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The 12th International Seminar on Speech Production

The 12th iteration of the International Seminar on Speech Production (ISSP2020) took place 

during a difficult year in which disruptions of the global COVID-19 pandemic made traditional 

scientific meetings impossible.  We are grateful that with the support of our Scientific Committee 

(Shari Baum, Jianwu Dang, Susanne Fuchs, Anne Hermes, Lucie Ménard, Pascal Perrier, Marija 

Tabain, and Martijn Wieling) and the speech community at large we were able to transition ISSP to a 

virtual meeting, and achieve, in the end, a highly successful conference.

Initially scheduled as a summer meeting in Providence, Rhode Island, it eventually became 

clear as the year progressed that the in-person exchange of ideas we’d been three years in planning 

could not take place.  Following an initial postponement and then a reluctant but inevitable shift to an 

online format we were especially grateful that participants were willing to adapt to the six-month 

delay in the conference dates.  Taking advantage of this delay, we reopened our Call for Papers, and 

discovered a silver lining in the transition to a virtual meeting in the form of greatly increased 

participation:  a record 330 high quality abstracts were ultimately accepted for ISSP2020.  Many 

thanks are due to our volunteer reviewers who ensured each submitted abstract received at least two 

reviews.

But shifting to an online forum offered daunting challenges for which we had no experience.  

Fortunately, we were able to draw on guidance from others who had faced the same necessary 

transition.  In particular we thank Molly Babel and Kathleen Curry Hall for their suggestions 

following LabPhon 17, and Stephen Lulich, organizer of Ultrafest 9.  From these discussions it 

became clear that schedule coordination across multiple time zones (and ISSP2020 received 

submissions ranging from East Asia to Eastern Europe) had much in common with squaring the circle.  

Accordingly, we attempted to make all presentations stand on their own as much as possible.  Apart 

from invited talks (which were recorded and posted to the website) all presentations were in poster 

format, supported by one minute “blitz” introductory videos and five minute poster “tour” videos, 

along with a dedicated chat channel for posing questions, so that those unable to participate in the live 

sessions could still engage with authors.  Although this imposed considerably more work than 

participants initially expected, we were delighted that the community rose to the challenge and 

provided the requested materials, which contributed enormously to the success of the meeting.  

Ultimately though what made the conference work was the Gather.Town platform used to 

host the posters.  Although the blocky avatars it provided for navigating the virtual conference space 

recalled the quaint feel of 8-bit retro video games, these proved fun and effective for moving (and 

occasionally dancing) through live sessions, joining ongoing presentations, and interacting with 

friends and colleagues.  The session rooms, together with meeting areas, sponsor booths and even a 
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‘party’ room were designed and populated by our architect and CUNY graduate student Jeehyun 

Yoon.  Coming to the assignment with no previous experience, Jeehyun managed to create 

exceptionally functional spaces where posters could be close to each other yet acoustically isolated.  

She was also part of a hard-working Help Desk team that included as well Jaekoo Kang, Ghada 

Shejaeya, Wil Wortley, Boram Kim, and Grace Kim-Lambert, who were on call to answer the many 

questions arising from this novel format.

Interspersed with the live poster sessions, we were fortunate to enjoy presentations on a wide 

range of topics provided by our keynote speakers:  Brad Sutton, Kristofer Bouchard, Cécile Fougeron, 

Lisa Goffman, Suzanne Boyce, Jon Sakata, Carol Espy-Wilson, and Jennifer Pardo.  Hosted through a 

Zoom Webinar platform, these talks and the lively discussion they provoked were highlights of the 

meeting and we are most grateful for their contribution.  In addition to their generous monetary 

support of the conference, we owe particular thanks to sponsors Carstens Medizinelektronik and NIRx 

who also provided useful tutorial talks on electromagnetic articulography (EMA) and functional near 

infrared spectroscopy (fNIRS) methods.  We also thank Anne Hermes for arranging our evening of 

entertainment, a highly enjoyable performance by the talented duo of Frank Hermes and Oliver von 

Thiel.

The participation of students has always been a mainstay of this conference series.  A grant 

from the National Science Foundation (BCS-1937973) was intended to fund travel and participation 

costs for 10 U.S. graduate students.  Competitively selected based on reviews of their submitted 

abstracts and personal statements, the finalists for this award were Matti Groll, Sarah Harper, Vivian 

Guo Li, Hilary Miller, Hannah Rowe, Nadee Seneviratne, Caroline Spencer, Karen Tsai, Hantao 

Wang, and Yamei Wang.  Their awards have been converted to funding a visit to Haskins in August 

2021 for a two-day seminar and hands-on experience in methods for speech data acquisition.  In 

addition, thanks to Martijn Wieling and the anonymous panel he drafted on short notice to judge 

student presentations, we were pleased to offer recognition of the best papers presented by students 

during the meeting, a difficult decision given their overall high level.  First Place ($500) was awarded 

to Miriam Oschkinat, and Second Place ($100 each) was shared by Dzhuma Abakarova, Milica Janić, 

Miran Oh, Hannah Rowe, and Elina Rubertus.  Congratulations to all!

Behind the scenes, the website, Gather.Town and Zoom infrastructure was greatly facilitated 

with the help and technical assistance of Kraig Eisenman and Lisa Coady.  We thank Haskins CFO 

Joseph Cardone for coordinating registration payments and conference finances.  Wei-rong Chen and 

Jaekoo Kang provided much-appreciated help in wrangling the more than 1,000 individual files 

supporting the presentations into their respective slots.  And although we were ultimately unable to 

take advantage of it, Tammy Ursini performed much of the research support for the initial Providence 

venue.

–�LL –

https://www.articulograph.de/
https://nirx.net/


At a difficult time, the speech production community came together online to make the 12th 

ISSP the success that it was.  We appreciate the substantial effort by a terrific group of researchers 

throughout the world, and we look forward to meeting in person again at the next iteration of the 

ISSP.

Mark Tiede
D. H. Whalen
Vincent Gracco

Chairs  
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The organizers thank these generous sponsors of the 12th International Seminar on Speech 

Production:

Carstens Medizinelektronik 

NIRx
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Abstract 
We introduce a phonetic variant of the procedural coordination 
task. In this task, pairs of participants are presented with the 
recurrent coordination problem of jointly producing sequences 
of congruent and complementary vocalizations. Our results, on 
the basis of analyzing over 75 pairs, show that after only 15 
minutes of interaction, task-specific phonetic convergence can 
be observed. In contrast to, for example, the shadowing task, 
our task not only offers a high level of control over the stimuli, 
but also a high level of meaningful interaction. This paper 
serves as a detailed description of the paradigm, not only 
focusing on the phonetic convergence aspect, but also 
illustrating several communicative strategies which emerged 
when pairs participated in the task.  

Keywords: phonetic convergence, formants, procedural 
coordination task 

1. Introduction
Many studies have shown that when two people converse with 
each other, they progressively adapt their linguistic resources to 
those of their partner (Pickering & Garrod, 2013). One form of 
adaptation is phonetic convergence, which is highly 
context-sensitive, variable and driven by the interactional goals 
of the participants (see e.g., Pardo et al., 2017). There are 
several approaches to investigate phonetic convergence. One 
approach is to use speech shadowing tasks (Pardo et al., 2017) 
in which a participant provides the pronunciation of the same 
utterance before and after shadowing (i.e., repeating the 
utterances of) a model speaker. When the participant’s 
pronunciation after the shadowing task is closer to that of the 
model speaker than before, phonetic convergence has taken 
place. Another approach is investigating phonetic convergence 
in conversational interaction (Pardo, 2007). Here approaches 
such as using a spot-the-differences task, or a maze game can 
be used to guide the conversation. Nevertheless, a much lower 
degree of control is possible in these conversational settings 
than in approaches such as using a speech shadowing task.  

Consequently, experimental approaches to phonetic 
convergence are faced with a methodological trade-off between 
experimental control and validity. On the one hand, tasks which 
use shadowing allow high levels of control but block many 

1 See https://youtu.be/99PC3a3Pscg for an overview of the data 
collection procedure and the game. 

interactive mechanisms that underpin convergence. On the 
other hand, more spontaneous tasks allow high levels of 
interaction, but remove the tight control over stimuli afforded 
by shadowing. To side-step this trade-off, we present data from 
a phonetic variant of the procedural coordination task (Mills, 
2011) which presents pairs of participants with a task in which 
they need to jointly produce collaborative sequences of simple 
vocalizations. 

2. Paradigm
The setup1 consists of a two-player music game in which in 
each round one player has the role of director, and the other the 
role of follower. The director sees the melody which needs to 
be played from bottom to top (see Figure 1, left; each line 
represents one distinct note, the color indicates the supposed 
player: self = red, other = blue), whereas the follower only sees 
three empty lines (see Figure 1, right). 

Figure 1: Game layout for both participants (left: 
director view; right: follower view). 

The notes are played through pronouncing different consonant-
vowel (CV) sequences. The leftmost note is played by 
pronouncing /ki/, the middle by pronouncing /ka/, and the right-
most by pronouncing /ku/. Each player can only play two of 
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these CV sequences (/ka/ and /ki/, or /ka/ and /ku/). For the 
example melody shown, the required pronunciation sequence is 
/ka/ (director), /ki/ (director), /ku/ (follower) and /ka/ (follower). 
If a mistake is made in this sequence (i.e., a speaker pronounces 
a wrong sound, or the wrong speaker pronounces a correct 
sound), the sequence has to be played anew from the start. 
Correctly played notes can be visually identified by the director 
(but not the follower) as these will be filled (in red or blue).   

Participants are not able to see each other, as they are 
separated by a large computer monitor (and/or a wall), but can 
hear each other and are instructed to only communicate with 
each other via their two assigned CV sequences. (The 
experimenter fails the present trial if the participants use other 
sounds or words.) Note that it is very unlikely that a melody is 
played correctly by chance. This means that each dyad has to 
develop a communication system if they want to succeed in the 
task. Figure 2 shows a photo of the experimental setup.  

After an initial calibration phase in which a real-time vowel 
recognizer (implemented in Matlab) is trained to recognize the 
individual sounds for both speakers, the speakers first finish a 
few director-only melodies to become familiar with the game. 
Subsequently, the 15-minute experiment starts. Initially only 
simple random melodies are shown (for example, pronouncing 
a single note), but these increase in complexity when 
participants successfully complete the melody within the time 
limit (90 seconds). A higher level of complexity is realized 
through increasing the length of the melody (up to 5 notes), but 
also through requiring two notes (one by the director and one 
by the follower) to be played simultaneously. Two types of 
simultaneous notes were possible, visualized in Figure 3. The 
simple form (Figure 3, left) simply requires the two notes to 
overlap at any time, without any restriction regarding exactly 
when or how long they need to overlap. The difficult form 

(Figure 3, right) requires one note to be shorter than the other.  
Specifically, the shorter note has to start after the longer note is 
initiated, but it has to end before the longer note ends. 

To illustrate that our paradigm is more than a simple 
repetition task and results in real language emergence and 
communication, we will discuss several communicative 
strategies which emerged when dyads played the music game. 
Let’s consider an example in which the director was assigned 
the sounds /ki/ and /ka/, and the follower the sounds /ka/ and 
/ku/. Sometimes, dyads converged on a system where the 
director would say the shared CV sequence /ka/ to signal that 
the follower also had to say /ka/. Similarly, when the director 
would say /ki/, this would signal that the follower needed to 
pronounce the unshared CV sequence /ku/.. Using this strategy 
for the melody shown in Figure 1 (i.e., /ka/, /ki/, /ku/, /ka/, with 
follower-produced sounds in italics), the director could 
potentially start with saying /ka/, /ki/, /ki/, /ka/, and then after a 
short pause say /ka/, /ki/ and then wait (and hope) for the 
follower to say /ku/, /ka/ (i.e., matching with the last /ki/ and 
/ka/ pronounced by the director in the first utterance). While this 
strategy works reasonably well for simple melodies such as the 
one shown in Figure 1, it tends to not function well in situations 
where there are more switches between director and follower 
during a single melody. The reason for this is that the follower 
does not know which part of the instruction provided by the 
director is for them to play, and which needs to be played by the 
director. 

 
 

Figure 2: Experimental setup of the music game.  
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Figure 3: Simultaneous note configurations. Left: 
after the director has pronounced /ku/, the director 
and follower have to both pronounce /ka/, so that 

there is at least some overlap between the two 
pronunciations. Right: after the director has 

pronounced /ki/, the follower has to say /ku/, but 
before the follower ends the /ku/ pronunciation, the 

director has to have said /ki/. 

Another example of a more effective strategy several dyads 
converged on was a communicative system in which the 
director distinguished director-played notes from those played 
by the follower. For example, using this strategy for the melody 
shown in Figure 1, the director would instruct the follower by 
saying (for example) /ka/, /ki/, /kaka/, /kiki/. The duplication of 
the notes, which were also sometimes pronounced faster, then 
indicated that these were notes which needed to be played by 
the follower (/kaka/ signaled /ka/, and /kiki/ signaled /ku/). The 
higher difficulty levels, where simultaneous notes were 
introduced, were usually only reached by dyads who employed 
a system such as the aforementioned one. Successfully playing 
such complex melodies (such as those shown in Figure 3) 
usually involved the director elongating the note, so that some 
overlap was achieved. For example, the director (who was 
assigned the sounds /ka/ and /ku/) might instruct the leftmost 
sequence of Figure 3 by saying /ku/, /kaka/, then after a pause 
saying /ku/, waiting until the follower said /ka/ and then also 
quickly saying /ka/ (as a minimal amount of overlap is 
sufficient). The director might instruct the rightmost sequence 
by first saying /ki/, /ki:ki:/, then after a pause say /ki/ and wait 
until the follower pronounces an elongated /ku/, during which 
the director quickly says /ki/ (which then hopefully ended befor 
the pronunciation of the elongated /ku/).  

 

3. Data collection 
Data was collected at Lowlands Science 2019, a public 
engagement science event hosted at the three-day Dutch music 
festival Lowlands, with over 50,000 visitors every year. After 
answering initial assessment questions (including information 
regarding musical ability and substance use; we also measured 
blood alcohol concentration using a professional breathalyzer), 
77 pairs of (mostly Dutch) speakers played the music game. The 
pairs generally consisted of friends, partners or family (67 
pairs). After the experiment, participants answered a few 
questions about how they thought the experiment went, how 
much they liked the person they played the game with, and what 
their relation was. Right before and directly after the 

experiment, participants produced a single sentence which 
included three words for each of the vowels /a/, /i/ and /u/. For 
one participant the sentence (with relevant vowels marked in 
boldface) was a question in Dutch: “Hoe vaak riep jij KIE, 
KAA of KOE tijdens dit mooie, maar niet beroerde 
Lowlands?” (i.e., “How often did you call out /ki/, /ka/ or /ku/ 
during this beautiful, but not bad Lowlands?”), whereas for the 
other participant the sentence consisted of a statement to 
prevent a shadowing effect: “Ik riep heel vaak KIE, KAA of 
KOE tijdens dit niet beroerde, maar beroemde Lowlands.” (i.e., 
“I called out /ki/, /ka/, or /ku/ very often during this not bad, but 
famous Lowlands.”). In addition, during the training phase at 
the start of the game, as well as at the end of the game, both 
participants pronounced the sequence of five sounds /ka/, /ka/, 
/ki/, /ki/, /ka/ (the player who was assigned /ka/ and /ki) or /ka/, 
/ka/, /ku/, /ku/, /ka/ (the player who was assigned /ka/ and /ku/). 
To assess phonetic convergence, we analyzed both the sentence 
pronounced right before and directly after the experiment, and 
the sequence of five sounds. Specifically, in this study we only 
analyzed the tokens with the shared vowel /a/. All 
pronunciations were recorded with headworn microphones 
(Shure WH20). While the environmental noise was relatively 
loud (due to concerts playing in the vicinity of the Lowlands 
Science area), the headworn microphones worked very well in 
filtering out the background noise.  
 Note that we collected data in two places at the same time 
to maximize the amount of data we were able to collect in the 
three consecutive days (a total of 24 hours). In one of the two 
places, we collected both acoustic and ultrasound tongue 
imaging (UTI) data, whereas in the other place (shown in Figure 
2), we only collected acoustic data. Especially for the UTI- 
experiment the setup was relatively elaborate, as one laptop 
computer was used to run the experiment, and two additional 
laptops were used to collect the UTI data. For the simpler 
acoustic-only experiment, we also used two laptops, but one 
was used as a backup system for the collected acoustic 
recordings.  

4. Results 
To assess phonetic convergence in the pre- and post-game 
sentences and sequences, we calculated F1-F2 (Mel-scaled) 
based Euclidean distances between the two speakers in a pair 
for the shared vowel /a/, both at the beginning and at the end of 
the experiment. Using mixed-effects regression analysis with 
the optimal random-effects structure, we observed no 
significant phonetic convergence for the sentences (β = -1.2, t = 
-0.2, p = .81). However, phonetic convergence was clearly 
present for the /a/-vowels in the sequence (β = -12.6, t = -2.5, p 
= .01; see the bean plot in Figure 4 on the basis of all 77 pairs). 
The effect appeared to be robust, as it remained significant even 
after excluding 41 pairs where at least one of the speakers had 
used alcohol or drugs.  

To assess whether personal characteristics were affecting 
the level of convergence, we calculated an individual (rather 
than a pair-based) measure of convergence for each speaker (S) 
compared to their interlocutor (I). Our measure was obtained by 
comparing the pronunciation of the speaker to the interlocutor’s 
pronunciation at the beginning of the experiment, both for the 
speaker’s pronunciation at the beginning of the experiment and 
for the speaker’s pronunciation at the end of the experiment 
(based on the F1-F2 (mel-scaled) Euclidean distances) as shown 
in Equation (1). 
 
 Sconv = δ(Sstart, Istart) – δ(Send, Istart) (1) 
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Figure 4: Bean plot visualizing the task-specific 
phonetic convergence effect. 

 
Using mixed-effects regression analysis with the optimal 
random-effects structure, no predictors were found to be 
significant. For both the sentences and the sequence, the (non-
significant) predictor which appeared to be most predictive, 
when focusing on the speakers who had not consumed any 
alcohol and reported no drug use, was gender. Men tended to 
show more convergence towards the initial pronunciation of 
their interlocuter than women (β = 12.6 t = 1.7, p = .10 for the 
sequence – see Figure 5, and β = 10.9 t = 1.7, p = .10 for the 
sentence). 
 

 
Figure 5: Bean plot visualizing the (non-significant, 
p = .10) gender effect on convergence towards the 

initial pronunciation of the interlocuter. 

5. Discussion and conclusion 
In this study we have illustrated a new experimental paradigm 
which is both highly controlled, resulting in many repetitions of 
simple sounds, but also results in the emergence of a simple 
language and concomitant communicative strategies. Our 
paradigm was shown to result in task-specific phonetic 
convergence (i.e., the task-specific sequences converged, but 
not the normal sentences) after only 15 minutes of interaction. 
No more general convergence was shown, but this may have 
been caused by the large majority of the speakers already 
knowing each other well, but also the difference in type of 
sentences (i.e. question vs. declarative) the two speakers had to 
pronounce. We did not find significant personal characteristics 
that affected convergence. Out of the non-significant predictors, 
the strongest effect was found for gender, with men showing 
stronger convergence towards their interlocutor (at least, the 
initial pronunciation of their interlocutor) than women. While 
we have no direct explanation for this (also non-significant) 
pattern, gender-specific phonetic convergence effects have 
often been observed (e.g., Pardo et al., 2018). We have only 
analyzed the acoustic characteristics of the /ka/ vowel 
pronounced at the beginning and at the end of the game. In 
future work, we aim to investigate whether phonetic 
convergence can also be observed during the course of the task 
itself.   
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Abstract 
This short paper provides an overview of a study on 

experimental approaches in electromagnetic articulography 
(EMA) by Rebernik et al. (forthcoming, 2021). It consists of 
three parts: in the first part, we provide an overview of existing 
data collection practices, with a focus on sensor placement. This 
overview is based on a literature review of 905 publications 
from a large variety of journals and conferences, identified 
through a systematic keyword search in Google Scholar. In the 
second part of this paper, we briefly describe the steps of an 
EMA data collection procedure, including our method of 
placing EMA sensors. Finally, in the third part of this paper, we 
evaluate three approaches for preparing (NDI WAVE) EMA 
sensors reported in the literature by testing how long the sensors 
remain attached to the tongue. Specifically, we test: 1) 
out-of-the-box sensors, 2) sensors coated in latex, and 3) 
sensors coated in latex with an additional latex flap. Results 
indicate no clear general effect of sensor preparation type on 
adhesion duration. 

 
Keywords: speech kinematics, EMA, articulation, 

electromagnetic articulography, NDI WAVE 

1. Introduction 
Electromagnetic articulography (EMA) is a point-tracking 
method for the study of speech kinematics, whereby sensors 
placed on the articulators (e.g., tongue, lips and jaw) track the 
articulators’ 3D movement in real time (Schönle et al., 1987; 
Mennen et al., 2010; Hoole & Nguyen, 1999). The advantages 
of EMA include high spatial accuracy and temporal resolution, 
and the ability to measure multiple articulators at once and 
directly. Furthermore, it is safe to use and minimally invasive. 
The sensors are well-tolerated by the participants, while 
changes in speech acoustics are minor (e.g., Dromey et al., 
2018). 

Some disadvantages of EMA include the fact that sensor 
placement is limited to the anterior vocal tract and it is not 
possible to examine the full shape of the tongue (as EMA is a 
point-tracking method). There are significant limitations to how 
many sensors can be placed and where they can be placed (e.g., 
it is more difficult to place sensors more posteriorly on the 
tongue and not too many sensors can be placed next to each 
other). Consequently, the success of EMA greatly depends on 
accurate and durable sensor placement.  

The goal of this study was threefold. First, we reviewed 
how researchers have previously described EMA data collection 
procedures, with a focus on sensor placement. Second, we 
described our own data collection procedure. Third, we carried 
out an experiment to compare three approaches for attaching 
sensors to the tongue. 

2. Literature review 

2.1. Search criteria 

We used Google scholar to collect journal papers and 
conference proceedings papers by using the search terms 
articulography, articulograph, articulometry, and 
articulometer. We excluded papers that were less than four 
pages long, papers that did not describe studies with 
participants, and papers that were not written in English. These 
search criteria, limited to the time period between 1987-2019, 
led to 905 identified publications, which included 412 journal 
papers, 413 conference papers, and 80 other writings (most 
frequently doctoral dissertations). We identified the following 
parameters in these publications: type of EMA device in use, 
number of participants, population (healthy versus 
pathological), total number of sensors, number of tongue 
sensors, placement and preparation of sensors, and adhesive 
used for sensor placement. Not all publications included all 
parameters. Our analysis of this literature review focused on 
journal publications only, to avoid duplication of studies. 

2.2. Findings 

2.2.1. Participants 

Around 75% of studies tested 10 participants or fewer, and 
nearly 50% of the studies included five participants or fewer. 
This is also in line with Kochetov (2020) who reported that the 
median number of participants in an EMA study is five. 
Furthermore, the participants are predominantly healthy adults 
(80% of the studies), although some studies have tested children 
(e.g., Schötz et al., 2013) and individuals with various speech 
disorders, such as stuttering (e.g., Didirková & Hirsch, 2019) or 
hypokinetic dysarthria (e.g., Kearney et al., 2018). 

Due to the time-consuming nature of the method, a 
limited number of participants is to be expected, which is why 
articulatory-driven sensor placement across participants is 
essential.  

2.2.2. General sensor placement 

The most common sensor setup includes three or four reference 
sensors (on the nasion, upper incisor, and mastoid processes) 
and six movement sensors (i.e., upper and lower lip, jaw, and 
three sensors on the tongue). There is some variability in the 
placement of reference sensors, as some researchers place them 
directly on the bony structures (which do not move during 
speech) while others use, for example, a pair of goggles to 
which reference sensors are already attached before the arrival 
of the participant. 
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Lip movement sensors are placed on the vermillion 
border of the upper and lower lips. Relatively few researchers 
place sensors on the lip corners. The jaw movement sensor is 
most frequently placed on the gingiva above the lower incisor, 
but some researchers also place it on the chin. 

2.2.3. Tongue sensors placement 

The most frequent procedure is to place three sensors on the 
tongue (49% of studies), ranging from the tongue apex to the 
root along the median sulcus. The exact placement strategies 
differ, however. Some researchers choose to place sensors 
equidistantly, for example with 1 or 2 cm between the sensors. 
Others prefer placing the tongue tip sensor 1 cm behind the 
tongue apex, the tongue back sensor “as far back as 
comfortable”, and the remaining sensor midway between the 
two. 

However, it is often unclear how the placement for the 
tongue tip sensor is measured exactly (e.g., with a ruler versus 
“eyeballing”, with the tongue stretched out or inside the mouth) 
nor is it specified how the degree of participant’s comfort is 
assessed for the placement of the tongue back sensor. 

Our literature review demonstrates that experimental 
designs greatly vary across empirical studies. This discrepancy 
is likely to impact how speech sounds are examined and hence 
limits researchers’ ability to compare results across studies. 

3. Data collection procedure 
The following section briefly describes the steps involved in our 
EMA data collection procedure. 

3.1. Sensor preparation 

We prepare three types of sensors before the experiment. First, 
we prepare sensors by dipping them into mask-making latex. 
These “latexed” sensors are to be placed on the nasion, both 
mastoids, lips, and tongue (except the most posterior tongue 
sensor). Second, we prepare a latex flap sensor by placing the 
sensor head on a flat surface, after which we apply latex to it 
using a paintbrush. This sensor is to be placed most posteriorly 
on the tongue. Third, we prepare sensors with a Stomahesive 
wafer (Figure 1), which are to be placed on the gingiva above 
and below the upper and lower incisors. Stomahesive adheres 
very well to the gingival tissue, which makes it highly suitable 
for reference and jaw movement sensors. Before use, we check 
all sensors for any defects and we disinfect them using 
SporeClear (Hu-Friedy, LLC). 

 

 
Figure 1: Example of an incisor sensor prepared with 

Stomahesive wafer. 

3.2. Participant preparation 

When a participant arrives, we check that they are not pregnant 
and do not have any metal inside or around their head (including 
a pacemaker). Otherwise, they cannot participate in the 
experiment. We further check that they are not allergic to latex, 
due to our sensor preparation methods. If possible, we ask the 
participant to remove their jewelry, glasses and hearing aids; we 
also note the presence of dentures, as they can introduce 
micromovements that will be detected by EMA (Hoke et al., 
2017). 

Before sensor placement, we describe the procedure to 
the participants using a dental dummy mouth that has sensors 
attached (Figure 2). We also ask the participants to scrub their 
tongue with a toothbrush in front of a mirror – this removes 
some of the coating on the tongue and helps with adhesiveness. 

 
Figure 2: Dummy mouth with sensors. 

3.3. Attachment of reference sensors 

All sensors are being held in reverse-action tweezers before 
application. For application, we add a drop of adhesive 
(PeriAcryl®90 HV) and press the sensor down on the body part 
using a wooden tongue depressor. After placement, we secure 
the sensor wires using medical tape.  

Starting with the reference sensors, we first place the 
sensors on the left and right mastoids. If the participant is 
wearing glasses, we place the sensors right underneath the 
frame. Mastoid sensors are followed by the nasion sensor, 
placed to not disturb the participant’s vision. Finally, we place 
the sensor (prepared with Stomahesive) on the gingiva above 
the upper incisor. 

While in theory three sensors are sufficient to correct for 
head movements, we (along with a large number of other 
researchers) use four in case one sensor malfunctions. 

3.4. Palate trace and biteplate recording 

After placing the reference sensors, we perform the 
palate trace and do the biteplate recording. For the palate trace, 
we tape a spare sensor to the participant’s thumb. We 
subsequently instruct the participant (with help of the dummy 
mouth; Figure 2) to trace their thumb from the back of the hard 
palate to their front teeth. This data allows us to superimpose 
the palate shape on data points recorded from other sensors. 

  Afterwards, we conduct the biteplate recording. The 
participant is instructed to hold a protractor (which has three 
sensors on it; Figure 3) firmly between their teeth. We check 
the recording on the spot, to confirm that the reference sensors 
are attached well. 
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Figure 3: Biteplate protractor held between front 

teeth, in contact with the molars. 

3.5. Attachment of movement sensors 

3.5.1. Attachment of tongue sensors 

We most frequently place three tongue sensors along the 
median sulcus in the following order: tongue back (TB), tongue 
mid (TM) and tongue tip (TT). 

For the TB sensor, we give the participant a color 
transfer applicator stick and ask them to trace the stick along the 
midline of their hard palate (similar to what they did before 
during the palate trace with the spare sensor). They are 
subsequently instructed to say the sound /k/ and stick out their 
tongue immediately afterwards. We then draw a coronal line 
through the point of the /k/ constriction. This allows us to have 
an indication of where the participant is pronouncing their 
posterior sounds and can measure velar tongue movement 
without making the participant uncomfortable by placing the 
sensor too far back. 

We additionally place a ruler on the participant’s 
outstretched tongue and mark a point at 1 cm posterior to the 
tongue apex, through which we also draw a coronal line. Figure 
4 shows the tongue marked for the placement of the TT and TB 
sensors. 

Before placing the sensors, we dry the participant’s 
tongue using barber tape. We place the TB sensor on the point 
of the /k/ constriction, the TM sensor equidistantly between the 
TT and TB sensor, and the TT sensor at the 1 cm point. 

 

 
Figure 4: Indicatory markings for tongue sensor 

placement. 

3.5.2. Attachment of other movement sensors 

Finally, we attach the remaining sensors. Specifically, this 
includes the jaw movement sensor and the lip sensors. We place 
the jaw movement sensor (prepared with Stomahesive) on the 
gingiva below the lower incisor. If that is not possible – for 
example, because the participant is already struggling with the 
number of intraoral sensors or because there is not enough 

space, which can especially happen in the case of children – 
then we place the jaw movement sensor on the chin, where there 
is least skin movement. Lip sensors are subsequently placed on 
the vermillion border of the upper and lower lips with a drop of 
adhesive. Depending on the participant, lip sensor removal can 
be slightly uncomfortable (e.g., in the case of facial hair).  

4. Sensor adhesion experiment 

4.1. Method and goal 

We evaluated three approaches for attaching (NDI Wave) EMA 
sensors with respect to the duration the sensors remain attached 
to the tongue. Specifically, we adhered out of the box sensors 
(Figure 5, left above), sensors coated in latex (Figure 5, right 
above) and sensors coated in latex with an additional latex flap 
(Figure 5, below). 

 
Figure 5: Sensor types next to a metric ruler (above: 

out-of-the-box sensor on the left, latexed sensor on the 
right; below: latex flap sensor).  

While the first two types of sensors are frequently used, the 
additional latex flap, which increases the adhesion surface, is 
not often included. Notable exceptions, which also increased 
the sensor surface but using a different approach, include Ji et 
al. (2013) and Goozée et al. (2000) who placed pads of silk 
cloth between the sensors and lingual surfaces; and Wieling et 
al. (2015) who glued a transparent layer of plastic to the bottom 
of the sensors. 

We tested ten female participants, aged between 20 and 
30, across three separate sessions. We adhered five sensors to 
the tongue, with the tongue tip (TT) sensor placed 1 cm from 
the tongue apex (measured with an outstretched tongue, using a 
ruler), the tongue back (TB) sensor positioned at the marked 
place of the /k/ constriction, and the tongue middle (TM) sensor 
positioned halfway between the two (see also Figure 4 above 
for tongue markings). The tongue lateral sensors (TLL and 
TLR, respectively) were positioned laterally to the TM sensor. 

The participants read aloud a text for sensor habituation, 
then proceeded with reading aloud a wordlist, and finally 
performed a syllable repetition task. The experimental 
procedure was terminated when all sensors had fallen off or 
when the tasks had been repeated twice (approximately after 45 
minutes). 
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4.2. Results 

Using linear mixed-effects regression modelling with the 
optimal random-effects structure, we evaluated whether sensor 
preparation type (Figure 6) and sensor position (Figure 7) 
affected sensor adhesiveness. We determined the best model for 
our data via model comparison, and found that it only warrants 
the inclusion of the distinction between the TB sensor and other 
sensors (TT, TM, TLL, TLR), in addition to a by-subject 
random intercept and a by-subject random slope for the contrast 
between the TB sensor and other sensors. This model showed 
that the TB sensor adhered approximately 14 minutes less than 
the other sensors (β = -14.0, t = -5.0, p < 0.001).   

When testing for the effect of sensor preparation on the 
TB versus other sensors, we found that the latex flap improved 
the adhesion time of the TB sensor by 9 minutes compared to 
the bare (out-of-the-box) sensor. 

 
 

 

 

 

 

 

Figure 6: Effect of sensor preparation type on 
adhesiveness. 

 
 

 

 

 

 

 

Figure 7: Effect of sensor position on adhesiveness. 

5. Discussion and conclusion 
To conclude, our findings drawn from our literature review and 
empirical investigation offer possible strategies for sensor 
placement and emphasize the importance of ensuring 
cross-study comparability. As EMA data collection and 
analysis are time-consuming and technically demanding, it is 
difficult to include a large number of participants (but see, e.g., 
Wieling et al., 2015). Five participants seem to be the norm in 
EMA research, but 50 or more participants would be needed for 
a study to have 80% power (Brysbaert 2019). If it is not feasible 
to test large numbers of participants using EMA, then the 
procedure used for testing should be carefully devised in order 
to facilitate between- and within-speaker comparability. One of 
the ways to do this, is to ensure reliable, accurate and replicable 
sensor placement. Our findings may serve as a starting point for 
further debate on the topic. 
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Abstract
Previous research has shown that rhythmic head movement ac-
companies F0 modulations in speech (Munhall et al., 1994) and
that this co-verbal head movement may be linked to prosodic
features such as pitch accents and prosodic boundaries (Esteve-
Gibert et al., 2017; Hadar et al., 1984; House et al., 2001). In
this study, we examined how the production of vertical head
nods may be temporally related to pitch prominence connected
to different focus conditions in French. Electromagnetic ar-
ticulometry data from three stable locations on the head were
used to generate a time-varying signal of the changing eleva-
tion of the head. Using this signal, we examined the temporal
relationship between head nod gesture strokes and F0 peaks.
The results suggest that speakers use two different strategies in
aligning head nods with pitch prominence, one of which mir-
rors alignment previously observed for oral articulatory ges-
tures (D’Imperio et al., 2007). We also observe evidence that
some speakers show a preference for one strategy over another.

Keywords: co-speech gestures, head nods, pitch prominence,
electromagnetic articulometry, task dynamics

1. Introduction
Rhythmic, co-verbal movement of the head usually accompa-
nies speech (Munhall et al., 1994). Previous work on rhyth-
mic head gestures (head-nods and eyebrow movements) dur-
ing speech specifically focused on timing and motor organiza-
tion. These studies suggested that co-verbal head movements
are linked to the production of prosodic features such as pitch
accents and prosodic boundaries (Esteve-Gibert et al., 2017;
Hadar et al., 1984; House et al., 2001), in a similar manner as
co-verbal rhythmic gestures that occur with other articulators
like the hands (traditionally called “beat” gestures; McNeill,
1992). Recent cross-linguistic work in Japanese and English
has for instance shown that eyebrow movement tend to occur
in correspondence with phrase boundaries and not prominent
syllables (de la Cruz-Pavía et al., 2019; Guaïtella et al., 2009).
The current study examines head movement correlates of con-
trastive and corrective focus in French interactive speech (e.g.,
‘Take the ORANGE dress [not the blue dress]’). Previous work
showed that, in a similar task, French preschoolers mark focus
only through head movement (but not through prosodic strate-
gies), by accompanying contrastive and corrective focus words

with more frequent head gestures than broad focus productions
(Esteve-Gibert et al., n.d.). In this study we investigate whether
adult speakers (who do use prosodic strategies) align head nods
with fundamental frequency (F0) peaks, and whether the align-
ment is dependent on focus type (contrastive vs. corrective) or
word position within the Accentual Phrase (adjective vs. noun).

2. Methodology
2.1. Task and speakers

Data presented here were collected from 12 native Southern
French speakers, who participated in a game that elicited spon-
taneous production of sentences in three conditions (no-focus;
contrastive focus; corrective focus). The spontaneous sentences
were usually of the form: ‘No, take the [noun] [ADJECTIVE]’,
and the game was designed so as to elicit two target focus po-
sitions (on the noun; on the adjective). Only data from the two
focused conditions and for canonical utterances of noun + ad-
jective sequences are included in the present study.

2.2. Identifying visually prominent head nods

Video recordings of the experimental sessions were visually in-
spected and annotated by the second author, using ELAN soft-
ware (The Language Archive, 2015). Downward head nods that
were perceived to be visually prominent were annotated, and
the temporal interval of the word bearing the nod was logged
for subsequent kinematic and acoustic analysis; this word will
be referred to as the “target word” throughout the paper. In total,
116 visually prominent head nods were identified among the 12
speakers, ranging between 5-20 nods per speaker.

2.3. Identifying kinematically prominent head nods

During the experimental task (Section 2.1), head movement was
captured using a Carstens AG500 electromagnetic articulome-
try (EMA) system at the Laboratoire Parole et Langage (LPL,
CNRS, France). EMA data from sensors on the left and right
mastoids and the nasion were captured at a sampling rate of
250 Hz. In order to estimate head orientation, a vector ex-
tending from the inter-mastoid point (i.e. the centroid between
the two mastoid sensors) to the nasion was calculated, and the
unit vector x-y-z components were transformed to spherical co-
ordinates. The resultant elevation angle, �, captures upward-
downward angle of head movement within the spherical space
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defined by the inter-mastoid point as the origin and the nasion
as the zenith (1, ✓, �). Figure 1 displays the relationship be-
tween the three head sensors and the � angle. The time-varying
� signal was z-score normalized for each speaker and will be
referred to as the “head nod signal” throughout the paper.

Figure 1: Schematic representation of spherical elevation, �,
interpreted as vertical head angle for identifying nod gestures.

For each utterance, the time point of maximum downward
velocity of the normalized head nod signal (i.e. a downward
head nod) nearest to the ELAN-annotated target word (Section
2.2) was automatically identified, and 20% velocity thresholds
were used to determine the onset and the apex of the head nod
(Kroos, 1996). In other words, the nod onset is defined as
the point before the point of maximum velocity where veloc-
ity crosses 20% of the maximum value, and the nod apex is
defined as the point after the point of maximum velocity where
velocity crosses 20% of the maximum value. The interval from
the onset to the apex is a phase referred to in the gesture liter-
ature as the “stroke”, which is distinct from the “preparation”
and “retraction” gestural phases. It is the temporal alignment of
this gestural phase (the stroke) that we investigate in this study.

Figure 2 displays an example utterance with the head nod
signal plotted in the solid black line and the F0 track overlaid in
red circles. The acoustic interval of the noun is denoted by verti-
cal yellow lines, the acoustic interval of the adjective is denoted
by vertical blue lines, and the shared boundary between the two
words is denoted by the dashed yellow-blue line. The interval
of the head nod stroke is denoted by the gray rectangle. In this
example, we observe that the head nod occurs primarily on the
adjective rouge “red”, but that the stroke begins before the onset
of the word (i.e. within the noun robe “dress”) and that the apex
of the head nod is aligned with an F0 peak at approximately the
midpoint of the adjective interval.

2.4. Identifying auditorily prominent pitch peaks

Audio recordings of the experimental sessions were inspected
and annotated in Praat (Boersma & Weenink, 2020) by the third
and fourth authors, who are native French speakers. The most
perceptually prominent F0 peak nearest to the ELAN-annotated
target word (Section 2.2) was identified in each phrase, and its
time point was logged for comparison with gestural time points.

2.5. Utterance-wise time normalization

The methodological steps described in Sections 2.2-2.4 resulted
in time points associated with four acoustic and articulatory
events in each utterance: the F0 peak, the onset of the head nod
downward movement, the point of maximum (absolute) veloc-
ity of the head nod, and the apex of the head nod. In order to
compare these four time points across all 116 utterances, each

Figure 2: Head nod signal (black, solid line) for an example
utterance, with the F0 track (red circles) overlaid. The acoustic
boundaries of the noun (robe “dress”) and the adjective (rouge
“red”) are denoted by the vertical yellow/blue lines, and the
interval of the head nod stroke is denoted by the gray rectangle.

time point was normalized as a percentile of the target word in-
terval, i.e. from the start (0) to the end (100) of the target word.
Thus, time points occurring prior to the word start are nega-
tive percentiles and time points occurring after the word end are
percentiles greater than 100. This normalization allows for the
comparison of time points relative to the target word in a way
that accounts for possible differences in word duration.

3. Results
Figure 3 displays the normalized probability distributions for
the four time points: the F0 peak (red, solid line), the onset of
the gesture stroke (green, dashed line), the maximum velocity
of the head nod gesture (orange, dash-dotted line), and the apex
of the gesture stroke (blue, dotted line). The onset and offset of
the target word are denoted by the vertical black lines.
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Figure 3: Distributions of time points of F0 peaks and head nod
gesture phases, relative to the target word temporal interval.

The F0 peak in Figure 3 displays a uni-modal distribution
that is aligned immediately prior to the midpoint of the target
word. The head nod gesture is aligned in such a way that the
point of maximum velocity is roughly aligned with the F0 peak.
However, it is difficult to ascertain the precise nature of this
articulatory-acoustic alignment, due to the fact that each of the
head nod gesture time points displays a clear bi-modal distri-
bution, rather than the uni-modal distribution observed for the
F0 peak. Accordingly, the data were split by performing a two-
group k-means clustering of the time point of maximum veloc-
ity of the head nod gesture, in order to determine the nature of
the two groups underlying the global pattern observed in Figure
3. This clustering resulted in 64 items (55% of the total data) in
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cluster 1 and 52 items (45% of the total data) in cluster 2.
Figure 4 displays the normalized probability distributions

of the data in cluster 1; we will refer to the results for this cluster
as “alignment strategy 1.” Here, the onset of the head nod stroke
occurs before the target word, the maximum velocity of the nod
is roughly aligned with the start of the target word, and the apex
of the head nod stroke is aligned with the F0 peak. An example
of alignment strategy 1 can seen above in Figure 2.
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Figure 4: Distributions of time points of F0 peaks and head nod
gesture phases for alignment strategy 1 (i.e. k-means cluster 1).

Figure 5 displays the normalized probability distributions
of the data in cluster 2; we will refer to the results for this cluster
as “alignment strategy 2.” Here, the entire stroke of the head
nod gesture is shifted forward in time compared to alignment
strategy 1. In alignment strategy 2, it is the point of maximum
velocity (rather than the head nod apex) that is aligned with the
F0 peak. Moreover, unlike in alignment strategy 1, where the
gesture stroke begins before the target word onset, the entire
head nod gesture stroke occurs within the target word interval
in alignment strategy 2.
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Figure 5: Distributions of time points of F0 peaks and head nod
gesture phases for alignment strategy 2 (i.e. k-means cluster 2).

3.1. Post hoc statistical tests and exploration

In order to test for factors which may account for the differences
between these two alignment strategies, a number of general-
ized linear mixed models (GLMMs) were constructed in R (R
Core Team, 2020) using the lme4 package (Bates et al., 2015).
Each GLMM was created with logistic linking, alignment strat-
egy as a binary dependent variable, and random intercepts and
slopes by speaker. Separate GLMMs were created to test the
following independent variables: focus condition (contrastive
vs. corrective), target word type (noun vs. adjective), speaker-
normalized F0 peak value, speaker-normalized head nod dis-
placement (between onset and apex), speaker-normalized head
nod velocity, and speaker-normalized head nod stiffness (i.e.
the ratio of absolute velocity to displacement, which we use

here as a proxy for gestural stiffness). No significant effects
were observed except for stiffness: alignment strategy 2 was
produced with greater kinematic stiffness compared to align-
ment strategy 1 (p = 0.024).

It is also useful to explore, in a qualitative manner, possi-
ble inter-speaker differences with regard to the use of these two
alignment strategies. Table 1 displays the percentages of the to-
tal number of prominent head nods produced by each speaker,
separated by the two alignment strategies. For ease of visual-
ization, the magnitude of the percentage is shown both in nu-
merical form as text and in graphical form as the strength of
red color saturation (0%: white; 100%: red). The total number
of prominent head nods produced by each speaker is displayed
in the bottom row. Although many of the speakers produced a
roughly equal number of head nods using both alignment strate-
gies ( 60%-40% ratio), there is some evidence to suggest that
there may be speaker-specific preferences for one strategy over
the other: four speakers (S01, S03, S05, S11) produced at least
70% of their head nods using alignment strategy 1, while two
speakers (S02, S06) produced at least 70% of their head nods
using alignment strategy 2.

4. Discussion and conclusion
We have observed in this study that downward vertical head nod
gestures are temporally aligned with F0 peaks in French focus,
but that there are two general strategies of alignment. In strategy
1, the onset of the gesture stroke begins before the target word
interval, the point of maximum velocity is temporally aligned
with the onset of the target word, and the apex of the gesture
stroke is aligned with the F0 peak at roughly the temporal mid-
point of the target word interval. In strategy 2, the entire head
nod gesture stroke occurs within the target word interval and the
point of maximum velocity of the downward movement is tem-
porally aligned with the F0 peak at roughly the temporal mid-
point of the target word. Dohen et al. (2009) also observed that
inter-speaker variability in the labial correlates of focus produc-
tion was associated with two main strategies: one in which the
focused constituent is significantly lengthened and lip move-
ments are hyper-articulated, and another in which the focused
constituent is only slightly more articulated and the post-focus
sequence is markedly hypo-articulated, thereby creating a con-
trast with the focused item.

Unexpectedly, the difference between the two strategies in
the current study could not be accounted for either by focus type
(contrastive vs. corrective) or by target word type (noun vs. ad-
jective). The different strategies appear instead to be due to dif-
ferences in kinematic control or, rather, in the specifications for
the dynamical control parameters underlying the gestural move-
ment, possibly related to hypo- vs. hyper-articulation (Dohen et
al., 2009). We have observed that alignment strategy 2 was pro-
duced with significantly greater kinematic stiffness compared
to alignment strategy 1. In the task-dynamics model of speech
articulation, stiffer components in a second-order mechanical
system move more rapidly, but also at an increased metabolic
cost. Previous research has observed a decrease in oral gestural
stiffness associated with unstressed or hypo-articulated speech
(Perrier et al., 1996), phrase-final lengthening (Edwards et al.,
1991) and, more generally, at the edges of high-level prosodic
domains (Byrd et al., 2000). Thus, our findings can be inter-
preted in one of two ways. On the one hand, the results can be
interpreted as speakers applying greater kinematic control un-
der alignment strategy 2 in order to achieve two goals: (1) align
the peak velocity of the head nod with the F0 peak, and (2) con-
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Alignment Speaker

Strategy S01 S02 S03 S04 S05 S06 S07 S08 S09 S10 S11 S12

1 70% 29% 83% 57% 73% 29% 44% 65% 60% 50% 80% 50%

2 30% 71% 17% 43% 27% 71% 56% 35% 40% 50% 20% 50%

Total count: 10 17 6 7 11 7 16 20 5 6 5 6

Table 1: Speaker-wise percentages of head nods included in each alignment strategy group. The magnitude of the percentage is shown
both in text and in (red) color saturation, and the total number of prominent head nods produced by each speaker is in the bottom row.

fine the entire head nod gesture to the temporal domain of the
target word. On the other hand, the results can be interpreted
as increased mechanical compliance under alignment strategy
1—i.e. when a gestural component of the head nod (its peak
velocity) occurs at a word boundary (Byrd et al., 2000).

The fact that alignment strategy 2 emerged distinctly in
these data is particularly interesting for a number of reasons.
Firstly, this strategy mirrors previous findings for oral conso-
nant articulation: accentual F0 peak targets tend to be aligned
with peak velocity of the closing phase of the main oral articula-
tory constriction in Italian and French (D’Imperio et al., 2007).
This suggests that the alignment of co-verbal head nods with
pitch prominence may be part of a more general motor coor-
dination system exploited for speech production (although, this
may not be the case for upper limb movement; cf. Pouw et al.,
2020). Secondly, alignment strategy 2 manifests in a speech act
in which the most visually prominent event (i.e. the maximum
velocity of the head nod) co-occurs temporally with the most
auditorily prominent event (i.e. the F0 peak). This may suggest
that speakers align different modalities in a way that maximizes
the perception of prominence by the interlocutor, who then in-
tegrates the information from these different modalities in their
perception (McGurk & MacDonald, 1976). In this way, head
movement may be used systematically to improve auditory per-
ception of prosodic prominence (Munhall et al., 1994).

Finally, we have observed preliminary evidence of speaker-
specific strategies for one alignment strategy over the other. In
some case, speakers produced both head nod alignment strate-
gies equally. However, in other cases, some speakers produced
a much larger proportion of total head nods using alignment
strategy 1, while other speakers produced a larger proportion of
total head nods using alignment strategy 2. Ultimately, these
differences may be indicative of more general differences in the
level of engagement with the experimental task (i.e. the energy
level or “activation” of the speaker), as also observed in Dohen
et al. (2009). Further investigation is required in order to deter-
mine the role of possible factors in conditioning these patterns
of apparent speaker-specific preferences.
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Abstract 

In noisy environments, visual inputs coming with auditory 
inputs can enhance speech intelligibility. It is however still 
unknown whether orofacial somatosensory inputs also 
contribute to the improvement of speech intelligibility in noise. 
We examined whether such inputs associated with facial skin 
deformation may enhance the detection of speech sounds in 
noise. We carried out a detection test of speech utterances of 
/pa/ or /py/ in noise. Facial skin deformation was applied in a 
vertical direction, compatible with the production of /pa/, but 
not /py/, and we compared detection thresholds with or without 
somatosensory stimulation. We found that the somatosensory 
stimulation improved the detection of the speech sound for /pa/, 
but not for /py/. This suggests that somatosensory inputs may 
intervene in the speech detection process, but the effect varies 
depending on the articulatory nature of the speech input.  
 
Keywords: speech perception, speech production, speech-in-
noise perception, articulatory movement, perceptuo-motor 
interactions. 

1. Introduction  

Noise in speech communication reduces intelligibility and 
makes it more difficult for the listener to detect the talker's 
utterances. Detection of speech in noisy environments is an 
important initial process for adequately segmenting speech 
sentences and for understanding the oral message.  

In noisy environments, the auditory input can benefit from 
the sensory input of additional modalities to increase speech 
sound intelligibility. For example, seeing the speaker's facial 
movements improves the perception of speech sounds in noise 
compared with an auditory-alone condition (Grant and Seitz, 
2000; Kim and Davis, 2004; Sumby and Pollack, 1954).  

In a more general statement, speech perception is an 
interactive process with multiple sensory modalities and 
probably crucial perceptuo-motor connections (Schwartz et al., 
2012). Recent findings have demonstrated that somatosensory 
information associated with facial skin deformation is also 
involved in the perception of speech sounds (Ito et al., 2009; 
Trudeau-Fisette et al., 2019) and in word segmentation and 
recognition (Ogane et al., 2020). However, the effect of 
somatosensory stimulation on speech perception was mostly 
assessed in unnoisy environments, and it is still unknown 
whether orofacial somatosensory inputs also contribute to the 
increase of intelligibility of speech sounds in noisy 
environments.  

The current study aimed to investigate the potential increase 
of speech intelligibility in noise due to orofacial somatosensory 
inputs. While speech comprehension involves several stages 
(from phonetic decoding to word recognition, syntactic 
processing and ultimately message understanding), we focus 

here on a low-level stage that is the detection of speech 
consonant-vowel sounds in noise. We examined whether the 
detection threshold of speech sounds in noise was changed 
when they were presented together with a somatosensory 
stimulation.  

Given that skin stretch perturbation can produce 
somatosensory inputs related to speech articulatory movements 
(Ito and Ostry, 2010; Johansson et al., 1988), we expected that 
a potential somatosensory effect in speech detection in noise 
could benefit from the congruence between the auditory and the 
somatosensory input (Ito et al., 2009; Ogane et al., 2020). To 
address this idea, we tested two types of auditory stimuli, /pa/ 
and /py/ respectively associated with jaw opening (for /pa/, 
vertical direction) and lip rounding (for /py/, horizontal 
direction). In our expectation, a facial skin deformation applied 
in the vertical direction could induce larger changes in detection 
threshold for /pa/ than for /py/. We tested these two sounds with 
separate groups of participants (Experiment 1 and 2). 

2. Methods  

2.1. Participants  

Twenty-two native French speakers (eleven males and eleven 
females, mean age ± SD: 24.82 ± 6.05 years old) participated in 
the experiment. They had no record of neurophysiological 
issues for hearing and for orofacial sensation. The protocols of 
these experiments were approved by the Comité d'éthique pour 
la recherche, Grenoble Alpes (CERGA). All participants signed 
the consent form, and they were randomly assigned into two 
experimental groups. Still, the adequate range of signal-to-noise 
ratio (SNR) for testing /py/ appeared slightly different from the 
range for /pa/ which led to remove a number of participants in 
Experiment 2 because the psychophysical curve did not reach 
adequate values close to 0.5 and 1 at the extremes of the SNR 
continuum. Although the experiment is still in a work in 
progress, we currently stopped the experiment due to COVID 
situation in general. As a consequence, the number of 
participants in Experiment 1 (fourteen) is higher than in 
Experiment 2 (eight). 

2.2. Speech materials  

We tested two French speech sounds, /pa/ in Experiment 1 and 
/py/ in Experiment 2. Both stimuli were recorded by a male 
native French speaker. We selected sounds of similar duration 
from several examples within the recorded data. The intensity 
levels were adjusted to be equal in both stimuli. 

2.3. Speech detection test  

We presented two periods of 1-s white noise in sequence with 
an inter-stimulus period of 250 ms (Noise 1 and Noise 2 in 
Figure 1) through headphones (Sennheiser HD 280 pro). The 
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noise sound pressure level was set at 80 dB SPL. The speech 
stimulus /pa/ or /py/ was embedded in either of the two noise 
periods. The participants’ task was to judge which noise period 
included the speech sound by pressing a key as quickly as 
possible. We tested eight levels of SNR, which were produced 
by modifying the amplitude of the target speech sound from -8 
dB to -15 dB for /pa/, and from -10 dB to -17 dB for /py/ (these 
differences in applied SNR range for the two target sounds was 
based on pilots showing that the detection thresholds were 
different for each sound). To increase stimulus uncertainly, the 
onset of the speech sound was randomly set at 200 or 600 ms 
after noise onset and five variants of white noises were applied. 
Figure 1 shows all four patterns of stimulus sounds depending 
on noise period (Noise 1 or Noise 2) and stimulus onset (200 
ms or 600 ms). In total, we recorded 20 responses per 
participant (4 temporal positions ! 5 background noises) for 
each SNR level.  

2.4. Somatosensory stimulation  

Somatosensory stimulation associated with facial skin 
deformation was produced using a robotic device (PHANToM 
Premium 1.0, SenSable Technologies). The robot has small 
plastic tabs, which were attached to both sides of the 
participant’s mouth. The stimulation was applied in an upward 
direction with a 6 Hz half-sinusoidal pattern (167 ms duration) 
as in a previous study (Ogane et al., 2020). Considering that 
articulatory movement leads speech sound output, the 
somatosensory stimulation onset was applied earlier than the 
onset of the target speech stimulus so that the somatosensory 
stimulation peaked at the peak amplitude of the target speech 
sound as shown in Figure 1.  

2.5. Experimental procedure  

The procedure of speech detection test described in section 2.3 
was applied in the same way in Experiments 1 and 2. In the test, 
we assessed two conditions: (1) somatosensory condition 

(SOMA) and (2) auditory-alone condition as a control (CTL). 
In the SOMA condition, the somatosensory stimulus was 
applied in both noise periods at the same timing. The SOMA 
and CTL conditions were alternated every eight trials, in which 
all eight SNR levels were tested in random order. In total, 320 
stimuli (8 SNR levels ! 20 responses ! two experimental 
conditions) were tested.  

2.6. Data analysis  

Psychometric functions were first estimated for visualization of 
the global experimental trends. We expected the effect of the 
somatosensory stimulation to be represented by a shift of the 
estimated psychometric function toward a lower 50%-detection 
SNR when auditory detection would benefit from 
somatosensory stimulation. Preliminary observation of these 
psychometric functions let appear different slopes in the two 
speech tasks respectively for /pa/ and /py/. Therefore, one-
sample t-tests were applied separately in each experiment. The 
correct response rate was calculated at each SNR level, and 
averaged across SNR levels. To quantify the strength of the 
potential somatosensory effect, we calculated the difference of 
overall-averaged correct response rate between the SOMA and 
the CTL conditions.  

3. Results 

Figure 2 shows correct response rates vs. SNR level for both 
speech stimuli, together with the corresponding psychometric 
curves. As a general tendency, the correct response rate is close 
to 1 for high SNR level and decreases towards chance level (= 
50%) when SNR is small, together with an increase in response 
variability. In agreement with pilot data, it appears that the slope 
of the psychometric curve is larger for /pa/ than for /py/.  

The estimated psychometric function differs from CTL to 
SOMA for /pa/, but no for /py/. This suggests that the correct 
response rate was increased when somatosensory stimulation 
applied on /pa/, but not /py/.  

Figure 3 shows the difference between overall-averaged 
correct response rates between the CTL and the SOMA 
conditions. One-sample t-tests show that the difference is 
significantly different from zero with the speech sound /pa/ 
[t(13) = 2.33, p = 0.036], but not for /py/ [t(7) = 1.77, p > 0.12]. 
This suggests that the somatosensory stimulation improved 
speech detection in noise in /pa/, but not /py/.  

4. Discussion 

We examined the effect of somatosensory inputs associated 
with facial skin deformation for speech perception in noise. We 
found that the somatosensory effect seems dependent of 
specific combinations of auditory and somatosensory 
stimulation.  

Additional sensory inputs related to auditory stimulation 
increase intelligibility of speech sounds in noisy environment. 
This has been demonstrated in audio-visual processing 
(Bernstein et al., 2004; Schwartz et al., 2004; Sumby and 
Pollack, 1954) and audio-tactile integration (Derrick et al., 
2019). The current result supports this idea since applying 
somatosensory stimulation improved sound detection in noise 
in one experiment (Experiment 1 for /pa/). Considering that the 
current somatosensory stimulation associated with facial skin 
deformation provides a kinesthetic information related to 
articulatory movement, this result suggests that somatosensory 
inputs related to articulatory movement can contribute to the 
improvement of speech intelligibility in noise.  

The present data suggest that reliable improvement of 
speech sound detection in noise was obtained predominantly in 

Figure 1: Examples of four stimulus pattern with 
auditory and somatosensory stimulation. Speech 
stimulus (black) was embedded in background noise 
(gray) in either Noise 1 or Noise 2. Early represents 
that the auditory onset was set at 200 ms after the noise 
onset. Late represents that the auditory onset was set at 
600 ms after the noise onset. Vertical dotted lines 
represent the speech onset in noise. Blue sinusoidal 
curves represent a temporal pattern of somatosensory 
stimulation. 
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the speech sound /pa/. The interpretation in Figure 4 is that this 
is related to the compatibility between the articulatory 
characteristics of the somatosensory stimulation and of the 
underlying orofacial movement associated to the tested type of 
speech sound. Indeed, the articulatory movement in the 
production of /pa/ is mainly vertical, while it is rather horizontal 
in the production of /py/. Since we applied a vertical direction 
of skin stretch which is expected to produce somatosensory 
inputs for vertical articulatory movement, the current observed 
effect can be induced when the direction of the somatosensory 
stimulation was matched with the articulatory movement 
corresponding to the speech stimulus sound. This is consistent 
with previous studies (Ito et al., 2009; Ogane et al., 2020) which 
showed somatosensory-articulatory compatibility effects in 
speech perception in different level of speech sound processing. 
The present results, if they are confirmed on a larger 
experimental set, would extend the somatosensory-articulatory 
compatibility principle to speech perception in a noisy 
environment.  

The present study targeted the effect of noise on a very 
preliminary stage of speech perception, that is sound detection, 
and it used very simple syllabic stimuli. In view of our previous 
findings on speech perception in clear showing that the 
somatosensory stimulation effects could intervene at various 
levels including phoneme categorization (Ito et al., 2009) and 
word segmentation and lexical access (Ogane et al., 2020), we 
expect that the somatosensory effect in speech-in-noise 
perception could go up to higher levels of speech 
comprehension and extend up to phrase and sentence perception 
in noise.  

5. Conclusions 

The present data show the effect of somatosensory inputs 
associated with facial skin deformation in speech perception in 
noise. The results suggest that orofacial somatosensory 
stimulation improves the detection of speech sound in noise, 
though the effect could depend on the fact that the direction of 
the orofacial somatosensory stimulation is compatible with the 
articulatory movement underlying the corresponding speech 
sound. Considering the relatively small number of participants, 
particularly in Experiment 2, further investigation will be 
required to confirm the difference between the two kinds of 
speech stimuli and hence to validate the role of the 
somatosensory-articulatory compatibility effect in speech 
detection in noise.  

Figure 3: Difference of overall-averaged correct 
response rate between the CTL and SOMA conditions 
for /pa/ (left) and /py/ (right). 

Figure 4: A directional relationship between 
somatosensory stimulation and articulatory movement 
for the two speech targets /pa/ and /py/. The blue arrow 
indicates the direction of somatosensory stimulation. 
The orange arrows indicate the direction of typical 
articulatory movements respectively for /pa/ (vertical, 
top-bottom) or /py/ (horizontal, left-right). 

Figure 2: Correct response rate across SNR levels for 
/pa/ (top) and /py/ (bottom). Each graph shows the 
responses by a single representative participant. Black 
points and line correspond to the CTL condition and 
blue ones correspond to the SOMA condition. The solid 
lines represent the estimated psychometric functions. 
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Abstract
Pronunciations from different speakers are often compared us-
ing phonetic transcriptions, even though transcribing speech is
time-consuming and error prone. To understand whether this
process can be omitted when the goal is to quantify pronunci-
ation differences, we investigate several acoustic-only methods
for representing and comparing pronunciations. Specifically,
we compute numerical feature representations based on Mel-
frequency cepstral coefficients and a pre-trained Transformer-
based neural network, and make word-level comparisons us-
ing Dynamic Time Warping. We use the speech of non-
native and native speakers of English as input to these mod-
els, and evaluate the algorithms by comparing their output to
human judgements of accent strength. Our results show that
the Transformer-based approach outperforms the already well-
performing transcription-based method, while being minimally
affected by individual speaker differences. These results suggest
that phonetically transcribing speech is not necessary to quan-
tify pronunciation differences when a pre-trained Transformer-
based neural model is available.

Keywords: acoustic distance, mel-frequency cepstral coeffi-
cients, neural networks, pronunciation variation, speech.

1. Introduction
Phonetic transcriptions are frequently used to investigate and
quantify pronunciation differences between speakers (Ner-
bonne and Heeringa 1997; Livescu and Glass 2000; Gooskens
and Heeringa 2004; Heeringa 2004; Wieling, Bloem, et al.
2014; Chen et al. 2016; Jeszenszky et al. 2017). However, tran-
scribing speech using a phonetic alphabet is time consuming,
labor intensive, and variation might be the result of transcriber
differences (Hakkani-Tür, Riccardi, and Gorin 2002; Bucholtz
2007; Novotney and Callison-Burch 2010). In addition, a set of
discrete symbols may not be sufficient to include all phonetic
details relevant for studying speech (Mermelstein 1976; Duck-
worth et al. 1990; Cucchiarini 1996). We therefore investigated
the effectiveness of acoustic-only methods (not requiring pho-
netic transcriptions) to quantify pronunciation differences.

In this paper, we introduce two distinct acoustic-only meth-
ods to quantify pronunciation differences between non-native
and native speakers of English.1 Specifically, we transform
unprocessed audio samples into numerical feature representa-
tions based on Mel-frequency cepstral coefficients (MFCCs)
(Bartelds, Richter, et al. 2020) for the first method, and create
self-supervised neural features from the pre-trained wav2vec

1This paper provides a short overview of two separate studies which
discuss the MFCC approach, and the wav2vec 2.0 approach, respec-
tively: Bartelds, Richter, et al. 2020 and Bartelds, Vries, et al. 2020.

2.0 model (Baevski et al. 2020) for the second method. Sub-
sequently, we use dynamic time warping (DTW) (Müller 2007)
to quantify the difference between the feature representations.
We compare the resulting acoustic-only differences to phonetic
transcription-based distances based on the same data, and hu-
man native-likeness judgments collected by Wieling, Bloem, et
al. (2014) to assess whether our acoustic-only methods are a
valid measurement technique. For reproducibility, our code is
publicly available.2

Our work is related to that of Huckvale (2004) and Mous-
troufas and Digalakis (2007), who also investigated pronun-
ciation differences without requiring phonetic transcriptions.
However, these studies only considered a limited set of speech
segments (i.e. vowels), or included speakers from a single lan-
guage background, respectively. Moreover, for our second
method, we take advantage of recent advances in neural (deep
learning) approaches (Baevski et al. 2020; Kahn et al. 2020),
which seem to improve over earlier neural techniques (e.g.,
Qian et al. 2017).

2. Materials
2.1. Datasets

We extracted audio samples from the Speech Accent Archive
(Weinberger 2015) and from another study on Dutch accented
English speech (Wieling, Blankevoort, et al. 2019). The Speech
Accent Archive covers a wide variety of language backgrounds,
where each speaker reads the same 69-word paragraph shown in
Example (1).

(1) Please call Stella. Ask her to bring these things with her
from the store: Six spoons of fresh snow peas, five thick
slabs of blue cheese, and maybe a snack for her brother
Bob. We also need a small plastic snake and a big toy
frog for the kids. She can scoop these things into three
red bags, and we will go meet her Wednesday at the train
station.

In line with Wieling, Bloem, et al. (2014), we selected 280
speech samples of non-native English speakers from 99 differ-
ent language backgrounds as our target speakers dataset, and
115 speech samples of U.S.-born L1 speakers as our reference
native speakers dataset. The target speakers dataset was se-
lected based on the perceptual evaluation data available (Wiel-
ing, Bloem, et al. 2014). We decided not to rely on a single
reference native speaker, as the native English raters also had
different regional backgrounds. For comparison, we also in-
clude the results of Wieling, Bloem, et al. (2014) regarding the

2MFCC-based model: https://github.com/Bartelds/
acoustic-distance-measure. Neural model: https://
github.com/Bartelds/neural-acoustic-distance
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transcription-based difference.
The second dataset contains speech samples from native

speakers of Dutch, and is therefore used to investigate whether
our methods can also differentiate between smaller accent dif-
ferences. These speakers were presented with the same para-
graph used for the Speech Accent Archive, but they only read
the first two sentences aloud. These recordings were collected
at a science event held at the Dutch music festival Lowlands
(Wieling, Blankevoort, et al. 2019). We included 62 speech
samples of sober participants that exclusively had Dutch as their
native language. For comparison, we phonetically transcribed
the pronunciations and calculated the transcription-based dif-
ferences (i.e. using the Levenshtein distance; Wieling, Bloem,
et al. 2014) on the basis of these transcriptions.

