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Welcoming Speech 

 
Hoirin Kim (President of KSSS, KAIST) 

 

 

It is great honor to welcome you to Seoul and Seoul National University and to the 

Seoul International Conference on Speech Sciences 2019. 

 

Let me say how delighted I am to see the participants in this conference: almost 150 

participants from 18 countries have registered. This high level of interest and 

participation truly reflects the importance and future of speech sciences in the Asia 

Pacific region.  

 

The Korean Society of Speech Sciences has been promoting interdisciplinary research and practical 

applications of speech in phonetics, speech disorders, speech technology and cognitive sciences. We have 

decided to hold this conference, which had begun in 2015, every two years to build an international network 

of speech scientists in the Asia Pacific region. 

 

I am also grateful to keynote speakers, Professor Allard Jongman, Professor Keith Kluender and Professor 

Helen Meng for their participation. Their presence has taken this conference to the next level. I heard that the 

quality of the papers to be presented at this conference would be excellent. I look forward to learning from all 

participants. 

 

During the conference, participants will have the opportunity to interact with speakers and to view and discuss 

posters. On your behalf I would like to thank Professor Seok-Chae Rhee, Conference Chair, Professor 

Hyunsong Chung, Chair of the organizing committee and all the organizing committee members for their 

devotion to prepare this conference successfully.  

 

I would like to express my deep gratitude to Center for Humanities and Information and the Department of 

Linguistics at Seoul National University, Sogang University, and KAIST for offering travel grants for the three 

keynote speakers. I would also like to thank Qualcomm, ETRI, NCSOFT, Konan Technology, ReadSpeaker 

Korea, and Selvas AI for sponsoring this conference. 

 

I wish you will enjoy this conference and your stay in Korea. 
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Conference Venue 
 

Address: 

Conference Hall (B101) in Building H14, Seoul National University 

1 Gwanak-ro, Gwanak-gu, Seoul 08826, Korea 

 

 
 

For detailed information about how to get to SNU Campus, please see 

http://en.snu.ac.kr/campus/gwanak/address. 

To reach the conference venue  

By underground: 

From Exit #4 at Nakseongdae Station (Subway Line #2) → GS Petrol Station → Take #02 bus in front of 

Jean Boulangerie Bakery → Get off at the bus stop past SNU Dormitory → Walk down the stairs near the 

bus stop to reach the Building #14 

By car: 

After entering SNU Campus via SNU rear gate, park at the parking building G12 or at the open parking area 

P near the Building #14. 

From Hoam Faculty House: 

Get on the #02 bus in front of SNU Faculty Apartments opposite Hoam Faculty House → Get off at the bus 

stop past SNU Dormitory → Walk down the stairs near the bus stop to reach the Building #14 

* It takes 10-15 minutes from Hoam to Building #14 on foot. 

We advise you to download SNU MAP (서울대 캠퍼스 맵) from Google Play or App Store for an easier 

access to the conference venue. 
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Conference Programme 
 

 

15 November 2019 
Time Event 

9:00-18:00 Registration (H14-B101) 

9:30-10:30 

Paper Presentation 1 

Session 1 

(H14-B101) 

Session 2 

(H14-202) 

Session 3 

(H04-302) 

Session 4 

(H03-104) 

Phonetics & 

Phonology 

Phonetics & 

Phonology 

Speech Disorders Speech Technology 

10:30-10:40 Break 

10:40-10:50 Opening Ceremony (H14-B101) 
Moderator: Ji-Hwan Kim (Sogang University) 

10:50-11:40 

Keynote Speech 1 (H14-B101) 
Enhancing Intelligibility: Hyperarticulation, Visual, and Lexical Contributions 

Allard Jongman (The University of Kansas) 

Moderator: Hyunjung Lee (Incheon National University) 

11:40-11:45 Photo 

11:45-1:10 Lunch (H76-1st floor) 

1:10-2:10 

 Paper Presentation 2 

Session 5 

(H14-B101) 

Session 6 

(H14-202) 

Session 7 

(H04-302) 

Session 8 

(H03-104) 

Phonetics & 

Phonology 

Phonetics & 

Phonology 

Speech Disorders Speech Technology 

2:10-2:25 Break 

2:25-3:15 

Keynote Speech 2 (H14-B101) 
Long-standing Problems in Speech Perception Dissolve within an Information-theoretic 

Perspective 
Keith Kluender (Purdue University) 

Moderator: Chul-Hee Choi (Daegu Catholic University) 

3:15-3:30 Break 

3:30-4:30 
Poster Presentation 1 (H14-105) 

Moderators: Tae-Jin Yoon (Sungshin University), Sang-Hee Park (Daegu Cyber University), Jeong Sik Park (Hankuk 

University of Foreign Studies) 

4:30-4:45 Break 

4:45-5:35 

Keynote Speech 3 (H14-B101) 
Speech AI for Learning and Wellbeing 

Helen Meng (The Chinese University of Hong Kong) 
Moderator: Minhwa Chung (Seoul National University) 

5:35-6:00 General Meeting (H14-B101) 

6:00-9:00 Dinner (H76-2nd floor) 
Moderator: Joo-Kyeong Lee (University of Seoul) 
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16 November 2019 
Time Event 

9:30-16:00 Registration (H14-B101) 

10:00-11:00 Poster Presentation 2 (H14-105) 
Moderators: Dong-Jin Shin (Jeonju University), Jeong-sik Park (Hankuk University of Foreign Studies) 

11:00-11:10 Break 

11:10-12:00 

Tutorial Lecture 1 (H14-B101) 
Towards Natural Speech Synthesis: Analysis of Text, Linguistics, Acoustics and Speech from 

Increasing Data 
Helen Meng and Xixin Wu (The Chinese University of Hong Kong) 
Moderator: Jeong-sik Park (Hankuk University of Foreign Studies) 

12:00-1:30 Lunch 

1:30-3:10 

Paper Presentation 3 

Session 9 

(H14-B101) 

Session 10 

(H14-208) 

Session 11 

(H14-203) 

Session 12 

(H14-204) 

Phonetics & 

Phonology 

Phonetics & 

Phonology 

Speech Disorders Speech 

Technology 

3:10-3:20 Break 

3:20-4:10 

Tutorial Lecture 2 (H14-B101) 
Virtues of (Co)variance for Perceptual Learning 

Keith Kluender (Purdue University) 

Moderator: Chul-Hee Choi (Daegu Catholic University) 

4:10-4:25 Break 

4:25-5:15 

Tutorial Lecture 3 (H14-B101) 
The Role of Training in the Formation of New Sound Categories 

Allard Jongman (The University of Kansas) 

Moderator: Taehong Cho (Hanyang University) 

5:15-5:30 Closing Ceremony (H14-B101) 
Moderator: Hyunsong Chung (Korea National University of Education) 
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Session 1: Phonetics & Phonology (Bldg. H14, B101) 

9:30-10:30, 15 November 

Moderator: Jeffrey Holliday (Korea University) 
Time ID Paper 

9:30-9:50 23 An electroglottograph study of tonal contrast in Drenjongke (Bhutia) 
Julián Villegas and Seunghun Lee 

(University of Aizu, International Christian University, University of Venda) 

9:50-10:10 30 The Origins of Visual Perception of Mandarin Lexical Tones: Face and Head 
Denis Burnham, Chris Carignan, Weicong Li, Virginie Attina and Eric Vatikiotis-Bateson 

(MARCS Institute for Brain Behaviour & Development, Western Sydney University; Speech Hearing & Phonetic 

Sciences, University College London; Communication Dynamics Lab, University of British Columbia) 

10:10-10:30 71 Perception of Vowel Length Contrast in Drenjongke (Bhutia) 
Céleste Guillemot, Seunghun Lee, Shigeto Kawahara, Tomoko Monou and Jeremy Perkins 

(International Christian University, The Keio Institute of Cultural and Linguistic Studies, University of Aizu) 

 

Session 2: Phonetics & Phonology (Bldg. H14, 202) 

9:30-10:30, 15 November 

Moderator: Sang-Im Lee-Kim (National Chiao Tung University) 
Time ID Paper 

9:30-9:50 8 The production of Chinese /r/ sounds by advanced L1 Japanese learners of Chinese and 

Japanese-Chinese simultaneous bilinguals 
Zhiqiang Zhu, Peggy Pik Ki Mok 

(The Chinese University of Hong Kong) 

9:50-10:10 41 Pronunciation of the English Consonants by Hong Kong Cantonese Speakers 
Wai-Sum Lee 

(City University of Hong Kong) 

10:10-10:30 75 Effects of Talker Face and Voice Familiarity on Speech Perception in Noise 
Jeesun Kim and Chris Davis 

(The MARCS Institute, Western Sydney University) 

 

Session 3: Speech Disorders (Bldg. H04, 302) 

9:30-10:30, 15 November 

Moderator: Seunhee Ha (Hallym University) 
Time ID Paper 

9:30-9:50 10 A Comparison of Korean and English Speech Sound Production for Korean Children with and 

without Speech Sound Disorder 
Ji Yeong Kim and Ji Wan Ha 

(Daegu University) 

9:50-10:10 47 Speech Range Profile and Voice Range Profile in in Non-dysphonic and Dysphonic Men 
Jaeock Kim and Seung Jin Lee 

(Kangnam University, Yonsei University) 

10:10-10:30 66 Dysarthria Classification Using Acoustic Properties of Fricatives 
Abner Hernandez and Minhwa Chung 

(Seoul National University) 
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Session 4: Speech Technology (Bldg. H03, 104) 

9:30-10:30, 15 November 

Moderator: Minhwa Chung (Seoul National University) 
Time ID Paper 

9:30-9:50 19 Robust Speaker Verification System in Vehicle Driving Environment 
Soonshin Seo, Daniel Rim, Minkyu Lim, Donghyun Lee, Hosung Park and Ji-Hwan Kim 

(Sogang University) 

9:50-10:10 31 Short Utterance Compensation Using Bridge Learning in Text-Independent Speaker 

Verification 
Seung-Bin Kim, Jee-Weon Jung, Hee-Soo Heo, Hye-Jin Shim, Ju-Ho Kim and Ha-Jin Yu 

(University of Seoul) 

10:10-10:30 39 Speech Emotion Recognition with Data Selection Using CNN 
Hong-In Yun, Hwa Min Kim, Suk Young Lim and Jeong Sik Park 

(Hankuk University of Foreign Studies) 

 

Session 5: Phonetics & Phonology (Bldg. H14, B101) 

1:10-2:10, 15 November 

Moderator: Stefan Werner (University of Eastern Finland) 
Time ID Paper 

1:10-1:30 12 Extracting Talker Age from Sub-phonemic Details of a Single Phonetic Variable 
Jonny Jungyun Kim 

(Hanyang University, Pusan National University) 

1:30-1:50 14 Sounding Polite in Korean: The role of Pitch, Gender, and Grammatical form 
Mihyun Jung, Jeffrey J. Holliday, Abby Walker and Esther Cho 

(Korea University, Virginia Polytechnic Institute and State University) 

1:50-2:10 25 Peer Learner Networks Moderate the Acquisition of L2 Pronunciation: Identifying the Crucial 

Centrality Metrics 
Michał B. Paradowski, Andrzej Jarynowski, Magdalena Jelińska and Karolina Czopek 

(University of Warsaw, Interdisciplinary Research Institute in Wrocław) 

 

Session 6: Phonetics & Phonology (Bldg. H14, 202) 

1:10-2:10, 15 November 

Moderator: Chris Davis (The MARCS Institute, Western Sydney University) 
Time ID Paper 

1:10-1:30 16 Linking Child Second Language Speech Production and Perception Abilities 
Margarethe McDonald, Eon-Suk Ko and Margarita Kaushanskaya 

(University of Wisconsin-Madison, Chosun University) 

1:30-1:50 20 How the Overnight Consolidation Process Modulates the Perceptual Learning of Novel Tonal 

Contrasts 
Zhen Qin and Caicai Zhang 

(Hong Kong Polytechnic University) 

1:50-2:10 60 Incomplete Vowel Assimilation in Tehrani Persian 
Siyu Liang 

(Georgetown University) 

 

  

- xi -



Session 7: Speech Disorders (Bldg. H04, 302) 

1:10-2:10, 15 November 

Moderator: Jaeock Kim (Kangnam University) 
Time ID Paper 

1:10-1:30 11 Japanese Listeners’ Identification and Discrimination of Lengthened Short and Long Vowels 

and Consonants as Prolongations 
Minji Kang, Inkie Chung and Jin Park 

(Catholic Kwandong University, Sogang University) 

1:30-1:50 36 A Study of the Prosodic Patterns of Autism and Normal Children in the Imitating Declarative 

and Interrogative Sentences 
Jin Hyung Lee and Cheol Jae Seong 

(Chungnam National University) 

1:50-2:10 65 Characteristics of Vocal Loudness and Auditory Evoked Response in Patients with Parkinson's 

Disease 
Chae Rim Park, Seong Hee Choi and Chul Hee Choi 

(Kangbuk Samusung Hospital, Daegu Catholic University) 

 

Session 8: Speech Technology (Bldg. H03, 104) 

1:10-2:10, 15 November 

Moderator: Kyong-Nim Lee (NCSOFT AI Center Speech Lab) 
Time ID Paper 

1:10-1:30 37 Automatic Discrimination of Korean and Germanic Languages Using Rhythm Metrics Feature 
Hwamin Kim, Hong-In Yoon, Suk-Young Lim and Jeong-Sik Park 

(Hankuk University of Foreign Studies) 

1:30-1:50 44 A One-pass ASR Decoder with Expandable Precompiled Network for Fast LM modification 
Myungsoo Han, Kyong-Nim Lee and Hoonyoung Cho 

(NCSOFT AI Center Speech Lab) 

1:50-2:10 45 A Study on Pretraining of End-to-End Speech Recognition Model 
Jahyun Goo, Hyeonjae Jeong, Seunghi Kim and Hoirin Kim 

(KAIST, ETRI) 

 

Session 9: Phonetics & Phonology (Bldg. H14, B101) 

1:30-3:10, 16 November 

Moderator: Yungdo Yun (Dongguk University) 
Time ID Paper 

1:30-1:50 2 Spontaneous Speech Elicitation Methods: Comparison within a Large Corpus 
Ying-Ying Tan 

(Nanyang Technological University) 

1:50-2:10 28 ABAMO: A Bayesian Model of Tone Classification within and across Languages 
Ronan Reilly, Denis Burnham, Benjawan Kasisopa and Xi Fan 

(Maynooth University, Western Sydney University) 

2:10-2:30 29 The Accommodation of the Tongue Postures across Different Head Angles 
Chenhao Chiu, Bo-Wei Chen, Pei-Jiun Chen, Yun-Shan Hou and Yining Weng 

(National Taiwan University) 

2:30-2:50 50 The sensitivity of English VOT production to orthographic input 
Cheng-Huan Lee and Yu-An Lu 

(National Chiao Tung University) 

2:50-3:10 55 Modelling F0 Contours Using Generalized Additive Model 
Suyeon Im and Stephen Politzer-Ahles 

(The Hong Kong Polytechnic University) 
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Session 10: Phonetics & Phonology (Bldg. H14, 208) 

1:30-2:50, 16 November 

Moderator: Wai-Sum Lee (City University of Hong Kong) 
Time ID Paper 

1:30-1:50 9 Korean and English Learners’ Use of Word-Level Stress in Spanish Word Recognition 
Maria Teresa Martinez-Garcia, Dong-Jin Shin and Goun Lee 

(Hankuk University of Foreign Studies, Jeonju University., Sungkyunkwan University) 

1:50-2:10 17 The Effect of Linguistic Experience on the Perception of Non-native Lexical Tones 
Zhen Qin and Sang-Im Lee-Kim 

(Hong Kong Polytechnic University, National Chiao Tung University) 

2:10-2:30 35 Assessing Temporal Variability in Strong versus Weak Foreign Accented Speech 
Chris Davis and Jeesun Kim 

(The MARCS Institute, Western Sydney University) 

2:30-2:50 64 Cross-sectional Studies of Monosyllabic Word Perception Produced by Children 
Tae-Jin Yoon and Seunghee Ha 

(Sungshin Women's University, Hallym University) 

 

Session 11: Speech Disorders (Bldg. H14, 203) 

1:30-2:50, 16 November 

Moderator: Seong Hee Choi (Daegu Catholic University) 
Time ID Paper 

1:30-1:50 4 Sentence Comprehension and the Role of Frequency in Agrammatism 
Wilasinee Siriboonpipattana, Frank Burchert, Roelien Bastiaanse, Alexandre Nikolaev 

(Macquarie University, University of Potsdam, University of Groningen, University of Helsinki) 

1:50-2:10 24 Deep Learning Classification of Pathologic Voice with Two-Dimensional MFCC 
Yawgeng Chau and Singh Saurav 

(Yuan Ze University) 

2:10-2:30 40 New Data + New Methods = Improved Understanding? (Not Really) 
Stefan Werner 

(University of Eastern Finland) 

2:30-2:50 74 Infants Prefer Novel to Familiar Musical Experiences 
Eon-Suk Ko and Margarethe McDonald 

(Chosun University, University of Wisconsin-Madison) 

 

Session 12: Speech Technology (Bldg. H14, 204) 

1:30-2:30, 16 November 

Moderator: Ha-Jin Yu (University of Seoul) 
Time ID Paper 

1:30-1:50 15 Phonometrica: An Open Platform for the Analysis of Speech Corpora 
Julien Eychenne and Léa Courdès-Murphy 

(Hankuk University of Foreign Studies, Universite de Poitiers) 

1:50-2:10 42 A Study of the Intra-speaker Speech Variation across Recording Conditions 
Hansang Park, Hyosung Hwang, Eun-hye Jung, Seoyeon Jung 

(Hongik University, Seoul National University, Supreme Prosecutors’ Office) 

2:10-2:30 57 Older People's Korean Speech Data Processing with Voice Conversion 
Eun Ju Woo and Byeong Rae Lee 

(Korea National Open University) 
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Poster Presentation 1 (Bldg. H14-105) 

3:20-4:20, 15 November 

Moderators: Tae-Jin Yoon (Sungshin University), Sang-Hee Park (Daegu Cyber University), Jeong-

sik Park (Hankuk University of Foreign Studies) 

No. ID Paper 

1 1 The Order of Vowel Acquisition in Greek: Production Data from Native and Second Language 

Learners 
Marina Tzakosta, Konstantina-Irini Koufou 

(University of Crete) 

2 6 Teaching Vietnamese Pronunciation to Speakers of Other Languages: A Reference for Teachers 
Tăng Thị Tuyết Mai 

(Ho Chi Minh City University of Education) 

3 7 Production and Perception of English Vowel Length Depending on the Following Consonant Voicing 

by Korean Learners of English 
Juyeon Chung 

(Indiana University) 

4 26 A preliminary ultrasound study of the retroflex contrast in Drenjongke 
Seunghun Lee, Jeremy Perkins and Céleste Guillemot 

(International Christian University, University of Venda, University of Aizu,) 

5 32 Effects of Corrective Feedback on Receptive Skills in Non-native Contrasts: A Training Study in 

Taiwan Southern Min 
Yinching Chang and Chenhao Chiu 

(National Taiwan University) 

6 34 Towards Fitness Variants of Phonemic Contrasts: Salience Filtering Mechanism 
Taeeun Kim 

(Pukyong National University) 

7 38 The Acquisition of Mandarin Chinese Tones by English Native Speakers 
Ruba Almelaifi 

(Kuwait University) 

8 43 Gradient Perception in English-speaking Children: A Link to Cue-weighting and Executive Functions 
Eun Jong Kong 

(Korea Aerospace University) 

9 48 The Effect of L1 Korean Dialect on the L2 Perception of English Lexical Stress 
Hyunjung Lee, Eun Jong Kong and Jeffrey Holliday 

(Incheon National University, Korea Aerospace University, Korea University) 

10 33 Voicing Contrast Training Using EGG as Visual Biofeedback 
Yinching Chang and Chenhao Chiu 

(National Taiwan University) 

11 51 Self-supervised Learning for Replay Spoofing Detection with Prediction of Acoustic Information 
Hyejin Shim, Heesoo Heo, Jeewon Jung and Ha-Jin Yu 

(University of Seoul) 

12 21 Performance Comparison of Reverberant Speech Recognition According to Input Features 
Minsik Kim, Sunchan Park, Jaemin Han and Hyung Soon Kim 

(Pusan National University) 

13 22 Data Augmentation for Joint Intent Determination and Slot-filling for In-game Voice Command 
Chisung Song, Kyong-Nim Lee and Hoonyoung Cho 

(NCSOFT AI Center Speech Lab) 

14 27 Improvement of Speaker Verification Based on Deep Speaker Embeddings 
Jaemin Han, Yongwon Jeong, Kyung Wha Kim and Hyung Soon Kim 

(Pusan National University, Forensic Science Division, Supreme Prosecutors’ Office) 

15 46 Semi-Supervised Domain Adaptation for End-to-End Automatic Speech Recognition 
Hyeonjae Jeong, Jahyun Goo, Seunghi Kim and Hoirin Kim 

(Korea Advanced Institute of Science and Technology, ETRI) 
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Poster Presentation 2 (Bldg. H14-105) 

10:00-11:00, 16 November 

Moderators: Dong-Jin Shin (Jeonju University), Jeong-sik Park (Hankuk University of Foreign 

Studies) 
No. ID Paper 

1 52 L2-influenced Phonetic Change in the L1 System 
Mi-Ryoung Kim 

(Korea Soongsil Cyber University) 

2 53 Prosodic Realization of Korean Polysemic Final Endings Produced by L2 speakers 
Youngsook Yune 

(Kyungnam University) 

3 56 Acquisition of English Speech Rhythm by Chinese EFL Learners with Different English Proficiencies 
Jiaqi Zhang and Sook-Hyang Lee 

(Wonkwang University) 

4 58 Acoustic Features of English Fricatives Produced by Chinese EFL Learners with Different English 

Proficiencies 
Buyi Zhang and Sook-Hyang Lee 

(Wonkwang University) 

5 59 Koreans’ Production of the English Voiced Alveopalatal Fricative: With Focus on Gender and 

Correction Effects 
Yungdo Yun 

(Dongguk University) 

6 62 Variation of Noun Stem-final Consonants in Korean Mothers’ Speech 
Hyunji Kim and Eon-Suk Ko 

(Chosun University) 

7 69 Perceptual Salience of Mandarin Syllables 
Chi Yuan Wang 

(National Chiao Tung University) 

8 76 Speech Perception as a Means of Speech Production: A Case Study of Echoic Memory 
Kokitboon Fukham 

(Mahasarakham University) 

9 77 A Corpus-based Preliminary Study of Prosodic Turn-yielding Cues by Chinese Learners 
Wei Zhang 

(Wonkwang University) 

10 13 An Emotional Character Based on Emotional Recognition Techniques 
Donghyun Shin and Younghun Kwon 

(Hanyang University) 

11 67 A Unified On-Line Framework on Blind Source Separation 
Uihyeop Shin, Seung-Yun Kim, Jun-Hyung Kim, Jung-Min Kim and Hyung-Min Park 

(Sogang University) 

12 68 Audio Event Detection Using CNN for Road Surveillance 
Saet-Byeol Sim and Hyung-Min Park 

(Sogang University) 

13 73 Rapid Speech Emotion Recognition Based on Data Compression 
Suk Young Lim, Hong In Yun, Hwa Min Kim and Jeong Sik Park 

(Hankuk University of Foreign Studies) 

14 78 A Korean Automatic Speech Recognition for Non-native Speakers by Using Bidirectional LSTM-

based Acoustic Model with the Augmented Speech Data 
Yoo Rhee Oh, Kiyoung Park and Jeon Gue Park 

(ETRI) 

15 79 A Post-processing Method to Increase ASR System Accuracy using Phrases Provided by Users 
Kiyoung Park, Hyung-Bae Jeon and Jeon Gue Park 

(ETRI) 

16 80 Fast Voice Conversion on Non-parallel Corpus 
Sunghee Jung, Youngjoo Suh and Hoirin Kim 

(KAIST) 
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Keynote Speakers 

 

 

 
Allard Jongman 
Professor, The University of Kansas, USA 

 

Keynote Speech: Enhancing intelligibility: Hyperarticulation, visual, and lexical contributions 

Tutorial Lecture: The role of training in the formation of new sound categories 

 

 

Allard Jongman received his M.A. in Linguistics from the University of Amsterdam in The Netherlands and 

his Ph.D. from Brown University in the United States. Following postdoctoral positions at the Central Institute 

for the Deaf, Max Planck Institute for Psycholinguistics, and UCLA, and a faculty position at Cornell 

University, he is currently Professor of Linguistics at the University of Kansas. Jongman’s research program 

investigates acoustic cues and their representation in speech perception and speech production, examining 

phonetic features and the way in which they are mapped onto higher lexical levels across languages. Most 

recently, this research has focused on fricatives and lexical tone. Prof. Jongman has published over 100 articles 

and book chapters and is author (with Henning Reetz) of the textbook Phonetics: Transcription, Production, 

Acoustics and Perception. He serves as Associate Editor of Phonetica and is a Fellow of the Acoustical Society 

of America. 
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Keith R. Kluender 

Professor, Purdue University, USA 

 

Keynote Speech: Long-standing problems in speech perception dissolve within an information-

theoretic perspective 

Tutorial Lecture: Virtues of (co)variance for perceptual learning 

 

 

Keith R. Kluender earned his B.S. in Psychology with minors in Biology, Chemistry and Psychology in 1979 

from Carroll College in Waukesha, Wisconsin. After earning a Master’s degree in Experimental Psychology 

at Northeastern University in Boston, Massachusetts, he earned a PhD. In Experimental Psychology from The 

University of Texas at Austin. His first faculty position was at the University of Wisconsin – Madison 

beginning in 1988 until he joined Purdue University to serve as Professor and Head of the Department of 

Speech, Language, and Hearing Sciences. His goal is to better understand how people perceive complex sounds 

such as speech. His research is highly interdisciplinary spanning communication disorders, computer science, 

electrical engineering, linguistics, neuroscience, philosophy, and psychology. The interdisciplinary nature of 

this research requires many sources of evidence including listening performance, neurophysiological 

recordings, and computational simulations. This work is often extended to clinical problems of hearing 

impairment and language delay, and to practical solutions such as cochlear prosthetics (implants), hearing aid 

design, and computer speech recognition. 
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Helen Meng 

Professor, The Chinese University of Hong Kong, Hong Kong 

 

Keynote Speech: Speech AI for learning and wellbeing 

Tutorial Lecture: Towards natural speech synthesis: Analysis of text, linguistics, acoustics and 

speech from increasing data 

 

 

Helen Meng is Patrick Huen Wing Ming Professor of Systems Engineering and Engineering Management at 

The Chinese University of Hong Kong (CUHK). She is the Founding Director of the CUHK Ministry of 

Education (MoE)-Microsoft Key Laboratory for Human-Centric Computing and Interface Technologies (since 

2005), Tsinghua-CUHK Joint Research Center for Media Sciences, Technologies and Systems (since 2006), 

and Stanley Ho Big Data Decision Analytics Research Center (since 2013).  Previously, she served as CUHK 

Faculty of Engineering’s Associate Dean (Research), Chairman of the Department of Systems Engineering 

and Engineering Management, Editor-in-Chief of the IEEE Transactions on Audio, Speech and Language 

Processing, and presently Member of the ISCA International Advisory Council. She was elected ISCA 

Distinguished Lecturer 2015-2016. Her awards include the Ministry of Education Higher Education 

Outstanding Scientific Research Output Award 2009, Microsoft Research Outstanding Collaborator Award 
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Enhancing Intelligibility: Hyperarticulation, Visual, and Lexical Contributions  
 

Allard Jongman 

University of Kansas 

jongman@ku.edu 

 

 
ABSTRACT 

 

One of the primary goals of speech research is to 

characterize the defining properties of speech sounds that 

occur in natural language, and to determine how the 

listener extracts these properties in the process of speech 

perception. In this talk, I will present several types of data 

to advance our understanding of the relationship between 

production and perception of speech. Specifically, 

comparisons of conversational and hyperarticulated 

speech serve to identify the acoustic cues that may be 

most important to speech communication. In addition, 

data from sentence processing and audio-visual 

experiments address the extent to which linguistic and 

facial information can enhance speech communication 

above and beyond the acoustic information. I will focus 

on English fricatives as an ideal test case: they span a 

wide range of places of articulation and include fricatives 

that have acoustically salient but visually weak cues as 

well as fricatives that are visually salient but acoustically 

weak. Results suggest that accurate perception of 

fricatives, especially non-sibilant fricatives, derives from 

a combination of acoustic, linguistic, and visual 

information. 
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Long-standing Problems in Speech Perception Dissolve  

Within an Information-theoretic Perspective. 
 

Keith. R. Kluender 
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ABSTRACT 

 

An information theoretic framework is proposed to 

dissolve (rather than attempt to solve) multiple 

longstanding problems concerning speech perception. By 

this view, speech perception can be reframed as a series 

of processes through which sensitivity to information – 

that which changes and/or is unpredictable – becomes 

increasingly sophisticated and shaped by experience. By 

this perspective, problems concerning appropriate 

objects of perception (gestures versus sounds), rate 

normalization, variance consequent to articulation, and 

talker normalization dissolve. Application of 

discriminative models founded on information theory 

provides a productive approach to answer questions 

concerning perception of speech, and perception most 

broadly. 
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Speech AI for Learning and Wellbeing 
 

Helen Meng 

The Chinese University of Hong Kong 

cuhk2.hmmeng@gmail.com 

 

 

 
Spoken language is a primary form of human 

communication. Spoken language processing 

techniques must incorporate knowledge of acoustics, 

phonetics and linguistics in analyzing speech. While 

great strides have been made in the community in 

general speech recognition, reaching human parity in 

performance, our team has been focusing on the 

problems of recognizing and analyzing non-native, 

learners’ speech for the purpose of mispronunciation 

detection and diagnosis in computer-aided 

pronunciation training. In order to generate 

personalized, corrective feedback, we have also 

developed an approach that uses phonetic posterior-

grams (PPGs) for personalized, cross-lingual text-to-

speech synthesis given arbitrary textual input, based 

on voice conversion techniques. We have also 

extended our work to disordered speech, focusing on 

automated distinctive feature (DF)-based analyses of 

dysarthric recordings. The analyses are intended to 

inform intervention strategies. Additionally, voice 

conversion is further developed to restore disordered 

speech to normal speech. This talk will present the 

challenges in these problems, our approaches and 

solutions, as well as our ongoing work. 
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Towards Natural Speech Synthesis: Analysis of Text, Linguistics, Acoustics and 

Speech from Increasing Data 
 

Helen Meng*, Xixin Wu** 

The Chinese University of Hong Kong 

*hmmeng@se.cuhk.edu.hk, **wuxx@se.cuhk.edu.hk 

 

 

 
In text-to-speech (TTS) synthesis, significant progress 

has been made since introduction of deep learning 

approaches in 2013.  State-of-the-art, neural approaches 

to TTS can already produce speech with close-to-human 

quality.  We will review the research advancement on 

TTS in the past few years, covering  the pipeline of text 

analysis, linguistic-to-acoustic mapping and waveform 

generation.  The sequence-to-sequence architecture that 

integrates the multiple modules of the pipeline into one 

compact model will also be introduced.  We will also 

attempt to make a projection on future technological 

development, covering some new paradigms and new 

ideas. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

**Bio: Xixin Wu received the B.S. and M.S. degrees 

from the School of Software Engineering, Beihang 

University and Department of Science and Technology, 

Tsinghua University, China, respectively. He is currently 

pursuing the Ph.D. degree at the Department of Systems 

Engineering and Engineering Management, the Chinese 

University of Hong Kong, China.  His research interests 

include speech synthesis and voice conversion.   Xixin 

has published papers in various speech conferences, 

including  ICASSP, Interspeech, Odyssey and ISCSLP, 

etc.  He has served as Chairman (CUHK organizing 

committee) of the CUHK-Tsinghua-NWPU International 

Doctoral Forum 2018, which facilitates research 

exchanges among top PhD students in the region. 
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Keith. R. Kluender 

Purdue University 

kkluender@purdue.edu 

 

 

 
ABSTRACT 

 

Most of the energy impinging upon sensory transducers 

is redundant because the structure of objects and events 

in the sensory environment is generally predictable. 

Speech signals are especially redundant. We show that 

perception rapidly reorganizes to efficiently capture 

covariance among acoustic attributes. Acoustic 

properties per se are perceptually abandoned, and sounds 

are processed respecting patterns of co-occurrence. 

Listeners' ability to distinguish sounds from one another 

depends primarily on the extent to which they are 

consistent or inconsistent with patterns of covariation 

among stimulus attributes. These findings have 

implications for experience-dependent learning of speech 

sound contrasts, and for learning to talk. 
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The Role of Training in the Formation of New Sound Categories 
 

Allard Jongman 

University of Kansas 

jongman@ku.edu 

 

 
ABSTRACT 

 

It is by now well established that the human brain 

can change throughout the life span. In this tutorial, 

I will present some of our training studies that show 

that adult learners can acquire and retain new sound 

categories. Advantages and disadvantages of the 

high-variability training paradigm will be discussed; 

the influence of perception training on production 

and vice versa will also be examined. Training 

obviously has practical benefits for language 

learning. In addition, however, I will show how 

varying the nature of the distributions presented 

during training can also provide insight into the 

mechanisms of language acquisition.  
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An electroglottograph study of tonal contrast in Drenjongke (Bhutia) 
 

Julián Villegas*, Seunghun J. Lee**, *** 
*University of Aizu, **International Christian University, ***University of Venda 

*julian@u-aizu.ac.jp, **seunghun@icu.ac.jp 
 
 

 
Drenjongke (Bhutia) is a Tibeto-Burman language 
spoken in Sikkim, India. Drenjongke is described as a 
tonal language with a contrast between high (H) and low 
(L) tone. An impressionistic study [2] report that H- 
toned syllables are accompanied with a glottal gesture, 
while L-tone syllables have breathy phonation, in 
addition to the difference in F0. This paper reports new 
findings from an electroglottograph (EGG) study in order 
to understand the role of phonation in the tonal contrast 
in Drenjongke.  

When all target syllables are considered, significant 
effect of tone on open quotient (Oq) is observed. A closer 
look at sonorant-initial syllables shows that the first third 
of the syllable have a significant effect, but not the rest of 
the syllable, suggesting that the phonation-based contrast 
targets the earlier part of a sonorant-initial syllable.  

Drenjongke stimuli come from a list of syllabary that 
was randomized. A PowerPoint slideshow was prepared 
using the Tibetan script and slides were manually 
advanced during recording sessions with six Drenjongke 
speakers. Eight vowels [i, y, u, e, æ, ø, o, a] were 
presented in H and L tone. Sonorant-initial syllables have 
the onsets [m, n, ŋ, ɲ, l] followed by the [a] vowel.  

EGG data was processed using a Matlab based 
program called Eggnog [3]. Panels in Figures 1 show 
output of Eggnog: the F0 (overlaid on top of the 
spectrogram), EGG signal and open quotient (Oq) in 
three panels from top to bottom.  

A statistical analysis using GLM was performed after 
logit transforming the Oq values, logOq = log(Oq/(1-
Oq)). The analysis was conducted on the means per 
Speaker, tone and item (syllable type).  

When vowel-only tokens are considered, significant 
effect of tone was found [χ2(1) = 6.22, p=.014, R2=.631]. 
The figure 2a shows that low-toned vowels have larger 
Oq, but the difference in Oq values is not great, 
questioning whether the statistically significant 
difference in Oq in fact approaches any linguistic 
differences.  

Figure 2b show that syllables with a sonorant onset 
also have difference in Oq values between H-toned 
syllables and L-toned syllables. Further examination of 
this difference suggests that any statistically significant 
Oq differences only appear in the syllables’ first third that 
may mainly correspond with the sonorant onset. This 
finding echoes acoustic results in [1] that show tonal 
contrasts on the sonorant onset component rather than the 
vocalic component.  
 

 
Figure 1. L-toned [a] vowel. 
 

 
 

a. Vowels only b. Sonorant plus vowel 
 
Figure 2. Statistical results obtained from GLM analysis 
 

The results from six Drenjongke speakers indicate that 
Drenjongke may utilize phonation types in addition to F0, 
as described in [2]. However, the seemingly non-salient 
phonation difference that is nonetheless statistically 
significant requires further investigation and a follow-up 
perception study so that phonetic cues for the tonal 
contrast in Drenjongke can better be understood.  
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The Origins of Visual Perception of Mandarin Lexical Tones: Face and Head  
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1 MARCS Institute for Brain Behaviour & Development, Western Sydney University; 2 Speech Hearing & Phonetic 

Sciences, University College London; 3Communication Dynamics Lab, University of British Columbia 

denis.burnham@westernsydney.edu.au, c.carignan@phonetik.uni-muenchen.de; weicong.li@westernsydney.edu.au; 

vattina@yahoo.fr;evb@mail.ubc.ca/lfais@psych.ubc.ca 

 
ABSTRACT 

There is increasing research on the locus of visual 

information for lexical tone. Here we investigate head 

and face motion in the production of the 4 Mandarin 

tones by 6 Mandarin speakers in normal, whispered and 

Lombard speech. Here the focus is jaw motion. Vertical 

and horizontal jaw motion differentiates the 3 speech 

types, and Mandarin tones are differentiated by 

combinations of vertical, horizontal and even lateral 

motion, combinations that differ over speech type.   

 

1. Introduction 

In 2000 we found there is visual perception of Cantonese 

lexical tones via information from the speaker’s face and 

head [1,2,3]. Other studies have since confirmed this for 

Thai and Mandarin [e.g., 4,5,6]. Most recently studies in 

Thai [7] and Mandarin [8] have gone beyond visual 

perception of lexical tone to investigate where in the face 

and head the information for lexical tone might reside.   

This paper provides an extension of these recent studies 

recording, using OPTOTRAK, head and face and neck 

movement in normal, whispered and Lombard speech for 

the 4 Mandarin tones in 6 native speakers. Data for 6 

regions were collected (see Fig 1) – head, eyebrows, 

cheeks, lips, jaw, and larynx. Due to the complexity of 

the full data, detailed analyses of just one region, the jaw, 

are presented in this abstract.  

2. Method 

Six native Mandarin adult speakers (4 female) were 

recorded with OPTOTRAK markers on the head (4 

markers), eyebrows (6) cheeks (6), lips (8), jaw (5), 

and larynx (2) (see Fig. 1).  3 syllables, /tsʰai, fɤn, 

ma/, were spoken on each of the 4 Mandarin tones: 1. 

High-Level (Chao [9] value 55); 2. Rising (35); 3. 

Dipping (214); and 4. Falling (51). 5 repetitions of 

each of the 12 (3 syllables x 4 tones) items were 

recorded in citation form or in carrier sentences in 

each of 3 speech contexts: normal, 

whispered, and Lombard speech, the 

latter involving white noise played to 

speakers through headphones. The 

audio signal was recorded at 44.1kHz 

and the 3D motion OPTOTRAK at 

60 Hz.  

Figure 1: Positions of OPTOTRAK markers on the 

head (4 markers:1-4), eyebrows (6: 6-10), cheeks (6: 

11-16), lips (8: 17-24), jaw (5: 25-29), larynx (2: 

30,31).  

3. Data Treatment 

Only citation form data were analysed here, 3 syllables x 

4 tones x 5 repetitions x 3 speech styles = 180 

productions / speaker. In addition, only the jaw marker 

data are presented here to provide an in-depth description 

of the analysis procedures. Analyses of head, eyebrows, 

cheeks, lips and larynx will follow. Audio data were 

transcribed and aligned at the phonetic level in Praat [10] 

and the 180 target word types excised. Temporal 

information of the vowels from the alignment was used 

as time markers for the OPTOTRAK data. OPTOTRAK 

data were pre-processed and subsequent analyses 

performed in MATLAB and R. 3D motion data from the 

4 head markers were used to determine absolute head 

motion, and was used as the reference to calculate 

relative motion of parts of the face and neck. So here, the 

x-, y-, and z-dimension data from the 5 head-corrected 

jaw sensors (absolute jaw motion minus head motion) 

were analysed with values z-score normalised for each 

speaker.  

4. Results 

Data visualizations used local polynomial regression 

("loess" smoothing), and analyses used generalized 

additive mixed models (GAMMs) with a full smooth of 

jaw position by speaker as a function of normalised time 

to control for by-speaker effects. Pairwise comparison of 

factor intercepts in the GAMMs was carried out using the 

Wald test to investigate effects of (a) speech context 

(normal, whispered, Lombard, 3 tests, Bonferroni-

adjusted α = 0.017) and (b) effects of tone (1,2,3,4, 6 

tests, Bonferroni-adjusted α = 0.008). Subsections 4.1, 

4.2, and 4.3, show plots of the vertical, horizontal and 

lateral jaw movement respectively, along with reports of 

significant effects. 

