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Publication of the Journal is jointly finan ed by the dues of members
of the Society, by contributions from Sustaining Members, by
nonmember subscriptions, and by publication charges contributed
by the authors’ institutions. A peer-reviewed archival journal, its
actual overall value includes extensive voluntary commitments of
time by the Journal's Associate Editors and reviewers. The Journal
has been published continuously since 1929 and is a principal means
by which the Acoustical Society seeks to fulfill its stated mission—to
increase and diffuse the knowledge of acoustics and to promote its
practical applications.

Submission of Manuscripts: Detailed instructions are given in the
latest version of the “Information for Contributors” document, which
can be found online at asa.scitation.org/journal/jas. All research
articles and letters to the editor should be submitted electronically
via an online process at the site www.editorialmanager.com/jasa.
The uploaded files should include the complete manuscript and the
figu es. Authors are requested to consult the online listings of JASA
Associate Editors and to identify which Associate Editor should
handle their manuscript; the decision regarding the acceptability of
a manuscript will ordinarily be made by that Associate Editor. The
Journal also has special Associate Editors who deal with applied
acoustics, education in acoustics, computational acoustics, and
mathematical acoustics. Authors may suggest one of these Associate
Editors, if doing so is consistent with the content or emphasis of their
paper. Review and tutorial articles are ordinarily invited; submission of
unsolicited review articles or tutorial articles (other than those which
can be construed as papers on education in acoustics) without prior
discussion with the Editor-in-Chief is discouraged. Authors are also
encouraged to discuss contemplated submissions with appropriate
members of the Editorial Board before submission. Submission of
papers is open to everyone, and one need not be a member of the
Society to submit a paper.

JASA Express Letters: The Journal includes a special section which
has a separate submission process than that for the rest of the
Journal. Details concerning the nature of this section and information
for contributors can be found online at asa.scitation.org/jel/authors/
manuscript. Submissions to JASA Express Letters should be submitted
electronically via the site www.editorialmanager.com/jasa-el.

Publication Charge: To support the cost of wide dissemination of
acoustical information through publication of journal pages and
production of a database of articles, the author’s institution is
requested to pay a page charge of $80 per page (with a one-page
minimum). Acceptance of a paper for publication is based on its
technical merit and not on the acceptance of the page charge. The
page charge (if accepted) entitles the author to 100 free reprints.
For Errata the minimum voluntary page charge is $10, with no free
reprints. Although regular page charges commonly accepted by
authors’ institutions are not mandatory for articles that are 12 or
fewer pages, payment of the page charges for articles exceeding 12
pages is mandatory. Payment of the publication fee for JASA Express
Letters is also mandatory.

Selection of Articles for Publication: All submitted articles are peer
reviewed. Responsibility for selection of articles for publication rests
with the Associate Editors and with the Editor-in-Chief. Selection is
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ordinarily based on the following factors: adherence to the stylistic
requirements of the Journal, clarity and eloguence of exposition,
originality of the contribution, demonstrated understanding of
previously published literature pertaining to the subject matter,
appropriate discussion of the relationships of the reported research
to other current research or applications, appropriateness of the
subject matter to the Journal, correctness of the content of the
article, completeness of the reporting of results, the reproducibility
of the results, and the signifian e of the contribution. The Journal
reserves the right to refuse publication of any submitted article
without giving extensively documented reasons. Associate Editors
and reviewers are volunteers and, while prompt and rapid processing
of submitted manuscripts is of high priority to the Editorial Board
and the Society, there is no a priori guarantee that such will be the
case for every submission.

Supplemental Material: Authors may submit material that s
supplemental to a paper. Deposits must be in electronic media, and
can include text, figu es, movies, computer programs, etc. Retrieval
instructions are footnoted in the related published paper. Direct requests
can be made to the JASA office at jasa@acousticalsociety.org and for
additional information, see asa.scitation.org/jas/authors/manuscript.

Role of AIP Publishing: AIP Publishing LLC has been under contract
with the Acoustical Society of America (ASA continuously since 1933
to provide administrative and editorial services. The providing of
these services is independent of the fact that the ASA is one of the
member societies of AIP Publishing. Services provided in relation to
the Journal include production editing, copy editing, composition of
the monthly issues of the Journal, and the administration of all financia
tasks associated with the Journal. AIP Publishing’s administrative
services include the billing and collection of nonmember subscriptions,
the billing and collection of page charges, and the administration of
copyright-related services. In carrying out these services, AIP Publishing
acts in accordance with guidelines established by the ASA. All further
processing of manuscripts, once they have been selected by the
Associate Editors for publication, is handled by AIP Publishing. In the
event that a manuscript, in spite of the prior review process, still does
not adhere to the stylistic requirements of the Journal, AIP Publishing
may notify the authors that processing will be delayed until a suitably
revised manuscript is transmitted via the appropriate Associate Editor.
If it appears that the nature of the manuscript is such that processing
and eventual printing of a manuscript may result in excessive costs, AlP
Publishing is authorized to directly bill the authors. Publication of papers
is ordinarily delayed until all such charges have been paid.

Disclaimer: Any product, device, or brand names mentioned herein
are the trademarks of their respective owners and are used only for
purposes of scientific study and education. The Journal and its editors,
authors, reviewers and publishers disclaim any representation or
warranty regarding the use or sufficie vy of any products, companies,
or information discussed herein. The Journal does not render technical
or professional advice or services for any specific circumstances. If such
advice or services are required, the services of a competent professional
should be sought. The information and opinions expressed herein are
those of the individual authors and do not necessarily represent the
opinions of the Acoustical Society of America or its officers, directors,
staff or epresentatives.

Copying: Single copies of individual articles may be made for private use or research. Authorization is given to copy articles beyond the free use
permitted under Sections 107 and 108 of the U.S. Copyright Law, provided that the copying fee of $30.00 per copy per article is paid to the Copyright
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Monday Morning

8:20

9:00

8:00

8:45

9:00

8:00

9:00

9:00

laAA

l1aAB

1aAO

laBA

1aNS

laPA

laSA

1aSP

Architectural Acoustics: Acoustical
Challenges in Small Rooms I. Summit A

Animal Bioacoustics and Psychological
and Physiological Acoustics: Effects of
COVID-19 on Animals and Soundscapes.
Grand Hall A

Acoustical Oceanography, Underwater
Acoustics, and Animal Bioacoustics:
Shelfbreak Acoustics I. North Coast A

Biomedical Acoustics: 150th Anniversary
Celebration of Paul Langevin: Inventor of
Modern Ultrasound (Hybrid Session). Mill
Yard A

Noise and Psychological and
Physiological Acoustics: Community
Impacts Associated with Entertainment
Sound. Summit B

Physical Acoustics and Biomedical
Acoustics: Acoustofluidics. Golden ass

Structural Acoustics and Vibration:
Tunable Metamaterials. Golden Eagle B

Signal Processing in Acoustics: Machine
Learning in Signal Processing. Rail Yard

Monday Afternoon

1:20

1:00

1:00

1:00

1:00

1:00

1:00

A10

1pAA

1pAO

1pBA

1pCA

1pEA

1pMU

1pPA

Architectural Acoustics: Acoustical
Challenges in Small Rooms II. Summit A

Acoustical Oceanography, Underwater
Acoustics, and Animal Bioacoustics:
Shelfbreak Acoustics II. North Coast A

Biomedical Acoustics: General Topics in
Biomedical Acoustics I: Assessment of
Tissue Material Properties. Mill Yard A

Computational Acoustics, Biomedical
Acoustics, and Signal Processing in
Acoustics: Physics-Informed Artificial
Intelligence/Machine Learning for
Acoustics (Hybrid Session). Summit C

Engineering Acoustics: General Topics in
Engineering Acoustics. Lionel

Musical Acoustics: General Topics in
Musical Acoustics [-Perception and
Psychoacoustics. Rail Head

Physical Acoustics: General Topics
Physical Acoustics I: Acoustic
Manipulation and Atmospheric
Propagation. Golden Pass
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1:00

1:30

4:00

1pSC

1pSP

lelD

Speech Communication: Methods and
Instrumentation in Speech (Poster Session).
Summit E

Signal Processing in Acoustics: Signal
Processing in Acoustics Poster Session.
Summit E

Interdisciplinary: Keynote Lecture. Grand
Hall A

Tuesday Morning

8:00

9:00

8:30

8:30

8:30

8:30

9:00

9:00

8:00

8:00

9:15

2aAAa

2aAAb

2aAB

2aA0

2aBAa

2aBAb

2aCA

2aMU

2aNS

2aPAa

2aPAb

183rd Meeting of the Acoustical Society of America

Architectural Acoustics, Noise, and
ASA Committee on Standards: Sound
Transmission and Impact Noise in
Buildings. Summit A

Architectural Acoustics: Student Design
Competition (Poster Session). Summit E

Animal Bioacoustics: General Topics in
Animal Bioacoustics I - Terrestrial. Grand
Hall A

Acoustical Oceanography, Underwater
Acoustics, and Signal Processing in
Acoustics: Acoustical Remote Sensing,
Navigation, and Passive Monitoring in the
Polar Ocean I North Coast A

Biomedical Acoustics, Computational
Acoustics, and Signal Processing in
Acoustics: Deep Learning in Ultrasound
Imaging and Tissue Characterization I.
Lookout

Biomedical Acoustics: Look How Big
You’ve Gotten! A Story of Droplets and
Ultrasound I. Mill Yard A

Computational Acoustics and Biomedical
Acoustics: Numerical Approaches for
Complex Media and Geometries I. Summit C

Musical Acoustics: General Topics in
Musical Acoustics II-Sound Production and
Radiation. Rail Head

Noise and Psychological and Physiological
Acoustics: Methods for Community Noise
Testing and Analysis I. Summit B

Physical Acoustics, Structural Acoustics
and Vibration, and Biomedical Acoustics:
Effective Medium Theories in Acoustics.
Golden Pass

Physical Acoustics and Structural
Acoustics and Vibration: Frontiers of
Resonant Ultrasound Spectroscopy and Its
Applications I. Golden Pass

A10



9:00

8:30

9:00

8:00

8:00

2aPP

2aSA

2aSC

2aSP

2aUW

Psychological and Physiological
Acoustics: Cochlear Implants and
Computation Grand Hall C

Structural Acoustics and Vibration
and Engineering Acoustics: Additive
Manufacturing and Acoustics. Golden Eagle B

Speech Communication, Architectural
Acoustics, Noise, and Psychological and
Physiological Acoustics: Acoustics and
Communication in Healthcare Settings
(Hybrid Session). Grand Hall B

Signal Processing in Acoustics and
Structural Acoustics and Vibration:
Active Control of Sound and Vibration
(Hybrid Session). Rail Yard

Underwater Acoustics and Acoustical
Oceanography: Mud Acoustics 1. North
Coast B

Tuesday Afternoon

1:00

1:00

1:00

1:00

3:40

1:00

1:00

1:00

A1l

2pAA

2pAB

2pAO

2pBAa

2pBAb

2pBAc

2pCA

2pEA

2pID

Architectural Acoustics, Musical
Acoustics, and Signal Processing in
Acoustics: Recording Studios (Hybrid
Session). Summit A

Animal Bioacoustics: General Topics in
Animal Bioacoustics I — Marine. Grand
Hall A

Acoustical Oceanography, Underwater
Acoustics, and Signal Processing in
Acoustics: Acoustical Remote Sensing,
Navigation, and Passive Monitoring in the
Polar Ocean II. North Coast A

Biomedical Acoustics, Computational
Acoustics, and Signal Processing in
Acoustics: Deep Learning in Ultrasound
Imaging and Tissue Characterization II.
Lookout

Biomedical Acoustics: Look How Big
You’ve Gotten! A Story of Droplets and
Ultrasound II. Mill Yard A

Biomedical Acoustics: Tribute to Fellows
and Award Winners of the BATC-2022.
Mill Yard A

Computational Acoustics and Biomedical
Acoustics: Numerical Approaches for
Complex Media Geometries II.

Summit C

Engineering Acoustics, Computational
Acoustics, and Structural Acoustics and
Vibration: Automotive Acoustics (Hybrid
Session). Lionel

Interdisciplinary and Student Council:
Graduate Programs in Acoustics Poster
Session. Summit E
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1:00

1:00

1:00

1:30

1:00

1:00

1:00

2pNS

2pPA

2pPP

2pSA

2pSC

2pSP

2pUW

Noise and Psychological and Physiological
Acoustics: Methods for Community Noise
Testing and Analysis II. Summit B

Physical Acoustics and Structural
Acoustics and Vibration: Frontiers of
Resonant Ultrasound Spectroscopy and Its
Applications II. Golden Pass

Psychological and Physiological
Acoustics: Speech and Pitch Perception.
Grand Hall C

Structural Acoustics and Vibration and
Computational Acoustics: Surrogate and
Reduced-Order Modeling for Structural
Acoustics Applications. Golden Eagle B

Speech Communication: Healthcare
Settings and Clinical Population
(Poster Session) Summit E

Signal Processing in Acoustics: General
Topics in Signal Processing. Rail Yard

Underwater Acoustics and Acoustical
Oceanography: Mud Acoustics II.
North Coast B

Wednesday Morning

9:00

8:30

8:30

8:00

8:15

8:00

8:20

8:00

8:00

3aAA

3aA0

3aBA

3aCA

3aNS

3aPAa

3aPAb

3aSA

3aSC

183rd Meeting of the Acoustical Society of America

Architectural Acoustics, Noise, and
Psychological and Physiological
Acoustics: Architectural Acoustics and
Audio — Even Better Than the Real Thing I.
Summit A

Acoustical Oceanography: Acoustical
Sensing of Ocean Turbulence, Mixing,
and Stratification (Hybrid Session).
North Coast A

Biomedical Acoustics: Ultrasound Therapy
in the Brain. Mill Yard A

Computational Acoustics: Learning and
Stochastic Modeling in Computational
Acoustics I. Summit C

Noise and Psychological and Physiological
Acoustics: Acoustics Design of Indoor and
Outdoor Firing Ranges, and Protection from
High Level Impulse Noise. Summit B

Physical Acoustics and Computational
Acoustics: Infrasound 1. Golden Pass

Physical Acoustics and Education

in Acoustics: My Favorite Homework
Problems (Based on Measurements,
Demonstrations, or Experimental Data).
Lionel

Structural Acoustics and Vibration
and Computational Acoustics: Acoustic
Metamaterials. Golden Eagle B

Speech Communication: Speech
Perception (Poster Session). Summit E

A1l



9:00

3aSP

Signal Processing in Acoustics: Signal
Processing for Musical Audio Production.
Rail Yard

Wednesday Afternoon

1:00

1:00

1:00

1:00

2:15

1:00

1:00

1:00

1:00

1:00

1:00

3pAA

3pBA

3pCA

3pED

3pID

3pNS

3pPAa

3pPAb

3pPP

3pSC

3pUW

Architectural Acoustics, Noise, and
Psychological and Physiological
Acoustics: Architectural Acoustics and
Audio — Even Better Than the Real Thing
II. Summit A

Biomedical Acoustics: Modern Image
Quality Assessment. Mill Yard A

Computational Acoustics: Learning and
Stochastic Modeling in Computational
Acoustics II. Summit C

Education in Acoustics: Acoustics
Education Prize Lecture. Grand Hall C

Interdisciplinary: Hot Topics in Acoustics.
Grand Hall C

Noise: Topics on Noise: Noise Induced
Hearing Loss and Community Noise.
Summit B

Physical Acoustics and Computational
Acoustics: Infrasound I1. Golden Pass

Physical Acoustics and Signal Processing
in Acoustics: Particle Velocity Sensing and
Associated Signal Processing. Lionel

Psychological and Physiological Acoustics:

Psychological and Physiological Acoustics
Poster Session I. Summit E

Speech Communication: Topics in Speech
Production. Grand Hall B

Underwater Acoustics, Acoustical
Oceanography, and Computational
Acoustics: Updating Ocean Acoustic
Situational Awareness with In-situ
Measurements. North Coast B

Thursday Morning

8:30

8:00

9:00

9:00

A12

4aAA

4aA0

4aBAa

4aBAb

Architectural Acoustics and ASA
Committee on Standards: Show Your
Data: Architectural Acoustics Metrics.
Summit A

Acoustical Oceanography: Topics
in Acoustical Oceanography.
North Coast A

Biomedical Acoustics: Detection and
Quantification of Bubble Act vity in
Therapeutic Ultrasound I. Mill Yard A

Biomedical Acoustics and Signal
Processing in Acoustics: Novel Ultrasound
Beamforming Techniques and Their
Applications I. Lookout
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9:00

8:30

8:00

9:00

10:00

9:00

10:30

8:40

8:30

8:00

4aMU

4aNS

4aPAa

4aPAb

4aPP

4aSAa

4aSAb

4aSC

4aSP

4aUW

Musical Acoustics: Modeling and
Simulation of Physical Effects in Sound
Reproduction. Rail Head

Noise, Computational Acoustics, Physical
Acoustics, Signal Processing in Acoustics,
and Structural Acoustics and Vibration:
Jet and Launch Vehicle Noise I (Hybrid
Session). Summit B

Physical Acoustics and Biomedical
Acoustics: Interaction of Light and Sound I
(Hybrid Session). Lionel

Physical Acoustics: General Topics in
Physical Acoustics II. Summit C

Psychological and Physiological
Acoustics: Psychological and Physiological
Acoustics Poster Session II. Summit E

Structural Acoustics and Vibration: Fluid
Structure Interaction. Golden Eagle B

Structural Acoustics and Vibration:
Analysis of Vibratory Systems. Golden
Eagle B

Speech Communication and
Psychological and Physiological
Acoustics: Bilingualism and the Brain.
Grand Hall B

Signal Processing in Acoustics: Dispersive
Wave Signal Processing I. Rail Yard

Underwater Acoustics and Acoustical
Oceanography: Memorial Session for
Lisa Zurk I (Hybrid Session).

North Coast B

Thursday Afternoon

1:30

1:00

1:00

1:00

1:00

4pBAa

4pBAb

4pCA

4pED

4pNS

183rd Meeting of the Acoustical Society of America

Biomedical Acoustics and Signal
Processing in Acoustics: Novel Ultrasound
Beamforming Techniques and Their
Applications II. Lookout

Biomedical Acoustics: Detection and
Quantification of Bubble Act vity in
Therapeutic Ultrasound II. Mill

Yard A

Computational Acoustics and Biomedical
Acoustics: Finite Difference Time Domain
Methods Across Acoustics. Summit C

Education in Acoustics: Connecting
Industry and Education (Hybrid Session).
Summit A

Noise, Computational Acoustics, Physical
Acoustics, Signal Processing in Acoustics,
and Structural Acoustics and Vibration:
Jet and Launch Vehicle Noise II (Hybrid
Session). Summit B
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1:00 4pPAa

1:30  4pPAb

1:00 4pSC

1:00 4pSP

1:00  4pUW

Physical Acoustics: Physical Acoustics Best
Student Paper Competition. Summit E

Physical Acoustics and Biomedical
Acoustics: Interaction of Light and Sound II
(Hybrid Session). Lionel

Speech Communication: Bilingualism and

Second Language Acquisition (Poster Session).

Summit E

Signal Processing in Acoustics: Dispersive
Wave Signal Processing II. Rail Yard

Underwater Acoustics and Acoustical
Oceanography: Memorial Session for Lisa
Zurk 1T (Hybrid Session). North Coast B

Friday Morning

9:00 SaAA

8:30 5aAB

A13

Architectural Acoustics and Noise: Sound
with Context: Cultural Heritage Acoustics
Summit A

Animal Bioacoustics: Mapping Acoustic
Features to Production Mechanisms in
Speech and Animal Communication. Grand
Hall A
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9:15

8:00

8:00

9:00

5aBA

5aPA

5aSC

5aUW

Biomedical Acoustics: General Topics
in Biomedical Acoustics II: Imaging and
Therapeutics. Mill Yard A

Physical Acoustics and Biomedical
Acoustics: Ultrasonic Assessment of
Properties in Complex Materials I.
Golden Eagle B

Speech Communication: Speech
Production (Poster Session). Summit E

Underwater Acoustics: General Topics
in Underwater Acoustics I.
North Coast B

Friday Afternoon

1:00

1:00 SpUW

5pPA

183rd Meeting of the Acoustical Society of America

Physical Acoustics and Biomedical
Acoustics: Ultrasonic Assessment of
Properties in Complex Materials II.
Golden Eagle B

Underwater Acoustics: General Topics
in Underwater Acoustics II.
North Coast B

A13



SCHEDULE OF COMMITTEEE MEETINGS AND OTHER EVENTS

ASA COUNCIL AND ADMINISTRATIVE COMMITTEES

Sun, 4 Dec, 6:00 p.m.
Mon, 5 Dec, 9:00 a.m.
Mon, 5 Dec, 1:00 p.m.
Tue, 6 Dec, 1:00 p.m.
Tue, 6 Dec, 7:00 a.m.
Tue, 6 Dec, 5:00 p.m.
Wed, 7 Dec, 7:00 a.m.

Wed, 7 Dec, 9:30 a.m.
Wed, 7 Dec, 11:30 a.m.
Thu, 8 Dec, 7:30 a.m.
Thu, 8 Dec, 1:00 p.m.
Fri, 9 Dec, 8:00 a.m.
Fri, 9 Dec, 12:00 noon

Executive Council Dinner
Executive Council
Technical Council
Member Engagement
Revenue Reimagined
Women in Acoustics

Regional and Student
Chapters

Foundation Board
Public Relations
Editorial Board
Investments
Technical Council
Executive Council

TECHNICAL COMMITTEEE OPEN MEETINGS

Tue, 6 Dec, 4:30 p.m.

Tue, 6 Dec, 4:45 p.m.
Tue, 6 Dec, 7:30 p.m.
Tue, 6 Dec, 7:30 p.m.
Tue, 6 Dec, 7:30 p.m.
Tue, 6 Dec, 7:30 p.m.
Tue, 6 Dec, 7:30 p.m.

Tue, 6 Dec, 7:30 p.m.

Wed, 7 Dec, 7:30 p.m.
Thu, 8 Dec, 4:30 p.m.
Thu, 8 Dec, 7:30 p.m.
Thu, 8 Dec, 7:30 p.m.
Thu, 8 Dec, 7:30 p.m.
Thu, 8 Dec, 7:30 p.m.

Signal Processing in
Acoustics

Engineering Acoustics
Acoustical Oceanography
Animal Bioacoustics
Architectural Acoustics
Physical Acoustics

Psychological and Physi-
ological Acoustics

Structural Acoustics and
Vibration

Biomedical Acoustics
Computational Acoustics
Musical Acoustics

Noise

Speech Communication

Underwater Acoustics

Brickyard B
Lookout
Lookout
Diplomat C
Diplomat B
Interchange
Piedmont

Diplomat C
Piedmont
Interchange
Piedmont
Lookout
Lookout

Rail Yard A

Lionel

North Coast A
Grand Hall A
Summit
Golden Pass
Grand Hall C

Golden Eagle B

Mill Yard A
Summit C
Rail Head
Summit B
Grand Hall B
North Coast B

STANDARDS COMMITTEES AND WORKING GROUPS

Mon, 5 Dec, 1:00 p.m.

S12/WG11 Hearing
Protector Attenuation
and Performance

Piedmont

MEEETING SERVICES, SPECIAL EVENTS, SOCIAL EVENTS

Mon, 5 Dec

7:00 a.m.—5:00 p.m.
Tue-Thu, 6-8 Dec
7:30 a.m.—5:00 p.m.
Fri, 9 Dec

7:30 a.m.—1:00 p.m.

Mon-Thu, 5-8 Dec
7:30 a.m.—5:00 p.m.
Fri, 9 Dec,

7:30 a.m.—1:00 p.m.

Mon-Thu, 5-8 Dec,
7:00 a.m.—5:00 p.m.
Fri, 9 Dec

7:00 a.m.—3:00 p.m.

A14

Registration

Internet Zone

A/V Preview

Summit D

Summit D

Diplomat A
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Mon-Thu, 5-8 Dec,
8:00 a.m.—5:00 p.m.
Fri, 9 Dec,

8:00 a.m.—3:00 p.m.

Mon-Fri, 5-9 Dec,
9:30 a.m.—11:00 a.m.

Mon-Thu, 5-8 Dec,
8:00 a.m.—10:00 a.m.

Tue, 6-Dec,
4:00 p.m.—5:00 p.m.
Wed, 7 Dec,
5:00 p.m.—7:00 p.m.

Mon, 5 Dec.
4:00 p.m.—5:00 p.m.

Mon, 5 Dec,
5:30 p.m.—7:00 p.m.

Mon, 5 Dec,
5:00 p.m.—5:30 p.m.

Mon, 5 Dec,
5:30 p.m.—6:45 p.m.

Mon, 5 Dec.
7:00 p.m.—9:00 p.m.

Tue, 6 Dec.,
9:00 a.m.—5:00 p.m.

Tue, 6 Dec,
6:00 p.m.—7:30 p.m.

Wed, 7 Dec,
11:45 am.—1:30 p.m.

Wed, 7 Dec,
3:45 p.m.—5:00 p.m.

Wed, 7 Dec,
6:00 p.m.—8:00 p.m.

Wed, 7 Dec,

8:00 p.m.—12:00 midnight

Thu, 8 Dec,
12:00 noon—2:00 p.m.

Thu, 8 Dec,
6:00 p.m.—7:30 p.m.

Mother’s Room

Coffee Breaks

Accompanying Persons

Listening Room

Keynote Lecture

Exhibit Opening Reception

First-Time Attendee
Orientation

Student Meet and Greet

Tutorial

Exhibit

Social Hour

Women in Acoustics
Luncheon

Plenary Session/Awards

Ceremony

Student Reception

ASA Jam

Society Luncheon and
Lecture

Social Hour

Platform E

Summit Foyer

Platform D

Platform D

Grand A/B/C

Summit Foyer

Grand C

North Coast B

Summit A

Summit Foyer

Grand Hall D/E

Grand Hall A

Grand Hall D

Grand Hall A

Grand Hall D

Grand Hall D

Grand Hall D/E
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183rd Meeting of the Acoustical Society of America

The 183rd meeting of the Acoustical Society of America
will be held Monday through Friday, 5-9 December 2022 at
the Grand Hyatt Nashville Hotel, Nashville, Tennessee, USA.

SECTION HEADINGS

HOTEL INFORMATION

TRANSPORTATION AND TRAVEL

REGISTRATION

ACCESSIBLITY

TECHNICAL SESSIONS

TECHNICAL SESSION DESIGNATIONS

SOLUTIONS SHOWCASE

EXHIBIT AND EXHIBIT OPENING RECEPTION

TUTORIAL: EFFECTIVE MEDIA INTERACTIONS

TRAINING WORKSHOP

10. HOT TOPICS SESSION

11. TECHNICAL TOUR TO BELMONT UNIVERSITY

12. ROSSING PRIZE IN ACOUSTICS EDUCATION
PRIZE LECTURE

13. TECHNICAL COMMITTEE OPEN MEETINGS

14. PLENARY SESSION AND AWARDS CEREMONY

15. ANSI STANDARDS COMMITTEES

16. COFFEE BREAKS

17. A/V PREVIEW ROOM

18 INTERNET ZONE

19. MOTHERS ROOM

20. SOCIALS

21. SOCIETY LUNCHEON AND LECTURE

22. STUDENT EVENTS: NEW STUDENTS/FIRST-TIME
ATTENDEE ORIENTATION, MEET AND GREET,
STUDENT RECEPTION

23. WOMEN IN ACOUSTICS LUNCHEON

24. JAM SESSION

25. ACCOMPANYING PERSONS PROGRAM

26. PROCEEDINGS OF MEETINGS ON ACOUSTICS
(POMA)

27. WEATHER

28. TECHNICAL PROGRAM ORGANIZING COMMIT-
TEE

29. MEETING ORGANIZING COMMITTEE

30. PHOTOGRAPHING AND RECORDING

31. ABSTRACT ERRATA

32. GUIDELINES FOR ORAL PRESENTATIONS

33. SUGGESTIONS FOR  EFFECTIVE
PRESENTATIONS

34. GUIDELINES FOR USE OF COMPUTER PROJEC-
TION

35. DATES OF FUTURE ASA MEETINGS

WHo_NAn b Wb =

POSTER

1. HOTEL INFORMATION

The Grand Hyatt Nashville is the headquarters hotel where
all meeting events will be held.

The cut-off date for reserving rooms at special rates has
passed. Please contact the Grand Hyatt (Grand Hyatt Nashville
Hotel, 1000 Broadway, Nashville, Tennessee, United States,
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37203; +1 615 622 1234; https://www.hyatt.com/en-US/hotel/
tennessee/grand-hyatt-nashville/bnarn)

2. TRANSPORTATION AND TRAVEL

Ground transportation options include Taxis (From the
airport, the meter starts at $9 and the rate is $2.50 per mile.
There is a flat rate of $30 to the downtown area), Uber, Rental
Cars, and Airport Shuttles & Ride Shares.

3. REGISTRATION

Registrationis required for all attendees and accompanying
persons. Registration badges must be worn in order to
participate in technical sessions and other meeting activities.

Registration will open on Monday, 5 December, at 7:00
a.m. in Summit D (see floor plan on page A9).

Visa, MasterCard and American Express credit cards
and checks in US dollars drawn on a bank in the US will be
accepted for payment of registration. Meeting attendees who
have pre-registered may pick up their badges and registration
materials at the pre-registration desk.

The registration fees (in USD) are $775 for members of
the Acoustical Society of America; $925 for non-members,
$250 for Emeritus members (Emeritus status pre-approved
by ASA), $425 for ASA Early Career members (for ASA
members within three years of their most recent degrees —
proof of date of degree required), $200 for ASA Student
members, $300 for students who are not members of ASA,
$25 for Undergraduate Students, and $250 for accompanying
persons.

One-day registration is available at $425 for members
and $500 for nonmembers (one-day means attending the
meeting on only one day either to present a paper and/
or to attend sessions). A nonmember who pays the $925
nonmember registration fee and simultaneously applies
for Associate Membership in the Acoustical Society of
America will be given a $50 discount off their dues payment
for 2023 dues.

Invited speakers who are members of the Acoustical Society
of America are expected to pay the Member full-week or
one-day registration fees. Nonmember invited speakers who
participate in the meeting only on the day of their presentation
may register without charge. The registration fee for nonmember
invited speakers who wish to participate for more than one day
is $400 and includes a one-year Associate Membership in the
ASA upon completion of an application form.

Special note to students who pre-registered online: You
will also be required to show your student id card when
picking-up your registration materials at the meeting.

4. ACCESSIBLITY

If you have special accessibility requirements, please
indicate this by informing ASA (1305 Walt Whitman Road,
Suite 110, Melville, NY 11747-4300; asa@acousticalsociety.
org) at a minimum of forty-fi ¢ days in advance of the
meeting. Please provide a cell phone number, email address,
and detailed information including the nature of the special
accessibility so that we may contact you directly.
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5. TECHNICAL SESSIONS

The technical program includes 103 sessions with over 925
abstracts scheduled for presentation during the meeting.

A floor plan of the Grand Hyatt Nashville appears on page
A9. Session Chairs have been instructed to adhere strictly to
the printed time schedule, both to be fair to all speakers and
to permit attendees to schedule moving from one session to
another to hear specific papers. If an author is not present to
deliver a lecture-style paper, the Session Chairs have been
instructed either to call for additional discussion of papers
already given or to declare a short recess so that subsequent
papers are not given ahead of the designated times.

Several sessions are scheduled in poster format, with the
display times indicated in the program schedule.

6. TECHNICAL SESSION DESIGNATIONS
Abstract code examples: 1aAAl, 2pBAb4, 1eID1

The first character is a number indicating the day the session
will be held, as follows:

1-Monday, 5 December

2-Tuesday, 6 December

3-Wednesday, 7 December

4-Thursday, 8 December

5-Friday, 9 December

The second character is a lower case “a” for a.m., “p” for
p-m., or “e” for evening corresponding to the time of day the
session will take place. The third and fourth characters are
capital letters indicating the primary Technical Committee
that organized the session using the following abbreviations
or codes:

AA  Architectural Acoustics

AB  Animal Bioacoustics

AO  Acoustical Oceanography

BA  Biomedical Acoustics

CA Computational Acoustics

EA  Engineering Acoustics

ED Education in Acoustics

ID Interdisciplinary

MU Musical Acoustics

NS Noise

PA  Physical Acoustics

PP Psychological and Physiological Acoustics

SA  Structural Acoustics and Vibration

SC  Speech Communication

SP  Signal Processing in Acoustics

UW  Underwater Acoustics

In sessions where the same group is the primary organizer
of more than one session scheduled in the same morning or
afternoon, a fifth character, either lower-case “a,” or “b,” is
used to distinguish the sessions. Each paper within a session is
identified by a paper number following the session-designating
characters, in conventional manner. As hypothetical examples:
paper 2pEA3 would be the third paper in a session on Tuesday
afternoon organized by the Engineering Acoustics Technical
Committee; 3pSAbS would be the fifth paper in the second
of two sessions on Wednesday afternoon sponsored by the
Structural Acoustics and Vibration Technical Committee.

Note that technical sessions are listed both in the calendar
and the body of the program in the numerical and alphabetical
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order of the session designations rather than the order of their
starting times. For example, session 3aAA would be listed
ahead of session 3aAO even if the latter session begins earlier
in the same morning.

7. SOLUTIONS SHOWCASE

In an effort to provide industry members and supporting
companies better visibility at the meetings, ASA is hosting
the second Solutions Showcase in Nashville on Monday, 5
December, 1:00 p.m. to 5:30 p.m. in Summit B. This will be
an opportunity to present a product, service, or solution in a
setting similar to a technical session, but without restricting
the commercial character of the talk.

8. EXHIBIT AND EXHIBIT OPENING RECEPTION

An instrument and equipment exhibition will be located in
the Summit foyer on the 4th floor and will open on Monday, 5
December, with an evening reception serving a complimentary
drink. Exhibit hours are Monday, 5 December, 5:30 p.m. to
7:00 p.m., Tuesday, 6 December, 9:00 a.m. to 5:00 p.m., and
Wednesday, 7 December, 9:00 a.m. to 12:00 noon.

The Exhibit will include computer-based instrumentation,
scientific books, sound level meters, sound intensity systems,
signal processing systems, devices for noise control and
acoustical materials, active noise control systems, and other
exhibits on acoustics.

9. TUTORIAL: EFFECTIVE MEDIA INTERACTIONS

TRAINING WORKSHOP

The Public Relations Committee and the AIP Media Services
team present this hands-on workshop for meeting attendees
who are interested in effectively communicating scientific work
to the public. The tutorial will be held on Monday evening, 5
December, 7:00 p.m. to 9:00 p.m. in Summit A. This workshop
counts as the required media training for anyone interested in
serving as a media liaison for their Technical Committee.

The workshop will consist of presentations by media
professionals to provide a toolkit of techniques for engaging
the media. The registration fee is USD $25 (USD $12 for
students with current student IDs).

10. HOT TOPICS SESSION
The Hot Topics session (3pID) will be held on Wednesday,
7 December, at 2:15 p.m. in Grand Hall C.

11. TECHNICAL TOUR TO BELMONT UNIVERSITY

A technical tour of Belmont University is scheduled to
be held on Thursday, 8 December, 3:30 p.m. to 6:15 p.m.
(including travel time). The tour participation fee is $10.00.

Located in the capital of music, Belmont University offers
an impressive list of unique programs only available at a
handful of colleges, including songwriting, music business,
audio engineering, motion pictures, commercial music
composition, and more. This technical tour will explore some
of the world-class facilities at Belmont University.

12. ROSSING PRIZE IN ACOUSTICS EDUCATION
AND ACOUSTICS EDUCATION PRIZE LECTURE
The 2022 Rossing Prize in Acoustics Education will be
presented at the Nashville meeting during the Plenary Session
on Wednesday, 7 December, in Grand Hall D.
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Dr. Kathleen Wage will present the 2022 Acoustics
Education Prize Lecture on Wednesday, 7 December, in
session 3pED at 1:00 p.m. in Grand Hall C.

13. TECHNICAL COMMITTEE OPEN MEETINGS

Technical Committees will hold open meetings on Tuesday,
Wednesday, and Thursday. The schedule and rooms for each
Committee meeting are given on page Al4.

These are working, collegial meetings. Much of the work
of the Society is accomplished by actions that originate and
are taken in these meetings including proposals for special
sessions, workshops, and technical initiatives. All meeting
participants are cordially invited to attend these meetings and
to participate actively in the discussions.

14. PLENARY SESSION AND AWARDS CEREMONY

A plenary session will be held Wednesday, 7 December, at
3:30 p.m. in Grand Hall D.

ASA scholarship recipients will be introduced. The Rossing
Prize in Acoustics Education, and the Gold Medal will be
presented, Certificates will be presented to Fellows elected at
the Denver meeting. See page A202 for a list of fellows and
award recipients.

All attendees are welcome and encouraged to attend. Please
join us to honor and congratulate these medalists and other
award recipients.

15. ANSI STANDARDS COMMITTEES

Meetings of ANSI Accredited Standards Committees will
not be held at the Nashville meeting.

People interested in attending and in becoming involved in
working group activities should contact the ASA Standards
Manager for further information about these groups, or about
the ASA Standards Program in general, at the following
address: Nancy Blair-DelLeon, ASA Standards Manager,
Standards Secretariat, Acoustical Society of America, 1305
Walt Whitman Road, Suite 110, Melville, NY 11747-4300;
T: 631-390-0215; E: asastds@acousticalsociety.org

16. COFFEE BREAKS

Morning coffee breaks will be held daily from 9:30 a.m. to
11:00 a.m. and an afternoon break will be held on Wednesday
from 2:00 p.m. to 3:00 p.m. in the Summit Foyer.

17. A’V PREVIEW ROOM

Diplomat A will be set up as an A/V preview room for
authors’ convenience and will be available on Monday through
Thursday from 7:00 a.m. to 5:00 p.m. and Friday from 7:00
a.m. to 3:00 p.m.

18. INTERNET ZONE

Wi-Fi will be available in all ASA meeting rooms and
spaces.

Tables with power cords will be set up in the Summit D
for attendees to gather and to power-up their electronic
devices.

19. MOTHERS ROOM

A Mothers Toom for ASA meeting attendees will be
available Monday to Friday, 5-9 December in Platform E.
The hours are Monday to Thursday, 8:00 a.m. to 5:00 p.m.
and Friday, 8:00 a.m. to 12:00 noon.
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20. SOCIALS

Socials will be held on Tuesday and Thursday evenings,
6:00 p.m. to 7:30 p.m. in Grand Hall D/E.

The ASA hosts these social hours to provide a relaxing
setting for meeting attendees to meet and mingle with their
friends and colleagues as well as an opportunity for new
members and first-time attendees to meet and introduce
themselves to others in the field. A second goal of the socials
is to provide a sufficient meal so that meeting attendees can
attend the open meetings of Technical Committees that begin
immediately after the socials.

21. SOCIETY LUNCHEON AND LECTURE

The Society Luncheon and Lecture, sponsored by the
College of Fellows, will be held Thursday, 8 December, at
12:00 noon in Grand Hall D.

This luncheon is open to all attendees and their guests
Purchase your tickets at the Registration Desk before 10:00 a.m.
on Thursday, 8 December. The cost is USD $30.00 per ticket.

22. STUDENT EVENTS: NEW STUDENTS/
FIRST-TIME ATTENDEE ORIENTATION,
MEET AND GREET, STUDENT RECEPTION

Follow the student twitter throughout the meeting @
ASAStudents.

A New Students/First-Time Attendee Orientation will be
held on Monday, 5 December, from 5:00 p.m. to 5:30 p.m.
in Grand Hall C. This will be followed by the Student Meet
and Greet from 5:30 p.m. to 6:45 p.m. in North Coast B where
refreshments and a cash bar will be available.

The Students’ Reception will be held on Wednesday, 7
December, from 6:00 p.m. to 8:00 p.m. in Grand Hall B. This
reception, sponsored by Reality Labs Research, will provide an
opportunity for students to meet informally with fellow students
and other members of the Acoustical Society. All students are
encouraged to attend, especially students who are first time
attendees or those from smaller universities.

To encourage student participation, limited funds are
available to defray partially the cost of travel expenses of
students to attend Acoustical Society meetings. Instructions for
applying for travel subsidies are given in the Call for Papers
which can be found online at http://acousticalsociety.org. The
deadline for the present meeting has passed but this information
may be useful in the future.

23. WOMEN IN ACOUSTICS LUNCHEON

The Women in Acoustics luncheon will be held at 11:30
a.m. on Wednesday, 7 December, in Grand Hall A. Those who
wish to attend must purchase their tickets in advance by 10:00
a.m. on Wednesday, 7 December. The fee is USD $35 for non-
students and USD $15 for students.

24. JAM SESSION

You are invited to The JAM (at a location to be announced)
on Wednesday night, 8 December, from 8:00 p.m. to midnight
for the ASA Jam. Bring your axe, horn, sticks, voice, or any-
thing else that makes music. Musicians and non-musicians are
all welcome to attend. A full PA system, backline equipment,
guitars, bass, keyboard, and drum set will be provided. All
attendees will enjoy live music, a cash bar with snacks, and
all-around good times. Don’t miss out.
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25. ACCOMPANYING PERSONS PROGRAM

Spouses and other visitors are welcome at the Nashville
meeting. The on-site registration fee for accompanying
persons is USD $250. A hospitality room for accompanying
persons will be open in Platform D, 8:00 a.m. to 10:00 a.m.
Monday through Thursday. This entitles you access to the
accompanying persons room, social events on Tuesday
and Thursday, the Jam Session, and the Plenary Session on
Wednesday afternoon.

26. PROCEEDINGS OF MEETINGS ON
ACOUSTICS (POMA)

The Nashville meeting will have a published proceedings,
and submission is optional. The proceedings will be a separate
volume of the online journal, “Proceedings of Meetings on
Acoustics” (POMA). This is an open access journal, so
that its articles are available in pdf format for downloading
without charge to anyone in the world. Authors who are
scheduled to present papers at the meeting are encouraged to
prepare a suitable version in pdf format that will appear in
POMA. It is not necessary to wait until after the meeting to
submit one’s paper to POMA. Further information regarding
POMA can be found at the site http://acousticsauthors.org.
Published papers from previous meeting can be seen at the site
http://asadl/poma.

27. WEATHER

In December Nashville has an average high of 50°F and
an average low of 33°F. There might also be a small chance
of rain. Attendees should pack a warm jacket and umbrella.

28. TECHNICAL PROGRAM ORGANIZING
COMMITTEE

Michael Haberman, Technical Program Chair; Christopher
Bassett, Acoustical Oceanography; Rolf Mueller, Animal
Bioacoustics; Brandon  Cuedquest, David Manley,
Architectural Acoustics; Kang Kim, Libertario Demi,
Biomedical Acoustics; Amanda Hanford, Computational
Acoustics; Daniel Russell, Education in Acoustics; Thomas
Blanford, Engineering Acoustics; Kurt Hoffman, Taffeta
Elliott, Musical Acoustics; Aaron Vaughn, James Phillips,
Hales Swift; Noise; Ralph Herman, Samuel Wallen, Physical
Acoustics; Gregory Ellis, Psychological and Physiological
Acoustics; Kai Gemba, Trevor Jerome, Signal Processing in
Acoustics; Pasquale Bottalico, Matthew Masapollo, Benjamin
Tucker, Speech Communication; Anthony Bonomo, Stephanie
Konarski, Structural Acoustics and Vibration; David Dall’Osto,
Underwater Acoustics; Zane Rusk, Student Council

29. MEETING ORGANIZING COMMITTEE
Veerle M. Keppens, Chair; Michael Haberman, Technical
Program Chair

30. PHOTOGRAPHING AND RECORDING
Photographing and recording during regular sessions are not
permitted without prior permission from the Acoustical Society.

31. ABSTRACT ERRATA
This meeting program is Part 2 of the November 2022
issue of The Journal of the Acoustical Society of America.
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Corrections, for printer’s errors only, may be submitted for
publication in the Errata section of the Journal.

32. GUIDELINES FOR ORAL PRESENTATIONS

Preparation of Visual Aids

» See the guidelines for computer projection in section 41
below.

» Allow at least one minute of your talk for each slide (e.g.,
PowerPoint). No more than 12 slides for a 15-minute talk
(with 3 minutes for questions and answers).

* Minimize the number of lines of text on one visual aid. 12
lines of text should be a maximum. Include no more than 2
graphs/plots/figures on a single slide. Too little information
is better than too much.

» Presentations should contain simple, legible text that is
readable from the back of the room.

* Characters should be at least 0.25 inches (6.5 mm) in
height to be legible when projected. A good rule of thumb
is that text should be 20 point or larger (including labels
in inserted graphics). Anything smaller is difficult to read.

» Make symbols at least 1/3 the height of a capital letter.

» For computer presentations, use all of the available screen
area using landscape orientation with very thin margins. If
your institutions logo must be included, place it at the bot-
tom of the slide.

» Sans serif fonts (e.g., Arial, Calibri, and Helvetica) are
much easier to read than serif fonts (e.g., Times New Ro-
man) especially from afar. Avoid thin fonts (e.g., the hori-
zontal bar of an e may be lost at low resolution thereby
registering as a c.)

* Do not use underlining to emphasize text. It makes the text
harder to read.

» All axes on figures should be labeled.

» No more than 3—5 major points per slide.

* Consistency across slides is desirable. Use the same
background, font, font size, etc. across all slides.

» Use appropriate colors. Avoid complicated backgrounds
and do not exceed four colors per slide. Backgrounds that
change from dark to light and back again are difficult to
read. Keep it simple.

» Ifusing a dark background (dark blue works best), use white
or yellow lettering. If you are preparing slides that may be
printed to paper, a dark background is not appropriate.

» If using light backgrounds (white, off-white), use dark
blue, dark brown or black lettering.

» DVDs should be in standard format.

Presentation

* Organize your talk with introduction, body, and summary
or conclusion. Include only ideas, results, and concepts
that can be explained in the allotted time. Four elements
to include are:

» Statement of research problem

* Research methodology

* Review of results

» Conclusions

* No more than 3-5 key points can be covered adequately
in a 15-minute talk so keep it concise.
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* Rehearse your talk so you can confidently deliver it in the al-
lotted time. Session Chairs have been instructed to adhere to
the time schedule and to stop your presentation if you run over.

* An A/V preview room will be available for viewing com-
puter presentations before your session starts. It is advis-
able to preview your presentation because in most cases
you will be asked to load your presentation onto a com-
puter which may have different software or a different
configuration from your own computer.

» Arrive early enough so that you can meet the session chair,
load your presentation on the computer provided, and famil-
iarize yourself with the microphone, computer slide controls,
laser pointer, and other equipment that you will use during
your presentation. There will be many presenters loading
their materials just prior to the session so it is very important
that you check that all multi-media elements (e.g., sounds
or videos) play accurately prior to the day of your session.

» Each time you display a visual aid the audience needs time
to interpret it. Describe the abscissa, ordinate, units, and the
legend for each figure. If the shape of a curve or some other
feature is important, tell the audience what they should ob-
serve to grasp the point. They won’t have time to figure it
out for themselves. A popular myth is that a technical audi-
ence requires a lot of technical details. Less can be more.

* Turn off your cell phone prior to your talk and put it away
from your body. Cell phones can interfere with the speak-
ers and the wireless microphone.

33. SUGGESTIONS FOR EFFECTIVE POSTER
PRESENTATIONS

Content
The poster should be centered around two or three key points
supported by the title, figures, and text. The poster should be
able to “stand alone.” That is, it should be understandable
even when you are not present to explain, discuss, and answer
questions. This quality is highly desirable since you may not
be present the entire time posters are on display, and when you
are engaged in discussion with one person, others may want
to study the poster without interrupting an ongoing dialogue.
» To meet the “stand alone” criteria, it is suggested that the
poster include the following elements, as appropriate:
» Background
* Objective, purpose, or goal
* Hypotheses
* Methodology
» Results (including data, figures, or tables)
» Discussion
» Implications and future research
» References and Acknowledgment

Design and layout

* A board approximately 8 ft. wide x 4 ft. high will be
provided for the display of each poster. Supplies will be
available for attaching the poster to the display board.
Each board will be marked with an abstract number.

» Typically, posters are arranged from left to right and top
to bottom. Numbering sections or placing arrows between
sections can help guide the viewer through the poster.
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* Centered at the top of the poster, include a section
with the abstract number, paper title, and author names
and affiliations. An institutional logo may be added.
Keep the design simple and uncluttered. Avoid glossy

paper.

Lettering and text

» Font size for the title should be large (e.g., 70-point font)

» Font size for the main elements should be large enough
to facilitate readability from 2 yards away (e.g., 32-point
font). The font size for other elements, such as references,
may be smaller (e.g., 2024 point font).

» Sans serif fonts (e.g., Arial, Calibri, Helvetica) are much
easier to read than serif fonts (e.g., Times New Roman).

» Text should be brief and presented in a bullet-point list as
much as possible. Long paragraphs are difficult to read in a
poster presentation setting.

Visuals

» Graphs, photographs, and schematics should be large
enough to see from 2 yards (e.g., 8 x 10 inches).

» Figure captions or bulleted annotation of major findings
next to figures are essential. To ensure that all visual el-
ements are “stand alone,” axes should be labeled and all
symbols should be explained.

» Tables should be used sparingly and presented in a
simplified format.

Presentation

* Prepare a brief oral summary of your poster and short
answers to questions in advance.

» The presentation should cover the key points of the poster
so that the audience can understand the main findings.
Further details of the work should be left for discussion
after the initial poster presentation.

» It is recommended that authors practice their poster
presentation in front of colleagues before the meeting.
Authors should request feedback about the oral presenta-
tion as well as poster content and layout.

Other suggestions

* You may wish to prepare reduced-size copies of the poster
(e.g., 8 1/2 x 11 sheets) to distribute to interested audience
members.

34. GUIDELINES FOR USE OF COMPUTER
PROJECTION

A PC computer with monaural audio playback capability
and projector will be provided in each meeting room on
which all authors who plan to use computer projection should
load their presentations. Authors should bring computer
presentations on a CD or USB drive to load onto the provided
computer and should arrive at the meeting rooms at least 30
minutes before the start of their sessions. Assistance in loading
presentations onto the computers will be provided. Note that
only PC format will be supported so authors using Macs must
save their presentations for projection in PC format. Also,
authors who plan to play audio during their presentations
should ensure that their sound files are also saved on the CD
or USB drive.
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Introduction

It is essential that each speaker who plans to use his/her
own laptop connect to the computer projection system in the
A/V preview room prior to session start time to verify that
the presentation will work properly. Technical assistance is
available in the A/V preview room at the meeting, but not in
session rooms. Presenters whose computers fail to project for
any reason will not be granted extra time.

Guidelines

» Set your computer’s screen resolution to 1024x768 pixels
or to the resolution indicated by the AV technical support.
If it looks OK, it will look OK to your audience during
your presentation.

* Remember that graphics can be animated or quickly tog-
gled among several options: Comparisons between fi -
ures may be made temporally rather than spatially.

* Animations often run more slowly on laptops connected
to computer video projectors than when not so connected.
Test the effectiveness of your animations before your as-
signed presentation time on a similar projection system
(e.g., in the A/V preview room). Avoid real-time calcula-
tions in favor of pre-calculation and saving of images.

» If you will use your own laptop instead of the computer
provided, connect your laptop to the projector during the
question/answer period of the previous speaker. It is good
protocol to initiate your slide show (e.g., run PowerPoint)
immediately once connected, so the audience doesn’t have to
wait. If there are any problems, the session chair will endeav-
or to assist you, but it is your responsibility to ensure that the
technical details have been worked out ahead of time.

* During the presentation have your laptop running with
main power instead of using battery power to ensure that
the laptop is running at full CPU speed. This will also
guarantee that your laptop does not run out of power
during your presentation.

Specific Har ware Configuration

Macintosh
Older Macs require a special adapter to connect the video

output port to the standard 15-pin male DIN connector. Make

sure you have one with you.

* Hook everything up before powering anything on. (Con-
nect the computer to the RGB input on the projector).

* Turn the projector on and boot up the Macintosh. If this
doesn’t work immediately, you should make sure that your
monitor resolution is set to 1024x768 for an XGA projector
or at least 640x480 for an older VGA projector. (1024x768
will most always work.). You should also make sure that
your monitor controls are set to mirroring.

» Ifit’s an older PowerBook, it may not have video mirroring,
but something called simulscan, which is essentially the same.

* Depending upon the vintage of your Mac, you may have
to reboot once it is connected to the computer projector
or switcher. Hint: you can reboot while connected to the
computer projector in the A/V preview room in advance of
your presentation, then put your computer to sleep. Macs
thus booted will retain the memory of this connection when
awakened from sleep.
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» Depending upon the vintage of your system software, you
may find that the default video mode is a side-by-side con-
figuration of monitor windows (the test for this will be that
you see no menus or cursor on your desktop; the cursor will
slide from the projected image onto your laptop’s screen as
it is moved). Go to Control Panels, Monitors, configur -
tion, and drag the larger window onto the smaller one. This
produces a mirror-image of the projected image on your
laptop’s screen.

» Also depending upon your system software, either the Con-
trol Panels will automatically detect the video projector’s
resolution and frame rate, or you will have to set it manu-
ally. If it is not set at a commensurable resolution, the pro-
jector may not show an image. Experiment ahead of time
with resolution and color depth settings in the A/V preview
room (please don’t waste valuable time adjusting the Con-
trol Panel settings during your allotted session time).

PC

* Make sure your computer has the standard female 15-pin
DE-15 video output connector. Some computers require an
adaptor.

* Once your computer is physically connected, you will
need to toggle the video display on. Most PCS use either
ALT-F5 or F6, as indicated by a little video monitor icon
on the appropriate key. Some systems require more elabo-
rate keystroke combinations to activate this feature. Verify
your laptop’s compatibility with the projector in the A/V
preview room. Likewise, you may have to set your laptop’s
resolution and color depth via the monitor’s Control Panel
to match that of the projector, which settings you should
verify prior to your session.

Linux

* Most Linux laptops have a function key marked CRT/LCD
or two symbols representing computer versus projector.
Often that key toggles on and off the VGA output of the
computer, but in some cases, doing so will cause the com-
puter to crash. One fix for this is to boot up the BIOS and
look for a field marked CRT/LCD (or similar). This field
can be set to Both, in which case the signal to the laptop
is always presented to the VGA output jack on the back
of the computer. Once connected to a computer projector,
the signal will appear automatically, without toggling the
function key. Once you get it working, don’t touch it and it
should continue to work, even after reboot.

35. DATES OF FUTURE ASA MEETINGS

For further information on any ASA meeting, or to obtain
instructions for the preparation and submission of meeting
abstracts, contact the Acoustical Society of America, 1305
Walt Whitman Road, Suite 110, Melville, NY 11747-4300;
Telephone: 516-576-2360; E-mail: asa@acousticalsociety.org
184th Meeting, Chicago Illinois, 8-12 May 2023
185th Meeting, joint meeting with the Australian Acoustical
Society, WESPAC, PRUAC, Sydney, Australia, 4-8 December
2023
189th Meeting, joint with the International Commission for
Acoustics, New Orleans, Louisiana.
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MONDAY MORNING, 5 DECEMBER 2022 SUMMIT A, 8:20 A.M. TO 12:00 NOON

Session 1aAA

Architectural Acoustics: Acoustical Challenges in Small Rooms I

Joseph Keefe, Chair
Ostergaard Acoustical Associates, 1460 US Highway 9 North, STE 209, Woodbridge, NJ 07095

Chair’s Introduction—8:20

Invited Papers

8:25

1aAAl. Recital Hall into existing structure limited height space. David Manley (DLR Group, 6457 Frances St., Omaha, NE 68106,
dmanley@dlrgroup.com) and Logan Pippitt (DLR Group, New York, NY)

Renovations for a college Fine Arts program desired to reincorporate multiple art departments that had become scattered over vari-
ous locations throughout campus into an existing mid-century architecture legacy building. Included in the renovation program is a 130
seat Recital Hall, Instrumental Music Labs, and Commercial Music Recording program. The particular small rooms challenge presented
is that the 130 seat Recital Hall must fit within an existing concrete waffle slab structure with a height of 17 feet from floor to bottom of
structure and a total room volume of only 30,000 cubic feet. This presentation will walk through the challenges of providing an accepta-
ble room acoustic environment for recitals amongst the other design challenges of ADA accessibility, sound separation to other arts pro-
grams, modern MEP services and requirements, and limitations of existing structural capacity.

8:45

1aAAZ2. Podcast recording room design considerations and best practices. Madeline Didier (Jaffe Holden, 114-A Washington St.,
Norwalk, CT 06854, mdidier@ jaffeholden.com)

Podcast recording and listening has seen significant growth over recent years and continues to expand. The spaces used to record
podcasts include everything from small closets to more sophisticated recording studios. There are not presently any known acoustic
standards aimed specifically at the design of podcast studios. This paper discusses the question of what is required acoustically for a
room to function successfully as a space for podcast recording. This is accomplished by examining an assortment of Jaffe Holden pod-
cast studio projects, as well as existing standards for similar room types. Design considerations include background noise targets, sound
isolation systems and performance targets, and room finishes and reverberation time targets. This paper also includes a discussion of
how podcast studio acoustic design targets should be selected to optimize the functionality without overdesigning a space.

9:05

1aAA3. Adjustable acoustics for imperfect rooms. Richard L. Lenz (RealAcoustix LLC, 2361 B Ave., Ogden, UT 84401, RL@
Real Acoustix.com)

Very often, acousticians are faced with room dimensions that are fixed and cannot be adjusted. This dilemma is exascerbated when
the room is to be used for purposes of music performance. It is further complicated when the goal of the room is to present a broad spec-
trum of music types from classical symphony to modern jazz or rock. An example will be presented of an essentially square room space
that was designed and treated to be adaptable to meet the requirements of all types of performances. Tabor College in Hillsboro, KS had
space on its campus to build one concert that had to serve all of its performance needs. The physical space available, in order to maxi-
mize the size of the hall, also turned out to be a nearly perfect square in the audience area. Tom Ryan of The Hallani Group, working
with the author and RealAcoustix, designed an acoustical system that allows the room to perform well for all types of music performan-
ces while being easy to change and architecturally beautiful. The design criteria, auralizations, and other information will be presented
showing how this was accomplished.

9:25

1aAAd. Is that all the space you’ve got? Joseph Keefe (Ostergaard Acoust. Assoc., 1460 US Hwy. 9 North, STE 209, Woodbridge, NJ
07095, jkeefe@acousticalconsultant.com)

A few case studies regarding small room architectural acoustics concerns are presented. These address problematic and unanticipated
low-frequency room modes, constraints regarding vertical sound isolation in a tenant-space theater, and challenges pertaining to control
of a chiller plant in commercial office space. Our approach to criteria, analyses, noise control recommendations, and lessons learned will
be presented.
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9:45

1aAAS. Small band rooms for large bands: Balancing loudness and musicality. Laura C. Brill (Threshold Acoust., 141 W Jackson
Blvd., Ste. 2080, Chicago, IL 60604, Ibrill@thresholdacoustics.com) and Carl P. Giegold (Threshold Acoust. LLC, Evanston, IL)

When band rooms are smaller than ideal for the ensembles they support, there are safety concerns due to loudness. In the case study
presented, students have experienced excessive loudness and difficult ensemble conditions due to inadequate ceiling height, absorption,
and volume. This paper will discuss the strategies explored to increase acoustic volume to the extent possible within floorplate bounda-
ries while finishing the space with a combination of absorption and diffusion. The goal of these interventions is to preserve ensemble
and a sense of musicality to assure students and faculty they are working in a space designed for music rather than simply the control of
loudness.

10:05-10:20 Break

10:20

1aAA6. Two case studies in approach to the renovation of volumetrically challenged music rehearsal spaces. Kaitlyn Hunt
(Kirkegaard Assoc., 2101 CityWest Blvd., Ste 204, Houston, TX 77042-2830, khunt@kirkegaard.com) and Anthony Shou (Kirkegaard
Assoc., Houston, TX)

A music rehearsal room renovation can be acoustically challenging in that there is often limited room volume, lack of loudness con-
trol, and budget constraints. Two case studies detail these challenges. (1) The University of North Texas’ choral rehearsal room was due
for renovation and with a volume of only 44,000 cubic feet, the room had to accommodate choral ensembles varying from 20-85 people
for daily use, over 100 voices for an annual festival, and an added recital use. At an appropriate budget, the renovation used room shap-
ing to simultaneously break up parallel surfaces and support voices while also adding adjustable acoustics to allow for tuning of the
room for each rehearsal or performance. (2) The University of Texas at San Antonio’s large band, orchestra, and jazz rehearsal room
lacked loudness control even with an approximate volume of 73,500 cubic feet to serve 30 — 70 4+ musicians. At a much more limited
budget, the solution was to flip the orientation of the musician layout in the room to take advantage of the existing room geometry and
to introduce variable absorption stored exposed to the room which increased the overall absorption while also giving the ensembles an
opportunity to tune the room.

10:40

1aAA7. Undersized music ensemble rooms: Challenges and case study design approaches. Benjamin E. Markham (Acentech, 33
Moulton St., Cambridge, MA 02138, bmarkham@acentech.com)

Music ensemble rooms require sufficient volume to develop adequate and appropriate reverberation, facilitate ensemble balance, and
avoid excess loudness. Typical design practice begins with establishing minimum volume requirements based on expected ensemble
sizes and types. When faced with inadequate room volume (e.g., due to existing building limitations, or otherwise), creative design solu-
tions must be employed to achieve the best possible hearing conditions—and to avoid excess loudness in particular, which can be an
occupational hazard for musicians. Case studies will illustrate a variety of design approaches: adding volume to existing spaces at the
Crane School of Music (SUNY Potsdam), electronic reverberation enhancement (also at Crane), adding absorptive materials to an exist-
ing space and master-planning for larger spaces at Arkansas Tech, creative diffusive and absorptive material for the chorus rehearsal
room at Boston Symphony Hall, and programming work to match ensembles to the most appropriate rooms available at a variety of edu-
cational institutions.

11:00

1aAAS8. Architectural improvements to increase reverberation and reduce flutter echo in two music rehearsal rooms. Kent
McKelvie (Cavanaugh Tocci Assoc., 327F Boston Post Rd., Sudbury, MA 01776, kmckelvie@cavtocci.com) and Aaron Kanapesky
(Cavanaugh Tocci Assoc., Sudbury, MA)

New music rehearsal rooms at a small college suffered from flutter echo and very short reverberation times. The architecture of these
rooms included visually elegant designs which the college wanted to retain if feasible. We coordinated with the college, the architect,
and a wood worker to develop concept ideas for improvement which would be cost effective and retain the elegant architectural. By
using finite difference time domain (FDTD) simulation and mock-up listening tests, we evaluated the acoustic properties of these con-
cept options. After completion of these tests and simulations, a design was implemented in each room based on acoustic performance
and visual impact. We will present measurement results pre- and post-renovation, along with our methodology used for the FDTD analy-
sis and mockup testing.

11:20

1aAA9. Loudness control in a small volume Recital Hall. Justin Yau (Kirkegaard, 2101 City West Blvd., Houston, TX 77042, justin.
yh.yau@gmail.com) and Brian Corry (Kirkegaard Assoc., St. Louis, MO)

Mississippi State University’s new music building features a 173-seat Lecture Hall that also serves as a recital hall. The limited vol-
ume presents an acoustical challenge to accommodate a variety of uses—most concerning are the louder and larger ensembles with up
to 25 musicians and 50 singers sharing the stage. Due to project-specific constraints, the 24 foot stage-to-ceiling height and the 60,000
cubic foot volume are less than the early design-phase recommendations for the expected uses, which raises concerns about loudness
buildup and inability to generate desired reverberation. Our goal is to implement variable loudness control systems that provide a useful
reverberation range with good clarity across different settings. We identify and justify four loudness control strategies—maintain early,
supportive reflections; shape the room to form patterns of sustained sound in areas with adjustable absorption; reduce high-frequency
sustain in areas near audiences; avoid flutter echoes—and illustrate how those strategies were integrated into the architectural design
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through room shaping, fixed wall treatments, and deployable curtains and banners. We discuss subjective and instrumented observations
about the loudness (measured in Sound Strength G), reverberation time (measured in T30), clarity (measured in Clarity Index C80), and
overall character of the room response.

11:40

1aAA10. The Georgia Tech West Village Building Multipurpose Space: A case study of a higher education multipurpose space
with conflicting programming to find a practical and cost-effective solution for end users. Joseph F. Hackman (Special
Technologies Group, Newcomb & Boyd, LLP, 800 Peachtree St. NE, Apt 8404, Atlanta, GA 30308, jhackman@newcomb-boyd.com)

This case study examines the challenges in architectural acoustics pertaining to small multipurpose rooms used for musical and
instructional purposes as exhibited in the West Village Building on the Georgia Institute of Technology Atlanta Campus. The multipur-
pose space, while designed with variable acoustical elements, was challenging for the various user groups. This study aimed to find a so-
lution to balance the acoustic, budgetary, and practical needs of this space. The goal of this study was to determine what configurations
of existing and new material would improve functionality of the space. Solutions were created based on measured reverberation time of
the space, and calculations based on properties of known materials and potential configurations. The findings were used to create a user-
friendly guide for those who utilize the space, as well as an auditory demonstration. Most significantly, this study arrived at a solution
that employed both existing and readily available materials, a modest budget, and maintained flexibility within the space.

MONDAY MORNING, 5 DECEMBER 2022 GRAND HALL A, 9:00 AM. TO 10:05 A.M.

Session 1aAB

Animal Bioacoustics and Psychological and Physiological Acoustics:
Effects of COVID-19 on Animals and Soundscapes

Kaitlin Palmer, Chair
SMRU Consulting, 55 Water St., Vacouver, V6B 1A, Canada

Chair’s Introduction—9:00

Invited Papers

9:05

1aAB1. Mapping the intersection of helicopter routes and public lands in Northeast Scotland. Nathan Wolek (Creative Arts,
Stetson Univ., 421 N Woodland Blvd., Unit 8252, DeLand, FL 32723, nwolek@stetson.edu)

During the various COVID lockdowns, public narratives about the changing soundscape emphasized the reduction in commercial air
traffic. However, other forms of air traffic were not reduced. Due to the need to service North Sea oil and gas operations, helicopter over-
flights from Aberdeen Airport (ABZ) remained a prominent feature of the local soundscape in Northeast Scotland. The primary route
used by these helicopters (HMR WHISKEY) crosses public lands at several points, making the sound of overflights a prominent source
of noise at these locations. These public lands include locations controlled by the city, like Seaton Park and Donmouth Local Nature
Reserve, and others controlled by national entities, like the Forvie National Nature Reserve. This presentation will map several public
lands in Northeast Scotland where noise from frequent helicopter overflights impacts the soundscape. The author will present field
recordings and other documentation of helicopter overflights from February to June 2021, both during and immediately after the United
Kingdom’s third COVID lockdown, and invite discussion about potential for further study of noise pollution in this coastal region.
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9:25

1aAB2. Comparison of the marine soundscape before and during the COVID-19 pandemic in dolphin habitat in Sarasota Bay,
FL. Emma G. Longden (Sea Mammal Res. Unit, Univ. of St. Andrews, Scottish Oceans Inst., East Sands, St. Andrews, Fife KY16 8LB,
United Kingdom, egl5@st-andrews.ac.uk), Douglas Gillespie (Sea Mammal Res. Unit, Univ. of St. Andrews, St. Andrews, Scotland,
United Kingdom), David Mann (Loggerhead Instruments, Inc., Sarasota, FL), Katherine A. McHugh (Chicago Zoological Society’s
Sarasota Dolphin Res. Program, Sarasota, FL), Athena M. Rycyk (Div. of Natural Sci., New College of Florida, Sarasota, FL), Randall
Wells (Chicago Zoological Society’s Sarasota Dolphin Res. Program, Sarasota, FL), and Peter L. Tyack (Sea Mammal Res. Unit, Univ.
of St. Andrews, St. Andrews, Fife, United Kingdom)

During the COVID-19 pandemic, decreases in large vessel activity and low-frequency noise have been reported globally. Sarasota
Bay is home to a large and increasing number of recreational vessels, as well as a long-term resident community of bottlenose dolphins,
Tursiops truncatus. We analyzed data from two hydrophones to compare the soundscape during the COVID-19 pandemic to previous
years (March—May 2020 and 2018/2019). Hourly metrics were calculated: vessel passes, 95th percentile noise levels (125 and 16 kHz
Third Octave Bands (TOBs) and two broadbands: 88—1122 Hz, 1781-17959 Hz), and dolphin whistle detection, to understand changes
in vessel activity and the effect on wildlife. Vessel activity increased during COVID-19 restrictions by almost 80% at one site and
remained the same at the other. Changes in noise levels varied between sites. Only the 125 Hz TOB and 88-1122 Hz band increased
with vessel activity at both sites, suggesting this may be an appropriate measure of noise from small vessels in very shallow (<10 m)
habitats. Dolphin whistle detection decreased during COVID-19 restrictions at one site but remained the same at the site that experi-
enced increased vessel activity. Our results suggest that pandemic effects on wildlife should not be considered to be homogeneous
globally.

9:45

1aAB3. MonitorMyOcean.com: Measuring the acoustic impact of the COVID-19 lockdown on underwater ocean noise. Artash
Nath (MonitorMyOcean.com, King St., Toronto, ON, Canada, artash.nath@gmail.com)

Low-frequency noise from marine shipping is an underwater acoustic pollutant. The noise spectrum overlaps with frequencies ma-
rine mammals use to communicate, leading to stress and behavioural disruptions. This research established a model to measure the
effects of anthropogenic activities on underwater noise. The COVID-19 lockdown led to a decline in marine traffic. The model quanti-
fied the reduction in noise levels before and during the lockdown in the Arctic, Atlantic, Pacific Oceans, and the Mediterranean Sea.
Underwater ocean sound peaks between 10 and 100 Hz and is dominated by noise from shipping traffic. Hydrophones data from seven
ocean observatories were analyzed at 1-Hz spectral and 1-minute temporal resolution. Power spectral densities were calculated, aggre-
gated into monthly long-term spectral averages, and noise levels in the 63 Hz third-octave band were compared. The analysis revealed
that global oceans quietened by an average of 4.5 dB during the lockdown period. The maximum decrease was at locations close to
major shipping channels and cruise tourism destinations. The study proved that strategic “anthropauses” could reduce underwater noise
levels. A web application MonitorMyOcean.com endorsed as a UN Ocean Decade Activity, was created to provide updated anthropo-
genic ocean noise levels.
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MONDAY MORNING, 5 DECEMBER 2022 NORTH COAST A, 8:00 A.M. TO 11:55 A.M.

Session 1aA0

Acoustical Oceanography, Underwater Acoustics, and Animal Bioacoustics: Shelfbreak Acoustics I

Ying-Tsong Lin, Cochair
Woods Hole Oceanographic Institution, 266 Woods Hole Road, Woods Hole, MA 02543

Martin Siderius, Cochair
Portland State Univ., 1600 SW 4th Avenue, Suite 260, Portland, OR 97201

Andone C. Lavery, Cochair
AOPE, Woods Hole Oceanographic Institution, 98 Water Street, Woods Hole, MA 02543

Chair’s Introduction—8:00

Invited Papers

8:05

1aAO1. Between the devil and the deep blue sea—A journey towards shelfbreak acoustics (1982-2016). James Lynch (Appl.
Ocean Phys. and Eng., Woods Hole Oceanogr. Inst., 86 Water St., Falmouth, MA 02543, jlynch@whoi.edu), Arthur E. Newhall (Appl.
Ocean Phys. and Eng., Woods Hole Oceanogr. Inst., Woods Hole, MA), Glen Gawarkiewicz (Woods Hole Oceanogr. Inst., Woods
Hole, MA), Timothy F. Duda (Appl. Ocean Phys. and Eng., Woods Hole Oceanogr. Inst., Woods Hole, MA), Ying-Tsong Lin (Woods
Hole Oceanogr. Inst., Woods Hole, MA), Keith von der Heydt, and John Kemp (Appl. Ocean Phys. and Eng., Woods Hole Oceanogr.
Inst., Falmouth, MA)

In this talk, we present a retrospective of the journey that both we and the community have taken in going from the more well-trod-
den areas of deep and shallow water acoustics to the arena of sloping shelves and the continental shelfbreak. We discuss the bathymetry,
geology, oceanography, biology, and acoustics of these regions, and also the technology and science advances made during that time. A
number of the major experiments that we participated in will be highlighted. A quick look at how things have evolved since 2016, and
where they might be going will also be included.

