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Education

Post-Doctoral Fellow, 1997-9, University of California at Los Angeles. Adviser: Abeer Alwan,
Electrical Engineering. NRSA Title: Factor Analysis of MRI-Derived Articulator Shapes

Joint Post-Doctoral Fellow, 1996-7, Massachusetts Institute of Technology and University of Cali-
fornia at Los Angeles. Advisers: Kenneth N. Stevens (MIT) and Abeer Alwan (UCLA).

Ph.D. Electrical Engineering and Computer Science, August 1996, Massachusetts Institute of
Technology. Adviser: Kenneth N. Stevens. Thesis: Formant and Burst Spectral Measurements with
Quantitative Error Models for Speech Sound Classification

M.S. and B.S. Electrical Engineering and Computer Science, June 1989, Massachusetts Insti-
tute of Technology. Adviser: Jae S. Lim. Thesis: Echo Cancellation in the GSM Cellular Network

Full-Time Appointments

2023-present: ML.E. Van Valkenburg Professor of Electrical and Computer Engineering,
University of Illinois, Urbana, IL, USA. Full-Time Faculty, Beckman Institute for Advanced
Science and Technology. Affiliated Professor, Coordinated Science Lab. Affiliated Professor,
Graduate Program in Informatics. Affiliated Professor, Department of Computer Science.
2020-2023: William L. Everitt Faculty Scholar in Electrical and Computer Engineering,
University of Illinois

2011-2020: Professor, Electrical and Computer Engineering, University of Illinois

2005-2011: Associate Professor, Electrical and Computer Engineering, University of Illinois
1999-2005: Assistant Professor, Electrical and Computer Engineering, University of Illinois
1997-1999: Post-Doctoral Fellow, University of California at Los Angeles, USA

1996-1997: Joint Post-Doctoral Fellow, Massachusetts Institute of Technology and Univer-
sity of California at Los Angeles, USA

1991-1996: Graduate Research Assistant, Massachusetts Institute of Technology, Cambridge,
MA, USA

1989-1990: Engineer, Fujitsu Laboratories Limited, Kawasaki, Japan

1988-1989: Engineering Intern, Motorola Corporate Research, Schaumburg, IL, USA

Visiting, Affiliate, and Part-Time Appointments

2016-present: Professor, Kyoto College of Graduate Studies for Informatics, Kyoto, Japan
2022: Visiting Professor, Kyoto University, Kyoto, Japan

2019: Visiting Professor, Universidad Politécnica de Madrid, Madrid, Spain

2014-2018: Research Professor, Advanced Digital Sciences Center, Singapore

2011-2015: Visiting Professor, Qatar University, Doha, Qatar

2007: Visiting Professor, Kyoto University, Kyoto, Japan



Society Memberships

1.

Fellow of the International Speech Communication Association (ISCA), for contributions to knowledge-
constrained signal generation, 2023 (Member 2000-present)

. Fellow of the IEEE, for contributions to speech processing of under-resourced languages, 2020 (Student

Member 1988-1996, Member 1996-2004, Senior Member 2004-2020)

Fellow of the Acoustical Society of America, for contributions to vocal tract and speech modeling,
2011 (Student Member 1990-1996, Member 1996-2011)

Senior Member, Association for Computing Machinery, 2009 (Member 1999-2009)

Editorships

- o

Editor-in-Chief Elect, IEEE Transactions on Audio, Speech and Language, 2025-

Deputy Editor, IEEE Transactions on Audio, Speech and Language, 2023-2024

Senior Area Editor, IEEE Transactions on Audio, Speech and Language, 2018-2023

Associate Editor, J. Acoust. Soc. Am. (2009-2017), Laboratory Phonology (2009-2015), IEEE
Trans. Audio, Speech, and Language (2006-2009), IEEE Signal Processing Letters (2002-2004)

Technical Conference and Workshop Offices Held

1.