Speech Contexts; Normal, Whispered, Lombard: Vertical 

and horizontal jaw movement significantly differentiate 

the three speech types; lateral movement does not. This 

is intuitively reasonable as both types of emphasis 

(Lombard and Whisper) could well involve differential 

jaw opening and protrusion compared to normal speech.   

Mandarin Tones; 1, 2, 3, 4: In normal speech, tones are 

differentiated by horizontal (Tones 1 v 2; 2 v 4) and 

lateral (1 v 3; 2 v 3; 2 v 4; 3 v 4), but not vertical 

movement. Tones are hardly differentiated at all in 

whispered speech (only 1 v 3 in horizontal motion). 

Lombard speech is the context in which tones are most 

differentiated in vertical (1 v 2; 1 v 3; 2 v 4), horizontal 

(1 v 2; 2 v 4) and lateral (1 v 3; 2 v 3) jaw motion.  
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4.1. Vertical, Up-Down Jaw Movement 

 

4.2 Horizontal, Protrusion-Retraction Jaw Movement  
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4.3 Lateral, Left-Right Jaw Movement 

5. Conclusions and Future Directions 
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There has been a growing body of studies on the acoustic 
nature of phonological contrasts in endangered languages; 
compared to that, how such contrasts are perceived is still 
an understudied area of research in phonetic studies. This 
paper reports a perception study on the phonological 
vowel length contrast in Drenjongke (Bhutia), spoken in 
Sikkim, India. Drenjongke is reported to have a 
phonological vowel contrast between a short vowel and 
a so-called “long” vowel. A previous impressionistic 
description of the language [2] describes the long vowels 
as being phonetically long, or having different vowel 
quality. A later instrumental study of the vowel contrast 
[1] reports that Drenjongke speakers produce their “long” 
vowels in various ways: (i) longer duration, (ii) a short 
vowel followed by a consonant, (iii) creaky voice, or (iv) 
different vowel quality—long vowels are not necessarily 
realized with longer phonetic intervals. A question that 
arises from this result is whether these variable 
pronunciations are indeed judged to be valid realizations 
of the phonologically long vowels in the language.  

A perception experiment was conducted in Gangtok, 
Sikkim with 39 listeners recruited from the region. 
Listeners were visually presented with an English word, 
while auditory stimuli were a Drenjongke word that 
contained either a short vowel or a long vowel. Listeners 
wore Sennheiser noise reducing headphones and 
registered their responses using a keypad through the 
Superlab interface.  

Half of the auditory stimuli “matched” the Drenjongke 
translation of the visual English prompt in terms of their 
phonological length status. The other half contained a 
“mismatched” vowel. Of crucial interest were cases in 
which visual stimuli contained words with long vowels, 
and the audio stimuli were different realizations of 
phonologically long vowels: (a) long vowel, (b) vowel 
followed by a consonant, (c) creaky vowel, (d) vowel 
followed by a glide, or (e) different vowel quality. In the 
mismatched condition,when a visual stimulus contains a 
phonologically “long” vowel, the audio stimulus is 
always a short vowel. Listeners rated the goodness-of-fit 
using a 1-to-7-point scale where 1 is the worst fit and 7 is 
a perfect fit.  

Figure 1 shows the distribution of the ratings for each 
condition. First, the match conditions show high 
goodness-of-fit ratings, whereas most mismatch 
conditions were rated low, suggesting that whether visual 
and auditory stimuli matched in terms of their 
phonological length was important. Importantly, 

Drenjongke speakers judged different phonetic 
realizations of long vowels as a good fit, even when these 
realizations do not contain a phonetically long vowel.  

Next, we observe that the mismatched condition with 
vowel quality (VQ) was judged to have a better fit than 
the other mismatched conditions. This may be because in 
this condition, the entire phonetic interval was short, 
unlike the other conditions in which short vowels were 
followed by another segment, hence the rhyme duration 
being long. It could be the case, then, that Drenjongke 
listeners are tuned to the entire rhyme duration when 
perceiving the contrast between the short versus “long” 
categories.  

 
Figure 1. Results of a goodness-of-fit rating by 39 
listeners of Drenjongke. (Note: V = short vowel; V: = 
long vowel; VC = vowel+consonant; Vcr = creaky vowel; 
VG = vowel+glide; VQ = vowel quality difference) 
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ABSTRACT 

This study investigates the production of Chinese /r/ 

sounds and Japanese /ɾ/ by advanced L1 Japanese 

speakers (AJ speakers), Japanese-Chinese simultaneous 

bilingual speakers (SB speakers), and compares them 

with native Beijing Mandarin speakers (NB speakers) 

and native Japanese speakers (NJ speakers). The results 

showed that SB speakers had an overall advantage over 

AJ speakers in producing Chinese /r/ sounds. However, 

cross-linguistic influences in producing Japanese /ɾ/ were 

more evident for SB speakers than AJ speakers. The 

present study sheds light on how early and late language 

learners differ in terms of the acquisition of similar 

phonetic segments between languages. 

1. Introduction 

The speech acquisition of English /r/ by L1 Japanese 

speakers is one of the most thoroughly researched topics 

in second language acquisition (e.g., [2]). However, 

much fewer studies have been done on how L1 Japanese 

speakers acquire rhotic sounds in other languages [3]. 

The current study aims to find out to what extent the AJ 

speakers and SB speakers could produce the three types 

of Chinese /r/ sounds (prevocalic, postvocalic and 

syllabic) and the prevocalic Japanese /ɾ/ similarly as the 

NB speakers and NJ speakers respectively.  

2. Method 

Details of the participant groups can be found in Table 1. 

Stimuli design can be found in Table 2. 

Table 1. Participant groups. 

Group of speakers Details 

Advanced L1 Japanese 

speakers (AJ speakers) 

9 participants (2 males, 

mean age=25.1, 

SD=7.76), > 1-year 

immersion in Beijing 

and with HSK-5 level 

or above.  

Japanese-Chinese 

simultaneous bilingual 

speakers (SB speakers) 

5 participants (5 males, 

mean age=20.8, 

SD=1.92). Two of them 

were born in China, the 

other three were born in 

Japan. 

Native Beijing 

Mandarin speakers (NB 

speakers) 

10 participants (4 

males, mean age=20.7, 

SD=1.76). 

Native Japanese 

speakers (NJ speakers) 

5 participants (2 males, 

mean age=22.8, 

SD=1.30). 

Table 2. Stimuli of production experiments. 

Stimuli Details 

Chinese /r/ 

16 tokens for Chinese 

prevocalic /r/ (e.g., “如”, 

[ɹu]), 3 tokens for Chinese 

syllabic /r/ (e.g., “儿”, [ɚ]), 

21 tokens for Chinese 

postvocalic /r/ (e.g., “ 皮

儿”, [bʰ iɹ]). 

Japanese /ɾ/ 

5 tokens for Japanese 

prevocalic /ɾ/, i.e., [ɾa], [ɾe], 

[ɾɯ], [ɾo], [ɾi]. 

Comparable pairs 

between Chinese /r/ 

and Japanese /ɾ/ 

3 comparable pairs 

between Chinese /r/ and 

Japanese /ɾ/, e.g., Chinese 

/ran/ and Japanese /ɾan/. 

The participants were required to read aloud the target 

stimuli in a carrier phrase. For the Chinese stimuli, the 

carrier phrase was “我念__给你听”, meaning “I read __ 
for you”. For the Japanese stimuli, the carrier phrase was 

“これは、__です”, meaning “This is __”. 

Three acoustic correlates were measured for both 

Chinese /r/ and Japanese /ɾ/: duration, formant 

frequencies of F3 and F2. Also, the acoustic correlates 

were measured together with its adjacent vowel, since the 

Chinese /r/ and Japanese /ɾ/ were both heavily articulated 

with the adjacent vowel. The formant values were time-

normalized and converted to Bark. 

3. Results 

The SB speakers had an overall advantage over the AJ 

speakers in producing Chinese /r/ sounds. Although the 

SB speakers produced Chinese /r/ sounds with a shorter 

duration, they succeeded in producing the three types of 

Chinese /r/ sounds with similar formant patterns as the 

NB speakers did, while the AJ speakers failed to do so 

for prevocalic /r/ and syllabic /r/. For prevocalic /r/, the 

production of the AJ group had larger F3 rising and 

smaller F2 falling than the NB group (Figure 1). For 

syllabic /r/, both the SB speakers and NB speakers 

produced it in a similar way as their postvocalic /r/, but 

the AJ speakers produced syllabic /r/ and postvocalic /r/ 

differently (Figure 2). The AJ speakers’ syllabic /r/ had 
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smaller F3 falling than the NB speakers, and lower F2 

value at the initial part. Despite with similar formant 

patterns, the AJ speakers produced the postvocalic /r/ 

with a longer duration than the NB speakers.  

Figure 1. The F3 (left) and F2 (right) trajectories of Chinese 

prevocalic /r/ by the AJ, SB and NB groups 

 

Figure 2. The F3 trajectories of Chinese postvocalic /r/ and 

syllabic /r/ by the AJ, SB and NB groups.  

 

For the AJ speakers, the production of Japanese /ɾ/ was 

highly similar with the NJ speakers. However, the 

Japanese /ɾ/ produced by the SB speaker had a larger F3 

initial rising than the NJ speakers, which could be due to 

the large F3 initial rising of Chinese prevocalic /r/ (Figure 

3). 

Figure 3. The F3 trajectories of Japanese /ɾ/ by the AJ group, 

SB group and NJ groups. 

 

Figure 4. The F3 trajectories of Chinese /ran/ and Japanese /ɾan/ 

by the AJ group and SB groups. 

 

The results of comparable pairs between Chinese /r/ and 

Japanese /ɾ/ show that both the AJ speakers and SB 

speakers produced the Chinese /r/ and Japanese /ɾ/ in a 

distinct way, with the duration of Japanese /ɾ/ always 

shorter than Chinese /r/ and the formant value of 

Japanese /ɾ/ always higher than Chinese /r/. Nevertheless, 

the formant value differences of the SB speakers were 

smaller than that of the NJ and AJ speakers, indicating 

interaction between the two languages for the SB 

speakers (Figure 4). 

4. Discussion and conclusions 

Although the AJ speakers produced Chinese prevocalic 

/r/ and Japanese /ɾ/ (prevocalic in nature) in a distinct way, 

the AJ group’s Chinese prevocalic /r/ had larger F3 rising 

and smaller F2 falling, such formant patterns were 

inconsistent with both the NB and SB groups. The 

production of Chinese prevocalic /r/ by the AJ speakers 

was in an intermediate state, appeared to be an 

established new sound category for the AJ speakers, but 

it was not native-like. 

Both the SB and NB speakers produced the Chinese 

postvocalic /r/ and syllabic /r/ similarly, while the AJ 

speakers pronounced them with a different manner. It is 

possible that the SB and NB speakers perceived the 

postvocalic /r/ and syllabic /r/ as the same category, while 

the AJ speakers perceived them differently. Nevertheless, 

perception experiment is needed to verify this hypothesis. 

The production of Japanese /ɾ/ by the SB speakers had a 

larger F3 initial rising than both the NJ and AJ speakers, 

indicating stronger effects of cross-linguistic influence 

for the SB speakers [4]. This effect for the SB speakers 

was also evident in the smaller formant value differences 

between Chinese /r/ and Japanese /ɾ/ comparable pairs.

Our findings have some implications. First, perception 

experiment is needed to identify the perceptual 

relationship between the three types of Chinese /r/ sounds 

by the AJ speakers, SB speakers and NB speakers. 

Second, the effect of language dominance in 

simultaneous bilinguals is under further examination. 

Third, training experiment in assisting the AJ speakers to 

acquire Chinese /r/ sounds could be carried out to identify 

whether the AJ speakers could ultimately achieve native 

performance in producing the Chinese prevocalic /r/ and 

syllabic /r/ [1]. 
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ABSTRACT 

This paper investigates the pronunciation of the English 

consonants by Hong Kong Cantonese (HKC) speakers. 

English monosyllabic and disyllabic words that contain 

different types of initial and final consonants were 

elicited from ten HKC speakers. The cases of 

mispronunciation more frequently made by the speakers 

in this study include (i) devoicing the voiced obstruents 

/b d ɡ ʤ v ð z ʒ/, (ii) pronouncing the final plosives /p t 

k b d ɡ/ with no audible release, (iii) substituting the 

English /θ ð/, /ʃ ʒ/ and /ʧ ʤ/ with the respective 

Cantonese [f t], [s] and [ʦ ʦʰ]. 

1. Introduction 

In Hong Kong, the first language of the large majority 

of the population is Cantonese. English is widely taught 

as a second language in primary and secondary schools 

and is used as the teaching medium in universities. It 

has been reported that HKC speakers commonly 

pronounce /b d ɡ/ as [p t k], /ʧ ʤ/ as [ʦʰ ʦ], /v θ ð/ as [w 

f t], /z ʃ ʒ/ as [s], /ɹ/ as [w] or [l] ([1, 2, 3, 4, 5]). Also, 

the English final plosives /p t k/ are reportedly 

pronounced as unreleased [p˺ t˺ k˺] ([1, 2, 5]) and the 

English initial /n/ as [l] ([2, 3, 4]). 

The previous studies pay attention to the 

pronunciation of either initial or final consonants in 

English, but not both, uttered by HKC speakers. The 

present study is a comprehensive investigation of both 

the English initial and final consonants in the speech of 

HKC speakers. It is predicted that the English 

consonants which do not occur in Cantonese are more 

likely to be mispronounced. 

2. Method 

2.1. Speakers 

Speech samples of the English consonants were 

collected from ten HKC speakers, five male and five 

female, all in their early 20’s who were born into and 

grew up in Cantonese-speaking families in Hong Kong. 

They were undergraduate students majoring in a subject 

other than English or linguistics. Their English 

proficiency is assessed to be at the intermediate level 

according to their grades for the subject of the English 

language in the high school metric examination. 

2.2. Test materials 

A large number of commonly used English 

monosyllabic and disyllabic words were elicited from 

the HKC speakers. The test English words contain 23 

word-initial consonants /p t k b d ɡ θ ð f v s z ʃ ʒ h ʧ ʤ 

m n l ɹ j w/ and 21 word-final consonants /p t k b d ɡ θ ð 

f v s z ʃ ʒ ʧ ʤ m n ŋ l ɹ/. The test disyllabic words, 

which contain word-medial consonants, such as /p/ in 

‘suppose’ /səˈpəʊz/, /t/ in ‘retain’ /rɪˈteɪn/, and /k/ in 

‘locate’ /ləʊˈkeɪt/, were also included for analysis. 

2.3. Recording and data analysis 

Audio recordings of speech samples from HKC 

speakers were performed in a sound-proof booth. The 

recorded speech samples were assessed and transcribed 

by two trained research assistants in phonetics who were 

experienced in the IPA transcription of the speech 

sounds of English and Cantonese. Table 1 presents the 

number of test words elicited from the ten HKC 

speakers. The test words which were judged to be 

pronounced as wrong words were discarded. 
 

Table 1. Number of test words elicited from 5 male (M1 to M5) 

and 5 female (F1 to F5) HKC speakers used for analysis. 
 

M1 M2 M3 M4 M5 F1 F2 F3 F4 F5 

493 501 501 491 498 492 494 503 503 503 

3. Results 

3.1. Voiceless plosives /p t k/ 

HKC speakers pronounce the English /p t k/ as aspirated 

[pʰ tʰ kʰ] in the word-initial and word-medial positions 

in 100% of the test words. In the word-final position, 

they are frequently pronounced as [p t k] with audible 

release (70.1%, 97.5%, 89.9%) or as [p˺ t˺ k˺] with no 

audible release in other test words (29.9%, 2.5%, 

10.1%). The pronunciation of [p˺ t˺ k˺] is less frequent 

than what is reported in the previous studies ([1, 2, 5]). 

3.2. Voiced plosives /b d ɡ/ 

HKC speakers tend to devoice the English voiced 

plosives /b d ɡ/ as [p t k]. The frequencies are high in 

both the word-initial (98.5%, 97.3%, 99.3%) and word-

medial (87.1%, 94.9%, 93.1%) positions. In some other 

test words, in particular in the word-medial position, /b 

d ɡ/ remain as voiced.  

In the word-final position, /b d ɡ/ are pronounced as 

voiceless [p t k] with audible release (69.2%, 76.3%, 

55%), which is more frequent than being pronounced as 

[p˺ t˺ k˺] with no audible release (30.8%, 21.3%, 25%). 

There are also cases where the word-final /d/ (2.4%) and 

/ɡ/ (10%) are deleted or /ɡ/ (10%) remains as voiced.  

3.3. Affricates /ʧ/ and /ʤ/ 

HKC speakers frequently pronounce the English /ʧ/ as 

aspirated [ʧʰ] in the word-initial (94.4%) and word-

medial (95.2%) positions. In a few test words, /ʧ/ is 
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pronounced as a labialized Cantonese aspirated alveolar 

affricate [ʦʷʰ]. In the word-final position, /ʧ/ is 

pronounced as [ʧ] in most test words (84%) and as [ʦʷ] 

in some other test words (16%).  

The devoicing of the English /ʤ/ as [ʧ] is frequent in 

the word-initial (85.7%), word-medial (90%), and word-

final (90.3%) positions. In some other test words, /ʤ/ is 

pronounced as [ʦʷ] in the initial (10%), medial (10%), 

and final (9.7%) positions, and in a few test words it 

remains as voiced (4.3%).  

3.4. Voiceless fricatives /f θ s ʃ h/ 

The English fricatives /f s h/, but not /θ ʃ/, also occur in 

Cantonese. In all the test words (100%), HKC speakers 

pronounce the English /f/ and /s/ as [f] and [s] 

irrespective of the position in the words and the English 

/h/ as [h] in the word-initial position. In the word-medial 

position, /h/ is pronounced as [h] in most cases (75%) 

and as voiced [ɦ] in the other cases (25%). 

The English /θ/ is pronounced by HKC speaker either 

as [θ] or [f] in the word-initial (68.9%, 31.1%), word-

medial (50%, 43.3%), and word-final (45%, 55%) 

positions. In the word-medial position, /θ/ may also be 

pronounced as voiced [ð] (3.3%) or [v] (3.3%). 

The English /ʃ/ is pronounced as [ʃ] in the word-

initial (100%), word-medial (84.2%), and word-final 

(90%) positions. In some other test words, it is 

pronounced as [sʷ] in the word-medial (15.8%) and 

word-final (10%) positions. 

3.5. Voiced fricatives /v ð z ʒ/ 

The English /v ð z ʒ/ are non-occurring in Cantonese. 

The devoicing of the English /v/ and /z/ as voiceless [f] 

and [s] by HKC speakers is frequent in the word-initial 

(84.2%, 89.5%), word-medial (85%, 100%), and word-

final (98.6%, 98.9%) positions. In a few test words, /v/ 

and /z/ remain as voiced. 

The English initial /ʒ/ is pronounced as [ʃ] in the 

word-initial (100%) and word-medial (90%) positions, 

but as [ʧ] in the word-final position (100%). In this 

study, the English /ʒ/ occurs in a single uncommon test 

word ‘beige’ /beɪʒ/. That /ʒ/ is affricated as [ʧ] is 

probably because HKC speakers assume that ‘-ge’ is an 

affricate, rather than a fricative.  

HKC speakers pronounce the English /ð/ as voiceless 

[t] (65%) or [θ] (22.5%) in the word-initial position, [θ] 

(40%), [f] (20%) or [t] (20%) in the word-medial 

position, and [f] (71.4%) or [θ] (28.6%) in the word-

final position. In some other test words, the English /ð/ 

is pronounced as voiced [d] (7.5%, 0%) or [ð] (5%, 5%) 

the word-initial and word-medial positions. 

3.6. Nasals /m n ŋ/ 

English and Cantonese share the three nasals /m n ŋ/, 

with the initial /ŋ/ non-occurring in English. The 

frequencies of correct pronunciation of /m n ŋ/ by HKC 

speakers are high, with /m/ pronounced as [m] in all the 

test words (100%) irrespective of the position in the 

words,  /n/ as [n] in the word-initial (99.2%), word-

medial (100%), and word-final (95.4%) positions, and  

/ŋ/ pronounced as [ŋ] in the word-final position (91.8%). 

In a few test words, /n/ is pronounced as [l] in the word-

initial position (0.8%), which is less frequent than what 

is reported in the previous studies ([2, 3, 4]). In a limited 

number of test words, /n/ is pronounced as [ŋ] (3.7%) 

and /ŋ/ as [n] (8.2%) in the word-final position.  

3.7. Approximants /l ɹ j w/ 

The English approximants /l ɹ j w/, except /ɹ/, occur in 

Cantonese. HKC speakers pronounce /l ɹ j w/ as [l ɹ j w] 

in the word-initial (94.6%, 93.4%, 100%, 98.9%) and 

word-medial (98%, 95.3%, 100%, 100%) positions. In 

less than 10% of the test words, /l/ is pronounced as [n], 

/ɹ/ as [w], and /w/ as [ɹ] in the word-initial position. 

The English final /l/ and /ɹ/ are non-occurring in 

Cantonese. HKC speakers tend to vocalize /l/ as a [u]-

like sound (67.5%) when preceded by a non-back vowel 

in words, such as ‘skill’ /skɪl/, ‘signal’ /sɪɡnəl/, and ‘tell’ 

/tel/, and to delete /l/ (32.5%) when preceded by a back 

vowel in words, such as ‘small’ /smɔl/, ‘rule’ /ɹul/, and 

‘hole’ /həʊl/. As for the English final /ɹ/, it is frequently 

deleted (82%) rather than pronounced (18%). 

4. Conclusion 

This paper presents the results of the investigation of the 

pronunciation of English initial and final consonants by 

HKC speakers. Compared to the previous studies, this 

study shows that there is a reduction in the number of 

cases of mispronunciation of the English consonants by 

HKC speakers, an indication that HKC speakers have 

made improvements to their English pronunciation. The 

results confirm the prediction that the English sounds 

which are non-occurring in Cantonese, such as the 

voiced plosives /b d ɡ/, postalveolar fricative /ʃ/ and 

affricates /ʧ ʤ/, voiced fricatives /v ð z ʒ/ and 

interdental fricative /θ/, are more likely to be 

mispronounced by HKC speakers. 
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The speech of a familiar talker is better recognized in 
noise than an unfamiliar one (the so called ‘talker 
familiarity effect’ [1], [2]). This result suggests that a 
listener forms a talker-specific speech model (a talker 
model) that can play a role in speech processing.    

The standard talker familiarity effect has been 
examined in studies where participants were 
familiarised with the talker’s speaking voice (i.e., 
auditory speech). Consequently, tests of a talker model 
were concerned with how information about a person’s 
voice and auditory speech are linked and interact. Here, 
we investigated the talker familiarity effect when 
familiarization involved the talker’s face as well as 
voice. Our research question, following up our previous 
studies, [3], [4], posed whether a talker model could be 
accessed by the presentation of the face of a familiar 
talker, given that a talker model resulting from auditory 
and visual exposure would be auditory and visual [5], 
[6]. More specifically, we investigated how presenting a 
face (a clear-cut cue for the talker identity) would 
interact with the standard talker familiarity effect.  

In the experiment, 50 participants were trained to 
recognize three talkers’ faces and voices to ceiling-level 
accuracy. Participants were then given a speech 
recognition task in noise at -1dB SNR, consisting of 
four talker conditions: 1) a familiar face then familiar 
voice; 2) an unfamiliar face then familiar voice; 3) a 
familiar face then unfamiliar voice; and 4) an unfamiliar 
face then unfamiliar voice. An auditory-visual talker 
familiarity effect was found, i.e., speech perception was 
more accurate in the familiar face and familiar voice 
condition compared to all other conditions. When paired 
with an unfamiliar face, a familiar voice produced a 
significant but reduced talker familiarity effect. The 
familiar face and unfamiliar voice condition produced 
the poorest performance, indicating that pairing a 
familiar face and unfamiliar voice had a disruptive 
effect. The results suggest that listeners develop a talker 
model that includes details of both the voice and the 
face; and that accessing this model can be achieved by 
face as well as voice cues. 

References 

[1] Nygaard, L. C. Sommers M. S., & Pisoni, D. B. 
(1994). Speech perception as a talker-contingent 
process. Psychological Science. 5, 42-6.  

[2] Nygaard, L. C., & Pisoni, D. B. (1998). Talker-
specific learning in speech perception. Perception
& psychophysics, 60(3), 355-376. 

[3] Kim, J., & Davis, C. (2011). Testing audio-visual 
familiarity effects on speech perception in noise. 
Proceedings of the International Congress of 
Phonetic Sciences, Vol. 4, 1062-1065. 

[4] Kim, J., Karisma, S., Aubanel, V., & Davis, C. 
(2018). Investigating the Role of Familiar Face and 
Voice Cues in Speech Processing in Noise. 
Proceedings of Interspeech (pp. 2276-2279). 

[5] Lander, K., & Davies, R. (2008). Does face 
familiarity influence speechreadability?. Quarterly 
Journal of Experimental Psychology, 61(7), 961-
967. 

[6] Walker, S., Bruce, V., & O’Malley, C. (1995). 
Facial identity and facial speech processing: 
Familiar faces and voices in the McGurk effect. 
Perception & Psychophysics, 57(8), 1124-1133. 

- 37 -





Session 3: Speech Disorders (Bldg. H04, 302) 

9:30-10:30, 15 November 

Moderator: Seunhee Ha (Hallym University) 
Time ID Paper 

9:30-9:50 10 A Comparison of Korean and English Speech Sound Production for Korean Children with and 

without Speech Sound Disorder 
Ji Yeong Kim and Ji Wan Ha 

(Daegu University) 

9:50-10:10 47 Speech Range Profile and Voice Range Profile in in Non-dysphonic and Dysphonic Men 
Jaeock Kim and Seung Jin Lee 

(Kangnam University, Yonsei University) 

10:10-10:30 66 Dysarthria Classification Using Acoustic Properties of Fricatives 
Abner Hernandez and Minhwa Chung 

(Seoul National University) 

 

  

- 39 -





Proceedings of SICSS 2019 2019. 11. 15.-16. Seoul National University

A comparison of Korean and English speech sound production
for Korean children with and without speech sound disorder

Ji Yeong Kim*, Ji Wan Ha**
*Department of Speech & Rehabilitation science, Graduate School, Daegu University,

**Department of Speech Pathology, Daegu University
*sadtear999@naver.com, **jw-ha@daegu.ac.kr

Every language has its own sound system. Even
though there are similar sounds between two languages,
they are quite different in terms of structure,
distribution or sequence[1]. These differences make
difficulties to learn foreign language, including
pronunciation.
Also, it is clear that Korean sound system affects
pronunciation of foreign language since foreign
language learning starts mostly after acquiring native
language. Although it is hard to pronounce like a native
speaker in foreign language, the pronunciation should
not interfere with communication at least.
However, the children with speech sound
disorder(SSD), the main targets of this study, have
difficulties with communication even in their mother
tongue, Korean. They are particularly failed to produce
several consonants as making errors such as substitution,
addition, deletion, or distortion. So if these children
transfer their imperfect native pronunciation to produce
other language, communicating in foreign language
probably would be failed.
The main purpose of the current study is to investigate
the differences in Korean /English(as a foreign language)
speech sound production between the children with pure
SSD and TD(Typically Developing). The type of errors
and PCC(Percentage of Consonants Correct) scores
produced by pure SSD group will be compared to TD
group according to the auditory-perceptual assessment
and analysis.
Twenty children with under school age(4 to 6)
participated in the current study. The Urimal Test of
Articulation and Phonlogy(U-TAP, [2]) and the
Diagnostic Evaluation of Articulation and
Phonology(DEAP, [3]) are used to obtain single word
samples in Korean and English, respectively. All
children completed the former assessment with
spontaneous speech while the latter with imitation. The
speech sound production for the single words from the
U-TAP and DEAP were initially transcribed in
IPA(International Phonetic Alphabet). Each group of
PCC scores and the amount of error types were
calculated. The error types in Korean also were
compared with those found in English. The analysis of
vowel and distortion errors was limited due to the
matter of distinction.
As a result, there was a statistically significant
difference between two groups of PCC scores and the

amount of errors in English. Also, the PCC scores of
Korean and English showed a positive correlation. Most
common error type of two groups was the substitution
error and the deletion, addition, distortion errors were
also found. The children in both groups substituted
some English speech sound with Korean speech sound
which shares the place or manner of articulation.
Particularly, pure SSD children produced English
speech sound incorrectly where they misarticulate in
Korean. For example if the child who cannot produce /s/
or /s*/ in Korean also could not produce /s/ or /ʃ/ in
English.
This study verified that the children who suffer from
native language transfer their difficulties to foreign
language learning, specially to the speech sound
production. Therefore, the results suggest that
researchers should keep on studying about foreign
language speech production for the children in trouble
with their native language as well as for typically
developing children.
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Voice Range Profile (VRP) is used to evaluate vocal 

performance in voice clinics. VRP measures maximum 

range of fundamental frequency (F0) and intensity (I) 

displaying two-dimensional graphs. VRP has been 

known to distinguish pathologic voice from normal voice.    

However, there are some limitations to use VRP. It 

cannot be measured in very severely dysphonic patients 

with aperiodic waveforms in their voice because it is 

based on F0-related measurements obtaining only a 

sustained vowel [1],[2]. It also takes a long time and may 

not be reliable to measure depending on methods because 

there are no standardized methods for evaluating VRP [1]. 

Therefore, there is a need to obtain maximum range of F0 

and I during functional speech production, such as 

Speech Range Profile (SRP). The authors of this paper 

recently developed the SRP task with reading the 

paragraph “Fire” written by Korean [3]. It was proven 

with a high content validity and re-test reliability in 

speakers without voice disorders.  

The purpose of the study is to examine the usefulness 

of the SRP task to evaluate voice disorders by comparing 

the data for SRP and VRP in non-dysphonic and 

dysphonic men.  

A total of 22 non-dysphonic and 21 dysphonic men 

aged 20~49 years were recruited. All subjects were 

untrained voice users with normal hearing. Non-

dysphonic group only included the men with normal 

voice (G0) evaluating by Grade of GRBAS scale [4]. The 

subjects of dysphonic group were diagnosed by an 

otolaryngist in the ENT clinic of Gangnam Severance 

Hospital located in Seoul, Korea. If any subject had 

neurologic, respiratory, and laryngeal diseases as well as 

voice therapy, he was excluded in the study. 

The paragraph “Fire” for SRP consists of a total of 14 

sentences with declarative, interrogative, imperative, 

propositive, and exclamatory forms. It also has the 

sentences with the minimum and maximum pitch and 

loudness. Content validity was 4.7 on the 5-point scale 

that were assessed by two professors and one speech-

language pathologist with more than 10 years of research 

and clinical experience related to voice disorders. 

In a quiet room, the subject sits comfortably and read 

the paragraph “Fire” for SRP as the instructions given. 

To obtain VRP, subjects were asked to phonate vowel /a/ 

from the softest to the loudest intensities and from the 

lowest to the highest frequencies in modal register by 

pitch gliding method.  

The SRP and VRP were recorded by VRP program 

(Model 4326) in the computerized speech lab (Model 

4150B, KayPENTAX, Lincoln Park, NJ, USA) via a 

unidirectional microphone (Shure SM58, Shure Inc., 

USA), located 10 cm from the subject’s mouth and fixed 

at an angle of 90 degree. Sampling rate of recording was 

44,100 Hz and quantization was 16 bit.  

With VRP program, maximum F0 (F0max), minimum 

F0 (F0min), range of F0 (F0range), maximum I (Imax), 

minimum (Imin), and range of I (Irange) were obtained. 

Repeated measures two-way ANOVA was used to 

compare the data of SRP and VRP between non-

dysphonic and dysphonic groups using SPSS 24.0. 

As results, there were significant interactions between 

task (SRP vs VRP) and group in F0max, F0range. Imax and 

Irange were significantly higher in SRP than VRP and 

higher in non-dysphonic than dysphonic group. Imin was 

significantly lower in SRP than VRP in both groups. 

However, F0min had no significant interaction nor main 

effects of task and group.  

This study revealed that SRP can differentiate non-

dysphonic and dysphonic men. Therefore, SRP using 

reading task is useful tool for evaluating the maximum 

vocal performance of patients with voice disorders.  
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ABSTRACT 

 

Speech is an essential mode of communication for many 

people. However, degenerative disorders like 

Parkinson’s or ALS along with other neurological 

disorders (cerebral palsy) can greatly affect speech 

production. This study will examine the effectiveness of 

using acoustic measurements from fricatives as features 

for automatic classification of disordered speech, 

specifically dysarthria. Results show that a support vector 

machine (SVM) with fricative duration and spectral 

moments as features is able to classify dysarthric speech 

from healthy speech with an accuracy of 82%. 

 

1. Introduction 

 

Dysarthria is group of motor speech disorders resulting 

from neurological damage to the articulatory muscles 

that help produce speech. Individuals suffering from 

dysarthria can have impairments in respiration, 

phonation, resonance, prosody and articulation. 

Currently, speech pathologists perform subjective 

intelligibility assessments which can be costly and time 

consuming. Automatic classification of dysarthria can 

aid speech pathologist in their assessments by utilizing a 

data driven approach to distinguish healthy speech from 

dysarthric speech. Previous studies on impaired speech 

classification have used a variety of acoustic features 

such as Mel Frequency Cepstral Coefficients (MFCC), 

prosodic features (F0), voice quality features (jitter, 

shimmer) and glottal features [1, 3]. 

Our study will examine the effectiveness of fricatives as 

features to a classifier. Few studies have looked 

specifically at fricatives which have been found to be the 

most commonly mispronounced consonant class along 

with liquids and affricates [2]. Therefore, we hypothesize 

that fricatives may be a useful consonant class for 

dysarthric speech identification. Figure 1. shows a 

comparison between the fricative /s/ in the word ‘said’. 

From the spectrogram we can see the dysarthric speech 

has a more irregular spectrum than healthy speech. There 

is no standard method of measuring fricatives, but 

spectral moments (mean spectral peak, variance, 

skewness, kurtosis) are commonly used in research with 

English fricatives [4]. The mean spectral peak refers to 

the frequency which divides the spectrum in a way that 

the top-half frequencies are equal to the low-half 

frequencies. Variation will tell us whether most energy is 

concentrated in a small band or dispersed over a wide 

 
range of frequencies. Skewness will measure the shape 

of the spectrum below the mean peak compared to the 

frequencies above the mean peak. Finally, kurtosis 

describes the peakness of energy distribution. A positive 

kurtosis suggests that spectral peaks are well defined 

while a negative kurtosis suggest a spectrum with a flat 

distribution. 

 

 

Figure 1. Coronal sibilant /s/ from a healthy speaker (left) 

and a dysarthric speaker (right). 

 
 

2. Methods 

 

Using the UA-Speech database we extracted fricative 

features from 10 dysarthric speakers with cerebral palsy 

along with 9 healthy speakers. The spectral moments 

were measured in a 20ms. hamming window at the centre 

of the fricative. Three different fricative initial words 

from the following sibilants were used: /s, z, ʃ/. Six of the 

9 words were repeated three times leading to a total of 

21 utterances per speaker. Each word is represented as a 

vector with five fricative measurements. These vectors 

are then used as input by a binary support vector machine 

classifier (SVM). Support vector machines have 

previously been used in impaired speech classification 

[1,5] and provide consistent performance even with small 

datasets. The goal of an SVM is to find the optimal 

hyperplane which maximally separates the data points of 

two or more classes. We specifically used a radial basis 

SVM with a margin parameter C and Gaussian kernel 

parameter γ. These parameters were determined through 

a grid search where C and γ vary from 10-3 to 102
. 
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Table 1. Speaker for training and test set. CM refers to 

control speakers while M refers to dysarthric speakers. 

 
Training set Test set 

CM01, CM04, CM08, 

CM09, CM10, CM12, 

M01(15%), M05(58%), 
M08(93%), M09(86%), 

M10(93%), M12(7.4%), 

M16(43%) 

CM05, CM06, CM13, 

M07(28%), M11(62%), 

M14(90.4%), 

 

To avoid overfitting, we split our data in way that no 

speaker in the test set was present in the training set. 

Table 1. displays how we split our data into a training and 

test sets with intelligibly rating in parenthesis. It is 

important to note that dysarthric speakers have 

intelligibility ratings ranging from 7.4% to 93%. 

Therefore, we split our data to have balanced averaged 

intelligibility ratings (train: 56%, test: 60%). Information 

regarding the database and intelligibly ratings can be 

found in [6]. We conducted three experiments: only 

spectral moments (SM), only duration (Dur), both 

spectral moments and duration (SM+Dur). 

 

Table 1. Results of fricative-based dysarthria classifier. 

 

Experiment Accuracy Precision Recall 

SM 72% 71% 76% 

Dur 66% 63% 74% 

SM+Dur 82% 80% 84% 

 

3. Results 

 

Results from table 1. show that fricative spectral 

moments together with duration perform the best. These 

results are promising in showing that phoneme level 

measurements as opposed to full word or sentence 

analysis can be used to achieve relatively high 

classification accuracy. Our classifier was able to solely 

use fricative measurements as features and classify 

dysarthric speech from healthy speech with some 

success. As can be seen from the confusion matrix in 

figure 2. while our model is able to make some accurate 

predictions it still contains some false positives and false 

negatives. Future research would benefit from taking into 

account different severity levels and examining a larger 

set of words with fricatives. It is possible that false 

negatives and positives arise when highly intelligible 

dysarthric speakers have measurements close to healthy 

speakers. 

 

4. Conclusion 

 

The present study has shown that phoneme level 

measurements can be used in classifying dysarthric 

speech. Mean spectral peak, variance, skewness, 

kurtosis and duration were used in a C-support vector 

classifier and achieved an accuracy of 82%, precision 

rate of 80% and recall of 84%. While these percentages 

are not as high as other studies, our study uses less data, 

only phoneme level measurements and minimal features 

to classify dysarthric speech. The current study is step 

towards exploring alternative speech features for 

classification when data is limited. 

 

 
 

Figure 2. Prediction results for SVM classifier using 

fricative duration and spectral moments. 
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Speaker verification is a problem of determining 

whether the input speech matches the speech of a pre-

enrolled speaker. One of the obstacles facing speaker 

verification is noisy conditions such as vehicle driving 

environments [1]. Speaker verification has relatively 

low performance because it is difficult to catch the 

speaker information of the input speech with noise. In 

order to improve performance, various methods using 

noise reduction or data augmentation for training data 

have been proposed [1]. In this paper, we propose 

robust speaker verification system suitable for the 

vehicle driving environment. We used a data 

augmentation technique using vehicle driving data when 

training the model. Also, to capture more speaker 

information in the training process, we used multiple 

pooling based on shortcut connection in convolution 

neural networks (CNN) model. 

Speaker recognition is the process of finding the 

speaker �̂� with the highest likelihood among the speaker 

set S = {𝑠1 , 𝑠2 , … , 𝑠𝑘} given the observed speech 

feature vector sequence X = {𝑥1, 𝑥2, … , 𝑥𝑇} of length 

T.  

 

 �̂� = 𝑎𝑟𝑔𝑚𝑎𝑥𝑆  Pr(𝑆|𝑋)   (1) 

 

Speaker verification result is determined by computing 

the cosine similarity of the embedding 𝐸𝑠𝑘
 with 𝐸s̅𝑘

and 

comparing it with a pre-set threshold. Embedding 𝐸𝑠𝑘
 is 

extracted for speaker 𝑠𝑘  of set S and similarly 

embedding 𝐸s̅𝑘
 is extracted for the speech feature vector 

sequence X̅  = {x̅1, x̅2, … , x̅𝑇} from test speaker s̅𝑘. 

 

𝑠𝑖𝑚𝑖𝑙𝑎𝑟𝑖𝑡𝑦(𝐸𝑠𝑘
, 𝐸s̅𝑘

) = 
𝐸𝑠𝑘

 ∙  𝐸s̅𝑘
 

‖𝐸𝑠𝑘
‖ ‖𝐸s̅𝑘

‖
  (2) 

 

Since it is difficult to measure the exact similarity 

between 𝐸𝑠𝑘
 and 𝐸s̅𝑘

 in the vehicle driving environment, 

we propose a model suitable for the vehicle driving 

environment. 