8:25

1aA02. Shelfbreak processes affecting acoustic propagation in a changing ocean. Glen Gawarkiewicz (Physical Oceanogr., Woods
Hole Oceanogr. Inst., M.S. #21, WHOI, Woods Hole, MA 02543, gleng@ whoi.edu)

Fundamental physical oceanographic processes affecting sound speed fields and acoustic propagation have been studied in shelf-
break regions for some time. Integrated observations extending back to the 1990s have related acoustic propagation variability to basic
thermohaline structure as well as physical oceanographic processes causing significant variability in sound speed fields. Key shelfbreak
processes such as frontal wave propagation, eddy-Shelfbreak Jet interactions, and wind-driven motions will be described. The influence
of ocean warming and climate change impacts on these processes will be outlined with emphasis on the Middle Atlantic Bight in the
northeastern United States. The impacts of changes in both the atmospheric Jet Stream as well as the Gulf Stream on the Shelfbreak
Front and Jet and implications for acoustic propagation will be presented.

8:45

1aA03. Geologic features at the continental shelf edge and their influence on acoustic propagation and scattering. Jason Chaytor
(U.S. Geological Survey, Woods Hole Coastal and Marine Sci. Ctr., Woods Hole, MA, jchaytor@usgs.gov)

The continental shelf edge, encompassing the seaward edge of the continental shelf and the upper continental slope, is a region of
significant variation in the physical, chemical, and biological character of the ocean and seabed. The surficial and shallow sub-surface
geologic features across this transition from the seaward-dipping shelf to the steeper upper slope reflect a spectrum of modern and ante-
cedent constructional and destructional processes, each affecting acoustic propagation and scattering. Geologic features across the shelf
edge are created by eustatic and regional sea level change, glacial processes, development and abandonment of fluvial pathways, and
variations in slope stability. These geologic features are further modified by seasonal and persistent water column and bottom-water
boundary layer physical processes, diagenetic modification, and biological activity supported by nutrient rich upwelling. Using examples
from the southern New England shelf edge (SNESE), the scale, morphology, formative processes of shelf edge features and their impact
on acoustic propagation and scattering will be presented. The SNESE has been shaped by a combination of glacial and interglacial proc-
esses resulting in a region with a complex seabed environment characterized by features such as variable surficial sediment, pockmarks,
landslide scars, and submarine canyons. [Work supported by the Office of Naval Research.]
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9:05

1aA04. Acoustic observations of nekton and zooplankton along the Northeast continental shelf break. J. Michael Jech (NEFSC,
166 Water St., Woods Hole, MA 02543, michael.jech@noaa.gov)

Observations of fish and squid (nekton) and crustacean and gelatinous animals (zooplankton) at the shelf break using active acoustic
systems (e.g., echosounders) have been made along the United States shelf break from the mid-Atlantic to New England since the early
2000s as part of a biennial bottom trawl survey (NOAA’s Northeast Fisheries Science Center), since 2012 as part of the Atlantic Marine
Assessment Program for Protected Species (AMAPPS), and recently as part of the Task Force Ocean New England Shelf Break Acoustic
project. The shelf break can be a boundary between seabed-oriented species on the continental shelf and pelagic species in the open
ocean, as well as transitional habitat for some species to exploit. These data have been collected using multifrequency, narrowband (e.g.,
18, 38, 70, 120, and 200 kHz) and wideband (18-250 kHz) scientific echosounders with hull-mounted transducers to primarily map the
prey species of mid- to upper-trophic level foragers and predators. Classification of acoustic data to biologically meaningful metrics and
how these can be integrated with oceanographic features and spatial and temporal distributions of predators will be explored in relation
to the broader goals of developing ocean acoustic networks. [Work supported by the Office of Naval Research.]

9:25

1aA05. Application of long-term passive acoustic monitoring to evaluate spatial and temporal patterns of multi-species acoustic
assemblages of marine mammals in the western North Atlantic Ocean. Samara Haver (Dept. of Fisheries, Wildlife, and
Conservation Sci., Cooperative Inst. for Marine Ecosystem and Resources Studies, Oregon State Univ., 2030 SE Marine Sci. Dr.,
Newport, OR 97365, samara.haver@oregonstate.edu), Peter Corkeron (Anderson Cabot Ctr. for Ocean Life, New England Aquarium,
Boston, MA), Simone Baumann-Pickering (Scripps Inst. of Oceanogr., Univ. of California San Diego, La Jolla, CA), Danielle
Cholewiak, Genevieve Davis, Annamaria DeAngelis (Northeast Fisheries Sci. Ctr., National Marine Fisheries Service, National Oceanic
and Atmospheric Administration, Woods Hole, MA), Kait Frasier (Scripps Inst. of Oceanogr., Univ. of California San Diego, La Jolla,
CA), Molly Martin, Nicole Pegg (Northeast Fisheries Sci. Ctr., National Marine Fisheries Service, National Oceanic and Atmospheric
Administration, Woods Hole, MA), Natalie Posdaljian, Macey Rafter, Clara Schoenbeck, Alba Solsona Berga (Scripps Inst. of
Oceanogr., Univ. of California San Diego, San Diego, CA), Annabel Westell (Integrated Statistics, Inc., under contract to Northeast
Fisheries Sci. Ctr., National Marine Fisheries Service, National Oceanic and Atmospheric Administration, Woods Hole, MA), and Sofie
Van Parijs (Northeast Fisheries Sci. Ctr., National Marine Fisheries Service, National Oceanic and Atmospheric Administration, Woods
Hole, MA)

Passive acoustic monitoring (PAM) is an efficient method for large-scale marine mammal monitoring. PAM technologies concur-
rently sample multiple soniferous marine mammal species, and when coupled with verified detectors, provide information that can be
used to evaluate community composition. This analysis used data collected by an array of high-frequency PAM recorders at eight sites
between 30°0°N and 42°0’N along the shelf-break in the western North Atlantic Ocean. Daily acoustic presence of 13 known marine
mammal species and grouped unknown odontocetes was determined for all months between June 2016 and May 2019. Classification
trees were generated from monthly summaries of daily detections to identify community composition dissimilarities. Detections of Ger-
vais’s beaked whale (Mesoplodon europaeus) represented the root node and split sites by latitude, grouping the three sites south of
34°0’N and the five sites north of 38°0’N. Tree nodes were further divided by other odontocetes. The presence of mysticetes also varied
by site and season. Distinctive communities were identified for each site, with odontocetes being resident and mysticetes more migra-
tory. The root and secondary splits were all driven by beaked whale species, demonstrating the importance of identifying these whales
to species instead of aggregating them as is common for visual survey data.

Contributed Papers

9:45

1aA06. Overview of the New England shelf break acoustics (NESBA)
experiment. Ying-Tsong Lin (Woods Hole Oceanogr. Inst., 266 Woods
Hole Rd., Woods Hole, MA 02543, ytlin@whoi.edu), Jason Chaytor (U.S.
Geological Survey, Woods Hole, MA), Brendan J. DeCourcy, Glen
Gawarkiewicz (Woods Hole Oceanogr. Inst., Woods Hole, MA), J Michael
Jech (NEFSC, Woods Hole, MA), Andone C. Lavery, Arthur E. Newhall
(Woods Hole Oceanogr. Inst., Woods Hole, MA), Martin Siderius (Portland
State Univ., Portland, OR), William L. Siegmann (Math Sci., RPI, Troy,
NY), and Weifeng G. Zhang (Woods Hole Oceanogr. Inst., Woods Hole,
MA)

A joint ocean acoustics experiment was conducting at the southern edge
of the New England Shelf in spring 2021 to investigate the sound propaga-
tion and scattering effects of physical oceanographic (PO) processes, marine
geological (GEO) features, and biology (BIO) in the shelfbreak area. The

experiment consisted of a network of sound sources, hydrophone arrays, and
physical oceanography, and biological survey equipment was established.
The environmental processes of particular interest include shelfbreak fronts,
thermohaline intrusions, shelf water streamers, and internal waves, along
with seafloor depressions and slopes, submarine canyons, and variable
seabed properties (GEO), as well as fish schooling and shoaling (BIO). With
fixed propagation paths, acoustic fluctuations can be correlated with envi-
ronmental variations within the observation network with a temporal and
spatial scales ranging from minutes to weeks and up to 30 km. One of the
primary experiment objectives was on adaptive sampling and tracking of
acoustic sensitivity “hot spots” to improve the real-time joint ocean acous-
tics and circulation modeling that was conducted on a research vessel in the
field. This talk will review the design concept of this ocean acoustic network
and provide an overview the experiment results. [Work supported by the
Office of Naval Research.]

10:00-10:15 Break
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10:15

1aA07. Variations of acoustic ducting in the presence of gulf stream
warm core rings at the New England shelfbreak. Jennifer J. Johnson
(Woods Hole Oceanogr. Inst., Woods Hole, MA 02543, jjjohnson@ whoi.
edu), Ying-Tsong Lin, Glen Gawarkiewicz (Woods Hole Oceanogr. Inst.,
Woods Hole, MA), Brendan J. DeCourcy (Woods Hole Oceanogr. Inst.,
Falmouth, MA), and Arthur E. Newhall (Woods Hole Oceanogr. Inst.,
Woods Hole, MA)

The physical oceanographic (PO) conditions at the New England shelf-
break have become more dynamic with increased warming and meandering
of the gulf stream. Consequently, underwater sound propagation in the area
has also become more variable. The most profound PO feature that breaks
off from Gulf Stream instabilities is warm core rings, which have complex
interactions with bathymetry and seasonal shelf water masses. Warm core
rings can cause shelf water streamers to extend offshore, resulting in surface
and/or subsurface acoustic ducting conditions. This study observed acoustic
surface ducting and breakdown conditions induced by a shelf water streamer
at the New England shelfbreak. Ducting conditions were variable when a
subsequent warm core ring intruded the acoustic source and receiver net-
work, mixing with the shelf water streamer and influencing the sound propa-
gation during and after the acoustic duct breakdown period. The field
observations were also compared with a broadband numerical model. With
increasing gulf stream warm core ring formations, streamer induced surface
ducts are becoming more relevant in shelf break acoustics. [Work supported
by the Office of Naval Research.]

10:30

1aA08. Sound propagation measurements using an autonomous
underwater vehicle acoustic array in the New England shelf break
acoustics network. Natalie Kukshtel (Woods Hole Oceanogr. Inst., 98
Water St., Woods Hole, MA 02543, nkukshtel@whoi.edu), Ying-Tsong
Lin, Andone C. Lavery, Scott Loranger (Woods Hole Oceanogr. Inst.,
Woods Hole, MA), Jason Chaytor (U.S. Geological Survey, Woods Hole,
MA), and Glen Gawarkiewicz (Woods Hole Oceanogr. Inst., Woods Hole,
MA)

The New England shelf break is a highly dynamic region, which experi-
ences complex spatial and temporal water-column variations due to interac-
tions with warm core rings originating from the gulf stream. This widely
varying ocean environment leads to changes in sound speed and acoustic
propagation. Acoustic payload-equipped autonomous underwater vehicles
(AUVs) are advantageous for sound propagation measurements in such

environments due to their ability to detect changes with greater spatial reso-
lution compared to fixed moorings. An AUV-towed acoustic array was
tested and deployed in the New England Shelf Break Acoustics (NESBA)
experiment in May 2021. The acoustic AUV system was comprised of a
modified REMUS 600 vehicle, a hull-mounted 3.5 kHz transducer, and a
towed multi-channel linear hydrophone array. The AUV sound source was
tested at the Dodge Pond Naval Facility to characterize the effect of AUV
body resonance, and the resulting calibration was incorporated into the data
processing. Propagation paths between the AUV, acoustic moorings, and a
ship-towed sound source were studied to investigate the acoustic effects of
varying physical oceanographic conditions and biological scattering layers.
These measurements also enabled investigation of the local seabed condi-
tions and sub-bottom layering structure. [Work supported by the Office of
Naval Research.]

10:45

1aA09. New England shelf break acoustic (NESBA) experiment:
Seabed analysis. Martin Siderius (Portland State Univ., 1600 SW 4th Ave.,
Ste. 160-14, Portland, OR 97201, siderius@pdx.edu), Bill Stevens (Portland
State Univ., San Diego, CA), Alex Higgins, Drew Wendeborn (Portland
State Univ., Portland, OR), Ying-Tsong Lin (Woods Hole Oceanogr. Inst.,
Woods Hole, MA), Brendan J. DeCourcy (Woods Hole Oceanogr. Inst.,
Falmouth, MA), and Jason Chaytor (U.S. Geological Survey, Woods Hole,
MA)

The NESBA signals and noise experiment was conducted in April-May,
2021. The goal of the experiment was to assess the potential for improving
sonar prediction through enhanced environmental awareness. In this talk, an
overview of the experiment will be presented along with a description of the
environmental conditions. Extensive measurements and modeling were used
to help characterize the complex oceanography and seabed. The study
region had water depths that varied from 70 m to 2000 m and included a
diversity of seabed types and sub-bottom layering. Along the shelf break,
there are regions where the seabed sub-bottom layering is particularly intri-
cate. This talk will focus on the NESBA sub-goal of determining the proper-
ties of the seabed using passive sensing from two drifting, vertical
hydrophone arrays. One array had 16 hydrophones spaced at 1 m and the
other had 32 hydrophones with spacing of 0.1875 m. The seabed characteri-
zation is based on array processing techniques using the wind generated sur-
face noise. Results will be presented for seabed characterization from
several sites in the NESBA region with discussion on the potential impact
on acoustic propagation. [Work supported by the Office of Naval Research.]

Invited Papers

11:00

1aA010. Influence of stratified sub-bottom sediment layers on acoustic simulations in the New England shelf break environment.
Brendan J. DeCourcy (Appl. Ocean Phys. & Eng., Woods Hole Oceanogr. Inst., 86 Water St., Falmouth, MA 02543, bdecourcy@ whoi.
edu), Ying-Tsong Lin (Woods Hole Oceanogr. Inst., Woods Hole, MA), and Jason Chaytor (U.S. Geological Survey, Woods Hole, MA)

During the 2021 New England Shelf Break Acoustics (NESBA) Experiment, a large number of acoustic signal transmissions along
and across the continental shelf were compared with combined physical oceanographic (PO) and ocean acoustic (OA) models. This
experiment aimed to examine the influence of environmental changes in the water column on acoustic propagation in the shelf break
environment. Sub-bottom surveys carried out by a combination of autonomous underwater vehicles (AUVs) and ship-board instruments
revealed distinctly stratified sediment layers. Accounting for the properties of sub-bottom sediment layers is an integral component of
diagnosing mismatch between experimental acoustic data and simulations, as these properties can influence the attenuation and scatter-
ing of received signals. A comparison of homogeneous half-space bottom models calculated at sea in May of 2021 and improved models
which incorporate the results of sub-bottom surveys is presented, and the importance of this modeling consideration is examined for the
purposes of data and model comparisons. [This work was supported by the Office of Naval Research.]
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11:20

1aAO11. High resolution mapping of sound speed and density with broadband echo sounders. Scott Loranger (Appl. Ocean Phys.
and Eng., Woods Hole Oceanogr. Inst., 86 Water St., Woods Hole, MA 02543, sloranger@whoi.edu), Brendan J. DeCourcy (Appl.
Ocean Phys. & Eng., Woods Hole Oceanogr. Inst., Falmouth, MA), Ying-Tsong Lin (Woods Hole Oceanogr. Inst., Woods Hole, MA),
and Andone C. Lavery (AOPE, Woods Hole Oceanogr. Inst., Woods Hole, MA)

Advances in acoustic propagation and physical oceanographic modeling necessitate improved spatiotemporal resolution of water
column properties (temperature, salinity, sound speed, and density) to inform and validate models. Shipboard profiling provides
adequate vertical resolution, but high-resolution horizontal sampling is expensive and time consuming. Stationary arrays generate criti-
cal long-term data sets and high vertical resolution, however, there is a trade-off between dense horizontal sampling and total spatial
coverage. Towed systems provide dense coverage horizontally but lack vertical resolution in a single location. During the ONR funded
New England Shelf Break Acoustics experiments in 2021, sparse shipboard CTD and expendable bathythermograph (XBT) casts were
combined with backscatter measurements by shipboard broadband echo sounders to map water column physical properties of the New
England Shelf Break front with high resolution vertically and horizontally. The shipboard echo sounders detected backscatter from the
strong gradients of the shelf break front, physical microstructure, and internal waves present at the frontal boundary. Acoustically track-
ing the front between CTD casts resulted in high resolution profiles of water column properties. Acoustic propagation modeling at
500 Hz and 4 kHz was compared when using the acoustically determined water column profile and when using profiles from CTD and
XBT casts alone.

Contributed Paper

11:40

1aAO12. Assessment of passive bottom loss estimation methods in the
New England shelf break area. Tyler J. Flynn (The Johns Hopkins Univ.
Appl. Phys. Lab., 1231 Beal Ave., Ann Arbor, MI 48109, tjayflyn@umich.
edu), Gabriel P. Kniffin, Patrick Ferat, and Michael Mandelberg (The Johns
Hopkins Univ. Appl. Phys. Lab., Laurel, MD)

Proper knowledge of geoacoustic bottom properties can be critical for
accurate acoustic propagation predictions in the ocean, particularly in shal-
low environments. Unfortunately, these properties are unknown in much of
the ocean. This knowledge gap presents a need for measurement techniques
that enable the inference of critical bottom properties in a timely, cost effec-
tive manner. One such approach, proposed by Harrison and Simons, exploits

A28 J. Acoust. Soc. Am., Vol. 152, No. 4, Pt. 2, October 2022

the spatial structure of surface-generated, mid-frequency ambient ocean
noise to infer bottom loss in a region as a function of bottom grazing angle.
This method, known as the Up-Down Ratio, is fully passive and necessitates
only a vertical line array with sufficient resolution for the frequencies of in-
terest. A second approach, introduced by Buckingham, utilizes passive noise
correlation between two vertically-separated hydrophones for similar pur-
poses. In this presentation, these passive methods will be employed to esti-
mate bottom parameters from mid-frequency (2—4 kHz) MACOS glider
measurements collected within the New England Shelf Break Area as part
of the Seabed 2021 joint experiment. In addition to comparisons of the
inferred bottom parameters, discussion will include the ease of implementa-
tion of the methods as well as robustness against real data-collection chal-
lenges such as array tilt and strong surface interferers.
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MONDAY MORNING, 5 DECEMBER 2022 MILL YARD A, 8:45 A M. TO 11:50 A.M.

Session 1aBA

Biomedical Acoustics: 150th Anniversary Celebration of Paul Langevin:
Inventor of Modern Ultrasound (Hybrid Session)

Thomas L. Szabo, Cochair
Biomedical Engineering, Boston University, 44 Cummington Mall, Boston, MA 02215

Francis Duck, Cochair
None, No institutional address, Bath, BAI 3QF, United Kingdom

Chair’s Introduction—8:45

Invited Papers

8:50

laBAl. Paul Langevin: His life and family. Francis Duck (None, No institutional address, Bath BAl 3QF, United Kingdom,
bathduckf@gmail.com) and Paul-Eric Langevin (None, Paris, France)

2022 marks the 150" Anniversary of the birth of Paul Langevin, the originator of ultrasonics. He was born, lived, and died in Paris.
His parents were of modest means. He was a humanist and a rationalist. Scientifically precocious, he was taught by Pierre Curie and
spent a year at the Cavendish Laboratory, Cambridge. He gained a professorship at the ESPCI eventually becoming Director there. He
also was Professor at the Collége de France, where his talent as a teacher gained wide recognition. He married Jeanne Desfosses in1898
and his children were as important to him as his science. They had two sons, Jean and André, both physicists, and two daughters Made-
leine and Hélene. Paul-Gilbert, son of his scientific co-worker Eliane Montel, became a physicist and musicologist. In the interwar years
he was an anti-Fascist activist. Imprisoned in 1940, he was then placed under house arrest in Troyes. After escaping to Switzerland in
1944, he returned to huge acclaim in liberated Paris. Elected as a Councilor for the Communist Party, he led the Committee for the Reor-
ganization of Education in France, in spite of failing health. He died in 1946 and is interred in the Pantheon.

9:10

1aBA2. Paul Langevin the Scientist. Stefan Catheline (INSERM U1032, 151 Cours Albert Thomas, Lyon 69003, France, stefan.
catheline@inserm.fr)

“Summarizing Paul Langevin’s work implies revising the whole history of physics (...), this is a difficult but exciting task” Louis de
Broglie said during Langevin’s funeral. Paul Langevin was a universal mind, and he had worked in all branches of physics: gaseous
ions, Brownian motion, electromagnetism, dia and para magnetism, birefringence, special relativity, ultrasonic waves, and neutron colli-
sions. Very rare are those who can pretend to such a scientific impact. Yet at the same time, during a time span that included two world
wars, Paul Langevin directed an engineering school ESPCI (Ecole Supérieure de Physique et Chimie Industrielle), gave courses at col-
lege de France, ENS (Ecole Normale Supérieure), and was actively involved in the Solvay Conferences that he organized when Hen-
drick Lorentz passed away. The last part of the presentation is devoted to the present Paul Langevin legacy. As illustrations, a
membrane wave experiment that revisits the 1919 Eddington observation of Albert Einstein prediction is followed by a walking liquid
droplet set-up by Yves Couder. Open questions about the unfinished work that Paul Langevin and his scientific Solvay group left us will
conclude this presentation.

9:30

1aBA3. Langevin’s ultrasonics. Francis Duck (None, No institutional address, Bath BA1 3QF, United Kingdom, bathduckf@gmail.
com)

Langevin’s work in ultrasonics, which resulted in about twenty publications and patents, will be reviewed. At the beginning of
WWI, encouraged by Marie Curie, he started work on a directional ultrasonic system to detect submarines and for underwater communi-
cations, based on Chilowski’s proposal. Rejecting whistles, sirens and magnetic sources, he used a large mica ‘singing’ condenser for
transmission, and proposed a large area carbon granule microphone as receiver. Noise problems with carbon receivers led Langevin, in
early 1917, to test a single large slice of quartz, cut perpendicularly to one of its three electrical axes. This orientation differed from that
used by Jacques and Pierre Curie’s quartz piezo-électrique, in which the stress and electrical axes are perpendicular. Later that year he
demonstrated quartz as a transmitter, creating the enabling technology for later ultrasonic developments. The knowledge was freely dis-
seminated to other Allied laboratories. After the war, Langevin gave the first ever course on theoretical and practical ultrasonics. He
facilitated the technological transfer of pulse-echo technology from military to civil sectors and the establishment of a laboratory in
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Toulon for the certification of ultrasonic transducers. His co-workers went on to study magneto-strictive and high-frequency quartz
transducers, therapeutic applications, and finite-amplitude propagation.

9:50

1laBA4. Langevin’s contributions to pulse echo piezoelectric transducers. Thomas L. Szabo (Biomedical Eng., Boston Univ., 44
Cummington Mall, Boston, MA 02215, tlszabo@bu.edu)

Paul Langevin made fundamental discoveries which laid the foundations of modern pulse echo ultrasound over a hundred years ago.
He was the first to employ piezoelectric crystals, X-cut quartz, with the propagation and electric axes aligned. In his design, the crystal
thickness was a half-wavelength longitudinal wave resonator for both a transmitter and receiver which is the most popular configuration
in use today. He invented the Langevin transducer which added two quarter wave layers on either side of the piezoelectric crystal to
increase overall efficiency. A mosaic pattern embodied smaller pieces of scarce quartz. His original designs will be demonstrated
through simulator models. By selecting ultrasound frequency of 40 KHz, he was able to make more directive beams and extend range
for pulse echo detection. By adding triode amplifiers, the sensitivity of reception was increased greatly, and transmission powers of a kil-
owatt were achieved. With special circuits for making short pulses, long range, high resolution pulse echo ranging became a practical
reality. Langevin’s innovations led to sonar and eventually to ultrasound imaging.

10:10-10:30 Break

10:30

1aBAS. Paul A. Langevin’s contributions to nonlinear acoustics. Mark F. Hamilton (Walker Dept. of Mech. Eng., The Univ. of
Texas at Austin, Austin, TX 78712-1591, hamilton@mail.utexas.edu)

Paul A. Langevin made several important contributions to nonlinear acoustics, but our knowledge of these contributions is mainly
due to accounts given by others, most notably Biquard (Ann. Phys., 1936). At the end of Chapter 1 in Nonlinear Acoustics (ASA, 2008),
Blackstock summarizes Biquard’s account, which is in turn based on lectures delivered by Langevin at the Collége de France in 1923.
Langevin derived the coefficient of nonlinearity for liquids, predating the quantity subsequently expressed as =1+ B/2A, and provided
measured values for several liquids. He also obtained an expression for the profile of a steady shock wave and described its subsequent
decay, predating the classical Fay solution published in 1931. However, Langevin is most well known in nonlinear acoustics for a quan-
tity that bears his name, the Langevin radiation pressure, and for what distinguishes it from the Rayleigh radiation pressure [Beyer
(JASA, 1978)]. Rayleigh’s result applies to a constrained field such as a standing wave in a closed tube, and it depends on the nonlinear-
ity parameter B/A, whereas Langevin’s result applies to an unconstrained field such as a sound beam, which is more common in practice,
and it is independent of B/A.

10:50

1aBA6. From sonar to medical ultrasound—The impact of Paul Langevin. J. Brian Fowlkes (Radiology, Univ. of Michigan, 3226C
Medical Sci. Bldg. I, 1301 Catherine St., Ann Arbor, MI 48109-5667, fowlkes@umich.edu)

The technical developments and discoveries of Paul Langevin figuratively and literally powered an incredible spectrum of scientific
achievement. The quartz transducer technology of his 1918 patent (Procédé et appareils d’ émission et de réception des ondes élastiques
sous-marines a I’ aide des propriétés piézo-électriques du quartz. — French Patent No. 505,703) enabled a level of acoustic output power
generally unavailable at ultrasonic frequencies along with an increase in detection sensitivity. While there were disputes as to who
should have been included on this patent, its effect on the field of ultrasonics is clear. The impetus for this work was largely high-power
sonar for military application but his reported observations of effects on fish and even humans ushered in a new era of ultrasound bioef-
fects investigations including those of the famous Loomis Laboratory and numerous others. This is arguably the genesis of the rich tradi-
tion of research in ultrasound bioeffects and helped drive the pursuit of diagnostic and therapeutic applications of ultrasound including
work by such famous researchers as the Fry Brothers. This presentation will review the evolution of bioeffects from the Langevin’s
work and its impact on the field of medical ultrasound.

11:10

1aBA7. From Paul Langevin’s quartz sensor to ultrasound metrology of today. Peter A. Lewin (School of Biomedical Eng., Drexel
Univ., 3141 Chestnut St., Philadelphia, PA 19104, lewinpa@drexel.edu)

This talk focuses on the remarkable impact of Paul Langevin’s research since he (in 1917) proposed to use the piezoelectric proper-
ties of quartz for underwater detection of ultrasound signals. Not only has his pioneering idea opened the field of quantitative measure-
ments of acoustic waves, but it also had far-reaching implications for the development of modern ultrasound metrology, driven by the
need to ensure the safety of ultrasound used in visualizing of internal human organs for diagnostic applications and maximizing the
efficacy and precision of treatment in therapeutic application of ultrasound waves. In summarizing the current advances in ultrasound
metrology, a succinct background explaining why, initially, both the scientific community and industry were skeptical about the exis-
tence of the nonlinear (NL) wave propagation in tissue will be given and the design of an adequately wideband piezoelectric polymer
hydrophone probe that was eventually used to verify that the 1-5 MHz probing wave then used in diagnostic ultrasound imaging was
undergoing nonlinear distortion and generated harmonics in tissue will be discussed. [ Work supported by the NIHNINR through Grant
No.5SROINR015995. The contents of this presentation are solely the responsibility of the authors and do not necessarily represent the of-
ficial views of the NIH.]
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11:30

1aBAS8. Ultrasound in oceanography and seabed mapping. Philippe Blondel (Phys., Univ. of Bath, Claverton Down, Bath, Avon and
NE Somerset BA2 7AY, United Kingdom, pyspb@bath.ac.uk)

The scientific achievements of Paul Langevin are numerous and far-reaching. In the 150™ anniversary of his birth, we look at one of
his early contributions, forged in the heat and pressure of World War I. For most historians of science, Paul Langevin is the creator of
sonars, and this opened a totally new window onto our world. In their first century of use, sonars quickly spread throughout the world,
revealing the depths of the oceans, the complexities of marine life and the richness of oceanography. In the last decades, their capabil-
ities were greatly augmented with the use of new materials and new techniques, from photographic techniques to computers and Artifi-
cial Intelligence. The early innovations of Paul Langevin enabled new fields of science, and this talk will explore the physics as well as
the links between research, industry and governments that made these advances possible. Francois Rabelais, the French Renaissance
humanist, wrote that “Science without conscience is only ruin of the soul,” and the life of Paul Langevin fully illustrated this sentence.
This first century of ultrasound in oceanography and seabed mapping has lessons for future efforts in research efforts and its applications
throughout the world, especially as oceans are crucial to climate changes.

MONDAY MORNING, 5 DECEMBER 2022 SUMMIT B, 9:00 AM. TO 12:00 NOON

Session 1aNS

Noise, Psychological and Physiological Acoustics and Architectural Acoustics:
Community Impacts Associated with Entertainment Sound

Brandon Cudequest, Cochair
Threshold Acoustics, 141 W Jackson Blvd. Suite 2080, Chicago, IL 60604

David S. Woolworth, Cochair
Roland, Woolworth & Associates, 356 County Road 102, Oxford, MS 38655-8604

Invited Papers

9:00

1aNS1. A raceway’s outdoor concerts get shut down by new residents. Sarah Taubitz (45dB Acoust., LLC, PO BOX 1717, Buellton,
CA 93427, st@45dB.com)

An existing raceway near a state highway desired to add concerts to its schedule. The oval racetrack (cars, motorcycles, etc.) has
been in the community for decades, and more recently houses have been built within 700 feet. 45dB Acoustics acoustically modeled the
concert situation, reporting that sound levels from concerts would be not unlike those from existing racetrack events. Nearby residents
had signed their acknowledgement of potential noise from the racetrack, but some complained to the County about live music being “a
new project and not an approved use of the facility.” A Commercial Outdoor Entertainment License application was then required and
granted by County Board of Supervisors, which included a public hearing at which the author was present to answer any Board ques-
tions. Although the License was granted, COVID put everything on hold, and some residents filed a lawsuit citing that the Board improp-
erly granted an exemption of an Environmental Impact Review and California Environmental Quality Act review. After COVID
restrictions lifted, the Board required the applicant to repeat the application process. Raceway ownership has not only abandoned the
concerts, but also completely shut down the business, citing legal and consultant fees.

9:20

1aNS2. Advocating the use of C weighted measurements in sound ordinances to manage modern music entertainment sound.
David S. Woolworth (Roland, Woolworth & Assoc., 356 County Rd. 102, Oxford, MS 38655-8604, dwoolworth@rwaconsultants.net)

Indoor and outdoor modern music entertainment since the 1980s has had incrementally more low frequency content with the advent
of inexpensive, efficient, and portable subwoofers. Commercial sound reinforcement systems are being developed to reproduce lower
frequencies and higher sound levels. Once sound leaves the venue, the low frequencies can travel the furthest, diffract around obstacles,
and more easily penetrate building envelopes; in addition, it often comes in the form of impulses which are more easily detectable by
the listener. Many ordinances only utilize A weighted sound metrics, which leaves enforcement at a loss to remedy low frequency
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complaints using sound level violations. This paper will examine the sound spectra of different musical genres, modern sound systems,
building envelope sound transmission, frequency based propagation, and sound measurement metrics, and the resulting need for and
advantages of the use of C weighted measurements. The material is intended to provide a comprehensive way to explain the benefits of
C weighted limits and measurements to stakeholders in ordinance development and enforcement.

9:40

1aNS3. Can rock and roll be a good neighbor: Auralizing the thump next door. John T. Strong (Threshold Acoust., 141 W Jackson
Blvd., Ste. 2080, Chicago, IL 60604, jstrong@thresholdacoustics.com), Brandon Cudequest, and Dawn Schuette (Threshold Acoust.,
Chicago, IL)

Downtown Omaha is undergoing significant revitalization to include a 3,000-capacity live music venue. While myriad event types
are expected in this new venue, a substantial portion are expected to be high-energy, high-volume musical performances such as
rock/metal, country, hip hop, and electronic dance music. This new building is sited within one hundred feet of condominiums, apart-
ments, and a hotel. The overall area is zoned as a central business district and has a permissive policy for decibel limits at neighboring
properties. This paper will discuss how the design team helped project stakeholders create a good neighbor policy through the use of aur-
alizations and how those criteria informed the enclosure design and sound isolation strategies for the venue.

10:00

1aNS4. Preventing, predicting, and simulating the noise impact of one indoor music venue on another through a large glass wall.
Adam Paiva (Jaffe Holden, 41 Lafayette Ave., Kingston, NY 12401, adam.paiva@gmail.com)

Jatfe Holden has worked on a confidential new project in Cambridge, MA in a proposed new building which will feature a 2-venue
performing arts center in the lower floors of the building. The PAC includes a multi-use theater for music, speech, and dance with a large
upstage wall made predominantly of a glass curtain-wall system. On the opposite side of the glass is an atrium with a second smaller
venue that will also feature loud music programming. The client would like to allow as much flexibility in programming for both spaces
as possible, while avoiding acoustic impact between the two spaces. As acoustical consultants on the project, Jaffe Holden modeled dif-
ferent glazing systems and provided recommendations to achieve the project goals. We used our acoustic lab to simulate the effect of
different curtain-wall designs and played back the demo to the client to provide a subjective listening evaluation in addition to computa-
tional decibel predictions. This paper will study the acoustical challenges with this pairing, the challenges in acoustically modeling the
performance of the curtain-wall, the architectural/constructability/budget challenges associated with the curtain-wall, and the lab demo
simulation that was used to help the client make design decisions.

10:20-10:35 Break

10:35

1aNS5. Soundscape planning for mixed use urban communities. Gary W. Siebein (Siebein Assoc.,Inc., 625 NW 60TH St., Ste. C,
Gainesville, FL 32607, gsiebein@siebeinacoustic.com), Keely M. Siebein, Gary Siebein Jr., Marylin Roa, Jennifer Miller, and Matthew
Vetterick (Siebein Assoc., Inc., Gainesville, FL)

Mixed use urban communities with a variety of retail, dining, entertainment, commercial, and residential occupants on one building
or within several blocks of each other often bring a vitality to cities and towns. Careful planning and design are needed for the different
uses to maintain sonic compatibility with each other over a 24-hour day. There are acoustical challenges in measuring amplified enter-
tainment sounds due to the rapid succession of individual notes and words in pieces of music or trains of speech. Sounds of vehicles
with straight pipes revving engines as they drive through a main street is another acoustical challenge. The enclosed walls of glass, metal
and masonry of high-rise building create sound reflections and reverberation similar to what occurs in closed rooms reducing the decay
of sounds with distance. Soundscape measurements, computer model studies of urban sound flows, implementing acoustical strategies
as part of a design and planning process and addressing the challenges of rapidly time varying sounds measured by LAeq’s are among
the methods that are often implemented to address these issues. A case study of acoustical design for a revitalizing urban area is pre-
sented with its challenges, design processes, and initial strategies discussed.

Contributed Papers

10:55

1aNS6. Design and optimization of sound reinforcement systems for
outdoor venues to minimize community noise impact. Gino Pellicano
(none, 853 Warwick Dr., Thousand Oaks, CA 91360, gino.pellicano@
gmail.com) and Scott Sugden (none, Westlake Village, CA)

Outdoor entertainment venues are often constructed adjacent to residen-
tial communities, resulting in disruptive noise pollution during live events.
This presentation offers an overview of the environmental noise impact of
reinforcement systems used in outdoor venues and explores solutions for
reducing noise impact to surrounding communities. We will discuss how
cardioid and end-fire techniques, coupled with mechanical and electronic
optimization can deliver significantly improved broadband pattern control
and reduce the environmental noise impact of sound reinforcement
systems.
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11:10

1aNS7. Sound intensity and directivity measurements for a loudspeaker
canopy in a restrictive noise environment. Francisco J. Irarrazabal (MD
Acoust., 170 S William Dillard Dr., Ste 103, Gilbert, AZ 85233, francisco@
mdacoustics.com), Robert M. Pearson, Michael L. Dickerson, and Samuel
K. Hord (MD Acoust., Gilbert, AZ)

It is common to have noise complaints from outdoor event and entertain-
ment venues in urban and non-urban environments due to the loudness of
the reinforcement system, rhythmic nature of the music, acoustical spec-
trum, and the geometric spreading of said system. Complaints about noise
from events, bars, and restaurants are on the rise. Increasing traffic, con-
struction, and commercial activities tend to increase the ambient noise level
in urban environments, creating noise creep. The pandemic restrictions
helped reduce the ambient levels in the urban and non-urban areas.
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However, after the reopening, more and more noise complaints started to be
issued since residents were more sensitive to noise pollution. This paper
presents a practical application of the source directivity for a loudspeaker
system. The loudspeaker canopy is designed to produce a radiation pattern
directing the main beam lobe to the front of the array and reduce the noise
propagation to other directions. This device can be implemented in enter-
tainment and outdoor events (such as wedding parties) to reduce the noise
impact on sensitive receivers and meet the jurisdictional noise regulations.
Real-world acoustic intensity measurements were made to obtain the sys-
tem’s sound power and assess the noise impact at distances up to 35 feet
away from the source. The viability of using the system for outdoor activ-
ities within locations restricted by the City’s ordinances is discussed.

11:25

1aNS8. The New Rady Shell at Jacobs Park in San Diego. Jason Duty
(Salter, San Francisco, CA), Valerie Smith (Salter, 1100 Dexter Ave. N,
Ste. 100, Seattle, WA 98107, valerie.smith@cmsalter.com), Felipe Tavera,
Tom Schindler, and David Schwind (Salter, San Francisco, CA)

Located along the waterfront at Jacobs Park, the Rady Shell is the
summer home for the San Diego Symphony. The shell opened in summer

2021 as a unique outdoor venue in downtown San Diego. When not used for
performances, the lawn is open to the public. Salter provided input on the
physical acoustics and technology components within the shell. This presen-
tation focuses on the interior acoustics of the shell. The shell utilizes the first
Meyer Sound Constellation system designed for stage acoustics in an out-
door venue. To enhance the experience for the symphony on stage, a mix-
ture of reflective and diffusive panels were used to provide some natural
early reflections. During design, the ODEON Room Acoustics software was
used to predict the acoustical response on the stage. Above the stage, the
shell features a checkerboard pattern of absorptive and reflective panels. At
the lawn, Salter worked with L’Acoustics to design a sound system that
focused sound on the audience to reduce impact to the neighboring
properties.

Invited Paper

11:40

1aNS9. A game theory model of the Lombard effect in public spaces. Braxton Boren (Performing Arts, American Univ., 4400
Massachusetts Ave. NW, Washington, DC 20016, boren@american.edu)

The Lombard effect is the tendency for humans and other animals to raise their vocal intensity in the presence of background noise.
As a result, the aggregate effect of many people talking in a public space can lead to multiple equilibria for speech intelligibility, as the
incentive for an individual conversation is dependent on the actions of all the other speakers in the space. This system is modeled using
game theory, in particular, an n-person Prisoner’s Dilemma model, otherwise known as the Unscrupulous Diner’s Dilemma. It is sug-
gested that conscious knowledge of the dynamics of the system can affect the system’s behavior up to a point, but that gradually the sub-
conscious process of the Lombard Effect will cause the system to increase in background noise, only limited by the comfort of each

speaker’s voice or an exogenous interrupting event.
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MONDAY MORNING, 5 DECEMBER 2022 GOLDEN PASS, 8:00 AM. TO 11:45 A M.

Session 1aPA

Physical Acoustics and Biomedical Acoustics: Acoustofluidics

James Friend, Cochair
Mechanical and Aerospace Engineering, University of California San Diego, 9500 Gilman Dr MCO0411,
MADLab SME344K, La Jolla, CA 92093

Charles Thompson, Cochair
Electrical and Computer Eng., UMASS Lowell, 1 Univ. Ave., Lowell, MA 01854

J. Mark Meacham, Cochair
Mechanical Engineering & Materials Science, Washington University in Saint Louis, 1 Brookings Dr .,
Jubel Hall, Rm 203K, Saint Louis, MO 63130

Kedar Chitale, Cochair
Flodesign Sonics, Inc., 380 Main Street, Wilbraham, MA 01095

Max Denis, Cochair
University of the District of Columbia, 4200 Connecticut Ave. NW, Washington, D.C. 20008

Invited Papers

8:00

1aPAl. Acoustic radiation torque on an interface reflecting acoustic vortex beams. Likun Zhang (National Ctr. for Physical Acoust.
and Dept. of Phys. and Astronomy, Univ. of MS, 145 Hill Dr., University, MS 38655, zhang@olemiss.edu)

Torque exerted by acoustic waves to rotate objects can result from asymmetry such as the case of an averaged torque on a Rayleigh
disk exerted by an ordinary acoustic field. In the absence of asymmetry, acoustic torque can occur by viscous absorption either in the
object or in the adjacent boundary layer of the object when using specific types of acoustic fields such as acoustic vortex beams carrying
twisted wave fronts [Zhang and Marston, Phys. Rev. E 84, 065601 (2011)] or two orthogonal standing wave fields [Zhang and Marston,
J. Acoust. Soc. Am. 136, 2917 (2014)]. Recent study suggested a torque on a flat water-air interface exerted by an ultrasonic vortex
beam obliquely incident and reflecting off the interface [Zou, Lirette, and Zhang, Phys. Rev. Lett. 125, 074301 (2020)]. This torque is
not associated with viscous absorption and instead results from variation of orbital angular momentum carried by the vortex beam during
the reflection. The torque would otherwise disappear in normal incidence or using ordinary beams. The investigations advance under-
standing of radiation torque physics and approaches for non-contact manipulations using acoustic waves.

8:30

1aPA2. Microscopic rogue waves in strongly nonlinear capillary wave turbulence. Jeremy Orosco (Mech. and Aerosp. Eng., Univ.
of California San Diego, 13754 Mango Dr. Unit 306, Del Mar, CA 92014, jrorosco@ucsd.edu), William Connacher, Kha Nguyen
(Mech. and Aerosp. Eng., Univ. of California San Diego, San Diego, CA), and James Friend (Mech. and Aerosp. Eng., Univ. of
California San Diego, La Jolla, CA)

When an otherwise quiescent minuscule (O(<107%)ul) basin of water is driven by ultrasonic vibrations at high frequencies
(O(ZlOﬁ)Hz) and with nanoscale (O(§1079)m) amplitudes, turbulent capillary waves that are visible by eye (OO0 m amplitudes and
O(10™")s periods) form at the air-water interface. Classical mechanisms typically attributed to such instabilities—such as Faraday wave
theory—are absent. Contemporary wave turbulence studies have been mainly limited to weakly nonlinear regimes. In this talk, we pres-
ent detailed measurements of strongly nonlinear, microscopic capillary wave turbulence. We show that this regime is reliably statisti-
cally characterized as an alpha-stable Lévy flight with a varying tail parameter. Our results demonstrate that as input power is increased,
the heaviness of distribution tails also increases so that rogue events play an increasingly prevalent role in the overall wave system.
Implications for future study and potential applications within the area of controlled atomization are discussed.
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9:00

1aPA3. Acoustically driven shear mechanoporation for efficient intracellular delivery and transfection. J. Mark Meacham (Mech.
Eng. & Mater. Sci., Washington Univ. in Saint Louis, 1 Brookings Dr., Jubel Hall, Rm 203K, Saint Louis, MO 63130, meachamjm@
wustl.edu)

Delivery of large and structurally complex molecules into cells is useful in numerous biomedical applications. Furthermore, this
capability is critical to the emerging area of cell-based therapeutics. Extant in vivo (viral) and in vitro (chemical, electrical) methods are
often inadequate for protein, nucleic acid, and synthetic nanomaterial delivery, leading researchers to develop alternative physical
approaches. Over the past two decades, our lab has established a micromachined ultrasonic droplet generator that uses geometric focus-
ing of acoustic waves to break the liquid surface and form extremely fine droplets. More recently, we have found that these focused
mechanical forces generated on a microsecond time scale can be applied to reversibly disrupt the membranes of cells. Acoustic shear
poration (ASP) relies on cell ejection from microscale orifices only slightly larger than the cells to open transient pores large enough for
passage of small to large macromolecules at greater than 75% efficiency. I will discuss the principles of device operation, the connection
between operating parameters and treatment outcomes, and the limitations of diffusive delivery following mechanoporation. I will also
introduce a two-stage approach that combines mechanoporation and an electrophoretic action to improve transfection and delivery of
complex assemblies that carry multiple payloads.

Contributed Papers

9:30

1aPA4. An investigation of the maximum particle velocity as an
invariant in acoustofluidic applications and more. Arik Singh (Mech. and
Aerosp. Eng., Univ. of California San Diego, San Diego, CA), Naiqing
Zhang (Mech. and Aerosp. Eng., Univ. of California San Diego, La Jolla,
CA), and James Friend (Mech. and Aerosp. Eng., Univ. of California San
Diego, 9500 Gilman Dr. MC0411, MADLab SME344K, La Jolla, CA
92093, jfriend@ucsd.edu)

Vibrating materials experience internal stress waves that can cause
material failure or energy loss due to inelastic vibration. Failure is tradition-
ally defined in terms of acceleration, yet this approach has many drawbacks,
principally because it is not invariant with respect to scale, type of vibration,
or material choice. Here, the likelihood of failure is instead defined in terms
of the maximum particle velocity. While the exact dependence of the inter-
nal stress on the particle velocity may be determined for specific cases, here
we take a statistical approach in seeking a universal maximum particle
velocity correlated to a specific risk of material failure. Our Monte Carlo-
based analysis on a variety of materials, vibration types and frequencies,
structures with flaws, and vibration velocities produced results in support of
the notion that a maximum particle velocity on the order of 1 m/s is a uni-
versal and critical limit. Upon exceeding this limit, we find the probability
of failure or excessive acoustic loss in suppression of the vibration to
become significant, regardless of the details of the material, geometry, or
vibration. We illustrate this in a specific example relevant to acoustofluidics,
a simple surface acoustic wave device with fluid sample, and point out the
value of using the maximum particle velocity as a design invariant.

9:45

1aPAS. Acoustic streaming in a channel. Charles Thompson (Elec. and
Comput. eng, UMASS Lowell, 1 Univ. Ave. Lowell, MA 01854, charles_
thompson@uml.edu), Max Denis (Univ. of the District of Columbia,
Washington, DC), and Kavitha Chandra (Elec. and Comput. eng, UMASS
Lowell, Lowell, MA)

This paper presents an analysis of acoustic streaming in a 2D channel.
The unsteady flow resulting from acoustic excitation of the enclosed fluid is
of particular interest. The magnitude of the streaming velocity will depend
on the Strouhal, S, and oscillatory Reynolds numbers, R. For the frequencies
of interest, 1/R and 1/S are much less than one. Results are given for the
streaming Reynolds number R/S?=0(1). Pressure correction approaches
used to satisfy the no-slip boundary condition are explored.

10:00-10:15 Break
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10:15

1aPA6. Interactions between epithelial cells after their exposure to
ultrasounds. Jon Luzuriaga (Inst. of Physical Techs, Dept. of Ultrasounds,
Consejo Superior de Investigaciones Cientificas CSIC, Madrid, Spain), Iciar
Gonzalez (Inst. of Physical Techs, Dept. of Ultrasounds, Consejo Superior
de Investigaciones Cientificas CSIC, Serrano 144, Madrid 28006, Spain,
iciar.gonzalez@csic.es), and Manuel Candil (Inst. of Physical Techs, Dept.
of Ultrasounds, Consejo Superior de Investigaciones Cientificas CSIC,
Madrid, Spain)

Motions of a pair of epithelial cells over a substrate become altered after
their exposure to ultrasonic waves at a frequency close to 1 MHz. An irradi-
ation of 20 min on the cell samples produces on them long-term effects,
which experience alternating slow attraction repulsion processes in direction
perpendicular the acoustic vector direction. One cell approaches toward the
other one, which shows retractile motion of its fillopodia, acquiring a
rounded shape in self-protection mode. after some hours, the situation is
reversed: the retracted cell ceases to be so and begins to advance towards
the “invading” cell, reversing the roles. These approaching-repulsion proc-
esses take several hours after the ultrasonic irradiation during the culture.
These experiments evidence singular long-term effects of the ultrasounds on
the biodynamics of epithelial cells at certain acoustic conditions.

10:30

1aPA7. Using motile cells to characterize surface acoustic wave-based
acoustofluidic devices. Advaith Narayan (Mech. Eng. and Mater. Sci.,
Washington Univ. in Saint Louis, 1 Brookings Dr., Saint Louis, MO 63130,
narayan@waustl.edu), Mingyang Cui, and J. Mark Meacham (Mech. Eng. &
Mater. Sci., Washington Univ. in Saint Louis, Saint Louis, MO)

Acoustic microfluidics is a robust and powerful method to manipulate
cells and cell-like particles on chip, having good biocompatibility and ease
of incorporation into multioperation microfluidic devices compared to
optical manipulation. However, the use of acoustic microfluidics is largely
confined to research settings. The primary barrier to translation of this tech-
nology toward clinical and industrial uses is the inability to experimentally
determine the pressure field (shape and amplitude) and associated acousto-
phoretic forces in real time as device conditions vary. Despite the multitude
of previous characterization methods, none provide the flexibility of motile
cells (e.g., the unicellular alga Chlamydomonas reinhardtii) as probes to
map evolving pressure fields on chip. We have previously developed this
approach for use with bulk acoustic wave (BAW)-based devices. Here, we
extend the method to qualitatively assess device resonances and relative
field strengths for surface acoustic wave (SAW)-based devices with straight
channels and circular chambers driven at 6 MHz and 20 MHz. The fabrica-
tion and electrical characterization of hybrid BAW/SAW devices with glass
channels are also discussed. Upon testing, the optimal device operating pa-
rameters are identified using impedance measurements, as well as visual
identification of resonant frequencies using the swimming algae cells.
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10:45

1aPAS8. Cell-like microparticles with tunable acoustic properties for
calibrating devices. Clara E. Tandar (Ctr. for Biomedical Eng., Brown
Univ., 91 Waterman St., Ste. 211, Providence, RI 02912, clara_tandar@
brown.edu), Ryan Dubay, Eric Darling (Ctr. for Biomedical Eng., Brown
Univ., Providence, RI), and Jason Fiering (Draper Lab., Cambridge,
MA)

Mechanophenotype of biological cells has demonstrated correlation
with biomolecular states and cell function. Hence, new methods to measure
mechanophenotype at high throughput are of growing interest. Acoustopho-
retic microdevices can characterize cell mechanical features; however, cali-
bration particles with physiologically relevant properties are needed to
quantify and optimize device performance. Currently, conventional polymer
microspheres are rigid and do not replicate cell deformation and compressi-
bility. To address this, we developed monodisperse, tunable, cell-like micro-
particles (MPs) from polyacrylamide hydrogel, fabricated with a
microfluidic droplet generator. Size and compressibility are adjusted by fab-
rication parameters, and density is adjusted by incorporation of nanopar-
ticles (NPs). Here, we present for the first time microparticles of reduced
density and acoustic contrast (lower than unloaded MPs) achieved by load-
ing MPs with nanoparticles of low molecular weight alkanes. We produced
the NPs by sonication and photopolymerization before addition to the MP
precursor. NP-loaded MPs were less dense than unloaded MPs at 1005.9
and 1013.6kg/m?, respectively, and they exhibited negative acoustic contrast
by acoustophoresis in aqueous medium while that of unloaded MPs was
positive. These new particles extend the tunable range of acoustic contrast,
mimicking and exceeding that of most biological cells and could also aid
cell separation when conjugated to cells.

11:00

1aPA9. Sensitivity of acoustic parameters on the reflected signal from a
rigid porous medium in the low-frequency range of ultrasound.
Mustapha Sadouki (Acoust. and Civil Eng. Lab., Khems-Miliana Univ.,
none, Rte. Thenia el Had, Khemis-Miliana 44225, Algeria, mustapha.
sadouki@univ-dbkm.dz), Abdelmadjid Mahiou (Theor. Phys. and Radiation
Matter Interaction Lab., Soumaa, Blida.Acoust. and Civil Eng. Lab.,
Khemis-Miliana Univ., none, Khemis-miliana, Algeria), and Nacera Souna
(Acoust. and Civil Eng. Lab., Khems-Miliana Univ., none, Khemis-Miliana,
Algeria)

Porous materials are two-phase media consisting of pores saturated with
a fluid emerging from a solid skeleton. There are several parameters describ-
ing the porous medium. These parameters are classified into two categories:
the high-frequency parameters and the low-frequency parameters. During
the excitation by an acoustic wave, two cases can occur; the vibration of
both phases simultaneously in the case where the structure is flexible, this
case is well studied by Biot theory. For a rigid structure, it is the movement
of the fluid that is taken into account; this last case is treated by the equiva-
lent fluid theory which is a particular case of Biot theory. Previous work
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[Proc. Mtgs. Acoust. 45, 045004 (2021)] has shown the influence of the
parameters involved in the corrected Johnson-Allard model recently intro-
duced by Sadouki [Phys. Fluids 33, (2021)] on the transmitted signal from a
rigid-porous material in the low-frequency regime of ultrasound. The objec-
tive of this work is to show, once again, the influence of the same parame-
ters on the reflected signal by providing a comparative study between
transmitted and reflected modes.

11:15

1aPA10. Acoustic erythrocytometer for mechanical cell probing.
Andreas Link (Biomedical Eng., Univ. of Glasgow, Glasgow City, United
Kingdom) and Thomas Franke (Biomedical Eng., Univ. of Glasgow,
Rankine Bldg., R522, Glasgow City G12 8LT, United Kingdom, thomas.
franke@glasgow.ac.uk)

The mechanical properties of cells provide key insights into the type,
differentiation and/or pathology of a cell. The mechanical analysis of a cell
population, such as a blood sample, enables meaningful biological and med-
ical interpretation for the diagnosis and monitoring of diseases. There are
number of diseases, which alter the mechanical properties of human red
blood cells (RBCs). Here, an acoustic method to probe both the viscous and
elastic mechanics of single RBCs by SAW in a microfluidic device is pre-
sented. The device operates by exciting a surface acoustic wave in a micro-
fluidic channel creating a stationary acoustic wave field of nodes and
antinodes. RBCs are attracted to the nodes and are deformed. Using a step-
wise increasing and periodically oscillating acoustic field, the static and
dynamic deformation of individual red blood cells one by one was studied
and the deformation by the Taylor deformation index D and relaxation times
were quantified. The precision of the measurement allows to distinguish
between individual cells in the suspension and provides a quantitative visco-
elastic fingerprint of the blood sample with a resolution of a single cell. The
method overcomes limitations of other techniques that provide averaged
values and has the potential for high-throughput screening.

11:30

1aPA11l. Phase speed and attenuation determination of a monodisperse
liquid at the single bubble resonance using a single and two microphone
transfer function method. Stanley A. Cheyne (Phys. & Astronomy,
Hampden-Sydney College, Dept. of Phys., Hampden-Sydney, VA 23943,
scheyne@hsc.edu), H O. Thurman, and R G. Holt (Phys. & Astronomy,
Hampden-Sydney College, Hampden-Sydney, VA)

The phase speed and attenuation of a bubbly liquid were determined.
The experimental configuration consisted of a vertical stainless steel tube
partially filled with water and pressurized air flowing through a single hypo-
dermic needle at the bottom. The sound source was located in the air-filled
portion at the top of the tube. A SRS-785 spectrum analyzer was used to
measure and calculate the transfer function. Once the impedance was found,
the phase speed and attenuation was calculated from the complex wave
number.
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Session 1aSA

Structural Acoustics and Vibration: Tunable Metamaterials

Ganesh U. Patil, Cochair
Mechanical Science and Engineering, University of Illinois Urbana-Champaign,
144 Sidney Lu Mechanical Engineering Building, MC-244, 1206 West Green Street, Urbana, IL 61801

Benjamin M. Goldsberry, Cochair
Applied Research Laboratories at The University of Texas at Austin, 10000 Burnet Road, Austin, TX 78758

Elizabeth Smith, Cochair
Mechanical Science and Engineering, University of Illinois at Urbana Champaign,
Mechanical Engineering Building, 1206 W Green St., Urbana, IL 61801

Chair’s Introduction—9:00

Invited Papers

9:05

1aSAL. Tunablility at the ultra-low-frequency via inerter-based elastic metamaterials. Pai Wang (Mech. Eng., Univ. of Utah, 1495
E 100 S, MEK Bldg., Salt Lake City, UT 84112, pai.wang@utah.edu), Faisal Jamil (Intel, Portland, OR), Fei Chen, Robert G. Parker
(Mech. Eng., Univ. of Utah, Salt Lake City, UT), and Bolei Deng (MIT, Salt Lake City, UT)

Inerter is a mechanical device capable of exhibiting an inertial effect that is orders-of-magnitude larger than its physical mass. By
coupling linear motion with rotational motion of a built-in flywheel, the inerter generates a response force proportional to the relative
acceleration between its two independent terminals. Here, we experimentally fabricate and characterize vibro-elastic metamaterial
designs with embedded interters. Aided by computational simulations, our design aims to demonstrate a unique and fundamental advant-
age in forming a bandgap at extremely low frequencies. After fabrication, we perform wave-propagation testing on samples with both
longitudinal (pressure) and transverse (shear) waves. The results show that our design can be made tunable by changing either the effec-
tive rotational inertia or the effective connection stiffness. This significantly enhances the metamaterial’s applicability in mitigating
real-world structural vibration with at ultra-low frequency and very long wavelength. Our data indicate that inerter-based design may
outperform traditional locally resonant metamaterials and could be more suitable for broader application scenarios, such as seismic
events.

9:25

1aSA2. Reconfigurable metamaterial neuromorphic computing. Mohammadreza Moghaddaszadeh, Mohamed Mousa (Mech. and
Aerosp. Eng., Univ. at Buffalo (SUNY), Buffalo, NY), Amjad Aref (Civil, Structural, and Environ. Eng., Buffalo, NY), and Mostafa
Nouh (Mech. and Aerosp. Eng., Univ. at Buffalo (SUNY), 240 Bell Hall, Attn: Mostafa Nouh, Buffalo, NY 14260, mnouh@buffalo.
edu)

Neuromorphic computing was originally introduced in electronic circuits to mimic neuro-biological architectures. In these systems,
a physical agent (e.g., an electromagnetic or acoustic wave) propagates through multiple layers of metasurfaces which are trained to per-
form a computational task (e.g., classification). Despite their potential, current neuromorphic metasurfaces rely on passive designs which
limits their computational power to a single task. Furthermore, attempts to realize these systems in the context of mechanical wave prop-
agation have been very scarce. This work presents a neuromorphic metasurface which is designed to exploit elastic wave scattering to
realize a physical computing environment. Owing to the reconfigurable design of the chosen unit cell, the neuromorphic metasurface
can be tuned to conduct multiple distinct classification tasks without the need for remanufacturing. The designed subwavelength meta-
surface cell will be used to train a customized neural network with constant weights (representing the elastic wave propagation between
different layers of metasurface) and trainable activation functions (representing the phase modulation at each layer of metasurface). To
perform distinct classification tasks, the trainable parameter in the activation function will be tuned accordingly. This work opens up
new avenues in high performance mechanical computing.
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9:45

1aSA3. Digitally tunable non-reciprocal wave propagation using piezoelectric metamaterials with synthetic impedance circuits.
Mustafa Alshaqaq (Woodruff School of Mech. Eng., Georgia Inst. of Technol., 801 Ferst Dr. NW, Atlanta, GA 30318, Atlanta, GA
30318, mshaqaq3@gatech.edu), Christopher Sugino (Mech. Eng., Stevens Inst. of Technol., Hoboken, NJ), and Alper Erturk (Woodruff
School of Mech. Eng., Georgia Inst. of Technol., Atlanta, GA)

One common approach to enable non-reciprocal wave propagation in elastic media relies on introducing a directional bias by param-
eter modulation (e.g., stiffness modulation) in space and time. Researchers have successfully demonstrated non-reciprocal wave propa-
gation by coupling elastic waveguides with magnetic electrical coil elements, piezoelectric elements shunted to capacitive analog
circuits, or rotating mechanical resonators. The existing efforts are often limited by narrow operation frequency ranges and cumbersome
implementations that lack smooth modulation (e.g., with analog circuit elements and switches). In this work, we demonstrate precise
and smooth non-reciprocal wave propagation in a piezoelectric metamaterial by connecting each unit cell to a digitally controlled syn-
thetic impedance circuit. The effective impedance of each unit cell can be externally controlled according to a desired space-time modu-
lation scheme over a wide frequency range. We present numerical and experimental investigations on the dynamics of a piezoelectric
metamaterial beam with 30 bimorph unit cells whose impedances can be varied smoothly. Specifically, we employ the spatiotemporal
modulation on synthetic inductance circuits rather than capacitive. Experimental results are presented for various space-time modulation
profiles, investigating the effects of the inductance value (target frequency), as well as the modulation frequency and amplitude on digi-
tally tunable non-reciprocal wave propagation.

10:05-10:20 Break

10:20

1aSA4. Dynamics of tunable multistable metastructures. Myungwon Hwang, Yeongeun Ki (Mech. Eng., Purdue Univ., West
Lafayette, IN), and Andres F. Arrieta (Mech. Eng., Purdue Univ., 177 South Russell St., West Lafayette, IN 47907, aarrieta@purdue.
edu)

Connectivity yields unconventional properties. However, the attainable dynamics are strongly dependent on the unit cell size,
restricting the effective behavior to narrow, high-frequencies bands. This is due to the nature of band gaps from local resonance or scat-
tering, both of which are strongly related to unit’s size (mass) and stiffness. We present multistable metastructures displaying strong
nonlinear interactions between propagating transition waves and structural modes. We show how transition waves excite the same type
of response in the metastructure’s units regardless of the input excitation. This invariant response allows for efficient electromechanical
energy transduction as the mechanical response can be tuned to electrical conversion circuits robustly. We also present a new dynamic
phenomenon—solitonic resonance—leveraging soliton-structural mode interactions that enable multistable metastructures to exhibit
extreme input-output energy exchange. By tuning the topology of our multistable metastructures we can transform energy input frequen-
cies into output responses orders of magnitude apart. The presented metastructures break the dependence of the attainable unconven-
tional dynamical properties on the unit cell’s size. The dynamics of multistable metastructure provide a route to accelerating
metamaterials adoption in engineering applications addressing the structural bandwidth.

Contributed Papers

10:40

1aSAS5. Strongly tunable nonlinear MEMS resonators by electro-
thermoelastic buckling. Ali Kanj (Mech. Sci. and Eng., Univ. of Illinois at
Urbana-Champaign, 105 S Mathews Ave. Mech. Eng. Lab., Urbana, IL
61801, alimk2@illinois.edu), Paolo F Ferrari, Arend M. van der Zande,
Alexander F. Vakakis, and Sameh Tawfick (Mech. Sci. and Eng., Univ. of
Illinois at Urbana-Champaign, Urbana, IL)

This talk presents the benefit of buckling in strongly tuning nonlinear
MEMS resonators. In particular, the talk shows experimental buckling
achieving more than 230% tuning in the natural frequency of drumhead
MEMS resonators. Moreover, the experiments demonstrate that buckling
switches the frequency response between purely stiffening, purely softening,
and stiffening-to-softening nonlinearities. We tune the buckling state in
these experiments by controlling the electric voltage and the temperature of
the resonators. Therefore, these resonators undergo electrostatically-medi-
ated thermoelastic buckling where specific combinations of temperature and
voltage are required to access the distinct vibrational responses. We explain
the observed linear and nonlinear responses by a reduced-order model
(ROM) that lumps the resonator into a 1-degree-of-freedom mass connected
to springs reflecting bending, stretching, electrostatic forces, thermal expan-
sions, and residual stresses. The ROM mimics von Mises trusses to model
the buckling in the membrane resonators without the need for exact geome-
try or structure to model the resonators. This developed ROM and the elec-
tro-thermoelastic buckling tunability present useful applications for on-chip
acoustic devices in different fields such as signal manipulation, filtering, and
MEMS waveguides.
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10:55

1aSAG6. Frictional instability: A nonlinear mechanism to control shear
wave responses in rough contact-based metamaterials. Ganesh U. Patil
(Mech. Sci. and Eng., Univ. of Illinois Urbana-Champaign, 144 Sidney Lu
Mech. Eng. Bldg., MC-244, 1206 West Green St., Urbana, IL 61801,
gupatil2@illinois.edu), Alfredo Fantetti (Dept. of Mech. Eng., Imperial
College London, London, United Kingdom), and Kathryn Matlack (Univ. of
Illinois at Urbana-Champaign, Urbana, IL)

Incorporating nonlinearity in periodic media not only enables enriched
wave dynamics but also allows passive tunability of the wave responses.
However, studies so far have been mostly focused on nonlinear mechanisms
and responses of longitudinal wave propagation whereas shear propagation
in the presence of strong nonlinearity is yet to be fully understood. In this
talk, we study shear wave propagation through metamaterials with rough
contacts including friction. The roughness of contacting surfaces results in
structural instability causing the contacts to switch between different
regimes—stick, partial slip, and gross slip—giving rise to strong nonlinear-
ity. Moreover, due to the presence of friction, the contacts exhibit hysteretic
nonlinearity, i.e., history-dependent response. In this study, we first experi-
mentally evaluate the frictional properties of rough contacts by measuring
high-frequency friction hysteresis loops. Then, we develop metamaterial
with a periodic arrangement of these rough contacts and use the obtained
frictional properties to numerically study nonlinear shear wave signatures.
We evaluate higher harmonic generation and demonstrate how they can be
tuned through excitation wave amplitude, external precompression, and sur-
face roughness. These fundamental understandings can open new avenues
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for designing tailored material with memory-dependent nonlinearity for
controlling shear wave propagation.

11:10

1aSA7. Exploration of tunable properties of a one-dimensional leaky-
wave antenna. Abigail D. Willson (Appl. Res. Lab, Penn State Univ., 201
Appl. Sci. Bldg., University Park, PA 16802, adw5@psu.edu), Andrew S.
Wixom, and Amanda Hanford (Appl. Res. Lab, Penn State Univ., State
College, PA)

Leaky-wave antennas (LWA) are commonly used in beam-steering
situations such as radars, imaging, and other such frequency scanning

MONDAY MORNING, 5 DECEMBER 2022

applications. LWA are particularly useful metamaterials due to their rela-
tively simple structure of repeated cells in a linear array and their broad
scanning range allowing for more use to come from a single frequency
sweep. Among current methods to model and design acoustic LWA are
notably high fidelity models such as finite element analysis and low fidelity
models such as the acoustic transmission-line equations. Presented is a tech-
nique for a mid-fidelity model of a one-dimensional acoustic LWA using a
lumped element system. This model is used to explore rapid evaluations of
different tuning options in the elastic membranes separating the unit cells of
the structure. Comparisons are made between time and frequency domains
as well as modal and physical space simulations.

RAIL YARD, 9:00 AM. TO 11:15 A.M.

Session 1aSP

Signal Processing in Acoustics: Machine Learning in Signal Processing

Trevor Jerome, Chair
Naval Surface Warfare Center, Carderock Division, 9500 MacArthur Blvd.,
BLDG 3 #329, West Bethesda, MD 20817

Chair’s Introduction—9:00

Contributed Papers

9:05

1aSP1. Braid feature extraction and representation of active sonar
data. Bernice Kubicek (Dept. of Elec. and Comput. Eng., Univ. of Towa,
103 South Capitol St., Iowa City, IA 52242, bernice-kubicek@uiowa.edu),
Ananya Sen Gupta (Dept. of Elec. and Comput. Eng., Univ. of Iowa, Iowa
City, TA), and Ivars Kirsteins (Naval Undersea Warfare Ctr., Newport,
RI)

As an active sonar system pings an object of interest, the moving plat-
form collects data descriptive of both the target and background clutter. We
hypothesize that the relevant features of the target echo tend to persist and
smoothly morph over time in some domain as the sonar platform continues
its route. This work leverages the preceding and presents initial findings of a
feature extraction algorithm resulting in representations of active sonar data
that persistently appear and are physically and statistically informed. This is
done by isolating the targets’ features from background clutter using a stat-
istically meaningful threshold, extracting features onto a manifold represen-
tation, and mathematically describing and quantifying the extracted
features. The background clutter is modeled using a Rayleigh probability
density function, and the echo is isolated by keeping statistically significant
responses. Feature extraction is performed on a ping-by-ping basis by mini-
mizing the angle between the isolated echo samples and assigning a pseudo
probability to sequential samples. These methods are used to extract features
from ping sequences that are unique to targets and quantified using a corre-
lation metric. Results reported are on simulated data and experimental field
data. [Work supported by NREIP, NDSEG, and ONR, Grant No. N00014-
21-1-2420.]
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9:20

1aSP2. Graph representation learning on braid manifolds. Andrew J.
Christensen (Elec. and Comput. Eng., Univ. of Iowa, 3100 Seamans Ctr.,
Towa City, IA 52242, andrew-christensen@uiowa.edu), Ananya Sen Gupta
(Dept. of Elec. and Comput. Eng., Univ. of Iowa, Iowa City, IA), and Ivars
Kirsteins (NUWCDIVNPT, Newport, NJ)

The accuracy of autonomous sonar target recognition systems is usually
hindered by morphing target features, unknown target geometry, and uncer-
tainty caused by waveguide distortions to signal. Common “black-box” neu-
ral networks are not effective in addressing these challenges since they do
not produce physically interpretable features. This work seeks to use recent
advancements in machine learning to extract braid features that can be inter-
preted by a domain expert. We utilize Graph Neural Networks (GNNs) to
discover braid manifolds in sonar ping spectra data. This approach repre-
sents the sonar ping data as a sequence of timestamped, sparse, dynamic
graphs. These dynamic graph sequences are used as input into a GNN to
produce feature dictionaries. GNNs ability to learn on complex systems of
interactions help make them resilient to environmental uncertainty. To learn
the evolving braid-like features of the sonar ping spectra graphs, a modified
variation of Temporal Graph Networks (TGNs) is used. TGNs can perform
prediction and classification tasks on timestamped dynamic graphs. The
modified TGN in this work models the evolution of the sonar ping spectra
graph to eventually perform graph-based classification. [Work supported by
ONR grant N00014-21-1-2420.]
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9:35

1aSP3. Modeling sonar performance using J-divergence. Douglas
Abraham (none, Ellicott City, MD, abrahad@ieee.org)

This presentation demonstrates the use of J-divergence as a performance
measure for detection in a sonar system. The inherent inaccuracies between
system-level performance and the cell-level (PD,PF) detector operating
point used in traditional analysis open the door to using approximate per-
formance measures such as J-divergence. The properties of J-divergence
making it an appealing choice are covered: summing to accrue J-divergence
across multiple independent measurements (e.g., from multiple source sig-
nals, waveforms, or arrays), a data-processing inequality dictating that proc-
essing cannot improve J-divergence, and an asymptotic relationship to the
traditional (PD,PF) operating point. Simple forward models of J-divergence
are presented for matched filters and energy detectors when applied to the
standard signal models in Gaussian noise. A “design” J-divergence, which
is chosen by the desired qualitative performance level, is used in simple
equations to obtain the “design” SNR require to achieve it. This provides a
direct replacement for the detection threshold (DT) term in the sonar equa-
tion that is easier to apply and evaluate. Example applications of J-diver-
gence are presented illustrating its utility in the modeling and adaptation of
current systems as well as the design and analysis of new ones.