2.2. Perceptual data

We evaluate our methods by using human ratings of native-
likeness. We choose this evaluation procedure, because it is
frequently used in previous work to evaluate accentedness in
speech (Koster and Koet 1993; Munro 1995; Magen 1998;
Munro and Derwing 2001).

The native-likeness ratings for the Speech Accent Archive
speech samples were collected by Wieling, Bloem, et al. (2014).
An online questionnaire was created where 1143 native U.S.-
born speakers of English rated the accentedness of at most 50
speech samples on a 7-point Likert scale.

Native-likeness ratings for the speech recordings of the
Dutch speakers data were provided by a different group of na-
tive English speakers (Offrede et al. 2020). In total, 115 partic-
ipants rated the accent strength of target samples on a 5-point
Likert scale using an online questionnaire similar to that of
Wieling, Bloem, et al. (2014).

The native-likeness scores given to each target non-native
speaker from both datasets are averaged. In this way, we obtain
a single measure of similarity with native English speech for
each non-native speaker.

3. Methods
3.1. Mel-frequency cepstral coefficients

For each target and reference audio sample from both datasets,
we compute 39-dimensional MFCCs. These 39 dimensions in-
clude 12 cepstral coefficients and a single energy coefficient in
each frame together with their first and second order derivatives.
The coefficients are computed with a 25 ms sliding window and
a stride of 10 ms. Speaker-based cepstral mean and variance
normalization is used to reduce the influence of noise by ap-
plying a linear transformation to the coefficients of the MFCC
feature representations.

3.2. Wav2vec 2.0

The wav2vec 2.0 approach consists of a convolutional en-
coder, a Gumbel Softmax quantizer, and a 24 layer Transformer
model. This model is trained as a single end-to-end model such
that the encoder outputs are optimized for use in the Trans-
former. During pre-training on the large unlabeled Librispeech
dataset (Panayotov et al. 2015), the objective was a contrastive
task where the model had to predict spans of randomly masked
frames with the full audio fragment as context. Representations
can be extracted from the encoder (512 dimensions), the quan-
tizer (768 dimensions), or the 24 Transformer layers (1024 di-
mensions). Previous work has found that Transformer layers

can iteratively add information to the feature representations,
while information may be lost in the final layers of the model
(Tenney, Das, and Pavlick 2019). We therefore investigate the
relation between the different Transformer layers, and subse-
quently select the best performing layer for extracting feature
representations based on (a development set of) 25% of the
Speech Accent Archive dataset.

3.3. Transcription-based approach

The phonetic transcriptions for the Speech Accent Archive
dataset were obtained from Wieling, Bloem, et al. (2014). For
the Dutch speakers dataset, the audio samples were phoneti-
cally transcribed by a single transcriber using the International
Phonetic Alphabet. The phonetic transcription-based pronun-
ciation differences are calculated using the adjusted Leven-
shtein distance algorithm of Wieling, Margaretha, and J. Ner-
bonne (2012), which is currently the best performing phonetic
transcription-based method.

3.4. Quantifying pronunciation differences

We compute acoustic-only pronunciation differences by com-
paring the target non-native samples from both datasets to the
115 reference native samples. To include only comparable seg-
ments of speech, we automatically time-align the speech sam-
ples with a word-level orthographic transcription obtained from
the Penn Phonetics Lab Forced Aligner (Yuan and Liberman
2008). After the extraction of the acoustic features, we use the
time alignments to compare pronunciations of the same word
(by two speakers) using DTW. The word-based pronunciation
differences are then averaged to determine the pronunciation
difference between a target non-native speaker and a reference
native speaker. The difference between the pronunciation of a
non-native speaker and native English speech is computed by
averaging the pronunciation differences between the non-native
speaker and set of native speakers from the reference dataset.
The performance of our methods is evaluated by computing the
Pearson correlation between the produced acoustic distances
and the averaged human judgments of native-likeness for the
target non-native samples. The transcription-based pronuncia-
tion difference from native English is measured similarly to the
setup described for computing the acoustic-only pronunciation
differences (but instead of DTW, the adjusted Levenshtein dis-
tance algorithm is used).

4. Results
4.1. Investigating transformer layers

We compute the Pearson correlation between the acoustic dis-
tances on the basis of the individual Transformer layers and
the averaged human native-likeness ratings using the Speech
Accent Archive development dataset. We evaluate the perfor-
mance of the best performing Transformer layer on the full
dataset, but excluding the development set (i.e. the test set) to
prevent overfitting. These best performing layers are also used
to compute the final results on the Dutch speakers dataset.

In Figure 1, we observe relatively stable correlations be-
tween layers 9 and 18 (ranging between r = �0.85 and
r = �0.87), with the highest correlation for layer 10 (r =
�0.87, p < 0.001). Evaluation of layer 10 on the test set
(i.e. the full data, excluding the evaluation set) a shows a cor-
relation of r = �0.85 (p < 0.001), which is highly similar to
the correlations calculated on the development set.
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Figure 1: Pearson correlation coefficients between acoustic dis-
tances and human native-likeness judgments for different Trans-
former layers in the wav2vec 2.0 model. The vertical dotted
line marks the best performing layer chosen on the basis of the
25% development set of the Speech Accent Archive data.

4.2. Model performance

Table 1 shows the results of the different approaches. We ob-
serve that wav2vec 2.0 achieves the best performance for
the Speech Accent Archive dataset (r = �0.85, p < 0.001).
For comparison with the other approaches, this correlation was
computed on the basis of the complete dataset (i.e. including the
evaluation set), as the correlation on the test set was not different
from the results on the basis of the full dataset. The modified
z-statistic of Steiger (1980) indicates that this correlation is a
significant improvement over the results obtained using MFCCs
(z = 7.69, p < 0.001) and the adjusted Levenshtein distance
of Wieling, Bloem, et al. (2014) (z = 4.31, p < 0.001).

Results computed on the basis of the pronunciations of
the native Dutch speakers also show a strong performance of
wav2vec 2.0 (r = �0.70, p < 0.001). For this dataset,
we find a significant improvement over the use of MFCCs
(z = 3.78, p < 0.001), but there is no (significant) difference
compared to using the adjusted Levenshtein distance.

Table 1: Pearson correlation coefficients r between human
native-likeness ratings, and computed differences using
MFCCs, wav2vec 2.0, and the adjusted Levenshtein
distance, both for the Speech Accent Archive dataset (SAA)
and native Dutch speakers dataset (DSD). All correlations are
significant at the p < 0.001 level.

Model SAA DSD

MFCCs -0.71 -0.34
wav2vec 2.0 -0.85 -0.70

Adjusted LD -0.77 -0.70

5. Discussion and conclusion
We investigated and compared two acoustic-only methods to
compute pronunciation differences between non-native and na-
tive speakers of English. We evaluated the results by comparing

the acoustic differences to phonetic transcription-based pronun-
ciation differences and human judgments of native-likeness.

We found that a time-consuming and labor intensive pho-
netic transcriptions process can be omitted when a (language-
specific) wav2vec 2.0 model is available. Furthermore, we
demonstrated that Transformer-based neural speech represen-
tations provide a more reliable and accurate representation of
pronunciation variation compared to 39-dimensional MFCCs.

Even though wav2vec 2.0 performed strongly on the
Speech Accent Archive dataset, we found no significant im-
provement over a transcription-based difference method when
using the native Dutch speakers dataset. While the pronuncia-
tions from this dataset were relatively similar, the human per-
ceptual ratings were also provided using a less detailed (i.e. 5-
point) Likert scale than the one that was used for the Speech
Accent Archive accent ratings (i.e. 7-point Likert scale). This
may have had an effect on distinguishing these two pronuncia-
tion difference measures regarding human performance.

While the architecture of wav2vec 2.0 was designed for
improving performance in the domain of transforming speech
to text, we show that speech representations extracted from the
hidden Transformer layers can also be successfully applied for
investigating pronunciation variation. Despite our promising
results, wav2vec 2.0 models are currently only available
for English. To create such models for other languages, large
amounts of data and computing resources need to be available.
To compute acoustic-only pronunciation differences when these
are not available, the language-independent MFCC method can
be used as an alternative. Future work should explore whether
the existing wav2vec 2.0 models could be adapted to other
(low-resource) languages for modeling speaker variation.
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Abstract 
The present study investigates articulatory modulations of pro-
sodic prominence. Therefore, tongue body kinematics of 27 
German speakers are analysed using Electromagnetic Articu-
lography. Our data show that tongue positions and partly also 
peak velocities are systematically modulated in order to in-
crease prominence. When examining the vertical and horizontal 
movement dimension, we observe a combination of different 
highlighting strategies involving the enhancement of sonority 
and place features for low and back vowels. The results suggest 
that the parameter modifications are not only a concomitant of 
accent but rather reflect a continuous increase in prosodic 
prominence from background through broad and narrow to 
contrastive focus. We therefore conclude that the tongue body 
is involved in prosodic strengthening in German and encodes 
varying degrees of prosodic prominence.  
 
Keywords: focus marking, prominence, electromagnetic ar-
ticulography, prosodic strengthening, tongue kinematics.  

1. Introduction 
In order to guide the listeners’ attention, speakers can produce 
parts of an utterance as more prominent and therefore signal in-
formation structure. Those parts which are assumed to be the 
most informative for the listeners are in focus and distinguished 
from those in the background (Lambrecht, 1994). An enhance-
ment of prominence, as in focus marking, can be achieved by 
the placement of a pitch accent which is attained by adaptations 
of the laryngeal system. Additionally, speakers can modulate 
their articulation through systematic adjustments of the su-
pralaryngeal system. The latter has been subsumed under the 
term prosodic strengthening which describes the spatio-tem-
poral expansion of oral vocal tract gestures in order to increase 
prosodic prominence on focussed words (Cho, 2002).  
Two prevalent strategies of prosodic strengthening have been 
described, namely sonority expansion (Beckman, Edwards & 
Fletcher, 1992) and localised hyperarticulation (de Jong, 1995). 
Sonority expansion is connected to a greater opening of the vo-
cal tract in vowels which allows for more acoustic energy to ra-
diate from the mouth. This strengthens the syntagmatic con-
trasts between consonants and vowels (Beckman, Edwards & 
Fletcher, 1992; Cho, 2005; de Jong, 1991). Localised hyperar-
ticulation, on the other hand, is associated with an enhancement 
of place features. Hyperarticulated vocalic targets lead to more 
distinct sound productions, strengthening the paradigmatic con-
trasts between different vowels. Tongue kinematics are modi-
fied in the vertical and the horizontal movement dimensions, i.e. 
the vocalic target can be moved up/down or front/back. Studies 
on prosodic strengthening report hyperarticulated tongue body 
movements in several vowels, e.g. a lower tongue body position 
in /a/, a higher or more fronted position in /i/ or a retraction in 
/ʊ/ (de Jong, 1991; 1995; Cho, 2002; 2005; Harrington, Fletcher 
& Beckman, 2000; Kim & Cho, 2011; Katsika, 2018). When 
approaching a more peripheric vocalic target under prominence, 
articulators have been observed to also move with higher peak 

velocities (Mücke & Grice, 2014; Katsika, 2018), though not all 
investigations come to the same results (Cho, 2002).  
While a solid body of research reports differences between ac-
cented and unaccented words, only few studies have investi-
gated detailed modifications in accented words with differing 
degrees of prosodic prominence. For German, Mücke and Grice 
(2014) examine strategies of prosodic strengthening in four fo-
cus conditions including one in which the target word is in the 
background and hence unaccented. In the remaining three con-
ditions, the target word appears in broad, narrow or contras-
tive/corrective focus and receives the nuclear pitch accent in all 
three cases. The results reveal an increase of prosodic strength-
ening in the articulatory domain from broad to narrow and from 
narrow to contrastive focus. These findings provide evidence 
that articulatory cues are not only modulated as a function of 
accentuation but encode fine-grained degrees of prominence in 
speech production. 
The investigation of Mücke and Grice (2014) is restricted to lip 
kinematics. Other studies, as already mentioned above, have an-
alysed tongue kinematics but compared unaccented to accented 
words only (Cho, 2002; de Jong, 1995; Harrington, Fletcher & 
Beckman, 2000). The present study aims to fill this gap by ex-
amining tongue kinematics across accentuation, i.e. between 
unaccented vs. accented words, as well as within accentuation, 
i.e. different degrees of prosodic prominence between words 
that bear a nuclear pitch accent. On the one hand, the present 
work contributes to our understanding of the concomitants of 
accentuation by adding tongue kinematics data for German. On 
the other hand, it sheds light on the flexibility and the granular-
ity of prosody-driven modulations of speech kinematics. 

2. Methods 

2.1. Participants 
27 native speakers of German participated in the experiment. At 
the time of the recording, the subjects were between 19 and 35 
years old and 17 identified as female, 10 as male. The partici-
pants grew up monolingually, did not report any speech or hear-
ing impairments and did not have any special training in pho-
netics, phonology or prosody. 

2.2. Speech material 
The speech material consisted of 20 disyllabic German-sound-
ing nonce target words. The first syllable always carried the lex-
ical stress and served as the target syllable. It had a CV structure 
with a bilabial, labiodental or lateral consonant and /a/ or /o/ as 
the target vowel. The target words were embedded in controlled 
and consistent carrier sentences and could either be in the back-
ground (unaccented) or in broad, narrow or contrastive focus 
(accented). This made it possible to compare the realisation of 
target words across as well as within accentuation. 

2.3. Recording procedure 
Participants were recorded with Electromagnetic Articulo-
graphy (Carstens AG501). Simultaneous acoustic recordings 
were carried out using a head-mounted condenser microphone 
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(AKG C520). To track the articulators’ movements, sensors 
were placed on the lower and upper lip, chin, tongue tip, tongue 
blade and tongue body, alongside reference sensors. After the 
preparation of the subject, the recording session lasted about 45 
minutes, including a training session. For the present paper, 
only the tongue body sensor will be analysed. Further data, in-
cluding intonational data, are published in Roessig and Mücke 
(2019). 
Participants were seated in front of a screen and engaged in an 
interactive game. They answered to a character’s questions in 
order to retrieve hidden items. Four types of questions served 
as triggers to elicit the focus structure of the subjects’ answers. 
Exemplary question-answer pairs are shown in table 1, in which 
the target word is underlined and the focus domain is marked 
by brackets. 

Table 1: Exemplary question-answer pairs eliciting 
four focus conditions. 

Background:     Q:     Hat er die Säge auf die Wohse gelegt? 
                 Did he put the saw on the Wohse? 
        A:     Er hat [den Hammer]F auf die Wohse gelegt. 
                 He put [the hammer]F on the Wohse. 
Broad:               Q:     Was hat er gemacht? 
                 What did he do? 
        A:     Er hat [den Hammer auf die Wohse gelegt]F. 
                 He [put the hammer on the Wohse]F. 
Narrow:        Q:     Wo hat er den Hammer hingelegt? 
                 Where did he put the hammer? 
        A:     Er hat den Hammer [auf die Wohse]F gelegt. 
                 He put the hammer [on the Wohse]F.  
Contrastive:      Q:     Hat er den Hammer auf die Mahse gelegt? 
                 Did he put the hammer on the Mahse? 
        A:     Er hat den Hammer auf die [Wohse]F gelegt. 
                 He put the hammer on the [Wohse]F.  

2.4. Measures 
We investigated tongue body movements during the vowels /a/ 
and /o/ on the vertical and horizontal dimension by analysing 
two parameters: mean position during a selected window and 
peak velocity. The acoustic boundaries for the target syllable 
and the respective target vowel were labelled manually. For the 
mean position, all position values during the first half of the 
acoustic vowel were averaged, as depicted in figure 1. This 
measure was employed since local turning points in the trajec-
tories were difficult to identify consistently in the data. The 
mean position is able to capture the spatial tongue movement 
during the vowel without depending on an extremum position. 
As a second parameter, the peak velocity of the articulatory ges-
ture was manually labelled and analysed. All values were z-
score normalised for each speaker and vowel and then com-
pared between focus conditions for each vowel separately. 
 

 
Figure 1: Schema of mean tongue position measure. 

The results are analysed using Bayesian linear mixed models in 
R (R Core Team, 2018) with the package brms (Bürkner, 2018). 
Separate models for each articulatory parameter and vowel are 
constructed with the articulatory parameter as the dependent 
variable and focus type as fixed effect. All models include ran-
dom intercepts for speakers and target words as well as by-
speaker and by-target-word slopes for the effect of focus type. 

We used the default priors of the brms package. The estimated 
differences between focus conditions in terms of posterior 
means (Δ) are reported in addition to 95% credible intervals 
(CI) (table 2, 3). For the tongue body position, the probability 
of the estimated difference being smaller than zero is reported 
[Pr(Δ<0)], for the peak velocity, the probability of the estimated 
difference being greater than zero is reported [Pr(Δ>0)]. We 
consider probabilities from 0.95 upwards as representing con-
vincing evidence for a difference between focus types. 

3. Results 
For an introduction to the data, the recorded tongue body trajec-
tories are qualitatively examined. Position values are automati-
cally extracted during the target syllable, normalised for each 
speaker and vowel and averaged across conditions. The mean 
trajectories are shown in figure 2 for syllables with /a/ and /o/ 
in four focus conditions and two movement dimensions. The 
data reveal that throughout the syllable, the tongue body travels 
towards the vocalic target position involving a lowering and re-
traction of the tongue in the vertical and horizontal dimension.  
 

 

 
Figure 2: Mean trajectories of normalised tongue 

body during target syllable. 

The visual inspection of the trajectories reveals subtle but con-
sistent differences between focus conditions in three out of four 
cases. The low central vowel /a/ exhibits a lower vertical extre-
mum position from background through broad and narrow to 
contrastive focus, revealing a gradient tongue lowering with in-
creasing prominence. In the horizontal dimension, no clear 
trend can be observed for /a/. For the close-mid back vowel /o/, 
no extremum position can be identified in the vertical dimen-
sion. This may be due to the fact that the following vowel 
(schwa) requires and even lower tongue position. Nevertheless, 
the trajectories indicate a gradient tongue lowering between all 
focus types with increasing prominence. In the horizontal di-
mension, /o/ is produced with a retracted extremum from back-
ground through broad and narrow to contrastive focus.  
The analysis of the mean position mirrors these qualitative ob-
servations. The following figures display the distributions with 
bars representing the means (left) and the means in more detail 
(right) of the mean positions. The results for each vowel and 
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movement dimension are compared between background (bg), 
broad (br), narrow (na) and contrastive focus (co). Figure 3a 
shows the results for /a/, figure 3b for /o/. Taken together, the 
data reveal a systematic lowering of the tongue in both vowels 
and a retraction in /o/. These modifications occur across accen-
tuation (background vs. broad) but also within accentuation be-
tween broad and contrastive, with narrow ranging in-between. 
 

 
Figure 3a: Mean normalised tongue position in /a/. 

 
Figure 3b: Mean normalised tongue position in /o/. 

In the vertical dimension, the Bayesian model provides evi-
dence that the tongue is lowered in both vowels across 
accentuation (background vs. broad) and within accentuation 
(broad vs. contrastive). Narrow focus seems to take a middle 
position between broad and contrastive: While it patterns with 
contrastive in /a/, it patterns with broad in /o/ (with a probability 
of 0.95, the evidence for a difference between narrow and 
contrastive is generally a little weaker than between broad and 
contrastive). Unsurprisingly, the statistical analysis does not 
yield clear differences for the horizontal dimension in /a/. 
However, it provides evidence for differences in /o/ across 
accentuation (background vs. broad) and within accentuation 
(broad vs. contrastive). Narrow, again, takes a middle position. 
The model does not provide convincing evidence for a clear 
differentiation of narrow from either broad or contrastive. 
 

Table 2: Bayesian model results for mean position. 

vertical tongue body position in /a/ 
 Δ 95% CI Pr(Δ<0)  
bg vs. br -0.31 [-0.46, -0.16] 1.00 
br vs. co -0.32 [-0.49, -0.14] 1.00 
br vs. na -0.23 [-0.42, -0.05] 0.98 
na vs. co -0.08 [-0.26, 0.10] 0.77 

horizontal tongue body position in /a/ 
 Δ 95% CI Pr(Δ<0)  
bg vs. br 0.04 [-0.10, 0.19] 0.30 
br vs. co -0.08 [-0.24, 0.08] 0.80 
br vs. na 0.02 [-0.14, 0.17] 0.43 
na vs. co -0.10 [-0.25, 0.06] 0.85 

vertical tongue body position in /o/ 
 Δ 95% CI Pr(Δ<0)  
bg vs. br -0.23 [-0.39, -0.08] 0.99 
br vs. co -0.29 [-0.47, -0.11] 0.99 
br vs. na -0.30 [-0.30, 0.05] 0.88 
na vs. co -0.17 [-0.34, 0.00] 0.95 

horizontal tongue body position in /o/ 
 Δ 95% CI Pr(Δ<0)  
bg vs. br -0.14 -0.28    -0.02 0.97 
br vs. co -0.17 -0.31    -0.02 0.97 
br vs. na -0.11 -0.25     0.04 0.89 
na vs. co -0.06 -0.20     0.09 0.74 

 
The distributions and means of the normalised peak velocities 
are shown in figure 4a for /a/ and figure 4b for /o/. As they are 
based on absolute velocities, higher values indicate faster move-
ments. In both vowels and dimensions, peak velocities seem to 
show a tendency towards an increase under prominence.  
 

 
Figure 4a: Normalised peak velocity of /a/-gesture. 

Figure 4b: Normalised peak velocity of /o/-gesture. 

While the Bayesian analysis provides evidence for faster 
vertical movements across accentuation (background vs. broad) 
and within accentuation (broad vs. contrastive) in /a/, for /o/, 
there is only convincing evidence for a difference across 
accentuation. In addition, in both vowels, no compelling 
evidence for a differentation of narrow from broad or 
contrastive focus can be reported. For the horizontal peak 
velocity, the analyses only provide convincing evidence for 
faster movements across accentuation in the vowel /o/.  
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Table 3: Bayesian model results for peak velocity. 

vertical tongue body peak velocity in /a/ 
 Δ 95% CI Pr(Δ>0)  
bg vs. br 0.21 [0.07, 0.36] 0.99 
br vs. co 0.19 [0.03, 0.35] 0.97 
br vs. na 0.13 [-0.04, 0.29] 0.90 
na vs. co 0.06 [-0.09, 0.22] 0.77 

horizontal tongue body peak velocity in /a/ 
 Δ 95% CI Pr(Δ>0)  
bg vs. br 0.06 [-0.09, 0.21] 0.74 
br vs. co 0.17 [-0.01, 0.35] 0.94 
br vs. na 0.06 [-0.13, 0.26] 0.69 
na vs. co 0.11 [-0.11, 0.32] 0.82 
vertical tongue body peak velocity in /o/ 
 Δ 95% CI Pr(Δ>0)  
bg vs. br 0.27 [0.11, 0.42] 1.00 
br vs. co 0.11 [-0.05, 0.27] 0.87 
br vs. na 0.03 [-0.15, 0.20] 0.61 
na vs. co 0.09 [-0.08, 0.25] 0.81 

horizontal tongue body peak velocity in /o/ 
 Δ 95% CI Pr(Δ>0)  
bg vs. br 0.23 [0.08, 0.38] 0.99 
br vs. co 0.13 [-0.04, 0.30] 0.89 
br vs. na -0.02 [-0.21, 0.15] 0.41 
na vs. co 0.15 [-0.03, 0.34] 0.91 

4. Discussion and conclusion 
The present study investigates how the tongue body is modified 
as a means of prosodic strengthening in German and whether it 
can encode focus structure across or also within accentuation. 
The recorded articulatory data of 27 speakers provide evidence 
that tongue body kinematics are indeed modified in German 
when marking focus and that these modifications are not exclu-
sively mediated by accentuation. Within and across accentua-
tion, the tongue position is lowered in /a/ as well as /o/ and re-
tracted in /o/. There is furthermore evidence that peak velocities 
of the vertical vocalic movements increase across accentuation 
in both vowels and even within accentuation in /a/. While the 
spatial differences within-accentuation are clearly observed be-
tween broad and contrastive, narrow seems to lie in-between the 
two. In some cases, it patterns with broad, in others with con-
trastive or is not distinguished consistently from either. Since 
the current analyses are not able to explain if this is because 
narrow is interpreted differently by individual speakers, the sta-
tus of this condition has to be examined further in future re-
search. All in all, the results suggest that prosodic strengthening 
by means of the tongue body has the potential to directly ex-
press focus structure. Therefore, the present study supports the 
findings of an earlier study by Mücke and Grice (2014) who 
observe modifications in lip kinematics between broad, narrow 
and contrastive focus for five German speakers. Notably, in 
contrast to the authors who do not find clear modulations be-
tween background and broad focus, the present data also reveal 
adaptations across accentuation. This might be due to the fact 
that the data set in the present study is considerably larger and 
therefore less sensitive to speaker-specific variability. 
A closer look at the spatial modulations suggests that speakers 
apply both prosodic strengthening strategies described in the lit-
erature. Although the jaw and the lips are the primary articula-
tors associated with sonority expansion, lowering the tongue 
body also contributes to a greater opening of the vocal tract. In-
deed, the present data indicate a further lowering under promi-
nence in both vowels /a/ and /o/. As /a/ is a low vowel, this can 
be interpreted as simultaneous sonority expansion and localised 
hyperarticulation strategies, enhancing the sonority and place 
feature at the same time. However, since the close-mid vowel 
/o/ is not generally produced with a low tongue body target, the 

tongue lowering under prominence is likely to be least partly 
aiming at expanding sonority. As for the horizontal movement 
dimension, the retraction of the tongue in the back vowel /o/ 
results in a more peripheric vocalic target and can therefore be 
associated with localised hyperarticulation to enhance the place 
feature. Note, that /a/ is produced as a central vowel in German 
and therefore does not need to be further contrasted to neigh-
bouring vowels in the horizontal dimension. It is therefore ex-
pected that /a/ only exhibits a more extreme target in the vertical 
dimension under prominence. Taken together, the results sug-
gest that primarily those parameters are modified under promi-
nence which lead to either an expansion of sonority or to hyper-
articulated target productions. The increase in peak velocity 
may be an effect of the greater distance that the tongue body 
travels towards the more peripheric target positions. 
To conclude, the present study provides evidence for prosodic 
strengthening by means of the tongue body in German. Further-
more, it reveals that the articulatory cues of the tongue can en-
code several degrees of prominence. 
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Abstract 
Dynamic magnetic resonance imaging (MRI) has been largely 
used in the speech imaging field, but long acquisition times limit 
the potential for higher spatial-temporal resolution. In this 
paper, we reduced the total acquisition time to 60% in both 2D 
and 3D imaging by sparsely sampling the temporal navigator 
and associating each navigator acquisition with multiple k-
space lines in the PS model-based framework. 
 
Keywords: Dynamic speech Magnetic Resonance Imaging, 
Partial Separability (PS) model 

1. Introduction 
Dynamic magnetic resonance imaging (MRI) has been largely 
used in the speech imaging field, especially in capturing 
articulatory changes in both structural and functional scales 
which provide opportunities to study swallowing activities, 
linguistics, and language variabilities. Recently developed 
methods utilizing the Partial Separability (PS) model1 enable 
structural quality dynamic MRI with amazing frame rates, up to 
166 frames per second for full 3D vocal tract coverage.2,3 But 
long acquisition times up to 10 minutes are required for such 
high spatiotemporal resolution which might not be acceptable 
in some cases, such as dynamic speech imaging in children.  
Here, we explore the trade-offs of the temporal frame rate and 
the overall acquisition time in the PS model-based dynamic 
MRI speech imaging framework. We achieve this by sparsely 
sampling the temporal navigator and associating each navigator 
acquisition with multiple k-space lines. In the two-dimensional 
case, the total scan time was reduced by 37.5% with 43 
reconstructed images per second, which is still high enough to 
provide articulatory motions. The images are reconstructed 
through a spatial regularized partial separability (PS) model. 
We extended this method to the three-dimensional cases, 
128x128x16 matrix size, with 6 mm slice thickness, 40 frames 
per second in a 20 minutes’ scan. This provides opportunities 
for full vocal-tract isotropic dynamic speech imaging at scale of 
microliter voxels and milliseconds. 

2. Methods 

2.1. Partial Separability (PS) model 
In a dynamic speech imaging experiment, the acquired (k, t)-
space data 𝑑(풌, 𝑡) can be expressed as: 

𝑑(𝐤, 𝑡) = ∫ 𝑓(𝐫, 𝑡) 𝑒 𝐤∙𝐫𝑑𝐫 + ɳ(𝐤, 𝑡)             (1) 
where 𝑓(𝐫, 𝑡) is the desired image series and ɳ(𝐤, 𝑡) represents 
the measurement noise. 
We implemented a low rank constraint and spatial regularized 
partial separability (PS) model for the rank images.2,3 The PS 
model assumes that strong spatiotemporal correlation exists. In 
a dynamic speech imaging experiment, we can express 
spatiotemporal image 𝑓(𝐫, 𝑡)  as the product of low rank 

constrained temporal basis from a navigator dataset and a 
spatial basis from an imaging dataset through PS model:  

𝑓(𝐫, 𝑡) = ∑ 훹 (𝐫)휙 (𝑡)                        (2) 
where L is the model order, {훹 (𝐫)}  denotes a set of spatial 
basis functions, and {휙 (𝑡)}  denotes a set of temporal basis 
functions.1,2,3 The PS model leverages strong spatiotemporal 
correlations in the dynamic data because spatial images are 
highly correlated to the corresponding similar articulatory 
sounds. 

2.2. Data acquisition 
In the two-dimensional cases, we sparsely sample two sets of 
(k, t)-space data in an interlaced manner: an imaging dataset 
(from which we will estimate {훹 (𝐫)} ) and a temporal 
navigator dataset (which provides estimates of {휙 (𝑡)} ).1 
For the navigator dataset, we used a spiral-trajectory to sample 
k-space. For the imaging dataset, a Cartesian trajectory with 
random phase encoding was used to acquire imaging data with 
high spatial resolution and structural image quality. Figure 1 
shows a simplified pulse sequence diagram for the MRI 
sequence that samples random ky lines and uses a spiral 
navigator. In this work, we sample a temporal navigator only 
every 4-imaging phase encodes and associate each imaging 
phase encode with the navigator that is closest in time.  

 
 
Figure 1: A simplified pulse sequence diagram illustrating (k, 
t)-space sampling patterns. The navigator dataset is acquired 
using a spiral trajectory and is only acquired once every 4 
imaging data acquisitions. The imaging dataset is acquired 
using a Cartesian trajectory with random phase encoding to 
provide structural quality images. 
 
We acquired a 256-matrix size with a 24 cm field of view and 
6-mm mid-sagittal slice, for a spatial resolution of 0.94×0.94×6 
mm. We reduce the temporal resolution of our model by 4 
compared to our previous results in Fu, 2017 which provides 43 
images per second instead of 108 since we run only one 
temporal navigator every 4-imaging phase encode lines. The 
temporal navigator determines the temporal resolution of the PS 
model. This frame rate is still high enough to visualize the 
articulatory motions during speech. Furthermore, the total 
duration of the scan is reduced by 37.5% compared to the 
previous acquisition when acquiring the same number of full 
frames of data for fitting the PS model.  
We also extend our method to a three-dimensional case. Like 
the two-dimensional case, the interlaced manner with spiral-
trajectory navigator and random phase encoded Cartesian 
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imaging data are used. Randomization of phase encoders in 
three-dimensional is accomplished by extend phase encoder 
lists to number of ky lines multiplied by number of slices. Figure 
2 shows a simplified pulse sequence diagram for the three-
dimensional dynamic speech imaging. 
 

 
Figure 2: A simplified pulse sequence diagram for the 3D MRI 
sequence that samples random ky and kz lines of Imaging 
datasets and uses a spiral navigator. 

2.3. Image reconstruction 
We impose a low rank constraint PS model with a spatial 
regularized term. The temporal basis will be acquired through 
Singular Value Decomposition (SVD) of navigator datasets. 
The navigator data can be expressed as: 

𝐝𝐯 =
𝑑 (𝐤 , 𝑡 ) ⋯ 𝑑 (𝐤 , 𝑡 )

⋮ ⋱ ⋮
𝑑 (𝐤 , 𝑡 ) ⋯ 𝑑 (𝐤 , 𝑡 )

               (3) 

where 𝑁 is the number of navigator sampling points in k-space 
and 𝑀  denotes the number of image frames. The low-rank 
constraint Singular Value Decomposition (SVD) will give us 
the estimated temporal basis of 𝐝𝐯: 

𝐝𝐯 ≈
𝐮 (𝐤 , 𝑡)

⋮
𝐮 (𝐤 , 𝑡)

흈ퟏ ⋯ ퟎ
⋮ ⋱ ⋮
ퟎ ⋯ 흈푳

[휙 (𝐤 , 𝑡) … 휙 (𝐤 , 𝑡)]   (4) 

where {휙 (𝐤 , 𝑡)}  denotes the temporal basis of navigator 
data. To determine the model order 𝐿, we utilize the low rank 
nature of 𝐝𝐯  and limit ourselves to only significant singular 
values. 
An example to choose a proper model order is shown in figure 
3. The plot of singular values of a two-dimensional data shows 
that the singular values drop rapidly at first 10 orders. For two-
dimensional data, typical model orders between 10 and 20 
provide good performance. For three-dimensional cases, a 
model order of 40 captures most of the energy. 

 
Figure 3: Logarithmic graph of first 100 Singular Values of a 
two-dimensional 128-matrix size example 
 
The low-rank-constrained spatial basis is estimated through the 
imaging samples which are sampled by random phase encoded 
cartesian pattern of k-space. A Huber-penalized conjugate 
gradient algorithm is used:4 

{훹 (𝐫)}  = argmin
{ (𝐫)}

{ 𝑑(𝐤, 𝑡) − 𝐸[∑ 훹 (𝐫)휑 (𝑡)] +

휆ɸ (𝐷{훹 (𝐫)} )}                                                       (5) 

where ɸ (𝑢) = 𝑢                       |𝑢| ≤ 𝑀
𝑀(2|𝑢| − 𝑀)  |𝑢| > 𝑀

, D is a finite 

differencing operator as the Huber penalty penalizes finite 
spatial differences, and 𝑑(𝐤, 𝑡)  represents the original data 
signal. 𝐸 represents a system matrix simulating MRI physics 
including a coil sensitivity matrix, Fourier transform matrix and 
low rank matrix. 𝑀 is the Huber penalty parameter which 
indicates the point that regularized function turns from 
quadratic function to linear function. The initial guess of is set 
to zero. 
The last step will be applying Partial Separability (PS) model to 
get back image time series: 

𝑓(풓, 𝑡) = ∑ 훹 (𝐫)휑 (𝑡)                         (6) 

3. Results 
Figure 4 and 5 shows the results from the 2D single-slice 
experiment where the subject counted to four. Figure 2 shows 
the temporal profile taken along a vertical strip across the 
tongue which displays tongue movement across time. In this 
case, we acquired 45 full frames of data in 66 sec (instead of 
105 sec), resulting in 2880 reconstructed images from the PS 
model at 43 frames per second. The reconstruction takes about 
50 seconds which is nearly the same with the acquisition time. 
From Figure 4 we can observe the different position of tongue 
and lip in three different time instances.  

 
Figure 4: Temporal profile taken in 300 frames (about 7 
seconds) along a vertical strip which shows tongue movement. 
 

 
Figure 5: Articulatory and tongue motions at three different 
time instances. 
 
Figure 6 shows one frame of a 16×128×128 matrix size, 3-mm 
slice thickness with 40 frames per second acquired in 20 
minutes. During the process, the subject was asked to read ‘The 
rainbow passage’5 several times. The model order was set to 40 
and the reconstruction took about 10 hours on a standard 
engineering workstation. 
Figure 7 shows coronal images of tongue tip area in 30 temporal 
frames shows protrusion of tongue tip with 48 mm 3D coverage. 
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Figure 6: One time frame of a 16×128×128 matrix size, 3-mm 
slice thickness subject. 
 

 
Figure 7: Coronal images of tongue tip region in 30 frames 
(about 0.75s) showing tongue protrusion. 

4. Discussion and conclusion 
The PS-model framework enables high quality and high 
spatiotemporal resolution for dynamic imaging of speech with 
MRI. We have made a tradeoff to achieve both shorter total 
acquisition time and reconstruction time in exchange for 
reduced temporal resolution in the method by acquiring 
multiple random phase encode lines per temporal navigator, 
enabling reasonable total acquisition and reconstruction times.  
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Abstract 
Various studies confirmed that young children’s spoken words 
tended to be longer than those of older children, and that 
verbs are articulated faster than nouns. How does the complex 
morphology of words contribute to word durations across 
ages? The goal of the present study was to show the changes 
of word durations in spontaneous speech of seventy 
monolingual Hungarian-speaking children aged between 4 
and 10 years. Durations of words were analyzed according to 
age, word length and part of speech. The durations of words 
decreased from the age of 4 up to the age of 10 with the only 
exception of those produced by 7-year-olds. Word durations 
were the longest in the case of nouns, while shorter in verbs 
and in adjectives. The durations of the words showed 
reductions as their length increased with various extents 
across ages. Durational patterns of words reliably reflect the 
age-specific language acquisition. 
 
Keywords: children’s words, durations, number of syllables, 
parts of speech 

1. Introduction 
Temporal properties of words are influenced by universal 
(e.g., age, physiological characteristics), language-specific 
(e.g., context-dependency of segments, intonation patterns), 
and individual factors (e.g., speaker-related behavior, 
emotion). A large number of studies discussed the factors that 
influence the duration of a word and the variability therein in 
children of various ages (e.g., Smith 1992; Lee et al. 1999; 
Redford 2015). 
In language acquisition, temporal patterns of word articulation 
reflect the children’s motor skills, morphological knowledge, 
grammatical awareness, word familiarity, routes of lexical 
access, memory capacity, temporal control, etc. (e.g., Redford 
2015). Grammatical knowledge and the mastering of 
articulation are particularly responsible for word duration 
during language acquisition.  
Hungarian-speaking children from the age of 4 are able to 
perform various spontaneous utterances with a considerable 
length without much difficulty. They possess both the 
articulatory gestures and grammatical knowledge they need to 
translate their thoughts into speech including appropriate 
lexical access. The acquisition of the rich morphology of 
words in Hungarian shows a relatively rapid process as 
children’s linguistic and cognitive capacities grow (Bunta et 
al. 2016). The retrieval of a word, however, is a less quickly 
developing process, particularly in the cases of three or more 
morphemes within the same word. In spontaneous speech, 
children combine stems and suffixes according to 
morphological rules followed by a phonological and an 
articulatory plan to produce the target word (e.g., Penke 2006). 
For example, the word tenyeremből ‘from my palm’ consists 
of a noun (tenyer-), a suffix for ‘my’ (-m-), with a connecting 
vowel between them ([e]), and another suffix meaning ‘from’ 
(-ből). In addition, the complete structure requires a 

phonological rule (vowel harmony) to be applied. The 
execution of articulation is more difficult and therefore slower 
in long words than in short words, particularly in young ages 
(e.g., Gósy & Krepsz 2019). Studies focused more on the early 
development of word production while less attention was paid 
to the timing of kindergarten and schoolchildren’s words. The 
obvious reason for this is that various factors influence word 
durations of older children at the same time, and it is almost 
impossible to define the most decisive one(s) among them.  
Various studies confirmed that young children’s spoken words 
tend to be longer (and more variable) than those of older 
children (Smith 1992; Lee et al. 1999; Redford 2019). 
Findings showed that verbs were articulated faster than nouns 
(Hirsh-Pasek & Michnick Golinkoff 2006). It is well known 
that syllables in words containing more syllables are produced 
shorter than those in words consisting of fewer syllables (e.g., 
Lee et al. 1999). This temporal reduction of syllables, 
however, is influenced by various factors, and particularly by 
an intrinsic motor control. Shortening of longer words is a 
result of mastering word production in spontaneous utterances. 
This phenomenon seems to emerge gradually during language 
acquisition as has been shown in the cases of some inflected 
nouns and verbs (Gósy & Krepsz 2019). 
Since the words of an agglutinating language often have rich 
morphology, the development of their temporal patterns may 
be particularly important and peculiar, yielding new insights 
into language acquisition. Our study focuses on three 
questions: Are there age-related word durational differences in 
children’s spontaneous speech? Do nouns, verbs and 
adjectives behave similarly or differently with respect to their 
durations? Is reduction of word durations characteristic of 
children’s speech irrespective of their ages?  
If we measure a relatively large number of words, the effects 
of the prosody of the utterances, the syntactic position of the 
words and some individual factors can be limited.  
The goal of the present (cross-sectional) research was to show 
the changes of word durations in spontaneous speech of 
seventy monolingual Hungarian-speaking children aged 
between 4 and 10 years. We hypothesized that (i) the duration 
of the analyzed words would be shorter as age increases, (ii) 
nouns and adjectives would be longer than verbs with the same 
number of syllables, and (iii) word durations would show 
reductions with the increasing number of syllables in all age 
groups.  

2. Methods 
Spontaneous speech samples of native, monolingual 
Hungarian-speaking children were randomly selected (with the 
exception of age and gender) from the GABI children’s speech 
database (Bóna et al. 2019). Seven groups were formed from 
the age of 4 to the age of 10 for this cross-sectional study.  
Half of the children were girls in each group. All children had 
normal hearing, and none of them had any speech defects. No 
known history of delayed onset of language acquisition was 
reported in any of the children. The children’s speech fluency 
was appropriate for their age. All children lived in Budapest. 
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4- and 5-year-olds came from kindergartens, 6-year-olds 
started their schooling while 7-year-olds completed their first 
year of education. 10-year-olds were fourth-graders. All of 
them had similar social and cultural backgrounds. According 
to the protocol of the children’s speech database, the 
participants spoke on their life, family, and hobbies for about 
20 minutes each in their narratives (kindergarten children 
spoke shorter). Close to 20 hours of spontaneous speech 
material was analyzed. A total of 6,038 words were selected to 
be analyzed. Examples: ló ‘horse’, volt ‘was’, kis ‘little’, fiúk 
‘boys’, kapott ‘/he/ received’, édes ‘sweet’, lányokat ‘girls-
acc.’, sütöttem ‘/I/ baked’, féltékeny ‘jealous’, iskolába ‘to 
school’, eljutottam ‘/I/ got /there/’, kétkerekű ‘two-wheeled’.  
Words were selected according to the following criteria: (i) 
words could be either stems or suffixed items, (ii) they 
consisted of various numbers of syllables from 1 to 4, (iii) 
three parts of speech (nouns, verbs and adjectives) were 
considered, (iv) no words were considered where the 
neighboring words resulted in two identical segments, (v) the 
number of words was balanced across age groups. The ratio of 
their occurrences according to ages can be seen in Figure 1. As 
expected, the smallest number of words could be found in the 
spontaneous speech samples of 4-year-olds.  
 

 
Figure 1: Ratios of measured words across ages (%). 

Efforts were made to control prosody factors that are known to 
have a strong influence on duration particularly by using a 
considerable amount of words in each age group. Words that 
were pronounced in the vicinity of a pause were not 
considered in order to avoid possible word/phrase final 
lengthening. In addition, words that contained prolonged 
segments serving as disfluencies were not considered. In 
Hungarian, word stress invariably falls on the first syllable of 
words which makes it easy to control for the effect of stress 
patterns. 
Speech samples were manually annotated using Praat 
(Boersma & Weenink 2015) by the author and another 
phonetician, and the annotations were verified via inter-rater 
reliability. Inter-rater agreement was 97% on boundary 
markings. In cases of disagreement, a third expert was 
consulted. The word boundaries were identified in the 
waveform signal and spectrogram display via continuous 
listening to the words. Markers were inserted at the closure 
and release of obstruents, at the onset and offset of voicing, 
and second formant information was considered if necessary 
following standard acoustic-phonetic criteria. A specific script 
was written to obtain the durational values automatically. To 
test statistical significance, Univariate Analysis of Variance 
was used (SPSS 25.0). The independent variables were age 
group, word length (number of syllables), and part of speech 
(gender was not considered due to the relatively small number 
of participants in each group). The dependent variables were 
the duration measures. Significance was set at the 95% 
confidence level. 

3. Results 
Considering all durations of the words across ages, syllable 
counts, and parts of speech, the mean value turned out to be 
579 ms (std. dev. = 238 ms). Due to individual production 
differences (and word lengths), the values ranged between 146 
ms and 1987 ms.  

3.1. The factor of age 

The age-specific values decreased from the age of 4 up to the 
age of 10 with the only exception of those produced by 7-year-
olds (Table 1). As expected, word durations of 4-year-olds 
were the longest. On average, 7-year-olds took longer to 
articulate the words than all the other children, with the 
exception of 4-year-olds. The children pertaining to the two 
oldest age groups showed the shortest word durations, 
practically with no differences between them.  

Table 1: Word durations in children’s spontaneous 
speech across ages from 4 to 10 years. 

Ages 
(years) 

Durations of words 
(ms) 

mean std. dev. 
 4 966 366 
 5 616 239 
 6 582 231 
 7 656 188 
 8 525 199 
 9 494 175 
10 491 156 

 
Statistical analysis revealed that the factor ‘age’ had a 
significant effect on word durations; and the effect size is also 
remarkable (F(6, 6037) = 367.931, p = 0.001, partial η² = 
0.260). The interaction of ‘age’ and ‘word length’ is 
significant but the effect size is low (F(18, 6037) = 10.009, p = 
0.001, partial η² = 0.029). The interaction of ‘age’ and ‘part of 
speech’ is also significant but the effect size is low (F(12, 
6037) = 12.780, p = 0.001, partial η² = 0.025). Post-hoc tests 
confirmed significant differences in all cases (p < 0.05) but 
between the durational values of 5- vs. 6-year-olds and 9- vs. 
10-year-olds (p = 0.137 and 0.973, respectively). 

3.2. The factor of word length 

The length of the word expressed in number of syllables is the 
factor that clearly influences word duration the most. The 
durational patterns of the children’s words confirmed this 
statement irrespective of the overlaps in durations among the 
words of various lengths (Table 2). 

Table 2: Word durations according to the number of 
syllables words consist of. 

Number of 
syllables of 

words 

Durations of words (ms) 

mean std. dev. min. max. 

 1 333 113 112   790 
 2 489 143 113 1097 
 3 652 184 257 1877 
 4 841 238 585 1987 
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The relatively large standard deviation values are the 
outcomes of the children’s developing articulation skills and 
the complex morphology of the words. The overlaps of word 
durations, both across ages and across word lengths, are rooted 
in various facts like the characteristics of spontaneous 
utterances, prosodic features of the phrases, familiarity of the 
words produced, individual lexical access etc. that all 
influence word durations in some way.  
All words of the youngest children had much longer durations 
than those produced by older children (Fig. 2). The durations 
of the monosyllables were similar from the age of 5. The 
words containing 3 and 4 syllables were obviously the longest 
in our material. The durational differences, depending on the 
number of syllables, turned out to be significant within each 
age group (p < 0.05). 

 

Figure 2: Word durations with various lengths across 
ages (medians and interquartile ranges). 

Statistical analysis revealed that the factor ‘word length’ 
had a significant effect on word durations; and the effect 
size is high (F(3, 6037) = 2228.123, p = 0.001, partial η² = 
0.529). The interaction of ‘word length’ and ‘part of 
speech’ is also significant but the effect size is low (F(6, 
6037) = 14.660, p = 0.001, partial η² = 0.015). Post-hoc 
tests confirmed significant differences in all cases (p < 
0.05). 

3.3. The factor of parts of speech 

Considering all data, word durations showed significant 
differences depending on the parts of speech (mean value of 
nouns: 609 ms, std = 222 ms, of verbs: 570 ms, std = 263 ms, 
and of adjectives: 524 ms, std = 197 ms). However, verbs were 
produced longer than the nouns by 4-year-olds, and the 
durations of verbs and adjectives were practically the same in 
the case of 9-year-olds (Fig. 3).  
Word lengths evidently influenced the durations of the 
analyzed parts of speech (Table 3). Two cases were found 
where the durational patterns of parts of speech did not meet 
the decrease according to noun-verb-adjective order 
irrespective of age. Monosyllabic adjectives were longer than 
verbs and verbs consisting of 4 syllables were longer than 
nouns. 
Considering the factor of age, a more refined pattern of 
durations could be experienced, particularly with adjectives’ 
values. Monosyllabic and disyllabic adjectives were produced 
longer than the verbs by 5- and 7-year-olds. Monosyllabic and 
3-syllabic adjectives were longer than verbs in the case of 6-
year-olds. Adjectives of 3 and 4 syllables turned out to be 

longer than verbs produced by 8-year-olds. All adjectives were 
longer than verbs in the case of 9-year-olds. Four-year-old 
children produced all verbs longer than nouns, irrespective of 
word lengths. Verbs of 4 syllables were longer than nouns 
with the 10-year-old children. 

 

 
Figure 3: Word durations depending on word class 

across ages (medians and interquartile ranges). 

Table 3: Durations of nouns, verbs, and adjectives 
according to the number of syllables in the words. 

Number 
of 

syllables 

Durations of words (ms) 
Descriptive 

statistics Nouns Verbs Adjectives 

1 
mean 373 303 339 

std. dev. 120 101 110 

2 
mean 513 469 454 

std. dev. 148 136 131 

3 
mean 669 642 625 

std. dev. 176 201 137 

4 
mean 830 877 771 

std. dev. 207 263 143 
 
Statistical analysis revealed that the factor ‘part of speech’ had 
a significant effect on word durations but the effect size is low 
(F(2, 6037) = 38.530, p = 0.001, partial η² = 0.013). The 
interaction of ‘age’, ‘word length’ and ‘part of speech’ is 
significant but the effect size is low (F(36, 6037) = 4.798, p = 
0.001, partial η² = 0.028). Post-hoc tests confirmed significant 
differences in all cases (p < 0.05). 

3.4. Word reductions 

Children’s word durations show reductions across the increas-
ing number of syllables which is experienced in the whole 
material. However, the phenomenon is highly age-dependent. 
Young children’s reductions are moderate, particularly those 
produced by 4-year-olds. Words of older children show more 
robust shortening as the number of syllables of the words 
increase, particularly with 10-year-olds (Fig. 4). The lines of 
the figure illustrate the way of change depending on word 
length according to ages. The steeply ascendent blue lines 
represent the reduction phenomenon of the youngest children, 
while the moderately increasing yellow lines indicate the 
oldest children’s reduction patterns. The reduction ratio from 
monosyllables to the longest words in this study ranged from 
25% to 38% across ages.  
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Figure 4: Word reduction patterns across ages. 

4. Discussion and conclusion 
This study focused on the temporal patterns of Hungarian 
words produced by children across ages from 4 to 10. 
Hungarian children are exposed to relatively long words with 
rich morphology from the beginning of their language 
acquisition. The result is that already 4-year-olds are able to 
produce long, multi-morphemic words performing the 
necessary lexical access to all morphemes and the required 
articulation gestures in execution. This young age, however, 
requires the longest time in order to perform this complex task 
which results in sometimes very long durations of words, 
while the shortest word durations were produced by the 9- and 
10-year-old children (Lee et. al. 1999).  
The assumption concerning the decrease of word durations as 
age increases, was confirmed. It is important to emphasize that 
there is a large difference in durations between 4- and 5-year-
olds indicating some developmental milestone that can be 
seized in word durations (Fig. 2). There was an exception in 
the tendency of durational decrease. Seven-year-olds’ words 
were exceptionally slow. This can be explained by several 
factors that may interact, resulting in slower speech, 
particularly schooling and rapid thinking development. Since 
7-year-olds were first-graders who were taught language and 
speaking skills necessary for learning to read and write, it may 
result in a fast development of their phonological awareness, 
among others. Presumably, their mental lexicon develops 
rapidly by the increasing number of newly acquired words at 
school. Seven-year-olds’ thinking seems to be more complex 
that makes the formulation of their thoughts into grammatical, 
phonological and phonetical forms difficult during hidden 
speech planning. All these facts led to slower word production 
at their age. 
Word durations of 9- and 10-year-olds did not show 
significant differences that may refer to the similarity of their 
language acquisition level. It seems that feedback control over 
production in temporal space does not differ between these 
two age groups (Redford 2019). Similar results were obtained 
in vowel production with English-speaking children of the 
same age (Lee et al. 1999). 
Nouns and adjectives were assumed to be longer than verbs 
with the same number of syllables for which evidence has been 
found in the present study by the majority of the data. The 
conflicting values of word classes in some age groups might be 
explained by the nature and status of the words in the child’s 
mental lexicon (newly acquired words, rarely used words, 
etc.). 
The durations of the words show some shortening with the 
increasing number of syllables, meaning that, according to our 
hypothesis, the reduction phenomenon appears across ages. 
The extent of the reduction, however, seems to be age-
dependent. The reduction phenomenon can be interpreted as a 
twofold factor of development. Shortening of words across 
increasing lengths is a result primarily of the developing 

intrinsic time control, and it purports developing lexical access 
and increasing stability of articulation of longer words as the 
age increases. 
The data of this study highlighted that word length is the most 
decisive factor for word durations preceding the effect of age 
and word class. The number of syllables words contain 
explains the durational data in about 50% (in contrast to age 
that explains the data in 26%). 
Temporal patterns of words produced by children within a 
specific period of time seem to be a particularly sensitive 
factor signaling developmental condition of language 
acquisition. In the background of word durations there are 
various developmental components such as cognitive abilities 
(including operations of hidden speech production processes), 
memory, attention span, morphological and syntactic 
knowledge, individual vocabulary, lexical access, speaking 
routine, and articulation skills (Redford 2015). 
Although individual children across certain age periods may 
not show a substantial change in word durations, the tendency 
of group differences is clear and shows faster speech, 
irrespective of morphological complexity of words as age 
increases (Lee et al. 1999). 
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Abstract 

In this paper we studied if we find increased coarticulatory 
resistance and aggression in V-to-V coarticulation in pitch-
accented syllables, and we also tested if anticipatory effects are 
exceeded by carryover effects in these contexts. We analyzed 
acoustic and articulatory (EMA) data from 9 Hungarian female 
speakers, and gauged coarticulatory effects by two different 
means. First, in line with previous studies, we calculated 
differences of coarticulated and neutrally positioned vowels 
(quality shift), which captures nature and magnitude of 
centralization. Second, we determined across context 
dispersion of vowels using relative standard deviation of 
tokens, which reflects uniformity of vocalic targets and which 
measure is yet understudied in this topic. Our two measures 
revealed different trends of coarticulatory variation and its 
modulating factors, and we also find divergent tendencies in 
acoustics and articulation. We propose that extension of our 
analysis to further typologically different languages is needed. 
 
Keywords: vowel to vowel coarticulation, pitch-accent, 
direction of coarticulation 

1. Introduction 

Vowel-to-vowel (V-to-V) coarticulation refers to the 
phenomenon that realization of vowels is affected by a 

transconsonantal vowel in a sound sequence. This was first 
demonstrated by Öhman (1966), who claimed that vowels in 
vowel-consonant-vowel sequences are produced with one single 
underlying diphthongal gesture to which the consonant’s target 
is superimposed. 

It is hypothesized that V-to-V coarticulation induced 
contextual variation of vowels is dependent on several factors, 
for instance, prosodic position of the target and context (or 

trigger) vowels (e.g., Fowler 1984, Cho 2004; Deme et al. 
2019), and the direction of coarticulation (e.g., Cho 2004; Mok 
2011; 2012). 

Prosodically strong locations, that is, lexical stress, pitch-

accent, or the edge of the prosodic domain, are expected to 
condition articulatory “strengthening” which means an 
increased spatio-temporal magnitude of gestures. This, in turn 
is also expected to increase coarticulatory resistance and 

aggression, that is, less contextual variability, and more 
coarticulatory effect on the transconsonantal vowels coming 
from the accented vowel, respectively (Cho 2004).  

Previous studies in non-words showed evidence for increased 
coarticulatory resistance with respect to V-to-V coarticulation 

in American English. They revealed that the quality shift of 
vowels (i.e., acoustic or articulatory differences of vowels in 

different contexts, e.g., in coarticulating and non-coarticulating, 

or in other words, neutral context) was smaller in lexically 
stressed syllables than in unstressed syllables in acoustics 
(Fowler 1981), just as it was smaller in pitch-accented syllables 
than in unaccented syllables in articulation (Cho 2004).  

Recent studies in Hungarian real-words, however, revealed 
that distances of coarticulated and non-coarticulated (neutrally 
positioned) vowels showed vowel quality (/i/ vs. /u/) and 
production domain (articulatory vs. acoustics) dependent 

trends, as we found accent to reduce quality shift (i.e., reduced 
centralization) only in /i/ in acoustics, and only in /u/ in 
articulation (Deme et al. 2019). Furthermore, in the cited study 
we also introduced a second measure of coarticulatory 
resistance, across context dispersion (to which we return below 

in more detail), and this measure was not shown to be 
conditioned by pitch-accent.  

Several studies demonstrated that coarticulatory aggression 
and resistance are the “two sides of the same coin”, at least in 

consonant-vowel coarticulation (see e.g., Recasens & 
Rodríguez 2016). In vowel-to-vowel coarticulation, however, 
no evidence of increased coarticulatory aggression was found 
for vowels in pitch-accented syllables, as determined on the 

basis of lingual displacement (Cho 2004).  
As for the direction of coarticulation, effects of carryover 

coarticulation were found to be stronger than anticipatory in V-
to-V coarticulation both in articulation and acoustics, for 

several vowels: it was demonstrated in /i/ and /a/ in articulation 
in American English (Cho 2004), and in open /æ/ (Mok 2011) 
and /i u a/ (Mok 2012) in acoustics in Thai, Cantonese, and 
Mandarin. 

Note that most of the above studies captured V-to-V induced 
coarticulatory resistance or “contextual variation”, in quality 
differences of coarticulated and non-coarticulated tokens. 
Contextual variability is, however, very often interpreted and 

visualized by dispersion of vowel tokens in the acoustic and 
articulatory spaces (dispersion ellipses), especially in studies 
focusing on within-category vowel dispersion specific to a 
given language (see e.g., Manuel 1990; Mok 2012: 194), or in 

other words, “phoneme size” (Mok 2012: 194). Characteristic 
vowel dispersion patterns can be calculated using vowel 
realizations from different contexts. And this across context 
dispersion is not yet well explored under the conditioning effect 

of the above factors, while, as mentioned, our previous study 
showed that it may exhibit fundamentally different trends from 
those observable in quality shift data (Deme et al. 2019).  

Furthermore, limited amount of available results (see Deme 
et al. 2019) warrants for further exploration of the question if 

coarticulatory resistance and aggression of the same tokens in 
the same utterances is detectable both in acoustics and in 
articulation in V-to-V coarticulation. 
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It is important to note here, that according to a well-known 
(but in some respect, understudied) hypothesis we already 
briefly mentioned above, variability or dispersion of V 

realizations (the above mentioned “phoneme size”) is also 
affected by the density of the vowel space (Manuel 1990). 
Therefore, it is safe to assume that none of the effects claimed 
to influence V-to-V induced variability in English, generalize 

automatically across languages. 

The three questions of our present study are the following.  

1. Does V-to-V induced vocalic variation depend on the 
direction of coarticulation? 

2. Are V-to-V effects influenced by prosodic position of the 
target vowel? 

3. Does prosodic strengthening of the trigger vowel have an 
effect on variation in the target vowel?  

And we investigate these questions  

• using the highest level of prosodic prominence, pitch-
accent, 

• both in dispersion (that is, across-context variance), and 
quality shift (that is, distances) of vowels, 

• in both domains of production, namely, articulation and 

acoustics, and  
• in Hungarian, an obligatory syntactic focus marking non-

Germanic (but Finno-Ugric) language with fixed word 
stress. 

We hypothesize that vowels under the effect of V-to-V 

coarticulation show increased coarticulatory aggression and 
resistance in pitch-accented syllables, both in acoustics and in 
articulation. We also expect that the effect of carryover 
coarticulation exceeds that of anticipatory in these contexts. 

2. Methods 

For the purposes of the present study, we analyzed 
synchronously collected acoustic and EMA data from 9 adult 
female speakers of Hungarian (aged 25.2±5.9 years).  

We analyzed the /i u/ point vowels both as target and trigger 

vowels. Vowels were placed in the context of the minimally 
constrained labial stop /p/ in nonsense sequences (Table 1) 
similarly to Cho (2004) and Mok (2011; 2012). We recorded 
minimally 6 repetitions of each token per speaker. We varied 

the position of pitch accent (and had target and trigger vowels 
in pitch-accented and unaccented syllables), and created 
coarticulating (e.g., /pupipipi/) and non-coarticulating (e.g., 
/pipipipi/) contexts (bold: target V; underline: trigger V). Since 

Hungarian has a fixed first syllable stress, however, not every 
combination of factors was possible. 

In articulatory data processing, head movement and bite 
plane corrections were done by the Carstens software, while 

further post-processing (3D-2D conversion, and production of 
Emu-compatible ssff tracks) was carried out by the custom-
made converter of the IfL Phonetik, University of Cologne. 
Segmental labelling of the audio signal was carried out semi-

automatically using the BAS web services G2P (Reichel 2012) 
and MAUS (Schiel 1999). For gestural labelling we used Emu 
(Winkelmann et al. 2018). 

As we analyzed the /i u/ point vowels, in accordance with 
previous studies (e.g., Fowler 1981; Cho 2004), we obtained 

second formant values at the onset, offset, and temporal 
midpoint of target vowels, and measured and averaged the 
horizontal position of the backmost two tongue body sensors as 
“dorsum” data. Position data were normalized to the maximum 
and minimum x-axis displacement of the given sensor for each 
speaker using the sensor positions of the backmost /u/ variant 
(0%), and the most fronted /i/ variant (100%) in each case 
(Figure 1). 

Table 1: Stimuli and factors of the study (antic. = 
anticipatory; carryo. = carryover; targ. = target; acc 

= accented; unacc = unaccented). 

  Context /i/ Context /u/ 

  acc unacc acc unacc 

targ. /i/  
+ unacc 

antic. – ˈpipipipi – ˈpipipupu 

carryo. ˈpipipipi ˈpipipipi ˈpupipipi ˈpupupipi 

targ. /i/  

+ acc 

antic. – ˈpipipipi – ˈpipupupu 

carryo. – – – – 

targ. /u/ 

+ unacc 

antic. – ˈpupupipi – ˈpupupupu 

carryo. ˈpipupupu ˈpipipupu ˈpupupupu ˈpupupupu 

targ. /u/ 
+ acc 

antic. – ˈpupipipi – ˈpupupupu 

carryo. – – – – 

 
To quantify variability, first we calculated distances of 

coarticulated and non-coarticulated tokens measured at the 

vowel edge which was located closer to the trigger vowel, in 
accented and unaccented syllables respectively (e.g., F2 pupipupu 
− F2 pupupupu vs. F2 pupupipu − F2 pupupupu, and Dorsumpupipupu − 
Dorsumpupupupu vs. Dorsumpupupipu − Dorsumpupupupu). This is 

what we refer to as distances data, where the greater the value, 
the greater the difference is between target vowel qualities. 
Second, we also calculated relative standard deviation for vowel 
midpoint data across contexts (e.g., pooled RSD of pupupupu 

and pupipupu), which is referred to as across context 
dispersion. Here, the greater the value the greater the variability 
is in realization of a given vocalic target.  

 

 

Figure 1: References used for sensor position normalization 
(/u/ = 0%), /i/ = 100%), and the scale defined by these extreme 

positions on the x axis (based on Cho 2004). 

 
Data were analyzed with linear mixed effects models in R (R 

Core Team 2018), by using the lmerTest package and obtaining 
p-values by Satterthwaite-approximation (Kuznetsova et al. 
2017). Random slopes and intercepts were added to the models 
for speakers if they improved the performance of the model 

(assessed on the basis of AIC). Post hoc analyses (Tukey tests) 
were carried out by the lsmeans package (Lenth 2016). Graphs 
display mean and corrected confidence intervals. 

3. Results 

Results showed divergent tendencies for the two measures we 

obtained, and in some cases, trends also differed as a function 
of the production domain (i.e., in articulation, and in acoustics). 
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As mentioned previously, not all combinations of factors 
were present in our dataset. Therefore, we tested our three 
hypotheses in three different subsets of data. Subsets and their 

respective position on each figure are the following:  

• direction hypothesis: unaccented trigger & unaccented 
target vowels (upper right and lower right panels, right 

hand side);  
• resistance hypothesis: accented, and unaccented target 

vowels and unaccented trigger vowels (upper right panel);  

• aggression hypothesis: unaccented target vowels, accented 
and unaccented trigger vowels (bottom panels, right hand 
side).  

3.1. Distances of coarticulated and non-coarticulated 
vowel tokens 

We start with the distances data (Figure 2). Note that here 

centralization is represented by negative values for /i/, and 
positive values for /u/ both in acoustics and in articulation.  
 

   

Figure 2: Acoustic (left) and articulatory (right) 
distances of coarticulated and non-coarticulated vowel 

tokens as determined on the basis of vowel midpoint 
data. 

In acoustics, we generally found greater centralization in /i/ than 
in /u/ (i.e., greater absolute values in distances in /i/ than in /u/). 
We found a significant interaction effect of direction and vowel 
quality (F(1, 37) = 9.89, p < .05), as effects of carryover 

coarticulation exceeded that of anticipatory, but only in /i/. Data 
also revealed increased resistance in accented syllables (accent 
main effect; F(1, 28) = 4.22, p < .05), as /i/ was more centralized 
if accented, while /u/ was more peripheral. Increased aggression 

of accented targets was, however, not evidenced. 
In articulation, in general, /u/ showed greater centralization 

than /i/. Here, anticipatory effects were again exceeded by 
carryover effects, but only in /u/ (F(1, 25) 42.32 = , p < .01). 

Lastly, in articulatory distances, no increased resistance and 
aggression were found. 

3.2. Across context dispersion of vowels 

Let us now turn to the across context dispersion of vowels 
(Figure 3).  

In this measure, in general, /u/ showed greater acoustic and 

articulatory variability. Interestingly, here in acoustics (Figure 
3, left) we found neither a significant direction effect, nor 
increased coarticulatory resistance in accented syllables. 
However, pitch-accent on the trigger vowels turned out to be 

inducing greater across-context variability in unaccented /u/ 
(F(1, 439) = 21.99, p < .01), which reflects increased 
coarticulatory aggression in /i/ under the effect of pitch accent. 

Lastly, across context articulatory dispersion of vowels 

(Figure 3, right) showed evidence only for the resistance 
hypothesis, as /u/ targets were more resistant if they were 

produced in pitch-accented syllables than in unaccented 
syllables (F(1, 390) = 8.12, p < .01).  