For training, proposed system use data mixed with 

vehicle driving noise along with data recorded in a 

vehicle environment. CNN based ResNet-34 model is 

used to extract speaker representations from training 

data with local information in input features. In 

particular, multiple pooling is used to each bottleneck 

architecture to capture more speaker representations 

than the original ResNet-34 model [2]. In other words, 

embedding segments from bottleneck architecture are 

constructed through multiple pooling layer. Then, the 

segments are concatenated to construct a single 

embedding and extract the final speaker embedding 

from the activations from penultimate hidden layer [2].  

In the experiments, training data used were 

VoxCeleb1 and VoxCeleb2 corpus extracted from 

celebrity interview videos from to YouTube [3], along 

with Korean speaker corpus SiTEC Dict02 mixed with 

SiTEC Carnoise01 and SiTEC Car01 corpus. For the 

test, 100,000 pair protocol were made using SiTEC 

CarSpkr01 corpus to verify the speaker in a vehicle 

driving environment. Log filter bank 64-dimensional 

feature vectors with mean and variance normalization 

were used and training hyperparameters were set in the 

same way as [2]. In the end, for the proposed data, a 

model to identify the 7705 speakers was constructed 

according to data augmentation method.  

Consequently, as shown in Table 1, we confirmed 

that the proposed system has improved performance 

over the previous system in vehicle driving environment. 

 

Table 1. Experiment result evaluated by equal error rate 

(EER) (lower is better) 

 

Front-end model Training data EER (%) 

ResNet-34 VoxCeleb1&2 25.92 

ResNet-34 
VoxCeleb1&2 
(+ car data aug.) 

13.87 

ResNet-34 
(+ multiple pooling) 

VoxCeleb1&2 
(+ car data aug.) 

8.68 
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ABSTRACT 

 

We propose a technique to compensate for the 

performance degradation caused by short duration of 

utterances in text-independent speaker verification 

system. The system compensates not only the utterance-

level features but also the frame-level features. The 

evaluation results on VoxCeleb1 dataset show that the 

equal error rates without short utterance compensation 

are 9.14% and 12.20%, for evaluation sets with 

durations of 3.59s and 2.05s, respectively. In the pro-

posed architecture, the equal error rate with durations of 

2.05s is 10.89%, showing that the proposed technique 

can compensates for more than 42.8% of the 

performance degradation due to short duration of 

utterances. 

Index Terms: teacher-student learning, speaker embed-

dings, text-independent speaker verification. 

  

1. Introduction 

 

Recently, various studies using teacher-student (TS) 

frameworks have been conducted to compensate for the 

performance degradation caused by far-field utterances 

[1][2]. The TS framework was first proposed for model 

compression and is being studied with extended 

frameworks for short utterance compensation in text-

independent speaker verification (SV) systems [3][4]. 

The proposed framework for short utterance com-

pensation uses a teacher network (TN) and a student 

network (SN). The SN is trained with short utterances 

and is guided to be compensated by the soft labels of the 

pre-trained TN that is trained with long utterances and 

cross entropy for speaker identification. In this 

framework, we extended the TS learning to provide 

frame-level hints that are not limited to the soft labels 

from the TN.  

 

2. Bridge Learning 

 

In this paper, we propose a Bridge learning framework 

to compensate for the performance degradation caused 

by short duration utterances in text-independent speaker 

verification system. The Bridge learning trains the SN 

to make the speaker embedding of a short utterance 

identical to that of a long utterance cut from the same 

utterance. 

 

Figure 1. The model architecture for the Bridge learning 

scheme that compensates for outputs of the five 

components: Res Unit 1, Res Unit 2, GRU layer, Dense 

layer and Output layer. 

 

 
 

The compensation is not only for the speaker embed-

ding (utterance-level feature) but also for convolution 

layers (the frame-level feature). As illustrated in Fig 1, 

we used the RawNet architecture [5]. for the Bridge 

learning with a 1-dimensional convolution layer, two res 

units, a gated recurrent unit layer, a dense layer and a 

softmax output layer for the speaker identification. The 

res unit 1 and the res unit 2 consist of two residual 

blocks and four residual blocks respectively. The 

proposed Bridge learning framework compensates for 

the outputs of the five components: Res Unit 1, Res 

Unit 2, GRU layer, Dense layer and Output layer. The 

loss function 𝐿𝑏𝑟  for compensating outputs of the five 

components is defined as follows: 

 

𝐿𝑏𝑟 = 𝑊𝑜𝐿𝑜 + 𝑊𝑑𝐿𝑑 + 𝑊𝑔𝐿𝑔 + 𝑊𝑟2𝐿𝑟2 + 𝑊𝑟1𝐿𝑟1  (1) 

 

Where 𝐿𝑜 , 𝐿𝑑 , 𝐿𝑔 , 𝐿𝑟2  and 𝐿𝑟1  are loss functions to 

compensate for the output layer defined as Kullback-

Leibler divergence 𝐾𝐿 𝑑𝑖𝑣(∙,∙) , for the dense layer 

defined as mean squared error 𝑀𝑆𝐸(∙,∙) , for the gru 

layer defined as 𝑀𝑆𝐸(∙,∙), for the res unit 2 defined as 
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cosine similarity 𝐶𝑜𝑠(∙,∙) and for the res unit 1 defined 

as 𝐶𝑜𝑠(∙,∙) respectively. Each loss function has a weight  

and the value of each weight is 1, except for 𝑊𝑑. We set 

the 𝑊𝑑  to 2 to compensate for the speaker embedding 

more than the others. The functions 𝐿𝑜, 𝐿𝑑, 𝐿𝑔, 𝐿𝑟2 and 

𝐿𝑟1 are defined as follows: 

 

𝐿𝑜 =  − ∑ ∑ 𝑃𝑇(𝑠𝑖|𝑥𝑗,𝑙)log(𝑃𝑆(𝑠𝑖|𝑥𝑗,𝑠ℎ))𝐼
𝑖

𝐽
𝑗           (2) 

𝐿𝑑 =  ∑ 𝐶𝑜𝑠(𝑑𝑇(𝑥𝑗,𝑙), 𝑑𝑆(𝑥𝑗,𝑠ℎ))𝐽
𝑗                  (3) 

𝐿𝑔 =  ∑ 𝐶𝑜𝑠(𝑔𝑇(𝑥𝑗,𝑙), 𝑔𝑆(𝑥𝑗,𝑠ℎ))𝐽
𝑗                 (4) 

𝐿𝑟2 =  ∑ 𝑀𝑆𝐸(𝑟2𝑇(𝑥𝑗,𝑙), 𝑟2𝑆(𝑥𝑗,𝑠ℎ))𝐽
𝑗              (5) 

𝐿𝑟1 =  ∑ 𝑀𝑆𝐸(𝑟1𝑇(𝑥𝑗,𝑙), 𝑟1𝑆(𝑥𝑗,𝑠ℎ))𝐽
𝑗              (6) 

 

Where 𝑥𝑗,𝑙 , 𝑥𝑗,𝑠ℎ , 𝑃𝑇(𝑠𝑖|𝑥)  and 𝑃𝑆(𝑠𝑖|𝑥)  are a long 

utterance,  a short utterance, a probability value for any 

speaker 𝑠𝑖  extracted from the TN and the SN 

respectively. The arguments of 𝐶𝑜𝑠(∙,∙)  and 𝑀𝑆𝐸(∙,∙) 

are the outputs of the four components (Dense layer, 

GRU layer, Res Unit 2 and Res Unit 1) extracted from 

the TN and the SN in the following order. We take the 

average on time to measure the 𝑀𝑆𝐸(∙,∙) between the 

TN’s and the SN’s output after res units. We trained the 

SN additionally using 𝐿𝑏𝑟 to make the overall model of 

the SN similar to that of the TN, instead of using 𝐿𝑜 or 

𝐿𝑑  to make only the speaker embedding similar. The 

proposed system compensates both the frame-level and 

utterance-level features to make the speaker embedding 

of a short utterance identical to that of a long utterance. 

 

3. Experiments and Results 

 

Table 1 shows the SV performances of the proposed 

Bridge learning system in terms of EER. In the 

experiments, we used the cosine similarity of the 

speaker embeddings extracted from dense layers for 

back-end classification. We used the VoxCeleb 1 

dataset which contains approximately 330 hours of 1251 

speakers’ audio. The dataset was split into the training 

set of 1211 speakers and the evaluation set of 40 

speakers. The utterances of the evaluation set were 

cropped into lengths of 3.59s and 2.05s to compare the 

performance difference between long and short 

utterances. The baselines are the TN trained with 3.59s 

and 2.05s utterances, and the original TS learning with 

𝐿𝑜. The proposed Bridge learning system using 𝐿𝑜,  𝐿𝑑, 

 𝐿𝑔 ,  𝐿𝑟2  and  𝐿𝑟1  shows better performance than the 

baseline. The EER without short utterance 

compensation are 9.14% and 12.20%, for evaluation 

sets with durations of 3.59s and 2.05s, respectively. The 

EER of the proposed architecture with durations of 

2.05s is 10.89% and the Bridge learning compensates 

more than 42.8% of the performance degradation. 

 

 

 

 

Table 1. The performance of the baseline system and 

proposed compensation system with different utterance 

durations. The SV performance is reported in EER. 

 

System 3.59s 2.05s 

TN (trn with 3.59s) 9.14% 12.20% 

TN (trn with 3.59s, 2.05s)   – Baseline1  12.10% 

Original TS learning (𝐿𝑜) – Baseline2  11.72% 

Bridge learning (𝐿𝑜, 𝐿𝑑)  11.19% 

Bridge learning (𝐿𝑜, 𝐿𝑑, 𝐿𝑔)  11.44% 

Bridge learning (𝐿𝑜, 𝐿𝑑, 𝐿𝑟2, 𝐿𝑟1)  10.97% 

Bridge learning (𝐿𝑜, 𝐿𝑑, 𝐿𝑔, 𝐿𝑟2, 𝐿𝑟1)  10.89% 

 

4. Conclusion 

 

In this paper, we extended the teacher-student learning 

that use two deep neural networks to compensate for the 

performance degradation caused by short duration of 

utterances in text-independent speaker verification 

system. The proposed technique makes the speaker 

embedding of a short utterance identical to that of a long 

utterance. We evaluated the equal error rate for the 

speaker verification system using the VoxCeleb 1 

dataset and confirmed that compensation with the 

frame-level and utterance-level significantly improved 

short utterance SV system performance than using other 

loss functions or the baselines. 
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Speech recognition is an important ability for human-

computer interaction and it has made great advancement.   

However, humans may feel unnatural while 

communicating with computers because they don’t have 

emotions. To achieve more comfort and natural 

communication between humans and computers, 

computers also need to recognize human emotions.  

Convolutional Neural Network (CNN) has achieved 

great performance in image, video and speech 

recognition. It is also a state-of-the-art technology in 

speech emotion recognition too.[1] This study also 

adopts CNN for speech emotion recognition and, in 

particular, we employ a data selection scheme to 

improve the performance. Data selection is a task 

choosing prominent part of utterance and use only 

selected data for training. For data selection, we 

assumed that an utterance contains emotional property 

at some specific part of utterance. Previous studies 

found out that at least 250ms of segments contain 

emotional information.[2][3] So, we extract acoustic 

feature parameters from a 25ms frame while shifting per 

10ms, and concatenate 30 frames as one segment. Every 

segment obtained from an utterance has a same label as 

the utterance.  

For evaluation, we used an open corpus, 

IEMOCAP(Interactive EMOtional dyadic motion 

CAPture) which contains acted and improvised 

conversation speech for several emotions recorded by 5 

males and 5 females. This study used only speech data 

and evaluated. for two emotions (neutral and anger). 

About 23,000 segments of neutral and 17,000 segments 

of anger were used. And data from two speakers were 

used as test data, the rest were used for training.  

First, we evaluated the correctness of the initial 

training result (called Step 1). We extracted 13 

dimensional MFCC from every frame as acoustic 

feature parameters, and features from 30 consecutive 

frames were concatenated to make a segment, thus 

forming 30x13 dimensional data from a segment. The 

initial training model showed accuracy of 80.92%. Then, 

we selected correctly recognized training data from Step 

1 and constructed the second training model (called Step 

2) only using them. About 10% of training data were 

reduced by data selection.  

The second model, achieved 83.67% accuracy. With 

the same procedure, we obtained the third training 

model (called Step 3). However, accuracy of the model 

was decreased to 68.62%. This performance degradation 

may result from overfitting to smaller number of 

training data than the previous steps. Especially, anger 

data were significantly reduced compared to neutral 

data, reducing the correctness of anger model. Table 

summarizes the data size and performance for each of 

three steps.  
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Table 1 Number of training data and accuracy for each step. 

Step Segments Accuracy(%) 

Step 1 
Train 31,250 85.28 

Test 9,043 80.92 

Step 2 
Train 29,431 84.21 

Test 9,043 83.67 

Step 3 
Train 26,505 - 

Test 9,043 68.62 
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ABSTRACT 

 
This study demonstrates that listeners’ perception of the 
age of an individual talker shifts as a function of 
phonetically detailed variability in the realization of a 
phonetic variable involved in an ongoing sound change. 
The results highlight the close indexical relationship 
between phonetic and social information in the 
linguistic cognition. 

 
1. Introduction 

 
While listening to speech, linguistic comprehension 
operates hand-in-hand with the perception of social 
characteristics of the talker. Acoustic details of phonetic 
variants are remembered and indexed to the social group 
who produce the variant frequently [3], and speech 
processing is guided by talker information extracted 
from the signal [8], as well as non-linguistic cues [4]. 
There is also evidence that both linguistic and social 
inference processes occur simultaneously in a shared 
brain region immediately after the acoustic onset [9, 11]. 

While the immediate interplay of socio-phonetic links 
is predicted by exemplar models of speech perception 
[e.g., 5], further investigation is needed as to the degree 
to which listeners’ social judgment is influenced by fine 
phonetic details. Studies on social perception based on 
phonetic forms demonstrate that listeners can extract 
social characteristics of the talker efficiently from either 
multiple phonetic cues available in the utterance [2] or 
realizations of a single variable that induces a shift in its 
phonemic category ‒ such as [ɪŋ] vs. [ɪn] for /ING/ in 
English [1]. To examine listeners’ sensitivity to subtler 
phonetic cues, this study tests whether listeners’ 
perceived age of the talker is influenced by varying sub-
phonemic realizations of a single phonetic variable. 

 
2. Method 

 
Used as a tested phonetic variable was the age-related 
variation of VOT and F0 combination in the production 
of phrase-initial stops in Seoul Korean [e.g., 6]. Note 
that, for older speakers, the three categories of stops in 
Korean (aspirated, lax, tense) are differentiated by VOT 
(e.g., see the empty circles in the left panel of Figure 1). 
In the innovative realizations by younger speakers (e.g., 
filled circles), on the other hand, VOT is merged 
between aspirated and lax while F0 is instead used as a 

primary cue. In addition, younger speakers also produce 
tense stops with raised pitch with no change in VOT.  

Three disyllabic words with different initial bilabial 
stops were chosen (see the upper panel in Figure 1) and 
were recorded by two female talkers (Talkers A and B, 
age: 40, 41). As shown in the lower panels, the word-
initial VOT and voice onset F0 were acoustically 
manipulated mimicking the younger or older speakers’ 
pattern, which resulted in two different guises of 
aspirated and tense stops per talker in a between-subject 
design, and a single non-manipulated token of the lax 
stop per talker (because it does not vary across age). 
Among 40 participants (age: 18-27), one group (N=21) 
heard Talker A in the younger guise and Talker B in the 
older guise, and the other group (N=19) vice versa. 
 

 
 
Figure 1. A table of test words and their manipulated 
VOT and F0 values: Values for the two female talkers 
are separately presented for each participant group. All 
values lie within a normal range of younger and older 
speakers’ production reported in the literature [e.g., 6]. 
 

The task was to listen to each talker producing the 
test words in a row (in the order of aspirated, tense, lax), 
each word forming a separate intonational phrase, and 
then guess the age of the talker. Participants were 
instructed to provide a specific number (e.g., 19, 20, 21), 
as opposed to an approximation (e.g., 20s, about 20, 19-
21). Test words recorded by two male talkers (age: 34, 
36) were presented as fillers to divert listeners’ attention 
from the manipulation. The experiment was conducted 
as an exit survey of another experiment [7], where the 
stimuli in this study were used to prime words 
associated with either younger or older people. However, 
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no other age cues to the talker were given in both 
experiments. 

 
3. Results 

 
In Figure 2, Perceived age is plotted by Guise and 
Talker ID. For both talkers, perceived age values appear 
to be lower when the stop sounds were presented in the 
younger guise, compared to the older guise. 
 

 
 
Figure 2. Perceived age by Guise and Talker ID 
 

To test this trend, a mixed effects model was fit to 
Perceived age (treated as continuous). Fixed effects 
included Talker ID (A or B), Guise (older or younger), 
and their interaction. Additionally, an unexpected effect 
of Participant sex (female or male) was found and so 
was also included in the model as a control factor. The 
underlined categories were treated as the reference level. 
All fixed effect variables were contrast-coded. The 
random effects structure was determined by likelihood 
ratio test, which included by-subject intercept. 

 
Table 1. Summary of the model. 

 
 Estimated  p-value 
Participant sex = male -3.618 <.001 
Talker ID = Talker B -1.287 .137 
Guise = younger -4.261 <.001 
Talker ID : Guise 1.198 .171 
 
 As an effect of Participant sex, male participants 

(N=12) rated the female talkers’ age with significantly 
lower value than female participants (N=28) did 
(p<.001). As for the effects of the test variables, a main 
effect of Talker ID indicates that listeners tended to rate 
Talker B younger than Talker A, but this trend did not 
reach significance (p=.137). Importantly, indicated by 
the negative estimated coefficient for Guise is that, 
when aspirated and tense stops were presented in the 
younger guise, the talkers tended to be rated with lower 
perceived age (p<.001). The two effects did not interact 
with each other (p=.171), indicating that the magnitude 
of the guise effect was not different across the talkers. 

4. Conclusion 
 

The results demonstrate listeners’ sensitivity to the 
covariance between the phonetic form of a phonemic 
category and social information to the extent that social 
judgment about the talker is conditioned by fine-grained 
variability in the realization of a single phonetic variable 
involved in an ongoing sound change. This finding is 
consistent with a view that representations of phonetic 
and social categories are closely linked in cognition [5]. 
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According to [4], a universal and non-arbitrary 

association between pitch and speaker size results in a 

universal association between high pitch and politeness. 

However, studies on Korean have found the opposite: 

speakers lower their pitch when producing formal 

grammatical forms, operationalized as polite [5], [7]. 

Follow-up studies found that listeners are somewhat 

able to judge politeness level through acoustic cues 

alone [1], but that intensity might be a much more 

reliable cue than pitch [3]. 

While these results may seem to contradict [4], these 

previous studies have operationalized politeness as 

speech register; specifically, panmal (informal) and 

contaymal (formal) registers in Korean, the use of 

which is determined solely by the relationship between 

the speaker and addressee, and is theoretically 

independent of the speaker’s feelings or attitude toward 

the addressee. The motivation of the current study was 

to try to understand the social meaning of pitch in 

Korean. 

Specifically, we explore three possible explanations 

for the apparent disparity between [4] and [1], [3], and 

[7]: first, that higher pitch in Korean is not heard as 

small/deferent; second, that using formal grammatical 

forms is not an appropriate way to operationalize 

politeness; third, that politeness in Korean is not 

primarily about submissiveness. Specifically, we use the 

matched guise technique to investigate the socio-

indexical meanings of raised and lowered pitch in 

Korean. 

Eight native speakers of Seoul Korean (4F, 4M) 

recorded 5 short statements 1 to 2 sentences in length. 

Three versions of each statement were recorded with 

different verb endings that mark the Korean T-V 

distinction: -o/a (panmal, most informal); -yo 

(contaymal, formal); -supnita (contaymal, hyper formal). 

The pitch of each recording was manipulated to create a 

raised and lowered version of each statement (+/-0.5 

ERB (~20Hz)), resulting in 360 unique stimuli (8 

speakers × 5 statements × 3 grammatical guises × 3 

pitch guises), which were divided across 9 experimental 

lists. Listeners in Seoul were assigned to a list and asked 

to rate the speaker of each recording on 15 attributes 

including politeness, direct and indirect aspects of 

Ohala’s frequency code (height, strength, confidence, 

arrogance), and other possible dimensions of 

(im)politeness (e.g., seriousness, emotion).  

Results from 36 listeners, balanced for gender, reveal 

several patterns. First, more formal registers are 

evaluated as more polite, suggesting that the 

operationalization of politeness as register in [5] and [7] 

was not unreasonable. 

Second, while lower pitch generally makes speakers 

sound larger, some assumed second order meanings of 

lowered pitch do not hold, e.g. lower pitch is heard as 

humbler (vs. more arrogant) (cf. [6]). Lower pitch is 

also heard as more serious, and less emotional. 

Importantly, across various attributes the interpretation 

of pitch interacts with both verb ending and speaker 

gender.  

We believe these results complement the finding that 

native Korean listener rely more on intensity than pitch 

in judgements of the seniority of the purported listener 

[3]. The current results suggest that the social meaning 

of pitch (and politeness) are multidimensional, and can 

be best modelled in an indexical field approach to social 

meaning [2]. While both more formal registers and 

lower pitch were more likely to be perceived as more 

polite, the relationship is far from deterministic, and 

more research is needed to understand how pitch may 

interact with other elements of the discourse to convey 

the speaker’s attitude or stance. 
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Social networks play an important role in the behaviour 
and attainment of individuals [1, 9, 10, 11]. We present 
an investigation of the influence of peer interaction 
dynamics and social graph topology on measurable SLA 
outcomes [2, 3, 4, 5, 6] among the participants of a 4-
week summer course of Polish language and culture in 
Warsaw (n=181). 

To comprehensively characterise the structure of the 
learner networks, following the administration of a 
specially constructed questionnaire, we used established 
metrics such as node degree, closeness, betweenness, 
other centrality measures as well as local clustering 
coefficients, with their generalisations to weighted 
graphs (incorporating the contribution of both the 
number and strength of interactions), alongside 
community detection algorithms. The topological data 
were then overlaid over independently collected socio-
biographical data and learning outcomes to carry out 
multi-faceted analyses of the mutual influence of 
individual and social factors. To determine how these 
were associated with performance, we used dimensional 
reduction and performed multiple linear regression. 

We find that the participants’ patterns of social 
embeddedness in TL communication turn out to be 
significantly moderated by their i) individual (but not 
course-group level) entry TL competence (positively) 
and ii) psycho-situational portrait, while iii) negatively 
by competence in lingua-franca English. iv) Weighted 
outdegree centrality in the TL is also negatively 
impacted by the intensity of communication with the 
teacher in a (non-L1) non-target language. v) The 
influence of the network is strongest in the domains of 
pronunciation and lexis, where the simplest measure of 
weighted degree centrality (number of an individual’s 
social ties) in TL positively correlates with progress, 
while betweenness (popularity or control) in total 
communication (in all languages) is significantly 
anticorrelated. vi) This mirrors the influence direction—
on global TL progress—of closeness centrality (ease of 
access to other students). Combined with the 
detrimental impact on SLA of a high in-degree, this 
suggests that for language acquisition, the structural 
properties of the network matter more than processes 
such as information flow. 

The strongest network effects being observable for 
pronunciation and lexis may be due to the fact that these 
two dimensions are usually the ones with which the 

learner identifies most (subjective, emic viewpoint vs 
etic, external observer perspective). Social network 
analysis provides new insight into the link between 
social relations and language acquisition [7, 8, 12], 
showing how social network configuration and peer 
interaction dynamics are stronger predictors of L2/L3 
performance than individual factors such as attitude or 
motivation, and offers a novel methodology for 
investigating the phenomena. 
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The Speech Language Model [2] makes the 

prediction that for second language acquisition, 

improvements in production are necessarily preceded by 

improvements in perception and indeed the two are 

often correlated [1], [3]; however, results from some 

studies hint that the two are independent [4], [5]. This 

study aimed to examine the effect of second-language 

exposure (English) on the relationship between speech 

production and speech perception in school-aged 

children with different native phonological systems.  

Two experiments were carried out to test the 

mediation model: one included 52 Korean native 

children in South Korea and one included 40 Spanish 

native children (recruitment ongoing) in the US. All 

children were between ages 6 and 9 and were acquiring 

English as a second language. In the Korean study, 

English phonemes that do not exist in the L1 or where 

there is a poor match in the L1 were targeted. For 

example, English /l/ and /r/ are allophones of a single 

Korean alveolar liquid. In the Spanish study, the 

production and perception of English stop pairs were 

targeted (/b-p/, /d-t/, /g-k/). These phoneme pairs, while 

existing in both English and Spanish, are not 

differentiated with the same phonetic cues (English: 

short vs long lag VOT; Spanish: pre-voicing vs short lag 

VOT). 

Children performed a discrimination task for a 

continuum of words from minimal pairs in which the 

word-initial sound was from the targeted difficult 

phoneme pair (e.g. lock-rock). Participants also 

performed a production task in which they named 

pictures of the same minimal pair words. Productions 

were judged for intelligibility and this score, along with 

the participant’s accuracy in perception, and parental 

reports of average English exposure were entered into 

the mediation model. A separate model was created for 

each category type.  

For the Korean study, results from the /l-r/ 

continuum indicated that weekly English exposure was 

significantly predictive of both English perception and 

production of difficult English word pairs. However, the 

effect of language exposure on minimal pair production 

was completely mediated by perception (see Figure 1 

for results of mediation model). That is, although 

exposure to English is highly predictive of English 

production abilities of difficult minimal pairs, the 

significance was lost once effects of speech perception 

were taken into account. 

Coding for the Spanish study is ongoing. Given 

that the categories in the Spanish study will be the most 

similar to English of all targeted categories, it is 

expected that the effect of exposure on production will 

be mediated by perception to an even stronger degree. 

 

 a  b  c 

   
Figure 1. Above: Mediation model for /l-r/. c’ represents 

indirect effects of weekly exposure on speech production 

as mediated through speech perception. Below: Graphs 

represent the direct effects a, b, and c as marked on the 

mediation model. 
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Recent studies showed that sleep-mediated overnight 

consolidation facilitates perceptual learning by 

promoting learners’ generalization across talkers in their 

perception of novel segmental categories, for instance, 

the Hindi dental and retroflex stop contrast [1], [2]. 

Training studies on the segmental contrast showed that 

while the overnight consolidation effect was not found 

for stimuli produced by a trained talker, it was found for 

the stimuli produced by an untrained talker. Lexical tone 

differs from most segmental contrasts in that it is highly 

variable both across and within talkers, and displays 

dynamic change over time [3], [4]. Therefore, it remains 

unclear whether a similar (or even stronger) effect of 

overnight consolidation is found for perceptual learning 

of novel tonal contrasts. More specially, Cantonese level 

tones often pose a unique challenge to Mandarin listeners 

due to the lack of multiple level tonal contrasts in their 

native language [5]. Thus, this study focuses on whether 

overnight consolidation facilitates generalization across 

talkers in the discrimination and identification of novel 

Cantonese level tones learned by Mandarin listeners. 

A pretest-training-posttest paradigm was conducted on 

two groups of Mandarin listeners who were perceptually 

trained either in the morning (8 am-10 am) or in the 

evening (8 pm -10 pm), following this procedure: (i) 

listeners’ pitch-related aptitude (i.e., threshold; musical 

sensitivity) and (long-term and short-term) pitch memory 

were tested and counter-balanced across the two groups 

in a pretest session; (ii) listeners were perceptually 

trained in a tone identification (ID) task using stimuli 

produced by a trained talker in a training session; (iii) 

listeners’ perceptual development was tested in the ID 

and AX discrimination tasks using stimuli produced by 

trained and untrained talkers in series of posttests over 

24h following training. Posttests were completed at three 

time points: immediately after training (posttest1), 12-

hour delay (posttest2), and 24-hour delay (posttest3). 

While the evening group slept between posttest1 and 

posttest2, the morning group did not. Participants also 

completed a sleep questionnaire for the 24-hour 

experiment period at the end.  

The results of accuracy rates in the ID task showed that 

while Mandarin listeners trained in the evening showed 

an improved trend between posttest2/postest3 and 

posttest1 in identifying the level tones produced by both 

the trained and untrained talkers, Mandarin listeners 

trained in the morning showed a declining trend in 

identifying the level tones from posttest1 to 

posttest2/postest3 produced by both talkers. Importantly, 

whether the evening trainees showed an improved trend 

of identification performance or not was predicted by 

their individual sleep time, that is, the earlier each 

individual fell asleep, the more the identification 

performance improved. In contrast, the results of d-prime 

scores in the AX discrimination task did not show 

different developmental patterns between the two groups. 

Additionally, no sleep-related variables significantly 

accounted for the variance in discrimination changes. 

The findings indicate that overnight consolidation 

facilitated Mandarin listeners’ identification, but not their 

discrimination, of the novel Cantonese level tones during 

their perceptual learning process.  

Consistent with previous studies on segmental 

learning [1], [2], the study suggests that overnight 

consolidation might have assisted the evening trainees’ 

formation of a more abstract (talker-independent) 

representation of novel tone categories in memory traces. 

The results will be discussed in connection to the unique 

features of lexical tones as well as task-specific factors to 

shed light on the general mechanism of phonetic learning.  
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ABSTRACT 

 

Vowels in colloquial Persian have recently been argued 

to exhibit patterns of vowel harmony in height (Rahbar, 

2009; Toosarvandani, 2004). However, no acoustic 

study has been conducted on the phenomenon. This 

study provides a first acoustic account of height 

assimilation in Tehrani Persian vowels and bears on 

related literature on the typology of incomplete 

neutralization (Braver & Kawahara, 2014; Gafos & Dye, 

2011). The results show that vowel assimilation in 

Tehrani Persian shows a disjunction in completeness: 

the features of neutralized vowels are categorically 

different from their unnaturalized baselines, while 

retaining significant difference from their corresponding 

trigger vowels in one of the two vowel pairs.  

 

1. Introduction 

 

Colloquial Persian differs from its written form and 

formal spoken form in a consistent pattern characteristic 

of vowel harmony. Specifically, mid vowels /e/ and /o/ 

assimilate to the high vowels /i/ and /u/ respectively in 

syllables of the structure CVCVC(C), as shown in Table 

1. However, vowel harmony is not obligatory in all 

words of the same syllable pattern, as in the exceptions 

shown in Table 2. Previous descriptive studies were 

unable to provide a coherent explanation other than 

preferred norm in language use that designated the 

unassimilated pronunciation formal and poetic (Rahbar, 

2009).  

 

Table 1. Persian vowel harmony  

Formal/written Colloquial Gloss 

/shevid/ [shivid] “dill” 

/devist/ [divist] “two hundred” 

/foruʃ/ [furuʃ] “sale” 

/ʃoluq/ [ʃuluq] “crowded” 

 

Table 2. Words disobeying vowel harmony in Persian 

Formal/written Colloquial Gloss 

/sefid/ [sefid] “white” 

/soqut/ [soqut] “fall” 

 

The scope of our study therefore mainly concerns words 

that exhibit consistent patterns of vowel harmony in 

colloquial speech, while the words in minimal pairs 

exhibiting no vowel harmony, an example of which is 

shown in Table 3, act as the baseline.  

 

Table 3. Example of minimal pairs 

 Phoneme Word Gloss 

Front /e/ /se/ “three” 

/i/ /si/ “thirty” 

Back /o / /pol/ “sale” 

/u / /pul “crowded” 

 

2. Methodology 

 

A total of 26 native Persian speakers were recruited in 

the study in Tehran, Iran, from July to August 2019. A 

Zoom 4Hn audio recorder with Audio Technica 

AT831R condenser lavalier mic was used for recording. 

Data from 10 of the participants were eventually 

selected to represent a balanced sample in terms of 

gender, age and linguistic background. The selected 

participants were all born and raised in Tehran, 

proclaiming use of the Tehrani accent in everyday 

speech.  

 

Since the mentioned vowel assimilation only exhibits in 

colloquial speech, all participants were made aware that 

the research pertains colloquial Persian and asked to 

pronounce the stimuli in an informal and natural manner. 

No other details of the study were revealed prior to 

completion of the entire elicitation. The target words 

were embedded in mid-sentence position in the same 

carrier sentence. The baseline was constructed based on 

minimal pairs also embedded in sentences.  

 

3. Results 

 

Figure 1. shows a boxplot for the F1 of all vowels. 

Several general observations can be made here. First, 

both of the neutralized vowels, /e/ and /o/, have reduced 

F1 compared to their baselines, evidencing vowel 

assimilation. The associated t-tests attested to this claim 

as well: the p-value for the F1 of baseline /e/ and target 

/e/, for example, is 7.878e-09, much smaller than a 

conventional significance level of 0.05. Second, the 

trigger front vowel /i/ does not show significant change 

in F1 after assimilation by its corresponding /e/, 

whereas the trigger back vowel /u/ exhibits higher F1 

compared to its baseline, maintaining the F1 distinction 

from the target vowel /o/, thus maintaining the height 

distinction in lieu of vowel assimilation.  
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Figure 1. Boxplot for the F1 of all vowels 

 
 

This distinction in the back vowel pair is further 

evidenced by a paired t-test between the target /o/ and 

the trigger /u/. In canonical cases of vowel assimilation, 

one might expect the neutralized target vowel to become 

identical to the trigger vowel. In our case, the p-value 

for a t-test of the F1 of the target /o/ and the trigger /u/ is 

0.0012, compared to 0.71 of the same value for the front 

vowel pair /e/ and /i/. The results leads us to propose 

that assimilation is complete for the front vowels but 

incomplete for the back vowels.  

 

To further investigate the incomplete assimilation of the 

back vowels, we also looked into the degree of 

assimilation with the intervening consonants. The length 

of all intervening obstruents are measured, because they 

are easier to segment than the other approximants in 

practice, as also mentioned in Turk et al. (2006). The 

Spearman’s rhos for correlation tests between the F1 

difference (unsquared to preserve direction of change) 

and the intervening consonant length are 0.064 and 0.24 

for fricatives and stops respectively. The preliminary 

conclusion is that the length of intervening consonants 

does not significantly affect the degree of assimilation. 

 

4. Discussion 

 

Two main conclusions could be made based on the 

results. First, vowel assimilation is present in Tehrani 

colloquial Persian. The mid vowel /e/ and /o/ assimilates 

in height to /i/ and /u/ respectively. Second, the 

assimilation process is complete for the front vowel pair 

but incomplete for the back vowel pair. The back 

vowels /o/ and /u/ are still significantly different from 

each other after assimilation, while the features of the 

front vowels /e/ and /i/ become identical to each other.  

 

The discrepancy we have observed here poses 

interesting questions to be answered. It is unclear why 

/e/ assimilated to /i/ completely, while /o/ did not fully 

assimilate to /u/. Both pairs have the same environments: 

similar syllable structures and intervening consonants. 

In addition, the trigger vowel /u/ also raises in height 

compared to its baseline after assimilation, in a way to 

compensate for the raising of the /o/ to retain the 

distinction of one from the other.  

 

Persian is a language exhibiting diglossia, and as 

presented before in Table 1, one may argue that the 

assimilate exemplify a historical change. However, the 

acoustics show that it's not a complete neutralization 

with phonological back vowels. The characteristic of 

such vowel assimilation pattern stands in between 

canonical articulatory and phonology processes. If the 

change is diachronic, the existing data points out that 

change has not yet been fully phonologized, and further 

data and analysis are necessary to provide cogent 

explanations.  
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Abstract 

 

The present study examines the minimal durational 

threshold for Japanese short and long vowels and 

consonants to be perceived as prolongations by 

Japanese listeners. Four Japanese participants have been 

asked to rate whether a range of lengthened /i/, /i:/, /s/, 

and /ss/ is perceived as either normal or abnormal. The 

threshold has been calculated using ROC (receiver 

operating characteristic) curve analysis and Youden’s 

index. Results show that the threshold for /i/ and /s/ is 

70 ms, while the threshold for /i:/ and /ss/ is 190 ms. 

Therefore, it is demonstrated that phonemic length 

contrast affects listeners’ perception of prolonged 

sounds. 

 

1. Introduction 

 

Prolongation, one of the core behaviors of stuttering, is 

defined as involuntary lengthening of a single speech 

sound [3], [5]. Although it has been suggested that a 

speech sound may be perceived as a prolongation when 

its duration is longer than 500 ms [5], past research 

shows inconsistent results in identifying minimal 

duration for a sound to be perceived as ‘abnormally 

long’ or ‘stuttered’ by average listeners [2]. Furthermore, 

the perceptual results are known to vary according to 

linguistic and non-linguistic factors such as phoneme 

types, speech rate, and inter-listener variation [1], [4]. 

The majority of previous research on the perception 

of sound prolongations has examined speech sounds in 

English. Meanwhile, little is known whether similar 

results will hold for other languages having different 

phonological characteristics. Japanese, for example, is a 

language with phonemic length contrast between short 

vs. long vowels and singleton vs. geminate consonants. 

Since a speech sound with longer duration may be a 

legitimate phoneme (e.g., long vowels and geminates), 

it needs to be examined whether listeners have different 

durational boundaries for inherently short vs. long 

phonemes to be perceived as ‘stuttered’ sounds. 

The purpose of the current study is 1) to examine the 

minimal durational threshold for Japanese short and 

long vowels and singleton and geminate consonants to 

be perceived as prolongations by Japanese listeners and 

2) to discuss the influence of language-internal factors 

such as phonemic length contrast on listeners’ 

perception of prolonged sounds. 

 

2. Method 

 

Four Japanese participants (females, mean age = 25.25) 

have been asked to rate whether the duration of /i/, /i:/, 

/s/ and /ss/ in the words /itai/ ‘sore’, /i:tai/ ‘want to 

speak’, /hasaN/ ‘bankruptcy’ and /hassaN/ ‘release’, 

respectively, is normal (0) or abnormal (1). 

 

 
 

Figure 1. The rating scale used for determining and 

identifying sound prolongations 

 

Table 1. The list of target sounds and sentence stimuli 

(Target words are highlighted in the sentence.) 

 

Target 

sound 
Sentence stimulus 

/i/ 

byouin-de kangoshi-ga kiki-mashi-ta. 

‘The nurse asked in the hospital.’ 

sono-ato itai tokoro-wa ari-masen-ka. 

‘Have you had any sore spots since then?’ 

/i:/ 

keisatsu-ga hannin-ni kiki-mashi-ta. 

‘The police asked the criminal.’ 

nani-ka iitai koto-wa ari-masen-ka. 

‘Do you have anything to say?’ 

/s/ 

shachou-ga shain-tachi-ni ii-mashi-ta. 

‘The boss said to the employees.’ 

hukeiki-de kaisha-wa hasan-shi-mashi-ta. 

‘The company went bankrupt due to economic 

depression.’ 

/ss/ 

kinou karaoke-ni iki-mashi-ta. 

‘Yesterday, I went to karaoke.’ 

tomodachi-to sutoresu-wo hassan-shi-mashi-ta. 

‘I got rid of stress with my friend.’ 

 

Each target word has been embedded in the middle of 

an experimental passage. Different passages, consisting 

of two consecutive sentences and having similar number 
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of syllables, have been prepared for each target word to 

have a natural context. 

The passages have been recorded by a Japanese male 

speaker (age = 30) who, as a non-stutterer, speaks the 

Tokyo dialect. The recording has been then digitally 

manipulated to generate a range of prolonged sounds in 

which the duration of each stimulus has been 

systematically increased from 0 ms to 400 ms by 20-ms 

increments. The resulting stimuli ranged from 60 ms to 

460 ms for /i/, from 123 ms to 523 ms for /i:/, from 66 

ms to 466 ms for /s/, and from 101 ms to 501 ms for /ss/. 

 

 
 

Figure 2. Examples of sentence stimuli [Above: the 

original, unaltered sentence stimulus of /i/, Below: the 

sentence stimulus with prolonged /i/ by 400 ms with the 

altered portion highlighted with a circle]. 

 

   The minimal duration for each stimulus at which the 

sound is perceived as ‘abnormal’ has been calculated by 

using ROC (receiver operating characteristic) curve 

analysis and measuring the cut-off value derived from 

Youden’s index. 

 

3. Results and Conclusion 

 

The result shows that the prolongation threshold for the 

short vowel /i/ and the singleton consonant /s/ is 70 ms 

(AUC = .919, p < .001 for /i/; AUC = .988, p < .001 for 

/s/), while the threshold for the long vowel /i:/ and the 

geminate /ss/ is 190 ms (AUC = .961, p < .001 for /i:/; 

AUC = .940, p < .001 for /ss/). 