9:50

1aSP4. Imaging sonar performance estimation. Brian O’Donnell
(Sensors and Electromagnetic Applications Lab., Georgia Inst. of Technol.,
Atlanta, GA, brian.odonnell@gtri.gatech.edu), David J. Pate, and Daniel
Cook (Sensors and Electromagnetic Applications Lab., Georgia Inst. of
Technol., Smyrna, GA)

Imaging sonar systems including forward looking sonars, synthetic aper-
ture sonars, and real aperture sonars produce large quantities of data and are of-
ten connected to automated target recognition (ATR) algorithms. Performance
of these algorithms degrades, sometimes significantly, with changes in envi-
ronmental reverberation, seafloor sediment characteristics, and target charac-
teristics. However, most ATR algorithms have no capability to assess their
own performance, flag data that is invalid, or convey when their results should
not be trusted or utilized by humans or autonomous algorithms. Performance
estimation algorithms can be used in conjunction with ATR to supplement
these shortcomings. Estimates of signal-to-noise ratio, image contrast, and re-
solution can be used to assess deviation from nominal performance capabil-
ities, while regressing ATR performance against imagery characteristics or
other through-the-sensor metrics can be used to estimate false alarm rate.

10:05

1aSP5. Recent results in shallow water acoustic channel estimation and
equalization. Ananya Sen Gupta (Dept. of Elec. and Comput. Eng., Univ.
of Towa, 103 S Capitol St., Iowa City, IA 52242, ananya-sengupta@uiowa.
edu), Nathan Kofron, and Eva Riherd (Dept. of Elec. and Comput. Eng.,
Univ. of Iowa, Iowa City, IA)

Shallow water acoustic channel estimation and equalization has been
widely studied and explored across the last three decades, with several techni-
ques being proposed that account for the rapidly time-varying nature of the
channel. Despite advances in integrating robust channel equalization techni-
ques with channel estimation, incorporating well-known models of acoustic
propagation into the equalization setup has been hard. In this work, we will
present some of our recent explorations in this regard involving a hybrid setting
as well as a model-based simulation to test the performance of simple equaliza-
tion schemes under a variety of channel conditions. The shallow water acoustic
channel is first estimated from experimental field data, and the real-time chan-
nel estimates are used to simulate an end-to-end communication system with
ambient noise at different signal-to-noise ratios (SNR). In tandem, we also sim-
ulate a time-varying shallow water acoustic channel under similar oceanic con-
ditions using the Bellhop model, along with a communication system with
similar signaling schemes and SNR variations. Equalization results from both
the hybrid and model-based settings will be presented and implications of
including machine learning to learn the channel parameters from both setups to
inform the channel equalizers will be explored.

10:20-10:30 Break
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10:30

1aSP6. Classification between different vocal pathologies by using
convolution neural network and continuous wavelet transforms.
Bhawna Rathi (Music and Arts Technol., Indiana Univ. - Purdue Univ.,
Indianapolis, 535 W. Michigan St., IT371, Indianapolis, IN 46202, brathi@
iu.edu) and Timothy Hsu (Music and Arts Technol., Indiana Univ. - Purdue
Univ., Indianapolis, IN)

Millions of Americans suffer from vocal damage that can negatively
impact their daily lives and potentially incur large health care costs. Vocal
damage is found frequently in at-risk populations, including singers, teach-
ers, coaches, and telemarketers. The current standard method of diagnosis
involves performing a laryngoscopy. Current research has shown that digital
signal processing with acoustic machine learning methods can be used to
distinguish healthy from unhealthy voices, but there has been limited prior
work in classifying different pathology types from one another using only
acoustic machine learning and signal processing methods. This study aims
to design a convolution neural network (CNN) algorithm that can differenti-
ate between different vocal pathologies by using an audio data file of the
vowel sound /a/ of damaged voices as inputs. The audio dataset of different
vocal pathologies has been obtained from the Indiana University Vocal Pa-
thology Dataset. For the CNN algorithm, images are required, and continu-
ous wavelet transforms (CWT) are calculated that show spectral energy
across time in a visual format. The overall results will show the accuracy for
two class classifications of different vocal pathologies and how accuracy
changes when the different parameters of the CNN architecture are
changed.

10:45

1aSP7. Acoustic detection of drone range and type using nonuniform
band energy features. Kaliappan Gopalan (ECE, Purdue Univ. Northwest,
ECE Dept., Hammond, IN 46323, kgopala@pnw.edu), Brett Y. Smolenski
(North Point Defense, Rome, NY), and Darren Haddad (AFRL, Rome,
NY)

With increased use of drones in a variety of situations, it is imperative
that efficient means of detecting the type of unmanned aerial vehicle and/or
its range are developed from security, privacy, and safety perspective. This
paper describes the application of an acoustic feature set in a deep learning
network for the estimation of the line-of-sight range of drones. The set of
spectral energy values over nonuniform bands within the range of audio
recordings of open space drone noise has been shown to predict the range to
a reasonable degree of accuracy. The energy feature set, when augmented
with low frequency spectral components, raised prediction accuracy to
within 85 cm of mean error and a standard deviation of 12 m for test cases
ranging from 10 m to 935 m. Additionally, the spectral band energy applied
to classify the range quantized into 1 m intervals resulted in better than 87%
accuracy with a fixed error of =50 cm over the entire range. Adding low
frequency spectral components to the band energy set raised the correct
range classification to 97%. For classification of seven tethered drones, the
band energy feature set resulted in 99.9% accuracy.

11:00

1aSP8. Detection and classification of drones using Fourier-Bessel series
representation of acoustic emissions. Kaliappan Gopalan (ECE, Purdue
Univ. Northwest, ECE Dept., Hammond, IN 46323, kgopala@pnw.edu),
Brett Y. Smolenski (North Point Defense, Rome, NY), and Darren Haddad
(Information Exploitation Branch, Air Force Res. Lab., Rome, NY)

Detection, classification, and line-of-sight range estimation of drones are
vital for security, safety, and privacy reasons. Representation of the audio
emissions of drones in a Fourier-Bessel (FB) series expansion is proposed
for the identification of a drone and/or the prediction of its range from an
observation point. A deep learning network employing the FB series coeffi-
cients as the preprocessed input has been shown to classify accurately each
of seven drones flying in a controlled environment in about 84 % of cases.
For the case of any one of three drones flying outdoors, presence of the
drone—as opposed to background noise—was detected correctly with few
false positive and false negative results. Additionally, the range of the
drone—from 2.5 m to 935.6 m—was estimated to be within =50 cm of
actual line-of-sight distance in over 85 % of the available test cases.
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MONDAY AFTERNOON, 5 DECEMBER 2022 SUMMIT A, 1:20 P.M. TO 3:30 P.M.

Session 1pAA

Architectural Acoustics: Acoustical Challenges in Small Rooms II

Joseph Keefe, Chair
Ostergaard Acoustical Associates, 1460 US Highway 9 North, STE 209, Woodbridge, NJ 07095

Invited Papers

1:20

1pAALl. Recording studio sound isolation: A case study of challenges faced in measuring door transmission class (DTC) and
noise isolation class (NIC) in small rooms. Jessica S. Clements (Director of Acoust., Newcomb & Boyd, LLP, 303 Peachtree Ctr. Av
NE, Ste. 525, Atlanta, GA 30303, jclements@newcomb-boyd.com)

This case study examines the challenges faced in measuring the DTC and NIC between a recording studio control room and the stu-
dio recording space. Challenges included structural radiation around the tested partition, flanking paths, ADA ramp design, and improper
use of the space during construction. The measurements were performed following the procedures of ASTM E2964-14 Standard Test
Method for Measurement of the Normalized Insertion Loss of Doors and ASTM E336-19 Standard Test Method for Measurement of
Airborne Sound Attenuation between Rooms in Budlings. The spaces were designed by an acoustical consultant and desired by the
owner to have extremely high levels of sound isolation. Furthermore, the nature of the intended clientele necessitated high performance,
a high finish level, and state of the art technology. The investigators were not part of the design team and were invited to measure the
space to document and validate the final performance. This presentation will outline the findings, challenges in measurement, and the
steps taken to increase the sound isolation performance.

1:40

1pAA2. Case study of the acoustic design of on-air broadcast studios and a performance space in a historic building in Franklin,
TN with other tenants. Steven D. Pettyjohn (The Acoust. & Vib. Group, Inc., 5765 9th Ave., Sacramento, CA 95820-1816,
spettyjohn@acousticsandvibration.com)

A historic building called 5th Square in Franklin Tennessee was renovated to provide space for a Museum of the Bible Radio facility.
The renovation had begun and other tenants were preparing to move in such as law firms. This is a two story building with the on the
2nd floor. Two on-air radio studios, control room and a capture studio (performance area) were the main spaces. A new HVAC system
was designed based on variable refrigerant. An analysis of this system with recommendations for designing the system to meet acoustic
and vibration goals was included. The Capture Studio would be used for live performance of bands that would be streamed on-air. A
design was required that would prevent the transmission to law offices while providing good acoustical results in the space. The contrac-
tor and owner of the historic building requested a field visit to show them how to install the sound rated walls, deal with existing con-
crete masonry walls, deal with repairing the walls and sealing around the walls to achieve the sound transmission loss goals. A review of
the doors and windows was made, and the installation of the mechanical equipment was reviewed and recommendations made during
the visit.

2:00

1pAA3. The challenge and solutions to providing consistent masking sound levels in individual rooms. Viken Koukounian (K.R.
Moeller Assoc. Ltd., 3-1050 Pachino Court, Burlington, ON L7L 6B9, Canada, viken@logison.com)

The propagation of sound in the built environment—impacted by size and geometry of a space, finishings, furnishings, and fit-
outs—is exceptionally complex. It is for this reason that experts in acoustics need to consider all features of all spaces, despite the avail-
ability of prescriptive tools—e.g., categorization, acceptable-level and reverberation time [design] schemes—which are insufficient
towards assuring any acoustical outcome. The use of a sound masking system is one acoustical solution that can be used to meet acousti-
cal objectives, such as acoustical comfort and speech privacy, by reducing the variability in temporal, spectral, and spatial properties of
sound within a space. The following investigation utilizes commissioning data of sound masking systems to underline the need for dedi-
cated control zones for individual rooms. More specifically, the overall and one-third octave band levels of masking sound in rooms
within the same control zone are compared against the project’s specifications (i.e., the target overall level and the reference masking
spectrum). These results enforce opportunities to improve the performance of a sound masking system to realize more consistent percep-
tual (i.e., acoustical comfort and speech privacy) outcome.
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2:20

1pAA4. Evaluating the reverberation chamber as a small room: How room dimensions affect the generalization of testing
results. Evelyn Way (Res. & Development, Maxxon Corp., 920 Hamel Rd., Hamel, MN 55340, evelynway@gmail.com)

Testing acoustic properties is performed in specially designed reverberation chambers according to relevant ASTM, ISO, and other
international standards. Performing this testing is complicated by the fact that practical considerations limit the size of the reverberation
rooms. Where the dimensions of the room are similar in size to the wavelength of the frequency of interest, modal behavior becomes
dominant, and the statistical analysis of room acoustics based on the diffuse sound field theory is not sufficient to characterize the sound
field. However, standard methods implement formulas which assume a diffuse sound field to compare results from different labs. Using
the Maxon Acoustics Lab, a purpose-built floor ceiling test lab comprised of two stacked, 300 m3 reverberation chambers, we will exam-
ine the various physical criteria for evaluating a theoretically diffuse sound field. Discussion will include historical debates concerning
the validity of comparing measurements in different labs and an analysis of the Maxxon Lab through the lens of various methods for
evaluating the acoustic environment in comparison to the statistical analysis for room acoustics. Methods will include analysis of modal
density and distribution, sampling of the sound field per ASTM standards E90, E492, and C423, the Schroeder frequency, and other sta-
tistical analyses.

2:40

1pAAS. Wave acoustic solutions in small rooms. Peter D’Antonio (RPG Acoust. Systems LLC, 99 South St., Passaic, NJ 07055,
pdantonio@rpgacoustic.com)

This presentation will discuss the growing application of wave based solutions due to the increased processing power of desktop and
distributed cloud cluster computing. The causes and mitigation of four types of potential acoustical distortion in small rooms, below and
above 200 Hz, will be presented. Below 200 Hz, approaches to minimize modal effects and the speaker boundary interference response
will be presented. We will discuss limitations of traditional dimensional ratio determinations, more accurate wave-based predictions, im-
portance of speaker and listener locations, and prediction and measurement of low frequency absorption devices. Above 200 Hz, comb
filtering from strong specular reflections and poor diffusion are potential problems. We will describe the necessary ratio of surface width
to incident wavelength for a specular reflection and its effect on comb filtering. Finally, we describe the importance of creating a mixing
room design and the use of broad bandwidth diffusive surfaces, which can be both measured and simulated with a virtual goniometer
boundary element program called VIRGO, from a 3D CAD file topology of any shape. This offers the acoustician the ability to evaluate
surface topologies that are of interest in a room design quickly and inexpensively.

Contributed Papers

3:00

1pAAG. Effect of spatial separation of sources on speech intelligibility in
an automotive environment. Linda Liang (College of Civil Eng. and
Architecture, Guangxi Univ., No.100 Univ. East Rd., Nanning, Guangxi
530004, China, 1015307923@qq.com) and Guangzheng Yu (Acoust. Lab.,
School of Phys. and Optoelectronics, South China Univ. of Technol.,
Guangzhou, China)

Speech intelligibility has been shown to be enhanced when the target
speech source is spatially separated from the interferer, which is related to
the spatial unmasking phenomenon. However, this issue has not been stud-
ied in the small acoustical space of an automobile. This study, thus, exam-
ines the effect of spatial separation of sources on the speech reception
threshold (SRT) in an automobile, and compared with the results in a weak-
reflective listening room. The target was always presented at the front-
passenger seat, and the interferer was presented at the front-passenger seat,
right-back seat, mid-back seat, and left-back seat in sequence. The stimuli
were synthesized using convolution with binaural room impulse responses
measured on a dummy head in driver seat under different interferer loca-
tions. Sentence SRTs in Mandarin Chinese were measured via headphones
virtually in an automobile and a listening room. Accordingly, the spatial
release from masking (SRM) was obtained based on the SRT result. Results
show that the SRM in automobile is always smaller than that in listening
room, because the early reflections and seat-back occlusions cannot only
obscure the binaural cues related to the source localization such as the inter-
aural-time-difference and interaural-level-difference, but also influence the
target-to-interferer ratio.
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3:15

1pAA7. Influence of sound source directivity on finite element
simulation of small-room acoustics. Zhichao Zhang (School of Phys. and
Optoelectronics, South China Univ. of Technol., Bldg. 18, No. 381 Wushan
Rd., Tianhe District, Guangzhou, Guangdong 510641, China, 202020130104@
mail.scut.edu.cn) and Guangzheng Yu (School of Phys. and Optoelectronics,
South China Univ. of Technol., Guangzhou, China)

Numerical simulation is a flexible and effective method for room acous-
tic design. Full-range simulation of room acoustics requires a combination
of different numerical methods, in which wave acoustic methods (WAM)
and geometric acoustic methods (GAM) are used for the low and high fre-
quency region, respectively. In the general low-frequency WAM simulation,
a sound source is often assumed to be a point source or loudspeakers are
usually approximated by circular planar pistons. However, compared to a
large room, the critical frequency between WAM and GAM should be
higher in acoustic simulation of small rooms because of relative size
between the wavelength and the room, and thus, the above simplifications
of actual sound sources, typically loudspeakers, may lead to errors in terms
of directivity in the frequency range that the WAM is applied for. Further
errors in the desired room impulse responses or other room acoustic parame-
ters caused by directivity errors needs quantitative analysis, and then evalua-
tion can be made on whether it is necessary to consider a more accurate
sound source directivity in the WAM simulation of small room acoustics.
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MONDAY AFTERNOON, 5 DECEMBER 2022 NORTH COAST A, 1:00 P.M. TO 3:40 P.M.

Session 1pAQO

Acoustical Oceanography, Underwater Acoustics, and Animal Bioacoustics: Shelfbreak Acoustics I1

Ying-Tsong Lin, Cochair
Woods Hole Oceanographic Institution, 266 Woods Hole Road, Woods Hole, MA 02543

Martin Siderius, Cochair
Portland State Univ., 1600 SW 4th Avenue, Suite 260, Portland, OR 97201

Andone C. Lavery, Cochair
AOPE, Woods Hole Oceanographic Institution, 98 Water Street, Woods Hole, MA 02543

Contributed Paper

1:00 estimated using a SUS charge signal recorded on a distant single hydro-
phone TOSSIT system. Geoacoustic inversion is performed, but two-dimen-
sional (2D) acoustic propagation models fail to capture the observed
behavior of higher order acoustic modes, and predict much shorter travel
times than are seen in the data. By introducing a three-dimensional (3D)
model environment, both parabolic equation and modal ray calculations
confirm that the gradual shelf slope has a nontrivial influence on modal

The 2021 Seabed Characterization Experiment (SBCEX21) was per- travel times. This comparison between 2D and 3D simulations of SBCEX21
formed on the New England Shelf Break (NESB) in May 2021 with the acoustics and experimental data emphasizes the importance of 3D effects
main objective of characterizing the NESB sediment geoacoustic properties. from sloped bathymetry on understanding propagation in a shelfbreak envi-
In this talk, we focus on low-frequency propagation (f&It;100 Hz) along the ronment. These effects will need to be accounted for when doing geoacous-
200 m isobath line. Time-frequency dispersion of normal modes is tic inversion of SBCEX21 along-shelf low-frequency data.

1pAOL1. Evidence of 3D effects for along shelf acoustic propagation
during SBCEX21. Brendan J. DeCourcy (Appl. Ocean Phys. & Eng.,
Woods Hole Oceanogr. Inst., 86 Water St., Falmouth, MA 02543,
bdecourcy@whoi.edu) and Julien Bonnel (Woods Hole Oceanogr. Inst.,
Woods Hole, MA)

Invited Paper

1:15

1pAO2. Acoustic propagation and ambient sound on the Chukchi shelf. Megan Ballard (Appl. Res. Labs., The Univ. of Texas at
Austin, 10000 Burnet Rd., Austin, TX 78665, meganb@arlut.utexas.edu) and Jason D. Sagers (Appl. Res. Labs., The Univ. of Texas at
Austin, Austin, TX)

This paper presents a yearlong record of acoustic propagation and ambient sound collected on the Chukchi Shelf collected as part of
a set of experiments known as the Canada Basin acoustic propagation experiment (CANAPE) and shallow-water CANAPE which took
place from 2016 to 2017. Over the course of the yearlong experiment, the surface conditions transitioned from completely open water to
fully ice-covered. The propagation conditions in the deep basin were dominated by a subsurface duct; however, over the slope and shelf,
the duct was seen to significantly weaken during the winter and spring. The combination of these surface and subsurface conditions led
to changes in the received level of the deep-water tomography sources that exceeded 60 dB. The ambient sound data were analyzed
using k-means clustering to quantify the occurrence of six spectral shapes over the yearlong experiment. Each cluster type was associ-
ated with a different sound generation process based on the correlations with environmental observations. The cluster observed most fre-
quently was associated with wind-generated sound, and the cluster with the smallest number of observations was attributed to wind
effects on frazil ice forming in open leads during the ice-covered season. [Work sponsored by ONR.]
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Contributed Papers

1:35

1pAO3. Coupled effects of nonlinear internal gravity waves and seabed
properties on underwater sound propagation. Tzu-Ting Chen (Woods
Hole Oceanogr. Inst., 266 Woods Hole Rd., MS-9, Woods Hole, MA 02543,
pingpingting326@gmail.com), Ying-Tsong Lin (Woods Hole Oceanogr.
Inst., Woods Hole, MA), Linus Y.-S. Chiu (National Sun Yat-sen Univ.,
Kaohsiung, Taiwan), and William L. Siegmann (Math Sci., RPI, Troy,
NY)

Underwater sound propagation can be affected by strong sound speed
gradients induced by nonlinear internal waves in the ocean. Meanwhile,
geoacoustic properties of the seabed control acoustic reflections. Experi-
mental data collected at the shelfbreak on the northeast of the South China
Sea were analyzed to investigate the joint effects. Both two-dimensional
(2D) and three-dimensional (3D) numerical sound propagation models with
realistic seafloor and oceanographic inputs have been established to study
the nonlinear internal wave effects observed on hydrophone vertical line
array moorings. Compared to the 3D model, the prediction errors and uncer-
tainties of the 2D scheme neglecting the transversal/azimuth energy propa-
gation are discussed. In addition, the impact of sediment properties on 3D
propagation effects affecting underwater soundscapes in the area is investi-
gated. [Work supported by the Office of Naval Research.]

1:50

1pAO4. Changes to mixed layer acoustic energy from spice and
isopycnal tilt. Edward Richards (Ocean Sci., UC Santa Cruz, Ocean Sci.,
1156 High St., Santa Cruz, CA 95064, edwardlrichards@gmail.com) and
John A. Colosi (Oceanogr., Naval Postgrad. School, Monterey, CA)

Mixed layer acoustic propagation is predicted for fields that approximate
two dynamically separate sources of sound speed variation: the tilting of
isopycnals and “spice,” density compensated temperature and salinity
changes. These fields are decomposed from a transect measurement over
approximately 1000 km of the northeast Pacific Ocean. At a frequency with
only one mixed layer mode, both fields contain blocking features, defined as
sound speed structures less than 5 km wide that create significant acoustic
energy loss. The transect shows two distinct regions where blocking features
are caused by tilt or spice, indicating the acoustic importance of these
dynamic processes depends on location. Statistics of mixed layer acoustic
energy are investigated at two frequencies, averaging one or three mixed
layer modes, both with and without blocking features. The spice field was
found to produce higher loss than the tilt field. Both fields create more loss
at lower frequencies when locations with blocking features were included,
and more loss at higher frequencies without blocking features. Mixed layer
mode amplitudes demonstrate more mixed layer modes at the higher fre-
quency increases mode coupling, both preventing large scale acoustic
energy loss and creating a more consistent loss mechanism.

Invited Paper

2:05

1pAOS. Twenty-first century outer continental shelf and shelfbreak acoustics research: Methods, tools, and progress. Timothy F.
Duda (Woods Hole Oceanogr. Inst., M.S. 11, Woods Hole, MA 02543, tduda@whoi.edu), Arthur E. Newhall, Ying-Tsong Lin (Woods
Hole Oceanogr. Inst., Woods Hole, MA), James Lynch (Woods Hole Oceanogr. Inst., Falmouth, MA), Glen Gawarkiewicz, Weifeng G.
Zhang, Karl R. Helfrich (Woods Hole Oceanogr. Inst., Woods Hole, MA), Pierre F. Lermusiaux (MIT, Cambridge, MA), Keith von der
Heydt, and John Kemp (Woods Hole Oceanogr. Inst., Falmouth, MA)

New findings in outer-shelf and shelfbreak acoustics have been enabled by experimental and computational advances over the last
25 years. The details of sound field variability caused by highly dynamic conditions often found in this regime have become measurable
through advances in data collection technology. Furthermore, these details can now be computationally modeled more realistically. The
coupling of more plentiful data and higher fidelity modeling has uncovered many new behaviors. It has also allowed us to quantify the
effects on sound level and phase structure (coherence) of many outer-shelf physical features, as well as the temporal aspects of these var-
iations. Key tools have been vessel dynamic positioning, underwater position finding, small mobile platforms, high-capacity multichan-
nel receive arrays, data-assimilating regional ocean dynamical models, nonlinear wave modeling, and three-dimensional acoustic
propagation modeling. Examples from the published work of the authors, and the work of others, of how these advances have fostered
new knowledge of specific processes will be presented, as well as present-day challenges inspired by recent findings.

Contributed Papers

2:25

1pAO6. Influence of the vertical resolution when simulating ocean
sound speed variability in mesoscale eddies. Richard X. Touret (Ocean
Sci. and Eng., Georgia Inst. of Technol., 771 Ferst Dr. NW, office 131,
Atlanta, GA 30332, rtouret@gatech.edu), Guangpeng Liu (Oceanogr., Univ.
of Hawaii, Honolulu, HI), Annalisa Bracco (Earth and Atmospheric Sci.,
Georgia Inst. of Technol., Atlanta, GA), and Karim G. Sabra (Mech. Eng.,
Georgia Inst. of Technol., Atlanta, GA)

Vertical resolution affects the representation of ocean sound speed
according to a suite of regional simulations of the De Soto Canyon circula-
tion in the Gulf of Mexico. Simulations have identical horizontal resolution
of 0.5 km, partially resolving submesoscale dynamics, and increasing
vertical resolution from 30 (i.e., comparable to what commonly used in
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mesoscale permitting or resolving hindcast and forecast products such as
HYCOM) to 200 terrain-following layers. Simulations with 30- and 70-
layers underestimate the ageostrophic contributions in and around the eddies
below the mixed-layer and do not reproduce the sharp vorticity and density
variations associated with the mesoscale circulations compared to the 140-
and 200-layers runs. The ocean sound speed (based on the classical MacK-
enzie formula) was found to be far more variable when the submesoscale,
ageostrophic circulations are captured also in their vertical structure and
vertical contributions to the density field. Hence, the results of this study
indicate that to better predict the influence of the submesocale oceanic circu-
lation on ocean sound speed variability, model simulations should consider
enhancing both horizontal and vertical resolution to resolve at least the first
3 baroclinic modes. To do so, more than 100 vertical layers were found to
be needed in this study.
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2:40

1pAO7. Quantifying the influence of the vertical resolution in ocean
circulation modeling on the acoustic propagation through mesoscale
eddies. Matthew McKinley (Mech. Eng., Georgia Inst. of Technol., 801
Ferst Dr. NW, Atlanta, GA 30318, mmckinley31@gatech.edu), Richard X.
Touret (Ocean Sci. and Eng., Georgia Inst. of Technol., Atlanta, GA),
Guangpeng Liu (Dept. of Oceanogr., Univ. of Hawaii at Manoa, Honolulu,
HI), Annalisa Bracco (School of Earth and Atmospheric Sci., Georgia Inst.
of Technol., Atlanta, GA), and Karim G. Sabra (Mech. Eng., Georgia Inst.
of Technol., Atlanta, GA)

Accurate numerical simulations of underwater acoustic propagation in a
dynamic ocean—and its associated uncertainty—require using realistic
environmental parameters as inputs and especially a high-fidelity represen-
tation of the expected spatio-temporal variability of the ocean sound speed
in the volume of interest. In areas characterized by strong temperature and
salinity variations (e.g., associated with long-living mesoscale eddies in the
Gulf of Mexico), the approximate simulation of the 3D sound-speed field
and its variability requires predictive oceanographic models capable of
resolving such variations. This study investigates the impact of vertical reso-
lution focusing on how it shapes the representation of the 3D sound speed
variability through a suite of simulations of the northern Gulf of Mexico
performed with a regional ocean model run at submesoscale permitting hori-
zontal resolution (0.5 km) using increasing vertical resolution from 30 to
200 terrain-following layers over a one-month simulation interval (as
described in the companion paper presented by Touret et al.). Geo-acoustic
parameters were matched to the existing sediment database. In selected
areas influenced by mesoscale eddies, ray tracing is used to determine the
significance of increased resolution on acoustic propagation as a function of
the sensor configurations and the expected sound speed variability.

2:55

1pAO8. Effects of modelling assumptions of complex ocean floor
topography on marine life. James Crowcombe (Defence Sci. and Technol.
Lab., Dstl Porton Down, Salisbury SP4 0JQ, United Kingdom,
jerowcombe@dstl.gov.uk), Tim Clarke (Defence Sci. and Technol. Lab.,
Salisbury, United Kingdom), Yvonne Mather (Defence Sci. and Technol.
Lab., Fareham, United Kingdom), and Duncan Williams (Defence Sci. and
Technol. Lab., Salisbury, United Kingdom)

Passive acoustic monitoring (PAM) is an important technique to assess
the presence of marine mammals and, if necessary, mitigate the effects of
anthropogenic noise sources upon them. The complexity of the ocean
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acoustic environment makes accurate localisation of marine mammal vocal-
isations difficult. It is, therefore, important to be able to predict the detection
and localisation performance of PAM to ensure sensors are optimally placed
and any resulting actions are suitably informed. A variety of acoustic mod-
els can be used to predict the performance of a sensor field ranging from
simple 1D models up to full 3D models. Each type of model has advantages
and disadvantages. Simple 1D models offer the most advantages in terms of
solution time and minimal inputs but their predictions can have reduced ac-
curacy. This is especially true in areas of complex ocean floor topography,
such as on a shelf break, where complex 3D acoustic effects can occur. This
study investigates the variation in the predicted acoustic field from 1D up to
3D models on a shelf break and how with increasing model fidelity the pic-
ture of the acoustic environment changes and its impact on acoustic moni-
toring advice. © Crown copyright (2022), Dstl.

3:10

1pAO9. Using a source of opportunity for self-localization of mobile
underwater vector sensor platforms. Karim G. Sabra (Mech. Eng.,
Georgia Inst. of Technol., 771 Ferst Dr., NW, Atlanta, GA 30332-0405,
karim.sabra@me.gatech.edu)

Transforming a network of few compact mobile underwater platforms,
each equipped with a single acoustic sensor, into a distributed sensing array
requires precise positioning of each mobile sensor. But conventional accu-
rate underwater positioning tools rely on active acoustic sources (e.g.,
acoustic pingers), which imposes additional hardware and operational com-
plexity. Hence self-localization (i.e., totally passive) methods using only
acoustic sources of opportunity (such as surface vessels) for locating the
mobile sensors of a distributed array appear as an attractive alternative.
Existing underwater self-localization methods have mainly been developed
for mobile platform equipped with time-synchronized hydrophones and rely
only on the time-difference of arrivals between multiple pairwise combina-
tions of the mobile hydrophones as inputs for a complex non-linear inver-
sion procedure. Instead, we introduce a self-localization method, which uses
a linear least square formulation, for two mobile time-synchronized vector
sensor platforms based on their acoustic recordings of a distant surface ves-
sel and their inertial navigation systems (INS) measurements. This method
can be generalized to multiple vector sensor pairs to provide additional
robustness towards input parameter errors (e.g., due to a faulty INS) as dem-
onstrated experimentally using drifting buoys with inertial vector sensors
deployed ~100 m apart in shallow water.

3:25-3:40
Panel Discussion
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Session 1pBA

Biomedical Acoustics: General Topics in Biomedical Acoustics I:
Assessment of Tissue Material Properties

John M. Cormack, Cochair
Center for Ultrasound Molecular Imaging and Therapeutics, and Vascular Medicine Institute,
Department of Medicine, University of Pittsburgh Medical Center, Pittsburgh, PA 15261

Matthew W. Urban, Cochair
Department of Radiology, Mayo Clinic, Department of Radiology, Mayo Clinic, Rochester, MN 55905

Contributed Papers

1:00

1pBALl. Surface excitation of focused shear wave beams in soft elastic
media: Theory. Branch T. Archer (Dept. of Elec. and Comput. Eng., The
Univ. of Texas at Austin, Austin, TX), Yu-Hsuan Chao (Bioengineering
Dept., Univ. of Pittsburgh, Pittsburgh, PA), John M. Cormack (Ctr. for
Ultrasound Molecular Imaging and Therapeutics, and Vascular Medicine
Inst., Dept. of Medicine, Univ. of Pittsburgh Medical Ctr., Pittsburgh, PA),
Kang Kim (Bioengineering Dept., Univ. of Pittsburgh, Pittsburgh, PA),
Kyle S. Spratt (Appl. Res. Labs., The Univ. of Texas at Austin, Austin, TX),
and Mark F. Hamilton (Walker Dept. of Mech. Eng., The Univ. of Texas at
Austin, Austin, TX 78712-1591, hamilton@mail.utexas.edu)

Shear wave propagation is employed in medical ultrasound imaging,
because it reveals variation in the viscoelastic properties of tissue. Frequencies
below 1 kHz are required for imaging with shear waves in soft tissue due to
their high attenuation and low propagation speeds, compared to compressional
waves with frequencies above 1 MHz used for ultrasound imaging. Shear
waves exhibiting particle motion in the direction of propagation, referred to as
longitudinally polarized shear waves, can be generated by applying longitudi-
nal motion of a circular disk to the surface of a soft elastic medium. This
approach is used in practice because it permits imaging of the longitudinal
shear wave with a conventional ultrasound transducer that is coaxial with the
source of the shear wave. Presented here are the theoretical framework and
numerical simulations that illustrate effects of focusing on longitudinally
polarized shear waves. Longitudinal, transverse, radial, and torsional source
polarizations are considered. The present investigation was motivated initially
by an experimental study in optics due to Dorn et al. [Phys. Rev. Lett. 91,
233901 (2003)]. Our predictions for shear wave beams support their measure-
ments of light beams revealing that the longitudinal electric field component
produces a smaller focal spot than the transverse field component.

1:15

1pBA2. Surface excitation of focused shear wave beams in soft elastic
media: Experiment. Yu-Hsuan Chao (Bioengineering Dept., Univ. of
Pittsburgh, Pittsburgh, PA), Branch T. Archer (Dept. of Elec. and Comput.
Eng., The Univ. of Texas at Austin, Austin, TX), John M. Cormack (Ctr. for
Ultrasound Molecular Imaging and Therapeutics, and Vascular Medicine
Inst., Dept. of Medicine, Univ. of Pittsburgh Medical Ctr., Pittsburgh, PA
15261, jmc345@pitt.edu), Kang Kim (Bioengineering Dept., Univ. of
Pittsburgh, Pittsburgh, PA), Kyle S. Spratt (Appl. Res. Labs., The Univ. of
Texas at Austin, Austin, TX), and Mark F. Hamilton (Walker Dept. of
Mech. Eng., The Univ. of Texas at Austin, Austin, TX)

Shear waves are employed in medical imaging to reveal variations in the
viscoelastic properties of soft tissues, which are useful biomarkers for path-
ologies such as breast lesions and liver disease. Shear wave excitation
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methods that employ acoustic radiation force or surface vibration with a
small piston have limitations associated with imaging depth and shear wave
amplitude. We introduce a new method for surface excitation of shear waves
that employs longitudinal motion of a concave-shaped piston source to gen-
erate a focused shear wave beam, thereby increasing shear wave amplitude
and penetration depth. Focused shear waves are excited in a gel phantom in
the frequency range of 200 Hz to 400 Hz using a concave piston with
40 mm radius of curvature and 50 mm diameter. The wave field comprises
both transverse and longitudinal displacement components, which are polar-
ized perpendicular and parallel to the propagation direction, respectively.
Transversely and longitudinally polarized wave fields are measured using
ultrasound speckle tracking. The longitudinally polarized shear wave is of
interest because it is measured in elastography applications. Preliminary
comparisons exhibit good agreement between measured beam patterns and
those predicted by an analytical theory for shear wave beam propagation
due to surface excitation with a piston source.

1:30

1pBA3. Nonlinear least-squares estimation of shear elasticity and shear
viscosity in viscoelastic media. Nicholas A. Bannon (Michigan State Univ.,
Dept. of Elec. and Comput. Enginiering, Michigan State Univ., East
Lansing, MI 48824, bannonni@msu.edu), Matthew W. Urban (Dept. of
Radiology, Mayo Clinic, Rochester, MN), and Robert J. McGough (Elec.
and Comput. Eng., Michigan State Univ., East Lansing, MI)

Rapid simulations of three-dimensional (3D) shear wave propagation in
viscoelastic media with a Kelvin-Voigt model are enabled by Green’s func-
tions accelerated with graphics processing unit parallelization and high-per-
formance computing resources. Cross-correlation analysis of the wave
motion yields an estimate of shear elasticity, where the errors in the esti-
mated values increase with rising shear viscosity. To reduce errors in the
shear elasticity estimates, a nonlinear least-squares routine that accounts for
the effects of propagation, attenuation, and dispersion is applied to 3D simu-
lated shear wave data in viscoelastic media. The nonlinear least-squares
approach also yields an estimate of the shear viscosity when applied to
simulated particle velocity waveforms. Post-processing, cross-correlation
analysis, and the nonlinear least-squares routine are evaluated on a desktop
computer using MATLAB. Estimation of viscoelastic parameters is per-
formed at the focal depth for several combinations of shear elasticity and
shear viscosity. The errors in the estimated shear elasticities obtained from
the nonlinear least-squares routine and cross-correlation are determined as a
function of the input shear elasticity and shear viscosity values. The esti-
mates provided by the nonlinear least-squares routine for shear elasticity
and shear viscosity are shown to approach the simulation input values for
each combination of viscoelastic parameters.
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1:45

1pBA4. Simulations of shear wave propagation in tissue based on
kidney transplant histology. Nicholas M. Sanger (College of Eng., North
Dakota State Univ., 1315 Centennial Blvd., Fargo, ND 58105, nicholas.
sanger@ndsu.edu), Luiz Vasconcelos, and Matthew W. Urban (Dept. of
Radiology, Mayo Clinic, Rochester, MN)

End-stage kidney disease is the result of progressive declines in function
and frequently requires a transplant. Maintaining kidney transplant health
with regularly scheduled function tests or biopsies is necessary to adjust
treatments. Ultrasound shear wave elastography (SWE) could provide an
inexpensive, noninvasive modality to monitor allograft health. In this pro-
ject, we built models of the kidney cortex from segmented kidney transplant
histology images. We assigned viscoelastic properties, based on a Kelvin-
Voigt model, to the major constituents, glomeruli, interstitia, tubules, and
fluid and simulated the wave propagation through tissue with no disease,
inflammation, interstitial fibrosis, and tubular atrophy. The resulting in silico
wave motion in the time- and frequency-domains was characterized to
compare the in silico and in vivo mechanical properties. We also attempted
modeling the effects of perfusion by modifying the constituents’ viscoelastic
properties. We found the most differentiation for shear elasticity, shear vis-
cosity, and phase velocity dispersion in the inflammation patients. When
accounting for perfusion we observed increases in shear wave group veloc-
ity, shear viscosity, and dispersion, bringing the results from in silico mod-
els in closer agreement with in vivo results. These results are encouraging
and demonstrate first steps of simulating the shear wave propagation based
on histological models.

2:00-2:15 Break

2:15

1pBAS. An ultrasonic bone assessment technique based on the spectral
difference of signals from cortical and cancellous bone: an in vivo study.
Ann M. Viano (Phys., Rhodes College, 2000 N Parkway, Memphis, TN
38112, viano@rhodes.edu), Sarah I. Delahunt (Phys., Rhodes College,
Austin, TX), and Brent K. Hoffmeister (Phys., Rhodes College, Memphis,
TN)

Ultrasonic backscatter may be able to detect changes in bone caused by
osteoporosis. This study assesses the relative in vivo performance of three
ultrasonic backscatter parameters: cortical-cancellous mean (CCM), corti-
cal-cancellous slope (CCS), and cortical-cancellous intercept (CCI). Meas-
urements were performed at the left and right femoral necks of 88 healthy
volunteers. CCM was determined by frequency averaging the spectral power
difference in decibels between echoes from the outer cortical surface and
backscatter from underlying cancellous bone. CCS and CCI were determined
from the slope and intercept, respectively, of a line fitted to the spectral
power difference. Linear regression analysis was used to compare measure-
ments performed at the left and right femur. CCM demonstrated highly sig-
nificant (p < 0.0001) correlations between left and right side measurements
across nine choices of gate delay and width for analysis of both ten and thirty
adjacent signals centered on the bone (0.41 <R <0.53). CCS and CCI
showed significant correlations only for five and three gate choices, respec-
tively, for the ten signal analysis (0.001 < p < 0.05). These results indicate
that CCM is sensitive to naturally occurring variations in bone tissue and
may be sensitive to changes in bone tissue caused by osteoporosis.
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2:30

1pBAG6. Ultrasonic properties of human scalp. Cecille Labuda (Phys. and
Astronomy, Univ. of MS, 108 Lewis Hall, University, MS 38677,
cpembert@olemiss.edu), Blake C. Lawler, Shona C. Harbert, and Brent K.
Hoffmeister (Phys., Rhodes College, Memphis, TN)

The goal of this study was to characterize the ultrasonic properties of
human scalp. Thirty-two specimens were prepared from formalin-fixed
scalp tissue from four human donors (age 35-65, 2 male, 2 female). Tissue
specimens were mounted in acrylic frames with a 30 x 30-mm acoustic win-
dow. The specimens were scanned in a water tank with a broadband ultra-
sound transducer with center frequency 7.5 MHz using a motion-controlled
system. The ultrasonic region of interest (ROI) was a 20 x 20-mm region
with a step size of 410 um. The signals acquired were analyzed to determine
the speed of sound (SOS) and frequency slope of attenuation (FSA) at all
scan locations (2500 locations per specimen). The mean * standard devia-
tion (SD) of the SOS and FSA over all the specimens respectively was
1536 £9 m/s and 1.88 = 0.51 dBcm-1MHz-1. The SD within an ROI was
3-15 m/s for SOS and 0.15-0.85 dBcm-1MHz-1 for FSA, depending on
specimen, indicating some heterogeneity in the ultrasonic properties of the
tissue.

2:45

1pBA7. Comparison of arterial mechanical properties measured with
arterial dispersion ultrasound vibrometry and clinical arterial stiffness
metrics. Matthew W. Urban (Dept. of Radiology, Mayo Clinic, Rochester,
MN 55905, urban.matthew@mayo.edu), Hyungkyi Lee (Dept. of Radiology,
Mayo Clinic, Rochester, MN), Tuhin Roy (Civil Eng., North Carolina State
Univ., Raleigh, NC), Charles Capron (Mayo Clinic Graduate School of
Biomedical Sci., Mayo Clinic, Rochester, MN), Francisco Lopez-Jimenez
(Dept. of Cardiovascular Medicine, Mayo Clinic, Rochester, MN), Gina
Hesley (Dept. of Radiology, Mayo Clinic, Rochester, MN), Wilkins Aquino
(Duke Univ., Durham, NC), Murthy Guddati (Civil Eng., North Carolina
State Univ., Raleigh, NC), and James Greenleaf (Dept. of Physiol. and
Biomedical Eng., Mayo Clinic, Rochester, MN)

Arterial stiffness is recognized as a highly clinically relevant and inde-
pendent prognostic biomarker of cardiovascular disease. Arterial dispersion
ultrasound vibrometry (ADUV) uses acoustic radiation force to generate
propagating waves in the arterial wall and measures the wave motion to esti-
mate arterial mechanical properties from fitting phase velocity dispersion
curves to a waveguide model. ADUV measurements were made with a
Verasonics V1 system with a L7-4 linear array transducer in 63 human sub-
jects (27 male/36 female) from ages 50-88 years old. We made measure-
ments at 10 time points within the cardiac cycle, termed cardiac stages. We
estimated the phase velocity (median of ¢, from 400-600 Hz) and G deter-
mined from matching the dispersion curves with those from a waveguide
model incorporating the artery diameter and wall thickness. Within the
same study visit, we measured the intima-media thickness and diameter
changes through the cardiac cycle with a General Electric Logiq E9 or E10
scanner. We also tonometry to determine the carotid-femoral pulse wave
velocity. We report here comparisons of median phase velocity, ¢,, and
inverted shear modulus, G, at different stages of the cardiac cycle with clini-
cal metrics of arterial stiffness.
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Session 1pCA

Artificial Intelligence/Machine Learning for Acoustics (Hybrid Session)

Amanda Hanford, Cochair
Penn State University, PO Box 30, State College, PA 16802

Matthew G. Blevins, Cochair
U.S. Army Engineer Research and Development Center, 2902 Newmark Drive, Champaign, IL 61822

Brandon M. Lee, Cochair
Mechanical Engineering, University of Michigan, 1231 Beal Ave., Ann Arbor, MI 48109

Chair’s Introduction—1:00

Invited Papers

1:05

1pCAL. Predictive capability assessment for physics-guided learning of vortex-induced vibrations. Gregory A. Banyay (Appl. Res.
Lab., Penn State Univ., PO Box 30, State College, PA 16802, gab5631@psu.edu) and Andrew S. Wixom (Appl. Res. Lab., Penn State
Univ., State College, PA)

We seek here a computationally parsimonious and credible means to simulate the complex phenomena of vortex-induced vibrations
(ViV), as one tool to assist in mitigating risk associated with ViV-induced instabilities that can cause non-negligible structural acoustic
response. To address current limitations in data-driven modeling, for which credibility assessment proves challenging, or physics-based
simulation (i.e., constrained by governing partial differential equations (PDEs)), which often includes prohibitive computational
expense, we explore recent state-of-the-art approaches to optimally combine these engineering disciplines via a physics-guided machine
learning framework. One can expect that intersecting data-driven modeling with physics-guided simulation offers one means to both
maximize the credibility of machine learning based approaches and minimize the computational expense of physics-based modeling
approaches.

1:25

1pCA2. A physics-guided model for predicting spectral and temporal variability of road traffic noise. Mylan R. Cook (Dept. of
Phys. and Astronomy, Brigham Young Univ., N201 ESC, Provo, UT 84602, mylan.cook@gmail.com), Kent L. Gee, Mark K. Transtrum
(Dept. of Phys. and Astronomy, Brigham Young Univ., Provo, UT), Shane V. Lympany, and Matthew F. Calton (Blue Ridge Res. and
Consulting, Asheville, NC)

The National Transportation Noise Map (NTNM) provides daily averaged A-weighted equivalent sound levels across the continental
United States (CONUS) due to road traffic. The NTNM maps the spatial variability of road traffic noise, but not the temporal or spectral
variability. A physics-guided model was developed to predict the temporal and spectral variability of road traffic noise across CONUS.
Empirical models were developed to predict hourly road traffic volume and vehicle class mix across CONUS based on publicly available
traffic volume measurements and geospatial data. The Federal Highway Administration’s Traffic Noise Model characterizes average
spectral levels by vehicle class; by combining the empirical model with the Traffic Noise Model’s characteristic vehicle class spectra,
hourly traffic noise predictions across CONUS are made which include temporal and spectral variability. This physics-based modeling
approach improves upon nation-wide mapping of road traffic noise. [Work supported by U.S. Army SBIR.]

1:45

1pCA3. Mapping ambient sound levels using physics-informed machine learning. Shane V. Lympany (Blue Ridge Res. and
Consulting, 29 N Market St., Ste. 700, Asheville, NC 28801, shane.lympany@blueridgeresearch.com), Matthew F. Calton (Blue Ridge
Res. and Consulting, Asheville, NC), Mylan R. Cook, Kent L. Gee, and Mark K. Transtrum (Dept. of Phys. and Astronomy, Brigham
Young Univ., Provo, UT)

Mapping the spatial and temporal distribution of ambient sound levels is critical for understanding the impacts of natural sounds and
noise pollution on humans and the environment. Previously, ambient sound levels have been predicted using either machine learning or
physics-based modeling. Machine learning models have been trained on acoustical measurements at geospatially diverse locations to
predict ambient sound levels across the world based on geospatial features. However, machine learning requires a large number of
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acoustical measurements to predict ambient sound levels at high spatial and temporal resolution. Physics-based models have been
applied to predict transportation noise at high spatial and temporal resolution on regional scales, but these predictions do not include
other anthropogenic, biological, or geophysical sound sources. In this work, physics-based predictions of transportation noise are com-
bined with machine learning models to predict ambient sound levels at high spatial and temporal resolution across the conterminous
United States. The physics-based predictions of transportation noise are incorporated into the machine learning models as a geospatial
feature. The result is a physics-informed machine learning model that predicts ambient sound levels at high spatial and temporal resolu-

tion across the United States. [Work funded by an Army SBIR]

Contributed Papers

2:05

1pCAA4. Training physics-informed neural networks to directly predict
acoustic field values in simple environments. Brandon M. Lee (Mech.
Eng., Univ. of Michigan, 1231 Beal Ave. Ann Arbor, MI 48109, leebm@
umich.edu) and David R. Dowling (Mech. Eng., Univ. of Michigan, Ann
Arbor, MI)

As acousticians turn to machine learning for solutions to old and new
problems, neural networks have become a go-to tool due to their capacity
for model representation and quick forward computations. However, these
benefits come at the cost of obscurity; it is difficult to determine whether the
proficiency of a trained neural network is limited by training effort, training
dataset size or scope, or compatibility of the network’s design with the
data’s underlying pattern of interest. For neural networks trained to provide
solutions to the point-source Helmholtz-equation in axisymmetric single-
path, two-path, and multi-path (ideal waveguide) environments with
constant sound speed, the key limitations are the dataset composition and
network design. This study examines the effects on performance and
explainablity which result from providing physical information (governing
equation and boundary conditions) to these neural networks, instead of only
acoustic-field solutions generated from well-known analytic solutions. The
outcome of using physics-informed neural networks (PINNs) for these sim-
ple environments informs their possible extension to more complex, realistic
environments. This study emphasizes source frequencies in the 100’s of Hz,
depths up to 500 m, and ranges up to 10 km for sound speeds near 1500 m/s.
[Work supported by the NDSEG fellowship program.]

2:20-2:35 Break

2:35

1pCAS. Spectral-based cluster analysis of noise from collegiate sporting
events. Mitchell C. Cutler (Phys. and Astronomy, Brigham Young Univ., 1
Campus Dr., Provo, UT 84604, mitchellccutler@gmail.com), Mylan R.
Cook, Mark K. Transtrum, and Kent L. Gee (Phys. and Astronomy,
Brigham Young Univ., Provo, UT)

This paper presents on studies to characterize crowd response from
recordings taken from 30 collegiate sporting events. Inferring crowd
response from raw acoustic signals is challenging because they contain com-
plex combinations of acoustic sources including crowd noise, music, indi-
vidual voices, and PA system. First, the distributions of recorded half-
second interval overall sound pressure levels from basketball and volleyball
games, both men’s and women’s, are analyzed with regard to crowd size
and venue. Using 24 one-third octave bands between 50 Hz and 10 kHz,
half-second spectral levels from each type of game are then analyzed. Based
on principal component analysis, 87% of the spectral variation in the signals
can be represented with three principal components, regardless of sport,
venue, or crowd composition. Using the resulting three-dimensional compo-
nent coefficient representation, clustering analysis (using Gaussian mixture
models) then finds nine different clusters. These clusters separate audibly
distinct signals and represent various combinations of acoustic sources,
including crowd noise, music, individual voices, and PA system.
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2:50

1pCAG6. Challenges in siting a highway noise barrier with constraints of
cost, zoning, and wetlands management. Arthur W. van der Harten
(Acoust., Acoust. Distinctions / Open Res. in Acoust. Sci. and Education,
400 Main St. Ste. 600, Stamford, CT 06901, Arthur.vanderharten@ gmail.
com)

A noise barrier has been planned to reduce the impact of highway noise
on a private property with restrictions on construction due to wetlands man-
agement, and stringent building code requirements, with respect to cost.
Using the constraints of the site and local ordinances, an application of a
genetic algorithm was designed in order to find the optimal barrier place-
ment that complied with all site constraints. Fitness criteria were developed
according to the area of the constructed barrier, as well as the amount of
attenuation provided according to a Maekawa based screen attenuation cal-
culation determined in a 3-D model of the terrain.

3:05

1pCA7. Learning both a value and uncertainty label for seabed
parameters from ship noise data. Michael C. Mortenson (Phys. and
Astronomy, Brigham Young Univ., Provo, UT), Tracianne B. Neilsen
(Phys. and Astronomy, Brigham Young Univ., N251 ESC, Provo, UT
84602, tbon@byu.edu), Mark K. Transtrum (Phys. and Astronomy, Brigham
Young Univ., Provo, UT), and David P. Knobles (Phys., Knobles Sci. and
Anal., Austin, TX)

Because the seabed impacts sound propagation in the ocean, machine
learning is being used for both seabed classification and to obtain estimates
of individual seabed properties. This paper proposes a method to simultane-
ously estimate these properties and an associated uncertainty label. A resid-
ual neural network is trained and validated using synthetic ship noise
spectrograms generated with a range-independent normal mode sound prop-
agation model and a ship noise source spectrum. The data set includes 140
seabeds: In each, the top sediment layer has a random thickness and proper-
ties randomly chosen from five sets of bounds, which roughly correspond to
clay, mud, sand, silt, and gravel. For each of the 140 sediments, a random
selection of 405 combinations of ship speed, closest-point-of-approach
range, and source depth are used resulting in 22k data samples. Each data
sample is labeled with the true values of the sediment parameters as well as
a label for the uncertainty level of each. The uncertainty levels are obtained
from the Fisher information and qualify of the information content in the
ship spectrogram about each parameter. Examples of how the residual neu-
ral network learns to perform regression for the parameter value and the
uncertainty level will be presented.

3:20

1pCAS8. Pneumonia diagnosis algorithm based on room impulse
responses using cough sounds. Jin Yong Jeon (Medical and Digital Eng.,
Hanyang Univ., Dept. of Architectural Eng., Hanyang University, Seoul
04763, South Korea, jyjeon@hanyang.ac.kr), Na Young Kim (Medical and
Digital Eng., Hanyang Univ., Seoul, South Korea), Sang Heon Kim
(Internal Medicine, Hanyang Univ., Seoul, South Korea), Hong Jin Kim
(Management Support, HicareNet, Seoul, South Korea), and Gwun Il Park
(Business Innovation, HicareNet, Seoul, South Korea)

For data augmentation of the pneumonia diagnosis algorithm by deep
learning, an image conversion method through a convolutional method uti-
lizing spatial impulse and sound quality factors of cough sounds is pro-
posed. First, reverberant spaces with different volumes were implemented,

183rd Meeting of the Acoustical Society of America  A49




and spatial impulse responses were generated for each space through com-
puter simulation of spatial models according to sound source and receiver
points. Sound quality analysis was performed to improve accuracy, and 2-D
sound quality data of time series was converted into 3-D image data using
the Gramian Angular Field (GAF) method for combination between hetero-
geneous data. As a result, 97.5% accuracy was obtained for the configured
dataset. The result of this study is expected to be used to develop diagnostic
algorithms for various respiratory diseases including pneumonia in the
future.

3:35

1pCA9. The feces thesis: Using machine learning to detect diarrhea.
Maia Gatlin (Georgia Inst. of Technol., 7220 Richardson Rd., Smyrna, GA
30080, maia.gatlin@gtri.gatech.edu), David S. Ancalle (Georgia Inst. of
Technol., Atlanta, GA), Anthony Popa (Georgia Inst. of Technol., Smyrna,
GA), Ashima Taneja, Cade Tyler (Georgia Inst. of Technol., Atlanta, GA),
David Meyer (Univ. of Toronto, Toronto, ON, Canada), David L. Hu, and
Alexis Noel (Georgia Inst. of Technol., Atlanta, GA)

Cholera is a bacterial disease which induces extremely liquid diarrhea. It
affects millions of people, resulting in up to about 150,000 deaths per year.

MONDAY AFTERNOON, 5 DECEMBER 2022

In this study, a sensor is developed which can non-invasively determine if
an outbreak may occur in an area, acting as an early detection method so
that resources can be employed to stop the rapid spread of the disease. The
sensor uses a microphone to collect audio samples of various excretion
events. The collected acoustic data are pre-processed to produce mel spec-
trograms which capture the distinct temporal frequency characteristics of
each excretion event. These mel spectrograms are input into a pre-trained
convolutional neural network to classify the event as either diarrheal or non-
diarrheal with up to 98.1% accuracy. The algorithm is also capable of classi-
fying other excretion events such as urination, flatulence, and defecation.
The sensor developed here could be applied to identify other use cases such
as tracking bowl movements for hospice patients or for those with inflam-
matory bowel diseases like Crohn’s disease.

LIONEL, 1:00 P.M. TO 3:30 P.M.

Session 1pEA

Engineering Acoustics: General Topics in Engineering Acoustics

Pratik Ambekar, Chair
Univ. of Washington, 1013 NE 40th St., Seattle, WA 98105

Contributed Papers

1:00

1pEALl. Low-cost measurement-grade microphone powered by MEMS
elements and preamplifier housed in 3D printed enclosure. Peter J.
Riccardi (Graduate Program in Acoust., The Pennsylvania State Univ.,
University Park, PA), Zane T. Rusk (Dept. of Architectural Eng., The Penn
State Univ., 104 Eng. Unit A, University Park, PA 16802, ztrd@psu.edu),
John A. Case, Heui Young Park (Graduate Program in Acoust., The
Pennsylvania State Univ., University Park, PA), Eric Rokni (Graduate
Program in Acoust., The Pennsylvania State Univ., State College, PA), and
Stephen C. Thompson (Graduate Program in Acoust., The Pennsylvania
State Univ., University Park, PA)

Acoustic measurement-grade microphones with flat frequency responses
and adequate sensitivities are a necessary tool for many acousticians and
vibroacoustic engineers. These microphones can often cost hundreds, if not
thousands, of dollars. With the availability of microelectromechanical sys-
tems (MEMs) microphone elements and 3D printers, it is possible to con-
struct drop-in replacements of these measurement grade microphones at the
fraction of the cost. A MEMs system was designed with four elements in
parallel to reduce uncorrelated noise. The system runs rail-to-rail on a
3.3VDC, Integrated Electronics Piezo-Electric (IEPE) powered preampli-
fier, producing a nominal sensitivity of 13 mV/Pa. The microphone body is
3D printed, and the final bill of material cost is less than 30 USD. The
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performance of the microphone was measured experimentally in a semi-
anechoic chamber and verified by comparing the data to measurements of a
commercial microphone: the PCB Piezotronics 378B02 15" free-field
microphone with a nominal sensitivity of 50 mV/Pa. This presentation will
show that the MEMs microphone has a similar electrical noise floor, and
lower acoustical noise floor below 1 kHz. The frequency response of the
MEMs microphone is flat in the audio band through 10 kHz, making it a
suitable replacement for acoustical measurements where its lower sensitivity
can be tolerated.

1:15

1pEA2. MEMS microphones as ultrasonic transducers. Xiaoyu Niu
(Elec. and Comput. Eng., The Univ. of Texas at Austin, Austin, TX,
xyniu@utexas.edu), Yuqi Meng, Zihuan Liu, Ehsan Vatankhah, and Neal
A. Hall (Elec. and Comput. Eng., The Univ. of Texas at Austin, Austin,
TX)

We demonstrate the transmission of ultrasound in air using a transducer
that resembles a MEMS microphone in its construction. The device com-
prises a compliant 1 mm diameter diaphragm, a stiff perforated backplate
electrode, and a back-volume. The diaphragm is driven using AC signals
with peak values that exceed the pull-in voltage of the diaphragm. Rela-
tively large diaphragm displacements are achieved as diaphragm oscillations
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traverse the complete 2.30-micrometer diaphragm-backplate gap in response
to excitation waveforms spanning from 40 kHz to 150 kHz. Large amplitude
diaphragm vibration is advantageous for high SPL applications in air, as
sound pressure is directly proportional to diaphragm displacement for a
given operating frequency. Diaphragm vibration profiles are measured using
a scanning laser Doppler vibrometer, and resultant acoustic pressure wave-
forms in air are measured using a broadband microphone. We demonstrate
how nonlinear features of the electrostatic transducer can be exploited to
generate loud, broadband signals. We also discuss interesting applications
using an array of these transducers.

1:30

1pEA3. Broadband multimode piezoelectric spherical shell transducers
for underwater sound. David A. Brown (ECE, Univ. Massachusetts
Dartmouth, 151 Martine St., Ste. 123, Fall River, MA 027230000,
dbrown@umassd.edu), Austin Souza, Corey Bachand, and Michael Bisbano
(BTech Acoust., Fall River, MA)

Broadband multimode piezoelectric spherical shell transducers are
investigated for underwater sound by exciting the zeroth and/or first order
(0+ 1) extensional modes of vibration with and without acoustical baffles
of different types. Measurements of the frequency response (transmit pres-
sure per volt or TVR), radiation patterns and electromechanical impedance
reveal useful tradeoffs and design guidance for many practical applications.
Measurements are in good agreement with theoretical closed form analytical
results.

1:45

1pEA4. A heat balance model to explain thresholds for thermoacoustic
sound production in seawater using metal electrodes. Michael S. McBeth
(Res. and Appl. Sci., Naval Information Warfare Ctr. Atlantic, NASA
Langley Res. Ctr., 100 West Taylor St., M.S. 060, Hampton, VA 23681,
michael.s.mcbeth.civ@us.navy.mil)

Experiments conducted with solid metal wire electrodes in seawater
generated second harmonic sound waves thought to be thermoacoustic in or-
igin. Using sine wave bursts of three to twenty-five cycles of 10 kHz voltage
across the electrodes, the applied voltage threshold for thermoacoustic
sound production was observed to decrease almost linearly for bursts up to
ten cycles. At the time of these experiments, around 2014, we were unable
to explain these sound production threshold values. A mass density continu-
ity equation with a negative source term is used to explore the observed
threshold values. The negative source term represents the decrease in fluid
density with each half cycle of applied voltage due to the ohmic heating.
This approach builds on an earlier heat balance model that successfully
explains an observed delay in thermoacoustic sound production. Model
results are compared with the experimental observations.

2:00

1pEAS. An improved high altitude ultrasonic anemometer. Tim J.
Cheng (Mech. Eng., Tufts Univ., 200 Boston Ave. 2600 Ste., Medford, MA
02155, timothy.cheng@tufts.edu), Tara Curran, Freidlay Steve (Mech. Eng.,
Tufts Univ., Medford, MA), Chris Yoder (Wallops Flight Facility, NASA,
Wallops Island, VA), Don Banfield (Ames Res. Ctr., NASA, Mountain
View, CA), and Robert D. White (Mech. Eng., Tufts Univ., Medford,
MA)

This paper describes a sonic anemometer for low pressure (~10mbar)
environments. The technology is being developed as a high accuracy 3-D
wind measurement system for the surface of Mars and stratospheric bal-
loons. Applications include climate research, balloon navigation, and detec-
tion of energetic events through infrasonic atmospheric gravity waves. The
device was constructed from an ST 32 bit Nucleo microcontroller and a cus-
tom daughter board that interface with high performance application specific
amplifiers and multiplexers. Total power draw is 1.5 W. The sensor head
uses narrowband commercial ultrasound transducers operating near 40 kHz
at voltages below 30 V.. The total mass of the head is 180 g with a volume
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15 cm on a side. The resulting system can take speed of sound and 3-axis
flow velocity data at 0.4 Hz with 10 cm/s RMS fluctuation. Bell jar testing
demonstrated operation to —5°C and 10 mbar. A balloon launch to 32 km
will occur before the meeting and will result in the first wind measurements
at this altitude with a digital sonic anemometer. We will report on results
and compare to inertial and GPS. [Work supported by NASA-
NNX16AJ24G and NASA-80NSSC20MO0007. Thanks to the NASA Wal-
lops Balloon Programs Office for technical support.]

2:15

1pEAG6. Experimental characterization of high intensity progressive
ultrasound beams in air. Yuqi Meng (Dept. of Elec. and Comput. Eng.,
The Univ. of Texas at Austin, Austin, TX 78712, yugimeng@utexas.edu),
Ehsan Vatankhah, Zihuan Liu, Xiaoyu Niu (Dept. of Elec. and Comput.
Eng., The Univ. of Texas at Austin, Austin, TX), Randall P. Williams
(Appl. Phys. Lab., Univ. of Washington, Seattle, WA), and Neal A. Hall
(Dept. of Elec. and Comput. Eng., The Univ. of Texas at Austin, Austin,
TX)

The majority of reported measurements on high intensity ultrasound
beams in air are below 40 kHz and are performed on standing waves inside
a guide. Here we present experimental characterization of high intensity
progressive and divergent sound beams in air at 300 kHz. Measurements in
this frequency range are challenging. Accurate characterization of high in-
tensity sound beams requires a measurement bandwidth at least 10x the
beam’s primary frequency, as high intensity soundwaves steepen and form
shocks, and therefore contain significant signal power at harmonic frequen-
cies. A measurement bandwidth of at least 3 MHz is therefore required.
Calibrated measurement microphones are generally not available in this fre-
quency range. We have overcome this limitation by using a hydrophone
with a calibrated response from 250 kHz—20 MHz. A narrowband piezo-
electric transducer is used as the source in this study. The source is capable
of generating tone burst waveforms centered at 300 kHz and with 160 dB
SPL surface pressure. Cumulative wave steepening and shock formation are
observed in on-axis measurements. The source’s surface vibration profile is
measured using a scanning LDV, and the vibration profile is imported into a
numerical wide-angle KZK simulation for comparison against measured on-
axis waveforms.

2:30

1pEA7. Mechatronic acoustic research system for generating real large-
scale dynamic datasets. Austin Lu (Univ. of Illinois Urbana-Champaign,
503 E Clark St., Champaign, IL 61820, austinl8@illinois.edu), Ethaniel
Moore, Arya Nallanthighall (Univ. of Illinois Urbana-Champaign,
Champaign, IL), Mankeerat S. Sidhu, Kanad Sarkar, Manan Mittal, Ryan
M. Corey, Paris Smaragdis, and Andrew C. Singer (Univ. of Illinois
Urbana-Champaign, Urbana, IL)

To support spatial audio research, we aim to take recordings from com-
plex acoustic environments with moving sources and microphones, however
we observe a lack of research tools that can accomplish this. Past
approaches recorded people engaging in various tasks, which produces rich
data that unfortunately lacks repeatability. We propose using robots to recre-
ate dynamic scenes without the inherent variability of human motion. To be
useful, this Mechatronic Acoustic Research System must be remotely acces-
sible, offer concise representations of dynamic scenes, support a variety of
robot and audio devices, and synchronize robot motion. In this talk, we
show how we solved these challenges. Remote experimentation is facilitated
by our virtual interface, which uses a simple GUI to describe robot motion
and audio playback/recording. A digital twin physical simulation is used for
visualization and validation of motion paths. We propose using the Robot
Operating System for multi-robot coordination so that networked robots can
be incorporated with little overhead. We use MARS to run experiments
where a cable-driven parallel robot moves a loudspeaker along a 3D path
while being recorded from distributed Matrix Voice microphone arrays. We
evaluate the measured audio to show repeatability of the system, justifying
its use in research.
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2:45

1pEAS. Modeling nonlinear acoustic damping due to flow separation.
Joseph Day (Univ. of Colorado Springs, 1420 Austin Bluffs Pkwy,
Colorado Springs, CO 80918, jday@uccs.edu) and J. M. Quinlan (Univ. of
Colorado Colorado Springs, Colorado Springs, CO)

Nonlinear acoustic damping has been observed in many high-amplitude
acoustic systems as a result of flow separation and shear layer vortical
motion, eventually transforming some of the acoustical energy into heat.
The amount of nonlinear acoustic damping helps determine the nonlinear
limit cycle amplitude, e.g., damping caused by baffle blades in a liquid
rocket engine to reduce combustion instabilities. The damping mechanism
is dependent on both the location and phase of flow separation. Identifying
the flow separation is a function of both the boundary layer growth and the
acoustically imposed pressure gradient. When the acoustic pressure gradient
is adverse, the boundary layer is more prone to separation. Using this as a
basis, a model can be created that is applicable to general geometry, which
will then be used to approximate the nonlinear acoustic damping in various
situations. The constructed model will be compared to established cases,
such as an orifice in a duct, to validate the model.

3:00

1pEA9. Security weaknesses in acoustic release system. Mak Graci¢
(Marine Technologies, Univ. of Haifa, 199 Aba Koushy Ave., Haifa
3498838, Israel, Mak.Gracic@fer.hr) and Roee Diamant (Marine
Technologies, Univ. of Haifa, Haifa, Israel)

Underwater acoustic communication is increasingly perceived as a cost-
effective ocean exploration and monitoring means. However, while carrying
out these tasks, UWAC devices are left unattended over long periods of
time and may become vulnerable to external attacks. Of particular interest
are acoustic release systems that are standard equipment in anchored sys-
tems, and whose purpose is to allow safe release when needed. Here, the
release command sent in cleartext, and an attacker may try to replicate it in
order to disconnect key assets from a network by making them emerge or
drift away from their anchor. In this work, we analyze the security weak-
nesses in acoustic release systems in terms of the number of secrete bits in
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the release command. We then provide an analysis for the average number
of release attempts required for an attacker to mimic the release command.
Demonstration is performed over a real acoustic release system using 5 dif-
ferent release commands. We show that the current acoustic release systems
are extremely vulnerable for attacks. Our presentation will include the back-
ground for acoustic release communication commands, the security analysis
and examples of the possible attacks.

3:15

1pEA10. Numerical study on the aeroacoustics and interaction of two
distributed-propulsion propellers in co- and counter-rotations.
Sidharath Sharma (Univ. of Nottingham, Nottingham, United Kingdom),
Guangyuan Huang (Univ. of Nottingham, University of Nottingham,
Nottingham NG8 1BB, United Kingdom, guangyuan.huang@nottingham.
ac.uk), Stephen Ambrose, and Richard Jefferson-Loveday (Univ. of
Nottingham, Nottingham, United Kingdom)

Driven by increasing demands for a sustainable and eco-friendly future
in aviation, distributed electric propulsion (DEP) systems have received
much attention for their high aerodynamic efficiency. DEP systems of lower
noise emissions are desired by customers and policymakers and therefore it
is important to understand the aeroacoustics and interaction of distributed
propeller systems. In this paper, the aeroacoustics of a simplified DEP
system is numerically investigated. The system consists of two Mejzlik 2-
blade-9 x 9-inch propellers that are distributed side by side, with a tip-to-tip
distance of 10 mm. Their rotating speed and freestream velocity are set as
6500 RPM and 12 m/s, respectively. The configurations of both co- and
counter-rotation are considered. Compressible Large-eddy simulations are
performed to obtain the flow solutions, and the Ffowcs Williams and Hawk-
ings (FW-H) method is used to calculate the corresponding far-field acoustic
solutions. The results present interaction effects for both configurations and
compare against isolated propeller results. First, the thrust and the induced
sound of each propeller are examined and secondly the impact of the inter-
action effects on the aerodynamic and acoustic performance is investigated.
Finally, sound interference in the acoustic fields is assessed and compared
for both co- and counter-rotation configurations.
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MONDAY AFTERNOON, 5 DECEMBER 2022 GRAND HALL A, 4:00 P.M. TO 5:30 P.M.

Session 1pID

Interdisciplinary: Keynote Lecture

Subha Maruvada, Chair
U.S. Food and Drug Administration, 10903 New Hampshire Ave., Bldg. WO 62-2222, Silver Spring, MD 20993

Chair’s Introduction—4:00

Invited Paper

4:05

1pID1. Broadening participation in acoustics: Personal reflections and pathways forward. Lily M. Wang (Durham School of
Architectural Eng. and Construction, Univ. of Nebraska - Lincoln, 1110 S 67th St., Omaha, NE 68182-0816, Iwang4@unl.edu)

It has been over 30 years since the author embarked on pursuing acoustics and engineering as a career. At the first Acoustical Society
of America’s (ASA) Technical Committee in Architectural Acoustics meeting that the author attended in the early 1990s, there were
two women in the filled room, of whom the author was one. Overall, these past three decades have provided a fulfilling and positive pro-
fessional experience, but there have been moments where the author leaned on demonstrating resilience, sought to rise above feelings of
not being good enough, and made career choices and conducted research differently than might have been expected. In this presentation,
the author shares personal reflections on her experience, as well as thoughts on how the ASA and its members can build on recent
momentum to continue to broaden participation in acoustics, particularly among underrepresented groups. The author was tasked to lead
diversity, equity and inclusion efforts in the College of Engineering at the University of Nebraska — Lincoln as an Associate Dean of
Faculty and Inclusion beginning in 2018. A summary of data, tactics, and strategies undertaken since then are shared as possible path-
ways forward, that could be replicated in others’ research groups and communities.
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MONDAY AFTERNOON, 5 DECEMBER 2022

RAIL HEAD, 1:00 P.M. TO 3:00 P.M.

Session 1 pMU

Musical Acoustics: General Topics in Musical Acoustics [-Perception and Psychoacoustics

Andrew A. Piacsek, Chair
Physics, Central Washington University, 400 E. University Way, Dept. of Physics, Ellensburg, WA 98926-7422

Contributed Papers

1:00

1pMUI1. Combination tones and multiphonics in a physics of music lab.
Randy Worland (Phys., Univ. of Puget Sound, 1500 N. Warner, Tacoma,
WA 98416, worland@pugetsound.edu)

Laboratory exercises related to multiphonic tones in wind instruments
have been developed for use in an undergraduate Physics of Music class.
Although the concepts of nonlinear mixing and production of combination
tones can be challenging to present at a non-technical level, a hand’s-on
(mouth’s-on!) approach allows students to can gain a visceral and aural
appreciation of this type of mixing and its musical use by wind players. The
exercises make use of inexpensive free-reed pitch pipes. A pair of pipes can
be played independently, producing a linear combination of the two sources,
and as a pair of coupled nonlinear oscillators, resulting in combination
tones. The differences between the two types of mixing are heard and
viewed on a spectrogram in real time. Unlike multiphonics produced by
advanced woodwind and brass players, every student can produce these
combination tones with pitch pipes. Most can also sing a fixed pitch while
playing a pipe to achieve another multiphonic effect. The exercises are read-
ily extended to harmonicas, as available, where difference tones are often
heard quite clearly, and the nonlinear mixing forms an essential part of the
instrument’s timbre. Additional multiphonic examples are also illustrated.

