals from the bone-conducted sound signa!l dividing circuit 31B, which are provided to a signal combining circuit 34. The
signal combining circuit 34 combines the input speech signals of the respective frequency bands, taking into account
the balance between the respective frequency bands, and provides the combines signal to the speech transmitting out-
put terminal 20T. The output terminal 20T is a terminal which is connected to an external line circuit.

[0034] Fig. 6 is a graph showing, by the solid lines 3A and 3B, a standard or normal relationship between the tone
quality (evaluated in terms of the SN ratio or subjective evaluation) of the air-conducted sound signal picked up by the
directiona! microphone 15 and the ambient noise leve! and a standard or normal relationship between the tone quality
of the bone-conducted sound signal picked up by the bone-conducted sound pickup microphone and the ambient noise
level. The ordinate represents the tone quality of the sound signals (the SN ratio in the circuit, for instance) and the
abscissa the noise level. As indicated by the solid line 3A, the tone quality of the air-conducted sound signal picked up
by the directional microphone 15 is greatly affected by the ambient noise level; the tone quality is seriously degraded
when the ambient noise level is high. On the other hand, as indicated by the solid line 3B, the tone quality of the bone-
conducted sound signal picked up by the bone-conducted sound pickup microphone 14 is relatively free from the influ-
ence of the ambient noise level; degradation of the tone quality by the high noise level is relatively small. Hence, the
speech sending signal St of good tone quality can be generated by setting the noise level at the intersection of the two
solid lines 3A and 3B as the threshold value Ny, and by selecting either one of the air-conducted sound signal picked
up by the directional microphone 15 and the bone-conducted sound signal picked up by the bone-conducted sound
pickup microphone, depending upon whether the ambient noise level is higher or lower than the threshold value Ny,. It
was experimentally found that the threshold value Ny, is substantially in the range of 60 to 80 dBA. The characteristics
indicated by the solid lines 3A and 3B in Fig. 6 are standard; the characteristics vary within the ranges defined by the
broken lines 3A' and 3B’ in dependence upon the characteristics of the microphones 14 and 15, the preset gains of the
amplifiers 21A and 21B and the frequency characteristics of the input speech signals, but they remain in parallel to the
solid lines 3A and 3B, respectively. The solid lines 3A and 3B are substantially straight.

[0035] The relationship between the tone quality of the air-conducted sound signal by the directional micropohone 15
and the ambient noise level and the relationship between the tone quality of the bone-conducted sound signal by the
bone-conducted sound pickup microphone 14 and the ambient noise level differ with the respective frequency bands.
For this reason, according to this embodiment, the sound signals are each divided into respective frequency bands and
either one of the air- and bone-conducted sound signals is selected depending upon whether the measured ambient
noise level is higher or lower than a threshold value set for each frequency band--this provides improved tone quality of
the speech sending signal.

[0036] To switch between the air- and bone-conducted sound signals in accordance with the ambient noise level, itis
necessary to calculate an estimated value of the ambient noise level. Fig. 7 is a graph showing, by the solid line 4BA,
a standard relationship of the ambient noise level (on the abscissa) to the level ratio (on the ordinate) between an ambi-
ent noise signal picked up by the directional microphone 15 and an ambient noise signal by the bone-conducted sound
pickup microphone 14 in the listening or speech receiving or silent duration. Fig. 8 is a graph showing, by the solid line
5BA, a standard relationship of the ambient noise level to the level ratio between a signal (the air-conducted sound sig-
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nal plus the ambient noise signal) picked up by the directional microphone 15 and a signal (the bone-conducted sound
signal plus the ambient noise signal} by the bane-conducted sound pickup microphone 15 in the talking or double-talk-
ing duration. As shown in Figs. 7 and 8, the characteristic in the listening or silent duration and the characteristic in the
talking or double-talking duration differ from each other. Hence, the level V4 of the air-conducted sound signat from the
directional microphone 15, the level Vg of the bone-conducted sound signal from the bone-conducted sound pickup
microphone 15 and the level Vg of the received signal from the amplifier 27 are compared with the reference level val-
ues Vra, VR and Vgg, respectively, to determine if the transmitter-receiver is in the listening (or silent) state or in the
talking (or double-talking) state. Next, the level ratio Vg/V between the bone-conducted sound signal and the air-con-
ducted sound signals picked up by the microphones 14 and 15 in the listening or silent state is calculated, and the noise
level at that time is estimated from the level ratio through utilization of the straight line 4BA in Fig. 7. Depending upon
whether the estimated noise level is higher or fower than the threshold value Ny, in Fig. 6, the signal select circuits 33,
to 33, each select the bone-conducted sound signal or air-conducted sound signal. Similarly, the level ratio Vg/Vy
between the bone-conducted sound signal and the air-conducted sound signal in the talking or double-talking duration
is calculated, then the noise level at that time is estimated from the straight line 5BA in Fig. 8, and the bone-conducted
sound signal or air-conducted sound signal is similarly selected depending upon whether the estimated noise level is
above or below the threshold value Ny,.

[0037] Next, the operation of the transmitter-receiver will be described. Incidentally, let is be assumed that there are
prestored in a memory 32M of the comparison/control circuit 32 the reference level values Vs, Vrg and Vgg, the
threshold value Ny, and the level ratio vs. noise level relationships shown in Figs.7 and 8. Since the speech signals and
the received signals divided into the first through n-th frequency bands are subjected to exactly the same processing
untit they are input into the signal combining circuit 34, the processing in only one frequency band will be described
using reference numerals with no suffixes indicating the band.

[0038] The comparison/control circuit 32 compares, at regular time intervals (of one second, for example), the levels
Va. Vg and Vg of the air-conducted sound signal, the bone-conducted sound signal and the received signal input from
the air-conducted sound dividing circuit 31A, the bone-conducted sound dividing circuit 31B and the received signal
dividing circuit 31R with the predetermined reference level values Vga, Vg and Vgg, respectively. When the level Vg
of the received signal Sg is higher than the predetermined value Vg and the level V of the air-conducted sound signal
picked up by the directional microphone 15 and the level Vg of the bone-conducted sound signal by the bone-conducted
sound pickup microphone 14 are smaller than the predetermined values Vg and Vgg, respectively, the compari-
son/control circuit 32 determines that this state is the listening state shown in the table of Fig. 9. When the level Vg of
the received signal level Vg is smaller than the predetermined value Vrg and the levels V and Vp of the air-conducted
sound signal and the bone-conducted sound signal are both smaller than the predetermined values Vra and Vgg, the
circuit 32 determines that this state is the silent state. In these two states the comparison/control circuit 32 calculates
the level ratio Vg/Vy between the air-conducted sound signal from the air-conducted sound dividing circuit 31A and the
bone-conducted sound signal from the bone-conducted sound dividing circuit 31B. Based on the value of this level
ration, the comparison/control circuit 32 refers to the relationship of Fig. 7 stored in the memory 32M to obtain an esti-
mated value of the corresponding ambient noise level. When the estimated value of the ambient noise level is smatier
than the threshold value Ny, shown in Fig. 6, the comparison/controt circuit 32 supplies the signal select circuit 33 with
a control signal C instructing it to select and output the air-conducted sound signal input from the air-conducted sound
dividing circuit 31A. When the estimated value of the ambient noise level is greater than the threshold value Ny, the
comparison/control circuit 32 applied th control signal C to the signal select circuit 33 to instruct it to select and output
the bone-conducted sound signal input from the bone-conducted sound dividing circuit 31B.

[0039] On the other hand, when the received signal level Vg is smaller than the reference leve! value Vgg and the
levels V, and Vg of the air-conducted sound signal by the directional microphone 15 and the bone-conducted sound
signal by the bone-conducted sound pickup microphone 14 are larger then the predetermined reference level values
VRra and Vrg, the comparison/control circuit 32 determines that this state is the talking state shown in the table of Fig.
9. When the received signal level Vg is larger than the reference level value Vg and the levels V and Vg of the air-
conducted sound signal and the bone-conducted sound signal are larger than the predetermined reference level values
Vga @nd Vg, the comparison/control circuit 32 determines that this state is the double-talking state. In these two states
the comparison/control circuit 32 calculates the level ratio Vg/V4 between the bone-conducted sound signal and the air-
conducted sound signal and estimates the ambient noise level N through utilization of the relationship of Fig. 8 stored
in the memory 32M.

[0040] When the thus estimated value of the ambient noise level N is smaller than the threshold value Ny, shown in
Fig. 6, the comparison/control circuit 32 applies the control signal C to the signal select circuit 33 to cause it to select
and output the air-conducted sound signal input from the air-conducted sound dividing circuit 31A. When the estimated
value N of the ambient noise level is greater than the threshold value Ny, the circuit 32 applies the control signal C to
the signal select circuit 33 to cause it to select and output the bone-conducted sound signal input from the bone-con-
ducted sound dividing circuit 31B.
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[0041] The comparison/control circuit 32 has, in the memory 32M for each of the first through n-th frequency bands,
the predetermined threshold value Ny, shown in Fig. 6 and the level ratio vs. noise level relationships representing the
straight characteristic lines 4BA and 5BA shown in Figs. 7 and 8. The comparison/control circuit 32 performs the same
processing as mentioned above and applies the resulting control signals C1 to Cn to the signal select circuits 334 to
33,,. The signal combining circuit 34 combines the speech signals from the signal select circuits 334 to 33,,, taking into
account the balance between the respective frequency bands.

[0042] While in the above the embodiments have been described to estimate and compare the noise level with the
threshold value and control the signal select circuits 334 to 33, accordingly in any state described in the table of Fig. 9,
itis also possible to employ a scheme that estimates the noise level only in the silent or listening state and uses the thus
estimated noise level to effect control in the talking state and the double-taking state. In such an instance, the charac-
teristic data of Fig. 8 need not be stored in the memory 32M. In contrast to this, the estimation of the noise level may
be made only in the talking or double-talking state, in which case the estimated noise level is used for control in the talk-
ing or double-talking state. In this instance, the characteristic data of Fig. 7 is not needed.

[0043] Incidentally, the double-talking duration and the silent duration are shorter than the talking or listening duration.
Advantage may also be taken of this to effect control in the double-talking state and in the silent state by use of the
ambient noise level estimated prior to these states.

[0044] When the leve! of the bone-conducted sound signal picked up by the bone-conducted sound pickup micro-
phone 14 is abnormally high, it can be considered that noise is made by the friction of cords or the like; hence, itis effec-
tive to select the air-conducted sound signal picked up by the directional microphone 15.

[0045] In the case where the estimated noise level N is compared with the threshold value Ny, for each frequency
band and the air-conducted sound signal picked up by the directional microphone 15 is switched to the bone-conducted
sound signal by the bone-conducted sound pickup microphone 14 on the basis of the result of comparison as described
previously with reference to the Fig. 5 embocdiment, the timbre of the speech being sent may sometimes undergo an
abrupt change, making the speech unnatural. To solve this problem, an area Ny of a fixed width as indicated by N” and
N* is provided about the threshold value Ny, of the ambient noise level shown in Fig. 6; when the estimated noise level
N is within the area Ny, the air-conducted sound signal from the directional microphone 15 and the bone-conducted
sound signa! from the bone-conducted sound pickup microphone 14 are mixed in a ratio corresponding to the noise
level, and when the estimated noise level N is larger than the area Ny, the bone-conducted sound signal is selected,
and when the estimated noise level is smaller than the area Ny, the air-conducted sound signal is selected. By this, it
is possible to reduce the abrupt change in the timbre prior to or subsequent to the switching operation.

[0046] The modification of the Fig. 5 embodiment for such signal processing can be effected by using, for example, a
signal mixer circuit 33 depicted in Fig. 10A in place of each of the signal select circuits 334 to 33,,. In this example, the
corresponding air-conducted sound signal and bone-conducted sound signal of each frequency band are applied to
variable loss circuits 33A and 33B, respectively, wherein they are given losses L, and Lg set by control signals Cp and
Cg from the comparison/control circuit 32. The both signals are mixed in a mixer 33C and the mixed signal is applied to
the signal combining circuit 34 in Fig. 5.

[0047] The losses L, and Lg for the air-conducted sound signal and the bone-conducted sound signal in the area Ny,
need only to be determined as shown in Fig. 10B, for instance. For the brevity's sake, setting N, = (N T+N )2, the
area width to D= N" - N”, the minimum values Lao and Lgg of the losses Ly and Lg to 0 dB, respectively, and their
maximum values Layax and Lgpax to the same Liyax dB, the loss L, in the area Ny can be expressed, for example,
by the following equation.

1 L -L
La =5t amax ‘LAO)*’L!:M:—X‘._AO(N*NM*LAO ®
1 N-N,
=L MAX{5+ )

[0048] Similarly, the loss Lg can be expressed by the following equation.

1 N‘N:n} ®)

Lg=L MAX{E* )

[0049] The value of the maximum loss Lyax is selected in the range of between 20 and 40 dB, and the width D of the
area Ny is set to about 20 dB, for instance. When the estimated noise level N is larger than the area Ny, the bone-con-
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ducted sound signal is given any loss (Lg = 0) and is applied intact to the mixer 33C. On the other hand, the air-con-
ducted sound signal is not given the loss Lyyax but instead the variable loss circuit 33A is opened to cut off the signal.
Similarly, when the estimated noise level N is smaller than the area Ny, the air-conducted sound signal is not given any
loss (L = 0) and is fed intact to the mixer 33C, whereas the bone-conducted sound signal! is cut off by opening the var-
iable loss circuit 33B. The comparison/control circuit 32 determines the losses L, and Lg for each band as described
and sets the losses in the variable loss circuits 33A and 33B by the control signals Cp and Cg.

[0050] With such signal processing as described above, it is possible to provide smooth timbre variations of the
speech being sent when the air-conducted sound signal is switched to the bone-conducted sound signal or vice versa.
Moreover, if the levels of the air-conducted sound signal and the bone-conducted sound signal input into the variable
loss circuits 33A and 33B are nearly equal to each other, the output level of the mixer 33C is held substantially constant
before and after the switching between the air- and bone-conducted sound signals and the output level in the area Ny
is also held substantially constant, ensuring smooth signal switching. Incidentally, the signal select processing by the
signal select circuits 334 to 33,,, in Fig. 5 corresponds to the case where the width D of the area Ny is set to zero in the
processing in the modified embodiment depicted in Figs. 10A and 10B. Hence, it can be said, in a broad sense, that the
signal select circuits 334 to 33,,, also contribute to the mixing of signals on the basis of the estimated noise level.
[0051] In the above, when the estimation of the ambient noise level may be rough, it can be estimated by using aver-
age values of the characteristics shown in Figs. 7 and 8. [n this instance, the received signal dividing circuit 31R can be
dispensed with. When the estimation of the ambient noise level may be rough, it can also be estimated by using only
the speech signal from the directional microphone 14.

[0052] Fig. 11 illustrates in block form a modified form of the Fig. 5 embodiment, in which as is the case with the first
embodiment of Figs. 1 and 2, the omnidirectional microphone 16, the amplifier 21U and the noise suppressing circuit
23 are provided in association with the direction microphone 15 and the output from the noise suppressing circuit 23 is
fed as an air-conducted sound signal to the air-conducted sound dividing circuit 31A. This embodiment is identical in
construction with the Fig. 5 embodiment except the above. In this embodiment, when the transmitter-receiver is in the
silent or listening state, a switch 35 is opened and only the air-conducted sound signal provided via the ampilifier 21U
from the omnidirectional microphone 16 is applied to the noise suppressing circuit 23, from which it is fed intact to the
air-conducted sound dividing circuit 31A, and the air-conducted sound signals divided into respective frequency bands
are applied to the comparison/control circuit 32. As in the Fig. 5 embodiment, the comparison/control circuit 32 esti-
mates the ambient noise levels through utilization of the relationships shown in Fig. 7 and, based on the estimated lev-
els, generate the control signals C1 to Cn for signal selection {(or mixing use in the case of using the Fig. 10A circuit
configuration), which are applied to the signal select circuits 334 to 33, (or the signal mixing circuit 36). After this, the
switch 35 is turned ON to pass therethrough the air-conducted sound signal from the directional microphone 15 to the
noise suppressing circuit 23, in which its noise components are suppressed, and then the air-conducted sound signal
is fed to the air-conducted sound dividing circuit 31A. This is followed by the speech sending signal processing by the
same signal selection or mixing as described previously with respect to Fig. 5.