P NSO N

Technical Program Chair, IEEE Workshop on Automatic Speech Recognition and Understanding
(ASRU), 2025

UIUC Representative, Midwest Speech and Language Days, 2009-2024

Area Chair, Interspeech 2017, 2019-20, 2023

Technical Program Chair, Interspeech 2022

Workshop Co-Chair, SPREI Speech Production Workshop, Urbana, IL, May 2011

Conference General Chair, Fifth International Conference on Speech Prosody, 2010

Workshops Co-Chair, HLT/NAACL 2009

Technical Committee or Conference Reviewer: AAAI; ACL; AISTATS; UIUC Allerton; AP-
SIPA; IEEE ASRU; CBMI; EACL; EMNLP; ACL HLT; IEEE ICASSP; IEEE ICC; ICLR; ICML;
ICPR; ICPPIT; ICPRAM; ISCA Interspeech; LabPhon; MCLC; NAACL; NeurIPS; ISCA SigML;
ISCA/ACL SLPAT; ISCA SLaTE; ISCA SPASR; UIUC SPREI; IEEE SLT

Professional Society Offices Held

1.

o ov W

Member of the Steering Committee, IEEE Signal Processing Society Mentoring Experiences for
Underrepresented Young Researchers, 2022-present

Member, Diversity Committee, International Speech Communication Association (ISCA), 2017-
present

Treasurer, ISCA, 2013-2021

Society Liaison Officer, ISCA Special Interest Group on Machine Learning (SIGML), 2010-2020
Secretary, ISCA Speech Prosody Special Interest Group (SProSIG), 2010-2018

Member, Speech and Language Technical Committee (SLTC), IEEE Signal Processing Society,
2011-2017

Service to Student Organizations

1.

Phi Beta Kappa: University of Illinois chapter Executive Secretary (2006-2017, 2019-present), Schol-
arship Chair (2004-2006)

Robocup, University of Illinois advisor, 2020-2021

Eta Kappa Nu University of Illinois chapter advisor, 2004-7



Conference and Workshop Keynotes, Invited Talks, and Panels

1. Panelist, “Voice-based AI for Medicine: Practices for Ethical Interventions at Scale,” panel at the
American Academy of Arts and Sciences (AAAS), Boston, February 14, 2025

2. Keynote, “A Theory of Unsupervised Speech Recognition,” IEEE Workshop on Spoken Language
Technology (SLT), Macau, December 5, 2024

3. Invited talk, “Variability in the Speech Accessibility Project,” Automatic Assessment of Parkinsonian
Speech Workshop AAPS’2024, Cambridge, MA, November 21-22,

4. Panelist, “Al’'s Impact on Society,” panel at the NSF Summit for AT Institute Leaders (SAIL), Pitts-
burgh, October 8, 2024

5. Invited talk, “Community-supported shared infrastructure in support of speech accessibility,” Convention
of the American Speech-Language Hearing Association (ASHA), Boston, November 2023

6. Invited talk, “Grapheme-to-Phoneme Transduction for Cross-Language ASR,” Workshop on Statis-
tical Language and Speech Processing (SLSP), 2021

7. Invited talk, “Multimodal Distant Supervision,” NeurIPS workshop on Self-Supervised Learning for
Speech and Audio Processing, December, 2020

8. Keynote, “Distant Supervision for Cross-Language Speech Adaptation.” IEEE Workshop on Auto-
matic Speech Recognition and Understanding, Singapore, December, 2019

9. Invited talk, “Multimedia AI and User Trust,” AI Association of Korea Workshop on Artificial
Intelligence and Blockchain, Seoul, November, 2019

10. Keynote, “Unwritten Languages as a Test Case for the Theory of Phonetic Universals,” International
Symposium on Chinese Spoken Language Processing, Taipei, November, 2018

11. Invited lecture series, “Prosody in Speech Technology,” ISCA Winter School on Speech and Audio
Processing, Chennai, December, 2016

12. Panel Organizer, VAC Consortium Working Group on Multimedia Analytics, Adelphi, MD, May
2011

Awards

1. List of Teachers Rated “Excellent” by their Students, University of Illinois at Urbana-Champaign,
eleven times including every year 2019-2024.