 

  

Figure 3: Acoustic (left) and articulatory (right) 
across context dispersion of vowel tokens as 

determined on the basis of vowel midpoint data. 

4. Discussion and conclusion 

In this study we analyzed if vowels under the effect of V-to-V 
coarticulation show increased coarticulatory aggression (AH) 
and resistance (RH) in pitch-accented syllables, both in 
acoustics and in articulation (Table 2). We further tested if the 

effect of carryover coarticulation exceeds that of anticipatory 
(DH) in V-to-V coarticulation. We gauged the effect of 
coarticulation by two separate metrics: quality shift or distances 
(distances of coarticulated and neutrally positioned tokens) and 

across context target variability (dispersion). For ease of 
comprehension, we summarized our results with respect to the 
above three hypotheses and two measures in Table 2.  

Table 2: Summary of hypothesis testing with respect 
to the two obtained metrics and the two domains of 

production (DH = direction hypothesis; RH = 
resistance hypothesis; AH = aggression hypothesis; 9 
= corroborated; 8 = not corroborated; →← = trends 

opposing to expectations). 

  DH RH AH 

Distances 
Acoustics 9/i/ 

→← /i/ 

9/u/ 
8 

Articulation 9/u/ 8 8 

Dispersion 
Acoustics 8 8 9/i/ 

Articulation 8 9/u/ 8 

 

To sum up, we found divergent tendencies in the two measures 
we obtained, and the two domains of production, but also as a 
function of vowel quality. On the basis of our findings, we can 
conclude that we replicated results not showing increased 
coarticulatory aggression in quality shift (Cho 2004) (while we 

found increased aggression in /i/ in dispersion), and we found 
less clear effect of accent on coarticulatory resistance than 
suggested previously for American English (see Fowler 1981, 
Cho 2004).  

This latter discrepancy of results may possibly be explained 
by several factors. Probably one of the most important of these 
is the fact that, as opposed to English, Hungarian is an 
obligatory syntactic focus marking language, for which reason, 

prosodic means are suggested to play a limited role in 
expressing prominence of a constituent (Mády & Kleber 2010).  

Furthermore, it may as well be the case that /i/ and /u/ are 
simply not exerting the same type of effects or same magnitude 
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of effects on each other as /i/ and /a/ (see in Cho 2004), and on 
this basis, we did not find the claimed effects showing up in our 
data.  

However, it is also important to note that due to the prosodic 
characteristics of the Hungarian language (i.e., fixed first 
syllable stress), we tested all three hypotheses in a very 
controlled fashion: i) resistance hypothesis was tested only in 

cases were trigger vowels were always unaccented, ii) 
aggression hypothesis was tested only in contexts, where target 
vowels were always unaccented, and iii) direction effects were 
tested using unaccented target and trigger vowels exclusively. 

This design goes against most previous studies where either one 
or the other of the target and trigger vowels were accented, but 
in this way, and in some sense, it also helps to disentangle 
prosodic effects on the target and the trigger vowels more, than 
previous attempts.  

In our design, increased resistance in accented syllables was 
tested in cases where trigger vowels were “weaker” (according 
to the coarticulatory aggression hypothesis). Therefore, the role 
accent might play in modulating coarticulatory resistance was 

tested without the confounding effect of the accent position of 
the trigger being also manipulated, but we could only observe 
the behavior of an allegedly “weaker” trigger. Similarly, as 
accent effects on the trigger were tested only with unaccented, 

i.e., “weaker” targets (according to the coarticulatory resistance 
hypothesis), accent effects on the trigger vowel were 
completely disentangled from accent position of the target, but 
in a context where maximum effects can be expected. And 

finally, we need to keep in mind that direction effects were also 
tested here using “weaker” segments (in both relevant 
positions) exclusively.  

An interesting finding of the present study is that the two 

measures we obtained provided complementary pictures to each 
other. Across context dispersion (that reflects the uniformity of 
vocalic targets) seemed to show accent effects, as it revealed 
increased coarticulatory resistance and aggression tendencies 

not seen in distances data, but we found no difference as a 
function of direction of coarticulation. Distances data, 
however, (that gauges the magnitude and character of 
coarticulation induced quality hift) revealed direction effects 

not seen in dispersion data, and some of the expected resistance 
effects in acoustics. On the basis of dispersion data, we can 
conclude that accent affects by all means should be taken into 
consideration in studies where phonemic size or vowel space 

density are investigated. While distances data indicates that 
studies concerned with V-to-V coarticulation induced 
centralization should take direction effects into consideration 
and acknowledge (or probably even exploit) the very likely fact, 
that in V-to-V coarticulation induced centralization tendencies 

carryover effects exceed those of anticipatory. 
We suggest that the dispersion measure should be tested in 

future cross-linguistic studies involving prosodic focus marking 
languages (for instance, English and German), to help us further 

clarify what resistance is, and how we should measure it. Is it 
contextual invariance, or rather it is quality shift (i.e., some 
measure of centralization)? 
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Abstract

Previous studies documented frequency effects of multi-

word phrases on pronunciation durations. These studies,

however, focused on highly frequent phrases that are

fixed expressions. Here, we investigate frequency effects

for word trigrams across the trigram frequency range.

For two languages, German and Mandarin Chinese,

we document trigram frequency effects in both elicited

speech and spontaneous speech. The effects of trigram

frequency were present over and above the effects of the

component word unigrams and bigrams. We conclude

that the combinatorial properties of words influence

acoustic durations of multi-word sequences, even when

these sequences do not constitute of well-established

lexical bundles.

Keywords: speech production, trigram frequency effects,
German, Mandarin Chinese

1. Introduction
A decade ago, (Arnon & Snider, 2010) published an in-
fluential paper that documented a frequency effect for
four-word sequences in the lexical decision task. Re-
sponse times to more frequent phrases were shorter than
response times to less frequent phrases. The multi-word
frequency effect existed over and above the effects of the
frequency of the component words, word bigrams, and
word trigrams. Following the work reported by (Arnon
& Snider, 2010), other studies reported n-gram frequency
effects in the reading aloud task as well (Tremblay &
Tucker, 2011; Janssen & Barber, 2012). More re-
cent studies have reported frequency effect for multi-
word sequences on acoustic duration as well (Tremblay
& Tucker, 2011; Arnon & Cohen Priva, 2013, 2014).
Acoustic durations, these studies suggest, are shorter for
more frequent phrases. As such, the qualitative nature of
the effect of phrase frequency is in line with the well-
established effect of word frequency on acoustic dura-

tions (Bell et al., 2009; Gahl, 2008; Pluymaekers et al.,
2005).
Previous studies, however, focused on frequency effects
of multi-word sequences for high frequency phrases that
form well-established fixed expressions or lexical bun-
dles. Here, we present a series of studies that investi-
gate whether or not phrase frequency effects exist across
the phrase frequency range, including phrases that do not
form fixed expressions in a language. For two languages,
German and Mandarin Chinese, we take a closer look
at the effect of phrase frequency in both elicited speech
and spontaneous speech. First, we report the results of
a reading aloud experiment in both languages. Next, we
turn our attention to frequency effects of multi-word se-
quences in two corpora of (semi-)spontaneous speech:
the Taiwan Mandarin corpus (Fon, 2004) and a corpus
containing speech from Southern German (Tomaschek &
Arnold, 2019).

2. Reading aloud experiments
2.1. Methods

2.1.1. Participants

For both German and Mandarin Chinese, 30 native speak-
ers took part in the experiment. The mean age of the 22
female and 8 male Chinese participants was 25.86 (sd =
4.16). In the German experiment, 17 female and 13 male
speaker participated. Their mean age was 22.63 (sd =
3.25).

2.1.2. Materials

The stimuli in both experiments were word trigrams.
From left to right, we refer to the words in a word trigram
as “W1” (word 1), “W2” (word 2), and “W3” (word 3).
For German, we extracted a random set of word trigrams
in which “W2” was a noun from the web corpus DE-
COW16 (Schäfer & Bildhauer, 2012). Next we removed
trigrams containing words with a frequency lower than
5,000 as well as trigrams with frequencies lower than
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100. From the remaining trigrams, we randomly selected
500 trigrams as stimuli for the experiment. For Mandarin
Chinese, we selected 400 two-character words from the
Chinese Lexical Database (CLD; Sun, Hendrix, Ma, &
Baayen, 2018) to serve as “W2” in the word trigrams. For
each “W2”, we extracted a random three-word sequence
in which “W2” was the middle word from the Simplified
Chinese Corpus of Webpages (SCCoW; Shaoul, Sun, &
Ma, 2016). Word trigrams with a frequency smaller than
10 in the SCCoW - which consists of 466 million words -
were not included in the set of experimental items.

2.1.3. Design

The design for the reading aloud experiments in Ger-
man and in Mandarin Chinese was identical. The or-
der of the experimental items was randomized between
participants in both languages. The response variable
of interest is the acoustic duration of trigram pronunci-
ations. As predictors, we included the frequency of the
word trigrams, as well as the frequency of the compo-
nent word unigrams and word bigrams. Frequency mea-
sures were obtained through Google searches. For Ger-
man, the Google searches were restricted to documents
in German that originated from Germany. Likewise, the
Google searches for Mandarin Chinese were restricted to
documents in Mandarin Chinese from mainland China.

Substantial correlations exist between word unigram,
word bigram, and word trigram frequencies. As a result,
it is less-than-trivial to obtain reliable estimates of the ef-
fects of these measures in a multiple regression model. To
be able to tease apart the effects of word unigram, word
bigram, and word trigram frequency we applied a prin-
cipal components analysis with varimax rotation to the
log-transformed frequency measures in both languages.
The rotated components obtained through this principal
components analysis are orthogonal and, by-and-large,
mapped onto the word unigram, word bigram, and word
trigram measures in a one-to-one manner. We therefore
entered the rotated components rather than the raw fre-
quency measures into the analysis.

To ensure the effects of phrase frequency are not manifes-
tations of latent effects of other variables that are known
to influence pronunciation durations, we included a num-
ber of control variables into the analyses. For both lan-
guages, we included the initial and final phoneme of the
word trigram, as well as the orthographic length of the
word trigram and its component words into the analysis
as predictors. For Mandarin Chinese, we furthermore in-
vestigated the effects of the number of strokes in the word
trigram and its components words and characters, as well
as the effect of lexical tone. All control variables were
extracted from the Chinese Lexical Database (CLD; Sun
et al., 2018).

2.1.4. Procedure

The experiments took place in a sound booth. Prior
to each stimulus a fixation mark appeared in the center
of the screen. Stimuli for Mandarin Chinese were pre-
sented in KaiTi 80 point font, whereas stimuli in Ger-
man were presented in Arial 36 point font. Each stimu-
lus was shown for 3,000 milliseconds. Successive trials
were separated by a 1,000 ms blank screen. The Chi-
nese participants were financially compensated, whereas
the German participants received course credit for their
participation in the experiment.

2.2. Analysis

We removed predictor outliers further than 3 standard de-
viations from the predictor mean prior to analysis. For
both data sets, the residuals of a regular regression model
were not normally distributed. Quantile regression does
not make the assumption of normally distributed residu-
als. We therefore conducted a quantile regression of the
median with a quantile generalized-additive mixed-effect
model (QGAMM; Fasiolo, Goude, Nedellec, & Wood,
2018) instead. We included random effects for partici-
pant, initial phoneme and final phoneme in the QGAMMs.
The effects of orthographic and phonological length, as
well as the effects of lexical tone were model through
parametric terms. Finally, we used smooth terms to
model the effects of stroke count, as well as the effects
of (the rotated components corresponding to) unigram
frequency, bigram frequency, and trigram frequency. To
guarantee that all reported results remain interpretable,
we limited the number of knots for the estimates of
smooth terms to 4.

2.3. Results

We observed significant effects of a number of control
variables. For both German and Mandarin Chinese, the
QGAMM analysis revealed significant random intercepts
for partipicant, as well as a significant effect of the initial
phoneme of a trigram. For German, the random inter-
cept for the word-final phoneme reached significance as
well, as did the orthographic length of the trigram. By
contrast, the effects of the length of the trigram reached
significance in Mandarin Chinese. We furthermore ob-
served significant effects of the total number of strokes in
a trigram as well as of lexical tone.
We furthermore observed significant effects of the fre-
quency of the first (“W1”; German: c2 = 53.059, p <
0.001, Mandarin: c2 = 124.546, p < 0.001), the second
(“W2”; German: c2 = 23.100, p < 0.001, Mandarin: c2

= 177.971, p < 0.001), and the third (“W3”; German: c2

= 11.197, p = 0.001, Mandarin: c2 = 72.390, p < 0.001)
word in a word trigram. In addition, the QGAMM analyses
revealed significant effects of the frequency of the first
word bigram (“W1W2”) in both German (c2 = 15.345,
p < 0.001) and Mandarin Chinese (c2 = 110.360, p
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Figure 1: Results of the QGAMM fitted to the acoustic dura-
tions in the experimental data. Plotted are partial effects of the
frequency of the German word trigram (left panel), and the Chi-
nese word trigram (right panel).

< 0.001). The frequency effect of the second bigram
(“W2W3”) for German did not reach significance (c2 =
4.584, p = 0.265). Hence, we did not include the smooth
for W2W3 frequency in the reported model for German.
However, the effect of the frequency of the second bi-
gram (“W2W3”) reached significance for Mandarin Chi-
nese (c2 = 116.706, p < 0.001).
Most interestingly, the effect of word trigram frequency
was highly significant in both German (c2 = 11.197, p =
0.001) and Mandarin Chinese (c2 = 147.089, p < 0.001).
The effects of trigram frequency for German (left panel)
and Mandarin Chinese (right panel) are presented in Fig-
ure 1. Consistent with the results of previous studies, pro-
nunciation durations are shorter for word trigrams with a
higher frequency in both languages. The effect of tri-
gram frequency is linear (German) or near-linear (Man-
darin Chinese) in nature.

3. Spontaneous speech data
3.1. Methods
3.1.1. Materials

For both languages, we extracted the spontaneous speech
data from a spoken corpus. For German, this corpus was a
corpus of southern German that consists of discussions on
a freely-selected topic between two friends (Tomaschek
& Arnold, 2019). The corpus for German contains 79
hours of dialogs between 40 native speakers. For Man-
darin Chinese, we used speech from the Taiwan Mandarin
corpus (Fon, 2004), which includes spontaneous speech
from 55 native speakers of Mandarin Chinese from Tai-
wan.
From each corpus, we extracted a set of semi-random
word trigram pronunciations. We did not include pronun-
ciations that had pauses or hesitations in their immediate
surroundings. For both languages, we selected words that
occurred at least 20 times to serve as the final word in
the word trigrams. For German, we randomly selected
6,000 word trigram pronunciations in which one of the
selected words occurred as the final word for inclusion in
the data set. For Mandarin Chinese, no more than 136

items occurred at least 20 times in the corpus. For each
of these 136 words, we randomly selected 20 word tri-
gram pronunciations from the corpus. The total number
of trigrams pronunciations in the data set for Mandarin
Chinese thus is 2,720.

3.1.2. Design

The dependent variable in the analyses was the acoustic
duration of the word trigram pronunciations. As before,
we included a number of control variables in the analyses,
including speaker, initial phoneme, final phoneme, and
the phonological length of a word trigram for German.
For Mandarin Chinese, the number of strokes in a trigram
and its component words and characters, the lexical tones
in a word trigram were included in the analysis. As was
the case in the data sets from the reading aloud experi-
ments the word unigram, word bigram, and word trigram
frequency measures were highly correlated. We there-
fore applied a principal components analysis with vari-
max rotation to the frequency measures. This resolved
the collinearity issue to a satisfying extent. Thus, the re-
sulting rotated components were entered into the analyses
as predictors.

3.2. Analysis

Predictor outliers further than 3 standard deviations from
the predictor mean were removed prior to analysis. Con-
sistent with the models fit to the experimental data, stan-
dard regression models fit to the spontaneous speech data
violated the assumption of normally distributed residu-
als. We therefore fitted quantile regression models to
the spontaneous speech data, in the form of quantile
generalized-additive mixed-effect models (QGAMMs) of
the median. As before, the effects of participant, initial
phoneme, and final phoneme were modeled through ran-
dom intercepts, the effects of phonological length, and
lexical tone were modeled through parametric terms, and
the effects of stroke count and the rotated components
corresponding to the word unigram, word bigram, and
word trigram frequency measures were modeled through
smooth terms.

3.3. Results

The QGAMM analyses revealed significant effects of a
number of control variables. For both German and Man-
darin Chinese, the random intercepts for participant and
the final phoneme of the trigram reached significance. In
addition, we observed an effect for the initial phoneme
of the trigram for German and an effect of the initial
phoneme of the second word (“W2”) for Mandarin Chi-
nese. Finally, the parametric effect of phonological tri-
gram length reached significance for both languages.
We furthermore found significant effects of the unigram
frequency of the first (“W1”; German: c2 = 36.637, p

< 0.001, Mandarin: c2 = 55.909, p < 0.001) and sec-
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Figure 2: Results of the QGAMM fitted to the acoustic dura-
tions in the spontaneous speech. Plotted are partial effects of
the frequency of the German word trigram (left panel), and the
Chinese word trigram (right panel).

ond (“W2”; German: c2 = 33.860, p < 0.001, Mandarin:
c2 = 81.714, p < 0.001) word in a word trigram. Inter-
estingly, the effect of the frequency of the third word in
a trigram (“W3”) did not reach significance, neither in
German, nor in Mandarin Chinese. The effects of the fre-
quency of the first (“W1W2”; German: c2 = 101.819, p

< 0.001, Mandarin: c2 = 83.576, p < 0.001) and the sec-
ond (“W2W3”; German: c2 = 53.431, p < 0.001, Man-
darin: c2 = 25.680, p < 0.001) component word bigram
did reach significance in both languages.
Crucially, we observed effects of word trigram frequency
as well. Consistent with the results for elicited speech
reported above, pronunciation durations were shorter for
more frequent trigrams, both in German (c2 = 72.497, p

< 0.001) and in Mandarin Chinese (c2 = 111.906, p <
0.001). The effect of trigram frequency is presented in
Figure 2. As can be seen in Figure 2, the effect of trigram
frequency is near-linear in both German (left panel) and
Mandarin Chinese (right panel).

4. Discussion
We reported the results of a series of studies on the ef-
fect of trigram frequency on pronunciation durations for
three-word sequences in German and in Mandarin Chi-
nese. For both languages, we demonstrated that pronun-
ciation durations are shorter for high frequency three-
word sequences as compared to low frequency ones, both
in elicited speech (i.e., in a reading aloud experiment) and
in spontaneous speech (i.e., in a spoken corpus). The re-
sults reported here are consistent with the results reported
in previous studies that investigated the effect of the fre-
quency of multi-word sequences on pronunciation dura-
tions (see, e.g.; Tremblay & Tucker, 2011; Arnon & Co-
hen Priva, 2013, 2014).
Whereas previous studies primarily focused on phrase
frequency effects for phrases at the extremes of the tri-
gram frequency range, however, the current study demon-
strates that phrase frequency effects are not restricted to
fixed expressions or lexical bundles. Minimal selection
criteria applied for the trigrams included in the current

studies. Furthermore, the effects of trigram frequency re-
ported here were linear or near-linear across the predic-
tor range. Even at the low end of the trigram frequency
distribution, therefore, the combinatorial properties of
words influence the speech production process. The cur-
rent findings have interesting implications for theories of
speech production and the organisation of the mental lexi-
con. The fact that trigram frequency effects exist even for
medium to low frequency trigrams, for instance, reduces
the appeal of storage-based explanations of trigram fre-
quency effects (cf. Baayen, Hendrix, & Ramscar, 2013).
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Abstract
This study investigates how nuclear pitch accent is realized on
words with consonantal and vocalic syllable nuclei. Unlike
much studied languages like German or English, Slovak allows
syllabic consonants (/l/, /r/) to occupy the nucleus of a stressed
and accented syllable. We were interested whether F0 is real-
ized in the same manner on vocalic and consonantal nuclei, or
whether there is an interaction effect between nucleus type and
pitch accent which could possibly explain the cross-linguistic
preference for vocalic over consonantal nuclei in prosodically
prominent positions.
The higher F0 as an effect of pitch accent was realized robustly
on both vocalic and consonantal nuclei. There was an interac-
tion effect, but in the opposite direction than expected: the effect
of pitch accent on F0 was even greater for consonantal nuclei.
The results show that in Slovak, consonantal nuclei can act as
carriers of prosody. To discuss our findings we further take into
account what is known about intrinsic pitch and intrinsic F0.

Keywords: syllabic consonants, speech production, F0, Slovak

1. Introduction
The aim of this study is to investigate the extent to which con-
sonantal nuclei can act as carriers of prosody. It is often sug-
gested that vowels carry the prosodic information while conso-
nants contribute to lexical processing (Bonatti et al. 2005; Car-
reiras and Price 2008; Bouchard et al. 2013). While it is known
that the F0 peak can be on a sonorant consonant preceding
or following the accented (vocalic) nucleus (Jilka and Möbius
2006), languages which allow consonantal nuclei to occupy the
stressed syllable have been studied less. Cross-linguistically, a
preference for certain nucleus types over others as carriers of
stress and accent can be observed. For example, low vowels
are more likely to occupy the nucleus of a stressed syllable than
high vowels (Kenstowicz 2004). Syllabic consonants are not
rare, but their occurrence is more restricted, often also in rela-
tion to prosodic contexts. In German or English, they can occur
only in unstressed syllables. In contrast, Tashlhiyt Berber al-
lows all kinds of consonants to occupy the nucleus, but the lan-
guage reportedly lacks lexical stress. The alignment of an F0
peak which is associated with postlexical prosodic structures
has been shown to have a probabilistic distribution. In polar
questions and contrastive statements it is usually aligned with
the final syllable, but can shift to a preceding syllable with a
more sonorous nucleus, and even from a sonorant consonant to
a vowel (Grice, Ridouane, and Roettger 2015; Roettger 2017).
In these languages the occurrence of syllabic consonants is lim-
ited to less prominent positions, or F0 peak alignment is guided
by the underlying segment composition. Consequently, it is not
possible to systematically compare vowels and consonants in
different prosodic contexts.

To further our knowledge of the realization of F0 contours
on consonantal nuclei, we investigate Slovak (Kenstowicz and
Rubach 1987; Král’ 2005), in which the consonants /l/ and
/r/ can occupy the nucleus of a stressed and accented syllable.
Like vowels, syllabic consonants can be phonologically short or
long, and are targeted by the same morpho-phonological rules
which trigger length alternation. In contrast, in onset or coda
position /l/ and /r/, like other consonants, do not contrast in
phonemic length. This proves unequivocally that in Slovak, /l/
and /r/ can occupy the nucleus, and thus provides an ideal test-
ing ground for our research question. In Slovak stress is fixed on
the first syllable of the word and is usually marked by a raised
F0 when accented. Slovak thus allows us to carry out a highly
controlled experiment, in which it is clear which segment occu-
pies the nucleus and the placement of the F0 peak is predictable.

We assess whether F0 as the dependent variable is affected
to a comparable degree by pitch accent for vocalic and conso-
nantal nuclei. A smaller effect of pitch accent on F0 for conso-
nantal nuclei comapred to vocalic nuclei could provide a pos-
sible explanation for the cross-linguistic preference for vocalic
nuclei in prosodically prominent positions.

2. Methods
Read speech of six native speakers of Slovak (5 female, 1 male)
was analysed. They were recorded in a soundproof booth with
simultaneous articulatory recording by ultrasound. However, in
this paper only the acoustic data will be analysed. The set of
target words consisted of disyllabic phonotactically valid non-
sense words in which the nucleus of the first syllable (which is
always stressed in Slovak) was systematically varied: vocalic or
consonantal, and phonologically long or short (see Table 1). In
order to elicit two accentuation patterns, the target words were
presented in two carrier phrases:

Pozri, ved’ on mi plpap dal.
(Look, he even gave me plpap.)
Pozri, aj Ron mi plpap dal.
(Look, also Ron gave me plpap.)

In the first sentence the nuclear pitch accent is on the target
word, while in the second sentence it is on Ron.

Table 1: The set of target words with target nuclei in bold.
In Slovak orthography long nuclei are indicated with an acute
mark, as shown in the second row.

nucleus vocalic consonantal
short pepap plpap prpap
long pépap pĺpap pŕpap

Shigemori & Pouplier #042

– 40 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



The two carrier phrases were always elicited in the above
order with the same target word inserted, but the order of the
target words was randomized for each speaker. Participants
were familiarized with the material before the beginning of the
recordings. Three speakers repeated each token 5 times while
the other three speakers made 6 repetitions.
The acoustic recordings were automatically segmented using
the WebMAUS forced alignment system (Kisler, Reichel, and
Schiel 2017) and manually corrected in Praat (Boersma 2001).
The data set was converted into an emuR database (Winkel-
mann, Harrington, and Jänsch 2017; Winkelmann, Jaensch, et
al. 2020) for further analysis in R (R Core Team 2020). F0
was extracted for the acoustically determined target nucleus.
For this, the ksvF0 function of the wrassp package (Bombien,
Winkelmann, and Scheffers 2020) was used, with minimum and
maximum F0 values adjusted for each speaker.

2.1. Statistics

The statistical analysis was carried out using functional linear
mixed models (FLMM) (Cederbaum et al. 2016; Pouplier et al.
2017) using the sparseFLMM package (Cederbaum 2020) in
R. FLMMs are analogous to regular mixed models, but instead
of single measures they are capable of evaluating curve dynam-
ics. As a result, the data is decomposed into a reference mean
curve and covariate and interaction effect curves. Covariate ef-
fects are analogous to fixed effects in mixed models, but they
consist of only two levels, dummy coded as 0 or 1. The main
interest of this study is the interaction effect of NUCLEUS TYPE
and (nuclear) PITCH ACCENT on the realization of F0. To avoid
three-way interactions the analysis was carried out separately
for phonemically short and long nuclei. The two models con-
sisted of the covariate effects PITCH ACCENT (0: unaccented;
1: accented), NUCLEUS TYPE (0: vocalic; 1: consonantal), and
their interaction effect. The dependent variable was the F0 con-
tour during the acoustically determined target nucleus normal-
ized between times 0 and 1. Because FLMMs are able to cope
with irregular grids, data at time points at which the F0 value
was 0Hz were removed instead of interpolating the F0 contour
over these segments. This was mainly during parts of the trill
or for short /r/ before or after the tap, when the voiced segment
was very short. The covariate effects are estimated on the basis
of splines, so the model assumes an underlying smoothness.

3. Results
To assess the effects of PITCH ACCENT and NUCLEUS TYPE on
F0, two statistical models using FLMMs were calculated, one
for phonologically short nuclei and one for phonologically long
nuclei. In both models the reference mean was the unaccented
vocalic nucleus (red dashed line in Figures 1 and 3). Summed
effect curves (also shown in Figures 1 and 3) are the model F0
contours for each condition and are calculated by adding the
corresponding covariate and interaction effect curves of inter-
est to the reference mean. The covariate and interaction effect
curves for the phonologically short and phonologically long nu-
clei are shown in Figures 2 and 4, respectively. An effect is sig-
nificant when its confidence band does not overlap with zero.

For both phonologically short and long nuclei, PITCH AC-
CENT has the greatest effect. As expected, in the accented con-
dition the F0 is higher. For short nuclei the mean difference
ranges from around 65 Hz at the beginning of the nucleus to
around 90 Hz at the end of the nucleus, while for long nu-
clei it ranges from around 35 Hz to 80 Hz. The effect of NU-

CLEUS TYPE is negligible with the mean difference going up
to 5 Hz. Where the effect was significant, it was above zero,
which means that in those regions the F0 was slightly higher
for consonantal nuclei than vocalic nuclei. Our main interest,
i.e. the interaction effect between PITCH ACCENT and NU-
CLEUS TYPE, was significant, but in the opposite direction than
expected: When accented, F0 is higher for consonantal nuclei
than vocalic nuclei with the mean difference up to 10 Hz. This
means that the effect of PITCH ACCENT was greater for conso-
nantal nuclei than for vocalic nuclei. In Figures 1 and 3 it is also
clearly visible that while for the unaccented condition (dashed
lines), the F0 contours for vocalic and consonantal nuclei over-
lap or are very close together, in the accented condition the F0
contours for consonantal nuclei (blue solid lines) are higher than
for vocalic nuclei (red solid lines).

4. Discussion and conclusion
For both phonologically short and long nuclei similar patterns
were observed. The F0 contour, which is the main correlate of
pitch accent in Slovak, was produced robustly on syllabic con-
sonants. Compared to vocalic nuclei, the effect of pitch accent
on the F0 contour was unexpectedly even greater for consonan-
tal nuclei. As a result, although we found a significant interac-
tion effect for NUCLEUS TYPE and PITCH ACCENT, the effect
was not in the direction that would explain why syllabic con-
sonants are cross-linguistically less preferred in prosodically
prominent positions.

While our results underscore that sonorant consonantal nu-
clei can carry nuclear pitch accents just like vowels, it is sur-
prising that pitch accent related F0 change was even greater
on nuclear consonants compared to vowels. It is well known
that there is a dependency between segmental identity and F0,
i.e. intrinsic pitch (Stoll 1984; Fowler and Brown 1997) and
intrinsic F0 (Whalen and G. Levitt 1995), and we now consider
whether these effects could play a role in our results. Intrin-
sic pitch describes the phenomenon by which at equal F0, open
vowels like /a/ are perceived to have a higher F0 than closed
vowels like /i/. Analogously, for F0 peaks placed on system-
atically varied coda segments, it was observed that F0 on less
sonorous sequences sounded lower than on more sonorous se-
quences (Barnes et al. 2014). The intrinsic pitch in vowels is
counterbalanced by intrinsic F0, which is at least partially re-
lated to the supraglottal articulation of vowels (Honda 1983;
Hoole and Honda 2011). The articulation of close vowels acti-
vates muscles which move the hyoid bone forward, which ap-
plies force to the thyroid cartilage and lengthens the vocal cords.
This results in a higher F0 for closed vowels compared to open
vowels. For consonants, however, these physiological conse-
quences are not necessarily given. Slovak /l/ is dark and /r/ is
produced as a tap or trill. They should be produced with a re-
tracted tongue dorsum, for which a high intrinsic F0 cannot be
expected. If we assume, based on the findings by Barnes et al.
(2014), that /l/ and /r/ have lower intrinsic pitch than vowels,
it is possible that speakers actively produce them with higher
F0. To assess how F0 on consonantal nuclei are perceived and
whether the higher F0 for accented consonantal nuclei can be
interpreted as a necessary auditory enhancement, a perception
study is needed. Furthermore, in this study, only two accent
conditions were compared. Languages generally allow gradient
means to express prosodic marking, such as broad and narrow
focus (Baumann, Grice, and Steindamm 2006). For Slovak only
few studies looked at F0 patterns as cues for different functional
contrasts and these studies were not concerned with the charac-
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teristics of the underlying segments (Beňuš, Reichel, and Mády
2014; Rusko, Sabo, and Dzúr 2007).

While for now we can conclude that Slovak syllabic con-
sonants can act as carriers of prosody, a more detailed investi-
gation might allow us to more confidently answer the question
to what extent. In addition, further studies might reveal which
characteristics of Slovak allow syllabic consonants in prominent
positions in the first place.
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Figure 1: Reference mean curve and summed effect curves of
phonologically short nuclei.
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Figure 2: Covariate and interaction effect curves for F0 of
phonologically short nuclei. The effect size is plotted over nor-
malized time. The effect is significant when the confidence
band does not overlap with zero.
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Figure 3: Reference mean curve and summed effect curves of
phonologically long nuclei.
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Figure 4: Covariate and interaction effect curves for F0 of
phonologically long nuclei. The effect size is plotted over nor-
malized time. The effect is significant when the confidence
band does not overlap with zero.
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Abstract 
Articulatory comparison of languages remains arduous due to 
the different phonetic repertoires and the large inter-speaker 
variability. An original model-based approach to compare the 
articulatory spaces of French and German is proposed. Static 
midsagittal MRI and corresponding contours of 11 French 
and 10 German speakers have been considered. After 
normalising the data over the speakers, individual articulator-
based articulatory models have been derived and pairwise 
cross-reconstructions of each speaker data of one language by 
each model of the other language performed. Performance 
comparisons tend to show a similar articulatory space for the 
two languages, suggesting that the articulatory degrees of 
freedom of one language are enough to produce the 
articulations of the other language. However, the large inter-
speaker variability suggests that the discrepancy between the 
speakers’ individual strategies might be larger than the 
discrepancy between the languages’ articulatory spaces. 
 
Keywords: morphology, articulatory spaces, inter-speaker 
variability, language comparison 

1. Introduction 
Learning a second language (L2) may involve the difficult task 
to form new vocal tract articulations not present in the native 
language (L1). This task may be all the more difficult when the 
new articulations are distant from any known L1 articulation 
(Ellis 1994). The articulatory discrepancy between two 
different languages may therefore be an indicator of the 
challenge for a speaker to learn a L2 language. Measuring this 
discrepancy constitutes the focus of the current study. This 
question lies in the more general framework of comparing 
different articulatory datasets. A very large variety of 
approaches are observed in the literature, from comparing 
languages or dialects (e.g. Dart 1998; Wieling et al. 2016) to 
study multilingualism (Badin et al. 2014; Badin et al. 2019) 
and going through exploring L2 learning strategies (Wilson & 
Green 2006). Most studies focus on specific phonetical 
characteristics, like the realisation of coronal consonants (Dart 
1998) or the lip shape (Zerling 1992). This variety is amplified 
by the very different techniques considered, from X-rays 
(Delattre 1964) to Electromagnetic Articulography (EMA) 
(Wieling et al. 2016) and going through Magnetic Resonance 
Imaging (MRI) (Badin et al. 2014), Electropalatography 
(Hoole et al. 1993) or photographs (Zerling 1992). Regarding 
the range of articulations, Li & Wang (2012) attempt to 
hierarchically cluster the phonemes of Mandarin Chinese and 
English while Badin et al. (2014) compare the analogous 
articulatory components of two articulatory models of French 
and English for a bilingual speaker. Finally, Serrurier et al. 
(2012) compare the speech and feeding articulatory spaces by 
reconstructing one dataset by an articulatory model built on the 
other dataset for a same speaker and by comparing the 
performance of the cross-reconstructions. This approach was 

also attempted by Badin et al. (2014) but the results are not 
explicitly reported in their study. The current study was 
directly inspired by this approach and intends more 
specifically to compare the articulatory spaces of French (FR) 
and German (DE). Attempts have already been made to 
compare FR and DE articulations. Delattre (1964) compares 
for instance midsagittal contours for the vowel /i/, Hoole et al. 
(1993) explore the coarticulation strategies for the consonants 
/s/ and /ʃ/, Bombien & Hoole (2013) explore the effect of 
voicing on the oral articulations, Zimmerer & Trouvain (2015) 
analyse acoustically the production of DE /h/ by FR and DE 
speakers and Gendrot et al. (2016) compare the articulatory 
realisation of FR and DE /ʁ/. To our knowledge, no study 
addresses the issue of articulatory space. The question in the 
current study is therefore to determine whether the articulatory 
repertoire of one of the two languages encompasses the other 
one and which articulatory dimensions might be missing in 
one language in comparison to the other. Although specific 
studies mentioned above involve the same speaker performing 
two different tasks (Badin et al. 2014; Badin et al. 2019; 
Serrurier et al. 2012), comparing articulatory realisations 
involves in general different speakers. The comparison 
becomes then arduous due to the large inter-speaker variability 
already reported in the literature (e.g. Serrurier et al. 2019). 
Indeed, in addition to the speech task, speakers differ also by 
their morphology, i.e. the position and shape of the articulators 
irrespective of the speech task, and their articulatory strategy, 
i.e. the displacement and deformation of the articulators to 
achieve the articulatory targets. The inter-speaker variability 
ascribable to the morphology can be addressed by normalising 
the articulatory data on the speakers, for which various ad hoc 
methods have been proposed in the literature (Geng & 
Mooshammer 2009; Wieling et al. 2016). In this study, we rely 
on an original method aiming at completely removing this 
variability from the data (Serrurier et al. 2017). The issue of 
the inter-speaker variability related to the idiosyncratic 
articulatory strategies of the speakers can be addressed by 
considering a large set of speakers in order to disentangle the 
common and the speaker-specific articulatory features. This 
study constitutes a preliminary attempt towards this objective. 

The general objective of the study consists thus in comparing 
the articulatory spaces of FR and DE by means of articulatory 
modelling. In addition to describe the data, articulatory models 
have the power to make predictions according to the data on 
which they have been built. This study aims at taking 
advantage of this property by attempting to predict FR data 
from an articulatory model based on DE data and vice versa. 
The analysis of the performance of these cross-reconstructions 
aims at providing an indication of the discrepancy of the two 
articulatory spaces. This study is an updated version of our 
preliminary study (Serrurier & Neuschaefer-Rube 2020) with a 
larger set of German speakers. The manuscript is organised as 
follows: the section 2 describes the data and the methods, the 
section 3 presents the results and the section 4 comments the 
results and provides a general discussion. 
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2. Material and methods 

2.1. Data and corpora 

The data consist in two datasets of static midsagittal MRI 
images of the vocal tract. The FR dataset has been recorded on 
11 French speakers (6 males) sustaining artificially 62 
articulations: 10 oral and 2 nasal vowels, and each of the 10 
consonants [p t k f s ʃ m n ʁ l] in 5 symmetric vowel contexts. 
The DE dataset has been recorded on 10 German speakers (7 
males) sustaining artificially also 62 articulations: 10 long 
vowels, the consonants [p t k f s ʃ m n ŋ l] in 5 symmetric 
vowel contexts and the consonants [ç x] in the 2 respective 
vowel contexts [i:, ε:] and [a:, u:]. The set of articulations of 
each dataset is considered as balanced and representative of 
the articulatory repertoire of each language, making them 
suitable to analyse the articulatory spaces (Beautemps et al. 
2001). The contours of all articulators surrounding the vocal 
tract on each image have been manually segmented and the 
resulting articulations aligned per speaker on the contour of 
the hard palate and between speakers on corresponding bony 
landmarks. Further details can be found in Serrurier et al. 
(2019). The data consist in the end in two datasets of contour 
coordinates of respective size 11×62×1037×2 and 
10×62×1037×2 for the FR and DE dataset corresponding to 
the 11 FR and 10 DE speakers, the 62 FR and DE 
articulations, the 1037 contour points and the 2 x-y 
dimensions. 

2.2. Methods 

2.2.1. Speaker normalisation 

Normalising the speakers’ articulations removes the variations 
ascribable to the morphology in the data. The current method 
is supposed to remove exactly all variability related to 
morphology variations. Due to the large and balanced corpus 
supposedly sampling the articulatory space of a speaker, the 
mean articulation of each speaker can be considered as free 
from the articulatory strategy and represent her/his 
morphology. In addition, each articulation of a speaker can be 
considered as the deformation of its mean articulation towards 
the target articulation, implying that the mean articulation is 
present in each articulation. The normalisation consists in 
replacing in all articulations the speaker mean articulation by 
the neutral mean articulation calculated over the overall 
datasets. By this method, all speakers have at the end the same 
mean articulation, i.e. the same morphology. Note however 
that individual strategies, including strategies possibly deriving 
from morphology constraints, remain present in the data. An 
illustration of the effect of normalisation on the data can be 
seen in Figure 1. Further details on the procedure can be found 
in Serrurier et al. (2017) and on the mean articulation in 
Serrurier et al. (2019). All the further processing described in 
this article are performed on the normalised data. 

2.2.2. Variability analysis 
The variability of the two datasets has been measured in terms 
of Standard Deviation (STD), i.e. in terms of variations around 
the mean value. The STD has been preferred over the variance 
for interpretability of the units. Given the matrix format of the 
data, the STD can be calculated in overall as well as per 
speaker and per contour point, as presented in the section 3. 

2.2.3. Modelling analysis 

Two modelling approaches are considered. 

 

  
Figure 1: Superposition of the articulation contours 
for the DE speakers for the phoneme /a/ before (left) 

and after (right) normalisation. 

In the first approach, the underlying idea is to perform cross-
reconstructions of the data by the model corresponding to the 
other dataset and to evaluate whether the articulatory model 
built on one dataset could outperform the articulatory model 
built on the other dataset. For this purpose, individual 
articulatory models have been built for the 21 speakers. 
Following a principle detailed in Serrurier et al. (2019), the 
models are articulator-based and obtained by so-called guided 
Principal Component Analysis (PCA), i.e. an iterative PCA 
where the components aim at reflecting realistic biomechanical 
deformations. It results in linear models made of 14 
articulatory components. In such articulatory models, the data 
articulations can be represented as a linear combination of 
eigenvectors, the articulatory components, weighted by control 
parameters, also referred to as predictors in this study. Further 
details can be found in Serrurier et al. (2019). The accuracy of 
the articulatory models is measured in Root-Mean-Squared 
(RMS) error between the reconstructed and the data 
articulations, in cm. The matrix form of the reconstructed data 
allows the calculation of the RMS in overall as well as per 
speaker, per phoneme, per articulator or per contour point. The 
individual models present similar performance, with a 
respective RMS error of 0.1±0.02 cm and 0.09±0.02 cm for the 
FR and DE datasets. They demonstrate therefore a similar 
power of prediction on the data on which they are built. 

Pairwise reconstructions of the 21 speakers’ data by the 21 
articulatory models have been performed. For that purpose, the 
predictors corresponding to the data of a specific speaker to be 
reconstructed by a specific articulatory model have been 
iteratively estimated by inversing the model, i.e. by 
multiplying the considered articulation data with the inversed 
of the considered eigenvector matrix. The articulations have 
then been reconstructed by multiplying these predictors and 
the eigenvector matrix. The reconstructions have been 
evaluated in terms of RMS error in overall and per speaker. 

The articulatory models built on the data of one language are 
supposed to be optimal to reconstruct data of the same 
language. The reconstructions of the FR dataset by the FR 
models constitute therefore the performance baseline for the 
reconstruction of the FR dataset, and inversely for the DE 
dataset. The reconstructions of the same FR dataset by the DE 
models are supposed to present higher reconstruction errors. 
The gap between the RMS error of the reconstructions of the 
FR dataset by the DE models and the RMS error of the 
reconstructions of the same FR dataset by the FR models, 
referred to as ΔRMS in this study, can therefore be considered 
as the deficit of the DE models to reconstruct the FR dataset, 
and vice versa. The ΔRMS of the DE models and of the FR 
models have been calculated from the pairwise reconstructions 
and are reported per contour point and phoneme together. 
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The second modelling approach consists in projecting all 
speakers in the same articulatory space and to compare the 
range of use made by the FR and DE speakers of the 
components of this space. For that purpose, a single cross-
language articulatory model of 14 components following the 
same principles as described earlier has been built on the 124 
articulations obtained by pooling the 62 FR articulations 
averaged over the 11 speakers and the 62 DE articulations 
averaged over the 10 speakers. The predictors corresponding 
to the data of a specific speaker to be reconstructed by this 
model have then been estimated as described earlier, leading to 
two sets of respectively 11×62×14 and 10×62×14 predictors 
for the FR and DE datasets. The range of the two sets has then 
been compared per articulatory component. 

3. Results 

3.1. Variability analysis 

The DE dataset shows a higher overall variability, with an 
overall STD of 0.28 cm against 0.26 cm for the FR dataset. An 
analysis per speaker tends to show a slightly higher inter-
speaker variability for the 10 DE speakers than for the 11 FR 
speakers. A finer analysis per dimension and per contour point 
is displayed in Figure 2. It shows in general a higher 
variability for the DE dataset, except notably for the tongue. 

   
Figure 2: Overall mean articulation where colour codes the 
difference between the STD of the contour points of the DE 
dataset and of the FR dataset for the X (left) and Y (right) 

dimensions; higher STD for the DE dataset (resp. FR dataset) 
is coded in red (resp. blue). 

3.2. Modelling analysis 

For the first modelling approach, the cross-reconstructions 
show similar overall performance for the FR and DE datasets: 
the RMS errors for both datasets reconstructed by the models 
built on themselves are 0.15 cm while the RMS errors of the 
FR and DE datasets reconstructed respectively by the DE and 
FR models are 0.16 cm and 0.15 cm, leading to ΔRMS of 
0.01 cm and <0.01 cm for both DE and FR models. It means 
that the models built on the other dataset are very slightly 
suboptimal to reconstruct one dataset, but this slight level of 
suboptimality is comparable between the FR and DE models. 
In other words, the power of prediction of the FR and DE 
models to reconstruct the other dataset appears similar. These 
overall performances hide however a large variability between 
speakers. Figure 3 illustrates the RMS errors of the cross 
reconstructions per speaker and per model. It can be seen 
notably high errors for the models built on DE speakers 
number 4 and 5 reconstructing the FR articulations and 
conversely high errors for the FR models reconstructing the 
articulations of the same DE speakers number 4 and 5. Note 
also for instance the high incompatibility between FR speaker 
7 and DE speaker 5. 

The ΔRMS of the DE and FR models per contour point and 
articulation are presented in Figure 4. The high values 
observed for the contour points near the glottis emphasize for 

this region the difficulty for the models built on one dataset to 
reconstruct the data of the other dataset. More interestingly, it 
can be seen higher values in the ΔRMS of the DE models for 
contour points corresponding to the tip of the tongue and to a 
lesser extent in the ΔRMS of the FR models for contour points 
corresponding to the tip of the velum. It means that DE models 
tend to miss more than FR models the reconstruction of the tip 
of the tongue in FR articulations and that FR models tend to 
miss slightly more than DE models the reconstruction of the 
tip of the velum in DE articulations. This suggests that some 
articulatory degrees of freedom regarding the tip of the tongue 
(resp. velum) might be missing in the DE (resp. FR) 
articulations in comparison to the FR (resp. DE) articulations. 
Figure 5 illustrates the data and reconstructions corresponding 
to the extreme phonemes in that case identified on Figure 4.  

The second modelling analysis did not reveal any difference in 
the use of the same articulatory components between the FR 
and DE speakers: two-sample t-tests between the 14 predictors 
of the FR and DE datasets did not show statistically significant 
differences between the two sets, suggesting that FR and DE 
speakers use the same articulatory components in a similar 
range. 

     
Figure 3: RMS error matrices of the reconstructions of the 11 
FR speaker articulations by the 10 DE models (left) and of the 

10 DE speaker articulations by the 11 FR models (right). 

  
 

 
Figure 4: ΔRMS matrices of the DE models reconstructing the 

FR data (left) and of the FR models reconstructing the DE 
data (right) calculated per contour point (y dimension) and 

articulation (x dimension). 

4. Discussion and conclusion 
This study applies the methodology initially proposed by 
Serrurier et al. (2012) to compare the articulatory spaces 
represented by two datasets to the case of FR and DE. On a 
global scale, FR and DE seem to present rather similar 
articulatory spaces. This would have for consequences that the 
articulatory degrees of freedom of native FR speakers are 
enough to produce DE articulations and vice versa for the DE 
native speakers. FR and DE L2 learning should therefore not 
be problematic for DE and FR native speakers regarding the 
formation of new articulations. A slight deficit of the DE 
models to reconstruct the tip of the tongue of FR articulations 
is observed. This corresponds interestingly also to a larger 
variability observed for the tongue in the FR data. This could 
be coherent with French laterals being reported more apical, 
possibly produced with a more convex tongue (Dart 1998). 

Serrurier & Neuschaefer-Rube #043

– 46 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



 

  

Figure 5: Data contours for the phonemes [lu] (black left) and 
[na] (black right) respectively averaged over the 11 FR and 

the 10 DE speakers superposed with the corresponding 
reconstructions obtained from the models built on the same 

dataset (blue) and on the other dataset (red). 

Inversely, a larger variability for the velum in the DE data and 
a slight deficit of the FR models to reconstruct the tip of the 
velum of DE articulations is observed. This could be a 
consequence of the presence of nasal vowels in French. As 
emphasized by Dart (1998) for FR and English, a large inter-
speaker variability is however observed, making difficult to 
uncover language-specific features independent from the 
speaker. Although the inter-speaker morphology was 
supposedly removed from the data, the remaining inter-speaker 
variability related to the speakers’ idiosyncratic articulatory 
strategies may be larger than the differences between the 
languages’ articulatory spaces, limiting the possibilities to 
characterise this discrepancy. Further analyses characterising 
the inter-speaker variability within a language and a larger set 
of speakers may help to solve this issue. This study is also 
based on static articulations. As emphasized by Delattre 
(1964), static articulations may not be representative of the 
corresponding articulations in dynamic speech, limiting the 
interpretation in terms of phonetics. However, such data have 
already proved to sample the articulatory space of the speaker 
and to be representative of her/his articulatory capacities 
(Beautemps et al. 2001). This makes them valid for modelling 
approaches and for extracting the articulatory degrees of 
freedom. Analyses on dynamic data may provide 
complementary information. Furthermore, as emphasized by 
Serrurier et al. (2012), the design of the articulatory models is 
crucial to compare two datasets by means of modelling: adding 
more components in a model increases the number of degrees 
of freedom taken into account and should lead to better 
reconstructions, boosting the performance of the considered 
model in comparison to others. For this reason, the choice of 
guided PCA seems appropriate, as only biomechanically 
plausible components are retained. The chosen approach to 
design similarly the 21 models of the study might however 
lead to miss some specific degrees of freedom for some 
speakers. Individual assessment should be performed to solve 
this issue. Note finally that the difference in the performance 
of the models to perform the cross-reconstructions approaches 
the accuracy of the models. Finer and more speaker-specific 
analyses might be therefore necessary in the future. Despite 
these limitations, this study presents a promising methodology 
to compare the articulatory spaces corresponding to two 
different languages. Further research should involve more 
speakers in order to draw conclusions regarding the languages 
despite the variable speakers’ idiosyncratic strategies. 
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Abstract 
This paper reports on the MARRYS cap, as an easy-to-use 
alternative method for measuring jaw displacement. We sketch 
the motivation for developing the cap, report on details of how 
the cap works, and finally report on some preliminary data, 
comparing results of the cap with those of EMA. Results show 
that the MARRYS cap can reliably exhibit a difference of jaw 
displacement in various contexts, but it is more handy, mobile, 
and affordable than EMA. The MARRYS cap is suitable for 
various kinds of phonetic analyses, be it classroom 
teaching/training, fieldwork, or lab studies on jaw-related 
vowel targets or rhythm patterns. It can also be used to help 
teach more native-like expressions of attitudes for different 
cultures, such as dominance or friendliness, as well as support 
rhetorical trainings that assess, visualize, and improve a 
speaker’s public-speaking performance.  
 
Keywords: MARRYS cap, jaw, prosody, language learning, 
public speaking, charisma 

1. Introduction 
Research has shown that the amount of jaw lowering (i.e. mouth 
opening) during speaking is closely correlated with the 
language-specific rhythmical structure of a spoken utterance. 
For example, in public speaking, pronounced and dynamic jaw 
movements (especially lowerings for open vowels) make a 
speaker sound more passionate and captivating and are, thus, 
important for his/her charismatic impact on listeners (Niebuhr 
2020; Niebuhr & Gutnyk submitted). In addition, recent work 
has reported jaw movement changes associated with cross-
cultural differences in expressions of attitudes, (e.g., Geng 
2020; Geng et al. 2020; submitted).  

With regard to jaw movement and language rhythm, work 
with Electromagnetic Articulography (EMA) (e.g., Erickson 
and Kawahara 2016; Erickson et al. 2012; 2016; Kawahara et 
al. 2014; Huang & Erickson 2019) report that differences in jaw 
displacement directly reflect varying syllable-stress levels in 
production, which are then evidenced in formant frequency 
differences, (e.g., Erickson 2002; Erickson et al. 2012). The 
amount of jaw displacement has a strong correlation with 
perceptual ratings of syllable stress (Erickson et al. 2015; 2020). 
While English shows metrically strong stress by increasing jaw 
displacement on a specific syllable within each phrase, 
languages like French, Chinese and Japanese place maximal 
jaw displacement on the final prosodic unit of a phrase (e.g., 
Huang and Erickson 2019; Smith et al. 2019; Erickson et al. 
2016; Erickson et al. 2014; Kawahara et al. 2014) Also see Jun 
(2005) for a phonological description of these languages that 
have right-edge prominence patterns.  

These findings of differences in jaw displacement patterns 
across different languages have significance for language 

learning applications. As is reported in a number of recent 
studies (e.g., Erickson 2013; Erickson et al. 2019; Wilson et al. 
2019; 2020), second language (L2) learners tend to transfer the 
articulation of their first language (L1) rhythmical stress 
patterns when speaking their second language, as shown in 
Figure 1 (reproduced from Erickson et al. 2019). The left 
column shows the jaw patterns of the L1 speakers of an English, 
a Japanese, and a French sentence, respectively, and the right 
columns, the corresponding patterns of L2 speakers of these 
sentences. The height of each bar indicates how much the jaw 
opens for each syllable. Notice that jaw-lowering patterns 
strongly differ among the three L1s and that, additionally, key 
aspects of these L1 patterns persist in the speaker's realization 
of the corresponding L2 sentences.   

Figure 1: Jaw displacement in native and non-native 
rhythm 

. 
Specifically, as shown in the top left figure, for the English 
utterance I gave dates to Kay today, English speakers im-
plement the nuclear stress on the word Kay by increasing the 
amount of jaw displacement for that word (Huang & Erickson 
2019); a French speaker will tend to put more jaw displacement 
on the phrase-initial or –final syllables, as described by Jun 
(2005) and Smith et al. (2019). The middle row, left graph, 
shows the Japanese utterance Aka pajama da (They are red 
pajamas). Notice that the word pajama is lexically similar in 
both languages, but in Japanese, has no lexical stress on the 
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middle syllable, whereas it does in English. Japanese, similar to 
French, is an edge-strengthening language (Jun 2005). Thus, the 
Japanese sentence shows for the final syllable a large increase 
in jaw displacement; English speakers, however, show 
increased jaw displacement on the middle syllable of pajama, 
and,  thus, transfer their prominence/jaw displacement patterns 
from English to Japanese. The final row of Figure 1 shows the 
jaw displacement patterns for the French sentence Natasha 
n’attacha pas son chat Pacha qui s'échappa (Natasha didn’t 
attach her cat, who escaped). The left-hand graph shows that 
French speakers do edge strengthening, especially on the final 
syllable of each phrase, with the largest jaw displacement at the 
end of the utterance. The English speakers carry over their 
lexical stress patterns for the cognate words, Natasha, 
n’attacha, s'échappa, putting increased stress and jaw 
displacement on the middle syllables of these words. 

Good “jaw prosody” is important for good communication. 
Less native-like rhythm (or a foreign accent) not only bears the 
risk of stigmatizing speakers in social respects, but also often 
hampers speech communication, e.g., in terms of identifying 
words or conveying information-structure (Menezes et al. 
2012).  

A recent paper by Wilson et al. (2020) showed that Japanese 
speakers improved spoken English rhythm after having “jaw 
dancing” training; they showed Japanese learners of English the 
jaw patterns of “good English” compared with Japanese-
accented English patterns, and asked the learners to mimic the 
“good English” patterns. Rate of improvement was done by 
comparing F1 and F2 values of the vowels, since no facilities 
were easily available to actually measure jaw displacement. 
Ideally, a jaw training program would allow speakers to actually 
“see” their jaw movement patterns before and after trainings. 
Similarly, such training would also help second language 
learners acquire appropriate articulation for expressing social 
affects, as well as help public speakers acquire better 
articulatory habits (see e.g., Geng 2020; Geng et al. 2020; 
submitted; Niebuhr 2020; Niebuhr & Gutnyk submitted). As an 
example, Figure 2 shows a comparison of the closed vowel [i] 
and the open vowel [æ] in the nouns “people” and “families”, 
uttered with nuclear stress by the two former US presidents, 
Barack Obama and Donald Trump, in their respective 
inauguration speeches. It can be clearly seen that Obama – in 
terms of the visible jaw lowering – realizes the [i]-[æ] difference 
much more pronouncedly than Trump. Also, the acoustic F1 
difference between [i] and [æ], measured at the vowel 
midpoints, was 240 Hz larger for Obama than for Trump. 
Across all closed and open vowels with nuclear stress, Obama 
significantly outperformed Trump in terms of his F1 range, 
although his lead shrank to an average of 135 Hz. 

Niebuhr & Gutnyk (submitted) examined the interplay of 
jaw lowering and perceived speaker charisma under more con-
trolled, experimental conditions. They found strong correla-
tions between jaw lowering on the one hand and acoustic-
prosodic charisma triggers on the other (such as the F1 range 
and the extent of acoustic-energy and pitch variation, see 
Niebuhr 2020; Bosker 2020; Niebuhr & Skarnitzl 2019). The 
more pronounced the lowering of the jaw, the stronger the 
acoustic cues to perceived speaker charisma and the higher the 
charisma rating of a speaker. Comparison of the correlations' 
explanatory power suggested additionally that a pronunouced 
“jaw dancing” has a direct charisma-supporting effect, over and 
above its beneficial acoustic-prosodic consequences. Perhaps, 
this is a direct effect of what Gussenhoven (2016) called the 
“effort code”. In any case, learning how to do proper “jaw 
dacing” on stage is of great importance to effective and 
successful public speakers. This is all the more true as the data 
from Niebuhr & Gutnyk suggest that about a third of all tested 

speakers do show hardly any pronounced jaw-lowering/mouth-
opening patterns when speaking. However, just like for teaching 
L2 stress patterns, what was missing so far was a device for 
visualizing, evauating and, thus, teaching the right “jaw 
prosody”. 
 
 

 
Figure 2: Inter-speaker difference in jaw lowering, illustrated 

by [i] ("people") and [æ] ("families") in Obama’s and 
Trump’s inauguration speeches. 

 
As the current method of collecting articulatory data using 
EMA is time consuming, skill demanding and expensive, it is 
not easy to collect data from a large number of speakers. 
Certainly it is not something that can be used as a teaching tool 
in language-learning or public-speaking classes. In order to 
meet the need of better language teaching and rhetorical 
training, a new, more easy to use articulatory device is being 
developed by Oliver Niebuhr in collaboration with electrical 
engineers at Southern Denmark University: The Mandible 
Action Related Rhythm Signals (MARRYS) cap. Essentially, 
this is a cap that the speaker wears, with the chin strap 
containing two transducers to measure the jaw displacement. 

In this paper, first, we report on the details of how the cap 
works, and then we report on some preliminary data, com-
paring results of the cap with those of EMA.  

2. Description of MARRYS cap 
Jaw displacement is based on stereo signals of two stretch-
sensor transducer belts that lead from the wearer's cheeks to a 
connector at the chin, inspired by the RespTrack system of 
Heldner et al. (2019) for measuring speech breathing. Figure 3, 
left panel, shows the MARRYS cap. Recordings are made at a 
10 kHz sampling rate and with a 16-bit quantization on an 
internal SD card. Thus, the MARRYS cap needs no external 
cables and runs with an internal battery for up to 8 hours. This 
means that the cap can be used in all areas of application that 
require high mobility, for example, on stage or in fieldwork 
situations. The additional microphone that is integrated in the 
cap’s peak allows recording the speech signal, which is time-
aligned with the two belt signals. Moreover, due to the 
microphone's position in the cap's peak the speech signal is 
recorded independently of head movements, i.e., at a constant 
mouth-to-microphone distance and angle. 
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Figure 3: Illustration of the MARRYS cap concept; left: a 
speaker wearing the cap; middle: raw signals (3 channels--left 
jaw belt, right jaw belt,  mono mic audio signal) generated by 
the cap in millivolts (mV); right: post-processed signals  used 

for investigating jaw dancing and its coordination with the 
time-aligned speech signal. 

The right panel of Figure 3 shows the results of the speaker 
changing the location of contrastive emphasis, similar to 
experiments reported by Westbury & Fujimura (1989) and 
Erickson (1998). The top right shows the jaw displacement 
pattern for the “neutral utterance”, spoken as an affirmative 
answer to the yes-no question of the type, Is it 595 Pine? Here, 
the nuclear stress is most likely on the first 5, and, accordingly, 
we see a slight increase of jaw displacement on the first digit. 
The middle graph shows what happened when this digit is 
spoken with contrastive emphasis, e.g., Is it 995 Pine street? 
No, it’s FIVE 9 5 Pine street. We see a clear increase in jaw 
displacement, similar to what was reported by, e.g., Erickson 
(1998). The bottom graph shows increased jaw displacement on 
the middle digit, NINE, when it has been spoken with 
contrastive emphasis. 

Furthermore, the MARRYS cap provides additional 
interesting dimensions of the phonetic analysis which lie in the 
timing and amplitude differences of jaw lowering. Niebuhr & 
Gutnyk (submitted) refer to these dimensions as temporal and 
vertical asymmetries. For example, a temporal asymmetry 
could mean that the lowering movement is executed faster than 
the raising movement. A vertical asymmetry occurs when the 
jaw is lowered at an angle and, thus, stretches one transducer 
belt more than the other. Niebuhr & Gutnyk found similarly 
large inter-speaker differences as for the degree of jaw lowering 
and, additionally, correlations of temporal asymmetries with 
pitch patterns (e.g., in that the up/down movement dynamics of 
the jaw is reflected in the up/down movement dynamics of f0) 
and of vertical asymmetries with the F1 range.  

The lower middle panel of Figure 3 shows a combined 
temporal and vertical asymmetry in the speaker's jaw movement 
pattern (circled). The gray signal represents the left, and the 
orange signal the right belt of the MARRYS cap (the speech 
signal is represented in blue). Most obvious is the vertical 
asymmetry: The decrease of gray signal (left belt) is, in terms 
of its absolute amplitude, much small than that of the orange 
signal (right belt). That is, the jaw lowering is executed right-
skewed, a pattern which is probably characteristic of the 
speaker, as is also illustrated by the bottom left photograph in 
Figure 3. Additionally, we see a temporal asymmetry: Both belt 
signals show a steep fall followed by a shallower rise, i.e., the 
jaw is lowered faster than it is raised, again in the cor-
responding CVC syllable mat (the data of Niebuhr & Gutnyk 

suggest that this applies to the majority of all jaw-movement 
patterns).  

Detailed studies of how such asymmetries are shaped by or 
interfere with communicative functions, speaking styles or 
emotional states seem worthwhile; as well as exploring whether 
they have an impact on, e.g., perceived speaker traits. 

3. Preliminary experiment comparing 
MARRYS with EMA 
As a first proof-of-concept test of the MARRYS cap, we 
conducted a preliminary experiment that compares results of 
MARRYS with the established gold standard of EMA. Gender-
balanced pilot speech data were collected with 8 speakers, 4 
native and 4 non-native speakers of English. The speech-
elicitation tasks were adopted from the works of Erickson and 
colleagues (e.g., Erickson 1998; Erickson et al. 2014; Erickson 
& Kawahara 2016). 

Results of the post-processed jaw data (i.e., merged 
left/right signals, smoothed/filtered, mV translated into 
millimeters, mm) are shown in Figure 4. The left column of 
Figure 4 shows in terms of blue lines previously collected EMA 
results (as reported in Erickson 1998), and the right column, in 
terms of red lines, data from the new MARRYS cap. Each panel 
of Figure 4 represents the mean values of a separate speaker. As 
the EMA results in the left column come from three native 
speakers of English, we also compared them to the results of 
three of the four the native speakers of English recorded with 
the MARRYS cap. 
 

 
Figure 4: Comparison of EMA and MARRYS data (jaw 

lowering in mm) for the realization of three digits (595) under 
contrastive emphasis (dotted lines) and neutral sentence stress 

(solid lines). Each panel represents a separate speaker. 
 
In each panel, the y-axis indicates the amount of jaw lowering 
in mm such that a higher value means more jaw lowering. The 
x-axis shows for each of the digits in the test sentence It’s 5 9 5 
Pine Street the amount of jaw lowering under two conditions of 
sentence stress: the jaw lowering of contrastively emphasized 
digits (as in "No! It's___"), indicated by dashed lines, and the 
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jaw lowering of neutrally (i.e. non-emphasized) sentence-
stressed digits, shown by solid lines. As can be seen in Figure 
4, the amount of jaw lowering for emphasized digits is clearly 
greater than that for the non-emphasized digits, for both 
MARRYS and EMA. Also, we see for both MARRYS and 
EMA that the jaw lowering for non-emphasized digits is 
greatest on the first 5, while the following two digits show a 
greater difference between jaw lowerings associated with 
emphatic and non-emphatic sentence stress. Overall, our 
preliminary results show a high level of similarity between the 
MARRYS cap-based results and the previous EMA-based 
results of Erickson and her colleagues. 

Discussion and conclusion 
The preliminary results of our proof-of-concept experiment 
indicate that the MARRYS cap is able to measure jaw lower-
ings in a reliable way, creating results comparable to those of 
the more traditional EMA method. Because the MARRYS cap 
is more handy, mobile, and affordable than EMA, as well as  
other apparati with similar functions, MARRYS is suitable for 
all kinds of phonetic analyses, be it classroom teaching/ 
training, phonetic fieldwork, or scientific lab studies on jaw-
related vowel targets or rhythm patterns (see Wilson et al. 2020; 
also see Levis 2018). Specifically, it can be used to help teach 
more native-like expressions of attitudes for different cultures, 
such as dominance or friendliness. It would be effective too in 
rhetorical trainings to assess, visualize, and improve a speaker’s 
public-speaking performance.  

Future work is to collect additional data, conducting 
MARRYS vs. EMA comparisons based on a within-subjects 
design in USA, Denmark, and China. In connection with this, 
we plan to refine the mV-to-mm conversion of the MARRYS 
cap. This conversion is not trivial, because the relationship 
between jaw lowering and belt stretching (and hence the mV 
signal) is not linear and, moreover, varies with how well the cap 
is fitted to the head shape of its wearer. We currently are 
developing a calibration method and testing adjustable straps 
with different elasticities in order to reconcile wearing comfort 
and mm precision. 

In a second step we will explore how effective the 
MARRYS cap is on L2 acquisition. In this context, we plan to 
develop a pedagogically informed user interface (visualization 
and assessment concept). 
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Abstract 
In this study, we aim to gain insights into whether there exists 

an invariant durational property which can uniquely 

distinguish between singletons and geminates, both across 

languages and across speech rates. We collected acoustic data 

from four typologically distinct languages (Tashlhiyt, 

Japanese, Italian and Finnish) and so far, recorded one 

speaker from each language producing 320 times /ima/ and 

320 times /imma/ within a carrier phrase, across a wide range 

of speech rates (20 different steps). Several temporal 

parameters as well as relational measures that are generally 

associated with gemination distinction were analyzed. Results 

show that in none of the four languages absolute consonant 

duration can reliably distinguish singletons and geminates 

across different speech rates. However, the ratio of consonant 

to word duration across speech rates provides a rate-invariant 

boundary that can accurately distinguish the two phonemes in 

the four languages. These results provide support for previous 

work, and suggest that a cross-linguistic rate-independent 

attribute of gemination is not absolute but relational.  