[0053] Although in the embodiments of Figs. 5 and 11 the comparison/control circuit 32 has been described to convert
the signals input thereto to digital signals and generate the control signals C1 to Cn on the basis of the level ratio-noise
level relationships stored in the memory 32M, the comparison/control circuit 32 may also be formed as an analog cir-
cuit, for example, as depicted in Fig. 12. In Fig. 12 there is shown in block form only a circuit portion corresponding to
one of the divided subbands. A pair of corresponding subband signals from the air-conducted sound signal dividing cir-
cuit 31A and the bone-conducted sound signal dividing circuit 31B are both applied to a level ratio circuit 32A and a
comparison/logic state circuit 32E. The level ratio circuit 32A calculates the level ratio Lg/L 5 between the bone- and air-
conducted sound signals in an analog fashion and supplies level converter circuits 32B and 32C with a signal of a level
corresponding to the calculated level ratio.

[0054] The leve! converter circuit 32B performs a level conversion based on the relationship shown in Fig. 7. That is,
when supplied with the level ratio Vg/V,, the level converter circuit 32B outputs an estimated noise level N correspond-
ing thereto and provides it to a select circuit 32D. Similarly, the level converter circuit 32C performs a level conversion
based on the relationship shown in Fig. 8. That is, when supplied with the level ratio Vg/V,, the level converter circuit
32C outputs an estimated noise level corresponding thereto and provides it to the select circuit 32D. On the other hand,
the comparison/state logic circuit 32E compares the levels of the corresponding air- and bone-conducted sound signals
of the same subband and the level of the received speech signal with the reference levels Vga, Vgrpg and Vgg, respec-
tively, to make a check to see if these signals are present. Based on the results of these checks, the comparison/state
logic circuit 32E applies a select control signal to the select circuit 32D to cause it to select the output from the level
converter circuit 32B in the case of State 1 or 2 shown in the table of Fig. 9 and the output from the level converter circuit
32C in the case of State 3 or 4.

[0055] The select circuit 32D supplies a comparator circuit 32F with the estimated noise level N selected in response
to the select control signal. The comparator circuit 32F compares the estimated noise level N with the threshold level
Ny, and provides the result of the comparison, as a control signal C for the subband concerned, to the corresponding
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one of the signal select circuits 311 to 31n in Fig. 5 or 11. In this instance, it is also possible to make a check to deter-
mine if the estimated noise level N is within the area Nyy or high or fower than it as described previously with respect to
Fig. 10B, instead of comparing the estimated noise leve! N with the threshold value Ny, if the estimated noise level N
is within the area Ny, the control signals C, and Cg corresponding to the difference between the estimated noise levet
N and the threshold level Ny, as is the case with Egs. (5) and (6), are applied to the signal mixing circuit of the Fig. 10A
configuration to cause it to mix the air-conducted sound signal and the bone-conducted sound signal; when the esti-
mated noise level N is higher than the area Ny, the bone-conducted sound signal is selected and when the estimated
noise level N is lower than the area Ny, the air-conducted sound signal is selected.

[0056] As described above, according to the transmitter-receiver of the embodiment shown in each of Figs. 5 and 11
the air-conducted sound signal picked up by the directional microphone and the bone-conducted sound signal by the
bone-conducted sound pickup microphone are used to estimate the ambient noise level and, on the basis of the mag-
nitude of the estimated noise level, either one of the air-conducted sound signal and the bone-conducted sound signal
is selected or both of the signals are mixed together, whereby a speech sending signal of the best tone quality can be
generated. Thus, the communication device of the present invention is able to transmit speech sending signals of excel-
lent tone quality, precisely reflecting the severity and amount of ambient noise regardless of whether the device is in the
talking or listening state.

{0057] While in the first and second embodiments the transmitting-receiving circuit 20 is described to be provided out-
side the case 11 of the ear-piece type acoustic transducing part 10 and connected thereto via the cord 18, it is evident
that the transmitting-receiving circuit 20 may be provided in the case 11 of the acoustic transducing part 10.

[0058] it will be apparent that many modifications and variations may be effected without departing from the scope of
the novel concepts of the present invention.

Claims
1. A transmitter-receiver comprising:

acoustic transducing means composed of a bone-conducted sound pickup microphone (14) for picking up a
bone-conducted sound, a directional microphone (15) for picking up an air-conducted sound, an omnidirec-
tional microphone (16) for detecting noise, and a receiver (17) for transducing a received speech signal to a
received speech sound;

a low-pass filter (22B) which permits the passage therethrough of those low-frequency components in the out-
put from said bone-conducted sound pickup microphone which are lower than a predetermined cutoff fre-
quency;

a high-pass filter (22A) which permits the passage therethrough of those high-frequency components in the
outputs from said directional microphone (15) and said omnidirectional microphone (16) which are higher than
said cutoff frequency;

a combining circuit (26) which combines the outputs from said low-pass filter and said high-pass filter and out-
puts a speech sending signal; and

means (27) for supplying said received speech signal to said receiver;

characterized in that

a noise suppressing part (20N) which combines the outputs from said directional microphone (15) and said
omnidirectional microphone (16) to suppress a noise component, wherein said high-pass filter (22A) passes
the high-frequency components in the output from said noise suppressing part to said combining circuit (26).

2. The transmitter-receiver of claim 1, which further comprises: first and second variable loss circuits (29T, 29R) con-
nected to the output side of said combining circuit and the input side of said received speech signal supplying
means, for controlling the levels of said speech sending signal and said received speech signal, respectively; and
a comparison/contro! circuit (28) which compares the level of said speech sending signal fed to said first variable
loss circuit (29T) and the level of said received speech signal fed to said second variable loss circuit (29R) with pre-
determined first and second reference levels, respectively, and on the basis of the results of comparison, controls
the losses that are set in said first and second variable loss circuits (29T, 29R).

3. The transmitter-receiver of claim 1 or 2, wherein said noise suppressing part (20N) comprises: a first amplifier
(21A) for amplifying said air-conducted sound signal; a second amplifier (21U) for amplifying said noise compo-
nents detected by said omnidirectional microphone (186); and a noise suppressor circuit {23) which adds together
the outputs from said first and second amplifiers in a 180° out-of-phase relation to each other to generate an air-
conducted sound signal with said noise components suppressed and applies it to said high-pass filter (22A).
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METHOD AND APPARATUS FOR REMOVING NOISE FROM
ELECTRONIC SIGNALS

FIELD OF THE INVENTION

The invention is in the field of mathematical methods and electronic
systems for removing or suppressing undesired acoustical noise from acoustic

transmissions or recordings.

BACKGROUND

In a typical acoustic application, speech from a human user is recorded

or stored and transmitted to a receiver in a different location. In the

. environment of the user, there may exist one or more noise sources that pollute

the signal of interest (the user’s speech) with unwanted acoustic noise. This
makes it difficult or impossible for the receiver, whether human or machine, to
understand the user’s speech. This is especially problematic now with the
proliferation of portable communication devices like cellular telephones and
personal digital assistants. There are existing methods for suppressing these
noise additions, but they either require far too much computing time or
cumbersome hardware, distort the signal of interest too much, or lack in
performance to be useful. Many of these methods are described in textbooks
such as “Advanced Digital Signal Processing and Noise Reduction” by Vaseghi,
ISBN 0-471-62692-9. Consequently, there is a need for noise removal and
reduction methods that address the shortcomings of typical systems and offer

new techniques for cleaning acoustic signals of interest without distortion.
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SUMMARY

A method and system are provided for acoustic noise removal from
human speech, wherein the noise can be removed and the signal restored
without respect to noise type, amplitude, or orientation. The system includes
microphones and sensors coupled with a processor. The microphones receive
acoustic signals including both noise and speech signals from human signal
sources. The sensors yield a binary Voice Activity Detection (VAD) signal that
provides a signal that is a binary “1” when speech (both voiced and unvoiced) is
occurring and a binary “0” when no speech is ococurring. The VAD signal can
be obtained in numerous ways, for example, using acoustic gain,
accelerometers, and radio frequency (RF) sensors.

The processor system and method includes denoising algorithms that
calculate the transfer function among the noise sources and the microphones as
well as the transfer function among the human user and the microphones. The
transfer functions are used to remove noise from the received acoustic signal to

produce at least one denoised acoustic data stream.
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BRIEF DESCRIPTION OF THE DRAWINGS

Figure 1 is a block diagram of a denoising system of an embodiment.

Figure 2 is a block diagram of a noise removal algorithm of an
embodiment, assuming a single noise source and a direct path to the
microphones.

Figure 3 is a block diagram of a front end of a noise removal algorithm
of an embodiment, generalized to » distinct noise sources (these noise sources
may be reflections or echoes of one another).

Figure 4 is a block diagram of a front end of a noise removal algorithm
of an embodiment in the most general case where there are » distinct noise
sources and signal reflections.

Figure 5 is a flow diagram of a denoising method of an embodiment.

Figure 6 shows results of a noise suppression algorithm of an
embodiment for an American English female speaker in the presence of airport
terminal noise that includes many other human speakers and public

announcements,
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DETAILED DESCRIPTION

Figure 1 is a block diagram of a denoising system of an embodiment
that uses knowledge of when speech is occurring derived from physiological
information on voicing activity. The system includes microphones 10 and
sensors 20 that provide signals to at least one processor 30. The processor

includes a denoising subsystem or algorithm.

Figure 2 is a block diagram of a noise removal system/algorithm of an
embodiment, assuming a single noise source and a direct patH to the
microphones. The noise removal system diagram includes a graphic description
of the process of an embodiment, with a single signal source (100) and a single
noise source (101). This algorithm uses two microphones, a “signal”
microphone (MIC 1, 102) and a “noise” microphone (MIC 2, 103), but is not so
limited. MIC 1 is assumed to capture mostly signal with some noise, while
MIC 2 captures mostly noise with some signal. This is the common
configuration with conventional advanced acoustic systems. The data from the
signal to MIC 1 is denoted by s(n), from the signal to MIC 2 by s2(n), from the
noise to MIC 2 by n(n), and from the noise to MIC 1 by ny(n). Similarly, the
data from MIC 1 is denoted by m;(n), and the data from MIC 2 my(n), where
s(n) denotes a discrete sample of the analog signal from the source.

The transfer functions from the signal to MIC 1 and from the noise to
MIC 2 are assumed to be unity, but the transfer function from the signal to MIC
2 is denoted by H(z) and from the noise to MIC 1 by H;(z). The assumption of
unity transfer functions does not inhibit the generality of this algorithm, as the
actual relations between the signal, noise, and microphones are simply ratios
and the ratios are redefined in this manner for simplicity.

In conventional noise removal systems, the information from MIC 2 is
used to attempt to remove noise from MIC 1. However, an unspoken
assumption is that the Voice Activity Detection (VAD) is never perfect, and
thus the denoising must be performed cautiously, so as not to remove too much
of the signal along with the noise. However, if the VAD is assumed to be

perfect and is equal to zero when there is no épeech being produced by the user,

-4-
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and one when speech is produced, a substantial improvement in the noise
removal can be made.

. In analyzing the single noise source and direct path to the microphones,
with reference to Figure 2, the acoustic information coming into MIC 1 is
denoted by mi(n). The information coming into MIC 2 is similarly labeled
my(n). Inthe z (digital frequency) domain, these are represented as M;(z) and
Ma2(z). Then

M,(z)= S(z)+ N,(z)
M,(z)=N(2)+5,(z)
with
N,(z)=N(2)H,(2)
S, (Z) = S(Z)Hz (Z)
so that
M,(2)=8(z)+ N(z)Hl (z)
M, (z) = N(z)+ S(z)H2 (z)

This is the general case for all two microphone systems. In a practical

Eq. 1

system there is always going to be some leakage of noise into MIC 1, and some
leakage of signal into MIC 2. Equation 1 has four unknowns and only two
known relationships and therefore cannot be solved explicitly.

However, there is another way to solve for some of the unknowns in
Equation 1. The analysis starts with an examination of the case where the
signal is not being generated, that is, where the VAD signal equals zero and
speech is not being produced. In this case, s(n) = S(z) = 0, and Equation 1
reduces to

| M, (2)=NG)H,(2)
M,, (Z ) =N (z )
where the 7 subscript on the M variables indicate that only noise is being
received. This leads to

M, (z): M,, (Z)Hl (Z)

@)= %2
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H,(2) can be calculated using any of the available system identification
algorithms and the microphone outputs when the system is certain that only
noise is being received. The calculation can be done adaptively, so that the
system can react to changes in the noise.

A solution is now available for one of the unknowns in Equation 1.
Another unknown, Hz(z), can be determined by using the instances where the
VAD equals one and speech is being produced. When this is occurring, but the
recent (perhaps less than 1 second) history of the microphones indicate low
levels of noise, it can be assumed that n(s) = N(z) ~ 0. Then Equation 1 reduces
to

M, (z)=5(z)
My, (2)=5(2)H, (z)
which in turn leads to’
M, (2)= M, (2)H, ()

_ M,, (z )
#6=30

which is the inverse of the H;(z) calculation. However, it is noted that different
inputs are being used — now only the signal is occurring whereas before only the
noise was occurring. While calculating Hz(2), the values calculated for H;(z)
are held constant and vice versa. Thus, it is assumed that H;(z) and Hx(z) do not
change substantially while the other is being calculated.
After calculating Hi(z) and H3(z), they are used to remove the noise

from the signal. If Equation 1 is rewritten as

S(z): M, (Z)_ N(Z)Hl (z)

N(z)=M,(2)-S(2)H, ()

S(z)=M,(z)~[M, (2)- S)H, ), (2) ’
S(z){l— H, (Z)Ha (z)]: M, (Z)"’Mz (Z)Hl (z)

then N(z) may be substituted as shown to solve for S(z) as:

M, (z)—M,_(z)H, (Z)
S(Z)= 1- H,(2)H,(2) Ea.3

If the transfer functions H,(z) and H3(2z) can be described with sufficient

accuracy, then the noise can be completely removed and the original signal

recovered. This remains true without respect to the amplitude or spectral

-6-
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characteristics of the noise. The only assumptions made are a perfect VAD,
sufficiently accurate H(z) and H(2z), and that H;(z) and Hx(z) do not change
substantially when the other is being calculated. In practice these assumptions
have proven reasonable.

The noise removal algorithm described herein is easily generalized to
include any number of noise sources. Figure 3 is a block diagram of a front
end of a noise removal algorithm of an embodiment, generalized to » distinct
noise sources. These distinct noise sources may be reflections or echoes of one
another, but are not so limited. There are several noise sources shown, each
with a transfer function, or path, to each microphone. The previously named
path H; has been relabeled as Hy, so that labeling noise source 2°s path to MIC
1 is more convenient. The outputs of each microphone, when transformed to
the z domain, are:

M, (z)=8(z)+ N,(2)H,(2)+ N, (2)H,(z)+..N, (2)H ,(z)
M,(2)=S(2)H,(z)+ N,(2)G,(z)+ N, (2)G, (2)+..N,(2)G, (z)
When there is no signal (VAD = 0), then (suppressing the z’s for clarity)
M,, = N,H, + N,H, +..N,H, Eq.5
M,, =N,G, +N,G, +..N,G,

Eq.4

A new transfer function can now be defined, analogous to H;(z) above:

i My _NH+NH, +..N,H,

in

' M,, NG +N,G,+..N,G, Eq. 6

Thus H , depends only on the noise sources and their respective transfer
functions and can be calculated any time there is no signal being transmitted.
Once again, the » subscripts on the microphone inputs denote only that noise is
being detected, while an s subscript denotes that only signal is being received by
the microphones.