2. Outstanding Reviewer, ICASSP 2023

3. Top 3% of ICASSP 2023 papers, for the paper “Dual-Path Cross-Modal Attention for better Audio-
Visual Speech Extraction,” Zhongweiyang Xu, Xulin Fan, and Mark Hasegawa-Johnson.

4. Second Place, Diagnosing COVID-19 from Acoustics (DiCOVA) challenge competition, ICASSP 2022

5. Third Place, Diagnosing COVID-19 from Acoustics (DiCOVA) challenge competition, Interspeech
2021

6. William L. Everitt Faculty Scholar Award, ECE Department, University of Illinois, 2020-2021

7. Best Paper Award, IEEE Transactions on Audio Speech and Language 2020, for Po-Sen Huang,
Minje Kim, Mark Hasegawa-Johnson, and Paris Smaragdis, “Joint Optimization of Masks and Deep
Recurrent Neural Networks for Monaural Source Separation,”

8. Best Reviewer, Neural Information Processing Systems (NIPS), 2005 and 2020

9. Best Student Paper, for the Paper “Adapting ASR for Under-Resourced Languages Using Mis-
matched Transcriptions,” Chunxi Liu, Preethi Jyothi, Hao Tang, Vimal Manohar, Rose Sloan, Tyler
Kekona, Mark Hasegawa-Johnson, Sanjeev Khudanpur, IEEE International Conference on Acoustics,
Speech and Signal Processing (ICASSP), Shanghai, China, March 2016



10.

11.
12.

13.
14.

15.

16.
17.

18.
19.
20.

Starkey Grant for Best Student Paper in the AASP Area, for the Paper “Deep Learning for Monaural
Speech Separation,” Po-Sen Huang, Minje Kim, Mark Hasegawa-Johnson, and Paris Smaragdis, IEEE
International Conference on Acoustics, Speech, and Signal Processing (ICASSP), Florence, Italy, May
4-9, 2014.

Dean’s Award for Excellence in Research, University of Illinois College of Engineering, 2012

Best Student Paper for the paper “A Novel Gaussianized Vector Representation for Natural Scene
Categorization,” Xi Zhou, Xiaodan Zhuang, Hao Tang, Mark Hasegawa-Johnson, and Thomas Huang,
International Conference on Pattern Recognition (ICPR), Tampa, USA, Dec. 2008

Third Place, Star Challenge Multimedia Information Retrieval Competition, A*STAR 2008

First Place, Acoustic Event Recognition competition, 2007 CLEAR (Classification of Events, Activi-
ties and Relationships) Evaluation and Workshop (Stiefelhagen et al., “The CLEAR 2007 Evaluation,”
LNCS 4625:3-34, 2008)

CINE Golden Eagle Award for excellence in cinematic achievements, Non-Telecast - Independent
Division: Fiction, Short: Producer, “Crystal’s Sigh,” 2006

Outstanding Advisers List, University of Illinois College of Engineering, April 2006

Honorary Initiate, Alpha Chapter of Eta Kappa Nu (Electrical and Computer Engineering Honor
Society), 2003

Frederick V. Hunt Post-Doctoral Research Fellow, Acoustical Society of America, 1996

Paul L. Fortescue Graduate Fellow, IEEE, 1989

Undergraduate member of four honor societies: Eta Kappa Nu, Tau Beta Pi, Sigma Xi, and Phi Beta
Kappa

Summer Intensive Research Programs

1.

Team Member, Jelinek Speech and Language Technology (JSALT) Workshop WS17, “The Speaking
Rosetta Stone - Discovering Grounded Linguistic Units for Languages without Orthography,” Pitts-
burgh, June-August, 2017

Team Leader, Jelinek Speech and Language Technology (JSALT) Workshop WS15, “Probabilistic
Transcription Using EEG and Crowdsourcing for Languages with No Native Language Transcribers,”
Seattle, June-August, 2015

Team Member, DARPA /NSF CLSP Summer Research Workshop, Articulatory-Feature Based Speech
Recognition, Baltimore, MD, June-August, 2006

Team Leader, DARPA/NSF CLSP Summer Research Workshop, Landmark-Based Speech Recogni-
tion, Baltimore, MD, June—August, 2004

Course Director

1.
2.
3.