  This result indicates that listeners’ average 

prolongation threshold for the long vowel and the 

geminate consonant is longer in duration than that for 

the shorter counterparts. Therefore, it can be concluded 

that the phonemic length contrast as one of language-

internal factors has influenced on listeners’ perception 

of prolonged sounds. This can also imply that different 

minimal durational thresholds should be assumed for 

each sound to be identified as a prolongation depending 

on phoneme types, speech rate, inter-listener variation, 

and phonemic length contrast. 

 

 
 

Figure 3. Receiver operating characteristic curve graphs 

[A: /i/, B: /i:/, C: /s/, D: /ss/, x-axis: 1-specificity (or 

non-specificity), y-axis: sensitivity]. 
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Normal children naturally learn expressive prosody 

through conversation between people, and they can 

deliver important information with prosody features [1].   

The prosody of children with Autism Spectrum 

Disorder(ASD) has several abnormal features such as 

monotonous speech, which has been used as a diagnostic 

feature of ASD [2]. 

The study of disordered expressive prosody in children 

with ASD has been mentioned before [3]. However, not 

so many studies have investigated acoustic features of 

frequency, intensity, speech rate, frequency slope, and 

lengthening effects in a study. In addition, there is a lack 

of studies to compare acoustic features between 

declarative and interrogative sentences. 

The purpose of this study was to examine and to 

compare the acoustic features between ASD group and 

Typically Developing(TD) group in imitating declarative 

and interrogative sentences, and in its last syllable in the 

sentences. Moreover, this study tried to compare the 

grammatical sentence types within the ASD group. 

Lastly, this study examined how audience percept the 

grammatical sentence type produced by TD and ASD 

group. This study participants consisted of 50 children. 

The participants were divided into two groups (30 with 

TD and 20 with ASD). The experimental task involved 

the imitation of 14 declarative sentences and 14 

interrogative sentences commonly used in Korean. Total 

28 sentences were asked to imitate to the 50 participants, 

and 115 sentences were presented to choose grammatical 

sentence types to the 7 perceptional participants. 18 

acoustic variations had been used to analysis the 

significant differences.  

 

Table 1. Acoustic Variations used in Analysis. 

Features Acoustic Variations 

Pitch 
PitchMedian, PitchRange, 

PitchDev, qtone_90 

Intensity IntMedian, IntRange, IntDev 

Rate SpeechRate, a_rate 

Slope 

MeanPitchAbs_Slope, 

MeanIntAbs_Slope, 

diff_section_slope, 

section_meanAbsSlope 

 

The results of this study showed statistically 

significant differences between ASD and TD groups, and 

within ASD group by sentence type.  

First, the ASD group showed higher pitch and intensity, 

and slower speech rate than TD group. Moreover, there 

were significant differences in s2 slope (slope of last two 

syllables in sentence) of the interrogative sentences. ASD 

group showed much lower pitch slope values than TD 

group. 

 
Figure 1. s2_slope of the last two syllables in the 

sentences between TD and ASD groups.  

 

Second, in ASD group, did differ significantly in 

speech rate and s2 slope. ASD group had a rising s2 slope 

and faster speech rate in interrogative sentences than 

declarative sentences. Third, the lengthening effect did 

not differ in three slope variations in 2~5 syllables 

interrogative sentences, but in one-syllable sentence, 

there was significant rising effect for the interrogative 

sentences, and a minimum rising effect was shown in the 

sentences consisted of five-syllable. Finally, based on the 

auditory-perceptive evaluation, 4.3% interrogative 

sentences produced by ASD were indicated as a 

declarative sentence. 
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Parkinson's disease (PD) is a complex disorder of the
brain and a progressive neurological disease that affects
speech and voice, in particular reduced vocal loudness
and monotone. In addition, PD patients may be impaired
in their sense of effort when they speak and may tend to
deny a lowered loudness. Since Parkinson's Disease (PD)
primarily affects older people, a majority of PD patients
have age-related hearing loss (HL) and have abnormal
auditory processing. Therefore, the aim of current study
was to assess peripheral and central auditory functions
in PD patients and compare the results with a group of
age-matched control subjects and furthermore, to
explore whether the hearing loss and impairment of
brainstem auditory passageway relate to reduced vocal
loudness in PD patients.
In this study, 12 normals(62±8.04 yr), 12 IPD(62 ±

9.29) subjects participated. Participants underwent an
auditory evaluation composed of pure tone
audiometry(PTA) and auditory evoked response(AER)
and vocal loudness they produced with sustained
vowel/a/and standardized ‘Kaeul’ sentence was
measured. The stimulus level of 75 dB nHL was used to
measure the latency and amplitude of waves Ⅰ, Ⅲ and Ⅴ
of auditory brainstem response (ABR) and Na, Pa, Nb,
and Pb of auditory middle latency responses (AMLR)
and P1, N1, P2, and N2 waves of auditory late latency
responses (ALR).
The results showed that hearing level of PD was not

different from normal group. In addtion, the results of
ABR showed parkinson’s disease group were delayed
latency wave Ⅰ, Ⅲ and Ⅴ and smaller amplitude wave
Ⅰ, Ⅲ and Ⅴ but no significant differences were found
between groups. In AMLR, delayed latency wave Na,
Pa and Nb and smaller amplitude wave Na-Pa were
revealed in PD group than normal group. Additonally,
delayed latency wave Pb and smaller amplitude wave
Pa-Nb were found but significant differences were not
detected. In ALR, delayed waves P1, N1, P2 and N2
and smaller amplitude wave N1-P2 in PD group but
no significant differences were found between PD and
normal group. These results are expected that delayed
latency and smaller amplitude of AMLR waves can be
linked to thalamus dysfunction in PD. Finally,
significantly negative correlation between vocal
loudness and wave III latency was found, suggesting
that the softer the vocal loudness, the longer latency of
wave III. The present outcome indicated that softer

vocal loudness in PD can be related to central auditory
problem not peripheral auditory dysfunction. Our
findings suggest that electrophysiological methods
provides valuable clinical information about sensory
dysfunction in PD.
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The standard smart assistant devices operate speech 

recognition under client-server framework, in which the 

remote server recognizes user speech recorded in the 

client device. As most servers handle spoken data of a 

single language, users are allowed to use a given 

language. Thus, in multi-lingual speaker environment, 

the client devices need to identify a language of input 

speech, and then submit the speech to corresponding 

language server. For this process, the automatic 

Language IDentification (LID) module should be  built 

in front-end of client devices. The conventional LID 

studies concentrated on a Vector Analysis (VA) such as 

LDA or i-vector adopted to various Deep Neural 

Networks (DNN). However, the client devices have 

difficulties in operating the conventional methods owing 

to limited hardware resources. In this study, we propose 

an approach that is applicable for the client devices.  

The proposed approach concentrates on rhythmic 

metrics feature instead of the conventional acoustic 

features. It is sentence based features calculated from the 

phonemic demarked duration [1], and require phoneme 

labels to be applied for LID. For general application, we 

target at the unsupervised labelling system. Thus, we 

constructed the consonant-vowel models with GMM for 

automatic classification of consonant and vowel. The 

models were trained using Prawn [2], which is demarked 

as CMUbet using GMM trained forced alignment. 

Among the rhythmic metrics, seven features, %V, ΔV, 

ΔC [3], Valco V, Valco C, nPVI-V, rPVI-C, were used. 

Also, these metrics were tested in 3s, 6s and 9s duration 

inputs to handle the limitation of the sentence based 

feature. 

For LID evaluation, several corpora including LDC Si-

tech for Korean and English and EMO-database for 

German were used for training and testing. For the 

classification, a support vector machine was used via 

scikit of python package using the radial basis function 

kernel.  

For the comparison, the basic convolutional neural 

network were used. The structure was conventional CNN 

using three convolutional and max-pooling, dropout 

layers, two fully connected layers and one softmax layer. 

The 13 dimensional MFCCs including normalized 

energy were used for input feature data. The ratio of 

training set was 80% and 5 fold cross validation were 

used in test. Before test, each features were fit in Linear 

Mixed Effect (LME) model using R for validity of using 

rhythmic metrics in discrimination of languages.  

Table 1 shows the result of LME model for rhythmic 

metrics. As the duration is longer, the significance is 

higher. In English-German test, the result was less 

significant than other two pairs. %V, ΔC, Valco V, and 

rPVI-C provided the significant differences.  

Table 2 demonstrates the LID results. Rhythmic model 

showed similar accuracy as CNN model. This result 

explains that our rhythmic metrics-based approach can be 

efficiently used for LID in low computation 

environments.  

 

Table 1. The result of LME model for rhythmic metrics. 

 

R.Metric 
English-Korean German-Korean 

3s 6s 9s 3s 6s 9s 

%V *** *** *** *** *** *** 

ΔV  * ***  ** *** 

ΔC *** *** *** *** *** *** 

Valco V *** *** *** *** *** *** 

Valco C *** * *** ***   

nPVI-V + *     

rPVI-C *** *** *** *** *** *** 

 

Table 2. This is the accuracy of two models. The CNN 

models used 64 frames (20ms) with 10ms shift. 

 

Language ENG-KOR GER-KOR 

Duration 6s 9s 6s 9s 

Rhythm-SVM 98.21 99.00 98.57 98.48 

MFCC-CNN 98.90 98.70 
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The WFST-based HMM-DNN hybrid framework and the 

end to end speech recognition framework require a lot of 

computational cost to update the search space when 

additional text data should be reflected in a recognition 

system. The multi-pass decoder based on on-the-fly 

rescoring was successful for LM modification [1]. 

In this paper, we propose a method of optimizing the 

recognition network for modifying the vocabulary and a 

language model quickly using extra personalized or 

domain-specific data. We separate the pronunciation 

state sequence part from the word-level language model 

information in a HMM-DNN hybrid recognition network. 

Therefore our one-pass decoder can handle the bigger 

LM and output the streamed recognition result efficiently. 

Figure 1 shows the proposed recognition network, which 

is able to expand a pronunciation lexicon and a language 

model quickly. 

 

 
 

Figure 1. Proposed recognition network 
 

The process of constructing a recognition network 

consists of 1) model composition, 2) determinization, 3) 

weight pushing, and 4) separating the lexical network. 

Firstly, the model composition is an operation for relating 

an acoustic model, the phonetic context information, a 

word pronunciation dictionary and a language model. 

Secondly, the determinization is an operation for 

eliminating duplication in the network paths. Thirdly, the 

weight pushing is an operation for enabling further 

minimization by moving weights forward and it 

improves the beam-search efficiency [2]. Lastly, 

separation of the lexical network is applied to minimize 

the network.  

Unlike the WFST, we don’t apply the epsilon removal 

algorithm in order to update the network quickly.  

Increase in search complexity due to the absence of 

epsilon removal is alleviated by separating word 

pronunciation sequences from LM parameters. The 

nodes in the separated lexical network represent the states 

of an acoustic model. On the other hand, each node in the 

LM network has a word ID, which is distinct according 

to each pronunciation, and the starting index represents 

where the pronunciation is no longer shared. Because 

each lexical and LM network are compiled in advance, 

our decoder is more efficient than dynamic decoders. 

Lexical network comprises not only state sequences for 

pronunciation of words but also a shared tri-phone 

network used at the beginning and the end of a word. The 

shared tri-phone network is independent of the 

vocabulary. The LM network can remain small because 

the context information for each words are stored at the 

lexical network, 

In this work, we evaluate the recognition accuracy, the 

network size, and required time for compiling the 

recognition network when extra text data is added in the 

language model. Both the WFST based system and the 

proposed recognition network are made of the same LM 

and AM model. Also, we compared the required time for 

compiling the recognition network when extra text data 

is added in the language model. The original network is 

made of 420k vocabulary and 84M back-off trigram LM 

components. Additional LM parameter is obtained by 

using 500 sentences including out of vocabulary words. 

 

Table 1. The network size and time for LM modification 

 WFST 
Proposed 

(original LM) 

Proposed  

(LM modification) 

Network size 15.6 GB 4.1 GB  + 95 KB 

Compile Time 39654 sec 4401 sec + 5.2 sec 

 

The proposed method could reduce the size of the 

compiled recognition network to 26% compared to the 

conventional WFST-based method [3] while maintaining 

the recognition accuracy and the decoding time. The 

proposed method can also modify the recognition 

network very fast in the process of reflecting additional 

text data to the search network. 
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ABSTRACT 
 

End-to-End Automatic Speech Recognition (E2E-ASR) 
is a deep learning model which maps input audio 
sequence directly into sequence of characters, words, or 
other graphemes without any expert knowledge or 
separate trained module. In this paper, we studied the 
pretraining technique for E2E-ASR model and analysed 
the effect on ASR performance. Experimental results 
show that the performance was significantly higher when 
pretraining the encoder, but the performance was lower 
than expected when pretraining the decoder. This means 
that the decoder needs to model a wider context than that 
used in the existing E2E-ASR model. 
 

1. Introduction 
 
End-to-End Automatic Speech Recognition (E2E-ASR) 
stands for training methodology, or a speech recognition 
model trained in that way. The E2E-ASR model maps 
input audio sequence to sequence of characters, words, or 
other graphemes directly ([1]), and in the training 
procedure no expert knowledge such as lexical dictionary 
is used and the whole model should be trained in an 
integrated manner. 

The E2E-ASR model is divided into two categories. 
CTC-based model is the first E2E-ASR model proposed 
in 2006 [2]. It uses a criterion called Connectionist 
Temporal Classification (CTC) to train a model 
composed of Deep RNNs. CTC is implemented by 
decoding frame by frame and removing duplicates and 
blanks through a forward-backward algorithm. RNN-
transducer and Acoustic-to-word model are also based on 
CTC. The CTC-based models have advantages of a rather 
simple structure and an online decoding capability 
compared to attention-based model which is described 
below. 

The attention-based encoder-decoder model, 
originally introduced in neural machine translation, was 
quickly applied to ASR and showed good performance 
[3]. Later, the Listen, Attend and Spell (LAS), which 
introduced the pyramidal encoder structure, showed good 
performances ([4]), and then the attention-based encoder-
decoder, or LAS model, became the standard in E2E-
ASR approach. 

However, unlike conventional ASR models using 
HMM, E2E-ASR models are difficult to analyse internal 
behaviour. This made it more difficult to implement 
functionality in each module or in the entire model 

[5] is a study that attempts to analyse the operation of 
each layer of encoder and decoder of LAS model. Based 

on this analysis, the study to pretrain the LAS encoder is 
described in Section 2. In Section 3, we experimented to 
pretrain the LAS decoder, and then we conclude the 
paper in Section 4. 
 

2. Pretraining of Encoder 
 
2.1. CTC pretraining 
 
As mentioned above, [5] analysed the operation of LAS 
encoder through t-SNE. According to the authors, similar 
phonemes gather together as they pass through the layers 
of the LAS encoder. Also, as the feature vectors approach 
the final layer of the encoder, each vector gets closer 
considering the context. This supports the existing 
expectation ([1]) that LAS encoders will play a role in 
acoustic modelling. 

Based on this analysis, we assumed that making 
constraints to the LAS encoder to learn the phoneme or 
grapheme would increase the recognition performance. 
In [6], authors introduced the CTC loss to the LAS 
encoder and trained the whole model by multi-task 
manner, and they achieved better performance. 
 
2.2. Experiments 
 
There are many ways to apply grapheme constraint to 
LAS encoder, but in this paper, we experimented with 
pretraining using trained character-based CTC model as 
initial parameter of the encoder. 

The experiments were conducted using Librispeech 
corpus and ESPnet toolkit ([7]), and if not mentioned, a 
randomly selected 300-hour subset was used for the 
training. The encoder consisted of 320-dim of 5 
bidirectional projected LSTM layer, used 320-dim 
additive attention, and the decoder was of 300-dim of 2 
LSTM layers. Librispeech corpus is divided into ‘clean’ 
part and ‘other’ part, and the performances were 
expressed as CER (Character Error Rate) and WER 
(Word Error Rate) for each experiment. 
 
Table 1. ASR performances of each E2E-ASR model 
according to encoder pretraining. 

Model 
Clean Other 

CER WER CER WER 
Vanilla LAS 14.0 24.0 27.3 44.9 

LAS + CTCpt 7.4 19.0 19.1 39.5 
MTL (LAS+CTC) 7.3 18.4 19.9 40.0 

MTL + CTCpt 6.6 16.7 17.2 36.3 
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3. Pretraining of Decoder 
 
3.1. RNNLM pretraining 
 
In E2E-ASR, language model (LM) is mostly used by 
applying beam search on linear combination of AM/LM 
scores. This has been used in the same way since classical 
ASR ages. If the LM information be well integrated in 
the decoder, better ASR performance can be expected. 
Here, we utilized the RNN-based LM as an initial 
parameter set of LAS decoder. 

In the LAS model, the decoder infers the current 
grapheme label based on the context vector (output of the 
attention module) and previous label information. This 
behaviour can be expressed as: 
 

𝑃𝑃(𝐘𝐘|𝐗𝐗) = ∏ 𝑃𝑃(𝒚𝒚𝑡𝑡|𝒄𝒄𝑡𝑡 ,𝒚𝒚<𝑡𝑡)𝑻𝑻                                  (1) 
                        = ∏ softmax�… (RNN([𝒄𝒄𝑡𝑡;  𝒛𝒛𝑙𝑙−1])�𝑻𝑻      (2) 

 
Eq. (1) describes the decoder as a classification model 

and Eq. (2) denotes the stacked RNN structure inside the 
decoder. Looking at Eq. (2) from another perspective, the 
decoder is a variant of RNNLM which takes a context 
vector as another input. When 𝒄𝒄𝑡𝑡 = 𝟎𝟎, the operation of 
LAS decoder is exactly the same as that of RNNLM.  

Therefore, we pretrained the LAS decoder using well-
trained RNNLM and compared the performances with 
classical integration way (shallow fusion). [8] studied 
several LM integration techniques and proposed a similar 
method to this paper, but the two researches were 
conducted independently and the results were different. 
 
3.2. Experiments 
 
The experiment was conducted in the same environment 
as in Sec 2.2, but the baseline model in this experiment 
was the multitask learnt (MTL) model which had 
relatively good ASR performance. 

In Table 2, unexpectedly, pretraining the decoder with 
RNNLM is less powerful than the baseline MTL model 
even without shallow fusion. This result is exactly the 
opposite of [8], which gives us two possibilities. 
 
Table 2. ASR performances of each E2E-ASR model 
according to encoder/decoder pretraining. 

Model 
Clean Other 

CER WER CER WER 
Baseline MTL 7.3 18.4 19.9 40.0 

(+ SF) 5.7 12.4 17.1 32.0 
MTL + CTCpt 6.6 16.7 17.2 36.3 

(+ SF) 4.7 11.2 14.3 28.1 
MTL + LMpt 8.4 20.5 21.2 41.7 

(+ SF) 7.0 14.8 19.5 34.3 
MTL + both 8.9 20.0 20.6 40.9 

(+ SF) 6.7 14.3 18.7 33.5 

One is that overfitting occurred because the size of the 
decoder used in this research was too large for the 
linguistic information modelled. The decoder structure in 
[8] is an 1-layer of 256-dim LSTM, which is smaller than 
that used in this study. The other is that the character as a 
recognition unit used in this research is too fine-grained 
for the decoder to model. [8] used a byte-pair encoding 
as a recognition unit, which contains more contextual 
information than the character used in this research. 
However, [8] also showed that the performance of LM 
pretraining is less than that of SF, suggesting that the 
decoder should model a wider context such as word. The 
analysis in [5] also supports this. 

 
4. Conclusion 

 
In this paper, the improvement of E2E-ASR model 
through pretraining was researched. The pretraining of 
the encoder using CTC showed performance 
improvement, but the pretraining of the decoder using 
RNNLM was less than expected. It assumes that the 
decoder should model a wider context. In this regard, we 
will further study: Design LM in a wider context and find 
its proper use in E2E-ASR model. 

As the further works, we will also work to find 
stronger constraints than pretraining, which allows the 
encoder to learn phonetic information during whole 
model training. We are also interested in domain 
adaptation using decoder pretraining. 
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ABSTRACT 
 

This paper details the process of spontaneous data 
elicitation, and aims to describe and compare three 
methods of spontaneous speech elicitation for a large 
speech corpus. The corpus being described is the 
National Speech Corpus (NSC), which is a Singapore 
English corpus commissioned by the Singapore 
government, the purpose of which is to serve the needs 
of speech technology in the country. The completed 
corpus has 3000 hours of recording, 1000 of which is 
spontaneous speech. This paper will look specifically at 
one phonetic feature, namely the postvocalic-r, as a basis 
of comparison across the three methods.  

 
1. Introduction 

 
In November 2017, the Singapore government tasked the 
Info-communications and Media Development Authority 
of Singapore (IMDA), the technological and media arm 
of the Singapore government, to build the National 
Speech Corpus (NSC). The objective of building the 
NSC is to have a corpus of standard Singapore English 
that can serve to improve the accuracy of speech 
recognition engines to handle locally-accented English, 
and to encourage the creation of innovative speech-
enabled applications for various industry sectors. The 
IMDA has, since mid-2018, started the process of 
building the speech corpus, and the completed corpus 
will have over 3000 hours of voice recordings of 
Singaporean speakers from different groups, in both read 
and spontaneous speech, making it the largest, most 
comprehensive corpus of any language in the country 
thus far.  

The author of this paper was tasked to be involved in 
the building of the NSC, and has been the only academic 
on the team since its inception. And as the only linguist 
on the team of engineers and government officials, I was 
asked to check on the design for data elicitation. Bearing 
in mind that the main purpose of the NSC is not for 
academic research, but for the development of speech 
technologies in Singapore, one had to work within the 
guidelines given by the authorities. However, this does 
not mean that this corpus cannot be used for academic 
research. To make it work for academic research 
however, a few questions need to be answered in the 
process, namely,  

(1) What are the current gaps in the phonetic 
research on Singapore English, and how can the 
NSC help address these gaps? 

(2) What are the best methods to elicit speech data 
that can serve the needs of both speech 
technologies and academic researchers? 
 

This paper covers both the above questions. 
Specifically, this paper details the process of spontaneous 
data elicitation, and aims to describe and compare three 
methods of spontaneous speech elicitation for a large 
speech corpus such as the NSC. This paper will look 
specifically at one phonetic feature, namely the 
postvocalic-r, as a basis of comparison across the three 
methods.  

 
2. Gaps in phonetic research on Singapore English  

 
Singapore’s diverse population presents a challenge for 
speech research. We currently know very little about how 
Singaporeans from different ethnic groups speak. Most 
studies on Singapore English have been mainly focused 
on the speech of ethnically Chinese Singaporeans, who 
constitute an overwhelming majority of Singapore’s 
population at 76.2% [1], and little has been done to 
understand the speech patterns of speakers belonging to 
the other two major ethnic groups in Singapore. 
Approximately 15% of Singapore’s population are 
Malays and 7.4% are ethnically Indian [1]; all of whom 
do speak a different language apart from English. Besides 
this, we also understand little of speech patterns of 
Singaporeans of different age groups, educational 
profiles, and socio-economic status. The NSC was 
designed with these gaps in mind. 

With the exception of the research done on the NIE 
Corpus of Spoken Singapore English (NIECSSE) [2], 
few research on Singapore English has been based on 
spontaneous speech. Yet we know that speech produced 
during an interaction differs from read speech, especially 
in terms of segmental phonetic features and in prosody 
[3], [4]. Furthermore, read speech and spontaneous 
speech are perceptually distinguishable even if they 
contain the same speech material [5]. However, 
spontaneous speech, especially the ones in conversation, 
are not easily obtainable as they are more difficult to 
process and analyse as compared to read speech. And 
more importantly, especially for phonetic research that 
demands for some control of phonological environments, 
spontaneous speech takes the control away from the 
researcher. What then are the best ways of eliciting 
useable data for phonetic research in spontaneous speech? 
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3. Spontaneous Speech Elicitation Tasks  
 
Currently, the NSC consists of three parts: 1) 1000 hours 
of read speech with randomised sentences drawn from 
periodicals and phonetically balanced scripts, 2) 1000 
hours of read speech featuring local words and items, 
many of which are from the other languages in Singapore, 
and 3) 1000 hours of conversational, spontaneous speech. 
See [6] for a full description of the NSC, and the 
participant demographics. 

Bearing in mind that the NSC is a government project 
whose main objective is to elicit voice samples that can 
serve speech recognition technologies, the main 
consideration was to be able to have speakers converse 
for at least two hours in “standard” Singapore English 
naturally. Three tasks were presented to the participants 
to elicit natural conversations from them. They are:  

1) Spot-the-difference diapix  
2) Conversation card games  
3) Free-talk prompts  

 
3.1 Diapix 
In the diapix task, speakers were asked to collaborate and 
pick out 12 differences between two similar pictures 
without looking at each other’s pictures. The pictures 
were adopted from DiapixUK picture materials [5]. This 
task was useful for eliciting descriptive and directional 
phrases. It also allowed for some control over the lexical 
content of the interaction. The pictures were switched out 
for new ones periodically so as to introduce some 
diversity in content. Speakers on average took around 10 
to 20 minutes to complete the task.  
 
3.2 Conversation card games 
In the second task, two different sets of conversation card 
games were procured to act as conversational prompters. 
The sessions used smol tok, a card game set with 
prompters localized to the Singapore context. Depending 
on how conversational the speakers were, speakers could 
finish their deck of cards in as short as 45 minutes.  
 
3.3. Free-talk prompts 
This third task is the simplest and most conventional 
method of eliciting spontaneous speech. In this task, the 
speaker pairs were instructed to converse spontaneously 
about a particular topic, and this topic can be chosen from 
a set of prompts. As expected, this approach allows for 
spontaneous and natural speech, but researchers have no 
control over the lexical content of conversations.  
 

4. Comparing the Methods  
 

The summary of comparison here is based on first  
general observations on each task, and then focusing on 
one phonetic feature, namely, looking for the presence of 
the postvocalic-r, to highlight the suitability of each 
method for phonetic research.  The following outlines the 
key features of each task.  

 
Pros Cons 

Diapix task 
• Short, consistent recording 

time per picture (averaging 
10 minutes) 

• Control of lexical items can 
be done by manipulating 
pictures 

• Predictable speaker strategies 
• Good yield of tokens 

(averaging 3 tokens per 
word) 

 
• Restricted to dyad 
• Unequal contribution from 

each speaker 
 

Conversation card game 
• Capable of having long 

recording time (average 90 
minutes) 

• Able to elicit natural, relaxed 
speech 

• Control of lexical items not 
easy, but speakers tend to 
stick closely to cards, and 
manipulation can be achieved 
there. 

• Equal contribution between 
speakers 

• Less overlap and interruption 
between speakers 

• Able to accommodate multi-
speaker setting 

 
• Due to the relaxed nature of 

the game, codeswitching can 
happen 

• Yields large number of tokens, 
but high occurrences of 
repetition 

 

Free talk 
• Easy to execute as no 

planning is required 
• If conversation goes well, can 

yield large number of tokens 
with an average of 3 
repetitions per word 

 
 

 
• Recording time varies 

according to speakers’ 
inclination 

• Can be awkward  
• No control over lexical items 
• No control over 

codeswitching. 

 
The NSC is planning for future phases of spontaneous 

speech elicitation, and new ways of eliciting spontaneous 
speech are currently being explored.  
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Previous research has established that in second language 
(L2) learning, the relationship between the phonological 
and phonetic properties of the first language (L1) and 
those of L2 influences L2 perception and understanding 
(e.g., [1],[2],[3],[4],[5]).   The focus of this study is on 
the influence of the tone inventories of L1 speakers on 
their L2 tone perception.  We describe a Bayesian model, 
ABAMO that can successfully approximate the tone 
classification behaviour of Thai, Mandarin, and 
Cantonese speakers when asked to classify each of the 
five Thai tones.  The advantage of ABAMO over current 
models is that it not only takes into account the acoustic 
similarity of the Thai tone stimuli to a native speaker’s 
own tones, but also the influence of the frequency of 
occurrence of both the spoken and written forms of their 
native tones.   

The experimental stimuli comprised one syllable 
spoken with each of the five Thai tones, /fū/, /fù/, /fû/, 
/fú/, /fǔ/, of which only the first and third syllables are 
meaningful words in Thai. One syllable, /fu/, was used 
because it is a meaningful word for each tone in both 
Mandarin and Cantonese. This is important because 
participants had to indicate their classifications using the 
written form of the word and it is problematic to write 
non-words in Chinese characters.  The stimulus words 
were spoken in citation form by a Thai female native 
speaker and presented aurally to subjects.  

In the experiment, Thai participants (n=36) were asked 
to choose the Thai word/nonword corresponding to the 
stimulus they had heard, Mandarin participants (n=36) 
were asked to choose from four Simplified Chinese 
characters (representing /fu/ with all four Mandarin 
tones), and Cantonese participants (n=36) were similarly 
asked to choose from six Traditional Chinese characters. 

ABAMO uses Bayes’ theorem to combine acoustic 
similarity and frequency of occurrence data.  Similarity 
was estimated using a neural network classifier that took 
time-normalised f0 vectors, [7] from a corpus of either 
Mandarin or Cantonese /fu/ syllables, produced in 
citation form, and calculated probability of membership 
for each native tone category.  Native tone and character 
probabilities were derived from various published 
corpora.  The probabilities were then combined using 
Bayes theorem, similar to the approach taken by [6] in 
their speech perception model. 

ABAMO’s classification results provide a good fit to 
the categorisation data of the Mandarin speakers, with the 
model correctly predicting subjects’ most common 
classification choice for all five Thai tones and their 

second most common classification for three out of the 
five.   The results for Cantonese were somewhat less 
accurate, with the most common categorisation correct 
for four out of five tones and the second most common 
choice correct for just two out of the five.  Unsurprisingly, 
the best fit of the model was found for Thai participants, 
with both their first and second most common 
classifications correctly predicted. 
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ABSTRACT 

 
This study investigates how the tongue accommodates 
different head angles during speech production and also 
examines the correspondence between tongue postures 
and vowel acoustics. The results show that the tongue 
movements to accommodate different head angles 
appear to be vowel dependent. While the production of 
[i] across different angles are more associated with 
pivotal rotations, the production of [a] show more arch 
movements. The production of [u], on the other hand, 
involves a shift pattern across different angles. These 
accommodation patterns of the tongue postures are also 
compared against the acoustics across different head 
angles. 

 
1. Introduction 

 
Tongue positions in terms of height and backness have 
long been considered highly correlated with F1 and F2, 
respectively, based on the two-tube model in the vocal 
tract [2, 7]. In normal speech, speakers are always in an 
upright position which creates a turning angle for the 
two tubes. While research has drawn attention to the 
impact of body and head positions on acoustic signals [3, 
8], it remains unclear how the tongue would 
accommodate the changes in head angles while 
maintaining target acoustics. The current study tackles 
this question by examining whether the tongue 
movements are manifested in the previously discussed 
patterns: pivotal rotations, arching, and shifting [5, 6]. 
 

2. Methods 
 
2.1. Participants 
 
Three native speakers of Taiwan Mandarin (1 F and 2 M; 
mean age 23 y.o.) were recruited for the experiment. 
None of them reported any auditory or visual disabilities. 
The study was conducted in accordance with ethical 
guidelines approved by National Taiwan University.  
 
2.2. Apparatus 
 
The ultrasonography recording was conducted using a 
portable ultrasound machine (CGM OPUS5100) with a 
transvaginal electronic curved array probe (CLA 651). 
Participants sat upright wearing the ultrasound 
stabilization headset by Articulate Instruments. The 

transducer was fixed at 30 degrees away from the 
speaker’s chest and was adjusted along the midsagittal 
tongue contour. A Samson C01U hyper-cardioid 
condenser microphone was placed directly facing the 
participant’s mouth approximately 20 cm away. 
Acoustic and ultrasound data were recorded 
simultaneously by a USB 3.0 powered capture card 
(ExtremeCap U3), saved as .mp3 and .mp4, respectively. 
Acoustic signals were sampled at 48000 Hz, and the 
frame rate for the ultrasound videos was set at 40 fps.  
 
2.3. Procedures and stimuli 
 
The experiment involves repetitive [i, a, u] production at 
different head angles. Participants were guided to sit 
upright, facing a soft tape measure on the wall at a 
distance of approximately 60 cm. Eight head angles 
were used for vowel production: -15°, -10°, 0°, 10°, 15°, 
45°, 60°, and 90°. At each angle, participants were 
instructed to produce the designated vowels with ten 
consecutive tokens. The speaking rate was paced at 
around 1 word/sec. A total of 240 trials (3 vowels × 8 
angles × 10 tokens) were collected for each participant. 
 
2.4. Data preparation and analyses 
 
The vowel boundaries were first labelled in Praat. F0, 
F1, and F2 values were obtained from the midpoint of 
the labelled vowel interval. Still images of tongue 
postures were also captured from the midpoint of the 
labelled vowel interval, using a customized MatLab 
script. Next, tongue postures were first manually traced 
and then optimized using EdgeTrak. The tongue trace 
results were converted into polar coordinates and fit 
through smoothing spline analysis of variance (SS 
ANOVA) with 95% confidence interval (dashed-lined 
ribbons in the following figures) around the predicted fit 
(solid lines in the following figures) [1]. To fit predicted 
tongue contours, a virtual origin was used as the polar 
origin for the SS ANOVA results following the method 
introduced in [4].  
 

3. Results 
 

The SS ANOVA results show that different tongue 
postures were observed to accommodate different head 
angles. A closer examination shows that tongue 
movement patterns to angle accommodation are vowel 
dependent. In the [i] production at different angles (Fig. 
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1 top left), the tongue movements are associated with 
pivotal rotations (as indicated by the arrows) along an 
anchor (as depicted by the triangle). The production of 
[a] at different angles shows an arching pattern (Fig. 1 
top right). Only one part of the tongue involves 
substantial movements (as indicated by the arrow) 
whereas another part of the tongue barely moves (as 
indicated by the triangle). The production of [u] 
involves another kind of movement pattern, similar to 
the “shift” pattern proposed in [6]. The entire tongue 
moves within a range (as enclosed by the arrows) across 
different head angles. 
 

 
 

Figure 1 Representative SS ANOVA results for [i] (top 
left), [a] (top right), and [u] (bottom left). 

 

 
Figure 2 Formant density across different head angles. 

Data from the same representative for Figure 1. 
 
Figure 2 presents the formant density across different 
head angles from the same speaker for Figure 1. The 
results show that F1 and F2 of [a] across different head 
angles were highly consistent (Fig. 2 left). F1 and F2 of 
[i] were much more scattered both vertically and 
horizontally (Fig. 2 center), which correspond to the 

volume change in the lower and upper vocal tract, 
respectively. The distribution of F1 and F2 for [u] was 
somewhere between that for [i] and [a]. No consistent 
change in F1 or F2 were identified in relation to angle 
variations. 

 
4. Discussion 

 
The results show that different tongue movements may 
be manifested to accommodate different angles and the  
movement patterns appear to be vowel dependent. A 
close correspondence between tongue postures and 
formant realization was also observed. Pivotal rotations 
in tongue postures for the [i] production are associated 
with more scattered F1 and F2 distributions. Shifted 
tongue postures for the [u] production across different 
angles also speak to the lack of uniformity in terms of 
F1 and F2 variation across different angles. While 
arching patterns of tongue movement were observed in 
the [a] production at different head angles, the 
correspondent F1 and F2 were largely unaffected, which 
may be due to different degrees of jaw opening that can 
essentially impact on the final formant values. The 
effect of head angles and jaw opening as well as the 
calibration between the jaw and probe would call for 
further examinations. 
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ABSTRACT 

 

Previous studies have shown that, despite aspiration 

being contrastive in Mandarin, speakers generally 

neglect the allophonic aspiration feature in L2 English, 

adapting unaspirated stops as aspirated. This study 

explores the effect of orthography on the production of 

English stops by investigating whether Mandarin 

speakers faithfully realize the aspiration feature (in 

terms of VOT) when presented with orthographic 

representations. In a production experiment, Mandarin 

speakers repeated auditory stimuli with and without 

orthographic input. Preliminary results showed longer 

VOT when given orthographic input; however, the 

extent of the orthographic effect was sensitive to how 

explicit the de-aspiration rule is taught and to lexical 

status. 

 

1. Introduction 

 

In Mandarin Chinese, voiceless stops are distinguished 

by aspiration [2, 5, 7]. Stop aspiration in English, on the 

other hand, is non-contrastive [7] and can be predicted: 

voiceless stops are aspirated when in the onset position 

of a stressed syllable but are unaspirated when 

immediately following /s/ or in the onset of an 

unstressed syllable [9]. Despite having an aspiration 

contrast in their L1, Mandarin speakers tend to 

disregard the allophonic aspiration feature in English, 

aspirating voiceless stops in the unaspirated conditions 

(e.g., Scott as /ʂɩk
h
autɤ/; poker as /pʰukʰə/) [6, 7]. 

Previous studies have attributed this to phonological-

level adaptation [7] or orthographic influence [6]. 

Several studies have explored the effect of orthography 

on loanword adaptation [1, 10]. For example, in [10] 

French speakers were asked to adapt English non-words 

upon listening to auditory prompts, with or without the 

corresponding orthographic input. The results showed 

that when provided with orthographic input, the French 

speakers were more likely to pronounce the stimuli 

following the conventions of their native language, 

whereas their production was more faithful to the 

auditory stimuli when no orthographic input was 

provided. In a similar vein, the present study examines 

whether orthography has an effect on Mandarin 

speakers’ faithful realization of L2 English voiceless 

stops, specifically in terms of aspiration. Our objectives 

are twofold. First, the rule to de-aspirate a stop after /s/ 

is explicitly taught in second language learning while 

that to de-aspirate an onset of an unstressed syllable is 

usually not (cf. [5]). It follows, therefore, that an 

orthographic effect would be expected to be less 

prominent for voiceless stops following /s/ because this 

rule is more explicitly taught. Second, because the 

existing words established by speakers are associated 

with exemplars [3], we further ask whether the extent of 

the orthographic effect would be smaller in real words 

than in non-words which do not have corresponding 

exemplars.  

 

2. Experiment 

 

2.1. Methodology 

 

2.1.1. Materials 

 

288 naturally produced stimuli were recorded by a male 

native English speaker and trained phonetician. Two 

lists were created, one with non-words and the other 

with real words. Each list contained 24 sT items 

(monosyllabic words/non-words with /s/+voiceless stop 

onsets; e.g., staff, spave), 24 unstressedT items 

(disyllabic words/non-words in which the second 

syllables were unstressed with voiceless stop onsets; 

e.g., circus, halcon), and 48 counterbalancing fillers. 

Control stimuli in each list included 24 D items 

(monosyllabic words/non-words with a voiced stop 

onset; e.g., dance, bazz) and 24 T items (monosyllabic 

words/non-words with a voiceless aspirated stop onset; 

e.g., kiss, tace). All stimuli (excluding fillers) were 

balanced across different places of articulation (labial, 

dental, velar). Each stimulus (excluding fillers) 

contained only one oral stop sound to avoid any 

potential assimilation effect (cf. [4]). Acoustic 

measurements of VOT confirmed that the produced 

target stops in sT and unstressedT were comparable 

and were below 25 ms (see Figure 1).  

 

2.1.2. Procedure 

 

The experimental procedure closely followed that in [10] 

with slight modifications. The participants were 

recorded individually in a sound attenuated booth using 

E-Prime [8]. A Samson C01U PRO Professional USB 

Studio Condenser Microphone was connected to a 

desktop computer and placed on a stand, facing the 

participant who was asked to keep his or her mouth 

approximately the diameter of two adducted fingers 
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away from the microphone during the recording. 6 

Taiwan Mandarin speakers (3M, 3F; aged 20-29) were 

asked to repeat the stimuli presented to them aurally in 

random orders using E-Prime in two conditions: one 

without orthographic input (audio condition) and the 

other with orthographic input (mixed condition). The 

experiment was divided into two sessions, one with 

non-words and the other with real words. 

 

2.2. Predictions 

 

If orthography has any effect on the production of 

English voiceless stops, we would expect longer VOT 

for the stimuli in the mixed condition than those in the 

audio condition. Second, if how explicit the de-

aspiration rule is in second language learning has an 

effect, the VOT difference would be larger in 

unstressedT (less explicit condition) than in sT (more 

explicit condition). Finally, if existing exemplars has an 

effect, the VOT difference between audio and mixed 

conditions should be larger in non-words than in real 

words. 