Examining Equation 4 while assuming that there is no noise produces

M, =S
M,, =SH,

Thus Hp can be solved for as before, using any available transfer function
calculating algorithm. Mathematically
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Rewriting Equation 4, using H, defined in Equation 6, provides,

~ M, -8
H == — Ea.7
' M,-SH, 4
Solving for S yields,
s Mi-MH, B8
1- H H,

which is the same as Equation 3, with H taking the place of Hy, and H, , taking
the place of H;. Thus the noise removal algorithm still is mathematically valid

for any number of noise sources, including multiple echoes of noise sources.

Again, if H; and H , can be estimated to a high enough accuracy, and the above
assumption of only one path from the signal to the microphones holds, the noise
may be removed completely.

The most general case involves multiple noise sources and multiple
signal sources. Figure 4 is a block diagram of a front end of a noise removal
algorithm of an embodiment in the most general case where there are » distinct
noise sources and signal reflections. Here, reflections of the signal enter both
microphones. This is the most general case, ds reflections of the noise source
into the microphones can be modeled accurately as simple additional noise
sources. For clarity, the direct path from the signal to MIC 2 has changed from
Ho(2) to Hoo(z), and the reflected paths to Microphones 1 and 2 are denoted by
Hoi(z) and Ho(2), respectively.

The input into the microphones now becomes

M, (z)= S(z)+ S(Z)Hm(z)-!- N, (z)Hl (z)+ N, (z)Hz(z)-i- N, (Z)H,, (z)
M,(2) = 5@)Hn )+ S@H @)+ M,()5,@)+ M, @G, @)+, ()6, @)
When the VAD = 0, the inputs become (suppressing the z’s again)
M, =NH +N,H,+..N,H,
M,, =N,G, +N,G, +..N,G,

" n
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which is the same as Equation 5. Thus, the calculation of A , in Equation 6 is
unchanged, as expected. In examining the situation where there is no noise,

Equation 9 reduces to

M, =8+SH,
M,, =SHy +SH,,

This leads to the definition of H,:

ﬁ =M2.\'=H00+H02
> M, 1+H,

Eq. 10

Rewriting Equation 9 again using the definition for &, , (as in Equation
7) provides

~ M, -S(1+H,)

L= Eq. 11
Mz "S(Hoo'*'Hoz)

Some algebraic manipulation yields
SQ+ Hy, — B (Ho + Hy, )= M, — M, H,

= (Hoo‘*‘Hoz)i‘ 73
S+ H,J1-H, -2 2 =M ~M,H
( 01{ 1 (1+Hox) 1 241,

SQ+H, - 8,8, |=M, -M, 7,
and finally
M, -M,H,
SA+Hy)= EA, Eq. 12

Equation 12 is the same as equation 8, with the replacement of Hy by

H,, and the addition of the (1-+Hj,) factor on the left side. This extra factor
means that S cannot be solved for directly in this situation, but a solution can be
generated for the signal plus the addition of all of its echoes. This isnotsucha
bad situation, as there are many conventional methods for dealing with echo
suppression, and even if the echoes are not suppressed, it is unlikely that they
will affect the comprehensibility of the speech to any meaningful extent. The

more complex calculation of A, is needed to account for the signal echoes in
Microphone 2, which act as noise sources.

Figure 5 is a flow diagram of a denoising method of an embodiment. In
operation, the acoustic signals are recejived 502. Further, physiological

-9-
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information associated with human voicing activity is received 504. A first
transfer function representative of the acoustic signal is calculated upon
determining that voicing information is absent from the acoustic signal for at
least one specified period of time 506. A second transfer function
representative of the acoustic signal is calculated upon determining that voicing
information is present in the acoustic signal for at least one specified period of
time 508. Noise is removed from the acoustic signal using at least one
combination of the first transfer function and the second transfer function,
producing denoised acoustic data streams 510.

An algorithm for noise removal, or denoising algorithm, is described
herein, from the simplest case of a single noise source with a direct path to
multiple noise sources with reflections and echoes. The algorithm has been

shown herein to be viable under any environmental conditions. The type and
amount of noise are inconsequential if a good estimate has been made of H :

and H »» and if they do not change substantially while the other is calculated. If
the user environment is such that echoes are present, they can be compensated
for if coming from a noise source. If signal echoes are also present, they will
affect the cleaned signal, but the effect should be negligible in most
environments.

In operation, the algorithm of an embodiment has shown excellent
results in dealing with a variety of noise types, amplitudes, and orientations.
However, there are always approximations and adjustments that have to be
made when moving from mathematical concepts to engineering applications.
One assumption is made in Equation 3, where Hx(z) is assumed small and
therefore H, (z)Hl (z)~ 0, so that Equation 3 reduces to

S(z)~ M, (2)- M, (Z)HI (2).
This means that only H;(2) has to be calculated, speeding up the process and
reducing the number of computations required considerably. With the proper
selection of microphones, this approximation is easily realized.

Another approximation involves the filter used in an embodiment. The
actual H;(z) will undoubtedly have both poles and zeros, but for stability and

-10-
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simplicity an all-zero Finite Impulse Response (FIR) filter is used. With
enough taps (around 60) the approximation to the actual H;(z) is very good.

Regarding subband selection, the wider the range of frequencies over
which a transfer function must be calculated, the more difficult it is to calculate
it accurately. Therefore the acoustic data was divided into 16 subbands, with
the lowest frequency at 50 Hz and the highest at 3700. The denoising algorithm
was then applied to each subband in turn, and the 16 denoised data streams were
recombined to yield the denoised acoustic data. This works very well, but any
combinations of subbands (i.e. 4, 6, 8, 32, equally spaced, perceptually spaced,
etc.) can be used and has been found to work as well.

The amplitude of the noise was constrained in an embodiment so that the
microphones used did not saturate (i.e. operate outside a linear response region).
It is important that the microphones operate linearly to ensure the best
performance. Even with this restriction, very high signal-to-noise ratios (SNR)
can be tested (down to about —10 dB).

The calculation of H;(z) was accomplished every 10 milliseconds using
the Least-Mean Squares (LMS) method, a common adaptive transfer function.
An explanation may be found in “Adaptive Signal Processing” (1985), by
Widrow and Stearns, published by Prentice-Hall, ISBN 0-13-004029-0.

The VAD for an embodiment was derived from a radio frequency sensor
and the two microphones, yielding very high accuracy (>99%) for both voiced
and unvoiced speech. The VAD of an embodiment uses a radio frequency (RF)
interferometer to detect tissue motion associated with human speech production,
but is not so limited. It is therefore completely acoustic-noise free, and is able
to function in any acoustic noise environment. A simple energy measurement
can be used to determine if voiced speech is occurring. Unvoiced speech can be
determined using conventional frequency-based methods, by proximity to
voiced sections, or through a combination of the above. Since there is much
less energy in unvoiced speech, its activation accuracy is not as critical as
voiced speech.

With voiced and unvoiced speech detected reliably, the algorithm of an
embodiment can be implemented. Once again, it is useful to repeat that the

-11-
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noise removal algorithm does not depend on how the VAD is obtained, only
that it is accurate, especially for voiced speech. If speech is not detected and
training occurs on the speech, the subsequent denoised acoustic data can be
distorted.

Data was collected in four channels, one for MIC 1, one for MIC 2, and
two for the radio frequency sensor that detected the tissue motions associated
with voiced speech. The data were sampled simultaneously at 40 kHz, then
digitally filtered and decimated down to 8 kHz. The high sampling rate was
used to reduce any aliasing that might result from the analog to digital process.
A four-channel National Instruments A/D board was used along with Labview
to capture and store the data. The data was then read into a C program and
denoised 10 milliseconds at a time.

Figure 6 shows results of a noise suppression algorithm of an
embodiment for an American English speaking female in the presence of airport
terminal noise that includes many other human speakers and public
announcements. The speaker is uttering the numbers 406-5562 in the midst of
moderate airport terminal noise. The dirty acoustic data was denoised 10
milliseconds at a time, and before denoising the 10 milliseconds of data were
prefiltered from 50 to 3700 Hz. A reduction in the noise of approximately 17
dB is evident. No post filtering was done on this sample; thus, all of the noise
reduction realized is due to the algorithm of an embodiment. It is clear that the
algorithm adjusts to the noise instantly, and is capable of removing the very
difficult noise of other human speakers. Many different types of noise have all
been tested with similar results, including street noise, helicopters, music, and
sine waves, to name a few. Also, the orientation of the noise can be varied
substantially without significantly changing the noise suppression performance.
Finally, the distortion of the cleaned speech is very low, ensuring good
performance for speech recognition engines and human receivers alike.

The noise removal algorithm of an embodiment has been shown to be

viable under any environmental conditions. The type and amount of noise are

inconsequential if a good estimate has been made of A, and H,. If the user

environment is such that echoes are present, they can be compensated for if
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coming from a noise source. If signal echoes are also present, they will affect
the cleaned signal, but the effect should be negligible in most environments.
Various embodiments are described herein with reference to the figures,
but the detailed description and the figures are not intended to be limiting.
5 Various combinations of the elements described have not been shown, but are

within the scope of the invention which is defined by the following claims.
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CLAIMS
What is claimed is:
1. A method for removing noise from acoustic signals, comprising:
receiving a plurality of acoustic signals;
receiving physiological information associated with human voicing
activity;
generating at least one first transfer function representative of the
plurality of acoustic signals upon determining that voicing information is absent
from the plurality of acoustic signals for at least one specified period of time;
generating at least one second transfer function representative of the
plurality of acoustic signals upon determining that voicing information is
present in the plurality of acoustic signals for the at least one specified period of
time; .
removing noise ﬁom the plurality of acoustic signals using at least one
combination of the at least one first transfer function and the at least one second

transfer function to produce at least one denoised acoustic data stream.

2. The method of claim 1, wherein the plurality of acoustic signals include
at least one reflection of at least one associated noise source signal and at least

one reflection of at least one acoustic source signal.

3. The method of claim 1, wherein receiving physiological information
comprises receiving physiological data associated with human voicing using at
least one detector selected from a group consisting of radio frequency devices,
electroglottographs, ultrasound devices, acoustic throat microphones, and

airflow detectors.

4. The method of claim 1, wherein receiving the plurality of acoustic
signals includes receiving using a plurality of independently located

microphones.
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5. The method of claim 1, wherein removing noise further includes
generating at least one third transfer function using the at least one first transfer
function and the at least one second transfer function.

6. The method of claim 1, wherein generating the at least one first transfer
function comprises recalculating the at least one first transfer function during at
least one prespecified interval.

7. The method of claim 1, wherein generating the at least one second
transfer function comprises recalculating the at least one second transfer

function during at least one prespecified interval.

8. The method of claim 1, wherein generating the at least one first transfer
function and the at least one second transfer function comprises use of at least
one technique selected from a group consisting of adaptive techniques and

recursive techniques.

9. A method for removing noise from electronic signals, comprising:
detecting an absence of voiced information during at least one period;
receiving at least one noise source signal during the at least one period;
generating at least one transfer function representative of the at least one
noise source signal;
receiving at least one composite signal comprising acoustic and noise
signals; and

removing the noise signal from the at least one composite signal using
the at least one transfer function to produce at least one denoised acoustic data
stream.

10. The method of claim 9, wherein the at least one noise source signal

includes at least one reflection of at least one associated noise source signal.
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11. The method of claim 9, wherein the at least one composite signal

includes at least one reflection of at least one associated composite signal.

12. The method of claim 9, wherein detecting comprises collecting
physiological data associated with human voicing using at least one detector
selected from a group consisting of radio frequency devices,
electroglottographs, ultrasound devices, acoustic throat microphones, and

airflow detectors.

13.  The method of claim 9, wherein receiving includes receiving the at least

one noise source signal using at least one microphone.

14. The method of claim 13, wherein the at least one microphone includes a

plurality of independently located microphones.

15. The method of claim 9, wherein removing the noise signal from the at
least one composite signal using the at least one transfer function includes
generating at least one other transfer function using the at least one transfer
function.

16. The method of claim 9, wherein generating at least one transfer function
comprises recalculating the at least one transfer function during at least one

prespecified interval.

17. The method of claim 9, wherein generating the at least one transfer
function comprises calculating the at least one transfer function using at least
one technique selected from a group consisting of adaptive techniques and

recursive techniques.
18. A method for removing noise from electronic signals, comprising:

determining at least one unvoicing period during which voiced

information is absent;
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receiving at least one noise signal input during the at least one unvoicing
period and generating at least one unvoicing transfer function representative of
the at least one noise signal;

determining at least one voicing period during which voiced information
is present;

receiving at least one acoustic signal input from at least one signal
sensing device during the at least one voicing period and generating at least one
voicing transfer function representative of the at least one acoustic signal;

receiving at least one composite signal comprising acoustic and noise
signals; and

removing the noise signal from the at least one composite signal using at
least one combination of the at least one unvoicing transfer function and the at
least one voicing transfer function to produce at least one denoised acoustic data

stream.

19. A system for removing noise from acoustic signals, comprising:

at least one receiver that receives at least one acoustic signal;

at least one sensor that receives physiological information associated
with human voicing activity;

at l‘east one processor coupled among the at least one receiver and the at
least one sensor that generates a plurality of transfer functions, wherein at least
one first transfer function representative of the at least one acoustic signal is
generated in response to a determination that voicing information is absent from
the at least one acoustic signal for at least one specified period of time, wherein
at least one second transfer function representative of the at least one acoustic
signal is generated in response to a determination that voicing information is
present in the at least one acoustic signal for at least one specified period of
time, wherein noise is removed from the at least one acoustic signal using at
least one combination of the at least one first transfer function and the at least
one second transfer function to produce at least one denoised acoustic data

stream.
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20. The system of claim 19, wherein the at least one sensor includes at least
one radio frequency (RF) interferometer that detects tissue motion associated

with human speech production.

21. The system of claim 19, wherein the at least one sensor includes at least
one sensor selected from a group consisting of radio frequency devices,
electroglottographs, ultrasound devices, acoustic throat microphones, and

airflow detectors.

22. The system of claim 19, further comprising:

dividing acoustic data of the at least one acoustic signal into a plurality
of subbands;

removing noise from each of the plurality of subbands using the at least
one combination of the at least one first transfer function and the at least one
second transfer function, wherein a plurality of denoised acoustic data streams
are generated; and

combining the plurality of denoised acoustic data streams to generate the

at least one denoised acoustic data stream.

23. The system of claim 19, wherein the at least one receiver includes a

plurality of independently located microphones.

24. A system for removing noise from acoustic signals, comprising at least
one processor coupled among at least one microphone and at least one voicing
sensor, wherein the at least one voicing sensor collects physiological data
associated with voicing, wherein an absence of voiced information is detected
duﬁné at least one period using the at least one voicing sensor, wherein at least
one noise source signal is received during the at least one period using the at
least one microphone, wherein the at least one processor generates at least one
transfer function representative of the at least one noise source signal, wherein
the at least one microphone receives at least one composite signal comprising

acoustic and noise signals, and the at least one processor removes the noise
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signal from the at least one composite signal using the at least one transfer

function to produce at least one denoised acoustic data stream.