Multimedia Signal Processing (ECE 417), 2013-present
Signal Processing (ECE 401), 2013-present
Audio Engineering (ECE 403), 2001-2012

Ph.D. Students and Post-Doctoral Fellows

Advisees include eight post-doctoral researchers, thirty recipients of the Ph.D., and twenty-two recipients
of the M.S. Alums include current faculty at Inha University, IIT Bombay, Purdue, UT Austin, and UT
MD Anderson Biomedical Campus, and current research and technical staff members at Adobe, Amazon,
Apple, The Aspen Group, AxSTAR, Credit Karma, DeepMind, EquiLibre Technologies, Google, Haven
Technologies, IBM, Juniper Networks, KPMG, Meta, Microsoft, Novumind, NVIDIA, Otter.ai, Presto,
Rambus, Samsung, ServiceNow, Shure, Tencent, Tesla, Unisound, and ZipRecruiter. A list is available
at https://speechtechnology.web.illinois.edu/people/.


https://speechtechnology.web.illinois.edu/people/

Research Grants

[1]

2]

Inha University, Ewha Women’s University, and University of Illinois at Urbana-Champaign. Workshop
on assistive and inclusive technology for digital accessibility. Funded Grant Number, 2 2025.

Nancy McElwain, Mark Hasegawa-Johnson, and Bashima Islam. Automated assessment of infant
sleep/wake states, physical activity, and household noise using a multimodal wearable device and deep
learning models. Funded Grant Number 1 R0O1 DK138866-01, National Institute on Diabetes and Di-
gestive and Kidney Diseases ($606,042), 2024-2029.

Nancy McElwain, Mark Hasegawa-Johnson, Bashima Islam, Brandon Meline, Maria Davila, and Keri
Heilman. Validation of a virtual still face procedure and deep learning algorithms to assess infant emotion
regulation and infant-caregiver interactions in the wild. Funded Grant Number 1 R01 DA059422-01,
National Institute on Drug Abuse ($1,280,875), 2024-2029.

Venu Govindaraju, Jinjun Xiong, Srirangaraj Setlur, Pamela Hadley, Julie Kientz, David Feil-Seifer,
Brian Graham, Megan-Brette Hamilton, Anil K Jain, Ye Jia, Jennifer Taps Richard, Tracy A Sawicki,
Alison Hendricks, Ifeoma Nwogu, Letitia Thomas, Christine Wang, Wenyao Xu, Maneesh Agrawala,
Diego Aguirre, Changyou Chen, Karthik Dantu, Mark Frank, Nick Haber, Mark Hasegawa-Johnson,
Yun Huang, Heng Ji, Windi Krok, Hedda Meadan-Kaplansky, Carol Miller, Abbie Olszewski, Mari
Ostendorf, Alexander Rush, Humphrey Shi, Hariharan Subramonyam, Nigel Ward, Junsong Yuan, and
Shaofeng Zou. Ai institute for transforming education for children with speech and language processing
challenges. Funded Grant Number 2229873, NSF DRL Division Of Research On Learning ($20,000,000),
2023-2028.

Mark Hasegawa-Johnson. Unrestricted gift. Funded Grant Number 638245, Picsart Corporation
($100,000), 2022-2025.

Mark Hasegawa-Johnson, Zsuzsanna Fagyal, Najim Dehak, Piotr Zelasko, and Laureano Moro-
Velazquez. FAIL: A new paradigm for the evaluation and training of inclusive automatic speech recog-
nition. Funded Grant Number 2147350, NSF IIS Division of Information and Intelligent Systems
($500,000), 2022-2026.

Mark Hasegawa-Johnson, Heejin Kim, Clarion Mendes, Meg Dickinson, Erik Hege, and Chris Zwilling.
Speech accessibility project. Funded Grant Number 548308-392030, AT Accessibility Coalition (Amazon,
Apple, Google, Meta and Microsoft), 2022-2025.