1:15

1pMU2. Introducing acoustics as music in the interdisciplinary and
inclusive classroom through ski-hill graph pedagogy to teach the meter
fundamentals as sound (psychoacoustics). Andrea Calilhanna (None, 2
Kayla Way, Cherrybrook, Sydney, New South Wales 2126, Australia, a.
calilhanna@ gmail.com)

Although music is sound (acoustics) and listeners experience the physics
of acoustics as music, the meter of most music textbooks is the notated me-
ter signature and group of beats notated in ‘measures’ on the page with ver-
tical bar lines. Notation-based representation of the meter is antiquated
music theory because new research in acoustics, cognitive neuroscience,
and critically music theory (Cohn, 2020) informs otherwise. Cohn’s modern
meter theory, a distillation of contemporary meter theory from North Amer-
ica, is the first comprehensive meter theory that acknowledges the meter’s
psychoacoustic experience and augments notation-based understandings of
the meter through the meter the fundamental mathematics of the Ski-hill
graph. This paper is a music teacher’s response to the availability of modern
meter theory’s Ski-hill graph to represent the meter’s psychoacoustic (mind
and body) experience. The paper illustrates how listeners articulate their
quantification of low meter frequencies such as the duple meter in sets of
pulses in ratio 2:1 initiated by 1.2 hz and 2.4 hz experienced concurrently.
Also, the triple meter sets of pulses in ratios 3:1 0.8 hz and 2.4 hz (Nozara-
dan et al., 2011).
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1:30

1pMU3. Perception of vibrato rate by professional singing voice
teachers. Joshua D. Glasner (Speech-Lang. Pathol., Delaware Valley Univ.,
700 E Butler Ave. Doylestown, PA 18901, jdglasner@gmail.com) and John
Nix (Music, Univ. of Texas: San Antonio, San Antonio, TX)

This study sought to investigate how voice clinicians perceive vibrato
rate alterations when presented with controlled, synthesized singing voice
samples which vary in vibrato rate and vibrato extent. Thirty-four professio-
nal voice teachers completed a twelve-item demographic survey and per-
formed a visual sort and rate task (VSR). For the VSR task, each participant
listened to twenty synthesized samples and sorted them from slowest vibrato
rate to fastest vibrato rate. This task resulted in distance (i.e. individual per-
ception of vibrato rate) and rank-difference measurements for each sample.
Two generalized linear mixed effects models (GLMM) and one linear model
(LM) were computed. Results for GLMM’s found significant associations
between vibrato extent and vibrato rate and both individual perception of
vibrato rate and rank-difference. Results for the LM found no significant
relationships between demographic information and absolute total ranking
error. From the results of this study, it seems that both vibrato extent and
vibrato rate influence the perception of vibrato rate for professional voice
teachers. Neither age nor teaching experience seemed to relate to the ability
to discern vibrato rate accurately.

1:45

1pMU4. The impact of formal musical training on speech intelligibility
performance—Implications for music pedagogy in high-consequence
industries. Alexandra L. Bruder, Akash K. Gururaja (Anesthesiology,
Vanderbilt Univ. Medical Ctr., Nashville, TN), Clayton D. Rothwell (Dept.
of Human Autonomy Systems, Infoscitex Corp., Dayton, OH), Suzanne A.
Baillargeon (Anesthesiology, Vanderbilt Univ. Medical Ctr., Nashville,
TN), Matthew S. Shotwell (Dept. of Biostatistics, Vanderbilt Univ.,
Nashville, TN), Judy R. Edworthy (School of Psych., Univ. of Plymouth,
Plymouth PL4 8AA, United Kingdom), and Joseph J. Schlesinger
(Anesthesiology, Vanderbilt Univ. Medical Ctr., 1211 21st Ave. South,
Medical Arts Bldg., Ste. 422, Nashville, TN 37212, joseph.j.schlesinger@
vumc.org)

In high-risk domains, accurate and timely communications while multi-
tasking are necessary for safety and efficiency. Complex musical/acoustic
environments cause hindered communication and awareness. This study
used an audio-visual multi-tasking paradigm that examined speech intelligi-
bility and if formal music training (FMT) can mitigate these challenges.
Twenty-five students (16F/9M) from Vanderbilt University participated
with varying levels of FMT: no FMT, 1-3 years, 3-5 years, and 5+ years of
FMT. The study found that the degree of FMT significantly impacted non-
response (p-value < 0.001). Among participants with no FMT, the presence
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of background music increased the odds of non-response by 1.5-fold (95%
CIL: 0.95, 2.37), conversely, participants with 5+ years of FMT had no
decrease (OR: 0.97, 95% CI: 0.69, 1.36), showing that non-response in the
presence of music worsens with each subgroup until 5+ years of FMT. The
accuracy for all groups was similar (p =0.74) and the background music
decreased accuracy for all groups (OR: 0.67, 95% CI: 0.58, 0.76). Although
levels of accuracy were similar for all, the 5+ FMT group responded less
frequently, which may indicate increased working memory (i.e., phonologi-
cal loop) and meta-cognition, a valuable skill in high-risk industry. Future
research can explore the pedagogy of musical training.

2:00

1pMUS. Uncovering the differences between the violin and erhu
musical instruments by statistical analysis of multiple musical pieces.
Wenyi Song (Dept. of Comput. Sci. and Eng., The Hong Kong Univ. of Sci.
and Technol., Clear Water Bay, Kowloon, Hong Kong NA, Hong Kong,
wsongak@cse.ust.hk) and Andrew B. Horner (Dept. of Comput. Sci. and
Eng., The Hong Kong Univ. of Sci. and Technol., Hong Kong, Hong
Kong)

The violin and erhu are two of Western and Chinese music’s main
bowed string instruments. Recent work has compared the different emo-
tional characteristics between the violin and erhu on the Butterfly Lovers
Concerto. In our study, we examine several hypotheses to investigate
whether the previous studies’ results hold generally. Four musical excerpts
were extracted from four famous Chinese and Western classical pieces, and
the excerpts were divided into four emotional categories: Happy, Sad, Agi-
tated, and Calm. Based on the Butterfly Lovers results, we expected that: (1)
the violin has a more Happy emotional characteristic than the erhu, while
the erhu is comparatively more Sad, and (2) the violin is better at conveying
high-Arousal excerpts. We used the Bradley—Terry—Luce (BTL) paired-
comparison model to obtain the ranking scores and identify statistically sig-
nificant differences between the two instruments. The erhu was consistently
perceived as sadder than the violin for all Sad excerpts, while the violin was
generally calmer and more agitated for those categories. Further study with
more listeners and excerpts is needed to verify whether these results gener-
ally hold and at a statistically significant level.

2:15

1pMU6. Emotion equalization app: A first study and results. Man Hei
Law (Comput. Sci. and Eng., Hong Kong Univ. of Sci. and Technol., Clear
Water Bay, Kowloon, Hong Kong 000000, Hong Kong, mhlawaa@ connect.
ust.hk), Andrew B. Horner, and Hoi Ting Leung (Comput. Sci. and Eng.,
Hong Kong Univ. of Sci. and Technol., Hong Kong, Hong Kong)

In recent years, there is an increasing trend of mental health issues in so-
ciety. It is important to identify mental first aid strategies that can be applied
at an early age, whether emotional issues have been diagnosed or have yet
to be found. Music has tremendous potential impact on changing emotional
states since it can distract listeners from rumination on negative thoughts
and engage them in a moment of musical enjoyment. This paper presents a
new emotion equalization app that incorporates validated diagnosis tests
(PHQ-9 and GAD-7) and an emotion measuring tool (SAM) for establishing
a personalized therapy treatment using emotion rebalancing methods. By
determining the emotional state of the user, songs are chosen and sequenced
in a playlist using one of three proposed methods (consoling, relaxing, and
uplifting) with a baseline method (random). With this systematic generation
of playlists, the app can be used for personalized therapeutic treatment even
for users without music background. In our experiment, the results showed
positive changes in listeners’ valence levels while there was no significant
change in arousal. Furthermore, the relaxing and uplifting methods showed
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a significant effect on moving listeners from negative to more positive emo-
tional states.

2:30

1pMU?7. The effects of vowel, pitch, and dynamics on the emotional
characteristics of the Soprano, Alto, Tenor, and Bass Voices. Bing Yen
Chang (Comput. Sci. and Eng., Hong Kong Univ. of Sci. and Technol.,
Hong Kong, Hong Kong), Man Hei Law (Comput. Sci. and Eng., Hong
Kong Univ. of Sci. and Technol., Clear Water Bay, Kowloon, Hong Kong
000000, Hong Kong, mhlawaa@connect.ust.hk), Hiu Ting Chan, and
Andrew B. Horner (Comput. Sci. and Eng., Hong Kong Univ. of Sci. and
Technol., Hong Kong, Hong Kong)

Previous research on the soprano and tenor voices have shown that their
emotional characteristics change with different vowel, pitch, and dynamics.
This work continues the investigation with the alto and bass voices. Listen-
ing tests were conducted whereby listeners gave absolute judgements on the
SATB voice tones over ten emotional categories with the data analyzed
using logistic regression. High-arousal categories were stronger for loud
tones, whereas low-arousal categories were stronger for soft tones. The cate-
gories Happy, Heroic, Romantic, and Shy had mostly upward trends across
the pitch range, whereas Angry had an overall downward trend. Calm and
Sad had an arch-shaped trend, while Scary had a U-shaped trend. Comic
and Mysterious had different trends among the voices. The voices each
exhibited different vowel trends, though vowel A was dominant for all the
voice types in the categories Happy and Romantic. Dynamics had the
strongest effect overall, followed closely by pitch, with both effects approxi-
mately twice as strong as the effect of vowel. Vowel U had the largest
strength-of-expressiveness overall, with A second, O third, I fourth, and
finally E last. These results give a quantified preliminary perspective on
how vowel, pitch, and dynamics shape emotional expression in the SATB
voices.

2:45

1pMUS. A comparison of the emotional characteristics of western
orchestral sustaining musical instrument families with different pitch
and dynamics. Hiu Ting Chan, Bing Yen Chang (Comput. Sci. and Eng.,
Hong Kong Univ. of Sci. and Technol., Hong Kong, Hong Kong), Andrew
B. Horner (Comput. Sci. and Eng., Hong Kong Univ. of Sci. and Technol.,
Clear Water Bay, Kowloon, Hong Kong 00000, Hong Kong, horner@cse.
ust.hk), and Man Hei Law (Comput. Sci. and Eng., Hong Kong Univ. of
Sci. and Technol., Hong Kong, Hong Kong)

Recent research has shown that the emotional characteristics of the
bowed strings and brass change with different pitch and dynamics. This
work compares how pitch and dynamics influence their characters in the
western orchestral sustaining musical instruments. We conducted listening
tests where listeners gave absolute judgements on the sounds over ten emo-
tional categories and analyzed the data with logistic regression. For pitch,
the categories Happy and Heroic had an arched shape that peaked at C6.
Romantic, Calm, and Shy increased until C4 and decreased afterwards.
Comic and Mysterious did not shown a clear common trend with pitch. An-
gry and Scary had a U-shape that was slightly stronger at the highest pitch,
while Sad decreased with pitch. For dynamics, Happy, Heroic, Comic, and
Angry were stronger for loud notes, while Romantic, Calm, Mysterious,
Shy, and Sad were stronger for soft notes. For Scary, loud and soft notes
were about the same. In the bowed strings and woodwinds, pitch and dy-
namics had about an equally important effect on the emotional characteris-
tics, while pitch had a more important effect than dynamics in the brass. For
the bowed strings, brass, and woodwinds, the particular instrument was
more of a secondary factor though still important.
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GOLDEN PASS, 1:00 P.M. TO 3:45 P.M.

Session 1pPA

Physical Acoustics: General Topics Physical Acoustics I: Acoustic
Manipulation and Atmospheric Propagation

Matthew J. Kamrath, Chair
US Army Engineer Research and Development Center, 72 Lyme Road, Hanover, NH 03755-1290

Contributed Papers

1:00

1pPAl. Analytical solution for a focused vortex beam radiated by a
Gaussian source. Chirag A. Gokani (Appl. Res. Labs., Univ. of Texas at
Austin, Austin, TX 78713-8029, chiragokani@gmail.com), Yuqi Meng
(Elec. and Comput. Eng., Univ. of Texas at Austin, Austin, TX), Michael R.
Haberman, and Mark F. Hamilton (Appl. Res. Labs., Univ. of Texas at
Austin, Austin, TX)

Current interest in focused vortex beams is motivated by the ability to
trap particles axially and laterally using the resulting radiation force. A sim-
ple closed-form solution is obtained in the Fresnel approximation for a
sound beam radiated by a Gaussian source with time dependence e '’
focal length d, amplitude distribution exp(—r/a®), and azimuthal phase de-
pendence ¢, where 0 is the angle in the plane perpendicular to the beam
axis, and the integer » is the topological charge, referred to here as the vor-
ticity. The solution is in good agreement with the pressure field predicted in
the paraxial region by numerical evaluation of the Rayleigh integral. Of in-
terest in optics as well as acoustics is the distance from the minimum along
the beam axis to the first local maximum, referred to as the vortex ring. The
present solution yields r,=mn,d/ka for the vortex ring radius in the focal
plane, where & is the wavenumber, and 7, =1.69 +0.965(n—1) for vortic-
ities in the range 1<n<(O(20). Within this range the radius r, thus
increases linearly with the vorticity. Results are also presented for depend-
ence of the focusing gain on the vorticity. [CAG was supported by the
ARL:UT Chester M. McKinney Graduate Fellowship in Acoustics.]

1:15

1pPA2. Particle manipulation with acoustic waves based on Hertz-
Mindlin mechanics. Marina Terzi (Lab. d’Acoustique de 1’Université du
Mans, Av. Olivier Messiaen, Le Mans 72085, France, marina.e.terzi@
gmail.com), Vincent Tournat (Lab. d’Acoustique de I'Université du
Mans, Le Mans, France), Vladislav Aleshin (Institut d’Electronique, de
Microélectronique et de Nanotechnologie, Villeneuve d’Ascq, France),
Mathieu Chekroun, and Maxime Lanoy (Lab. d’Acoustique de 1’Université
du Mans, Le Mans, France)

Ultrasound noncontact particle manipulation (vibrotransportation) is of
interest for a number of industrial applications: delivery of solid agents for
defect healing, noninvasive excretion of undesirable particles, micromachine
technology, and sorting of particles. It is known that a particle on a substrate
can be moved by a combined action of acoustic waves and friction. A tradi-
tional theory describing the effect considers a particle as a material point ca-
pable of moving only against the wave, i.e., in a direction opposite to the
wave propagation direction. Here, we use another approach based on Hertz-
Mindlin mechanics in which a particle represents a deformable body whereas
a zone of its contact with the substrate has a certain structure including evolv-
ing regions of stick and slip. The friction dynamics of the Hertz-Mindlin sys-
tem with a mass comprises different regimes, including a consistent motion
in a desired direction (not only the one opposite to the direction of wave prop-
agation but also the one oriented like the wave), which allows a more elabo-
rate manipulation or positioning of the particles. The presented numerical
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tool treats the problem of a particle on a substrate being moved by Rayleigh
waves. We demonstrate various regimes in which steady movement is
observed or not, depending on excitation parameters and particle inertia.

1:30

1pPA3. Noncontact rotation of a small object using ultrasound standing
wave and traveling wave. Eimei Yamamoto (Doshisha Univ., 1-3 Tatara
Miyakodani, Kyotanabe-shi, Kyoto-fu 610-0394, Japan, ctwh0374@mail4.
doshisha.ac.jp), Natsumi Nakaoka, and Daisuke Koyama (Doshisha Univ.,
Kyotanabe, Kyoto, Japan)

In an acoustic standing wave generated in the air between a vibrator and
a reflector, a small object is levitated near the nodal positions of the sound
pressure where the acoustic radiation force and the gravity are balanced. By
controlling the sound field spatially and temporally, the object can be trans-
ported without contact. In this report, we experimentally investigated the
non-contact high-speed rotation of a small object using ultrasound, which
can be applied to measurement techniques of the physical properties of
liquids. The experimental system consists of a vibrating disc with four bolt-
clamped Langevin-type transducers and a reflector, and an acoustic standing
wave is generated between them. The effects of the tilt angle of the reflector
with respect to the vibrator on the rotation speed of the object and the acous-
tic field were investigated. When the tilt angle was around 1.2°, the object
was trapped in the air at 31.5 kHz by the standing-wave component in the
vertical direction and rotated by the traveling-wave component propagating
in the horizontal direction. The maximum sound pressure amplitude and the
rotation speed of the object were changed with the tilt angle, and a larger
sound pressure amplitude gave a larger rotation speed.

1:45

1pPA4. Experimental study and modeling of the level-dependent
acoustical behavior of granular particle stacks. Guochenhao Song (Ray
W. Herrick Lab., Purdue Univ., Ray W. Herrick Labs., 177 S, Russell St.,
West Lafayette, IN 47907, song520@purdue.edu), Zhuang Mo, and J. S.
Bolton (Ray W. Herrick Lab., Purdue Univ., West Lafayette, IN)

Researchers have previously observed elastic modulus softening and
increased damping when granular particle stacks are exposed to progressively
increasing acoustical excitation levels. However, the level-dependent behavior
of granular particle stacks is not well understood, and there are no comprehen-
sive approaches to modeling those effects. Earlier, the authors measured the
absorption coefficient of a stack of one type of granular activated carbon stack
by using signals having different bandwidths and levels. In the present work,
five more types of granular particle stacks were studied to validate and general-
ize the previous conclusions: i.e., both the modulus softening, and increased
damping can be characterized by the total RMS fluid displacement at the sam-
ple surface. Therefore, a strain-dependent modulus and damping formula from
the literature (based on cyclic loading tests on sand particles) was converted
into a total RMS fluid displacement-dependent formula (based on acoustic
measurements). In addition, a multi-layered model based on this displacement-
dependent formula has been developed to iteratively update each layer’s modu-
lus, damping, and total RMS fluid displacement to solve for the particle stack’s
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acoustic properties. This approach allows modeling of the particle stack’s
acoustical behavior by using a single set of parameters, even for different level
and bandwidth test signals.

2:00

1pPAS. A finite difference approach to study the impact of boundary
conditions on the acoustical behavior of particle stacks. Zhuang Mo (Ray
W. Herrick Lab., Purdue Univ., 177 S. Russell St., West Lafayette, IN
47907-2099, mo26@purdue.edu), Guochenhao Song (Ray W. Herrick Lab,
Purdue Univ., West Lafayette, IN), Tongyang Shi (Inst. of Acoust., Chinese
Acad. of Sci., Beijing, China), and J. S. Bolton (Ray W. Herrick Lab.,
Purdue Univ., West Lafayette, IN)

The responses of particle stacks to incident sound waves show interest-
ing features that are very different from those of a homogeneous continuum.
Further studies of the acoustical performance of particle stacks can help
both to discover potential noise control applications of these types of materi-
als, and to help provide better insight into the internal status of the particle
stacks. In the current study, a finite difference (FD) model for a particle
stack was built based on the Biot poro-elastic theory. The intention in devel-
oping this model is to describe the acoustical behavior of particle stacks
with consideration of not only the finite stiffness of the particles, but also
the influence of gravity and friction between the particles and the inner wall
of their enclosure: i.e., the cylindrical sample holder of a standing wave
tube, in this work. The derivation of governing equations and boundary con-
ditions is introduced, together with acoustic measurement results of particles
stacks consisting of micron-scale glass bubbles, including absorption coeffi-
cients and surface impedances that are compared with the theoretical predic-
tions. The possible application scenarios of such materials, and potential
developments that will further improve the FD model will also be discussed.

2:15-2:30 Break

2:30

1pPA6. Locating impulsive sound sources in microscale urban spaces.
Dorian Davis (Univ. of the District of Columbia, 4200 Connecticut Ave.
NW, Washington, DC 20008, dorian.davisl@udc.edu), Samba Gaye, Lirane
Mandjoupa, Justin An, Wagdy Mahmoud, Lei Wang, and Max Denis (Univ.
of the District of Columbia, Washington, DC)

In this work, techniques for localizing impulsive acoustic sources in an
urban environment are presented. Of particular interest is the localization of
sources in urban street canyons and enclosed urban areas. Sound propaga-
tion in an urban environment is strongly influenced by multiple reflections.
In urban street canyons, multiple reflections tend to amplify with decreasing
canyon width. A numerical investigation is performed to study the role mul-
tiple reflections on time difference of arrival (TDOA) and beamforming
source localization techniques. Results of various urban street canyon and
enclosed space geometries are investigated. The results and limitations of
the TDOA and beamforming techniques for estimating source position in
urban environments are discussed.

2:45

1pPA7. Characterizing flow conditions of urban environments from
wind-induced noise measurements: A semi-empirical wind noise model
of the University of the District of Columbia campus. Lirane Mandjoupa
(Univ. of the District of Columbia, 4200 Connecticut Ave. NW,
Washington, DC 20008, max.denis2@udc.edu), Samba Gaye, Dorian Davis,
Justin An, Wagdy Mahmoud, lei wang, and Max Denis (Univ. of the
District of Columbia, Washington, DC)

In this work, the flow conditions within the University of the District of
Columbia (UDC) urban campus are predicted from wind-induced noise.
Wind-induced noise obtained from a collection of spatial distributed micro-
phones are used to estimate the mean velocity airflow and wind noise distri-
bution across the UDC campus. Wind speed and direction are estimated by
fitting the second-order statistics of semi-empirical models of wind noise
distribution from microphone measurements to analytical models in the least
squares sense. The accuracy of the proposed is investigated for average
microphone separation and time resolution. Comparisons of the wind speed
and direction results to ultrasonic anemometer measurements are discussed.
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3:00

1pPAS8. Scanning Doppler LIDAR wind profiles to inform near shore
atmospheric acoustic propagation modeling. Andrea Vecchiotti (Mech.
Eng., The Catholic Univ. of America, Washington, DC), Hannah
Blackburn, Kyle Kirian (Eng., East Carolina Univ., Greenville, NC), Joseph
Vignola, Diego Turo (Mech. Eng., The Catholic Univ. of America,
Washington, DC), Jeff Foeller (Eng., East Carolina Univ., Greenville, NC),
and Teresa J. Ryan (Eng., East Carolina Univ., Dept. of Eng., 248 Slay Hall,
Greenville, NC 27858-4353, ryante@ecu.edu)

This work presents a comprehensive experimental system to measure con-
current atmospheric acoustic transmission loss and meteorological conditions.
A three-dimensional scanning Doppler lidar wind profiler captures real-time
wind speed gradients at many locations along the acoustic propagation path of
a simple pitch catch style study. A long-range acoustic device on an anchored
pontoon sends known chirp sequences to a seven-channel receiver array at
the water’s edge at ranges up to approximately one kilometer. Additional
synchronized meteorological observations include temperature, humidity, and
wind measured with anemometers. The meteorological data stream is used to
inform the sound speed gradient implemented in a parabolic equation based
numerical model of atmospheric acoustic propagation. The model can account
for sea surface roughness and accommodate a sound speed profile that changes
along the propagation range. Model predictions are compared to measured
transmission losses. An assessment of the value of the computational cost of
incorporating the varying sound speed profiles in the model is presented.

3:15

1pPA9. Evaluation of a gamma power, wrapped normal phase model
for vertical and slanted atmospheric sound propagation. Matthew J.
Kamrath (US Army Engineer Res. and Development Ctr., 72 Lyme Rd.,
Hanover, NH 03755-1290, matthew.j.kamrath@erdc.dren.mil)

As sound propagates through the atmosphere, turbulence causes fluctua-
tions in the signal power and phase. These fluctuations complicate the signal
processing required to detect, locate, and identify elevated sources. This pre-
sentation evaluates a model that assumes a gamma distribution describes the
power and a wrapped normal distribution describes the phase. The gamma
distribution approximates a log-normal distribution when the normalized
power variance is small compared to one and an exponential distribution
when the normalized power variance is one. The wrapped normal distribu-
tion approximates a normal distribution when the phase variance is small
and a uniform distribution when the phase variance is large. In 2018, we
measured vertical and slanted sound propagation at the National Wind
Technology Center (NWTC). The ground-borne source emitted tones in the
range 600-3500 Hz, and several microphones were mounted to a meteoro-
logical tower up to 130 m high. Overall, the gamma power, wrapped normal
phase model accurately approximated the NWTC data across a wide range
of scattering regimes. This presentation also discusses the largest
discrepancies.

3:30

1pPA10. Transfer function model-based Bayesian estimation of
dissipation and sound speed in impedance tube measurements. Ziqi
Chen (Arch. Acoust., RPI, 110 8th St., Troy, NY 12180, chenz33@rpi.edu)
and Ning Xiang (Arch. Acoust., RPI, Troy, NY)

The air dissipation, mainly due to the boundary effect at interior walls of
impedance tubes, is noteworthy for normal incidence measurements of
acoustic materials using the transfer function method. This work proposes a
transfer function model-based Bayesian approach to estimate the dissipation
factors. Other parameters, such as the sound speed and the microphone
positions, are also critical, therefore, estimated as well, along with the dissi-
pation. The measurement of the empty impedance tube with a rigid termina-
tion applies the two-microphone transfer function method. A hypothetical
air layer assumed in front of the rigid backing enables the numerical com-
parison between the air layer’s theoretical and experimental transfer func-
tion values. Experimental results incorporating the estimated dissipation
coefficient validate the accuracy of the proposed approach. Furthermore, the
estimated parameters are incorporated into further evaluations of material
properties using the transfer function method, which effectively reduces the
residual absorption error of the impedance tube measurement.
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MONDAY AFTERNOON, 5 DECEMBER 2022

SUMMIT E, 1:00 P.M. TO 4:00 P.M.

Session 1pSC

Speech Communication: Methods and Instrumentation in Speech (Poster Session)

Tian C. Zhao, Chair
Department of Speech and Hearing Sciences/Institute for Learning and Brain Sciences,
University of Washington, Box 367988, Seattle, WA 98195

All posters will be on display from 1:00 p.m. to 4:00 p.m. Authors of odd-numbered papers will be at their posters from 1:00 p.m. to
2:30 p.m. and authors of even-numbered papers will be at their posters from 2:30 p.m. to 4:00 p.m.

Contributed Papers

1pSC1. An investigation of interference between electromagnetic
articulography and electroglottography. Jessica Goel (Univ. of Florida,
Florida PO Box 100174, 1225 Ctr. Dr., Rm. 2143, Gainesville, FL, jgoel@
ufl.edu), Matthew Masapollo, Ratree Wayland, Rahul Sengupta, Allen
Shamsi, and Karen W. Hegland (Univ. of Florida, Gainesville, FL)

The present study tested whether there is cross interference between
state-of-the-art electromagnetic articulography (EMA) and electroglottogra-
phy (EGG) during the acquisition of kinematic speech data. In Experiment
1, we calibrated EMA sensors with and without EGG electrodes present in
the EMA field. In Experiment 2, EMA was used to record lip, tongue, and
jaw movements for one male talker and one female talker, with and without
simultaneous EGG recording. Collectively, the results provide no evidence
of signal artifacts in either direction, suggesting that current EMA and EGG
technology can be combined to reliably assess laryngeal and supralaryngeal
motor coordination in speech.

1pSC2. Concurrent visualization and analysis of acoustic, flesh-point
motion, and electroglottography signals during speech production.
Jessica Goel (Univ. of Florida, Florida PO Box 100174, 1225 Ctr. Dr., Rm.
2143, Gainesville, FL, jgoel@ufl.edu), Matthew Masapollo (Univ. of
Florida, Gainesville, FL), Yoonjeong Lee (Linguist., Univ. of California,
Los Angeles, Los Angeles, CA), and Ratree Wayland (Univ. of Florida,
Gainesville, FL)

Over the years, technological advances have enabled speech researchers
to directly track the skilled, sound-producing movements of the vocal tract,
both intraoral and laryngeal articulators normally hidden from view (the
tongue, velum, and glottis) and orofacial articulators directly visible on talk-
ers’ faces (the lips and jaw). Despite these advances, however, no single
instrument is capable of concurrently recording movements of all the articu-
lators, which has impeded progress in characterizing inter-articulator control
and coordination. To explore how inter-articulator coordination subserves
linguistic structure, tools that co-register and temporally align different sig-
nals from different recording devices are necessary. This tutorial introduces
optimal methods for studying the temporal coordination between laryngeal,
intraoral, and orofacial articulators by combining various signals from elec-
tromagnetic articulography (EMA), electroglottography (EGG), and audio
recordings, and displaying the time-aligned signals in the same analysis
space. The multimodal data is processed using a set of MATLAB-based
functions, which co-register and display positional and velocity trajectories
of the lips, tongue, and jaw in tandem with the EGG waveform, F0 trajec-
tory, and acoustic waveform and spectrogram. The coordination of laryngeal
and supralaryngeal speech movements can then be measured and analyzed.
[Work supported by an Emerging Research Grant from the Hearing Health
Foundation.]
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1pSC3. Examining a new paradigm for simultaneous evaluation of
mismatch response (MMR) and complex auditory brainstem response
(cABR) for speech in MEG. Tian C. Zhao (Inst. for Learning and Brain
Sci., Univ. of Washington, Box 367988, Seattle, WA 98195, zhaotc@uw.
edu) and Samu Taulu (Inst. for Learning and Brain Sci., Univ. of
Washington, Seattle, WA)

The mismatch response (MMR) is a common neural signature, both in
M/EEG, to evaluate neural sensitivity to sound change. Furthermore, the
complex auditory brainstem response (CABR) has gained wide research in-
terest recently as it is argued to reflect early sensory encoding of complex
sounds, such as speech, along the auditory pathway. While both measures
are important in infants as babies undergo rapid speech learning, they also
share the crucial drawback that it takes many trials and thus long recording
times, prohibiting a wide usage in infant population. Here, we investigate a
new and more efficient recording paradigm to simultaneously assess both
MMR and cABR for speech in MEG. Adult participants are recorded under
this new paradigm using simultaneous M/EEG with previously published
speech stimuli. For MMR, we aim to replicate previously published results
that MMR for a native speech contrast is more concentrated than for a non-
native speech contrast. For cABR, we aim to extract a predominant spatio-
temporal pattern from all MEG channels and examine its correlation with
the EEG-recorded signal. Once the new paradigm can be validated in adults,
it can be used in infant populations with much increased efficiency, opening
the door for addressing new research questions.

1pSC4. Extending the pixel difference metric from 2D to 3D/4D
ultrasound. Pertti Palo (Speech, Lang. and Hearing Sci., Indiana Univ.,
2631 East Discovery Parkway, Bloomington, IN 47408, pertti.palo@taurlin.
org) and Steven M. Lulich (Speech, Lang. and Hearing Sci., Indiana Univ.,
Bloomington, IN)

It is frequently of interest to examine differences (e.g., the 1st or 2nd dif-
ference) in signals and images. Differencing can be employed for the detec-
tion of edges in images, or the detection of events in temporal sequences.
One such event is the onset of articulatory movement in ultrasound image
sequences of the tongue. It has been quantified using a form of Euclidean
distance between successive frames of image scan line data, referred to as
Pixel Difference. When applied to 3-D/4-D ultrasound data of the tongue
(after scan conversion), Pixel Difference exhibited a surprisingly poor sig-
nal-to-noise ratio. In this presentation, we test the hypotheses that (1) scan
conversion amplifies the effect of speckle noise near the top of the ultra-
sound image (i.e. above the tongue), and (2) the Pixel Difference signal-to-
noise ratio in 3-D/4-D ultrasound differs from 2-D ultrasound by a power of
3/2 due to the added spatial dimension.
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1pSC5. Examining localization error in MEG for the complex auditory
brainstem response (cABR) across early development. Tian C. Zhao
(Dept. of Speech and Hearing Sciences/Inst. for Learning and Brain Sci.,
Univ. of Washington, Box 367988, Seattle, WA 98195, zhaotc@uw.edu)
and Samu Taulu (Dept. of Physics/Inst. for Learning & Brain Sci., Univ. of
Washington, Seattle, WA)

The complex auditory brainstem response (cABR) has gained wide
research interest over the last decade as it is argued to reflect early sensory
encoding of complex sounds, such as speech, along the auditory pathway.
Recent adoption of cABR recording in MEG, instead of 3 EEG electrodes,
allows further examination of the underlying sources. In adults, while the
onset component of cABR to transient events (e.g., consonants) can be reli-
ably localized to the auditory brainstem, the frequency-following compo-
nent to longer periodic events (e.g., vowels, lexical tones) may contain
contribution from auditory cortex. This study thus expands to evaluate the
localization accuracy of both onset response and FFR through simulation,
both of which are crucial for speech. Simulated source activities are placed
in the auditory brainstem versus superior temporal gyrus. Using the forward
model, the activities are projected to MEG sensor space with realistic room
noise and head movement. The simulated sensor space signal then under-
goes inverse modeling to calculate source activation. Differences between
the simulated source activity versus calculated source activity are calculated
to reflect localization accuracy. This process is repeated using infant head
models at 3, 6, 9, and 12 months and adult head model to examine changes
across ages.

1pSC6. Anatomical measures of the vocal tract in children ages 5 and 6.
Megan Diekhoff (Speech, Lang. and Hearing Sci., Indiana Univ.,
Bloomington, IN) and Steven M. Lulich (Speech, Lang. and Hearing Sci.,
Indiana Univ., 200 South Jordan Ave., Bloomington, IN 47405, slulich@
indiana.edu)

At the same time young children experience rapid physical growth, they
are faced with the challenge of mastering the complexities of speech pro-
duction. Capturing the dimensions of the vocal tract during early childhood
is a crucial step in characterizing early speech acoustics and speech motor
control. The present study partially replicates measures of the vocal tract
first employed in previous studies. Magnetic resonance images (MRI) were
obtained from two 5-year-old and six 6-year-old children. Anatomical meas-
urements of the vertical vocal tract (VT-V), posterior cavity length (PCL),
anterior cavity length (ACL) and overall vocal tract length (VTL) are
reported for each child. Results are consistent with previous findings, and
are foundational for a larger, stratified longitudinal study aiming to charac-
terize the development of individuals’ vocal tract anatomy between 5 and 9
years of age. [Work supported in part by NSF.]

1pSC7. Evaluation of automatically generated tongue surfaces from
three-dimensional/four-dimensional ultrasound recordings of sustained
vowels. Steven M. Lulich (Speech, Lang. and Hearing Sci., Indiana Univ.,
200 South Jordan Ave., Bloomington, IN 47405, slulich@indiana.edu) and
Rita R. Patel (Speech, Lang. and Hearing Sci., Indiana Univ., Bloomington,
IN)

Three-dimensional/four-dimensional (3-D/4-D) ultrasound is capable of
imaging almost the entire tongue surface during the production of speech
sounds, including sustained vowels. Manual tongue surface segmentation is
slow and laborious, but typically yields good results. Automatic tongue sur-
face segmentation is much faster and objective but can result in errors. In
this presentation, we quantify the errors in a set of tongue surfaces that were
automatically segmented using the previously published 3D-SLURP algo-
rithm implemented in the WASL toolbox for MATLAB. The ultrasound
recordings were of 20 children and 40 adults producing the sustained vowel
[o:] with and without a narrow straw semi-occlusion in the mouth. Twenty
of the 40 adults produced phonation at threshold phonation. Automatic and
manual error detection and quantification methods will be compared to eval-
uate the accuracy of the automated algorithm when applied to the sustained
vowel [0:]. [Work supported in part by NSF.]
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1pSC8. Suitability of online and offline remote recording for vowel
reduction analysis. Jenna T. Conklin (Carleton College, One North College
St., Goodsell Observatory, Northfield, MN 55057, jconklin@carleton.edu)
and Sophia Chuen (Carleton College, Northfield, MN)

Increasing demand for remote research techniques has led to several ini-
tial investigations of the suitability of remote recording for vowel produc-
tion research. An initial consensus has emerged that remote recording may
provide broadly accurate data for broad-strokes analysis, such as analyzing
the relative positions of a speaker’s vowels, although some minor distortions
may occur; fine-grained analysis of sociolinguistic variation suffers greatly
from remote data collection (Freeman and De Decker, 2021). This study
investigates the quality of data obtainable through two remote recording
methods (online recording through Gorilla and offline recording via smart-
phone) for a vocalic phenomenon requiring a medium level of sensitivity of
analysis, namely vowel reduction. Ten subjects completed a shadowing task
eliciting target words containing one of five English vowels in reduced or
unreduced form, taking simultaneous online and offline remote recordings.
To determine whether the variability introduced through the remote record-
ing process was sufficient to alter the findings of the study, results were
compared to data from a second group of subjects who completed the task
in person in a traditional laboratory setting. This comparison to in-person
data allows for an assessment of the suitability of online and offline remote
recordings for vowel reduction research.

1pSCY. Lenition measures: Neural networks’ posterior probability
versus acoustic cues. Ratree Wayland (Linguist., Univ. of Florida, 4131
Turlington Hall, P.O. Box 115454, Gainesville, FL. 32611-5454, ratree@ufl.
edu), Kevin Tang (English Lang. and Linguist., Heinrich-Heine-Universitat
Diisseldorf, Diisseldorf, Germany), Fenqi Wang (Linguist., Univ. of Florida,
Gainesville, FL), Sophia Vellozzi (Linguist., Univ. of Florida, Gainesville,
FL), Rahul Sengupta (Dept. pf Comput. and Information Sci. and Eng.,
Univ. of Florida, Gainesville, FL), and Lori Altman (Dept. of Speech,
Lang., and Hearing Sci., Univ., Gainesville, FL)

This study compared a new approach of lenition measure to traditional
acoustic-based methods. In this new approach, degrees of lenition are esti-
mated from posterior probabilities generated by recurrent neural networks
trained to recognize the sonorant and continuant phonological features.
These two phonological features capture the range of surface manifesta-
tions, from a fricative to an approximant, of lenited voiced and voiceless
stops in Spanish. Input to the networks is Mel-filtered log-energy computed
from 25-ms windowed frames of each 0.5sec chunk of the input signals.
When applied to lenition of intervocalic voiced and voiceless stops, /p, t, k,
b, d, g/, in the corpus of Argentinian Spanish built by Google, the new
approach yielded lenition patterns largely similar to those obtained using a
quantitative acoustic method. Specifically, both approaches revealed that
voiced stops were more lenited than voiceless stops, that lenition was more
likely in unstressed syllables relative to stressed syllables and that degrees
of lenition vary with place of articulation of the target phoneme and the
height of surrounding vowels. However, a greater amount of variance was
accounted for by the absolute and relative (to neighbouring segment) inten-
sity measures of lenition in the acoustic method than the phonological
posteriors.

1pSC10. Decoding syntactic class from EEG during spoken word
recognition. McCall E. Sarrett (Psychol. and Brain Sci., Villanova Univ.,
Tolentine Hall 334, 800 E Lancaster Ave. Villanova, PA 19085, mccall.
sarrett@villanova.edu), Alexa S. Gonzalez, Olivia Montanez (Psychol. and
Brain Sci., Villanova Univ., Villanova, PA), and Joseph C. Toscano
(Villanova Univ., Villanova, PA)

A fundamental issue in spoken language comprehension involves under-
standing the interaction of linguistic representations across different levels
of organization (e.g., phonological, lexical, syntactic, and semantic). In par-
ticular, there is debate about when different levels are accessed during spo-
ken word recognition. Under serial processing models, comprehension is
sequential. In contrast, under parallel processing models, simultaneous

183rd Meeting of the Acoustical Society of America ~ A59




activation of representations at multiple levels can occur. The current study
investigates this issue by isolating neural responses to syntactic class dis-
tinctions from acoustic and phonological responses. EEG data were col-
lected in an event-related potential (ERP) experiment in which participants
(N'=26) listened to words varying in syntactic class (nouns versus adjec-
tives) that were controlled for low-level acoustic differences via cross-splic-
ing. Machine learning techniques were used to decode syntactic class from
ERP responses over time. Results showed that syntactic class is decodable
approximately 160—190 ms after the average syntactic point of disambigua-
tion in the words, during which listeners are still processing acoustic infor-
mation. This supports the prediction that different levels of representation
have overlapping timecourses. Overall, these results are consistent with a
parallel, interactive processing model of spoken word recognition, in which
higher-level information—such as syntactic class—is accessed while acous-
tic analysis is still occurring.

1pSC11. Comparison of coarse and fine sampling resolutions in vowel
analysis. Emily Grabowski (UC Berkeley, Dwinelle Hall, Berkeley, CA
94710, emily_grabowski@berkeley.edu)

There are many researcher degrees of freedom in phonetic analyses,
especially in that of segments such as vowels. The focus of this study is one
such degree of freedom, governing how frequently measurements are taken
for an individual token in the corpus. Choices for this stage of analysis
include averaging formants (single measurement), taking point measure-
ments (multiple measurements), or sampling continuously across the token
(many measurements). Less-frequent measurements are convenient techni-
ques compatible with many common statistical methods, but risk oversim-
plifying the patterns in the data. In this project, I compare point and
continuous measurements using Generalized Additive Mixture Models
(GAMMs) on speech corpus data. GAMMs are a generalized model that can
flexibly parameterize both curves and points based on a combination of ran-
dom and fixed effects. To compare different measurement frequencies, I
quantify the benefit of additional measurements in terms of information gain
and variance explained. I also address the modeling of multidimensional
measurements and identify the degree to which issues of multidimensional-
ity such as collinearity can be accounted for in GAMM:s.

1pSC12. SpeakerPool: A remote speech data collection platform. Tyler
T. Schnoor (Linguist., Univ. of AB, 150 Assiniboia Hall, Edmonton, AB
T6G2E7, Canada, tschnoor@ualberta.ca) and Benjamin V. Tucker
(Linguist., Univ. of AB, Edmonton, AB, Canada)

The collection of speech production data for academic use has tradition-
ally been carried out by recording participants in-person. While certain
types of research require traditional data collection methods, many factors,
such as distance and world events, make remote collection a valuable alter-
native for other types of research. Despite the existence of capable technolo-
gies and the advantages of remote collection methods, to the authors’
knowledge there is no freely accessible, reusable, and research-oriented
platform for the remote collection of speech production data. We aim to
address this with SpeakerPool: a web application that, in addition to provid-
ing an easy-to-use recording interface for participants, has built-in function-
alities for the automation of many tasks. Users are able to access
SpeakerPool regardless of platform using modern web browsers on both mo-
bile and non-mobile devices. This greatly reduces compatibility limitations
and bypasses the need to download software. In the present study, we dis-
cuss the general advantages and disadvantages of remote speech data collec-
tion and investigate the usefulness of SpeakerPool by collecting and
analyzing a pilot data set of Malagasy speech.
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1pSC13. Developing a voice monitoring smartphone app: Acoustic
acquisition and processing considerations. Victoria S. McKenna
(Commun. Sci. and Disord., Univ. of Cincinnati, 3225 Eden Ave., Health
Sci. Bldg., Cincinnati, OH 45267, mckennvs@ucmail.uc.edu), Andres F.
Llico (Biomedical Eng., Univ. of Cincinnati, Cincinnati, OH), Aaron
Friedman (Otolaryngology-Head & Neck Surgery, Univ. of Cincinnati,
Cincinnati, OH), Savannah N. Shanley (Commun. Sci. and Disord., Univ. of
Cincinnati, Cincinnati, OH), Thomas Talavage (Biomedical Eng., Univ. of
Cincinnati, Cincinnati, OH), and Leigh M. Bamford (Elec. Eng. and
Comput. Sci., Univ. of Cincinnati, Cincinnati, OH)

With the advent of smartphone technology, there has been an increase in
at-home health monitoring. Yet, there are few applications (apps) available
to track voice acoustics for those with voice disorders. Therefore, we com-
pleted two investigations into the acquisition and processing of the acoustic
signal to help develop a voice monitoring app. Study 1: We investigated
how microphone distance and phone tilt impact the accuracy of acoustic
measures of voice. A total of 58 participants with (n=47) and without
(n=11) voice disorders completed speech tasks of sustained vowels and the
rainbow passage. Concurrent recordings were collected using the partici-
pant’s phone, as well as a stationary headset microphone for comparison.
We determined that the voice measures of fundamental frequency (Hz),
voicing duration (seconds), and cepstral peak prominence (dB) were imper-
vious to phone distance and tilt. Study 2: Focusing on the three acoustic
measures from study 1, we investigated the correspondence between acous-
tic measures attained with clinically available software (e.g., Praat) and
those from our own lab-developed algorithms specialized for on-app proc-
essing. Preliminary results show strong relationships (r > .90) between the
different processing techniques. Further work is needed to understand how
participant-specific factors (age, dysphonia severity) may improve algorithm
accuracy.

1pSC14. Modeling retroflex fricative variation in accented mandarin.
Fenqi Wang (Linguist., Univ. of Florida, 4131 Turlington Hall, P.O. Box
115454, Gainesville, FL 32611-5454, fenqi@ufl.edu), Delin Deng, and
Ratree Wayland (Linguist., Univ. of Florida, Gainesville, FL)

Since dental-retroflex fricative contrast is not consistently maintained in
many southern dialects of Chinese, native speakers of these dialects may not
accurately produce the Mandarin retroflex fricative /s/. Consequently, /sa/
may be realized as [sa] (Duanmu, 2007). This study investigated the varia-
tion of the retroflex fricative /s/ in a Chinese Mandarin speech corpus (Data-
Tang, 2018). The corpus contains 200 hours of recordings of 600 speakers
from different dialectal regions in China. Each recording was aligned at the
phone level using Montreal Forced Aligner. The center of gravity of the
acoustic energy (COG) of the target sounds was extracted using Christian
DiCanio’s Praat script. For statistical analysis, the generalized additive
mixed-effects model (GAMM) was used. COG was the response variable.
The following vowel’s height, tone, and gender were factorial predictors.
To evaluate the geographic effect, we used tensor product smooths by frica-
tives with the longitude and latitude of each speaker’s birthplace (Chuang
et al., 2021). Our results suggested a more dental-like realization of the ret-
roflex for speakers from southern China and significant effects of the follow-
ing vowel’s height and gender in the realization of Mandarin retroflex
fricative.

1pSC15. The acoustic profiles of vocal emotions in Japanese: A corpus
study with generalized additive mixed modeling. Fenqi Wang (Linguist.,
Univ. of Florida, 4131 Turlington Hall, P.O. Box 115454, Gainesville, FL
32611-5454, fenqi@ufl.edu), Delin Deng, and Ratree Wayland (Linguist.,
Univ. of Florida, Gainesville, FL)

This study investigated the vocal emotions in Japanese by analyzing
acoustic features from emotional utterances in the Online Gaming Voice
Chat Corpus with Emotional Label (Arimoto and Kawatsu, 2013). The
corpus contains the recorded sentences produced in 8 emotions by four
native Japanese speakers who are professional actors. For acoustic feature
extraction, Praat script ProsodyPro was used. Principle component analysis
(PCA) was conducted to evaluate the contribution of each acoustic feature.
In addition, a linear discriminant classifier (LDA) was trained with the
extracted acoustic features to predict the emotion category and intensity. A

183rd Meeting of the Acoustical Society of America  A60



generalized additive mixed model (GAMM) was performed to examine the
effect of gender, emotional category, and emotional intensity on the time-
normalized fO values. The GAMM’s results suggested the effects of gender,
emotion, and emotional intensity on the time-normalized fO values of vocal
emotions in Japanese. The recognition accuracy of the LDA classifier
reached about 60%, suggesting that although pitch-related measures are
important to differentiate vocal emotions, bio-informational features (e.g.,
jitter, shimmer, and harmonicity) are also informative. In addition, our cor-
relation analysis suggested that vocal emotions could be conveyed by a set
of features rather than some individual features alone.

1pSC16. Fearless steps Apollo: Advancements in robust speech
technologies and naturalistic corpus development from Earth to the
Moon. John H. Hansen (CRSS: Ctr. for Robust Speech Systems, Univ. of
Texas - Dallas, Richardson, TX), Aditya Joglekar (CRSS: Ctr. for Robust
Speech Systems, The Univ. of Texas at Dallas, 800 W Campbell Rd.,
Richardson, TX 75080-3021, aditya.joglekar@utdallas.edu), and Meena
Chandra Shekar (Elec., Univ. of Texas at Dallas, Dallas, TX)

Recent developments in deep learning strategies have revolutionized
Speech and Language Technologies(SLT). Deep learning models often rely
on massive naturalistic datasets to produce the necessary complexity
required for generating superior performance. However, most massive SLT
datasets are not publicly available, limiting the potential for academic
research. Through this work, we showcase the CRSS-UTDallas led efforts
to recover, digitize, and openly distribute over 50,000 hrs of speech data
recorded during the 12 NASA Apollo manned missions, and outline our
continuing efforts to digitize and create meta-data through diarization of
the remaining 100,000hrs. We present novel deep learning-based speech
processing solutions developed to extract high-level information from this
massive dataset. Fearless-Steps APOLLO resource is a 50,000 hrs audio col-
lection from 30-track analog tapes originally used to document Apollo mis-
sions 1,7,8,10,11,&13. A customized tape read-head developed to digitize
all 30 channels simultaneously has been deployed to expedite digitization of
remaining mission tapes. Diarized transcripts for these unlabeled audio
communications have also been generated to facilitate open research from
speech sciences, historical archives, education, and speech technology com-
munities. Robust technologies developed to generate human-readable tran-
scripts include: (i) speaker diarization, (ii) speaker tracking, and (iii) text
output from speech recognition systems.

1pSC17. Analyzing field audio of parent-child book reading activities
across various audio capture devices. Sathvik S. Datla (CRSS: Ctr. for
Robust Speech Systems, Univ. of Texas - Dallas, 10424 offshore Dr.,
Irving, TX 75063, ssd180007@utdallas.edu), Satwik Dutta (CRSS: Ctr. for
Robust Speech Systems, Univ. of Texas - Dallas, Richardson, TX), Jacob
Reyna (CRSS: Ctr. for Robust Speech Systems, Univ. of Texas - Dallas,
Dallas, TX), Jay Buzhardt, Dwight Irvin (Juniper Gardens Children’s
Project, Univ. of Kansas, Kansas City, KS), and John H. Hansen (CRSS:
Ctr. for Robust Speech Systems, Univ. of Texas - Dallas, Richardson,
TX)

Language ENvironment Analysis (LENA) is a light weight audio cap-
ture device commonly used to monitor language including frequency of
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parent-child interactions for research purposes. However, various factors
including price and technical limitations often limit the use of LENA for
low-income families. Using a smartphone can be a feasible alternative when
LENA is not available to practitioners/families. Over the past three decades,
significant advancements have resulted in smartphone platforms/micro-
phones/technology, allowing for high quality recorded audio which are
available in most households. In this study we compare audio quality and
measure performance of several Automatic Speech recognition (ASR)
engines on audio captured from iPhone and Android relative to LENA devi-
ces. Families who consented in this study recorded reading activities with
their children at home using both personal smartphones and LENA. Some
challenges we found include recording synchronization, unnecessary back-
ground noises, and uneven room acoustics. Audio quality comparison is
measured using Speech-Signal-to-noise ratio (SSNR) metric. Both open-
source and fine-tuned ASR models are explored, with results reported using
overall Word Error Rate (WER), as well as separated by speaker—Child ver-
sus Adult. Results show that smartphone platforms can be used versus
LENA for child-adult language assessment. [Work sponsored by NSF
through Grant Nos. 1918032 and 1918012.]

1pSC18. Towards developing speaker diarization for parent-child
interactions. Abhejay Murali (CRSS: Ctr. for Robust Speech Systems,
Univ. of Texas - Dallas, 800 W Campbell Rd., Richardson, TX 75080,
abhejay.murali@utdallas.edu), Satwik Dutta, Meena Chandra Shekar
(CRSS: Ctr. for Robust Speech Systems, Univ. of Texas - Dallas, Dallas,
TX), Dwight Irvin, Jay Buzhardt (Juniper Gardens Children’s Project, Univ.
of Kansas, Kansas City, KS), and John H. Hansen (CRSS: Ctr. for Robust
Speech Systems, Univ. of Texas - Dallas, Richardson, TX)

Daily interactions of children with their parents are crucial for spoken
language skills and overall development. Capturing such interactions can
help to provide meaningful feedback to parents as well as practitioners. Nat-
uralistic audio capture and developing further speech processing pipeline
for parent-child interactions is a challenging problem. One of the first im-
portant steps in the speech processing pipeline is Speaker Diarization—to
identify who spoke when. Speaker Diarization is the method of separating a
captured audio stream into analogous segments that are differentiated by the
speaker’s (child or parent’s) identity. Following ongoing COVID-19 restric-
tions and human subjects research IRB protocols, an unsupervised data col-
lection approach was formulated to collect parent-child interactions (of
consented families) using LENA device—a light weight audio recorder. Dif-
ferent interaction scenarios were explored: book reading activity at home
and spontaneous interactions in a science museum. To identify child’s
speech from a parent, we train the Diarization models on open-source adult
speech data and children speech data acquired from LDC (Linguistic Data
Consortium). Various speaker embeddings (e.g., X-vectors, i-vectors,
resnets) will be explored. Results will be reported using Diarization Error
Rate. [Work sponsored by NSF via Grant Nos. 1918032 and 1918012.]
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MONDAY AFTERNOON, 5 DECEMBER 2022

SUMMIT E, 1:30 P.M. TO 3:30 P.M.

Session 1pSP

Signal Processing in Acoustics: Signal Processing in Acoustics Poster Session

Trevor Jerome, Chair
Naval Surface Warfare Center, Carderock Division, 9500 MacArthur Blvd.,
BLDG 3 #329, West Bethesda, MD 20817

All posters will be on display from 1:30 p.m. to 3:30 p.m. Authors of odd-numbered papers will be at their posters from 1:30 p.m. to
2:30 p.m. and authors of evennumberedpapers will be at their posters from 2:30 p.m. to 3:30 p.m.

Contributed Papers

1pSP1. Real-time acoustic detection and identification of drones in
operational conditions. Matthew Tan (Stanford Univ., 1277 W. John Beers
Rd., Stevensville, Mi 49237, MI 49127, Matthtan@stanford.edu), Brett Y.
Smolenski (North Point Defense, Rome, NY), and Darren Haddad (AFRL,
Rome, NY)

Unmanned Aerial Vehicles (UAV), commonly known as drones, can fly
below the radar horizon, can have very small radar cross-sections, and can
drop munitions, which makes them a serious potential threat to public facili-
ties, such as airports and shopping centers. However, UAVs emanate unique
acoustic signatures that can be used to identify them and track their loca-
tions using microphone arrays. This paper presents a deep-learning approach
to performing noise-robust drone detection and identification in real-time. In
particular, a Convolutional Neural Network (CNN) with densely connected
layers at the output was employed. Detection was accomplished by includ-
ing an additional output for when only background environmental noise is
present. The inputs were log-magnitude FFTs extracted from 10 ms Hanning
windowed frames with 50% overlap. As long as the training data include a
higher or equal level of noise than the target data, accuracy at detecting and
identifying seven drones was above 90% for environmental noise levels as
low as 20 dB SNR. Current research is focused on using a Bayesian version
of the network to enable the classifier to report confidence levels in its deci-
sions as well as detect novel drones, i.e., when a detected craft is not repre-
sented in the training data.

1pSP2. Using wavelets to compress underwater acoustic data from the
Gulf of Mexico. Avery C. Landeche (Dept. of Phys., Univ. of New Orleans,
644 Whitney Dr., Slidell, LA 70461, aclandec@uno.edu), Bradley J.
Sciacca (Dept. of Phys., Univ. of New Orleans, Westwego, LA), Brandon
Howe, Shaun Pies, Kendal Leftwich, and Juliette W. Ioup (Dept of Phys.,
Univ. of New Orleans, New Orleans, LA)

This research investigated characteristics of the ocean, specifically in
the Gulf of Mexico, to find the best wavelet to use for compression of the
recorded data. Recorded underwater acoustic data as well as other types of
oceanic data were studied. The power spectral density before and after
wavelet decomposition, compression, and recomposition (decompression)
are compared to assess the quality of the compression. This research
describes a method to choose the best wavelet to analyze ocean acoustic
data, with future use in the study of sea surface temperatures and heights
(tides). [This material is based upon work supported by the National Science
Foundation REU program under DMR-2049188, and partially funded by the
Naval Research Laboratory-Stennis Space Center.]
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1pSP3. TSUNet: Transformer-based single channel speech
enhancement using SkipConv U-Net for cochlear implant (CI) users.
Nursadul Mamun (EE, Univ. of Texas, Dallas, 7650 McCallum Blvd. Apt-
611, Dallas, TX 75252-6399, nursad49@gmail.com) and John H. Hansen
(CRSS: Ctr. for Robust Speech Systems, Univ. of Texas - Dallas,
Richardson, TX)

The presence of multi-speaker babble noise greatly degrades speech
intelligibility for communications with cochlear implant (CI) users. Convo-
lutional Neural Network (CNN) based speech enhancement has been
popular for suppressing noise because it can localize spectro-temporal infor-
mation within the feature set. However, suppressing noise without creating
artifacts is challenging in low SNR environments, and even more so if the
noise is speech-like such as Babble noise. Transformers have emerged as a
useful architecture with innate global self-attention mechanisms to capture
long-range dependencies and global context, which is a limitation for CNN.
The Mel spectrogram has a strong correlation along both time and frequency
axes, and thus captures contextual information beneficial for speech
enhancement. In this study, we propose TSUNet, which leverages both
Transformers and U-Net to capture sufficient low-level details of contextual
information in the speech time-frequency domain. TSUNet employs Trans-
former layers at the bottleneck of CNN based on U-Net. We also incorporate
a neural vocoder to synthesize speech from the time-frequency representa-
tion without using a contaminated phase. The performance of the proposed
network is evaluated under simulated and real recordings of noisy speech
including CI testing. The proposed network achieves very effective perform-
ance in both scenarios.

1pSP4. Active target classification using a shallow neural network with
dimension reduction. Sung-Hoon Byun (Korea Res. Inst. of Ships & Ocean
Eng., 32 Yuseong-daero 1312beon-gil, Yuseong-gu, Daejeon 34103, South
Korea, byunsh@kriso.re.kr) and Youngmin Choo (Sejong Univ., Seoul,
South Korea)

Techniques for automatically identifying sonar targets using machine
learning algorithms are being actively developed, and modern algorithms
based on deep learning are often considered first. However, deep learning
based algorithms require a lot of data to train a neural network, and if there
is not enough data, overfitting easily occurs and the performance on real
data can be degraded. In fact, in the case of active target detection where
there is not enough data, it has been reported that using a shallow neural net-
work after extracting appropriately designed features from the raw data
showed better detection performance than applying deep learning directly to
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the raw data. With regard to this, we investigate the performance of a shal-
low neural network combined with dimensionality reduction techniques for
active sonar target classification. In particular, several linear and nonlinear
dimension reduction techniques are compared in terms of target classifica-
tion performance, and the effects of the characteristics of background noise
and the presence of reverberation on the target classification performance
are discussed. [This work was supported by the research project PES4380
funded by KRISO.]

1pSP5. Image enhancement by motion compensation of a moving array
for underwater target detection. Sea-Moon Kim (Ocean System Eng. Res.
Div., Korea Res. Inst. of Ships and Ocean Eng., 32 Yuseong-daero
1312beon-gil, Yuseong-gu, Daejeon 34103, South Korea, smkim@Xkriso.re.
kr), Pan-Mook Lee (Ocean System Eng. Res. Div., Korea Res. Inst. of Ships
and Ocean Eng., Daejeon, South Korea), Yeon-Seong Choo (Dept. of Ships
and Ocean Eng., Korea Univ. of Sci. and Technol., Daejeon, South Korea),
and Sung-Hoon Byun (Ocean System Eng. Res. Div., Korea Res. Inst. of
Ships and Ocean Eng., Daejeon, South Korea)

Recently synthetic aperture sonar is widely used for precise seafloor ex-
ploration or underwater target detection. In order to acquire clearer sonar

MONDAY EVENING, 5 DECEMBER 2022

images, accurate measurement of the platform motion is absolutely required.
Various approach has been studied for the motion estimation and compensa-
tion for sonar image generation. A tank test for underwater target detection
has been done using an array mounted on a vertical bar attached on a hori-
zontally moving platform. The array was vibrating when moving and the
motion was measured using asynchronous navigational sensors installed just
beside the array. In this study images constructed by synthetic aperture proc-
essing before and after motion compensation are compared. Across track
array movement as well as translational motion with tilt angle was applied
during the experiment. Additional numerical analysis of target detection
with various motion parameters are performed. The effect of the motion
estimation error and the installation offset are also analyzed. [This work is
financially supported by the research project PES4380 funded by KRISO.]

NORTH COAST A, 7:00 P.M. TO 9:00 P.M.

Session 1elD

Interdisciplinary: Tutorial on Effective Media Interactions Training Workshop

Kerri Seger, Cochair
Applied Ocean Sciences, Fairfax Station, VA 22039

Wendy Beatty, Cochair
American Inst. of Physics, Media Services, College Park, MD 20740

Chair’s Introduction—7:00

The Public Relations Committee and the AIP Media Services team present this hands-on workshop for meeting attendees who are
interested in effectively communicating scientific work to the public on Monday evening, 5 December. This workshop counts as the
required media training for anyone interested in serving as a media liaison for their Technical Committee. The workshop will consist of
presentations by media professionals to provide a toolkit of techniques for engaging the media. Following that, small group activities
will give participants an opportunity to discuss and apply those techniques in round table discussions and practice sessions with media
representatives. Though not required, attendees may find it helpful to have prepared a one minute “elevator pitch” of their research and/
or an email response to a media person who has just asked for an interview about a recent publication. These items can be honed during

planned round table events.
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Exhibit

An instrument and equipment exhibition will be located in the Summit Foyer on the 4th floor.

The Exhibit will include computer-based instrumentation, scientific books, sound level meters, sound
intensity systems, signal processing systems, devices for noise control and acoustical materials, active noise
control systems, and other exhibits on acoustics.

Monday, 5 December, 5:30 p.m. to 7:00 p.m.: Exhibit Opening Reception including lite snacks and a
complimentary beverage.

Tuesday, 6 December, 9:00 a.m. to 5:00 p.m.: Exhibit Open Hours including a.m. and p.m. breaks serving
coffee and soft drinks.

Wednesday: 7 December, 9:00 a.m. to 12:00 noon: Exhibit Open Hours including an a.m. break serving
coffee.
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TUESDAY MORNING, 6 DECEMBER 2022 SUMMIT A, 8:00 AM. TO 11:45 A M.
Session 2aAAa
Architectural Acoustics, Noise, and ASA Committee on Standards:
Sound Transmission and Impact Noise in Buildings

Matthew Golden, Cochair
Pliteq, 131 Royal Group Crecent, Woodbridge L4H 1X9, Canada

Benjamin M. Shafer, Cochair
PABCO Gypsum, 3905 N 10th St., Tacoma, WA 98406

Invited Papers
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8:00

2aAAal. Variations in sound transmission loss through vertical mass-decoupled partitions installed with a comprehensive sam-
ple of resilient channels. Benjamin M. Shafer (PABCO Gypsum, 3905 N 10th St., Tacoma, WA 98406, ben.shafer@quietrock.com)

Resilient channels are commonly employed as a sound isolation treatment in building partition assemblies. Originally designed and
patented as a crack-mitigation component in gypsum wallboard partition assemblies, the development and application of resilient chan-
nels as a mass-decoupling treatment for sound isolation in building partitions has achieved widespread acceptance in the building indus-
try. Several recent laboratory sound transmission loss (STL) studies illustrate statistically significant variability in STL for steel-framed
partitions. This experimental analysis attempts to more comprehensively characterize the variability in STL through mass-decoupled
vertical partitions that employ steel resilient channels as a sound isolation treatment. Ten different models of resilient channels produced
by five different manufacturers were tested with both damped and undamped panel configurations in a same-laboratory, same-series
research program. Over 120 total tests were completed in this experimental study. The results of this study and recommendations for
sound isolation design and specification are discussed.

8:20

2aAAa2. Real-time identification of airborne sound flanking paths using a 3-dimensional acoustic camera. Andrew Schmidt (USG
Corp., 700 N Highway 45, Libertyville, IL 60048, ASchmidt@usg.com), Adam O’Donovan (VisiSonics Corp., Riverdale, MD), and
Austin Phillips (USG Corp., Libertyville, IL)

Sound transmission testing, whether conducted in the laboratory or under field conditions, is critical for quantifying sound transmis-
sion performance of building constructions and elements. When samples undergoing sound transmission loss testing are constructed in
the laboratory, results can suffer from airborne sound flanking paths that may not be apparent through visual inspection of the test sam-
ple. In the field, noise reduction testing between spaces can be similarly influenced by airborne sound flanking paths that are not immedi-
ately obvious. One methodology is presented utilizing a portable calibrated device that generates accurate overlays of sound pressure
level over visual images (the VisiSonics 5/64 Acoustic Camera), allowing for the successful identification of unwanted flanking paths in
both laboratory and field environments. Data are presented from recent laboratory testing that show the efficacy of acoustic imaging to
identify sound flanking paths in real-time, enabling users to optimize sound transmission performance of an assembly.

8:40

2aAAa3. Lateral impact noise I: Theory and application. Wayland Dong (Veneklasen Assoc., 1711 Sixteenth St., Santa Monica, Cal-
ifornia, CA 90404, wdong@veneklasen.com), John Lo Verde, and Samantha Rawlings (Veneklasen Associates, Santa Monica, CA)

Impact noise insulation has traditionally been thought of mostly in terms of vertical adjacencies. However, impact noise is transmit-
ted in all directions though a building, and lateral and diagonally adjacent impact noise transmission can be significant. Lateral and diag-
onal impact transmission is a one-junction structural flanking path and is, therefore, amenable to statistical energy analysis-based
calculation methods such as ISO 12354. In this paper, we review the relevant results from structural flanking path calculations and show
how this provides a framework for understanding major features of lateral impact noise transmission such as the frequency dependence
and effect of structure type. In turn, measurement of lateral impact noise provides a method of estimating the vibration reduction across
junctions. These findings are illustrated with examples from field testing.
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8:55

2aAAad. Lateral impact noise II: Practice and recommended procedures. John Lo Verde (Veneklasen Assoc., 1711 Sixteenth St.,
Santa Monica, CA 90404, jloverde@veneklasen.com), Wayland Dong, and Samantha Rawlings (Veneklasen Assoc., Santa Monica, CA)

Impact noise insulation has traditionally been thought of mostly in terms of vertical adjacencies, and ASTM E1007 provides no guid-
ance for performing such a measurement in a lateral, diagonal, or other non-vertical condition. Because lateral impact transmission can
be significant, the authors have developed methods and practices for performing this measurement (see papers by the authors at ICSV
2017 and Inter-Noise 2019). ISO 16283-2 also describes procedures and methods for the measurements and analysis of lateral impact
noise measurements. The various measurement methods are compared and evaluated. For some assembly types, there is an advantage to
maintain a constant distance from tapping machine to the separating partition. Appropriate ratings for categorization of lateral impact
isolation are discussed, and changes to E1007 to clarify the measurement method are proposed.

9:10

2aAAaS. Adventures in lab testing: Optimizing a new construction floor-ceiling acoustics lab. Evelyn Way (Research & Develop-
ment, Maxxon Corp., 920 Hamel Rd., Hamel, MN 55340, evelynway@gmail.com)

The Maxxon Acoustics Lab, a purpose-built, floor-ceiling test lab was completed at the end of 2021, but the verification process was
just beginning. Results coming out of the lab were verified using slabs tested at another lab and wood frame assemblies compared to his-
torical data collected on comparable assemblies. The iterative process of modifying mounting conditions will be presented, and data will
be analyzed based on test condition modifications and lab facility differences.

9:30

2aAAab6. The use and application of pressure-based acoustical metrics adopted within the International Building Code. Samantha
Rawlings (Veneklasen Assoc., 1711 16th St., Santa Monica, CA 90404, srawlings@veneklasen.com), John Lo Verde, and Wayland
Dong (Veneklasen Assoc., Santa Monica, California, CA)

The 2021 International Building Code (IBC) includes pressure-based metrics as the field acoustical standards for conformance.
These include normalized noise isolation class (NNIC) and normalized impact sound rating (NISR) (ASTM E336-20 and ASTM E1007-
21, ASTM International; 2021 International Building Code, Section 1206, International Code Council). Pressure-based metrics were
intentionally used in lieu of power based metrics. The authors here address why pressure-based metrics are more appropriate than
power-based metrics for field verification, following from previous work [LoVerde and Dong, “Field impact insulation testing: Inad-
equacy of existing normalization methods and proposal for new ratings analogous to those for airborne noise reduction,” JASA 118, 638
(2005); LoVerde, Dong, and Rawlings, “Sound pressure-based ratings for evaluation of in situ sound isolation,” Denver (2022)]. Further-
more, the authors shall present the application of these metrics as they pertain to Building Code requirements. This paper will include
and present code interpretation as it relates to sample size and evaluation for compliance as it relates to Building Code and sampling of
systems for acceptance.

9:50-10:05 Break

10:05

2aAAa7. Noise from above: A summary of studies regarding the perceived annoyance due to impact sounds. Markus Mueller-Tra-
pet (National Res. Council Canada, 1200 Montreal Rd., Ottawa, Ontario K1A OR6, Canada, Markus.Mueller-Trapet@nrc-cnre.gc.ca),
Sabrina Skoda (Hochschule Duesseldorf Univ. of Appl. Sci., Duesseldorf, Germany), Young-Ji Choi (Kangwon National Univ., Gang-
won-do, South Korea), Iara Batista da Cunha, and Jeffrey Mahn (National Res. Council Canada, Ottawa, Ontario, Canada)

To support efforts of introducing an impact sound requirement into the National Building Code of Canada (NBCC), the National
Research Council of Canada has initiated a long-term research project. In cooperation with the Hochschule Duesseldorf in Germany and
Kangwon National University in Korea, several listening tests were performed to investigate the annoyance due to impact sound as it is
perceived by building occupants, and how this annoyance relates to the results of standardized laboratory measurements. In this contri-
bution, the different listening test setups will be described and compared. Tests were performed in the laboratory using loudspeakers,
headphones, and also with a Virtual Reality headset. In addition, an online listening test was launched to expand the reach of such stud-
ies to the general population. The results will be summarized and discussed regarding appropriate rating methods. The goal of these stud-
ies is to gain a better understanding of the relevant factors that affect the perceived annoyance, such as the impact source type and the
dominant frequency range, but also how the test environment influences the results.

10:25

2aAAa8. Overview of technical certificate program from the Institute of Noise Control Engineering. Matthew Golden (Pliteq, 131
Royal Group Crecent, Woodbridge, Ontario L4H 1X9, Canada, mgolden@pliteq.com), Ethan Bourdeau (Int. WELL Bldg. Inst. PBC,
New York, NY), Jeffrey Fullerton (Acoustics, Bldg. Sci. Solutions, Intertek, Boston, MA), Herb Singleton (Cross Spectrum Acoust.,
East Longmeadow, MA), Karl Peterman (Vibro-Acoust., Swegon North America, Ajax, Ontario, Canada), and Andrew Barnard
(Acoust., Penn State, Univ. Park, PA)

Standards are often misunderstood by even the most seasoned of acoustic professionals, let alone new technicians and engineers in
the field, as they are often very complicated, written in piecemeal fashion by committees and are updated often. Some of the standards
even conflict with one another. To help alleviate this problem, the Institute of Noise Control Engineering (INCE) is developing two tech-
nical certificate programs designed to educate and evaluate participants on the details of common standards used in the noise control
industry. Each program will contain education, testing, and continuing education on ASTM International and Acoustics Society of
America (ASA) standards. The first program will cover general acoustical measurements and environmental noise measurements. The
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second program will cover field testing of building acoustics, including airborne and impact noise insulation as described in ASTM
E336, ASTM E1007, and associated standards. The courses are currently being developed with a target launch date of early 2023. Com-
parisons to similar programs that have been developed in other countries will be included. A business case will be made on how these
programs will save noise control engineering firms time and money in training new staff.