Keywords: Geminates, duration, acoustic invariance, speech 
rate, cross-linguistic approach 

1. Introduction 
Various languages across the world use length to lexically 
contrast between two sets of consonants: singletons and 
geminates (Kubozono 2017). For example, in Tashlhiyt /m/ 
and /mm/ are in opposition with each other, allowing to 
contrast the pair [imi] ‘mouth’ and [immi] ‘(grand)mother’. 
The consonants /m/ and /mm/ are minimally contrastive in that 
they differ in just one property, gemination (or length). Most 
phonologists and phoneticians agree that gemination is 
realized in terms of absolute durational differences, with 
geminates being longer than their singleton counterparts 
(Ladefoged and Maddieson 1996, Lehiste 1970, Lahiri & 
Hankamer 1988, Payne 2005, Kawahara 2015, see Ridouane 
2010 and references therein). Still, one major challenge comes 
from the extreme variability in the way duration is 
implemented. This variability is a consequence of several 
interacting constraints, both structural (e.g., language-specific 
phonological systems) and physical (e.g., speech rate).  
 
This preliminary study is part of a project exploring how these 
structural and physical constraints interact in shaping the way 
length contrast is acoustically implemented in typologically 
unrelated languages. It aims at determining whether an 
invariant property can realize the same length contrast across 
languages and speech rates. We present results for Tashlhiyt, 
Japanese, Italian and Finnish. Gemination is lexically 
contrastive in these four languages, but with markedly variable 
phonetic realizations, and within different phonological 
systems (e.g., Japanese is mora-timed while Italian is syllable-
timed; Japanese and Finnish have length contrast for both 

consonants and vowels, while only consonants contrast in 
length in Tashlhiyt and Italian). 

1.1 Secondary attributes of gemination  
Previous studies have also shown that additional phonetic 
features may be involved in signaling gemination contrast 
(Engstrand & Krull 1994, Payne 2006, Ridouane 2010, 
Kawahara 2015), but these additional attributes vary 
depending on languages. One example is the effect of 
gemination on the preceding vowel. In some languages, 
vowels tend to shorten before geminates, as in Bengali (Lahiri 
& Hankamer 1988), Tashlhiyt (Ridouane 2010), Hindi (Ohala 
2007), Malayalam (Local & Simpson 1988), and Italian 
(Esposito & Di Benedetto 1999). But in other languages, 
vowels are lengthened before geminates, as in Japanese 
(Kawahara 2015), Turkish (Jannedy 1995), Finnish (Lehtonen 
1970), and Shinhara (Letterman 1994). Other languages show 
no effect of gemination on preceding vowel duration, as in 
Lebanese Arabic (Khattab & Al-Tamimi 2014), Palestinian 
Arabic (Miller 1987), Tamil (Keane 2001), and Estonian 
(Engstrand & Krull 1994). 
 
The effect of gemination on the following vowel has not been 
studied as much. In Japanese, vowels are reported to be 
slightly shorter after geminates (Han 1994, Idemaru & Guion-
Anderson 2008, Ofuka et al. 2005). This shortening, however, 
is not very substantial (D=9 ms in Han 1994; D=13 ms in 
Idemaru & Guion 2008), and is much less consistent 
(Kawahara 2015). A similar insubstantial shortening has also 
been reported for Italian (Yoshida et al. 2015), while no effect 
has been observed in Tashlhiyt (Ridouane 2007). 

1.2 Gemination and speech rate  
As shown in previous studies by inter alia Pickett et al. (1999), 
Pind (1995) and Hirata & Whiton (2005), speech rate may 
affect singletons and geminates differently. A specific 
question has been addressed in these studies, i.e., asking 
whether there is any acoustic correlate that is invariant across 
different speech rates. The findings suggest that this invariant 
measure is a relational one.  
 
Pickett et al. (1999) analyzed Italian words contrasting 
singletons and geminates, spoken in isolation and in a 
sentential context at two different rates: slow and fast. Closure 
duration was found to discriminate between the two categories 
of consonants within a given speaking rate, but this measure 
failed to discriminate the two categories across the two speech 
rates. However, a measure reflecting the relation, i.e., the ratio 
between consonant duration and preceding vowel duration 
(C/V), allowed to discriminate between singletons and 
geminates both within and across speaking rates. 
 
Hirata & Whiton (2005) analyzed Japanese tokens of 
singletons and geminates in real words and nonce words at 
three different speech rates: slow, normal, and fast. Three 
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measures were evaluated on their effectiveness in correctly 
classifying singleton and geminate tokens: closure duration, 
C/V ratio, and C/W ratio. Their results showed a significant 
amount of overlap between singletons and geminates across 
the three rates, implying, as for the Italian study, that closure 
duration could not classify the two categories. Similar to 
Italian, relational measures classified accurately singletons and 
geminates, with the highest accuracy for C/W (98% for nonce 
words and 95.7% for real words).  
 
In the present study, we build on these findings, and make a 
novel empirical contribution to the debate over the existence 
of an acoustic invariant of gemination. The novelty of this 
study lies in the inclusion of four typologically distinct 
languages, and in the use of a motion-based cue to elicit much 
more variation in speech rates than in previous studies. 

2. Methods 
We recorded four speakers, one speaker of Tashlhiyt (S1), one 
of Japanese (S2), one of Italian (S3), and one of Finnish (S4). 
The acoustic data were recorded using a condenser 
microphone (AKG C420 headset) sampled at 48kHz, 16bit.  
 
The target words /ima/ and /imma/ were embedded in 
language-specific carrier phrases (shown in Table 1). Each 
speaker produced a total of 320 repetitions of /ima/ and 320 
repetitions of /imma/.   

Table 1: Languages-specific carrier phrases. 

We applied forced alignment to the acoustic data with 
monophone HMMs using Kaldi. Separate HMMs were trained 
using 32 manually aligned responses from each speaker. The 
alignments were visually inspected for accuracy and corrected 
when necessary. No distinction between singleton and 
geminate phones was imposed in the models. 

 

 
Figure 1: Forced alignment annotation example for Japanese 

speaker for singleton /ima/ (top) and geminate /imma/ 

(bottom) embedded in carrier phrase <Kore wa __ nano>. 

 

2.1 Rate manipulation 
To elicit variation in speech rate, we used a motion-based cue 
for rate. The cue was a red box that moved across the screen 
over a range of rates (ranging in 20 steps from minimum cue 
duration of 0.750s to maximum cue duration of 3s). The 
speakers were instructed to produce the phrases at the same 
pace as the moving box, after it moved off the screen. We did 
two sets of the recordings, one from where speech rate was 
ranging from slow to fast and one from fast to slow. 
 
To mitigate the potential for confounding effects of 
differences in rate control strategies, we explicitly instructed 
speakers not to pause between words and instead to control 
their rate by producing the words of the phrase more slowly. 
As Fig. 2 shows, the task for this study was rather successful. 
Phrase durations span a wide range (95% density intervals 
spanned 2.07 s, 1.74 s, and 2.09 s for S01, S02, and S03, 
respectively). A slight departure from these patterns was 
observed for the Finnish speaker (S04), who shows a smaller 
range of variation in speech rate. 

 
Figure 2: Carrier phrase duration against cue duration for each 
language. Red lines show spline fits. 

Because rate variation may be manifested differently in 
different words of the carrier phrase, and may differ across 
languages, the target word duration, rather than phrase 
duration, is taken as the index of rate. 

3. Results 
The results for absolute durations of the preceding vowel /i/, 
the following vowel /a/, and the consonants /m/ and /mm/ will 
first be presented, and followed by the relational measure of 
the duration of singletons/geminates relative to word duration. 

3.1 Preceding vowel duration  
Fig. 3 displays smoothing spline fits of the duration of /i/ as a 
function of speech rate (i.e., word duration). It shows that in 
three of the four languages (Tashlhiyt/S01, Italian/S02 and 
Japanese/S03) preceding vowels are shorter before geminates 
(represented in red) than singletons (represented in blue).  
 

 
Figure 3: Segmental duration of /i/ as a function of word 

duration/speech rate. (Blue=singleton, red=geminate).  

Furthermore, speech rate effects on this preceding vowel were 
smaller before geminates than before singletons. A 
consequence of this is that the durational differences in 
preceding vowels are more important as rate decreases. Such 
differences were not observed for Finnish, although this could 

Language Carrier Phrase Gloss 
Tashlhiyt Innajam _ bahra.  He told you _ a lot. 
Japanese Kore wa _ nano. This is _. 
Italian Parli con _ per favore. Talk to _ please. 
Finnish Ottakaa _ mukaan. Talk to _ please.  
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be attributable to the smaller range of rates elicited from this 
speaker.  

3.1 Following vowel duration  
Fig. 4 displays spline fits of the duration of following /a/ 
across speech rate. Unlike for the preceding vowel, the 
interaction with the following vowel was similar across 
singletons and geminates. The following vowel was thus not 
affected whether preceded by a singleton or a geminate in 
Tashlhiyt, Japanese and Italian (Finnish perhaps being an 
exception). Thus, gemination interacts with the preceding 
vowel more strongly than it does with the following vowel. 
 

 
Figure 4: Segmental duration of /a/ as a function of word 

duration/speech rate. (Blue=singleton, red=geminate). 

3.3 Singleton/geminate duration  
Fig. 5 shows the results for the duration of singleton /m/ and 
geminate /mm/ across speech rate. Geminate durations scaled 
approximately linearly with rate in the four languages (in red), 
suggesting they were more affected by speech rate than 
singletons (in blue).  

 
Figure 5: Segmental duration of /m/ and /mm/ as a function of 

word duration/speech rate. (Blue=singleton, red=geminate). 

When speech rate was slowed down, the differences in 
absolute durations between singletons and geminates were 
further enhanced with a remarkable increase in geminate 
durations. Thus, the biggest durational differences between 
singletons and geminates were observed at slower rates. This 
is also shown in Table 2, where the fastest and the slowest 
speech rates are compared. The values indicate that the 
durational difference between geminates and singletons was 
smaller at the fastest rate (D=20 ms (S01), D=55 ms (S02), 
D=28 ms (S03), D=25 ms (S04)) than at the slowest rate 
(D=166 ms (S01), D=148 ms (S02), D=169 ms (S03), D=74 ms 
(S04)). 
 
The results also show that singletons at slower rates may 
overlap with geminates at faster rates. This is true for the four 
languages under investigation (see the numbers in grey boxes 
in Table 2). In Tashlhiyt, for example, the mean duration of 
geminate /mm/ at the fastest rate is shorter than the mean 
duration of singleton /m/ in the slowest rate (geminate-fastest 
vs. singleton-slowest: 87 ms < 121 ms). This indicates that 
absolute duration cannot reliably distinguish singletons and 
geminates across all speech rates. 

Table 2: Mean duration and standard deviation (ms) for 

singletons and geminates for two most extreme speech rates 

(fastest and slowest).  

  Singleton Geminate 
S01 Fastest 67 (20) 87 (9) 

Slowest 121 (19) 287 (25) 
S02 Fastest 77 (14) 132 (21) 

Slowest 115 (52) 263 (44) 
S03 Fastest 72 (6) 100 (12) 

Slowest 133 (43) 302 (40) 
S04 Fastest 108 (16) 133 (15) 

Slowest 134 (23) 208 (32) 

3.4 Proportional ratio  
As a consequence of this overlap at different speech rates, we 
looked at whether a proportional measure could provide a 
reliable way of distinguishing singletons and geminates. We 
applied - following previous work (e.g., Pind 1995, Hirata & 
Whiton 2005) - the ratio of /m/ and /mm/ duration to word 
duration (C/W), and observed that when this measure is 
plotted against speech rate (i.e., word duration) it allows for a 
rate-invariant boundary that distinguishes between the two 
categories. This is shown in Fig. 6, with the dashed black lines 
showing a possible optimal boundary for each language (i.e., if 
the C/W is below this line, the word almost certainly contains 
a singleton, and if it is above it almost certainly includes a 
geminate). Interestingly, this relational measure allows for 
classifying tokens as singletons or geminates for Finnish as 
well, even though it showed partly deviant patterns in both 
absolute durations and in speech rate manipulation. 
 

 
Figure 6: Ratio of /m/ and /mm/ to word duration, as function 

of speech rate. Dashed line represents possible optimal 

boundary for each language. 

The C/W ratio shows a remarkable similarity for the four 
languages, varying between 0.30 and 0.35 for Tashlhiyt, 
Japanese and Finnish, and slightly above 0.35 for Italian.  

4. Discussion and conclusion 
This study provided insights into how length contrast is 
acoustically implemented in four typologically unrelated 
languages. We aimed at determining whether the same 
invariant property reflects length contrast across different 
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speech rates in these languages. The analysis, based on a novel 
approach to speech rate manipulation, examined how rate 
affected different durational variables generally associated 
with gemination contrast.  
 
Concerning adjacent vowels, results showed that they scaled 
differently with rate across languages, indicating differences in 
vowel-consonant interaction. In Tashlhiyt, Japanese, and 
Italian, rate effects on the preceding vowel were smaller 
before geminates than before singletons, while the interaction 
with the following vowel was similar across singletons and 
geminates. This shows that gemination affects the preceding 
vowel duration more strongly than the following vowel 
duration.  
 
Importantly, an overlap was observed when the duration of /m/ 
and /mm/ were compared across the different speech rates. 
This is most notable when the durations of /m/ in slower rates 
are compared to the durations of /mm/ in faster rates. In this 
case, a singleton can even be longer than a geminate. Results 
also show that geminates are more affected by speech rate than 
singletons, with the biggest durational differences between 
singletons and geminates at slower rates. This result is in line 
with previous findings by inter alia Port et al. (1980), Pind 
(1995), and Hirata & Whiton (2005): when speech rate is 
slower, the differences in absolute durations between 
singletons and geminates are further enhanced with an 
important increase in geminate durations.  
 
Despite the overlap of singleton/geminate durations, a 
relational measure reliably distinguished between the two 
categories. The C/W ratio allowed to accurately classify the 
singleton and geminate tokens, with a boundary at around 
0.35.  This boundary ratio is strikingly similar to the boundary 
reported by Hirata & Whiton (2005), which yielded a 
classification accuracy of more than 95% for Japanese. Taken 
together, these findings suggest that a relational measure could 
form the basis for an acoustic attribute of gemination that is 
rate-independent and language-independent.  

The results of this study also provide some insight on how 
singleton and geminate durations are controlled. Large 
differences in rate-scaling of singletons and geminates 
demonstrate that consonant durations cannot be modeled as an 
intrinsic duration plus a global speech rate adjustment: some 
additional mechanism is needed to account for the scaling 
differences. Cross-linguistic variation, both in singleton and 
geminate durations and in the interactions with adjacent 
vowels, suggests that language-specific differences, including 
differences in the prosodic organization of syllables and 
words, are related to differences in the way length is 
controlled. 
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Abstract 
An understanding of the relations between speech rate and 
articulatory timing is critical to developing adequate models 
of articulatory control. In the case of geminate consonants, 
not much is known about how articulatory timing varies with 
speech rate, nor is it known whether the form of variation is 
similar between singletons and geminates. We investigated 
how gestural timing varies with speech rate in intervocalic /m/ 
and /mm/ from speakers of Tashlhiyt Berber, Japanese, and 
Italian. We found that while the timing of closure and release 
is nonlinearly constrained in singletons, such constraints do 
not apply to geminates. A secondary finding is that speech rate 
has complicated, speaker-specific effects on variability in 
timing. Together these patterns suggest that control of 
articulatory timing in singleton and geminate consonants may 
be accomplished by distinct mechanisms, particularly at slow 
rates of speech. 
 
Keywords: speech rate, geminates, timing, speech production, 
selection-coordination, Articulatory Phonology, inter- and 
intragestural timing. 

1. Speech rate and timing 
This paper presents an investigation of how articulatory timing 
in singleton and geminate consonants varies as a function of 
speech rate. A sensible null hypothesis is that timing measures 
vary linearly with speech rate, but we suspect that the null 
hypothesis of linear rate effects may be incorrect. It is also 
possible that certain timing measures may be constant with 
respect to speech rate, or may vary nonlinearly. We analysed 
measures of articulatory timing and found substantial 
differences between rate-timing relations in singletons and 
geminates. Specifically, while (a) the interval between 
initiation of the constriction and the initiation of the vocalic 
movement was relatively independent of rate for both segment 
types (c-v interval), (b) the interval between constriction and 
release (c-r interval) was linearly related to speech rate for 
geminates, but nonlinearly related for singletons. This finding 
is important, because it puts constraints on models of speech 
production. An important aspect of our method is a technique 
for eliciting a wide range of speech rates, without relying on 
qualitative, categorical rate instructions, such as speak fast or 
speak slow. By eliciting continuous variation in rate, our 
method facilitates a more precise characterization of relations 
between rate and timing measures. 
 An understanding of how articulatory timing varies with 
speech rate is useful because it may help resolve between 
various theories and models of phonological representation. 
Standard varieties of phonological representation provide a 
number of possible options for conceptualizing the 
organization of intervocalic singletons and geminates in a 
segment sequence or within larger syllabic structure (Fig. 1). 
In some cases, phonological patterns—particularly quantity 

sensitivity, but also degemination—may provide arguments 
for some of these options on a language-by-language basis. 
 

 

Figure 1: Alternative representations of intervocalic singletons and 
geminates: A: featural representations; B: segmental representations; 

C: autosegmental representations; Kubozono, 2017) 

An alternative paradigm of phonological representation—
Articulatory Phonology (cf. Browman & Goldstein, 1989, 
2000)—raises a different set of questions regarding 
phonological representation. In the standard AP framework, 
word representations are instantiated by gestural scores, and 
timing relations between intervals of gestural activation are 
determined by phase-coupling of gestural planning oscillators; 
such coupling can obtain either in-phase or anti-phase modes. 
There are several open questions regarding the gestural 
composition of geminates and the pattern of coupling relations 
between gestures. Several alternative possibilities are shown in 
Fig. 2. One possibility is that geminates involve a single 
constriction gesture (monogestural representation); 
alternatively, two constriction gestures may be coordinated 
(digestural geminates). In addition, under the split-gesture 
hypothesis (Nam, 2007; Tilsen, 2017), the constriction and 
release phases of articulatory movements may be controlled by 
separate, dissociable constriction and relation gestures. Within 
each of these possibilities, there are numerous ways in which 
the pattern of coupling relations between gestures could 
obtain.  
 Furthermore, feedback mechanisms may be involved in 
the control of articulatory timing. This is the case in selection-
coordination theory (Tilsen, 2016), which extends the AP 
framework to include feedback-based mechanisms of timing 
control. Specifically, two gestures may be competitively 
selected by use of external or internal feedback, rather than 
coordinatively controlled through phase-coupling. For 
example, if the release gesture of a consonant is competitively 
controlled relative to the constriction gesture, then there is a 
feedback threshold which determines when the constriction 
gesture is supressed, which in turn allows for the release 
gesture to be selected. The feedback threshold here relates to 
feedback regarding achievement of the constriction target. If 
the feedback threshold varies linearly with speech rate, a linear 
delay of the release initiation relative to closure initiation is 
predicted. In contrast, under a coordinative regime of control, 
where gestural initiations are triggered by phase-coupled 
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planning oscillators, the relative timing of gestural initiations 
can be constrained by bounds on the frequencies of gestural 
planning oscillators. 
 

 
 

Figure 2: Possible compositions and couplings for singleton and 
geminates. A: monogestural representations with various coupling 

patterns; B: representations in which closure and release gestures are 
dissociated; C: digestural representations. 

A first step toward using phonetic evidence to constrain 
articulatory control models is to obtain an adequate 
characterization of empirical patterns. In order for this 
characterization to be sufficiently general, it should address 
effects of speech rate on timing measures. This paper conducts 
an exploratory investigation of speech rate effects, with an 
immediate goal of placing constraints on the space of possible 
models. This will facilitate the longer-term project of inferring 
gestural organizations from phonetic data.    

2. Methods 

2.1. Participants and data collection 
We recorded 3 speakers, one speaker of Tashlhiyt Berber (S1), 
one of Japanese (S2) and one of Italian (S3). Articulatory data 
were recorded with a 3-dimensional Electromagnetic 
Articulograph (Carstens Medizinelektronik; AG501). Sensors 
were located on the upper and lower lip, tongue tip, tongue 
blade, and tongue body. Sensors on the nasion and left/right 
mastoid processes were used for head movement correction, 
and sensor data were rotated so that the occlusal plane 
(estimated by a bite plate) was located horizontally. The 
sensor positions were sampled at 1250Hz, then downsampled 
to 250Hz and smoothed with a 40Hz low-pass filter and a 3-
step floating mean. Time-synchronized acoustic data were 
recorded using a condenser microphone (AKG C420 headset) 
sampled at 48kHz. All data were converted to SSFF format 
using custom software (EMA2SSFF). Forced alignment of 
responses was conducted with Kaldi (Povey et al. 2011). 
Monophone Hidden Markov Models (HMM) were trained on 
12 hand-labeled trials for each participant, with no imposed 
distinction between singleton and geminate phones. 

2.2. Task and stimuli 
The target words in all three languages were /ima/ and /imma/. 
Target words were produced in carrier phrases (see Table 1). 
Each speaker performed 32 blocks of 20 trials over two 
sessions (16 blocks per session), resulting in a total of 320 
repetitions of each target word (640 trials). Blocks alternated 

between increasing and decreasing rate cues (see below). 
Target words (i.e. /ima/ vs. /imma/) were alternated every four 
blocks, and the first block always had the singleton target. 

Table 1: Carrier phrases in the experiments. 

Language Carrier Phrase Gloss 
Tashlhiyt Innajam ___ bahra.  He told you _ a lot. 
Japanese Kore wa ___ nano. This is _. 
Italian Parli con ___ per favore. Talk to _ please. 

 
To elicit variation in speech rate, a visual analog cue for rate 
was employed. The visual cue was a red box that moved 
across the screen over a range of periods (in 20 steps from 750 
to 3000 ms). Speakers were instructed to produce the phrases 
at the pace that reflected the speed of the moving box, after it 
moved off the screen. In every other block for a given target, 
the cue rate was either increased or decreased sequentially 
over the 20 steps continuum of target rates. 

To diminish interspeaker differences in rate control 
strategies, we explicitly instructed speakers not to pause 
between words and instead to control their rate by producing 
the words of the phrase more slowly. As Fig. 3 shows, these 
instructions were generally successful: carrier phrase durations 
were relatively uniform and span a wide range (95% density 
intervals spanned 2.07 s, 1.74 s, and 2.09 s for S01, S02, and 
S03, respectively). Word and silent interval durations in Fig. 3 
were obtained from the forced alignment.  

 
Figure 3: Carrier phrase, pause and target word durations. 

 Top: word and silence interval for all trials, sorted by target word 
duration and aligned to target word onset. Bottom: Gaussian kernel 

densities of target word and carrier phrase durations for each speaker. 

In analyses of rate effects, we use target word duration as an 
independent variable. This variable is preferable over the cue 
duration (i.e., target rate) because it is an index of effective 
speech rate, i.e., the rate that speakers employed in a given 
trial. The duration of the target word is used as a rate measure 
rather than the carrier phrase duration because rate variation 
may be manifested differently in different words of the carrier 
phrase, and this manifestation may differ across languages or 
speakers; the duration of the target word can be viewed as a 
more local measure of speech rate than the carrier phrase 
duration. However, we note that analyses conducted with 
carrier phrase duration as an independent variable (not 
included here) do not differ qualitatively from analyses with 
target word duration as an independent variable. 
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2.3. Data processing and analysis 
Articulatory kinematic landmarks were extracted using the 
following procedure. First, the velocity extrema associated 
with the bilabial constriction of [m], bilabial release of [m], 
formation of [i], and formation of [a] were identified for each 
subject and target form. This was accomplished by first 
applying an iterated trajectory-alignment procedure using ẋ!, 
the velocity of the relevant kinematic time series for trial i (LA 
for bilabial closure and release gestures, first principal 
component of TB for the vocalic gestures; examples of these 
are shown in Fig. 4). In each iteration of the alignment 
procedure, the mean trajectory x# is calculated over ẋ! for each 
time step, over a 1 s period of signal which has been Gaussian-
windowed to diminish the contribution of values further from 
the centre. The cross-covariance function between x"̇ and x# is 
then calculated for each trial, and each time series is shifted 
according to the lag with maximum cross-covariance. The 
mean trajectory x# is recalculated and the procedure is repeated 
until no more time shifting is required. Subsequently, the 
relevant velocity extremum for each trial/gesture is identified 
as the extremum closest to the velocity extremum of the mean 
trajectory. Gestural movement initiation and target 
achievement events are then located relative to velocity 
extrema using a 20% velocity threshold (i.e., onsets/targets are 
points in time when speed first rises above/falls below the 
value of the extremum). In the example of Fig. 4, velocity 
extrema landmarks are shown as green squares and gestural 
initiations/target landmarks are shown as red circles. 
 

 
Figure 4: Example of kinematic trajectories and articulatory 

landmark, i.e., initiations (ons) and targets (trg). Top: lip aperture 
(LA) for bilabial closure (mclo) and release (mrel). Bottom: first 

principal component of tongue body position (TB pc1). 

The variables analyzed in Figs. 5 and 6 are (i) the closure-
release interval (abbreviated as c-r interval), which is the 
period of time from the initiation of the bilabial closure to the 
initiation of the release of that closure (Fig. 4: mclo_ons-
mrel_ons); and (ii) the closure-vowel interval (abbreviated as 
c-v interval), which is the period of time from the initiation of 
the bilabial closure to the initiation of the vocalic gesture (Fig. 
4: mclo_ons-a_ons) These intervals are represented by the 
horizontal red lines in Fig. 4. For both intervals, linear and 

nonlinear regression models (of the form y = β# − β$eβ2x ) 
were fit to the data. Estimates of the coefficient of variation—

the ratio of standard deviation to mean )'(*—as a function of 

target word duration in Fig. 7 were obtained by calculating 
the standard deviation σ and mean µ for a moving window of 
100 observations; confidence intervals were obtained for each 
window with 1000 bootstrap samples. 

3. Results 
The main findings are: (a) the intergestural c-v interval is 
relatively constant, i.e., independent of rate, for both 
singletons and geminates; (b) the intragestural c-r interval 
increases linearly with rate in geminates but increases 
nonlinearly in singletons; and (c) coefficients of variation for 
the c-r interval were not constant and were non-monotonic for 
two of the three participants. Findings (a) and (b) together 
show that the initiations of consonantal closure and release 
gestures are approximately symmetrically displaced from the 
vocalic gestural initiation for singletons (i.e., a c-center effect), 
but not for geminates.  

Linear and exponential fits of the c-r and c-v intervals as a 
function of target word duration (i.e., speech rate) are shown 
in the top and bottom rows of Fig. 5. Linear fits are depicted 
with dashed grey lines, exponential fits are shown with solid 
color lines. A visual comparison of fits shows that the c-r 
interval (top row) scales approximately linearly with speech 
rate for geminates but exhibits a nonlinear relation for 
singletons. This is supported by Akaike information criterion 
(AIC) differences (ΔAIC = AICnonlin – AIClin). Notice that the 
rate effect in singletons attenuates at slower rates, suggesting 
that there is a constraint on this interval. Also, notice that for 
S01 and S03 the c-r interval distributions overlap substantially 
at fast-rates. 

  

 
Figure 5: Exponential and linear model fits of articulatory timing 

intervals. (Blue=singleton, red=geminate). Top row: c-r interval, i.e., 
bilabial closure initiation to release interval as a function of word 

duration. Bottom row: c-v interval, i.e., bilabial closure initiation to 
vocalic gesture initiation as a function of word duration 

 
In contrast, the c-v interval (Fig. 5: bottom) is relatively 
constant for both targets. An exception is S01 (Tashlhiyt) 
singletons, where it exhibits some degree of nonlinearity.  

The patterns in Fig. 5 are illustrated in a different manner 
in Fig. 6, where the dashed line indicates the initiation of the 
vocalic gesture and speech rates are plotted on the vertical 
dimension. This figure reinforces the interpretation that the 
most extensive rate-related effect is a delay of the release of 
the bilabial closure relative to the initiation of the vocalic 
gesture in geminates. It also shows how the c-r interval in 
singletons expands with rate for S01 and S03. 

The relations between rate and the coefficient of variation 
(ratio of standard deviation to mean) of the c-r interval, shown 
in Fig. 7, are highly nonlinear and speaker-specific. For S1, 
the coefficient of variation exhibits a peak at moderate speech 
rates for both /m/ and /mm/ targets. The same is observed for 
geminates of S3, but singletons the coefficient of variation 
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appears to increase linearly and reach a plateau. In contrast, 
for S2, the coefficient of variation appears to decrease 
exponentially with rate.  

   

 
Figure 6: Rate effect on relative timing. Panels show spline fits of 

bilabial closure initiation (mclo) and release initiation (mrel), relative 
to initiation of vocalic gesture (vertical dotted line); fits are shown for 
singletons (blue) and geminates (red); vertical axis is duration of the 

target word. 

 
Figure 7: Coefficient of variation of c-r interval as a function of target 
word duration. Singleton (blue), geminate (red). Shaded intervals are 

95% confidence intervals based on 1000 bootstrap samples. 

4. Discussion and conclusion 
The results suggest that (i) bilabial closure and release 
initiation are coordinatively controlled in singletons, but (ii) 
constriction release is not coordinatively controlled in 
geminates. 
 The c-v interval was relatively constant for both singletons 
and geminates; this indicates a precise, coordinative control of 
this interval. In contrast, the timing of the release gesture 
relative to either the initiation gesture (Fig. 5) or the initiation 
of the vocalic gesture (Fig. 6) appears to be constrained in 
singletons in a way that it is not in geminates. Specifically, the 
nonlinear relation between rate and closure-release timing in 
singletons can be interpreted as an attenuation effect, which is 
predicted by a model in which the timing of constriction and 
release initiation is triggered by anti-phase coupled planning 
oscillators. Under the reasonable assumption that the 
frequencies of the planning oscillators are sensitive to speech 
rate but limited to a specific range, the coupled oscillators 
model predicts this attenuation effect: as speech rate slows, 
oscillator frequency -  approaches a lower bound -)*+	and 

thus the c-r interval δ,-. = /
012"#$

 approaches a maximum 

(here 0	is the relative phase in radians of stabilized closure 
and release gestural planning oscillators; see Tilsen, 2017). 

In contrast, for geminates the effect of slower rate is a linear 
delay of the release relative to closure initiation and vocalic 
gesture initiation. This pattern indicates that rather than being 
coordinatively controlled through phase-coupling, the timing 
of the release in geminates is governed by an alternative 
mechanism. A plausible model of this is feedback-based 
competitive control in the selection-coordination framework. 
This model holds that the bilabial constriction and release 
gestures are competitively selected: the release gesture cannot 
be selected until the constriction gesture is suppressed by 
feedback systems. The exact timing of the suppression is 
hypothesized to be governed by a threshold which applies to 
sensory feedback regarding achievement of the constriction 
target. Specifically, speakers are hypothesized to linearly 
increase the threshold (i.e., require more sensory feedback 
regarding constriction target achievement) in slower speech, 
and this results in a temporal delay between the initiation of 
the constriction gesture and its suppression, which in turn 
delays the selection of the release gesture. Note that the 
feedback may be a combination of external sensory feedback 
or internal predictive feedback.  
 Furthermore, analysis of the relation between speech rate 
and coefficient of variation reveals that the rate-dependence of 
variability is both target-dependent and speaker-dependent. 
The nonlinearity of the relation is not consistent with a model 
in which speech rate exerts a multiplicative effect on variance. 
The nonmonotonicity of this relation (for S1 and for S03 
singleton targets) may suggest that timing control mechanisms 
used for both singletons and geminates are rate-dependent, 
although further analysis is necessary to investigate this 
possibility. 
 In conclusion, the findings are important because they 
indicate that timing of constriction gestures in intervocalic 
singletons and geminates cannot be governed by a monolithic 
control mechanism. Instead, an adequate model must generate 
a linear increase of the c-r interval for geminates and a non-
linear attenuation of this interval for singletons. One such 
model is the competitive control model of selection-
coordination theory, in which gestural activation interval 
durations can be controlled via sensory feedback thresholds. 
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Abstract 
This study set out to investigate whether visual feedback 

using ultrasound tongue imaging could help Dutch learners to 
improve their pronunciation of the English sound contrasts /æ/- 
/ɛ/ and /k/-/g/. Thirty-seven high school students took part in our 
experiment which consisted of a perception task and a 
production task (pre-test, phonetic training session and post-
test). During the training session, half of the group received 
UTI visual feedback, whereas the other half only received 
auditory feedback. Based on subjective ratings by native 
speakers of English, our results showed that the pronunciation 
of the target sounds significantly improved after the training 
session, but that there was no significant difference in 
improvement between the group that received visual feedback 
and the group that did not. We furthermore did not find any 
statistically significant differences in the actual pronunciation 
of the target vowel contrast, measured acoustically. 

 
Keywords: ultrasound tongue imaging; visual feedback; 

L2 speech 

1. Introduction 
The pronunciation of non-native sounds is typically considered 
one of the most difficult skills to master when learning a second 
language (L2). Even though it has been suggested that receiving 
explicit training on phonetic differences between similar sounds 
is correlated with performance on L2 pronunciation (e.g., 
Bongaerts, 1999), pronunciation still tends to receive little 
attention in the language learning classroom. Recently, interest 
in the application of speech-production-based technologies in 
pronunciation training for second language learners has 
increased. Similar to the application in clinical settings where 
studies show that the visualization of articulators (such as the 
tongue) can facilitate speakers in producing target sounds (e.g., 
Preston, Brick & Landi, 2013), this type of bio-visual feedback 
might also aid L2 learners in producing non-native sounds.  
Ultrasound tongue imaging (UTI) is a non-invasive technique 
that can be used to visualize tongue movements in a way that is 
relatively easy to interpret. Up until now, several studies have 
shown beneficial effects of a pronunciation training using UTI-
based visual feedback on the production of non-native sounds 
(e.g., Ouni, 2014; Cleland et al., 2015).  

Building onto this research, our study investigated 
whether a short training using UTI could improve Dutch high 
school students’ pronunciation of two English target contrasts, 
/æ/-/ɛ/ (e.g., in bat - bet) and /k/-/g/ (e.g., in pick - pig). These 
two contrasts were chosen as Dutch learners of English tend to 
find them difficult (Broersma, 2005; Cutler et al., 2004). In our 
study, we compared pre- and post-test recordings of a group of 
students that received UTI-based visual feedback to those of 
another group that only received auditory feedback. In line with 
previous studies, it was hypothesized that students who 

received visual feedback would show more improvement in the 
pronunciation of target sounds after the training than the group 
that was not exposed to the visual information provided by the 
ultrasound images.    

We were also interested in assessing whether the 
potential beneficial effect of providing UTI feedback would be 
restricted to the sound contrast /æ/-/ɛ/. Only for this sound 
contrast, the difference is related to the tongue shape. For the 
sound contrast /k/-/g/, the difference is related to voicing and 
thus UTI feedback was expected to be less informative.     

2. Methodology 

2.1. Participants  

The data was collected at the RSG Ter Apel, a high school 
located in Ter Apel, a village in the north of the Netherlands. 
The 37 participants (24 female, 13 male) consisted of first- and 
second-year students with ages ranging between 12 and 15 
(with an average age of 12.7). Since participants were under the 
age of 18, parent(s)/guardian(s) of the participants were asked 
to provide their written consent ahead of the experiment and to 
provide background information about their child through a 
survey. These background questions concerned demographic 
factors as well as specific questions about language learning, 
such as the student’s motivation to learn English. A requirement 
for participation was that participants did not have any other 
native language(s) other than Dutch. Considering that English 
is a mandatory subject in high schools in the Netherlands and 
English lessons are also part of most primary school curricula, 
participants had been learning English for at least a few years. 
No severe language, speech or hearing disorders that could 
influence linguistic performance were reported. Students 
received 10 euros for participating. Ethical approval for the 
study was obtained through the University of Groningen, 
Faculty of Arts’ Central Ethical Testing Organization. 

2.2. Materials 

The stimuli in this experiment consisted of minimal pairs 
containing the target contrasts /æ/-/ɛ/ and /k/-/g/. The vowel 
contrast was chosen as Dutch learners of English tend to 
perceive both vowels as an exemplar of the Dutch /ɛ/ and as a 
result typically assimilate the two English sounds (Broersma, 
2005; Wester et al., 2007). The /k/-/g/ contrast is another 
example of two English sounds that Dutch speakers tend to 
merge to one sound. Since /g/ is not present in the Dutch 
language (excluding loan words), Dutch speakers tend to map 
both sounds to /k/ (Cutler et al., 2004). 

The overview of the 16 minimal pairs used in the study 
can be found in Table 1. All words contained one syllable. We 
tried to control for phonetic environment as much as possible, 
for instance by having the target consonant in the /k/-/g/ items 
appear in word-initial position for half of the items and in 
word-final position for the other half of the items. All 32 target 
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words appeared in the pre- and post-test, but only half of the 
minimal pairs (indicated with an asterisk in Table 1) were part 
of the training session. By only training some of the items, we 
wanted to find out whether a possible beneficial effect of the 
training session was limited to the practiced items, or whether 
it would be generalized over different phonetic contexts. 

Table 1: Minimal pairs used in the study. Words with 
an asterisk (*) were part of the training session. 

/æ/ /ɛ/  /k/ /g/ 
band* bend*  crease* grease* 
pat* pet*  came* game* 
axe* ex*  coat goat 
tan* ten*  kill gill 
pan pen  pick* pig* 
sat set  clock* clog* 
bat bet  wick wig 
and end  buck bug  

 
Prior to the experiment, audio and UTI recordings of the target 
words were made in the Articulate Assistant Advanced software 
(Articulate Instruments Ltd) by two adult native speakers of 
American English (one male, one female). Pronunciations were 
recorded with a microphone (Shure WH20) attached to the 
ultrasound headset (Articulate Instruments Ltd). These native 
speaker recordings were then loaded into SonoSpeech 
(Articulate Instruments Ltd), the program that was used to show 
the UTI images (see Fig. 1 for an example image) during the 
training part of the experiment. 

2.3.  Procedure 

After welcoming the participants, the first part of the 
experiment consisted of a perception task. Participants heard 
items (as pronounced by the native speakers) from minimal 
pairs containing either the /æ/-/ɛ/ or the /k/-/g/ contrast, after 
which they were asked to click on the word they thought they 
had heard (e.g., bat or bet, as presented in written form on the 
screen). The perception task took 5 minutes.   

Next, participants were led to another area where the 
production experiment took place. After explaining the 
procedure and attaching the ultrasound headset to the 
participant, the pre-test recordings were made. Participants 
were asked to read a list of words (presented in randomized 
order), containing either the /æ/ or /ɛ/ sound or the /k/ or /g/ 
sound. The order of the items was created in such a way that 
two words from the same minimal pair would never follow each 
other (e.g., bat would never follow bet). Similar to the 
procedure for the model speakers, both audio and UTI 
recordings were made during the pre- and post-test.  

Following the pre-test, in a session of roughly 20 
minutes, the researcher trained the participants on the 
articulatory differences between /æ/-/ɛ/ and /k/-/g/. Participants 
could practice the target words and listen to the previously 
recorded pronunciations produced by a gender-matched native 
speaker of English. The researcher encouraged participants to 
practice the target words and would answer their questions, but 
made sure to keep the training sessions as similar as possible for 
all participants. The participants were divided into two groups: 
audio-only (n = 17) and audiovisual (n = 20). During the 
training session, the audio-only group only received auditory 
feedback. This meant that they received the articulatory 

1 See https://languagelog.ldc.upenn.edu/nll/?p=43095 for 
recruitment text. 

instructions for the target sounds, but did not see their own UTI 
image nor that of the model speaker. Participants in the 
audiovisual condition, on the other hand, did receive this visual 
feedback, as they saw their own UTI image (presented in 
real-time) on the screen and were therefore able to watch their 
tongue movements while they practiced the target words. 
Moreover, they had access to the UTI videos of the 
pronunciation of the native speaker. In these videos, the tongue 
position for the target sound was indicated with a colored line, 
which made it easier to compare the tongue positions for the 
two contrasting sounds (see Fig. 1). After the training session, 
participants read the list of the (newly randomized) words again 
in the post-test. The entire experimental session took around 40 
minutes, equivalent to the duration of one class at school (which 
students were allowed to miss to participate in this experiment). 

 

 
 

Figure 1: Example UTI image that was provided in the 
training session. 

2.4. Analysis 

Even though UTI data was collected in this experiment, the 
analysis in the current study only focused on the audio 
recordings. Our analysis contained two parts, namely a 
perceptual judgment task and acoustic measurements.  

2.4.1. Perceptual judgment task 

The goal of the perceptual judgment task was to determine 
whether the participants changed their pronunciation in a way 
that could be detected by a naïve listener. After excluding files 
that contained severe mispronunciations or other errors, an 
online survey was set up to collect native speaker judgments of 
the pronunciations by the Dutch speakers. A total of 248 native 
speakers of English (60 female, 179 male, 9 who indicated 
‘other’ or preferred not to indicate their gender) with a mean 
age of 49.8 participated in this part of the study. The participants 
were recruited via Language Log.1 The participants were given 
a set of recordings (in randomized order) and for each 
recording, they were asked to indicate which word out of two 
(i.e. bat or bet) they heard. Since this was an online survey, we 
asked participants to rate at least 10 recordings, but they could 
rate as many as they liked. The average number of recordings 
rated per participant was 44. None of the raters reported severe 
hearing issues. 

2.4.2. Acoustic measurements 

The goal of the acoustic measurements was to determine 
whether participants changed their pronunciation of vowels /æ/ 
and /ɛ/, and whether the type of feedback that participants 
received (audio-only versus audiovisual) played a role. We 
manually measured the first and second vowel formant of these 
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two vowels in PRAAT (Boersma & Weenink, 2020), at the 
approximate midpoint of the vowel. We calculated Euclidean 
distances (EDs) between the minimal pairs in the pre-test and 
post-test using the formula in (1) as a way to measure vowel 
contrast. 
 

(𝐹1æ − 𝐹1ɛ) + (𝐹2æ − 𝐹2ɛ)              (1) 

 
An increase in the Euclidean distance between two vowels in 
the post-test versus the pre-test would indicate that participants 
started making a larger distinction between the vowels. This 
would indirectly mean an improvement in pronunciation. 

3. Results 

3.1. Perceptual judgment task 

To assess the effect of the training session on the pronunciation, 
we performed a mixed-effects logistic regression analysis with 
the dependent variable being whether or not the target word was 
recognized correctly by the rater. In the model with the optimal 
random-effects structure, a significant effect of test phase was 
found (β = .21, p < .05), meaning that target words recorded in 
the post-test were significantly more likely (0.2 logits, 
corresponding to an increase of about 5% in recognition 
probability) to be recognized correctly by the raters than words 
recorded in the pre-test. However, the experimental condition 
(audio-only versus audiovisual) did not have a significant effect 
on recognition, either by itself or in interaction with test phase. 
Figure 2 visualizes this result.  

Regarding the target contrasts, target words in the /k/-/g/ 
category were more likely to be recognized correctly than target 
words in the /æ/-/ɛ/ category (β = .66 , p < .01; approximately a 
15% increase in recognition probability). An interaction with 
test phase did not improve the model and was therefore not 
included. However, we did find a significant effect of 
participants’ score in the perception task and the extent to which 
target words in the /k/-/g/ category were correctly recognized (β 
= .27, p < .001; approximately a 7% increase in recognition 
probability). Participants who had better perception, were better 
at producing the /k/-/g/ contrast (but not significantly better at 
producing the /æ/-/ɛ/ contrast: β = .08, p = .09). No other 
significant influences of personal characteristics on recognition 
were found. 

 

Figure 2: Effect of training phase (pre-test versus 
post-test) and condition (audio-only versus 

audiovisual) on the percentage of correctly recognized 
items 

3.2. Acoustic measurements 

To assess the general effect of training on the /æ/-/ɛ/ vowel 
contrast, we averaged the ED of minimal pairs in the pre-test 
and the post-test. This resulted in two average EDs per 
participant. We performed a simple linear regression, with the 
dependent variable being the Euclidean distance and the 
independent variables being the test phase (pre- versus post-
test) and group (audio-only versus audiovisual). We found no 
significant effect for neither test phase (β = 2.6, p = .9) nor for 
condition (β = -39.9, p = .08). Figure 3 visualizes the effect of 
training and condition on the vowel contrast /æ/-/ɛ/ (as 
expressed in ED). While not significant, the EDs were 
somewhat larger after training for both conditions. 
 

 

Figure 3: Effect of training phase (pre-test versus 
post-test) and condition (audio-only versus 

audiovisual) on Euclidean distances. 

4. Discussion 
This study investigated whether a short training session using 
UTI-based visual feedback would improve Dutch learners’ 
pronunciation of the English sound contrasts /æ/-/ɛ/ and /k/-/g/. 
Looking at the native speaker ratings, we found that words 
pronounced after the training were more likely to be recognized 
correctly, indicating that even in a short session, explicit 
instruction on the articulatory differences between target 
sounds could help speakers in improving their pronunciation of 
non-native sounds. However, we did not find any significant 
differences between the participants in the audio-only and the 
audiovisual condition, whereas this was observed in several 
other studies (e.g., Ouni, 2014; Cleland et al., 2015).  

For the acoustic measurements, we found no significant 
effect of neither condition nor training. However, this could also 
be due to our choice of acoustic measure (i.e., vowel contrast). 
Specifically, target words in the perceptual judgment task 
included both the /k/-/g/ minimal pair contrast as well as the /æ/-
/ɛ/ minimal pair contrast, with the consonantal pair contrast 
being more likely to be recognized correctly. As for the acoustic 
analysis, we only focused on the Euclidean distances in the 
vowel pairs. Further analysis is needed to determine whether an 
acoustic difference can be found in the velar context (e.g., a 
difference in Voice Onset Time, VOT). It is also possible that a 
different vowel measure (for example, vowel duration) would 
show a greater change. Nevertheless, even for the present 
vowels and measure, the result was close to significance (p = 
.08) and the direction of the effect was in line with the 
perceptual results. 

Several reasons could be named for the absence of a 
specific training condition effect. One shortcoming of the study 
might be the length of the training session, which was only 
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twenty minutes. In this short time, the students had to learn 
about the phonetic differences between the target sounds, learn 
to interpret the UTI signal for the first time and practice the 
target words. In order to observe a beneficial effect of visual 
feedback, students might need more time to familiarize 
themselves with the interpretation of the UTI signal, especially 
for target contrasts like /æ/-/ɛ/ where the tongue shape 
differences are subtle (also given that the jaw was not fixed, and 
therefore the location of the UTI probe shifted relative to the 
hard palate).  

Moreover, it is possible that students were less motivated 
to ask for clarification or ask questions to an unfamiliar 
researcher than they might be if their own teacher had provided 
the training. Although most participants in the audiovisual 
condition indicated that they found it interesting to work with 
UTI, more practice sessions could increase their engagement, 
which might in turn lead to different results. Finally, an 
important point concerns the age of our participants. Whereas 
many of the previous studies on this topic focused on older, 
usually college-aged learners, the participants in our study were 
in an early stage of second language learning and had received 
little to no phonetic training in their curriculum so far. Future 
research could look at whether a beneficial effect of visual 
feedback might be linked to language learning stage (i.e., early-
stage versus more advanced L2 learners). 
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Abstract 

Speakers converge, or shift their productions, towards the 
model speech that they have heard when shadowing words and 
nonwords (e.g., Goldinger 1998). This convergence effect is 
influenced by the lexical frequency such that low-frequency 
words show stronger effects than high-frequency ones (e.g., 
Goldinger 1998). In addition, the convergence effect is 
generalized to unheard words phonologically related to the 
words the listeners are exposed to (Nielsen 2011). Building 
upon these findings, this study tests whether shadowing 
nonwords induces the convergent changes in real words, and 
whether the lexical frequency influences the degree of 
convergence induced by nonwords. Specifically, we ask (1) if 
speakers produce longer voice onset time (VOT) of word-initial 
/p/ in real words after shadowing nonwords beginning with /p/ 
with longer VOT, and if so, (2) whether the lexical frequencies 
of the real words, not those of the nonwords being shadowed, 
influence how much the speakers lengthen the VOT. The results 
reveal that the speakers indeed produce longer VOT after 
shadowing the nonwords, indicating speech convergence can be 
generalized from nonwords to words. However, the effect of 
lexical frequency is not significant. The current findings 
corroborate the claim that the convergence involves abstract 
linguistic levels (such as phonemes or features) (e.g., Nielsen 
2011). The findings also suggest that nonwords, when they 
conform to the phonotactics and spelling regulations, can 
arguably be incorporated in the lexicon.  

Keywords: phonetic convergence, nonwords, lexical frequency 

1 Introduction 

Phonetic convergence, or spontaneous imitation, refers to the 
phenomenon in which speakers unintentionally shift production 
in the direction of model speech. Speech convergence can target 
the entire words or specific features of the words (Goldinger 
1998, Shockley et al. 2004, Nielsen 2011). Previous studies 
have investigated the role of the lexicon in the process of speech 
convergence. For instance, Nielsen (2011) reports that imitation 
of extended VOTs can be generalized to novel words that share 
the same phoneme or feature as the words of exposure. That is, 
speakers produce longer voice onset time (VOT) on initial /p/ 
after being exposed to words beginning with /p/ with extended 
VOTs, and this altered pronunciation is generalized to unheard 
words starting with /p/ and those starting with /k/ in post-
exposure productions. Goldinger (1998) reports that speakers 
imitate both real words and nonwords in immediate shadowing, 
evaluated by an AXB perceptual test. Nonwords, with zero 
lexical frequency, were used in an attempt to control for the 
lexical frequency of the items being shadowed.  

Although both words and nonwords are imitated in immediate 
shadowing (Goldinger 1998) and the imitation effect is 
generalized across words that share the same phoneme or 
feature in post-shadowing (Nielsen 2011), it has still not been 
tested, to the best of the authors' knowledge, whether features 
like extended VOT in nonwords can influence the production of 
real words. This study asks whether speakers lengthen the VOT 
of existing words after shadowing nonwords beginning with a 
voiceless stop with extended VOT, using an experimental 
design similar to Nielsen (2011).  

If speech convergence is indeed generalized from nonwords to 
real words, we further ask whether the imitative changes in real 
words are affected by their lexical frequency. Lexical frequency 
has been shown to influence the degree of imitation such that 
lower-frequency words are imitated to a greater degree than 
higher-frequency words (e.g., Goldinger 1998, Nielsen 2011). 
According to the exemplar models of speech perception (e.g., 
Goldinger 1998, Pierrehumbert 2001), lower-frequency words 
have fewer memory traces, or exemplars, than higher-frequency 
words, and thus the idiosyncrasies of one exemplar of a low-
frequency word are less likely obscured by already existing 
numerous traces, leading to a greater degree of imitation. This 
leads to the second question of the current study: Does the 
lexical frequency of the words being produced predict the 
degree of imitative changes induced by nonword stimuli, if any? 

Exemplar models that allow some level of linguistic abstraction 
(e.g., Pierrehumbert 2001) would predict the convergent 
changes to be spread from nonwords to real words, since the 
nonwords and words are linked at the level of an abstract 
linguistic representation (e.g., [-voice]). Therefore, the acoustic 
correlate (i.e., long VOT) of a linguistic feature (i.e., [-voice]) 
in nonwords can induce changes in the subsequent productions 
of the words sharing the feature. Furthermore, low-frequency 
words have fewer pre-existing exemplars with a normal range 
of VOTs than high-frequency words. The extended VOT in the 
newly created exemplars of the nonword stimuli is, therefore, 
predicted to induce a greater VOT increase in lower-frequency 
words than in higher-frequency words. These predictions are 
verified in the following experiment, which examines the role 
of lexicality (i.e., whether an item exists in the lexicon or not) 
and lexical frequency in how VOT lengthening due to 
convergence is generalized to unheard words.  

2 Methods 

2.1   Participants 

Twenty-three adult monolingual native speakers of American 
English (nineteen females and five males, mean age = 19.7 
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years, median age = 19 years, age range: 18-31 years old) 
participated in the current study. No participant reported any 
history of speech or hearing impairments. Each participant was 
paid $10 for completing the experimental session. 

2.2   Reading list  

The reading list (see Table 1 for examples) was adapted from 
Nielsen (2011). It consisted of 80 English words: 40 target 
words beginning with /p/ (20 high-frequency and 20 low-
frequency words; 10 monosyllables, 20 disyllables, and 10 
trisyllables) and 40 fillers beginning with a sonorant. As 
mentioned in Nielsen (2011), the thresholds for low- and high- 
frequency words were below 5 and above 50 (per million) in 
Kučera and Francis (1967), and below 300 and above 1000 (per 
million) in CELEX2 (Baayen et al. 1995). All target words had 
an initial stress and the fillers varied in their stress patterns. 
Phonological neighborhood density, word familiarity, and the 
syllable count were controlled for across the two frequency 
groups (see Nielsen 2011 for more details).  

2.3   Nonword shadowing stimuli  

For the shadowing stimuli, 30 nonwords (see Table 1 for 
examples) were generated by the Wuggy program (Keuleer & 
Brysbaert 2010). The neighborhood densities for the generated 
nonwords were calculated using OLD20s (Keuleer & Brysbaert 
2010) and those with the density values ranging from 1 to 3.8 
were selected (mean = 2.38, median = 2.28). Of the 30 
nonwords, 20 were targets beginning with /p/ (5 monosyllables, 
10 disyllables, and 5 trisyllables) and 10 were sonorant-initial 
fillers (3 monosyllables, 5 disyllables, and 2 trisyllables). All 
nonwords conformed to English phonotactics and spelling 
regulations, and are confirmed to be possible words in English 
by native speakers of American English (n = 5).  

Table 1: Examples of words in the reading list and nonwords 
in the shadowing list (with their pronunciations in IPA) 

 

A phonetically-trained male native speaker of American 
English (age = 26) served as the model speaker and recorded 
the 30 nonwords with an initial stress. The speaker was 
provided with nonwords in IPA and produced nonwords eight 
times. The order of nonwords was randomized differently in 
each repetition. He was instructed to speak naturally at a normal 
speaking rate. The best token of each nonword from eight 
repetitions (free of unintended noises, atypical intonation, or 
deviations from the IPA transcriptions) was selected.  

The selected target items were then manipulated to extend 
VOTs in the initial /p/. For each target nonword, the medial 
portions of the aspiration were selected, copied, and pasted back 
into the aspiration section of the waveform to make an extended 
VOT to be around 120ms. The mean VOT of the initial /p/ 
before manipulation was 54.6 ms (SD = 9.2) and was 119.2 ms 
(SD = 4.4) after manipulation. 

2.4   Procedure 

The participants were tested individually in a sound-attenuated 
booth in the GMU Phonetics Laboratory. Presentation of all 
stimuli was implemented on PsychoPy 3 (Peirce 2007) on a 
MacBook Pro laptop with the auditory stimuli being presented 
via headphones (Sennheiser HD 280 Pro). Participants’ 
productions were digitally recorded onto a separate laptop, 
using a Focusrite Scarlett Solo preamplifier and a Røde 
smartLav+ microphone attached to the speakers' shirt close to 
their upper chest, with a sampling rate of 44.1kHz via the Praat 
program (Boersma & Weenink 2016). The entire experiment 
took approximately 20 minutes.  

The experiment used a modified version of the word-naming 
imitation paradigm (Goldinger 1998, Nielsen 2011, Kwon 
2019), consisting of four blocks: warm-up reading, baseline 
reading, shadowing, and post-shadowing reading. In the warm-
up block, 80 English words in the reading list were randomly 
presented on the screen one at a time, and participants were 
instructed to read them silently without pronouncing them. This 
block was designed to prevent hyper-articulation on the first 
encounter of the words (Nielsen 2011). In the baseline reading 
block, the same 80 English words were presented in the same 
way but in a different random order, and participants were 
instructed to read the words aloud, as clearly and naturally as 
possible. In the shadowing block, which lasted about eight 
minutes, the participants saw the nonwords’ spellings on the 
screen while they heard them with extended VOTs. They were 
told that they would hear some items through the headset and 
see their spellings on the monitor. Then they were instructed to 
read the items aloud quickly and clearly. They were not 
instructed to imitate what they heard to prevent any intentional 
imitation. The thirty nonwords were repeated eight times, each 
time in a different random order. Finally, the post-shadowing 
reading was conducted in the same way as the baseline reading 
block, in which the 80 English words were randomly presented 
on the monitor, and the participants were asked to read them. 
Throughout the experiment, the inter-stimulus interval was two 
seconds. Of the three blocks of production (baseline, shadowing, 
post-shadowing), only the baseline and post-shadowing 
productions containing real English words were analyzed in this 
study. 

2.5   Measurements 

Prior to measurements, the tokens that deviated from the target 
words, had a partial repetition (self-correction), or included 
extra-verbal interruptions such as coughing, yawning, or 
clearing the throat were discarded (0.64% of the total 
productions, 12 tokens). Both the word duration and the VOT 

Stimuli 
type 

Target items in the 
reading list (n = 20) 

Target items in the 
shadowing list (n = 10) 

High-
frequency 

pain 
payment 
personal 

pude       [pud] 
passock  ['pæsək] 
perjetal   ['pɝʒətl]̩ 

Low-
frequency 

pall 
peacock 
panama 
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of initial-/p/ from the remaining tokens were measured in Praat 
(Boersma & Weenink 2016). VOT was measured from the 
beginning of the release burst to the beginning of the glottal 
pulsing in the waveform and/or the appearance of a voicing bar 
in the spectrogram.  

3 Results 

Percentage increases of VOT and the rest of the word duration 
(REST = word duration − VOT) between the baseline and post-
shadowing productions were calculated, respectively 
[percentage increase = 100 * (post-shadowing − baseline) 
/baseline]. Then, a mixed-effects linear regression model was 
fitted to the percent increase values, using the lme4 (Bates et al. 
2014) and lmerTest (Kuznetsova et al. 2017) packages in R (R 
Core Team 2020). The response variable was the percent 
increase, and the predictors were Word Part (VOT or REST), 
Lexical Frequency (Low or High), and their interaction. Word 
Part was included to determine whether the increase in VOT, if 
any, was specific to the VOT of the initial stop (evidence for the 
phonetic imitation of the manipulated stimuli), or due to an 
overall change in the speech rate. Random effects included the 
intercepts (based on Item and Participant) and slopes (Word 
Part and Frequency by Participant). Both fixed factors were 
entered into the model using mean-centered, Helmert-coded 
contrasts with each level compared to the grand mean. VOT and 
High-Frequency were coded as positive, respectively.   

The results of statistical analysis showed that the interaction 
between Word Part and Lexical Frequency was not significant 
[β = 0.62, t(1715) = 0.24, p = 0.81] (see Figure 1). The main 
effect of Word Part was significant: the increase in VOT was 
greater than that in REST [β = 12.83, t(23) = 3.89, p < 0.001]. 
The mean percentage increase of VOT from the post-shadowing 
block was 12.16 whereas that of REST was −0.77, suggesting 
that speakers extended VOT of the initial /p/ after shadowing 
the nonword stimuli, without changing much in the REST 
duration. The effect of Lexical Frequency, however, was not 
significant [β = −0.22, t(33) = −0.15, p = 0.88], indicating that 
words of high or low frequency did not differ in terms of how 
much they change.  

Considerable individual variability in VOT and degree of 
imitation was also suggested in our data (see Figure 2). The 
mean baseline VOT ranged from 43.85 to 89.51ms, and the 
percent changes ranged from −15.54% to 44.42%. The 
distribution of the percent changes was slightly positively 
skewed (mean = 7.79, median = 4.32, skewness = 0.87, kurtosis 
= 3.64), providing evidence for convergence in the majority of 
the participants. Most speakers produced longer VOTs after 
shadowing nonwords with extended VOTs, although the degree 
of imitation varied considerably among participants.  

To summarize, participants produced longer VOT on word-
initial /p/ after shadowing nonwords beginning with /p/ with 
extended VOT than they did in their baseline productions. This 
increase in VOT was not due to the changes in the speech rate 
(i.e., overall slowing down). This result supports the claim that 
the target of speech imitation includes the abstract phonological 
representations (e.g., phonemes) rather than individual words 
(e.g., Nielsen 2011, Kwon 2019). Lexical frequency of the 
words being produced did not affect the magnitude of VOT 
increase in the specific words. Speakers in this study varied the 
degree of VOT convergence, consistent with previous studies 
(e.g., Nielsen 2011).  

4 Discussion and conclusion  

The findings from the current study show evidence for 
spontaneous phonetic convergence induced by nonwords. The 
speakers become more similar to the model talker along a 
specific acoustic dimension, even when they produce words not 
included in the shadowing list. That is, the imitation of extended 
VOTs is generalized from nonwords to real words. This 
outcome is in line with the version of exemplar models that 
allows abstract linguistic levels in the exemplar space (e.g., 
Pierrehumbert 2001), rather than the version emphasizing the 
association between linguistic episodes with individual words 
(e.g., Johnson 2006). Nonword stimuli, upon presentation, are 
presumably incorporated into the exemplar clouds of the 
participants, and the extended VOTs of the nonwords impacted 
the subsequent productions of words containing the same 
voiceless stop /p/.  

Figure 1: Individual variability in VOT.  Each dot represents 
the mean VOT of individual participants. The dots above the 
diagonal blue line, which indicates no changes (baseline = 
post-shadowing), represent speakers who converged.  

Figure 2: The interaction plot of percent changes between 
Word Part and Lexical Frequency with the error bars 
representing 95% CI 
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The prediction about the lexical frequency that the extended 
VOTs from the newly created nonwords will induce greater 
VOT increases in lower-frequency words is not borne out in the 
current study. Several factors may have contributed to this 
outcome. Firstly, the presence of the warm-up session may have 
reduced the frequency effect as multiple repetitions of the same 
words during the experiment could have alleviated the effect of 
lexical frequency on the degree of convergence (Nielsen 2008). 
Secondly, the degree of convergent changes was measured 
acoustically in this study, rather than in perceptual judgments 
(e.g., Goldinger 1998), and acoustical measurement may have 
undermined the lexical frequency effect on the degree of 
convergence (Pardo et al. 2013). Lastly, the lexical frequency 
effect might be triggered only when the lexical frequencies are 
related to the words being heard and/or shadowed. Unlike the 
previous studies that examined the effect of frequency (e.g., 
Goldinger 1998, Nielsen 2008, 2011), the current study did not 
test the frequency of the words (or nonwords) that the 
participants were exposed to but of those that they read before 
and after shadowing. The shadowing block of the current study 
included only nonwords. Arguably, the lexical frequency effect 
is tied to the words of exposure (either shadowing or passive 
exposure) rather than those of production.  

The generalization of convergent changes from nonwords to 
real words is also in line with the Communication and 
Accommodation Theory (Shepard et al. 2001) and the 
Automatic Alignment Account (Garrod & Pickering 2004). 
According to these theories, upon entering a communicative 
encounter, speakers immediately and often unconsciously align 
their linguistic behaviors and representations with those of their 
interlocutors. The nonword stimuli in the shadowing block of 
this study resemble real English words both in their 
pronunciations and their orthography. This arguably facilitated 
the participants to incorporate the nonwords into their lexicon, 
although the current experimental paradigm did not involve 
communicative interactions. “Humans are designed for 
dialogue rather than monologue” (Garrod & Pickering 2004:8) 
and nonwords resembling the real words in the lexicon can 
potentially fulfill a communicative function in later 
communicative events. What if the nonwords deviate from the 
real words in terms of phonotactics or spelling rules? 
Contradictory predictions can be made: these alien nonwords 
are arguable to induce less convergence since they are less 
likely to be incorporated into the communication system later; 
on the other hand, more convergence can also be expected as 
unfamiliar words are less likely to activate prior knowledge or 
memory traces (Nye & Fowler 2003). This question calls for 
more research in the speech convergence using nonwords. 

To conclude, the current study demonstrates that the convergent 
changes can be attained through shadowing nonwords, and the 
lexical frequency of the real words being produced did not 
influence the magnitude of convergent changes. This arguably 
suggests that the lexical frequency of the words of exposure, 
rather than those of production, influences the degree of 
convergence. 
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Abstract 
This study examines how both the source and  filter may 
contribute to voice quality differences. MRI and EGG 
recordings were obtained on a female subject who was trained 
in the Estill Voice method of voice production.  The subject 
recorded two samples of the vowel /i/, at about 500 Hz, keeping 
larynx height constant, with two different fold masses.  The 
subject varied vocal fold mass by producing a “thin” (falsetto) 
fold mass vs a “thick” (chest voice) quality. The ARX-LF model 
was used to estimate vocal tract area with the results indicating 
a larger oral cavity for the thick fold phonation than the thin 
fold one; a similar pattern was seen in the vocal tract 
midsagittal contours of the MRI images for the two /i/ vowels. 
In addition, F2 and F4 were lower for thick fold phonation than 
for thin. Open Quotient (OQ) was greater for thin than thick, 
with a corresponding steeper spectral tilt. Future work will 
examine more vowels and more speakers. 
 

Keywords: source filter interaction, MRI, EGG, fold thickness, 
ARX-LF model 

 
1. Introduction 
This is an exploratory study to examine how the source and the 

filter contribute to voice quality differences. According to the 

source-filter theory of phonation (Fant 1970), the source and 

filter are for the most part independent. In more recent years 

researchers have begun to acknowledge source-filter 

interactions. For instance, supralaryngeal articulation can affect 

laryngeal behavior, (e.g., Rothenberg 1980; Fant and Lin 1987; 

Childers and Wong 1994; Titze 2004; Barney et al. 2007); and 

vice versa (e.g., Klatt & Klatt 1990; Barney et al. 2007; 

Erickson et al. 2020). Using modeling, such as the ARX-LF 

model (Li et al. 2018; Li, Sakakibara et al. 2019), provides a 

way to examine the interaction between source and filter. 

Erickson et al. (2019) and Li, Takahashi et al. (2019), using this 

model, reported how varying larynx height along with vocal 

fold thickness affects Open Quotient (OQ), formants, and 

spectral tilt. Another way yet to investigate source filter 

interactions is through singing studies, (e.g., Titze et al. 2003; 

Henrich et al. 2005; Miller & Schutte 2005; & Henrich-

Bernadoni et al. 2014). Singers are generally able to control 

their laryngeal and supralaryngeal articulation to produce an 

intended voice quality/singing genre. Henrich et al. (2005) used 

EGG to examine how chest and falsetto modes of phonation 

influenced glottal-source parameters such as the open/closed or 

contact quotient of the vocal folds. Chest and falsetto can also 

be referred to respectively as Mechanism 1 and Mechanism 2, 

and, as described in Henrich-Bernadoni et al. (2014) p. 491 “are 

thought to be associated, respectively, with the increase or 

decrease in vibrating mass that results from the coupling or 

decoupling (respectively) of the layered vocal fold structure to 

the inferior thyro-arytenoid or vocalis muscle (Hirano 1982). 