Amit Juneja, Mark Hasegawa-Johnson, and James Mireles. Sttr phase ii proposal f2-15825 virtual
reality visualization of complex and unstructured data andrelationships. Funded Grant Number F2-
15825, USAF United States Air Force ($749,952), 2022-2023.

Amit Juneja, Mark Hasegawa-Johnson, and James Mireles. Sttr virtual reality visualization of complex
and unstructured data and relationships. Funded Grant Number FA864922P0047, USAF United States
Air Force ($49,995), 2021-2022.

Narendra Ahuja, Mark Hasegawa-Johnson, David Beiser, and David Chestek. Adding audio-visual cues
to signs and symptoms for triaging suspected or diagnosed covid-19 patients. Funded Grant Number 23,
C3.ai Digital Transformation Institute ($498,998), 2020-2022.

Changdong Yoo and Mark Hasegawa-Johnson. Deep f-measure maximization for fairness in speech
understanding. Funded Grant Number 507691, IITP Institute for Information & Communications
Technology Promotion ($500,000), Korea, 2020-2025.

Najim Dehak and Mark Hasegawa-Johnson. RI: Small: Collaborative research: Automatic creation of
new phone inventories. Funded Grant Number 19-10319, NSF IIS Division of Information and Intelligent
Systems ($259,765), 2019-2022.



[13]

[14]

[15]

[16]

[17]

[18]

[19]

[22]

Nancy Chen and Mark Hasegawa-Johnson. Mismatched crowdsourcing for 80-language speech recogni-
tion. Funded Grant Number 36, Institute for Infocomm Research (I?R), Agency for Science, Technology,
Advancement and Research (ASTAR) ($399,999), Singapore, 2015-2017.

Mark Hasegawa-Johnson. Languagenet: Transfer learning across a language similarity network.
Funded Grant Number HR0011-15-2-0043, DARPA LO-REsource Languages for Emergent Incidents
(LORELEI) ($408,325), 2015-2019.

Mark Hasegawa-Johnson, Gautham Mysore, and Yang Zhang. Speech resynthesis for vocal style modi-
fication. Funded Grant Number 2015.m.uiuc, Adobe Research ($25,000), 2015-2017.

Mark Hasegawa-Johnson, Lav Varshney, and Preethi Jyothi. EAGER: matching non-native transcribers
to the distinctive features of the language transcribed. Funded Grant Number 1550145, NSF IIS Division
of Information and Intelligent Systems ($150,000), 2015-2018.

Mark Hasegawa-Johnson, Gregg Wilensky, and Xuesong Yang. Speech2vec speech-based semantic vec-
tors. Funded Grant Number 2015.w.uiuc, Adobe Research ($25,000)), 2015-2016.

Mark Hasegawa-Johnson, Hanady Mansour Ahmed, Eiman Mustafawi, and Haitham El-Bashir. The
family as the unit of intervention for speech-generating augmentative/assistive communication. Funded
Grant Number NPRP 7-766-1-140, QNRF Qatar National Research Fund ($858,827), 2014-2018.

Daniel G Morrow, Mark Hasegawa-Johnson, Thomas Huang, and William Schuh. Collaborative patient
portals: Computer-based agents and patients’ understanding of numeric health information. Funded
Grant Number R21-HS022948, AHRQ Agency for Healthcare Research and Quality ($299,602), 2014—
2016.

Mark Hasegawa-Johnson and Eiman Mustafawi. Multi-dialect phrase-based speech recognition and
machine translation for Qatari broadcast tv. Funded Grant Number NPRP 09-410-1-069, QNRF Qatar
National Research Fund ($734,266), 2010-2013.

Marshall Poole, David Forsyth, Feniosky Pena-Mora, Mark Hasegawa-Johnson, Kenton McHenry, and
Peter Bajcsy. CDI-Type II: collaborative research: Groupscope: Instrumenting research on interaction
networks in complex social contexts. Funded Grant Number 0941268, NSF BCS Division Of Behavioral
and Cognitive Sci ($1,697,482), 2010-2015.