25. A signal processing system coupled among at least one user and at least
one electronic device, wherein the signal processing system includes at least one
denoising subsystem for removing noise from acoustic signals, the denoising
subsystem comprising at least one processor coupled among at least one
receiver and at least one sensor, wherein the at least one receiver is coupled to
receive at least one acoustic signal, wherein the at least one sensor is coupled to
receive physiological information associated with human voicing activity,
wherein the at least one processor generates a plurality of transfer functions,
wherein at least one first transfer function representative of the at least one
acoustic signal is generated in response to a determination that voicing
information is absent from the at least one acoustic signal for at least one
specified period of time, wherein at least one second transfer function
representative of the at least one acoustic signal is generated in response to a
determination that voicing information is present in the at least one acoustic
signal for at least one specified period of time, wherein noise is removed from
the at least one acoustic signal using at least one combination of the at least one
first transfer function and the at least one second transfer function to produce at

least one denoised acoustic data stream.

26. The signal processing system of claim 25, wherein the at least one
electronic device includes at least one device selected from a group consisting
of cellular telephones, personal digital assistants, portable communication

devices, computers, video cameras, digital cameras, and telematics systems.
27. A computer readable medium comprising executable instructions which,
when executed in a processing system, remove noise from received acoustic

signals by:

receiving at least one acoustic signal;
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receiving physiological information associated with human voicing
activity;

generating at least one first transfer function representative of the at least
one acoustic signal upon determining that voicing information is absent from
the at least one acoustic signal for at least one specified period of time;

generating at least one second transfer function representative of the at
least one acoustic signal upon determining that voicing information is present in
the at least one acoustic signal for at least one specified period of time;

removing noise from the at least one acoustic signal using at least one
combination of the at least one first transfer function and the at least one second

transfer function to produce at least one denoised acoustic data stream.

28. An electromagnetic medium comprising executable instructions which,
when executed in a processing system, remove noise from received acoustic
signals by:

receiving at least one acoustic signal;

receiving physiological information associated with human voicing
activity;

generating at least one first transfer function representative of the at least
one acoustic signal upon determining that voicing information is absent from
the at least one acoustic signal for at least one specified period of time;

generating at least one second transfer function representative of the at
least one acoustic signal upon determining that voicing information is present in
the at least one acoustic signal for at least one specified period of time;

removing noise from the at least one acoustic signal using at least one
combination of the at least one first transfer function and the at least one second

transfer function to produce at least one denoised acoustic data stream.

-20-

- 263 -



WO 02/07151

10

1/6

PCT/US01/22490

Microphones

—t-

Voicing
Sensors

20

/

Processor

30

Denoising
Susbsystem

SUBSTITUTE SHEET (RULE 26)

- 264 -



WO 02/07151 PCT/US01/22490

2/6

VAD Voicing ‘Information
/ 100
(( () )))
( A
Signal
s(n)
/ 101
(( (o) )))
A
Noise
n(n)

Cleaned
Speech

SUBSTITUTE SHEET (RULE 26)

- 265 -



WO 02/07151 PCT/US01/22490

3/6

—M,(2)—P>

T —M,(z)—P>

(77

Noise 2
N2(Z)

(((‘(i) )))

Noise n
Nn(2)

Fig. 3

SUBSTITUTE SHEET (RULE 26)

- 266 -



WO 02/07151 PCT/US01/22490

4/6

Ay
Noise 1 g Mic 2

((( @ )))

Noise n
N.(2)

Fig. 4

SUBSTITUTE SHEET (RULE 26)

- 267 -



WO 02/07151 PCT/US01/22490

5/6

Receive accoustic

signals —— 502
Receive vice activity . | 504
(VAD) information

Determine absence of ’
voicing and generate first {—— 506
transfer function

Determine presence of
voicing and generate —— 508
second transfer function

Produced denoised

accoustic data stream — 510

Fig. 5

SUBSTITUTE SHEET (RULE 26)

- 268 -



Cleaned Audio

Dirty Audio (X 10%)

WO 02/07151 PCT/US01/22490

6/6

406 5 6 2

=
-

S

10000
8000
6000
4000
2000

-2000
-4000
-6000
-8000

Time (sec)

Fig. 6

SUBSTITUTE SHEET (RULE 26)

- 269 -



This Page is Inserted by IFW Indexing and Scanning
Operations and is not part of the Official Record

BEST AVAILABLE IMAGES

Defective images within this document are accurate representations of the original
documents submitted by the applicant.

Defects in the images include but are not limited to the items checked:

U BLACK BORDERS

O IMAGE CUT OFF AT TOP, BOTTOM OR SIDES

O FADED TEXT OR DRAWING

(] BLURRED OR ILLEGIBLE TEXT OR DRAWING

) SKEWED/SLANTED IMAGES h

U COLOR OR BLACK AND WHITE PHOTOGRAPHS

0O GRAY SCALE DOCUMENTS

ﬂﬁzs OR MARKS ON ORIGINAL DOCUMENT

0 REFERENCE(S) OR EXHIBIT(S) SUBMITTED ARE POOR QUALITY

(] OTHER:

IMAGES ARE BEST AVAILABLE COPY.
As rescanning these documents will not correct the image

problems checked, please do not report these problems to
the IFW Image Problem Mailbox.

- 270 -



————

PATENT ol N o5

IN THE UNITED STATES PATENT OFFICE

In Re Patent Applicétion‘of:
Gregory C. Burnett Examiner: To be assigned

Application No. 10/159,770 Art Unit: 2644 ‘v

Filed: May 30, 2002

For:  DETECTING VOICED AND UNVOICED

SPEECH USING BOTH ACOUSTIC AND
NONACOUSTIC SENSORS

S I N N

Assistant Commissioner for Patents
Washington, D.C. 20231

INFORMATION DISCLOSURE STATEMENT UNDER 37 CFR 1.97

Sir: |
Enclosed is an Information Disclosure Citation Form PTO/SB/08 together with copies of the references

cited therein. It is respectfully requested that the cited references be considered and that the enclosed copy of the
Form PTO/SB/08 be initiélcd by the Examiner to indicate such consideration and a copy thereof returned to
Applicant.

Pursuant to 37 CFR 1.97(h), the submission of this Information Disclosure Statement is not to be
construed as an admission that the information cited in this statement is material to patentability,

This Information Disclosure Statement is being submitted pursuant to 37 CFR 1.97(b)(3).

The Commissioner is hereby authorized to charge any fees which may be required in connection with this

submission to Deposit Account No. 501914.

Respectfully submitted,

SHEMWELL GREGORY & COURTNEY LLP

Dated: December 21, 2002 " A/ / NG Sy
Bt(rbaéa B. Courtney l’\

Registration No. 42,442

!

- 271 -



Substitute for form 1449A/PTO

INFORMATION DISCLOSURE
STATEMENT BY APPLICANT

Approved for use through 10/31/2002. OMB 0651-0031
U.S. Patent and Trademark Office: U.S. DEPARTMENT OF COMMERCE
llection of information unless it contains a valid OMB

Complete if Known

PTO/SBIOBA (08-00)

_|..

Application Number

10/159,770

Filing Date

May 30, 2002

First Named Inventor

Gregory C. Burnett

Group Art Unit 2644
(use as many sheets as necessary) Examiner Name Unknown
\_ Sheet I 1 l of l 2 Attorney Docket Number | ALPH.P00S )
U.S. PATENT DOCUMENTS
U.S. Patent D t ot Pages, Columns, Lines,
lE Cite e ‘;?:::;: —=|  Name of Patentee or Applicant Dag[:;%‘:éﬁ‘;’; of O Where Relovant
(nitials No.} Number (i kromn) of Cited Dogument MM-DD-YYYY Paséaz::so; Re;:/am
5,406,622 Silverberg et al. 04-11-1995
5,517,435 Sugiyama 05-14-1986

RECEIVED

JAN-0-2 2003
J

ochmotogy Center 2400

FOREIGN PATENT DOCUMENTS

i it Pages, Columns, Lines,
IE Cite Foreign Patent Docume'::‘ — Name of Patentee or Da&gz ?:&c:‘tg: of Qan P
itials” 1 ! Applicant of Cited Document ! Passages or Relevant
initials No." {office? Number* (if known) PPl ! men MM-DD-YYYY £ ﬂws ; eear T8
Examiner Date
Signature Considered

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609. Draw line through citation if not in conformance and not
considered. Include copy of this form with next communication to applicant.
1 Unique citation designation number. 2 See attached Kinds of U.S. Patent Documents. 3 Enter Office that issued the document, by the two-letter
code (WIPO Standard ST.3). 4 For Japanese patent documents, the indication of the year of the reign of the Emperor must precede the serial
number of the patent document. 5 Kind of document by the appropriate symbols as indicated on the document under WIPQ Standard ST. 16 if
possible. © Applicant is to place a check mark here if English language Translation is attached.

Burden Hour Statement: This form is estimated to take 2.0 hours to complete. Time will vary depending upon the needs of the individua!l case. Any comments on

the amount of time you are required to complete this form should be sent to the Chief Information Officer, U. S. Patent and Trademark Office, Washington, DC 20231,

DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Patents, Washington, DC 20231,

- 272 -



' Please type a plus sign (+) inside this box —p

Substitute for form 1449B/PTO

Complete if Known

PTO/SB/08B (08-00)

Approved for use through 10/31/2002. OMB 0651-0031

U. S. Patent and Trademark Office: U.S. DEPARTMENT OF COMMERCE
Under the Paperwork Reduction Act of 1995, no persons are required to respond to a collection of information unless it contains a valid OMB control number.

_.I._

Application Number 10/159,770

INFORMATION DISCLOSURE [ Fiiing pate May 30, 2002 .
STATEMENT BY APPLICANT First Named Inventor Gregory C. Burne§d =/

Group Art Unit 2644

R

L*

Sheet |

o930
(use as many sheets as necessary) Examiner Name Unknown \‘;N [EAA

2 | of [ 2 Attorney Docket Number | ALPH.P009
“&Wﬁmmi

OTHER PRIOR ART -- NON PATENT LITERATURE DOCUMENTS

Examiner
Initials”

Cite
No.!

Include name of the author (in CAPITAL LETTERS), title of the article (when appropriate), title of the
item (book, magazine, journal, serial, symposium, catalog, etc.), date, page(s), volume-issue number(s),
publisher, city and/or country where published.

T2

/7

GREGORY C. BURNETT: "The Physiological Basis of Glottal Electromagnetic Micropower
Sensors (GEMS) and Their Use in Defining an Excitation Function for the Human Vocal Tract",
Dissertati iversit ifornia at Davi ary, 1999. USA

TODD J. GABLE et al.: "Speaker Verification Using Combined Acoustic and EM Sensor Signal

Processing"”, IEEE Intl. Conf. on Acoustics, Speech & Signal Processing (ICASSP-2001), Salt Lake
City, USA, 2001.

A. HUSSAIN: "Intelligibility Assessment of a Multi-Band Speech Enhancement Scheme",

Proceedings IEEE Intl. Conf. on Acoustics, Speech & Signal Processing (ICASSP-2000). Istanbul,
Turkey, June 2000 .

Examiner
Signature

Date
Considered

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609. Draw line through citation if not in conformance and not
considered. Include copy of this form with next communication to applicant.

' Unique citation designation number, 2 Applicant is to place a check mark here if English language Translation is attached.

the amount of time you are required to complete this form should be sent to the Chief Information Officer, U, S, Palent and Trademark Office, Washington, DC 20231.

I Burden Hour Statement: This form is estimated to take 2.0 hours to complete. Time will vary depending upon the needs of the individual case. Any comments on

DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TQ: Assistant Commissioner for Patents, Washington, DC 20231.

- 273 -



Vs

"

PATENT

In Re Patent Application of: )

)
Gregory C. Burnett ) Examiner: To be assigned

)

Application No. 10/159,770 ) Art Unit: 2644
)

Filed: May 30, 2002 )
)

" For:  DETECTING VOICED AND UNVOICED ) RECEIVED
SPEECH USING BOTH ACOUSTIC AND ) NOV 2 2 2002
NONACOUSTIC SENSORS )

Technology Conter 2600

Assistant Commissioner for Patents
Washington, D.C. 20231

INFORMATION DISCLOSURE STATEMENT UNDER 37 CFR 1.97

Sir:
~ Enclosed is an Information Disclosure Citation Form PTO/SB/08 together with copies of the references

cited therein. It is respectfully requested that the cited references be considered and that the enclosed copy of the
Form PTO/éB/OS be irtitialed by the Examiner to indicate such consideration and a copy thereof returned to
Applicant.

Pursuant to 37 CFR 1.97(h), the submission of this Information Disclosure Statement is not to be
construed as an admission that the information cited in this statement is material to patentability.

This Information Disclosure Statement is being submitted pursuant to 37 CFR 1.97(b)(3).

The Commissioner is hereby authorized to charge any fees which may be required in connection with this

submission to Deposit Account No. 501914.

Respectfully submitted,

SHEMWELL GREGORY & COURTNEY LLP

Dated: November 18, 2002 4 %{ m
g;{rbi:a B. Courtney ')/\
egidtration No. 42,442

- 274 -



Approved for use through 10/31/2002. OMB 0651-0031
U S. Patent and Trademark Oche us. DEPARTMENT OF COMMERCE
llection of i ati 2

PTO/SB/08A (08-00)

_.I_

600

Substitute for form 1449A/PTO Complete if Known
Application Number 10/159,770
INFORMATION DISCLOSURE | iing 5o My 30. 2002
STATEMENT BY APPLICANT First Named Inventor | Gregory C. Burnett
Group Art Unit 2644
(use as many sheets as necessary) Examiner Name Unknown
\_ Sheet | 1 l of | Attorney Docket Number | ALPH.P009 )
U.S. PATENT DOCUMENTS
— C . Lines,
Examiner| Cite. [———oo" Diq;":":, Name of Patentes or Appicant 022 of Publication of T here Reiovant
Initials” No.! Number (irlﬂ_:;.:) of Cited Document MM-DD-YYYY Pas’:sia?s:so; Re;:\:ant
5,212,764 Ariyoshi 05-18-1993
5,400,409 Linhard 03-21,1995
5,414,776 Sims, Jr. 05-09-1995
5,539,859 Robbe et al. 07-23-1996 PR
5,633,935 Kanamori et al. 05-27-1997 Hl'.’b eiv
5,835,608 Warmnaka et al. 11-10-1998
5,917,921 Sasaki et al. 06-29-1999 NOV < % (Ul
6,000,396 Nagata 12-28-1999
6,191,724  |B1 | McEwan 02-20-2001 Technology Conter ;
5,986,600 McEwan 11-16-1999
5,966,090 McEwan 10-12-1999
6,006,175 Holzrichter 12-21-1999
FORJEIGN PATENT DOCUMENTS
|13 Cite Foreign Patent Dccumeg:m — Name of Patentee or Dagﬂ:;%g’&‘::::‘? of “'"ﬁﬁiﬁ'&f&i‘aﬂ"‘“‘
nitials’ No.' |ofce? Number* i known) Applicant of Cited Document MM-DD-YYYY Pastia?:;or Re;;\rtant T8
Examiner Date
Signature Considered

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609. Draw line through citation if not in conformance and not
considered. Include copy of this form with next communication to applicant.

¥ Unique citation designation number. 2 See attached Kinds of U.S. Patent Documents, 3 Enter Office that issued the document, by the two-letter
code (WIPO Standard ST.3). 4 For Japanese patent documents, the indication of the year of the reign of the Emperor must precede the serial
number of the patent document. 5Kind of document by the appropriate symbols as indicated on the document under WIPO Standard ST. 16 if
possible. ®Applicant is to place a check mark here if English language Translation is attached.

Burden Hour Statement: This form is estimated to take 2.0 hours to complete. Time will vary depending upon the needs of the individual case. Any comments on
the amount of time you are required to complete this form should be sent to the Chief Information Officer, U. S. Patent and Trademark Office, Washington, DC 20231.
DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Patents, Washington, DC 20231.