Within a certain range of frequencies lying between their low 

and high F0 range, a singer can phonate in either register 

(Vennard 1967; Roubeau et al. 2009).  Acoustic differences for 

the two registers are that vowels produced in M2, compared to 

M1, have larger Open Quotient (OQ), steeper spectral tilt, and 

resonant formant frequencies also change (Henrich et al. 2005; 

Henrich-Bernadoni et al. 2014); specifically, they report that the 

first and second resonant frequencies of a vowel sung at the 

same F0 are higher in M2 compared to M1. These findings 

suggest that articulatory settings differ for M1 and M2 laryngeal 

modes. In their report, they speculate about what these 

supralaryngeal changes might be. 

 

Echternach et al. (2010) used MRI recordings to examine 10 

professional tenor voices as they sang a scale on the vowel /a/, 

progressing from chest range to falsetto range, but keeping their 

voice during the passaggio from low notes to high notes in what 

is called “voix mixte”, supposedly a mix between Mechanism 1 

and Mechanism 2. They report the singers in this range between 

M1 and M2 tended to widen their pharyngeal areas, and 

increase their lip, jaw openings, and also jaw protrusion, thus 

creating a larger oral cavity. 

 

In our study, we use EGG and MRI to examine the laryngeal 

and supralaryngeal differences in the production of two 

sustained /i/ vowels, produced on roughly the same F0, 

maintaining the larynx at mid position, but changing the 

thickness of the phonating vocal folds, along the lines of 

Hirano’s description. THIN vocal folds were produced with the 

upper edge and cover of the vocal folds, while THICK folds, with 

greater mass/body of the folds together both upper and lower 

medial edges. Roughly speaking, THIN folds correspond to 

falsetto-type phonation, and THICK folds, to modal-type (chest) 

phonation. Modal/chest phonation is often referred to as 

Mechanism 1, while falsetto, to Mechanism 2 (e.g., Henrich et 

al. 2004). Figure 1 shows a schematic illustration of the two 

phonation modes. 
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Singers trained in the method of voice production proposed by 

Estill et al. (2017) are purportedly able to control the thickness 

of their vocal folds while singing. The Estill method teaches 

singers as well as voice actors/actresses to control laryngeal and 

supralaryngeal articulation in order to produce voice qualities 

appropriate for the genre they want to sing, or in the case of 

voice actors/actresses, for the character they wish to portray. In 

everyday speech, voice quality changes, and people do this 

“automatically”, without knowing necessarily how they are 

changing their articulation, to appropriately express social 

attitudes (Rilliard et al. 2013) or ethnophonetic expressions 

(Sadanobu et al. 2016).  

 

 

Figure 1: Schematic illustration of the two phonation 
modes: Thick mode involves vibration of both cover 
and body; thin, only the cover or upper edge of the 

vocal fold. 

 

The two /i/ vowels studied in this paper were part of a larger 

MRI study (Erickson, Yun et al. 2020). For this experiment, a 

phonetician (first author) trained in the Estill method was the 

subject. Since these two vowels were produced by keeping F0 

and larynx height constant, changing supposedly only the 

thickness of the vocal folds, these two /i/ vowels were chosen 

as candidates to examine source-filter interactions. Moreover, 

these two /i/ were part of an earlier perception study in which 

listeners were asked to judge voice quality differences 

(Erickson, Kawahara et al. 2020). The results showed that they 

rated the /i/ produced with thick folds as more aroused and more 

positive than that of the thin folds, indicating a perceptual 

change between the two /i/ vowels. 

 

The questions we investigate here are (1) How does “thickness” 

of vocal folds affect Open Quotient (OQ), (2) Does “thickness” 

of vocal folds affect supralaryngeal settings, and (3) What are 

some acoustic changes associated with thick fold vs. thin fold 

mode of phonation?  To examine some of the acoustic changes, 

we use the ARX-LF model (Li et al. 2018; Li, Sakakibara et al. 

2019) for estimating source and filter contributions to the 

acoustic signal; also, we qualitatively compare the estimated 

area functions generated by the ARX-LF model with the vocal 

tract midsagittal contours of the MRI images. 

 

2.  Methods 

2.1 MRI and EGG recordings 

MRI and simultaneous acoustic recordings were made using the 

3T MRI scanner (Siemens MAGNETOM Verio at the ATR 

Brain Activity Imaging Center (BAIC), Kyoto, Japan. 

For analysis of sustained articulator position and shape, static 

images of three sagittal slices (one for midsagittal slice and the 

others for right and left adjacent para-sagittal slices) were 

obtained by 2D FLASH sequences (TR=17ms, TE=1.62ms, 

field of view= 256mm x 256mm, spatial resolution=128pixel x 

128pixel, slice thickness=5mm,  slice separation=5mm).   A 

1200 ms duration series of three 100 ms tone bursts whose 

onsets were at 0ms, 300ms and 600ms, (resulting in a perceptual 

pattern of da da DAH) was presented 128 times to the subject. 

The subject was asked to vocalize the target vowel sound 

repeatedly when the third noise burst (DAH) was presented and 

then sustain it until the first noise burst of the next cycle. A 

resting period was inserted every 10 repetitions to allow time to 

swallow and wet the mouth. The MRI scanner acquired 66 

frames of MR images with a frame rate of 60fps for each of 

three slices by a trigger signal in sync with the first noise burst 

presented repeatedly to the subject.  

For EGG recordings, vowels were recorded separately in a 

soundproof room at Arai Lab at Sophia University with an 

electroglottograph (Glottal Enterprises EG2-PCX2) and an 

electret condenser microphone (Sony ECM-MS957) connected 

to a laptop computer via an audio interface (Edirol UA-25EX). 

Acoustic and EGG signals were recorded simultaneously using 

Audacity at a 44.1 kHz sampling rate,  

2.2. Corpus 

The speaker, a female phonetician trained in the Estill Voice 

method (Estill et al. 2017), produced two sustained /i/ vowels, 

varying the thickness of the vocal folds (thick vs. thin). They 

were produced at approximately 500 Hz, and the larynx was 

kept at mid position.  

2.3 Analysis 

EGG analysis was done with Praatdet (Kirby 2017). OQ was 

estimated by detection of closing and opening peaks, similar to 

that reported in (Henrich et al. 2004; Kirby 2017) using vowel 

sounds recorded at Arai Lab, Sophia University. The acoustic 

analysis was done with the ARX-LF model (Li et al. 2018; Li, 

Sakakibara et al. 2019), using the two /i/ vowel sounds recorded 

during the MRI experiment. 

3.  Results 

3.1 Source characteristics 

Both the EGG and ARX-LF analysis showed that the /i/ 

produced with thin folds had larger Open Quotient (OQ) than 

that produced with thick folds. This is shown in Table 1. The 

first OQ value is that estimated by the ARX-LF model, and the 

second, that calculated from the EGG analysis. Although the 

two OQ estimates are not identical, they are in the same 

direction. The table also shows the spectral tilt estimates by the 

ARX-LF model.  Figure 2 also shows the difference in spectral 

tilt. The tilt of the thin folds is much steeper than that of the 

thick folds, which is to be expected, given the smaller OQ for 

thin folds.  

 

Table 1:  ARX-LF model estimate of spectral tilt and OQ for /i/ 

phonated with thin and thick folds.  

 

Phonation 

mode 
Tilt OQmodel OQegg 

thin 

(falsetto) 
-15.6 0.47 0.78 

thick 

(modal) 
-12.7 0.4 0.55 
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Figure 2: ARX-LF model estimate of spectral tilt. 

3.2 Filter characteristics 

The results of the MRI imaging are shown in Fig. 3. When we 

compare the thin folds (left image) with the thick folds (middle 

image), we see that even though the speaker maintained the 

relatively same F0 and the relatively same mid larynx position 

for the two productions, the vocal tract midsagittal contours are 

different. For the thick fold phonation, the vocal tract area 

appears larger: the mouth is more open, the tongue is more 

raised, fronted and bunched, leaving the oropharynx larger, and 

also the posterior oral cavity larger.  

 

 

Figure 3: MRI images of two /i/ vowels. From left to right thin 
vocal folds, thick vocal folds, overlay of thin (pink) and thick 

(green). For the overlay, pink (thin folds) were moved upward 
and forward, and green (thick folds) were moved backward 

and downward. 

3.3 ARX-LF model estimate of vocal tract area 

The estimated area functions as calculated from the ARX-LF 

model are shown in Figure 4. We see an overall larger area for 

the /i/ produced with thick folds than with thin folds. 

Specifically, we see an increase in 3 regions: from lips to 3, 

from 4 to 7 and from 7 to 14. These seem to correspond well to 

the larger areas of the MRI image for the thick folds.  

 

 
 
 

 
 
 
 
 
 
 
 

Figure 4: ARX-LF model estimates of area functions. Y-axis 
indicates relative area, x-axis relative length from lip (left) to 
glottis (right). Estimated area for thick folds marked in green, 

for thin folds, in red. 
 

As a result of differences in vocal tract configurations, we see 

different formant resonance frequencies of the vocal tract. 

Figure 5 shows the ARX-LF model estimate of the formants, 

and Table 2 shows the actual values. Based on this analysis we 

see that F2 and F4 are lower for the /i/ produced with thick folds 

than that produced with thin folds. This is also shown clearly in 

Table 2. 

 

 

Figure 5: ARX-LF model estimate of formants. Y-axis 
indicates amplitude in dB, x-axis, frequency. Formants for 

thick folds in green, for thin folds, in red. 

 
Table 2:  ARX-LF model estimate of F0 and formants for /i/ 
phonated with thin and thick folds 
 

Phonation 

mode 
F0 F1 F2 F3 F4 

thin 

(falsetto) 
500 510 1980 2479 4377 

thick 

(modal) 
520 533 1740 2654 3105 

 

 

4.  Discussion and conclusion 
 

In summary, we found interactions between source and filter: 

both the source and the filter characteristics change when vocal 

fold thickness changes. Specifically, /i/ produced with thick 

folds, compared to thin folds, has smaller OQ and less steep 

spectral tilt. In addition, we also see supralaryngeal articulation 

changes due to mode of phonation. For thick fold phonation, the 

oral cavity increases consistently throughout the vocal tract 

(front, mid and back). Formants also change: lower F2 and F4 

for thick fold compared to thin fold phonation. 

 

Previous studies have also reported larger OQ and steeper 

spectral tilt for thin folds (falsetto) than thick folds (chest). 

About formant differences, Henrich-Bernadoni et al. (2014) 

also reported formant differences between falsetto and chest 

voice, speculating concomitant changes in mouth opening or 

tongue shape; specifically, for M2 (thin folds), there may be a 

“small but measurable decrease in jaw opening expected to 

produce a decrease in R1” [p.499]. Congruent to this 

speculation, our findings show less jaw opening for thin folds. 

Changes in supraglottal articulation for different phonation 

modes, similar to what we found, was also reported by 

Echternacht et al. (2010).  

 

However, with regard to formants, Henrich-Bernadoni et al. 

(2014) reported higher frequencies for R1 and R2 for falsetto 

(i.e., thin folds), whereas we report higher F2 and F4, but not 

for F1. This may be because Henrich-Bernadoni et al. (2014) 
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examined low /a/ vowels, while we examined high /i/ vowels. 

In our study with /i/, we found that for thick folds, F1 is higher 

and F2 is lower, thus bringing F1 and F2 closer together. This 

finding is consistent with findings by Story et al. (2001) that a 

wide oral cavity and increased tract length may cause F1 and F2 

to be closer together. However, in our data, we show only 

increased oral/pharyngeal areas, no vocal tract lengthening, as 

the speaker was purposely keeping the larynx at mid position 

for the two phonation modes.  Enlarging the vocal tract when 

phonating with thicker folds, instead of lowering the larynx, 

may be in order to help maintain phonation, similar to what 

happens when enlarging the supraglottal tract during phonation 

of voiced stops, as reported by e.g., Ohala (1983). 

 

In summary, an interesting finding in our study is that 

supralaryngeal gestures indeed change when phonation mode is 

changed—the vocal tract is enlarged for the thick fold 

phonation vs. thin fold. Specifically, for this speaker who 

maintained vocal tract length, she opened the mouth more, and 

raised, fronted and bunched the tongue more, thus leaving the 

oropharynx larger, and also the posterior oral cavity larger.  The 

ARX-LF model estimated area functions seem to agree with the 

midsagittal vocal tract contours from the MRI images. Future 

work will focus on quantitative analyses of the MRI images of 

the vocal tract areas for comparison with estimated acoustic 

outputs generated by the ARX-LF model. More vowels and 

more speakers will also be examined. 
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Abstract
We describe an inference principle for speech resynthesis us-
ing the vocal tract simulator VocalTractLab (VTL). Our method
generates smooth and plausible motor trajectories controlling
the vocal tract simulator. The method utilizes a differentiable
forward model approximation of the VTL, namely, an LSTM that
learned the involved temporal motor-acoustics relations. Motor
trajectories are inferred through temporal gradient information
minimizing the error between the forward prediction and the
target acoustics, explicitly incorporating velocity and jerk con-
straints. We show that our method provides good parameter re-
covery and generalization, and that it achieves a decent synthe-
sis quality. While the proposed principle is a promising tool for
studying the mechanics of human speech generation, it comes
with the cost of a significant computational overhead.

Keywords: articulatory synthesis, speech synthesis, motor tra-
jectories

1. Introduction
This study is part of an ongoing project addressing the chal-
lenge of learning an inverse mapping between acoustic features
and control parameter trajectories (cp-trajectories) of a vocal
tract simulator. We apply a temporal gradient-based inference
method from Otte, Schmitt, et al. (2017) and Martin V. Butz et
al. (2019), which is inspired by Friston’s active inference princi-
ple (Friston, Samothrakis, and Montague 2012), to the dynam-
ics of the vocal tract simulator developed by Birkholz (2013),
the VocalTractLab (VTL), in version 2.3.

To implement this principle, we use a predictive forward
model that receives cp-trajectories as inputs and learns to pre-
dict the corresponding acoustic representations, in form of log-
mel spectrograms. Therefore, the predictive forward model em-
ulates the behavior of the vocal tract simulator, but is much
faster to execute and fully differentiable. If the predictions of
the forward model are locally of sufficient quality, the gradients
of the forward model can be used to plan cp-trajectories for a
given acoustic target.

A common problem in inferring cp-trajectories from an
acoustic target is that many cp-trajectories result in very similar
or identical acoustic manifestations. This is especially promi-
nent for silence where a full closure at any part of the vocal tract
results in no speech, i. .e silence. The predictive model maps
many different cp-trajectories to one acoustic state, whereas an
inverse model has to derive from one acoustic state many dif-
ferent cp-trajectories. By mainly relying on the predictive for-
ward model in the inference the many-to-one problem is cir-

cumvented. Starting from an initial guess of cp-trajectories the
gradient of the predictive forward model can be used iteratively
to improve the initial cp-trajectories. The gradient of matching
the predicted acoustics with the target acoustics can be jointly
minimized with velocity and jerk constraints, i. e. minimize mo-
tor effort. This allows planning smooth cp-trajectories that pro-
duce speech closely matching the target acoustics.

Using a predictive forward model is different to most
frameworks deriving cp-trajectories for the VTL simulator. Cp-
trajectories have been derived mostly by means of a segment-
based approach that takes phone sequences as inputs and derives
gestural scores out of them. Next, the gestural scores are turned
into cp-trajectories. An exception is a LSTM-based direct in-
verse model presented in Gao, Steiner, and Birkholz (2020).
Here, we present and evaluate an LSTM-based predictive for-
ward model, which uses gradient-based inference to generate
cp-trajectories in a goal-directed manner.

2. Methods
The recurrent gradient-based motor inference framework for
speech resynthesis has two main data structures (gold boxes in
Figure 1). First, the control parameter (cp) trajectories define
the positions of the articulators over time and the glottis param-
eters of the glottis model for the acoustical synthesis. Second,
the acoustic representation that defines the perceptual image of
the acoustics. These two data structures are connected in three
ways (red boxes and arrows in Figure 1).

The first connection and the ground truth for this frame-
work is given by the VocaltTractLab (VTL) simulator, which
takes cp-trajectories as inputs and produces a mono audio sig-
nal as output. The audio signal is then deterministicly converted
into the acoustic representation. The second connection is the
inverse model, which takes the acoustic representation as input
and predicts a cp-trajectory. The inverse model is used only
once at the beginning of each cp-trajectory-inference process.
The third and most important connection is the predictive for-
ward model, which shortcuts the first connection and directly
connects the cp-trajectories with the acoustic representation.
The gradient, which is inferred inversely via the predictive for-
ward model, is used to optimize the cp-trajectory during action
inference. All models are implemented in Python 3.7 and Py-
Torch 1.6.0.

2.1. Cp-trajectories

Cp-trajectories are the inputs to the VTL articulatory speech
synthesizer. They define the positions of the articulators and the
parameters of the glottis model over time and are the motor part
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Figure 1: Implementation of the recurrent gradient-based motor inference principle with LSTM based networks. The predictive model
imagines the acoustic representation and allows for adjustment prior to execution. The inverse model is only used for initialization.

of the framework. Control parameters (cps) need to be defined
every 110 samples of the resulting 44 100 Hz mono audio sig-
nal, i. e. every ⇡ 2.5 ms . Cp-trajectories should be smooth, as
stationary as possible, and should be modified by slowly chang-
ing forces, i. e. to adhere to the minimum jerk principle (Viviani
and Flash 1995). The 30 cps are individually and linearly scaled
and centered so that -1 corresponds to the minimal theoretical
value and +1 corresponds to the maximal value as given by the
VTL API reference (Birkholz 2018).

2.2. Acoustic Representation

The acoustic representation encodes the human perceptual im-
age of speech by means of pitch and loudness. The acoustic
representation is implemented as a log-mel spectrogram with 60
log-mel banks within a frequency range from 10 Hz to 12 000
Hz, a window length of 1 024 samples (23.2 ms), and a time
delta of 220 samples (5 ms). The log-mel banks are calcu-
lated on a magnitude spectrogram. Calculations are conducted
with librosa (version 0.8.0) on wave forms with a sampling
rate of 44 100 Hz. The log-mel spectrogram was linearly trans-
formed into the 0 to 1 range, where 0 corresponds to silence
and 1 is a loud and clear tone. Data reduction per time slice was
from 220 values in time to 60 values in pitch.

2.3. Speaking

The speaking transformation constitutes the ground truth for the
predictive model: It is realized by executing the VTL simula-

tor. VTL uses a 3-dimensional geometrical vocal tract model
linked with a quasi-1-dimensional acoustic synthesis model. A
mid-sagittal slice, which illustrates the vocal tract geometry, is
shown in Figure 1. The cp-trajectory essentially specifies the
geometrical shape of the vocal tract, the properties of the glot-
tis model, and lung pressure over time. In VTL version 2.3 the
resulting mono audio has a sampling rate of 44 100 Hz.

2.4. Predictive model

The recurrent predictive forward model is imagining how exe-
cution of the cp-trajectories at hand would sound. It therefore
shortcuts VTL simulator and directly maps the cp-trajectories
to the acoustic representation. The gradient of the predictive
model is later used to correct the initial cp-trajectories via ac-
tion inference.

The recurrent predictive forward model has an input size of
31 input channels. These comprise the 30 control parameters of
the VTL and an extra onset channel that helps initialising the
weights on the first time step. The onset dimension is set to
one in the first time step and set to zero on all other time steps.
The output size is 60 channels, corresponding to the 60 log-mel
spectrograms of the acoustic representation. Note that the time
resolution is halved from 401 Hz to 200.5 Hz in order to match
the time resolution of the acoustic representation.

In a first step, the velocities and accelerations of the cp-
trajectory input are calculated (time deltas and delta-deltas) and
appended to the state input, resulting in a total of 91 channels.
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The 91 input channels are then fed into a two-layer LSTM with
350 LSTM cells followed by a linear output layer of size 60,
corresponding already to the 60 output channels. Next, the se-
quence length is halved by average pooling. In order to account
for local corrections we apply a convolution layer with a kernel
size of 5 in time and 3 in mel channel in a skip layer fashion.
Only one local filter per output channel is learned and all fil-
ters are learned independently. Finally, all negative values are
clipped to 0 with a ReLu. To mitigate the dying ReLu problem,
the biases in the correction layer are initialized strictly positive
with 0.01. The total number of trainable parameters in the pre-
dictive forward model is 1 625 020.

2.5. Inverse model

The inverse model creates the initial guess of the cp-trajectory
needed to produce the target acoustics. It gets a log-mel spec-
trogram as input and outputs a cp-trajectory. The inverse model
is implemented analogous to the predictive model but with 512
LSTM cells, five skip layer convolutions of size 5 in time and
width 1 in channels and a final linear layer instead of a ReLu.
The total number of trainable parameters in the inverse model
is 3 540 898.

2.6. Action inference

Action inference plans a cp-trajectory aiming at producing au-
dio that closely matches the target wave signal with a sampling
rate of 44 100 Hz. In a first step the model calculates the log-
mel spectrogram for the acoustic target. The inverse model then
creates the initial cp-trajectory taking the determined log-mel
spectrogram dynamics as input. Next, the initial cp-trajectories
are passed through the predictive forward model, generating a
consequent log-mel spectrogram prediction, which is then com-
pared to the target acoustics. On the basis of the mean squared
error loss (MSE loss) between the two spectrograms and addi-
tional velocity- and jerk-losses, which are applied to the input
cp-trajectories, the local gradients for the input cp-trajectories
are calculated and the initial cp-trajectories are adjusted by 0.05
times the local gradients. This corresponds to a stochastic gradi-
ent decent (SGD) update. The resulting adjusted cp-trajectories
are again fed into the predictive forward model, are again ad-
justed, etc. This procedure is repeated 200 times in total. The
initial velocity loss is weighted relative to the initial MSE loss
with 0.5 and the initial jerk loss has the same size as the initial
MSE loss.

SGD is used as ADAM (Kingma and Ba 2015) does not
work out here as the inputs should be adjusted and smoothed
during planning. Applying ADAM updating diverged after
some initial decrease in the loss and yields to erratic cp-
trajectories. Note that ADAM normalizes the individual gra-
dient components independently, whereas the individual mag-
nitudes of the gradient components and their mutual relations,
which both may be highly relevant for our problem domain, are
thrown out (Otte, Hofmaier, and Martin V. Butz 2018).

After the 200 planning steps the control parameters are fed
into the actual VTL simulator and the corresponding audio is
created. In order to sync the local approximation of the pre-
dictive model with the ground truth of the VTL simulator even
further, the cp-trajectories together with the produced audio are
now used as a new training sample together with 10 training
samples from the initial training data. As a result, the predic-
tive model is further learned and attuned to the VTL’s speech-
generation properties close to the target utterance. Planning and
learning are repeated 40 times. The final inferred cp-trajectory

Figure 2: The top panel shows the log-mel spectrogram of the
original human recording Wissenschaft (science) used as the tar-
get. The middle panel shows the resulting log-mel spectrogram
after the planned trajectories are executed by the VTL. The bot-
tom panel shows four selected cp-trajectories after planning.

is returned as the result of this active inference process.

2.7. Initial training

The initial training imprints some experience on the relation be-
tween cp-trajectories and acoustic representation into the mod-
els. As the model has no notion of phones or gestures these no-
tions are to some extent imprinted by the initial training. This
experience essentially leads to the development of an approxi-
mate generative model of the VTL simulator.

The predictive and the inverse model are initially trained
with cp-trajectories and log-mel spectrograms for German
words. Each training sample corresponds to one German word
with a sequence length between 246 and 1976 time steps. The
log-mel spectrogram is computed on speech synthesised by
VTL, based on cp-trajectories derived from phone segment
data of the GECO corpus Schweitzer and Lewandowski (2013).
Synthesising speech from segment data was introduced in VTL
2.3 and is accomplished approximately as described in Sering
et al. (2019). Only the first 5 000 spliced-out word tokens are
used, which corresponds to one hour of speech. Of these to-
kens, 4 500 were assigned to the training set, and 500 tokens
to the test set. Both models are trained using ADAM as the
learning rule with an initial learning rate of 0.001 and default
parameters (�1 = 0.9, �2 = 0.999, ✏ = 10�8), applying the
MSE loss, a batch size of 8, and 100 epochs of training in total.

3. Results
To test recovery and generalisation of the recurrent gradient-
based motor inference framework 30 word tokens from the test
set of the initial training data were used. In the recovery test, the
target acoustics is produced. Mono audio from the VTL sim-
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ulator and the cp-trajectories are known. The gradient-based
framework does not achieve full recovery, but improves the
MSE loss in the actual synthesis by 53.2% ± 15.8%. The
final MSE loss is 0.0706 ± 0.0266. In the second test tar-
get acoustics are the recordings from the GECO corpus, which
are matched to the 30 words from the test set. These are
recordings from a female speaker. The data from the ini-
tial training set comprise the base line with a MSE loss of
0.0772 ± 0.0246. The gradient-based framework achieves to
half the MSE loss to 0.0313 ± 0.0103. The loss reduction
from the initial cp-trajectories produced by the inverse model
is 42.9%±17.8%. Note that the gradient-based framework has
no access to the phone segment data, but only works on the tar-
get audio, whereas the base line uses aligned phone segments
as inputs, but no audio. Computationally, the gradient-based
framework is around 1 000 times costlier.

As an example, Figure 1 shows the wave form of the
recorded utterance of the German word Wissenschaft (‘science’)
in the top right corner, which is used as target, along with the
wave form of a planned resynthesis below. The correspond-
ing planned cp-trajectory is relatively smooth and flat (in some
areas even too flat). The log-mel spectrograms show a lot of
similarities, but provide less contrast in the resynthesis as in the
original recording (Figure 2). Even if the resynthesis is in-
telligible in most cases there is still room for improvement in
quality.

4. Discussion and Conclusion
The goal of imitating human speech production on a high level
without phones and gestures but by complementing the physics
of the speech process with learning experience led to the choices
in this framework. The presented framework is a simplistic
models that still capture these aspects. While it oversimpli-
fies some of the known aspects of human speech production,
it shows first promising results to imitate natural human speech,
including its reductions.

The acoustic representation implemented as a log-mel spec-
trogram approximates the human hearing process up to the inner
ear (cochlea) in loudness and pitch but without phase. This is
a rough approximation as it is known that humans can perceive
phase shifts in the lower frequency range, and humans have dy-
namic range adaptation in loudness. Furthermore, frequencies
are capped at 12 000 Hz, even if most young humans can hear up
to 20 000 Hz. MFCCs, a popular choice in speech recognition
systems, are deliberately not used as they are hardly motivated
by the mechanical parts of the human hearing. Nonetheless,
MFCCs have very good data reduction properties and could re-
duce the acoustic representation from 60 to 13 channels possi-
bly without loosing any relevant information.

For the human speech organ a three dimensional geometri-
cal model of the vocal tract is used, which has transparent in-
put parameters that define the position of the tongue, the jaw,
the lip opening and rounding, and the tongue side elevation as
well as parameters for the glottis model. Limitations are that
the VTL model does not model any biomechanics or muscle
contractions. Furthermore, the acoustical model in VTL is not
capable of modeling transversal acoustic waves, which might
add to the sound quality above 6 000 Hz, i. e. a wave length of
roughly 5 cm.

The predictive planning is motivated by the anticipatory na-
ture of human cognition. Humans seem to be sensitive to dis-
crepancies between their predictions and the actual perceived
world. We appear to constantly predict the near future and

adjust our behavior based on the experienced prediction error.
This results in very flexible and adaptive but still locally consis-
tent behavior (Martin V Butz and Kutter 2016).

Next steps involve a more quantitative evaluation and com-
parison of the presented framework with the segment-based ap-
proach shipped with VTL and human behavior by focusing on
coarticulation patterns in the acoustical and in the movement
domain in reduced speech. Moreover, we intend to add a word
classifier to the acoustic representation to emphasize seman-
tic contrast during planning. Relying on the error of the word
classifier should help minimizing the mimicry of noise sounds,
while improving intelligibility. Moreover, we expect that the
classifier helps to produce speech in the tonality of the vocal
tract geometry rather than imitating different speakers as closely
as possible.
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Abstract 
When producing a vowel, productions that begin relatively far 
from the center of a speaker’s acoustic F1-F2 distribution for 
that vowel tend to move towards the center of the distribution 
by the vowel midpoint, a phenomenon known as centering. To 
date, centering has been only demonstrated in the acoustic 
signal. Here, we examine whether centering can also be seen at 
the level of speech kinematics. Using electromagnetic 
articulography to track the tongue, jaw and lips, we show that 
centering is observable in the kinematic signal, most clearly in 
the tongue dorsum. We also show that centering begins to occur 
in the kinematic signal prior to vowel onset, consistent with the 
idea that the phenomenon is not driven purely by auditory 
feedback. 
 
Keywords: Speech production, vowel centering, kinematics 

1. Introduction 
The role of sensory systems in speech production has been a 
topic of interest since the early days of speech research 
(Fairbanks, 1954; Yates, 1963). Typically, the role of the 
auditory system in online control of speech has been probed by 
delaying auditory feedback (Yates, 1963) or by altering its 
spectral characteristics (Burnett et al., 1998; Purcell & Munhall, 
2006). Many studies have shown through these methods that the 
neural control of speech movements is indeed sensitive to such 
external auditory perturbations.  

However, the extent to which the speech articulatory system 
makes use of sensory feedback during normal, unaltered 
production is less clear. Blocking tactile sensation does lead to 
some changes in articulation, particularly for fricatives (Scott & 
Ringel, 1971). On the other hand, blocking auditory feedback 
with masking noise does not substantially affect articulation 
(Ladefoged, 1967; Ringel & Steer, 1963), though it does have a 
greater impact  on voicing, pitch control, and timing. In general, 
the small effects of sensory masking on articulation suggest that 
online sensory feedback plays a minor, but non-negligible, role 
in typical speech production. This is particularly true for 
auditory feedback, where the delays associated with feedback 
corrections (~150 ms) are longer than the duration of many 
speech sounds (Tourville et al., 2008). 
Recently, an alternative method to masking or external 
perturbations has been proposed to investigate the possible role 
of sensory feedback (Niziolek et al., 2013). Rather than 
imposing sensory perturbations, this method leverages the 
natural variability found in speech production to examine how 
speakers alter their productions online. These studies have 
shown that vowel productions which initially fall near the edge 
of the sound’s distribution in F1/F2 space (for a given talker) 
exhibit movement towards the middle of the distribution over 
time, a phenomenon known as centering. While the 
sensorimotor mechanisms underlying this behavior are not 
clear, it has been suggested that auditory feedback may play a 

role. First, masking noise has been shown to attenuate the 
magnitude of the centering behavior (Niziolek et al., 2015). 
Second, trials which fall near the edge of the acoustic vowel 
distribution generate neural signals that are similar to those 
generated when auditory feedback is externally perturbed, 
suggesting that the auditory system is able to distinguish these 
peripheral trials from more typical productions (Niziolek et al., 
2013). Moreover, the degree to which the peripheral trials differ 
from more central trials at a neural level is correlated with the 
magnitude of the centering behavior across participants. 

Here, we test whether centering can be observed at the level of 
speech kinematics in addition to speech acoustics. The 
examination of speech kinematics also allows us to test whether 
centering behavior occurs closer to vowel onset, before auditory 
feedback would be available to the nervous system. If such 
centering occurs, it would suggest that this behavior may rely at 
least partially on sources other than auditory feedback, such as 
internal predictions (Parrell et al., 2019), somatosensation, or 
increasing restrictions on permitted variability at the planning 
level (Keating, 1990). 

2. Methods 
This pilot study involved two adult native speakers of American 
English (one female [S1], one male [S2]), with no reported 
speech, language or hearing deficits. All procedures were 
approved by the Yale University IRB. 

2.1. Kinematic and Acoustic Recording 
Electromagnetic articulography (EMA; Wave, Northern Digital 
Inc.) was used to measure the 3D position of sensors attached 
to the tongue (midsagittal dorsum [TD], blade [TB] and tip 
[TT]), jaw (upper and lower incisors, left premolar), and lips 
(upper/lower) relative to the head, sampled at 100 Hz. Head-
correction was carried out on the basis of three reference 
sensors placed on the left and right mastoid and the nasion. 
Tongue, jaw and lip marker positions were aligned to each 
participant’s occlusal plane, identified using a bite-plate 
containing three EMA sensors. Synchronized audio was 
collected at 44.1 kHz. 

2.2. Procedure 
Participants were instructed to produce individual words 
(visually presented on a computer display) drawn from the set 
Ed, add, ebb, ab, shed. These words were chosen to test whether 
centering depended on coarticulatory constraints between the 
vowel and coda consonant, which are higher for lingual codas 
(Ed, add, shed) than for bilabial codas (ebb, ab). 60 repetitions 
of each word were produced in pseudo-randomized order under 
four production conditions: 1) Spoken - words produced aloud 
with normal auditory feedback; 2) Pantomimed - silent 
articulation of each word without any phonation or frication; 3) 
Whispered - words whispered with normal auditory feedback; 
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4) Whispered in masking noise - words whispered while pink 
masking noise was presented over insert headphones. 
 
Participants produced the target words in blocks of 150 
productions (30x each of the 5 words) under a given speaking 
condition. Two blocks were produced under each speaking 
condition (cycling through the four speaking conditions two 
times), for a total of 60 repetitions per word in each condition. 
Only the Spoken condition is analyzed in this paper. 

2.3. Acoustic data analysis 
For each token produced under the different speaking 
conditions (all except Pantomime), the vowel onset and offset 
was manually segmented in Matlab on the basis of the acoustic 
waveform and spectrogram. Following (Niziolek & Kiran, 
2018), F1/F2 traces spanning the vowel were estimated using 
LPC analysis in Praat (Boersma & Weenink, 2019), converted 
from Hz to mel units, and then averaged over a 50 ms window 
beginning at vowel onset (Window 1), as well as a 50 ms 
window centered in the middle of the vowel (Window 2). For 
each participant, using the F1/F2 values averaged over Window 
1 and Window 2 and grouping the data within each word and 
speaking condition, a measure of acoustic vowel centering was 
obtained for each utterance as follows: A measure of vowel 
distance was computed within each of the two time windows as 
the Euclidean distance between the trial’s F1/F2 values and the 
median F1/F2 values within that time window. Based on this 
distance metric, a set of peripheral trials was defined for further 
analysis as the 1/3 of trials furthest from the F1/F2 median in 
Window 1 (Niziolek et al., 2013). The measure of vowel 
centering for these peripheral trials was then computed as the 
signed difference in vowel distance between Window 1 and 
Window 2, such that positive values correspond to a reduction 
in variability for Window 2 associated with centering. 
 In order to ensure that the reduction in variability observed 
between time Window 1 and Window 2 was not due simply to 
regression to the mean over time, we additionally calculated the 
same centering metric but reversing the temporal order of the 
time windows in the analysis (i.e., treating the data from 
Window 2 as if it was the onset of the movement, and Window 
1 as if it were the vowel midpoint, see Fig. 1).  By examining 
whether the original centering measure exceeds this new 
measure of reverse centering (both of which include the same 
regression to the mean effects due to measurement noise or 
random physical variation), we can test the robustness of the 
centering effect as a phenomenon beyond simply a statistical 
artifact (Niziolek & Kiran, 2018).   

2.4. Kinematic data analysis 
Kinematic analysis was restricted to the tongue in the 
midsagittal plane (antero-posterior, x, and infero-superior, z). 
Using the same two time windows (Window 1 and Window 2) 
identified on the basis of the acoustic signal for each utterance, 
the mean x- and z-position was computed for each of the three 
tongue markers. A measure of kinematic vowel centering was 
computed using the same approach described above for 
acoustics, only in this case using the x and z positions of the 
EMA sensors in place of F1 and F2. The Euclidean distance 
relative to the median position was computed for each trial 
within each of the two time windows, and the difference in 
distance between Window 1 and Window 2 for the peripheral 
trials in Window 1 served as the measure of vowel centering 
(again, with positive values corresponding to a reduction in 
variability in Window 2 associated with centering).   
 A second variation of the centering analysis involved using 
a time Window 1 just prior to the vowel acoustic onset (-100 to 

-50 ms) and a time Window 2 soon after onset (+25 to +75 ms), 
in order to examine the possibility of centering effects at the 
earliest stages of movement (prior to the availability of auditory 
feedback).  
 

 
Figure 1: Calculating centering (blue, change from 

Window 1 to Window 2) and reverse centering 
(orange, change from Window 2 to Window 1).  

2.5. Statistical analysis 
Given the low number of participants, data from each 
participant was analyzed separately using ANOVAs. All 
models had word and centering (forward vs. reverse centering), 
as well as their interaction, as fixed factors.  

2.6. Acoustic centering after vowel onset 
The magnitude of centering was higher than reverse centering 
for both participants (Fig 2; S1: 8.0 vs 5.8 mels; S2: 17.2 vs 10.1 
mels), although the effect of centering was not significant for 
either participant (S1: F(1,140) = 2.34, p = 0.12; S2: F(1,140) = 
3.5, p = 0.06). The effect of word was also not significant for 
either participant (p > 0.09), However there was a significant 
interaction between centering and word for S2 (F(4,140 = 6.5, 
p < 0.0001) but not for S1 (F(4,140) = 2.2, p = 0.06).  

 
Figure 2: Acoustic centering in mels for S1 (top left, 

middle) and S2 (top right, bottom) overall and by 
word. Shaded circles indicate centering and open 

circles indicate reverse centering. 
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2.7. Kinematic centering after vowel onset 
The magnitude of centering was significantly higher than 
reverse centering for sensors on the tongue dorsum (Fig 3; S1: 
6.1 mm vs 1.6 mm; S2: 5.5 mm vs 1.2 mm) and jaw (Fig 4; S1: 
3.2 mm vs 0.4 mm; S2: 12.5 mm vs 2.4 mm). The magnitude of 
centering was also higher than reverse centering for the tongue 
tip (13.3 vs 1.9 mm) and tongue body (8.7 vs 3.5 mm) for S2, 
while the magnitude of reverse centering was higher than 
centering for the tongue body (2.2 vs 6.3 mm) for S1.  While 
there were a number of cases where the difference between 
forward and reverse centering varied across words (Figs 3,4; 
Table 1), there were no consistent patterns in this variation by 
coda place of articulation or the presence vs absence of an onset 
consonant.  

 
Figure 3: Kinematic centering (mm) for tongue 

dorsum sensor for S1 (top left, middle) and S2 (top 
right, bottom) overall and by word. Shaded circles 

show centering, open circles show reverse centering. 

 
Figure 4: Kinematic centering in mm in the jaw sensor 

for S1 (top left, middle) and S2 (top right, bottom) 
overall and by word. Shaded circles indicate centering 

and open circles indicate reverse centering. 

Table 1:  Participant-specific ANOVAs showing main 
effect of centering and centering*word interaction for 

tongue and jaw EMA sensors. Word was not 
significant for any comparison (all p >.0.08) 

  S1 S2 
TT centering F(1,140) = 2.5,  

p = 0.12 
F(1,140) = 22.8, 
p < 0.0001 

 centering * word F(4,140) = 2.0,  
p = 0.10 

F(4,140) = 6.8, 
p < 0.0001 

TB centering F(1,140) = 5.3,  
p = 0.02 

F(1,140) = 6.5, 
p = 0.01 

 centering * word F(4,140) = 1.8,  
p = 0.12 

F(4,140) = 3.5, 
p = 0.01 

TD centering F(1,140) = 4.6,  
p = 0.03 

F(1,140) = 4.5, 
p = 0.03 

 centering * word F(4,140) = 3.5,  
p = 0.01 

F(4,140) = 1.4, 
p = 0.24 

Jaw centering F(1,140) = 8.3,  
p = 0.005 

F(1,140) = 17.9, 
p < 0.0001 

 centering * word F(4,140) = 
11.1,  

p < 0.0001 

F(4,140) = 2.3, 
p = 0.06 

 

2.8. Kinematic centering prior to vowel onset 
We found that centering magnitude, measured as the reduction 
in distance to the median from before acoustic vowel onset to 
immediately following vowel onset, was significantly greater 
than reverse centering in the same time windows for both 
participants in the tongue dorsum sensor (Fig 5; S1: 4.5 vs 1.1 
mm ; S2: 6.1 vs 2.9 mm), in the tongue tip for S1 (2.6 vs 0.6 
mm), and in the tongue body for S2 (7.0 vs 3.9 mm). See Table 
2 for details. 

 
Figure 5: Kinematic centering in mm in the tongue 
dorsum sensor (TD) for S1 (top left, middle) and S2 

(top right, bottom) overall and by word. Shaded 
circles indicate centering and open circles indicate 

reverse centering. 
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Table 2:  Participant-specific ANOVAs showing main 
effect of centering and centering*word interaction for 

tongue and jaw EMA sensors. Word was not 
significant for any comparison (all p >.08) 

  S1 S2 
TT centering F(1,140) = 5.3,  

p = 0.03 
F(1,140) = 0.16, 

p = 0.69 
 centering* word F(4,140) = 5.9,  

p = 0.0003 
F(4,140) = 0.7, 
p = 0.61 

TB centering F(1,140) = 1.2,  
p = 0.28 

F(1,140) = 7.0, 
p = 0.01 

 centering* word F(4,140) = 7.3,  
p < 0.0001 

F(4,140) = 2.9, 
p = 0.03 

TD centering F(1,140) = 8.9,  
p = 0.003 

F(1,140) = 5.6, 
p = 0.02 

 centering* word F(4,140) = 6.0,  
p = 0.0002 

F(4,140) = 5.4, 
p = 0.0004 

Jaw centering F(1,140) = 1.8,  
p = 0.19 

F(1,140) = 2.4, 
p = 0.12 

 centering* word F(4,140) = 0.6,  
p = 0.69 

F(4,140) = 2.2, 
p = 0.07 

 

3. Discussion and conclusion 
Overall, the amount of acoustic centering observed in these data 
is smaller than that reported in previous studies and, indeed, the 
main effect of acoustic centering was not significant for either 
participant. This suggests that the two speakers in the current 
study may be on the lower range of centering behavior observed 
in the larger population. Whether this is due to individual 
variation or, potentially, to changes in speech caused by 
speaking with the EMA sensors is unknown at this point, but 
worth further investigation. The articulatory component also 
deserves further study, as the extent to which speakers control 
(unobserved) parasagittal tongue configuration to effect 
acoustic centralization is also unclear. 
 
Despite the low magnitude of acoustic centering in our data, we 
have shown that centering is indeed visible in speech 
kinematics. Centering is most consistently seen in the tongue 
dorsum, though it also variably seen in other articulators such 
as the tongue tip and jaw. There were no clear and consistent 
differences between the stimulus words in our data. Although 
significant interactions between word and centering direction 
were found in many analyses, it was not the case that words 
with bilabial codas patterned differently from words with 
coronal codas. This may suggest that centering is not driven 
purely by coarticulatory effects, as the coarticulatory 
constraints between the vowel and adjacent consonants for Ed, 
add, and shed are substantially higher than for ebb and ab.  
 
Importantly, centering is present not only after the acoustic 
onset of the vowel, but also from before to soon after vowel 
onset. This suggests that centering is driven, at least partly, by 
factors other than auditory feedback. These potential influences 
include somatosensory feedback, internal predictions (of 
auditory feedback, somatosensory feedback, and/or articulator 
positions), and increasing restrictions on the permitted 
variability at vowel midpoint compared to vowel onset, 
consistent with the window model of coarticulation (Keating, 
1990).  
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Abstract 
Resting tremor is a cardinal symptom of Parkinson’s disease 
(PD) which has been well described in the limbs. Tongue tremor 
is less well understood, but is of particular interest since it is 
well known that PD patients experience articulation and 
swallowing difficulties resulting from atypical lingual function. 
To learn more about the nature and prevalence of tongue 
tremor in PD, we conducted an EMA study of 24 patients. 
Activity in two lingual sensors was tracked while the tongue was 
at rest in pre-speech intervals, and an algorithm was developed 
to automatically detect tremor from periodic components in the 
vertical tongue sensor signals. Tongue tremor was found in 
17% of the speakers in our sample, indicating that it may be 
more prevalent than previously assumed. Results from this 
study have clinical relevance as tongue tremor may be one of 
the earlier symptoms of PD and may therefore be useful in the 
diagnosis of the disease. 
 
Keywords: Parkinson’s disease, tongue tremor, 
electromagnetic articulography, speech kinematics 

1. Introduction 
Tremor is a term that is used to describe the involuntary, 
periodic movement of a body part, and it is one of the three 
cardinal symptoms of Parkinson’s disease (PD) (Poewe et al., 
2017). It is estimated to occur in approximately 75% of all PD 
patients (Gironell et al., 2018). Although multiple forms of 
tremor have been identified in PD, a ‘resting tremor’ is the most 
common form. This tremor emerges when a body part is at rest 
and ceases as soon as the body part in question becomes actively 
used. Although resting tremor in PD is usually present in the 
upper and lower limbs, on the lips, on the jaw or in the larynx 
(e.g., Gironell et al., 2018; Perez et al., 1996), a small number 
of studies have also reported the presence of tremor in the 
tongue in PD (alternatively also referred to as ‘lingual tremor’). 
Besides being less reported, tongue tremor is also considered 
rarer than limb tremor in PD (Jaulent et al., 2015). One 
explanation for the lack of research on tongue tremor in PD may 
be the fact that patients are less concerned about tongue tremor 
and they may thus not report it as often as other symptoms 
(Fabri et al., 2017). Experimental research on the prevalence of 
tongue tremor in PD is limited and inconclusive. Estimates of 
its occurrence in PD vary from 1% of PD patients in a study by 
Leopold and Kagel (1996) to 50% of patients in a study by 
Robbins et al. (1986). This difference might reflect 
methodological differences between the two studies. Where 
Leopold and Kagel examined the presence of a tremor through 
visual oral examination, Robbins et al. used videofluoroscopy 
to do so. A key difference between these methods is that in the 
first, patients have to lower their jaw and tongue to make it 
possible to observe tongue movement, whereas in the second, 
the vocal tract can remain at rest during the observation of the 
tongue. Especially when it comes to inspecting the posterior 
part of the tongue, these different methodologies may lead to 
different results. It is not unlikely that some patients only show 

a resting tremor while the vocal tract is fully at rest. Although 
tongue tremor does have a high prevalence amongst patients 
with Essential Tremor, this condition is generally considered to 
have its own distinct etiology and is therefore not comparable 
to PD (Lou & Jankovic, 1991; Shahed & Jankovic, 2007).  

Past studies have shown that tongue tremor is often highly 
periodic, with frequencies ranging from 3 to 6 Hz (Hunker & 
Abbs, 1990; Toda et al., 2017). These observations are 
comparable to what has been found for tremor in the limbs (Lee 
et al., 2016). However, although tongue tremor can occur 
simultaneously with tremor in the limbs, it has also been 
observed on its own, suggesting that tongue and limb tremor 
may originate from different neural structures (Hunker & Abbs, 
1990; Robbins et al., 1986).  Interestingly, previous work has 
described subjects for whom a tongue tremor was the first 
(Jaulent et al., 2015) or among the first signs of PD (Delil et al., 
2015). This finding suggests that this symptom may be of 
interest with regard to the early diagnosis of the disease. 

The aim of the present study was twofold. First, the study 
demonstrates how electromagnetic articulography (EMA) can 
be used to study tongue tremor in PD in new detail and in ways 
not previously possible using existing methods. EMA provides 
data on the state of the vocal tract while all articulators are at 
rest: information which is not typically available when 
examining a patient’s body only from the outside. In addition, 
EMA provides detailed information about the frequency and the 
temporal characteristics of the tremor. Our study is the first to 
employ EMA to study tongue tremor. Second, our study 
proposes an automated method to detect tongue tremor from 
kinematic signals. Automated methods such as these might 
eventually help clinicians to diagnose tongue tremor on the 
basis of articulatory data. Our algorithm has been written on the 
basis of tongue tremor data that was observed in a large samples 
of PD patients. To demonstrate our approach, we describe two 
subjects with different pathologies for whom a tremor was 
detected.  

2. Method 
Twenty-four patients diagnosed with idiopathic Parkinson’s 
disease took part in this study. Speakers were not selected on 
the basis of their symptoms, but speakers with severe 
swallowing problems were excluded from taking part in the 
study to avoid any risk associated with the sensor adhesion 
procedure. All speakers were on dopaminergic (Levodopa) 
medication during the experimental procedure. Before taking 
part in the experiment, they completed Part II of the 
International Parkinson and Movement Disorder Society 
UPDRS (Goetz et al., 2008), including question 2.10 regarding 
tremor: “Over the past week, have you usually had shaking or 
tremor?” Subjects rated their tremor on a 5-point scale ranging 
from 0 (“Not at all. I have no shaking or tremor”) to 4 (“Shaking 
or tremor causes problems with most or all activities”). The 
study was approved by the Medical Ethics Review Board of the 
University Medical Center Groningen (UMCG) under number 
NL66063.042.18. 
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Subjects were asked to read aloud carrier phrases containing 
target words which were constructed for other purposes than the 
present study. EMA recordings were started two seconds prior 
to stimulus presentation and thus prior to the initiation of 
speech. Two sensors were placed on the dorsal midline of the 
tongue, one sensor was placed on each lip at the vermillion 
border, and to track JAW movement a sensor was placed either 
below the lower incisors (subject A) or on the chin (subject B). 
The posterior tongue sensor (TB) was located by using dental 
color transfer applicators to stain the palate and determining the 
mark left on the tongue dorsum after the participant produced 
[k]. The anterior tongue sensor (TT) was placed 1 cm posterior 
to the tongue’s apex (see Rebernik et al. (forthcoming, 2021), 
for a more detailed description of our procedure).  

Kinematic analysis was performed in MATLAB (R2017b). 
Sensor vertical movement trajectories were smoothed using a 
robust discretized smoothing spline (Garcia, 2010), followed by 
an 8th order high-pass IIR filter with a cutoff frequency of 1 Hz 
to remove the DC component. In order to identify tremor on the 
resting tongue, the first two seconds of every recording were 
analyzed, prior to speech activity. Because no methods have 
previously been described for automatic analysis of tongue 
tremor in PD, we explored different signal processing methods 
capable of capturing the tongue tremor observed in these data; 
the algorithm presented here represents an initial attempt at 
automatic detection of tongue tremor which will require further 
refinement. 

 Power spectra were generated for the sensor signals of 
interest, calculated using a 1024-pt Fast Fourier Transform over 
the entire two second pre-speech time interval. Periodic 
articulator movement was identified from peaks in each power 
density spectrum, and peaks exceeding 75% of the maximum 
intensity were flagged as potential tremor frequencies. 
Additionally, the RMS energy of the entire two second pre-
speech interval was computed. Signals characterized by a 
marked spectral peak between 3-6 Hz (see Figure 1) and for 
which the RMS amplitude of the original EMA trace was higher 
than 0.2 mm were classified as showing tremor. The 3-6 Hz 
range was chosen to conform with frequencies identified in 
previous studies of limb tremor (Hunker & Abbs, 1990; Toda et 
al., 2017), and the 0.2 mm threshold was determined to be the 
most effective level for robustly distinguishing between trials 
with and without tremor. Settings were refined through repeated 
visual inspections of the data, ensuring that visually observed 
tremor was detected by the algorithm in as many trials as 
possible, while random noise was not identified as tremor. This 
procedure was applied to the TT, TB and JAW signals. The 
script can be downloaded from here.   
 
 
 
 
 
 
 

 

 
 
 
 
 
 
 

3. Observations 
Our algorithm detected tremor in one or more trials for four of 
the twenty-four PD patients (16.7%) included in our study. The 
acoustic and articulatory activity in each trial that was 
automatically flagged using the algorithm, was examined 
closely by a trained phonetician in order to ensure that the 
repetitive activity was not associated with speech movements, 
noise, or other potentially confounding factors. Each of the 
automatically identified trials showed clear evidence of tongue 
tremor. We present data from two patients to illustrate the utility 
of this method: one showing both tongue as well as jaw tremor, 
and one who reported being unaware of any shaking or tremor.  

3.1. Subject A  
Subject A is a 73-year-old male, diagnosed with PD 12 years 
ago, who reported experiencing articulatory difficulties. For 
question 2.10 of the UPDRS he reported a 1, stating that shaking 
or tremor occurred, but did not lead to any problems. Tongue 
tremor was identified in the TB signal for 55 of 80 trials (69%) 
(mean tremor frequency = 3.7 Hz (SD = 0.3); RMS tremor 
amplitude = 1.7 mm (SD = 0.5)). Tremor was identified in the 
TT signal in 53 of 80 trials (66%) (mean tremor frequency = 3.7 
Hz (SD = 0.3); RMS tremor amplitude = 0.9 mm (SD = 0.3)). 
In 38 of 80 trials (48%) an additional jaw tremor was observed 
with a more variable frequency than the tongue tremor (mean 
tremor frequency = 4.7 Hz (SD = 1.8); RMS tremor amplitude 
= 0.9 mm (SD = 0.8)). Example tremors in two trials by Subject 
A are illustrated in Figure 2. 
 

 
 

 
 

 
 

 

 

 

 

 

 

 

 

 

 

 
 
 
 
 
 
 
 
 

 

Figure 1: Power Density Spectrum of the vertical component of the TB 

signal in a trial classified as showing tremor. The strong spectral peak 

at approximately 4 Hz is characteristic of tremor observed on speech 

articulators in the participants in this study. 

Figure 2: Tongue trajectories for Subject A during two trials. Vertical 

trajectories of TT (2
nd

 row), TB (3
rd

 row) and JAW (bottom row) are 

shown over time. The waveform is shown in the top row. Trajectories 

for which a tremor was detected are marked with a red bar at the 

bottom of the row. Trajectories for which no tremor was detected are 

marked with a green bar.  For the TT trajectories, the marked spectral 

peaks had frequencies between 2-3 Hz, which were just below the 3-

6 Hz range of the tremor detection algorithm. Note that in the bottom 

graph, an additional jaw tremor can be observed with higher 

frequency and amplitude than the tongue tremor. 
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3.2. Subject B  
Subject B is a 72-year-old male, diagnosed with PD 3 years 
before participating in the study, who also reported 
experiencing articulatory difficulties. For question 2.10 of the 
UPDRS he reported a 0, indicating that he experienced no 
shaking or tremor. Nevertheless, a tremor was observed in the 
TB signal for 27 of 81 trials (33%) (mean tremor frequency = 
3.7 Hz (SD = 0.3); RMS tremor amplitude = 1.5 mm (SD = 
0.5)), and in the TT signal for 16 of 81 trials (20%) (mean 
tremor frequency = 3.9 Hz (SD = 0.5); RMS tremor amplitude 
= 0.2 mm (SD = 0.1)). The tremor emerged when the tongue 
was raised and disappeared when it was lowered. In 16 trials, a 
relatively weak tremor was observed for the jaw as well (mean 
tremor frequency = 4.7 Hz (SD = 0.9); mean RMS amplitude = 
0.3 mm (SD = 0.03)). Characteristic tremors observed for 
Subject B are illustrated in two trials in Figure 3. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3: Tongue trajectories for Subject B during two trials. Vertical 

trajectories of TT (2
nd

 row), TB (3
rd

 row) and JAW (bottom row) are 

shown over time. The waveform is shown in the top row. Trajectories 

for which a tremor was detected are marked with a red bar at the bottom 

of the row. Trajectories for which no tremor was detected are marked 

with a green bar.  In the top graph, the tremor emerges with TB raising 

and dissolves as soon as it is lowered. In the bottom graph, TB is kept 

in a high position and therefore shows a continuous tremor.   

3.3. Tremor during speech 
Because the intrinsic frequencies of articulatory gestures during 
speech were close to those of the tremors observed in these data, 
our method was not able to disentangle tremor from speech 
articulation and robustly assess whether tremor also occurred 
during speech. More detailed analyses might be developed to 
automatically identify tremor during speech once more data are 
available to better characterize each signal component and 
facilitate signal separation.  
 

4. Discussion and conclusion 
The purpose of this study was to examine tongue tremor in PD 
using a modern articulatory method (i.e., EMA) and to propose 
an automated algorithm to detect tremor from (the first two 
seconds of) a kinematic signal. The algorithm that we 
developed successfully identified tremor in 16.7% of PD 
patients included in this study. These data suggest that tongue 
tremor in PD might not be as rare as has previously been 
claimed (Toda et al., 2017). Although we found several cases 
showing tongue tremor, its true prevalence is possibly even 
higher. First, our algorithm only identified evident cases of 
tongue tremor, which could also be visually observed. A more 
refined algorithm may detect an even higher number of cases, 
including more subtle manifestations of tremor. Second, the 
speakers in our study were all in the ON (Levodopa) state, 
meaning that a potential mediating effect of Levodopa may 
have influenced our results. Limb tremor often wears off after 
dopaminergic treatment (Fahn, 2006; Zach et al., 2017), and 
also tongue tremor has been found to respond well to 
dopaminergic treatment in a speaker with PD (Jaulent et al., 
2015). Thus, we cannot exclude the possibility that tongue 
tremor of some patients may have been attenuated, suppressed, 
or absent as a direct result of Levodopa intake. Finally, the fact 
that speakers with severe swallowing difficulties were excluded 
from our study may have biased our sample. The prevalence of 
tongue tremor may be even higher in this group of patients, and 
perhaps even related to control of their tongue during 
swallowing (Robbins et al., 1986).  

Interestingly, tongue tremor is often not experienced as a 
burden to patients, which may partly explain why some have 
designated tongue tremor as a “forgotten clinical sign of PD” 
(Fabbri et al., 2017, p. 274). In line with this, the patients in our 
study did not report to experience any (severe) tremor. Subject 
B even reported that he was not aware of any tremor at all, while 
his data was clearly showing the presence of it. The fact that 
patients do not experience the tremor as being problematic, does 
however not exclude the possibility that its presence may have 
serious consequences to actions that require tongue movement, 
such as swallowing or speaking. It is possible that the tremor 
may lead to muscle weakness, a process which has been 
suggested to occur in the upper limbs (Brown et al., 1997). 
There is indeed some evidence that suggests diminished tongue 
strength in PD patients (Pitts et al., 2018; Solomon et al., 2000), 
which may in turn lead to speech and swallowing difficulties.  

The frequencies of the tremors found in our study align 
closely with those previously reported for both limb as well as 
tongue tremor. However, it should be noted that the working of 
our algorithm was only evaluated by visual inspection of the 
data. A more systematic approach, in particular one in which 
the algorithm is tested on novel data, is required to both verify 
and replicate our results.  

In the present study we have shown that EMA is an 
excellent tool to examine tongue tremor. The use of EMA 
allowed us to examine different articulators at the same time 
while the vocal tract was at rest. It also provided us with a 
detailed time course of the development of the tremor. To our 
surprise, Subject B seemed to suppress his tremor by actively 
pushing the tongue down. This is a coping strategy that has not 
been reported in previous reports. On the other hand, Subject A 
did not actively suppress the tremor, which is why it was present 
during the entire two-second interval. This may suggest that the 
lingual system is balancing the presence of tremor with active 
suppression. The fact that the tremor was not present in all trials 
for any of our speakers also points in this direction. Note that 
this balancing act must be an unconscious process, as our 
patients were not aware of the tremor.  

Another benefit of using EMA in our study was that we 
were able to demonstrate, for the first time, a difference 
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between the front and posterior part of the tongue. For both 
Patient A and Patient B, the tremor was most often detected on 
the posterior tongue sensor. Since the posterior part of the 
tongue may be hard to observe externally, the presence of 
tongue tremor may well be missed during a physical 
examination of the patient in the clinic. Especially since we 
have shown that patients do not always seem to be aware of its 
existence. We therefore suggest that EMA is a suitable 
technique to identify this type of tremor. In addition, EMA does 
not put any strain on the muscles once the participant has 
adjusted to sensor placement, in contrast to the general physical 
examination where a patient would at least have to actively 
lower the jaw for the tongue to be examined. Thus, it reduces 
the occurrence of false negative errors. Other than EMA, 
ultrasound tongue imaging (UTI) may also be a useful tool to 
quickly observe the presence or absence of tongue tremor in the 
clinic, as it is relatively inexpensive, less invasive, and easy to 
deploy. Since previous studies have found tongue tremor to be 
amongst the first signs of PD, an examination of the tongue in 
an early stage may be valuable in the diagnostic process of the 
disease. 

To conclude, our study highlights the need for more 
articulatory research on tongue tremor in PD. We have shown 
that the occurrence of tongue tremor may be higher than is often 
assumed. Future studies may investigate this further by 
including patients in the OFF instead of in the ON state, and by 
also including patients who experience swallowing difficulties. 
In addition, we believe that the development of a more 
sophisticated algorithm than the one used in the present study 
may also be able to detect tremor when it is less pronounced in 
the data. Such an algorithm should be applied to a novel data 
set, especially one in which the researchers do not have any 
prior knowledge of the data. More knowledge on this topic is 
warranted, as it may be important for our understanding of 
tremor in general and may be valuable when it comes to an early 
and accurate diagnosis of the disease itself. Another open 
question is how tongue tremor relates to swallowing and speech 
difficulties. The data from the present study were not sufficient 
to answer this question, but this is likely of interest to anyone 
who works on speech and swallowing in PD. We therefore 
encourage future studies to pursue this matter further.  
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Abstract 
In the present study we searched for an answer to the question 
if in Hungarian, similarly to the so far investigated Germanic 
languages, accent results in sonority expansion and/or 
localized hyperarticulation. The analysis was performed by 
EMA, with the participation of 9 speakers. Four vowels /i, u, ɒ, 
aː/ were tested in nonsense pV1pV1pV1pV1 sequences uttered as 
sentences. Accented (first) and unaccented (second) syllables 
were compared. In terms of lip aperture index and duration, 
sonority expansion was detected in general, but post hoc tests 
did not show the same effect for each vowel as a function of 
accent. Tongue positions did not show differences, however the 
Euclidean distance from the acoustic vowel space centroid 
differed in accented and unaccented vowels, which might be 
traced back to the F1 differences, probably due to the lip 
aperture enhancement in /aː/. All considered, effects of sonority 
expansion were observed, however, data did not show localized 
hyperarticulation patterns. 

Keywords: accent, sonority expansion, localized hyper-
articulation, EMA, Hungarian 

1. Introduction 
A tendency can be observed for making accented segments 
more salient at various levels of human communication, not 
only in a prosodic way. In prominent positions, articulation is 
strengthened, i.e., articulatory gestures in these segments tend 
to be realized with increased spatio-temporal magnitude. 
Expression of contrast between prominent and non-prominent 
segments might be reached by sonority expansion and/or local 
hyperarticulation (see an overview in Mücke & Grice 2014).  

Beckman et al. (1992) defined ‘sonority expansion strategy’ as 
an intention of the speaker to produce a louder vowel in the 
accented syllable. In articulation, this intention leads to a more 
open oral passage over a longer period. Based on Lindblom’s 
(1990) H&H model, de Jong (1995) proposed the strategy 
of ’localized hyperarticulation’ which suggests that in the 
accented syllables speakers are prone to utter more peripheric 
vowels (in terms of tongue position) in order to differentiate 
vowel qualities to a larger extent. Interpretation of 
hyperarticulation in the case of vowels obviously depends on 
the place of the target within the vowel space. Accordingly, if 
hyperarticulated, low vowels are produced with a lower tongue 
position, front vowels in general show a more fronted tongue 
position, while non-low front vowels exhibit a higher tongue 
body posture, and back vowels are pronounced with a more 
retracted tongue position (de Jong 1995; Harrington et al. 2000; 

Cho 2005). All considered, in the case of low vowels, both 
sonority expansion and localized hyperarticulation elicit lower 
tongue position and more open oral cavity, therefore the two 
strategies strengthen each other. However, in non-low vowels, 
the two goals are in conflict, as e.g. in the case of /i/ sonority 
expansion (mouth opening) contradicts with the reaching of the 
target more precisely (localized hyperarticulation). In this case, 
two contradictory effects may operate: either opening of the 
lips/mandible or tongue raise and fronting (Harrington et al. 
2000). 

In the prosodic focus marking languages (like German, English 
or French) evidence was found both for localized 
hyperarticulation and sonority expansion as well as segmental 
lengthening in the case of prominence (e.g., Cho 2005; 
Baumann et al. 2007). Harrington et al. (2000) analyzed 
Australian English /i æ a/ in two speakers. The authors observed 
large individual differences in the ratio of hyperarticulation and 
sonority expansion. For accented /i/ they found higher tongue 
position in one of the speakers, while more fronted tongue in 
the other one.  

In Hungarian, these tendencies have not been analyzed so far. 
Since Hungarian is an obligatory syntactic focus marking 
language (Genzel et al. 2015), accentuation plays a limited role 
in expressing focus (Mády & Kleber 2010) compared to the 
widely studied (mostly Germanic and Romance) prosodic focus 
marking languages. In prosody, Hungarian (sentence) accent is 
mainly indicated by f0 (e.g., Szalontai et al. 2016). 
Additionally, due to the fixed first syllable word stress, the 
position of word level prominence is also constrained and 
predictable. 

As vowel quantity is distinctive in Hungarian, it was argued that 
lengthening cannot extensively be used for accentuation (see 
e.g., Mády & Kleber 2010). Recent studies, however, have 
found that longer vowel duration plays a role in the expression 
of prominence (e.g., Szalontai et al. 2016; Markó et al. 2018; 
2019). 

With respect to vowel quality in terms of prominence, 
Hungarian does not exhibit phonological vowel reduction (Gósy 
1997), therefore segmental features of prominent vs. non-
prominent vowels have hardly been analyzed systematically in 
Hungarian. Non phonological nature vowel centralization has 
been documented in spontaneous speech (e.g., Gósy 1997) but 
in these studies, prominence effect was not controlled. In a 
preliminary study (on a material which was recorded with 
another purpose and therefore was not perfectly controlled in 
terms of prominence and vowel quality) we performed a 
formant analysis of /u/, /i/, /ɒ/ vowels uttered in accented + 
stressed vs. unaccented + unstressed syllables (Markó et al. 
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2018). F2 was lower in vowels bearing prominence than in 
vowels realized without prominence, although Euclidean 
distance from the vowel space centroid was not influenced by 
prominence. Variability of both formants was considerably 
smaller in /u/ and /ɒ/ if the vowel bore prominence, while /i/ did 
not show the same pattern. In another study (Markó et al. 2019), 
acoustic comparison of /u/, /i/, /ɒ/ and /ɛ/ was carried out 
between sentence-initial focus (higher prominence) and 
sentence-initial topic (lower prominence) positions, where the 
target vowels appeared in the first syllable (bearing word stress). 
In this case, variance of F2 was also found to be smaller in focus 
position compared to that of topic position. In sum, in the 
previous studies on Hungarian vowels in accented and non-
accented syllables, second formant values appeared to tend to 
be less variable in more prominent positions, which might be 
the result of localized hyperarticulation. 