Richard Beraniuk, Volkan Cevher, Lydia Kavraki, Wotao Yin, John Benedetto, Rama Chellappa, Larry
Davis, Tamer Basar, Mark Hasegawa-Johnson, Thomas Huang, Ronald Coifman, Lawrence Carin, and

Stanley Osher. Opportunistic sensing for object and activity recognition from multi-modal, multi-
platform data. Funded Grant Number W911NF-09-1-0383, ARO MURI, 2009-2014.

Mark Hasegawa-Johnson, Camille Goudeseune, Hank Kaczmarski, and Thomas Huang. FODAVA-
partner: Visualizing audio for anomaly detection. Funded Grant Number 08-07329, NSF CCF Division
of Computing and Communication Foundations ($793,857), 2008-2013.

Mark Hasegawa-Johnson, Thomas Huang, and Dirk Bernhardt-Walther. RI medium: Audio diarization
- towards comprehensive description of audio events. Funded Grant Number 08-03219, NSF IIS Division
of Information and Intelligent Systems ($249,864), 2008—-2010.

Jennifer Cole and Mark Hasegawa-Johnson. RI-collaborative research: Landmark-based robust speech
recognition using prosody-guided models of speech variability. Funded Grant Number 07-03624, NSF
IIS Division of Information and Intelligent Systems ($541,320), 2007-2012.

Mark Hasegawa-Johnson, Adrienne Perlman, Thomas S Huang, Jon Gunderson, Ken Watkin, and Heejin
Kim. Audiovisual description and recognition of audible and visible dysarthric phonology. Funded Grant
Number 5R21 DC008090, NTH NIDCD ($388,651)), 2006-2009.

Richard Sproat, J. Kathryn Bock, Brian Ross, Mark Hasegawa-Johnson, and Chi-Lin Shih. DHB: an
interdisciplinary study of the dynamics of second language fluency. Funded Grant Number 06-23805,
NSF IIS Division of Information and Intelligent Systems ($710,781), 2006-2010.



[28]

[29]

[30]

[34]

[35]

Mark Hasegawa-Johnson, Adrienne Perlman, Thomas Huan, and Jon Gunderson. Audiovisual
distinctive-feature-based recognition of dysarthric speech. Funded Grant Number 05-34106, NSF IIS
Division of Information and Intelligent Systems ($668,575), 2005-2010.

Thomas S Huang and Mark Hasegawa-Johnson. Audiovisual emotional speech avatar. Funded Grant
Number RPS 31, Motorola Communications Center ($100,000), 2005-2007.

Mark Hasegawa-Johnson, Jennifer Cole, and Chi-Lin Shih. Prosodic, intonational, and voice quality
correlates of disfluency. Funded Grant Number 04-14117, NSF IIS Division of Information and Intelligent
Systems ($526,973), 2004-2007.

Mark Hasegawa-Johnson. Acoustic features for phoneme recognition. Funded Grant Number 2002.1.4,
Phonetact Incorporated ($35,000), 2002.

Mark Hasegawa-Johnson. Career: Landmark-based speech recognition in music and speech backgrounds.
Funded Grant Number 01-32900, NSF IIS Division of Information and Intelligent Systems ($418,766),
2002-2007.

Mark Hasegawa-Johnson and Thomas S Huang. Audiovisual speech recognition: Data collection and
feature extraction in automotive environment. Funded Grant Number RPS 19, Motorola Communica-
tions Center ($100,000), 2002—2005.

Weimo Zhu. Development and validation of an e-diary system for assessing physical activity and travel
behaviors. Funded Grant Number 47334, Robert Wood Johnson Foundation ($100,000), 2002-2004.

Mark Hasegawa-Johnson. Factor analysis of mri-derived articulator shapes. Funded Grant Number 1
F32 DC000323, NTH NIDCD ($145,026), 1997-1999.

Patents

[1]

2]

Mark Hasegawa-Johnson. Probabilistic segmental model for doppler ultrasound heart rate monitoring.
United States Patent Number 8727991, May 2014.

Tomohiko Taniguchi and Mark Johnson. Speech coding and decoding system. United States Patent
Number 5799131, August 1998.