- 275 -



. PTO/SBIOBB (08-00) |
8 & plus sign (+) inside this box —» Approved for use through 10/31/2002. OMB 0651-0031

U. S. Patent and Trademark Office: U.S. DEPARTMENT OF COMMERCE
nd to a collection of information untess it containg a valid OMB control number.

Complete if Known
Application Number 10/159,770

INFORMATION DISCLOSURE | Fiing oate May 30, 2002 acCEIVED

STATEMENT BY APPLICANT |_FirstNamedinventor | Gregory C. Burnett ¥ V™~ = ~

Group Art Unit 2644 NOY 9 9 02
(use as many sheets as necessary) Examiner Name Unknown L

G’hee‘| 2 lofl 2 Attomey Docket Number | ALPH.P009 Technology CEV er 2600

Substitute for form 1449B/PTO

OTHER PRIOR ART — NON PATENT LITERATURE DOCUMENTS

. ; Include name of the author (in CAPITAL LETTERS), title of the article (when appropriate), title of the
Examiner C'“" item (book, magazine, journal, serial, symposium, catalog, etc.), date, page(s), volume-issue number(s), T2
Initials No. publisher, city and/or country where published.

. /|zhao Li et at: "Robust Speech Coding Using Microphone Arrays", Signals Systems and Computers,
1997. Conf. record of 31st Asilomar Conf., Nov. 2-5, 1997, IEEE Comput. Soc. Nov. 2, 1997, USA.

' J L.C. Ng et al.: "Denoising of Human Speech Using Combined Acoustic and EM Sensor Signal
Processing”, 2000 IEEE Intl Conf on Acoustics Speech and Signal Processing. Proceedings (Cat.
No. 00CH37100), Istanbul, Turkey, June 5-9, 2000 XP002186255, ISBN 0-7803-6293-4

S. Affes et al.: "A Signal Subspace Tracking Algorithm for Microphone Array Processing of
Speech". IEEE Transactions on Speech and Audio Processing, N.Y, USA Vol. 5, No. 5, Sept. 1,
1997, XP000774303, [SBN 1063-6676

Examiner Date
Signature Considered

*EXAMINER: Initial if reference considered, whether or not citation is in conformance with MPEP 609, Draw line through citation if not in conformance and not
considered. Include copy of this form with next communication to applicant.

' Unique citation designation number. 2 Applicant is to place a check mark here if English language Translation is attached.
| Burden Hour Statement: This form is estimated to take 2.0 hours to complete. Time will vary depending upon the needs of the individual case. Any comments on

the amount of time you are required to complete this form should be sent to the Chief Information Officer, U. S. Patent and Trademark Office, Washington, DC 20231.
DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Patents, Washington, DC 20231,

- 276 -



tty. Docket No. ALPH.P009 PATENT
IN THE UNITED STATES PATENT OFFICE O%0PyoF
gy PR
%\ Re Patent Application of: ) FiLep
) Examiner: Not Yet Assigned
Burnett )
) Art Unit: 2644
Application No. 10/159,770 )
) | intn et oo e
. i i tates Postal | Service as
Filed: May 30, 2002 ; fivet class wail with sufficient postzsge inan
lope addressed to the Commissi f
For:  DETECTING VOICED AND UNVOICED ) Pats nd Tradomats, Wasingia, D.C. 2023
" SPEECH USING BOTH ACOUSTIC AND ) | phususOl 2002
Richard L. Gregory, Jr.
NONACOUSTIC SENSORS ) W Correspondence)
) . 0%-01-2002
Box Missing Parts Signidre (/1 Date

Assistant Commissioner for Patents
Washington, D.C. 20231

Sir:

RESPONSE TO NOTICE TO FILE MISSING PARTS

In response to a Notice to File Missing Parts mailed July 12, 2002 in connection

with the above-referenced application, applicant has enclosed the following:

(1) a Declaration pursuant to 37 CFR 1.63;

(2) a check in the amount of $130.00 for the fee under 37 CFR 1.16(e);

(3) a copy of the Notice to File Missing Parts; and

(4) replacement drawings for Figures 1-10 (10 sheets).

Please charge Deposit Account No. 501914 for any fee deficiency that may be

due. A duplicate of this Response is enclosed for Deposit Account charging purposes.

Date 0¥-0! - 2002

Respectfully Submitted,

A,

Richard L.JGreg)rgl, Jr.
Reg. No. 42,607

- 277 -

A

At

N



COMMISSIONER FOR PATENTS
UNITED STATES PATENT AND TRADEMARK OFFICE
WasHINGTON, D.C. 20231

- www.uspto.gov
2
'| APPLICATIONNUMBED, | S ING/RECEIPT DATE | FIRST NAMED APPLICANT |  ATTORNEY DOCKETNUMBER |
10/159,770 SAOEME> 057302002 Gregory C. Burnett 37212.8009.US00
CONFIRMATION NO. 9714
22918 ORin,. OF B FORMALITIES LETTER
. PERKINS COIE LLP WaiNa P ERS

P.O. BOX 2168 \:i&”i .EICIIIIHIHIHIMHIIIEIIIIIIIIIHIH

MENLO PARK, CA 94026

Date Mailed: 07/12/2002

NOTICE TO FILE MISSING PARTS OF NONPROVISIONAL APPLICATION
FILED UNDER 37 CFR 1.53(b)
Filing Date Granted

A?%Eapplication number and filing date have been accorded to this application. The item(s) indicated below, however, are
miissing. Applicant is given TWO MONTHS from the date of this Notice within which to file all required items and pay any
féfés required below to avoid abandonment. Extensions of time may be obtained by filing a petition accompanied by the
e;’éension fee under the provisions of 37 CFR 1.136(a).

=1 o The oath or declaration is unsigned.

+ -To avoid abandonment, a late filing fee or oath or declaration surcharge as set forth in 37 CFR 1.16(l) of $130 for
s a non-small entity, must be submitted with the missing items identified in this letter.

th;e application is informal since it does not comply with the regulations for the reason(s) indicated below.
The required item(s) identified below must be timely submitted to avoid abandonment:

¢ Replacement drawings in compliance with 37 CFR 1.84 and 37 CFR 1.121 are required. The drawings
submitted are not acceptable because:

e The drawings must be made on paper that has a white background, (see 37 CFR 1.84(e)). For
example. Graph paper, lined paper, or paper that has a non-white background is not acceptable.

Items Required To Avoid Processing Delays:
The item(s) indicated below are also required and should be submitted with any reply to this notice to avoid further

processing delays.
SUMMARY OF FEES DUE:
Total additional fee(s) required for this application is $130 for a Large Entity

e $130 Late oath or declaration Surcharge.

38/09/2002 BRBRAHAL 00000963 19153770

01 FLL08 133,00
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UNITED STATES PATENT AND TRADEMARK OFFICE

COMMISSIONER FOR PATENTS

UNITED STATES PATENT AND TRADEMARK OFFICE
WASHINGTON, D.C. 2023I

wWww.uSpo.gov

A copy of this notice MUST be returned with the reply.

fe o
0 [fe ORygp OF Fipy
Customer Service Center IQ’MLL Shg

" Initial Patent Examination Division (703) 308-1202
PART 1 - ATTORNEY/APPLICANT COPY
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*Atty. Docket No. ALPH.P009 PATENT
IN THE UNITED STATES PATENT OFFICE

In Re Patent Application of:
Examiner: Not Yet Assigned

Burmnett
Art Unit: 2644
Application No. 10/159,770

I hereby certify that this correspondence is being
deposited with the United States Postal 1 Service as
first class mail with sufficient postage in an
envelope addressed to the Commissioner of Patents
and Trademarks, Washington, D.C. 20231 on
August 01, 2002

_Richard L. Gregory, Jr.

f Person Maifing Correspondence)
%;Mw . 03-01-2002

Signﬁu'e O Date

Filed: May 30, 2002

For: DETECTING VOICED AND UNVOICED
SPEECH USING BOTH ACOUSTIC AND
NONACOUSTIC SENSORS

A i T T N T R

Assistant Commissioner for Patents
Washington, D.C. 20231

TRANSMITTAL OF FORMAL DRAWINGS

Sir:
Enclosed herewith for filing in the above-identified patent application are ten (10)
sheets of formal drawings.

The Commissioner is hereby authorized to charge any deficiencies in fees or
credit any overpayment to our Deposit Account No. 501914. A duplicate of this
transmittal letter is enclosed.

#i Respectfully Submitted,

Date 0g-0\- 2002 //W

Richard L. greg(ﬂl, .
Reg. No. 42,607
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Attorney Docket No.: 37212.8009.US00

INVENTORSHIP DECLARATION BY SOLE INVENTOR

| HEREBY DECLARE THAT:

My residence, mailing address, and citizenship are stated next to my name in PART A on hereof.

| believe | am the original, first, and sole inventor of the subject matter which is claimed and for which
a patent is sought on the invention entitled

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND NONACOUSTIC SENSORS

the specification of which:
[XI s attached hereto.

| was filed on as Application Seria! No. and was amended on
(if applicable).

| have reviewed and understand the contents of the above-identified specification, including the
ctaims, as amended by any amendment referred to above.

I acknowledge the duty to disclose information which is material to the examination of this application

s+ in accordance with Title 37, Code of Federal Regulations, §1.56.

| hereby claim priority benefits under Title 35, United States Code §119 of any foreign application(s)
for patent or inventor's certificate listed in PART B hereof and have also identified in PART B hereof
any foreign application for patent or inventor’s certificate having a filing date before that of the
application of which priority is claimed.

| hereby claim the benefit under Title 35, United States Code, §119(e) and §120 of any United States
application(s) listed in PART C hereof and, insofar as the subject matter of each of the claims of this
application is not disclosed in the prior United States application in the manner provided by the first
paragraph by the first paragraph of Title 35, United States Code §112, | acknowledge the duty to
disclose material information as defined in Title 37, Code of Federal Regulations §1.56 which occurred
between the filing date of the prior application and any national or PCT international filing date of this
application.

| hereby declare that all statements made herein of my knowledge are true and that all statements
made on information and belief are believed to be true; and further that these statements were made
with the knowledge that willful false statements and the like so made are punishable by fine or
imprisonment, or both, under Section 1001 of Title 18 of the United States Code and that such willful
false statements may jeopardize the validity of the application or any patent issued thereon.

Please direct all telephone calls to Richard L. Gregory, Jr. at (650) 838-4408. Address all
correspondence to:

Customer No. 22918
Perkins Coie LLP
101 Jefferson Drive
Menlo Park, California 94025-1114
(650) 838-4300

See page 2 attached, signed, and made a part hereof.

[37212-8009/8Y021500.018] 1
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Attorney Docket No.: 37212.8009.US00

INVENTORSHIP DECLARATION BY SOLE INVENTOR

PART A: INVENTOR INFORMATION AND SIGNATURE

Full name of Sole inventor: __Gregory C. Burnett

Citizenship: U.S.A. Mailing Address: 675 South H Street
Livermore, CA 94550

Residence (if different):

inventor's Signature: (‘; E———-—-——m— Date: G / Fo / c) 2
as—— / T

PART B: CLAIM TO PRIORITY OF FOREIGN APPLICATION(S) UNDER 35 U.S.C. 119(a-d)

Country App. No. Filing Date

PARTC: CLAIM TO PRIORITY OF U.S. PROVISIONAL AND NONPROVISIONAL
APPLICATION(S) UNDER 35 U.S.C. 119(e) AND 120

Serial No. Filing Date Status
- 60/294,383 5/30/01 X Pending
* 09/905,361 7/12/01 B4  Pending
60/335,100 10/30/01 Pending
60/332,202 11/24/01 X Pending
~09/990,847 11/21/01 X Pending
60/362,162 3/5102 X Pending
60/362,103 3/5/02 Pending
60/362,170 3/5/02 Pending
60/361,981 3/5/02 D Pending
60/362,161 3/5/02 X Pending
60/368,209 3127102 Pending
60/368,208 3/27/02 X Pending
90/368,343 3127102 Pending
[37212-8009/BY021500.018} 2
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COPY O

ORIGINALLY FILED

F PAPERS

FEE TRANSMITTAL conpln o
Application Number [ 10/159,770
for FY 2002 v May 50, 2002
First Named Inventor | Gregory C. Bumett
Patent fees are subjact to annugl revision. 9 y
[:] Examiner Name
licant claims small entity status. See 37 CFR 1.27
App Group Art Unit 2644
\, TOTAL AMOUNT OF PAYMENT $) 1 3000 Attorney Docket No._ |ALPH.P009 Y,
METHOD OF PAYMENT (check all that apply) FEE CALCULATION (continued)
[x] check [] creditcars [[] Mosey (7] oter [] None |3- ADDITIONAL FEES
D Deposit Account: Large Entityl Small Entity
. Foo Foo|Feo Feo Fee Descrl Fee Paid
et 501914 Code ($) | Code (8) ption
Numb 105 130 [205 65 Surcharge - late filing fee or oath $130
Deposit
Account 127 50 [227 25 S ge - late p: | filing fee or
Name cover sheet
The Commissloner is authorized to: (chock all that apply) 139 130 | 139 130  Non-English specification
. Dcmme fee(s) indicated below Credit any overpayments
Charge any additional fee(s) during the of this 147 2,520 [ 147 2,520 For filing a request for ex parte reexamination
%Chame fae(s) indicated below, except for the flling fee 12 020|112 920 Exegr“?:g:\ gg;l::lcauon of SIR prior to
io.the.abeveidentificd decosit account, 113 1,840°[113 1,840* Requesting publication of SIR after
FEE CALCULATION Examiner action
1. BASIC FILING FEE 115 110 |215 55  Extension for reply within first month
; 116 400 |2186 200 Extension for reply within second month
Fea Fee | Fes Feoe Eae Description, 117 920 |217 460  Extension for reply within third month
Code ($) | Code (3) Fee Pald ) '
101 740 201 370 Utility filing fee 118 1,440 [218 720 Extension for reply within fourth month
108 330 206 165 Design filing fee 128 1,960 228 980  gxtonsion for reply within fifth month
107 510 | 207 256 Plant filing fee 19 320 |219 180  Notice of Appeal .
L 108 740 | 208 370 Reissue filing fee 120 320 1220 160 Filing a brief in support of an appeal
114 160 | 214 80 Provisional filing fee 121 280 1221 140 Request for oral hearing
138 1,510 | 138 1,510 Petition to institute a public use pr ]
SUBTOTAL (1) I($) 000 I 140 110 |240 55 Petition to revive - unavoidable
2. EXTRA CLAIM FEES FOR UTILIT! AND REISSUE] 141 1,280 [241 640 Petition to revive - unintentional
v0 fr . .
Extra Claims _ below Fee Paid} 142 1,280 242 640  Utility issue fee (or reissue)
Total Clalms .20** = |20 X {3 143 460 |243 230  Design issue fee
Claims -3 =13 x [884 ] I8 124 620 |244 310 Plantissue fee
Multiple Dependent )10 122 130 | 122 130 Petitions to the Commissioner
123 50 | 123 50 Processing fee under 37 CFR 1.17(q)
Large Entlty | Small Entity 126 180 [126 180 Submission of Information Disclosure Stmt
Eqe Description
Code (§) Code (%) 581 40 |581 40 Recordin?‘each patent assignment per
103 18 203 9 Claims in excess of 20 property (times number of properties)
102 84 202 42 Independent claims in excess of 3 146 740 |246 370 F:;I;n Fa!:‘sub;'n‘iszsgicm after final rejection
104 280 204 140 Multiple dependent claim, if not paid ¢ §1.12%a)
v Brai N . 149 740 1249 370 For each additional invention %o be
109 84 209 42 mle:; i'::f:;g:’:m claims examined (37 CFR § 1.129(2))
110 18 210 9 * Reissue claims in excess of 20 179 740 | 279 370 Request for Continued Examination (RCE)
and over original patent 169 900 {169 900 Request for expedited axamination
of a design application
sutotAL(2)  |(9) 0.00 || otrer ree (specity)

*Reduced by Basic Filing Fee Paid

**or number emviouslz egid, if gneater: For Reissues, see above
R

susToTAL (3) [$) 130.00

SUBMITTED BY . Complete (i applicable)
[Namo o) |Richapd) L. Gregorg, Jr. rtmegigers” 42,607 Telephono [408-236-6641
Signature . Date 0 x -01 - 2002

WARNING: Informafipn

n this form may become public. Credit card information should not

be included on this Yorm. Provide credit card information and authorization on PTO-2038.
Burden Hour Statement: This form is estimated to take 0.2 hours to complete. Time will vary depending upon the needs ‘of the individual case. Any comments on

the amount of lime you are required to complete this form should be sent to the Chief Information Officer, U.S. Patent

d Trademark Office, Washington, DC

20231. DO NOT SEND FEES OR COMPLETED FORMS TO THIS ADDRESS. SEND TO: Assistant Commissioner for Palents, Washington, DC 20231.
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UNITED STATES F‘n AND TRADEMARK OFFIGE ;
57 . COMMISSIONER FOR PATENTS

UNITED STATES PATENT AND TRADEMARK OFFICE
WasHINGTON, D.C. 20231

www.uspto.gov
[ APPLICATION NUMBER I FILING/RECEIPT DATE I FIRST NAMED APPLICANT I ATTORNEY DOCKET NUMBER J
10/159,770 05/30/2002 Gregory C. Burnett 37212.8009.US00

CONFIRMATION NO. 9714

22918 FORMALITIES LETTER
PN AR A
MENLO PARK, CA 94026 *OC000000008443147*

Date Mailed: 07/12/2002

NOTICE TO FILE MISSING PARTS OF NONPROVISIONAL APPLICATION
FILED UNDER 37 CFR 1.53(b)

Filing Date Granted

Items Required To Avoid Abandonment:

An application number and filing date have been accorded to this application. The item(s) indicated below, however, are
missing. Applicant is given TWO MONTHS from the date of this Notice within which to file all required items and pay any
fees required below to avoid abandonment. Extensions of time may be obtained by filing a petition accompanied by the
extension fee under the provisions of 37 CFR 1.136(a).