As we have seen, only a few acoustic data are available on 
Hungarian vowel realization differences as a function of 
prominence. With respect to the articulatory domain, 
nevertheless, there is no data on supraglottal articulatory 
characteristics of prominent and non-prominent vowels in 
Hungarian at all. The aim of the present study, therefore, was to 
compare segmentally identical and consecutively produced 
accented + stressed (first) vs. unaccented + unstressed (second) 
syllables, where the difference between these syllables is 
supposed to be maximal, both in the acoustic and the 
articulatory domains. 

Our research question is twofold: whether any acoustic and/or 
articulatory evidence of either localized hyperarticulation or 
sonority expansion as well as segmental lengthening can be 
observed in Hungarian, as a function of prominence. Based on 
the above-mentioned previous results, we expected differences 
between the vowels appearing in accented and in unaccented 
syllables in both localized hyperarticulation (in terms of tongue 
position and acoustic vowel space) and sonority expansion (in 
terms of lip aperture and vowel duration).  

2. Method 

2.1. Participants, material, and data recording 

Nine healthy native speakers of Hungarian participated in the 
study (all females, aged 25.2±5.9 years). They produced four-
syllable nonsense words as single utterances with the structure 
of pV1pV1pV1pV1, where the V-to-V coarticulation effect was 
eliminated using the same vowel qualities over the syllables. 
Minimum 6 occurrences of each target word were recorded, in 
a random order, among fillers. The words were displayed on a 
computer screen. 

Four edge vowels of the Hungarian vowel space were selected 
for the experiment: back and high /u/, front and high /i/, back 
and low /ɒ/ and medial and low /aː/. (NB: /aː/ phonologically 
behaves as a back vowel, and its quantity is always long, as it 
functions as the long phonological counterpart of /ɒ/. /i/ and /u/ 
have long phonological pairs with the same vowel qualities: /iː/ 
and /uː/, but these latter occurrences were not tested here.) 

Data recordings were carried out in a sound treated room using 
a Carstens EMA AG501 system. We recorded the upper and 
lower lip movements, and the tongue movements at tongue tip 
(TT), tongue blade (TBL), and two points on the tongue dorsum 
(TBO1, TBO2). Synchronously, we recorded the acoustic signal 
with head-mounted omnidirectional condenser microphone, at 
44.1 kHz.  

2.2. Data processing and analysis 

Head movement and bite plane corrections were done by the 
Carstens software, while further post-processing (3D-2D 

conversion, and production of Emu-compatible ssff tracks) was 
carried out by the custom-made converter of the IfL Phonetik, 
University of Cologne. Segmental labelling of the audio signal 
was carried out semi-automatically using the BAS web services 
G2P (Reichel 2012) and MAUS (Schiel 1999). For gestural 
labelling we used Emu (Winkelmann et al. 2018). 

The following acoustic data were obtained from the audio signal 
in the case of the first and second syllables’ vowel: duration, as 
well as f0, F1 and F2 at the temporal midpoint of the target 
vowels. On the basis of F1 and F2 data, the Euclidean distance 
of the acoustic vowel space centroid and each token was 
calculated. 

The difference in prominence between the first and second 
syllable vowel was controlled by the difference of the f0 values 
(Figure 1). The values showed significant difference (F(1, 
418.03) = 180.32, p < 0.001), and the post hoc tests showed p < 
0.001 significance in all vowel qualities. Thus, the first syllable 
was considered as accented, while the second one as unaccented 
syllable.   

 
Figure 1: F0 (mean and SD) as a function of prominence. 

From the articulatory data, the horizontal and vertical 
displacement of the lip sensors and the first tongue dorsum 
(TBO1) sensor (obtained also at the temporal midpoint) were 
used in the present analysis. The horizontal (x) and the vertical 
(y) positions of the TBO1 (3 cm from the tongue tip) receiver 
coil were measured and normalized based on Cho (2004). In 
order to get compatible data across speakers, the minimum and 
maximum of x and y values were obtained for each speaker. In 
terms of horizontal axis, the minimum x value was the extreme 
case of /u/, i.e. the backmost tongue position for /u/ (0%), and 
the maximum x value was the extreme case of /i/, i.e. the most 
fronted tongue position for /i/ (100%) (Figure 2).  

 

 
Figure 2: Reference points used for the normalization of 

sensor positions: /u/ = 0%), /i/ = 100%), and the scale defined 
by these extremes on the x axis (based on Cho 2004). 
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Likewise, the minimum y value was the extreme case of /aː/ (the 
lowest tongue position for /a/, 0%) and the maximum y value 
was the extreme case of /i/ (the highest position of it, 100%). 
Based on the horizontal (x) and the vertical (y) positions of the 
TBO1 sensor, the Euclidean distance of the articulatory vowel 
space centroid and each token was calculated. 

Vertical (y) positions for the upper lip and the lower lip 
transducers were examined. These positions were used to 
calculate the distance between these receivers, called lip 
aperture y (lip aperture y = upper lip y – lower lip y; Byrd 2000), 
then normalized for each speaker. Lip aperture y maximum per 
participant provided 100%. 

GLMMs were run on the data in R (R Core Team 2018), using 
the lme4 package (Bates et al. 2015). p-values were obtained 
via the Satterthwaite approximation available in lmerTest 
package (Kuznetsova et al. 2017). We included random 
intercepts for speakers. Post hoc analysis (Tukey test) was 
carried out by lsmeans package.(Lenth 2016). 

3. Results 
Localized hyperarticulation was operationalized by the 
differences of tongue position and acoustic vowel space, while 
sonority expansion was measured by lip aperture and duration 
differences between accented (first) and unaccented (second) 
syllable vowels. 

Tongue positions did not show differences (Figure 3), neither 
in horizontal nor in vertical dimension. However, Euclidean 
distance from the acoustic vowel space centroid differed 
between accented and unaccented vowels (F(1, 445.92) = 8.92, 
p < 0.01) (Figure 4).  
 

 
Figure 3: Tongue position (%, mean and SD) of the analyzed 

vowels as a function of prominence. 
 

This is probably due to the difference detected in F1 (F(1, 
411.14) = 4.69, p < 0.05). Although, post hoc test was not 
significant in any of the vowels, a vowel-dependent tendency 
can be observed in F1 (Table 1). In all vowel qualities, accented 
realizations appear to be ‘lower’, however vertical tongue 
position did not vary as we have seen above. F2 did not differ 
between the target vowels as a function of accent. 

Lip aperture y (Figure 5) showed significant differences 
between accented and unaccented vowels (F(1, 445.96) = 3.87, 
p < 0.05), however, post hoc test was significant only in the case 
of /aː/ (p < 0.001). Duration (Figure 6), in general, differed 
between the conditions (F(1, 411.02) = 4.40, p < 0.05) but post 
hoc tests did not replicate this effect within any of the vowel 
qualities. 

 
Figure 4: F1 × F2 space of the analyzed vowels as a 

function of prominence. 

Table 1:  F1 values as a function of the prominence 
(mean and SD). 

 accented unaccented 
/i/ 334±49 Hz 324±40 Hz 
/u/ 338±45 Hz 326±57 Hz 
/ɒ/ 661±112 Hz 654±97 Hz 
/aː/ 939±112 Hz 906±106 Hz 

 

 

Figure 5: Lip aperture y values (mean and SD) as a 
function of prominence. 

 
Figure 6: Tongue position of the analyzed vowels as a 

function of prominence. 
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4. Discussion and conclusion 
The present study searched for an answer to the question if in 
Hungarian, similarly to the so far investigated Germanic 
languages, accent results in sonority expansion and/or localized 
hyperarticulation. Tongue position data suggest that in accented 
syllables localized hyperarticulation did not occur in the 
analyzed vowels. On the basis of lip aperture measurement, 
sonority expansion appears to be an existing strategy in 
expressing accent, especially in the case of the phonologically 
long /aː/. The acoustic data showed differences in F1, which 
might be traced back to the differences of lip aperture, since 
tongue positions did not vary as a function of accent. 
Differences of F1 might influence the Euclidean distance from 
the acoustic vowel space centroid leading to differences 
between accented and unaccented syllables. Vowel duration 
data also correspond to the sonority expansion strategy.  

As for our presupposition, with respect to prominence these data 
confirm sonority expansion strategy in the case of the analyzed 
Hungarian vowels, but we did not find evidence of localized 
hyperarticulation. 

Tendencies of prosodic strengthening, as in English, showed 
variable patterns, thus individual differences might have led to 
non-significant results. In the present experiment we used 
nonsense speech material, which made it possible to control 
various effects to a large extent, however, it might have resulted 
in a rather artificial output. Finally, the present analysis was 
carried out on static data (basically obtained from the temporal 
midpoint of the vowels), but kinematic characteristics have not 
been analyzed yet. Further studies are necessary to analyze for 
example kinematic data, real words, and individual differences. 
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Abstract 
Photoglottogram is a trace of glottal area changes via 
transillumination across the glottis. A recent non-invasive 
photoglottograph with external light source (ePGG) applies 
near infrared (NIR) light and was reported to observe traces of 
sinusoidal glottal variations during voicing. This paper 
attempts to characterize the waveforms from the ePGG in 
comparisons with electroglottograhic (EGG) waveforms. The 
results show that the external photoglottogram detects glottal 
aperture variations lacking higher harmonics, and presented 
individual differences. 
 
Keywords: speech production, vocal fold vibration, 
photoglottography, electroglottography, non-invasive devices 

1. Introduction 
There are two well-known recording methods for real-time 
tracing of vocal fold vibrations, the electroglottography (EGG) 
and photoglottography (PGG). For EGG, a pair of electrodes are 
placed on both sides of the neck near the glottis, and the 
variation of electric conductance is recorded to represent 
changes in the contact area of the vocal folds (Fant et al. 1966; 
Rothenberg 1992). As for PGG, a light emitter and photoelectric 
sensor are placed above and below the glottis, and the variation 
of transglottal light intensity is recorded to monitor glottal 
aperture changes (Lisker et al. 1966; Ohala 1966; Sawashima & 
Hirose 1968; Habermann et al. 2000). A combination of EGG 
and PGG has been suggested to report the cycles of vocal-fold 
vibration in detail by Gerratt et al. (1988) and Hanson et al. 
(1983). 

      The conventional PGG uses visible light to illuminate the 
supraglottic cavity via a fiberoptic light guide. Its use is limited 
in speech research because of the mildly invasive nature of the 
technique. To deal with the issue, the external PGG (ePGG) was 
developed first at LPP, Univ. Paris III (Honda & Maeda 2010; 
Vaissiere et al. 2010), and then refined by us at Tianjin 
University (Chi et al. 2019). In this noninvasive technique, the 
supraglottic cavity is illuminated by scattering light from a light 
emitter placed outside of the larynx. To gain sufficient 
transillumination, an infrared LED light source of 850 nm (1 W) 
is chosen to utilize the near-infrared (NIR) window of biological 
tissues. Previous studies reported successful data to describe 
laryngeal articulation during speech in varied vowel 
environments (Chi et al. 2019; Suthau et al. 2016). In our earlier 
experience, ePGG signals in voiced segments demonstrate more 
like sinusoidal waveforms, lacking a clear closed phase during 
glottal cycles. This gives us a question as to whether ePGG 
traces real glottal aperture or not, either due to the use of NIR 
light or poor signal detectability. 

    The ePGG is a new technique to monitor laryngeal 
articulation, and its applicability for recording vocal-fold 
vibration is still unclear. Therefore, this study aims at 

characterizing ePGG waveforms in comparison to EGG 
waveforms. What follows show the comparisons for typical 
signals for glottal cycles and vowel onset signal patterns. 

2. Methods 
Three speakers participated in this preliminary experiment (ZZ, 
male, 25, Chinese; HK, male, 69, Japanese; CY, female, 28, 
Chinese). In a soundproof room, the speakers wore ePGG and 
EGG (EG2-PCX2) apparatus at their proper positions with the 
help of an operator as shown in Figure 1. Audio signals were 
recorded simultaneously with an electret condenser 
microphone. Three channels of signals were sampled at 50kHz 
into a 4-channel data recorder (DAS 40). 
      The utterances tested were /isasa/ and /isisi/ in Chinese or 
/isese/ and /isoso/ in Japanese. Each utterance was repeated ten 
times. All the data were processed by Python scripts and 
transformed into wave files finally. EGG waveforms were low-
pass filtered at 3 kHz, and ePGG waveforms were band-pass 
filtered for 20 ~ 1500 Hz. Audio waveforms were delayed 
according to the distance between the glottis and microphone 
(0.5 ms).  
 

 
Figure 1: Principles of ePGG and EGG. 

3. Results 

3.1. ePGG waveforms differ from glottal area 
changes. 

Figure 2 shows an example of EGG and ePGG waveforms for 
vowel /a/ obtained from subject ZZ, where cyclic changes of the 
glottis were marked according to EGG signals as three phases 
of a glottal cycle. During the closed phase, the glottal area 
should be zero, while the ePGG waveform shows a brief dip 
followed by a gradual rise in synchrony with the inverted EGG 
waveform. During the opening and closing phases, the ePGG 
waveform is significantly asymmetric. The maximum point of 
the ePGG waveform is close to the expected peak of the glottal 
area.  
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      The ePGG signals from our ePGG system are still weak and 
noisy even with extremely high-gain and low-noise circuits. 
Figure 3 shows the amplitude spectrum of the ePGG segments 
shown in Figure 2. The amplitude at F0 is below 20dB and the 
6th harmonic is near -20dB. The slope is about 8~10 dB per 
octave. The lack of high-order harmonics in ePGG signals 
results in inadequate accuracy for tracing the rapid glottal 
activities. 
 

 
Figure 2: Glottal cycles in EGG, ePGG and audio 

waveforms (vowel /a/, speaker ZZ). 

 

Figure 3: Amplitude spectrum of the ePGG signal in 
Figure 2 (with Praat default FFT settings) 

3.2. ePGG waveforms demonstrate certain 
individual differences. 

Records at vowel onset from the tested word utterances were 
compared across speakers. Six panels of EGG, ePGG and audio 
waveforms for three speakers are shown in Figure 4. Eight 
glottal cycles from the breathy onset atter a voiceless fricative 
is drawn for each utterance. The first row in each panel presents 
EGG signals. According to the EGG waveforms, it may be 
quickly discerned that male speaker ZZ shows a short open 
period with rapid glottal closure; male speaker KH exhibits a 
comparatively long open period with hard glottal closure; and 
female speaker CY demonstrates a gentle glottal closure 
possibly with a glottal chink during a closed phase. 
       In the ePGG signals, the notches in the waveforms 
(downshoot) correspond well with those of the EGG signals. 
But the signal details differ across speakers, which may be 
accounted for in part by the nature of NIR tissue transmittance. 
Thus, it is conceivable that the larger vocal-fold contact area, 
the weaker the light transmittance through the vocal fold tissue. 

Then, let us move our attention to the shape of ePGG cycles. 
For the first speaker ZZ, the shape during the closed phase 
resembles that of EGG. In contrast, the shape looks like a 
symmetric triangular wave for speaker KH, and a sinusoidal 
wave for speaker CY. 
      Even though ePGG signals are not noise-free, it is possible 
to locate the voice onset compared with the EGG and Audio 
signals. The first notch in each EGG panel in Figure 4 indicates 
the first glottal closure after the voiceless segment. For speaker 
ZZ, the glottal cycles start from the glottal closure as shown in 
the first two panels. For speaker KH and CY, there are one or 
two more cycles before the full glottal closure, which is 
common in breathy voices. In comparison to the EGG panels, it 
may be summarized that ePGG signals excel at describing voice 
onset patterns in detail. 
 
 

 

 
 

 

 
 

 

 
 

Figure 4: Glottal onset patterns in EGG, ePGG and audio 
signals (From the top, two male speakers ZZ and KH; and a 

female speaker CY) 

/sa/ by ZZ 

/si/ by CY 

/sa/ by CY 

/so/ by KH 

/se/ by KH 

/si/ by ZZ 
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4. Discussions and conclusion 
Both EGG and ePGG are non-invasive techniques to monitor 
glottal states during phonation. Earlier versions of the ePGG 
systems suffered from high-amplitude noise covering true 
ePGG signals, resulting in vague sinusoidal waveforms after 
heavy low-pass filtering. Our current ePGG system was 
improved for the signal-to-noise ratio employing high-
performance electronics (Chi et al. 2019). In this paper, signal 
comparisons were made between our ePGG and two channel 
EGG (Glottal Enterprises).  In the results, ePGG signals in male 
resemble the inverted EGG signals, showing a downshoot at 
closure followed by a gradual rise to peak opening. At a vowel 
onset after a voiceless segment, ePGG signals detect the first 
glottal cycle, while EGG signals often fail particularly in 
female.  In practice, the setting for recording ePGG signals 
require a careful adjustment of the device. Despite this 
preparation problem in comparison to easy settings for EGG 
recording, the ePGG system is useful to describe glottal 
aperture waveform and its voice onset pattern.  

We have observed many instances of ePGG signals that 
suggest a unique nature of ePGG signals. As seen in the ePGG 
downshoot at vocal fold collisions for example, it was inferred 
that ePGG signals represent both glottal and tissue 
transillumination. ePGG signals appear to be attenuated slightly 
by vocal fold tissue thickening at collisions. Considering the 
NIR transparent nature of mucosal layers of the vocal folds, it 
is also possible to conjecture that ePGG waveforms reflect 
transverse displacements of the internal muscular layers of the 
vocal folds. Further examinations with ePGG are expected to 
answer the questions. 
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Abstract 
The influence of visual deprivation on speech production has 
not been studied extensively. Previous research, which focused 
on French, found that sighted speakers produce vowels that are 
more acoustically dispersed than blind speakers. However, 
these results have not yet been replicated in another language. 
The goal of our study was to investigate how the absence of 
visual feedback impacts vowel production in 10 congenitally 
blind and 10 sighted Australian English speakers. The blind 
speakers in this study produced vowels that are clustered closer 
together than those produced by sighted speakers when 
measured as a vowel space area; however, other acoustic 
measures showed varying results. We additionally compared 
manual and automatic formant extraction methods and found 
that automatic methods showed similar patterns to those 
obtained by manually extracting formants.  
 
Keywords: vowel production, vowel acoustics, blind speech, 
Australian English, formant estimation 

1. Introduction 
Visual cues provided by articulators such as the lips, face and 
jaw can play an important role in speech perception (McGurk 
& MacDonald, 1976; Massaro et al., 1998). In infants, 
perception of visual cues has been shown to affect production, 
with expressive language scores at 24 months being correlated 
with how much the infants look at their mothers’ mouths at 6 
months (Young et al., 2009). Venezia and colleagues (2016) 
argue that exposure to visual cues during speech acquisition 
establishes neural circuitry linking visual gestures to the speech 
motor system. This implies that the ability to perceive visual 
information in infanthood may affect speech production in 
adulthood. Acoustic perceptual ability has already been linked 
to speech production. Adult cochlear implant recipients who 
have diminished auditory perception produce less acoustically 
dispersed vowels than hearing speakers (e.g., Lane et al., 2001). 
Deprivation of visual input in infants and children has also been 
shown to be linked to phonological disorders and 
developmental delays (Elstner, 1983), demonstrating the 
multimodal nature of links between perception and production 
in typical phonological development. 

It is unclear how congenital visual deprivation affects adult 
speech production. Congenitally blind speakers have never had 
access to visual information, so it is expected that their speech 
would differ from that of sighted speakers in some ways if 
visual cues play a role in speech production and phonological 
development. However, studies on blind speech have found 
varying results.  

A series of studies done on speakers of Canadian French 
(Ménard et al., 2009; Ménard et al., 2013; Ménard et al., 2014; 

Ménard et al., 2016; Ménard et al., 2017) have all found that 
congenitally blind speakers produce vowels that are distributed 
closer together in the vowel space than sighted speakers, 
reflected in smaller Euclidean distances (EDs) between vowel 
pairs and smaller average vowel spacing (AVS). Some studies 
(e.g., Ménard et al., 2013; Ménard et al., 2016) also examined 
within-category dispersion and found higher dispersion values 
for blind speakers, indicating less accuracy in producing a given 
vowel category. These studies also found articulatory 
differences between the two groups, with blind speakers having 
smaller lip protrusion and compensating (sub-optimally) for 
this through larger tongue movements.  

A study of blind and sighted speakers of Dutch (Veenstra et 
al., 2018) found the opposite pattern of results. EDs were 
calculated between vowel pairs differing in key phonological 
features. Blind speakers were found to produce greater acoustic 
differentiation of each vowel contrast feature compared to 
sighted speakers, unlike previous findings for French. Veenstra 
and colleagues also concluded that blind speakers were able to 
produce vowels using the same articulatory strategies as sighted 
speakers. One possible explanation for this difference is that 
effects may be language-specific, depending on the 
phonological organization of vowel spaces and their patterns of 
phonetic implementation. Consequently, the differences found 
for French speakers have yet to be replicated in another 
language.  

Complicating the issue, another study of French also found 
results that differ to those found by Ménard and colleagues. 
Turgeon et al. (2020) found no significant acoustic differences 
between blind and sighted speakers of Canadian French in 
speech production. However, the blind speech was 
characterized by less lip protrusion. These findings suggest that 
blind speakers in this study were able to compensate for the 
effects of visual deprivation and produce vowels that 
acoustically were not significantly different from those of 
sighted speakers.  

Differences in findings between these studies might also 
arise from methodological differences. Studies differ in vowel 
contexts, formant frequency value scales, the number of 
formants extracted for analysis, vowel contrasts compared, and 
the methods used for calculating vowel spacing and contrast 
distances.  Another possible issue concerns the small number of 
subjects in each study (between 9 and 14 for blind speakers). 
According to Elstner (1983), it is difficult to study 
homogeneous populations of blind speakers because 
uncontrolled variables, such as additional motor control or 
language disorders, might be responsible for the difference 
between sighted and blind speakers.  

For all these reasons, it is difficult to determine the effect of 
visual deprivation on speech production in adults. The aim of 
our study was to investigate this question in a language not 
previously studied in congenitally blind speech – Australian 
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English – and to compare several acoustic measures to ensure 
maximum comparability with previous studies. We expected to 
find a difference between blind and sighted speakers; 
specifically: blind speakers were predicted to produce vowels 
spaced closer together in the acoustic vowel space, consistent 
with previous studies of French (e.g., Ménard et al., 2009). 

Because manual estimation of vowel formants is very 
time-consuming, we additionally aimed to compare the 
effectiveness of manual and automatic formant extraction in 
detecting any differences between blind and sighted speakers. 
The small sample size usually found in studies of blind speakers  
means that it is important to ensure the data analysis is as 
accurate as possible. All of the reviewed studies on blind speech 
used some variation of automatic tracking to extract formant 
values, yet especially in cases when F0 is high or F1 is low, 
vowels may be incorrectly tracked using fully automatic 
methods (Vallabha & Tuller, 2002).. We expected to find that 
the difference between blind and sighted speakers would be 
more pronounced in manually extracted data compared to 
automatic, since automatic extraction is less precise and more 
error-prone, and thus may obscure smaller differences between 
the groups. 

2. Methods 

2.1. Participants 

Participants included 10 congenitally blind (4 male, 6 female) 
and 10 sighted (4 male, 6 female) native speakers of Australian 
English born in Australia. All blind speakers were legally blind 
at the time of testing and had never been able to see more than 
shapes or light. Some were blind from birth while others 
became blind in their first year. All sighted speakers had normal 
or corrected-to-normal vision. Sighted and blind participants 
were roughly age matched. Blind speakers’ ages ranged from 
30 to 65 years (M = 47.3) while sighted participants were 
between 27 and 65 years old (M = 41.5). No speech disorders 
were reported by any of the participants. Slight hearing 
problems in one ear were reported by one sighted participant.  

2.2. Speech Materials 

We elicited 12 Australian English monophthongs and 6 
diphthongs in three stressed contexts within a carrier sentence: 
word-initially, in a hVd context, and in isolation (e.g., “Even as 
in heed as in ee” for vowel /i:/). A subset of the vowels is 
analyzed in this study: 11 monophthongs, including 5 long 
vowels /i:/, /ʉː/, /ɜː/, /oː/, /ɐ:/, and 6 short vowels /ɪ/, /ʊ/, /ɔ/, /e/, 
/æ/, /ɐ/. Vowel length is a distinguishing feature in Australian 
English – a non-rhotic variety – as some vowel pairs differ 
primarily in length while sharing other spectral properties, e.g., 
/ɐ/ ‘cut’ and /ɐ:/ ‘cart’ (Cox & Palethorpe, 2007). 

2.3. Procedure 

Participants were recorded in the lab, at their workplace, or at 
their home, depending on their preferences and circumstances. 
Stimulus sentences were presented twice in random order, 
either on a laptop screen for sighted speakers, or Braille cue 
cards for blind speakers, to elicit six repetitions of each vowel 
per speaker (two per context). This produced an experimental 
corpus of 66 tokens of each target vowel per participant. 

Reading of the experimental materials was self-paced. If a 
participant had issues with the pronunciation of any items, this 
was resolved by instructing them to pay attention to the sound 
in the first syllable of the first target word and repeat it, or by 
spelling a rhyming word as an example. A Shure WH20 headset 
microphone was placed as close to the participant’s lips as 

possible without touching them and connected to a Roland 
QuadCapture external soundcard with an XLR cable. The 
external soundcard was connected via USB to a Lenovo T340 
laptop. Speech Recorder software was used for acquiring the 
acoustic recordings. 

2.4. Acoustic analysis 

Acoustic recordings were manually checked and pre-processed 
in Praat (Boersma & Weenink, 2016) and the target vowels 
from the elicited tokens were manually segmented and labelled. 
The first three formant frequencies (F1, F2, F3) were extracted 
for each vowel, both manually and automatically, to allow for 
comparison of the two methods of formant estimation. Only 
monophthongs are considered in the current analysis. 

The automatically determined formant tracks (generated by 
Praat under standard settings) were used as a basis for manual 
extraction. A visual examination of the spectrogram with 
superimposed formant tracks served to determine if formant 
points were placed correctly. If the automatically generated 
formant tracks were inconsistent with spectral details, formant 
settings were adjusted for each token until a satisfactory looking 
formant track was produced. A trial-and-error approach was 
used to find the settings (maximum frequency and number of 
formants) which resulted in the best alignment between the 
formant tracks and spectral resonances. 

 
Figure 1: Example of token /æ/ before (left) and after 

(right) formant settings adjustment (4200Hz, 3 formants) 

An approximate midpoint was located as the point in time at 
which to estimate formant frequencies, unless formants were 
more stable at another point in the vocalic interval, avoiding the 
peripheries. For each vowel, three formant frequencies were 
extracted using Praat keyboard shortcuts F1, F2, and F3. An 
example of an incorrectly tracked token and corrected formant 
tracks after adjusting the settings can be seen in Figure 1. 

The automatic formant extraction procedure worked as 
follows. Formants were extracted automatically at temporal 
midpoint using a Praat formant value collection script (Lennes, 
2013). Standard settings were used for female speakers. For 
male speakers, the settings were adjusted (5000Hz max, 5 
formants, window length 0.025, dynamic range 30dB) to 
accommodate the characteristically lower formant frequencies. 

2.5. Acoustic measurements 

Prior to performing acoustic measurements, the formant 
frequencies were transformed from Hertz (Hz) to mel scale in 
R using the phonR package (McCloy, 2016). The mel scale is a 
perceptual scale of pitch that approximates the ear’s integration 
of frequency (Menard et al., 2013), and was used in a majority 
of studies on blind speech. Each acoustic measure was 
calculated separately for manual and automatic formant 
measurements. 

Euclidean distances (EDs) between vowels differing in both 
place of articulation and rounding (/i:/ vs / ʉː/, /ɪ/ vs / ʊ/, /ɔ/ vs 
/e/, and /i:/ vs /oː/), and place of articulation only (/ʉː/ vs /oː/, 
and /æ/ vs /ɐ/) were calculated with the formula shown in (1). 
Australian English has no vowel pairs differing only in 
rounding, unlike French and Dutch, and backness correlates 
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with roundedness, which makes rounding an enhancing feature 
rather than a distinguishing one.  

 
𝐸𝐷 = (𝐹 − 𝐹 ) + (𝐹 − 𝐹 ) + (𝐹 − 𝐹 )   (1) 

 
Average vowel spacing (AVS) was calculated per speaker per 
context, as the mean of all EDs between all possible vowel pairs 
in the vowel space (55 vowel pairs for 11 vowels). AVS was 
calculated using both F1uF2 and F1uF2uF3 configurations 
(two-dimensional vs. three-dimensional). If F3 as an acoustic 
correlate of rounding plays a role in Australian English, 
differences between these two metrics may arise. 
Three-dimensional AVS was the main measure of AVS. 

Pentagonal vowel space areas (pVSA) were calculated per 
speaker per context using the phonR R package (McCloy, 
2016). The corner vowels were defined as /iː/, /æ/, /ɐː/, /oː/, /ʊ/ 
by visual inspection of vowel plots for each speaker and speaker 
group. Quadrilateral VSAs (qVSA) were also calculated with 
corner vowels, /iː/, /æ/, /ɐː/, /oː/ in order to compare the two 
VSA configurations. pVSA was the main measure of VSA. To 
the best of our knowledge, no other study on blind speech 
calculated VSA so it may be useful to compare this measure to 
AVS. 

A measure of within-category dispersion was calculated 
according to Lane et al. (2001), as the EDs from the positions 
of each vowel token in the F1uF2uF3 three-dimensional vowel 
space to the mean position of all tokens of that vowel for each 
speaker separately. These distances were then averaged across 
repetitions to get a single dispersion value per vowel per 
speaker. A larger dispersion value reflects a less precise 
production of that vowel phoneme.  

2.6. Statistical analysis 

We fitted linear mixed effects models using the lme4 R package 
(Bates et al., 2015) for each dependent variable (VSA, AVS, 
EDs, dispersion) separately. We compared manual and 
automatic formant extraction methods by fitting a model on the 
combined data with type as fixed effect. Models were fitted in 
line with hypothesis testing, followed by an exploratory 
analysis of interactions and additional fixed effects, and using 
model comparison to determine the best model. Visual 
inspection of residual plots was used to confirm the absence of 
any obvious deviation from homoscedasticity or normality.  

3. Results 

3.1. Vowel Space Area – VSA 

Due to small number of observations for VSA, our main focus 
is effect size, rather than significance. We observed a medium 
non-significant effect of group on pVSA (d = 0.55, p = 0.27), 
indicating that the congenitally blind speakers have a smaller 
VSA than the sighted speakers. As expected, there was a large 
effect of gender (d = −1.15, p = 0.03; smaller VSA for male 
speakers). The isolated vowel context had significantly larger 
pVSA values than either hVd or word initial contexts (d = 1.6, 
p < 0.001). Both qVSA and automatic pVSA showed the same 
patterns. The vowel space areas per group can be seen in Figure 
2. 

 
Figure 2: pVSA for blind (left) and sighted (right) 

speakers (dispersion ellipses at 95% CI) 

3.2. Average Vowel Spacing – AVS 

We observed an interaction between group and context for 
AVS. Blind speakers’ AVS was significantly higher in the 
isolated vowel context than either hVd (d = 0.98, p = 0.02) or 
word-initial contexts (d = 1.39, p < 0.001), although the 
difference between the hVd and word-initial contexts was not 
significant. Sighted speakers’ AVS was lower in the hVd 
context than in isolated vowel (d = −1.53, p < 0.001) and word-
initial contexts (d = −1, p = 0.01), but there was no significant 
difference between the isolated vowel and word-initial contexts. 
There were no significant differences between blind and sighted 
speakers for any of the contexts, although there was a medium 
effect size (d = 0.64, p = 0.13) for the difference between the 
two groups in the word-initial context (larger AVS for sighted 
speakers). There was a large effect of gender (d = −1.88, p = 
0.001; smaller AVS for males). AVS computed from  
automatically-extracted formant measurements showed similar 
patterns to AVS using manual formant measurements. 2D AVS 
measurements also showed similar patterns. Mean AVS per 
group and context can be seen in Figure 3. Sighted speakers 
show more variability. 

 
Figure 3: Mean AVS per group and context 

3.3. Euclidean Distances – EDs 

No significant difference between blind and sighted speakers 
was observed in EDs between key vowel pairs (d = −0.13, p = 
0.8). Type of contrast was not a significant predictor of ED. A 
large effect of gender was found (d = −1.89, p = 0.001; smaller 
EDs for male speakers). The analysis on the basis of the 
automatic formant measurements showed similar patterns. The 
difference between distances on the basis of manual vs. 
automatic formant measurements in blind speakers was 
significant (d = 0.16, p = 0.04; manual formant measurement-
based distances larger than automatic formant measurement-
based distances), but there was no difference between groups. 

3.4. Within-category dispersion 

We observed an interaction between vowel length (as a 
category) and group, where blind speakers produced long 
vowels with more dispersion than sighted speakers (d = 0.84, p 
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= 0.005). A large effect of gender was observed (d = −1.72, p = 
0.003; smaller dispersion for males). The difference in 
dispersion between the manual and automatic obtained formant 
measurements was significant for both blind (d = 1.17, p = 0.02) 
and sighted speakers (d = 1.38, p = 0.003), with the automatic 
formant measures containing vowels that were more dispersed. 
However, the difference between the two groups was similar 
when using automatic vs. manual formant measurements.  

4. Discussion 
The present study investigated the production of monophthongs 
in congenitally blind and sighted speakers of Australian 
English. Based on our results, we cannot conclusively reject the 
null hypothesis that there is no difference between blind and 
sighted speakers.  

While we found that blind speakers had smaller VSAs than 
sighted speakers, blind and sighted speakers did not differ in 
their production of vowel contrasts (EDs). AVS only differed 
between groups depending on context. It is interesting that AVS 
and VSA showed different results, likely due to the 
characteristics of each measure. VSA takes into account only 
F1uF2 and a subset of (individual) vowels, while AVS can 
include F1uF2uF3 and all vowel pairs in the vowel space. 
Because both F2 and F3 are important acoustic correlates to 
rounding, we expected to see differences between 2D and 3D 
AVS (2D AVS excluding F3). However, we found no 
difference per group, meaning that blind and sighted speakers 
could be compared on the basis of either measure. This indicates 
that F3 is not as important (at least for Australian English) as 
assumed for differentiating blind and sighted speakers.  

Blind speakers’ long vowels (/iː/, /ʉː/, /ɜː/, /oː/, /ɐ:/) showed 
more within-category dispersion compared to sighted speakers 
(see Section 3.4). However, this is likely to be language-
specific, as vowel length is an important phonemic distinction 
in Australian English, in contrast to French or Dutch. It is 
possible that long vowels, due to their longer duration, result in 
a less precise production. However, we did not have an 
objective measure of length. In Australian English, some long 
vowels show characteristics of diphthongs (Harrington et al., 
1997) with more variability in their formant tracks, which could 
then be problematic for blind speakers who have been found to 
produce vowels longer in duration in general (Menard et al., 
2014). These results should be interpreted with caution, 
however. Due to the small number of tokens in our study, we 
did not take context into account when calculating dispersion, 
so these results may reflect the degree of influence of vowel 
context on the embedded vowel rather than actual vowel 
dispersion. 

The two contrast types (place of articulation vs. place of 
articulation and rounding) did not differ in measured EDs, 
indicating that rounding is an enhancing feature in Australian 
English. This is likely why F3 was not instrumental in 
differentiating between the two groups. It also strengthens the 
hypothesis that variability across studies investigating blind 
speech stems partly from language-specific differences. There 
was also no difference between rounded and unrounded vowels 
in dispersion. This was not surprising, however, as rounding is 
not contrastive in the specific configuration of the Australian 
English vowel system. 

Although we did find that automatically extracted formants 
were more dispersed and thus less precise and accurate, 
automatic extraction would generally be a suitable analysis 
strategy for this population as long as higher error rates are 
taken into account. The same patterns were found for VSA, 
AVS, EDs, and dispersion between groups on the basis of 
automatic formant data, as on the basis of manual formant data.  

In sum, we can conclude that the differences between blind 
and sighted speakers seem to depend partly on the language, 
and partly on the methods used to study it. Future studies should 
include more than just one measure and language, in order to 
shed more light on the sources of difference between the groups. 
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Abstract
Estimating articulatory motion from speech acoustics is known
as acoustic-to-articulatory inversion (AAI). Various methods
have been proposed in the literature for AAI. Recently, neu-
ral network based Bidirectional Long Short Term Memory
(BLSTM) network architecture has shown to achieve the state-
of-the-art performance for AAI. However there is no system-
atic comparison among these models with respect to their com-
plexities. Further, depending on the modeling technique for
acoustic to articulatory mapping, some of the approaches for
AAI get benefited by post-processing techniques, which pre-
serve smoothness in the inverted articulatory trajectories. In
this work apart from model complexity, we systematically com-
pare AAI performance across different AAI models and post-
processing techniques. Experimental results reveal that BLSTM
yields the best complexity performance trade-off among all AAI
models.

Keywords: Speech production, Acoustic-to-Articulatory Inver-
sion, Bidirectional Long Short Term Memory Network

1. Introduction
Speech articulation involves movements of articulators includ-
ing tongue, lips, jaw, velum which form constriction in the
vocal tract (Goldstein and Fowler 2003). Estimating articula-
tory movements from speech acoustics is known as acoustic-
to-articulatory inversion (AAI). The knowledge of position in-
formation of articulators along with the acoustics have shown
to benefit in various applications including, multimedia (Ding,
Xie, and Zhu 2015; Jia et al. 2014), speaker verification (Li
et al. 2016), automatic speech recognition (Kirchhoff 1999)
and speech synthesis (Ling et al. 2009) and accent conversion
(Aryal and Gutierrez-Osuna 2015). Various methods have been
proposed in the literature for AAI, namely codebook based,
Gaussian Mixture Model (GMM) (Toda, Black, and Tokuda
2008), Deep Neural Networks (DNN) (Richmond 2006) and
Bidirectional Long Short Term Memory (BLSTM) network ar-
chitectures (Liu et al. 2015; Illa and Ghosh 2018). Among
all these approaches, BLSTM has shown to perform well and
achieved the state-of-the-art performance. Although BLSTM
model has shown to perform well, there is no systematic com-
parison among these models with respect to their complexities.

All these AAI approaches need parallel acoustic-
articulatory data for training AAI model, which, in turn,
requires recording of speech and simultaneous motion of
articulators from a subject of interest. Electromagnetic
articulograph (EMA) is a promising technology to record such
parallel data. In EMA recording, multiple sensors are glued to
articulators of interest. To train a subject dependent AAI, one
needs to collect a significant amount of acoustic-articulatory
data. To overcome the limitations of availability of parallel

acoustic-articulatory data, various techniques have been
proposed in the literature for adaptation of only acoustic data
using target subject with respect to several reference subjects.
These methods are referred to as subject independent AAI
(SI- AAI), where the articulatory motion predicted from test
subject’s speech does not belong to the articulatory space of the
test subject but it belongs to the training subject only, unlike
that in subject dependent AAI.

In this work, we focus on subject dependent AAI mod-
els and systematically compare AAI performance across dif-
ferent models, namely GMM, DNN, convolution neural net-
work (CNN) and BLSTM. Articulatory movements are known
to vary slowly in nature, in order to preserve these character-
istics in the predicted articulatory trajectories, these are further
post-processed using different techniques like low-pass filter-
ing (LPF), Kalman filtering and maximum likelihood parame-
ter generation (MLPG) (Tokuda et al. 2000). We also compare
these post-processing techniques for AAI, since to the best of
our knowledge no comparison has been made before on these
post-processing techniques.

2. Data collection
For this work, we recorded synchronous acoustic-articulatory
data using EMA AG501 1. We collected data from 20 subjects
comprising 10 males and 10 females in an age group of 20-28
years. No speaker was reported to have any speech disorders
in the past. Prior to the data collection, a consent form was
signed by all speakers, as recommended by the institute ethics
committee. 460 phonetically balanced English sentences from
the MOCHA-TIMIT corpus (Wrench 1999) were chosen as the
stimuli for the data collection.

Figure 1 illustrates the placement of sensors on articulators
for recording, as done in the work by Illa et al. (Illa and Ghosh
2018). The sensors were placed on the articulators such that the
inter-sensor distances closely match with the recommendation
provided in Pattem et al. 2018. Sensors were glued on six ar-
ticulators, namely, upper lip (UL), lower lip (LL), jaw (Jaw),
tongue tip (TT), tongue body (TB), tongue dorsum (TD). We
also glued two sensors behind the ears for head movement cor-
rection as suggested in Kroos 2009. After all the sensors were
glued to the respective articulators, enough time was given to
the subject to get adjusted and comfortable to speak with sen-
sors attached. Stimuli sentences were projected on the slides
in a computer screen 2.5 feet away in front of the subject. All
460 sentences were recorded in a single session for a subject,
resulting in a recording duration of 2 to 3 hours.

From each of the articulators we obtained horizontal (X)
and vertical (Y) movements, which resulted in 12 dimensional
articulatory features, namely ULx, ULy , LLx, LLy , Jawx,

1http://www.articulograph.de/

Illa & Ghosh #093

– 95 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Upper Lip: UL
Lower Lip: LL
Jaw: Jaw
Tongue TIP:TT
Tongue Body: TB
Tongue Dorsum: TDJaw

LL

UL
TBTD

TT

Y

X

Figure 1: Schematic diagram indicating the placement of EMA
sensors.

Jawy , TTx, TTy , TBx, TBy , TDx, TDy . This 12 dimen-
sional articulatory data was post-processed to obtain articula-
tory features. It is known that most of the energy for all the
articulators lies below 25Hz, and the articulatory trajectories
are smooth in nature, as shown in Ghosh and Narayanan 2010.
Hence to avoid high frequency noise incurred due to EMA mea-
surement error, the recorded articulatory position data, was first
low-pass filtered with a cut-off frequency of 25Hz. The artic-
ulatory data was then down-sampled from 250Hz to 100Hz.
Further for every sentence, we normalize each dimension of
the articulatory feature to zero-mean and unit variance, since
the average position for each sensor could change from utter-
ance to utterance and to reduce the effect of morphological
variations across all the speakers, as in the work by Kirchhoff
(Kirchhoff 1999). On the other-hand, the recorded speech was
down-sampled from 48kHz to 16kHz. As an acoustic feature,
we computed 13-dimensional Mel-Frequency Cepstral Coeffi-
cients (MFCC) vector (Young 1994) for every 20ms with a shift
of 10ms. Further, for each sentence, cepstral mean subtraction
was performed. Manual annotations were done to remove the
begin and end silence segments from all the recordings.

3. AAI Models
Predicting articulatory movements from speech acoustics is for-
mulated as a regression problem. From the recorded speech
acoustics and articulatory data, at a frame index t, we extract
source acoustic features (xt) and target articulatory features
(yt) with dimensions dx and dy , maintaining a one-to-one cor-
respondence with each other. AAI aims to model yt = f(xt),
where the mapping function f(.) could be complex and non-
linear. In this work to learn AAI mapping function, we consider
Gaussian mixture model, and neural network based models with
different architectures. The details of each model are briefly ex-
plained below.

3.1. Gaussian Mixture Model (GMM)

To learn the mapping function between source and target feature
vectors, the joint distribution p(x,y) is modeled using GMM.
The parameters of GMM are learned using expectation maximi-
sation (EM) algorithm (Xu and Jordan 1996). The predictions
are obtained by the conditional expectation for the articulatory
feature vectors given the acoustic features vectors (Stylianou,
Cappé, and Moulines 1998). In order to obtain smooth trajec-
tories, static first and second order derivatives of articulatory
features are augmented as target feature vectors in GMM and
maximum likelihood parameter generations (MLPGs) (Tokuda
et al. 2000) algorithm is used for predictions with dynamic con-

straints.

3.2. Neural Networks

Neural network models are shown to be efficient in learning
non-linear and complex mapping functions (Wu et al. 2015).
We use three different architectures which govern the modelling
capabilities of neural networks, namely fully connected feed
forward deep neural networks (DNN), convolutional neural net-
work (CNN), and recurrent neural networks (RNNs).

The capabilities of DNNs are limited in the sense that for
modelling temporal dynamics, one has to provide context ex-
plicitly in the feature vectors. While in CNNs, the temporal
dynamics can be captured with convolutional filters and compo-
sition of layers (Mitra et al. 2017). Although CNNs can capture
context, it is limited to the size of receptive field (number of
layers+ filter length - 1). This can be overcome by using RNNs,
especially BLSTM networks using recurrent weights and gating
functions. Although the BLSTM is superior in terms of mod-
elling capabilities, these architectures have trade-offs between
the modelling capabilities versus the number of parameters and
demand for the amount of training data. Therefore, in this work,
we experimented with all these three architectures.

4. Experiments and Results
With the 20 subjects’ acoustic-articulatory data, we performed
AAI experiments in a subject dependent manner. For each sub-
ject, the recorded 460 utterances of acoustic-articulatory data
were divided into three sets, namely, train 80% (364), valida-
tion 10% (46) and test 10% (46). As input acoustic features, we
considered 13-dim MFCC along with the delta and delta-delta
coefficients. The target variables were 12-dimensional articula-
tory features along with their velocity and acceleration compo-
nents. For the GMM based AAI model, the GMMs were trained
with full co-variance matrix with 64, 40 and 32 mixtures com-
ponents. In DNN, we chose 3-hidden layers with the last layer
as a linear regression layer. Experiments were performed with
three different choices of model parameters by varying number
of hidden units (HUs) as 512, 256 and 126. In CNN, we chose
3-hidden the layers as DNN but we replaced fully connected
layers with 1-d convolution filters of length 5, and number of
filters in each layer was chosen as 256, 128 and 64, which were
followed by a linear regression layer. In BLSTM, we chose 3-
hidden layers by varying the number of hidden units in each
layer as 128, 64 and 32 followed by a linear regression layer.

Table 1: Comparison of AAI post-processing techniques in
terms of average CC.

AAI Scheme Without
post-processing

With post-processing
Kalman LPF MLPG

GMM 0.7047 0.7799 0.7862 0.8297
DNN 0.7533 0.7862 0.7897 0.7932
CNN 0.816 0.8268 0.8274 0.8405

For GMM, DNN and CNN based articulatory movement
predictions we performed post-processing using three tech-
niques, namely Kalman filtering, low pass filtering (LPF) and
MLPG. To compare their performance, we report average pear-
son correlation coefficient (CC) between the predicted and orig-
inal articulatory trajectories. Table 1, reports the performance
of AAI with and without post-processing techniques. We ob-
serve that all the post-processing techniques show improve-
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ments compared to predictions without any post-processing.
Among the three post-processing methods, we observe that
MLPG performs better than Kalman and low pass filtering. We
do not observe any benefit of using post-processing techniques
for BLSTM, since the predicted articulatory movements pre-
serve smoothness characteristics due to the network architec-
ture.
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Figure 2: AAI performance vs model complexity. HU stands
for hidden unit; F stands for filters; Mix stands for mixtures.

Figure 2 reports AAI performance (in y-aixs) with vary-
ing complexity, i.e., the number of learnable parameters (in x-
axis) across different models. Figure 2 shows the performance
of BLSTM without any post-processing and, GMM, DNN and
CNN predictions with and without MLPG. ‘�’ with model la-
bels in black color denotes the performance of AAI without any
post-processing and ‘⇤’ with blue color model labels denotes the
performance with MLPG. It is interesting to observe that even
when the number of parameters is reduced, the BLSTM per-
formance does not drop drastically. Among all the AAI mod-
els, BLSTM yeids the best complexity performance trade-off,
which are followed by CNN, GMM and DNN with MLPG. In-
terestingly, we observe that with MLPG post-processing, the
GMM outperforms the DNN performance.

5. Conclusion
In this work we performed experiments with different AAI
models and post-processing techniques. Experiments with
20 speakers revealed that the BLSTM network achieve the
best complexity performance trade-off compared to the other
AAI models. Using post-processing techniques have shown
improvements in CNN, GMM and DNN based AAI mod-
els. Among different post-processing techniques MLPG post-
processing performed better than Kalman and lowpass filtering.
In future, we plan to investigate different approaches and gen-
eralization abilities of speaker independent AAI models.

6. Acknowledgments
We thank all subjects for participating in EMA data collection
and the Pratiksha Trust and the Department of Science & Tech-
nology (DST), Govt. of India for their support.

7. References
Aryal, Sandesh and Ricardo Gutierrez-Osuna (2015). “Reduction of

non-native accents through statistical parametric articulatory syn-
thesis”. In: The Journal of the Acoustical Society of America 137.1,
pp. 433–446.

Ding, Chuang, Lei Xie, and Pengcheng Zhu (2015). “Head motion syn-
thesis from speech using deep neural networks”. In: Multimedia
Tools and Applications 74.22, pp. 9871–9888.

Ghosh, Prasanta Kumar and Shrikanth Narayanan (2010). “A gen-
eralized smoothness criterion for acoustic-to-articulatory inver-
sion”. In: The Journal of the Acoustical Society of America 128.4,
pp. 2162–2172.

Goldstein, Louis and Carol A Fowler (2003). “Articulatory phonology:
A phonology for public language use”. In: Phonetics and phonol-
ogy in language comprehension and production: Differences and
similarities, pp. 159–207.

Illa, Aravind and Prasanta Kumar Ghosh (2018). “Low Resource
Acoustic-to-articulatory Inversion Using Bi-directional Long Short
Term Memory”. In: Proc. Interspeech, pp. 3122–3126.

Jia, Jia, Zhiyong Wu, Shen Zhang, Helen M Meng, and Lianhong Cai
(2014). “Head and facial gestures synthesis using PAD model for
an expressive talking avatar”. In: Multimedia Tools and Applica-
tions 73.1, pp. 439–461.

Kirchhoff, Katrin (1999). “Robust speech recognition using articulatory
information”. PhD thesis. University of Bielefeld.

Kroos, Christian (2009). “Using sensor orientation information for
computational head stabilisation in 3D Electromagnetic Articu-
lography (EMA)”. In: Proceedings of the 10th Annual Confer-
ence of the International Speech Communication Association (In-
terspeech). ISCA, pp. 776–779.

Li, Ming, Jangwon Kim, Adam Lammert, Prasanta Kumar Ghosh,
Vikram Ramanarayanan, and Shrikanth Narayanan (2016).
“Speaker verification based on the fusion of speech acoustics and
inverted articulatory signals”. In: Computer speech & language 36,
pp. 196–211.

Ling, Zhen-Hua, Korin Richmond, Junichi Yamagishi, and Ren-Hua
Wang (2009). “Integrating articulatory features into HMM-based
parametric speech synthesis”. In: IEEE Transactions on Audio,
Speech, and Language Processing 17.6, pp. 1171–1185.

Liu, Peng, Quanjie Yu, Zhiyong Wu, Shiyin Kang, Helen Meng, and
Lianhong Cai (2015). “A deep recurrent approach for acoustic-
to-articulatory inversion”. In: IEEE International Conference
on Acoustics, Speech and Signal Processing (ICASSP). IEEE,
pp. 4450–4454.

Mitra, Vikramjit, Ganesh Sivaraman, Chris Bartels, Hosung Nam, Wen
Wang, Carol Espy-Wilson, Dimitra Vergyri, and Horacio Franco
(2017). “Joint modeling of articulatory and acoustic spaces for
continuous speech recognition tasks”. In: International Confer-
ence on Acoustics, Speech and Signal Processing (ICASSP). IEEE,
pp. 5205–5209.

Pattem, Ashok Kumar, Aravind Illa, Amber Afshan, and Prasanta Ku-
mar Ghosh (2018). “Optimal sensor placement in electromagnetic
articulography recording for speech production study”. In: Com-
puter Speech & Language 47, pp. 157–174.

Richmond, Korin (2006). “A trajectory mixture density network for the
acoustic-articulatory inversion mapping.” In: Proceedings of the
ICSLP, Pittsburgh, pp. 577–580.

Illa & Ghosh #093

– 97 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Stylianou, Yannis, Olivier Cappé, and Eric Moulines (1998). “Continu-
ous probabilistic transform for voice conversion”. In: IEEE Trans-
actions on speech and audio processing 6.2, pp. 131–142.

Toda, Tomoki, Alan W Black, and Keiichi Tokuda (2008). “Statistical
mapping between articulatory movements and acoustic spectrum
using a Gaussian mixture model”. In: Speech Communication 50.3,
pp. 215–227.

Tokuda, Keiichi, Takayoshi Yoshimura, Takashi Masuko, Takao
Kobayashi, and Tadashi Kitamura (2000). “Speech parameter gen-
eration algorithms for HMM-based speech synthesis”. In: Inter-
national Conference on Acoustics, Speech, and Signal Processing.
Proceedings (Cat. No. 00CH37100). Vol. 3. IEEE, pp. 1315–1318.

Wrench, A. (1999). MOCHA-TIMIT. speech database. Edinburgh: De-
partment of Speech and Language Sciences, Queen Margaret Uni-
versity College. URL: http://sls.qmuc.ac.uk.

Wu, Zhiyong, Kai Zhao, Xixin Wu, Xinyu Lan, and Helen Meng (2015).
“Acoustic to articulatory mapping with deep neural network”. In:
Multimedia Tools and Applications 74.22, pp. 9889–9907.

Xu, Lei and Michael I Jordan (1996). “On convergence properties of the
EM algorithm for Gaussian mixtures”. In: Neural computation 8.1,
pp. 129–151.

Young, S.J. (1994). “The HTK Hidden Markov Model Toolkit: Design
and Philosophy”. In: Entropic Cambridge Research Laboratory Ltd
2, pp. 2–44.

Illa & Ghosh #093

– 98 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



A Data-Driven Phoneme-Specific Analysis of Articulatory Importance

Anusuya P K, Aravind Illa, Prasanta Kumar Ghosh

Electrical Engineering, Indian Institute of Science (IISc), Bangalore, India
anuknkp@gmail.com, aravindi@iisc.ac.in, prasantg@iisc.ac.in

Abstract
Speech can be seen as a result of temporally overlapping ges-
tures of articulators comprising lips, jaw, tongue and velum.
The spectrum of acoustic speech signals is influenced by these
articulatory gestures. In the articulatory space, few articulators
exhibit minimal variance at their target position for a specific
phoneme, which are called critical articulators. The positions
of these critical articulators govern the acoustic characteristics
of that particular phoneme articulation. This results in a cat-
egorical decision on the articulators as critical or non-critical
articulators ( Jackson and Singampalli (2009)). Instead of as-
signing a binary decision on articulators being critical or non-
critical, in this work we attempt to assign an articulatory im-
portance value between 0 to 1, in a data-driven manner. We de-
note it as articulatory importance function (AIF). Experimental
analyses are performed on 38 subjects’ acoustic-articulatory
data and AIF values are reported. Findings from this analy-
sis could contribute to the understanding of inter speaker vari-
ability in speech production and variability across different lan-
guages.

Keywords: speech production, critical articulators, electro-
magnetic articulograph

1. Introduction
In speech production, the generation of a particular phoneme is
contributed by specific articulators, critical for producing that
phoneme. Articulators that influence the production of a par-
ticular phoneme without which the sound cannot be produced
completely are called critical articulators. Analysing critical ar-
ticulators is important because by enabling the identification of
which articulators are involved in producing specific sounds, it
can help improve the speech production models. In the articula-
tory phonology by Browman and L. Goldstein (1992), gestural
scores record the gestures of each articulator in the production
of a word. This study clearly describes that not all the articu-
lators are very important to produce a particular phoneme, thus
making specific articulators critical.

Recasens, Pallarès, and Fontdevila (1997) explained crit-
ical articulators using phonetic invariance in the articulatory
space, while Bladon and Al-Bamerni (1976) used articula-
tory resistance for the phoneme /l/ to explain the same phe-
nomenon. Attempt to model the dynamic movements of artic-
ulators analytically towards phone-specific goals led to gestu-
ral approaches (Ohala, Browman, and L. M. Goldstein 1986;
Saltzman and Munhall 1989; MacNeilage 1970; Liberman
1970). Jackson and Singampalli (2009) suggested a statistical
approach to measure the criticality of the articulators in which
the Kullback-Leibler distance between the distributions of dif-
ferent articulators was used to identify articulators as critical,
dependent or redundant. In the work by Ananthakrishnan and

Engwall (2008), the importance function is calculated based on
change of velocity and angle of the articulatory trajectory. They
analysed that the articulator reaches the critical position when
there is a drop in velocity or change in angle. To reach the
next critical location, the velocity increases and probably with a
change in the angle. Wang, Green, and Samal 2013 used SVM
model to identify important articulators. Three levels are used
by Mermelstein to rank how critical an articulatory gesture was
to a given phone (Mermelstein (1973)). Instead of assigning a
binary decision on articulators being critical or non-critical, in
this work we attempt to assign an articulatory importance value
between 0 to 1, in a data-driven manner. We denote it as articu-
latory importance function (AIF).

2. Data collection and preprocessing

Upper Lip: UL
Lower Lip: LL
Jaw: Jaw
Tongue TIP:TT
Tongue Body: TB
Tongue Dorsum: TDJaw

LL

UL
TBTD

TT

Y

X

Figure 1: Schematic diagram indicating the placement of EMA
sensors

For experiments, 460 MOCHA TIMIT sentences were cho-
sen as speech stimuli to collect acoustic-articulatory data using
electro-magnetic articulograph (EMA) AG5011. To capture ar-
ticulatory movements, six sensors were attached to speech ar-
ticulators namely, upper lip (UL), lower lip (LL), jaw (Jaw),
tongue tip (TT), tongue body (TB) and tongue dorsum (TD) as
shown in Figure 1. For head movement correction two sen-
sors were placed behind the ears. We considered the articula-
tory movements in the midsagittal plane in X and Y directions
which indicate horizontal and vertical directional movements of
articulators, respectively. This results in 12 articulatory features
denoted by, ULx, ULy , LLx, LLy , Jawx, Jawy , TTx, TTy ,
TBx, TBy , TDx, TDy . A total of 38 Indian subjects’ data
was considered in this study, out of which 24 were male and 14
were female. All the subjects were from an age group of 21-28
years and fluent speakers of English with no record of speech
disorders in the past. We followed a recording setup and post-
processing of articulatory data similar to that described in Illa
and Ghosh (2018). The phonetic boundaries were obtained by
force alignment using Kaldi speech recognition tool kit (Povey

1http://www.articulograph.de/

Anusuya et al. #094

– 99 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Figure 2: Normalized articulatory importance function values (color-coded from 0-1) for different consonants for each of 38 subjects
(x-axis shows subject index, y-axis indicates different articulators)

Figure 3: Normalized articulatory importance function values (color-coded from 0-1) for different vowels for each of 38 subjects (x-axis
shows subject index, y-axis indicates different articulators)

et al. 2011). The phonetic transcription of the data set consists
of 39 ARPABET symbols.

3. Articulatory Importance Function
The importance of kth articulator (ak) is defined using the
phoneme specific positional variance (�ak

p ) calculated from the
collection of samples from the midpoints between the corre-
sponding phoneme boundaries, and global variance (�ak

g ) cal-
culated from the collection of samples from midpoints between
the boundaries of all phonemes. The Importance of an ar-
ticulator is calculated using negative logarithm of the ratio of
phoneme specific variance to the global variance as given by

iak = � log
�ak
p

�ak
g

(1)

iak is the importance function of an articulator that takes values
greater than zero for �ak

p < �ak
g . The lesser the �ak

p than the
�ak
g , more is the importance of the corresponding articulator. To

bound the range of values between 0 to 1, we further normalize
iak to Iak using the equation below to obtain AIF.

Iak =
iak �mink({iak})

maxk({iak})�mink({iak}) (2)

4. Results
In the database of 460 sentences, 39 phonemes are observed
and those include /aa/, /ae/, /ah/, /ao/, /aw/, /ay/, /b/, /ch/, /d/,
/dh/, /eh/, /er/, /ey/, /f/, /g/, /hh/, /ih/, /iy/, /jh/, /k/, /l/, /m/, /n/,
/ng/, /ow/, /oy/, /p/, /r/, /s/, /sh/, /t/, /th/, /uh/, /uw/, /v/, /w/, /y/,
/z/ and /zh/. Articulatory importance function is examined for
each of 39 phonemes using articulatory data of all 38 subjects
separately.

In the first step, phoneme-specific and global variance are
calculated from the collection of samples from the midpoint of
a/all phoneme segment(s) followed by the importance function.
We present the results for consonants followed by vowels. Fig-
ure 2 illustrates the articulatory importance value for each sub-
ject for a subset of consonants. These consonants and vowels
are chosen such that a wide variety of critical articulators are
covered. For example, high AIF value is observed for lip and
Jaw in case of /m/ and /f/, similarly, tongue tip for /dh/ and /s/,
tongue body for /ch/ and /sh/, and tongue dorsum for /k/ and
/ng/. The average of all entries in a row (corresponds to one
articulator) is mentioned in the right y-axis with standard devi-
ation in the bracket. These average AIF values across all the
subjects are observed to be consistent with the critical articula-
tors reported in Kim et al. (2015). In general, the maximum
values are obtained for the articulators which are considered to
be critical. In Figure 3, vowel-specific AIF values are reported.
For example, for a back vowel say /aa/ the maximum impor-
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Figure 4: Articulatory Importance Function variation across subjects

tance is observed at tongue dorsum, similarly at TTx for front
vowel /iy/. For a back rounded vowel /uw/, high value of AIF
is observed for LLy and TDy . The articulatory importance
for vowels are found to be consistent with their place of artic-
ulation as highlighted in the IPA chart. Figure 4 illustrates the
importance function values plotted against various articulators
across all subjects. In the phoneme /m/ and /dh/, for LLy and
TTy the importance value is almost 1 where all the values in
the interquartile range are very close to 1 making the spread
across subjects minimum. Thus critical articulators show very
less variance across subjects.

Note that similar observations are made by calculating
mean and median in place of midpoint (for computation of
importance in equation 1). That is, in these observations,
phoneme-specific and global variance are calculated from the
collection of mean/median of one third of the samples from ei-
ther side of the midpoint of a/all phoneme segment(s). The re-
sults are found to be consistent across all three different choices.
Further, results without performing normalization is also ex-
plored. It is found that normalization makes articulatory im-
portance more consistent across subjects.

5. Conclusion
In this work, we proposed a metric to assign an articulatory im-
portance value between 0 to 1, instead of assigning a binary de-
cision on articulators being critical or non-critical for phoneme
production. Experiments are performed on 38 subjects’ acoustic
and articulatory data. This work gives a better understanding of
the importance of various articulators in phoneme production.
This analysis could benefit to the understanding of inter speaker
variability in speech production mechanisms and to provide ar-
ticulatory feedback in language learning tasks. We plan to in-
vestigate these directions as parts of future work.
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Abstract 
Across life span there is inter alia a change in respiration in 
that with increasing age, the ribcage cannot expand and 
contract as well during breathing and the diaphragm becomes 
weakened. These changes are expected to affect the control of 
breathing and thus also prosodic structuring. Studies 
investigating the effects of aging on speech breathing with 
respect to prosodic structuring are relatively sparse and 
mostly limited to English. Investigating the behaviour of the 
speech system in the aged population will provide insights into 
how linguistic structures are realized on different 
phonological and prosodic tiers, when the physical system is 
challenged. In this study, we investigate the effects of aging on 
durational parameters related to sentence structuring (i.e., 
length and complexity) in French. The results provide evidence 
that (i) both age groups (younger and older speakers) produce 
phrasal breaks at expected syntactic boundaries, with (pause) 
durations that are sensitive to sentence structure. 
Furthermore, (ii) a clear age effect can be observed: older 
speakers produce longer pauses, longer sentence durations 
and lower articulation rates across all structures than younger 
speakers.  
Keywords: Aging, speech production, pauses, articulation 
rate, sentence length, sentence complexity, French 

1. Introduction 

1.1. Aging effects on speech  
Aging is part of a more fundamental question concerning the 
evolution of the production system and the relations between 
the different dimensions interacting in speech such as the 
physiological level, motor control, cognitive capacities, 
adaptability and individual strategies.  
 
The overall claim is that acoustically we are dealing with a 
slower speaking rate in older subjects (Amerman & Parnell 
1992, Ramig 1983). For example, there is a decrease of speech 
rate in fast syllable repetition tasks for older subjects 
(Bilodeau-Mercure & Tremblay 2016). However, there are 
also some contradictory results, where there no age-related 
differences were found (Pierce et al. 2013). One has to keep in 
mind, that certain sounds and structures are more compressible 
than others, hence slowing down is not expected to take place 
homogeneously (Fletcher 2010). Furthermore, it is unlikely 
that age-related reduction in speaking rate compares to 
intentional rate reduction in younger individuals (e.g., when 
attempting to speak clearly). A study by Kang & Dingwell 
(2008) on general motor control revealed that a slower 
walking tempo due to aging is not the same as an intentionally 
slower walking tempo at a younger age.  

1.2. Prosodic structure and pauses  
Prosodic structure is essential in speech communication as 
information needs to be highlighted to convey specific 
linguistic meaning. This highlighting includes both the 

planning and the production of larger prosodic constituents, 
such as the utterance, and smaller prosodic constituents, such 
as the syllable.  
 
We know that maintaining subglottic pressure is essential to 
produce the sound of speech throughout the exhalation period 
which is longer than a breathing cycle without speech 
production. This lengthening of the exhalation phase is due to 
the muscular control of the rib cage, diaphragm, chest and 
abdominal muscles (Haynes & Netsell, 2001). Research on 
aging effects have shown that with increasing age, the 
expansion and contraction of the ribcage during breathing is 
affected due to a weakening of the diaphragm, entailing less 
effective muscle control in breathing (Kahane 1981). These 
changes could possibly result in the production of shorter 
sentences on average.  
 
Evidence has been provided that speech breathing in older 
subjects revealed higher lung volume to initiate speech and 
longer sentences are split into smaller units with less breathing 
at larger units and more breathing at smaller units (Hoit & 
Hixon 1987; Huber 2008). Thus, the production of more 
pauses in long and complex sentences, i.e., commas-indicated 
could reflect this age-related phenomenon. In Huber (2008), it 
has been shown that indeed older speakers produce in general 
shorter utterances than the younger speakers. Furthermore, age 
effects aggravated with utterance length. Beside the reported 
age effect, the study by Huber (2008) provided evidence that 
both age groups adjusted speech breathing depending on the 
upcoming utterance length, thus showing a plan a priori. 
 
In a study by Fuchs et al. (2013), prosodic planning in a 
German reading task was investigated to shed light on how 
sentence length and complexity affect certain parameters, such 
as pause duration, inhalation depth and inhalation duration. 
They provided evidence that the length of a sentence had an 
effect on the above mentioned parameters, whereas 
complexity did not.  
 
This acoustic study aims to shed light on the effects of aging 
on prosodic structuring in French by analysing several 
durational parameters in sentences differing in length and 
complexity.  