Tomohiko Taniguchi, Mark Johnson, Yasuji Ohta, Hideki Kurihara, Yoshinori Tanaka, and Yoshihito
Sakai. Speech coding system having codebook storing differential vectors between each two adjoining
code vectors. United States Patent Number 5323486, June 1994.

Tomohiko Taniguchi and Mark Johnson. Speech coding system. United States Patent Number 5245662,
September 1993.

Tomohiko Taniguchi, Mark Johnson, Hideki Kurihara, Yoshinori Tanaka, and Yasuji Ohta. Speech coding
and decoding system. United States Patent Number 5199076, March 1993.

Journal Articles and JASA Abstracts

[1]

2]

Stefanie Shattuck-Hufnagel, Maria-Gabriella Di Benedetto, Abeer Alwan, and Mark Hasegawa-Johnson.
Introduction to special issue on acoustic cue-based perception and production of speech by humans and
machines. J. Acoust. Soc. Am., 157(3):2102-2105, 3 2025.

John Harvill, Moitreya Chatterjee, Shaveta Khosla, Mustafa Alam, Narendra Ahuja, Mark Hasegawa-
Johnson, David Chestek, and David Beiser. Multimodal respiratory rate estimation from audio and
video in emergency department patients. IEEE Journal of Translational Engineering in Health and
Medicine, 2024.



3]

[12]

[13]

[14]

[15]

[16]

Mark Hasegawa-Johnson, Xiuwen Zheng, Heejin Kim, Clarion Mendes, Meg Dickinson, Erik Hege,
Chris Zwilling, Marie Moore Channell, Laura Mattie, Heather Hodges, Lorraine Ramig, Mary Bellard,
Mike Shebanek, Leda Sari, Kaustubh Kalgaonkar, David Frerichs, Jeffrey P. Bigham, Leah Findlater,
Colin Lea, Sarah Herrlinger, Peter Korn, Shadi Abou-Zahra, Rus Heywood, Katrin Tomanek, and Bob
MacDonald. Community-supported shared infrastructure in support of speech accessibility. Journal of
Speech Language and Hearing Research, 67(10):4162-4175, 2024.

Bashima Islam, Nancy L. McElwain, Jialu Li, Maria Davila, Yannan Hu, Kexin Hu, Jordan M Bodway,
Ashutosh M Dhekne, Romit Roy Choudhury, and Mark Hasegawa-Johnson. Preliminary technical
validation of littlebeats™: A multimodal sensing platform to capture cardiac physiology, motion, and
vocalizations. Sensors, 24(3), 1 2024.

Nancy McElwain, Bashima Islam, Meghan Fisher, Camille Nebeker, Jordan Marie Bodway, and Mark
Hasegawa-Johnson. Evaluating users’ experiences of a child multimodal wearable device: A mixed
methods approach. JMIR Human Factors, 11:¢49316, 2024.

Mahir Morshed and Mark Hasegawa-Johnson. Using articulatory feature detectors in progressive net-
works for multilingual low-resource phone recognition. J. Acoust. Soc. Am., 156(5):3411-3421, 11 2024.

Abhayjeet Singh, Amala Nagireddi, Anjali Jayakumar, Deekshitha G, Jesuraja Bandekar, Roopa R,
Sandhya Badiger, Sathvik Udupa, Saurabh Kumar, Prasanta Kumar Ghosh, Hema A Murthy, Heiga
Zen, Pranaw Kumar, Kamal Kant, Amol Bole, Bira Chandra Singh, Keiichi Tokuda, Mark Hasegawa-
Johnson, and Philipp Olbrich. Lightweight, multi-speaker, multi-lingual indic text-to-speech. IEEE
Open Journal of Signal Processing, 5:790-798, 3 2024.

Renato Azevedo, Rocio Garcia-Retamero, Mark Hasegawa-Johnson, Kuangxiao Gu, and Danel G. Mor-
row. The influence of memory for and affective response to health messages on self-care behavioral
intentions. Human Factors in Healthcare, 4:100058, 12 2023.