¢ The oath or declaration is unsigned.

e To avoid abandonment, a late filing fee or oath or declaration surcharge as set forth in 37 CFR 1.16(1) of $130 for
a non-small entity, must be submitted with the missing items identified in this letter.

The application is informal since it does not comply with the regulations for the reason(s) indicated below.
The required item(s) identified below must be timely submitted to avoid abandonment:

+ Replacement drawings in compliance with 37 CFR 1.84 and 37 CFR 1.121 are required. The drawings
submitted are not acceptable because:

e The drawings must be made on paper that has a white background, (see 37 CFR 1.84(e)). For
example. Graph paper, lined paper, or paper that has a non-white background is not acceptable.

Items Required To Avoid Processing Delays:
The item(s) indicated below are also required and should be submitted with any reply to this notice to avoid further

processing delays.
SUMMARY OF FEES DUE:
Total additional fee(s) required for this application is $130 for a Large Entity

e $130 Late oath or declaration Surcharge.
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. COMMISSIONER FOR PATENTS
UNITED STATES PATENT AND TRADEMARK OFFICE
WASHINGTON, D.C. 2023I
www.uspto.gov

UNITED STATES F/‘rr AND TRADEMARK OFFICE Q

A copy of this notice MUST be returned with the reply.

Olle

Customer Service Center
Initial Patent Examination Division (703) 308-1202
PART 1 - ATTORNEY/APPLICANT COPY
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Old 's'n zggal

Attorney Docket No. 37212.8009.US00

IN THE UNITED STATES PATENT AND TRADEMARK OFFICE
Certification under 37 CFR §1.10 (if applicable)

EV 057 398 806 US May 30, 2002

Express Mail Label Number Date of Deposit

I hereby certify that this Transmittal Letter, enclosed application and any other documents referred to as enclosed
herein, are being deposited in an envelope with the United States Postal Service "Express Mail Post Office to
Addressee” service under 37 CFR §1.10 on the date above and addressed to the Assistant Commissioner for
Patents, Washington, D.C. 20231.

Jennifer L. Mahoney %[}L UM ,\&/ V\ﬁ/i/u»w

(Print Name of Person Mailing Application) ' (Signatureof Person Mailing Application) L)

Transmittal of Utility Patent Application
for Filing Under 37 CFR §1.53(b)

Box Patent Application
Assistant Commissioner for Patents
Washington, D.C. 20231

Sir:  Transmitted herewith for filing is a patent application by inventor Gregory C. Burnett and
entitled:

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND

NONACOUSTIC SENSORS
1. Enclosed are:
X This Transmittal letter.
X One stamped, self-addressed postcard for PTO datestamp.
X Certificate of Express Mail.
One utility patent application containing text pages 1-19 and

X 9 Sheets of drawings.

X Declaration of Inventorship (unsigned).
2. U.S. Priority

X This application claims the benefit of U.S. Application Nos. 60/294,383 filed May
30, 2001; 09/905,361 filed July 12, 2001; 60/335,100 filed October 30, 2001;
60/332,202 and 09/990,847, both filed November 21, 2001; 60/362,162,
60/362,103, 60/362,170, 60/361,981, and 60/362,161, all filed March 5, 2002;
60/368,209, 60/368,208, and 60/368,343, all filed March 27, 2002; all of which
are incorporated herein by reference in their entirety.

R Conditional Petition for Extension of Time: An Extension of Time is requested to

provide for timely filing if required to establish copendency with the parent after all
papers filed herewith have been considered.

3. Foreign Priority
O Priority of Application No. filed in on is claimed under 35 USC §119.

O A certified copy of this priority document is enclosed.

[37212-8009/BY021500.009] 1
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4. Fees

Attorney Docket No. 37212.8009.US00

The filing fee has been calculated as shown below:

| oy €D | smanmy | GEEES

) , No- 5.(!%} Extra . Rate S, Fee. || Rate T Fee
Basic Fee $370.00 or $740.00
Total Claims 7-20 0 x$9= $ or [x$18= $
Independent Claims | 4 - 3 1 x $42 = $ or | x$84= $84.00
1 Multiple Dependent Claim Presented +$140 = $ or | +$280 = $
*If the difference in Col. 1 is less than zero, TOTAL $ or | TOTAL $824.00

enter "0" in Col. 2.

Applicant claims small entity status. See 37 CFR §1.27.

Please charge Deposit Account No. 50-2207 in the amount of $824.00.

The Commissioner is hereby authorized to charge fees under 37 CFR §1.16 and
§1.17 which may be required, or credit any overpayment to Deposit Account No.

50-2207.

Date: 5-30 -2002

Correspondence Address:

Customer No. 22918
Perkins Coie LLP
101 Jefferson Drive
Menlo Park, California 94025-1114
(650) 838-4300

[37212-8009/BY021500.009]

Respectfully submitted,
Perkins Coie LLP

o,

Richard L. &re

qOrv\ .

Registration No. 42,607
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Attorney Docket No. 37212.8009.US00

IN THE UNITED STATES PATENT AND TRADEMARK OFFICE
Certification under 37 CFR §1.10 (if applicable)

EV 057 398 806 US May 30, 2002

Express Mail Label Number Date of Deposit

I hereby certify that this Transmittal Letter, enclosed application and any other documents referred to as enclosed
herein, are being deposited in an envelope with the United States Postal Service "Express Mail Post Office to
Addressee” service under 37 CFR §1.10 on the date above and addressed to the Assistant Commissioner for
Patents, Washington, D.C. 20231.

Jennifer L. Mahoney %[}L UM ,\&/ V\ﬁ/i/u»w

(Print Name of Person Mailing Application) ' (Signatureof Person Mailing Application) L)

Transmittal of Utility Patent Application
for Filing Under 37 CFR §1.53(b)

Box Patent Application
Assistant Commissioner for Patents
Washington, D.C. 20231

Sir:  Transmitted herewith for filing is a patent application by inventor Gregory C. Burnett and
entitled:

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND

NONACOUSTIC SENSORS
1. Enclosed are:
X This Transmittal letter.
X One stamped, self-addressed postcard for PTO datestamp.
X Certificate of Express Mail.
One utility patent application containing text pages 1-19 and

X 9 Sheets of drawings.

X Declaration of Inventorship (unsigned).
2. U.S. Priority

X This application claims the benefit of U.S. Application Nos. 60/294,383 filed May
30, 2001; 09/905,361 filed July 12, 2001; 60/335,100 filed October 30, 2001;
60/332,202 and 09/990,847, both filed November 21, 2001; 60/362,162,
60/362,103, 60/362,170, 60/361,981, and 60/362,161, all filed March 5, 2002;
60/368,209, 60/368,208, and 60/368,343, all filed March 27, 2002; all of which
are incorporated herein by reference in their entirety.

R Conditional Petition for Extension of Time: An Extension of Time is requested to

provide for timely filing if required to establish copendency with the parent after all
papers filed herewith have been considered.

3. Foreign Priority
O Priority of Application No. filed in on is claimed under 35 USC §119.

O A certified copy of this priority document is enclosed.

[37212-8009/BY021500.009] 1
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4. Fees

Attorney Docket No. 37212.8009.US00

The filing fee has been calculated as shown below:

| oy €D | smanmy | GEEES

) , No- 5.(!%} Extra . Rate S, Fee. || Rate T Fee
Basic Fee $370.00 or $740.00
Total Claims 7-20 0 x$9= $ or [x$18= $
Independent Claims | 4 - 3 1 x $42 = $ or | x$84= $84.00
1 Multiple Dependent Claim Presented +$140 = $ or | +$280 = $
*If the difference in Col. 1 is less than zero, TOTAL $ or | TOTAL $824.00

enter "0" in Col. 2.

Applicant claims small entity status. See 37 CFR §1.27.

Please charge Deposit Account No. 50-2207 in the amount of $824.00.

The Commissioner is hereby authorized to charge fees under 37 CFR §1.16 and
§1.17 which may be required, or credit any overpayment to Deposit Account No.

50-2207.

Date: 5-30 -2002

Correspondence Address:

Customer No. 22918
Perkins Coie LLP
101 Jefferson Drive
Menlo Park, California 94025-1114
(650) 838-4300

[37212-8009/BY021500.009]

Respectfully submitted,
Perkins Coie LLP

o,

Richard L. &re

qOrv\ .

Registration No. 42,607
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Attorney Docket No. 37212.8008.US00 Patent
Transmittal of Utility Patent Application for Filing

Certification Under 37 C.F.R. §1.10 (if applicable)

EV 057 398 806 US May 30, 2002
"Express Mail” Label Number Date of Deposit

| hereby certify that this application, and any other documents referred to as enclosed herein are being deposited in an
envelope with the United States Postal Service "Express Mail Post Office to Addressee” service under 37 CFR §1.1C on
the date indicated above and addressed to the Assistant Commissioner for Patents, Washington, D.C. 20231

Jennifer L. Mahoney / W W\MM
— i 7

(Print Name of Person Mailing Application) ‘\J (Signature of Person Mailing Application}u)

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC
AND NONACOUSTIC SENSORS

RELATED APPLICATIONS

This application claims the benefit of U.S. Application Numbers 60/294,383
filed May 30, 2001; 09/905,361 filed July 12, 2001; 60/335,100 filed October 30,
2001; 60/332,202 and 09/990,847, both filed November 21, 2001; 60/362,103,
60/362,161, 60/362,162, 60/362,170, and 60/361,981, all filed March 5, 2002;

60/368,208, 60/368,209, and 60/368,343, all filed March 27, 2002; all of which are
incorporated herein by reference in their entirety.

TECHNICAL FIELD

15

The disclosed embodiments relate to the processing of speech signals.

BACKGROUND

The ability to correctly identify voiced and unvoiced speech is critical to

many speech applications including speech recognition, speaker verification, noise
20 suppression, and many others. In a typical acoustic application, speech from a
human speaker is captured and transmitted to a receiver in a different location. In
the speaker’s environment there may exist one or more noise sources that pollute
the speech signal, or the signal of interest, with unwanted acoustic noise. This

makes it difficult or impossible for the receiver, whether human or machine, to
understand the user’s speech.
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Typical methods for classifying voiced and unvoiced speech have relied
mainly on the acoustic content of microphone data, which is plagued by problems
with noise and the corresponding uncertainties in signal content. This is especially
problematic now with the proliferation of portable communication devices like
cellular telephones and personal digital assistants because, in many cases, the
quality of service provided by the device depends on the quality of the voice
services offered by the device. There are methods known in the art for
suppressing the noise present in the speech signals, but these methods
demonstrate performance shortcomings that include unusually long computing
time, requirements for cumbersome hardware to perform the signal processing,
and distorting the signals of interest.

BRIEF DESCRIPTION OF THE FIGURES
Figure 1 is a block diagram of a NAVSAD system, under an embodiment.

Figure 2 is a block diagram of a PSAD system, under an embodiment.

Figure 3 is a block diagram of a denoising system, referred to herein as the
Pathfinder system, under an embodiment.

Figure 4 is a flow diagram of a detection algorithm for use in detecting
voiced and unvoiced speech, under an embodiment.

Figure 5A plots the received GEMS signal for an utterance along with the
mean correlation between the GEMS signal and the Mic 1 signal and the threshold
for voiced speech detection.

Figure 5B plots the received GEMS signal for an utterance along with the
standard deviation of the GEMS signal and the threshold for voiced speech
detection.

Figure 6 plots voiced speech detected from an utterance along with the
GEMS signal and the acoustic noise.

Figure 7 is a microphone array for use under an embodiment of the PSAD
system.

Figure 8 is a plot of AM versus d4 for several Ad values, under an
embodiment.

Figure 9 shows a plot of the gain parameter as the sum of the absolute
values of H4(z) and the acoustic data or audio from microphone 1.

Figure 10 is an alternative plot of acoustic data presented in Figure 9.

2
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In the figures, the same reference numbers identify identical or substantially
similar elements or acts.
Any headings provided herein are for convenience only and do not

necessarily affect the scope or meaning of the claimed invention.

DETAILED DESCRIPTION
Systems and methods for discriminating voiced and unvoiced speech from

background noise are provided below including a Non-Acoustic Sensor Voiced
Speech Activity Detection (NAVSAD) system and a Pathfinder Speech Activity
Detection (PSAD) system. The noise removal and reduction methods provided
herein, while allowing for the separation and classification of unvoiced and voiced
human speech from background noise, address the shortcomings of typical
systems known in the art by cleaning acoustic signals of interest without distortion.

Figure 1 is a block diagram of a NAVSAD system 100, under an
embodiment. The NAVSAD system couples microphones 10 and sensors 20 to at
least one processor 30. The sensors 20 of an embodiment include voicing activity
detectors or non-acoustic sensors. The processor 30 controls subsystems
including a detection subsystem 50, referred to herein as a detection algorithm,
and a denoising subsystem 40. Operation of the denoising subsystem 40 is
described in detail in the Related Applications. The NAVSAD system works
extremely well in any background acoustic noise environment.

Figure 2 is a block diagram of a PSAD system 200, under an embodiment.
The PSAD system couples microphones 10 to at least one processor 30. The
processor 30 includes a detection subsystem 50, referred to herein as a detection
algorithm, and a denoising subsystem 40. The PSAD system is highly sensitive in
low acoustic noise environments and relatively insensitive in high acoustic noise
environments. The PSAD can operate independently or as a backup to the
NAVSAD, detecting voiced speech if the NAVSAD fails.