 

3. Results 

 

The obtained VOTs were first converted into z-scores 

for each participant to compensate for individual 

differences. From the preliminary results (Figure 2), we 

observed the following: (i) VOTs were longer overall in 

the mixed condition than in the audio condition, 

regardless of item type (sT vs. unstressedT) or 

wordhood status (nonword vs. real word), suggesting 

that  Mandarin speakers were guided by the spellings of 

the voiceless stops and produced them with more 

aspiration; (ii) the VOT difference between mixed and 

audio conditions was more evident for unstressedT 

items than for sT items, indicating that the Mandarin 

speakers were aware that /s/ is followed by unaspirated 

stops, resulting in a smaller orthographic effect; (iii) the 

VOT difference between mixed and audio conditions 

was larger for non-words than for real words, 

suggesting that the orthographic effect was minimal for 

real words with existing exemplars. 

 

 
Figure 1. Averaged VOTs of the recorded stimuli 

 
Figure 2. Averaged standardized VOTs by different 

items panelled by lexical status  
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In radio news speech in American English, it is 

observed that the newscasters use a particular accenting 

pattern called an “earlyhigh” pitch accent [1]. In the 

earlyhigh accenting pattern, a high pitch accent is 

located on the secondary stressed syllable of the first 

content word in a subject noun phrase (e.g., the 

ADversarial PROsecutor where accented syllables are 

shown in uppercase, see Figure 1). This is different 

from the usual accenting pattern in everyday speech, 

where a pitch accent is placed on the primary stressed 

syllable of the first content word (e.g., the adverSArial 

PROsecutor, see Figure 2). The usual accenting pattern 

is called a “primary” pitch accent in the current study. It 

is speculated that the earlyhigh pitch accent is adopted 

by radio newscasters to draw listeners’ attention to 

speech and as a result, leaves strong trace of the heard 

information in the listeners’ long-term memory [1].  

To address whether the earlyhigh pitch accent is 

perceived differently from the primary pitch accent by 

linguistically non-expert listeners and encoded more 

strongly in listeners’ long-term memory than the 

primary pitch accent, a corpus of an imitation 

experiment was built [1]. In this corpus, 33 listeners of 

American English were asked to imitate 12 utterances 

after hearing the utterances produced by a linguistically 

trained American speaker with different types of pitch 

accent (e.g., Figures 1 & 2). To examine the optimal 

way to model f0 contours in different accenting patterns, 

30 f0 normalized-time points were obtained for the 

entire subject noun phrases and were modelled using 

polynomials and a generalized additive model (GAM) 

[2]. The quadratic (second degree) polynomials and the 

cubic (third degree) polynomials were adopted from the 

previous research on modelling tones [3, 4] or pitch 

accents [5]. The GAM was taken from more recent 

studies on modelling f0 contours over words [6]. The 

major differences between the polynomials and GAM 

lie on the numbers of concave and convex shapes of 

fitted lines. The quadratic or cubic polynomials allow at 

most two concave and convex shapes of fitted lines 

while GAM can model more shapes based on penalized 

regression splines. 

Figure 3 shows the fitted lines for the subject noun 

phrases “the adversarial prosecutor” produced with the 

primary pitch accent (in red) and the earlyhigh pitch 

accent (in blue). For the purpose of display, the lines are 

fitted for the two utterances only, one for each accenting 

pattern using ggplot2 [7] in R [8]. Figure 3 (a) shows 

faithful representations of the 30 f0 points in each 

accenting pattern using line graphs. The two accenting 

patterns differ in the locations of the first concave 

shapes around 0-15 of the normalized time points. The 

concave shape for the earlyhigh pattern comes earlier 

than that for the primary pattern. Figure 3 (b) and (c) 

display the fitted lines based on the quadratic and the 

cubic polynomials. The f0 contours are under-fitted and 

are not differentiated between the two accenting 

patterns. Figure 3 (d) show the lines fitted by the GAM. 

The original f0 contours are sufficiently captured and 

the details of the contours are smoothed (c.f., Figure 3 

(a)).  

Our results demonstrate that the GAM is the optimal 

way of modelling complex f0 contours over several 

words consisting of noun phrases. In our tutorial talk, 

we will introduce GAM and present its practical aspects 

using the imitated speech corpus described above. We 

will discuss the settings and model structures that users 

may find useful in their analysis of time-series data (e.g., 

f0 contours, eye-tracking data, ERP data).    
 

 
Figure 1. Earlyhigh pitch accent. The high pitch accent 

is located on the secondary stressed syllable “ad-” of the 

first content word “adversarial.” 
 

 
Figure 2. Primary pitch accent. The high pitch accent is 

placed on the primary stressed syllable “-sa-” of the first 

content word “adversarial.” 
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Figure 3. 30 f0 normalized time points fitted by line 

graph in (a), quadratic polynomial in (b), cubic 

polynomial in (c), and GAM in (d) for primary pitch 

accent (red) and earlyhigh pitch accent (blue).  
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Listeners from different language backgrounds do not 

equally rely on suprasegmental information for 

recognizing words in speech. For example, since Spanish 

has lexical stress and does not have vowel reduction, 

suprasegmental information in Spanish can distinguish 

among competing lexical hypotheses, not only for 

minimal pairs (e.g., PApa ‘potato’ vs. paPÁ  ‘father’), but 

also for temporarily overlapping pairs (e.g., peLOta ‘ball’ 

vs. peloTÓ N ‘platoon’) [1]. Like Spanish, English has 

lexical stress, but it also has vowel reduction, with most 

minimal pairs not being segmentally ambiguous (e.g., 

REcord vs. reCORD) and with temporarily overlapping, 

segmentally similar pairs being less common (e.g., 

MYStery vs. misTAKE). Accordingly, native English 

listeners make limited use of suprasegmental cues for 

recognizing English words [2, 3].  Interestingly, although 

Korean does not have lexical stress, previous findings on 

their perception of English word-level stress indicated 

that Korean listeners pay more attention to vowel 

reduction (inexistent in Spanish) than suprasegmental 

cues.  

 

Unclear, then, is whether English and Korean listeners at 

advanced proficiency in L2 Spanish would make use of 

stress for word recognition in Spanish and whether they 

will make similar use of suprasegmental cues to stress as 

native Spanish listeners. Furthermore, unclear is whether 

the presence of stress (a ‘positive’ cue) and the absence 

of stress (a ‘negative’ cue) similarly constrain word 

recognition in all groups [5]. 

 

Advanced English and Korean L2 learners of Spanish 

speakers completed a cross-modal word-identification 

task. In this task, participants heard semantically 

ambiguous auditory sentences that ended with 

incomplete, two-syllable word fragments. The auditory 

stimuli were either stressed (e.g., peLO-, in the stressed-

condition), or unstressed on the penultimate syllable (e.g., 

pelo-, in the unstressed-condition). Participants were 

presented with the two words on the screen and they were 

asked to choose the word corresponding to the fragment 

heard (e.g., pelota vs. pelotón). All fragments belonged 

to words that follow regular stress patterns in Spanish. 

 

The accuracy results,  converted into d-prime scores to 

control for response biases [6, 7], show that English and 

Spanish listeners can make use of the presence of stress 

as a cue for word recognition, but that when the fragment 

heard does not contain this cue, they were equally at 

chance. Korean listeners’ data is currently being 

collected. Any effects of Group or interaction between 

Group and Condition will tell us whether these 

suprasegmental cues can be acquired, and also whether 

suprasegmental cues that are used at the higher-level 

prosody in the L1 can be used during L2 word 

recognition. The implications on L1 transfer regarding 

the effect of cue type will be discussed. 
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This study investigates the effects of second-language 

(L2) learning experience and native-language (L1) 

prosodic system on the perception of non-native tones. 

L2 learners weight phonetic cues as a function of how the 

cues are used in one’s L1. For instance, listeners with 

different language backgrounds utilize different pitch 

cues in tonal perception [1]. While non-tone language 

(e.g., English) listeners use pitch height (difference in F0 

height; higher vs. lower tones), tone language (e.g., 

Mandarin) listeners rely more on pitch contour (different 

tone shapes; rising vs. falling tones) [2], [3]. Yet it 

remains unclear whether L2 learning experience would 

modulate the use of pitch cues in the perception of non-

native lexical tones. In this study, this hypothesis was 

tested against Korean-speaking L2 learners of Mandarin 

in comparison to Korean listeners without such 

experience. It is hypothesized that the learners would 

show a greater sensitivity to pitch contour than pitch 

height, similar to native Mandarin listeners.  

Another objective of the study is to examine the effect 

of L1 dialects on the use of pitch cues in the perception 

of non-native tones. While the effect of L1 language 

backgrounds on the use of pitch cues is well-documented, 

little is known about the effect of L1 dialects on non-

native listeners’ use of such cues [4]. Seoul Korean (SK) 

is neither tonal nor stressed but phrase-accented and does 

not use pitch to mark lexical prosody [5]. In contrast, 

Kyungsang Korean (KK), a pitch accent language, uses 

pitch to realize lexically contrastive words (e.g. [kaL.tɕiH] 

‘eggplant’ vs. [kaH.tɕiH] ‘branch’) [6]. It is hypothesized 

that the two Korean dialect groups may show different 

performance, with KK listeners showing a greater 

sensitivity to pitch cues (e.g., pitch contour) than SK 

listeners by virtue of the contrastive pitch cues in their 

native Korean dialect.  

In the perception experiment, Cantonese tones were 

chosen as target stimuli because it has different tone pairs 

contrasting in both pitch contour and pitch height. 

Intermediate-to-advanced SK-speaking and KK-

speaking L2 learners of Mandarin were recruited in 

China/Taiwan as a target group, and SK-speaking or KK-

speaking participants with no exposure to any tone 

languages were recruited in South Korea as a control 

group. All the listeners were naïve to Cantonese tones. 

As illustrated in Table 1, Level-Contour and Level-Level 

tonal contrasts were used as target tone pairs, allowing 

for testing the use of pitch contour versus pitch height. 

The participants completed an AX tone discrimination 

task containing tonal stimuli produced by a female native 

speaker of Hong Kong Cantonese. 

 

Table 1. The four target tone pairs used in the experiment. 

 

Types Primary cue Tone Pairs 

Level-

Contour 
Pitch contour 

T2(rising)-T1(high) 

T2(rising)-T6(low) 

Level-Level Pitch height 
T1(high)-T6(low) 

T3(mid)-T6(low) 

 

Preliminary results of discrimination accuracy showed 

that Korean-speaking L2 learners had a greater 

sensitivity to pitch contour than pitch height, consistent 

with the pattern of native Mandarin listeners reported in 

previous studies [3]. In contrast, naïve Korean listeners 

showed a greater sensitivity to pitch height than pitch 

contour. The result provides evidence for a 

developmental change in which, similar to Mandarin 

listeners, Korean learners have developed a cue shift 

from pitch height to pitch contour through extensive 

experience with Mandarin.  

More importantly, KK naïve listeners overall 

demonstrated a higher accuracy than SK naïve listeners 

across different types of tone pairs; KK-speaking learners 

had a greater sensitivity to pitch contour relative to pitch 

height than SK-speaking learners. These findings point to 

the important role of the L1 dialectal variations in the 

perception of non-native tonal contrasts. Both KK-

speaking naïve listeners and learners seem to have 

benefitted from varying pitch contours implemented in 

the pitch accent KK dialect and demonstrated better 

performance (in overall pitch sensitivity and sensitivity 

to pitch contour, respectively) than their respective 

group.  

Taken together, the findings of the present study 

suggest that the prosodic system of L1 dialectal varieties 

(e.g., whether pitch is used to realize lexical contrastive 

words) as well as L2 learning experience should be 

considered in L2 speech perception models. 
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There is an extensive research literature on what factors 
contribute to the perception of foreign accent. Research 
has focussed on the role of speech segments [1]; as well 
as, to a lesser extent, the non-segmental contributions to 
foreign accent [2]. In the current study, we examined 
temporal variability in the production of a strongly or 
weakly accented second language (L2) by using the 
normalized Multi-Scale coefficient of variation 
(MSCVnorm). MSCVnorm is a novel measure of 
variation within time-series that is sensitive to short-
term and long-term correlations between point events; 
as such, it can provide an index of the variability of 
user-defined speech events over multiple time scales [3]. 
It is this aspect of the NSCVnorm measure that is 
different from the traditional measures used to 
characterise speech rhythm (e.g., [4]) that only consider 
“flat” local or global aspects of speech timing. This 
capacity to be sensitive to multiscale temporal variation 
means that the MSCVnorm index may be better able to 
capture aspects of speech timing that contribute to the 
perception of speech rhythm [5]. Recently, we found 
that the MSCVnorm scores for the vowel and consonant 
duration time-series for both Korean and French L2 
English talkers differed across timescales as a function 
of foreign accent strength [6]. This result suggests that a 
strong accent in a talker’s L2 productions may be an 
indication that the timing of the spoken output lacks 
consistency. This analysis, however, required the 
accurate measurement of segment (vowel and consonant) 
durations. In the current paper, we explored a way to 
generate speech timing time-series without the need for 
hand-labelling. To generate speech timing time-series 
we used point estimates based on an automatic 
procedure that detected instances of change (increases) 
in a time-frequency representation of the speech signal 
[7]. As a test case, we used weak and strong foreign 
accented speech produced by 22 Korean talkers (16 
Females) and 12 French talkers (4 female) who read 
aloud the same 69-word English passage [8] and 
compared results from our previous segment (vowel and 
consonant) duration time-series study [6]. 
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Previous studies have provided important findings about 
children’s speech production development [1]. The 
collective body of information from previous studies has 
indicated that essentially all aspects of children’s speech 
demonstrates changes toward more adultlike 
characteristics over time. Nevertheless, less studies exists 
that examines the perceptual aspects of speech tokens 
produced by children of varying ages. In order to fill the 
gap between production and perception of children’s 
speech, the paper presents results of cross-sectional 
perceptual studies of monosyllabic words produced by 
children whose age ranges from 2 years to 6 years.  
  Monosyllabic words in the CVC form were extracted 
from children’s speech samples, and were presented 
aurally to 4 listener groups (20 listeners in total). And 
each group had 5 listeners who were in their 20’s and who 
were not phonetically trained. The experimenters let the 
listeners know that they would listen to monosyllabic 
CVC words produced by children and asked the listeners 
to write down what they thought the children produced.    

The results of the perception experiment are presented 
below. As for the accuracy of correctly perceiving the 
CVC words, listeners in each of the 4 listener group each 
listened to and identified a total of 361 word tokens. As 
for the first listener group, 233 targets are corrected 
identified and 128 words are incorrectly identified. As for 
the second listener group, 200 and 161 are correct and 
incorrect responses, respectively. As for the third and 
fourth groups, it happened that 206 words were correctly 
identified and 155 words were wrongly identified by both 
listener groups.  

Table 1 presents the identification results for each 
listener by ages. The general trend observed in Table 1 is 
that the accuracy rate increases as the age increases, with 
the test samples produced by two-year old children 
inducing the largest errors and the test words produced 
by those who are 6 years old making the smallest errors. 

 
Table 1. Identification results for 4 listener groups 

coded as A, B, C, and D, respectively. C and I on the 
second row, respectively, indicates correct (C) responses 
and incorrect (I) responses.  

Age 
A B C D 
C I C I C I C I 

2 33 39 26 46 22 50 32 40 
3 34 38 29 43 28 44 31 41 
4 43 29 40 32 42 30 35 37 
5 59 13 52 20 48 24 54 18 
6 64 8 53 19 57 15 54 18 

 
Further analyses were conducted to identify sources of 

errors. One of the analyses was to check whether the  
syllable type of CVC was corrected identified. More than 
10 per cents of errors were due to the erroneous 
perception of CVC target words as CV words. Table 2 
presents the error results in identifying the syllable type.  
 
Table 2. Inaccuracy in the perception of syllable type 

Age A B C D 
2 11 13 12 12 
3 4 5 10 15 
4 5 7 3 8 
5 1 1 2 1 
6 1 3 2 4 

Total 22 29 29 40 
 
Despite individual variation among listeners, more CV 
syllable types were erroneously reported than the 
intended CVC syllable types for the target words.  

Longitudinal as well as cross-sectional studies have 
demonstrated that various aspects of speech production 
are still developing even at ages as early as 8 years old 
and as late as 12 years old ([1], [2]). Thus, it is 
understandable to observe errors with speech samples 
produced by children who are as old as 6 years old, albeit 
the fact that the errors are less frequently occurred than 
with tests sounds produced by children in other age 
groups. 

While the current study makes an important 
contribution to our understanding to the development and 
perception of children’s speech by cross-sectioning age 
groups, further analyses are necessary to assess the 
developmental stages of children’s speech production 
and perception. Future research includes acoustic 
analyses of the varied speech samples beyond the CVC 
word types, perception experiments with more listeners, 
among others. Detailed linguistic analyses regarding the 
types of syllable type and featural misperception are also 
in order.   
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Several studies have reported that sentence 
comprehension in agrammatic aphasia is relatively 
impaired. In particular, semantically reversible 
sentences whose arguments are in their derived, not in 
their base, positions (i.e., object clefts, and passives) are 
shown to be less correctly understood than their 
counterparts (i.e., subject clefts, and actives).  
     According to the Derived Order Problem Hypothesis 
(DOP-H) (Bastiaanse & Van Zonneveld, 2005), 
comprehension of derived order sentences is poorer than 
that of the base order ones. Many studies have 
confirmed this (Bastiaanse & Thompson, 2003; Yarbay 
Duman, Ozgirgin, Altinok & Bastiaanse, 2011). Yet, the 
focus of these previous studies has primarily been on 
Indo-European languages. Scarce attention has been 
given to Southeast Asian languages, such as Thai. As 
Thai uses a particular type of passives (passives with 
adversative verbs, or passive-bias verbs), a derived 
order, as frequently as actives, a base order, it is not 
clear yet whether the same impairment is observed. This 
raises two questions:  
     (1) Are there similarities or differences in active and 
passive sentence comprehension in Thai agrammatism?  
     (2) Is comprehension of passive sentences with 
adversative verbs (passive-bias verbs), whose arguments 
are in a derived order, impaired in Thai agrammatism? 
     In our study, we examined not only the actives and 
passives sentence comprehension, but also the 
interaction effect of word orders (actives and passives) 
and verb types (adversative verbs and non-adversative 
verbs). We administered a two-choice sentence-picture 
matching task on 4 agrammatic speakers and 4 non-
brain-damaged speakers. Our test items were 
categorized into 4 conditions on a 2x2 design (word 
orders x verb types).  
     According to the DOP-H, for agrammatic speakers, a 
good performance is predicted for sentences in base 
order—actives—while a poor performance is predicted 
for sentences in derived order—passives. However, we 
hypothesize that there will be an interaction effect with 
frequency. In brief, the derived order sentences will be 
more difficult to comprehend in passives with non-
adversative verbs, where they are less frequently used, 
than passives with adversative verbs. The passive 
sentences with adversative verbs will also be 
comprehended less well than the active sentences (both 
with adversative and non-adversative verbs) due to the 
high frequency of adversative passive sentences in Thai. 
As for the actives base order, it is hypothesized that 

active sentences with non-adversative verbs will be 
comprehended as equally well as the active sentences 
with adversative verbs. 
     Having gathered the data, and performed a 
generalized linear model, we found that, as predicted by 
the DOP-H, the agrammatic speakers have more 
problems comprehending sentences in a derived order 
(passives) than in a base order (actives) condition. The 
interaction effect of sentence types and verb types was 
observed. Participants’ performances vary depending on 
both word order and verb frequency. Further, as 
hypothesized, comprehension of passives with non-
adversative verbs is more challenging than that of 
passives with adversative verbs (passive-bias verbs).  
     The finding implies that it is not only the derived 
order that is a problem in Thai individuals with 
agrammatic aphasia, but also frequency and/or lexical 
bias—verb types—that play a role in sentence 
comprehension. 
 

 
 
Figure 1. Performance of the Thai individuals with 
agrammatic aphasia in each condition 
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ABSTRACT 

 

The classification of pathologic voice using deep 

learning is addressed by using two-dimensional (2D) 

Mel frequency cepstral coefficients (MFCC) as the 

input feature, and the classification result is compared to 

that with one-dimensional (1D) MFCC. The 

convolutional neural network (CNN) for deep learning 

is employed for the 2D MFCC image data. In 

accordance with the classification result, the deep 

learning with CNN and 2D MFCC and can achieve a 

higher validation accuracy and lower loss than that with 

fully connected neural networks (DNN) and 1D MFCC 

for different databases of normal and disordered voice.  

 

1. Introduction 

 

Vocal impairment may be from various causes, such as 

palsy, atrophy, dystonia, laryngeal cancer, etc. The 

pathology voice may also result in speech disorders, and 

has attracted many researchers in the field of speech and 

voice studies [1], [2]. The classification of pathologic 

voice using machine learning [3] can make full use of 

the dataset from a health research centre or hospital, and 

render auxiliary information for further physician 

treatment. The automatic classification system of vocal 

impairment can also assist laryngologists to early 

diagnose patients’ diseases. 

Recently, deep learning has been applied to the 

classification of pathologic voice.  In [4], the raw voice 

data from German Saarbruecken Voice Database (SVD) 

was used as the 1D input to the CNN for the pathology 

detection of voice. For the classification of pathologic 

voice, various features [3] may be extracted from voice 

databases. In [5], the spectrogram dataset was employed 

as the feature and transfer learning was studied, where 

both SVD and Massachusetts Eye and Ear Infirmary 

(MEEI) databases were applied. The MFCC has been 

reported as a standard and valuable feature for the 

detection of pathologic voice [6]. In [7], the detection of 

pathologic voice was conducted with fully connected 

neural networks (DNN) by using the database from the 

Far Eastern Memorial Hospital (FEMH), where 1D 

MFCC feature was extracted as the DNN input. For the 

detection of pathology voice, it has been shown that the 

validation accuracy with DNN is higher than the one 

with the support vector machine (SVM) or the Gaussian 

mixture model (GMM) in [7], where the MATLAB tool 

was used for experiment. 

In the paper, the classification of pathologic voice is 

studied, where a 2D MFCC image (i.e., with time and 

frequency components) is used as the input feature and 

the CNN is employed for deep learning.  Both the MEEI 

and the FEMH databases are applied. Moreover, the 

classification performance is compared to that with the 

1D MFCC.  

 

2. Classification Architecture 

 

The classification system is illustrated in Figure 1, 

where the voice wave is first transformed the 1D or 2D 

MFCC feature. 

 

 

 

 

 

 

 

 

 

Figure 1. The classification system for pathologic voice 

detection.  

 

In Figure 1, the framing size usually needs to be 

adjusted to obtain better classification performance. 

After framing, a pre-emphasis and window filters may 

be utilized to reduce the input background noise.  

For the classification with CNN deep learning, the well-

known softmax function followed by the rectified linear 

unit (Relu) are used. In the study, the cross-entropy 

given in (1) below is selected as the loss function. 

 

1 1

1
ˆlog( )

N J

ij ij

i j

Loss y y
N  

     (1) 

where N is the total number of training samples, J is the  

types to be classified, and ˆ
ijy denote the training 

samples  and CNN output, respectively. For example, J 

= 2 for a binary classifier.  

 

3. Results and Conclusions 

 

In the FEMH database, there are 60 samples of normal 

voice and 402 samples of vocal impairment, where the 
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normal voice samples are from 16 males and 44 females, 

and the abnormal samples are from 189 males and 213 

females. All voice samples are from recording the 

vowel sound /a:/  for three seconds. The sampling rate is 

44.1 kHz. For the MFCC extraction in Figure 1, 16-

millisecond framing and 8-millisecond frameshift are 

employed. The dataset of extracted MFCC is 

normalized to zero mean and unit variance. For CNN 

deep learning, the Adam optimizer in Python Keras is 

used with the batch size = 50 and 0.001 learning rate. 

To examine the classification performance and 

corresponding comparisons, only the result using the 

male voice sample is illustrated. By using the FEMH 

male and the MEEI databases, the classification 

performance is plotted in Figure 2 and Figure 3.  

 

 
Figure 2. The performance by using the FEMH database. 

 

 

   
Figure 3. The performance by using the MEEI database. 

A 2D MFCC sample is shown in Figure 4. The 

performance comparison given in Table 1 implies that 

the CNN with 2D MFCC outperforms the DNN with 1D 

MFCC. 

 
Figure 4. A sample of 2D MFCC. 

 

Table 1. Comparisons of classification results between 

DNN (with 1D MFCC) and CNN (with 2D MFCC). 
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ABSTRACT

It is something of a paradox that increasing amounts of
available  data  and  continuously  developing  analysis
methods  do  not  necessarily  lead  to  new  or  better
insights.  This  paper  highlights  two  of  the  challenges
involved in getting the most out of superficial progress,
focusing on an example from clinical phonetics.
 

1. Introduction

Data sparseness has been a chronic problem in acoustic
phonetic  research,  from  the  excrutiatingly  short  2.4
seconds limitation of the sonagraph recording, through
computers' memory shortage, to the shortage of labeled
speech corpora. So has the inadequacy of tools to deal
with  the  available  data.  Modeling  of  fundamental
frequency can serve as a symptomatic example here: for
a  long  time,  most  of  the  data  available  was  simply
thrown away, either because it was considered “messy”
and  thus  harmful  for  elegant  phonological  (or  even
phonetic) theories, or then because there simply was no
realistic  way  contemporary  hard-  and  software  could
digest the massive amounts of measurements collected
by,  say,  a  typical  1990s  pitch  extractor  providing   f0

readings  every  10  milliseconds.  Instead,  only contour
turning points were retained, curves were flattened into
straight  lines,  or  at  most  reduced  to  splines  or  other
smooth approximations (see, among many others,  ToBI
[1],  INTSINT  [2],  IPO stylization  [3],  or  the  Fujisaki
model  [4]).  And  although  more  recent  models  like
PENTA [5] preserve some more detail, we are still far
from being able to sensibly account for all the variation
observed.
  Today, we not only have much more data available, we
also have the means, both in terms of computing power
and of more sophisticated analysis tools,  to handle it.
But this propitious state of affairs has not translated into
any breakthrough in  f0  modeling so far.
  The same goes for other areas of phonetic research,
including acoustic assessment and analysis of dysarthria
where new, or rather previously ignored, data has been
employed successfully in clinically relevant applications
– mostly without enhancing our explicit knowledge of
dysarthria's acoustic correlates. 
 Typical  current  approaches  to  acoustics-based
dysarthria assessment employ automatic extraction of a
large  number  of  measurement  features  (often  in  the

thousands) and subsequent training of a machine learn-
ing system with this data, resulting in an automatic clas-
sification system. An essential drawback of this method-
ology is that it does not deliver explicit knowledge on
the most relevant acoustic parameters, or combinations
thereof.
  The present study is an attempt to reduce the parameter
space of multi-parameter models drastically, isolating a
manageable subset of parameters that still has sufficient
predictive  power,  and  thus  pointing  out  one  possible
way of turning new data into new knowledge.

2. Acoustic dysarthria analysis

Until  less  than  a  decade  ago,  acoustic  assessment  of
dysarthric speech (see e.g. [6]) was typically conducted
manually,  with  the  researcher  selecting  the  signal
stretches to be used for the measurement of some pa-
rameter  (e.g.  middle  portion  of  vowel  for  jitter  and
shimmer analysis)  and carrying out the necessary steps
to make acoustic analysis software, be it a specialized
application  like  MDVP [7]  or  a  general  system  like
Praat [8], compute the actual values which then would
be tabulated in a spreadsheet and compared to published
critical values. Parameter extractions tended to by error-
prone and overall reliability of assessments poor unless
carried  out  by  experienced  speech-language  patholo-
gists. Nowadays, on the other hand, a typical automatic
assessment uses huge acoustic feature spaces automati-
cally  created  by  programs  like  openSMILE [9],  and
feeds them into artificial neural netowrk-based machine
learning  systems  like  WEKA [10]  which  train  and
optimize automatic classifiers.
  To circumvent the black box problem mentioned above
while still  profiting from the advantages of  automatic
multiple-feature extraction the present study (for more
details, see [11] looke for ways to find the most relevant
features in an explicit fashion, replacing the customary
neural  networks with information-preserving statistical
methods.
  The database used for this work, Nemours Database of
Dysarthric Speech [12], contains recordings of 11 male
speakers with widely varying degrees of dysarthria, as
manifested  by  their  Frenchay  Dysarthria  Assessment
[13] scores.  
For  the  extraction  of  acoustic  features,  openSMILE's
feature set for the 2012 Interspeech Speaker Trait Chal-
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Figure 1. Principal component 1 values for all subjects 
in the Nemours corpus, ordered by ascending overall 
Frenchay score (Pearson's r = -0.8, p  < 0.001).

lenge [14] was used. It contains a total of 6125 features
calculated from 64 energy-, spectrum- and voicing-re-
lated “low-level descriptors”. An example of the results
from  one  possible  way  for  dimensionality  reduction,
PCA,  is  shown  in  Fig.  1:  principal  component  1
explains  a  considerable  amount  of  the  variation  in
Frenchay score. (Adding PC 2 to the model then takes
care also of the deviant cases, in particular subject 3 and
8.) But there is still much complexity, as PC 1 covaries
equally strongly with close to 100 parameters – whose
grouping into explanatory categories  still  needs major
analysis  that  cannot  easily  be  automatized.  PCA of
course  is  only  one  of  many  dimension-reducing
techniques  that  retain  explicit  information;  but  the
challenges  remain  the  same:  deciding  on  a
comprehensive set  of parameters to be measured, and
finding ways to sensibly interpret the statistical results
so  that  they  increase  our  actual  knowledge  and
understanding.

3. Summary

Accounting  for  extremely  many  variables  and  huge
variation in a data model is  not impossible even with
explicit  statistical  methods  that  have  the  potential  to
create  new  insights.  But  well-informed  reasoning
remains as indispensable as it was before the advent of
abundant  data  and  computationally  powerful  analysis
tools.

. 
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The landscape of music arena in Korea is dominated by the Western variety. Though language and music share many 
similarities, music seems to have a more deeply rooted universality than language in that ordinary people hearing music 
from another culture are often fascinated by the music but a comparable phenomenon is not as commonly observed for 
a language. Musical preference, however, is influenced by many more factors. Social psychologists have found that 
music listeners tend to be conservative and prefer music with prior exposure [1]. This positive effect of prior exposure 
on music liking is called mere exposure effect [2]. Mechanism driving Infants’ preference, however, might be different 
from the one behind adults’ decision because of their still developing processing skills in understanding music.  

As a way to address this question, we tested young children whose experience with music is still relatively limited. 
Using the Headturn Preference Procedure, we tested infants’ preference for German and Korean traditional songs played 
by a stringed instrument from each culture, i.e. cello and haegeum. 38 Korean infants between the age of 9 and 30 months 
living in the Gwangju area participated in the study. Mothers of participating infants answered a series of questions 
designed to gauge infants’ exposure to music. A cellist and a haegeum player each played 5 German and 5 Korean songs. 
Each piece lasted for about 20 seconds. Four types of stimuli were generated by combining the two different ethnicities 
and instruments. We normalized the speed of the songs by using the songs played by their ethnically matching musical 
instrument. Infant were first presented with two practice trials containing a 350Hz sine wave to give them a chance to 
learn about the association between the audio and the visual stimuli. They were then presented with the test stimuli 
containing one of the four types of 20-second long musical pieces. An experimenter outside the sound booth manipulated 
the computer keyboard to record the child’s looking time. 

We constructed mixed-effects regression models. The dependent variable was infant’s looking time. We first ran a 
model with instrument, origin, trial number, and age as fixed factors, and participant and the song as random factors 
(formula: lt ~ instrumentC * originC + trialnumC + DayC + (1 | NewID) +  (1 | song)). We found a significant main effect 
of all fixed factors except the ethnic origin of the music. The significant effect of Instrument indicates that infants listened 
longer to haegeum than cello. In a subsequent analysis where we included additional factors such as exposure to music 
or instrument, however, it turned out that the effect of exposure has a significant effect in explaining infants’ preference 
for music. There was a significant effect of exposure to Korean music such that ones with more exposure had lower 
looking times. There was also a marginal interaction of exposure and instrument such that those with low exposure had 
longer looking times to the haegeum, but those with higher exposure did not show a difference in looking times. Exposure 
to western music was also significant in a 3-way interaction. The interaction was such for those with no exposure to 
Western instruments, looking times for Korean music was the same for each type of instrument but for Western music 
there was sig. more looking time to the haegeum. For those with exposure to Western instruments, looking time for 
Korean music was significant such that there were longer looks to the haegeum, but looking time for the two instruments 
for Western music did not differ. 

Overall our results point to the novelty bias for infants’ music preference, which is somewhat different from the 
familiarity preference claimed for adult’s music preference. We could find the answer in the changing developmental 
needs for learning and appreciation of music. Even musically untrained Western adults have implicit knowledge of 
Western musical pitch structure. However, 6-8 month old infants do not [3]. Therefore, any emotional reactions infants 
experience when listening to music cannot be based on musical-system specific pitch structure. What seems like 
infants’ preference for own ethnic music is due to less amount of exposure to own music rather than engrained culture-
specific bias. 
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ABSTRACT

We introduce Phonometrica,  an open source computer
program  for  the  annotation  and  analysis  of  speech
corpora. This program was designed with performance,
standard-compliance and ease of use in mind, and runs
on Windows, macOS and Linux.

1. Introduction

Over  the  last  two decades,  there  has  been  a  growing
interest  in the use of speech corpora,  as illustrated by
the development of fields such as Laboratory Phonology
[1] and Corpus Phonology [2], a phenomenon which has
expanded the community of speech researchers beyond
its original core. Such a growth is accompanied by new
demands and expectations in terms of data management
and  analysis.  This  paper  introduces  Phonometrica,  an
open  source  and  cross-platform  computer  program
which was specifically designed to address some of the
needs of the community of speech scientists in the broad
sense. A particular emphasis was put on ease of use and
user-friendliness, so that the program might be used by
researchers and students who might not necessarily have
extensive computer literacy.

2. Overview of the platform

Phonometrica  is  an  open  source  computer  program
written in C++ and distributed under the GNU General
Public  License,  available  at  phonometrica.github.io.  It
supports  the  three  main  platforms,  namely  Windows,
macOS and Linux, and its source code is written so as to
maximize  modularity,  portability  and  standard
compliance. It relies on a number of mature open source
libraries  written in C or C++ for  primitive operations
(sound  input/output,  regular  expressions,  Unicode
handling, user interface rendering, etc.) and borrows a
number of speech processing routines from SPTK [3].
In  addition,  the  program  includes  a  scripting  engine
which can be used to perform custom tasks and extend
its functionality via ‘plugins’.
Phonometrica  was  designed  to  deal  with  large

collections  of  linguistic  data.  Therefore,  it  does  not
operate  on single files  but  on  projects.  A project  can
contain five types of files: corpus data, which include
sound files and their corresponding annotations; queries,
which can be saved for modification and reuse; datasets,
which are files in tabular format; scripts, which can be

used  to  automate  tasks;  and  bookmarks,  which  allow
users to save specific items in the current project (e.g. a
specific instant in an annotation).
The  program’s  user  interface  is  divided  into  four

components (see Fig. 1). The file manager (left) is used
to display and organize the files in the current project.
The second component is the  information panel (right)
which  displays  and  lets  users  edit  metadata  for  the
currently  selected  file(s).  Next,  the  console offers  an
interactive scripting environment, from which users can
directly  execute  commands  or  see  the  output  from a
script.  Finally,  the  viewer (center)  is  used  to  display
“views” of files and queries. Each view is displayed in a
separate tab, similar to the way modern web browsers
display Internet pages. 

3. Data annotation

3.1. Data labeling

Phonometrica  supports  most  of  the  popular  sound
formats, including WAV, AIF and FLAC. Annotations
can  be  imported  from (and exported  to)  other  speech
analysis programs such as Praat and WaveSurfer or can
be  stored  in  the  program’s  own  XML-based  format.
Annotations  are  represented  using  Annotation  Graphs
[4]:  this  data  model  makes  it  easy  to  formalize
dependency  relations  between  annotation  layers  (e.g.
phones  syllables  words) and allows time anchors⊆ ⊆
to be shared across layers, ensuring that layers are kept
in sync when a time anchor is modified.
Phonometrica offers  an easy-to-use module to create

and edit annotations. The wave bar provides an overall
view of the signal, which allows to easily select any part
of the sound file (see Fig. 1). Intervals and instants can
be easily edited using the mouse or keyboard shortcuts.

3.2. Metadata

Phonometrica relies on metadata to keep files organized
internally and to perform queries (see §4). File names
represent the most basic type of metadata and for small
projects (containing a dozen of files or so) this may be
all  that  is  needed.  For  larger  projects,  Phonometrica
offers  a  flexible  mechanism  called  properties,  which
represent key/value pairs. Each file can be tagged with
an  arbitrary  number  of  such  properties:  the  key
represents a category, which is always a text string, and
the value may be Boolean, numeric or textual. For
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Figure 1. Main window of the application.

instance,  one  may  create  a  ‘Subject’  category  whose
values  represent  the  different  subjects  in  the  corpus.
Other  examples  include  ‘Gender’  (with  the  values
‘Male’  and  ‘Female’)  and  Task  (with  the  values
‘Conversation’,  ‘Word  list’  and  ‘Text’,  for  instance).
Properties  can  be  managed  in  three  different  ways:
manually via the property editor; semi-automatically by
importing them from a CSV file; or automatically using
the scripting engine.
In addition to properties, each file can be tagged with a

description, which is a field that can contain any valid
Unicode  text.  This  field  can  be  used  to  add  any  text
which might be relevant for the project, and it can be
searched to select a specific subset of files. 

4. Queries

Phonometrica’s  search  engine  lets  users  extract
concordances from a set of annotations. Concordances
can be extracted using either plain text strings or regular
expressions, and can be run on all annotation layers or
on  a  specific  layer,  identified  by  position  or  name.
Queries  can  be  restricted  to  a  particular  subset  of
annotations, either by selecting the files explicitly or by
creating constraints based on the project’s metadata. 
Concordances  in  a  single-layer  query  are  displayed
according  to the KWIC model (key word in context),
which means that a match is extracted along with its left
and right contexts. Multi-layer queries recognize three
types  of  relations  between  layers:  dominance (e.g.
syllables  dominate  phones),  precedence (e.g.  a
determiner precedes a noun on the part of speech layer)
and  alignment (e.g.  a word is aligned with its part  of
speech).  The matches from all  the selected  layers  are
extracted as columns in the results.

Running  a  query  creates  a  new  dataset,  which  is
displayed  in  a  spreadsheet-like  format:  each  row
represents a concordance, and each column represents a
piece of information associated with it (e.g. left context,
match, right context, file name and properties, if any).
This dataset can be saved as a comma-separated-value
(CSV)  file,  which  can  be  imported  into  a  statistical
analysis  software  package  such  as  R  or  SPSS®  for
further analysis. 

5. Conclusion and perspectives

Phonometrica is a new open source program for speech
analysis,  designed  to  take  advantage  of  modern
technologies and which puts a strong emphasis on ease
of use. It is currently in development and feedback from
the  community  is  welcome.  We  are  currently
investigating the possibility of interacting directly with
the R environment for statistical analysis.
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This study investigates phonetic variation across 
recording channels. Some earlier studies provided 
useful information about the phonetic characteristics of 
telephone voice, which is called “phone effect.” The 
present study records speakers’ voice transmitted 
through consumer audio recording devices, mobile 
phones, as well as public switched telephone network 
(PSTN), examines phonetic characteristics of recorded 
voice in terms of various acoustic parameters, and 
compares results across recording channels. Results 
demonstrate that there are clear phone effects in terms 
of some acoustic parameters across channels, but no 
significant phone effects in terms of others. This study 
is significant in that it provides novel information about 
the phonetic characteristics of mobile phones. 
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ABSTRACT 

 

Although Korea got to an aging society, older people’s 

speech data is not familiar research theme. This paper is 

the result of voice conversion by using the older people’s 

Korean speech data made by National Institute of Korean 

Language. The main system for the experiments of this 

paper is ‘sprocket’, open-source software for voice 

conversion, and with setting target data with parallel 

speech data from young people, we discovered that voice 

conversion can help enhancing the quality of speech data.  

 

1. Introduction 

 

For the human-machine interaction in all industrial 

fields, speech is convenient, natural and intuitive method 

for a long time. Especially, speech interface is essential 

for the older and patients who are weak and cannot have 

normal life like young and healthy people.  

Korea is an ‘aging’ society from few years ago [1]. 