10:45

2aAAa9. In situ testing methods for evaluating and predicting the impact isolation of high-performance floating floors - Part 1.
Michael Raley (PAC Int., Canby, OR) and Peter Allen (ABD Eng. and Design, 321 Southwest 4th Ave. Suite 700, Portland, OR,
pallen@abdengineering.com)

Floating floors using discrete isolators are commonly recommended to mitigate impact noise from fitness facilities; however, there
has been little study of the performance of floating floors under the types of heavy/hard impacts that often cause noise and vibration
complaints from fitness facilities. Furthermore, it can be difficult to create mock-ups of floating floor systems for in situ testing, making
it difficult to adequately evaluate their performance. Here, the authors present the beginnings of a research program intended to develop
effective methods for evaluating and predicting the performance of floating floors using in situ testing methods. Part 1 of the presentation
covers the overall scope of the research program, a discussion of prior work by others that informed the research program, an overview
of the measurement setup and methodology, and a discussion of the methods to capture, post-process, and analyze the data.

11:00

2aAAal0. In situ testing methods for evaluating and predicting the impact isolation of high-performance floating floors - Part 2.
Michael Raley (PAC Int., Canby, OR) and Peter Allen (ABD Eng. & Design, Inc., 321 Southwest 4th Ave. Suite 700, Portland, OR,
pallen@abdengineering.com)
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Floating floors using discrete isolators are commonly recommended to mitigate impact noise from fitness facilities; however, there
has been little study of the performance of floating floors under the types of heavy/hard impacts that often cause noise and vibration
complaints from fitness facilities. Furthermore, it can be difficult to create mock-ups of floating floor systems for in-situ testing, making
it difficult to adequately evaluate their performance. Here, the authors present the beginnings of a research program intended to develop
effective methods for evaluating and predicting the performance of floating floors using in-situ testing methods. Part 2 of the presenta-
tion covers the results of the measurements, including the effects of the following changes to the floating floor assembly: various air cav-
ity depths, vented vs. un-vented air cavities, loaded vs. un-loaded floors, and concrete versus plywood floors. Finally, Part 2 presents the
intended next steps in the research program.

Contributed Papers

11:15 resulting performance. Assembly transmission loss data from ASTM E90

. . . . testing are assessed to understand if it agrees with mass law.
2aAAall. Evaluation of dry mass timber assemblies and comparison to

cementitious toppings. Aedan Callaghan (Pliteq, Inc., 4211 Yonge St.,
Suite 400, Suite 404, Toronto, Ontario M2P 2A9, Canada, acallaghan@pli-
teq.com) and Matthew Golden (Pliteq, Woodbridge, Ontario, Canada)

Mass timber construction is an increasingly common way of building
taller and larger wood buildings utilizing renewable building materials with
lower embodied carbon. Given the desire for the aesthetic design of exposed
mass timber ceilings, it is common for these mass timber panels to require
an additional subfloor decoupled by an acoustic interlayer to achieve IBC
1207 requirements. In the efforts to minimize added structural weight and
overall embodied carbon, various dry linings were tested as an alternative to
traditional cementitious toppings. A 175mm cross laminated timber (CLT)
panel was constructed in the laboratory, and numerous ASTM E90 and
ASTM E492 tests were performed. This analysis examines the role of
dynamic stiffness of the acoustic interlayer and various mass layers in the

A67 J. Acoust. Soc. Am., Vol. 152, No. 4, Pt. 2, October 2022

11:30

2aAAal2. Acoustic criteria and design approaches for fitness spaces in
mixed-use buildings. Robert Connick (Architectural Acoust. and Mech.
Noise Control, Acentech, 33 Moulton St., Cambridge, MA 02138, rcon-
nick@acentech.com)

Boutique fitness franchises have been popping up more often across the
nation, and most high-rise residential towers include fitness centers located
around and above residential spaces. When high impact exercise activities
neighbor offices and residences, disturbances and complaints often follow
suit. In this presentation, we look at the most common types of fitness
spaces, from big name franchises to small scale fitness centers, in terms of
their program of activities and severity of their impact, as well as what
methods of noise and vibration mitigation are available and effective. Sev-
eral case studies are presented.
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SUMMIT E, 9:00 AM. TO 11:00 A.M.

Session 2aAAb

Architectural Acoustics: Student Design Competition (Poster Session)

Robin Glosemeyer Petrone, Chair
Threshold Acoustics, 141 W Jackson Blvd #2080, Chicago, IL 60604

The Student Design Competition is sponsored by the ASA Technical Committee on Architectural Acoustics, with generous support
from the Wenger Foundation, the Robert Bradford Newman Student Award Fund, and the National Council of Acoustical Consultants.

This competition is intended to encourage students in the disciplines of architecture, engineering, physics, and other curriculums that
involve building design and/or acoustics to express their knowledge of architectural acoustics and noise control in the design of a facility
in which acoustical considerations are of significant importance.

Design Scenario: The project involves designing a new 700-seat end-stage theatre to accommodate dramatic and musical performances,

which includes a pit for up to 15 musicians for musicals. The building also includes a variety of rehearsal rooms.

All posters will be on display from 9:00 a.m. to 11:00 a.m.

TUESDAY MORNING, 6 DECEMBER 2022

GRAND HALL A, 8:30 AM. TO 11:45 A.M.

Session 2aAB

Animal Bioacoustics: General Topics in Animal Bioacoustics I — Terrestrial

Rolf Miiller, Chair
Mechanical Eng., Virginia Tech, ICTAS 11, 1075 Life Science Cir, (Mail Code 0917), Blacksburg, VA 24061

Contributed Papers

8:30

2aABl1. Investigating the integration of biosonar sensing and flight con-
trol in bats on Borneo. Rolf Miiller (Mech. Eng., Virginia Tech, ICTAS II,
1075 Life Science Cir, (Mail Code 0917), Blacksburg, VA 24061, rolf.muel-
ler@vt.edu), Benjamin C. Beiter (Mech. Eng., Virginia Tech, Blacksburg,
VA), Trinity Blackman (Mech. and Aerosp. Eng., Univ. at Buffalo, Buffalo,
NY), Yihao Hu, Michael Goldsworthy (Elec. and Comput. Eng., Virginia
Tech, Blacksburg, VA), Jesse Granger (Biology, Duke Univ., Durham, NC),
Grant Patterson (Eng. and Comput. Sci., Virginia State Univ., Petersburg,
VA), Yohan Sequeira (Mech. Eng., Virginia Tech, Blacksburg, VA), Amaro
Tuninetti (Cognit., Linguist., & Psychol. Sci., Brown Univ., Providence,
RI), Adam Tyler (Mech. Eng., Virginia Tech, Blacksburg, VA), and Cara
Webster (Biology, Texas A&M Univ., College Station, TX)

Many bat species rely on biosonar as their primary source of sensory in-
formation about their environments. Species that are able to navigate amid
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dense vegetation use this biosonar information to guide highly dexterous
flight maneuvers. Understanding the connection between biosonar inputs
and flight outputs poses a challenge, because the flight apparatus of bats has
the most degrees of freedom of any flight system—whether natural or man-
made. At the same time, the biosonar inputs consist of just two one-dimen-
sional acoustic time signals (i.e., echoes received at the two ears). Due to
the complexity and large variability in the echoes and the flight maneuvers
of bats, understanding the input-output relationships requires the ability to
collect large amounts of quantitative data on the acoustics and the flight
kinematics. In addition, comparing different bat species could offer a win-
dow into the principles behind the evolutionary co-adaptation of biosonar
and flight. To accomplish this, a cylindrical flight tunnel that integrates
synchronized arrays of 50 high-speed video cameras and 32 ultrasonic
microphones has been set up on the island of Borneo. This instrument is
complemented by a set of custom deep-learning techniques that can handle
the large amounts of data that are being produced.
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8:45

2aAB2. Field study of bats in Brunei Darussalam. Cara Webster (Biol-
ogy, Texas A&M Univ., College Station, TX, cfjwebsterl7@tamu.edu),
Amaro Tuninetti (Cognit., Linguist., & Psychol. Sci., Brown Univ., Provi-
dence, RI), Jesse Granger (Biology, Duke Univ., Durham, NC), Syafi’ie
Su’eif, Ibnurrafiq Ariffin, Ulmar Grafe (Faculty of Sci., Univ. Brunei Darus-
salam, Bandar Seri Begawan, Brunei Darussalam), and Rolf Miiller (Mech.
Eng., Virginia Tech, Blacksburg, VA)

Studying model organisms in their natural environments is essential for
advancing bioinspired science and technology. Echolocating bats can be
models to inspire new technology for sonar sensing, mobility with flapping
flight as well as the integration of these two capabilities. Bat species belong-
ing to genera such as Rhinolophus and Hipposideros stand out for their abil-
ity to navigate and hunt prey in dense vegetation. To further the study of
echolocation and flight strategies in these genera, field-based research meth-
ods have been used to observe, record, and capture bats in Brunei Darussa-
lam. This work was conducted at Andulau Forest Reserve on the border of
Belait and Tutong Districts, various other field sites in Tutong District,
as well as at Mata Mata in Brunei-Muara District from June 2022 through
August 2022. Harp traps were primarily used to capture bats, a less invasive
capture technique compared to other types of netting and thought to be more
effective against the sophisticated echolocation capabilities of these bats.
Acoustic recordings were collected at trap sites and upon processing. These
recordings can be utilized to advance passive acoustic monitoring and to
improve software that can distinguish species based on sonar characteristics
which can also support general biodiversity monitoring.

9:00

2aAB3. Spatiotemporal dynamics of biosonar in navigating Bornean
Rhinolophid and Hipposiderid bats. Amaro Tuninetti (Cognit., Linguist.,
& Psychol. Sci., Brown Univ., Box 1821, Providence, RI 02912-9067,
Amaro_Tuninetti@brown.edu), Yohan Sequeira (Virginia Polytechnic Inst.,
Blacksburg, VA), Jesse Granger (Duke Univ., Durham, NC), Cara Webster
(Texas A&M Univ., College Station, TX), Benjamin C. Beiter (Virginia
Polytechnic Inst., Blacksburg, VA), and Rolf Miiller (Mech. Eng., Virginia
Tech, Blacksburg, VA)

To investigate the active sensing strategies used by echolocating bats of
the genera Rhinolophus and Hipposideros, we have constructed a 9-meter
long flight tunnel, which incorporates an array of 32 ultrasonic microphones
distributed throughout the tunnel. Rhinolophus and Hipposideros are of spe-
cial interest because of their highly flexible biosonar system; these bats emit
pulses from their nasal cavities, using complex noseleaf structures to
quickly and precisely alter the beam-form and direction of emissions. Addi-
tionally, each species utilizes a unique combination of constant-frequency
(CF) and frequency-modulated (FM) ultrasonic signals with varying dura-
tions, repetition rates, and frequencies. We plan to trap several species of
wild Bornean bats of these genera and fly individual bats through the tunnel;
a time-of-arrival algorithm will be used to localize the position of each bat
at the time of each biosonar pulse emission, and an amplitude-comparison
method to measure the horizontal and vertical direction of each emission
from the bat’s noseleaf. We will also incorporate relatively simple foliage
obstacles into the tunnel; this will create complex acoustic clutter and allow
us to determine how bats of different species adjust their biosonar sampling
strategies in order to navigate around novel obstacles in a cluttered
environment.

9:15

2aAB4. Machine learning methods for reconstructing the acoustic fields
of bat biosonar. Yohan Sequeira (Mech. Eng., Virginia Tech, Blacksburg,
VA, yohans21@vt.edu), Amaro Tuninetti (Cognit., Linguist., & Psychol.
Sci., Brown Univ., Providence, RI), Michael Goldsworthy (Elec. and Com-
put. Eng., Virginia Tech, Blacksburg, VA), and Rolf Miiller (Mech. Eng.,
Virginia Tech, Blacksburg, VA)

Understanding the relationships between biosonar and flight in bats
requires synchronized recordings of the echo inputs and the flight kinemat-
ics of the animals. Here, integrated arrays of 50 high-speed camera and 32
ultrasonic microphones have been set up to collect the data that is necessary
for achieving this goal. The arrays are set up to record bats as they fly
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through an an obstacle course inside a cylindrical tunnel. Due to the com-
plexity of the received signals in these scenarios, we have been developing
custom strategies that rely on a combination of compressed sensing and
deep learning to reconstruct the acoustic field inside the tunnel from the
microphone-array measurements. By using a combination of the high-speed
video and acoustic data, it can be attempted to determine the bat’s location
in the array from the image data and then reconstruct the properties of the
sound fields that were emitted and received at this position using the acous-
tic array data. The goal of this research is to eventually determine the
dynamic characteristics of the bat’s biosonar emissions such as beampat-
terns and potentially time-variant characteristics as well as the biosonar
inputs that the bats rely on for controlling their flight behaviors.

9:30

2aABS. Investigating of the impact of biommetic pinna dynamics on so-
nar tasks in natural environments. Michael Goldsworthy (Elec. and Com-
put. Eng., Virginia Tech, 1075 Life Sci. Cir, ICTAS II (Mail Code 0917),
Blacksburg, VA 24061, michaeljg@vt.edu), Salwani Osman (Comput. Sci.,
Univ. Of Brunei Darussalam, Bandar Seri Begawan, Brunei Darussalam),
Grant Patterson (Eng. and Comput. Sci., Virginia State Univ., Petersburg,
VA), and Rolf Miiller (Mech. Eng., Virginia Tech, Blacksburg, VA)

Bats are known to perform incredible feats using their echolocation abil-
ities, which include natural tasks, such as navigation through foliage and
hunting prey, as well as tasks they have been trained to perform, such as
classification of man-made objects. Much work has been done to engineer
biomimetic systems that can perform these and similar tasks in a compara-
ble way to bats. Biomimetic sonar devices have performed tasks such as
identifying a geographic location, object classification, and foliage gap find-
ing. Particular species of bats (notably those of the families Hipposideridae
and Rhinolophidae) use rapid ear motion while making sonar calls, and the
full effect and purpose of this motion is not fully understood. Our research
goal is to perform sonar tasks with a biomimetic sonar head capable of both
static and dynamic ear motion and investigate the effect of dynamic ear
motion on captured echoes and performance on tasks. To this end, we
have collected echo data in natural habitats with dense tropical vegetation in
Brunei on the island of Borneo. Tasks currently under investigation include
location identification and detection of man-made objects in foliage, and are
performed by deep learning classifiers trained on echoes taken by the biomi-
metic sonar device.

9:45

2aAB6. Autonomous localization and mapping based on biomimetic
sonar in natural environments. Grant Patterson (Eng. and Comput. Sci.,
Virginia State Univ., Petersburg, VA), Ju Wang (Eng. and Comp. Sci., Vir-
ginia State Univ., 1 Hayden Dr., Petersburg, VA 23806, jwang@vsu.edu),
Michael Goldsworthy (Elec. and Comput. Eng., Virginia Tech, Blacksburg,
VA), Salwani Osman (Comput. Sci., Univ. of Brunei, Bandar Seri Begawan,
Brunei Darussalam), Adam Hinson, and Rolf Miiller (Mech. Eng., Virginia
Tech, Blacksburg, VA)

Bats navigating in dense vegetation based on biosonar have to obtain the
necessary sensory information from “clutter echoes,” i.e., echoes that are
superpositions of contributions of many reflecting facets (e.g., leaves). Since
the locations and reflective properties of the individual facets are unknown,
clutter echoes have to be treated as random signals that can neither be pre-
dicted nor—under most practical circumstance—be replicated. Neverthe-
less, prior research has shown that deep neural networks are capable of
extracting fairly precise location information from clutter echoes. This
raises the question whether clutter echoes could be used to provide naviga-
tional guidance in a conventional simultaneous localization and mapping
(SLAM) framework, which is to a large extent dependent on precise and
deterministic measurement to generate a localized map. Our hypothesis is
that biomimetic sonar echoes indeed contain the information that is neces-
sary support to local path planning, which can be utilized by a suitable deep
learning architecture and training process. To investigate this issue, we have
collected data in natural, heavily vegetated environments using a biomi-
metic sonar head that mimics the periphery of the biosonar system in horse-
shoe bats. The annotation of the data and the network training process is
currently undergoing.
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10:00-10:15 Break

10:15

2aAB7. A bioinspired robot for investigating biosonar guidance of flap-
ping flight in bats. Adam Tyler (Mech. Eng., Virginia Polytechnic Instit.
and State Univ., Blacksburg, VA, adamtyler365@vt.edu), Trinity Blackman
(Aerosp. Eng., Univ. at Buffalo, Buffalo, NY), Yohan Sequeira, Benjamin
C. Beiter (Mech. Eng., Virginia Polytechnic Inst. and State Univ., Blacks-
burg, VA), and Rolf Miiller (Mech. Eng., Virginia Tech, Blacksburg,
VA)

Investigating how bats manage to control their complex flight apparatus
using streams of biosonar echoes as inputs with an approach based on bio-
mimetic robotics, we have designed a bioinspired flapping robot that repli-
cates some of the features of the flight apparatus of bats: In particular, it
incorporates a mechanism to translate one degree of freedom from a motor
into flapping as well as folding of the wings. Throughout the flapping cycle,
the wings are folding and unfolding continuously in a way that achieves
maximum upward lift. Similarly to a bat, a wing membrane is stretched over
the wings and pulled taut. The design is primarily 3-D printed to reduce
weight and allow for rapid prototyping. Future iterations of the robot will
continue to reduce the weight and add more degrees of freedom to enable
greater maneuverability in the air. After flight has been achieved, acoustics
in the form of ultrasonic microphones will be implemented on the robot for
further navigational capabilities. It is important to optimize the robot for the
maximum amount of lift while keeping the robot as light as possible to
allow for a greater capacity for acoustics equipment while still maintaining
the ability to fly.

10:30

2aABS8. A comparative study of a bioinspired flapping bat robot and
Bornean bats. Trinity Blackman (Univ. at Buffalo, P.O. box 802, East
Aurora, NY 14052, tb10933@gmail.com), Adam Tyler (Virginia Tech,
Blacksburg, VA), Yohan Sequeira (Mech. Eng., Virginia Tech, Blacksburg,
VA), Benjamin C. Beiter, and Rolf Miiller (Virginia Tech, Blacksburg,
VA)

Effectively characterizing the significance of bioinspired design for the
advancement of robotics technology is a complex endeavor. Here, a direct
comparative analysis was conducted to examine the differences between a
bioinspired bat robot and bats. The unique maneuvering and biosonar capa-
bilities of bats have long been recognized as a source of technical inspira-
tion. However, the capabilities of bats in these areas still far exceed those of
current robotics models. To evaluate these differences, we have been prepar-
ing to fly rhinolophid/hipposiderid bats and a bat-robot prototype through a
flight tunnel instrumented with arrays of 50 high-speed cameras and 32
ultrasonic microphones. Using this approach, kinematic and acoustic data
can be compiled to enable a thorough comparison of the bats and the robot.
This data can support a quantitative analysis of key characteristics such as
wing cycle, size ratios, lift and thrust capacity, as well as maximum carrying
capacity. Based on insight from this data, strategic design iterations can be
carried out to more accurately mimic bat flight with considerations for
incorporation of biosonar-inpsired technology into the design. By continu-
ing this process, an in-depth understanding of the bioinspired design
approach, implementation, and impact to the design process can be
achieved.

10:45

2aAB9. Optimization approach to designing a bioinspired bat robot for
flight and sonar integration. Benjamin C. Beiter (Mech. Eng., Virginia
Tech, 635 Prices Fork Rd., Blacksburg, VA 24061, bbeiterl@vt.edu),
Yohan Sequeira (Mech. Eng., Virginia Tech, Blacksburg, VA), Adam Tyler
(Mech. Eng., Virginia Polytechnic Inst. and State Univ., Blacksburg, VA),
Trinity Blackman, and Rolf Miiller (Mech. Eng., Virginia Tech, Blacksburg,
VA)

In addition to remarkable acoustic sensing and navigation abilities, bats
are highly agile and capable fliers, achieving flight efficiency that exceeds
that of not only the rest of the animal kingdom, but of all robots as well. We
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seek to design a robot inspired by the biological capabilites of bats to
achieve artificial flapping flight integrated with an acoustic sensing ability.
Coupled with the kinematic and dynamic data collection array, we define a
process for optimizing the design of bat wings for efficient flight. We iden-
tify fitness functions such as flap speed and air subtended throughout a wing
cycle and then optimize the size and shape of a wing to achieve desired set-
points of the fitness functions. An inverse kinematics design process can
then be used to create a single degree of freedom cyclic mechanism that will
achieve the desired wing flap and fold functions. By setting fitness function
objectives for both engineering design requirements (weight, lift, aerody-
namics) and biologically inspired goals (wing flexibility, similarity to bat
flight, responsiveness to echolocation). With this we can procedurally
design a bat robot based on updating understandings of bat flight and navi-
gation, leading to a streamlined production process when combined with
rapid manufacturing.

11:00

2aAB10. Impact of environmental factors on the variability of the avian
dawn chorus. Kelsey B. Moore (Statistics, Brigham Young Univ., N283
ESC, Provo, UT 84602, kbmoore@byu.edu), Levi T. Moats (Dept. of Phys.
and Astronomy, Brigham Young Univ., Provo, UT), Mylan R. Cook
(Phys.ics and Astronomy, Brigham Young Univ., Provo, UT), Lucas K. Hall
(California State Univ. Bakersfield, Bakersfield, CA), and Kent L. Gee
(Dept. of Phys. and Astronomy, Brigham Young Univ., Provo, UT)

The avian dawn chorus is especially prominent during the spring and
summer when birds are breeding. The short-term and seasonal variation
(timing, level, duration, and spectrum) of the avian dawn chorus is not well
understood, and this study represents an initial effort to correlate changes in
different chorus characteristics with different environmental variables.
Acoustical data were gathered with a Larson Davis Sound Level Meter at
the U.S. Fish and Wildlife Service Bear River Migratory Bird Refuge from
March through August 2021 and 2022 and were analyzed for variation in
start time and acoustical characteristics. Although it has been shown that the
chorus start time is roughly correlated with civil twilight, we found that they
ranged from 3 h before nautical twilight to half an hour after. Additionally,
daily maximum SPL during a dawn chorus can vary during the peak breed-
ing season by more than 40 dB. We analyzed the effect of several environ-
mental variables on the dawn chorus, including nearby water levels, cloud
coverage, wind, etc., as well as overall seasonal variation. Our findings
highlight the importance of water and demonstrate the need for continued
research and analysis of daily variation. Results will be discussed.

11:15

2aAB11. Evolution of the dawn chorus throughout the breeding season
at an inland migratory bird refuge. Levi T. Moats (Dept. of Phys. and
Astronomy, Brigham Young Univ.,, N283 ESC, Provo, UT 84602,
Imoats359@gmail.com), Mylan R. Cook, Kelsey B. Moore (Dept. of Phys.
and Astronomy, Brigham Young Univ., Provo, UT), Lucas K. Hall (Biol-
ogy, California State Univ. at Bakersfield, Bakersfield, CA), and Kent L.
Gee (Dept. of Phys. and Astronomy, Brigham Young Univ., Provo, UT)

The dawn chorus is a defining acoustic event for many environments
with vocal bird populations. To study short and long-term changes in spec-
tral characteristics of the dawn chorus at an inland migratory bird refuge,
Larson Davis 831C sound level meters (SLM) were deployed at Utah’s Bear
River Migratory Bird Refuge from March to August in 2021 and 2022, over-
lapping with the breeding seasons of many resident and migratory species of
birds. The SLMs collected one-second temporal resolution data in one third
octave (OTO) frequency resolution both years, as well as audio recordings
during 2022. The relative contributions of the bird-relevant OTO bands
(~500 Hz-12.5 kHz) to the total energy are analyzed for each chorus. One
result shows that the chorus’s spectral composition varies markedly for dif-
ferent locations within the refuge throughout the breeding season. The
results show the value of the relatively low-resolution data in studying
overall chorus characteristics. Additionally, the audio recordings have been
analyzed using BirdNET species identification software to correlate changes
in chorus characteristics with changes in species and behavior over the
breeding season.
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11:30

2aAB12. Parabolic completions in gibbon duets may signal appreciation
of projectile motion. David M. Schruth (Music, Durham Univ., NA, Dur-
ham NA, United Kingdom, dschruth@anthropoidea.org)

Most gibbon species produce salient duet calls at daybreak. Duets start
with low frequency barks by males, followed by the female great call, and
end with a short, and often complex, male-dominated coda. The female
great call itself typically climaxes via a crescendoing increase in pitch,
tempo, or both and characteristically features bilaterally symmetrical para-
bolic structures, which can manifest both in the distribution of vocal units
over time as well as in frequency. Male codas appear to anticipate and even
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complete many of these female-initiated parabolas. Employing spectro-
grams of species-typical great calls from nearly all gibbon species (n=12), I
plotted coordinates of the upper-most frequency of each vocal unit. Using
these x=time and y =frequency coordinates (plus x-differences), I tabulated
the parabolas with the best possible second order polynomial fits for each
species’ great call. Measures of parabolic fit for each call were then com-
pared to quantitative locomotor estimates for each species. All forms of par-
abolic assessment had positive correlations with leaping bout percentages
across species. These results indicate that gibbon duets may function to sig-
nal a fundamental understanding of parabolic shapes—presumably useful in
landing airborne locomotor (especially leaping) bouts spanning canopy ele-
ments—enabling concordant execution of arboreally projectile acrobatics.

NORTH COAST A, 8:30 AM. TO 11:50 A.M.

Session 2aA0

Acoustical Oceanography, Underwater Acoustics, and Signal Processing in Acoustics:
Acoustical Remote Sensing, Navigation, and Passive Monitoring in the Polar Ocean I

Matthew Dzieciuch, Cochair
Univ. of California, San Diego, Scripps Inst. of Oceanography, San Diego, CA 92122

Hanne Sagen, Cochair
Nansen Environ. and Remote Sensing Ctr., Jahnebakken 3, Bergen, 5007, Norway

Peter F. Worcester, Cochair
Scripps Inst. of Oceanography, Univ. of California, San Diego, 9500 Gilman Drive, 0225, San Diego, CA 92093-0225

Chair’s Introduction—8:30

Contributed Papers

8:35

2aA01. Wind-driven ambient noise in seasonally ice-covered waters
north of the Svalbard Archipelago. Dag Tollefsen (Norwegian Defence
Res. Est. (FFI), Norwegian Defence Res. Establishment, Horten 3191, Nor-
way, Dag.Tollefsen@ffi.no) and Helge Buen (Norwegian Defence Res. Est.
(FFI), Horten, Norway)

This paper presents analysis of a one-year (2018-2019) recording of am-
bient noise (40-2000 Hz) at a seasonally ice-covered location on the conti-
nental slope between the Svalbard archipelago and the Nansen Basin,
northeast Atlantic Arctic. Time series of ambient noise show highest corre-
lations with ice concentration and wind speed. A log-wind speed regression
model is fitted to spectral noise data for three categories of ice concentra-
tion. Wind-speed dependence decreases with increasing ice concentration
and increases with frequency, except at high ice concentration. Periodicity
in noise during the ice-covered season is related to the M2 and M4 tidal cur-
rent constituents.
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8:50

2aA02. Ambient sound observations from beamformed horizontal
array data in the Pacific Arctic. Colby W. Cushing (Appl. Res. Labs., The
Univ. of Texas at Austin, 10000 Burnet Rd., Austin, TX 78758, colby.cush-
ing@utexas.edu), Jason D. Sagers, and Megan Ballard (Appl. Res. Labs.,
The Univ. of Texas at Austin, Austin, TX)

Changes in the Arctic environment with regard to declining sea ice and
changing oceanography are expected to alter the ambient sound field, affect-
ing both the sound generating processes and the acoustic propagation. This
talk presents acoustic recordings collected on the 150-m isobath on the
Chukchi Shelf during the Canada Basin Acoustic Propagation Experiment
(CANAPE), which took place over a yearlong period spanning October
2016 to October 2017. The data were recorded on a 52-channel center-
tapered horizontal line array and adaptively beamformed to quantify the azi-
muthal directionality in long-term trends ambient sound under 1200 Hz as
well as track specific sound events as they travel through space over time.
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The acoustic data were analyzed in the context of wind speed and satellite
imagery to identify the dominant sound generation mechanisms. Automated
identification system (AIS) data were also incorporated to determine sources
of ship generated sound and seismic profiler activity observed in the acous-
tic recordings. This talk will provide an overview of the long-term trends
and describe a subset of results from the beamforming. [Work Supported by
ONR.]

9:05

2aA03. Statistical and spatial characteristics of ocean ambient noise up
to 1900 Hz on the Chukchi Shelf in the Arctic affected by climate
change. Kathryn Fung (MIT/WHOI, Woods Hole, MA) and Julien Bonnel
(Woods Hole Oceanogr. Inst., 266 Woods Hole Rd., MS# 11, Woods Hole,
MA 02543-1050, jbonnel@whoi.edu)

This paper analyzes a year of underwater ambient noise data recorded in
the Arctic on the Chukchi Shelf as part of the 20162017 Canada Basin
Acoustic Propagation Experiment (CANAPE). A broadband (50-1900 Hz)
statistical study is performed to analyze noise variability and its relationship
to environmental drivers, notably the local presence of ice and the presence/
absence of the Beaufort duct in the experimental area. Both environmental
factors are found to significantly affect the noise levels. Local ice coverage
tends to decrease ambient noise at all frequencies, while the presence of the
Beaufort duct tends to increase ambient noise for frequencies below 1 kHz.
The lowest ambient noise levels are, thus, found when the sea is ice covered,
but the duct is absent. Furthermore, the study explores the link between
noise level and distant ice drift magnitude. The ambient noise levels are
shown to be highly correlated with distant (up to 1400 km) ice drift for fre-
quencies between 300 and 1500 Hz. [Work supported by the Office of Naval
Research.]

9:20

2aA04. Shipping noise modelling in the thawing Arctic Ocean. Kevin D.
Heaney (Appl. Ocean Sci., 11006 Clara Barton Dr., Fairfax Station, VA
22039, oceansound04@yahoo.com), Kerri D. Seger, Christopher Verlinden,
and Andrew Heaney (Applied Ocean Sciences, Fairfax Station, VA)

One of the earliest and clearest signals of the impact of anthropogenic
induced climate change has been the severe reduction in sea ice extent in
the Arctic Ocean, particularly in the summer. Predictions of an ice free
summer range from 2030 to 2050. The reduction of ice extent and thickness
opens the possibility for greater shipping traffic through polar regions for
international shipping (cutting the transit time from Europe to Asia), for
mine and indegenous nations logistics support and for high north fishing.
The increased number and presence of ships is a potential threat to the sensi-
tive marine species that live in the arctic and have evolved in a region
devoid of anthropogenic sounds. Effective management of the region
requires an understanding of the potential increases in shipping noise levels
and in their relative levels to natural backround sound, such as wind and ice
noise. In this paper, we present a modelling study of 2013-2019 shipping
noise and look to build a model to predict the shipping noise in 2030 based
upon the combination of national forecast economic plans and ice modeling.
Mapping the projected levels of shipping noise into excess noise (level
above wind and/or background ice levels) provides a methodology for
developing management decisions consistent with other noise measurement
and mitigation projects. Comparison of models with passive observations of
arctic soundscapes will be presented.

9:35

2aA05. Towards the determination of appropriate sampling schemes
within tidewater glacierized fjords. Matthew C. Zeh (Dept. of Chemistry
and Phys., Belmont Univ., 1900 Belmont Blvd., Nashville, TN 37212, mat-
thew.zeh@belmont.edu), Ginny Catania (Dept. of Geo. Sci. and Inst. for
Geophys., The Univ. of Texas at Austin, Austin, TX), Preston S. Wilson
(Walker Dept. Mech. Eng. and Appl. Res. Labs., The Univ. of Texas at Aus-
tin, Austin, TX), Megan Ballard (Appl. Res. Labs., The Univ. of Texas at
Austin, Austin, TX), Marcy Davis, and Dan Duncan (Inst. for Geophys.,
The Univ. of Texas at Austin, Austin, TX)

Using an optimal duty cycle (DC) can extend the length of recording
deployments without greatly reducing the information collected and is
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critical for measurements in dynamic, remote environments like glacierized
fjords. The DC selection is often based on the recording system (battery
life/memory) rather than the information in the data. We propose an
improved, data-informed method to determine the optimal DC. Fifty-two
hours of ambient acoustic data were collected from two underwater vertical
line arrays moored near Hubbard and Turner Glaciers in Southeast Alaska
in June 2021, prior to a year-long deployment. Two-second-averaged power
density spectra were calculated for each of the four channels of both moor-
ings. Spectra were clustered for each recording channel using the k-means
clustering algorithm. The process was repeated for a range of DCs from
100% to 1%. Comparisons between clustered prototypes and cluster obser-
vations were made between the full and reduced duty cycle (RDC) record-
ings using 2, 3, 4, 5, and 6 clusters. For DCs greater than 22% (when using
four clusters), the information content within the RDC recordings was not
significantly enhanced. While this result is specific to this glacierized fjord,
we propose this method to optimize DC selection for other passive monitor-
ing applications.

9:50

2aA06. Determining the speed dependent source level of a snowmobile
traveling on sea-ice. Emmanuelle Cook (Oceanogr., Dalhousie Univ., 1355
Oxford St., Halifax, Nova Scotia B3H 3Z1, Canada, emmanuellecook@dal.
ca), John Winters, Katrina Anthony (Oceanogr., Dalhousie Univ., Postville,
Newfoundland, Canada), David R. Barclay, and Eric Oliver (Oceanogr.,
Dalhousie Univ., Halifax, Nova Scotia, Canada)

As part of the Sustainable Nunatsiavut Futures project, a field experi-
ment to determine the acoustic properties and underwater radiated sound
level of a snowmobile was designed and executed. The fieldwork consists of
lowering acoustic recorders under the sea ice and driving a snowmobile
with a known position and velocity to evaluate its speed-dependent source
level. This experiment is the first step toward collaborative Dalhousie and
community research on underwater sound as it relates to the marine habitat,
human use of the ocean, and sea-ice in Nunatsiavut. Due to COVID-19, the
planning stages were coordinated virtually, and the fieldwork in Nunatsiavut
was conducted by local Inuit Research Coordinators (IRCs), while a twin
Dalhousie-led experiment was conducted in Caraquet, New Brunswick. A
single hydrophone sensor was used in Nunatsiavut, and a vertical array of
hydrophones was used in Caraquet to obtain underwater sound data from a
moving snowmobile. Skidoo specifications for each site were recorded as
well as sea-ice thickness, temperature, salinity, and sound-speed data were
collected. Spectrograms of skidoos traveling at different speeds were com-
puted. Comparisons between received levels at different velocities, sites,
and ranges are shown, and the impact of sea ice and snowmobile specifica-
tions on received levels are discussed.

10:05-10:20 Break

10:20

2aA07. The coordinated arctic acoustic thermometry experiment—
CAATEX. Matthew A. Dzieciuch (SIO/UCSD, 2728 Arnoldson Ave., San
Diego, CA 92122, mad@ucsd.edu), Hanne Sagen (Nansen Environ. and
Remote Sensing Ctr., Bergen, Norway), Peter F. Worcester (Scripps Inst. of
Oceanogr., Univ. of California, San Diego, San Diego, CA), Espen Storheim
(Nansen Environ. and Remote Sensing Ctr., Bergen, Norway), John A.
Colosi (Naval Postgrad. School, Monterey, CA), Richard A. Krishfield
(Woods Hole Oceanogr. Inst., Woods Hole, MA), Stein Sandven, and
Florian Geyer (Nansen Environ. and Remote Sensing Ctr., Bergen,
Norway)

The coordinated arctic acoustic thermometry experiment (CAATEX)
was a joint U.S.-Norwegian trans-Arctic acoustic propagation experiment
with a design comparable to the 1994 TransArctic Propagation (TAP)
experiment. The goal was to measure the changes in low-frequency sound
propagation due to changes in ocean heat content and salinity, and ice con-
ditions. Two 35 Hz acoustic transceiver moorings, one in the Nansen Basin
and one in the Beaufort Sea, were deployed along with four other receiving
moorings. All six moorings were equipped with vertical hydrophone arrays,
recording transmissions every 36 h from fall 2019 to fall 2020. Each moor-
ing also recorded temperature and salinity time series along the vertical
extent of the hydrophone arrays, ice thickness using an upward-looking
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sonar, and ocean bottom pressure. The acoustic travel-times allow compari-
son of present-day heat content to the 1994 measurement, but there are sev-
eral other points of comparison that are sensitive to environmental changes.
These include transmission loss, acoustic scattering, and the acoustic arrival
structure. These measurements of ocean and ice processes, and the acoustic
propagation and ambient sound will improve our ability to monitor, commu-
nicate, and navigate in the Arctic Ocean.

10:35

2aA08. Modelling of sound propagation across the Arctic Ocean using
oceanographic fields and oceanographic data. Espen Storheim (Nansen
Environ. and Remote Sensing Ctr., Bergen, Norway, espen.storheim@nersc.
no), Hanne Sagen (Nansen Environ. and Remote Sensing Ctr., Bergen, Nor-
way), Matthew A. Dzieciuch (SIO/UCSD, San Diego, CA), and Peter F.
Worcester (Scripps Inst. of Oceanogr., Univ. of California, San Diego, San
Diego, CA)

During the coordinated arctic acoustic thermometry experiment (CAA-
TEX), two acoustic sources transmitted 35 Hz binary m-sequences in a year-
long experiment. The signals were transmitted across the Arctic Ocean and
detected at distances up to 2700 km. The aim was to make measurements
similar to those carried out in 1994 and 1998, to investigate the changes in
sound propagation due to changes in the ocean temperature, ocean stratifica-
tion, and thinning of the sea ice. Changes in propagation conditions over the
last decades were investigated using time-series of data from ocean reanaly-
sis, as well as available oceanographic data along the transect. Range-de-
pendent fields were constructed and used as environmental input to acoustic
models to produce time series of arrival times and vertical arrival structure.
This approach allows for an examination of the sensitivity of low-frequency
sound propagation to both vertical and large-scale horizontal changes in the
ice-ocean environment. The predicted time series of acoustic travel times
and arrival structure will be presented and compared with the observations.

10:50

2aA09. Acoustic networks in high Arctic Ocean observing systems.
Hanne Sagen (Nansen Environ. and Remote Sensing Ctr., Bergen, Norway,
Hanne.Sagen@nersc.no), Matthew Dzieciuch (Scripps Inst. of Oceanogr.,
Univ. of California, San Diego, La Jolla, CA), Espen Storheim, Astrid Stal-
lemo, Helene R. Langehaug (Nansen Environ. and Remote Sensing Ctr.,
Bergen, Norway), Peter F. Worcester (Scripps Inst. of Oceanogr., Univ. of
California, San Diego, San Diego, CA), Stein Sandven (Nansen Environ.
and Remote Sensing Ctr., Bergen, Norway), Richard A. Krishfield (Woods
Hole Oceanogr. Inst., Woods Hole, MA), and John A. Colosi (Oceanogr.,
Naval Postgrad. School, Monterey, CA)

Sustained in situ ice-ocean observations are sorely lacking in the Arctic,
limiting research on climate, weather, ice-ocean processes, and geophysical
hazards. A sustained network of advanced multipurpose underwater moor-
ings and drifting buoys in the Nansen and Amundsen Basins that included
acoustic and other instrumentation would make a substantial contribution to
a high Arctic Ocean observing system. Such a network would provide point
measurements of ocean parameters, large-scale temperature measurements
using acoustic thermometry, acoustic geo-positioning of underwater floats
and gliders, and passive acoustic measurements for detection of marine
mammals, geohazards, and human generated noise. Optimal design of such
a network of fixed moorings and drifting platforms requires accurate knowl-
edge of the ice-ocean environment to determine the acoustic properties.
Such a sustained network would build on the successful basin-wide coordi-
nated arctic acoustic thermometry experiment (CAATEX). In this presenta-
tion, the focus will be on the oceanographic and acoustic characteristics of
the Nansen and Amundsen Basins using observations made during CAA-
TEX. The ability of several climate models and reanalysis products to
describe the oceanographic characteristics as well as their usefulness in pre-
dicting low-frequency acoustic propagation will be evaluated.
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11:05

2aA010. New developments in submarine cable technology can facili-
tate acoustics in Polar regions and on the global scale. Bruce M. Howe
(Ocean and Resources Eng., Univ. of Hawaii at Manoa, 2540 Dole St.,
Holmes Hall 402, Honolulu, HI 96822, bhowe@hawaii.edu) and Hanne
Sagen (NERSC, Nansen Environ. and Remote Sensing Ctr., Bergen,
Norway)

The subsea telecommunications cable industry is expanding their pres-
ent single purpose infrastructure to include ocean observing capability. Sci-
ence Monitoring And Reliable Telecommunications (SMART) Subsea
Cables is working to integrate temperature, pressure, and seismic accelera-
tion sensors into commercial cables (~70 km spacing) to support climate
and ocean observation, sea level monitoring, and tsunami and earthquake
early warning on the global scale. Furthermore, telecom rated branching
cables with power feed units supporting multipurpose “nodes” are becoming
a reality. Acoustic capability can be integral to both. Major uses of these
nodes include supporting low frequency transceivers enabling basin scale
tomography and geo-positioning of mobile assets and docking for autono-
mous undersea vehicles (AUVs). Enabled by cabled power, these would be
part of the fixed/mobile acoustic tomography system measuring ocean heat
content at the speed of sound and more generally for transporting energy,
data, and acquiring multidisciplinary data throughout a large volume of the
ocean. Both variants and hybrids between can support the necessary acous-
tics contribution to ocean observing. Two proposed systems can support
polar applications: Far North Fiber Express connecting Norway/Finland/
Treland with Japan via the Canadian Northwest Passage, and the NSF pro-
posed SMART cable connecting New Zealand with McMurdo Base,
Antarctica.

11:20

2aA011. Simulation of acoustic reflection from Arctic ice. Nicholas P.
Chotiros (Appl. Res. Labs., The Univ. of Texas at Austin, 10000 Burnet
Rd., Austin, TX 78758, chotiros@utexas.edu)

The acoustic reflection from an ice sheet in the arctic, as observed by an
upward looking sonar, is simulated. The reflection from a smooth ice sheet
is modeled using OASES, using material properties that may be found in the
published literature. Depending on the bandwidth of the signal, specular
reflections from the top and bottom of the ice, as well as one or more
resonances that are identified as leaky Lamb waves should be detectable. If
the speed of the Lamb wave is faster than the speed of sound in water, it
will leak energy back into the water. The leaky Lamb wave has a character-
istic resonant frequency that is a function of the ice thickness and shear
speed. The reflection and backscatter from a rough ice sheet is modeled
using SPECFEM2D. Scattering from a rough interface may obscure the
expected signals, depending on the severity of the roughness. [Work sup-
ported by ONR, Ocean Acoustics Program.]

11:35

2aA012. Midfrequency sound propagation and reverberation in a deep
ice-covered ocean. Anatoliy N. Ivakin (Univ. of Washington, 1013 NE
40th St., Seattle, WA 98105, aniv@uw.edu), Kevin L. Williams (Univ. of
Washington, Seattle, WA), John E. Joseph, and D. Benjamin Reeder (Naval
Postgrad. School, Monterey, CA)

Two experiments on midfrequency acoustic transmission under ice in
the Beaufort Sea are discussed. The APL-ICEX14 measurements were
made using 3500 Hz 5s-long CW pulses for fixed geometry of source and
receiver at ~30 m depths and ~720 m range. The NPS-ICEX16 experiment
was performed using CW pulses and LFM sweeps from two mobile 950—
3000 Hz transmitters and five spatially separated hydrophones at different
combinations of source-receiver ranges (0.3—10km) and depths (45-183m).
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For analysis of recorded timeseries, a modeling approach is suggested that
considers several types of arrivals contributing to the received signal at dif-
ferent time intervals. The direct arrivals corresponding to nearly horizontal
propagation are described using a hybrid PE-&ray-based approach, which
employs a fast PE code for propagation in a stratified ocean with flat ice-
free surface to account for effects of structure and dynamics of the arctic
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surface duct and then adds a field of an image source whose strength is
defined by a complex reflection loss factor of the ice cover at small grazing
angles. The direct signal is followed by reverberation coda that is modeled
by bottom- and ice-bounced arrivals with corresponding reflectivity and
scattering strengths at steep angles. Potential applications to remote sensing
in ice-covered environments are discussed. [Work supported by ONR.]

LOOKOUT, 8:30 A.M. TO 11:10 A.M.

Session 2aBAa

Biomedical Acoustics, Computational Acoustics, and Signal Processing in Acoustics:
Deep Learning in Ultrasound Imaging and Tissue Characterization I

Aiguo Han, Cochair
Univ. of Illinois at Urbana-Champaign, 306 North Wright St., Urbana, IL 61801

Xiaoming Zhang, Cochair
Mayo Clinic, 200 1st ST SW, Rochester, MN 55905

Invited Papers

2aBAal. Narrowing the distribution of ultrasound image quality using machine learning and deep learning. Christopher Khan
(Vanderbilt Univ., Nashville, TN), Ying-Chun Pan (Biomedical Eng., Vanderbilt Univ., Nashville, TN), and Brett Byram (Vanderbilt
Univ., 2301 Vanderbilt P1, Nashville, TN 37235, brett.c.byram@ vanderbilt.edu)

Ultrasound image quality varies substantially across different subjects. In some cases, this means ultrasound images are non-diagnos-
tic. Overcoming these non-diagnostic exams is a common goal for advanced ultrasound beamforming algorithms. Recently, new beam-
forming approaches using machine learning and deep learning have been proposed by a number of groups to overcome ultrasound’s
image quality issues. Our group has proposed several methods relying on both machine learning and deep learning approaches. We will
also show how physics-based machine learning methods can lead directly to deep learning methods, and we can use the development
and performance of these methods to generate insight into the underlying structure of ultrasound data. We will also show that rather than
leading to artificial gains, deep learning methods can be used to actually increase the available information in the form of improved
dynamic range compared to delay and sum beamforming. The improvement is 15-20 dB, and we can achieve this improvement in both
clean and highly cluttered data. Finally, we will show that ultrasound beamformers can be trained with unlabeled in vivo data in order to
learn the underlying distribution of clutter in particular in vivo scenarios (e.g. echocardiography). This leads to improvements in imaging
performance and can be used to generate insight into the interaction of different sources of image degradation in vivo.

2aBAa2. Deep estimation of viscoelastic and backscatter quantitative ultrasound. Ali Tehrani (Concordia Univ., Montreal, Quebec,
Canada), Ivan Rosado-Mendez (Univ. of Wisconsin-Madison, Mexico City, Mexico), and Hassan Rivaz (Concordia Univ., 1455 Mai-
sonneuve ouest, EV005.154, Montreal, Dept. of Electr. and Comput. Eng., Concordia, Montreal, Quebec H3G 1M8, Canada, hrivaz@

gmail.com)

Deep learning is an ideal tool to solve inverse problems, which are often ill-posed and require incorporation of a priori information.
We focus on solving two well-known inverse problems that entail the estimation of (1) viscoelastic (VE) and (2) backscatter quantitative
ultrasound (QUS). These properties are of critical clinical value but are not currently available from B-mode images. On the first front, we
propose a novel technique called PICTURE (Physically Inspired ConsTraint for Unsupervised Regularized Elastography) [Tehrani, Rivaz,
MICCALI, (2022)], where we impose additional physics-based constraints on the deformation vector field within our loss function and
show that it substantially improves the quality of lateral displacement estimation. We develop semi- and unsupervised methods to tackle
the problem of lack of ground truth training datasets in real experiments. On the second front, we propose a novel method for segmenting
regions of ultrasound images without any patching based on scatterer number densities [Tehrani et a/. TUFFC (2022)]. Our segmentation
maps can divide the image into irregular regions of fully developed speckle (FDS) or underdeveloped speckle. When moving from simula-
tion to real datasets, we exploit domain adaptation methods using concepts similar to the popular reference phantom method in QUS.
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Contributed Paper

9:20

2aBAa3. Endoscopic photoacoustic with deep learning for evaluating
early detection of the gastrointestinal. Ruei-Wen Ou, Wei-Cheng Lin
(Dept. of Elect. Eng., National Chin-Yi Univ. of Technol., Taichung, Tai-
wan), Hsiao-Chuan Liu (Dept. of Ophthalmol., Univ. of Southern Califor-
nia, Los Angeles, CA), and JIAN-XING WU (Dept. of Elect. Eng., National
Chin-Yi Univ. of Technol., No. 57, Sec. 2, Zhongshan Rd., Taiping Dist.,
Taichung 411030, Taiwan, jian0218@ gmail.com)

Colorectal cancer is increasing rapidly every year. At present, traditional
medical endoscopic probes are large in size, slow in imaging, and insuffi-
cient resolution. Here, we propose a system combining a customized probe-
based photoacoustic system with deep learning to improve photoacoustic
hardware to achieve a smaller size of the probe and a higher imaging resolu-
tion. On the other hand, deep learning was imbedded into the proposed pho-
toacoustic system to achieve highly accurate results of the classifications for

potentially helping physicians to identify lesions as the second opinion. In
this study, a customized probe with a diameter of 9 mm was used to replace
the original probe with a diameter of 1 cm in the hospital. The laser provides
15 W average power with an approximate 300 pJ pulse energy. The laser
beam is formed by the lens after focusing, and the fiber couple can convert
the light into parallel light. After the probe rotates 360°, a slip ring will trig-
ger the ultrasound to receive particle displacements caused by the thermal
propagations. A GRIN lens with a diameter of 1 mm was used to focus the
scattered light. The proposed system can generate an 800 pum resolution.
The collected images are classified by deep learning algorithms, including
AlexNet, GoogLeNet, and ResNet, to differentiate polyps from tumors.
After comparing these four image classification methods, ResNet_18 is
finally used for image classification, which helps the attending doctor reduce
fatigue and quickly identify a disease.
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9:35-10:00 Break

Invited Paper

10:00

2aBAad. Ultrasound strain elastography-based characterization of in vivo breast lesions using deep learning. Jingfeng Jiang (Bio-
medical Eng., Michigan Technolog. Univ., 1400 Townsend Drive, M&M 309, Houghton, MI 49931, jjiangl@mtu.edu) and Zhengfu Xu
(Mathematical Sci., Michigan Technolog. Univ., Houghton, MI)

Ultrasound strain elastography showed great promise for breast lesion characterization. With the readily available computational
power in the clinical workflow, machine learning-based is gaining acceptance in cancer imaging applications. In this study, we combine
the latest developments in motion tracking that enables us to obtain high-quality axial strain and full shear strain images to test the deep-
learning-based prediction of breast lesion malignancy. To our knowledge, total shear strain images have not been widely used for breast
lesion differentiation. More specifically, a PDE-based regularization method [Guo et al., Ultrasonic Imaging (2015)] developed by our
group has been improved to get high-quality two-dimensional displacement data. From those high-quality displacement data, total shear
strain images can be constructed. We adopted three variants of convolution neural network (CNN) models with attention modules to pre-
dict breast lesion malignancy by combining B-mode, axial strain, and total shear strain images and their radiomic features. From our in-
ternal database, 150 cases of pathologically-confirmed breast ultrasound data [Hall et al., UMB (2003)] with data augmentation are used
to evaluate our machine learning models. Our initial testing results are encouraging with the accuracy and area under the curve being
around 0.75.

Contributed Papers

10:25

2aBAa5. Assessment of transfer learning ultrasound elastography: A
breast cancer phantom study. Justin An (Univ. of the District of Colum-
bia, 4200 Connecticut Ave. NW, Washington, D.C. 20008, max.denis@udc.
edu), Tasneem Abdus-Shakur, and Max Denis (Univ. of the District of Co-
lumbia, Washington, D.C.)

In this work, a phantom study is performed to investigate the feasibility
of quantitative tissue stiffness assessment of breast cancer masses using
transfer learning ultrasound elastography. A transfer learning ultrasound
elastography model is developed to classify the breast masses into quantifi-
able Young’s modulus (kilopascals, kP) values. The transfer learning model
combines features of B-mode images and elastograms from Google’s deep
learning model AlexNet. The B-mode images and elastograms from a cali-
brated phantom with elastic inclusions are used to train and validate the
model. Thereafter, the model is used to quantify Young’s modulus of inclu-
sions from an uncalibrated breast phantom. The accuracy of the transfer
learning results with and without the inclusion of the B-mode is discussed.
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10:40

2aBAa6. Ultrasound elastography evaluation of age-related eye lens nu-
cleus stiffness: A porcine eye study. Tasneem Abdus-Shakur (Univ. of the
District of Columbia, 4200 Connecticut Ave. NW, Washington, D.C.
20008, max.denis@gmail.com), Justin An, and Max Denis (Univ. of the
District of Columbia, Washington, D.C.)

In this work, ultrasound elastography is employed to evaluate age-
related changes of eye tissues. Of particular interest is the eye lens nucleus
stiffness. Age-related changes in the eye lens nucleus stiffness are one of the
most important causes of cataract. Ultrasound elastogram studies are per-
formed by mechanical scanning porcine eyes using a handheld ultrasound
system. Employing deep learning techniques, tissue stiffness assessments
are made to differentiate porcine eyes with and without cataracts. Results
and limitations of the elastogram assessment will be presented and
discussed.
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10:55

2aBAa7. Particle image velocimetry for estimating shear wave elasticity
imaging (SWEI) in the esophagus dysplasia. Wei-Cheng Lin, Ruei-Wen
Ou (Dept. of Electr. Eng., National Chin-Yi Univ. of Technol., Taichung,
Taiwan), Hsiao-Chuan Liu (Dept. of Ophthalmol., Univ. of Southern Cali-
fornia, Los Angeles, CA), and Jian-Xing Wu (Dept. of Electr. Eng.,
National Chin-Yi Univ. of Technol., No. 57, Sec. 2, Zhongshan Rd., Taiping
Dist., Taichung 411030, Taiwan, jian0218@ gmail.com)

In this study, a 128-channel high-frequency pulse generator/receiver sys-
tem was used to emit multi-angle wave propagation, and the generator plane
excitation was used to generate a focused beam, which induced the phenom-
enon of particle displacement in the esophagus phantom recorded. Shear
wave electrography is generated by using a micro-ultrasound probe (ARFI),
which excites the shear waves with the output acoustic energy. In addition,
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we perform the method of PIV proper orthogonal decomposition to better
qualify and quantify the differences between the PIV and Doppler, espe-
cially for analysis block into PIV for particle tracking, in which the external
environment, with a Doppler similarity index of 82%, and PIV mainly uses
the Doppler algorithm for analysis and obtains 97 frames, and fixed 0.33 ms
time difference to output pictures. Each pass interrogation area is set to 128
in sequence, the distance is defined in calibration, in which the low filter
contrast of image-based validation is set to 0.004, and the bright filter
objects are set to 0.5. Through the analysis results of PIV, each particle’s
speed and movement are critical for the hospital to think. The relative posi-
tion of the lesion and the effect of ARFI on the lesion are to be understood
by understanding the direction of movement of the contrast agent. Overall,
the shear wave and Doppler output amplitudes provided the best image
quality and PIV results for esophagus dysplasia.

MILL YARD A, 8:30 AM. TO 11:45 A.M.

Session 2aBAb

Biomedical Acoustics: Look How Big You’ve Gotten! A Story of Droplets and Ultrasound I

Kevin J. Haworth, Cochair
Internal Medicine, Univ. of Cincinnati, 231 Albert Sabin Way, CVC 3939, Cincinnati, OH 45267-0586

Mario L. Fabiilli, Cochair
Univ. of Michigan, 1301 Catherine St., 3226A Med Sci I, Ann Arbor, MI 48109

Invited Papers

2aBAbl. Probing the mechanisms of acoustic droplet vaporization. Mitra Aliabouzar (Radiology, Univ. of Michigan, 1301 Catherine
St., 3226A Med. Sci. Bldg. I, Ann Arbor, MI 48109, aliabouz@umich.edu)

Phase-shift emulsions (PSEs) undergo a phase-transition to a gaseous state when subjected to sufficient pressures delivered by an
ultrasound source. This phenomenon, termed acoustic droplet vaporization (ADV), has broadened the scope of ultrasound-based applica-
tions, resulting in novel diagnostic and therapeutic techniques. Since the introduction of ADV, design and fabrication methods of PSEs
have progressed substantially. Development of PSEs with different thermophysical properties (e.g., perfluorocarbon core and size) has
enabled modulation of ADV dynamics for specific applications. A variety of microscopy techniques have been utilized to characterize
the response of different PSEs under varying acoustic conditions at relevant timescales for diagnostic and therapeutic applications.
Ultra-high-speed microscopy enabled study of ADV dynamics from the inception of the vapor nucleus at nanosecond time scales to the
growth of the generated bubbles seconds post ADV. The kinetics of ADV-induced drug release have been captured at multiple
timescales via high-speed fluorescence microscopy. Confocal and atomic force microscopy techniques have provided insight into ADV-
induced changes to the environment surrounding a PSE/bubble. Additionally, great progress has been made in the theoretical framework
to predict ADV dynamics under different acoustic conditions. This talk will review physical mechanisms underpinning ADV and high-

light new emerging applications.
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2aBAb2. Activatable perfluorocarbon nanoemulsions stabilized by oligo(ethylene glycol) bisphosphonate dendrons: Methods of
preparation and characterization. Hagop Abadian, Salima El-Yahklifi (CNRS, Univ. of Strasbourg, Strasbourg, France), Benjamin
Ayela, Delphine Felder-Flesch (Superbranche, Strasbourg, France), Marc Schmutz (CNRS, Univ. of Strasbourg, Strasbourg, France),
and Marie Pierre Krafft (CNRS, Univ. of Strasbourg, Inst. Charles Sadron, 23 rue du Loess, Strasbourg 67034, France, krafft@unistra.
fr)

Perfluorocarbons (PFCs) combine unique capacities (biological inertness, gas solubilization, low intermolecular interactions,
extreme hydrophobicity, etc.), which qualify them as critical actors in emerging fields [M. P. Krafft and J. G. Riess, Adv. Colloid Inter-
face Sci. 294, 102407 (2021) ]. Microbubbles (MBs) focus sustained interest for biomedical imaging and therapy. Nanometric PFC drop-
lets (NDs) can accumulate in tumors and be vaporized on demand at the target site using ultrasound or other stimuli, generating MBs.
We identified a lack of well-defined, biocompatible, and versatile amphiphiles specifically tailored for PFC-ND stabilization and acous-
tic droplet vaporization control. So, we developed a series of oligo(ethylene glycol) (OEG) bisphosphonate dendrons that, in combina-
tion with phospholipids, provide closer control over the size and stability of perfluorohexane-NDs [Felder-Flesch et al., Eur. Pat.
22305549.2 (2022)]. These NDs were easily converted into MBs with a half-life five time longer than for reference MBs. We will dis-
cuss the methods of preparation and characterization of the new PFC nanoemulsions. Temperature-dependent cryo-TEM studies identi-
fied key intermediates in the phase-shift of the NDs into MBs. The bisphosphonate dendrons also stabilize iron oxide nanoparticles for
incorporation in the NDs’ phospholipid shell.

Contributed Papers

9:20

2aBAb3. Assessing the effect of poly (ethylene oxide-b-lactide) block co-
polymer on the characteristics of perfluoropentane phase-shift nanoe-
mulsions. Nour Al Rifai (Internal Medicine, Univ. of Cincinnati, 231 Albert
Sabin Way, Cardiovascular Ctr. 3950, Cincinnati, OH 45267-0586, alri-
fang@ucmail.uc.edu), Kevin J. Haworth (Internal Medicine, Univ. of Cin-
cinnati, Cincinnati, OH), and Shameel Abid (Medical Sci. Baccalaureate
Program, Univ. of Cincinnati, Cincinnati, OH)

Acoustic droplet vaporization is the ultrasound-mediated phase shift of
liquid perfluorocarbon emulsions into echogenic microbubbles. To reduce
the emulsion’s interfacial surface tension and minimize coalescence, the
perfluorocarbon is coated with a surfactant. Copolymer shelled phase-shift
nanoemulsions have emerged as potential diagnostic and therapeutic agents.
The goal of this study is to understand how adding Poly (ethylene oxide-b-
lactide) (PEO-PLLA) to a Pluronic F-68 shell formulation impacts the per-
fluoropentane (PFP) nanoemulsion size and polydispersity index (PDI). PFP
nanoemulsions coated with Pluronic F-68 or a Pluronic F-68: PEO-PLLA
(1:0.05 (v/v)) blend was prepared using high shear pressure homogenization
(LV1, Microfluidics International, Corp.). Nanoemulsion size distributions
and concentrations were measured (n=5) using a Beckman Coulter Multi-
sizer 4. At 10,000 psi pressure and 1 passage through the homogenizer, the
copolymer blend and Pluronic F-68 nanoemulsions had modal diameters of
0.73 = 0.09 pm and 1.25 £ 0.09 um, respectively. Additionally, the concen-
tration was larger (6.6 = 0.1x 107 % vs 5.56 = 0.2x 10~ ml/ml) and the PDI
smaller (0.070 = 0.004 vs 0.129 = 0.004) for the copolymer blend. All dif-
ferences were statistically significantly different (p <.05). The inclusion of
PEO-PLLA with Pluronic F-68 reduced the PFP nanoemulsion size and pol-
ydispersity, which may reduce experimental variability in acoustic droplet
vaporization experiments.

9:35

2aBAb4. Towards a phase diagram for the process of acoustic droplet
vaporization. Francois Coulouvrat (CNRS, Sorbonne Universite - 4 place
Jussieu, Inst. Jean Le Rond d’Alembert, Paris 75005, France, francois.cou-
louvrat@upmec.fr), Thomas Lacour, and Tony Valier-Brasier (Inst. Jean Le
Rond d’Alembert, Sorbonne Univ., Paris, France)

The phase-change of a liquid droplet exposed to an oscillating acoustic
field is known as “acoustic droplet vaporization.” It potentially represents a
versatile tool for medical applications. In an attempt to understand the com-
plex mechanisms that drive the vaporization process, a theoretical and nu-
merical model is developed to describe the time evolution of a three-phase

phase model, made of an initial (nucleus) bubble of vapor perfluorocarbon,
at the center of a liquid droplet of the same perfluorocarbon immersed in
water. The effect of an encapsulating layer can also be taken into account.
The model is solved numerically to compute the vapor bubble and liqud
droplet evolution with time. The dynamics are sorted into six different
regimes depending on their characteristics and on the system ultimate fate.
Those regimes can be organized within a phase diagram that synthesizes all
the possible dynamics, predicting whether the complete vaporization occurs
or not depending on the two control parameters, the amplitude and the fre-
quency of the driving acoustical field. In particular, the dependance of the
vaporization threshold with frequency is discussed with two different behav-
iors at low or high frequency.

9:50

2aBADbS. The effects of varying ultrasound parameters on oxygen scav-
enging via acoustic droplet vaporization. Rachel P. Benton (Internal Med-
icine, Univ. of Cincinnati, 231 Albert Sabin Way, CVC 3950, Cincinnati,
OH 45267-0586, bentonrp@ucmail.uc.edu), Kateryna Stone (Internal Medi-
cine/Cardiol., Univ. of Cincinnati, Cincinnati, OH), Nour Al Rifai (Internal
Medicine, Univ. of Cincinnati, Cincinnati, OH), Abigail R. Clark (Boon-
shoft School of Medicine, Wright State Univ., Cincinnati, OH), and Kevin
J. Haworth (Internal Medicine, Univ. of Cincinnati, Cincinnati, OH)

Acoustic droplet vaporization (ADV) is a process that phase transitions
liquid droplets into gas microbubbles via ultrasound. ADV results in oxygen
scavenging from the surrounding fluid into the microbubbles. The objective
of this study was to determine the effect of ultrasound parameters on oxygen
scavenging. A microfluidic device was used to produce perfluoropentane
droplets with a modal diameter of 1.14 =0.04 um and a polydispersity
index of 0.08*0.02. Droplets were diluted to a concentration of
4.7 x107*+ 0.4 x 107> ml/ml in 95% oxygenated water. The oxygen par-
tial pressure (pO,) of the water was measured before and during ADV. An
EkoSonic ultrasound catheter (2.35 MHz, 1.5 MPa peak negative pressure,
47 W pulse average power) nucleated ADV while either varying burst
period or pulse duration (n=5). Pre-ADV pO, was 558 =5 mm Hg for
all experiments. Peri-ADV pO, dropped to 294 *6, 316+ 10, and
356 = 12 mmHg for a pulse duration of 17 us and burst periods of 0.450 ms,
0.725 ms, and 1.000 ms, respectively. The peri-ADV pO, dropped to
331 *= 14, 342 = 10, 313 = 10 mmHg for a burst period of 1.000 ms and
pulse durations of 17.0, 23.4, and 37.9 us, respectively. A significant differ-
ence was seen between the amount of oxygen scavenging for the lowest and
highest burst periods (p=0.0012) and pulse durations (p=0.027).

10:05-10:20 Break
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10:20

2aBAb6. Volatile nanodroplets for neurological applications. Harriet Lea-Banks (Phys. Sci., Sunnybrook Res. Inst., 2075 Bayview
Ave., Toronto, Ontario M4N 3MS5, Canada, harriet.lea-banks@sri.utoronto.ca), Sheng-Kai Wu (Phys. Sci., Sunnybrook Res. Inst., To-
ronto, Ontario, Canada), Ying Meng (Harquail Ctr. for Neuromodulation, Sunnybrook Res. Inst., Toronto, Ontario, Canada), Flavia Ven-
etucci Gouveia (Neurosci. and Mental Health, The Hospital for Sick Children Res. Inst., Toronto, Ontario, Canada), Clement Hamani
(Harquail Ctr. for Neuromodulation, Sunnybrook Res. Inst., Toronto, Ontario, Canada), and Kullervo Hynynen (Medical Biophys.,
Univ. of Toronto, Toronto, Ontario, Canada)

While current neuromodulation techniques are invasive, inaccurate, and/or unable to penetrate deeply, focused ultrasound (FUS)
offers a way to study and treat the nervous system that is non-invasive, precise, and able to reach targets deep within the brain. Using
ultrasound to trigger the delivery of pharmaceuticals from nanodroplets combines the spatial precision of FUS with the temporal control
of psychoactive drugs. Here, I will present our work developing ultrasound-responsive nanodroplets to deliver anesthetics in the brain
for neuromodulation. This work has shown how nanodroplets, loaded with pentobarbital, can be vaporized with FUS and inhibit activity
in specific brain regions. This platform is now being investigated for the treatment of several neurological and psychiatric disorders,
including agitation and aggression in a model of Alzheimer’s disease.

Contributed Papers

10:45

2aBAb7. Acoustic cluster therapy (ACT®) for improved treatment of
cancer and brain diseases. Melina Miihlenpfordt (EXACT Therapeutics
AS, Hogskoleringen 1, Trondheim 7034, Norway, melina.muhlenpfordt@
ntnu.no), Andrew Healey, Svein Kvéle (EXACT Therapeutics AS, Oslo,
Norway), Marieke Olsman, Annemieke van Wamel, Sofie Snipstad, and
Catharina de Lange Davies (Norwegian Univ. of Sci. and Technol., Trond-
heim, Norway)

Systemic injections of chemotherapeutics often deliver only minor frac-
tions of the administered dose to the targeted pathology, resulting in
unwanted toxicity towards healthy tissue. In brain tissue, drug delivery is
impaired by the highly selective nature of the blood brain barrier impeding
the influx of most substances. Acoustic Cluster Therapy (ACT®) is a plat-
form for targeted therapeutic enhancement, facilitating increased local drug
transfer. The platform is comprised of ACT® clusters, a mix of microbub-
bles and microdroplets and low intensity (diagnostic) ultrasound insonation.
Intravenously injected ACT® clusters circulate freely through the body
before activation by localised insonation at the targeted pathology. In the
ultrasound field, microbubbles transfer energy to microdroplets, which
undergo a liquid-to-gas phase transition, forming larger ACT® bubbles that
transiently deposit in the targeted microvasculature. Further exposure to
ultrasound results in controlled volume oscillation of the ACT® bubbles,
inducing a range of biomechanical effects. The effects lead to enhanced
extravasation across the endothelial barrier, facilitating the transport of co-
administered chemotherapeutics to the targeted tissue. Proof of concept
studies showed an increased therapeutic efficacy of standard of care drugs,
when combined with ACT® treatment. Furthermore, ACT® treatment
induced a controlled and temporal opening of the blood brain barrier
observed by the extravasation of fluorescent macromolecules into brain
tissue.

A78 J. Acoust. Soc. Am., Vol. 152, No. 4, Pt. 2, October 2022

11:00

2aBAbS8. Nanodroplets for methicillin-resistant Staphylococcus aureus
(MRSA) eradication in murine diabetic wounds. Virginie Papadopoulou
(Biomedical Eng., The Univ. of North Carolina at Chapel Hill, 116 Manning
Dr., 9004 Mary Ellen Jones Bldg., CB 7575, Chapel Hill, NC 27599-7575,
papadopoulou@unc.edu), Ashelyn Sidders, Kuan-Yi Lu, Amanda Velez
(Microbiology and Immunology, The Univ. of North Carolina at Chapel
Hill, Chapel Hill, NC), Phillip Durham (Biomedical Eng., The Univ. of
North Carolina at Chapel Hill, Chapel Hill, NC), Duyen Bui (Microbiology
and Immunology, The Univ. of North Carolina at Chapel Hill, Chapel Hill,
NC), Paul A. Dayton (Biomedical Eng., The Univ. of North Carolina at
Chapel Hill, Chapel Hill, NC), Brian Conlon, and Sarah Rowe (Microbiol-
ogy and Immunology, The Univ. of North Carolina at Chapel Hill, Chapel
Hill, NC)

Bacterial biofilms are the leading cause of delayed healing in chronic
wounds. Aminoglycoside antibiotics, such as gentamicin (Gent), are ineffec-
tive against biofilm cells as they maintain proton motive force below the
threshold for drug uptake. We employ a novel aminoglycoside adjuvant,
palmitoleic acid (PA), to facilitate drug uptake. Here, we propose a dual
strategy to eradicate a chronic wound infection; utilizing ultrasound-stimu-
lated nanodroplets (US+ND) to improve the penetration of the novel drug
combination Gent/PA. A chronic wound infection model was established in
SKH-1 hairless mice; 6-8 week old mice were treated with streptozocin to
induce diabetes. A circular wound was created on the back of the mice and
infected with methicillin-resistant Staphylococcus aureus (MRSA). Wounds
were treated topically with Gent and/or PA, twice daily for four days. One
daily antibiotic treatment was combined with US4+ND. On day 5, mice were
euthanized and the wound area was excised and plated to enumerate bacte-
rial survivors. Neither Gent nor Gent/PA reduced bacterial burden but both
treatments were significantly improved by applying US+ND to improve
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drug penetration. Importantly, bacteria were eradiated from 3 out of the 8
wounds in the Gent/PA group that were treated with US-+ND. These data
show that improving the penetration of a novel anti-biofilm drug combina-
tion is a viable strategy to eradicate biofilms in chronic wounds. [Some
authors are inventors on patents related to this work.]

11:15

2aBAb9. In vivo ultrasound imaging of macrophages using acoustic
vaporization of internalized superheated nanodroplets. Lalit Chudal (Ra-
diology, UT Southwestern Medical Ctr., Dallas, TX), Caroline de Gracia
Lux (Radiology, UT Southwestern Medical Ctr., 5323 Harry Hines, Dallas,
TX 75390-8514, Caroline.Lux@UTSouthwestern.edu), Jacques Lux, and
Robert Mattrey (Radiology, UT Southwestern Medical Ctr., Dallas, TX)

Ultrasound (US) not only detects but also interacts with its contrast
agents, potentially allowing the use of perfluorocarbon-filled nanodroplets
(NDs) or microbubbles (MBs) for both the detection and treatment of deep-
seated tumors. Cells labeled using MBs to allow their detection in vivo with
clinical ultrasound scanner presents several advantages over PET and MRI:
Ultrasound is 2-3 orders of magnitude more sensitive and can detect a sin-
gle acoustically labeled cell in vivo. Furthermore, with high ultrasound
intensities, drugs or genes that are loaded on NDs or MBs can be delivered
with spatiotemporal control. Although the acoustic labeling of stem cells for
in vivo imaging using MBs has been reported, the ability to load and image
internalized low boiling point NDs has not been explored yet. We used per-
fluorobutane NDs to acoustically label macrophages, which were viable fol-
lowing post internalization and ultrasound-mediated phase change. We
documented that internalized NDs are stable for at least 8 h, which is needed
for macrophages to accumulate to diseased sites. Labeled macrophage
accumulated in the liver of healthy rats as stable intracellular NDs were
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vaporized into MBs using a clinical scanner (Siemens ACUSON Sequoia,
10L4 transducer at 4 MHz, 1.4 MI) and remained visible after vaporization.