2. Methods 

2.1. Subjects 
We collected acoustics recordings from 27 French native 
speakers (18f, 9m) which we grouped into ‘younger’ (14 
subjects, 23-44 years, mean 34 ± 8.01) and ‘older’ group (13 
subjects, 68-88 years, mean 80 ± 5.53). All subjects had a 
normal or corrected-to-normal vision and no self-reported 
speech, voice, language, psychological, neurological, or 
neurodegenerative disorder at the time of the study. Older 
participants were screened for cognitive alterations using a 
standardized clinical tool, the Mini-Mental State Examination 
(MMSE, Folstein et al. 1975). All participants were above the 
24/30 threshold (mean 28,52 ± 1.79). The number of years of 
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education of the participants was on average 16.37 years 
(±1.27) for the younger group and 12.08 (± 3.25) for the older 
group. The study was approved by the local Ethics Committee 
of the University Sorbonne Nouvelle and the French National 
Ethical Committee for the Protection of Persons (ID-
RCB:2019-A02553-54). 

2.2. Material  
The speech material consisted of sentences (based on Fuchs et 
al. 2013), varying in length (short vs. long) and complexity 
(simple vs. complex), e.g., for short-simple condition 
“Mélanie Dupont a réservé ses vacances” (Engl. Mélanie 
Dupont booked her holidays) and for long-complex condition 
“Mélanie Dupont a dit à sa mère, qui l’a appelée dans la 
matinée, qu'elle attend avec impatience ses vacances.” (Engl. 
Melanie Dupont told her mother, who called her in the 
morning, she's looking forward to her vacation.). For each of 
the four conditions (short-simple, short-complex, long-simple, 
long-complex), we designed three different versions (Table 2). 
Each sentence was repeated three times, i.e., in total each 
speaker produced 36 sentences. The order was randomized for 
sentence structures, identically for each speaker, except for 2 
speakers (i.e., one from each group) who only produced one 
version of the sentences (i.e. 12 sentences), resulting in 924 
sentences. Participants were seated in a quiet room in front of 
a laptop with a FocusRite® sound card and a head mounted 
microphone (SHURE SM35-TQG) recording with Python 
software (using pyaudio) at 48 kHz sampling rate.  

2.3. Measurements 
To test the age effects on the production of these sentences, 
differing in length and complexity, we analysed: (1) the 
FREQUENCY OF PAUSES, where pauses are marked as breaks 
produced at comma-indicated boundary, and additional breaks; 
(2) SENTENCE DURATION was measured with the whole 
duration of the sentence (including pauses); (3) PAUSE 
DURATION and (4) ARTICULATION RATE, as the number of 
phonemes divided by sentence duration, excluding pauses. 
 
Annotations were done manually in Praat (Boersma & 
Weenink 2017). Segmentation of pauses was done by visual 
and audible inspection (Fig. 1), taking as criteria the major 
intonational boundaries, the marking of syntactic autonomy 
and the absence of hesitation. Boundaries were segmented as 
clear visual (using the oscillogram and spectrogram) and 
audible breaks in the speech stream, including inspiratory and 
physiological phenomena (e.g., breathlessness, glottalization, 
etc.). The measurement was consistent and constant within 
each speaker, the threshold of excluded pauses was below 
100ms (pauses <100ms were discarded).  

 
Figure 1: Example of a 'long-complex' sentence segmentation. 

2.4. Statistics 
The data were analysed with a series of mixed models using 
the library ‘lme4' (Bates et al. 2015) of the R software (R 
Development Core Team 2008) and posteriori contrast 
analyses were carried out with the lsmeans function for each 
analysis. We built three mixed models for sentence duration 
(SENTENCE_DUR), pause duration (PAUSES), and articulation 
rate (RATE). As fixed factors we included AGE (younger vs. 
older), the sentence structure (SENTENCE) and the interaction 
between AGE and SENTENCE. The random structure of our 
models was ITEM as intercept and SPEAKERS and SENTENCE as 
random factors. 

3. Results 
Results for the analysed variables will be presented in the 
following.  
(1) FREQUENCY OF PAUSES: Both age groups produced the 
majority of pauses at expected comma-indicated boundaries in 
the complex conditions. In short-complex, the younger group 
produced pauses in 41% of the sentences compared to 61% in 
the older group. The long-complex condition entailed more 
pauses for both age groups (younger: 57%; older 80%). In the 
long-simple condition, we observed for the older groups 68% 
pauses (compared to 11% in the younger group), although we 
did not expect pauses due to no comma-indicated boundaries.  

Table 1: FREQUENCY OF PAUSES across sentence 
structures and age groups. 

Condition Younger  Older  
short-simple* 10%* 14%* 
long-simple* 11%* 68%* 
short-complex 41% 61% 
long-complex 57% 80% 

* unexpected pauses  
 
We refer to ‘expected’ pauses as those marked by commas 
(see speech material in Table 2). We considered the two 
pauses in the complex conditions as one category. We found a 
balanced marking of pauses at the first and second comma for 
the short-complex condition (younger = 48 vs. 51 times; older 
= 68 vs. 68 times). However, we found a difference in the 
long-complex condition, where a pause was produced more 
often at the second comma (younger = 58 vs. 78 times; older = 
83 vs. 95 times). 
 
(2) The total SENTENCE DURATION, including the pauses, is 
presented in Figure 2. First, in both age groups, we observed 
that sentence duration increased with length and with 
complexity. Furthermore, we see that in the older group, 
sentence durations were even longer than in the younger 
group. Thus, the longer and complex a sentence, the longer its 
duration, with age even more affecting it. For example, in 
long-complex condition for younger speakers on average was 
485 ms, whereas it was 669 ms for older speakers. Averaged 
across all conditions, older speakers in general produced about 
133 ms longer sentences.  
 
The model shows an effect of AGE (p=<0.001) and SENTENCE 
(p=<0.001) on SENTENCE_DUR. Sentence duration is longer for 
the older group than the younger group across all four 
conditions (short-simple, p=<0.001; short-complex, p=<0.001; 
long-simple, p=<0.001; long-complex, p=<0.001). We found 
an increase of duration depending on length and complexity, 
except between condition short-complex and long-simple for 
younger group. 
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Figure 2: SENTENCE DURATION in seconds – across sentence 

structure (short-simple, short-complex, long-simple, long-
complex) and age groups (younger vs. older).  

 
Beside the remarkable increase in sentence duration for older 
speakers, we also observed a higher variability for the older 
speakers (SD ± 136 ms). 

 
Figure 3: PAUSE DURATION in seconds – across sentence 

structure (short-simple, short-complex, long-simple, long-
complex) and age groups (younger vs. oldder). 

 
Figure 3 displays the results for the variable (3) PAUSE 
DURATION. Both age groups showed an increase in the duration 
of the pauses depending on the length and complexity of the 
sentence (e.g., pauses at first comma: younger: short-
complex=171 ms vs. long-complex=228 ms; older: short-
complex=308 ms vs. long-complex=420 ms). Furthermore, all 
pause durations were much longer for older than for younger 
speakers (on average 120ms longer).  
 
Pause duration was not affected by age in simple sentence 
condition, whereas pauses were significantly longer for older 
speakers in the complex sentences (long-complex: p=<0.05; 
short-complex sentences: p=<0.05). Thus, the biggest age 
effect is visible long-complex sentences. 
 
(4) For the variable RATE, presented in Figure 4, we observed 
that speakers with the slowest articulation rate were those who 
also produced the longest pauses, i.e., the older group.  
 

 
Figure 4: RATE (number of phonemes/sentence duration, excl. 

pauses) across sentence complexity (short-simple, short-
complex, long-simple, long-complex) and age groups (younger 

vs. older). 
 
We found a difference of 3.30 phonemes/seconds between the 
two groups, thus, showing that older speakers produced less 
phonemes per second. The average across all conditions is 
13.74 phon./sec. (±0.30) for the younger group and 10.44 
phon./sec. (± 0.18) for the older group. This aging effect was 
visible in all conditions. The model shows an effect of AGE 
(p=<0.001) on RATE for each condition. Nevertheless, there 
was no significant effect of sentence structure (length-
complexity) on articulation rate for both groups.  

4. Discussion and conclusion 
This study applied different durational acoustic parameters to 
shed light on the effect of age on the structuring of sentences, 
differing in length and complexity. We found more pauses in 
the production of older speakers in the simple as well as in the 
complex condition. Furthermore, we were able to show that - 
in both younger and older speakers - phrasal breaks were 
produced at expected syntactic boundaries. Moreover, 
sentence length as well complexity did affect durational 
patterns, e.g., with longest sentence durations in long-complex 
sentences (which could be due to an increase in cognitive 
demands, cf. Swets et al. 2013). Age entailed an additional 
increase in duration, not only in sentence duration, but also in 
pause duration. Our results further point towards an age-
related increase in duration variability, which has been 
reported before (Smith et al. 1987; Tremblay et al. 2018). 
 
The observed lower articulation rate for older speakers is in 
line with the most robust (and reported) age-related effect 
(e.g., Ramig & Ringel 1983). However, we did not observe an 
overall effect of sentence structure on articulation rate for 
older speakers compared to younger speakers. The slowing 
down of articulation rate in older speakers could inter alia be 
explained by a slowing-down mechanism to make sure 
reaching the targets properly (Hermes et al. 2018, Mücke et al. 
2020). A study by Hardy et al. (2018) provided evidence that 
healthy aging can affects some aspects of online planning. 
However, the increased sensitivity to phrasal boundaries in 
older speakers might show that they are more sensitive to the 
reading task.  
 
For the next steps, we aim to analyze potential breathing 
noises in the pauses (cf. Trouvain et al. 2020) as well as 
provide a detailed segmental analysis. 
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Table 2: Speech material for different conditions. 

Sentences Structure 
Mélanie Dupont a réservé ses vacances.  
(Mélanie Dupont booked her holidays.) 

short-
simple 

Mélissa Lambert a terminé son dossier.  
(Mélissa Lambert finished her file.) 
Mélodie Moreau a préparé son repas. 
(Mélodie Moreau prepared her meal.) 
Mélanie Dupont, qui adore le soleil, a réservé ses 
vacances.  
(Mélanie Dupont, who loves the sun, booked her 
holidays.) 

short-
complex 

Mélissa Lambert, qui travaille cet été, a terminé 
son dossier. 
(Mélissa Lambert, who is working this summer, has 
finished her file.) 
Mélodie Moreau, qui habite à Montreuil, a 
préparé son repas. 
(Mélodie Moreau, who lives in Montreuil, prepared her 
meal.) 
Mélanie Dupont a réservé lors d’un froid jour 
d’hiver ses vacances en Andalousie. 
(Mélanie Dupont booked her holidays in Andalusia on a 
cold winter's day.) 

long-
simple 

Mélissa Lambert a terminé la semaine dernière 
son dossier pour l'Université. 
(Mélissa Lambert finished her file for the University last 
week.) 
Mélodie Moreau a préparé durant l'après-midi son 
repas avec du saumon. 
(Mélodie Moreau prepared in the afternoon her meal 
with salmon.) 
Mélanie Dupont a dit à sa mère, qui l’a appelée 
dans la matinée, qu'elle attend avec impatience 
ses vacances. 
(Melanie Dupont told her mother, who called her in the 
morning, she's looking forward to her vacation.) 

long-
complex 

Mélissa Lambert a dit à son ami, qui l’a appelé 
dans la soirée, qu’elle est fière d’avoir terminé 
son dossier. 
(Mélissa Lambert told her friend, who called her in the 
evening, that she is proud to have finished her file.) 
Mélodie Moreau a dit à son père, qui l’appelé sur 
son portable, qu’elle est en train de préparer son 
repas. 
(Mélodie Moreau told her father, who called her on her 
mobile phone, that she is preparing her meal.) 
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Abstract 
Speech production studies usually involve the processing and 
analyses of a large amount of data, such as, those provided by 
real-time magnetic resonance. Those tasks are complex and 
require a lot of work from different disciplines, including 
image processing and analysis, data science and speech 
science. This creates challenges on how these different 
disciplines can be articulated to best explore the envisaged 
research questions. Additionally, the processing and analysis 
stages can work as a barrier for those that could contribute to 
the analysis and discussion of the available speech data, 
advancing our knowledge in speech production, but lack the 
technical skills. Thus, the need arises to design and develop a 
framework that allows an easy way to process and analyze the 
large data set created from speech data acquisition and fosters 
the collaboration among the different fields of required 
expertise. In this paper we present a first overview of the 
ongoing work regarding a collaborative framework intended to 
articulate the different stages of speech production studies, 
from data processing to articulatory data analysis tools, 
allowing multiple users to process and analyze speech data. 
 
Keywords: Collaborative processing framework, speech 
processing, speech analysis 

1. Introduction 
The study of the dynamic aspects of speech production can 
profit from real-time magnetic resonance (RT-MRI) to, for 
example, improve knowledge on which articulators and 
gestures are involved in producing specific sounds and foster 
improved speech production models. For a speech researcher 
non-specialist in image processing use RT-MRI data to test 
her/his hypothesis is not a simple task. This difficulty, adding 
to the costs, complex setups and the higher demands to 
subjects, prevents processing of data from a large number of 
subjects.  The processing of RT-MRI acquisitions of many 
subjects at increasing frame rates (above 50Hz) is only 
possible by an automatization and use of data-driven 
approaches, to avoid the time-consuming annotation, errors, 
and inconsistencies associated with manual processes. 
The community has contributed in recent years with data-
driven approaches to extract and analyze features of interest 
such as contours and relevant landmarks (e.g. (Lammert, 
Proctor, & Narayanan, 2010; Silva & Teixeira, 2015) but the 
use of such methods needs to be simplified. Speech production 
researchers need tools to allow complex, state-of-the-art 
processing and analyzes, as they have for acoustical analyses. 
Furthermore, the proposal of systematic processing and 
analysis pipelines that can be adopted by the community may 
also contribute to advance the research towards the 
comparability of results and replicability. 

2. Collaborative RT-MRI Processing 
Framework 
We consider that processing of RT-MRI, and possibly other 
types of data to study certain speech aspects, can be made 
accessible to non-specialists by providing tools that: (1) enable 
them to organize, annotate and process data from MRI (and 
other methods); (2) provide off-the-shelf processing 
components to easily create complex processing pipelines; (3) 
make possible collaboration and distribution of tasks among 
different researchers; (4) have ubiquitous access (anywhere, 
any computing platform).    

2.1. Overall Architecture 

The Architecture of the Tool/Framework implementing our 
proposal is presented in Figure 1. The Backend modules 
manages the interactions with users and serves as a gateway 
store uploaded data, to view information and to invoke the 
processing pipeline. The processing pipeline executes 
intensive operations in the users’ data. Then, the next module 
analyses the result and saves the results in the database. The 
framework is cloud based, this way, allows users to access it at 
any time/anywhere remotely. 
 

 
Figure 1: General Architecture of the Framework for 
Collaborative Quantitative Processing of RT-MRI. 

2.2. Processing Pipeline 

The processing pipeline is responsible to process a set of raw 
data acquired from different sources, such as data from RT-
MRI and extract data containing information relevant for the 
speech production studies, such as vocal tract contours. 
Having a platform to (semi-automatically) review the 
segmented data is important, to ensure data quality, but this 
produces a large amount of work that may profit from 
collaborative tools to help the revision of the processed data. 

2.3. Data Analyses 

This module enables the analyses from articulatory raw data to 
articulatory information that respond to research questions. 
It is important to allow researchers to support three core 
features: 1) different interactive analysis tools that enable 
exploring, filtering and analyzing different parts of the data; 2) 
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allow the previous aspects enabling tracing back from the 
results to the originating data, to detect errors or enable a 
deeper insight over the analysis outcomes and how it relates, 
e.g., with the anatomy;  and 3) analyze data externally to the 
platform through existing tools and/or try new methods (e.g., 
prototyping in Matlab). The platform must enable other tools 
to query segmented data from the database. 

3. Illustration of Current Features  
This tool currently allows an authenticated user to create a 
new project and upload each data acquisition of that project.  

3.1. Processing pipeline  

The processing pipeline constitutes the main processing 
component of the architecture. Enables the creation of model 
to automatically segment the complete set: (1) the system 
shows a pre-select set of images; (2) the user selects and runs 
the segmentation for each of that images; (3) marks each point 
(the landmark and auxiliary points) to define the contour (see 
Figure 2); in the end (4) the location can be adjusted and add 
or remove points; (5) finally it is selected if it is oral or nasal 
sound.  
After this the segmentation of this small set of images, the user 
selects the option to create the segmentation model and to 
process the complete set of images. The vocal tract outlines 
are extracted adopting the method proposed by Silva et al. 
(Silva & Teixeira, 2016) resulting in contours identifying the 
different regions of interest. These tasks are put in a 
background process queue since these are time and resource 
consuming tasks. It is possible to view the state of the queue 
and progress for each task. 
 

 
Figure 2: Interface for the creation of initial 

segmentations. On the left the list of requested images, 
and on the right the image for segmentation. 

The general need for revision would be explained at “pipeline 
level”, but on a more positive note stating that being able to 
revise the data enables researchers to have an increased trust in 
the results and can help better understand it. Furthermore, in 
the analysis part, it is essential that the results can be traced 
back to the data that originated them, in an easy way. These 
can be sold as general principles orienting the framework 
conceptualization. As presented in Figure 3, the user can filter 
the list and preview the stored segmentation. From here the 
user can adjust each landmark, also allows the selection of 
multiple landmarks, and move them at once. In rare cases, 
automatic segmentation is bad and correct all landmark is very 
hard, in this case it is provided an option to find a contour 
from a different segmentation of the same target at the same 

position. In the end, the user confirms the segmentation is 
good by pressing the button or press the shortcut key in the 
keyboard. 
 

 
Figure 3: Interface to review automatic segmentations. 
On the left, the list of vocal tract, and on the right the 
image and the current contour for interactive revision. 

In Figure 4 presents the interface of the requests of that users, 
from here he/she can assign to other users to revise small 
batches of segmented images. 

 

 
Figure 4: Pool of revision requests, users can identify 
revision requests and assign the task to other users. 

Each user has an area where they see all the request that some 
has done to him. To revise the user use a similar interface to 
the one explained before, but informing who requested and 
what targets need revision, as presented in Figure 5. 

 

 
Figure 5: Interface showing a request information 

3.2. Analyses 

At any time after processing the complete set of images, it is 
possible to preview immediately a simple analysis of the 
processed data. By selecting the target sound/context and 
vocal tract data to consider (e.g., landmarks or distances), the 
framework generates a visualization of the data, as presented 
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in Figure 6. The researcher can select the landmarks obtained 
in the segmentation process or select a more complex measure 
such as the distance between the lips or the velum and the 
pharyngeal wall.  In this interface the user can view what kind 
of data was used to generate the analysis, the number of 
revised segmentation and not revised segmentation that were 
used. Here it is also possible to download the image of the 
visualization and an excel file with the data used to create this 
visualization. 
 

 
Figure 6: Interface of the visualization of data for a 
selected target and landmark, it shows the inter-lip 

distance for the vowels /e/, /E/ and /e~/ proceeded by 
the consonant /p/. The visualization considers 597 

contours from the vocal tract data.  

In the visualization interface users can set those targets to a 
pool of requests, this pool allows the distribution of the task of 
revision to multiple users. 
Another way to visualize data is to see all the curves from the 
requested filter. It makes it possible to spot some errors in the 
automatic segmentation. This visualization allows the user to 
preview all movements of the landmark over the time and 
provides direct access to the image and segmentation at any 
sample at any moment of time. When the user clicks the 
mouse on top of one curve the system shows all images of that 
curve and calculates the instance of time to select the right 
image so he/she can revise them. The list of images outlined in 

red if they were not revise and grey if they are revised, in the 
is the selected one, this is presented in Figure 7. 
 

 
Figure 7: Visualization of all curves for a target and 
landmark, with direct access to revision. On the left 
the curves for the different occurrences (in the top, 
inter-lips distance and in the bottom the distance 

between two user-defined landmarks). By clicking in 
one of the curves the user can preview the associated 

images on the right.  

3.3. Access to data from external tools 

The framework provides an API, which enables speech 
researchers to access directly to the available data by making 
queries to obtain the data to a specific sound from a specific 
speaker. The obtained data, at this point, can include the vocal 
tract contours or some processed data. Later, the researcher 
can analyze this data in other software’s, such as MATLAB. 
As an example of the use of the API is the work of our team 
regarding critical articulators (Silva et al., 2020) where all the 
considered data was obtained from the framework, using the 
mentioned API, to test the methods prototyped in Matlab. 

4. Conclusion 
The need for a new generation of tools to process increasing 
amounts of RT-MRI data by speech production researchers in 

Figure 8: Complete Framework Pipeline 
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general is defended. In this paper we propose a framework, 
which allows speech production researchers to manage data 
acquire by different method. For now, but with mechanisms to 
easily add methods, process data from RT-MRI. The 
framework covers aspects from upload data to our servers, to 
semi-automatic segmentation, to analyses, to provide interface 
for other tools to request processed data to the server. Figure 8 
presents the complete framework pipeline from upload data to 
analysis. At this stage the framework is being used with data 
from a larger set of speakers of authors’ recent study on the 
role of oral configurations in European Portuguese nasal 
vowels (Cunha et al., 2019). 
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Abstract 
This study focuses on the ‘apical vowel’ as attested in Jixi-Hui 
Chinese. The objective is to determine its acoustic and 
articulatory characteristics when it occurs in the context of 
labial onsets. Phonologically, this segment is a distinct 
phoneme that opposes to /i/ from which it is diachronically 
derived. It is exclusively attested in the syllable nucleus 
position where it constitutes a tone-bearing unit. On the 
articulatory level, the ultrasound data show that when 
preceded by the bilabial consonants [p  ph  m], the ‘apical 
vowel’ displays an articulatory configuration which is virtually 
identical to that of the alveolar fricative [s]. The tongue 
configuration of [z] is realized in an anticipatory way during 
the bilabials. One consequence of this overlap is that the 
release phase of [ph] exhibits similar acoustic characteristics as 
the friction noise of the fricative [s], as evidenced by the 
resemblance of their centre of gravity. These results provide 
additional evidence that the apical vowel in Jixi-Hui Chinese 
is better defined, at least phonetically, as a voiced alveolar 
fricative.  

Keywords: apical vowel, Jixi-Hui Chinese, ultrasound, centre 
of gravity 

1. Introduction 
Chinese languages are known to have a specific set of 
segments, termed ‘apical vowels’ (Lee & Zee 2003, Duanmu 
2007, Lee-Kim 2014). These segments, according to 
Ladefoged and Maddieson (1996: 314), are ‘made with the 
tongue in essentially the same position as in the corresponding 
fricatives’ and refer to these segments as ‘fricative vowels’. 
Trubetzkoy (1969: 171) describes them as ‘a type of vowel 
with a much lesser degree of aperture and with a much more 
fronted position of articulation than, for example, i, so that a 
frictionlike noise resembling a humming is audible in its 
production’.  

‘Apical vowels’ do not display the same phonetic 
characteristics nor the same phonological behaviour across 
Chinese languages (Shao 2020). Standard Chinese (SC), where 
these segments have been mostly studied, has two apical 
vowels, both analyzed as allophonic variants of /i/: [ɿ] occurs 
after dental sibilants, and [ʅ] occurs after retroflex sibilants 
(R. Cheng, 1966; C. Cheng, 1973). The two variants are 
always homorganic to the preceding coronal fricatives or 
affricates [s  ts  tsh  ʂ  tʂ  tʂh], while [i] occurs following palatal 
sibilant onsets [tç  tçh  ç] and other consonants. Based on the 
homorganicity between the ‘apical vowels’ and the preceding 
sibilant consonants, these segments, occupying the nucleus 
position of a syllable, are interpreted as the voiced 
prolongation of the sibilant onsets (Dell 1994), derived 
through a feature spreading process (Duanmu 2007).  

 

Following this analysis, the ‘apical vowels’ are not the 
manifestations of an underlying phoneme but are triggered by 
an empty nucleus. The feature [+fricative] spreads from the 
sibilant onsets into the nucleus, resulting in a fricative nucleus 
homorganic to the onsets.  

In this study, we are concerned with the ‘apical vowel’ in Jixi-
Hui Chinese (JHC) 绩溪话, a Chinese language of Hui 徽 
group spoken in southern Anhui 安徽 province. Its ‘apical 
vowel’, noted /z/ or [z] here (traditionally as [ɿ]), has two 
structural properties that make it different from the SC variant: 
(i) Unlike in SC, the JHC apical vowel is a distinct phoneme 
which contrasts with /i/ and the other vowels (e.g., [si31] 修 
‘repair’ vs. [sz31] 丝 ‘silk’, [tsi31] 周 ‘a family name’ vs. [tsz31] 
鸡 ‘chicken’), (ii) It appears not only following the coronal 
sibilants [s  ts  tsh] but also following labial stops and nasals 
(e.g., [pz214] 比 ‘compare’, [phz214] 被  ‘quilt’, [mz214] 米 
‘rice’, [nz214] 里 ‘in’).  

Our previous acoustic study (Shao & Ridouane 2018) showed 
that [z] in JHC is produced predominantly with frication noise 
superposed on voicing. The frication noise never continues 
throughout the entire duration of [z], and stops earlier or later 
in the second half of the segment. When frication noise 
diminishes, the formant structure becomes clearer, resulting in 
an approximant-like configuration. This dynamic evolution of 
[z] during its time course makes it often realized as a hybrid 
segment with the first part fricative-like and the second part 
more approximant-like.  

In Shao and Ridouane (2019), we presented a study on the 
articulatory configuration of [z] based on ultrasound data. 
Results showed that the tongue configuration of [z] resembles 
that of an alveolar sibilant [s] on both mid-sagittal and coronal 
planes. On the mid-sagittal plane, when speakers adopt 
different strategies for [s], they also adopt the same strategies 
for [z]; so that the two segments always display similar tongue 
configurations. Similarly, on the coronal plane, [z] displays a 
medial-grooved tongue shape, similar to the fricative [s]. This 
medal-grooving indicates a narrowed air passage which is 
typical of an alveolar fricative consonant.  

In the present study, we provide further phonetic analyses of 
[z] in JHC, and focus on its acoustic and articulatory 
characteristics when it occurs in the context of labial onsets. 
The idea is that the characteristics of [z] will be negligibly 
influenced by the onset consonants in the context of labials, 
assumed to be minimally coarticulatory. We specifically 
examine the nature of the gestural overlap between [z] and the 
labial onsets [p  ph  m] and evaluate its acoustic consequences. 
The aim is to show that [z] in JHC is fully specified for its 
phonetic features and can’t be analyzed as a continuation of 
the preceding consonant. 
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2. Methods 
We collected acoustic data from 10 JHC speakers (5 females 
and 5 males) and ultrasound tongue imaging data from 7 
speakers (3 females and 4 males). A word list was constructed 
with the following 5 segments /i  a  u  ʉ  z/ occupying the 
nucleus of monosyllabic real words starting with 
/p_  pʰ_  m_  n_  ts_  tsʰ_  s_/ with different tones. Each word 
was pronounced within a carrier phrase ([ki˦ ɕɔ˧˩˧ _ ɕɔ˧˩˧ sɔ˧ 
fa˧] ‘He writes _ three times’), with 5 repetitions for acoustic 
recording and 6 repetitions for ultrasound recording (3 
repetitions for the mid-sagittal plane and 3 for the coronal 
plane). Mid-sagittal and coronal data were all obtained using 
an Ultrasound Stabilisation Headset (Articulate Instruments 
Ltd. 2008) and the Articulate Assistant Advanced software 
(AAA, V217.03) (Articulate Instruments Ltd. 2012). The 
coronal data were obtained by turning the probe by 90º when 
the mid-sagittal recording is completed. The ultrasound 
recording of one male speaker is excluded due to technical 
reasons.  

The ultrasound study focuses on the gestural coordination 
between the labial onsets and [z], on both mid-sagittal and 
coronal planes. The tongues shapes of different time-points 
were extracted in x/y coordinates and generalized into SS 
ANOVA splines (Davidson 2006). By doing so, a dynamic 
tongue shape evolution can be observed during the 
[pz  phz  mz] syllables. The advantage of SS ANOVA is that it 
can show if two splines are significantly different and where 
the significant differences lie. If the interaction term of the SS 
ANOVA model is statistically significant, then the groups 
have different shapes. Since the interaction may be significant 
even if only a small section of the curves is different (e.g., the 
tongue root is the same, but the tip of one group is raised), 
Bayesian confidence intervals are used to determine which 

sections of the curves are statistically different (Davidson, 
2006). 

The acoustic experiment provides a comparison of the spectral 
centre of gravity (COG) of the aspiration phase of [pʰ] and that 
of the frication noise of [s] in the context of [z] (i.e., [pʰz] vs. 
[sz]). The COG, which reflects on average how high the 
frequencies are in a spectrum (Stevens 1998), was obtained 
with Praat by averaging the COG of the entire duration and 
over the entire frequency domain of the targets (Boersma & 
Weenink 2018).  

3. Results 
3.1. Tongue configuration of [z] in the context of labials 

Figure 1 presents the mid-sagittal tongue configuration of [z] 
when preceded by the aspirated labial stop [pʰ] for the six 
speakers (note that the first four speakers and the last two 
speakers have different tongue configurations; see Shao & 
Ridouane (2019) for more details). The tongue shapes were 
taken from three different points: the mid-point image of the 
closure phase of [pʰ], the mid-point image of the aspiration 
phase of [pʰ] and the mid-point image of nucleus [z]. As the 
figure clearly shows, the fricative alveolar gesture for [z] is 
achieved as early as during the closure phase of [pʰ]. The 
tongue keeps this gestural configuration during the entire 
syllable [pʰz]. This is shown by the fact that confidence 
intervals overlap for all speakers (though in a lesser degree for 
MS3 where the tongue dorsum seems to be higher during the 
closure of [pʰ]). The same dynamic tongue shape evolution is 
also observed for the forms [pz] and [mz], suggesting that 
when the apical vowel [z] is preceded by a labial consonant, 
the fricative alveolar gesture largely overlaps with the labial 
gesture. 

Figure 1: SS ANOVA splines (mm) of mid-sagittal ultrasound tongue contours, extracted in x/y values (mm) (tongue front on 
the right and tongue root on the left). Blue lines represent the nearest mid-point images of the closure of [pʰ], red lines 

represent the nearest mid-point images of the release phase of [pʰ], and yellow lines represent the nearest mid-point images 
of [z]. The splines are presented with 95% Bayesian confidence intervals. The thick grey lines represent the palatal traces. 

The coronal tongue shape evolution for the syllable [pʰz] is 
shown in Figure 2. The tongue shapes were also taken from 
three different points: nearest mid-point image of the closure 
phase of [pʰ], the aspiration phase of [pʰ] and the nucleus [z], 
generated in smoothing-splines. The medial grooving of [z] is 
achieved during the closure phase of the aspirated labial 
plosive (note that FS1 does not show medial grooving neither 
for [z] nor for [s]). This medial-grooved tongue shape is 
maintained during the release phase of [pʰ] and continues into 
the nucleus [z]. The same pattern is also observed for the 
forms [pz] and [mz].  

The tongue configuration for [z] indicates that this segment 
has articulatory characteristics of a fricative consonant (i.e., 
the [s]-like tongue configuration and the presence of medial 
grooving). The labial consonants, with no lingual gesture, have 
minimal influence on this articulatory configuration, 
suggesting that this alveolar gesture is an inherent property of 
[z], and can’t be considered a continuation of the preceding 
consonant. 
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Figure 2: SS ANOVA splines of coronal ultrasound 
tongue contours extracted in x/y values (mm). Same 

legend as Figure 1.  

3.2. Centre of gravity: comparing the aspiration in 
[ph] to frication in [s]  

The articulatory study shows that the alveolar fricative gesture 
for [z] is achieved as early as during the closure phase of the 
preceding labial consonants. One consequence of this gestural 
overlap is a modification of the acoustic characteristics of the 
aspiration phase of the labial stop [ph]. The release phase of 
[pʰ] in [pʰz] displays different acoustic characteristics 
compared to the aspiration phase of the same segment when 
preceding genuine vowels. This is illustrated in Figure 3, 
where the release phases of [ph] are compared in [phu] and 
[phz]. Unlike in [phu], the release of [pʰ] in [pʰz] presents 
energy concentration at higher frequencies, much similar to a 
fricative [s], suggesting that the frication noise generated by 
the alveolar constriction for [z] dominates the glottal sourced 
aspiration noise of [pʰ].  

Figure 3: Acoustic waveforms and spectrograms of 
one realization of [phu] (left) and one realization of 

[phz] by MS2. 

COG measurement was used to quantify the acoustic 
similarity between the aspiration phase of [pʰ] and the frication 
noise of [s] in the same nucleic contexts. The results are 
presented in Figure 4. They show that when followed by 
[ʉ  u  a], the COG of [s] and the COG of the release phase of 
[pʰ] are different. However, when followed by [z], the release 
of [pʰ] displays the same COG as the frication noise of [s]. 
Welch’s t-tests conducted on each vocalic context confirm this 
similarity from a statistical point of view (see Table 1). 

Figure 4: COG of the release phase of [pʰ] and the 
frication noise of [s] in the contexts of [i  ʉ  u  a  z]. 

Data obtained from all speakers ([i] vowel cannot be 
preceded by [pʰ]). 

Table 1: Mean COG values (Hz) of [s] and the release 
phase of [pʰ]. Welch’s t-test results conducted on the 

two groups of COG values. 

Nuclei ʉ u a z 

Mean COG of the release 
phase of onset [ph] 

176 711 384 6735 

Mean COG of onset [s] 3670 4003 4728 6682 

Welch’s t-test 

t(50.26)=
−

12.12, 
p<

.0001 

t(123.09)=
−

11.84, 
p<

.0001 

t(50.33)=
−

11.75, 
p<

.0001 

t(164.54)=
0.19, 

p=
.85 

4. Discussion and conclusion 
This study presented an acoustic and articulatory investigation 
of the JHC apical [z], focusing on the labial context. The [z] 
has phonetic characteristics of an alveolar fricative. The 
articulatory gesture of this segment is virtually identical to that 
of an alveolar [s]. This similarity was observed on both mid-
sagittal and coronal planes. The medial-grooved tongue shape 
of [z] is particularly important, as it is a fundamental indicator 
of a narrowed air channel typical of a fricative gesture. The 
fact that this fricative-like tongue shape was observed in the 
context of labial onsets is important since it shows that this 
tongue configuration is not a mere consequence of gestural 
overlap between homorganic sibilants and apical vowels (as 
argued for in other Chinese languages such as SC). 

When preceded by labial onsets, the gesture for [z] is achieved 
anticipatorily during the labial closure and is maintained 
during the nucleus [z]. A consequence of this anticipatory 
gesture is that the release phase of [pʰ] is realized with similar 
acoustic characteristics as the frication noise of [s], as shown 
by the COG measurement. 

While the phonetic characteristics of [z] provide evidence that 
this segment is a fricative, the way it phonologically patterns 
may suggest that it is best defined as a vowel. Indeed, similar 
to vowels, [z] functions as a carrier of prosodic information 
(i.e., it occupies the nucleus position of a syllable and can be a 
tone-bearing unit (TBU)). This point of view is phonologically 
convenient since it complies with the habitual syllable 
structure of Chinese languages, in which the nucleus of a 
syllable should almost always contain a vowel. 
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4.1. Apical vowel: finding its place in the vowel-
consonant continuum  

There exists no clear-cut boundary between the vowel 
category and the consonant category, similar to any 
categorization based on complex physical phenomena. 
Between the ‘most vocalic sounds’, such as [a  e], to the ‘most 
consonantal sounds’, such as [p  k], there is a ‘grey area’ 
where sonorants [l  r], approximants [j  w] and even voiced 
fricatives [z  ʐ ] can be found. Thus, the speech sounds, when 
considered as physical entities, form a continuum on both 
acoustic and articulatory plane, with the ‘most vocalic sounds’ 
on one side and the ‘most consonantal sounds’ on the other 
side (see Saussure 1916; Pike 1947; Greenberg 1962; among 
others). A phonetic vowel may have the phonological function 
of a consonant and a phonetic consonant may have the 
phonological function of a vowel. The semi-vowel/semi-
consonant/glide is in the former case, and the apical vowel in 
JHC is in the latter case. The phonetic categories and the 
phonological categories thus have different specificities: the 
vowel-consonant ensemble in phonetics may form a 
continuum, while in phonology, the functions of speech 
sounds are categorical.  

The presence of apical vowels in Chinese languages has 
always been related to a historical vowel /i/ in some stage of 
the evolution (Zhu 2004; Zhao 2007). The voiced fricative 
realization in JHC could be one step within this evolution, 
while in other Chinese languages an approximant-like sound 
may be observed. To account for the apparent mismatch 
between the phonetic manifestation of the apical vowel and its 
phonological function, we argue that /z/ should be analyzed as 
a syllabic fricative, and thus call for an extension of the 
nucleic inventory of JHC. 

This analysis is certainly unusual and calls into question the 
nature of syllable nuclei in Chinese languages (in SC for 
example only vowels can arguably be syllable nuclei). The 
situation in JHC is different, however. In addition to /z/ three 
other consonants can be syllable nuclei and thus tone-bearing 
units: /m  n  v/. Although these consonantal TBUs are not 
equally productive in the lexis, it is still a fact that they 
function as syllable nuclei (e.g., [m214] 母 ‘female animal’; 
[n214] 你 ‘you’; [fv214] 虎 ‘tiger’). This analysis thus implies 
that the segments in JHC that can serve as TBUs are not only 
phonetic vowels, but also nasal consonants and voiced 
fricatives. All these segments pattern as a natural class which 
can be defined using the features [+ continuant, + voiced]. 

The nucleic inventory proposed here of JHC is not 
typologically uncommon. Various other languages in the 
world allow segments other than vowels to be syllable nuclei 
(e.g., /l/ in English, [bɒ.tl] ‘bottle’; /r/ in Czech, [br.no] 
‘Brno’; /n/ in German, [ha.bn] ‘to have’). The JHC nucleic 
inventory is only one step further (than English, for example) 
into more consonantal sounds. The case of Tashlhiyt (Dell & 
Elmedlaoui 1988; Ridouane 2008) is yet another example 
where a nucleic inventory even extends into all the 
consonantal sounds. As shown by Greenberg (1962), the 
existence of friction continuant nuclei (i.e., /z  v/) implies the 
existence of frictionless continuant nuclei (i.e., /m  n/), and the 
existence of frictionless continuant nuclei implies the 
existence of vowel nuclei. This is the case for, a priori, all 
languages. JHC, with its syllabic consonants /m n v z/, makes 
no exception to this typological generalization.  
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Abstract 
The study investigated whether people who stutter (PWS) 
differed in rhythmic tapping behavior compared to people who 
do not stutter (PNS). 16 PWS and 16 PNS, matched in age and 
gender, were instructed to synchronize with a metronome beat, 
to continue this pattern once the beat stopped, or to fill in the 
time between two metronome beats with several taps. Tapping 
measures on variability, mean inter response intervals, and the 
number of missed taps were retrieved. The results showed that, 
compared to PNS, PWS differed in tapping behavior. Tapping 
variability was higher in PWS than PNS on all the tasks. In 
addition, PWS missed more taps then PNS, especially in the 
condition in which they had to fill in the time with extra taps. 
Finally, musical experience affected tapping variability: the 
most experienced participants showed the lowest degree of 
variability. These findings lay the groundwork for our larger 
study that includes more complex tapping patterns and speech 
production data. 

Keywords: Rhythm, stuttering, internal clock, finger tapping 

1. Introduction 
The study explores whether people who stutter (PWS) differ in 
rhythmic tapping behavior compared to people who do not 
stutter (PNS). Stuttering is a neuro-motor disorder, presenting 
itself as disfluent speech production (Bloomstein, & Bernstein, 
2008). Evidence suggests that stuttering is not limited to speech 
movements, but that upperlimb and non-speech orofacial 
movements are also affected (Daliri et al., 2014; De Felicio et 
al., 2007; Max et al., 2003). One of the theories proposed is that 
deficiencies in temporal processing, originating at the neural 
level, play a role in the difficulty to execute movements (Chang, 
et al., 2016). It has been proposed that stuttering involves a 
deficiency in the basal Ganglia (Alm, 2004), which play a role 
in generating timing cues to initiate movements. When 
synchronizing with an auditory stimulus, PWS show, for 
example, larger asynchrony with the beat than PNS and perform 
less accurate and consistently (Hulstijn, et al., 1992; Falk, et al., 
2015). At the same time, speech is more fluent with external 
sensory triggering, suggesting that the external trigger 
compensates for the internal deficiency (Alm, 2004). 
Most studies to date explore the differences in temporal 
processing between PWS and PNS with simple rhythmic tasks, 
such as the ability to synchronize with an external predictable 
beat. Speech, however, is characterized by a quasi-rhythmic 
structure that likely requires more skill to estimate the 
underlying temporal structure of the consecutive events (see 
e.g., Tilsen, 2011). This temporal structure is resulting from an 
intricate interplay between duration, pitch, and energy variation 
in prosodic patterns. To the authors’ knowledge, it has not been 
explored whether PWS have a deficit in estimating temporal 
dimensions between beats, for example when they are asked to 
fill up the time between two predictable auditory metronome 
beats with self-generated taps. The current study explores 
whether, compared to PNS, PWS differ in their ability to fill an 
empty time interval with a sequence of regular beats. In the 

current study, the working hypothesis is that the speaker 
employs an internal clock, which specifies how these upcoming 
syllables must be timed (see Grahn, 2012 for a review on 
models). Taking the concept of an internal clock as a 
framework, it is expected that, compared to PNS, PWS face 
more difficulties filling up the time gaps with self-generated 
taps. In addition, to evaluate our participants in the light of 
paradigms used in earlier publications, the study examines 
whether PWS differ in their ability to continue tapping a 
periodic rhythm without an external metronome when the 
external driving metronome stops and whether they differ in 
their tapping behavior when synchronizing with a metronome 
beat.  Based on findings in earlier studies (Hulstijn et al., 1992; 
Sares, et al., 2019; Falk et al., 2015), it was expected that PWS 
can synchronize and sustain a periodic beat but show more 
variability than PNS. 

2. Methods 
2.1. Participants 

16 French PWS (13 M, mean age =39; SD = 14) and 16 French 
PNS (13 M, mean age = 39, SD = 15) were recruited. PWS were 
identified as persons with developmental stuttering by a speech 
language pathologist. The severity of stuttering was self-
assessed and indicated on a scale from 1 to 3, with 3 being the 
most severe. 4 PWS labeled themselves as “1”, 6 PWS as “2”, 
and 6 PWS as “3”. The participants were matched in age and 
gender. 

2.2. Task 

Speakers synchronized tapping with their dominant index 
finger (left or right) with an auditory beat played binaurally 
through earplugs. Their arm and wrist were resting on a table; 
only the finger moved during tapping. The finger taps were 
measured, using a gauge strain sensor (EPL-D11-25P from 
Meas France), and the signal was recorded using a Biopac 
acquisition system, at a rate of 20 kHz, over 16 bits. 

Three different rhythmic tasks were distinguished, all based on 
an eight-beat cycle at a pace of 120 beats per minute (BPM) 
(see figure 1).  

 
Figure 1. T1: synchronization task (500ms intervals: 120 

BPM); T2: 4 taps on one metronome beat (2000ms intervals; 
30 BPM); T3: continuation task (The taps must be spaced with 

the predetermined 500ms interval; 120 BPM). 
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For each rhythmic task, the participant listened to at least 2 
cycles of the rhythmic pattern before starting to tap, and then 
produced at least 3 tapping cycles of that pattern until the 
participant was instructed to stop. For T1 and T3 this meant that 
the participant heard two 8 beat cycles and continued this 
pattern with or without the external auditory beats, respectively. 
During T2, the preceding cycles were identical to T1; during 
the experimental phase only the first and fifth beat were played. 
Such trains of tapping cycles were recorded 2 times for T1, T2 
and T3 so that at least 6 cycles (of 8 taps) of each rhythmic 
pattern were considered for analysis. 

2.3. Analysis 

Tapping events were annotated semi-automatically with 
MATLAB scripts (figure 2) and checked post-hoc for 
inconsistencies in PRAAT, which were then manually 
corrected. The onset of a tap was taken as the moment the finger 
hit the sensor. 

 

 

Figure 2. Example of a tapping signal, recorded with a gauge 
strain sensor, during task 1. The upper part shows the 

metronome beat signal, the lower part the realized tap. The 
onsets of the tapping events are marked with a black dot in the 
enlarged part of the figure and are indicated with the arrows. 

The first step determined whether participants were able to 
produce taps with a sufficiently regular pattern and to estimate 
its actual period (mean Inter Response Interval (mIRI)), 
knowing that, at a rate of 120 BPM, the theoretical period (Tt) 
should be around 500ms. No participant demonstrated any 
erratic tapping patterns, although some participants inserted an 
extra tap, or skipped a tap. To estimate mIRI of each 8-taps 
cycles (i.e., train), we considered the time difference between a 
tap and the following one within a train and removed values 
which were larger than 1.5*Tt (appr. 750ms; considered to 
reveal a missed tap) or smaller than 0.5*Tt (appr. 250ms 
considered as a “double” tap). Next, for each train, mIRI was 
calculated based on the average values of the acceptable values 
within a train. Finally, the individual IRI values were 
normalized, and for each train, the tapping variability (TV) was 
expressed as the standard deviation of the distribution of 
normalized IRI values, according to equations 1 and 2: 

IRI_norm =   ×  100  

 (1) 
 

TV = ∑ _     (2) 

In addition to these quantitative measures, all the missed and 
double taps, identified earlier to clean up the data, were counted 
as a measure of the occurrence of errors, and a percentage was 
calculated. 

2.4. Statistical analysis 

The data were analyzed with General Linear Mixed Models in 
R (R version 3.6.0 (2019-04-26)), using the lmer (Kuznetsova 
et al., 2017) and the anova function from the lme4 package. 
Rhythmic task with 3 levels (T1, T2, T3) and group with 2 
levels (PWS, PNS) were fixed effects. In addition, musical 
experience was considered in this study as a fixed effect 
affecting rhythmic tapping abilities. Three levels were 
distinguished: no musical experience (indicated with 0; 10 
PNS, 10 PWS), somewhat (labeled with 1; 3 PNS, 3 PWS), and 
serious amateur musicians (2; 3 PNS, 3 PWS). Participants 
were considered as a random effect. The level of significance 
was α = 0.05. Tukey posthoc comparisons were computed using 
the emmeans package. 

3. Results 
3.1. mIRI 

For both PWS and PNS, the results in figure 3 indicate that 
mIRI was significantly smaller in the first task, in which the 
participant synchronized with an external auditory beat, 
compared to the second and third task, in which they had more 
freedom to tap. These observations were statistically confirmed 
((훘2(2) = 61.05, p<0.001; T1 < T2: p < 0.0001), T1 < T3 (p < 
0.01) and T3 < T2 (p<0.0001). No significant interactions 
between group and task were observed for mIRI. 

 
Figure 3. Vertical axis: the median of mIRI (ms) during a 

train, shown for each rhythmic task T1, T2 and T3 and group 
(PNS, PWS). The error bars represent median absolute 

deviations. 

3.2. TV 

Inspecting figure 4, it can be observed that PWS showed higher 
tapping variability than PNS, which was confirmed statistically 
(훘2(1) = 7.24, p<0.01; PNS<PWS:  p = 0.02).  

In addition, tapping variability varied significantly with 
rhythmic task (figure 4; (훘2(2) = 67.38, p<0.0001) with a 
greater TV observed in T2 compared to T1 (p<0.001) and T3 (p 
< 0.001). In addition, T1 resulted in smaller TV values than T3 
(p < 0.01).  
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Figure 4 vertical axis: TV (median tapping variability); 

horizontal axis: rhythmic task (T1, T2, T3) for the three levels 
of musical experience; “0” no experience, “1” moderate 

experience and “2” highly experienced. Black: PNS; Grey: 
PWS. The errors bars represent median absolute deviations. 

Tapping variability was also significantly influenced by the 
level of musical experience of the participants (see figure 4; 훘2 
(2) =8.06, p=0.02). It can be observed in figure 4 that speakers 
with advanced experience showed smaller tapping variability in 
all tasks. Participants with no musical experience (0) and with 
some experience (1) differed from those with the most 
experience (2) (p = 0.03 and p = 0.04 respectively). The results 
revealed no significant interaction effect between musical 
experience and group on tapping variability. 

3.3. Missed taps 

Finally, it can be observed from figure 5 that PWS missed more 
taps than PNS; especially in T2 and to a lesser extent in T3 and 
T1. These were the cases in which the IRI was longer than 750 
ms in the T2 and T3 tasks. Very few taps were inserted, so these 
are not reported. 

 
Figure 5: Missed taps in percentages for the 3 tapping tasks. 

Black indicates PNS; PWS are labeled with gray bars. 

4. Discussion and conclusion 
Our study confirmed the expectation that PWS differ from PNS 
in their tapping behavior and the data support a possible deficit 

in temporal processing by PWS. Although PWS can 
synchronize with an external auditory reference and keep a 
regular beat once the auditory reference stops, they present 
more tapping variability than PNS on all the tasks, confirming 
earlier studies (Hulstijn et al., 1992; Falk et al., 2015). The 
prediction that PWS would show even more difficulty with 
filling up a time frame with extra taps in task T2, compared to 
T1 and T3, was not confirmed with our IRI and variability 
measures; however, in T2, PWS missed more taps than PNS, 
suggesting that filling up empty temporal spaces with taps is 
more difficult for PWS. This finding suggests that PWS benefit 
from external triggering; however, the continuation task does 
not show more missed taps for PWS. An alternative explanation 
is that this task is more complex at the level of motor planning, 
and the internal clock interacts with this task complexity. This 
idea would be in line with theories on stuttering considering 
deficient motor planning as a major contributor to stuttering 
(see e.g., Namasivayam & van Lieshout, 2011). 

Musical experience improved the tapping accuracy of both 
groups, which suggests that the temporal deficiencies PWS face 
can be mitigated by musical training. However, the number of 
people being highly skilled musicians was low in our study, so 
it is not possible to make strong claims about the effect of 
musical experience yet. Again, this finding suggests a 
contribution of motor planning skill, as mentioned earlier. 

The IRI was not affected in the synchronization task, in which 
the participants tapped with an approximately 500 ms. tapping 
interval. On the other hand, the continuation task and the second 
task, in which the participants had to fill up empty spaces, 
showed higher values. One of the factors that possibly affected 
the IRI in these tasks is the inflexibility of an imposed 
frequency of the required tapping pattern; it has been shown 
that humans have their own preferred movement frequency in 
repetitive tasks (Naruse, Sakuma, & Hirai, 2001). 

It is concluded that PWS differ in their tapping behavior. Future 
studies will include more complex tapping rhythms and build a 
bridge to speech production. Compared to finger tapping, 
producing speech is a complex motor task. Implementing this 
motor task on a more complex rhythmic structure possibly 
reveals larger differences between PWS and PNS. 

5. Acknowledgements 
The authors would like to thank the participants, who made this 
study possible, the anonymous reviewers and the ISSP 2020 
organizing committee for the possibility to present the 
preliminary results. The study was part of the project 
“StopNCo” (ANR-14-CE30-0017), funded by Agence 
Nationale de la Recherche (ANR). 

6. References 
Alm PA. (2004). Stuttering and the basal ganglia circuits: a critical 

review of possible relations. Journal of Communications Disorders, 
325-369. 

Bloodstein, O., & Ratner, N. B. (2008). A handbook on stuttering. 
Clifton Park, NY: Thomson Delmar Learning. 

Chang, S.-E., Chow, H. M., Wieland, E. A., & McAuley, J. D. (2016). 
Relation between functional connectivity and rhythm discrimination 
in children who do and do not stutter. NeuroImage: Clinical, 12, 
442–450.  

Daliri, A., Prokopenko, R.A., Flanagan J.R., & Max, L. (2014). Control 
and Prediction Components of Movement Planning in Stuttering 
Versus Nonstuttering Adults. Journal of Speech, Language, and 
Hearing Research 57(6), 2131–41.  

De Felicio C.M., Rodrigues, R.L., Freitas, G., Vitti, M., Cecilio, S., & 

Slis et al. #101

– 116 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Regalo, H. (2007). Comparison of upper and lower lip muscle 
activity between stutterers and fluent speakers. International Journal 
of Pediatric Otorhino-laryngology, 71, 1187—1192 

Falk, S., Müller, T., & Dalla Bella, S. (2015). Non-verbal sensorimotor 
timing deficits in children and adolescents who stutter. Frontiers in 
Psychology, 6. 

Grahn, J.A. (2012). Neural mechanisms of rhythm perception: current 
findings and future perspectives. Topics in Cognitive Science 4, 585-
606. 

Hulstijn, W., Summers, J.J., van Lieshout, P., & Peters, H.F.M. (1992). 
Timing in Finger Tapping and Speech: A Comparison between 
Stutterers and Fluent Speakers. Human Movement Science 11(1), 
113–24. 

Kuznetsova, A., Brockhoff, P. B., & Christensen, R. H. B. (2017). 
lmerTest Package: Tests in linear mixed effects models. Journal of 
Statistical Software, 82(1), 1–26. 
https://doi.org/10.18637/jss.v082.i13 

Max, L., Caruso, A.J., & Gracco. V.L. (2003). Kinematic Analyses of 
Speech, Orofacial Nonspeech, and Finger Movements in Stuttering 
and Nonstuttering Adults. Journal of Speech, Language, and 
Hearing Research, 46(1), 215–232. 

Namasivayam, A., & van Lieshout, P. (2011). Speech Motor Skill and 
Stuttering. Journal of Motor Behavior, 43(6), 477-489. 

Naruse K, Sakuma H, & Hirai T. (2001). Properties of internal speed 
control and psychophysiological response during continuous 
forearm rotation movement. Perceptual and Motor Skills, 93(2):387-
96. 

(R version 3.6.0 (2019-04-26) -- "Planting of a Tree" Copyright (C) 
2019 The R Foundation for Statistical Computing Platform: x86_64-
apple-darwin15.6.0 (64-bit)). 

Sares, A.G., Deroche, M.L.D., Shiller, D.M., & Gracco, V.L. (2019). 
Adults who stutter and metronome synchronization: evidence for a 
nonspeech timing deficit. Annals of the New York Academy of 
Sciences, 1-14. 

Tilsen, S. (2011). Effects of syllable stress on articulatory planning 
observed in a stop-signal experiment. Journal of Phonetics, 39, 642-
659. 

Slis et al. #101

– 117 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Durational effects of boundaries in Italian fricatives 
Ioana Chitoran1,3, Hiyon Yoo1,2, Giuseppina Turco1,2 

1Université de Paris, 2CNRS Laboratoire de linguistique formelle, 3Clillac-ARP, France 
ioana.chitoran@univ-paris-diderot.fr, yoo@linguist.univ-paris-diderot.fr, 

gturco@linguist.univ-paris-diderot.fr  
 
 

Abstract 
We examine durational effects in Italian word-initial fricatives 
– singleton [f], [s] and fricatives in the clusters [fr], [sp], [sk] 
– as a function of two positional factors: position with respect 
to stress (including the context of raddoppiamento sintattico – 
RS) and position relative to an Intonational phrase (IP) 
boundary. Results show that word-initial fricatives are longer 
the closer they are to the main stress syllable of the preceding 
word, in keeping with RS. Fricatives are shorter in IP-initial 
position than in non-IP-Initial, in keeping with increased 
consonanticity in domain-initial position. An interaction 
between the two factors shows that word-initial fricatives 
lengthen only when non-IP-initial, confirming the fact that RS 
is blocked in the presence of an IP boundary. We discuss the 
implications of the results for the linguistic use of segmental 
duration.    
 
Keywords: fricative duration, raddoppiamento sintattico, 
cluster, initial boundary, stress 

1. Introduction 
The linguistic role of duration in Italian is quite extensive. As 
in many languages, vowel duration is the primary cue to lexical 
stress in Italian (Bertinetto 1980). Phrase-final vowel 
lengthening is documented in several varieties of Italian 
(D’Imperio & Gili-Fivela 2003; White, Payne, Mattys 2009). It 
has also been suggested, on the basis of articulatory data (Gili-
Fivela et al., 2008, 2011), that consonant duration may signal 
stronger (IP) prosodic boundaries in Italian. 
At the lexical level, consonant duration encodes lexical contrast 
intervocalically, between singleton and geminate consonants: 
pala ‘ball’ vs. palla ‘shovel’ (Bertinetto & Loporcaro 2005; 
Payne 2005). In addition, more subtle language-specific effects 
seem to ride on this phonemic length distinction. Non-local 
temporal adjustments have been found to affect the onset 
consonant in the syllable preceding a geminate vs. singleton 
consonant. Turco & Braun (2016) thus showed that the initial 
[p] in palla preceding the geminate, is significantly longer than 
the initial [p] in pala preceding the singleton. At the same time, 
[p] in palla is significantly longer than [p] in palco ‘stage’, 
ruling out a syllable structure effect.   
At the post-lexical level, consonant duration is involved in 
implementing raddoppiamento sintattico (henceforth RS), a 
well-studied phonological process attested in Southern and 
Central Italian varieties (Chierchia 1986; Repetti 1991; 
Bertinetto & Loporcaro 2005, among others), whereby a word-
initial consonant is geminated after a word-final stressed vowel. 
RS occurs when two stressed syllables are adjacent within a 
phonological phrase, as in [ˈtre ˈk:a:se] ‘three houses’, or when 
they are separated by at most one unstressed syllable, as in 
[parˈlɔ l:aˈti:no] ‘spoke Latin’.  

2. The present study 
We examine durational effects in Italian word-initial 
consonants as a function of two positional factors: position with 
respect to stress and with respect to an Intonational phrase (IP) 
boundary. We ask to what degree native speakers of RS 
varieties of Italian show durational differences in their speech 
patterns both in relation to RS as a function of proximity to 
stress, and as a function of their position with respect to an IP 
boundary (initial or non-initial in the IP). RS is known to be 
blocked by an IP boundary. Evidence for IP as a major prosodic 
boundary in Italian is based on Grice et al. (2005), D’Imperio 
& Gili-Fivela (2003). 
We test the following hypotheses: 
H1: Consonant duration varies with respect to both stress and 
IP position.  
In RS varieties of Italian, we expect, under H1, longer duration 
when the consonant is closer to a preceding stressed syllable 
(ˈσ#ˈσ), than when it is further away from the preceding stress 
(ˈσσ#ˈσ), based on Marotta (1986) and Payne (2005). We also 
expect longer duration in IP-initial position relative to non-IP-
initial, based on Cho & Keating’s (2001) finding for acoustic 
stop closure duration in Korean. In Italian we expect to find 
such a difference only when the word-initial fricative is further 
away from stress. 
H2: Alternatively, consonant duration varies only as a function 
of stress.  
In RS varieties of Italian, we expect, under H2, longer duration 
when the consonant is closer to a preceding stressed syllable 
than when it is further away, but no differences in duration 
between IP-initial and non-IP-initial positions.  
We tested the hypotheses through a systematic comparison of 
consonant duration with respect to word stress position and with 
respect to IP boundary. The consonants we examined are the 
singleton onset fricatives [f], [s] and the fricatives in the onset 
clusters [fr], [sp], [sk]. Proximity to stress was varied by varying 
the stressed syllable of the preceding word – final or 
penultimate. 

3. Methods 

3.1. Data and participants 

The experimental data consist of sentences where the same 
consonant occurs in four different conditions (see Table 1). We 
paired sentences where the test word is preceded by a word with 
final or penultimate stress with the same word in IP-initial and 
non-IP-initial positions. In the final stress condition, the 
consonant is both preceded and followed by a stressed syllable: 
[assadˈʤɔ ˈfa:ve] ‘tasted broad beans’. The sentence contains 
a simple past verb with final stress ([assadˈʤɔ]) followed by a 
consonant-initial word with initial stress ([ˈfa:ve]). In our 
experimental material, this example type illustrates the RS 
environment. 
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Table 1:  Example of experimental material in the four 
test conditions. 

 C in non-IP-
initial position 

C in IP-initial 
position 

Final stress 
on word1 

Quando era 
piccolo, Marco 
[assadˈʤɔ ˈfa:ve] 
e lenticchie. 

Quando era 
piccolo, di legumi 
Marco ne 
[assadˈʤɔ]. [ˈfa:ve] 
e lenticchie non gli 
sono mai piaciute. 

Penultimate 
stress on 
word1 

Quando era 
piccolo, Marco ha 
[assadˈʤato 
ˈfa:ve] e 
lenticchie. 

Quando era 
piccolo, di legumi 
Marco ne ha 
[assadˈʤati]. 
[ˈfa:ve] e lenticchie 
non gli sono mai 
piaciute. 

 
In the penultimate stress condition, the consonant is only 
followed by a stressed syllable. The same sentence contains a 
past tense verb with penultimate stress, followed by the same 
stress-initial word: [a assadˈʤato ˈfa:ve] ‘has tasted broad 
beans’. Within each of these two stress conditions, the 
verb+noun combination was further manipulated to contrast the 
presence vs. absence of IP. We thus have a sentence with one 
verb phrase (non-IP-initial position: [assadˈʤɔ / a assadˈʤato 
ˈfa:ve ɛ lenˈtikkje]) or two separate clauses (IP-initial position: 
[ne assadˈʤɔ / ne a assadˈʤati]. [ˈfa:ve ɛ lenˈtikkje]).   
Eight Italian native speakers (5 female) aged between 25 and 
45, participated in the recordings. All were speakers of RS 
varieties of Italian: four speakers were from Rome, one from 
Florence, two from Naples, one from Marsala, Sicily. They 
signed informed consent forms, and received payment for their 
participation. The sentences they recorded were presented in 
two blocked lists, in a pseudo-randomized order.   

3.2. Analysis 

The recordings were made in a sound-attenuated booth, directly 
on a laptop computer (44.1kHz, 16 Bit), using a cardioid 
condenser microphone (Audiotechnica ATM33a) and a Roland 
Quad Capture audio interface. The recordings were 
automatically annotated with SPPAS (Bigi 2015), then checked 
for alignment errors in Praat (Boersma & Weenink 2018). 
Fricative duration was determined by frication noise.  
Statistical analyses were based on linear mixed-effects models 
(Bates et al. 2014) using the R software (R Core Team) and the 
lme4 package (Bates et al., 2015). We modelled the duration of 
the initial consonant (in ms) as a function of the following fixed 
effects: stress position (final vs. penultimate) and IP position 
(initial vs. non-initial). For the random effects, we modelled 
intercepts for speaker and item. A similar model was performed 
to test the effect of consonant type on the fricative duration in 
words located in non-IP-initial position. By-speaker and by-
item random slopes for each of the fixed effects were also 
included. We obtaind p-values on the basis of Satterthwaite 
approximations through the lmerTest-() function (Kuznetsova 
et al. 2013). The threshold value was set to p<.05. Likelihood 
ratio tests as implemented in the anova()-function were 
performed to check main effects of each fixed factor and 
interactions. We performed a posteriori analysis of contrasts 
using lsmeans()-function from the library “emmeans” (Lenth et 
al. 2018) with Tukey’s p-value adjustments. 

4. Results 
The model revealed a main effect of stress: the duration of the 
initial fricative was significantly longer when preceded by a 
word with a final stressed syllable than when preceded by a 
word with a penultimate stressed syllable (β=38.97; SE=3.47; 
t-value=11.2, p< .0001).  
A main effect of IP position was also found, although in the 
opposite direction of the one found in Korean stops: the 
duration of the initial fricative was significantly longer in non-
IP-initial position than in IP-initial (β=15.69; SE=6.49; t-
value=2.41, p< .05). An interaction was found (see Figure 1), 
confirming the fact that an IP boundary blocks RS. As expected, 
in the non-IP-initial position, compared to the IP-initial, the 
fricative was significantly longer when preceded by a word with 
a final stressed syllable than by a word with a penultimate 
stressed syllable (β =36.33; SE=4.09; t-value=8.86, p< .0001). 
In sum, the stress-based difference in fricative duration is larger 
for the non-IP-initial context (the data in Table 1, left column) 
than for the IP-initial context (Table 1, right column).  
Moreover, within the IP-initial context, there is no difference in 
the duration of the initial fricative between the two stress 
positions, final vs. penultimate (p=.6). Overall, the fricative is 
significantly longer only when located in non-IP-initial 
position, for both stress conditions (final: β=29.13, SE=7.78; t-
value=3.74, p<.05; and penultimate: β=31.74, SE=8.41; t-
value=3.77, p<.05). 
 

 
Figure 1: Mean fricative duration as a function of 

stress position (penultimate vs. final) and IP position 
(initial vs. non-initial). 

We now turn to the results in non-IP-initial condition only, to 
test the type of consonant that undergoes RS. We look at the 
effect of stress condition on the type of word-initial fricative 
(Figure 2). The model revealed no main effect of stress 
condition (p=.2) and an effect of consonant type on duration 
(β[fr]cluster=29.70, SE=7.90, t-value=3.75, p<.01; β 
[sC]cluster=44.03, SE=11.83, t-value=3.72, p<.01). There was 
furthermore an interaction between stress position and 
consonant type, confirming earlier findings: compared to [s] in 
the [sC] clusters, singleton fricatives [f],[s] and the fricative in 
the cluster [fr] are significantly longer (βsingleton*final=29.83, 
SE=5.02, t-value=5.93, p<.0001; β[fr]cluster*final=36.86, SE=5.82, 
t-value=6.32, p<.0001) when preceded by a word with final 
stress than by a word with penultimate stress.  
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Figure 2: Mean fricative duration as a function of 
stress position (penultimate vs. final) and type of 

consonant (singleton [f], [s], cluster [fr], cluster [sC]) 
in non-IP-initial position. 

The same pattern is shown in Figure 3 illustrating the mean 
duration of the fricative (as a function of stress position and type 
of consonant in non-IP-initial position) for teh four tested 
central-southern Italian cities (Florence, Naples, Rome, 
Marsala).  
 

 
Figure 3: Mean fricative duration as a function of 
stress position (penultimate vs. final) and type of 

consonant (singleton [f], [s], cluster [fr], cluster [sC]) 
in non-IP-initial position for each tested Italian city. 

However, preliminary comparisons of the stop duration in 
[sp], [sk] show that C2 in these clusters is longer when 
preceded by a word with final stress (mean = 91.25 ms) 
compared to a preceding word with penultimate stress 
(mean = 59.5 ms). 