Note that the detection subsystems 50 and denoising subsystems 40 of
both the NAVSAD and PSAD systems of an embodiment are algorithms controlied
by the processor 30, but are not so limited. Alternative embodiments of the
NAVSAD and PSAD systems can include detection subsystems 50 and/or
denoising subsystems 40 that comprise additional hardware, firmware, software,
and/or combinations of hardware, firmware, and software. Furthermore, functions

3
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of the detection subsystems 50 and denoising subsystems 40 may be distributed
across numerous components of the NAVSAD and PSAD systems.

Figure 3 is a block diagram of a denoising subsystem 300, referred to
herein as the Pathfinder system, under an embodiment. The Pathfinder system is
briefly described below, and is described in detail in the Related Applications. Two
microphones Mic 1 and Mic 2 are used in the Pathfinder system, and Mic 1 is
considered the “signal” microphone. With reference to Figure 1, the Pathfinder
system 300 is equivalent to the NAVSAD system 100 when the voicing activity
detector (VAD) 320 is a non-acoustic voicing sensor 20 and the noise removal
subsystem 340 includes the detection subsystem 50 and the denoising subsystem
40. With reference to Figure 2, the Pathfinder system 300 is equivalent to the
PSAD system 200 in the absence of the VAD 320, and when the noise removal
subsystem 340 includes the detection subsystem 50 and the denoising subsystem
40.

The NAVSAD and PSAD systems support a two-level commercial approach
in which (i) a relatively less expensive PSAD system supports an acoustic
approach that functions in most low- to medium-noise environments, and (ii) a
NAVSAD system adds a non-acoustic sensor to enable detection of voiced speech
in any environment. Unvoiced speech is normally not detected using the sensor,
as it normally does not sufficiently vibrate human tissue. However, in high noise
situations detecting the unvoiced speech is not as important, as it is normally very
low in energy and easily washed out by the noise. Therefore in high noise
environments the unvoiced speech is unlikely to affect the voiced speech
denoising. Unvoiced speech information is most important in the presence of little
to no noise and, therefore, the unvoiced detection should be highly sensitive in low
noise situations, and insensitive in high noise situations. This is not easily
accomplished, and comparable acoustic unvoiced detectors known in the art are
incapable of operating under these environmental constraints.

The NAVSAD and PSAD systems include an array algorithm for speech
detection that uses the difference in frequency content between two microphones
to calculate a relationship between the signals of the two microphones. This is in
contrast to conventional arrays that attempt to use the time/phase difference of

each microphone to remove the noise outside of an “area of sensitivity”. The
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methods described herein provide a significant advantage, as they do not require a
specific orientation of the array with respect to the signal.

Further, the systems described herein are sensitive to noise of every type
and every orientation, unlike conventional arrays that depend on specific noise
orientations. Consequently, the frequency-based arrays presented herein are
unique as they depend only on the relative orientation of the two microphones
themselves with no dependence on the orientation of the noise and signal with
respect to the microphones. This results in a robust signal processing system with
respect to the type of noise, microphones, and orientation between the
noise/signal source and the microphones.

The systems described herein use the information derived from the
Pathfinder noise suppression system and/or a non-acoustic sensor described in
the Related Applications to determine the voicing state of an input signal, as
described in detail below. The voicing state includes silent, voiced, and unvoiced
states. The NAVSAD system, for example, includes a non-acoustic sensor to
detect the vibration of human tissue associated with speech. The non-acoustic
sensor of an embodiment is a General Electromagnetic Movement Sensor
(GEMS) as described briefly below and in detail in the Related Applications, but is
not so limited. Alternative embodiments, however, may use any sensor that is
able to detect human tissue motion associated with speech and is unaffected by
environmental acoustic noise.

The GEMS is a radio frequency device (2.4 GHz) that allows the detection
of moving human tissue dielectric interfaces. The GEMS includes an RF
interferometer that uses homodyne mixing to detect small phase shifts associated
with target motion. In essence, the sensor sends out weak electromagnetic waves
(less than 1 milliwatt) that reflect off of whatever is around the sensor. The
reflected waves are mixed with the original transmitted waves and the results
analyzed for any change in position of the targets. Anything that moves near the
sensor will cause a change in phase of the reflected wave that will be ampilified
and displayed as a change in voltage output from the sensor. A similar sensor is
described by Gregory C. Burnett (1999) in “The physiological basis of glottal
electromagnetic micropower sensors (GEMS) and their use in defining an
excitation function for the human vocal tract”; Ph.D. Thesis, University of California

at Davis.
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Figure 4 is a flow diagram of a detection algorithm 50 for use in detecting
voiced and unvoiced speech, under an embodiment. With reference to Figures 1
and 2, both the NAVSAD and PSAD systems of an embodiment include the
detection algorithm 50 as the detection subsystem 50. This detection algorithm 50
operates in real-time and, in an embodiment, operates on 20 millisecond windows
and steps 10 milliseconds at a time, but is not so limited. The voice activity
determination is recorded for the first 10 milliseconds, and the second 10
milliseconds functions as a “look-ahead” buffer. While an embodiment uses the
20/10 windows, alternative embodiments may use numerous other combinations
of window values.

Consideration was given to a number of multi-dimensional factors in
developing the detection algorithm 50. The biggest consideration was to
maintaining the effectiveness of the Pathfinder denoising technique, described in
detail in the Related Applications and reviewed herein. Pathfinder performance
can be compromised if the adaptive filter training is conducted on speech rather
than on noise. It is therefore important not to exclude any significant amount of
speech from the VAD to keep such disturbances to a minimum.

Consideration was also given to the accuracy of the characterization
between voiced and unvoiced speech signals, and distinguishing each of these
speech signals from noise signals. This type of characterization can be useful in
such applications as speech recognition and speaker verification.

Furthermore, the systems using the detection algorithm of an embodiment
function in environments containing varying amounts of background acoustic
noise. If the non-acoustic sensor is available, this external noise is not a problem
for voiced speech. However, for unvoiced speech {and voiced if the non-acoustic
sensor is not available or has malfunctioned) reliance is placed on acoustic data
alone to separate noise from unvoiced speech. An advantage inheres in the use
of two microphones in an embodiment of the Pathfinder noise suppression system,
and the spatial relationship between the microphones is exploited to assist in the
detection of unvoiced speech. However, there may occasionally be noise levels
high enough that the speech will be nearly undetectable and the acoustic-only
method will fail. In these situations, the non-acoustic sensor (or hereafter just the
sensor) will be required to ensure good performance.
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In the two-microphone system, the speech source should be relatively
louder in one designated microphone when compared to the other microphone.
Tests have shown that this requirement is easily met with conventional
microphones when the microphones are placed on the head, as any noise should
result in an Hy with a gain near unity.

Regarding the NAVSAD system, and with reference to Figure 1 and Figure
3, the NAVSAD relies on two parameters to detect voiced speech. These two
parameters include the energy of the sensor in the window of interest, determined
in an embodiment by the standard deviation (SD), and optionally the cross-
correlation (XCORR) between the acoustic signal from microphone 1 and the
sensor data. The energy of the sensor can be determined in any one of a number
of ways, and the SD is just one convenient way to determine the energy.

For the sensor, the SD is akin to the energy of the signal, which normally
corresponds quite accurately to the voicing state, but may be susceptibie to
movement noise (relative motion of the sensor with respect to the human user)
and/or electromagnetic noise. To further differentiate sensor noise from tissue
motion, the XCORR can be used. The XCORR is only calculated to 15 delays,
which corresponds to just under 2 milliseconds at 8000 Hz.

The XCORR can also be useful when the sensor signal is distorted or
modulated in some fashion. For example, there are sensor locations (such as‘the
jaw or back of the neck) where speech production can be detected but where the
signal may have incorrect or distorted time-based information. That is, they may
not have well defined features in time that will match with the acoustic waveform.
However, XCORR is more susceptible to errors from acoustic noise, and in high
(<0 dB SNR) environments is almost useless. Therefore it should not be the sole
source of voicing information.

The sensor detects human tissue motion associated with the closure of the
vocal folds, so the acoustic signal produced by the closure of the folds is highly
correlated with the closures. Therefore, sensor data that correlates highly with the
acoustic signal is declared as speech, and sensor data that does not correlate well
is termed noise. The acoustic data is expected to lag behind the sensor data by
about 0.1 to 0.8 milliseconds (or about 1-7 samples) as a result of the delay time
due to the relatively slower speed of sound (around 330 m/s). However, an
embodiment uses a 15-sample correlation, as the acoustic wave shape varies

7
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significantly depending on the sound produced, and a larger correlation width is
needed to ensure detection.
The SD and XCORR signals are related, but are sufficiently different so that
the voiced speech detection is more reliable. For simplicity, though, either
5 parameter may be used. The values for the SD and XCORR are compared to
empirical thresholds, and if both are above their threshold, voiced speech is
declared. Example data is presented and described below.
Figures 5A, 5B, and 6 show data plots for an example in which a subject
twice speaks the phrase “pop pan”, under an embodiment. Figure 5A plots the
10 received GEMS signal 502 for this utterance along with the mean correlation 504
between the GEMS signal and the Mic 1 signal and the threshold T1 used for
voiced speech detection. Figure 5B plots the received GEMS signal 502 for this
utterance along with the standard deviation 506 of the GEMS signal and the
threshold T2 used for voiced speech detection. Figure 6 plots voiced speech 602
detected from the acoustic or audio signal 608, along with the GEMS signal 604
and the acoustic noise 606; no unvoiced speech is detected in this example
because of the heavy background babble noise 606. The thresholds have been
set so that there are virtually no false negatives, and only occasional false
positives. A voiced speech activity detection accuracy of greater than 99% has

been attained under any acoustic background noise conditions.

The NAVSAD can determine when voiced speech is occurring with high
degrees of accuracy due to the non-acoustic sensor data. However, the sensor
offers little assistance in separating unvoiced speech from noise, as unvoiced
speech normally causes no detectable signal in most non-acoustic sensors. If
25 there is a detectable signal, the NAVSAD can be used, although use of the SD

method is dictated as unvoiced speech is normally poorly correlated. In the

absence of a detectable signal use is made of the system and methods of the

Pathfinder noise removal algorithm in determining when unvoiced speech is

occurring. A brief review of the Pathfinder algorithm is described below, while a
30 detailed description is provided in the Related Applications.

With reference to Figure 3, the acoustic information coming into
Microphone 1 is denoted by my(n), the information coming into Microphone 2 is
similarly labeled my(n), and the GEMS sensor is assumed available to determine
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voiced speech areas. In the z (digital frequency) domain, these signals are
represented as M(z) and Mx(z). Then

M, (z)= S(z)+ N, (z)

Mz(z)= N(z)+ Sz(z)
with

N,(z)=N()H,(z)
S,(2)=5(2)H,(2)
so that
M, (z)=S(z)+ N(2)H,(z)
M,(z)= N(z)+ S(2)H,(2) )
This is the general case for all two microphone systems. There is always going to
be some leakage of noise into Mic 1, and some leakage of signal into Mic 2.
Equation 1 has four unknowns and only two relationships and cannot be solved
explicitly.
However, there is another way to solve for some of the unknowns in

Equation 1. Examine the case where the signal is not being generated - that is,
where the GEMS signal indicates voicing is not occurring. In this case, s(n) = S(z)
=0, and Equation 1 reduces to

M,,(z)=N(z)H,(z)

M,,(z)=N(z)

where the n subscript on the M variables indicate that only noise is being received.
This leads fo

M,, (z): M, (Z)Hl (Z)
1,(e) = 22 “
M, (Z)

H4(z) can be calculated using any of the available system identification algorithms
and the microphone outputs when only noise is being received. The calculation
can be done adaptively, so that if the noise changes significantly H(z) can be
recalculated quickly.

With a solution for one of the unknowns in Equation 1, solutions can be
found for another, Hx(z), by using the amplitude of the GEMS or similar device
along with the amplitude of the two microphones. When the GEMS indicates
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voicing, but the recent (less than 1 second) history of the microphones indicate low
levels of noise, assume that n{s) = N(z) ~ 0. Then Equation 1 reduces to
M, (z)=S(z)
M25(2)= S(Z)Hz (Z)

which in turn leads to

M,, (z): MIS(Z)HZ (Z)
MZs (Z)
Mls (Z)

which is the inverse of the H¢(z) calculation, but note that different inputs are being

Hz(z)=

used.
After calculating Hi(z) and H(z) above, they are used to remove the noise
from the signal. Rewrite Equation 1 as
S()=M,(z)- NG, )
N(z) =M, (Z)_ S(Z)Hz (Z)
S(z)= M, (2)~ [M, (2)- S()H, (2)}H, (z)

()i - H, (2)H, (2)] = M, (2)- M, (2)H, (2)

and solve for S(z) as:

5(z) = 2= M ()t 2)

I_Hz(z)Hl(Z) ) )
In practice Ha(2) is usually quite small, so that H,(z)H,(z) << 1, and

S(Z) ~ Ml(z)—M2(z)Hl(z)’

15 obviating the need for the Hx(z) calculation.
With reference to Figure 2 and Figure 3, the PSAD system is described.

As sound waves propagate, they normally lose energy as they travel due to
diffraction and dispersion. Assuming the sound waves originate from a point
source and radiate isotropically, their amplitude will decrease as a function of 1/r,

20 where r is the distance from the originating point. This function of 1/r proportional
to amplitude is the worst case, if confined to a smaller area the reduction will be
less. However it is an adequate model for the configurations of interest,
specifically the propagation of noise and speech to microphones located

somewhere on the user’s head.

10
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Figure 7 is a microphone array for use under an embodiment of the PSAD
system. Placing the microphones Mic 1 and Mic 2 in a linear array with the mouth
on the array midline, the difference in signal strength in Mic 1 and Mic 2 (assuming
the microphones have identical frequency responses) will be proportional to both

5 ds and Ad. Assuming a 1/r (or in this case 1/d) relationship, it is seen that
Il _
lMic2[

d, +Ad

AHI(Z)OCT,

where AM is the difference in gain between Mic 1 and Mic 2 and therefore H(z),
as above in Equation 2. The variable d; is the distance from Mic 1 to the speech
or noise source.

Figure 8 is a plot 800 of AM versus d; for several Ad values, under an
embodiment. It is clear that as Ad becomes larger and the noise source is closer,
AM becomes larger. The variable Ad will change depending on the orientation to
the speech/noise source, from the maximum value on the array midline to zero
perpendicular to the array midline. From the plot 800 it is clear that for small Ad
and for distances over approximately 30 centimeters (cm), AM is close to unity.
Since most noise sources are farther away than 30 cm and are unlikely to be on
the midline on the array, it is probable that when calculating H4(z) as above in

Equation 2, AM (or equivalently the gain of H(z)) will be close fo unity.