11:30

2aBAb10. Multiplex molecular ultrasound imaging with perfluorocar-
bon nanodroplets. Austin Van Namen, Sidhartha Jandhyala, Catalina-Paula
Spatarelu (Thayer School of Eng., Dartmouth College, Hanover, NH), and
Geoffrey P. Luke (Thayer School of Eng., Dartmouth College, 15 Thayer
Dr., Hanover, NH 03755, geoffrey.p.luke@dartmouth.edu)

Because of their small size and better stability, perfluorocarbon nano-
droplets (PFNDs) are emerging as an appealing alternative to microbubbles
as ultrasound imaging agents. We have developed a method to simultane-
ously distinguish between two populations of PFNDs in the same imaging
volume. The method relies on synthesizing the PFNDs to contain cores with
two different boiling points. One population of PFNDs contains a perfluoro-
pentane core (boiling point=28 °C), while the other contains a perfluoro-
hexane core (boiling point=56 °C). The low-boiling-point PFNDs undergo
a single liquid-to-gas phase transition in response to an acoustic vaporizing
trigger, while the high-boiling-point PFNDs recondense after each acoustic
trigger, enabling repeated vaporization. We have optimized a custom imag-
ing sequence including multiple acoustic triggers that can be used to accu-
rately differentiate between the two populations of PFNDs. The estimated
relative concentration between the two nanodroplets was highly linear (R?
and gt; 0.99) in phantom studies. The high-boiling-point PFNDs were
molecularly targeted to the epidermal growth factor receptor. Cell-culture
results demonstrate that the non-targeted PFNDs can act as a delivery con-
trol, enabling more precise molecular imaging. Overall, these results show
that multiplex ultrasound imaging could be an effective method for a variety
of molecular imaging applications.
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Session 2aCA

Computational Acoustics and Biomedical Acoustics: Numerical Approaches for
Complex Media and Geometries I

Zhongquan Charlie Zheng, Cochair
Mech. and Aerosp. Eng., Utah State Univ., 4130 Old Main Hill, Mech. and Aerosp. Eng., Logan, UT 84322

D. Keith Wilson, Cochair
Cold Regions Res. and Eng. Lab.y, U.S. Army Engineer Res. and Development Ctr., U.S Army ERDC-CRREL,
72 Lyme Rd., Hanover, NH 03755-1290

Invited Papers

9:00

2aCAl. Representation of random media in acoustic scattering calculations. D. Keith Wilson (U.S. Army Engineer Res. and Devel-
opment Ctr., U.S Army ERDC-CRREL, 72 Lyme Rd., Hanover, NH 03755-1290, D.Keith.Wilson@usace.army.mil) and Vladimir E.
Ostashev (U.S. Army Eng. Res. and Development Ctr., Hanover, NH)

Turbulence, internal waves, surface roughness, and other environmental variations in the atmosphere and ocean randomly scatter
sound. Realistic representation of these variations is important for numerical wave propagation calculations. In principle, there are two
primary approaches to create these representations: (1) physics-based, dynamical models for the atmosphere or ocean and (2) kinematic
synthesis of random fields with prescribed statistical properties that do not necessarily capture the medium dynamics. The most common
kinematic approach involves synthesizing fields from randomly phased Fourier modes. For statistically inhomogeneous media, the Fou-
rier modes generalize to empirical orthogonal functions. An alternative kinematic approach, called filtered Poisson processes, distribute
spatially localized functions with randomized positions and orientations. Quasi-wavelets (QWs) are a filtered Poisson process intended
for turbulence and other self-similar media. While both the Fourier and QW approaches can be formulated to reproduce specified second
moments of the random field, if the representations are constructed too sparsely, higher-order moments such as the kurtosis will be unre-
alistic. The kinematic approaches also underlie phase screen methods, which can be quite useful when the Markov approximation is
valid.

9:20

2aCAZ2. Split-step simulations of sonic boom propagation beyond the lateral cutoff in a turbulent atmosphere. Alexander N. Carr
(Aeroacoustics Branch, NASA Langley Res. Ctr., MS 461, Hampton, VA 23681, alexander.carr@nasa.gov), Joel B. Lonzaga (Structural
Acoust. Branch, National Aeronautics and Space Administration, Hampton, VA), and Steven A. Miller (Mech. and Aerospace Eng.,
Univ. of Florida, Gainesville, FL)

Recent flight tests during the Quiet Supersonic Flights 2018 (QSF18) study reported sonic booms heard outside of the primary carpet
region. In the absence of turbulence, the lateral cutoff region separates the primary sonic boom carpet from the shadow zone, where the
sonic boom signal experiences significant attenuation. However, when turbulence is present in the atmospheric boundary layer (ABL),
additional scattering of the sonic boom to the shadow zone region occurs. A method is presented for simulating sonic boom propagation
in a turbulent atmospheric boundary layer beyond the lateral cutoff region into the shadow zone. A split-step method is used to integrate
a partially one-way equation for the acoustic pressure. Inhomogeneous turbulence, representative of the ABL, is generated in the compu-
tational domain with a Fourier synthesis approach. Distributions of several loudness metrics in the shadow zone region for a sonic boom
N-wave and a shaped boom are examined. Increasing both turbulence root-mean-square velocity and integral length scale are found to
increase the average loudness of booms in the shadow zone. (This research is supported by the Commercial Supersonic Technology Pro-
ject of the National Aeronautics and Space Administration under Grant No. 80NSSC19K1685.)

9:40

2aCA3. Sound field reconstruction in urban environments: Application to enhance mapping of urban microspaces. Max Denis
(Univ. of the District of Columbia, 4200 Connecticut Ave. NW, Washington, D.C. 20008, max_f_denis@hotmail.com), Samba Gaye,
Lirane Mandjoupa, Dorian Davis, Justin An, Wagdy Mahmoud, and lei wang (Univ. of the District of Columbia, Washington, D.C.)

In this work, reconstruction techniques for the spatial interpolation and extrapolation of sound fields in urban environments are pre-
sented. Gaussian processes are generally used for sound field reconstruction from limitedly observations of isotropic acoustic fields.
However, this model is often not applicable for the anisotropic urban environments including urban street canyons and enclosed spaces,
when the complexity of the sound field is high in the mid-frequency regime, unless diffusely reflecting boundaries are assumed. Two dif-
ferent techniques are compared for reconstructing the sound field: the least-squared method and the Kirchhoff-Helmholtz integral equa-
tion method. Of particular interest is the reconstruction of the sound field with a minimal number of irregularly and arbitrarily

183rd Meeting of the Acoustical Society of America

SUMMIT C, 9:00 AM. TO 11:15 A M.

A80



distributed microphone measurements. Therefore, the techniques will not require knowledge of the microphone positions. A successive
series approximation approach is presented to enhance the microscale prediction of the Kirchhoff-Helmholtz integral equation method.
The sound field reconstruction results from limited urban environment observations for both methods are presented and discussed.

10:00-10:15 Break

Contributed Papers

10:15

2aCA4. A numerical and experimental study of micrometeorological
effects on urban sound propagation. Samba Gaye (Univ. of the District of
Columbia, 4200 Connecticut Ave. NW, Washington, D.C. 20008, samba.
gayel@udc.edu), Lirane Mandjoupa, Dorian Davis, Justin An, Wagdy
Mahmoud, lei wang, and Max Denis (Univ. of the District of Columbia,
Washington, D.C.)

In this work, the influence of micrometeorological effects on sound
propagation in an urban street canyon is investigated numerically and exper-
imentally. Numerical simulations of acoustic propagation are based on
sound particle propagation simulation method. Numerical data are generated
for urban street canyons of various widths and height ratios. Experimental
data are obtained from longitudinal measurements of urban street canyons
in the United States. Temperature and wind profiles are obtained from ultra-
sonic anemometers and thermocouples. Measurements within and outside
the street canyon are of particular interest. The experimental data are useful
in integrating micrometeorological effects into the acoustic propagation
model. Preliminary numerical results and measurements are presented and
discussed.

10:30

2aCAS. Parabolic equation with arbitrary variations in the sound speed
and Mach numbers of the medium velocity. Vladimir E. Ostashev (U.S.
Army Eng. Res. and Development Ctr., 72 Lyme Rd., Hanover, NH 03755,
vladimir.ostashev@colorado.edu), D. Keith Wilson (U.S. Army Eng. Res.
and Development Ctr., Hanover, NH), Didier Dragna, and Jules Colas
(LMFA, Ecole Centrale de Lyon, Ecully, France)

Among computational techniques in atmospheric and ocean acoustics
and other fields such as seismic wave propagation, the parabolic equation
(PE) approach is one of most popular now. The PE is well suited to small
computers, large domains, and high frequencies. It can handle many compli-
cated phenomena such as atmospheric and ocean stratification and refrac-
tion, scattering by turbulence, internal waves, and other inhomogeneities,
ground impedance and ocean bottom interactions, and propagation over
slowly varying terrain and ocean bathymetry. PEs are usually formulated
for small variations in the sound speed and small Mach numbers of the me-
dium velocity. However, these assumptions might result in significant phase
errors of propagating sound waves. In this presentation, a PE is formulated
for arbitrary variations in the sound speed and arbitrary Mach numbers. This
new PE is surprisingly simple and can be used in various fields of acoustics
and physics. It can be implemented numerically with minimal modifications
to existing Crank-Nicholson PE solvers described in Section 11.2 of Osta-
shev and Wilson, Acoustics in Moving Inhomogeneous Media, Second Edi-
tion (2015).
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10:45

2aCAG6. Application of the finite element method to atmospheric sound
propagation over impedance discontinuities. Ray Kirby (Ctr. for Audio,
Acoust. and Vib., Univ. of Technol., Sydney, Univ. of Technol., Sydney,
Broadway, Ultimo, New South Wales 2007, Australia, ray.kirby@uts.edu.
au)

Outdoor noise propagation typically involves the propagation of sound
over mixed ground conditions, including variations in the surface imped-
ance. Diffraction occurs at the interface between different ground condi-
tions, and this can significantly affect local sound attenuation. Popular
approaches to modelling impedance discontinuities include the boundary in-
tegral method, parabolic equations, and semi-empirical methods. This paper
presents an alternative approach that takes advantage of the generality of the
finite element method. It was shown recently that the semi analytic finite
element method can be used to solve the exact governing wave equation for
atmospheric sound propagation in a complex vertically stratified medium.
This allows for the inclusion of arbitrary temperature and wind profiles pro-
vided the problem is range independent. It is shown here that it is relatively
straightforward to extend this approach to include multiple surface imped-
ance discontinuities, provided each discrete surface is uniform in the axial
direction. This is achieved using point collocation to enforce the axial
boundary conditions over each discontinuity. Predictions are generated for
single and multiple discontinuities, and comparisons are made against pre-
dictions obtained using other computational methods.

11:00

2aCA7. Learning coordinate systems for fast and accurate acoustic
modeling. Aaron Charous (Mech. Eng., Massachusetts Inst. of Technol., 77
Massachusetts Ave., Cambridge, MA 02139, acharous@mit.edu) and Pierre
F. Lermusiaux (Mech. Eng., Massachusetts Inst. of Technol., Cambridge,
MA)

Many popular numerical methods, such as finite difference and spectral
methods, rely on simple domain geometry and environmental smoothness.
Unfortunately, these features are rarely found in real-world simulations. We
propose learning coordinate transformations with deep neural networks to
facilitate acoustic modeling in complex media. Using automatic differentia-
tion, we obtain new coordinate systems by solving various optimization
problems that map the computational domain to a rectangular grid. Different
choices of the objective function are utilized to attain different goals, includ-
ing (i) mapping complicated boundaries such as the seafloor to straight lines
and (ii) reducing the rank of two-dimensional slices of the refractive index.
The first choice allows for domain decomposition to accurately model sharp
discontinuities in density and sound speed. The second drastically acceler-
ates a non-intrusive reduced-order modeling technique referred to as the
dynamical low-rank approximation. Using realistic ocean test cases, we
compare the performance of our learned coordinate systems with domain
decomposition to the classic approach of smoothing sharp discontinuities,
and we compare full-rank, low-rank, and coordinate-system-accelerated
low-rank solutions of the three-dimensional parabolic wave equation.
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Musical Acoustics: General Topics in Musical Acoustics II—Sound Production and Radiation

Andrew C. Morrison, Chair
Natural Sci., Joliet Junior College, 1215 Houbolt Dr, Joliet, IL 60431

Contributed Papers

9:00

2aMU]1. Low-frequency directional characteristics of a gamelan gong.
Samuel D. Bellows (Dept. of Phys. and Astron., Brigham Young Univ.,
Brigham Young Univ. Dept. of Phys., Provo, UT 84602, samuel.bel-
lowsl1@gmail.com), Dallin T. Harwood, Kent L. Gee, and Timothy W.
Leishman (Dept. of Phys. and Astron., Brigham Young Univ., Provo,
UT)

The structural modes of gamelan gongs often have clear impacts on their
far-field directivity patterns with the number of directional lobes corre-
sponding to the associated structural mode shapes. Many of the lowest
modes produce dipole-like radiation with the dipole moment determined by
the positions of the nodal and antinodal regions. Spherical harmonic and
multipole expansions facilitate further understanding of the gongs’ low-fre-
quency directional characteristics. The expansions also yield practical sim-
plifications to model their radiation.

9:15

2aMU2. A comparative study of the directional characteristics of two
gamelan gongs. Dallin T. Harwood (Phys. and Astron., Brigham Young
Univ., N283 ESC, Provo, UT 84602, dth37@byu.edu), Samuel D. Bellows,
Joseph E. Avila (Phys. and Astron., Brigham Young Univ., Provo, UT), and
Kent L. Gee (Dept. of Phys. and Astron., Brigham Young Univ., Provo,
uT)

While previous research on the structural modes of gamelan gongs has
revealed important insight into its unique acoustics, little attention has been
dedicated to study the directionality of their acoustic radiation. This study
compares high-angular resolution spherical directivity measurements of two
Balinese gamelan gongs of different sizes. The directional characteristics
are usually closely connected with measured structural modes at both low
and high frequencies. However, the directivities of the large and small gong
for the same structural mode shape are not always consistent, particularly at
higher frequencies. Thus, changes in modal frequencies due to the scaling
of the gongs do not always indicate similar acoustical radiation patterns.

9:30

2aMU3. Directivity of the muted trumpet. Joseph E. Avila (Dept. of
Phys. and Astron., Brigham Young Univ., Provo, UT 84602, joeavila@byu.
edu), Samuel D. Bellows, Timothy W. Leishman, and Kent L. Gee (Dept. of
Phys. and Astron., Brigham Young Univ., Provo, UT)

The directivity function of a played musical instrument describes the
angular dependence of its acoustic radiation and diffraction about the instru-
ment, musician, and musician’s chair. In this study, high angular resolution
directivity data were acquired in an anechoic chamber of a muted trumpet
being played by a seated musician. The chair height and horizontal displace-
ment ensured that the geometric center of the instrument’s radiating region
fell at the circular center of a computer-controlled semi-circular array of 36
microphones positioned at Af=5° polar-angle increments. Azimuthal rota-
tions progressed in A@=5° increments, such that the measurements
involved 2,521 unique positions over a sphere. Additional measurements at
a position within the rotating reference frame facilitated post-processing.
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The musician played chromatic scales at each rotation position, and this pro-
cess was repeated for straight, cup, and wow wow mutes in order to draw
comparisons in the directivity patterns of each mute to the unmuted trumpet.
Radiation behind the musician increased as a result of the mute, and mute-
dependent changes to the directivity patterns primarily occurred above
1 kHz.

9:45

2aMU4. Objective identification of note-to-note transitory segments in
clarinet playing. Makayle Kellison (Rollins College, Dept. of Phys., Roll-
ins College - Box 2743, Winter Park, FL. 32789, mkellison@rollins.edu),
Whitney L. Coyle (Rollins College, Winter Park, FL), and Montserrat
Pamies-Vila (Dept. of Music Acoust. - Wiener Klangstil (IWK), Univ. of
Music and Performing Arts Vienna, Vienna, (jsterreich, Austria)

Transients are generally identified according to a user dependent set of
standards—for example, one could choose a threshold that is defined
between 10% and 90% of the max mouthpiece pressure or 20%—80%. How-
ever, this choice is always at the researcher’s discretion. Presented here will
be an objective option for identifying the transitory region between notes
when studying clarinet playing tests by using the second derivative of the
envelope of the mouthpiece pressure during clarinet playing tests. This
work will offer the comparison of two methods of transition classification
(1) AT, the interval between two extrema of the second derivative men-
tioned above, and (2) the interval of transition found with a threshold-based
method, in order to then validate that the AT method relates to the tongue-
reed-contact duration Tc (3) the interval between the maximum and mini-
mum slope of the first derivative of a reed vibration signal surrounding a
transition. We will then show that AT is a reliable and repeatable replace-
ment for the arbitrary identification options that have been available thus
far.

10:00-10:15 Break

10:15

2aMUS. Using the lattice Boltzmann method to study the open-pipe end
correction. James A. Temple (Rollins College, 1000 Holt Ave., Winter
Park, FL 32789, jtemple@rollins.edu), Whitney L. Coyle, and Adrien
David-Sivelle (Rollins College, Winter Park, FL)

The lattice Boltzmann method (LBM) is a well-known and often used
computational technique to simulate air-flow in musical instruments. Most
LBM simulations in musical acoustics published in the past have used unre-
alistic values for air viscosity and have focused their study on other aspects
of the instrument than the open-end. Due to recent experimental discoveries,
it is now interesting to focus more on the behavior at the open end of the a
musical instrument, such as an organ pipe, while also including realistic
playing parameters and fluid characteristics. This paper will discuss the
model improvements necessary to investigate the end correction of open-
ended musical instruments with LBM. Comparison of results will be made
with a Comsol Multiphysics model and experimental work using transmis-
sion electronic speckle pattern interferometry (TESPI).
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10:30

2aMU6. Broadening the scope of measurement and analysis of vibra-
tions of an organ pipe employing intensity probe, simulations, and high-
speed camera. Paolo Bordoni (School Of Industrial and Information Eng.,
Polytechnic Univ. of Milan, Milan, Italy), Jozef Kotus, Piotr Odya (Multi-
media Systems, Gdansk Univ. of Technol., Gdansk, Poland), Fabio Anto-
nacci (School of Industrial and Information Eng., Polytechnic Univ. of
Milan, Milan, Italy), and Bozena Kostek (Audio Acoust. Lab., Gdansk
Univ. of Technol., Narutowicza 11/12, Gdansk 80-233, Poland, bokostek@
audioakustyka.org)

This paper shows an integrated approach to measure, analyze, and model
phenomena occurring in an organ pipe driven by pressurized air. The aim of
this paper is two-fold, i.e., to measure the pressure signal and the intensity
field around the mouth by means of an intensity probe and to visualize and
observe the motion of the air jet, which represents the excitation mechanism
of the system. This is realized through two techniques, i.e., measurements
conducted on a Bourdon organ pipe and numerical simulations of the air
flow in a pipe of the same geometry. Measurements were carried out in an
anechoic chamber using the Cartesian robot. Simulations were performed
on a server equipped with graphical cards, and the results were visualized
employing ParaVIEW software. Moreover, an analysis was conducted by
observing phenomena in both audio and video signals. A high-speed camera
was employed to make the jet getting out from the windway visible. This
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was realized using the steam that produced the reaction of dry ice and hot
water. This choice has been adopted to ensure safety conditions in the mea-
surement environment. Finally, a comparison between the sound spectrum
measured and the spectrum resulted from simulations was made.

10:45

2aMU7. Imaging standing waves in the resonator of a flue organ pipe.
Lucia Baquerizo (Dept. of Phys., Rollins College, Box 2743, Winter Park,
FL 32789, lbaquerizo@rollins.edu), Quinn Fuse, Makayle Kellison, and
Thomas R. Moore (Dept. of Phys., Rollins College, Winter Park, FL)

The acoustic standing wave inside a transparent flue organ pipe has been
imaged using transmission electronic speckle pattern interferometry
(TESPI). Optically imaging acoustic standing waves in a pipe requires sens-
ing the pressure-induced change in index of refraction of the air, and imag-
ing this change in index has been accomplished in the past using a variety of
methods. However, the presence of the flowing air that is responsible for
creating the sound of an organ pipe masks the optical effects attributable to
the standing wave. We demonstrate that the optical effects of the standing
wave can be separated from those of the flow by spectrally filtering high-
speed TESPI images at acoustic frequencies. The resulting images show
both expected and unexpected details of the standing wave inside an organ
pipe. [Work supported by NSF through Grant No. PHY-2109932.]
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Session 2aNS

Noise and Psychological and Physiological Acoustics: Methods for Community
Noise Testing and Analysis I

Alexandra Loubeau, Cochair

William Doebler, Cochair
NASA Langley Res. Ctr., MS 463, Hampton, VA 23681

Chair’s Introduction—8:00

Invited Papers

8:05

2aNS1. Assessing community noise annoyance: Two decades of the international technical specification ISO/TS 15666:2003.
Charlotte Clark (Population Health Res. Inst., St. George’s, Univ. of London, Cranmer Terrace, London SW17 ORE, United Kingdom,
chclark@sgul.ac.uk), Truls Gjestland (SINTEF Digital, Trondheim, Norway), Lisa Lavia (Noise Abatement Society, Brighton, United
Kingdom), Hilary Notley (UK Dept. for the Environ., Food and Rural Affairs (Defra), London, United Kingdom), David Michaud
(Health Canada, Canadian Federal Government, Ottawa, Ontario, Canada), and Makoto Morinaga (Kanagawa Univ., Kanagawa, Yoko-
hama, Japan)

The robust assessment of noise annoyance is of key importance given that it is the most prevalent community response in popula-
tions exposed to environmental noise. In 1993, the International Commission on Biological Effects of Noise Community Response to
Noise team began formalizing a standardized methodology for assessing noise annoyance, which resulted in reporting guidelines and
recommendations later published as a Technical Specification (TS) by the International Standards Organization in 2003 (ISO/TS 15666:
2003). This TS, intended to inform the international community on the quantification of the exposure-response relationship between
noise exposure and annoyance, has been in circulation for nearly two decades and has been updated in 2021 (ISO/TS 15666: 2021) by
an international working group (ISO TC43/SC1/WG62). This paper reviews use of the 2003 TS, identifies common adaptations in use,
and summarizes the revisions. Methodological issues arising from the use of the 5-point verbal and the 11-point numeric scale questions
and the scoring of “highly annoyed” are discussed. The revisions are designed to encourage further standardization in noise annoyance
research. This paper highlights research needs that if addressed would strengthen the methodology underlying the assessment of noise
annoyance, including multidimensional assessments of annoyance.

8:30

2aNS2. Preliminary analysis of urban sound data and the correlation to public health using a mobile phone application. Kimberly
A. Riegel (Phys., Farmingdale State College, 652 Timpson St., Pelham, NY 10803, kriegel@qcc.cuny.edu) and Jody Resko (Social Sci.,
Queensborough Community College, Bayside, NY)

Obtaining accurate community sound data that allows for the real time annoyance response can be challenging. A mobile phone
application called Auditive was developed to collect health history, annoyance, and sound level data from the respondents on a commu-
nity scale. A pilot study was conducted in the spring of 2022 where 60 respondents uploaded approximately 900 sound and annoyance
measurements. To improve the functionality of the application, the preliminary study data were examined for trends and correlations as
well as obvious technological and data issues. The type of respondent as well as the kinds of sound recorded were examined. Some basic
correlations between factors will be presented. After a review of the data, some modifications of the application were made to improve
the quality of the collected data. The second version of the app was launched in Fall of 2022, and data were recorded with a new set of
respondents. Comparisons of the data quality and the impact of the improvements to the application were analyzed.

8:50

2aNS3. Urban air mobility community noise test planning. Stephen A. Rizzi (NASA Langley Res. Ctr., MS 461, 2 N. Dryden St.,
Hampton, VA 23681, s.a.rizzi@nasa.gov) and Donald S. Scata, Jr. (Office of Environ. and Energy, Federal Aviation Administration,
Washington, D.C.)

The term “advanced air mobility” has been adopted by NASA to describe safe, sustainable, affordable, and accessible aviation for
transformational local and intraregional missions. By this definition, advanced air mobility includes both “rural” and “urban” applica-
tions including cargo and passenger transport missions, and other aerial missions (e.g., infrastructure inspection). There will be a range
of aircraft types performing such missions, including small and medium unmanned aircraft systems (UAS), electric conventional takeoff
and landing (eCTOL) aircraft, and electric vertical takeoff and landing (eVTOL) aircraft. Urban air mobility (UAM) is a challenging use
case for transporting cargo and passengers in an urban environment and is a new opportunity for aviation that could revolutionize the
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transportation system. The National Aeronautics and Space Administration and the Noise Division of the Federal Aviation Administra-
tion Office of Environment and Energy have initiated discussions for planning UAM community noise test(s) at the end of this decade.
This presentation discusses the test goals, candidate test objectives, and some of the activities needed in preparation for the test(s). It
also draws distinctions between the type of study envisioned (observational versus staged) and between it and recent and planned studies
on large fixed-wing transports and commercial supersonic transports.

9:10

2aNS4. The effects of night-time aviation noise exposure on sleep disturbance and annoyance. Charlotte Clark (Population Health
Res. Inst., St. George’s, Univ. of London, Cranmer Terrace, London SW17 ORE, United Kingdom, chclark@sgul.ac.uk), Mari Toomse-
Smith (National Ctr. for Social Res., London, United Kingdom), Mathias Basner (Unit for Experimental Psychiatry, Div. of Sleep and
Chronobiology, Dept. of Psychiatry, Univ. of Pennsylvania, Perelman School of Medicine, Philadelphia, PA), James Trow (Noise Con-
sultants, Ltd., Warrington, United Kingdom), Franziska Marcheselli, Dhriti Mandalia, Rebecca Steinbach (National Ctr. for Social Res.,
London, United Kingdom), Joan Morris (Population Health Res. Inst., St. George’s Univ. of London, London, United Kingdom), George
Gibbs (Noise Consultants, Ltd., Warrington, United Kingdom), and Elena Marcus (Population Health Res. Inst., St George’s Univ. of
London, London, United Kingdom)

This paper will report on the methodology for a new UK study of aviation night-noise exposure on health. Funded by the United Kingdom
Department of Transport (DfT), the study is examining the effects of aviation night-noise exposure for a range of night-time periods on sleep
disturbance and annoyance. The study involves a cross-sectional survey of 4000 participants living near eight UK airports to assess associa-
tions of aircraft noise exposure at night and subjective sleep disturbance and annoyance, as well as an objective sleep disturbance study of
170 participants, where physiological assessments of sleep disturbance will be linked to aircraft noise exposure at the participant’s home. The
study will deliver exposure-response functions showing how time-averaged metrics such as Lacqgh, Lacg,1n NOO relate to subjective and
objective sleep disturbance, and annoyance, which could be used to inform updates to the DfT’s Transport Analysis Guidance (TAG) and
subsequently aviation night-noise policy in the UK. It will also explore if a relationship for objective sleep disturbance can be estimated for
event-related metrics such as L., and sound exposure level. Effect modification will be examined; quantifying whether some population
groups may be more vulnerable to the effects of aviation night-noise on sleep disturbance and annoyance.
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9:30-9:50 Break

9:50

2aNS5. NASA quesst mission—Community response testing plans. Peter Coen, Alexandra Loubeau, Jonathan Rathsam (NASA
Langley Res. Ctr., Hampton, VA), and Gautam H. Shah (NASA Langley Res. Ctr., Mail Stop 254, 100 Nasa Rd., Hampton, VA 23681,
gautam.h.shah@nasa.gov)

The National Aeronautics and Space Administration (NASA) has made a commitment to deliver data to the International Civil Avia-
tion Organization’s Committee on Aviation Environmental Protection ICAO CAEP) defining community response to sounds from su-
personic aircraft designed such that their sonic boom is replaced with a soft “thump” sound. The dataset will be a correlation of public
perceptions of these sounds to the corresponding acoustic levels and will support efforts to develop international standards for permissi-
ble noise from supersonic overflight. The NASA Quesst mission is developing the X-59, a unique research aircraft capable of quiet su-
personic flight, and will use the aircraft in a series of community overflight tests to measure acoustic levels of its “sonic thump” and
related public response. This presentation will provide an overview of the Quesst mission, including X-59 development, acoustic valida-
tion, and community testing with a focus on the plans and technical goals for those community response tests. In addition, results of a
NASA-sponsored international workshop on strategies and considerations for key aspects of the community test phase of the Quesst mis-
sion, including estimating noise exposure levels and conducting surveys to support the dataset development, will be briefed.

10:10

2aNS6. NASA quesst mission—Site selection process for community testing. Gautam H. Shah (NASA Langley Res. Ctr., Hampton,
VA), Joseph J. Czech (Harris Miller Miller & Hanson, Inc., 700 District Ave., Suite 800, Burlington, MA 01803, jczech@hmmh.com),
and David M. Richwine (NASA Langley Res. Ctr., Hampton, VA)

The National Aeronautics and Space Administration (NASA) has committed to deliver data to the International Civil Aviation
Organization’s Committee on Aviation Environmental Protection (ICAO CAEP) defining community response to sounds from super-
sonic aircraft designed such that their sonic boom is replaced with a soft “thump” sound. NASA is developing the X-59, a unique
research aircraft capable of quiet supersonic flight, and will use the aircraft in a series of four to six community overflight tests (2024—
2026) to measure acoustic levels of its “sonic thump” and related public response in support of the agency’s commitment to ICAO.
Unlike most NASA flight research, which is conducted primarily at the agency’s facilities, the community tests will occur at various
locations across the contiguous United States and involve flight over the general population in order to obtain a nationally-representative
dataset. The process for identifying both the airfields and community test locations involves multiple operational and technical consider-
ations relative to both aircraft and data collection requirements, including flight operations, geographic, and climate diversity as well as
population demographics. This presentation provides an overview of the ongoing selection process being applied to address those con-
siderations while ultimately ensuring an representative community response dataset.
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10:30

2aNS7. Updated noise dose range of NASA’s X-59 aircraft estimated from propagation simulations. William Doebler (NASA
Langley Res. Ctr., MS 463, Hampton, VA 23681, william.j.doebler@nasa.gov) and Alexandra Loubeau (NASA Langley Res. Ctr.,
Hampton, VA)

A follow-on study to Doebler and Loubeau [“The noise dose range of the X-59 estimated from propagation simulations,” JASA
150(4), A208 (2021)] is described. In the previous work, propagation simulations of NASA’s X-59 sonic thump were conducted using
two near-field pressure solutions from NASA’s Cart3D computational fluid dynamics (CFD) code. The near-fields were propagated
through realistic atmospheric profiles from the Climate Forecast System Version 2 database across the USA, and perceived level statis-
tics of the thumps were presented. The current work repeats the previous analyses, instead using near-field CFD solutions from NASA’s
Fully Unstructured Navier-Stokes (FUN3D) code for the same aircraft conditions (Mach 1.4 at 53 200 feet and Mach 1.3 at 43 000 feet),
which achieve the minimum and maximum cruise loudness. NASA and contractors in the X-59 development and community noise test-
ing project mutually agreed upon using FUN3D for generating near-field pressures. Sonic thump loudness statistics using the FUN3D
near-fields are similar to those of Cart3D. The min loudness condition is about 1 dB (PL) greater when using the FUN3D solution, and
the max loudness condition results are nearly identical. Understanding the X-59’s dose range for various flight and atmospheric condi-
tions is important for planning X-59 community noise surveys.

10:50

2aNS8. Performance evaluation of a shaped sonic boom detector and classifier. Blaine M. Harker (Blue Ridge Res. and Consulting,
29 N Market St., Suite 700, Asheville, NC 28801, blaine.harker@blueridgeresearch.com), Shane V. Lympany (Blue Ridge Res. and
Consulting, Asheville, NC), and Juliet A. Page (Blue Ridge Res. and Consulting, Cambridge, MA)

NASA will soon fly the X-59 aircraft over selected communities to evaluate community responses to shaped sonic booms. Commu-
nity tests will include dozens of deployed acoustic sensors capable of measuring and detecting shaped sonic boom waveforms in situ for
rapid onboard analysis. To this end, we present a sonic boom detector and classifier. The sonic boom detector identifies a shaped sonic
boom within a measured acoustical waveform by calculating the cross-correlation with a template shaped sonic boom waveform. The
sonic boom classifier determines whether the identified event is indeed a shaped sonic boom based on the correlation coefficient and the
calculated noise exposure level. We evaluate these algorithms using simulations of on- and off-design X-59 sonic boom waveforms
injected into previously measured 30 s ambient noise recordings. Results of this case study indicate that the detector identifies a sonic
boom with an accuracy of £100 ms in 99.98% of the cases. Furthermore, for a given 30 s measurement, the classifier shows true-posi-
tive rates of approximately 0.9999 when the false-positive rate is 10>, The case study demonstrates that the recommended onboard
sonic boom detector and classifier should be highly capable of identifying shaped sonic booms.

11:10

2aNS9. Estimating sonic boom metrics across a community using a Kalman filter. Shane V. Lympany (Blue Ridge Res. and Con-
sulting, 29 N Market St., Suite 700, Asheville, NC 28801, shane.lympany@blueridgeresearch.com) and Juliet A. Page (Blue Ridge Res.
and Consulting, Cambridge, MA)

As part of the Quesst mission, NASA will fly the X-59 aircraft over selected communities to evaluate community responses to low-
intensity sonic booms. The purpose of these community tests is to determine the dose-response relationship between the noise exposure
metrics and the community response. The independent variables for the dose-response relationship are the noise exposure metrics expe-
rienced by survey respondents within the community. Two sources of noise exposure metrics are available in each community: measure-
ments at sparse locations throughout the community, and calculations from propagation models across the community. Both the
measurements and calculations are subject to uncertainty. A Kalman filter is proposed to combine the measured and calculated noise ex-
posure metrics to obtain the best estimate of the true noise exposure metrics across the community. The noise exposure metrics estimated
by the Kalman filter have lower uncertainty than either the measured or calculated noise exposure metrics alone. Simulations demon-
strate that the Kalman filter produces a more accurate estimate of the true noise exposure metrics than other noise estimation methods.
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Session 2aPAa

Physical Acoustics, Structural Acoustics and Vibration, and Biomedical Acoustics:
Effective Medium Theories in Acoustics

Michael B. Muhlestein, Chair
Cold Regions Res. and Eng. Lab., U.S. Army Eng. Res. and Development Ctr., 72 Lyme Rd., Hanover, NH 03755

Contributed Papers

8:00

2aPAal. Derivation of a second-order acoustic wave equation in an air-
saturated porous medium from a volume-averaged transport model.
Gregory W. Lyons (U.S. Army Eng. Res. and Development Ctr., Informa-
tion Technol. Lab., 3909 Halls Ferry Rd., Vicksburg, MS 39180, gregory.w.
lyons@erdc.dren.mil) and Carl R. Hart (U.S. Army Eng. Res. and Develop-
ment Ctr., Cold Regions Res. and Eng. Lab., Hanover, NH)

For propagation of high-amplitude acoustic waves in a rigid porous
frame saturated by air, significant departures from a constant flow resistivity
model have been observed. This departure can be modeled as a quadratic
modification to the linear Darcy’s drag law, known as Forchheimer’s correc-
tion. To study the physical cause and relative significance of this nonlinear
correction with respect to convective nonlinearity, a second-order acoustic
wave equation is derived from volume-averaged equations of mass, momen-
tum, and entropy conservation. Due to the scale separation between the
wavelength and the porous structure, the particle velocity is approximated
as the sum of irrotational macroscopic and incompressible microscopic
fields. The porosity, tortuosity, and permeability are defined and incorpo-
rated into the macroscopic conservation equations. Porous drag terms are
also derived in the macroscopic momentum equation for Darcy’s law and
Forchheimer’s correction. Conservation equations for fluid parameter per-
turbations are obtained, and a second-order wave equation is derived.
Dimensional analysis, in terms of the acoustic Reynolds number and Darcy
number, describes the criteria for significant Forchheimer and convective
nonlinearity. A case is obtained for a Westervelt-like equation for approxi-
mately progressive plane waves. These results inform modeling of nonli-
nearities for sound propagation in porous media under practical conditions.

8:15

2aPAa2. Numerical analysis of the limits of effective medium theory for
nonlinearly propagating dispersive waves. Michael B. Muhlestein (Cold
Regions Res. and Eng. Lab., U.S. Army Eng. Res. and Development Ctr.,
72 Lyme Rd., Hanover, NH 03755, Michael.B.Muhlestein@usace.army.
mil) and Kyle G. Dunn (Cold Regions Res. and Eng. Lab., U.S. Army Eng.
Res. and Development Ctr., Hanover, NH)

Acoustic metameterials are an increasingly popular approach to control
both linear and nonlinear sound propagation. In this approach, heterogene-
ous structures are engineered to behave as predetermined continuous media.
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A key requirement for a system to be accurately approximated as a homoge-
neous material for wave motion is that the smallest length scale of the wave-
form be much larger than any length scale associated with the microscale
structure of the system. However, the fact that the characteristic length
scales of a finite-amplitude waveform can change due to nonlinear effects
means that care must be taken when analyzing such signals in an acoustic
metamaterial. This talk presents recent work toward understanding the
breakdown of effective medium theory as finite-amplitude waves propagate
in a heterogeneous system and weak shocks or solitons begin to form. A
finite-difference time-domain code was used to model the propagation of a
pulse of sound in a one-dimensional propagation domain using both a full
description of the system and an effective-medium description accounting
for effective mass density, compressibility, coefficient of nonlinearity, and
dispersion. The difference between the solutions of the two models provides
a method by which one can estimate the error associated with using effec-
tive properties.

8:30

2aPAa3. Acoustic performance of a lattice of closely spaced hard inclu-
sions in a soft medium. Gyani Shankar Sharma (School of Mech. and Man-
ufacturing Eng., UNSW Sydney, J17, Ainsworth Bldg., Sydney, New South
Wales 2052, Australia, gyani2511@gmail.com)

Marine vessels are covered with an acoustic coating for underwater
noise control. Acoustic coatings comprise a soft rubber-like medium embed-
ded with periodic inclusions. Common inclusion types include cavities or
hard metallic scatterers. A coating design comprising hard inclusions can
exhibit consistent performance under hydrostatic pressure. In this work, ana-
Iytical and numerical models are developed to predict the acoustic perform-
ance of a lattice of closely spaced hard inclusions in a soft medium. The
analytical model is based on homogenization which allows the modelling of
a complex medium as a homogenous medium with effective material and
geometric properties. The effective properties account for the resonance of
the inclusions and multiple scattering of waves between them. The numeri-
cal model is based on the finite element method and is developed using
COMSOL Multiphysics. Results show that the dipole resonance of hard
inclusions in a soft medium leads to high sound absorption. Reducing the
spacing between the inclusions enhances multiple scattering of waves,
resulting in higher sound absorption.
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Session 2aPAb

Physical Acoustics and Structural Acoustics and Vibration: Frontiers of Resonant
Ultrasound Spectroscopy and Its Applications I

Christopher M. Kube, Cochair
Eng. Sci. and Mech., The Pennsylvania State Univ., 212 Earth and Engineering Sci. Bldg., Univ. Park, PA 16802

Matthew Cherry, Cochair
Air Force Res. Lab., 2230 10th St., Fairborn, OH 45433

Rasheed Adebisi, Cochair
UDRI, Univ. of Dayton, 141 Firwood Dr., Shroyer Park Ctr., Dayton, OH 45419

Chair’s Introduction—9:15

Invited Papers

9:20

2aPAbl. Resonant ultrasound spectroscopy and some extensions. Julian D. Maynard (Phys., Penn State Univ., 104 Davey Lab, Box
231, Univ. Park, PA 16802, maynard@phys.psu.edu)

Resonant ultrasound spectroscopy (RUS) is a method in which knowledge of the shape, mass, and some natural frequencies of a sam-
ple of solid material may be used to determine the elastic properties of the material. Customarily, the natural frequencies are measured
by driving the sample with a sine wave in one transducer and monitoring the sample’s response with a second transducer; when the fre-
quency of the drive is swept through a natural frequency, a tuning curve is measured, from which the natural frequency and a quality fac-
tor may be determined. Usually, a Rayleigh-Ritz method involving rectangular parallelepiped or cylindrical sample shapes and
polynomial basis functions is used to analyze the data to determine the elastic properties. This talk will discuss the customary method
and some extensions, including: 1) overcoming a limitation that for some problematic materials (e.g., elastomers), the method can mea-
sure only one elastic constant accurately; 2) modifying the method to include piezoelectric materials; 3) overcoming the inaccuracy of
the method for samples having sharp interfaces between different materials.

9:45

2aPAb2. Resonant ultrasound spectroscopy: How much information lies in higher frequencies. Farhad Farzbod (Mech. Eng., Univ.
of Mississippi, 1764 Univ. Circle, Room 203, University, MS 38677, farzbod@olemiss.edu)

Resonance ultrasound spectroscopy (RUS) is a well-established experimental technique for measuring all the elastic properties and a
few anelastic properties of a material. A sample with known geometry is excited to vibrate in a wide range of frequencies, and its reso-
nant frequencies are detected. The resonant frequencies depend on elastic constants; as such, a complete set of elastic constants can be
extracted from the resonant frequency values. In this work, we investigate first the sensitivity of resonant frequencies to some of the elas-
tic constants, and second, how much data are in the resonant frequencies as they go higher. It has been speculated that the higher modes
have more info about the off-diagonal elastic constants and shear modes of vibrations. We will investigate this hypothesis and study res-
onant frequencies’ limiting behavior.

Contributed Papers

GOLDEN PASS, 9:15 AM. TO 11:55 A.M.

10:10

2aPAb3. Generalized inverse problems in resonant ultrasound spectros-
copy. Juraj Olejnak (Inst. of Thermomechanics, Czech Acad. of Sci.,
Dolejskova 1402/5, Prague 18200, Czechia, olejnak@it.cas.cz), Petr Sedlak,
Hanus Seiner, Kristyna Zoubkova, Pavla Stoklasova, and Tomas Grabec
(Inst. of Thermomechanics, Czech Acad. of Sci., Prague, Czechia)

Determination of the elastic constants by RUS is an inverse problem
because experimentally obtained resonant frequencies cannot be directly
recalculated into the elastic constants. Instead, an approximate spectrum is
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calculated from the dimensions and crystallographic orientation of the sam-
ple, its mass, and a set of ’guessed’ elastic constants, and the difference
between this approximate spectrum and the experiment is iteratively mini-
mized. RUS has been used for the determination of either the elastic con-
stants, or crystallographic orientations of the material in the past, but the
recent advancements in RUS methodology, in particular, the employment of
the scanning laser vibrometry for identification of the vibrational modes,
enable inverse determination of most of the input parameters simultane-
ously. We propose an extension of the classical RUS inversion procedure
that allows us to precisely identify the crystallographic orientation and
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dimensions of the sample in addition to the elastic coefficients. The pro-
posed algorithm was applied to generally oriented iron single crystals. After
the shape and orientation optimization, we achieved an unprecedented
match between calculated and measured spectrum, including a very high
number of utilized resonant modes (>300). We show that the highest modes
are extremely sensitive to the crystallographic orientation.

10:25-10:40 Break

10:40

2aPAb4. Principal component analysis for complex geometry modal
identification. Luke Beardslee (Los Alamos National Lab., Bikini Atoll
Rd., D446, Los Alamos, NM 87545, Ibeardslee@lanl.gov), Timothy J.
Ulrich (Los Alamos National Lab., Los Alamos, NM), and Parisa Shokouhi
(Eng. Sci. and Mech., The Pennsylvania State Univ., Univ. Park, PA)

Recent advances to resonant ultrasound spectroscopy (RUS) to include
finite element methods (FERUS) have expanded its application to more
complex geometries. When measuring a sample of complex geometry, it is
often challenging to retrieve all modal information from a single point, this
is due to the complexity of the mode shapes and likeliness of landing on a
node location. To capture all the modal information, many measurement
points are used to superimpose into a final resonant spectrum, and these
measurements points are often based on intuition or experience. The work
presented in this abstract proposes a simple method of finding crucial mea-
surement locations on a complex sample using singular value decomposition
(SVD) and principal component analysis (PCA). Applying SVD to a group
of forward calculated eigenvectors, a set of measurement locations can then
be extracted from the high amplitude locations identified from the subset of
eigen images. This method of PCA for mode identification has been shown
to accurately identify essential measurement locations.

10:55

2aPAbS. Laser-based resonant ultrasound spectroscopy in samples with
compliant boundary conditions. Matthew Cherry (Air Force Res. Lab.,
Wright-Patterson Air Force Base, OH, matthew.cherry.2@us.af.mil),
Rasheed Adebisi (UDRI, Univ. of Dayton, Dayton, OH), Juan Pastrana
(Southwest Ohio Council for Higher Education, WPAFB, OH), Syndey
Giannuzzi (Southwest Ohio Council for Higher Education, Orlando, FL),
Tyler Lesthaeghe (UDRI, Univ. of Dayton, Dayton, OH), and David Torres
Reyes (Air Force Res. Lab., WPAFB, OH)

Laser-based resonant ultrasound spectroscopy (LRUS) is a promising
technique for measuring elastic properties in samples of exceedingly minia-
ture sizes where traditional piezoelectric transducers present a limitation.
However, the performance of an LRUS system is highly dependent on the
geometry and boundary conditions of the specimen. More specifically, sam-
ples manufactured from a substrate, such as micro-pillars, have a compliant
boundary at the base which needs to be accounted for. In this work, sub-
millimeter, free-standing rectangular parallelepipeds were manufactured
from tungsten material. These samples provided excellent measurements of
resonances as well as mode shapes. A similar pillar was manufactured and
left attached to the tungsten block to study the outcome due to alterations on
boundary conditions. The results show a significant attenuation on all signal
content in modes with higher frequency than the fundamental bending reso-
nance. However, excellent images of mode shapes were obtained once the
sample was detached from the substrate. Furthermore, silicon cantilevers
were manufactured from wafers, and similar effects were observed. The
theoretical justification for poor performance in higher-order modes
resulted in sample redesigns that provided superior fidelity resonance
measurements.
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11:10

2aPAb6. Probing bonded interfaces with finite-element resonant ultra-
sound spectroscopy. Paul Geimer (Los Alamos National Lab., P.O. Box
1663, Mail stop D446, Los Alamos, NM 87545, pgeimer@lanl.gov), Timo-
thy J. Ulrich, and Amber Whelsky (Los Alamos National Lab., Los Alamos,
NM)

Resonant ultrasound spectroscopy (RUS) has long been applied for non-
destructive quantification of elasticity, geometry, and density in material sam-
ples. Improvements in mode imaging and finite element analysis now provide
validation and predictive models for a growing range of sample types. We
build on recent work which applied finite-element RUS to characterize layered
samples. Our study takes a closer look at the utility of RUS to evaluate the
bonded interface between layers, with extension to thin films. Forward model-
ing of bond properties provided insights into mode-dependent frequency shifts
for various types of homogeneous bond changes such as thickness and stiff-
ness. Experimental work consisted of RUS testing on Al-Ti samples diffusion-
bonded at different pressures. Despite identical base materials, samples bonded
at 2 MPa and 15 MPa exhibit spectral differences not explained by geometry
variance alone, indicating sensitivity to the bond interface. Though highly ge-
ometry and material dependent, the sensitivity of RUS to interface properties
appears to be roughly an order of magnitude smaller than to the constitutive
material properties, emphasizing careful experimentation.

11:25

2aPAb7. Resonant ultrasound spectroscopy applications: Beyond ca-
nonical geometry. Rasheed Adebisi (UDRI, Univ. of Dayton, 141 Firwood
Dr., Shroyer Park Ctr., Dayton, OH 45419, rasheed.adebisi. l.ctr@us.af.mil),
Tyler Lesthaeghe (UDRI, Univ. of Dayton, Dayton, OH), Matthew Cherry
(Air Force Res. Lab., Wright-Patterson Air Force Base, OH), and Shamach-
ary Sathish (UDRI, Univ. of Dayton, Dayton, OH)

Resonant ultrasound spectroscopy (RUS) is a technique that uses a com-
bination of experimentally measured resonant frequencies and physics-
based computation of these frequencies to determine the entire set of single
crystal elastic constants of a material. Computation of the resonances is
most often accomplished using the Rayleigh-Ritz energy minimization
method but this requires knowledge of mass density and analytical represen-
tation of the shape of the material. As a result, the sample will be manufac-
tured into a canonical geometry such as cylinder or a rectangular
parallelepiped such that its displacement field can be represented by a set of
basis function. In this approach, deviation from a perfect canonical geome-
try can have a significant impact on the estimate elastic constants during the
inversion. To overcome this limitation, this project describes a finite ele-
ment method combined with x-ray computed tomography to model a sample
with complex shape for computation of resonance frequencies and in the
inversion of the elastic constants.

11:40

2aPADb8. Underwater resonant mode excitation using cavitation. Ankush
Gupta (Mech. Eng., Boston Univ., 110 Cummington Mall, Dept. of Mech.
Eng., Boston Univ., Boston, MA 02215, agl@bu.edu), Mark J. Cops (Triton
Systems, Inc., Chelmsford, MA), and R. Glynn Holt (Phys. & Astron. Dept.,
Hampden-Sydney College, Hampden-Sydney, VA)

Characterizing underwater objects is often accomplished with optical
imaging, but this task is rendered difficult or impossible if the water is turbid
or the object is encrusted or buried. Often imaging is capable of identifying
approximate dimensions, but lacks the ability to differentiate between natu-
rally occurring and manmade objects. However, every resonant target pos-
sesses its own (nearly) unique ID: its vibrational modal spectrum, if it can
be excited. This study reports on the use of strongly collapsing cavitation
bubbles, generated via dielectric breakdown, to impulsively excite resonant
modes of an underwater object. [Work funded by Department of the Navy.]
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Session 2aPP

Psychological and Physiological Acoustics: Cochlear Implants and Computation

Terrin N. Tamati, Chair
Dept. of Otorhinolaryngology | Head and Neck Surgery, Univ. Med. Ctr. Groningen, 1608 Aschinger Blvd.,
Columbus, OH 43212

Chair’s Introduction—9:00

Contributed Papers

9:05

2aPP1. Processing of linguistic and indexical information in adult coch-
lear implant users. Terrin N. Tamati (Dept. of Otolaryngology, Ohio State
Univ., 1608 Aschinger Blvd., Columbus, OH 43212, terrintamati@gmail.
com) and Aaron C. Moberly (Dept. of Otolaryngology, Ohio State Univ.,
Columbus, OH)

Normal-hearing (NH) listeners simultaneously make use of both linguis-
tic (speech content) and indexical (talker-specific) information in speech
perception. For adult cochlear implant (CI) users, limitations in the talker-
specific details conveyed by their devices may impact processing dependen-
ces between linguistic and indexical information. The current study
examined the extent to which linguistic and indexical information are proc-
essed interdependently in adult CI users, using speeded phoneme and talker
gender classification tasks. Higher-performing adult CI users (open-set word
recognition >65% correct) reported the target vowel (phoneme classifica-
tion) or target talker gender (gender classification). The non-target dimen-
sion varied by the number of talkers (phoneme classification) and the
number of words (gender classification). Largely consistent with NH find-
ings, adult CI users displayed asymmetric interference between linguistic
and indexical dimensions. Phoneme classification was less accurate and
slower with high talker variability. In contrast, gender classification was not
affected by word variability. Processing dependencies also varied across
individual CI users and related to auditory and cognitive-linguistic abilities.
These preliminary findings suggest that adult CI users may make use of
degraded linguistic and indexical information during speech processing.
However, the extent to which they do so may depend on individual auditory
and cognitive-linguistic factors.

9:20

2aPP2. Music appreciation on cochlear implant simulation with contour
and temporal cues. Berliana N. Sari (Eng. Phys., Inst. Teknologi Sepuluh
Nopember, Dept. of Eng. Phys., Inst. Teknologi Sepuluh Nopember, Sura-
baya 60111, Indonesia, berlnindah@gmail.com) and Dhany Arifianto (Eng.
Phys., Inst. Teknologi Sepuluh Nopember, Surabaya, Indonesia)

The musical appreciation of the cochlear implant simulation user on the
contour and temporal cues and the effect of the coding strategy are deter-
mined. Cochlear implant simulations were processed using continuous inter-
leaved sampling (CIS) and spectral peak (SPEAK) coding strategies with
varying numbers of channels. The experiments consist of contour identifica-
tion, temporal cue discrimination, and familiar melody identification. The
results show cochlear implant simulation users are poor at recognizing
contour cues compared with normal hearing, but good at discriminating
temporal cues from tempo and rhythm varied with contour, achieving scores
close to normal hearing. A poor score was observed in familiar melody
identification with pitch contour, compared to normal hearing scores, which
correlated (r=0.99) with the recognition of contour cues. Temporal cue in-
formation from rhythm helped cochlear implant simulation users recognize

A90 J. Acoust. Soc. Am., Vol. 152, No. 4, Pt. 2, October 2022

familiar melodies with an almost 40% increase in score compared to melo-
dies without rhythm (p 0.05). Music appreciation was poor on the variation
of coding strategy with the number of channels 2 to 6 CIS and good on the
SPEAK coding strategy (compared with 22 channels condition). The studies
emphasize the need for advances in coding strategies to deliver pitch con-
tour cues to cochlear implant processing.

9:35

2aPP3. Do cochlear implant users experience the same amplitude modu-
lation rates in each ear? Simin Soleimanifar (Speech and Hearing Sci.,
Univ. of Illinois at Urbana Champaign, 901 South Sixth St., Champaign, IL
61820, simins2@illinois.edu), Prajna BK (Speech & Hearing Sci., UIUC,
Champaign, IL), and Justin M. Aronoff (Univ. of Illinois at Urbana-Cham-
paign, Champaign, IL)

Cochlear implant (CI) users often produce different vocal fundamental
frequencies (FOs) when using the left versus the right CI device. Since pitch
perception and production are linked, differences in produced FOs likely
indicate differences in perceived vocal pitches for the same FO when using
different ears. One possible explanation for different pitch perceptions with
each ear is that, while FOs are typically encoded in the amplitude modula-
tions (AM) of electrical stimulation, the resulting temporal pitch may differ
for each ear. This study aimed to investigate if CI users perceive the same
AM rates as different pitches with each ear. Five CI users participated in an
AM pitch matching study using place-pitch-matched electrodes in the two
ears. They were given two sounds with AM and asked to turn a dial, chang-
ing the AM rate in one ear to make the pitch of the second sound similar to
the pitch of the first sound. The preliminary results showed that some partic-
ipants perceived different pitches in the two ears for the same AM rate, and
some did not, suggesting that the same AM-encoded FOs may be perceived
as a different vocal pitch, but only for some CI users.

9:50

2aPP4. Spatial cues on normal hearing and cochlear implant simulation
with different coding strategies. Ria R. Amelia (Eng. Phys., Inst. Tekno-
logi Sepuluh Nopember, Dept. of Eng. Phys., Inst. Teknologi Sepuluh
Nopember, Surabaya 60111, Indonesia, riarizelia@gmail.com) and Dhany
Arifianto (Eng. Phys., Inst. Teknologi Sepuluh Nopember, Surabaya,
Indonesia)

Cochlear implant users are known to have limited access to spatial cues.
This study investigated the perception of spatial cues in normal-hearing lis-
teners and cochlear implant simulation users. Perception of spatial cues is
assessed for performance in determining the direction of the sound and
understanding the speech. The results show that cochlear implant simulation
users still have access to spatial cues, just like normal- hearing listeners.
Normal-hearing listeners and cochlear implant simulation users can perceive
spatial cues in ILD and ITD. Both can accurately identify the direction of
the sound (slope~ 1.00 and of set~0.00°). Cochlear implant simulation
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users can understand sentences as well as normal-hearing listeners
(PCW =113.64 rau) by using the coding strategy SPEAK in all channels or
CIS with channel above 8. Perception of spatial cues in normal-hearing lis-
teners and cochlear implant users can be improved by listening with two
ears and spatially separating the target-masker position. The largest
improvement in spatial cue perception was obtained from the head shadow
effect (normal-hearing (NH)=12.96, cochlear implant simulation users
(CI)=59.02), followed by binaural summation (NH=5.72, CI=19, 86) and
binaural squelch (NH=3.76, CI1=7.66).

10:05-10:20 Break

10:20

2aPP5. The effects of interaural correlation and interaural place of
stimulation asymmetry on binaural fusion. Justin M. Aronoff (Speech
and Hearing Sci., Univ. of Illinois at Urbana Champaign, 901 South Sixth
St., Champaign, IL 61820, jaronoff@illinois.edu), Simin Soleimanifar,
Prajna BK, Mona Jawad (Speech and Hearing Sci., Univ. of Illinois at
Urbana Champaign, Champaign, IL), and Leslie R. Bernstein (Neurosci.
and Surgery, Univ. of Connecticut Health Ctr., Farmington, CT)

The combination of information at the two ears resulting in the percep-
tion of a singular auditory percept is referred to as binaural fusion. The stim-
ulation received by bilateral cochlear implant (CI) users sometimes fails to
foster binaural fusion. The goal of this study was to assess, for CI users, the
extents to and manners in which interaural correlation of stimulation and the
degree of interaural place of stimulation asymmetry affect binaural fusion.
Bilateral CI users were presented with 1000 Hz pulse trains modulated by
envelopes for which the interaural correlation was manipulated. Addition-
ally, one electrode from one ear was paired with different electrodes from
the other ear in order to manipulate interaural asymmetry. Listeners indi-
cated the spatial diffuseness of the sound they perceived and whether they
perceived a unitary auditory “image” by rotating a dial to manipulate a vis-
ual representation of their perception superimposed on a picture of a human
head. Additionally, listeners could move the lateral position of the visual
representations left or right, indicating perceived laterality. The results sug-
gest that, independent of the degree of interaural asymmetry, the interaural
correlation of the envelope was related directly to the degree of perceived
binaural fusion.

10:35

2aPP6. Spatial relationships between interaural differences in a room.
William Hartmann (Michigan State Univ., 749 Beech St., East Lansing, MI
48823, wmh@msu.edu)

The interaural ratio, as it occurs for a human head in a room, can be rep-
resented by a filter with a complex transfer function of the spatial location
of the head. The log of this transfer function has real and imaginary parts,
respectively, the interaural level difference (ILD) and the interaural phase
difference (IPD). Because the filter is causal, the ILD and IPD spatial func-
tions are Hilbert transforms of each other if the interaural filter is a mini-
mum phase function of the head location. Interaural differences for a
spherical “head” with tiny probe microphones, separated by a head diameter
of 17.5 cm, were measured by Mr. Zane Crawford in an empty room having
a volume of 63 $m”"3$ and a reverberation time of 0.4 s. The head was
moved in increments of 2.54 cm over a two dimensional grid 102 cm by
23 cm. Measurements at 250 Hz showed that the ILD and IPD were almost
perfectly related by Hilbert transforms. Measurements at 500 and 1000 Hz
showed increasing deviations. Because a function is orthogonal to its Hilbert
transform, the ideal ILD is orthogonal to the IPD. Therefore, at locations
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where the ILD is the most stable function of space, the IPD is the most
unstable and vice versa.

10:50

2aPP7. Suppressing reverberation in cochlear implant stimulus pat-
terns using time-frequency masks based on phoneme groups. Kevin
Chu, Leslie Collins (Elec. and Comput. Eng., Duke Univ., Durham, NC),
and Boyla Mainsah (Elec. and Comput. Eng., Duke Univ., 101 Science Dr.,
Durham, NC, boyla.mainsah@duke.edu)

Cochlear implant (CI) users experience considerable difficulty in under-
standing speech in reverberant listening environments. This issue is com-
monly addressed with time-frequency masking, where a time-frequency
decomposed reverberant signal is multiplied by a matrix of gain values to
suppress reverberation. However, mask estimation is challenging in rever-
berant environments due to the large spectro-temporal variations in the
speech signal. To overcome this variability, we previously developed a pho-
neme-based algorithm that selects a different mask estimation model based
on the underlying phoneme. In the ideal case where knowledge of the pho-
neme was assumed, the phoneme-based approach provided larger benefits
than a phoneme-independent approach when tested in normal-hearing listen-
ers using an acoustic model of CI processing. The current work investigates
the phoneme-based mask estimation algorithm in the real-time feasible case
where the prediction from a phoneme classifier is used to select the pho-
neme-specific mask. To further ensure real-time feasibility, both the pho-
neme classifier and mask estimation algorithm use causal features extracted
from within the CI processing framework. We conducted experiments in
normal-hearing listeners using an acoustic model of CI processing, and the
results showed that the phoneme-specific algorithm benefitted the majority
of subjects. [Work supported by NIH through Grant No. RO1DC014290-
05.]

11:05

2aPP8. Objective discrimination of bimodal speech using the frequency
following response: A machine learning approach. Erica Eng, Can Xu,
Sarah Medina, Fan-Yin Cheng (Speech, Language, and Hearing Sci., Univ.
of Texas at Austin, Austin, TX), René Gifford (Hearing and Speech Sci.,
Vanderbilt Univ. Med. Ctr., Nashville, TN), and Spencer Smith (Speech,
Language, and Hearing Sci., Univ. of Texas at Austin, 10410 Skyflower Dr.,
Austin, TX 78759, spencer.smith@austin.utexas.edu)

Bimodal hearing, which combines a cochlear implant (CI) with a contra-
lateral hearing aid, provides significant speech recognition benefits relative
to a monaural CIL. Factors predicting bimodal benefit remain poorly under-
stood but may involve extracting fundamental frequency and/or formant in-
formation from the non-implanted ear. This study investigated whether
neural responses (frequency following responses, FFRs) to simulated bi-
modal signals can be (1) accurately classified using machine learning and
(2) used to predict perceptual bimodal benefit. We hypothesized that FFR
classification accuracy would improve with increasing acoustic bandwidth
due to greater fundamental and formant frequency access. Three vowels
(/e/, /i/, and /u/) with identical fundamental frequencies were manipulated to
create five bimodal simulations (vocoder in right ear, lowpass filtered in left
ear): Vocoder-only, Vocoder +125 Hz, Vocoder +250 Hz, Vocoder +500
Hz, and Vocoder +750 Hz. Perceptual performance on the BKB-SIN test
was also measured using the same five configurations. FFR classification
accuracy improved with increasing bimodal acoustic bandwidth. Further-
more, FFR bimodal benefit predicted behavioral bimodal benefit. These
results indicate that the FFR may be useful in objectively verifying and tun-
ing bimodal configurations.
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Session 2aSA

Structural Acoustics and Vibration, Engineering Acoustics, and Musical Acoustics:
Additive Manufacturing and Acoustics

Christina Naify, Cochair
Univ. of Texas at Austin, Austin, TX 78758

Michael R. Haberman, Cochair
Appl. Res. Labs., The Univ. of Texas at Austin, 10000 Burnet Rd., Austin, TX 78758

John Granzow, Cochair
Performing Arts Technol., Univ. of Michigan, 1100 Baits Dr., Ann Arbor, MI 48109

James P. Cottingham, Cochair
Physics, Coe College, 1220 First Ave. NE, Cedar Rapids, IA 52402

Chair’s Introduction—8:30

Invited Papers

8:35

2aSAl. Directional passive acoustic structures inspired by the ear of Achroia grisella. Lara Diaz-Garcia (Ctr. for Ultrasonic Eng.,
Univ. of Strathclyde, 99 George St., Glasgow G1 IRD, United Kingdom, lara.diaz-garcia@strath.ac.uk), Andrew Reid, Joseph Jackson-
Camargo, and James Windmill (Ctr. for Ultrasonic Eng., Univ. of Strathclyde, Glasgow, United Kingdom)

The need for small directional microphones is patent in the current market. From smartphones to hearing aids, a small microphone
capable of rejecting ambient noise is highly desirable. Most MEMS microphones are omnidirectional and have to resort to arrays to
achieve directionality, effectively counteracting the reduced size that they offer in the first place. For this reason, we use bio-inspiration
and turn to nature to find examples of solutions to this problem. The female specimens of the moth Achroia grisella are capable of
monoaural directional hearing, which they use to track the males’ mating calls. It is believed that they achieve directionality solely due
to the morphology of their tympana. To test it, we first produce a multiphysics simulation of the structure that serves as a starting point.
For experimental measurements, additive manufacturing is chosen for its ease and cost-efficiency. 3D-printed samples of the same
model are examined through micro-CT scanning and then measured using laser-Doppler vibrometry to determine their frequency and di-
rectivity responses. The results of both approaches are compared, and it is found that the structure does indeed show directionality with
the second eigenfrequency showing a hypercardioid-like pattern towards the front of the moth.

8:55

2aSA2. Binder jet printing lead-free piezoelectric ceramics with sintering aids. David Schipf (U.S. Naval Res. Lab., Washington,
D.C.), Celeste A. Brown (U.S. Naval Res. Lab., 4555 Overlook Ave. SW, Washington, D.C. 20375, celeste.brown@nrl.navy.mil), Greg-
ory Yesner, and Matthew D. Guild (U.S. Naval Res. Lab., Washington, D.C.)

In this study, we explore binder jet printing and sintering piezoelectric ceramic samples consisting of barium titanate (BaTiO3) and
small amounts of sintering aids. Binder jet printing of piezoelectric ceramics shows promise for being a preferred additive manufacturing
method for piezoelectric ceramics. Thus far binder jet printed piezoelectric ceramics have suffered from lower piezoelectric and dielec-
tric properties than conventionally manufactured piezoelectric ceramics. This is mainly due to the high porosity of sintered binder jet
printed samples. This investigation uses sintering aids that enable printed samples to sinter at lower temperatures and compact into
higher densities than printed samples consisting of pure BaTiO3. In this presentation, we will discuss our selection of sintering aids, our
investigation of sintering temperature profiles, and the properties of sintered samples. We will show a comparison of properties between
our printed and sintered samples with BaTiO3 samples manufactured using uniaxial pressing. We will finish by discussing future steps
in printing and sintering fully dense piezoelectric ceramics given the current state of this technology. [Work funded by the Office of
Naval Research.]
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9:15

2aSA3. Ultrasonic nondestructive characterization and its role in the development and implementation of additive manufactur-
ing processes. Andrea P. Arguelles (Eng. Sci. and Mech., Penn State Univ.,212 Earth-Engr Sci. Bldg., Univ. Park, PA 16802, aza821@
psu.edu), Olivia Cook (Eng. Sci. and Mech., Penn State Univ., Univ. Park, PA), Nancy Huang (Mater. Sci. and Eng., Penn State Univ.,
Univ. Park, PA), Christopher M. Kube (Eng. Sci. and Mech., Penn State Univ., Univ. Park, PA), and Allison Beese (Mater. Sci. and
Eng., Penn State Univ., Univ. Park, PA)

Advancements in manufacturing processes, such as metal 3D printing, are deeply reliant on our understanding of the resulting inter-
nal features and microstructures that dictate material behavior. Microstructure characterization is often relegated to techniques that
require extensive sample sectioning and surface preparation, which are inherently limited to a small portion of the bulk material. In this
presentation, I will show how elastic wave propagation methods (namely, ultrasonic testing) can be combined with physics-based mod-
els to extract microstructural parameters in fit-for-service parts. Example results are given for binder jet printed metals (namely, stainless
steel 316 and SS316 infiltrated with bronze) where microstructure is characterized over large volumes nondestructively. These methods
are correlated to both destructive metrics of microscale features and mechanical properties, which are linked to processing conditions
and sample geometry. Finally, I will provide a broader outlook for the impact these techniques may have on the development and imple-
mentation of quality assurance protocols for additively manufactured parts.

9:35

2aSA4. Old meets new: 3-D printing and the art of violin-making. Mary-Elizabeth Brown (Montreal, Quebec H2W2HS5, Canada,
maryelizabethbrown@ gmail.com)

Since violin-making emerged in the early 16th century, luthiers have incorporated new technology and scientific principles into their
craft in an effort to create different sounds, increase resonance, amplify volume, and create more ease of playing. In late 2018, a Cana-
dian interdisciplinary team spearheaded by the Ottawa Symphony Orchestra asked the question: What happens when you transpose those
same principles to the 21st-century? In this session, participants will hear the story of the 3-D printed instruments that made international
news from the perspective of the lead musician on the team, discover the manufacturing iterations and materials that led to the final ver-
sions used in the premiere of the first-ever concerto written for 3-D printed instruments and symphony orchestra, and explore the sound
concepts behind these instruments as the centuries-old tradition of violinmaking meets 21st century technology. Join us as we delve into
the juncture of old and new, examine the results of such interdisciplinary work and look to the future of 3-D printing in the realm of clas-
sical music and beyond.
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10:05-10:20 Break

Contributed Papers

10:20

2aSAS. Dynamic characterization of fused deposition modeling-printed
polymers with variable infills using homogenization techniques. Chris-
tina J. Naify (Appl. Res. Labs. at UT Austin, Austin, TX 78758, christina.
naify@gmail.com) and Colby W. Cushing (Appl. Res. Labs. and the Walker
Dept. of Mech. Eng., The Univ. of Texas at Austin, Austin, TX)

Fused deposition modeling (FDM) printing is a common type of additive
manufacturing, which builds up a 3-D volume by laying down filament
layer-by-layer. To save material and reduce weight, many commercial soft-
ware packages utilize infill, which is a repeating lattice pattern with a lower
density than the solid material. Users can specify the density of the lattice,
as well as the geometry of lattice, with as many as a dozen pre-designed
options available to choose from in some commercial software packages.
The lattice designs have impact on mechanical and dynamic properties,
such as speed of sound, of the finished product. Despite the strong effect on
final acoustic performance of infill, until now there has not been a methodi-
cal approach to predict the relationship between infill as a design parameter
and dynamic properties. In this study, we use finite element analysis to
implement homogenization techniques commonly used to study metamateri-
als in order to predict directional sound speeds for infills over a range of
densities. The base material used in the study is polylactic acid (PLA).
Additionally, samples with various infills are printed and sound speeds are
measured. The experimental results are compared to predicted values.
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10:35

2aSA6. Modular speaker design enabled by multi-material additive
manufacturing. A. J. Lawrence (Walker Dept. of Mech. Eng., Univ. of
Texas at Austin, 204 E. Dean Keeton St., Stop C2200, Austin, TX 78712-
1591, ajlawrence@utexas.edu), Jared Allison, and Christina J. Naify (Appl.
Res. Labs., UT Austin, Austin, TX 78758)

One of the most promising features of additive manufacturing is ability
to reduce part count and assembly by printing complex shapes. This feature
is further highlighted by utilizing multi-material printing in which stiff and
compliant materials can be deposited by the same system. Air-acoustic
speakers are traditionally comprised of several assembled components with
different material properties including a stiff enclosure, stiff diaphragm, and
compliant suspension. In this presentation, we will describe a modular
acoustic speaker design. The design consists of fully printed structural com-
ponents (which are threaded together, and assembled with a voice coil and
magnet). The basic design as well as printing process will be described and
acoustic measurements reported. A range of printed designs, which can be
interchanged among each-other will be presented, and future design ideas
which take advantage of the printing process explored.
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10:50

2aSA7. Ultrasonic methods for the characterization of additively manu-
factured 316L stainless steel. Colin L. Williams (Eng. Sci. & Mech., The
Pennsylvania State Univ., 212 Earth-Eng. Sci. Bldg., Univ. Park, PA 16802,
clw5756@psu.edu), Parisa Shokouhi (Eng. Sci. & Mech., The Pennsylvania
State Univ., State College, PA), Matthew H. Lear (The Appl. Res. Lab., The
Pennsylvania State Univ., State College, PA), Carly Donahue, and Colt J.
Montgomery (Los Alamos National Lab., Los Alamos, NM)

This research utilizes linear and nonlinear ultrasonic techniques to estab-
lish a linkage between microstructure and macroscale mechanical properties
of additively manufactured (AM) stainless steel 316L samples. The speci-
mens are manufactured using two methods: laser-powder bed fusion and tra-
ditional wrought manufacturing. Using the nonlinear ultrasonic method of
second harmonic generation, the acoustic nonlinearity parameter is esti-
mated in samples with different heat treatment levels intended to alter
microstructural and mechanical properties. Linear ultrasonic parameters
including wave speed and resonant frequency are additionally measured.
Mechanical properties are obtained through tensile testing of coupons corre-
sponding to the test samples. Microstructural information for the samples is
obtained using electron backscatter diffraction to help elucidate the relation-
ships between microstructure, mechanical properties, and ultrasonic
response. Results indicate correlations between the nonlinearity parameter
and both ultimate tensile strength and yield strength, where nonlinearity
generally decreases as sample strength increases, particularly in the AM
samples. We hypothesize that microstructural evolution of grain characteris-
tics across different heat treatments influences trends in measured nonlinear-
ity, as well as substructures at smaller scales such as dislocations. These
results show promising evidence for the feasibility of AM parts qualification
using nondestructive nonlinear ultrasonic testing.