Compared to other countries, speech processing research 

according to speaker's age is not performed widely today 

in Korea. All the people experience this situation: As a 

person gets older, his voice changed a lot compared to 

their young age. Compared to under 40's, there are some 

older people's voice characteristics. At senescence, their 

tongue's thickness, movement range and duration has 

diminished continuously. Due to this point, older 

people’s speech speed is low, silent sections increase, and 

their speech is hard to be recognized by automatic speech 

recognition systems [2]. 

For improving older people’s speech quality, in this 

paper, we apply voice conversion technology to acquire 

accurate pronunciation, loudness and timbre for listening 

clearly. 

 

2. Experiments 

 

Voice conversion (VC) is an area of speech processing 

that deals with the conversion of the perceived speaker 

identity [3]. For this technique, there needs two speakers: 

the speech signal uttered by a first speaker, the source 

speaker, is modified to sound as if it was spoken by a 

second speaker, referred to as the target speaker. In this 

paper, sprocket [4], open-source voice conversion 

software developed by Nagoya University’s researchers 

is the main tool for this voice conversion experiments. 

This system was developed by the concept of statistical 

voice conversion and the result through sprocket is 

speech data whose voice such as target speaker. Table 1. 

shows the Korean corpus used in the experiments.  

 

2.1. Experimental Data Set 

 

For this paper, we used Korean Seoul Dialect Speech 

Corpus produced by National Institute of Korean 

Language in 2002, unveiled in 2005 [5]. This corpus is 

parallel corpus, and the main contents are Korean 

children’s stories and novels. The reason of selection is 

that this is arranged well by speaker’s age and this is 

parallel corpus. For using sprocket, we had to use parallel 

corpus. Quality of converted speech is not great by using 

non-parallel corpus in the level of current technology. 

We selected each 2 persons (male 2, female 2) per 

gender. They are the 1st and 2nd oldest among the male 

and female speakers; selected as the source speakers. 

After we listened to all the 20’s and 30’s speakers’ speech, 

with considering their voice and pronunciation, we 

selected each one target speaker as shown in Table 1. 

 

Table 1. Speech Data for Voice Conversion [6] 

 

Source Speaker Target Speaker 

Sex 
Speaker 

ID 
Age Sex 

Speaker 

ID 
Age 

M 

MZ05 68 

M 

MV13 25 

MW01 30 

MZ09 71 

MV13 25 

MW01 30 

F FV01 23 

F 

FZ06 65 

F 

FV01 23 

FV13 29 

FZ05 68 

FV01 23 

FV13 29 

M MW01 30 

 

We selected 133 utterances for each speaker. 100 

utterances (70%) were used for training, and 33 

utterances (30%) were used for evaluation. The fact that 

men’s and women’s voice quite different, we performed 

cross gender voice conversion one time for each gender. 

 

2.2. Parameters for experimental settings 

 

To implement each experiment exactly, we must set F0 

(Fundamental Frequency) range and proper threshold 

according to each speech data’s property. We set min and 

max F0 and proper threshold (dB) for each speaker 
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following the feature extraction graph made by 

sprocket’s functions. Each experiment parameter settings 

as shown in Table 2.   

 

Table 2. Parameter Settings 

 

Speaker 
Minimum F0 

(Hz) 

Maximum F0 

(Hz) 

Power 

(dB) 

MV13 80 190 -25 

MW01 80 190 -20 

MZ05 45 190 -20 

MZ09 45 190 -25 

FV01 140 340 -30 

FV13 120 340 -15 

FZ05 90 290 -25 

FZ06 90 240 -20 

 

As you can see, women’s voice has wide F0 range and 

their speech data has higher frequencies compared to the 

men’s. 

 

3. Experimental Result and Analysis 

 

Voice conversion system, sprocket was developed 

focusing on timbre change. Due to this reason, pitch, 

loudness and pronunciation correction is not perfect 

regarding older people’s voice. Despite sprocket’s 

original development intention, according to the 

experimental result, we could enhance speech data’s 

pronunciation, loudness, clarity and so on. Figure 1. is the 

original speech waveform and spectrogram of the 

speaker, ‘MZ09’. This waveform and spectrogram can be 

seen by the software, PRATT. (script: 나무꾼은 가슴을 

치며 후회하고, 눈물을 흘렸지만) 

 
  

Figure 1. Original waveform and spectrogram of ‘MZ09’ 

 

Figure 2. shows the converted speech data 

corresponding to Figure 1. Compared to Figure 1, 

spectrogram gets clearer and the sound of speech is 

evident compared to original sound. Waveform pitch was 

changed after voice conversion. After 10 times 

experiments of older people’s voice conversion, we got 

to know although this technique was developed for 

general timbre change, it can also have an impact on 

changing old people's speech clearly. 

 
 

Figure 2. Converted waveform and spectrogram of 

‘MZ09’ 

 

Each voice conversion results are normal VC and 

DIFFVC. Overall, the quality of speech converted by 

DIFFVC (Vocoder-Free voice conversion) is better than 

normal voice conversion in sprocket. 

 

4. Future work 

 

In sprocket, there is no function for dealing with non-

parallel corpus, and there is no training step with state-

of-the-art deep learning speech processing algorithms. 

The voice conversion system for non-parallel speech data 

will be used widely if it will be developed, so our next 

research is for that system. Furthermore, objective 

standards for evaluating voice conversion result needs to 

be developed for the better evaluation of voice 

conversion system performance. 
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ABSTRACT 

 

This paper investigates the order of vowel acquisition in 

Greek. The data reveal that although Greek has a 

repertoire of perceptually ‘easy’ vowels, it is difficult to 

propose a specific order of their acquisition. Rather, 

vowel acquisition is determined and circumscribed by 

certain morphophonological principles, like syllabic 

structure and stress assignment in combination to word 

size. 

 

1. Introduction 

 

Vowels are considered to be an important theoretical 

topic of discussion since they are stress landing sites, 

therefore, they constitute the necessary element of a 

syllable. On the other hand, vowels serve as strong 

perceptual cues, given that they provide language 

learners with the necessary information regarding word 

size or phonological complexity cross-linguistically (cf. 

Spencer 1996).  

Previous research has shown that vowels tend to be 

accurately perceived and produced relatively early in 

typical and atypical development. Moreover, vowels 

which are located at the edges of the vocalic chart are 

perceived and produced earlier than central vowels. 

Unstressed vowels seem to be problematic for atypically 

developing children (cf. Stoel-Gammon & Beckett-

Herrington 1989).  

Finally, vowels assist the establishment of rules and 

structural correlations (cf. Nespor et al. 2003, Hochmann 

et al. 2011), they define and circumscribe existing and 

novel word recognition (cf. Mani & Plunkett 2008) and 

facilitate word processing until the first two years of a 

child’s life (cf. Nazzi 2005). 

 

2. Greek Vowels 

 

Greek has a rather ‘easy’ vocalic reportoire, in the sense 

that the language has a small number of vowels. The five 

Greek vowels, namely, a, e, i, o ,u, are considered to be 

the most frequently attested cross-linguistically 

(Ladefoged & Maddieson 1996; Maddieson 1984) and 

the perceptually most transparent perceptually given that 

they are located at the extreme edges of the vocalic chart 

(Lindblom 1986). For child phonological development, it 

has been suggested that 90% of the Greek native learners 

acquire all Greek vowels by age 4 (Papadopoulou 2000). 

Regardless the perceptual ‘ease’ and clarity of the 

Greek vowels, different theoretical approaches offer 

various vowel hierarchies for standard Greek (1.a & 1.b) 

(Hadzidakis 1905, Kaisse 1985, Malikouti-Drachman & 

Drachman 1992), dialectal variants, like the dialect 

spoken in the western part of Crete (1.c) (Kappa to 

appear), as well as inter- and intra-child development (1.d, 

1.e) (Tzakosta 2016). In other words, researchers do not 

agree with respect to the salience of certain vowels over 

others. 

 

1.a. o > a > u > i > e 

1.b. a > o > u > i > e 

1.c. a > o > u > e, i 

1.d. o > a > i > e > u (Chr) 

1.e. o > a, e > i, u (Mar) 

 

3. Aim of the Study 

 

In the present study we aim to investigate a) the order of 

acquisition of the Greek vowels by native speakers and 

second language learners of Greek, and b) the factors 

which determine this order. We will present the findings 

of two picture naming tasks. Three (3) distinct groups 

participated in each task, namely, 15 preschool children 

native speakers of Greek (hereafter PNSG, total N = 30), 

10 adults native speakers of Greek (hereafter ANSG, 

total N = 20), who serve as controls, and 10 adults 

Albanian learners of Greek (hereafter ASLG, total N=20), 

who have reached high proficiency level in Greek L2.  

Two distinct picture naming tasks (PNT1, PNT2) were 

distributed to all participants. In each task, they were 

asked to name the pseudo-objects depicted in the pictures 

with one of the suggested pseudo-words. In both PNTs, 

all Greek vowels were located in all possible positions in 

the word. The difference between the two tasks was that 

in PNT1 all suggested pseudo-words were phonetically 

transcribed, therefore, no stress mark was evident. In 

PNT2, suggested pseudo-words were orthographically 

written, therefore, stress marks were also assigned. The 

reason for this differentiation was our aim to explore 

whether orthography influences word-selection. 

 

4. Findings 

 

The data suggest that native speakers, children and adults, 

use stress as a strong perceptual cue for phonological 

development; in other words, native speakers do not 
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show specific preference for certain vowels, but, rather, 

for stress templates. As a result, participants mostly chose 

for psudo-words stressed on the antepenult, irrespective 

of which vowel occupied the antepenult. Moreover, word 

size, i.e. the number of syllables, as well as the degree of 

morphophonological complexity influence the selection 

of certain pseudowords over others. Such data underline 

the importance of specific phonological properties for 

vowel acquisition and define these properties in addition 

to word frequency as the regulators of the order of vowel 

acquisition.  

Albanian L2 learners of Greek exhibit equivalent 

results to native speakers. More specifically, Albanian 

learners of Greek have no difficulties producing Greek 

vowels, especially given that the Greek vowels make up 

only a subset of the vowels of Albanian. However, L2 

learners of Greek make use of the same strategies in 

vowel selection as L1 learners do.  

Finally, although Greek vowels are perceptually 

transparent, it is difficult to propose a specific vowel 

hierarchy which could also serve as a guide for the 

teaching of the Greek vocalic system in kindergarten and 

the first years of primary school. On the contrary, our 

findings suggest that morphophonological principles 

may serve as tools for the teaching of the 

morphophonology of Greek. 

 

5. Conclusions 

 

Our data do not facilitate the proposal of a specific order 

of vocalic acquisition in Greek. However, our findings 

reveal the prevalence of certain morphophonological 

principles, like stress and word position, as well as the 

importance of input frequency, i.e. vowels used emerging 

more frequently, which drive vowel acquisition. It 

appears that the ‘clearer’ the vowels of the language, the 

more difficult it is to propose an explicit vocalic 

hierarchy. 
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ABSTRACT 

 

 

The paper focuses on some issues in teaching 

Vietnamese pronunciation to speakers of other 

languages. These issues include 1. Similarities and 

differences in the phonemic system of Vietnamese and 

the student's native language. 2. The foreign language 

ability of students. 3. Applying phonological knowledge 

in teaching pronunciation. 4. Methods of teaching some 

difficult Vietnamese sounds. 

 

1. Introduction 

 

Pronunciation is always the most important part of 

learning a language. The correct pronunciation is the 

foundation for excellent language skills. In 

pronunciation teaching, there are general principles for 

all languages, such as distinguishing teaching 

pronunciation with teaching the alphabet, applying 

phonological knowledge to pronunciation teaching, etc. 

In addition, there are particular issues of each language 

for specific groups of learners. 

Teachers must pay attention to the following issues 

in teaching Vietnamese pronunciation to foreigners: 1. 

Similarities and differences in the phonological system 

of Vietnamese and the student's native language. 2. The 

foreign language ability of students. 3. Applying 

phonological knowledge to pronunciation teaching. 4. 

Methods of teaching some difficult Vietnamese sounds. 

 

2. Similarities and differences in the phonological 

system of Vietnamese and the student's native 

language 

 

Teachers must relate to the characteristics of learners 

such as nationality, foreign language ability, needs, 

interests, etc. when teaching Vietnamese pronunciation 

to foreigners. These have a great influence on the 

effectiveness of teaching.  

Why need to mention nationality? The reason is that 

each language will have certain similarities and 

differences in comparison with Vietnamese. Teachers 

need to care about this to know what is the advantage 

and disadvantage of the students. 

For example, when teaching Vietnamese to Korean 

speakers, teachers must focus on similarities and 

differences in phonemic systems of Vietnamese and 

Korean to have effective teaching methods.  

Table 1 presents the initial consonant inventories in 

Vietnamese. The description of this system is based on 

[8] and [1]. 

 

Table 1. Vietnamese initial consonants 

 
place of articulation 

B
i-

la
b

ia
l 

Alveo-

dental 

  
  
  
  
 P

a
la

ta
l 

  
  
  
  
 V

el
a
r 

  
  
  
  

G
lo

tt
a
l 

  articulatory manner  

N
o

n
-

r
e
tr

o
fl

e
x
 

R
e
tr

o
fl

e
x
 

  stop 

  obstruent 

aspirated      

non-

aspirated 

voiceless      

voiced      

sonant (nasal)      

        

fricative 

  obstruent 

voiceless      

voiced      

sonant (lateral)      

 

Table 2. Korean consonants 

 
place of articulation 

B
i-

la
b

ia
l 

A
lv

eo
-

d
en

ta
l 

P
a
la

ta
l 

V
el

a
r 

G
lo

tt
a
l 

  articulatory manner  

  stop 

  lax 
voiceless    

or voiced 
    

aspirated voiceless     

tensed voiceless     

fricative 

         

aspirated voiceless     

tensed voiceless     

nasal  voiced     

liquid 
lateral or 

flap 
voiced     

 

    Sohn, H. M. (2001: 153) 

 

 The above tables show similarities and differences in 

Vietnamese and Korean consonant systems. Korean 

students find it difficult to distinguish between a 

Vietnamese [] initial sound and a Vietnamese [] 

initial sound, between a Vietnamese [l] initial sound and 

a Vietnamese [r] initial sound, etc. because there are no 

two sounds [r], [] in the Korean consonant system. 
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Besides, Korean students also find that it's not easy 

to distinguish a Vietnamese [o] sound and a Vietnamese 

[] sound because there is also no [] sound in the 

Korean vowel system [5]. Therefore, [7] points out that 

“Korean students can be taught to identify the 

differences between the sounds that aren’t present in the 

Korean Hangul alphabet”.  

Moreover, the tone in the Vietnamese language is 

also a major obstacle for them because, like many 

students from many other countries, their mother tongue 

is not a tone language. 

In addition, provinces and cities where students live 

are also what teachers need to consider. Some students 

living in Busan feel that they have a bit more advantage 

than students in other regions like Seoul when learning 

the Vietnamese language. The reason is the Busan 

dialect is a kind of dialect with “tone” (see [3]). 

 

3. The foreign language ability of students 

 

The foreign language ability is also a problem that 

teachers need to consider, because knowing more than 

one language will be an advantage in learning 

Vietnamese. Teachers can contrast issues in more 

languages, and thus, the effectiveness of teaching and 

learning Vietnamese pronunciation will be higher. For 

example, a Korean student who is fluent in Chinese may 

pronounce Vietnamese tones better than other Korean 

students because the Chinese language is also a tone 

language (see [4]). A Korean student who is proficient 

in English can easily pronounce some Vietnamese 

sounds which appear in the English phonological 

system, but not in the Korean phonological system.  

 

4. Applying phonological knowledge to 

pronunciation teaching 

 

When teaching Vietnamese pronunciation to foreigners, 

teachers must apply phonological knowledge to 

teaching pronunciation. We can apply the knowledge of 

the level of openness, the tongue height, the shape of the 

lips when teaching vowels; the knowledge of place and 

manner of articulation when teaching consonants; the 

knowledge of pitch level when teaching tones; etc. (see 

[2]). 

 

5. Some difficult Vietnamese sounds 

 

When teaching difficult Vietnamese sounds to 

foreigners, teachers must put them into minimal pairs, 

for example, consonant pairs [] (nga) and [] (nha); 

[] (tha) and [] (ta); [] (ca) and [x] (kha); vowel pairs 

such as [] (êm) and [] (em), [o] (ông) and [] (ong), 

[u] (đúng) and [] (đứng), [a] (cao, mai) and [ă] (cau, 

may), etc. 

Besides, some Vietnamese sounds combining 

rounded vowels ([u], [o], []) and velar consonants ([k], 

[]) such as lúc, đúng, ốc, ông, khóc, ong, etc. are big 

challenges for learners. The final consonants here are 

labialized when they occur after rounded vowels. The 

teacher needs to show students how to make these 

sounds. 

 

6. Conclusion 

 

In general, besides the general principles for all 

languages, there are specific problems of each language 

for specific groups of learners in pronunciation 

teaching. When teaching Vietnamese pronunciation to 

foreigners, teachers must pay attention to the above 

issues with particular consideration to applying 

phonological knowledge to pronunciation teaching and 

some ways of teaching difficult Vietnamese sounds.  
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Drenjongke (Bhutia), a Tibeto-Burman language, has a 
four-way laryngeal contrast: voiceless, aspirated, voiced 
or “devoiced” [2]. The devoiced category has a positive 
voice onset time (VOT), but lower fundamental 
frequency (F0) [1]. The four-way laryngeal contrast is 
observed in four major places of articulation: labial, 
alveolar, retroflex and velar. In this paper, we report 
ultrasound data from two speakers in order to examine 
the place difference between alveolar and retroflex 
consonants in voiceless and aspirated consonants. The 
results show that retroflex consonants are produced with 
advanced tongue and higher tongue body, while the 
laryngeal contrast does not have any effect on the tongue 
position.  

Data was collected in July 2019 in Gangtok, Sikkim, 
India. Participants wore a head-stabilizer, to which the 
ultrasound probe was placed under the chin. The 
Articulate Instrument system was used to collect data. 
Stimuli were constructed from Drenjongke words that 
begin with target consonants for this study. Each item 
was repeated seven times.  

Measurements were obtained by semi-automatically 
tracing the tongue position in frames that immediately 
precede the release for a plosive. The tongue trace data 
were then exported for an SSANOVA analysis.  

Results of the tongue gesture in voiceless versus 
aspiration do not show differences, suggesting that 
laryngeal features do not interact with the tongue position 
[R2 = 0.915 for speaker 106, R2 =0.746 for speaker 108] 
 

 
Figure 1. Tongue traces of speaker 106. Light grey 
indicates retroflex, and dark grey represents alveolars [R2 
= 0.980]. The tongue back is on the left side. 

 

 
Figure 2. Tongue traces of speaker 108. Light grey 
indicates retroflex, and dark grey represents alveolars [R2 
= 0.879]. The tongue back is on the left side. 
 

Results of the SSANOVA analysis show that two 
features are associated with the production of retroflex 
consonants. Compared to alveolars, the tongue body of 
retroflex consonants is placed in a higher position, 
suggesting that the tongue is raised. The tongue body is 
also more advanced in retroflexes.  

Individual differences emerge in the articulation of the 
retroflex consonants. Speaker 106 advances tongue root 
and the tongue body while also retroflexing the tongue 
tip. Speaker 108 shows mainly tongue body raising with 
no discernible change in the tongue tip position. Due to 
this individual variation, one point needs further 
discussion in understanding the articulation of retroflexes 
in Drenjongke. Whether the tongue shape during the 
articulation can be described as bunched or not is a 
question that needs to be answered in future studies.  
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ABSTRACT 

 

Corrective feedback (CF) has been proved its effect in 

improving categorical perception. The study examined 

how different types of CF amend Taiwan Mandarin 

listeners’ identification of a non-native voice contrast in 

Taiwan Southern Min. CF types include Target, Non-

target, Combination, and Control. Participants were 

randomly assigned to one of the four groups to complete 

a self-paced forced-choice identification task. The 

results suggested combining target and nontarget forms 

of CF was more informative, eliciting a stronger 

training effect. 

 

1. Introduction 

 

Recently, the studies of corrective feedback (CF) have 

received rapidly increasing interests and prospered no 

matter in classroom- or laboratory- setting experimental 

designs. The benefits of CF have been confirmed in 

numerous speech perception training studies given it 

provides learners with opportunities to retrieve, 

restructure and consolidate their phonological 

representations [3, 5, 8]. Earlier findings also reveal that 

different types of CF elicit different kinds of cognitive 

effects. For instance, the two major types of CF are 

recasts and prompts. Recasts provide learners with 

accurate forms, whereas prompts push learners to 

withhold target forms and modify their output [7, 9]. In 

2016, [3] further classified recasts into different 

combination of positive (presenting target-like 

pronunciation forms) and negative evidences (signalling 

the presence of errors), using them as CF to improve 

Korean learners’ perception between English tense and 

lax vowels. 

The current study focused on how Taiwan Mandarin 

listeners improve their identification of voicing 

contrasts in Taiwan Southern Min, a contrast that does 

not exist in Mandarin [4, 6], through different training 

of CF. In this study, CF also consisted of different 

combination of positive and negative evidences of 

recast, but instead they were called ‘target’ and ‘non-

target’ forms of auditory recast here. 

The expectation was that the more information the 

participants received, the better their performance. 

Therefore, providing both target and non-target forms as 

pronunciation-focused CF was assumed to be more 

effective in the speech identification training. 

 

2. Method 

 

2.1 Participants 

 

Twenty-eight Mandarin speakers (14 females and 16 

males; mean age: 24.6 years old) participated in the 

experiment. They all reported no visual or hearing 

impairment. The study was conducted in accordance 

with ethical guidelines approved by National Chiao 

Tung University, Taiwan. 

 

2.2 Target Stimuli 

 

Two sets of voiceless-voiced contrast were selected: [p, 

b] and [k, g]. These consonants collocated with 

monophthongs or diphthongs to form monosyllables. 

They were controlled in the same tone (tones 1, 2, 3, 5 

and 7) and normalized to 350 ms and 75 dB. 

64 stimuli in the pretest were repeated 4 times in the 

training session. 16 untrained stimuli were added to the 

posttest. (Total trials: 400) 

 

2.3 Procedure 

 

The procedure comprised four computer-assisted 

sessions: a) Phonetic judgment test (ABX task), b) 

Pretest, c) Training session and d) Posttest. Apart from 

the phonetic judgment test, which is a baseline test to 

evaluate the listeners’ overall phonetic abilities, for all 

other three sessions, participants were asked to identify 

whether the stimulus they heard was voiceless or voiced. 

Four different types of CF were provided in the 

Training session. Participants were randomly assigned 

to one of the four groups:  

 

1. Target group: only provided target forms of recast; 

2. Non-target group: only provided non-target forms of 

recast; 

3. Combination group: both provided target and non-

target forms of recast; 

4. Control group: no CF provided 

 

In the Training session, an auditory confirmation 

would be delivered to inform their correct responses. On 

the other hand, if an incorrect answer was entered, an 

auditory CF would be presented to the participant, 

depending on the CF group s/he was assigned to. 
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2.4 Data Analysis 

 

A three-way ANOVA was employed to examine the 

effect of Block (pretest vs. posttest), Group (Target, 

Non-target, Combination, and Contnrol group), and 

Voicing (Voiceless vs. voiced targets) on accuracy 

performance (%). 

 

3. Results 

 

The results only showed the main effect for Block 

between pretest and posttest (F(1, 24)= 179.74, p < .01), 

suggesting that the facilitation of auditory CF improved 

accuracy in identifying voicing feature after training.  

While no difference was not found for Group (F(3, 

24)= 0.08, p = .97), descriptive analysis still revealed 

the highest accuracy enhancement in the Combination 

group and the least improvement in the Control group 

(Fig. 1). 

 

 
 

Figure 1. Accuracy (in %) and standard deviations 

between pretest and posttest across all four groups. 

  

Comparing voiceless-voiced performances in the 

respective groups, the largest improvement through 

training was observed in the Combination group (for 

both voiced and voiceless targets, as depicted by the 

steepest lines in Fig. 2) On the other hand, the training 

effect was only limited for the Control group. 

Specifically, the accuracy in identifying the voiced 

sounds was unaffected after the CF training (the 

horizontal line on the bottom right of the Fig. 2). 

 

 
 

Figure 2. Accuracy (in %) in voicing contrast by groups. 

 

4. Discussion 

The current results suggest that the accuracy in 

identifying non-native contrasts may be improved 

through the facilitation of auditory CF. While different 

types of CF did not make a statistical effect, the results 

still supported the prediction that the listeners who 

received both positive and negative feedback (i.e., the 

Combination group) displayed the largest improvement 

in identifying newly-acquired voicing contrast system 

after a short period of time.  

The performance in the Non-target group seemed to 

outperform the Target group, which was inconsistent 

with [3]. This discrepancy may be due to 

methodological differences between the current study 

and [3, 5] with regards to the training time and the 

quality of target sounds (i.e., vowel quality vs. 

consonant voicing quality). An alternative account is 

that providing opposite forms of target may not take up 

more memory load but reinforce the contrasts for 

learners to be aware of. These would call for further 

studies. 
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Speakers retain linguistic information of phonemic 

contrasts in their perceptive sounds inventory. During the 

speech processing, they select this encoded information 

through a competitive process from the inventory based 

on its relative signal strengths. These signal strengths 

trigger the Salience Filtering Mechanism: identify 

multiple cues and map out complex phonetic cue patterns 

that divide speech sounds into contrastive categories. 

Speaker variability of Korean learners vs. native English 

speakers regarding the selection process for fit variants 

was examined for English stop voicing contrasts focusing 

on VOT against speaking rate and F0 measurements as 

per vowels and possible acoustic cues relevant to the 

sound of salience. 

This paper introduces the Salience Filtering 

Mechanism (SFM): salience filters derived from 

phonetically-relevant acoustic cues and their operational 

mechanism by speakers. The SFM for salience filters 

constitutes predictive relationships in events: salient 

perceptions (target sound sequences vs. speech 

performances), occurrences in the perceptive field of a 

speaker, and whether these events are under their control 

or externally generated regarding the Construction of 

Internal Model for Selecting the Sound of Salience (Fig. 

1): fitness variants vs. contingent expenses. Such a 

predictive ability paves the way to Salient Phoneme 

Realisations (SPRs) and optimal decision making allows 

the speaker to decide which action to perform to obtain 

or avoid a given outcome as per the SFM. 
 

 

Fig. 1 above shows the selection process by a speaker: 

how the speaker determines the sound of salience in line 

with his/her speech production events and perception 

using the SFM and its salience filters. Such salience 

filters incorporated in perceptual cues that signal strop 

voicing contrast in English and other languages, and 

including, VOT as the primary cue, affects word-initial 

voiceless and voiced stops, while many other secondary 

cues affect the perception of stop voicing: F1 onset and 

transitions, F0 contours, aspiration amplitudes, lengths of 

the following vowel, open quotient, and initial burst 

spectrum,  etc.  

The SFM filters out perceptive sounds to avoid 

overloading the system. The criterion used is, according 

to a distribution probability of perceptions E, constantly 

updated with new perceptions, salient perceptions are 

realised by the salience filters (acoustic cues) that carry 

more information than the average information carried. 

Therefore, the saliency criterion is expressed as in I(e) > 

SPRs(E). These perceptive events update the Internal 

Model and their latest event occurrences are recorded. 

This model and the latest event occurrences are then used 

to formulate expected SPRs for prospective events. 

The experiment on 12 speakers (9 Korean learners and 

3 Native speakers) producing 36 monosyllabic words 

beginning with voiceless/voiced stops indicated that  (1) 

VOT increased as rate decreased for all 12 speakers, but 

the increase ratio varied significantly across speakers; (2) 

VOT varied systematically for voiced stops and remained 

stable across all 12 speakers, though the voiceless stops 

of a few Korean learners showed asymmetry against 

speaking rate; (3) Korean learners reference both VOT 

and F0 in a complementary mode, whereas Native 

speakers revealed heavy reliance on VOT against weak 

reliance on F0 for the voicing contrast. This concludes 

that Koreans use dual salience filters to strengthen their 

speech production especially for the voiceless stops. 
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ABSTRACT 

This study examines whether learners would acquire 

each of the Mandarin Chinese tones at the same level of 

accuracy or whether they would show differential 

difficulty with some tones, as demonstrated in the second 

language learning literature. This study utilized a 60 % 

feedback. 42 females between the ages of 18-24 who 

were monolingual English speakers participated in the 

motor learning study. During the acquisition phase, the 

slopes of the root mean square error (RMSE) showed a 

non- significant decrease for Tone 2 and Tone 4. slight 

non-significant increase for Tones 1 and Tone 4. The 

perceptual results showed Tone 1 was produced with the 

highest accuracy, followed by Tones 4 and 2, while Tone 

3 scored lowest. This hierarchy of production resembled 

the hierarchy of tones acquisition in the second language 

literature. However, some perceptual data demonstrated 

a ceiling effect. A discussion of some factors is justified 

in order to provide a context for the findings, which 

highlights some limitations of the current study, and 

provides suggestions for future studies.  

 

1. Introduction 

 

A major characteristic of Mandarin and other tonal 

languages is the use of frequency contours to indicate 

lexical differences. Tone is defined as the use of pitch 

(frequency) to contrast word meaning phonologically at 

the segment or the syllabic level [7]. As a result, words 

with the same phonemic structures can convey different 

meanings according to their accompanying tones at the 

syllable or the word level [5,8]. when produced in 

isolation; the four tones differ in terms of their F0 register 

and F0 contour (the pattern of F0 changes over time), and 

the dynamic range (the difference between the highest 

and lowest value of F0). These differences between the 

tones serve as essential cues for speech perception in 

tonal languages [3]. In addition, tone duration, amplitude, 

and turning point are helpful perceptual parameters of 

tones [4]. The correct production of these tones requires 

a specific control at the level of the vocal folds, though 

not only at this level of articulation. Native Mandarin 

Chinese speakers do not acquire these four tones at the 

same rate due to a hierarchy of difficulty among these 

tones. Many researchers proposed that the level tone (i.e. 

Tone 1) is the easiest to acquire; Tone 4 (high-falling) is 

the second easiest to acquire; while Tone 2 (mid-rising) 

is acquired before Tone 3 (low falling rising) [6]. In the 

literature, the tone production task has been studied from 

a language perspective in order to facilitate or monitor 

the learners’ progress in a second language program. 

Nonetheless, tone production is a complex speech task 

for native English speakers. From a motor perspective, 

the four tones—produced for the same syllable—require 

different control at the level of the vocal folds and 
coordination of the laryngeal and supralaryngeal 

movements. Utilizing a motor learning paradigm, this 

study examines whether learners would acquire each of 

the Mandarin Chinese tones at the same level of accuracy 

or whether they would show differential difficulty with 

some tones, as demonstrated in the second language 

learning literature. 

 

2. Methods and Procedures 

 

Participants 

42 females between the ages of 18-24 who were 

monolingual English speakers participated in the study. 

All participants signed a consent form before the data 

collection. All participants met the inclusion criteria and 

passed the hearing and tone discrimination screening 

tests.    

 

Stimuli 

A “Stimulate” program designed specifically for this 

study, was utilized to control the timing of the 

experiment’s events as follows: 1) presenting the 

auditory model of Mandarin Chinese tones; 2) recording 

the participants produced monosyllabic words; 3) 

initiating a PRAAT script to extract the F0 of the 

recorded auditory model; 4) presenting the visual 

feedback (pitch contours of both the learner and the 

model) during the acquisition phase; and 5) storing the 

sound files for further analysis.     

Procedures 

The participants’ task was to repeat Mandarin Chinese 

monosyllabic words after hearing the auditory model for 

each word. All participants  received feedback on 60% 

of their trials during the acquisition phase. During each 

block of practice, the participants repeated the 

monosyllabic word after the recorded model and after 3 

seconds they received visual feedback after their 

production. The feedback on the upper half of the 
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computer screen represented the pitch contour of the 

model with the English meaning of the produced 

monosyllabic Mandarin Chinese word; the feedback on 

the lower half of the screen showed the participant’s 

produced pitch contour (Figure 1).   

 
Figure 1   A snapshot of the visual feedback. 

 
Statistical analysis 

Two dependent variables were measured: 1) acoustic 

measure—the root-mean square error (RMSE) between 

the model and each production pitch contour; and 2) 

perceptual measure—the percentage of the correct 

production (% C) as perceived by Mandarin Chinese 

native speakers with inter-rater reliability of 81%.  

        Results 

During the acquisition phase, the slopes of the root 

mean square error (RMSE) showed a non- significant 

decrease for Tone 2 and Tone 4; and a slight non-

significant error increase for Tones 1 and Tone 3 (See 

Table 1). 

Table 1. Table 1 Results of four t-tests, comparing the 

mean acquisition slopes—for each tone mean slope—to 

a test value of zero. 

 

Slope t-test P 

Slope-T1 1.066 .293 

Slope-T2 -0.994 .326 

Slope-T3 0.010 .992 

Slope-T4 -0.425 .673 

 

For the perceptual analysis, the Wilcoxon matched pair 

signed rank test results indicated that Tone 1 (M = 92%, 

SD = 19%) was produced significantly more accurately 

than Tones 2 (M = 85%, SD = 18%), and 3 (M = 59%, 

SD = 30%). These data further show that Tone 2 scored 

significantly higher than Tone 3. Tone 4 (M = 91%, SD 

= 26) scored significantly higher than Tone 3. However, 

the percentage of correctly perceived productions  

between Tones 4 and 1 and between Tones 4 and 2 were 

not significantly different.  

 

Discussion 

The perceptual results accord with the literature, when 

judged by Mandarin Chinese speakers, the percentage 

of correctly perceived tones produced by English 

speakers was higher for both Tones 1 and 4 than for both 

Tones 2 and 3. However, the high scored of the 

perceptual data might be due to the nature of the task used 

by the native speakers to judge the tones. This study 

utilized a forced-choice task in which the listeners had to 

choose whether the produced tone resembled one of the 

four tones or none. Future studies should emphasize the 

lexical meaning of each of the produced tone using 

different contexts. The results indicate that, despite the 

complexity of the task, no change in performance was 

demonstrated a significant effect to indicate acquisition. 

Therefore, the question to tackle is why the participants 

did not demonstrate the expected performance change.   

The Challenge Point Framework [2] might offer a 

possible answer to this question. According to this 

framework, learning does not depend only on the task 

complexity but also on the learners themselves. That is, 

effective motor learning requires that learners face 

sufficient challenges with the task. Therefore, one might  

argue that the participants in the current study might not 

have reached their challenge point when producing the 

tones. In the current study, the participants produced the 

complex tones with over-practiced syllable which might  

have caused the participants to be less challenged or less 

motivated to learn such a simple over-practiced syllable; 

in Duffy’s words, “…under most circumstances, speech 

is produced with an ease that belies the complexity of the 

operations underlying it” [1]. 
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The present study investigates English-speaking 
children’s (aged 7-9) gradient processing of multiple 
acoustic cues for stop voicing category identification in 
order to draw a developmental implication of gradient 
responses. If some children make gradient decision of 
stop categories, would it be attributable to their better 
utilization of redundant cues (e.g., f0) as reported in 
adults’ perception or due to immature control of a 
primary cue (VOT) reflecting their developing linguistic 
capacity? Would children’ cognitive capacities 
systematically mediate integrative uses of redundant cues 
for category identification? Prior studies have not fully 
answered to these questions by either examining a single 
primary acoustic dimension or by conducting highly 
category-biased tasks such as a forced-choice task, hardly 
allowing for gradient decision (e.g., [1],[4],[5]). By 
employing methodological tools of tasks and analyses 
exclusively from previous research on adults’ gradient 
responses ([2], [3]), we compare children’s gradient 
responses in the stop perception with adults’ patterns and 
its relationship with executive function capacities. 

The participants (N=29) were given two kinds of 
speech perception tasks (Visual Analogue Scaling: VAS, 
and Two-Alternative Forced Choice: 2AFC) and 
administered two sets of executive function tasks (Digit 
One-Back, and Dimensional Change Card Sorting: 
DCCS). 

Findings showed that some children judged the 
categories more gradiently than others. In line with adult 
patterns of individual differences in categorical 
perception, children’s gradient responses were linked to 
greater sensitivity to acoustic information, confirming 
that phonetic labelling of auditory input could be 
compromised with subtle within-category acoustic 
information allowing for individual variability. 
Furthermore, children’ gradient responses were 
associated with better performance of executive function 
tasks: Better working memory (WM) was characteristic 
of gradient child listeners, who expressed phonetic labels 
of native categories with subtle differentiations. This 
direction of relationship means that gradient responses 
are achieved by successful operation of cognitive control 
rather than coming from processing failure to suppress 
within-category acoustic details for discrete category 
identification. More generally, current experimental 
findings support that cognitive mediation is involved in 
perceptual incorporation of low-level acoustic 

information into phonetic labelling, which may be a 
source of individual differences in perceptual gradiency.  

We conclude that gradient responses in children’s 
multiple-cue processing indicate listeners’ resourceful 
usages of fine-grained linguistic storage and does not 
necessarily represent listeners’ lack of linguistic 
confidence in fitting the auditory signal into phonetic 
categories.         

  

 
Figure 1. [Top] Four individual children’s distributions of click 
locations in VAS overlaid with polynomial-regression curves. 
[Bottom] Logistic mixed-effects regression curves of VOT and 
f0 based on 2AFC (left) and acoustic coefficients against 
perception gradiency based on VAS responses (right).  
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Given that an L2 learner’s L1 has such a strong 
influence on the acquisition of L2 sounds, it is 
reasonable to suspect that one’s specific L1 dialect 
could play a role as well [1]. While some studies have 
considered this possibility [1][2][3], many have not. In 
the current study, we examined how different tonal 
systems of Korean dialects affected the non-native 
perception of English lexical stress by comparing 
perception patterns between total and non-tonal dialect 
speakers of Korean. Kyungsang Korean is different 
from standard Seoul Korean in that it is a lexical pitch 
accent variety in which segmental homophones are 
distinguished by differing the location of an accented 
syllable or f0 peak in otherwise similar words (e.g., kaci 
‘type (HL)’ vs. kaci ‘eggplant (LH)’) [4].  

This study compared the perception patterns of three 
groups of listeners: Seoul Korean (SK, n=40), 
Kyungsang Korean (KK, n=37), and American English 
(EN, n=16). The KK and SK participants were all born 
and educated in Changwon, where the South Kyungsang 
variety of Korean is spoken, and the Seoul/Kyunggi 
region, where standard Seoul Korean is used. 

All participants completed two sessions of ABX 
discrimination tasks (English and Korean). In both tasks, 
the stimuli in each trial were triplets of nonce words 
differing in segments and with either A or B having the 
same pitch accent/stress pattern as X. Possible patterns 
were HL or LH for Korean, and SW (Strong-Weak) or 
WS (Weak-Strong) for English. Auditory stimuli were 
prepared by recording two Kyungsang male talkers and 
two American English male speakers. We measured the 
f0 peaks of the stimuli used in the perception 
experiment to examine how listeners used f0 in 
discriminating stress patterns in their L1 and L2. The 
vowel portion of each disyllable was first determined 
from the onset of the first full period to the offset of F2. 
Peak f0s were measured within the vowel for each token. 
The difference between the peak f0s was 
operationalized as the pitch prominence of the token. 

We numerically examined the response accuracy 
separately for each pitch accent/stress types (HL vs. LH, 
SW vs. WS) and the answer types (X=A, and X=B) 
across Seoul, Kyungsang and English listener groups. 
The logistic mixed effects regression model was built to 
estimate the coefficient of f0 in X in explaining 
accuracy by setting the pitch prominence in X as the DV.  
There were no accuracy differences among the three 
listener groups in either the HL or LH type Korean trials. 
That is, neither Kyungsang listeners (KK) nor English 

native listeners (EN) outperformed Seoul listeners (SK) 
even though they are lexical pitch-accent dialect and 
stress language users. In the English nonce word task, 
however, KK listeners were the least accurate in all 
analysis conditions. Seoul listeners were not shown to 
be any less accurate than the native English listeners, 
however. Thus, the accuracy patterns seemed to reflect a 
fairly inconsistent role of linguistic experience in 
prosody discrimination. 

The models built to test for f0 sensitivity suggested 
that KK listeners were more sensitive to the acoustic 
cue of dramatic pitch excursion in performing the 
Korean prosody discrimination task, while it was not 
significant in predicting the accuracy patterns of the EN 
listeners in the Korean task. In contrast, the model for 
the English session returned no significant coefficient of 
f0 for the KK or SK listeners but a significant 
coefficient for the EN group. 