Conversely, for noise sources that are close (within a few centimeters), there could
20 be a substantial difference in gain depending on which microphone is closer to the
noise.
If the “noise” is the user speaking, and Mic 1 is closer to the mouth than Mic
2, the gain increases. Since environmental noise normally originates much farther
away from the user’'s head than speech, noise will be found during the time when
25 the gain of H4(z) is near unity or some fixed value, and speech can be found after
a sharp rise in gain. The speech can be unvoiced or voiced, as long as it is of
sufficient volume compared to the surrounding noise. The gain will stay somewhat
high during the speech portions, then descend quickly after speech ceases. The
rapid increase and decrease in the gain of H4(z) should be sufficient to allow the
30 detection of speech under almost any circumstances. The gain in this example is

calculated by the sum of the absolute value of the filter coefficients. This sumis

11

-310 -



not equivalent to the gain, but the two are related in that a rise in the sum of the
absolute value reflects a rise in the gain.
As an example of this behavior, Figure 9 shows a plot 900 of the gain
parameter 902 as the sum of the absolute values of Hi(z) and the acoustic data
5 904 or audio from microphone 1. The speech signal was an utterance of the
phrase “pop pan”, repeated twice. The evaluated bandwidth included the
frequency range from 2500 Hz to 3500 Hz, although 1500Hz to 2500 Hz was
additionally used in practice. Note the rapid increase in the gain when the
unvoiced speech is first encountered, then the rapid return to normal when the
10 speech ends. The large changes in gain that result from transitions between noise
and speech can be detected by any standard signal processing techniques. The
standard deviation of the last few gain calculations is used, with thresholds being
defined by a running average of the standard deviations and the standard
deviation noise floor. The later changes in gain for the voiced speech are
suppressed in this plot 900 for clarity.
Figure 10 is an alternative plot 1000 of acoustic data presented in Figure S.
The data used to form plot 900 is presented again in this plot 1000, along with
audio data 1004 and GEMS data 1006 without noise to make the unvoiced speech
apparent. The voiced signal 1002 has three possible values: 0 for noise, 1 for
unvoiced, and 2 for voiced. Denoising is only accomplished when V = 0. It is clear

that the unvoiced speech is captured very well, aside from two single dropouts in
the unvoiced detection near the end of each “pop”. However, these single-window
dropouts are not common and do not significantly affect the denoising algorithm.
They can easily be removed using standard smoothing techniques.

25 What is not clear from this plot 1000 is that the PSAD system functions as
an automatic backup to the NAVSAD. This is because the voiced speech (since it
has the same spatial relationship to the mics as the unvoiced) will be detected as
unvoiced if the sensor or NAVSAD system fail for any reason. The voiced speech
will be misclassified as unvoiced, but the denoising will still not take place,

30 preserving the quality of the speech signal.

However, this automatic backup of the NAVSAD system functions best in
an environment with low noise (approximately 10+ dB SNR}, as high amounts (10
dB of SNR or less) of acoustic noise can quickly overwhelm any acoustic-only
unvoiced detector, including the PSAD. This is evident in the difference in the

12
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voiced signal data 602 and 1002 shown in plots 600 and 100 of Figures 6 and 10,
respectively, where the same utterance is spoken, but the data of plot 600 shows
no unvoiced speech because the unvoiced speech is undetectable. This is the
desired behavior when performing denoising, since if the unvoiced speech is not
detectable then it will not significantly affect the denoising process. Using the
Pathfinder system to detect unvoiced speech ensures detection of any unvoiced
speech loud enough to distort the denoising.

Regarding hardware considerations, and with reference to Figure 7, the
configuration of the microphones can have an effect on the change in gain
associated with speech and the thresholds needed to detect speech. In general,
each configuration will require testing to determine the proper thresholds, but tests
with two very different microphone configurations showed the same thresholds and
other parameters to work well. The first microphone set had the signal
microphone near the mouth and the noise microphone several centimeters away
at the ear, while the second configuration placed the noise and signal microphones
back-to-back within a few centimeters of the mouth. The results presented herein
were derived using the first microphone configuration, but the results using the
other set are virtually identical, so the detection algorithm is relatively robust with
respect to microphone placement.

A number of configurations are possible using the NAVSAD and PSAD
systems to detect voiced and unvoiced speech. One configuration uses the
NAVSAD system (non-acoustic only) to detect voiced speech along with the PSAD
system to detect unvoiced speech; the PSAD also functions as a backup to the
NAVSAD system for detecting voiced speech. An alternative configuration uses
the NAVSAD system (non-acoustic correlated with acoustic) to detect voiced
speech along with the PSAD system to detect unvoiced speech; the PSAD also
functions as a backup to the NAVSAD system for detecting voiced speech.
Another alternative configuration uses the PSAD system to detect both voiced and
unvoiced speech.

While the systems described above have been described with reference to
separating voiced and unvoiced speech from background acoustic noise, there are
no reasons more complex classifications can not be made. For more in-depth
characterization of speech, the system can bandpass the information from Mic 1
and Mic 2 so that it is possible to see which bands in the Mic 1 data are more
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heavily composed of noise and which are more weighted with speech. Using this
knowledge, it is possible to group the utterances by their spectral characteristics
similar to conventional acoustic methods; this method would work better in noisy
environments.

As an example, the “k” in “kick” has significant frequency content form 500
Hz to 4000 Hz, but a “sh” in “she” only contains significant energy from 1700-4000
Hz. Voiced speech could be classified in a similar manner. For instance, an /i/
(“ee”) has significant energy around 300 Hz and 2500 Hz, and an /a/ ("ah”) has
energy at around 900 Hz and 1200 Hz. This ability to discriminate unvoiced and
voiced speech in the presence of noise is, thus, very useful.

Each of the steps depicted in the flow diagrams presented herein can itself
include a sequence of operations that need not be described herein. Those skilled
in the relevant art can create routines, algorithms, source code, microcode,
program logic arrays or otherwise implement the invention based on the flow
diagrams and the detailed description provided herein. The routines described
herein can be provided with one or more of the following, or one or more
combinations of the following: stored in non-volatile memory (not shown) that
forms part of an associated processor or processors, or implemented using
conventional programmed logic arrays or circuit elements, or stored in removable
media such as disks, or downloaded from a .server and stored locally at a client, or
hardwired or preprogrammed in chips such as EEPROM semiconductor chips,
application specific integrated circuits (ASICs), or by digital signal processing
(DSP) integrated circuits.

Unless described otherwise herein, the information described herein is well
known or described in detail in the Related Applications. Indeed, much of the
detailed description provided herein is explicitly disclosed in the Related
Applications; most or all of the additional material of aspects of the invention will
be recognized by those skilled in the relevant art as being inherent in the detailed
description provided in such Related Applications, or well known to those skilled in
the relevant art. Those skilled in the relevant art can implement aspects of the
invention based on the material presented herein and the detailed description
provided in the Related Applications.

Unless the context clearly requires otherwise, throughout the description

o«

and the claims, the words “comprise,” “comprising,” and the like are to be
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construed in an inclusive sense as opposed to an exclusive or exhaustive sense;
that is to say, in a sense of “including, but not limited to.” Words using the singular
or plural number also include the plural or singular number respectively.
Additionally, the words “herein,” “hereunder,” and words of similar import, when
used in this application, shall refer to this application as a whole and not to any
particular portions of this application.

The above description of illustrated embodiments of the invention is not
intended to be exhaustive or to limit the invention to the precise form disclosed.
While specific embodiments of, and examples for, the invention are described
herein for illustrative purposes, various equivalent modifications are possible within
the scope of the invention, as those skilled in the relevant art will recognize. The
teachings of the invention provided herein can be applied to signal processing
systems, not only for the speech signal processing described above. Further, the
elements and acts of the various embodiments described above can be combined
to provide further embodiments.

All of the above references and Related Applications are incorporated
herein by reference. Aspects of the invention can be modified, if necessary, to
employ the systems, functions and concepts of the various references described
above to provide yet further embodiments of the invention.

These and other changes can be made to the invention in light of the above
detailed description. In general, in the following claims, the terms used should not
be construed to limit the invention to the specific embodiments disclosed in the
specification and the claims, but should be construed to include all speech signal
systems that operate under the claims to provide a method for procurement.
Accordingly, the invention is not limited by the disclosure, but instead the scope of
the invention is to be determined entirely by the claims.

While certain aspects of the invention are presented below in certain claim
forms, the inventor contemplates the various aspects of the invention in any
number of claim forms. Thus, the inventor reserves the right to add additional
claims after filing the application to pursue such additional claim forms for other

aspects of the invention.
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CLAIMS

What | claim is:

1. A system for detecting voiced and unvoiced speech in acoustic signals
having varying levels of background noise, comprising:
at least two microphones for receiving the acoustic signals;
at least one processor coupled among the microphones, wherein the at
least one processor;
generates difference parameters between the acoustic signals
received at each of the two microphones, wherein the difference
parameters are representative of the relative difference in signal gain
between portions of the received acoustic signals;
identifies information of the acoustic signals as unvoiced speech
when the difference parameters exceed a first threshold; and
identifies information of the acoustic signals as voiced speech when

the difference parameters exceed a second threshold.

2. A method for detecting voiced and unvoiced speech in acoustic signals
having varying levels of background noise, comprising:

receiving the acoustic signals at two receivers;

generating difference parameters between the acoustic signals received at
each of the two receivers, wherein the difference parameters are representative of
the relative difference in signal gain between portions of the received acoustic
signals;

identifying information of the acoustic signals as unvoiced speech when the
difference parameters exceed a first threshold; and

identifying information of the acoustic signals as voiced speech when the
difference parameters exceed a second threshold.

3. The method of claim 2, further comprising generating the first and second
thresholds using standard deviations corresponding to the generation of the

difference parameters.
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4. The method of claim 2, further comprising:

identifying information of the acoustic signals as noise when the difference
parameters are less than the first threshold; and

performing denoising on the identified noise.

5. The method of claim 2, further comprising receiving physiological
information associated with human voicing activity, wherein the physiological
information comprises receiving physiological data associated with human voicing
using at least one detector selected from a group including radio frequency

10 devices, electroglottographs, ultrasound devices, acoustic throat microphones, and

airflow detectors.

6. A system for detecting voiced and unvoiced speech in acoustic signals
having varying levels of background noise, comprising:

at least two microphones that receive the acoustic signals;

at least one voicing sensor that receives physiological information
associated with human voicing activity; and

at least one processor coupled among the microphones and the voicing
sensor, wherein the at least one processor;

generates cross correlation data between the physiological

information and an acoustic signal received at one of the two microphones;

identifies information of the acoustic signals as voiced speech when
the cross correlation data corresponding to a portion of the acoustic signal
received at the one receiver exceeds a correlation threshold;

25 generates difference parameters between the acoustic signals
received at each of the two receivers, wherein the difference parameters
are representative of the relative difference in signal gain between portions
of the received acoustic signals;

identifies information of the acoustic signals as unvoiced speech

30 when the difference parameters exceed a gain threshold; and

identifies information of the acoustic signals as noise when the
difference parameters are less than the gain threshold.

17
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10

7. A method for removing noise from acoustic signals, comprising:

receiving the acoustic signals at two receivers and receiving physiological
information associated with human voicing activity at a voicing sensor;

generating cross correlation data between the physiological information and
an acoustic signal received at one of the two receivers;

identifying information of the acoustic signals as voiced speech when the
cross correlation data corresponding to a portion of the acoustic signai received at
the one receiver exceeds a correlation threshold;

generating difference parameters between the acoustic signals received at
each of the two receivers, wherein the difference parameters are representative of
the relative difference in signal gain between portions of the received acoustic
signals;

identifying information of the acoustic signals as unvoiced speech when the
difference parameters exceed a gain threshold; and

identifying information of the acoustic signals as noise when the difference

parameters are less than the gain threshold.
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DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC
AND NONACOUSTIC SENSORS

ABSTRACT OF THE DISCLOSURE

Systems and methods are provided for detecting voiced and unvoiced

speech in acoustic signals having varying levels of background noise. The
10 systems receive acoustic signals at two microphones, and generate difference
parameters between the acoustic signals received at each of the two microphones.
The difference parameters are representative of the relative difference in signal
gain between portions of the received acoustic signals. The systems identify
information of the acoustic signals as unvoiced speech when the difference
parameters exceed a first threshold, and identify information of the acoustic

signals as voiced speech when the difference parameters exceed a second

threshold. Further, embodiments of the systems include non-acoustic sensors that

receive physiological information to aid in identifying voiced speech.
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Constarnts:
V = one value per window, 0 if noise, 1 if UV, 2 if V
VTC = voiced threshold for correlation
VTS = voiced threshold for standard deviation

T = forgetting factor for standard deviation calc
num_ma = number of taps in moving average fiter
UV_ma = unvoiced std dev moving average threshold
UV_std = unvoiced std dev threshold
UV = two element binary vector dencting UV detected

in each subband

num_begin =number of windows at "beginning”

Variabks:

bhl =LMS calculation of MIC 1-2 transfer function
keep_old =1 if last window VYUV, 0 ow.
sd_ma_vector = vector with the last not voiced sd
sd_ma = moving average of the last not voiced sd

J PSAD
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¥
After both subbands l
checked, is < Rephce first value in
CHL(SUM(UV)/2) =1? sd_ma vector with
1 YES old_std
——( WV(window) =1 —i l
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Attorney Docket No.: 37212.8009.US00

INVENTORSHIP DECLARATION BY SOLE INVENTOR

| HEREBY DECLARE THAT:

My residence, mailing address, and citizenship are stated next to my name in PART A on hereof.

| believe | am the original, first, and sole inventor of the subject matter which is claimed and for which
a patent is sought on the invention entitled

DETECTING VOICED AND UNVOICED SPEECH USING BOTH ACOUSTIC AND NONACOUSTIC SENSORS

the specification of which:
X s attached hereto.

] was filed on as Application Serial No. and was amended on
(if applicable).

| have reviewed and understand the contents of the above-identified specification, including the

claims, as amended by any amendment referred to above.

| acknowledge the duty to disclose information which is material to the examination of this application
in accordance with Title 37, Code of Federal Regulations, §1.56.

| hereby claim priority benefits under Title 35, United States Code §119 of any foreign application(s)
for patent or inventor’s certificate listed in PART B hereof and have also identified in PART B hereof
any foreign application for patent or inventor's certificate having a filing date before that of the
application of which priority is claimed.

| hereby claim the benefit under Title 35, United States Code, §119(e) and §120 of any United States
application(s) listed in PART C hereof and, insofar as the subject matter of each of the claims of this
application is not disclosed in the prior United States application in the manner provided by the first
paragraph by the first paragraph of Title 35, United States Code §112, | acknowledge the duty to
disclose material information as defined in Title 37, Code of Federal Regulations §1.56 which occurred

= between the filing date of the prior application and any national or PCT international filing date of this

application.

I hereby declare that all statements made herein of my knowledge are true and that all statements
made on information and belief are believed to be true; and further that these statements were made
with the knowledge that willful false statements and the like so made are punishable by fine or
imprisonment, or both, under Section 1001 of Title 18 of the United States Code and that such willful
false statements may jeopardize the validity of the application or any patent issued thereon.

Please direct all telephone calls to Richard L. Gregory, Jr. at (650) 838-4408. Address all
correspondence to:

Customer No. 22918
Perkins Coie LLP
101 Jefferson Drive
Menlo Park, California 94025-1114
(650) 838-4300

See page 2 attached, signed, and made a part hereof.

[37212-8009/BY021500.018] 1
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Attorney Docket No.: 37212.8009.US00

INVENTORSHIP DECLARATION BY SOLE INVENTOR

PART A: INVENTOR INFORMATION AND SIGNATURE

Full name of Sole inventor: _ Gregory C. Burnett

Citizenship: U.S.A. Mailing Address: 675 South H Street
Livermore, CA 94550

Residence (if different):

inventor’s Signature: Date:

= PARTB: CLAIM TO PRIORITY OF FOREIGN APPLICATION(S) UNDER 35 U.S.C. 119(a-d)

Country App. No. Filing Date

PARTC: CLAIM TO PRIORITY OF U.S. PROVISIONAL AND NONPROVISIONAL
APPLICATION(S) UNDER 35 U.S.C. 119(e) AND 120

Serial No. Filing Date Status
60/294,383 5/30/01 X Pending
09/905,361 7/12/01 Pending
60/335,100 10/30/01 X Pending
60/332,202 11/21/01 X Pending
09/990,847 11/21/01 X Pending
60/362,162 3/5/02 X Pending
60/362,103 3/5/02 Pending
60/362,170 3/5/02 X Pending
60/361,981 3/5/02 X Pending
60/362,161 3/5/02 X Pending
60/368,209 3/27/02 Pending
60/368,208 3/27/02 X Pending
60/368,343 3/27/02 Pending
[37212-8009/BY021500.018] 2
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