11:05

2aSAS8. In-process volumetric sensing of defects in multiple parts during
powder bed fusion using acoustics. Nathan Kizer (Eng. Sci. and Mech.,
The Pennsylvania State Univ., 212 Earth and Eng. Sci. Bldg., Univ. Park,
PA 16802, njk19@psu.edu), Edward Reutzel, Corey Dickman (Appl. Res.
Lab., The Pennsylvania State Univ., Univ. Park, PA), and Christopher M.
Kube (Eng. Sci. and Mech., The Pennsylvania State Univ., Univ. Park,
PA)

Additively manufactured (AM) metals have been gaining popularity due
to their advantages over traditionally manufactured metals. AM processes
can produce complex geometries unachievable in other methods. However,
AM metals remain susceptible to traditional defects such as delaminations

A94  J. Acoust. Soc. Am., Vol. 152, No. 4, Pt. 2, October 2022

during manufacturing. Such defects can cause to build failure or loss of part
integrity making them unsuitable for many structural applications. These
defects often result from incorrect selections of process parameters for par-
ticular parts. In-situ monitoring systems using ultrasonic inspection have
been proposed to sense and mitigate defects. This presentation describes ex-
perimental efforts to integrate a plurality of ultrasonic transducers into pow-
der bed fusion AM. Nine 9Cr-1Mo stainless steel parts with identical
dimensions were produced using powder bed fusion. Each part was printed
with various laser power and speeds to produce a range of build qualities.
Nine ultrasonic transducers were integrated into the build substrate to simul-
taneously monitor the nine AM parts during the build. Results of these
measurements will be highlighted. This demonstration indicates the poten-
tial for using ultrasound to help determine optimal process parameters for
reducing defects in AM parts. Additionally, this work supports progress to-
ward closed-loop feedback for on-the-fly corrections.

11:20

2aSA09. Integrating ultrasound and x-ray computed tomography to eval-
uate the microstructure of binder jet stainless steel 316L. components.
Olivia Cook (Eng. Sci. and Mech., Penn State Univ., Univ. Park, PA, ojc3@
psu.edu), Nancy Huang (Mater. Sci. and Eng., Penn State Univ., Univ. Park,
PA), Robert L. Smithson (3M Co., St. Paul, MN), Christopher M. Kube
(Eng. Sci. and Mech., Penn State Univ., Univ. Park, PA), Allison Beese
(Mater. Sci. and Eng., Penn State Univ., Univ. Park, PA), and Andrea P.
Arguelles (Eng. Sci. and Mech., Penn State Univ., Univ. Park, PA)

Binder jet printing (BJP) is a promising additive manufacturing method
with benefits in sustainability, material selection, and geometric design free-
dom. However, issues related to part quality persist, necessitating reliable
inspection and characterization strategies. Traditional protocols involving
sectioning and extensive sample preparation may miss crucial information
about a components’ microstructure due to volumetric variations. This study
explores ultrasonic inspection of binder jet SS316L tensile specimens con-
taining spatially varying grain size and porosity by measurement of longitu-
dinal wave speed and attenuation. The ability of ultrasound to detect
porosity is evaluated by cross referencing wave speed and attenuation data
with porosity data gathered from x-ray computed tomography (XCT).
Three-dimensional pore volumes were collapsed into two-dimensional maps
such that ultrasound and XCT could be compared in a point-by-point fash-
ion. After tensile testing, the location of failure was compared against wave
speed and attenuation extremes. The results show the potential of ultrasound
as well as important considerations related to the inspection of additively
manufactured parts with complex microstructures.

183rd Meeting of the Acoustical Society of America  A94



TUESDAY MORNING, 6 DECEMBER 2022 GRAND HALL B, 9:00 A.M. TO 11:50 A.M.
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Chair’s Introduction—9:00

Invited Papers

9:05

2aSC1. Hospital acoustics characterization and context. Ilene J. Busch-Vishniac (Sonavi Labs., 1100 Wicomico Rd., Suite 600, Balti-
more, MD 21230, ilene@sonavilabs.com)

In the last 20 years, attention has been paid to characterize and improve the acoustic environment of hospitals, but much remains to
be done. For instance, hospital operations often prevent patients from sleeping well. When the HCAHPS survey of hospital patients
included a question about noise preventing sleep, it was routinely the lowest score patients awarded to hospitals. A few preliminary stud-
ies also have shown hospitals to be poor to fair spaces for speech intelligibility. The delicate balance between maintaining privacy and
establishing good communication is particularly challenging for hospital patients because they often have hearing impairments or are
medicated and potentially less able to focus. Noise in hospitals has also prompted the shift to written orders for lab work and pharma-
ceuticals to avoid errors. A relatively new area of research interest is the stress impact of hospital soundscapes. Hospital patients are a
vulnerable population, suffering from anxiety about their medical condition, and the sounds to which they are exposed (such as moans)
can exacerbate the problem. Hospital staff as well show the impacts of noise-related stress. This talk summarizes the current state of hos-
pital acoustics.

9:30

2aSC2. Healthcare communication in acoustical consulting practice. Ben Davenny (Acentech, 33 Moulton St., Cambridge, MA
02138, bdavenny@acentech.com) and Alex Odom (Acentech, Cambridge, MA)

With respect to speech communication in healthcare facilities, acoustical consultants are often concerned with overheard speech in
the context of patient privacy. Low background sound is often a culprit with speech privacy problems, and examples will be given in
exam rooms and common areas. Case studies of both poor speech privacy and poor speech communication will be given along with pro-
posed solutions. Finally, popular science communications from the authors’ corporate blog during the COVID pandemic on speech com-
munication and personal protective equipment will be discussed.

9:55

2aSC3. Ambient noise characteristics in long-term care facilities. Brian J. Puckett (Architectural Eng., Univ. of Nebraska - Lincoln,
1110 S 67th St., Architectural Eng., Omaha, NE 68182, puckett.brian@huskers.unl.edu), Erica E. Ryherd (Architectural Eng., Univ. of
Nebraska - Lincoln, Omaha, NE), Tessa Bent (Speech, Language, and Hearing Sci., Indiana Univ., Bloomington, IN), Melissa M.
Baese-Berk (Univ. of Oregon, Eugene, OR), and Natalie Manley (Univ. of Nebraska Medical Ctr., Omaha, NE)

The built environment in senior living communities can enhance or detract from a resident’s quality of life. This work focused on
one specific physical characteristic of the environment that has not been well documented in recent literature: noise. Noise can nega-
tively impact patient-caregiver speech communication—a paramount aspect of healthcare delivery. A communication breakdown can be
particularly problematic among older adults, a population that can have a higher incidence of sensory impairments or cognitive decline.
In this study, ambient noise data were collected at several senior living communities. Sound level meters were deployed in various loca-
tions across the facilities, including resident rooms, common lounge areas, nurse stations, therapy rooms, staff break rooms, and corri-
dors. Noise data were collected over 72-hour periods during both weekdays and weekends to understand typical acoustical conditions of
senior living communities during different levels of activity, occupancies, and times of day. The findings aid in understanding what
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acoustical conditions exist in senior living communities, such as overall sound levels, fluctuations over time, and spectral content, and
how these conditions can impact healthcare speech communication for aging populations.

10:20-10:35 Break

10:35

2aSC4. Assessing speech communication in the operating room. Navin Viswanathan (Communication Sci. & Disorders, The Penn-
sylvania State Univ., 1000 Sunnyside Ave., Lawrence, KS 66045, navin@ku.edu), Paul Rudy, Tara Krishnan, Margaret Brommelsiek,
and Gary Sutkin (Univ. of Missouri, Kansas City, MO)

Smooth communication in the operating room (OR) is essential. However, its acoustic environment is typically composed of
machine and human caused sounds such as patient temperature monitoring devices, systems, waste management systems, and irrelevant
conversations that impede speech communication. These challenges are exacerbated by the need for combinations of facial protective
equipment (FPPE) that both attenuate critical speech information as well as obviate relying on visual information for understanding
speech. In order to faithfully capture the challenges to speech perception in this environment, we first recorded various interfering
sounds based on a qualitative study of over 59 surgeries across different specializations. We analyzed their acoustic characteristics and
obtained subjective measures of perceived interference from 60 surgical team members who all worked in the OR. In a follow up study,
we assessed the acoustic consequences of different facial ppe combinations on produced speech. In both studies, we identified critical
impediments to smooth OR communication. These include high decibel levels of interfering sounds, attention engaging irrelevant
speech, and substantial attenuation of speech frequencies when using typical FPPE combinations. These studies constitute our prelimi-
nary steps to identifying and alleviating speech perception challenges in the OR.

11:00

2aSC5. Vocal health for mask-wearing healthcare providers. Victoria S. McKenna (Communication Sci. and Disorders, Univ. of
Cincinnati, 3225 Eden Ave.; Health Sciences Bldg., Cincinnati, OH 45267, mckennvs@ucmail.uc.edu) and Renee L. Gustin (Otolaryn-
gology-Head & Neck Surgery, Univ. of Cincinnati, Cincinnati, OH)

With the onset of the COVID-19 pandemic, healthcare providers are now required to wear face masks throughout the day. However,
masks impact communication by creating a barrier to sound. Our previous studies show that masks attenuate mid-to-high-range fre-
quency content and reduce vowel articulatory space. Mask-wearing healthcare workers also report significant increases in vocal effort
compared to unmasked speech, as well as increased vocal effort at the end of their workday. Increased vocal effort co-occurred with a
reduction in relative fundamental frequency (RFF) offset cycle 10—an acoustic indicator of vocal effort and laryngeal tension. With this
in mind, we developed recommendations to help overcome some of the challenges of masked communication, with a specific focus on
vocal health maintenance. A small pilot study in mask-wearing healthcare providers found that providers were able to learn and recall
vocal health information with >90% accuracy over one week and implement 4 out of 6 vocal recommendations into their workday. RFF
offset cycle 10 improved (Cohen’s d=0.25) following strategy implementation. More research in a larger group of providers is needed
to understand the long-term effects of mask-wearing on vocal health, and the behavioral strategies healthcare workers can use to prevent
voice problems.

11:25

2aSC6. Barriers to successful communication between healthcare providers and patients. Tessa Bent (Speech, Language, and Hear-
ing Sci., Indiana Univ., 2631 East Discovery Parkway, Bloomington, IN 47408, tbent@iu.edu), Melissa M. Baese-Berk (Univ. of Ore-
gon, Eugene, OR), Erica E. Ryherd (Architectural Eng., Univ. of Nebraska - Lincoln, Omaha, NE), and Natalie Manley (Div. of
Geriatrics, Gerontology and Palliative Medicine, Univ. of Nebraska Med. Ctr., Omaha, NE)

Effective communication between healthcare providers and patients is crucial for optimal health outcomes yet barriers exist that may
decrease successful information transfer. In this talk, we provide an overview of our research program that brings together two central
challenges for provider-patient communication: the acoustic environment and the linguistic characteristics of the speech. We describe a
corpus of medically-related sentences, varying in their frequency and familiarity characteristics. We evaluated the intelligibility of these
sentences in quiet, speech-shaped noise, and hospital noise for both young and older adults. Results demonstrated that combining low
familiarity words with any noise source causes steep word recognition declines for both listener groups, and that older, but not young,
adults had more word recognition difficulties in hospital noise compared to speech-shaped noise. In the future work, we are extending
these studies to investigate comprehension and recall of orally presented health information for different populations (e.g., nonnative
speakers) under a range of conditions (e.g., audio-visual, speakers wearing masks). These investigations integrate research on hospital
soundscapes with foundational concepts from the speech perception literature to address a crucial real-world context. [Supported by U
Institute for Advanced Study and James S. McDonnell Foundation.]
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Session 2aSP

Signal Processing in Acoustics and Structural Acoustics and Vibration:
Active Control of Sound and Vibration (Hybrid Session)

Yangfan Liu, Cochair
Purdue Univ., Ray W. Herrick Labs., Purdue Univ., 177, South Russell St., West Lafayette, IN 47907-2099

Scott D. Sommerfeldt, Cochair
N249 ESC, Brigham Young Univ., Provo, UT 84602
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Invited Papers

8:05

2aSP1. Active structural acoustic control using the weighted sum of spatial gradients method. Scott D. Sommerfeldt (Dept. of
Phys. and Astronomy, N249 ESC, Brigham Young Univ., Provo, UT 84602, scott_sommerfeldt@byu.edu), Jonathan D. Blotter (Dept.
of Mech. Eng., Brigham Young Univ., Provo, UT), Pegah Aslani (Consumer and Clinical Radiation Protection Bureau, Health Canada,
Provo, UT), and Yin Cao (Dept. of Intelligent Sci., Xi-an Jiaotong-Liverpool Univ., Provo, UT)

Active structural acoustic control focuses on implementing vibration-based control on a structure with the objective of achieving
attenuation of the radiated acoustic field. It has been shown that utilizing control metrics that are integrally associated with the desired
control result will generally lead to greatly improved control results. The weighted sum of spatial gradients (WSSG) method has been
developed to provide global attenuation of the acoustic field radiated from a structure. It utilizes multiple spatial gradients that form the
control metric, and which are correlated with various radiation mechanisms associated with the structure. The WSSG method will be
briefly overviewed and the implementation of the method will be discussed. It will also be shown that the method is related to the con-
cept of acoustic radiation modes, which have been used to describe radiation from structures. The WSSG method has been applied to
several types of structures, and both computational and experimental results will be shown for flat plates and cylindrical shells to demon-
strate the effectiveness of the control method.

8:25

2aSP2. Manifold learning for global active noise control: Sensor interpolation. Bo-Ru Lai (National Tsing Hua Univ., Hsinchu, Tai-
wan), You-Siang Chen (Power Mech. Eng., National Tsing Hua Univ., No. 101, Section 2, Kuang-Fu Road, Hsinchu, Taiwan, Hsinchu
30013, Taiwan, s108033851@m108.nthu.edu.tw), and MingSian Bai (National Tsing Hua Univ., Hsinchu, Taiwan)

To achieve global control, unmeasured frequency responses (FRs) of a control source and preselected control points are required. In
this paper, sensor interpolation (SI) approaches based on plane wave decomposition (PWD), kernel ridge regression, deep neural net-
work (DNN) are presented. A broadened control region encompassing a large number of measured and fictitious control points can be
obtained using the SI techniques. PWD is a two-stage procedure that begins with trimming down plane wave components, followed by
an extraction of the associated complex amplitudes. In kernel ridge regression, a reproducing kernel in the Hilbert space (RKHS) is uti-
lized to interpolate continuous relative transfer functions. The DNN-based SI approach is inspired by the kernel method. Convolutional
neural networks and the like are exploited to interpolate the FRs at the fictitious points. Simulations are conducted for a thirty-micro-
phone uniform linear array. From the results, an excellent fit between the FRs at the fictitious points and the ground truth generated by
the image source method can be obtained below the spatial aliasing frequency. The efficacy of the interpolated FRs in relation to global
control is demonstrated via an example of feedforward active noise control using a linear loudspeaker array.
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Contributed Paper

8:45

2aSP3. A constrained adaptive active noise control filter design method
via online convex optimization. Yongjie Zhuang (Mech. Eng., Purdue
Univ., Ray W. Herrick Labs., 177 S, Russell St., West Lafayette, IN 47907,
zhuang32@purdue.edu) and Yangfan Liu (Mech. Eng., Purdue Univ., West
Lafayette, IN)

In practical active noise control (ANC) applications, various types of
constraints may need to be satisfied, e.g., robust stability, disturbance
enhancement, and filter output power constraint. Some adaptive filters such
as leaky LMS have been developed to apply required constraints indirectly.
However, when multiple constraints are required simultaneously, satisfac-
tory noise performance is difficult to achieve by tuning only one leaky

factor. Another filter design approach that may achieve better noise control
performance is to solve a constrained optimization problem. But the compu-
tational complexity of solving such a constrained optimization problem for
ANC applications is usually too high even for offline design. Recently, a
convex optimization reformulation is proposed which significantly reduces
the required computational effort in solving constrained optimization prob-
lems for active noise control applications. In the current work, a constrained
adaptive ANC filter design method is proposed. The previously proposed
convex formulation is improved so that it can be implemented in real-time.
The optimal filter coefficients are then redesigned continuously using online
convex optimization when the environment is time-varying.

Invited Papers

9:00

2aSP4. An online identification method for virtual sensing in ANC system. Shota Toyooka (Faculty of Eng. Sci., Kansai Univ., 3-3-
35,Yamatecho, Suita-shi, Osaka-fu 564-8680, Japan, k927766@kansai-u.ac.jp) and Yoshinobu Kajikawa (Faculty of Eng. Sci., Kansai
Univ., Suite-shi, Osaka-fu, Japan)

Active noise control (ANC) system generates anti-noise with the same amplitude and opposite phase to reduce unwanted acoustic
noise based on acoustic wave superposition. In general, ANC can generate a zone of quiet (ZoQ) around the error microphone position.
However, if the microphone cannot be placed at the desired position, the reduction effect may not be sufficient in the desired position. In
such a case, we need to use the virtual sensing method to achieve noise reduction at the desired position without placing the physically
microphone. In virtual sensing method, secondary path variation can significantly degrade performance, and secondary path modeling
errors can cause the system to diverge. In this presentation, we introduce a new online identification method for auxiliary filter-based vir-
tual sensing in ANC system. Virtual sensing with online identification requires re-estimation of not only the secondary path but also the
auxiliary filters. The proposed online identification method has the capability of online identification of auxiliary filters in addition to the
conventional online identification of secondary paths. We show that through computer simulations the noise reduction can be maintained
by applying the proposed online identification method even when the secondary path varies.

9:20-9:30 Break

Contributed Paper

9:30

2aSP5. Automatic speech recognition for unmanned aerial vehicles.
Gamal Bohouta (Elect. & Comput. Eng. Dept., Florida Inst. of Technol.y,
220 E Univ. Blvd, apt 701, Melbourne, FL 32901, gidris2015@mye.fit.
edu)

Unmanned aerial vehicles (UAVs), also known as unmanned aerial sys-
tems (UASs), are quickly becoming a ubiquitous technology, poised to enter
some key large-scale markets in the very near future. Fleets of such vehicles
will be required in these large-scale deployments for commercial, industrial,
and emergency response, along with the ability to efficiently control these
fleets. Voice control and communication between human operators and
these fleets will become imperative. This paper explores the framework for
building an automatic speech recognition (ASR) use to the control of
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unmanned aerial vehicles (UAVs). The ARS system will be used by Aero-
nyde Corporation to fully-autonomous fleets with minimal human interven-
tion. Aeronyde Corporation is working to shift and advance the current
industry thinking of unmanned platforms from Remotely Piloted Aircraft
(RPA) to fully-autonomous fleets with minimal human intervention. The
Aeronyde Avionics package enables a single operator to control and monitor
missions of many drones in real time anywhere in the world. The “1 Pilot —
Many Drones” approach to aerial data collection is revolutionary for Big
Data aggregation and analytics of the 4th Industrial Revolution. Multi-UAV
autonomous aerial systems will transform data acquisition for many com-
mercial applications, including: agriculture and forestry, railroad inspec-
tions, pipeline inspections, powerline inspections, windmill inspections,
terrain mapping, search and rescue, firefighting and police work, and border
patrol.
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9:45

2aSP6. A directional active noise control algorithm based on all-pass/minimum phase decomposition. Yiming Wang (Purdue
Univ., 2120 McCormick Rd., apt 711, West Lafayette, IN 47906, wymchihiro@gmail.com) and Yangfan Liu (Purdue Univ., West
Lafayette, IN)

In this paper, we propose the design of a directional active noise control (ANC) system, which can suppress the noise coming from
one specific direction without affecting the noise coming from other directions. The proposed directional ANC system integrates the
sound extraction feature of a beamforming system with the active noise canceling feature of an ANC system. Instead of using the signals
collected by the reference microphones as the reference signals directly, the directional ANC system uses the signal filtered by carefully
designed minimum phase beamforming filters as the new reference signal, in which the noise signal coming from the look-direction of
the beamformer is enhanced and at the same time noise signals coming from other directions are suppressed. Usually, the filtered signal
of a beamforming system cannot be used as the reference signal of an ANC system because the delays introduced by the beamforming
process degrade the performance of the ANC system. To resolve the problem, a spectral factorization technique is introduced and used
to extract the minimum phase component of the beamforming filters which decreases the required delays of the beamforming system.

10:05

2aSP7. An active noise control filter design method based on machine learning algorithms. Dan Ding (Ancsonic Co., Ltd., Kexing
Sci. Park D3-801, Shenzhen, Guangdong 518000, China, dingdan@ancsonic.com), Peisheng Wang (Beihang Univ., Shenzhen, China),
and Yiming Wang (me, Purdue Univ., West Lafayette, IN)
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Filter design is the essential problem in active noise control. In the case of FIR filter design, the whole problem can be formulated as
a convex optimization. In practice, limited by computation capability, IIR filters are preferred but more challenging to design. On the
one hand, the existence of zeros could cause instablity; on the other hand, the problem can not be formulated as a convex optimization
problem. This work introduces a new IIR filter design method, which stablizes the system by modeling the ANC controller as casade
parametric biquadratic IIRs and optimizes their cofficients by using machine learning algorithms. A neural network with zero input but
learnable bias and network weights is used to generate the filter coefficients; and the loss function consists of a reward term for reducing
noise and penalty terms for breaking the constraints. Training the neural network with gradient based machine learning algorithm
directly leads to a group of coefficients that achieves good ANC performance and is subject to given constraints. It turned out that no big
and deep neurual network is required for this method to perform well and therefore it is computationally efficient. Experiments showed
that the proposed method was able to consistently yield good ANC filters for a variety of given acoustical environments.

Contributed Paper

10:25 Covid-19, it has become common to have space partitions at face-to-face
service locations, for example, places providing food or banking services,
for the prevention of virus spread. However, the degraded conversation
sound quality caused by these partitions can negatively affects the service
quality. A multi-channel active hear-through system is developed in the cur-
rent work to provide a solution to provide more realistic sound environments

2aSP8. A multi-channel hear-through filter design approach and its
applications. Juhyung Kim (Mech. Eng., Purdue Univ., 325 S Chauncey
Ave., West Lafayette, IN 47906, kim2714@purdue.edu), Yongjie Zhuang
(Mech. Eng., Purdue Univ., West Lafayette, IN), and Yangfan Liu (Purdue

Univ., West Lafayette, IN)

Sound characteristics change when propagating through materials and
structures, such as vehicle cabins or space partitions. These structures usu-
ally block the sound propagation path and cause significant distortion to the
sound heard by the other side of the structures while, in many applications,
clear speech communication is needed. Especially during the Pandemic of

A99 J. Acoust. Soc. Am., Vol. 152, No. 4, Pt. 2, October 2022

for conversation through partitions which can preserve both the spectrum
and the spatial distribution of the original sound field. This would also be
useful for the improvement of augmented reality experiences and sound
transmission quality in divided spaces. Compared with a direct inverse filter
design, the coupling effect across channels and the superposition effect of
original and reproduced sound are considered in the proposed method.
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Session 2aUW

Underwater Acoustics and Acoustical Oceanography: Mud Acoustics I

Charles W. Holland, Cochair
Elec. and Comput. Eng., Portland State Univ., Portland, OR 97207

Stan Dosso, Cochair
School of Earth and Ocean Sci., Univ. of Victoria, Victoria V8W 2Y2, Canada

Allan D. Pierce, Cochair
Retired, PO Box 339, 399 Quaker Meeting House Rd., East Sandwich, MA 02537

Chair’s Introduction—8:00

Invited Papers

8:05

2aUWI. “Mud acoustics” and the ocean acoustics program. Kyle M. Becker (Office of Naval Res., 875 N Randolph St., Arlington,
VA 22203, kyle.beckerl@navy.mil), Robert H. Headrick, and Thomas C. Weber (Office of Naval Res., Arlington, VA)

Shallow water acoustics is one of the major thrusts of the Office of Naval Research Ocean Acoustics Program and has been an im-
portant area of interest to Navy programs since at least the work of Pekeris, Ewing, and Worzel in the 1940’s. In the 1950’s and early
1960’s, there was a flurry of activity both in the US and UK focused on propagation within and reflection from the seabed and the acous-
tical characteristics marine sediments. This work formed the basis of a research program carried out by the applied ocean acoustics
branch of the acoustics division at the Naval Research Laboratory in the 1970’s. In April 1991, with the Cold War coming to an end,
and a shift in interest from blue water to the littorals, ONR sponsored a workshop on shallow water acoustics at the Woods Hole Oceano-
graphic Institution. This meeting, including underwater acousticians, geologists, geophysicists, and physical oceanographers, largely set
the stage for the next 30 years of shallow water acoustics research supported by ONR. Prominent efforts include the ONR Geoclutter
Program and the Shallow Water 2006 experiments, both focused on regions dominated by sandy bottoms. This talk describes more
recent efforts in regions characterized by muddy bottoms.

8:30

2aUW2. Overview of the seabed characterization experiment. Preston S. Wilson (Walker Dept. Mech. Eng. and Appl. Res. Labs.,
The Univ. of Texas at Austin, 204 East Dean Keeton St., Mail Stop: C2200, Austin, TX 78712-0292, pswilson@mail.utexas.edu) and
David P. Knobles (Phys., Knobles Sci. and Anal., Austin, TX)

The seabed characterization experiment (SBCEX) is a multi-disciplinary, multi-institutional international research project devoted to
the following scientific goals: (1) to understand the physical mechanisms that control acoustic propagation in fine-grained sediments, (2)
to quantify uncertainties in the estimation of seabed parameters, (3) to correlate the observed horizontal variations in the acoustical field
with the measured horizontal variability of the seabed, and (4) to assess the performance of the resulting geoacoustic models, inversions,
and statistical inference methods. To facilitate these scientific goals, research cruises were undertaken in 2015, 2016, 2017, 2021, and
2022 primarily at a site known as the New England Mud Patch. The work of the project through 2019 was documented in a special issue
of the IEEE Journal of Oceanic Engineering, Vol. 45, No. 1 that appeared in January 2020, as well as in peer-reviewed papers in other
journals. Here a brief overview of the results through the 2020 special issue will be presented, as well as an overview of the new field
work competed in 2021 and 2022. [Work supported by ONR.]

8:55

2aUWa3. Geologic processes in marine “muddy” sediments. Jason Chaytor (U.S. Geological Survey, Woods Hole Coastal and Marine
Sci. Ctr., Woods Hole, MA, jchaytor@usgs.gov)

Marine muds, or “muddy” sediments, represent a broad range of sediments containing a mix of clay and silt size components, often
with some smaller amount of sand sized and larger material. Sediments characterized by these broad definitions comprise most of the
modern global seafloor, except for areas proximal to terrigenous inputs, such as continental shelves and glacial margins, which can
receive and retain a higher proportion of coarser sediment. Beyond the coastal zone, the distribution of marine sediments is driven by a
combination of geological, biological, and physical oceanographic processes that themselves are a response to variations in environmen-
tal conditions (e.g., global climate, nutrient availability, tectonics, terrestrial erosion). At the local scale, sediment source variation, sea-
floor bathymetry, primary transport and near-bed currents, resuspension and reworking, and bioturbation contribute to the short- and
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long-term geologic nature of marine muds. The structure, quantitative compositional descriptions, and physical properties of marine
muds from several environments will be compared and the techniques used to analyze them will be presented. New methods that may
facilitate an improved understanding of the role and importance of muddy seafloor and shallow sub-seafloor sediments in influencing the
acoustic environment will be highlighted.

9:20

2aUW4. The role of biological processes in muddy sediments. Kelly M. Dorgan (Dauphin Island Sea Lab., 101 Bienville Blvd., Dau-
phin Island, AL 36528, kdorgan@disl.org) and W. Cyrus Clemo (Dauphin Island Sea Lab., Dauphin Island, AL)

Muddy sediments are inhabited by diverse communities of animals that burrow, construct and irrigate tubes, ingest and egest sedi-
ments, and produce hard structures such as shells and exoskeletons. These infaunal animals mix sediments through bioturbation and
modify the physical properties of sediments. Bulk density can be increased through compaction along burrow walls and production of
compact fecal pellets or decreased by excavation of burrows and mixing of compacted sediments. Burrows and other biogenic structures
can increase heterogeneity and consequently sound attenuation. Characterization of infauna using functional groups based on how their
activities and body types atfect their sediment environments can simplify the diversity of these animals. Some species, such as those that
build tubes from shell fragments, have a disproportionately large impact on acoustics. Both infaunal and microbial communities feed on
and modify the organic matter in muds, which may affect grain-grain interactions. Understanding the effects of biological processes on
acoustics is important in interpreting acoustic data both in the upper layer of sediments and in deeper layers in which paleo-biological
activities are preserved as well as in using acoustics as a tool for studying infaunal communities and their activities.

9:45
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2aUWS5. Quantifying data information content to resolve seabed structure in geoacoustic inversion. Stan Dosso (School of Earth
and Ocean Sci., Univ. of Victoria, Victoria, British Columbia V8W 2Y2, Canada, sdosso@uvic.ca), Charles W. Holland (Elec. and
Comput. Eng., Portland State Univ., Portland, OR), Julien Bonnel (Woods Hole Oceanogr. Inst., Woods Hole, MA), Dag Tollefsen (FFI,
Horten, Norway), Yong-Min Jiang (School of Earth and Ocean Sci., Univ. of Victoria, Victoria, British Columbia, Canada), and Jan
Dettmer (Dept. of Geosci., Univ. of Calgary, Calgary, Alberta, Canada)

This paper considers the importance of quantitative model selection and general parameterizations in estimating and interpreting
seabed profiles in geoacoustic inversion, with application to data collected on the New England Mud Patch. In particular, the seabed
structure that can be resolved depends on the information content of the acoustic data set under consideration, which varies with a num-
ber of factors, including the physics of the seabed acoustic interaction, frequency content of the data, and measurement and theory errors.
Quantitative model selection applied to general parameterizations ensures the inclusion of seabed structure that is reliably sensed by the
data while avoiding spurious structure. Data sets considered here include ship noise, modal dispersion, and wide-angle reflection coeffi-
cients. In each case, seabed models consistent with the data information content are estimated as part of the inversion using trans-dimen-
sional and/or Bernstein-polynomial parameterizations. Results for all data sets indicate a low sound-speed mud layer over higher-speed
sand; however, the ability to resolve structure within the mud layer, such as a transition to higher speeds near the mud base and possibly
a weak positive gradient in the upper mud, depends on the information content of the various data sets. [Supported by the Office of
Naval Research.]

10:10-10:25 Break

Contributed Papers

10:25 the upper tens of centimeters of sediment near the water-seabed interface.
The design and operation of these measurement platforms will be described,

2aUWG. In situ acoustic coring systems for investigating the acoustic along with their capabilities and limitations. Some representative results

and physical properties of mud. Kevin M. Lee (Appl. Res. Labs., The
Univ. of Texas at Austin, 10000 Burnet Rd., Austin, TX 78758-4423, klee@
arlut.utexas.edu), Megan Ballard, Andrew R. McNeese, Geno Gargas (Appl.
Res. Labs., The Univ. of Texas at Austin, Austin, TX), Dante D. Garcia, and
Preston S. Wilson (Appl. Res. Labs. and Walker Dept. of Mech. Eng., The
Univ. of Texas at Austin, Austin, TX)

from field deployments of these systems will be presented. [Work sponsored
by ONR.]

10:40

2aUW7. Direct measurements of acoustic and physical properties in
mud and comparison to sediment acoustics models. Kevin M. Lee (Appl.
Res. Labs., The Univ. of Texas at Austin, 10000 Burnet Rd., Austin, TX
78758-4423, klee@arlut.utexas.edu), Megan Ballard (Appl. Res. Labs., The
Univ. of Texas at Austin, Austin, TX), Preston S. Wilson (Mech. Eng. and
Appl. Res. Labs., The Univ. of Texas at Austin, Austin, TX), Gabriel R.
. N ; Venegas (Ctr. for Acoust. Res. and Education, Univ. of New Hampshire,
trate the seabed to obtain spatially localized depth-dependent records of Durham, NH), Kelly M. Dorgan (Dauphin Tsland Sea Lab., Dauphin Tsland,

compressional and shear waves in the sediment. When such measurements AL), and Jason Chaytor (United States Geological Survey, Woods Hole
are coupled with conventional coring techniques, sediment samples can be M A; ’ ’

collected from the propagation path between probes, allowing for compari-

In situ measurements of compressional and shear wave speed and
attenuation provide direct characterization of marine sediment acoustic
properties at near ambient conditions, as opposed to measurements that are
conducted on samples removed from the seabed. Probe-based acoustic mea-
surement techniques utilize piezoelectric sources and receivers that pene-

son between the in situ acoustic records and quantities obtained from ex situ
core analyses, such as porosity, grain size, or organic matter. Two acoustic
coring measurement systems have been developed to investigate the acous-
tic, physical, and biological properties of soft sediment—the acoustic coring
system, a gravity-corer-based platform capable of penetrating the seabed up
to several meters, and the acoustic multi-corer, a seabed lander that samples
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Sediment acoustics models relate seabed physical properties to acoustic
wave speed and attenuation, and direct measurements of sediment acoustic
and physical properties provide a means to test such models. We examine
direct measurements from two field experiment sites with muddy sediments
that contain different ratios of clay, silt, sand, and organic components,
comparing the acoustic data with sediment acoustic model predictions using
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parameters obtained from cores as model inputs. In the New England Mud
Patch, sediment sound speed profiles up to several meters below the seabed
surface were measured using in situ acoustic probes mounted to a gravity
corer. At a second site near Mobile Bay, in situ probe measurements of
sound speed, attenuation, and shear speed were obtained in the upper 20 cm
of sediment, and diver cores were collected and scanned with an acoustic
core logger. Sediments from both sites were analyzed for porosity and grain
size distribution. The applicability of various models to the mud found at
each site will be discussed, as well as effects of infauna and organic matter,
which were also measured, but are not explicitly included in the models.
[Work sponsored by ONR.]

10:55

2aUWS8. Use of the rupture induced, underwater sound source in the
New England mud patch. Andrew R. McNeese (Applied Res. Labs., The
Univ. of Texas at Austin, 10,000 Burnet Rd., Austin, TX 78758, mcneese@
arlut.utexas.edu), Preston S. Wilson, Dante D. Garcia (Mech. Eng. and
Appl. Res. Labs., The Univ. of Texas at Austin, Austin, TX), Julien Bonnel
(Woods Hole Oceanogr. Inst., Woods Hole, MA), James H. Miller (Ocean
Eng., Univ. of Rhode Island, Narragansett, RI), Gopu R. Potty (Dept. of
Ocean Eng., Univ. of Rhode Island, Narragansett, RI), and Charles W. Hol-
land (Electr. and Comput. Eng., Portland State Univ., Portland, OR)

The rupture induced, underwater sound source (RIUSS) is a device
utilized in underwater acoustics experiments and surveys to create high
amplitude, broadband acoustic pulses. The device functions by placing a
rupture disk over an evacuated chamber and mechanically breaking the disk
(either by striking on demand or via hydrostatic pressure) at a specified
depth to initiate a volume collapse that produces an impulsive acoustic
waveform. A new configuration of the device has been developed such that
multiple chambers can simultaneously be deployed along with acoustic and
oceanographic recorders. This device was deployed in the New England
Mud Patch in support of the 2022 seabed characterization experiment along
with a variety of acoustical recorders to investigate the frequency depend-
ent, geoacoustic properties of the muddy seabed. Discussion will focus on
the newly developed source and the various methods for which the source
was configured and deployed in support of the experimental requirements.
Results from a number of measurements will be discussed to demonstrate
the ability of the source to generate long-range propagation signals, create
interface waves in the seabed, and facilitate novel methods of measuring the
angle of intromission within the seabed. [Work Supported by ONR.]

11:10

2aUWO9. Broadband core and resonance logger measurements of sound
speed and attenuation in the New England mud patch. Gabriel R. Vene-
gas (Ctr. for Acoust. Res. and Education, Univ. of New Hampshire, 8 Col-
lege Rd., Durham, NH 03824, g.venegas@unh.edu), Kevin M. Lee, Megan
Ballard, Andrew R. McNeese (Appl. Res. Labs., The Univ. of Texas at Aus-
tin, Austin, TX), and Preston S. Wilson (Walker Dept. of Mech. Eng., The
Univ. of Texas at Austin, Austin, TX)

Extensive measurements of sound speed and attenuation have been per-
formed on sandy sediments over the last few decades, which have motivated
a variety of physical sediment acoustics models. Recently, the seabed char-
acterization experiment (SBCEX) was performed in 2015-2017, in part, to
quantify the geoacoustic properties of a clayey-silt accumulation, known as
the New England Mud Patch (NEMP). Due to the variability and frequency
range reported by the various direct measurements and geoacoustic inver-
sions, the sound speed measured in the NEMP lacked any noticeable fre-
quency dependence. In 2022, an additional coring cruise was completed in
the NEMP area and included shipboard core and resonance logger (CARL)
measurements, expanding upper limit of the band to 1 MHz. CARL
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measured sound speed and attenuation as a function of depth from 100 kHz
to 1 MHz using a time-of-flight technique, and sound speed along the entire
core length from 12 kHz to 16 kHz using a resonance technique. Positive
dispersion and depth dependance was observed in the 200 kHz to 1 MHz
band. The frequency and depth dependence of the CARL measurements
will be presented and compared with previously published model fits to the
2015-2017 SBCEX dataset. [Work sponsored by ONR.]

11:25

2aUW10. Acoustic seabed characterization with autonomous under-
water vehicles. Ying-Tsong Lin (Woods Hole Oceanogr. Inst., 266 Woods
Hole Road, Woods Hole, MA 02543, ytlin@whoi.edu), Jason Chaytor (U.S.
Geological Survey, Woods Hole, MA), Gregory Packard, Tzu-Ting Chen,
and Natalie Kukshtel (Woods Hole Oceanogr. Inst., Woods Hole, MA)

Autonomous underwater vehicles (AUVs) have been proven to be useful
platforms to for acoustic seabed surveys with a variety of sonar systems. In
this talk, results from two recent field experiments will be presented. One of
the experiments was conducted in the New England shelf and upper slope
areas using an AUV equipped with a towed hydrophone array and a 3.5 kHz
sound source. The objective was to study the fine grained sediment (mud)
layer on the shelf and the mutli-layer sub-bottom stratigraphy on the upper
slope. The highlight of this first experiment is on the internal reflections
from the mud layer at lower grazing angles, as well as the sub-bottom layer-
ing structure near a submarine landslide site. The other experiment took
place at the Atlantis II Seamounts, and a deep water AUV was utilized with
payloads including a multibeam echosounder, a sidescan sonar, a sub-bot-
tom profiler, and a still image camera. The objective was to investigate the
seafloor condition on the seamount summit plateau, of which the area is
about 15 km x 5 km. Survey results showing sediment distributions and
benthic marine life habitats will be presented. [Work supported by the
Office of Naval Research.]

11:40

2aUW11. Impacts of infauna on sediment heterogeneity and acoustic
propagation. Kelly M. Dorgan (Dauphin Island Sea Lab., 101 Bienville
Blvd., Dauphin Island, AL 36528, kdorgan@disl.org), Madeline R. Frey,
W. Cyrus Clemo (Dauphin Island Sea Lab., Dauphin Island, AL), Gabriel
R. Venegas (Ctr. for Acoust. Res. and Education, Univ. of New Hampshire,
Durham, NH), Kevin M. Lee, Megan Ballard (Appl. Res. Labs., The Univ.
of Texas at Austin, Austin, TX), and Preston S. Wilson (Mech. Eng. and
Appl. Res. Labs., The Univ. of Texas at Austin, Austin, TX)

The sea floor is inhabited by diverse communities of animals that mix
sediments through bioturbation and modify the physical properties of sedi-
ments. Infaunal activities, such as burrowing, construction of burrows and
tubes, and ingestion and compaction of sediments into fecal pellets, can
compact and dilate sediments and change grain size distribution on small
scales. These impacts increase heterogeneity of sediment structure, poten-
tially leading to increased acoustic attenuation, especially at higher frequen-
cies, and increased variability in sound speed. We examined the impacts of
infaunal communities from Mobile Bay, AL, and the New England Mud
Patch on acoustic properties of sediments through measurements on sedi-
ment cores collected at each site. We measured sound speed and attenuation
at six different orientations within a core and characterized the infaunal
community within the core to determine how infauna affect variability in
acoustic propagation. We hypothesize that infauna increase variability both
on very small scales, among orientations within a core, and on local scales,
among cores collected from the same site. These data are compared with
acoustic measurements over a broader frequency range to determine how
infauna affect variability in acoustic propagation both over different spatial
scales and across a range of frequencies.
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TUESDAY AFTERNOON, 6 DECEMBER 2022 SUMMIT A, 1:00 P.M. TO 5:10 P.M.

Session 2pAA

Architectural Acoustics, Musical Acoustics, and Signal Processing in Acoustics:
Recording Studios (Hybrid Session)

Bennett M. Brooks, Cochair
Brooks Acoust. Corp., 49 N. Federal Highway, #121, Pompano Beach, FL 33062

K. Anthony Hoover, Cochair
McKay Conant Hoover, 5655 Lindero Canyon Rd., Suite 325, Westlake Village, CA 91362

Chair’s Introduction—1:00

Invited Papers
=
o
L
1:05 =
[t
2pAAL. Evaluation of a rehearsal/recording room project for symphonic orchestra based on IS023591. Alexandre Maiorino ‘!\J‘.

(School of Music, Univ. Federal do Rio Grande do Norte, R. Cel. Joao Medeiros, Lagoa Nova, Natal, Rio Grande do Norte 59077-080,
Brazil, alexandre.maiorino@ufrn.br)

The School of Music of the Federal University of Rio Grande do Norte is one of the fewer Federal Institutions in Brazil that is
equipped with a recording studio attending a technical course in recording production. In 2021, the School of Music started a plan for its
expansion with the project of a 7-storey building that will house a recording studio connected with several rehearsal rooms. One of the
rooms was specifically planned to hold rehearsals and recordings of the UFRN Philharmonic Orchestra and the Big Band Jerimum Jazz.
The objective of this research is to show the procedures used to evaluate, during the planning processes, the acoustics of the Philhar-
monic’s rehearsal room using as reference the new standard ISO 23591. Results showed that it was possible to identify initial acoustical
problems and indicate solutions for the best modification of the space, even in the initial stages of the project. The room, with approxi-
mately 235 m? and 6 m in height, was readjusted to a height of 9 m so that the space could comply with the recommendations of the
standard. Next challenge will be to properly plan its isolation, since the new school library is above this room.

1:25

2pAA2. Satisfying curriculum and rewarding curiosity—A case study in recording studios for education, experimentation, and
verification. Alexander U. Case (Sound Recording Technol., Univ. of Massachusetts Lowell, 35 Wilder St., Suite 3, Lowell, MA 01854,
alex@fermata.biz)

While the acoustic performance goals of a recording studio in an academic setting have much in common with those of a commercial
studio, the school diverges quickly from the business. The owner, users, and activities unique to the academy shift and expand priorities,
motivating additionaldesign features. Students of audio learn to practice critical thinking informed by critical listening. It is not enough,
however, that recording studios for education offer spaces withbest-in-class acoustics for listening and sound recording. Present and
future generations of creative recordists must master problem solving that includes acoustic sleuthing, exploring a deliberately wide
vocabulary of sonic spaces on campus to prepare them for success working in the wide range of architectural forms that await them in
the course of future professional work. The snapshot of acoustic features presented here is the current solution to the ever-evolving cur-
ricular demands of one successful sound recording program.

1:45

2pAA3. Bigger than they appear: Electronic architecture in recording studios and what that means to the musician and engineer.
Russ Berger (RBDG, 2717 North Surrey Dr., Carrollton, TX 75006, russberger2@ gmail.com) and Mark Hornsby (RBDG, Plano, TX)

Technological advancements in electronic architecture (EA), and specific adaptations of that technology to the challenges of deploy-
ing it in small spaces, have made it an affordable application for recording studios. When combined with appropriate natural acoustics,
this approach can achieve acoustical results not possible by treatments alone. The apparent volume, surface treatments, and resulting
reverberant energy can be modified in real time beyond the constraints of the physical space, both for what the performer experiences
within the space, and for what the engineer can capture in a recording. As a follow up to a paper presented in Seattle 2021, captured
audio and video demonstrations from actual recording sessions of a variety of instrumentation and ensembles will illustrate EA’s practi-
cal use in the studio and what it means to the musician and the engineer.
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2:05

2pAA4. Virtual acoustics in a modern recording studio. Wieslaw Woszczyk (Music Res., McGill Univ., 527 Sherbrooke St., Room
A-636, Montreal, Quebec H3K 3G9, Canada, Wieslaw.Woszczyk@mcgill.ca), Richard King, Ying-Ying Zhang, and Aybar Aydin
(Music Res., McGill Univ., Montreal, Quebec, Canada)

Acoustical designs of recording studios have evolved over several decades to accommodate changes in the recording process/prac-
tice and in the available footprint of real estate. In many cases, special rooms were added to optimize acoustics for specific purpose:
drum rooms, piano rooms, vocal rooms, reverb chambers, serving to isolate sounds and thus achieve better control of balance, auditory
perspective, and sound color in recording. Today, workstations, plugins, and virtual acoustics setup allow for a replacement of the tradi-
tional design of a recording studio with one incorporating virtual acoustics that puts lesser demands on real estate. The talk will present
a modern approach to 3D recording based on virtual assets that permits both simultaneous and sequential processes in recording of music
while maximizing creative flexibility and acoustic experiences of artists.

2:25

2pAAS. A modern metric for acoustic clarity in critical listening environments. Andy Swerdlow (Criterion Acoust., 705 Central
Ave., Unit #4, New Providence, NJ 07974, aswerdlow@criterionacoustics.com)

Characteristics of acoustics in small rooms have become less mysterious, more predictable and measurements more common than in
past decades. Modern metrics for characterizing the acoustical performance of critical listening environments have not followed the
recent predictive improvements. An Acoustic Clarity metric with a variable time window (Rear Reflection Clarity, Crg) is proposed for
small (under approximately 200m3) critical listening environments such as recording studio control, mastering, film post, screening,
audiophile listening, and similar rooms. The variable time window is defined by the arrival time difference between direct sound and the
reflection from the rear wall, which is typically the strongest reflection and is opposite the on-axis response of the loudspeakers. Meas-
ured impulse response data collected in situ is presented and analyzed as case studies to characterize Cgrg. For simplicity, this presenta-
tion will focus on only the stereo components of surround-sound environments.

2:45-3:00 Break

3:00

2pAA6. Comparison of recording studio control room operational response measurements for single, stereo, and immersive
audio monitor configurations. Tiago F. Mattos (Brooks Acoust. Corp., 49 N. Federal Highway, # 121, Pompano Beach, FL 33062, tia-
gomattos@brooksacoustics.com) and Bennett M. Brooks (Brooks Acoust. Corp., Pompano Beach, FL)

Audio monitoring in recording studio control rooms has evolved continuously since the beginning of multitrack systems. In recent
years, control rooms have adapted to using multiple audio monitors (loudspeakers) needed for the immersive audio experience. The pri-
mary technical recommendations for determining the acoustical quality of a control room are given in EBU-TECH-3276 and ITU
BS.1116. The results of measuring the Operational Room Response Curve (ORRC) can differ significantly for only one audio monitor
operating compared to the two monitors required for stereo. For multichannel immersive audio configurations, there can also be signifi-
cant differences in the measured ORRC. A recent immersive system, known as Dolby Atmos, follows the Dolby Laboratories recom-
mendations which generally comply with the EBU/ITU specifications. The goal of this research is to analyze and compare the
measurements of the ORRC per the EBU/ITU/Dolby standards for various audio monitor configurations in a control room. These include
individual monitors operating alone, two monitors in a stereo configuration operating at the same time, and combinations of monitors in
the multichannel immersive audio system. The impact of the coupled system of room acoustics and multiple loudspeakers on the deci-
sion quality for the studio user will be addressed.

3:20

2pAA7. Measurement of recording studio control room operational response for various audio monitor configurations using a
binaural artificial head. Tiago F. Mattos (Brooks Acoust. Corp., 49 N. Federal Highway, # 121, Pompano Beach, FL 33062, tiagomat-
tos@brooksacoustics.com) and Bennett M. Brooks (Brooks Acoust. Corp., Pompano Beach, FL)

The primary technical recommendations for measuring the Operational Room Response Curve (ORRC) in a recording studio control
room, given in EBU-TECH-3276 and ITU BS.1116, imply the use of a single microphone located at the “reference listener position” as
well as other “worst case” locations. It is known that the results of measuring the ORRC in this way can differ significantly for only one
audio monitor (loudspeaker) operating compared to the two monitors required for stereo, and for multichannel immersive audio configu-
rations, such as Dolby Atmos. These differences can alter the way that program material will be perceived by the studio users (mix and
master engineers) who employ two ears to make production decisions, not one! It is proposed to use a binaural artificial head system for
ORRC measurements, to better simulate real-world listening conditions. This research analyzes and compares the measurements of the
ORRC made using the standard single microphone locations to measurements made using a binaural artificial head, for various monitor
configurations. The impact of these findings on the decision quality for the studio user will be addressed.

3:40

2pAAS8. Sound isolation of recording studios. K. Anthony Hoover (McKay Conant Hoover, 5655 Lindero Canyon Rd., Suite 325,
Westlake Village, CA 91362, thoover@mchinc.com)

Sound isolation to and from quality recording studios is critical to their success. Proper design based on informed understanding of
both airborne and structureborne transmission is essential, because retrofitting isolation can be challenging or even prohibitive, and
because one-size-fits-all recommendations may be unsatisfactory. This presentation will review some issues and evaluation methods that
help to guide successful, cost-effective designs. Also discussed will be examples including a world-class studio with remarkable history
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that was encroached by an expanded loud facility, floated constructions that were not actually floated, and an approach that has helped
to convince clients of the level of required isolation.

4:00

2pAA9. Non-cuboid iterative room optimizer. Peter D’ Antonio (Res., Redi Acoust., LLC, 262 Martin Ave., Highland, NY 12528, pe-
ter.dantonio@rediacoustics.com) and Rinaldi P. Petrolli (Res., Redi Acoust., LLC, Floriandpolis, Santa Catarina, Brazil)

The growing processing power of desktop and distributed cloud cluster computing is playing a larger role providing computational
architectural acoustic solutions. This presentation will provide a status update on the Non-cuboid Iterative Room Optimization software
called NIRO. It offers an iterative approach to full bandwidth optimization of critical listening rooms. The program uses a finite element
method (FEM), image source model (ISM), and non-dominating sorting genetic algorithm (NSGA) to simultaneously optimize the room
geometry of any shaped room, including boundary admittances, for any number of listeners and loudspeakers. It minimizes the weighted
sum of the modal response and speaker boundary interference response, the spatial uniformity around the mix position and reflections in
the reflection free zone (RFZ). With an optimal room setup, acoustical diffusors and absorbers with a specified resonant frequency, band-
width, and efficiency are added to the model to optimize the acoustic properties. A combination of FEM, ISM, and an additional geomet-
rical acoustics model is used to generate full bandwidth impulse responses. The RFZ, envelopment, reverberation time, low-frequency
response, and temporal decay are optimized and evaluated. Following the addition of HRTFs, stereo auralization can be generated. Proof
of performance and application examples will be presented.

4:20

2pAA10. The evolution of Blackbird Studio C. Peter D’ Antonio (RPG Acoust. Syst. LLC, 99 South St., Passaic, NJ 07055, pdanto-
nio@rpgacoustic.com) and George Maassenburg (Schulich School of Music, McGill Univ, Montreal, Quebec, Canada)

Starting in 2002 John and Martina McBride set out to create several small rooms, each one unique in design and technology. George
Massenburg (GM) was asked to coordinate the design of one of the rooms and given the mandate to make it the most advanced room
imaginable. GM specified that the room should offer an accurate monitoring environment for more than one listener, a reasonable pre-
sentation of how materials will sound in multiple circumstances outside of the space, a flexible environment that doesn’t compromise
musical and artistic contexts, an accurate representation of virtual sources (sources spread across one or more loudspeakers) to more
than one listener, a room with linear, supportive ambience, which as much as possible, has near-equal decay rates across as much of the
frequency spectrum as possible. In June 2004, GM contacted Peter D’ Antonio with a proposal to collaborate on a new surround music
monitoring/control/recording room, which became Studio C. The resulting diffusor design covering all four walls and ceiling, with cor-
ner bass absorption, will be presented. Since opening the room has been used successfully and has recently installed a Dolby Atmos sys-
tem. The presentation will also present user perceptions from 2005 to the present.

4:40-5:10
Panel Discussion
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TUESDAY AFTERNOON, 6 DECEMBER 2022

GRAND HALL A, 1:00 P.M. TO 3:50 P.M.

Session 2pAB

Animal Bioacoustics: General Topics in Animal Bioacoustics II—Marine

Alyssa W. Accomando, Chair
Biologic and Bioacoust. Res., National Marine Mammal Foundation, 2240 Shelter Island Dr .,
Ste. 200, San Diego, CA 92106

Chair’s Introduction—1:00

Contributed Papers

1:05

2pABI1. Assessing vocal activity patterns of leopard seals (Hydrurga lep-
tonyx) In the Bransfield Strait, Antarctica using machine learning.
Andrea Bonilla-Garzon (K. Lisa Yang Ctr. for Conservation Bioacoust.,
Cornell Univ., 159 Sapsucker Woods Rd., Ithaca, NY 14850, nab242@cor-
nell.edu), Shyam Madhusudhana (K. Lisa Yang Ctr. for Conservation Bioa-
coust., Cornell Univ., Ithaca, NY), Robert P. Dziak (Pacific Marine
Environ. Lab., NOAA, Newport, OR), and Holger Klinck (K. Lisa Yang
Ctr. for Conservation Bioacoust., Cornell Univ., Ithaca, NY)

Leopard seals (Hydrurga leptonyx) are widely distributed pack-ice seals
in Antarctic and sub-Antarctic waters. As apex predators, these animals play
a crucial role in the Southern Ocean food web. Data on population-level
changes in their abundance and distribution may be a useful indicator of
ecosystem-level changes in this unique and fragile environment. Over the
past few decades, many studies have conclusively shown that passive acous-
tic monitoring (PAM) is an effective tool to monitor the abundance and dis-
tribution of vocally active marine mammals in remote and inaccessible
areas for extended periods. However, handling and analyzing the vast
amount of PAM data being collected remains challenging. Within the scope
of this effort, we explored the use of a machine learning algorithm (convolu-
tional neural network; CNN) to automatically detect the ‘low double trill’;
one of the most common leopard seal vocalizations, in three years of contin-
uous acoustic data recorded in the Bransfield Strait, Antarctica between
2005 and 2008. After optimizing the algorithm, we evaluated its detection
performance on various temporal scales (weeks, days, hours) to assess if
CNNs are useful for monitoring leopard seal populations at ecologically rel-
evant scales in the Southern Ocean.

1:20

2pAB2. Automatic detection and classification system based on convolu-
tional neural networks for bearded seal vocalizations in Alaska. Chris-
tian D. Escobar-Amado (Electr. and Comput. Eng., Univ. of Delaware, 139
The Green, Newark, DE 19716, escobarc@udel.edu) and Mohsen Badiey
(Electr. and comput. Eng., Univ. of Delaware, Newark, DE)

Bearded seal vocalizations were recorded by four spatially separated
receivers on the Chukchi Continental Slope in Alaska in 2016-2017.
Bearded seals vocalizations are often analyzed manually or by using auto-
matic detections that are manually validated. An automatic detection and
classification system (DCS) based on convolutional neural networks
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(CNNs) is proposed. The DCS is divided into two sections. First, regions of
interest (ROI) containing potential bearded seal calls are detected through a
2D normalized cross-correlation of the measured spectrogram and a repre-
sentative template of the two calls of interest considered in this work. Sec-
ond, CNNs are used to classify the ROIs to determine if they are noise or a
specified vocalization. The CNNs are trained on 80% of the ROIs manually
labeled from one of the recorders and validated on the remaining 20% with
a classification accuracy above 95.5%. When assessing the generalization
performance of the DCS, we tested on the remaining three recorders located
at different positions, obtaining a precision above 89.2% for the main class
of the two types of calls. This study provides evidence that CNNs are suita-
ble for classifying bearded seal vocalizations from ROIs found by classic
detection techniques. [Work supported by ONR via Grant No. N00014-18-
1-2140.]

1:35

2pAB3. Machine learning models can predict bottlenose dolphin health
status from whistle recordings. Brittany L. Jones (National Marine Mam-
mal Foundation, 2240 Shelter Island Dr. #200, San Diego, CA 92106, brit-
tany.jones@nmmf.org), Jeremy Karnowski (Univ. of California San Diego,
San Diego, CA), Jessica Sportelli, and Sam Ridgway (National Marine
Mammal Foundation, San Diego, CA)

Recently, there have been incredible strides in applying machine and
deep learning methods to predict the presence of disease states in humans
from recordings of voice. Pattern analyses of dolphin whistles have histori-
cally depended on human operators visually and audibly differentiating
between sound types. The training and implementation of machine and deep
learning strategies for audio analyses reduce human bias and may improve
feature detection. Our team at the Navy Marine Mammal Program in San
Diego, CA has developed a substantial vocal catalog of whistle recordings
for a group of focal dolphins. Additionally, an extensive health history data-
base for each animal is maintained as part of a preventive medicine pro-
gram. Together, these result in a unique, labeled dataset comprised of tens
of thousands of whistles (input) emitted during differing health states (out-
put) that have been leveraged for training machine and deep learning models
to classify health status from whistles. We present preliminary results that
suggest that health information may be encoded across dolphin whistle char-
acteristics, similar to changes in the human voice. Further, we describe the
applied goals for testing and implementing these innovative tools for early
predicting changes in dolphin health status from non-invasive recordings.
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1:50

2pAB4. Determining the spatial and temporal variability of false killer
whales (Pseudorca crassidens) and short-finned pilot whales (Globice-
phala macrorhynchus) in the Hawaiian Islands from passive acoustic
monitoring. Brijonnay Madrigal (Marine Mammal Res. Program, Univ. of
Hawai’i at Manoa, 46-007 Lilipuna Rd., Kaneohe, HI 96744, bcm2@
hawaii.edu), Jennifer L. McCullough (NOAA Pacific Islands Fisheries Sci.
Ctr., Honolulu, HI), Marc Lammers (Hawaiian Islands Humpback Whale
National Marine Sanctuary, NOAA, Kihei, HI), Erin Oleson (NOAA Pacific
Islands Fisheries Sci. Ctr., Honolulu, HI), Lars Bejder (Marine Mammal
Res. Program, Univ. of Hawai’i at Manoa, Kaneohe, HI), and Aude Pacini
(Marine Mammal Res. Program, Univ. of Hawai’i at Manoa, Kaneohe,
HI)

False killer whales (Pseudorca crassidens) and short-finned pilot whales
(Globicephala macrorhynchus) are resident, toothed whale species to the
Hawaiian archipelago. False killer whales are considered of high concern in
Hawai‘i with the insular population listed as endangered. Passive acoustic
monitoring (PAM) is an effective technique for studying these highly social
odontocete species on large temporal and geographical scales. Moored
hydrophones were deployed inside and outside Marine Protected Areas
(MPAs) through the SanctSound project, allowing leveraging of long-term
datasets to assess the acoustic behavior of these species within and beyond
the Hawaiian Islands Humpback Whale National Marine Sanctuary and
Papahanaumokuakea Marine National Monument. High Frequency Acoustic
Recording Packages (HARPs) (200 kHz SR) and SoundTraps (48 kHz SR),
recording on various duty cycles, were deployed between 2018-2022 within
MPAs (monument: n=51 months; sanctuary: n=76 months) and outside
MPAs (n=60 months). PAMGuard detectors were used to detect whistles,
clicks, and burst pulses. Detection features were extracted using the PAMpal
package and events classified to species using BANTER. Acoustic monitor-
ing provides key information about the value of MPAs and a better under-
standing of habitat use and behavior of these species.

2:05

2pABS. Acoustic density estimation of North Atlantic right whales
(Eubalaena glacialis) in Cape Cod Bay, MA, USA. Marissa Garcia (K.
Lisa Yang Ctr. for Conservation Bioacoustics, Cornell Univ., 159 Sapsucker
Woods Rd., Ithaca, NY 14850, mg2377@cornell.edu), Irina Tolkova
(School of Eng. and Appl. Sci., Harvard Univ., Cambridge, MA), Shyam
Madhusudhana (K. Lisa Yang Ctr. for Conservation Bioacoustics, Cornell
Univ., Ithaca, NY), Kaitlin Palmer (SMRU Consulting, Vacouver, British
Columbia, Canada), Ashakur Rahaman (K. Lisa Yang Ctr. for Conservation
Bioacoustics, Cornell Univ., Ithaca, NY), Scott Baker, Debbie Steel (Marine
Mammal Inst., Oregon State Univ., Newport, OR), Charles Mayo, Christy
Hudak (Ctr. for Coastal Studies, Provincetown, MA), and Holger Klinck (K.
Lisa Yang Ctr. for Conservation Bioacoustics, Cornell Univ., Ithaca,
NY)

With fewer than 400 individuals remaining, critically endangered North
Atlantic right whales (Eubalaena glacialis; NARWs) embody New Eng-
land’s foremost marine conservation challenge. In spring, a large portion of
the NARW population visits Cape Cod Bay (CCB), MA, USA, a critical for-
aging area. Traditionally, aerial surveys have documented the abundance
and distribution of NARWs in CCB. In this work, we employ passive acous-
tic monitoring to accomplish this task. This method offers a cost-effective
and largely automated approach toward improved temporal resolution of
observations. Regularly and universally produced by NARWSs of all ages
and sexes, the upcall vocalization serves as a proxy for NARW presence.
This contact call’s highly stereotyped signal structure renders it optimal for
detection through machine learning. From February to May 2019, five ma-
rine autonomous recording units (MARUs) continuously monitored the
underwater soundscape in CCB. Manual upcall annotations across 20 days
were used to evaluate a NARW automatic detector that ran over the full re-
cording duration. Multiple arrivals across the MARUs were then matched
through time-difference-of-arrival association. After estimating population-
level calling rates, NARW density in CCB was calculated across the season.
Results will be compared to visual survey observations conducted by the
Center for Coastal Studies.

2:20-2:35 Break
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2:35

2pAB6. Directional detection of simulated whale calls and ambient noise
in a busy harbour. Carolyn Binder (Defence Res. and Development Can-
ada, 9 Grove St., Dartmouth, Nova Scotia B2Y3Z7, Canada, carolyn.
binder@forces.gc.ca), Sean Pecknold (DRDC Atlantic Res. Ctr., Halifax,
Nova Scotia, Canada), Calder L. Robinson (Dartmouth, Nova Scotia, Can-
ada), and S. B. Martin (Halifax, JASCO Appl. Sci., Dartmouth, Nova Scotia,
Canada)

Timely information on marine mammal presence in, or near, sonar train-
ing areas can be used to minimize the risk of harming these animals.
Defence Research and Development Canada (DRDC) has recently been
investigating a variety of acoustic technologies to facilitate real-time marine
mammal monitoring in high noise (including ship noise and sonar signals)
environments. DRDC assessed the directional detection and localization
capability of a network of sub-surface volumetric and vertical line arrays
against the noisy backdrop of the busy harbour during an experiment con-
ducted in Bedford Basin, NS. Playbacks of Southern Resident killer whale
calls and North Atlantic right whale upcalls, as well as simulated calls, were
transmitted. To assess variability in bearing estimates for whale calls in dif-
ferent frequency bands, an acoustic source was fixed at a single location for
half of the experiment and dipped over the side of a boat at seven locations
around the recorders during the other half. During this talk, ambient noise
and environmental measurements will be presented along with acoustic
localization results.

2:50

2pAB7. A yearlong record of acoustic propagation and ambient sound
in a seagrass meadow. Megan Ballard (Appl. Res. Labs., The Univ. of
Texas at Austin, 10000 Burnet Rd., Austin, TX 78665, meganb@arlut.
utexas.edu), Kevin M. Lee (Appl. Res. Labs., The Univ. of Texas at Austin,
Austin, TX), Kyle Capistrant-Fossa (Marine Sci. Inst., Univ. of Texas at
Austin, Port Aransas, TX), Andrew R. McNeese, Prithika Sen, Thomas S.
Jerome (Appl. Res. Labs., The Univ. of Texas at Austin, Austin, TX), Pres-
ton S. Wilson (Mech. Eng. and Appl. Res. Labs., The Univ. of Texas at Aus-
tin, Austin, TX), and Kenneth H. Dunton (Marine Sci. Inst., Univ. of Texas
at Austin, Port Aransas, TX)

Seagrasses are sentinel species whose structures are sensitive to varia-
tions in environmental conditions and thus reliable indicators of long-term
changes in sea level and regional climate. The biological and physical char-
acteristics of seagrasses are known to affect acoustic propagation. Gas
bodies contained within the seagrass tissue as well as photosynthetic-driven
bubble production result in free gas bubbles attached to the plants and in the
water. The detachment of gas bubbles from the plants is also a source of
ambient sound. In this work, we deployed a measurement system in a shal-
low (1.3 m deep) seagrass meadow that included an acoustic projector, a set
of receiving hydrophones, an instrumentation pressure vessel that housed
the electronics controlling the acoustic data acquisition and data storage,
and a suite of environmental sensor loggers. Acoustic propagation and am-
bient sound were collected every ten minutes for a period of one year. Coin-
cident measurements of water temperature, salinity, dissolved oxygen, and
photosynthetically active radiation were also collected and used to interpret
the acoustic data. We present preliminary results from the yearlong deploy-
ment of the acoustic system in a moderately dense seagrass bed dominated
by Thalassia testudinum (turtle grass) in Corpus Christi Bay, Texas. [Work
supported by NSF.]

3:05

2pAB8. Anthropogenic sound sources in expanded southern resident
killer whale critical habitat. Emily N. Drappeau (Fisheries, NOAA, 50
Lower College Rd., Kingston, RI 02881, emily_drappeau@uri.edu)

During the last decade, Southern Resident Killer Whale (SRKW) sight-
ings in the Salish Sea have declined significantly. In 2021 NOAA expanded
the critical habitat for SRKWs to include waters off of coastal Washington
Oregon and California. As little is known about this territory, it is crucial to
identify and understand potential threats. Underwater explosive sounds have
been recorded and analyzed using passive acoustic monitors on the Wash-
ington Coast. These recordings were reviewed visually and aurally for key
characteristics to determine their source. According to previously published

183rd Meeting of the Acoustical Society of America A107

=
o
i
o}
[t
o
N




descriptions, most of the approximately 16,500 sounds of high quality that
were analyzed matched the characteristics of seal bombs, which are typi-
cally used in fishing operations to deter marine mammals. Using spatial and
temporal sounds recorded in 2018 as a baseline, occurrences in 2019 and
2020 were further examined. Multiple lines of evidence have led us to
believe that these explosions are associated with fishing, not military activ-
ity and are a potential threat to SRKW. It is this project’s objective to con-
tinue to use published signatures to study the further changes. Passive
acoustic monitoring is a vital mechanism in studying the emerging threats to
SRKW outside the Salish sea.

3:20

2pAB9. A simple approach for marine mammal noise-induced thresh-
old shift prediction from down-the-hole piling noise exposure. Shane
Guan (Div. of Environ. Sci., BOEM, 45600 Woodland Rd., Sterling, VA
20166, guan@cua.edu)

In assessing auditory effects on marine mammals from noise exposure, a
dual-criterion is currently used by regulators to estimate the noise-induced
threshold shift (NITS). Such criterion classifies anthropogenic noise into
two mutually exclusive categories: Impulsive and non-impulsive. However,
in real world situations, marine mammals are often exposed to complex
noise field that contains both impulsive and non-impulsive components,
thus makes it difficult or even impossible to accurately assess their NITS
from noise exposure. One example is down-the-hole (DTH) pile installation,
which generates both impulsive noise from percussive drilling/striking and
non-impulsive noise from debris removal simultaneously. In this study, a
relatively simple approach is proposed that employs kurtosis values to quan-
tify the impulsiveness of two DTH piling noises datasets for six different
marine mammal functional hearing groups. A kurtosis adjustment approach
that has been suggested for predict human hearing loss from noise exposure
was then used to build correction factors for estimation of NITS of marine
mammals exposed to DTH piling noises. Further research on marine
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mammal NITS from complex noise exposure is needed to validate and
improve this model.

3:35

2pAB10. Temporary threshold shift from continuous 20-40 kHz hyper-
bolic upsweeps in bottlenose dolphins (Tursiops truncatus). Jason Mul-
sow (Biologic and Bioacoustic Res., National Marine Mammal Foundation,
2240 Shelter Island Dr. Suite 200, San Diego, CA 92106, jason.mulsow@
nmmf.org), Carolyn E. Schlundt (Peraton Corp., San Diego, CA), Alyssa W.
Accomando (Biologic and Bioacoustic Res., National Marine Mammal
Foundation, San Diego, CA), and James J. Finneran (US Navy Marine
Mammal Prog., NIWC Pacific Code 56710, San Diego, CA)

Naval continuous active sonar (CAS) can operate at high duty cycles
and result in sound exposure levels (SELs, in dB re 1 Pa’s) that may induce
temporary threshold shift (TTS) in marine mammals. Estimating the impacts
of CAS on marine mammal hearing is difficult however, given the scarcity
of TTS data for long-duration tonal exposures. For this ongoing study, bot-
tlenose dolphin TTS was measured following exposure to continuous play-
back of 19-s hyperbolic upsweeps from 20-40 kHz, at multiple sound
pressure levels and exposure durations from 2 to 60 min (100% duty cycle).
The upsweep was based on characteristics of naval CAS, but frequency-
shifted into the dolphin’s range of best hearing to predict how baleen whales
might be affected by CAS exposures below 10 kHz. Hearing was measured
using both psychophysical and auditory brainstem response measurements.
To date, the greatest cumulative exposures of 180 dB SEL (normal-hearing
dolphin) and 183 dB SEL (dolphin with elevated hearing thresholds)
resulted in less than 6 dB of behavioral TTS. Auditory brainstem response
amplitudes for these exposures did not indicate noise-induced fatigue.
Future testing will evaluate TTS following exposure to 28-kHz pure tones
with comparable SELs. [Work funded by US Navy Living Marine
Resources.]
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Contributed Papers

1:00

2pAO1. Multi-frequency systems for arctic acoustic navigation and
communications. Lee Freitag (AOPE, Woods Hole Oceanogr. Inst., 266
Woods Hole Rd., Woods Hole, MA 02543, Ifreitag@whoi.edu), Craig Lee,
Jason Gobat (APL/UW, Seattle, WA), Sandipa Singh, Dennis Giaya, Eric
Gallimore, and Keenan Ball (AOPE, Woods Hole Oceanogr. Inst., Woods
Hole, MA)

Autonomous systems, including gliders, floats, and propeller-driven
AUVs, require navigation under Arctic ice to be able to geolocate during
their missions. In addition, acoustic communications provides for unidirec-
tional or bidirectional data and command flow with the autonomous
systems. Over the past ten years, steady progress has been made on imple-
menting and demonstrating these acoustic systems in the Beaufort Sea north
of Alaska. The eventual goal is a multi-frequency capability that uses 35 Hz
for very long range navigation, 900 Hz for long-range navigation and com-
munications, plus 10 kHz for close-range use. The different frequencies
offer different advantages, and each is used accordingly. At 35 Hz, naviga-
tion transmissions span the water-column and survive reflection from the
underside of the ice, allowing pan-Arctic ranges. The 900 Hz navigation
and communications signals persist in the shallow (150 m) duct in the Beau-
fort at ranges up to several hundred kilometers, which is useful for under-ice
survey transits. Finally, at 10 kHz, compressed data can be off-loaded and
new mission files transferred via buoys on the ice. Recent work in 2021 and
2022 has continued to develop these capabilities, and this talk summarizes
results and describes future directions.