Although there was no evidence of a dialectal effect 
in the current study, familiarity with the auditory source 
in accessing f0 information may play a role. While both 
English and Kyungsang listeners are supposedly 
sensitive to f0 due to the prosodic properties of their 
native varieties, their full usage of f0 information was 
conditioned by the stimulus language. This might imply 
that the application of f0 sensitivity to non-native 
perception is not necessarily an automatic process.        
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ABSTRACT 

 

Visual biofeedback has been applied into clinical use 

and language acquisition, given its benefits of 

modifying speech production. The study used 

electroglottography (EGG) as biofeedback to monitor 

voicing production in Taiwan Southern Min. Six native 

Mandarin speakers were recruited for an EGG-reading 

training experiment. In the Training session, the 

Experimental group was presented with real-time EGG 

signal as visual biofeedback. The results showed that 

the Experimental group outperformed the Control group 

who did not receive any visual biofeedback in 

producing voicing contrasts, suggesting that visual 

biofeedback may enhance speakers’ production of a 

non-native contrast. 

 

1. Introduction 

 

Visual biofeedback plays a crucial role in modifying 

speech motor plans and facilitating transfers for 

speakers to achieve their speech targets. As such, visual 

feedback has been applied in the clinical use and now 

also extended to the field of second language acquisition 

(SLA). [4, 6, 7] 

Voice onset time (VOT) has been long considered an 

important cue for categorizing prevocalic stops along 

the voicing continuum. This feature has been 

manipulated to produce synthetic stimuli in lab-settings 

[5, 8]. Additionally, the lengthening of VOT has been 

proved an important temporal acoustic feature between 

voiced and voiceless consonants by hearing-impaired 

children in relation to their underlying production 

difficulties [1], suggesting that VOT can be used as a 

cue to amend or modify the voicing contrast.  

The current study focused on voicing production in 

Taiwan Southern Min, using electroglottography (EGG) 

as visual biofeedback. 

 

2. Method 

 

2.1 Participants 

 

Six Mandarin speakers (3 females and 3 males; mean 

age: 21.5 years old) participated in the experiment. They 

all reported no visual or hearing impairment. The study  

was conducted in accordance with ethical guidelines 

approved by National Taiwan University, Taiwan. 

 

 

 

2.2 Target Stimuli 

 

Two sets of voiceless-voiced contrast were selected: [p, 

b] and [k, g]. These consonants collocated with one of 

the [e, i, o, u] vowels to form monosyllables. They were 

controlled in the same tone (tones 2, 3, 5, and 7) and 

normalized to 350 ms and 75 dB. 

32 stimuli in the pretest were repeated 5 times in the 

training session. 8 untrained stimuli were added to the 

posttest. (Total trials: 232) 

 

2.3 Procedure 

 

The procedure comprised four computer-assisted 

sessions: a) Phonetic judgment test (Auditory same-

different differentiation task), b) Pretest, c) Training 

session and d) Posttest. Except for the phonetic 

judgment test, participants were asked to repeat after the 

auditory stimulus in every trial. 

Participants were randomly assigned to one of the 

two groups: Experimental and Control group. In the 

Training session, the Experimental group was 

acknowledged of the voicing difference between 

Mandarin and Southern Min and presented with visual 

biofeedback. They were taught how to interpret real-

time EGG signals. On the other hand, the Control group 

did not receive any information or EGG signal-reading 

training. 

 

2.4 Data Analysis 

 

A three-way ANOVA was employed to examine the 

effect of Block (Pretest vs. Posttest), Group 

(Experimental vs. Control group), and Voicing 

(Voiceless vs. voiced targets) on accuracy performance 

(%) and VOT (ms). Responses with negative VOT are 

classified as voiced responses, and those with zero or 

positive VOT are voiceless responses. All the responses 

were compared against the correspondent auditory 

stimulus and determined its accuracy. The number of 

accurate responses were allocated and transformed into 

percentage (i.e., accuracy performance %). 

 

3 Results 

 

The accuracy performances were summarized in Table 

1. The results showed that  main effects for Block (F= 

(1, 4)= 27.75, p < .01) and Voicing (F= (1, 4)= 9.72, 
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p= .04) were found, but no differences for Group (F= (1, 

4)= 4.98, p= .09))  or other interaction was found. 

 

 Experimental group Control group 

Pretest 83.3 64.6 

Posttest 92.5 71.7 

Increment 9.2 7.1 

 

Table 1. Accuracy performances (in %) by groups 

 

As for VOT, there were main effects  for Voicing (F= 

(1, 4)= 22.90, p< .01) and Block x Voicing interaction 

(F= (1, 4)= 8.94, p= .04), but no effect for Group (F= (1, 

4)= 1.55, p= .28) and Block (F= (1, 4)= 4.59, p= .10). 

For the Experimental group, the VOT for the voiced 

targets has been significantly lengthened in the posttest, 

compared with the pretest (Fig. 1). However, no 

substantial lengthening for the voiced targets was 

observed in the posttest for the Control group (Fig. 2). 

These results suggest a training effect of EGG as visual 

biofeedback to enhance the voicing contrasts in Taiwan 

Southern Min. 

 

 
 

Figure 1. VOT (ms) in the Experimental Group. 

 

 
 

Figure 2. VOT (ms) in the Control Group 

4 Discussion 

 

The current results showed that with EGG as visual 

biofeedback, the accuracy performance increased after a 

short period training, though no group difference was 

found which may be due to a small sample size. On the 

other hand, the Experimental group did enhance the 

voicing contrast for the voiced targets, as shown by a 

larger gap between voiced and voiceless responses (Fig. 

1 bottom). This echoes the findings in [3] which 

proposes that a gap between voiceless and voiced 

sounds would occur below the zero (i.e., negative values) 

no matter which stop contrast system the language 

belongs to.  The results in the current study suggest that 

training using EGG as visual biofeedback may enhance 

non-native, category-level acoustic contrasts. 
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ABSTRACT 
 

In this paper, we propose an audio replay spoofing 
detection framework which pretrains acoustic 
configurations using self-supervised learning. Acoustic 
configurations include various channel information and 
the noises of the surrounding environments that are 
generally added while voices are recorded through 
microphones. The proposed method is inspired by 
previous studies [1] which proved that it is helpful for 
spoofing detection to use the replay configurations, 
including recording devices, playback devices, and 
environments. Through these results, we hypothesize 
that pre-training with acoustic configurations can also 
be effective in improving performance of replay 
spoofing detection systems. 

Self-supervised learning [2] is a recent framework 
that trains deep neural networks (DNNs) by using 
characteristics from the data itself, not from human 
annotated labels. In this case, the biggest advantage is 
that it can utilize unlabelled data and information which 
are closely related to the target task. We adopt self-
supervised learning for training acoustic configurations 
using external datasets that are not related to replay 
spoofing because there are not much existing meta data 
regarding acoustic configurations. To the best of our 
knowledge, this is the first attempt to exploit self-
supervised learning into spoofing detection and it can be 
a novel approach that allows the usage of external data 
for limited replayed datasets. 

In the proposed system, we select a pair of two audio 
segments and determine whether their acoustic 
configurations coincide. In order to reduce the 
intervention of speaker information and focus on the 
acoustic configurations, we compose a pair only within 
identical speaker. Our hypothesis is that even if the 
identical talker is speaking in the identical environment, 
the time difference and surrounding noise will be 
inevitably different. After pre-training the acoustic 
configurations, we train a binary classifier which 
distinguishes input utterances into either spoofed or 
bona-fide speech. Figure 1 illustrates the overall flow of 
our proposed system. 

In our experiments, we use ASVspoof2019 physical 
access dataset which contains various replay attacks. 
The baseline is a slight modification of the network 
used in [3]. Table 1 shows the experimental results. 
Pre_lr and Fine_lr refer to the learning rates at the pre-
training and main training phases, respectively. 

Compared to the baseline trained without pre-training, 
our proposed system achieved approximately over 18% 
improvement in equal error rate (EER) on the evaluation 
set.  
 

 
Figure 1. Overall flow of the proposed system 

 
Table 1. Performance comparison of the experiments 
 

System Pre_lr Fine_lr Val_eer Eval_eer 

baseline - 0.0005 4.296 6.365 

proposed 0.0005 

0.001 3.777 5.853 
0.0005 3.833 5.184 
0.0001 4.907 6.009 
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Kaldi is a toolkit intended for use by speech recognition 

researchers [3]. It offers running scripts for over 30 

popular corpora. They are helpful for building automatic 

speech recognition (ASR) systems with various 

techniques. It also introduces the ‘chain’ models which 

are deep neural network-hidden Markov models (DNN-

HMM) and show better performance than the 

conventional model. In this paper, we briefly examine the 

‘chain’ model-based reverb script and improve the 

performance of baseline system by changing input 

features. 

The reverb script is designed to build an ASR system 

for the REVERB challenge [1]. The challenge assumes 

the scenario of capturing utterances spoken by a single 

stationary distant-talking speaker in a reverberant 

meeting room. It features both real recordings and 

simulated data, which simulates the real recordings. 

In reverberant environments, there are interactions 

between speech and interfering sources. The time delay 

neural network (TDNN), which is capable of learning 

long term temporal relationships and translation invariant 

representations, is used for reverberation-robust acoustic 

modelling in the reverb script. 

For data augmentation, the speed perturbation is 

applied to the training data. Two additional copies of the 

original training data were created by modifying the 

speed at 90% and 110% of the original rate. 

Mel-frequency cepstral coefficients (MFCCs) are used 

as the input feature, thus 40-dimensional MFCCs are 

computed at each frame. In each frame, the 100-

dimensional i-vector is appended to the MFCC. I-vectors 

are estimated in an online fashion [2]. 

Among the components listed above, we examined the 

input features. Log mel-filterbank energy (LMFE) was 

used instead of MFCC and the utterance-based i-vector 

was used instead of the online i-vector. 

 

Table 1. The performance of reverberant speech 

recognition according to the types of input features 

 

Input features 
Word error rate (%) 

SimData RealData 

Only MFCC 6.00 32.27 

MFCC & i-vector (online) 5.50 20.03 

LMFE & i-vector (online) 5.65 17.65 

LMFE & i-vector (utterance) 5.16 15.00 

Table 1 shows the performance of speech recognition 

for various input features. Especially for RealData, the 

use of the i-vector shows significant performance 

improvement. Incorporated with the online i-vector, 

LMFE shows better performance than MFCC, for 

RealData. Moreover, using the utterance-based i-vector 

shows additional performance improvement over the use 

of the online i-vector. 

In summary, we changed the input features to LMFE 

with the utterance-based i-vector in the reverb script of 

Kaldi. This resulted in about 25% relative error reduction 

rate in RealData compared to the baseline system (the 

second row in Table 1). 
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Voice command interface allows users to send 

commands to a computer system quickly using their own 

linguistic expressions. In this manner, it is very effective 

in digital games on mobile phones which have 

complicated graphical menus and steps to fulfill a goal 

that the users want to achieve. Spoken Language 

Understanding (SLU) is the task of obtaining meaning 

representation from a spoken utterance. In SLU, intent 

determination and slot filling have been widely examined 

using two common approaches: (a) a rule-based approach 

matching patterns using regular expressions, and (b) a 

data-driven approach, training a model from a large 

corpus to perform a sequence labeling task [1][2]. 

However, SLU is challenging in that the cost is too 

expensive to collect or build domain-specific training 

data, and inclusion of all the different command styles in 

the domain is impossible. SLU is also affected by out-of-

vocabulary (OOV) words and ASR errors. To address the 

aforementioned issues, it is important to train a robust 

model from real data that include ASR errors.  

In this paper, we propose a data augmentation technique 

for intent determination and slot filling applied in a voice 

command interface for digital games. First, pre-defined 

intent types and slot-item sets (game items, skills, 

dungeon names, etc.) are used to build templates. Then, 

game commands are tokenized syllable-level and labeled 

with the BIO scheme. For example, a command “용의 

던전으로 이동해”, which means “Go to the Dragon 

Dungeon”, becomes input sequence X=(용,의, ,던, 

…,이,동,해) and its corresponding slot-labeled output 

sequence Y=(B-PLACE, I-PLACE, I-PLACE, I-PLACE, 

… ,O,O,O). To build robust models, we augment training 

data from generated commands through conversion 

process, including changing words order (inversion), 

attaching component adverbs, increasing slot-items and 

masking syllable randomly. Table 1 shows the result of 

each conversion types. Next, from the augmented data, 

we trained the intent determination and slot filling 

models jointly using the BiLSTM-CRF architecture 

[3][4].  

We analyzed the experiments of four approaches: (1) the 

same pattern as training data, (2) the grammatically 

extended pattern (auxiliary predicate, josa, eomi, etc.), (3) 

the commands including unseen slots-items and (4) the 

conversion types of  the augmentation technique. 

 

 

Table 1. Conversion examples of each types for original 

command “용의 던전으로 이동해” 

 

Conversion Types Examples 

(1) Inversion 이동해 용의 던전으로 

(2) Attaching adverbs (지금) 용의 던전으로 이동해 

(3) Increasing slot-items [용던|용의 던전]으로 이동해 

(4) Masking syllables 용의 <MASK>전으로 이동해 

 

 

 
Figure 1. Training and inference procedure of the 

proposed data augmentation technique 
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This paper presents a speaker embedding method 

based on a deep neural network (DNN) with the data of 

small size. The x-vector method [2] is one of widely-

used techniques for speaker verification (SV) and 

speaker diarization [3]. The method uses a DNN to 

extract the speaker embedding vector from an utterance. 

Nevertheless, to achieve good performance, the training 

data of large size are needed to train a DNN. In this 

study, we used high-resolution features to train a DNN 

with small amount of training data. For the experiments, 

we used the Kaldi x-vector recipe for the SRE16 task [1] 

to build the SV neural network. 

In the baseline system, we used 23-dimensional 

MFCCs with the frame length of 25ms and applied the 

sliding cepstral mean normalization with the window 

size of 3s. The energy-based voice activity detection 

(VAD) was used to select the voiced portion. The 

employed high-resolution feature was 40-dimensional 

MFCCs. The same normalization and VAD methods as 

the baseline system were used. 

The dataset used in the experiments consisted of 

Korean speech. The training data were 380 hours of 

clean speech from 1,796 speakers. The training data 

contained both read and spontaneous speech. The data 

augmentation in [2] was applied with the MUSAN 

dataset. Using this strategy, we generated the three-fold 

and the five-fold training data. 

The enrollment data consisted of read speech whereas 

the test data contained spontaneous speech. The test 

data were composed of three groups of clean speech 

according to the utterance length. The lengths of the 

utterances in each group were 4, 8, and 12 seconds. 

Each group contained 15,580 utterances from 779 

speakers. The portion of the voiced frames of an 

utterance was about 80%. 

The dimension of the speaker embedding vector was 

512. After the dimension reduction from 512 to 150 by 

linear discriminant analysis (LDA), speaker embedding 

vectors were fed into the probabilistic linear 

discriminant analysis (PLDA) backend.  

The results are presented in Tables 1 and 2. The use of 

40-dimensional MFCCs shows better performance than 

23-D MFCCs: 6%, 5%, and 11% relative improvements 

in Table 1, and 13%, 13%, and 16% relative 

improvements in Table 2. 

 

 

Table 1. The equal error rate (EER) (%) of the SV 

experiments with the three-fold training data. 

 

Feature 
Length (s) 

4 8 12 

23-D MFCC 4.29 2.05 1.50 

23-D MFCC+Δ+ΔΔ 4.03 1.96 1.37 

40-D MFCC 4.03 1.95 1.33 

 

Table 2. The equal error rate (EER) (%) of the SV 

experiments with the five-fold training data. 

 

Feature 
Length (s) 

4 8 12 

23-D MFCC 4.11 1.88 1.40 

23-D MFCC+Δ+ΔΔ 3.74 1.72 1.22 

40-D MFCC 3.56 1.63 1.17 
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Recently, the performances of automatic speech 

recognition (ASR) systems are elevated by adopting 

end-to-end (E2E) model architecture. In general, E2E 

ASR systems are based on encoder-decoder with 

attention architecture [1] and consist of many LSTM 

layers. This model needs a sufficient amount of speech-

text data for training of the entire E2E model to get 

satisfactory performance. However, gathering the paired 

data requires a lot of time and human effort. Thus, there 

have been studies about unsupervised training that uses 

unpaired data, which needs less effort to get. For 

example, fusion with external language model trained 

from text only corpus [2], self-training with speech only 

corpus, and semi-supervised training with shared 

network structure that simultaneously uses both 

unpaired speech and text data [3], [4] have been proposed. 

In this paper, we propose a semi-supervised training 

based on the shared network model [3] to adapt the task 

domain. Fig 1. shows the proposed model. 

 

 
Figure 1. Shared decoder architecture of the proposed 

model. 

 

The proposed model consists of two encoders and one 

decoder. Each encoder separately encodes the speech 

and text into intermediate vectors. Then, the shared 

decoder receives the intermediate vectors and produces 

text outputs. Speech encoder and shared decoder 

perform as ASR, and text encoder and shared decoder 

perform as text auto-encoder (TAE). The speech 

encoder and shared decoder are pretrained with source 

domain paired data before semi-supervised training. In 

semi-supervised training step, three losses are calculated. 

First, ASR loss Lasr is calculated from speech encoder 

and shared decoder with paired speech and text. Second, 

TAE loss Ltae is calculated from text encoder and shared 

decoder with unpaired text. Third, intermodality loss 

Lmod calculated from speech encoder and text encoder. 

The intermodality loss enforces the distribution of 

encoded intermediate vectors from speech and text to be 

similar. For intermodality loss calculation, we adopted 

KL-divergence or maximum mean discripancy of 

Gaussian kernel [5]. 

We used the WSJ dataset as source domain dataset 

and the LibriSpeech dataset as target domain dataset. In 

WSJ dataset, we adopted the si-284 (81-hours) dataset 

as training dataset and the eval92 as test dataset. In 

LibriSpeech dataset, we combined the train-clean-100 

(100-hours) and the train-clean-360 (360-hours) dataset 

and used it as the training dataset, and adopted the test-

clean dataset as test dataset. Our model achieves 

relatively 13% lower character error rate than the 

pretrained model on target domain, although only small 

part of paired data was used in training. 
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ABSTRACT 

 
This paper is mainly concerned with two issues about the 
phonetic change in the Korean stop system. First, among 
the three stops, which stops truly undergo their phonetic 
changes? Second, are there any phonetic changes in ones’ 
nave language (L1) due to the influence of another 
language (L2)? This study replicated an experiment on 
VOT to answer the questions. Thirteen Korean speakers 
studying abroad, who differed in terms of length of 
residence in America (LOR) from three to ten years, 
participated. The results showed that the aspirated and 
lax stop both undergo a phonetic change. Although the 
phonetic change in L1 differed in terms of LOR, little 
relationship between L1 sound change (i.e., VOT merger) 
and the influence of L2 was found. The findings suggest 
that the “lax” category may play a pivotal role in a 
tonogenetic-like sound change in present-day Korean.  
 

 
1. Introduction 

 
Many phonetic studies have shown that the consonantal 
differences between aspirated and lax stops in Korean are 
being reduced and have reported that Korean stops are 
undergoing a sound change ([1], [3], [6], [7], [8], and 
[10]). Several studies have shown that, among the three 
stops in Korean, change in voice onset time (VOT) 
affects only aspirated stops (i.e., VOT reduction from 
aspiration stops), rather than lax stops or both stop classes 
([1], [7]).  However, a few studies have shown that not 
only aspirated but also lax stops undergo a phonetic 
change ([8]). It is widely attested that there are cross-
language influences between native language (L1) and 
second language (L2) ([3], [4], and [5]). For instance, [3] 
states that learners’ production of English (L1) is 
influenced by even brief experience (about a month) with 
Korean. One question arises: Are there any relationship 
between L1 sound change and L2 influence? This study 
replicates an experiment on VOT to address which stops 
truly undergo a phonetic change and whether the VOT 
merger in an L1 system is due to an L2-influenced 
phonetic change.  

 
2. Methods 

 
In methodology, factors such as age, gender, dialect, 

L2 exposure period, and speech rate were controlled to 
minimize speakers’ bias. 

 
2.1. Participants 
 
Thirteen native speakers of Korean (seven males and six 
females) studying abroad were recruited. At the time of 
testing, they were all university students (mean age = 23 
years) in the mid-western area of the U.S.A and they 
differed in terms of L2 exposure period (i.e., LOR) from 
three to ten years. Except for one female speaker who 
came to the US at the age of 13, all participants came to 
the US after their puberty. They all were rated as advance 
L2 learners and could communicate with native speakers 
of English with confidence and comfort.  
 
2.2. Speech materials  
 
For a comparative purpose, the same speech materials as 
in 8] were used in this study. Eighteen monosyllabic 
words in Korean were constructed with a balanced list of 
the three stop types (lax, aspirated, and tense) and the 
three places of articulations (labial, alveolar, and velar) 
followed by a vowel /a/ in /CV(C)/ context. All words 
were real (borrowing) words, as presented in Table 1. 
They were recorded in the carrier sentence [igǝ _____ 
hasɛjo] “Say this ______” where the words were located 
in a phrase-initial position. 
 
Table 1. Speech materials 
 

Stops Words  

Asp.  
[phat] ‘red bean’, [that] ‘blame’, [khat] ‘stop’ 
[pha] ‘to dig’, [tha] ‘to ride’, [kha] ‘car’ 

Lax 
[pat] ‘field’, [tat] ‘anchor’, [kat] ‘hat’ 
[pa] ‘to see’, [ta] ‘all’ , [ka] ‘to go’ 

Tense 
[p*ak] ‘head’, [t*ak] ‘precisely’, [k*ak] ‘croak’ 
[p*a] ‘to grind’, [t*a] ‘to pick’, [k*a] ‘to peel’ 

 
2.2. Procedure 
 
A total of 936 tokens (18 words x 4 repetitions x 13 
speakers) were obtained for analysis. All recorded 
utterances analysed using Praat 6.0.37, a speech analysis 
program ([2]). VOT was obtained from the release burst 
of a stop to the onset of periodicity in the waveform ([9]). 
The acoustic data were statistically tested using repeated 
measures analysis of variance (RM ANOVA) in the 
context of a univariate context of a general linear model.  
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3. Results and Discussion 
 

For the pool data averaged across thirteen speakers, there 
was a main effect of stop type on VOT [F(2, 933) = 
1228.761, p <.0001]: VOT is longest (80 ms) for the 
aspirated stop, longer (64 ms) for the lax stop, and 
shortest (15 ms) for the tense stop (tense < lax < 
aspirated). Although the three stops statistically differed 
in terms of VOT, their VOT values between the aspirated 
and lax stop were largely overlapped in their ranges for 
most of female speakers, as can be seen in Figure 1.  

 

Figure 1. Mean VOTs of each stop type for the 
productions of 6 female (left) and 7 male (right) speakers. 
Error bars indicate 95% confidence intervals. 
 

In Figure 1, three phonetic findings are possible. First, 
mean VOTs for aspirated stops were significantly shorter 
whereas those for lax stops were significantly longer for 
female speakers than for male speakers. Second, the VOT 
statistical merger between aspirated and lax stops was 
taking place for most of female speakers, but not for most 
of male speakers. Third, similar to [8]’s findings, there 
were huge inter- and intra-speaker variations on the L2-
influence phonetic change in an L1 system.    

 

 
Figure 2. Mean VOTs of each stop type according to 
LOR from 3 to 10 years. Error bars indicate 95% 
confidence intervals. 

 
The result showed that there was a main effect of LOR 

on VOT [F(6, 915) = 23.116, p < .0001] and an 
interaction between stop and LOR [F(12, 916) = 7.276, p 
< .0001]: the phonetic change in L1 differs in terms of 
LOR. The more LOR, the longer the lax stop, as seen in 
Figure 2. It is noticeable that change in VOT affects both 
lax and aspirated stops (i.e., VOT increase from lax but 
VOT reduction from aspiration stops).  

The present findings have a couple of implications. 
First, there is little relationship between L1 sound change 
(i.e., VOT merger) and L2 influence. Second, the “lax” 
category may play a pivotal role in a tonogenetic-like 
sound change in present-day Korean. Further inquiry is 
necessary to figure out how the phonetic change of “lax” 
stops in Korean can be phonologically accounted for. 
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ABSTRACT 

 

The aim of the present study is to examine the prosodic 

realization of polysemic sentence final endings in Korean 

produced by Chinese L2 Korean learners (CKL). Some 

sentence final endings in Korean have more than two 

meanings and their different meanings are expressed by 

different sentence final boundary tones. So, for 

successful communication, L2 speakers must correctly 

produce these polysemic sentence final endings 

according to their communicative intentions. Previous 

studies argued that CKL have certain difficulties in 

producing appropriate boundary tones depending on their   

meaning containing and many errors were observed in 

their phonetic realization [1. 2. 3]. The majority of errors 

were produced by the mismatch between boundary tone 

types and the meaning of polysemic final endings, as well 

as pitch range difference [2], [3].  

But we consider that the prosodic difference observed 

between KNS and CKL can be caused not only by a 

difference of boundary tone types and pitch range 

difference, but also by different pitch level between 

sentence boundary tone and the penultimate syllable. 

Because, according to the tonal difference of the final two 

syllables of a sentence one of polysemic final endings’ 

meanings can be reinforced. So even though the type of 

boundary tone and their pitch range contributes in 

discriminating the meaning of polysemic final endings, 

these two factors are insufficient for the correctness and 

naturalness of the production of polysemic final endings. 

In this study, we examined how CKL produce two 

final consecutive syllables in the pitch level and 

compared the results to that produced by KNS. In the 

production test, five advanced CKL (2 male; 3 female), 

and two native speakers of Seoul Korean (2 male) 

participated. CKL are all undergraduate students that are 

learning Korean language at university. The two KNS are 

in their 30s and early 40s and they are university 

professors. The material analysed constituted four 

Korean sentences containing polysemic final ending ‘--

eulgeol’. The final ending ‘-eulgeol’ has two main 

meanings: regret and guess. If the final boundary tone 

realizes with a falling(HL%) or low tone(L%), it 

expresses regret. But if the boundary tone is rising(H%, 

HL%), it transmits guess.  

The recording was made in a quiet room using a digital 

recorder Sony ICD-SX731 with a built-in microphone 

(44,000Hz, 16bit). All participants read each sentence 

five times and the three most naturally produced 

sentences were selected for further analysis. To examine 

prosodic realization of polysemic final endings, we 

determined the type of boundary tone and measured the 

mean F0 value of two sentence final syllables with Praat. 

The difference of the two final syllables F0 values was 

converted into quarter-tones(Qt). The results(mean F0 

values and standard deviations) are presented in the table 

1. In the case of CKL, the difference of the two final 

syllables are not great and it seems that two final syllables 

are realized at a similar pitch level, whereas KNS show 

more greater mean F0 value difference. This indicates 

that two final syllables are located at different pitch level 

of a speaker’s register. 

 

Table 1 Mean F0 values of the two sentence final 

syllables 

 

Meaning Boundary 

tone 

KNS CKL 

 

regret LH%, L% 5.04(2.01) 2.96(2.76) 

guess HL%, H% -8.56(3.84) -4.83(3.55) 

 

These results suggest that the prosodic errors observed in 

the production of polysemic final endings produced by 

Chinese speakers are not only caused by the difference of 

boundary tone type and its internal pitch range variation 

but also by the difference of pitch level of the two final 

syllables. This tonal difference can influence on the 

correctness and the naturalness of the production of 

Korean polysemic final endings. However further 

research is necessary to determine whether this tonal 

difference is significant in level of perception and how it 

functions in the discrimination of meanings.  
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ABSTRACT

This study investigates the rhythm patterns in the
English speech produced by Chinese EFL learners. By
means of the interval-based rhythm metrics, it compares
the rhythmic differences in English speech between 10
American natives and 40 Chinese EFL learners.
Statistical results show there are significant differences
in English rhythm patterns between American natives
and Chinese EFL learners and between Chinese
experienced and inexperienced learners, providing
evidence for the finding in previous studies that the
acquisition of L2 rhythm is influenced by learners’ L1
rhythmic pattern and the direction of L2 speech rhythm
development is from syllable-timed to stress-timed.

1. Introduction

English has traditionally been classified into stress-
timed language, whose stressed syllables are longer than
unstressed ones and tend to occur isochronously, with
speech stream being like “morse-code”. While Chinese
is a syllable-timed language, where stressed syllables
acoustically are not perceived stronger than unstressed
syllables. The syllables in Chinese, whether stressed or
not, tend to occur with equal intervals of time, just like
“machine-gun”. English and Chinese are very different
in rhythm and consequently English rhythm becomes a
challenge for most of Chinese EFL learners to learn.
Rhythm can be defined as patterns of change in duration
of certain type of speech intervals: vocalic intervals and
consonantal intervals. Within this framework, rhythm
metrics, providing a workbench of speech rhythm as
durational variability, are proposed to capture
systematicity in patterns of durational variability in a
speech and to make sure the speech rhythmic patterns
can be objectively measured and compared cross or
within languages. Generally, stress-timed languages
have larger durational variability than syllable-timed
languages. Rhythm metrics used in the present study are
presented in Table 1.

Table 1. Rhythm metrics used in the present study
Metrics Description

VarcoV Standard deviation in duration of vocalic
intervals divided by their mean duration [1]

VarcoC Standard deviation in duration of
consonantal intervals divided by their mean

duration [1]

nPVI-V Normalized pairwise variability index for
vocalic/vocalic sequences intervals [2]

nPVI-C
Normalized pairwise variability index for
consonantal/consonantal clusters intervals
[2]

%V Percentage of vocalic intervals [5]

In the previous studies it was found that acquisition of
L2 rhythm was influenced by learners’ L1 rhythmic
pattern [3, 4, 6] and that the direction of speech rhythm
development was from syllable-timed to stress-timed in
both L1 and L2 acquisition [7].
Based on the differences between English and Chinese
speech rhythmic patterns and the findings in previous
studies on speech acquisition, we predict that Chinese
EFL learners would show a characteristic of syllable-
timed in their production of English (lower durational
variability than American native speakers) and that the
experienced learners would show more stress-timed
(higher durational variability) features than the
inexperienced learners but not reach a native-like level.

2. Methods

50 speakers were recruited to participate the experiment,
including 10 American native speakers, 20 Chinese
experienced and 20 Chinese inexperienced EFL learners
in mainland China. All the 10 American native speakers
speak GA and have no speech or hearing disorders. The
Chinese experienced EFL learners were English majors
who had been learning English as a foreign language for
at least 12 years. As for their English proficiency, they
had passed TEM 4 (Test for English Majors Band 4 in
mainland China). The inexperienced learners were all
middle school students who had been learning English
as a foreign language for at most 5 years.
30 picture prompts corresponding to the 30 stimuli
sentences in Microsoft PowerPoint on separate slides
were presented to the speakers. At first, the speakers
viewed the pictures accompanied by the corresponding
descriptive sentences. Then they were required to
remember the sentences. They were allowed to flip
through the slides and view each slide as long as they
need. Afterwards, they were asked to look at the only
the pictures and to recall the corresponding sentences
from their memories. And then they were required to
say the corresponding sentences out loud to a Zoom H1
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recorder. Verbal prompts were given to the speakers to
help them produce the target sentences if they uttered
sentences that were different from the original ones.
VarcoV, VarcoC, nPVI-V, nPVI-C and %V were
analyzed and compared among the three groups. All the
annotation work was completed manually in Praat
(6049). The statistical analyses were conducted in Excel
and SPSS 22.

3. Results and Discussion

Figure 1. Mean rhythm metrics for 10 American natives,
20 Chinese experienced and 20 inexperienced learners

Table 2. p-values in the post-hoc pairwise comparisons
for the rhythm metrics calculated on speech of
American native speakers and for Chinese experienced
and inexperienced EFL learners (A=American;
CE=Chinese experienced learners; CI=Chinese
inexperienced learners)

Metrics A vs. CE A vs. CI CE vs. CI
%V p<0.001*** p<0.001*** p<0.001***

VarcoV p<0.001*** p<0.001*** p<0.001***
VarcoC p=0.028* p<0.001*** p<0.001***
nPVI-V p<0.001*** p<0.001*** p<0.001***
nPVI-C p<0.072 p<0.001*** p<0.001***

An ANOVA with the rhythmic metrics as dependent
variable and subject group as factor shows that there is a
significant main effect of L1 and proficiency level in all
the five rhythm metrics (p<0.001). Post-hoc pairwise
comparative analyses demonstrate that both Chinese
experienced (p<0.001) and inexperienced (p<0.001)
learners have significantly higher %V than American
native speakers (Table 2 and Figure 1). This could be
explained as Chinese EFL learners’ English speech
production is influenced by their L1, Chinese, where
there is no closed syllables (only CV structures) except
for those ended with /n,ŋ/. Consequently, the Chinese
EFL learners tend to insert additional /ə/-like vowels
after coda consonants in their English speech, resulting
in an increase of the proportion of vocalic intervals.
Besides, both the two Chinese EFL learner groups have
significantly lower VarcoV and nPVI-V than the
American native speakers (Table 2 and Figure 1). This
might also be attributed to the influence of their L1

Chinese, where there is no much stressed vs. unstressed
or tense vs. lax vowel durational variances as in English.
In the measurement of VarcoC and nPVI-C, the Chinese
experienced learners show significantly lower VarcoC
with the American native speakers (p=0.028<0.05) and
Chinese inexperienced learners have significantly lower
VarcoC (p<0.001) and nPVI-C (p<0.001) than
American native speakers. This could be explained by
the fact that English has more complicated consonant
structures (CV, CCV, CCVC, CCVCC, etc.) than
Chinese (only CV) and the Chinese EFL learners have
not fully acquired such various consonantal length
contrast feature in English. In addition, what is out of
our expectation is that for nPVI-C, no significant
difference is found between Chinese experienced
learners and American native speakers (p=0.072>0.05).
A possible reason might be that there is a greater effect
of assimilation and co-articulation phenomena in native
English speakers’ speech and this might lead to cluster
simplification and thus a lowering for nPVI-C.
As for the comparison between the two non-native
groups, it is found in the post-hoc analyses that Chinese
experienced learners show significantly more stress-
timed features in their English speech than Chinese
inexperienced learners: lower %V, higher VarcoV,
VarcoC, nPVI-V and nPVI-C (Table 2 and Figure 1).
And this indicates that length of learning time might be
a factor that influences the acquisition of L2 rhythmic
patterns and provide evidence for the finding in
previous studies that the direction of speech rhythm
development is from syllable-timed to stress-timed in
L2 acquisition.
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ABSTRACT

This study examines the production of English fricatives
by 10 American native speakers and 40 Chinese EFL
learners with different English proficiencies, focusing
on the acoustic features of English fricatives: noise
duration, four spectral moments and overall noise
amplitude. The statistical results reveal that:
(1) Chinese EFL learners show significant differences
with the American native speakers in the production of
English fricatives, indicating Chinese EFL learners
might have difficulties in producing native-like English
fricatives. And Chinese experienced learners have better
performance than Chinese inexperienced learners.
(2) Peculiar segmental substitions /v/-/w/, /ʒ/-/ɹ/ are
found in the productions of Chinese EFL learners.

1. Introduction

English fricatives are the largest group of English
consonants in terms of manner of articulation, including
nine sounds: /f/, /v/, /θ/, /ð/, /s/, /z/, /ʃ/, /ʒ/ and /h/.
However most studies on English fricatives exclude /h/
because /h/ is usually considered as the voiceless
counterpart of the adjacent vowel [3]. Thus the present
study also excludes /h/. While in Chinese there are only
five fricatives /f/, /s/, /ɕ/, /ʂ/, /x/. Between the two
languages some of the fricatives are similar but some
are totally missing in both of the two languages. Thus
when Chinese EFL learners speak English, the deep-
rooted articulating habit in their L1 usually lead to
serious conflicts with the sound system of the target
language. [1] found that substitution errors happened the
most frequently in Chinese EFL learners. Chinese EFL
learners were likely to substitute /d/ for /ð/, /s/ for /z/,
/w/ for /v/ respectively. They might tend to replace the
new sounds in English with the similar sounds in
Chinese because there are no /ð/, /z/, /v/ sounds in
Mandarin Chinese. Besides, [5, 6] also found that the
Chinese EFL learners tended to substitute various
sounds for the English fricative sounds and they had
great difficulty in distinguishing /ð/ from /z/, /v/ from
/w/, and /θ/ from /s/. However, few previous studies
investigated the role of acoustic features in the
production of fricatives by Chinese EFL learners. Thus
the present study investigates the production of English
fricatives by Chinese EFL learners from the aspect of
acoustic features.

2. Experiment
Three groups of subjects participated in the experiment:
10 native American speakers (5 male and 5 female;
speaking GA and without any articulation or hearing
disorder), 20 Chinese experienced EFL learners (10
male and 10 female English majors) and 20 Chinese
inexperienced EFL learners (10 male and 10 female
middle school students).
The stimuli used in this study were open syllables with
the target fricatives in three different vowel
environments (/Ci/, /Ca/, /Cu/) and were embedded in
carrier sentences “Say ___ to me”. All the 50 subjects
were required to read the 24 randomized carrier
sentences (8 fricatives * 3 vowel environments) 3 times
and recorded clearly by a Zoom H1 recorder.
In studying the acoustic features of fricatives, this study
considered 4 spectral moments: Cog (Centre of Gravity)
of fricatives (M1), variance (M2), skewness (M3), and
kurtosis (M4). Noise duration and overall noise
amplitude were also measured.
A Praat script [2] which produces the first four spectral
moments, noise duration and overall amplitude from
fricative spectra was used. In this script the DFTs were
averaged using time-averaging [4]. Within time-
averaging, a number of DFTs were taken from across
the duration of the fricative. These DFTs were averaged
for each token and then the moments were calculated.
The DFTs window size was set to be 15 ms and the
window number to be 6. The analyzed duration of the
fricative was always equivalent to the center 80% of the
total duration, cutting off the transitions.

3. Results and Discussion

One-way ANOVAs were conducted for place of
articulation with noise duration, overall noise amplitude,
and the four moments as dependent variables. As shown
in Table 1, in terms of noise duration, what is worth
noting is that Chinese inexperienced learners produce
English fricatives of four different places of articulation
with almost same noise duration, and statistical results
in ANOVA also show their durational differences are
not significant. In the measurement of overall noise
amplitude, /s,z/ and /ʃ,ʒ/ are significantly highest for
American native speakers and there is no significant
difference between these two. While for the two groups
of Chinese EFL learners, they produce /ʃ,ʒ/ with
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significantly highest amplitude among the four places of
articulation. For all the three groups, M1 spectral mean
is highest for /s,z/ and lowest for /ʃ,ʒ/, and this
difference is significant (p<0.001). Spectral mean values
for /f,v/ and /θ,ð/ fall in between and are significantly
different from each other (p<0.05). For M2 spectral
variance, American native speakers have significantly
highest value in /f,v/ and /θ,ð/, and lowest value in /ʃ,ʒ/,
and this difference is significant (p<0.001). Chinese
experienced learners have significantly highest value in
/f,v/ and lowest value in /ʃ,ʒ/, and the difference
between them is significant (p<0.001). Chinese
inexperienced learners have significantly highest value
in /θ,ð/ and /s,z/, and lowest value in /ʃ,ʒ/, and this
difference is also significant with p<0.001. In the
measurement of M3 skewness, American native
speakers have significantly highest value for /ʃ,ʒ/ and
/f,v/, indicating that the palato-alveolars and
labiodentals had the strongest concentration of energy in
the lower frequencies. While for both Chinese
experienced and inexperienced learners, it is /f,v/ that
shows significantly highest skewness. Finally in terms
of M4 kurtosis, it is significantly highest for /f,v/ in all
the three groups (p<0.001), which indicates that the
labiodentals have significantly the most clearly defined
spectrum with well-resolved peaks and significantly
most peaked distribution in the production by all the
three groups.