Eugene Cox, Mark Hasegawa-Johnson, Suma Bhat, Mukhil Umashankar, H Chad Lane, and Daniel Mor-
row. The importance of diverse user goals when designing an automated COVID risk counselor. Proceed-
ings of the International Symposium on Human Factors and Ergonomics in Health Care, 12(1):35-39,
3 2023.

Heting Gao, Junrui Ni, Yang Zhang, Kaizhi Qian, Shiyu Chang, and Mark Hasegawa-Johnson. Domain
generalization for language-independent automatic speech recognition. Frontiers in Artificial Intelli-
gence, 5:806274, 2022.

Heting Gao, Xiaoxuan Wang, Sunghun Kang, Rusty Mina, Dias Issa, John Harvill, Leda Sari, Mark
Hasegawa-Johnson, and Chang D. Yoo. Seamless equal accuracy ratio for inclusive ctc speech recogni-
tion. Speech Communication, 136:76-83, 2022.

Jialu Li and Mark Hasegawa-Johnson. Autosegmental neural nets 2.0: An extensive study of training
synchronous and asynchronous phones and tones for under-resourced tonal languages. IEEE Transac-
tions on Audio, Speech and Language, 30:1918-1926, 5 2022.

Jialu Li, Mark Hasegawa-Johnson, and Nancy L McElwain. Visualizations of complex sequences of
family-infant vocalizations using bag-of-audio-words approach based on wav2vec 2.0 features. arXiv
preprint arXiw:2203.15183, 2022.

Piotr Zelasko, Siyuan Feng, Laureano Moro-Velazquez, Ali Abavisani, Saurabchand Bhati, Odette
Scharenborg, Mark Hasegawa-Johnson, and Najim Dehak. Discovering phonetic inventories with
crosslingual automatic speech recognition. Computer Speech and Language, 74:101358:1-54, 7 2022.

Jialu Li, Mark Hasegawa-Johnson, and Nancy McElwain. Analysis of acoustic and voice quality features
for the classification of infant and mother vocalizations. Speech Communication, 133:41-61, 2021.

Leda Sari, Mark Hasegawa-Johnson, and Chang D. Yoo. Counterfactually fair automatic speech recog-
nition. IEEFE Transactions on Audio, Speech, and Language, 29:3515-3525, 2021.



[17]

[18]

[19]

[22]

[23]

[27]

[28]

Odette Scharenborg and Mark Hasegawa-Johnson. Position paper: Brain signal-based dialogue systems.
Lecture Notes in Computer Science, 714, 3 2021.

Mark Hasegawa-Johnson, Leanne Rolston, Camille Goudeseune, Gina-Anne Levow, and Katrin Kirch-
hoff. Grapheme-to-phoneme transduction for cross-language asr. Lecture Notes in Computer Science,
12379:3-19, 2020.

Liming Wang and Mark Hasegawa-Johnson. Multimodal word discovery and retrieval with spoken
descriptions and visual concepts. IEEE Transactions on Audio, Speech and Language, 28:1560-1573,
2020.

Junrui Ni, Mark Hasegawa-Johnson, and Odette Scharenborg. The time-course of phoneme category
adaptation in deep neural networks. Lecture Notes in Artificial Intelligence, 11816:3—-18, October 2019.

Daniel Morrow, Renato Azevedo, Leitao Ferreira, Rocio Garcia-Retamero, Mark Hasegawa-Johnson,
Thomas Huang, William Schuh, Kuangxiao Gu, and Yang Zhang. Contextualizing numeric clinical
test results for gist comprehension: Implications for EHR patient portals. Journal of Ezperimental
Psychology: Applied, 25(1):41-61, 2019.

Kaizhi Qian, Yang Zhang, Shiyu Chang, Xuesong Yang, and Mark Hasegawa-Johnson. Autovc: Zero-
shot voice style transfer with only autoencoder loss. Proceedings of Machine Learning Research, 97:5210—
5219, 2019.

Van Hai Do, Nancy F. Chen, Boon Pang Lim, and Mark Hasegawa-Johnson. Multitask learning for
phone recognition of underresourced languages using mismatched transcription. IEEE/ACM Transac-
tions on Audio, Speech and Language Processing (TASLP), 26(3):501-514, March 2018.
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