1:15

2pA02. Acoustic float tracking with the Kalman smoother. Paul Cham-
berlain (Scripps Inst. of Oceanogr., 9500 Gilman Dr., La Jolla, CA 92093,
pchamber@ucsd.edu), Bruce Cornuelle, Lynne Talley (Scripps Inst. of Oce-
anogr., La Jolla, CA), Kevin Speer, Cathrine Hancock (Florida State Univ.,
Tallahassee, FL), and Stephen Riser (Univ. of Washington, Seattle,
WA)

Acoustically tracked subsurface floats provide insights into ocean com-
plexity and were first deployed over 60 years ago. A standard tracking
method uses a Least-Squares algorithm to estimate float trajectories based
on acoustic ranging from moored sound sources. However, infrequent or
imperfect data challenge such estimates. Acoustic tracking is currently the
only feasible strategy for recovering float positions in the sea ice region, a
focus of this study. Acoustic records recovered from under-ice floats fre-
quently lack continuous sound source coverage. This is because environ-
mental factors such as surface sound channels and sea ice attenuate acoustic
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signals, while operational considerations make polar sound sources difficult
to deploy. Here we present a Kalman Smoother approach that, by including
some estimates of float behavior, extends tracking to situations with more
challenging data sets. The Kalman Smoother constructs dynamically con-
strained, error-minimized float tracks using all possible position data. The
Kalman Smoother is applied to previously-tracked floats from the southeast
Pacific (DIMES experiment), and the results are compared with existing
trajectories constructed using the Least-Squares algorithm. The Kalman
Smoother is also used to reconstruct the trajectories of a set of previously
untracked, acoustically-enabled Argo floats in the Weddell Sea.

1:30

2pA03. Under-ice 4-8 kHz acoustic transmission and communication in
ducted environments in the Arctic Ocean. Dag Tollefsen (Norwegian
Defence Res. Est. (FFI), Horten 3191, Norway, Dag.Tollefsen@ffi.no), Paul
van Walree, Trond Jenserud, and Vidar Forsmo (Norwegian Defence Res.
Est. (FFI), Horten, Norway)

Underwater communications and navigation for small platforms can typ-
ically involve acoustic systems operating at kHz frequencies. For under-ice
applications, this motivates studies of acoustic transmission in present-day
Arctic conditions. This paper presents data from recent mid-frequency
(4-8 kHz) under-ice acoustic transmission and communication experiments
to ~10 km range in the Nansen Basin and in the Beaufort Sea of the Arctic
Ocean. For shallow sources and receivers, delay profiles show early arrivals
due to ducted paths followed by a group of strong arrivals due to bottom-
interacting paths. The relative amplitudes of these groups depend on duct
and under-ice properties. We demonstrate that despite shallow (~25 m)
source/receiver depths, good communication performance can be achieved
in these single- and double-ducted environments by exploiting the bottom-
interacting paths. Simulations with the Bellhop ray model support the
findings.

1:45

2pAO4. Environmentally adaptive acoustic communication and naviga-
tion for underice autonomous operation. Henrik Schmidt (Mech. Eng.,
MIT, 77 Massachusetts Ave., Cambridge, MA 02139, henrik@mit.edu)

The Arctic acoustic environment has changed dramatically, with multi-
year ice being less abundant and the influx of warmer Pacific water, the so-
called “Beaufort Lens,” creating a local maximum in the sound speed at a
depth of 50-80 m. In contrast to the classic Arctic sound speed profile which
had a monotonic increase in sound speed yielding a surface duct with strong
ice interaction, the warm water lens creates a lower duct supporting
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extremely efficient propagation to long ranges. On the other hand, this
double duct environment is decremental to short range communication and
navigation of underwater vehicles. Thus, for a transmitter in one channel,
the lens creates distinct shadow zones in the other channel at ranges between
1 and 4 km, which are the typical operational ranges of small AUVs,
severely affecting navigation and communication performance. In addition,
the temporal variability of is significant due to internal waves. During
ICEX20 MIT and WHOI demonstrated an integrated communication and
navigation concept where a network of ice-moored modem buoys with GPS
tracking were used to track an under-ice AUV using regular CTD updates of
optimal ranging, which in combination with a novel dynamic model con-
strained navigation fusion engine demonstrating GPS-grade navigation
accuracy over several hours of operation. Using an EOF framework for
updating the onboard environmental awareness on the AUV, the concept
supports autonomous depth selection for optimal communication connectiv-
ity. [Work supported by ONR and UWDC/ASL.]

2:00

2pAO0S. Fast indicators for robust acoustic communication and naviga-
tion in a double-ducted polar environment. EeShan Bhatt (Woods Hole
Oceanogr. Inst., 77 Massachusetts Ave., 5-223, Cambridge, MA 02139,
ebhatt@whoi.edu), Bradli Howard (MIT-WHOI Joint Program, Cambridge,
MA), and Henrik Schmidt (Massachusetts Inst. of Technol., Cambridge,
MA)

A floating ice-buoy system equipped with GPS and acoustic modems
provided communication and navigation to a Bluefin 21 Autonomous
Underwater Vehicle (AUV) for under-ice operations in the Beaufort Sea, in
March 2020. Acoustic modems were placed above and below the “Beaufort
Lens,” at 30 and 90 m, where a data- and model-based autonomy selected
which depth to use for transmitting messages to the AUV. Similarly, the
AUV ran a depth adaptive path planning behavior to maintain acoustic com-
munications with the ice buoy modems. The untethered mission showed a
non-diverging navigation solution with the average error roughly 0.1% of
the total 11 km traveled. This talk will summarize key metrics introduced
for automated, on-the-fly processing of acoustic packets to navigate within a
reliable acoustic channel and minimize navigation error. [Supported by
Office of Naval Research.]

2:15

2pA06. Acoustic receptions at close ranges measured on autonomous
underwater vehicles in the Beaufort Sea. Luis O. Pomales Velazquez
(Graduate School of Oceanogr., Univ. of Rhode Island, Narragansett, RI,
luispomales@uri.edu), Isaac B. Salazar, Cristian E. Graupe, Jessica Des-
rochers (Ocean Eng., The Univ. of Rhode Island, Newport, RI), Sarah E.
Webster (Appl. Phys. Lab., Univ. of Washington, Seattle, WA), and Lora
Van Uffelen (Ocean Eng., Univ. of Rhode Island, Narragansett, RI)

Rapid warming of the Pacific Summer Water layer strengthens a subsur-
face duct in the Beaufort Sea, allowing for long-range propagation at low
frequencies. An array of tomography sources was deployed within the duct
as part of the Canada Basin Acoustic Propagation Experiment (CANAPE)
to study acoustic propagation in this environment. The moored transceivers
provide measurements of acoustic propagation at several ranges from 176 to
285 km. Additionally, two Seaglider vehicles equipped with hydrophone
receivers navigated in and around the CANAPE array and recorded the
transmissions from the moored sources at ranges as far as 530 km and as
close as 2 km. A spatially variable sound speed environment was generated
from in-situ data measured by the Seagliders and CTD casts from research
vessels. Acoustic arrivals measured on the vehicles were matched to range-
dependent acoustic predictions made with a broadband Parabolic Equation
model to estimate source-receiver range. Acoustic receptions from multiple
moored sources were used to localize the Seagliders. Here, we examine the
close range (2-25 km) receptions and their impacts on acoustic localization.

2:30-2:45 Break
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2:45

2pAO07. Travel-time variability during the 20162017 deep-water Can-
ada Basin Acoustic Propagation Experiment. Peter F. Worcester (Scripps
Inst. of Oceanogr., Univ. of California, San Diego, 9500 Gilman Dr., 0225,
San Diego, CA 92093-0225, pworcester@ucsd.edu), Matthew Dzieciuch,
Heriberto J. Vazquez, and Bruce Cornuelle (Scripps Inst. of Oceanogr.,
Univ. of California, San Diego, La Jolla, CA)

The Arctic Ocean is undergoing dramatic changes in response to
increasing atmospheric concentrations of greenhouse gases. The decreases
in ice extent, the near disappearance of multiyear ice, and changes in the
stratification of the ocean all have important implications for underwater
acoustic propagation. During the 20162017 Canada Basin Acoustic Propa-
gation Experiment (CANAPE), a long vertical receiving array was embed-
ded within an ocean acoustic tomography array of six acoustic transceivers
with a radius of 150 km. The impulse response of the ocean was measured
every four hours using broadband signals centered at about 250 Hz. The
observed travel-time variability was extraordinarily low, reflecting both the
low internal-wave energy level and sparseness of mesoscale eddies in the
Canada Basin. The peak-to-peak travel time variability of the early, resolved
ray arrivals was only a few tens of milliseconds, and the standard deviations
over the entire year were only a few milliseconds. The travel-time spectra
show increasing energy at lower frequencies and enhanced semidiurnal vari-
ability, presumably due to some combination of the semidiurnal tides and
inertial variability. The travel-time fluctuations are roughly an order of mag-
nitude smaller than is typical in midlatitudes at similar ranges.

3:00

2pA08. Ocean acoustic tomography in the Beaufort Gyre. Heriberto J.
Vazquez (Scripps Inst. of Oceanogr., Univ. of California, San Diego, La
Jolla, CA, hvazquezperalta@ucsd.edu), Bruce D. Cornuelle, Peter F.
Worcester, and Matthew Dzieciuch (Scripps Inst. of Oceanogr., Univ. of
California, San Diego, La Jolla, CA)

An ocean acoustic tomography array with a radius of 150 km was in-
stalled in the central Beaufort Gyre during 20162017 for the Canada Basin
Acoustic Propagation Experiment (CANAPE). Five transceivers were
deployed in a pentagon shape with a sixth transceiver at the center and a
long vertical receiving array northwest of the central mooring. At least 12
refracted-surface-reflected (RSR) ray arrivals with lower turning points at
depths between 500 and 3500 m were resolved in the acoustic receptions at
all receivers. Travel-time anomalies were computed relative to a range-
dependent sound-speed reference made by objectively interpolating annual-
average sound-speed profiles constructed from the temperature data at each
mooring. The travel time anomalies were inverted to estimate the 3-D
sound-speed anomaly, including corrections to the positions of sources and
receivers consistent with the uncertainty from long-baseline acoustic navi-
gation systems at each mooring. Although the deep water in the Canada Ba-
sin is nearly homogeneous in temperature and salinity and highly stable
(slowly warming in response to geothermal heating), it proved necessary to
allow for a sound-speed change in the deep ocean to obtain consistent inver-
sions, suggesting that the sound-speed equation at high pressure and low

temperature is in error by about 0.1-0.2 ms ™.

3:15

2pA09. Toward predicting Arctic Ocean acoustic travel times using an
Earth system model. Siobhan Niklasson (New Mexico Tech, Los Alamos
National Lab., PO Box 1663, Los Alamos, NM 87545, sniklasson@]lanl.
gov), Milena Veneziani, Charlotte Rowe (Los Alamos National Lab., Los
Alamos, NM), Susan Bilek (New Mexico Tech, Socorro, NM), Stephen
Price, Andrew Roberts (Los Alamos National Lab., Los Alamos, NM), Peter
F. Worcester (Scripps Inst. of Oceanogr., Univ. of California, San Diego,
San Diego, CA), and Matthew Dzieciuch (Scripps Inst. of Oceanogr., Univ.
of California, San Diego, La Jolla, CA)

The hydroacoustic environment of a rapidly warming Arctic Ocean will
be impacted by changing thermohaline structure, increased marine traffic,
changes in sea ice coverage, and likely increases in microseism/storm noise.
This will lead to obsolescence for today’s Arctic Ocean acoustic models just
as the need for understanding and monitoring the Arctic acoustic environ-
ment becomes more critical. To make sophisticated predictions for coming
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conditions, we need fully-coupled Earth system models. Los Alamos
National Laboratory is contributing to developing the Department of
Energy’s Energy Exascale Earth System Model (E3SM), which can poten-
tially predict the ocean and sea ice conditions necessary to drive an acous-
tics model in a rapidly-evolving Arctic Ocean. We present a preliminary
analysis of a comparison of acoustic travel times in the Canada Basin calcu-
lated from E3SM simulations with measured travel times from the 2016—
2017 Canada Basin Acoustic Propagation Experiment (CANAPE) and travel
times computed from ice-tethered-profiler measurements of acoustic proper-
ties in the water column. The goals of this effort are to provide boundary
ocean conditions to an acoustic model, to quantify the ocean acoustic impli-
cations of climate change, as well as to create a climate-aware atlas of
global acoustic noise that could be applied, for example, in signal detection.

3:30

2pA010. Ice-tethered acoustic buoys for real-time active and passive
monitoring in the Western Arctic. Altan Turgut (Naval Research Lab.,
Acoust. Div., Washington, D.C. 20375, altan.turgut@nrl.navy.mil) and Jef-
frey A. Schindall (Naval Res. Lab., Washington, D.C.)

Real-time monitoring of channel impulse response functions in the
Beaufort Lens was performed by five Ice-Tethered Acoustic Buoys (ITABs)
during March-September 2021. Each ITAB had an eight-element vertical
line array and a 900-1000 Hz acoustic source, providing a reciprocal acous-
tic transmission of up to a 300 km range. Acoustic navigation of one ITAB
was successfully tested using the acoustic travel-time from the other ITABs.
In addition, a strong single arrival through the Beaufort Lens was observed
on each ITAB. Simulations using the measured Q-functions [T. C. Yang,
IEEE J. Ocean. Eng. 30(4), 865-880 (2005)] showed a reliable long-range
acoustic communication through the Beaufort lens within the 900-1000 Hz
frequency band. Finally, a passive ITAB was deployed in March 2022 to
measure third-octave under/in-ice ambient noise in the Western Arctic.
Both experiments showed that ITABs can be used for under-ice acoustic
navigation and communication as well as real-time ambient noise measure-
ments in the Western Arctic. [Work supported by the ONR.]

3:45

2pAO11. Prospects for acoustic remote sensing and acoustic system per-
formance in the Beaufort Gyre region. Timothy F. Duda (Woods Hole
Oceanogr. Inst., Mail Stop 11, Woods Hole, MA 02543, tduda@whoi.
edu)

In the Beaufort Gyre region north of Alaska, the vertical interleaving of
the near-surface temperature maximum, the warm Pacific Summer Water
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(PSW), the cool Pacific Winter Water, and the Atlantic layer make for un-
usual acoustic conditions. The dynamics of these upper ocean layers cause
typical complex and turbulent-like oceanic flow that causes geographically
variable heat content and acoustics. A sound duct in the PWW, below the
PSW and above the Atlantic Layer, filling ~75 to 225 m depth, is prominent
but not universal. Erosion of the PSW warm layer by either vertical or hori-
zontal mixing processes often breaks the duct, with an additional seasonal
cycle of ducting effectiveness, and allows sound to escape to interact with
the scattering and attenuating surface. The duct enables communication and
navigation signaling, but with that interruption caveat. It also allows passive
sensing, best for sound that enters the duct and moves through it. A chal-
lenge is to utilize sound that exists outside the duct. This includes sounds
emitted outside the duct by mammals, fracturing ice, or anything else. This
sound will either cycle through the duct at steep angle, or stay above the
duct and repeatedly reflect from the top boundary. The combination of
unducted sound being subject to strong attenuation by ice or wave interac-
tion (the typical high-latitude situation) and high variability of the duct
effectiveness, imposes limitations on the usefulness of the otherwise con-
venient duct.

4:00

2pAO12. Double duct propagation in the Arctic. Arthur B. Baggeroer
(Mech. and Electr. Eng., Massachusetts Inst. of Technol., Room 5-206,
MIT, Cambridge, MA 02139, abb@boreas.mit.edu)

Recent experiments in the Beaufort Sea encountered the “Beaufort
Lens,” a hydrographic feature named by Russian acousticians, where
warmer Pacific water enters the Bering Straits and rests above Atlantic
water. This creates a “double duct” subsurface duct with this “lens” being
near ubiquitous in space and time throughout the Beaufort. As part of the
ONR Task Force Ocean program we found subsurface ducts in the Irminger
Sea over the Reykjanes Ridge not reliably predicted by HYCOM. Propaga-
tion in these “double ducts” has some remarkable features and is well under-
stood using normal modes and analogies to potential wells in quantum
mechanics. These include the (i) filling of individual wells preferentially
according to the modal phase speeds; (ii) tunneling phenomena when the
phase speeds approaches the height of the potential barrier or maximum
speed separating the ducts; (iii) issues of degeneracy when the modal phase
speeds appear to cross; (iv) appearance of “mini convergence zones” for the
transmission losses in each duct; (v) differences in modal group speeds with
very small differences in phase speeds; and (vi) very low transmission loss
when both source and receiver are in the subsurface duct separated from the
water and/or ice surfaces.
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Xiaoming Zhang, Cochair
Mayo Clinic, 200 1st St. SW, Rochester, MN 55905

Invited Paper

1:00

2pBAal. Deep learning-based super-resolution ultrasound microvascular imaging. Pengfei Song (Electr. and Comput. Eng., Univ.
of Illinois Urbana-Champaign, 405 N. Mathews Ave., Beckman Inst. 4041, Urbana, IL 61801, songp@illinois.edu)

Super-resolution ultrasound microvascular imaging (SR-UMI) is a fast-growing field that leverages contrast microbubbles (MB) to
achieve super-resolution and track blood flow. Conventional SR-UMI is primarily based on MB localization and tracking, which is a
challenging task in vivo with complex MB responses subject to various tissue characteristics and imaging settings. Conventional MB
localization and tracking approaches based on experimentally calibrated or engineered MB templates typically fall short of capturing the
widespread distribution of MB signals in vivo, leading to suboptimal SR-UMI performance. In contrast, deep learning (DL) provides
many powerful tools to better represent the complex landscape of MB and blood flow signals that lead to enhanced SR-UML. In this talk,
T will first introduce several DL-based MB localization techniques with discussion on challenges and solutions involving DL training
within the context of SR-UMI. I will then introduce several other novel DL-based SR-UMI techniques that do not rely on MB localiza-
tion or tracking to achieve super-resolution and infer blood velocity. Some of the techniques are contrast-free. /n vivo imaging examples
from chorioallantoic membrane as well as mouse brain will be presented as validations of the DL-based SR-UMI techniques. In vivo
applications in cancer and Alzheimer’s disease will also be presented and discussed in this talk.

Contributed Papers

LOOKOUT, 1:00 P.M. TO 3:35 P.M.

1:25

2pBAa2. Deep learning-based fast and dense microbubble localization
for ultrasound localization microscopy. YiRang Shin (Beckman Inst. for
Adv. Sci. and Technol., Univ. of Illinois at Urbana-Champaign, 405 N
Mathews Ave., Urbana, IL 61801, yirangs2@illinois.edu), Matthew R.
Lowerison, Zhijie Dong, Xi Chen, Qi You, Nathiya V. ChandraSekaran,
Daniel A. Llano, Mark Anastasio, and Pengfei Song (Beckman Inst. for
Adv. Sci. and Technol., Univ. of Illinois at Urbana-Champaign, Urbana,
L)

Ultrasound localization microscopy (ULM) has gained substantial atten-
tion owing to its ability to super-resolve minute blood vessels at clinically
relevant imaging depth. However, accurate localization of individual micro-
bubbles (MBs) in areas with high MB concentration and overlapping point
spread functions (PSFs) remains a challenge. Furthermore, existing localiza-
tion methods based on pre-determined MB PSFs cannot reflect the highly
non-stationary PSFs that vary spatially with MB concentration and nonlin-
ear responses, ultrasound diffraction, and imaging settings. To address these
limitations, we implemented the DECODE (DEep COntext Dependent) neu-
ral network that was recently developed for optical imaging on ULM.
DECODE constructs a Gaussian mixture model with a mixed MB count and
localization loss to output the probability, uncertainty, and sub-pixel loca-
tion corresponding to each MB detection, achieving accurate identification
and localization of MBs. Notably, DECODE was trained with realistic simu-
lation data that incorporates MB brightness, movement, ultrasound system
noise, and PSFs produced by a generative adversarial network that encodes
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the internal distribution of MB PSFs obtained from in vivo ultrasound imag-
ing. In high MB-density regime, simulation studies demonstrated that
DECODE improved MB detection rate from 41% to 95%, and reduced
localization error from 109.4 um to 32.5 um (20 MHz) when comparing to
conventional MB localization techniques. DECODE also demonstrated
improved in vivo ULM imaging in mouse brain.

1:40

2pBAa3. On the effect of training simulation point spread function in
deep-learning based super-resolution ultrasound imaging. Xi Chen
(Beckman Inst. for Adv. Sci. and Technol., Univ. of Illinois Urbana-Cham-
paign, 405 N Mathews Ave., Urbana, IL 61801, xichen30@illinois.edu), Qi
You, Zhijie Dong, Matthew R. Lowerison, and Pengfei Song (Beckman
Inst. for Adv. Sci. and Technol., Univ. of Illinois Urbana-Champaign,
Urbana, IL)

Deep learning (DL)-based super-resolution ultrasound microvascular
imaging (SR-UMI) has gained interest in recent years owing to the success
of DL in medical imaging applications. Mainstream DL techniques require
an abundance of labeled training data. Since high-quality in vivo training
data are challenging to obtain for medical imaging, most of the current stud-
ies have relied on simulations to generate training data of microbubbles
(MBs) flowing in vasculature. This study investigates the effect of different
MB point spread function (PSF) generation methods on the performance of
DL models for SR-UMI. We used Gaussian shaped PSF (Gaussian-PSF),
numerical simulation software (Field II-PSF), and experimentally collected
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PSFs (Exp-PSF) to generate DL training sets. The training sets were used to
train DL models that performed both MB localization- and non-localization-
based SR-UMI. The quality of the models trained with different datasets

discovered that Exp-PSF achieved the best performance overall, due to its
high resemblance to real experimental data. Finally, we present a pipeline
for obtaining Exp-PSF and integrating them with ultrasound MB simulation,

were evaluated based on their in vivo performance (mouse brain, chicken
embryo), with optical imaging as ground truth for some applications. We

with a publicly available Exp-PSF dataset provided via Github.

1:55-2:10 Break

Invited Paper

2:10

2pBAad. Applications of ultrasound image reconstruction using deep learning. Dongwoon Hyun (Radiology, Stanford Univ., 3155
Porter Dr., Palo Alto, CA 94304, dongwoon.hyun@stanford.edu), Leandra Brickson (Electr. Eng., Stanford Univ., Palo Alto, CA),
Louise Zhuang (Electr. Eng., Stanford Univ., Stanford, CA), Walter A. Simson (Radiology, Stanford Univ., Palo Alto, CA), Gianmarco
Pinton (Biomedical Eng., Univ. of North Carolina at Chapel Hill and North Carolina State Univ., Chapel Hill, NC), and Jeremy Dahl
(Radiology, Stanford Univ., Palo Alto, CA)

Deep learning has gained tremendous popularity as a tool for ultrasound beamforming and image reconstruction. In previous work,
we trained deep neural networks (DNNs) to estimate the echogenicity of a medium, to improve acoustical and electronic signal-to-noise
ratio (SNR) in channel data, and to detect targeted microbubbles nondestructively for real-time ultrasound molecular imaging. Here, we
present several advancements to each application. First, we compare the speckle- and noise-reducing performance of DNNs trained with
simple linear Field II simulations of photographic images versus that of DNNs trained with full wave finite-difference time domain nu-
merical simulations containing realistic abdominal walls and the resulting image degradation artifacts. We further extend our nondes-
tructive molecular imaging DNN to incorporate spatiotemporal information using an extended simulation study to increase specificity

for stationary bound microbubbles and further improve nondestructive molecular imaging.

Contributed Papers

2:35

2pBAa5. Transcranial ultrasound imaging using pulse-echo ultrasound
and deep learning: A numerical study. Zixuan Tian (Univ. of Illinois at
Urbana-Champaign, 307 N Wright, Urbana, IL 61820, zixuantS@illinois.
edu), Yun Jing (Acoust., Penn State Univ., State College, PA), and Aiguo
Han (Univ. of Illinois at Urbana-Champaign, Urbana, IL)

Phase aberration caused by skulls is a main challenge in transcranial
ultrasound imaging for adults. Aberration could be corrected if the skull pro-
file (i.e., thickness distribution) and speed of sound (SOS) are known. We
previously designed a deep learning (DL) model to estimate the skull profile
and SOS using pulse-echo ultrasound signals. This study’s objective is to
develop strategies to improve the estimation and evaluate the effectiveness
of aberration correction in transcranial ultrasound imaging. Acoustic simula-
tions were performed using k-Wave in this numerical study. The following
strategies were used to improve estimation: (1) A phased array was used
instead of a single-element transducer; (2) Channel radiofrequency data
were used instead of beamformed data as the DL model input; (3) A DL
model was developed to incorporate physics into architecture design and
model training. Compared with previously reported results, these strategies
improved the correlation coefficient between the estimated and ground-truth
values from 0.82 to 0.94 for SOS, and from 0.98 to 0.99 for thickness. Simu-
lated transcranial images of point targets with phase correction using the
estimated SOS and thickness values showed significantly reduced artifacts
than those without correction. The results demonstrate feasibility of the pro-
posed approach for transcranial ultrasound imaging.
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2:50

2pBAa6. Raw channel data-based phase aberration correction for ultra-
sound localization microscopy using conditional generative adversarial
networks. Zhijie Dong (Beckman Inst. for Adv. Sci. and Technol., Univ. of
Illinois Urbana-Champaign, 4031 Beckman Inst., 405 N Mathews Ave.,
Urbana, IL 61801, zhijied3@illinois.edu), YiRang Shin, Xi Chen, Qi You,
Matthew R. Lowerison, Mark Anastasio, and Pengfei Song (Beckman Inst.
for Adv. Sci. and Technol., Univ. of Illinois Urbana-Champaign, Urbana,
L)

Phase aberration (PA) significantly deteriorates imaging quality for
transcranial imaging because of large speed of sound discrepancy and com-
plex geometry of the skull. Recently, ultrasound localization microscopy
(ULM) has demonstrated promising transcranial imaging results of deep
brain microvasculature through intact skull. Robust PA correction is essen-
tial for high-fidelity transcranial ULM imaging because microbubble local-
ization is highly susceptible to PA. Most existing PA correction methods
rely on “guide stars,” which may not be practical for ULM because the
microbubble concentration may be too high to serve as guide stars. Further-
more, most conventional PA correction techniques assume globally or
locally homogeneous delay law, thus resulting in suboptimal correction per-
formance. To address these issues, we propose a deep learning-based PA
correction approach that directly operates on the pre-beamformed, raw
channel data. By taking advantage of the structured microbubble signals and
using conditional generative adversarial networks to utilize specific aber-
rated channel data, our proposed method achieved pixel-wise PA correction.
In silico studies using micro-CT scanned mouse skulls demonstrate that
the lateral beam width at —20 dB is improved from 0.82 =0.33 mm to
0.48 = 0.12 mm at 20 MHz applying proposed method, and the mean local-
ization error is reduced from 67.99 * 21.50 um to 21.45 * 14.84 um.
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3:05

2pBAa7. Deep-learning based insitu ultrasound thermometry for ther-
mal ablation monitoring. Ajay Anand (Goergen Inst. for Data Sci., Univ.
of Rochester, 250 Hutchinson Rd., Rochester, NY 14534, ajay.anand@roch-
ester.edu), Ashwin Ramesh (Dept. of Comput. Sci., Univ. of Rochester,
Rochester, NY), Seungju Yeo (Dept. of Mech. Eng., Univ. of Rochester,
Rochester, NY), Narges Mohammadi, Mujdat Cetin (Dept. of Electr. and
Comput. Eng., Univ. of Rochester, Rochester, NY), and Diane Dalecki
(Dept. of Biomedical Eng., Univ. of Rochester, Rochester, NY)

Noninvasive in situ temperature measurement (thermometry) is an
attractive means of mapping the region of thermal damage during thermal
ablation treatments. Existing methods of ultrasound thermometry are inef-
fective beyond 50 °C due to multiple physical limitations, including a non-
monotonic relationship between temperature and sound speed that reaches a
plateau around 60 °C, tissue phase transitions and deformation. An ultra-
sound-based technology that can monitor treatment over the entire therapeu-
tic temperature range is desirable clinically. This paper describes a deep
learning-based approach that uses thermometry data from the periphery of
the heating zone (where temperatures are less than 50 °C) to infer tempera-
ture throughout the treatment zone. Spatiotemporal 2D temperature maps
from 3-12 s HIFU heating exposures (in 0.5 s increments) were generated
(using COMSOL) with a subset used for training the network and the rest
for testing. Peripheral temperature values (excluding the first 5 mm closest
to the axial focus), scalar time values, and a binary flag indicating heating/
cooling were inputs to the network, and the temperature profile axially
through the HIFU focus was predicted. The temperature prediction accuracy
was better than 0.5°C during heating and cooling. This paper will also
address robustness to noise in the input temperature measurements and dis-
cuss future directions including experiments with ultrasound backscatter
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data and strategies to explicitly incorporate heat diffusion physics into the
learning paradigm.

3:20

2pBAa8. Contrast free super-resolution microvessel imaging based on
deep learning. Qi You (Beckman Inst., Univ. of Illinois Urbana-Cham-
paign, 405 N. Mathews Ave. M/C 251, Urbana, IL 61801, Urbana, IL
61801, giyou3@illinois.edu), Matthew R. Lowerison, YiRang Shin, Nathiya
V. ChandraSekaran, Xi Chen, Zhijie Dong, Daniel A. Llano, Mark Anasta-
sio, and Pengfei Song (Beckman Inst., Univ. of Illinois Urbana-Champaign,
Urbana, IL)

Super-resolution microvascular imaging (SRMI) based on ultrasound
localization microscopy (ULM) breaks the diffraction limit of conventional
ultrasound by exploiting intravascular microbubbles. However, microbubble
injection makes ULM not entirely noninvasive and less practical. On the other
hand, power Doppler (PD) is contrast-free and widely available in clinic, but
PD’s spatial resolution falls short of revealing tissue microvasculature. In this
study, we propose a deep learning-based, contrast-free SRMI method to
improve the spatial resolution of PD. We designed a modified U-Net structure
with 4 layers in depth with 64 to 512 channels. Ultrafast ultrasound data (1000
Hz frame rate) acquired from 16 mice were made into the 4080 data blocks
used for training. Reconstructed ULM images using 32 s acquisition served as
the labelled ground truth. Contrast-free ultrasound data using 0.4 s acquisition
were used as the network input. The results have shown that the proposed DL-
based method can significantly improve the spatial resolution of contrast-free
power Doppler without creating fake vessels. The full width half-maximum
(FWHM) of the cross-sectional profile of a microvessel was improved from 66
to 24 um. Robust generalizability of the proposed DL method was also demon-
strated on various tissues and organs that were absent in training.
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1:15

2pBAb1. Ultrasound-activated perfluorocarbon nanodroplets in ophthalmology. Ronald H. Silverman (Ophthalmology, Columbia
Univ. Irving Medical Ctr., 635 W 165th St., Room 711, New York, NY 10032, rs3072@cumc.columbia.edu), Raksha Urs, Gulgun Tezel
(Ophthalmology, Columbia Univ. Irving Medical Ctr., New York, NY), Mark Burgess (Riverside Res., New York, NY), and Jeffrey
Ketterling (Radilolgy, Weill Cornell Medical Ctr., New York, NY)
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Glaucoma, a leading cause of blindness, can result from increased intraocular pressure resulting from elevated outflow resistance. In
this preliminary study, we consider the potential of ultrasound-activated perfluorocarbon nanodroplets (NDs) to increase the permeabil-
ity of the outflow pathway. 100nm diameter NDs with a perfluoropentane core and lipid shell were introduced into the anterior chamber
(AC) of ex vivo pig and in vivo rat eyes. Imaging (18 and 28 MHz) was performed with a weakly focused (F=2.9) beam. Activation was
induced by increasing the array sub-aperture to tighten the focus to F=0.62 centrally. Images showed NDs to be distributed widely
within the AC, from which they could enter the outflow pathway by virtue of their small dimension. At 28 MHz, NDs were activated at
a peak negative pressure of 5 MPa, corresponding to a mechanical index of 1.8.Two days after treatment, rat eyes showed no sign of

inflammation, but a few small gas bubbles were present in the AC. In this application, NDs are advantageous as cavitation nuclei with
respect to conventional microbubble contrast agents because of their higher density and smaller diameter (<1/10™ that of microbubble
agents), which facilitate entry into the outflow channels. Future preclinical in vivo studies will assess the effect of treatment on IOP and
outflow facility.

1:40

2pBAb2. Application of low-boiling point phase-change nanoemulsions for sonothrombolysis. Jinwook Kim, Kathlyne Bautista,
Ryan Deruiter (Biomedical Eng., UNC Chapel Hill, Chapel Hill, NC), Bohua Zhang, Huaiyu Wu, Leela Goel (Mech. and Aerosp. Eng.,
North Carolina State Univ., Raleigh, NC), Zhen Xu (Biomedical Eng., Univ. of Michigan, Ann Arbor, MI), Xiaoning JIang (Mech. and
Aerosp. Eng., North Carolina State Univ., Raleigh, NC), and Paul A. Dayton (Biomedical Eng., UNC Chapel Hill, CB 7575, Chapel
Hill, NC 27599, padayton@email.unc.edu)

Intravascular thrombus remains a major challenge in human health, resulting in substantial morbidity and mortality for our aging
population. Current treatment approaches are focused on antithrombotic treatment or mechanical thrombectomy, both of which have
challenges with efficacy and side effects. Ultrasound-enhanced sonothrombolysis, including that enhanced by microbubbles, has been
studied for decades as potential alternative therapy. However, clinical efficacy of ultrasound driven thrombolysis has remained elusive.
One hypothesis has been that for contracted venous clots, the dense clot matrix resists permeation of microbubble cavitation agents, and
superficial cavitation alone is slow and weakly effective. We hypothesized that sub-micron phase change nanoemulsions could penetrate
a clot and begin lysis from the interior. Using video microscopy during clot treatment with nanoemulsions and ultrasound, we observed
cavitation mediated clot erosion initiating internally to the clot. Cavitation detection imaging shows this same trend of internal cavitation
with nanoemulsions, whereas traditional microbubbles cavitate only near the clot surface. Lysis rate studies demonstrate statistically
faster lysis of contracted clots with phase change nanoemulsions, compared to 5x larger microbubbles of the same formulation. We con-
clude that phase change nanoemulsions may play a substantial role in reinvigorating sonothrombolysis potential.

2:05

2pBAb3. Fibrin-targeted phase shift microbubbles outperform fibrin-targeted microbubbles for the treatment of microvascular
obstruction. John J. Pacella (Medicine, Univ. of Pittsburgh, 3500 Terrace St., Pittsburgh, PA 15213, pacellajj@upmc.edu)

Introduction: Mortality from AMI has decreased in recent years; however, microvascular obstruction (MVO) occurs frequently, ulti-
mately limits myocardial salvage, is associated with rising post-AMI CHF, and has no definitive therapy. To address this urgent unmet
need, we have developed an image-guided acute therapy, termed “sonoreperfusion” (SRP), that resolves MVO via ultrasound-targeted
microbubble cavitation (UTMC). We previously used standard MBs with fibrin-targeting and demonstrated enhanced reperfusion com-
pared to standard MBs with non-targeting. However, phase shift microbubbles are much smaller than standard MBs. Thus, we compared
the SRP efficacies of fibrin-targeted phase shift microbubbles (FTPSMB) to standard size fibrin-targeted microbubbles (FTMBs).
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Methods: MVO of the rat hindlimb was created by injecting microthrombi into the left femoral artery under contrast-enhanced ultra-
sound (CEUS) guidance. DEFINITY® MBs were infused (2 ml/h) through the right external jugular vein for CEUS. Following 10 min
of stable MVO, a transducer was positioned vertically above the hindlimb to deliver therapeutic US pulses during concomitant adminis-
tration of FTMBs/FTPSMBs (3 ml/h). Results and conclusion: FTPSMB treatment resulted in a greater increase in the blood volume
(dB) and flow rate (dB/sec) than FTMB after each 10-minute treatment session owing to their small size and more effective thrombus
penetration. Studies to explore the underlying molecular mechanisms associated with SRP treatments are underway

Contributed Papers

2:30

2pBAb4. Low cost and low energy 3D volumetric histotripsy using
nanodroplet vaporization. Bar Glickstein (Bio Medical Eng., Tel Aviv
Univ., Ramat Aviv, Tel Aviv 6997801, Israel, bargl@mail.tau.ac.il) and
Tali Iovitsh (Bio Medical Eng., Tel Aviv Univ., Tel Aviv, Israel)

Low pressure histotripsy may facilitate current treatments that require
extremely high pressures. Here, a new technology platform for low-cost and
low-energy 3D volumetric ultrasound histotripsy using nanodroplets was
developed. The two-step approach involves the vaporization of the nano-
droplets into gaseous microbubbles via a 1D rotating imaging probe (center
frequency of 3.5 MHz). This transducer is situated within a therapeutic
transducer that operates at a center frequency of 105 kHz. The therapeutic
transducer is used to implode the vaporized nanodroplets and trigger potent
mechanical effects in the surrounding tissues. Rotating the imaging trans-
ducer creates a circular vaporized ND shape, that upon their implosion gen-
erates a round shape lesion. In comparison, an elongated lesion shape is
formed when using a standard 1D imaging transducer for ND activation. Ini-
tial optimization experiments were performed in tissue-mimicking phan-
toms, and ex-vivo chicken liver samples. Next, nanodroplet-mediated
histotripsy was tested in a breast cancer tumor model in mice. The results
confirm the generation of significant lesions and tumor tissue debulking
compared to all control groups. Our approach facilitate the creation of large
volume mechanical damage in tissues and solid tumors.

2:45

2pBADbS. Nanoparticle-mediated histotripsy using dual-frequency histo-
tripsy pulsing: Comparison of bubble-cloud characteristics and ablation
efficiency. Connor W. Edsall (Biomedical Eng. and Mech., Virginia Poly-
technic Inst. and State Univ., 325 Stanger St., 340 Kelly Hall, Blacksburg,
VA 24061, edsallcw@gmail.com), Laura Huynh (Mater. Sci. and Eng., Vir-
ginia Polytechnic Inst. and State Univ., Blacksburg, VA), Yasemin Yuksel
Durmaz, Waleed Mustafa (Biomed. Eng., Istanbul Medipol Univ., Istanbul,
Turkey), and Eli Vlaisavljevich (Biomedical Eng. and Mech., Virginia Poly-
technic Inst. and State Univ., Blacksburg, VA)

Nanoparticle-mediated histotripsy (NMH) is a targeted ablation method
using perfluorocarbon-filled nanoparticles to generate bubble-clouds at pres-
sure levels (9—12 MPa) significantly below the histotripsy intrinsic threshold
(>25 MPa). Prior studies have also shown a significant reduction in ablation
efficiency compared to conventional histotripsy, likely from reduced bubble
expansion and bubble-cloud density. Here, we investigate the bubble-cloud
characteristics and ablation efficiency for NMH using dual-frequency puls-
ing. We hypothesize this method will increase ablation efficiency by
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increasing the bubble-cloud density and individual bubble expansion. High-
speed optical imaging was used to characterize the cavitation threshold,
cloud dimensions, and bubble-density of bubble clouds generated in agarose
tissue phantoms, with and without perfluorohexane-filled nanocones,
exposed to single-cycle dual-frequency pulses using a 500 kHz-3 MHz
array transducer (1:1 pressure ratio). Ablation efficiency was investigated
using red blood cell phantoms. Results showed dual-frequency NMH pre-
dictably produced smaller, denser, and more well-confined bubble-clouds
and increased ablation efficiency compared to previous single-frequency
studies, with complete ablation of the focal volume observed within 2000
pulses. This study demonstrates the potential of enhancing NMH ablation
efficiency with dual-frequency pulsing and highlights the need for further
studies to optimize NMH pulsing parameters for future clinical therapy
development.

3:00

2pBAb6. Assessing the effects of droplet diameter on oxygen scavenging
in the presence of hemoglobin via acoustic droplet vaporization. Kater-
yna Stone (Internal Medicine, Univ. of Cincinnati, 231 Albert Sabin Way,
CVC 3950, Cincinnati, OH 45267, matiaska@mail.uc.edu), Demetria
Fischesser (Personal Health Care R&D, Procter and Gamble, Cincinnati,
OH), Nour Al Rifai, Rachel P. Benton (Internal Medicine, Univ. of Cincin-
nati, Cincinnati, OH), Anwesa Basa (Medical Sci. Baccalaureate Program,
Univ. of Cincinnati, Cincinnati, OH), and Kevin J. Haworth (Internal Medi-
cine, Univ. of Cincinnati, Cincinnati, OH)

Reducing bioavailable oxygen (O,) during reperfusion following an is-
chemic event can reduce cell death. O, in whole blood (WB) is either bound
by hemoglobin (measured as O, saturation, sO,) or dissolved in plasma
(measured as partial pressure of O,, pO,). 98% of O, is bound by hemoglo-
bin in-vivo. Acoustic droplet vaporization (ADV) scavenges dissolved O,,
but its ability to scavenge hemoglobin-bound O, is unknown. The goal of
this study was to assess how varying liquid droplet diameter affects O, scav-
enging from bovine WB. Anticoagulated WB was prepared for in-vitro flow
phantom experiments to mimic physiological arterial blood. 0.82 um diame-
ter droplets were manufactured using high-shear pressure homogenization.
1.34 um and 7.02 um diameter droplets were manufactured using microflui-
dics. Droplets (5x10~* ml/ml) were infused through an EkoSonic catheter
and exposed to ultrasound. sO, and pO, were measured with a blood gas
analyzer. A post-ADV reduction in pO, of 5.8 =2.6 mmHg, 16.4 +4.9
mmHg, and 30.7 = 4.5 mmHg was observed with 0.82 um, 1.34 um, and
7.02 um droplets, respectively. No change in sO, was observed with
0.82 um and 1.34 um droplets, but a sO, decrease of 5.8 = 1.5% was seen
with 7.02 pum droplets.
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3:40

2pBAcl. Backscatter techniques for ultrasonic bone assessment. Brent K. Hoffmeister (Phys., Rhodes College, 2000 N Parkway,
Memphis, TN 38112, hoffmeister@rhodes.edu)

Osteoporosis is a bone disease that affects hundreds of millions of people worldwide. The name osteoporosis literally means “porous
bone” reflecting the changes in bone density and microstructure that lead to increased risk of fracture. Ultrasonic backscatter techniques
have been proposed as a way to detect these changes. Backscatter measurements are performed by propagating ultrasonic pulses into
bone and receiving signals returned from the porous interior of the tissue. Numerous backscatter techniques have been developed over
the last two decades for ultrasonic bone assessment. This presentation reviews many of those techniques and compares their relative per-
formance in a recent in vivo study using measurements at the femoral neck, a common location for osteoporotic fracture.
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4:00

2pBAc2. My contributions to ultrasound metrology. Subha Maruvada (U.S. Food and Drug Administration, 10903 New Hampshire
Ave., Bldg. WO 62-2222, Silver Spring, MD 20993, subha.maruvada@fda.hhs.gov)

My work in ultrasound metrology has centered around developing pre-clinical testing methods for therapeutic ultrasound devices.
These test methods include radiation force balance systems and methods specifically for high-intensity therapeutic ultrasound, time-
delay spectrometry methods for measuring hydrophone sensitivity, acoustic characterization of tissue-mimicking material that has been
approved as a medical device development tool and a comparison protocol of computational and experimental acoustic characterization
for therapeutic ultrasound devices. The purpose of this work at the FDA is to develop bench testing methods to ensure proper review of
medical ultrasound devices to evaluate device safety and performance. The test instruments and methods developed have helped pro-
mote the development and recognition of voluntary consensus standards, as well as FDA industry guidance, that can provide the basis
for least-burdensome data collection requirements by manufacturers and allow the FDA to assess device safety and effectiveness in a
more consistent, methodical and scientifically rigorous manner.

4:20

2pBAc3. A mechanistic journey in shock wave lithotripsy research. Pei Zhong (Thomas Lord Dept. of Mech. Eng. and Materials
Sci., Duke Univ., Durham, NC, pzhong@duke.edu)

As a remarkable engineering innovation, shock wave lithotripsy (SWL) has revolutionized the treatment of kidney stone disease
since 1980s with worldwide clinical acceptance. Over the past three decades, the long journey to understand the transient interaction of
focused shock waves with kidney stones and soft tissues has propelled fundamental research at multiple fronts, including (1) the genera-
tion, propagation, and interaction of various stress waves inside the bulk stone materials, and surface acoustic waves associated with
Mach stem formation at the stone boundary; (2) dynamic fracture and comminution processes in relation to lithotripter field characteris-
tics; and (3) cavitation-induced stone surface erosion and vascular injury. In this talk, I will present illustrative examples to highlight
chronologically the progressive understanding regarding the mechanisms of stone comminution and tissue injury, and how the acquired
knowledge has influenced the technology evolution and clinical practice in SWL. I will also discuss how the fundamental concepts and
techniques of SWL have been widely utilized in other therapeutic ultrasound and lithotripsy applications; and future perspectives, espe-
cially related to 3D cavitation detection and monitoring, as well as multi-spark shock wave generator development.

4:40

2pBAc4. Advancing ultrasound and microbubble-mediated drug delivery in the brain and spinal cord. Meaghan O’Reilly (Phys.
Sci. Platform, Sunnybrook Res. Inst., 2075 Bayview Ave., Rm C736a, Toronto, Ontario M4N3MS5, Canada, moreilly@sri.utoronto.ca)

When combined with intravenously administered microbubbles, ultrasound can transiently open the so-called ‘blood-brain barrier’
(BBB) and ‘blood-spinal cord barrier’ (BSCB), resulting in increased vascular permeability to enable delivery of therapeutics to the cen-
tral nervous system (CNS). Thus this technique holds transformative potential for patients suffering from CNS disorders. Achieving suc-
cessful opening of these barriers while mitigating lasting tissue changes requires control over the transmitted sound, as well as
knowledge of the interaction of the transmitted sound field with the microbubbles. In this talk I will review contributions made to moni-
toring and controlling BBB opening, as well as efforts by my group to translate this intervention to the spinal cord. Recent preclinical
in vivo findings and ex vivo results in human vertebrae will be reported.
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Session 2pCA

Computational Acoustics and Biomedical Acoustics: Numerical Approaches for Complex
Media Geometries II

Zhongquan Charlie Zheng, Cochair
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D. Keith Wilson, Cochair
Cold Regions Res. and Eng. Lab., U.S. Army Eng. Res. and Development Ctr., U.S Army ERDC-CRREL,
72 Lyme Rd., Hanover, NH 03755-1290

Invited Papers

1:00

2pCALl. A numerical analysis of the importance of local second-order nonlinear phenomena on acoustic wave propagation in
complicated media. Michael B. Muhlestein (Cold Regions Res. and Eng. Lab., U.S. Army Eng. Res. and Development Ctr., 72 Lyme
Rd., Hanover, NH 03755, Michael.B.Muhlestein@usace.army.mil) and Kyle G. Dunn (Cold Regions Res. and Eng. Lab., U.S. Army
Eng. Res. and Development Ctr., Hanover, NH)

Efforts to reduce the full second-order nonlinear equations of motion down to a single nonlinear wave equation are frustrated by the
presence of the Lagrangian density, a combination of terms that involve both the particle velocity and the acoustic pressure. The Lagran-
gian density is usually discarded, leading to the much simpler Westervelt equation, with the argument that it is associated with local non-
linear phenomena and that cumulative nonlinear phenomena will dominate its contribution over distance. However, this argument may
not be valid for waves propagating through heterogeneous and complicated environments, such as a metamaterial. In order to understand
whether the terms associated with local nonlinear phenomena are important in these types of environments, we have implemented a
finite-difference time-domain method for two sets of equations: the full second-order equations and a set of equations having neglected
the Lagrangian density. In this paper we will present propagation predictions for heterogeneous environments using both sets of equa-
tions in order to quantify the error obtained by neglecting the local nonlinear phenomena.

1:20

2pCA2. A time domain boundary element method for acoustic scattering by lined surfaces in a subsonic uniform mean flow.
Fang Hu (Mathematics and Statistics, Old Dominion Univ., 5115 Hampton Blvd., Dept. of Math & Stat, Norfolk, VA 23529, thu@odu.
edu) and Douglas M. Nark (NASA Langley Res. Ctr., Hamptom, VA)

A time domain boundary integral equation with Burton-Miller reformulation is presented for acoustic scattering by surfaces with lin-
ers in a uniform mean flow. The Ingard-Myers impedance boundary condition is implemented using a broadband multipole impedance
model which is in turn converted into time domain differential equations to augment the boundary integral equation. The coupled inte-
gral-differential equations are solved numerically by a March-On-in-Time (MOT) scheme. While the Ingard-Myers condition is known
to support Kelvin-Helmholtz instability due to its use of a vortex sheet interface between the flow and the lined surface, it is found that
by neglecting a second-order derivative term in the current time domain impedance boundary condition formulation, the instability can
be effectively avoided in computation. Proposed formulation and implementation are validated with numerical examples. Moreover, a
minimization procedure for finding the poles and coefficients of the broadband multiple impedance expansion is formulated by which,
unlike the commonly used vector-fitting method, passivity of the model is ensured. Numerical tests show the proposed minimization
approach is effective for modeling liners that are commonly used in aeroacoustic applications.

1:40

2pCA3. Immersed-boundary time-domain simulation of acoustic pulse scattering from a single or multiple gas bubble(s) of vari-
ous shapes. Jiacheng Hou (Mech. and Aerosp. Eng., Utah State Univ., Logan, UT), Zhongquan Charlie Zheng (Mech. and Aerosp. Eng.,
Utah State Univ., 4130 Old Main Hill, Logan, UT 84322, zzheng@usu.edu), and John S. Allen (Mech. Eng., Univ. of Hawaii Manoa,
Honolulu, HI)

Acoustic scattering and resonances resulting from a point pulse on a single or multiple gas bubbles are simulated using a time-do-
main simulation. The time histories of scattering pressure and velocity, both outside and inside the bubbles, are obtained simultaneously
with an immersed-boundary method implementation. The acoustic resonances of the bubbles are investigated for various bubble num-
bers, sizes, shapes and interior gas parameters. For several cases, the scattering and resonance behaviors are compared with the existing
theoretical and experimental results.
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Contributed Papers

2:00

2pCA4. Numerical modeling of low-frequency scattering from targets
buried under rough seafloors. Roberto Sabatini (Embry-Riddle Aeronauti-
cal Univ., 1 Aerospace Blvd., Daytona Beach, FL 32114, sabatinr@erau.
edu), Yan Pailhas (Ctr. for Maritime Res. and Experimentation, La Spezia,
Italy), Paul Cristini (Lab. de Mecanique et d’Acoustique, Marseille, France),
and Angeliki Xenaki (Ctr. for Maritime Res. and Experimentation, La Spe-
zia, Italy)

The acoustic backscattering of elastic bodies lying across the seafloor is
a problem of great interest in many underwater applications, such as detect-
ing and classifying buried objects. In this work, the backscattered wavefield
of meter-sized targets is investigated numerically in the 1-50 kHz frequency
band. The simulator solves the three-dimensional linearized equations of
continuum mechanics. The computations are performed through a multi-
GPU solver based on a multi-grid staggered finite-difference time-domain
method (cf. Sabatini et al., 181st ASA Meeting, Seattle, Washington, 2021).
The effects of the seafloor roughness and the target burial depth on the spec-
trum of the scattered field are more specifically analyzed. This study demon-
strates the usefulness of direct numerical simulations of acoustic scattering
from realistic elastic objects in complex underwater environments to
improve the capabilities of sonar systems in detecting and identifying buried
objects.

2:15

2pCAS. An open-source GPU-accelerated application of the elastody-
namic finite integration technique (EFIT) to three-dimensional wave
propagation and scattering in anisotropic materials of arbitrary geome-
tries. Seth Golembeski (Mech. Eng., Univ. of New Haven, 300 Boston Post
Rd., West Haven, CT 06516, sgolel@unh.newhaven.edu) and Eric A. Die-
ckman (Mech. Eng., Univ. of New Haven, West Haven, CT)

As ultrasonic testing (UT) becomes increasingly widespread, accurate
numerical simulations of the complex wave propagation behavior in solids
become increasingly useful. This is especially true for complex geometries
and material properties created by new manufacturing processes such as
those use to create Additively Manufactured Metals (AMMs). Here, we
present an open-source fully-anisotropic Elastodynamic Finite Integration
(EFIT) implementation written in the Julia language which can be deployed
to high-performance computers for large-scale parallel simulations. Results
of benchmarks against existing isotropic implementations, published data,
and collected measurements will be presented.

2:30

2pCA6. Numerical exploration of acoustic dipole helical wave genera-
tion. Grant Eastland (Test and Evaluation, Naval Underseca Warfare Ctr.
Div., Keyport, 610 Dowell St., Keyport, WA 98345, grant.eastland@navy.
mil) and Peter J. Curry (Naval Information Warfare Ctr. Atlantic, North
Charleston, SC)

The focus of this talk is on acoustic helical waves, which are a type of
wave that transmits phase information across a section of the plane linearly
about the azimuth and can transfer angular momentum via the axial phase
profile and have recently been applied to navigation and communications
systems. A phased array of four crossed circular baffled transducers each
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producing a pressure field 90° out of phase adjacent to one another are used
to create the pressure field. The far field pressure is determined utilizing a
paraxial ray approximation for ideal sources but applied to the more com-
plex conceptualization. The construction is effectively two perpendicular
dipoles 90° out of phase and from superposition of the arrangement produce
the helical wave. The mathematical model will be summarized and simu-
lated. An interesting approximation of the total field is also given, relating
the helical wave to a Bessel beam. Numerical examination of the arrange-
ment is examined with visualizations of the pressure field, and discussion is
given regarding transients created when the direction of helix changes.

2:45

2pCA7. Proximity detection by a mobile phone using inaudible signal.
Yegor D. Sinelnikov (Acoust., Zebra Technol., 126 Liberty Ave., Port Jef-
ferson, NY 11777, yegorasha@yahoo.com)

Mobile devices find widespread use in the factories, warehouses, hospi-
tals. Audio features simplify people’s life and improve their productivity.
We demonstrate that inaudible audio produced and recorded by a mobile de-
vice has a potential for a facial feature recognition. An Android device was
mounted on a moving stage near the head and torso simulator inside the lis-
tening room. The device produced an inaudible signal with frequency con-
tent above 10 kHz. A set of acoustic responses was recorded in several
location relative to the head and torso. For each location the 2D images
were recorded and were post processed into 3D reconstruction. Good corre-
lation between the spectral representation of acoustic responses and 3D
reconstruction was observed. The results demonstrate feasibility to compli-
ment mobile phone security with acoustic biometric authentication.

3:00

2pCAS8. A fast solver framework for acoustic hybrid integral equations.
Meydan Kaplan (Ben-Gurion Univ. of the Negev, David Ben Gurion Blvd.
1, Be’er Sheva 8410501, Israel, meydank@post.bgu.ac.il) and Yaniv Brick
(Ben-Gurion Univ. of the Negev, Be’er Sheva, Israel)

Reliable modeling of the scattering by acoustically large and geometri-
cally complex objects can be achieved by means of subdomain-dependent
problem formulation and a numerically rigorous solution. While the objects’
inhomogeneity has driven the development of differential equation formula-
tions and solvers, integral equation formulations, where the object’s back-
ground is modeled via a Green’s function, are advantageous for unbounded
domains. In the hybrid integral equations approach (Usner et al., 2006), the
interaction of separate subdomains with external fields is described by perti-
nent integral equations. Their Galerkin discretization leads to a dense
blocked stiffness matrix. The development of compressed representations of
the matrix, which are necessary for the treatment of large systems, becomes
non-trivial due to the multitude of integral equation kernels and the different
geometrical and physical characteristic of the subdomains. As part of the de-
velopment of a fast hybrid integral equation solver framework, we consider
the case of objects composed of large inhomogeneous volumes, modeled as
incompressible fluids, and of simplified solids, modeled via surface integral
equations. A hybrid integral equation formulation is derived and solved
numerically. The iterative solution is accelerated by employing the butter-
fly-compressed hierarchical representation of the stiffness matrix, recently
used for acoustic volume integral equations (Kaplan, 2022).
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Automotive Acoustics (Hybrid Session)
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Invited Papers

1:00

2pEA1. Automotive cabin acoustics and audio. Roger Shively (JJR Acoust., LLC, 8313 61st St. Court West, University Place, WA
98467, rshively@jjracoustics.com)

We spend most of our quality listening time either at home or in a car. Unlike a concert hall — where we spend the least amount of
time listening, and on which there has been more than a century of research done — there has very little research done for the home, and
even less for the car. And this is why we put so much effort into the science of sound in homes and even more so into the science of
sound in cars. Mr. Shively will explore the evolving path to becoming an audio engineer or an NVH engineer: the acoustic path. And, he
will address the question of why sound quality does really matter, and the overlapping engineering disciplines which pursue sound qual-
ity. He will discuss how the audio systems are expanding to integrate Active Noise Control (ANC), Advanced Driver-Assistance Sys-
tems (ADAS), and Acoustic Vehicle Alert Systems (AVAS) for quiet car sound design and autonomous driver alerts in the pursuit of
sound quality and how that is achieved. He will review the classical challenges of acoustics in a car and the new challenges for OEM
audio system design and how they are being met. And, finally, he will touch on the evolution of expectations in automotive audio in
existing markets and, more critically, emerging markets.

1:20

2pEA2. Performance evaluation of automotive Hands-free microphones using subjective and objective metrics and their correla-
tion. Yu Du (Harman Int., 30001 N. Cabot Dr., Novi, MI 48377, yu.du@harman.com)

Hands-free, or voice, microphone is a standard device used in cars to enable hands-free telephony. The speech intelligibility and
quality (SI&SQ) associated with such a microphone represents the ultimate performance considered by users. However, the SI&SQ can-
not be derived from microphone datasheets. Furthermore, the complex and constantly changing automotive acoustical environment
under different driving conditions makes it very challenging to choose the proper hands-free microphone design(s) for certain vehicle
model(s). To establish the relationship between microphone characteristics commonly described by directivities and frequency-
responses with the SI&SQ perceived by drivers and passengers in automotive applications, a study is conducted using three common
types of automotive hands-free microphones. Their SI&SQ are evaluated using both subjective and objective metrics described in ANSI
S3.2-2009, S3.5-1997 and ITU-T Recommendation P.862.2. The correlation of results obtained from different evaluation metrics is ana-
lyzed. It is shown that the speech intelligibility index (SII) calculated objectively using ANSI S3.5-1997 correlates approximately line-
arly with the SI data obtained from the subjective S3.2-2009 method. With some mathematical mapping, a modified SII can be derived
that also correlates well with the mean-opinion-score predicted by P.862.2. The newly proposed modified SII method can be an effective
tool to guide automotive hands-free microphone designs.

1:40

2pEA3. Automotive audio system evaluation over headphones based on the biaural vehicle impulse responses of different listen-
ing positions: A case study of a specific audio system. Yukun Pei (Dept. of Music and Performing Arts Professions, New York Univ.,
35 West 4th St., New York, NY 10012, pyken@foxmail.com), You Li (Dept. of Music and Performing Arts Professions, New York
Univ., New York, NY), and Pablo Ripollés (Depart. of Psychol., New York Univ., New York, NY)

In recent years, car manufacturers have consistently upgraded the audio systems of their vehicles, with audio aficionados adding fur-
ther modifications to them. The acoustics of the vehicle cabin and the sound effects of the audio systems have become one of the most
important topics of the Research and Development Departments of manufacturers. For example, the selected vehicle in this experiment
has implemented different spatial audio algorithms in its models to achieve a better listening experience. By capitalizing on impulse
responses, binaural audio technology provides the opportunity and the flexibility to virtually generate the sound effects of a particular
space without the requirement of physically being in that space. We used binaural technology and the vehicle to develop a standardized
procedure for the evaluation of car audio systems. A perceptual listening test was integrated into this study to verify the procedure and
to further evaluate this specific audio system.
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2pEAAJ. Electric vehicle warning sounds: On road and immersive audio detection results for 20 subjects. Michael Roan (ME, Penn
State, 1430 Linn St., State College, PA 16803, mjr110@psu.edu), Luke Neurauter (VTTI, Blacksburg, VA), Michael Beard (ME, Vir-
ginia Tech, Blacksburg, VA), and Marty Miller (VTTIL, Blacksburg, VA)

The number of electric vehicles on the road is rapidly increasing. Due to the decreased sound produced by these vehicles at low
speeds there is significant concern that pedestrians and bicyclists will be at increased risk of vehicle collisions. Because of this potential
for collisions, govenrnemts have institutes regulations governing additive vehicle warning sounds for electric vehicles. This research
presents results on the detectability of six electric vehicle acoustic warning sounds using two different hardware systems. Detectability
was initially by on-road participant tests and replicated in an immersive reality lab. Results were analyzed through both mean detection
distances and probability of detection. This research aims to verify the lab environment as it will allow for a broader range of potential
test scenario’s, more repeatable tests, and faster test sessions. Along with pedestrian drive by tests, experiments were conducted to evalu-
ate stationary vehicle acoustics, 10 and 20 km/h drive by acoustics, and interior acoustic impact of each warning sound.

Contributed Papers

2:20

2pEAS. Investigation of indoor soundscape indicators according to the
types of occupants’ activity in autonomous vehicles. Jin Yong Jeon (Ar-
chitectural Eng., Hanyang Univ., Dept. of Architectural Eng., Hanyang
Univ., Seoul 04763, South Korea, jyjeon@hanyang.ac.kr), Haram Lee (Ar-
chitectural Eng., Hanyang Univ., Seoul, South Korea), Juin Kim (Automo-
tive, Res. & Development Div., Hyundai Motor Group, Hwaseong, South
Korea), and Dongchul Park (Automotive, Res. & Development Div., Hyun-
dai Motor Group, Hwaseong, South Korea)

Electric and autonomous vehicles have brought about a paradigm shift
in interior space design and are now replacing their functions as spaces for
living, work and leisure activities. Therefore, in order to design the optimal
sound environment for the interior space of the vehicle, it is necessary to
investigate the interior soundscape of the vehicle based on the type of occu-
pant’s activity and the purpose and function of the space. However, although
the soundscape concept has been applied to the design of urban and natural
spaces and large indoor spaces such as open plan offices, there is no study
on the interior space of vehicles. In this study, soundscape indicators were
set according to the activity patterns of autonomous vehicle occupants.
Through the result, it is possible to derive vehicle interior soundscape design
factors based on the evaluation of each type of sound environment
presented.

2:35

2pEAG. Investigation of the singularity under non-proportional damp-
ing in an analytical solution of brake squeal. Caiyu Xie (The Univ. of
Queensland, St. Lucia, Brisbane, Queensland 4072, Australia, caiyu.xie@
uqconnect.edu.au) and Paul A. Meehan (The Univ. of Queensland, Brisbane,
Queensland, Australia)

This research investigates a singularity in a published analytical solution
of brake squeal due to mode coupling. Brake squeal is an annoying tonal
noise that results from the slowing of a vehicle with friction brakes. Recent
research has identified an efficient analytical prediction for occurrence,
growth, limit cycle amplitude and mitigation of brake squeal noise. The ana-
Iytical solution predicts squeal accurately, except at a singularity associated
with large non-proportional damping and repeated roots. Physically this
occurs at the exact transition to stiffness mode coupling, ie. complex roots
(A =0). By taking the limit of the eigenvalue expressions at A=0, it is found
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that the analytical eigenvalues approach infinity. The singularity occurs
because modal mass matrix goes to zero at A=0. The eigenvalues at A=0
can be approximated by averaging the eigenvalues that are located on both
sides of the critical friction coefficient (the average of eigenvalues at pi.-
Ap and e +Ap). The approximations are closest to the numerical solution
when Ay is at the critical points of the Im(Z,g) vs Ap plot. In summary, the
analytical solution under non-proportional damping is undefined at A=0
because of the zero modal mass matrix. Moreover, the eigenvalues at the
point where singularity occurs can be approximated by taking the average
of the eigenvalues located on both sides of the critical friction coefficient. It
is shown that reasonable approximations can be obtained at the critical
points of the Im(Z,y,) vs Ay plot.

2:50

2pEAT7. Active sound quality control of vehicle interior noise using a
dual sampling-rate active noise equalization algorithm. Shuai Zhang
(School of Automotive Eng., Tongji Univ., 4800 Cao’an Rd., Jiading Dis-
trict, Shanghai, 201804, P. R. China, Shanghai 201804, China, chrisz-
hang0903@163.com), Lijun Zhang, and Dejian Meng (School of
Automotive Eng., Tongji Univ., Shanghai, China)

In-vehicle active sound quality control (ASQC) system is an advanced
application of active noise control (ANC) technology, which always sup-
presses the interior sound pressure or improves the psychoacoustic features.
However, the connection between the sound quality control state and the
vehicle’s working state is normally ignored, and the passenger’s sound per-
ception typically expects a linear relationship between the vehicle speed and
sound loudness. This paper presents a dual sampling-rate active noise equal-
ization algorithm. The low sampling-rate signal is used to improve system
computing efficiency, the high sampling-rate signal is used to improve the
ASQC effect, and their conversion communication uses a hold (low to high)
and a sampler (high to low). The data relating to the ASQC system was col-
lected, and some sound quality evaluations were conducted for determining
two appropriate sampling-rate values. Combining a genetic algorithm and
the corresponding ASQC simulation system, the algorithmic optimal con-
vergence coefficients and gain coefficients were further determined at differ-
ent engine speeds. The verification results of ASQC using this proposed
algorithm show that the loudness of interior noise is effectively suppressed;
the nonlinear index is reduced to 1.37, improving by 37% relative to the
original noise and by 20% compared to the ANC system.
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Session 2pID

Interdisciplinary: Graduate Programs in Acoustics Poster Session

Zane T. Rusk, Cochair
The Pennsylvania State Univ., 104 Eng. Unit A, Univ. Park, PA 16802

Miad Al Mursaline, Cochair
Mech. Eng./ Appl. Ocean Phys. & Eng., Massachusetts Inst. of Technol./Woods Hole Oceanogr. Inst.,
70 Pacific St., Cambridge, MA 02139

All posters will be on display from 1:00 p.m. to 3:00 p.m. Authors of odd-numbered papers will be at their posters from 1:00 p.m. to
2:00 p.m. Authors of even-numbered papers will be at their posters from 2:00 p.m. to 3:00 p.m.

Invited Papers

2pID1. Graduate studies in acoustics at Northwestern University. Ann Bradlow (Linguist., Northwestern Univ., 2016 Sheridan Rd.,
Evanston, IL, abradlow@northwestern.edu), Jennifer Cole, and Matthew Goldrick (Linguist., Northwestern Univ., Evanston, IL)

Northwestern University has a vibrant and interdisciplinary community of acousticians. Of the 13 ASA technical areas, 3 have strong
representation at Northwestern: Speech Communication, Psychological and Physiological Acoustics, and Musical Acoustics. Sound-
related work is conducted across a wide range of departments including Linguistics (in the Weinberg College of Arts and Sciences),
Communication Sciences & Disorders, and Radio/Television/Film (both in the School of Communication), Electrical Engineering &
Computer Science (in the McCormick School of Engineering), Music Theory & Cognition (in the Bienen School of Music), and Otolar-
yngology (in the Feinberg School of Medicine). In addition, The Knowles Hearing Center involves researchers and labs across the uni-
versity dedicated to the prevention, diagnosis and treatment of hearing disorders. Acoustics research topics across the university include
speech perception and production across the lifespan and across languages, dialects and socio-indexical properties of speech; sound art
and design; social and cultural history of the sonic world; machine processing of music; musical communication; auditory perceptual
learning; auditory aspects of conditions such as concussion, HIV, and autism; neurophysiology of hearing; and the cellular, molecular,
and genetic bases of hearing function. We invite you to visit our poster to learn more about the “sonic boom” at Northwestern
University!

2pID2. Graduate programs in physical, engineering, and underwater acoustics at the Naval Postgraduate School. Oleg A. Godin
(Phys. Dept., Naval Postgrad. School, Monterey, CA 93943, oagodin@nps.edu) and Kay L. Gemba (Phys. Dept., Naval Postgrad.
School, Monterey, CA)

The Departments of Physics and of Electrical and Computer Engineering at the Naval Postgraduate School offer graduate programs
in acoustics leading to MS and PhD degrees in applied physics and engineering acoustics. Engineering acoustics degrees can be com-
pleted in either traditional or distance learning modes. The departments also offer stand-alone academic certificate programs in funda-
mentals of engineering acoustics, underwater acoustics, and sonar system applications, with a set of three certificates leading to a MS
degree in engineering acoustics. MS and PhD programs are interdisciplinary, with courses and laboratory work drawn principally from
the fields of physics and electrical engineering. Subjects covered include waves and oscillations; fundamentals of physical and structural
acoustics; the generation, propagation, and reception of sound in the ocean; civilian and military applications of sonar systems; and
acoustic signal processing. Topics of recent theses and dissertations include development and field testing of novel sensors for atmos-
pheric and ocean acoustics, modeling and measurements of ambient noise and sound propagation in the ocean, sound scattering in under-
water waveguides, acoustic vector sensors and vector field properties, acoustic communications, noise interferometry, time reversal in
acoustics, geo-acoustic inversion, acoustic remote sensing of the ocean, and acoustics of autonomous underwater and aerial vehicles.

2pID3. Graduate acoustics at Brigham Young University. Matthew S. Allen (Mech. Eng., Brigham Young Univ., Provo, UT), Brian
E. Anderson (Phys. & Astron., Brigham Young Univ., Provo, UT), Jonathan D. Blotter (Mech. Eng., Brigham Young Univ., Provo, UT),
Kent L. Gee (Dept. of Phys. and Astron., Brigham Young Univ., Provo, UT), Tracianne B. Neilsen (Phys. & Astron., Brigham Young
Univ., N251 ESC, Provo, UT 84602, tbn@byu.edu), Micah Shepherd (Phys. & Astron., Brigham Young Univ., State College, PA), and
Scott D. Sommerfeldt (Phys. & Astron., Brigham Young Univ., Provo, UT)

Graduate studies in acoustics at Brigham Young University prepare students for industry, research, and academia by complementing
in-depth coursework with publishable research. Coursework provides a solid foundation in core acoustical principles and practices and
measurement skills, including a strong foundation in experimental techniques and technical writing. Labs across the curriculum cover
calibration, directivity, scattering, absorption, laser Doppler vibrometry, experimental methods for dynamic structures, lumped-element
mechanical systems, equivalent circuit modeling, arrays, filters, room acoustics, active noise control, and near-field acoustical
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holography. Recent thesis and dissertation topics include active noise control, directivity, room acoustics, energy-based acoustics, time
reversal, nondestructive evaluation, vibration and acoustics of aerospace vehicles, biomedical applications, flow-based acoustics, voice
production, aeroacoustics, sound propagation modeling, nonlinear propagation, high-amplitude noise analyses, machine and deep learn-
ing applied to ambient noise level prediction, crowd noise interpretation, and underwater acoustic source localization, and ocean envi-
ronment classification. Graduate students are expected to present research at professional meetings and publish in peer-reviewed
acoustics journals. Additionally, graduate students often serve as peer mentors to undergraduate students on related projects and may
participate in field experiments to gain additional experience.@BY UAcoustics

2pID4. Graduate education and research in architectural acoustics at Rensselaer Polytechnic Institute. Ning Xiang (Graduate Pro-
gram in Architectural Acoust., Rensselaer Polytechnic Inst., 110 Eighth St., Troy, NY 12180, xiangn@rpi.edu) and Jonas Braasch (Grad-
uate Program in Architectural Acoust., Rensselaer Polytechnic Inst., Troy, NY)

The Graduate Program in Architectural Acoustics has been constantly advanced from its inception in 1998 with an ambitious mission
of educating future experts and leaders in architectural acoustics, due to the rapid pace of change in the fields of architectural-, physical-,
and psycho-acoustics, and noise-control engineering. Since years the program’s pedagogy using “STEM” (science, technology, engi-
nee