Table 1. Mean values of acoustic measures by place of
articulation (A=American; CE=Chinese experienced;
CI=Chinese inexperienced)

Duration
(ms)

Amplitu
de (dB)

M1 (Hz) M2 (Hz) M3 M4

f
v

A:130
CE:128
CI:97

A:56
CE:53
CI:64

A:5663
CE:5057
CI:3602

A:3993
CE:3234
CI:2673

A:0.837
CE:2.753
CI:7.221

A:4.33
CE:17.01
CI:107.6

θ
ð

A:115
CE:111
CI:101

A:55
CE:53
CI:65

A:6227
CE:5786
CI:7434

A:3884
CE:3420
CI:3221

A:0.491
CE:0.768
CI:-0.27

A:0.66
CE:1.36
CI:1.99

s
z

A:150
CE:129
CI:102

A:67
CE:62
CI:66

A:7369
CE:8621
CI:7918

A:2549
CE:2665
CI:3127

A:-0.024
CE:-0.408
CI:-0.517

A:0.86
CE:2.12
CI:1.71

ʃ
ʒ

A:149
CE:143
CI:101

A:67
CE:63
CI:69

A:4465
CE:3895
CI:3279

A:1705
CE:1990
CI:1889

A:0.943
CE:2.158
CI:3.286

A:2.68
CE:10.45
CI:31.26

A series of one-way ANOVAs were also conducted for
the comparison of acoustic features among the three
subject groups. Statistical results show that American
native speaker and Chinese experienced subject produce
English fricatives with significantly longer durations
than Chinese inexperienced learners. But Chinese
inexperienced learners produce English fricatives with
significantly larger overall noise amplitude than
American native speakers and Chinese inexperienced
learners. As for the four spectral moments, statistical
results in ANOVA indicate that both the two Chinese
EFL learner groups show significant differences with
American native speakers in each of the fricatives and
Chinese experienced learners have better performance
than Chinese inexperienced learners, but far from

reaching a native-like (Table 2). This could be attributed
to the different fricative systems between English and
Chinese. Besides, what is worth noting is that we did
find the substitution phenomenon as found in the
previous studies. The Chinese EFL learners substituted
/w/ for /v/ and /ɹ/ for /ʒ/, as revealed by the peculiar
skewness and kurtosis for /v/ and /ʒ/ as well as visual
inspection in Praat.

Table 2. Summary of significant differences found
among the three subject groups in acoustic features

Duration Amplitude M1 M2 M3 M4
f A&CI

CE&CI
A&CE
A&CI
CE&CI

A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CI
CE&CI

A&CE
CE&CI

v A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CI
CE&CI

s A&CE
A&CI
CE&CI

A&CE
CE&CI

A&CE
CE&CI

A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

z A&CE
A&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CI
CE&CI

A&CE
A&CI

θ A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CI
CE&CI

A&CE
A&CI
CE&CI

ð A&CE
A&CI
CE&CI

A&CI
CE&CI

A&CE
CE&CI

A&CI
CE&CI

ʃ A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI

CE&CI A&CE
A&CI

A&CE
A&CI
CE&CI

ʒ A&CE
A&CI
CE&CI

A&CE
CE&CI

A&CE
A&CI
CE&CI

A&CI
CE&CI

A&CE
A&CI
CE&CI

A&CE
A&CI
CE&CI

The present results indicates that there might be great
learning difficulties for Chinese EFL learners in
producing English fricatives.
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ABSTRACT 

 

This study investigates Korean speakers’ production of 

the English alveopalatal fricative. Korean male and 

female college students produced the English /ʒ/ before 

and after the correction by an English professor. 

Frication noise durations of it as well as spectral 

moments were compared such as spectral peak 

locations, center of gravity, dispersion, skewness, and 

kurtosis. Gender and correction effects were found in 

some of these acoustic properties based on statistical 

results. 

 

 

1. Introduction 

 

Korean male and female college students produced the 

English alveopalatal fricative /ʒ/, which did not exist in 

the Korean phonemic inventory. They produced citation 

forms of many words that have the /ʒ/, including ‘Aisa’, 

‘measure’, and ‘vision’. Then, they were trained by a 

native English professor for three weeks and produced 

them again. The current study analyzed the /ʒ/s 

contained in these three words before and after the 

correction/training. Acoustic properties such as frication 

noise duration and spectral moments were compared 

between male and female speaker. In addition, their 

correction effects were also compared. 

 

2. Production Experiment and Results 

 

The recording was done in a sound attenuated booth 

with 44,100Hz of sampling rate and 16 bit quantization. 

The statistical results are shown in Table 1 and the 

following figures. 

Based on statistical results obtained from a Two-way 

ANOVA, gender effect was significant in all of the 

acoustic properties such as frication noise duration  

(male > female), spectral peak location (male < female), 

center of gravity (male < female), dispersion (male > 

female), skewness (male > female), and kurtosis (male 

< female). The correction effect was significant in 

frication noise duration (before < after), spectral peak 

location (before > after), dispersion (before < after), and 

kurtosis (before > after), but not in center of gravity and 

skewness. The interaction between gender and 

correction was not significant in all of the acoustic 

properties. 

 

Table 1. Statistical Results between Male and Female 

Subjects before and after Correction 

Acoustic Property 
Gender Correction Gender × 

Correction 

F P F P F P 

Frication Noise duration 5.104 0.025 16.043 0.001 0.035 0.853 

Spectral Peak Location 42.155 0.001 5.157 0.024 0.066 0.797 

Center of Gravity 38.743 0.001 0.795 0.374 0.105 0.746 

Dispersion 28.884 0.001 12.319 0.001 2.621 0.107 

Skewness 15.471 0.001 2.272 0.133 0.010 0.922 

Kurtosis 15.524 0.001 11.861 0.001 0.574 0.449 

 

Figure 1. Frication noise duration 

 

         Figure 2. Spectral peak location 
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          Figure 3. Center of gravity 

 

 

          Figure 4. Dispersion 

 

 

           Figure 5. Skewness 

 

 

          Figure 6. Kurtosis 

 

3. Discussion 

 

Previous studies such as [1], [2], and [3] illustrated the 

acoustic properties of English fricatives including /ʒ/ 

produced by English speakers. Among them, I compare 

the current study with [1] with respect to gender effects 

since it used the same experimental procedures with 

similar token words to those of the current study. 

The results found in the current study, which 

investigated Korean speakers’ production of the English 

/ʒ/, were in parallel with [1] in most acoustic properties. 

Frication noise duration (male > female), spectral peak 

location (male < female), center of gravity (male < 

female), skewness (male > female), and Kurtosis (male 

< female) showed the same patterns with statistical 

significance. But the result of dispersion was opposite to 

the current study (male > female). 

The training/correction effect was investigated in the 

current study. After the training by the native English 

professor, frication noise duration became longer,  and 

spectral peak location became lower, and dispersion 

became higher, and kurtosis became lower. They were 

all statistically significant. Center of gravity and 

skewness became lower, but they were not statistically 

significant. 
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When parents talk to their child, they adopt a specialized speech register called Infant directed speech (IDS). IDS is 

distinguished from adult-directed speech (ADS) in that it involves a combination of modifications to prosodic and 

segmental aspects of the signal [2,4]. There are conflicting views about whether or not these modifications in IDS has 

didactic functions to help children learn phonological contrasts in their native language. Some argue that phonological 

reduction of consonants occurred less frequently in IDS than in ADS [5]. Others suggest that IDS is not always clearer 

than ADS with regard to connected speech processes [3]. We test the so-called “clear speech” hypothesis of IDS with the 

variable pronunciations of the Korean noun stem-final consonants.  

A corpus of Korean IDS and ADS were created by recording 12 mothers of 8-12 month old infants teaching novel words 

to their children and an adult. Two separate picture books were made to be used for eliciting the two speech registers. The 

IDS used k’och 꽃 ‘flower’, path 밭 ‘field’, suph 숲 ‘forest’ whereas the ADS condition used koch 곷 ‘cat’, sath 샅 ‘rug’, 

and seoph 섶 ‘fence’ as target words. Both books contained six additional nonce words used for another experiment, 

which we do not analyse here. Each target word was presented in a passage consisting of three sentences, embedded in 

the front, middle, and final position of a sentence. Mothers were asked to read the passage first and then teach the word 

described in the passage to the listener. The order of the child- and the adult confederate listener was counterbalanced. 

We transcribed and analysed the phonological realization of a total of 286 IDS and 270 ADS noun stem-final consonants 

in a pre-vocalic position. Results showed that the application of assibilation in the coronal consonants (e.g. k’och-i > 

[k’osi], path-e > [pase]) occurred more often in ADS than in IDS. For the labials, application of a phonological rule such 

as neutralization did not differ in the two registers. For the coronal stop /th/, the ratio of applying palatalization was also 

not different in the two registers. It, therefore, appears that mothers choose to provide an underlying variety over an 

assibilized form in an environment where the application of a phonological rule is optional.  

Since the experiment described above was designed as a “word-teaching” task, the target words used for the ADS 

condition tended to be unfamiliar words. Therefore, there is chance that the effect of register we found was confounded 

with the effect of frequency, i.e. mothers might simply apply assibilation more often to words with a lower frequency. To 

tease apart these two factors, we are currently conducting a follow-up experiment consisting of two sessions. Korean adult 

pairs first participate in a Map task which contains 10 target words used as landmarks [1]. Half of them are high- and the 

other half are low-frequency words as defined by google hits. The one designated as “Instruction Giver” has a map slightly 

different from the one given to the ‘Instruction Follower’, and give verbal instructions to find the destination. After the 

Map task, they participate in another session of recording where one person reads and the other answers the questions 

designed to elicit production of the target words. The experiment is ongoing, and the results will help clarify our 

understanding of the pattern and tacit purpose of Korean mother’s varying pronunciation of noun stem-final consonants. 
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ABSTRACT 

 
The present study aims to investigate the perceptual 
weighting of consonant, vowel and tone during 
Mandarin syllable processing. In the experiment, 30 
participants were asked to reconstruct a Mandarin 
nonword into a real word by altering either the 
consonant, the vowel, or the tone. The results indicated 
that the participants tend to have the highest accuracy in 
the replacing tone condition while vowel replacement 
receives the lowest accuracy rate. The present study 
argues that due to the tone sandhi and prevailing 
coarticulation of tones, listeners have less trouble 
replacing tones. The results for consonants and vowels 
echoes the results from previous studies that vowel 
replacement seems to be easier than consonant 
replacement. 

 
1. Introduction 

 
Previous study [2] suggested that consonants and 

vowels belongs to different tiers during language 
processing. Nespor et al. [3] stated that “we hypothesize 
that there is a (partial) division of labour between 
vowels and consonants: while the main role of 
consonants concerns the lexicon, the main role of 
vowels is that of allowing the identification of the 
rhythmic class as well as of specific properties of 
syntactic structure.” They further suggest consonants 
and vowels serves different roles in language 
processing: consonants are more essential on the lexical 
level and vowels roles are more on prosody. 

 
To explore the role of these two components of a 
lexicon Van Ooijen adopted a reconstruction task [4] to 
evaluate the weighting of different natural classes in 
language processing. In the experiment the participants 
were asked to listen a nonword, and then make one 
alteration on either the consonant or the vowel to 
reconstruct a real word: e.g., an English nonword kebra, 
could be changed either by replacing the consonant to 
create zebra or the vowel to reconstruct cobra. The 
results indicated consonants have a significantly higher 
error rate (52%) than vowels  (29.3%). The results 
suggest a consonant-biased processing preference. 

 
Lexical tone makes makes the question even more 

intriguing. With tone serving both the lexical and 
prosodical roles in the language, what would be the 

preference and accuracy rank among these there 
components? 

 
2. Goal 

 
The present study aims to investigate the roles of 
consonant, vowel, and tone in Mandarin syllable 
processing. 
 

3. Methodology 
 
Participants. Thirty native Mandarin speakers (17 
males, 13 females) from Taiwan participated in the 
experiment. They are university students with normal 
hearing and no known speech disorder. They were paid 
for their participation. 
 
Materials. Ninety-six nonwords were adopted from 
Wiener and Turnbull [6]. Participants were required to 
reconstruct these nonwords into real words by altering 
either the consonant, the vowel, or the tone. All 
nonwords are divided into four blocks of 24. Vowel-
change condition is formed by 24 nonwords without 
coda (e.g., su3). The number of four tones is equal in 
tone-change condition (Tone 1:6, Tone 2:6, Tone 3:6, 
Tone 4: 6). The stimuli were recorded by native 
Mandarin Chinese speakers. To ensure that the stimuli 
were pronounced correctly, each stimulus was checked 
by the other native Mandarin Chinese speaker. 
 
Procedures.  
Participants were giving a brief introduction  about what 
the consonants, vowels, and tones in Mandarin (the 
Bopomofo system in Taiwan merge certain phonemes 
hence affects the phonological awareness of the 
listeners, we found the introduction necessary).  
 
The 96 stimuli were randomly grouped in 4 blocks (alter 
vowel, alter consonant, alter tone, and free-alter 
anything). Each listener were asked to replace one 
component (either consonant, vowel, or tone) of a 
nonword to reconstruct a real word and say the real 
word out loud.  
 
Stimuli were presented by a stimulus presentation 
system. The entire experiment took approximately 45 
minutes. 
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4. Results 
 

 
 

Figure 1. Accuracy rate 

 
 

Figure 2. Reaction Time 
 
Oral responses were recorded and transcribed by a 
native Mandarin speaker with trainings in Phonetics. 
One participant was excluded since the recording were 
damaged. A one-way repeated measures ANOVA was 
conducted to test the effect of conditions (vowel, 
condition, tone, and free) on accuracy rate. The result 
was significant (F (3,84) =6.01, p = 0.001, 𝞰2p = .177).  
 
Figure 1 shows the mean accuracy rate. Vowel 
condition is the lowest and tone condition is the highest. 
Figure 2 presents reaction time. Vowel reaction time is 
the longest and tone is the shortest. Low accuracy rate 
and long reaction time in vowel alternation condition 
showed that it takes a much longer time for the 
participants to replace the vowel and suggested that 
Mandarin could be a vowel-bias language. 
 

5. Discussion and Conclusion 
 
Differ from previous study, the study shows a more 
vowel-biased scheme in Mandarin which demand a 

closer look at the processing of consonant, vowel along 
with tone.  
 
We posit that the significant higher accuracy rate of 
tone could be because two reasons 1) the high 
variability of tone in Mandarin speech make it a more 
susceptible target for the reconstruction, 2) probability-
wise, they are only other 3 choices in Mandarin tone 
when conducting tone reduction. It means that listeners 
don’t have to spend too much time coming into their 
answers. 
 
In contrast, the choice options of vowels as well as 
consonants are much more in numbers. Naturally, it 
takes longer time for listeners to pick a valid candidates 
for the reconstruction task. However, consonants are 
also relatively easier than vowel in our data. We believe 
participants adopted similarity strategy to pick 
consonants with similar manners/place of articulation 
(such as /ʂ/ for /s/ and vice versa). This strategy 
apparently speech up the process.  
 
All in all, our study is one of the very first study to 
compare the relatively weighting of these three 
components in the same setting. More detailed 
discussion will be provided in the presentation.  
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This paper attempts to bridge the gap between speech 

perception and speech production of speech sounds or 

spoken language, involving making predictions of input 

and output relationship. Frequencies and constant 

repetition of phonological forms may be attributed to the 

development of auditory experience. In the past decades, 

research has been conducted to the study of either input 

or output and little has been done to examine the 

relationship between these two ideas in terms of echoic 

memory of auditory experience. It can be assumed that 

perceiving high frequency of speech sounds leaves a 

memory trace and this multiple-trace speculation can 

actually foster speech production. High exposure to 

target speech sounds or spoken language contributes to 

better speech production or pronunciation. Perception 

and production of speech sounds are manifestations of 

echoic memory in which speech sounds are stored in the 

brain and they can be activated again as part of speech 

production of any high frequencies of spoken language. 

Data were drawn from 6 students using two tasks: sound-

recognition memory task, designed based on high-

frequency word list, and word production task, designed 

to examine each student’s performance based on task 1. 

The results yielded that echoic memory has a significant 

impact on students’ speech perception and production. 
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ABSTRACT

Utterance prosody of turn-yielding mechanism,
whereby participants manage to hold and change the
turns smoothly in the case of non face-to-face
interaction, was studied in this paper. A couple of
computable turn-yielding cues that tend to precede a
smooth exchange of turns in the SECCL (Spoken
English Corpus of Chinese Learners) were examined.
The preliminary acoustic study shows that Chinese EFL
learners exhibit certain deviations from Native speakers
in prosodic turn-yielding mechanism.

1. Introduction

For Chinese EFL learners, communicative
competence has been taken as a focus. There are two
important nationwide oral test for Chinese learners, i.e.,
oral tests for TEM (Test for English Majors) and
CET(College English Test). For both tests, participants
cannot see their partners, but facing the computer,
speaking with a microphone - a typical non face-to-face
interaction, relying partly on prosodic cues. Their
performance will be assessed on whether the candidate
has the ability to keep an interaction going smoothly. In
doing so, he/she may have to exhibit the ability for
taking turns, such as holding the floor, interrupting
politely, and helping the other participant to join in.

Prosodic turn change cues have been studied
acoustically for years [2,3,4,5,6,7,8] since 1970s,
especially after [9] presented a characterization of turn-
taking in conversations between two or more persons in
their influential systematic work in conventional
analysis.

2. Hypothesis
Based on the previous results of the studies on

Native English Speakers, hypotheses are given as
follows:
a. Turns tend to end in falling and highrising final
intonation contours other than plateau (a sustained pitch
level, neither rising nor falling).
b. Speakers tend to lower pitch level as they reach
potential boundaries.
c. Speakers tend to lower voices when approaching
potential turn boundaries, whereas they reach turn-
internal pauses with higher intensity.
d. Speakers tend to utter larger discourse units when
turns come to the end.

3. Data

The materials of this present study are taken from
SECCL, a collection of 1,148 speech files from the oral
tests TEM-4 from 1996 to 2002.This preliminary study
randomly chooses 15 groups of subjects (18 females and
12 males), taking the spontaneous task-oriented dyadic
conversations and each conversation is limited to 4
minutes. In this paper, IPU (Inter-Pausal-Unit) [8] is
defined as a maximal sequence of words surrounded by
silence longer that 100 ms. Turn transitions in this study
are labeled as Smooth change � transitions from speaker
A to speaker B manages to complete her utterance
without overlapping between the two conversational
turns, and Holding � continuations from one IPU to the
next within the same turn (Figure 1).

(a) (b) (c) (d)

Figure 1 Turn transition (a. IPU b. Holding
c. Smooth change d. Change with overlapping)
(adapted from Gravano and Hirschberg, 2011)
A number of acoustic features from the corpus

were extracted by using the Praat toolkit [1], including
fundamental frequency, duration and amplitude - three
dimensions that constitute the prosodic structure of
speech. Values for pitch and intensity extracted are
those final 1000ms and 500ms of IPUs preceding
Holding (H) and Smooth change(S). The values for
pitch slopes are extracted from the final 300ms and
200ms preceding H and S respectively. Then values
were computed using Pitch Slope=(P2-P1)/Duration,
where P1 and P2 refers to the two extreme values of the
extracted portion, and Duration refers to the time of the
extracted part. Additionally, for the sake of better
analysis, absolute pitch slope values are used in the
paper. The third dimension - IPU duration is measured
both in seconds and in number of words preceding H
and S.

4.Results

Considering the gender difference, all the data
were split by gender before we ran the statistic analysis.
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1) For females, the F0 slope over the final 200ms before
S is significantly higher than that before H
(p=0.000<0.001)(Figure2). Males don’t show any
significant difference, although they show similar
tendency. This indicates turns tend to end in either a
falling or high-rising pitch, rather than a plateau (a
sustained pitch level, neither rising nor falling). As for
the boundary tone, it will be illustrated in the further
study.

Figure 2 Mean pitch slope for males (left panel) and
females (right panel)
2) The findings of present preliminary study doesn’t
show significant difference in the case of fundamental
frequency. Based on the hypothesis, speakers tend to
lower pitch level as they reach potential boundaries.
Chinese EFL learners show a similar tendency.

Figure 3 Mean pitch value for males (left panel) and
females (right panel)
3) The findings of present preliminary study doesn’t
show significant difference in the case of intensity level.
But the results indicate Chinese EFL learners show a
similar tendency (Figure4).

Figure 4 Mean intensity value for males (left panel) and
females (right panel)
4) Turn-final IPUs tend to be longer than turn-medial
ones, i.e. speakers tend to utter larger discourse units
when turns come to the end. The preliminary results (M:
P=0.13; F:P=0.01) indicate that Chinese EFL learners
show significant difference in this aspect(Figure5).

Figure 5 Mean duration for males (left panel) and
females (right panel)
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Recently, there have been many advances in speech-to-
text (STT) technology, which converts human-speaking 
speech-language into text data through a mechanical 
device. Moreover, AI technology using various machine 
learning has reduced the error [1-3]. Nevertheless, the 
recognition of the emotions included in the speech-
language[4] still needs to be developed. 
    Our study provides a way to recognize emotions more 
accurately. First of all, we study what is an appropriate 
feature vector[5] for emotional expression. We also 
investigate which AI technologies are suitable for 
cognitive sensitivity among various AI techniques [6]. 
Based on this, we propose an emotional character that 
includes the emotion that the speaker wants to convey 
through voice language. Although it is difficult to 
understand an emotion with the existing simple 
character expression, the emotional character proposed 
in our work can recognize the speaker's voice contents, 
including the intention, that is, the emotion included in 
the speaker's speech. 
 
 

 
 
 
 
Figure 1. Speech recognition and Speech emotion 
recognition system for Emotion Character    
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The cocktail party effect means that the party's attendees 

are able to selectively listen to the other person's speech, 

even though they are in a room with loud ambient noise. 

Like this phenomenon, in order to selectively receive 

only the desired signal in an environment with ambient 

noise, the speech components of speakers should be 

separated from each other. 

Independent vector analysis (IVA) [1] is applied to 

separate and extract speech components in situations 

where several speakers speak simultaneously. Assuming 

that input signals are weighted sums of independent 

signals, the separation matrix is estimated to maximize 

the independence between the output signals. This results 

in minimizing the correlation between the outputs 

passing through the nonlinear score function. In addition, 

the non-negative matrix factorization (NMF) [2] is 

applied to improve the separated speech signals using 

basis components estimated from speech signals of 

separated speakers.  

These two algorithms can be integrated for better 

extraction performance of a target speaker [3]. In the IVA 

with NMF, NMF estimates variances of probability 

density functions (PDFs) of sources used in IVA. In 

addition, fast convergence without tuning a step-size can 

be achieved by optimizing IVA with auxiliary function 

(AuxIVA) given as 

𝑞(𝒚𝑘,𝑛) =
1

∏ 𝜆𝑘,𝜔,𝑛𝜔
𝑒
−∑

|𝑦𝑘,𝜔,𝑛|
2

𝜆𝑘,𝜔,𝑛
𝜔

 ,                 (1) 

 
𝜆𝑘,𝜔,𝑛 = ∑ 𝑡𝑘,𝜔,𝑙𝑣𝑘,𝑙,𝑛𝑙 .                         (2) 

 

In [4], a method based on recursive least squares (RLS) 

was introduced in AuxIVA for a real-time source 

separation to decrease the computational loads on the 

online version with fast convergence. In this paper, the 

RLS-based AuxIVA is applied to the IVA with NMF [3], 

which requires higher computational resources than IVA 

alone, in order to estimate output signals separated from 

inputs in real time. 

We conducted experiments with the mixing 

environment of three speakers and three microphones as 

shown in Table 1 and Fig. 1. The quality of separated 

speech signals was assessed by Perceptual Evaluation of 

Speech Quality (PESQ). The PESQs of the output speech 

signals separated by the proposed method showed higher 

scores than those of the corresponding mixtures before 

the separation as summarized in Table 2. 

 

Table 1. Mixing conditions with three speakers. 

 

Figure 1. Mixing configuration with three speakers. 

 
Table 2. PESQ scores on output signals separated from 
mixtures of two speakers and three speakers in five 
different noisy environments of the CHiME 3 challenge 
dataset. 
No. of speakers In/out Clean Bus Str Ped Caf 

2 speakers 
input 1.93 1.83 1.68 1.72 1.70 

output 3.05 2.67 2.47 2.41 2.37 

3 speakers 
input 1.78 1.56 1.57 1.66 1.52 

output 2.85 2.58 2.67 2.42 2.39 
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Since noise occurs differently according to road 

conditions, the performance of acoustic traffic accident 

detection is generally degraded. To solve this, the 

convolutional-neural-network(CNN) model can be used 

to reflect the local characteristics by using the 

logarithmic power spectral coefficient [1] as an input.  

 This paper deals with two models of VGGNet [2] style 

CNN using 3x3 kernel. As shown in Figs. 1 and 2, we 

applied the fully connected (FC) layers or global average 

pooling (GAP) [3] to an output of the convolutional 

layers. Using GAP reduces the amount of computation 

because of fewer parameters than using the FC layer. In 

order to prevent the performance degradation, the GAP 

block should replace a part of FC layers after obtaining 

more features by increasing the number of convolutional 

layers. Each convolutional layer uses a ReLU activation 

function and batch normalization. 

The proposed method was evaluated on the MIVIA 

dataset [4]. The dataset includes 200 car crashing (CC) 

and tire skidding events (TS), respectively. The total 

durations for background noise (BN), CC, and TS are 

2732 s, 326.3 s and 522.5 s, respectively. It covers a wide 

range of noise conditions from quiet to very noisy road 

environments. 

Recall, miss rate, and error rate were used as 

evaluation measures. As shown in Table 1, the proposed 

models using CNN provided higher recalls than the 

model using support vector machine (SVM) [4]. 

 

Table 1. Recall, miss rate, and error rates for compared 

models on the MIVIA dataset. 

 
 Recall Miss Rate Error Rate 

SVM [4] 82% 17.75% 0.25% 

CNN 

(GAP) 
84.32% 7.03% 8.65% 

CNN 

(FC) 
87.3% 8.65% 4.05% 
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Figure 1. CNN using FC layers 

 
Figure 2. CNN using GAP 
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With significant improvement on recent processors, 

machine learning has become solid method in several 

fields. Speech recognition also has reached acceptable 

performance. For further reliable speech-driven human-

machine interaction, speech emotion recognition has 

been an essential technology. Indeed, emotion 

recognition itself is also showing fine performance with 

DNN [1]. However, even though processing power have 

improved recently as mentioned, processing two full 

DNNs for a single speech is not idealistic due to its usual 

usage in commercial which requires prompt output. 

While speech recognition needs to track down every 

single word or phoneme to recognize, emotion 

recognition does not; since in most cases, emotion does 

not change frequently within the single sentence. With 

the larger base recognition size, we expect high chance 

of possibility on simplifying the structure of the 

recognition in certain way. In this paper, we focus on 

reducing processing time with downsizing the input data 

for DNN by a pooling approach. 

When using MFCC feature data, the size of the 

extracted data may be massive. With this massive input 

dimension, adding layer in DNN requires another 

exceptionally extended time to process. Since the speech 

data is continuous and the emotion does not changes 

frequently within a short speech, we expect that using 

compacted data would provide time efficiency. 

To reduce the dimension, we use a pooling approach 

which has been widely used in image processing using 

CNN. For image processing, the max-pooling is often 

used, which is only to use the max value from the each 

set of pixels, as shown as on Figure 1 as in [2]. 

    
Figure 1. Concept of the max pooling in CNN 

 

To consider characteristics of acoustic feature data 

(such as MFCC), we use average-pooling instead of max-

pooling. Unlike image data which consists of x and y 

coordinates, MFCC features has 13 independent 

dimensions, and thus, each dimension can be pooled 

independently. 

In the experiment, we pooled every MFCC features 

extracted from the speech to certain target input size. 

With 13 MFCC features and the energy, totally 14 

features were average-pooled for four frames, which 

makes the input dimension to be 56. Comparing to the 

original MFCC data, the size of the input data was 

reduced into 2.837% to 0.446%, depends on the size of 

original data. As input data, five emotions including 

anger, neutral, sadness, boredom, and disgust from 

EMO-DB were used.  

 

Table 1. Accuracy based on the number of emotions with 

EMO-DB.  

number of emotions Accuracy 

2 100.00% 

3 92.68% 

4 81.31% 

5 75.21% 

 

Although the accuracy significantly drops as the 

number of emotions increases, we achieved the accuracy 

sufficient for commercialization in two class emotion 

recognition. Considering the number of input dimension 

decreased, we evaluated the proposed approach 

successfully. 

For the further research, we plan to enhance the 

accuracy by adding other features such as LPCC and 

splitting the recognition into two stages.  
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There has been researched on acoustic modeling of an 
automatic speech recognition (ASR) system for non-
native speech by using a limited resources of non-native 
speech data. According to the various researches on data 
augmentation, this paper aims on the acoustic modeling 
of a non-native ASR by using the augmented non-native 
speech data. To this end, we present a Korean ASR 
system employing bidirectional long short-term memory 
(BiLSTM) based acoustic model (AM) for non-native 
speakers. And, the training speech data is augmented by 
using two techniques [1][2] due to the small amount of 
non-native speech data. 
For the speech data augmentation, two additional speed 
perturbed data is first generated with the speed factors 
of 0.9 and 1.1 using a SoX tool [3]. For each of the 
original data and its two additional data, the frequency 
and time masked data is generated by using a modified 
version of [2]. As a feature of the BiLSTM-based AM, 
each speech data of a training set is first converted into 
the 40-dimensional log mel filterbanks for each 10-ms 
frame. The features are then combined with the past 7 
frames and the future 7 frames, which results the 600-
dimensional speech feature for each 10-ms frame. 
Moreover, the BiLSTM-based AM contains one input 
layer, five BiLSTM layers, a fully connected layer, and 
a soft-max layer and the AM is trained by using a Kaldi 
toolkit [4]. For a language model of the Korean ASR 
system, a back-off trigram is trained with text data 
including newspapers, web-crawled texts by using a 
SRILM toolkit [5][6]. 
For the first ASR experiments, we use the 529-hour 
non-native speech data as a training data and we train a  
BiLSTM-based AM using the speech data and its 
augmented speech data. As a comparison, we also train 
a BiLSTM-based AM using only the original speech 
data. As shown in Table 1, the BiLSTM-based AM with 
the augmented data achieves the error rate reduction 
(ERR) by 4.17%. 
 
Table 1. Syllable error rates (%) of the Korean ASR systems 
employing (a) a BLSTM-based non-native AM with an 
original speech data and (b) a BLSTM-based non-native AM 
with the original data and its augmented data, for a test set 
spoken by non-native speakers. 

Use of augmented data Syllable error rate (%) 
X 13.66 
O 13.09 

For the second ASR experiments, we use the 529-hour 
non-native speech data and the 3,439-hour native speech 
data as a training data and we train the BiLSTM-based 
AM using the speech data and its augmented speech 
data. It is noted that we only take the randomly selected 
1,000-hour augmented speech data for native speech 
data and non-native speech data, respectively, due to the 
limited computational resources. As a comparison, we 
also train a BiLSTM-based AM using only the original 
speech data. As shown in Table 2, the BiLSTM-based 
AM with the augmented data achieves the error rate 
reduction (ERR) by 9.91%. 
 
Table 2. Syllable error rates (%) of the Korean ASR systems 
employing (a) a BLSTM-based native and non-native AM 
with an original speech data and (b) a BLSTM-based native 
and non-native AM with the original data and its augmented 
data, for a test set spoken by non-native speakers. 
 

Use of augmented data Syllable error rate (%) 
X 13.93 
O 12.55 
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Recent advance of deep learning technology enables 

automatic speech recognition (ASR) system to be 

widely used in many real-world applications. 

Transcribing speeches in meetings and conversations 

over telephones are being adopted by many companies. 

The ASR systems yield high accuracy in averages but it 

is still difficult to exactly recognize rare words like 

proper nouns. To reduce such errors, we present a 

method to amend output of ASR system using words or 

phrases given by users. A user provides a list of words 

or phrases which are dependent on the topics of 

meetings and conversations, to the system beforehand, 

which are then utilized to increase the system accuracy.  

To cope with the problem, dynamic grammar is widely 

used for finite state transducer (FST) based ASR system 

[1]. Google ASR cloud API also provides similar 

functionality as speech adaptation [2]. While 

conventional methods require more resources in 

computing time and memory, in this paper we proposed 

simple and fast post-processing method to applying 

user-phrases to increase ASR accuracy. The overall 

procedure of proposed method is shown in Table.1.  

 

Table.1. Procedure to amend ASR result using phrases 

provided by a user. 

Given P phrases, and the ASR result R of N words 

For each of phrases, pk; do 

For i = 1:N; do 

For j = i+1:N+1; do 

Calculate distance Dk
ij between pk and Ri:j 

where Ri:j is substring of R from i-th words 

to (j-1)-th word  

Find set of substrings Rk
i:j whose distance to pk, 

Dk
ij is less than predefined threshold. If there are 

overlapping substrings, leave only one with the 

minimum distance. 

Substitute Rk
i:j with pk,  

 

In the procedure in Table.1, the distance between a 

phrase and the part of ASR result is required. There are 

many types of distance between two strings including 

edit distance. In this paper phonetic distance is used to 

accommodate dissimilarity of pronunciations of two 

strings. The phonetic distance between two strings are 

computed as following; at first each of strings are 

converted into phone sequences with g2p (grapheme to 

phoneme) tool. And then the sequences of different 

lengths are compared using dynamic time warping 

(DTW) method. For DTW, the confusion matrix and 

transition matrix are computed beforehand using the 

training corpus and ASR systems. In DTW stage, the 

two matrices are used as distance and transition cost to 

match two distinct sequences. In this way, substrings of 

similar pronunciation can be identified efficiently.  

To verify the performance of proposed methods, Korean 

ASR task is conducted. As for the Korean ASR system, 

Google Korean ASR API is used with and without 

speech adaptation. As for the test set, speeches from 

Korean broadcast is recorded and transcribed. The test 

set are divided in two groups SetA and SetB. User 

phrases are extracted from the reference text of test 

SetA and irrelevant with SetB. SetA consists of 5 

sentences of 416 seconds in total and SetB consists of 6 

sentences of 263 seconds in total. Table.2. shows the 

ASR word error rates of Google baseline ASR system, 

of Google baseline ASR system with speech context of 

user phrases and of proposed method with the same user 

phrases. The output of baseline ASR is fed into 

proposed method to get amended results. 

 

Table.2. Word error rate of Google ASR system without 

and with speech context and of proposed method. 

(Syllable Error Rate (%)) 

Test set 
Google 

Baseline 

Baseline with 

user phrases 

Proposed 

method 

SetA 9.32 6.21 6.02 

SetB 12.30 12.30 12.38 

 
As shown in Table.2. the proposed method reduced 
error rate by 35.4% relatively, which is slightly better 
than Google speech context even with very simple and 
fast post-processing. The proposed method is also 
proved to be robust to irrelevant user phrases and 
prevents hurting ASR system. 
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ABSTRACT 

 

Recent works on utilizing phonetic posteriograms for 

non-parallel voice conversion have a structural limitation 
that it needs two cascading networks at conversion stage. 

To address this limitation, we propose a new non-parallel 

voice conversion technique that employs a single neural 

network for direct source-to-target voice conversion 

which can be trained on non-parallel corpus. We name it 

‘fast voice conversion’. We demonstrate that this 

approach reduces the number of network parameters and 

conversion time by 77.5 % and 64.4 %, respectively. 

 

1. Introduction 

 

The goal of voice conversion (VC) is to modify the para-
/non-linguistic features of speech while retaining 

linguistic information to convert the voice of source 

speaker to that of target speaker. There are two kinds of 

VC approaches depending on the match of the source and 

target training corpora contents. One approach is the 

parallel method. The other approach is non-parallel VC. 

In this paper, we focus accelerating the speed of non-

parallel VC that utilizes phonetic posteriogram as bridge 

between source and target speaker features [2].  

 

2. Baseline non-parallel voice conversion 

 

The baseline VC method is illustrated in Figure 1. The 

baseline approach trains two networks in the training 

stages and run both of them in the conversion stage. In 

the training stage 1, the speaker-independent phone 

recognizer is trained on a multi-speaker corpus. In the 

second training stage, the nonlinear mapping function 

between PPGs and target speaker linear and mel 

spectrum is learned. In the conversion stage, which takes 

place on end-user devices, the source speaker utterance 

is transformed into PPGs by the phone recognizer 

aforementioned in the training stage 1. After that, the 
PPGs are transformed to linear and mel spectrum by 

network 2. Therefore, two networks have been deployed 

on consumer devices, which makes it less efficient to 

convert in real-time. This problem can be alleviated by 

the proposed fast VC approach that employs only a single 

network at runtime. 

 

3. Proposed method 

As described in Fig.2, training stage 3 has been added. In 

training stage 3, we introduce a new network for source- 

  

 
Fig. 1. Architecture of baseline non-parallel voice conversion. 

 

 

 
Fig. 2. Architecture of the proposed non-parallel voice 

conversion 
 

to-target direct mapping. This new network is referred to 

as network 3 for the rest of this paper. Conversion stage  
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is the only stage that takes place in the user environment. 

Therefore, only this third network needs to be deployed 

on the user device. This reduces memory requirement 

and conversion time by meaningful amount. Fig. 3 is the 

detailed structure of network 1, 2 and 3. 

 

 
Fig. 3. Detailed implementation of each network. 

 
4. Experiments and results 

 

Network 1 was trained on the TIMIT corpus. 61 

dimension one-hot vectors are used to represent the 

phones from TIMIT corpus and thus, PPGs were of 61 

dimensions as well. The VCTK was used for training 

network 2 and 3. For the feature extraction, 16000 Hz 

sampling rate, 25 ms window size, 5 ms hopping size, 

512 FFT size, 80 mel bins and 80 dimension MFCCs are 

used. For the training, batch size of 32, 4, 8 are used for 

network 1, 2 and 3, respectively. Griffin-Lim was used 
for vocoder. The implementation is available online [2] 

Fig. 4. MCD for baseline and proposed methods. 

Table 1. MOS for baseline and proposed methods 

Methods M-F F-F F-M M-M Average 

Baseline 3.35 2.95 2.95 2.60 2.96 

Proposed 2.95 2.60 2.65 3.10 2.83 

Table 2. Speaker similarity for baseline and 

proposed methods  

Methods M-F F-F F-M M-M Average 

Baseline 2.85 3.00 2.60 2.75 2.80 

Proposed 2.65 2.80 3.05 2.90 2.85 

Table 3. Conversion time and number of network 

parameters for baseline and proposed methods. 

Models 

Conversion 

time per 5-

second 

utterance 

(seconds) 

# of network 

parameters 

Network 1 0.12 5,066,301 

Network 2 0.47 39,820,625 

Network 3 0.21 10,089,809 

Baseline 

(Network 1 

+ Network 2) 

0.59 44,886,926 

Proposed 
(Network 3) 

0.21 10,089,809 

Relative 

reduction (%) 
64.41 77.52 

 

Fig. 4 is the MCD result of each gender-pairs on both 

baseline and proposed methods. Table 1 and Table 2 are 

MOS and speaker similarity results conducted by 10 

native English speakers by Amazon mechanical turk. 

Objective tests and subjective tests show consistently 

show that there are no noticeable degradation according 

to the parameter reduction obtained by proposed method. 

Table 3 shows the reduction rate of number of parameters 

and conversion time consumed for generating 5 second 
speech. There are 64.41 % relative reduction on the 

conversion time and 77. 52 % reduction on number of 

parameters. The large reduction rate may be due to the 

overparameterization on the network 2. For future work, 

various network size needs to be experimented to find out 

the exact reduction rate. 
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퀄컴 리서치 코리아에서 

개발한 기술, 세계가 쓴다 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

현재 퀄컴 리서치는 미국 내에서 샌디에이고 본사를 비롯해 실리콘밸리와 버클리 등 5곳에, 

세계적으로는 한국을 포함해 암스테르담, 중국, 인도 등 총 9곳에 설립되어 있습니다. 퀄컴 리서치 

코리아는 본사 리서치 센터를 비롯해 각국 리서치 조직과 긴밀하게 연계된 유기적인 조직으로 본사 

연구기술력을 한국 정부 및 학계,업계 전반에 걸친 여러 기관과 연계하는 중요한 가교 역할을 해 오고 

있습니다.현재 30여명의 우수한 박사급 상근 연구원들이 소속되어 있으며, 보이스UI, 딥러닝 및 

자율주행등을     중점적으로  연구하고 있습니다. 

채용분야 
o Deep-learning research scientist for learning theory, knowledge 

transfer, and generative models 

o Machine Learning Researcher – Audio and Speech 

o Machine Learning Software Engineer – Embedded Machine Learning 

Framework 

o Machine Learning Research Engineer (Intern) 

o Machine Learning SIT (System Integration & Testing) Engineer, 

Contractor 

채용절차 Coding test – Phone interview – Onsite interview 

지원방법  Jobs.qualcomm.com로 직접지원 

recruit_korea@qualcomm.com로 이메일 지원 

QUALCOMM Korea YH 

서울특별시 강남구 학동로 343, 더 피나클 강남 17층, 06060 
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The Korean Society of Speech Sciences 
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