5. Discussion and conclusion 
The results support H2, confirming that longer duration signals 
proximity to stress (cf. Marotta 1986; Payne 2005). This was 
found for all onset types, singleton fricatives and fricatives in 
clusters, excepting [s] in [sC] clusters. This exception is fully 
consistent with the well-documented behavior of the so-called 
‘impure /s/’ in Italian (see McCrary 2004). It is also consistent 
with the exceptional coordination pattern of such clusters by 

comparison with other types of onset clusters in Italian. Hermes 
et al. (2012, 2013) present robust evidence from kinematic 
(EMA) data that [s] in Italian [sC] clusters is syllabified 
differently from word-initial obstruent-liquid clusters, 
supporting the interpretation that the sibilant is not part of the 
onset. The authors specifically point out that the absence of [s] 
gemination in the RS context is consistent with the atypical 
coordination patterns they found between consonantal and 
vocalic gestures, that depart from the coordination pattern of an 
onset cluster across languages.   
Contrary to expectations for strong domain positions, we did 
not find IP-initial lengthening, even outside the context of RS. 
However, domain-initial strengthening refers to the realization 
of segments with stronger articulations – understood as an 
increase in consonantal constriction – after a higher than a lower 
prosodic boundary (Fougeron & Keating 1997, and for a 
review, see Cho 2016). Our finding, that fricatives are actually 
significantly shorter in IP-initial position, is in fact consistent 
with a stronger consonantal articulation in this position. Nasals, 
for example, have been reported to be acoustically shorter in 
utterance-initial position (Cho & Keating 2001, Fougeron & 
Keating 1997). Domain-initial strengthening is not necessarily 
correlated with lengthening. Initial consonants can be strongly 
articulated without always being longer. In Korean, stop closure 
duration was indeed longer in domain-initial position, but the 
acoustic duration of nasals, and their amplitude, decreased. This 
finding was interpreted as an enhancement of the consonanticity 
of nasals, which involves a decrease of their sonority by 
reducing degree of nasality (Cho 2016). In the case of fricatives, 
a stronger consonantal articulation involves a stop-like 
production by increasing the degree of constriction, but possibly 
also by shortening acoustic duration. Cross-linguistic processes 
of fortition include changes of fricatives to stops or affricates 
(Bybee & Easterday 2019). It is therefore not unexpected for 
fricatives to be acoustically shorter if they are produced more 
like stops in domain-initial position. Under this interpretation, 
our results, taken together with preliminary articulatory 
evidence from Gili-Fivela et al. (2008, 2011), support the 
presence of domain-initial strengthening in Italian, without 
lengthening. Italian fricatives in the RS varieties we tested are 
characterized by short duration in IP-initial position. 
In our study, longer fricative duration was clearly produced in 
the RS context, consistently by all speakers. It has been 
suggested by McCrary (2004), D’Imperio & Gili-Fivela (2003), 
that longer duration in the RS context may be used to signal the 
local proximity relation within a verb or noun phrase.  In our 
data the morphological structure was controlled for. All non-IP-
initial examples include word boundaries across the same type 
of morpho-syntactic (verb + direct object) juncture. If fricative 
duration is indeed recruited to signal this type of linguistic 
structure, our results show that it is clearly modulated by 
position with respect to stress.  
The proposal could be further considered in the context of 
recent findings by White et al. (2020), who showed that native 
Italian speakers rely on longer consonant duration as a 
perceptual cue to locate word boundaries in an artificial 
language learning task. Importantly, speakers did not rely on 
longer vowel duration in the same way. We note as a caveat that 
the participants in White et al.’s study are not speakers of an RS 
variety of Italian. Nevertheless, their findings are worth 
considering in trying to further understand the phenomenon of 
RS as a local effect modulated by the position of stress. As 
White et al. (2020) point out, Italian has lexically contrastive 
stress. Thus, even though word stress is predominantly 
penultimate, the location of prominence alone cannot constitute 
a reliable cue to word boundary. It can indicate the number of 

cluster [sC] singleton [f],[s] cluster [fr]

penultimatefinal penultimatefinal penultimatefinal

100

120

140

160

stress position

m
ea

n 
du

ra
tio

n 
of

 th
e 

fri
ca

tiv
e 

(m
s)

Chitoran et al. #102

– 120 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



lexical items, assuming that there is one prominent syllable per 
word, but the location of prominence alone will not necessarily 
signal where the word boundary is. There is one exception: the 
RS context. In this context, two prominent syllables are close 
enough to each other that a word boundary can be reliably 
hypothesized to fall between the two. In other words, the 
proximity of the stresses in and of itself may be a potential cue 
for word segmentation. If this reasoning is correct, it may seem 
unnecessary for the word-initial consonant to lengthen in this 
context. Since it does lengthen, we can hypothesize that it does 
so not necessarily in relation to word segmentation, but rather 
in relation to lexical access. Longer consonant duration word-
initially in the RS context may facilitate the identification of the 
consonant, which in turn aids lexical access. As shown by 
Tagliapietra & McQueen (2010), durational information can 
serve different functions in speech comprehension, and in their 
study on Italian, consonant duration appeared to be more 
important for segmental identification than for word 
segmentation.  

6. Acknowledgements 
This work is partially supported by a public grant overseen by 
the French National Research Agency (ANR) as part of the 
program “Investissements d’Avenir” (reference: ANR-10-
LABX-0083–LabEx EFL). It contributes to the IdEx Université 
de Paris - ANR-18-IDEX-0001.  

7. References 
Bates, D., Mächler, M., Bolker, B.M., Walker, S.C. (2014). Package 

Lme4: Linear Mixed-Effects Models using Eigen and S4. R package 
version 67. 

Bates, D., Maechler, M., Bolker, B., & Walker, S. (2015). Fitting Linear 
Mixed-Effects Models Using lme4. Journal of Statistical Software, 
67(1), 1-48. 

Bertinetto, P. M. (1980). The perception of stress by Italian speakers. 
Journal of Phonetics, 8 (4). 385-395. 

Bertinetto, P. M. & Loporcaro, M. (2005). The sound pattern of 
standard Italian, as compared with the varieties spoken in Florence, 
Milan and Rome. Journal of the IPA, 35. 131-151. 

Bigi, B. (2015). SPPAS - Multi-lingual Approaches to the Automatic 
Annotation of Speech. The Phonetician – International Society of 
Phonetic Sciences, 111-112. 54-69.   

Boersma, P. & Weenink, D. (2018). Praat: doing phonetics by 
computer. 

Bybee, J. & Easterday, S. (2019). Consonant strengthening: A 
crosslinguistic survey and articulatory proposal. Linguistic Typology 
23(2). 263-302. 

Chierchia, G. (1986). Length, syllabification and the phonological cycle 
in Italian. Journal of Italian Linguistics, 8. 5-33. 

Cho, T. & Keating, P. (2001). Articulatory and acoustic studies on 
domain-initial strengthening in Korean. Journal of Phonetics, 29. 
155-190. 

Cho, T. (2016). Prosodic boundary strengthening in the phonetics-
prosody interface. Language and Linguistics Compass 10/3. 120-
141. 10.1111/lnc3.12178. 

D’Imperio, M. & Gili-Fivela, B. (2003). How many levels of phrasing? 
Evidence from two varieties of Italian. In J. Local, R. Ogden, R. 
Temple (Eds.) Papers in Laboratory Phonology VI. Cambridge 
University Press.  130-144. 

Fougeron, C. & Keating, P.A. (1997). Articulatory strengthening at 
edges of prosodic domains. Journal of the Acoustical Society of 
America 106. 3728-3740. 

Gili-Fivela, B., d’Apolito, S. Stella, A., Sigona, F. (2008). Domain 
initial strengthening in sentences and paragraphs. In R. Sock, S. 
Fuchs, Y. Laprie (Eds.) Proceedings of ISSP 8. Strasbourg, France. 
ISBN 2-905267-63-1. 205-208. 

Gili-Fivela, B., Stella, A., D’Apolito, S., Sigona, F. (2011). 
Coarticulation across prosodic domains in Italian: An ultrasound 
investigation. Proceedings of Interspeech 2011. 

Grice, M., D’Imperio, M., Savino, M., Avesani, C. (2005) Strategies of 
intonation labelling across varieties of Italian. In Sun-Ah Jun (Ed.) 
Prosodic typology I. Oxford University Press. 362-389. 

Hermes, A., Grice, M., Mücke, D., Niemann, H. (2012). Articulatory 
coordination and the syllabification of word-initial consonant 
clusters in Italian. In P. Hoole, L. Bombien, M. Pouplier, C. 
Mooshammer, B. Kühnert (Eds.) Consonant clusters and structural 
complexity. Berlin & Boston: Mouton de Gruyter. 155-176. 

Hermes, A., Mücke, D., Grice, M. (2013). Gestural coordination of 
Italian word-initial clusters: The case of ‘impure s’. Phonology 30. 
1-25. 

Kuznetsova, A., Brockhoff, P.B., & Christensen, R. H. B. (2013). 
Lmertest: Tests for random and fixed effects for linear mixed effect 
models (lmer objects of lme4 package). R package version 2. 0-29. 

Lenth, R., Love, J., & Lenth, M. R. (2018). Package ‘lsmeans’. The 
American Statistician, 34(4), 216-221. 

Marotta, G. (1986). Rhythmical constraints on syntactic doubling. 
Journal of Italian Linguistics, 8. 35-52. 

McCrary, K. (2004) Reassessing the role of the syllable in Italian 
phonology: An experimental study of consonant cluster 
syllabification, definite article allomorphy and segment duration. 
PhD dissertation, UCLA. 

Payne, E. (2005). Phonetic variation in Italian consonant gemination. 
Journal of the IPA, 35/2. 153-181 

R Core Team (2020). R: A language and environment for statistical 
computing. R Foundation for Statistical Computing, Vienna, Austria. 
URL https://www.R-project.org/. 

Repetti, L. (1991). A moraic analysis of raddoppiamento fonosintattico. 
Rivista di Linguistica, 3. 307-330. 

Tagliapietra, L. & McQueen, J. M. (2010) What and where in speech 
recognition: Geminates and singletons in spoken Italian. Journal of 
Memory and Language 63. 306-323. 

Turco, G. & Braun, B. (2016) Journal of the Acoustical Society of 
America 140 (4). 2247-2256. 

White, L., Payne, E., Mattys, S. L. (2009). Rhythmic and prosodic 
contrast in Venetan and Sicilian Italian. In M. Vigário, S. Frota, M. 
J. Freitas (Eds.) Phonetics and Phonology: Interactions and 
Interrelations. Amsterdam: John Benjamins. 137-158. 

White, L., Benavides-Varela, S., Mády, K. (2020) Are initial-consonant 
lengthening and final-vowel lengthening both universal word 
segmentation cues? Journal of Phonetics 81.  

 

 

Chitoran et al. #102

– 121 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Correlation between levodopa response and acoustic parameters of prominence 
marking as well as tongue body movements in patients with Parkinson’s disease  

Tabea Thies1,2, Doris Mücke1, Richard Dano3, Michael T. Barbe2 

1University of Cologne, Faculty of Arts and Humanities, IfL Phonetics, Germany 
2University of Cologne, Faculty of Medicine and University Hospital, Department Neurology, Germany 

3University of Cologne, Faculty of Medicine, Institute for Nursing Science, Germany 
{tabea.thies;doris.muecke}@uni-koeln.de,{richard.dano;michael.barbe}@uk-koeln.de 

 
 

Abstract 
This study investigates the prominence production strategies of 
12 patients with Parkinson’s disease on the acoustic and 
articulatory level by using Electromagnetic Articulography. 
The ability to mark prominence is tested in two conditions to 
further examine the influence of motor performance on speech 
production: without dopaminergic medication and with 
dopaminergic medication. The data reveals that patients with 
Parkinson’s disease are able to mark prominence in both 
conditions. They maintain prominence relations across and 
within accentuation by adjusting acoustic prosodic markers. 
Under prominence, tongue body movements were modulated in 
the temporal rather than the spatial domain to mark 
prominence. Most patients responded to the levodopa intake, 
improving the gross motor performance by 43 %. The improved 
gross motor performance was accompanied by an improvement 
of speech motor performance in terms of faster tongue body 
movements. 
 
Keywords: acoustic, articulation, prominence, speech 
production, Parkinson’s disease, levodopa 

1. Introduction 

1.1. Parkinson’s disease 

Parkinson’s disease (PD) is a movement disorder caused by a 
reduced dopamine concentration in the brain. The progressive 
loss of dopaminergic neurons affects neural circuits which 
further affect non-motor and motor functions (Deuschl 2017). 
Motor impairment influences gross motor but also speech motor 
control. Gross motor symptoms are manifested in smaller, 
slower and less extended movements (bradykinesia) of the 
limbs, increased muscle tone (rigidity) and/or a resting tremor. 
Due to a reduced control over muscles necessary for speech 
production, many patients develop a speech disorder, namely 
hypokinetic dysarthria. This hypokinetic dysarthria affects all 
motoric subsystems of speech and leads to a reduced 
modulation of intensity and pitch, slower and unprecise 
articulation as well as an overall reduced articulation space 
(Duffy 2019). To increase motor ability, patients are treated 
with dopaminergic medication such as levodopa. Levodopa 
increases the amount of dopaminergic neurons and improves 
neural activity in the brain circuits. Whereas it is proven that 
levodopa is an effective treatment for improving gross motor 
performance (Katzenschlager & Lees 2002), it remains unclear 
to what extent it influences speech production. 

1.2. Prominence marking in patients with PD 

Prominence marking is a strategy for highlighting important 
information in communicative contexts. In intonation 

languages, such as German, parameters within a syllable, e.g. 
segment duration, intensity, pitch movement, are adjusted to 
signal prominence (Baumann et al. 2006, Mücke & Grice, 
2014). Underlying movements of respective articulators are 
observed to be more distinct, by moving longer as well as with 
higher velocities and amplitudes. Adjustments of prosodic 
parameters evoke a contrast between accented (prominent) and 
unaccented (non-prominent) syllables but also a differentiation 
between focus types, such as broad and contrastive focus. 
Previous studies investigating prominence marking in PD have 
shown that prominence marking can vary in speakers with PD 
compared to healthy controls (Cheang & Pell 2007; Tykalova 
et al. 2014). A recent study by Thies et al. (2020) showed that 
patients with PD can mark prosodic prominence by modulating 
F0, intensity and vowel articulation in prominent positions, but 
the prosodic modifications are less efficient than in healthy 
control speakers. While patients performed with a reduced 
vowel space in terms of hypoarticulated vowels, they 
hyperarticulated prosodic parameters such as intensity and tonal 
height. While the study of Thies et al. (2020) is restricted to 
patients with medication, the present study investigates 
prominence production in patients with medication (med-ON) 
and without medication (med-OFF). The aim is to determine the 
influence of the drug levodopa on speech performance using 
acoustic but also articulatory measurements.  

2. Method 

2.1. Participants and assessments 

Twelve native German speaking patients with idiopathic PD (7 
male, 5 female) aged between 51 - 70 years (μ = 59 years ± 6) 
participated in the study. On average, patients were diagnosed 
with PD for 7 years (± 5). Participants were assessed in two 
conditions: (1) without drug intake (med-OFF) - 12h after 
cessation of all dopaminergic medication - and (2) with drug 
intake of 200 mg of soluble levodopa (med-ON).  

2.1.1. Elicitation of speech data 

Speech data was recorded acoustically and articulatorily with 
an Electromagnetic Articulograph (AG 501, Carstens system). 
The acoustic signal was captured using a condensator 
microphone headset keeping the mouth-to-microphone distance 
of about 7 cm constant during the whole recording session. As 
gain levels were adjusted from med-OFF to med-ON recordings 
and between the participants, a reference tone was recorded as 
first stimulus in each recording condition from which the 
intensity values for the analysis get controlled. The acoustic 
signal was recorded at 44.1 kHz/16 bit. To capture kinematic 
data, sensors were placed on the (1) lower lip, (2) upper lip, (3) 
tongue body and (4) tongue tip. The tongue sensors were placed 
approximately 1 cm and 4 cm from the beginning of tongue tip. 
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2.1.2. Elicitation of motor function and levodopa 
response 

Motor performance of the participants was evaluated using part 
III of the ‘Unified Parkinson’s Disease Scale’ (UPDRS, Goetz 
et al., 2008), a standard assessment for monitoring the motor 
ability of PD. For this motor assessment a video is taken from 
the patient while he/she is doing different tasks, such as finger 
tapping, arising from chair, walking, etc.. Motor signs are rated 
on a 0 – 4 scale (0 = normal, 4 = severe). A comparison of the 
motor scores in both conditions determines the influence 
levodopa had on the patients’ gross motor ability. The levodopa 
response indicates the percentage of motor improvement from 
med-OFF to med-ON condition. 

2.1.3. Test procedure 

Assessments were performed in a fixed order and started in 
med-OFF condition, followed by med-ON condition (Table 1). 
In each condition the video for motor assessment was taken 
first. Afterwards, the speech recordings were made. 

Table 1: Procedure of recording session. 

UPDRS video  med-OFF Speech recordings 
200 mg levodopa intake and break 
UPDRS video med-ON Speech recordings 

 
The defined ‘OFF’ state is achieved after abstaining 12 hours 
from levodopa. Therefore, the patients received the last dose of 
medication at 6 pm on the evening before the experiment. In 
order to receive the med-ON condition, patients received 200 
mg of soluble levodopa before pausing. 30-45 minutes after 
drug intake, the second test session started. 

2.2. Speech material 

The speech task was designed as a question-answer-scenario to 
elicit target words in three different focus structures (Figure 1): 
background, broad focus and contrastive focus. The target 
words were disyllabic girl names (C1V1.C2V2) with word stress 
on the first syllable.  
 

 
Figure 1: QA-scenario in a game-like setting. 

 
Figure 2: Target words. 

Target words were embedded in a predefined sentence 
structure, such as: ‘Die Schwester hat der Mela gewunken‘ (The 

sister was waving to Mela) or ‘Der Opa hat die Mali verlassen‘ 
(The grandpa has left Mali). In total 12 target words consisting 
of 5 different cardinal vowels were recorded in each focus 
condition (Figure 2). 

2.3. Data processing and measurements 

The speech data was displayed and annotated using the EMU-
webApp (Winkelmann et al. 2017). Target words, syllables and 
the respective segments were determined according to the 
speech waveform and the wide-band spectrogram. For the 
articulatory gestures of the tongue body three landmarks were 
annotated in the vertical plane: onset, target and peak velocity 
(Figure 3). The following prominence markers on the acoustic 
level were calculated: 
 
Acoustic syllable duration (ms): Temporal interval between the 
start of the first consonant C1 until end of the first vowel V1 of 
each target word. Longer syllables are associated with an 
increase in prominence. 
Tonal height (st): The frequency difference between the starting 
point and the high target point of the F0 movement occurring in 
the vicinity of the target word. Positive values indicate a rising 
F0 movement, negative values a falling F0 movement. An 
increase in tonal height is associated with a higher degree of 
prominence. 
Intensity (dB): The mean intensity of the vocalic segment V1 
was computed in relation to the reference tone to control for 
speaker variation. Increased intensity values are associated with 
an increase in prominence marking. 
 

 
Figure 3: Gestural landmarks and measurements. 

The articulatory analysis is limited to the production of the first 
vowel V1 as main domain of focus production. Tongue body 
movements were investigated by including the following 
variables (Figure 3, Browman & Goldstein 1986). 
 
Gestural duration (ms): Temporal interval between the start of 
the vocalic gesture until the gestural target. Longer gestures are 
associated with an increase in prominence. 
Displacement (mm): Spatial difference between onset and 
target of the gestural movement. Higher displacements are 
associated with the production of more peripheral vowels, 
leading to an increase in prominence. 
Peak velocity (mm/s): Maximum velocity of the movement. 
Faster movements are associated with an increase in 
prominence, even though the role of peak velocity is 
inconclusive in the literature (Pagel et al. 2020).  
 
For calculating the percentage change of the UPDRS III motor 
score from med-OFF to med-ON condition, the following 
calculation was used:  

Percentage change = ( ) 𝑥100 (1) 

In this equation V2 represents the value in med-ON condition, 
and V1 respectively in med-OFF condition. 
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2.4. Statistical analysis 

The data was analyzed using R Studio (RStudio Team 2020) 
and the package lme4 (Bates et al. 2015) to perform linear 
mixed effect models. Continuous dependent variables of 
interest were fitted to two critical predictors: focus condition 
(background vs. broad focus vs. contrastive focus) and 
medication condition (med-OFF vs. med-ON). The fixed factor 
‘vowel’ was additionally added when fitting models for 
articulatory data. Random intercepts were included for word 
and patient as well as random slopes for patient by medication 
condition. Effect of predictors were tested by comparing the test 
model (with predictor) to a reduced model (without predictor) 
via likelihood-ratio tests. P-values are based on these 
comparisons. Statistical output was corrected for multiple 
testing using the Dunn-Šidák correction, which lowers the alpha 
level to 0.0167. 

3. Results 

3.1. Motor ability 

The motor performance was evaluated with the UPDRS III. In 
med-OFF condition a mean value of 34 (± 11), ranging from 16 
to 48 (out of max. 108 points to reach), was determined. Under 
medication the mean score is 18 (± 6), ranging from 8 to 29 
points. The calculated mean levodopa response from med-OFF 
to med-ON is - 42.52 (± 20.55). 

3.2. Acoustics 

Plots for the acoustic parameters are provided in Figure 4. The 
presentation of the results will combine the analysis of 
prominence production (background, broad focus, contrastive 
focus) with the influence of levodopa (med-OFF, med-ON). 
 

 
Figure 4: Acoustic parameters of prominence marking. 

3.2.1. Syllable duration 

Syllable durations increase comparing non-prominent and 
prominent productions in both conditions (Figure 4, top left). 
As the statistical model confirms syllable durations increases 
from background to broad focus (by 13 ms in med-OFF; by 16 
ms in med-ON) and further from broad to contrastive focus (by 
9 ms in med-OFF; by 10 ms in med-ON; X2(2)=149.68; 
p<.001). No difference in syllable duration is found comparing 
medication conditions med-OFF and med-ON (X2(1)=0.0788; 
p>.05).  

3.2.2. Pitch height of F0 movement 

Tonal height of F0 movement is adjusted in prominent 
productions (Figure 4, top left). The statistical model reveals an 

effect of focus condition with increasing tonal height from 
background to broad (by 1.4 st in med-OFF; by 1.9 st in med-
ON) and from broad focus to contrastive focus (by 1.2 st in 
med-OFF; by 1.3 st in med-ON; X2(2)=284.75; p<.001). There 
is no significant difference between med-OFF and med-ON 
condition (X2(1)=0.248; p>.05).  

3.2.3. Intensity 

Figure 4 (bottom) illustrates the intensity values within the 
vocalic segment. The figure gives the impression that intensity 
values are higher (background: by 4.6 dB, broad: by 5.3 dB, 
contrastive: by 5 dB) in med-ON condition. Nevertheless, the 
statistical model does not reveal a significant difference with 
corrected alpha level (X2(1)=5.6578; p=0.01738). In contrast, 
the model states that intensity values differ between non-
prominent and prominent productions (X2(2)=193.88; p<.001). 

3.3. Articulation  

In this section, the gestural characteristics of the tongue body 
movement are presented (Figure 5). As before, the results will 
report whether there is an effect of medication and of focus 
structure for the parameters of interest. 
 

 
Figure 5: Articulatory parameters of tongue body 

movement. 

3.3.1. Gestural Duration 

The gestural duration of the vocalic gesture is presented in 
Figure 5 (top left). The mixed model reveals an effect of focus 
condition, increasing the duration from background to broad (by 
7 ms in med-OFF; by 8 ms in med-ON) and further from broad 
to contrastive focus condition (by 3 ms in med-OFF; by 7 ms in 
med-ON; X2(2)=18.951; p<.001). The model output indicates 
further, that the medication condition does not have an 
influence (X2(1)=4.0895; p=0.04322). 

3.3.2. Displacement 

Although it seems that displacements are higher in prominent 
productions (Figure 5, top right), the statistical model does not 
reveal an influence of focus condition (X2(2)=7.459; p=0.024) 
nor of medication condition (X2(1)=3.5317; p>.05). 
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3.3.3. Peak velocity 

The data for the parameter peak velocity is presented in the 
bottom row of Figure 5. While focus condition does not have an 
effect on peak velocity (X2(2)=3.3713; p>.05), the peak 
velocity increases from med-OFF to med-ON condition 
(background: by 8 mm/s, broad: by 10 mm/s, contrastive: by 8 
mm/s; X2(1)= 7.7488; p<.01).  

4. Discussion 
Parkinson’s disease as a movement disorder affects motor 
ability. Motor impairment is reflected in smaller, slower, less 
extended and unprecise movements of limbs and articulators. 
As speech production may depend on overall motor ability, the 
influence of levodopa, a drug which improves the motor ability 
in patients with PD, was tested. Patients were recorded in two 
conditions: without an effect of medication and with intake of 
the drug ‘levodopa’. In addition, the speech material surveys the 
prominence production across three different focus conditions. 
The modulation of prosodic parameters was investigated on the 
acoustic level as well as on the articulatory level. 
Effect of levodopa: On average, levodopa improved motor 
symptoms by 43 %. Only 2 out of 12 patients did not respond 
to the drug intake, as they had a response below 30 %. In this 
data, levodopa did not have an effect on the acoustic 
parameters: syllable duration, tonal height and intensity. 
However, there is a clear tendency that patients speak louder in 
med-ON condition possibly due to improved pulmonary 
function as well as stronger respiratory muscles, resulting in a 
better breath support (Monteiro et al. 2012). This leads to an 
increase in overall intensity of the target syllables. On the 
articulatory level, levodopa has an influence on the maximal 
velocity of the tongue body movement, as the tongue moves 
faster, probably due to less rigid muscles. 
Prominence marking: Patients were able to produce prosodic 
prominence with and without medication. They adjusted 
parameters of speech production systematically to maintain 
prominence relations within and across accentuation. On the 
acoustic level, syllable duration, intensity and tonal height of 
rising F0 movement were modulated (Thies et al. 2020). When 
looking at the articulatory level, the duration of the gestural 
activation interval increases to signal prominence leading to 
longer vowel durations in prominent position. Surprisingly, the 
modulation in the spatial domain in terms of increasing 
amplitudes of the vocalic gestures were rather small in both 
conditions. This is probably due to the reduced vowel space 
reported for patients with PD in the literature. The lacking 
levodopa effect on prominence marking could also be explained 
by the fact that patients with PD can also achieve good motor 
performance in med-OFF, comparable to walking, as long as 
they focus on the task. A certain reserve can often be retrieved. 
Variability: One factor that should be taken into account is the 
strikingly high variability of the data, indicating speaker 
specific behavior. Individual speaker behavior can be one 
reason why some levodopa influences could not be statistically 
validated. Some tendencies indicate that levodopa has an effect 
on tonal pattern as well as displacement and duration of tongue 
body movements. Tonal strategies seem to change especially in 
background and broad focus condition, comparing med-OFF 
and med-ON condition. Some patients cannot differentiate 
between prominent and non-prominent constituents in med-
OFF, as they unexpectedly modulate F0. This behavior 
improves in med-ON, as pitch movements are reduced. In 
addition, patients increase their pitch accent inventory in broad 
focus condition from only rising to sometimes falling, 
comparing med-OFF and med-ON. Especially for gestural  

parameters, some effects were missed due to the fact that the 
presented data was pooled over vowels. 

5. Conclusion 
Patients with Parkinson’s disease mark prosodic prominence by 
changing parameters of speech production systematically 
across and within accentuation to encode different degrees of 
prominence. The data suggests that levodopa has an influence 
on patients’ speech performance by producing sounds more 
louder and increasing the velocities of articulatory movements. 
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Abstract 
 

The aim of the present study is to investigate the effect of 
aging on prosodic prominence in German. Therefore, we 
recorded older and younger speakers with Electromagnetic 
Articulography to track tongue body movements during the 
production of vowels. Both speaker groups maintain 
prominence relations by adjustments of the supra-laryngeal 
system. This is the case across accentuation (accented vs. 
unaccented syllables) as well as within accentuation (syllables 
in broad vs. contrastive focus). The groups differ in the way 
they use highlighting strategies, i.e., older speakers show 
stronger modifications in the temporal domain than younger 
speakers, leading to an increase of sonority in the perceptual 
domain. Analogously to effects of aging on gross motor 
control (limb coordination) reported in the literature, our data 
reveal longer and asymmetrical movement patterns in terms of 
prolonged deceleration phases across all focus conditions. 
However, an overall slowing down of the maximum velocities 
of the tongue body movement cannot be confirmed in our data. 

 
Keywords: speech production, articulation, prominence, 
aging 

1. Introduction 
Prosody plays an essential role for conveying the meaning of 
an utterance and speakers use multiple cues in the phonetic 
domain to regulate prosodic marking [4,13]. In intonation 
languages, such as in German, prominence marking requires 
changes in intonation and articulation. Speakers use laryngeal 
modifications such as the placement of a pitch accent and the 
choice between accent types to highlight important 
information in an utterance. Furthermore, systematic changes 
in the supra-laryngeal system are observable, leading to a 
more distinct articulation of prosodic units such as syllables 
and words. Two articulatory strategies are reported in the 
literature: Sonority expansion leads to an opening of the oral 
cavity to allow for a greater radiation of acoustic energy from 
the mouth, i.e., speakers produce louder syllables. Localized 
hyperarticulation strategy is based on the H&H model [11]. It 
involves more extreme vocal tract configurations to enhance 
paradigmatic features such as place features in vowels. For a 
low vowel /a/, the tongue body is lowered to convey prosodic 
prominence, while for a heigh vowel /u/ the tongue can be 
raised and/or fronted to produce more peripheral formant 
frequencies [7]. While low vowels are associated with a low 
degree of coarticulatory resistance (thus, allowing for a high 
degree of prosodic variability in the spatial domain to increase 
place features), the opposite can be expected for high vowels. 
It has been shown that highlighting strategies in the 
articulatory domain are not restricted to across accentuation - 
the distinction between unaccented and accented syllables. 
Moreover, speakers encode prosodic prominence also within 
accentuation in order to mark different degrees of 

contrastivity. A differentiation between focus types, such as 
broad focus and contrastive focus thus requires a high amount 
of physical control to preserve prominence relations on the 
surface output [13]. 
 
Aging can lead to deficits of gross motor control. Age-induced 
changes affect different physiological levels such as the 
central nervous system, the (musculo)-skeletal system, the 
cardiovascular system, and the respiratory system leading to 
deficits in movement and posture. Aging involves the loss of 
flexibility and muscular strength and can result in smaller and 
slowed down movements as well as affected initiation and 
execution. Previous studies report on prolonged limb 
movements accompanied by a reduction of maximum 
velocities [3,10,15]. Furthermore, movement profiles are 
affected by age, leading to asymmetrical movement patterns: 
While younger individuals reveal a symmetrical distribution of 
acceleration and deceleration phases to achieve the target of a 
movement, prolonged deceleration phases have been reported 
for older individuals, revealing an asymmetrical distribution. 
As some studies reported, aging effects are not restricted to 
general motor control, but are also found in speech motor 
control. When measuring acoustic units such as syllable and 
words per second, a slower tempo is reported in the literature 
[1,12]. However, this cannot be taken as a linear process of 
slowing down, since compression in speech behaves 
dynamically with respect to different prosodic domains [6]. In 
an articulatory study, [8] reported on slower movements of the 
tongue body in older speakers compared to younger ones, 
especially during vowel production. They also found 
prolonged deceleration phases for the respective vocalic 
tongue body movements. This study aims to analyze the 
strategies of prominence marking on the acoustic and 
articulatory level related to aging. 

2. Method 

2.1. Participants, speech material and recordings 
Two groups of native German speakers were recorded. Four 
younger speakers (2 male, 2 female) aged between 21-28 years 
(μ = 25 years) and four older speakers (2 male, 2 female) aged 
between 70-79 years (μ = 75.75 years) participated in the 
study. Hearing problems could be excluded for all speakers by 
means of pure-tone audiometry. Speech data was recorded 
acoustically and articulatorily with an Electromagnetic 
Articulograph (AG 501, Carstens Medizinelektronik). The 
acoustic signal was captured using a condensator microphone 
headset (AKG C 544 L). The acoustic signal was recorded at 
44.1 kHz/16 bit. To capture kinematic data, sensors were 
placed on the lower and upper lip, tongue tip and tongue body. 
Reference sensors were used for helm correction and rotation 
on the midsagittal plane.   
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Table 1: Target words used in this study. 

Set A Set B 

di: ˈlo:ni, ˈmo:li 
ˈla:ni, ˈma:li deɐ 

ˈli:na, ˈmi:la 
ˈle:na, ˈme:la, 
ˈlu:na, ˈmu:la 

 
The speech task was designed as a question-answer-scenario 
to elicit target words in three different focus structures: 
background, broad focus and contrastive focus. To keep 
sentence prosody as natural as possible, all utterances were 
embedded in an interactive animated game scenario displayed 
in Fig. 1. The target words were disyllabic girl names 
(ˈC1V1.C2V2) with stress on the first syllable (Table 1). All 
target words were embedded in a carrier sentence, such as 
‘Der Opa hat der Mila gewunken’ (‘The grandpa had waved to 
Mila). We used two sets of vowel sequences for the target 
syllables. Set A contained /a:/ or /o:/ in the stressed syllable, 
and set B contained /i:/, /e:/ or /u:/. To control for segmental 
context, we alternated vowel height flanking the target syllable 
(CV0#CV1CV2, e.g. /i-a-i/, Fig. 2).  
 

 
Figure 1: Game scenario to elicit focus structures. 

2.2. Data processing and measurements 
Speech data was annotated using the EMU-webAPP. In the 
acoustic dimension we identified segmental boundaries for the 
target syllable and the respective target vowel V1. Values of 
the first two formant frequencies for V1 were extracted for 
plotting the vowel space and for calculating the Vowel 
Articulation Index (VAI, [14]). In the articulatory domain, we 
focused on the vertical tongue body position. Onset (ons), 
maximum target (targ) and peak velocity (pvel) of movement 
trajectories were annotated. The landmarks were determined 
using the velocity and acceleration trace (Fig. 2). 
 

 
Figure 2: Schematized tongue body movements. 

We computed the following articulatory variables for the 
tongue body movement: (i) Gestural activation interval (GAI): 
Temporal interval between the onset and the target of V1 
movement. (ii) Peak velocity (pvel): The maximum velocity of 
the V1 movement. (iii) Displacement: Spatial difference 
between onset and target of V1 movement. (iv) Symmetry 
ratio: This is the ratio for the deceleration phase relative to the 
acceleration phase (dec phase/acc phase). The acceleration 
phase covers the temporal interval from onset to pvel of the 
V1 movement, and the deceleration phase from pvel to target.  

3. Results 
In this paper, we present all results descriptively to avoid 
overinterpretations of the dataset. Note, that speaker-specific 
strategies might influence the group behavior and we deal with 
four speakers per group. 

3.1. Acoustics 
Fig. 3 (top) displays means and standard deviations for the 
acoustic vowel duration of the target vowel V1 separately for 
the two groups (younger and older speakers), vowel types (/i:, 
e:, a:, o:, u:/), and focus structure (background, broad focus, 
contrastive focus).  
 

 
 Figure 3: V1 Duration (ms) and vowel space area. 

V1 durations increase when comparing maximum diverging 
focus structure (see also Table 2). From background 
(unaccented syllable) to contrastive focus (accented syllable), 
the V1 duration increases on average by 28 ms in the younger 
group and by 38 ms in the older group. Within accentuation, 
prominence relations are also maintained in both groups when 
comparing broad and contrastive focus, leading to an increase 
of 18 ms for younger speakers and 14ms for older speakers. 
When comparing both speaker groups across all conditions, 
older speakers produce 31 ms longer segmental durations for 
V1 than younger speakers leading to prolonged syllable 
durations. 

Table 2: Acoustic variables (segmental duration V1, 
Vowel Articulation Index). 

Parameter Focus young old 

V1 duration 
(ms) 

background 109 (26) 132 (35) 
broad 119 (28) 156 (49) 

contrastive 137 (30) 170 (58) 

VAI 
background 0.96 (0.11) 0.95 (0.08) 

broad 1.05 (0.11) 0.99 (0.08) 
contrastive 1.07 (0.08) 1.01 (0.06) 

 
Figure 3 (bottom) shows the respective vowel space areas, 
separately for focus conditions and speaker groups. The vowel 
space area is determined on the basis of the vowel formant 
values F1 and F2. A triangulated cut-out using formant values 
of the vowels /i:, u:, a:/ is expressed as the VAI (Table 2). The 
VAI increases to mark prominence in both groups. But 
prosodic marking between background and contrastive focus is 
stronger in younger speakers (increase of 0.11, VAI) when 
being compared to older speakers (increase of 0.06, VAI). 
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Furthermore, the overall vowel space appears to be more 
retracted and even raised in older speakers, especially for the 
back vowel /o:/, and more centralised with respect to the 
maximum opening during /a:/.  

3.2. Articulation 
Fig. 4 exemplifies averaged trajectories for the vertical tongue 
body movement (TB) separately for speaker groups and focus 
conditions. The trajectories are aligned with the segmental 
boundaries of the target word in the acoustic dimension. The 
upper plots show the movements during the production of /a:/, 
revealing systematic prominence marking in younger and 
older speakers from background to broad focus to contrastive 
focus. Prominence marking is less systematic for /o:/. 
Interestingly, the contours for /o/ show larger displacements 
for the old speaker group than for the young speaker group. 

 

 
 
 

Figure 4: Averaged trajectories for vertical TB movement in 
vowel /a:/ (top) and /o:/ (bottom) for older (left) and younger 

(right) speakers. 
 

Fig. 5 shows the results for the temporal and spatial 
articulatory variables, separately for all vowel types (/i:, e:, a:, 
o:, u:/), focus structures (background, broad focus, contrastive 
focus) and speaker groups (younger, older). Table 3 presents 
the respective mean values and standard deviations. Both 
speaker groups mark prominence in the temporal dimension. 
The gestural activation interval (GAI) increases with respect 
to focus structure. However, the prolongation of the vocalic 
tongue body movement is considerably stronger in the old 
speaker group with an increase of 33 ms from background to 
contrastive focus compared to the younger speakers with an 
increase of 16 ms. In line with the acoustic results, older 
speakers show longer durations for the vocalic element with a 
tongue body movement of 206 ms for V1 compared to 176ms 
measured for younger speakers. The only exception is /u/ with 
no clear effects of prominence and aging on the TB movement 
in the vertical dimension.  

 

 
Figure 5: Articulatory measurements of tongue body 

movement. 

The prominence marking in the spatial dimension is less clear 
for both speaker groups. Across all vowel types, there is an 
increase in displacement on average of 0.6 mm for younger 
speakers and 0.4 mm for older speakers. The strongest 
modulation can be found for the open vowel /a/ in both 
groups, followed by /o/, while the other vowels are not 
affected by focus structure. To our surprise, the displacement 
values are comparable between older and younger speakers 
with exception for the back vowel /o:/, which shows higher 
displacements in the older group. The larger displacements 
accompany the impression of a retracted vowel space in older 
speakers.  

Table 3: Results for articulatory variables: gestural 
activation interval, peak velocity, displacement, 

symmetry ratio. 

Parameter Focus young old 

GAI 
(ms) 

background 167 (31) 190 (48) 
broad 177 (29) 204 (60) 

contrastive 183 (33) 223 (70) 

PVEL 
(mm/s) 

background 80 (42) 79 (50) 
broad 80 (44) 80 (49) 

contrastive 84 (46) 83 (51) 

DISPL 
(mm) 

background 7.7 (4.1) 8.2 (5.1) 
broad 8.0 (4.3) 8.4 (4.9) 

contrastive 8.3 (4.9) 9.4 (5.5) 

Symmetry 
(DEC/ACC) 

background 1.2 (0.7) 1.4 (1.2) 
broad 1.2 (0.7) 1.7 (1.8) 

contrastive 1.2 (1.0) 1.7 (1.7) 
 

Peak velocities are not affected by prominence or aging in our 
data set. In both groups, low vowels show higher peak 
velocities than high vowels. However, the relation between the 
duration of the deceleration with respect to the acceleration 
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phase (symmetry ratio) is different with respect to prominence 
and age. Note that positive values indicate a prolongation of 
the deceleration phase, while negative values indicate longer 
acceleration phases. The older speakers perform with 
prolonged deceleration phases, resulting in more asymmetric 
movement pattern compared to younger speakers (1.6 for older 
speakers, 1.2 for younger speakers). With an increase in 
prominence, this asymmetry increases for older speakers 
(increase of 0.3 form unaccented to accented syllables), but 
not for younger speakers. The variability is rather high for the 
older speakers, especially in the broad and contrastive focus 
conditions with standard deviation values of 1.8 (broad) and 
1.7 (contrastive). Especially high vowels (/i:, e:, u:/) show 
prolonged deceleration phases in older speakers. 

4. Discussion and conclusion 
In this data set on German, prominence relations are 
maintained in younger and older speakers. In both speaker 
groups, prominence is encoded in different phonetic exponents 
related to adjustments of the supra-laryngeal system. This is 
the case across accentuation (accented vs. unaccented 
syllables) as well as within accentuation (broad vs. contrastive 
focus). When looking at prominence marking, we found an 
increase of vowel durations in the target syllables, 
accompanied by longer tongue body movements in the 
underlying articulatory dimension. However, prolongation of 
the vocalic element under prominence was considerably 
stronger in the older speaker group than in younger speakers. 
The durational differences in the group behavior were also 
reflected in the symmetry profile based on the acceleration and 
deceleration phases of the vocalic tongue body movements. 
Under prominence, the deceleration phases considerably 
increased for older speakers especially for high vowels, while 
the symmetry ratio remained unchanged for younger speakers. 
We assume that this behavior is a compensation strategy for a 
decrease in sensory feedback in the older speakers, as 
suggested in [8]. It might be one of the reasons, why older 
speakers are reported to decrease coarticulation on the acoustic 
surface [2].  
 
Both speaker groups also used the spatial dimension for 
prominence marking by increasing the articulation space 
(VAI, displacement). The modifications in terms of acoustic 
vowel space area and tongue body displacements were 
stronger in the younger speaker group. The only exception 
found was a hyperarticulated back vowel /o:/ in the older 
speaker group, showing parallels to an overall more retracted 
vowel space compared to younger speakers. However, in both 
groups the use of spatial modifications was less than expected 
and might be attributed to speaker specific behavior. 
 
To conclude, we found aging effects on speech motor control.  
especially in the temporal domain across all test conditions. 
Durations of the vocalic element in the target syllables were 
longer in the acoustic and articulatory dimension. The older 
group produced longer deceleration phases of vocalic tongue 
body movements to encode prominence, while this was not the 
case of younger speakers. These results are in line with the 
literature showing parallels to gross motor control with slower 
and smaller movement trajectories of the limbs. However, we 
found no systematic differences in the peak velocities, neither 
between the groups nor for prominence marking. This is 
different from results in the literature, where slower velocities 
were reported for limb movements and a decrease of sensory 
feedback in older subjects. Since our dataset is rather small, 

we cannot exclude that speaker-specific strategies interact with 
group behavior. 
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7DONLQJ�ZKLOH�VPLOLQJ��6XSSUHVVLRQ�LQ�DQ�HPERGLHG�PRGHO�RI�FRDUWLFXODWLRQ�
<DGRQJ�/LX �� ���7HUULQD�&KDQ �� ���*UDFHOOLD�3XUQRPR �� ���%U\DQ�*LFN �����

� �8QLYHUVLW\�RI�%ULWLVK�&ROXPELD�
� �+DVNLQV�/DERUDWRULHV�

\DGRQJ#DOXPQL�XEF�FD��WHUULQDFKDQ#JPDLO�FRP��JUDFHOOLD�SXUQRPR#JPDLO�FRP�ŝ
JLFN#PDLO�XEF�FDŝ

ŝ

$EVWUDFW�
$SSURDFKHV WR FRDUWLFXODWLRQ KDYH H[DPLQHG KRZ VSHHFK� � � � � � �
SURGXFWLRQ LV LQIOXHQFHG E\ VXUURXQGLQJ VSHHFK�UHODWHG� � � � � �
PRYHPHQWV� +RZHYHU� WKLV DSSURDFK GRHV QRW DFFRXQW IRU KRZ� � � � � � � � �
VSHHFK PD\ FRDUWLFXODWH ZLWK RWKHU ERG\�IDFLDO SRVWXUHV� 7KH� � � � � � � �
SUHVHQW VWXG\ H[DPLQHV WKH LQIOXHQFH RI H[SUHVVLYH SRVWXUH ±� � � � � � � � �
VSHFLILFDOO\ VPLOLQJ ± RQ VSHHFK PRYHPHQWV� ,Q WKH VPLOH� � � � � � � � �
SRVWXUH� WKH OLSV VSUHDG DSDUW� RSSRVLQJ WKH OLS FORVXUH� � � � � � � � �
UHTXLUHG IRU ELODELDO VWRS SURGXFWLRQ� 3DUWLFLSDQWV ZHUH� � � � � � �
RXWILWWHG ZLWK HOHFWURP\RJUDSK\ VHQVRUV SODFHG RQ RUELFXODULV� � � � � � �
RULV �22�� WKH PXVFOH LQYROYHG LQ OLS FORVXUHV IRU ELODELDOV�� � � � � � � � � �
DQG ]\JRPDWLFXV PDMRU �=0�� WKH PXVFOH LQYROYHG LQ VPLOLQJ�� � � � � � � � �
7KH\ UHDG VWLPXOL XQGHU � IDFLDO FRQGLWLRQV� QHXWUDO� VPLOLQJ� � � � � � � � �
DQG ODXJKLQJ� 9LGHR DQDO\VLV LQGLFDWHG WKDW LQ WKH VPLOLQJ DQG� � � � � � � � � �
ODXJKLQJ FRQGLWLRQV� ELODELDO WDUJHWV ZHUH IUHTXHQWO\ SURGXFHG� � � � � � �
DV ODELRGHQWDOV� 0XVFOH PHDVXUHPHQWV LQGLFDWHG WKDW� � � � � �
ODELRGHQWDOL]HG SURGXFWLRQV LQYROYHG 22 VXSSUHVVLRQ� ZKLOH� � � � � �
ELODELDO�SURGXFWLRQV�UHVXOWHG�LQ�=0�VXSSUHVVLRQ���
�
.H\ZRUGV�� VSHHFK SURGXFWLRQ� VSHHFK SRVWXUH�� � � � �
HOHFWURP\RJUDSK\�

�� ,QWURGXFWLRQ�
3UHYLRXV FRDUWLFXODWLRQ UHVHDUFK KDV IRFXVHG PDLQO\ RQ WKH� � � � � � � �
LQIOXHQFH RQ VSHHFK SURGXFWLRQ RI VXUURXQGLQJ VSHHFK� � � � � � �
PRYHPHQWV �H�J�� 'DQLORII 	 +DPPDUEHUJ� ����� /LQGEORP 	� � � � � � � �
0DF1HLODJH� ������ +RZHYHU� VSHHFK PRYHPHQW SDWWHUQV DUH� � � � � � �
DOVR DIIHFWHG E\ RWKHU VRXUFHV RI PRYHPHQW LQFOXGLQJ IDFLDO� � � � � � � � �
SRVWXUH� )RU LQVWDQFH� 7DUWWHU ������ LQYHVWLJDWHG WKH LQIOXHQFH� � � � � � � �
RI VPLOLQJ RQ VSHHFK SURGXFWLRQ� DQG REVHUYHG WKDW VPLOLQJ� � � � � � � � �
UDLVHG )� DQG IRUPDQWV IRU DOO VSHDNHUV� VXJJHVWLQJ D SHUYDVLYH� � � � � � � � � �
SRVWXUH�VSHHFK�LQWHUDFWLRQ��

�,Q WKH FRQWH[W RI WKH ZKROH ERG\� SRVWXUH SURYLGHV WKH� � � � � � � � � � � �
YHUWLFDO D[LV WKDW DFWV DV D VWDEOH UHIHUHQFH IUDPH IRU SODQQLQJ� � � � � � � � � � �
OLPE PRYHPHQW WUDMHFWRULHV �6RHFKWLQJ 	 )ODQGHUV� ������ DQG� � � � � � � �
LV HVVHQWLDO IRU WDVNV VXFK DV UHDFKLQJ DQG ZDONLQJ �7LQJ�� � � � � � � � � �
������ )LJXUH � VKRZV D PRGHO RI SRVWXUH DQG PRYHPHQW� � � � � � � � � �
FRQWURO� DGDSWHG IURP WKH ZRUN RI 0DVVLRQ DQG FROOHDJXHV� � � � � � � � �
������ ������ WKDW LQFOXGHV VHYHUDO NH\ FRPSRQHQWV� ���� � � � � � � �
([WHUQDO DGDSWDWLRQ� SRVWXUH PDNHV SUHGLFWDEOH UHDFWLYH� � � � � �
DGDSWDWLRQV WR H[WHUQDO PHFKDQLFDO SHUWXUEDWLRQV VXFK DV� � � � � � �
FKDQJHV LQ JUDYLW\ �)LJ� �� $�� ��� 7RQLFLW\� SRVWXUDO FRQWURO� � � � � � � � � �
HQVXUHV WKDW D VWDWLF DFWLYDWLRQ LV PDLQWDLQHG RYHU WLPH �)LJ� ��� � � � � � � � � � �
%�� ��� ,QWHUQDO DGDSWDWLRQ� SRVWXUH DQWLFLSDWHV DQG UHVSRQGV WR� � � � � � � � �
LQWHUQDO SHUWXUEDWLRQ IURP WUDQVLHQW PRYHPHQWV �)LJ� �� &��� � � � � � � �
3UHYLRXV SRVWXUH OLWHUDWXUH KDV IRFXVHG DOPRVW H[FOXVLYHO\ RQ� � � � � � � �
JURVV ERG\ SRVWXUH� DQG LW LV XQNQRZQ ZKHWKHU H[LVWLQJ� � � � � � � � �
SRVWXUH PRGHOV� GHYHORSHG EDVHG RQ JURVV FRQWURO RI ODUJH�� � � � � � � � �
H[WHUQDO VNHOHWDO VWUXFWXUHV VXFK DV WKH KHDG� WUXQN DQG OLPEV�� � � � � � � � � �
DSSO\ HTXDOO\ WR WKH RUDO UHJLRQ� ZKLFK UHTXLUHV ILQH FRQWURO RI� � � � � � � � � � �
VPDOO� ODUJHO\ K\GURVWDWLF VWUXFWXUHV VXFK DV WKH WRQJXH� VRIW� � � � � � � � �
SDODWH��YRFDO�IROGV�DQG�OLSV���

6RPH SRVWXUH�OLNH EHKDYLRXUV KDYH EHHQ GHVFULEHG� � � � � � �
SUHYLRXVO\ IRU VSHHFK� )RU LQVWDQFH� gKPDQ ������ ���� � � � � � � �
REVHUYHG EDVHG RQ HOHFWURP\RJUDSK\ �(0*� GDWD WKDW ³WKH� � � � � � � �
DUWLFXODWRU\ PRYHPHQWV RI VSHHFK DUH PRGXODWLRQV� � � � � �
VXSHULPSRVHG XSRQ >D@ EDVLF SRVWXUH�´ 3HUNHOO ������ VKRZHG� � � � � � � �
WKDW VSHDNHUV DGRSW D SUHSDUDWRU\ ³SUH�VSHHFK SRVWXUH�´ ZKLOH� � � � � � � �
*LFN HW DO� ������ VKRZ WKDW ³LQWHU�VSHHFK SRVWXUHV´ YDU\ IURP� � � � � � � � � �
ODQJXDJH WR ODQJXDJH� +RZHYHU� ZLWK YHU\ IHZ H[FHSWLRQV�� � � � � � � �
VSHHFK KDV QRW EHHQ PRGHOOHG XVLQJ SRVWXUH DV D EDVLV �VHH�� � � � � � � � � � �
H�J�� .HOVR HW DO�� ���� IRU DQ DWWHPSW DW LQFOXGLQJ SRVWXUH��� � � � � � � � � � �
DQG WKH PHFKDQLVPV XQGHUO\LQJ DQWLFLSDWRU\ DQG LQWHUQDO� � � � � � �
LQWHUDFWLRQV EHWZHHQ VSHHFK PRYHPHQW DQG IDFLDO SRVWXUHV� � � � � � �
�)LJXUH����&��UHPDLQV�XQFOHDU���

�
)LJXUH�� ���6FKHPDWLF�UHSUHVHQWDWLRQ�RI�WKH�LQWHJUDWHG�FRQWURO�
DQG�H[HFXWLRQ�RI�SRVWXUH�DQG�PRYHPHQW��DGDSWHG�IURP�

0DVVLRQ�HW�DO����������7KH�HIIHFW�RI�H[WHUQDO�SHUWXUEDWLRQV�RQ�
WKH�H[HFXWLRQ�RI�SRVWXUH��DQG�WKH�DGDSWDWLRQ�RI�SRVWXUH�LQ�
UHVSRQVH�WR�VXFK�SHUWXUEDWLRQV��DUH�UHSUHVHQWHG�LQ�)LJ�����$��
7KH�UHODWLRQVKLS�EHWZHHQ�FRQWURO�RI�SRVWXUH�DQG�H[HFXWLRQ�RI�
SRVWXUH�LV�UHSUHVHQWHG�LQ�)LJ�����%��+RZ�SRVWXUH�LV�LQIOXHQFHG�

E\�WUDQVLHQW�PRYHPHQWV�LV�UHSUHVHQWHG�LQ�)LJ�����&��
�

3UHYLRXV QHXURSK\VLRORJLFDO UHVHDUFK KDV VXJJHVWHG D� � � � � � �
PHFKDQLVP IRU LQWHUDFWLRQ EHWZHHQ GLIIHUHQW PXVFOHV WKDW� � � � � � �
FRXOG KHOS LQ XQGHUVWDQGLQJ WKH LQWHUDFWLRQ EHWZHHQ VSHHFK� � � � � � � �
PRYHPHQWV DQG SRVWXUDO DFWLYDWLRQV� %L]]L ������ FODLPHG WKDW� � � � � � � �
WHPSRUDO RYHUODS LQ PRYHPHQW FRQWURO PD\ EH UHVROYHG E\� � � � � � � � �
VXPPLQJ PXVFOH DFWLYDWLRQV� RU ³VXSHUSRVLWLRQ�´ $ ELODELDO OLS� � � � � � � �
FORVXUH FRXOG EH FRQVLGHUHG DV D PRYHPHQW PRGXODWLRQ� � � � � � � �
VXSHULPSRVHG RQ D VPLOLQJ IDFLDO SRVWXUH E\ VXPPLQJ PXVFOH� � � � � � � � �
DFWLYDWLRQV���

,Q FDVHV ZKHUH RSSRVLQJ PXVFOH IRUFHV DUH VXSHUSRVHG� LW� � � � � � � � � �
LV XQNQRZQ ZKHWKHU RQH RU WKH RWKHU DFWLYDWLRQ LV LQKLELWHG RU� � � � � � � � � � �
VXSSUHVVHG� 6XSSUHVVLRQ KDV ORQJ �LI QRW ZLGHO\� EHHQ� � � � � � � �
GLVFXVVHG LQ WKH VSHHFK SURGXFWLRQ OLWHUDWXUH� DQG PD\ EH� � � � � � � � �
HVVHQWLDO WR XQGHUVWDQGLQJ KRZ VSHHFK SRVWXUHV LQWHUDFW ZLWK� � � � � � � �
PRYHPHQWV WKDW RYHUODS LQ WLPH� ,Q GLVFXVVLRQV RI� � � � � � � �
YHORSKDU\QJHDO SRUW �933� FRQWURO� IRU H[DPSOH� %HOO�%HUWL� � � � � � �
������ XVHG (0* WR LQYHVWLJDWH PXVFOH DFWLYDWLRQV LQ� � � � � � � �
RUDO�QDVDO DUWLFXODWLRQ� DQG IRXQG VXSSUHVVLRQ RI OHYDWRU SDODWL� � � � � � � �
�/3� DW RUDO�QDVDO WUDQVLWLRQV DQG VWHHS LQFUHDVH RI /3� � � � � � � � �
DFWLYDWLRQ DW QDVDO�RUDO WUDQVLWLRQV� 7KLV LGHD KDV QRW EHHQ� � � � � � � � �
WHVWHG ZLWK OLS SRVWXUHV� DQG LW UHPDLQV XQFOHDU KRZ VSHHFK� � � � � � � � � �
PRYHPHQWV LQWHUDFW ZLWK OLS SRVWXUH ZKHQ VPLOLQJ� $� � � � � � � �
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VXSHUSRVLWLRQ PRGHO SUHGLFWV WKDW WKH RXWFRPH RI VXFK� � � � � � � �
FRQIOLFWV LV GHWHUPLQHG E\ VXPPLQJ RSSRVLQJ IRUFHV �*LFN HW� � � � � � � � �
DO�� ������ +RZHYHU� LW LV XQFOHDU ZKHWKHU WKH RSSRVLQJ� � � � � � � � �
DFWLYDWLRQV LQ WKLV FDVH VKRZ HYLGHQFH RI� � � � � � �
VXSSUHVVLRQ�DXJPHQWDWLRQ� %DVHG RQ WKH GLDJUDP DGDSWHG IURP� � � � � � �
0DVVLRQ DQG FROOHDJXHV ������ ����� DQG WKH VXSSUHVVLRQ� � � � � � � �
SKHQRPHQRQ REVHUYHG LQ %HOO�%HUWL ������� ZH K\SRWKHVL]H� � � � � � �
WKDW VXFFHVVIXO ELODELDO FORVXUH XQGHU VPLOLQJ FRQGLWLRQV ZLOO� � � � � � � �
UHVXOW LQ VXSSUHVVLRQ RI WKH PXVFOH DFWLYDWLRQV WKDW NHHS WKH� � � � � � � � � �
OLSV VSUHDG IRU VPLOLQJ �DQG� SRWHQWLDOO\� DXJPHQWDWLRQ RI WKH� � � � � � � � �
FORVXUH�PXVFOHV���

�� 0HWKRGV�
����3DUWLFLSDQWV�DQG�H[SHULPHQW�GHVLJQ�
)LIWHHQ XQGHUJUDGXDWH VWXGHQWV IURP WKH 8QLYHUVLW\ RI %ULWLVK� � � � � � � �
&ROXPELD ZHUH UHFUXLWHG WR SDUWLFLSDWH LQ WKLV H[SHULPHQW�� � � � � � � �
3DUWLFLSDQWV ZHUH YLGHR UHFRUGHG DQG WDVNHG WR UHDG DORXG� � � � � � � � �
VHQWHQFHV� XQGHU WKUHH IDFLDO FRQGLWLRQV �QHXWUDO� VPLOLQJ� DQG� � � � � � � �
ODXJKLQJ�� 3DUWLFLSDQWV KDG (0* HOHFWURGHV DWWDFKHG WR WKHLU� � � � � � � �
XSSHU OLS DQG FKHHN QHDU WKH ]\JRPDWLFXV PDMRU �=0� PXVFOH� � � � � � � � � �
�)LJXUH �� WR PHDVXUH PXVFOH DFWLYDWLRQ IRU VPLOLQJ� DQG QHDU� � � � � � � � � �
RUELFXODULV RULV �22� WR PHDVXUH PXVFOH DFWLYDWLRQ IRU� � � � � � � �
FRQVRQDQW SURGXFWLRQ� 9LGHR GDWD ZHUH DQDO\]HG IRU OLS� � � � � � � �
NLQHPDWLFV� DQG (0* GDWD ZHUH DQDO\]HG IRU DYHUDJH PXVFOH� � � � � � � � �
DFWLYDWLRQ�DURXQG�OLS�FORVXUH�DFURVV�GLIIHUHQW�WRNHQV���

�
)LJXUH�� ���([SHULPHQWDO�VHWXS�RI�WKH�(0*�VHQVRUV�

�
2QFH WKH SDUWLFLSDQWV ZHUH SUHVHQWHG ZLWK WKH WDVNV RI WKH� � � � � � � � � � �

VWXG\� WKH YLGHR UHFRUGLQJ FRPPHQFHG� DQG WKHQ WKH (0*� � � � � � � � �
UHFRUGLQJ� 6LQFH WKH YLGHR DQG (0* UHFRUGLQJ FRXOG QRW EHJLQ� � � � � � � � � �
VLPXOWDQHRXVO\� WKH UHVHDUFKHU WDSSHG WKH (0* VHQVRUV RQ WKH� � � � � � � � �
SDUWLFLSDQW¶V IDFH WZLFH� VR WKDW D UHFRUGLQJ RI WKLV ZRXOG EH� � � � � � � � � � �
VHQVHG RQ ERWK WKH YLGHR FDPHUD DQG (0* UHFRUGLQJ� 7KH� � � � � � � � � �
WDSSLQJ VLJQDO ZDV XVHG WR DOLJQ ERWK UHFRUGLQJV� 3DUWLFLSDQWV� � � � � � � � �
UHDG DORXG �� GLIIHUHQW VHQWHQFHV� HDFK FRQWDLQLQJ RQH ELODELDO� � � � � � � � �
FRQVRQDQW ��E� S� P��� XQGHU WKUHH IDFLDO FRQGLWLRQV LQ� � � � � � � � �
SURFHVVLRQ �QHXWUDO� VPLOLQJ� DQG ODXJKLQJ� SURGXFLQJ �� � � � � � �
SURGXFWLRQV RI HDFK VHQWHQFH� 7KH EORFN RI VHQWHQFHV ZDV� � � � � � � � �
SUHVHQWHG WR WKH SDUWLFLSDQWV WZLFH� DQG VHQWHQFHV ZHUH� � � � � � � �
SUHVHQWHG LQ YDULRXV RUGHUV IRU FRXQWHUEDODQFLQJ� 7KXV� HDFK� � � � � � � �
VHQWHQFH�ZDV�UHDG�D�WRWDO�RI���WLPHV��
�

�
)LJXUH�� ���(PRMLV�XVHG�WR�HOLFLW�IDFLDO�FRQGLWLRQV�

7KH FRQGLWLRQV ZHUH HOLFLWHG XVLQJ ³HPRMLV´ �VHH )LJXUH ��� � � � � � � � � �
SUHVHQWHG DORQJVLGH HDFK VHQWHQFH� GHQRWLQJ ZKLFK VPLOLQJ� � � � � � �
FRQGLWLRQ WR EH SURGXFHG� 7KHUHIRUH� WKH VPLOLQJ DQG ODXJKLQJ� � � � � � � � �
FRQGLWLRQ ZHUH QRW HOLFLWHG QDWXUDOO\� 7KH VWLPXOL FRQVLVWHG RI� � � � � � � � �
WDUJHW ELODELDO ��P� E� S�� WRNHQV DW FRGD SRVLWLRQ HPEHGGHG LQ� � � � � � � � � � �
VWUHVVHG ZRUG SRVLWLRQV FRQWDLQHG LQ VHQWHQFHV� 7KH WDUJHW� � � � � � � �
ZRUGV�DUH�SURYLGHG�LQ�7DEOH����
�
�

7DEOH�� ���/LVW�RI�ZRUGV�HPEHGGLQJ�HDFK�WDUJHW�
�

9LGHR GDWD ZHUH DQDO\]HG IRU OLS NLQHPDWLFV� DQG (0*� � � � � � � � � �
GDWD ZHUH DQDO\]HG IRU DYHUDJH PXVFOH DFWLYDWLRQ DURXQG OLS� � � � � � � � �
FORVXUH DFURVV GLIIHUHQW WRNHQV� )RU YLVXDO DQDO\VLV� IUDPHV RI� � � � � � � � �
WKH SHDN PRPHQW RI WDUJHW SURGXFWLRQ ZHUH H[WUDFWHG IURP WKH� � � � � � � � � �
YLGHRV DQG XSORDGHG RQWR ,PDJH-� ,I WHHWK ZHUH SUHVHQW LQ WKH� � � � � � � � � � �
IUDPH� DQG LQ FRQWDFW ZLWK WKH ERWWRP OLS� WKLV ZDV FRQVLGHUHG� � � � � � � � � � �
D ODELRGHQWDO SURGXFWLRQ� )RU DQDO\VLV RI WKH (0* GDWD WDUJHWV� � � � � � � � � �
ZHUH DQQRWDWHG XVLQJ WKH DFRXVWLF GDWD� LQ 3UDDW� 7KH WLPH� � � � � � � � � �
VWDPSV RI WKHVH WDUJHWV ZHUH H[WUDFWHG IURP 3UDDW XVLQJ WKH� � � � � � � � � �
H[WUDFW�WLPHV VFULSW� 7KHVH WLPH VWDPSV ZHUH WKHQ XVHG WR� � � � � � � � �
LGHQWLI\ WKH WDUJHWV SURGXFHG LQ WKH (0* GDWD� $OLJQPHQW RI� � � � � � � � � �
WKH DFRXVWLF DQG (0* ZHUH DOLJQHG XVLQJ WKH DIRUHPHQWLRQHG� � � � � � � � �
PHWKRG RI DOLJQLQJ WKH VHQVRU WDSV XVLQJ WKH YLGHR DQG (0*� � � � � � � � � � �
GDWD� $FWLYDWLRQ RI =0 DQG 22 VHQVRUV GXULQJ WKLV WLPHIUDPH� � � � � � � � � �
ZHUH�UHFRUGHG���
�
����'DWD�DQDO\VLV�
'DWD DQDO\VLV ZDV UHVWULFWHG WR WKH HOHYHQ SDUWLFLSDQWV ZKR� � � � � � � � �
ZHUH QDWLYH VSHDNHUV RI (QJOLVK� 7KH QXPEHU RI� � � � � � � �
ODELRGHQWDOL]HG �S� E� P� WRNHQV RI DOO FRQGLWLRQV ZHUH SRROHG� � � � � � � � � �
DFURVV WKH VSHDNHUV DQG FRPSDUHG ZLWK D OLQHDU PL[HG HIIHFWV� � � � � � � � � �
PRGHO� ZLWK VPLOLQJ FRQGLWLRQ DQG SKRQHPH DV IL[HG HIIHFWV�� � � � � � � � �
DQG VSHDNHUV DV UDQGRP LQWHUFHSWV� �7KH OPHU�� IXQFWLRQ RI WKH� � � � � � � � � �
OPHU7HVW SDFNDJH � �.X]QHWVRYD HW DO�� ���� �� LQ 5 �5 &RUH� � � � � � � � � �
7HDP� ����� ZDV XVHG WR FRPSXWH WKLV PRGHO� ,Q RUGHU WR JHW� � � � � � � � � � � �
FRPSDULVRQV EHWZHHQ IDFLDO H[SUHVVLRQ FRQGLWLRQV� DQG� � � � � �
EHWZHHQ GLIIHUHQW SKRQHPHV� SRVW�KRF DQDO\VLV ZDV GRQH XVLQJ� � � � � � � �
OVPHDQV�� IXQFWLRQ IURP WKH OVPHDQV SDFNDJH � �/HQWK� ���� ���� � � � � � � �
)RU WKH VSHDNHU ZLWK WKH FOHDUHVW (0* VLJQDO� GDWD WKDW ZDV� � � � � � � � � � �
��� PV SULRU WR DQG �� DIWHU WKH FORVXUH RI �S� E� P�� � � � � � � � � � � � �
SURGXFWLRQV ZDV H[WUDFWHG DQG SORWWHG DQG FRPSDUHG ZLWK D� � � � � � � � �
JHQHUDWLYH�DGGHG�PRGHO��*$0����
�

�� 5HVXOWV�
����9LGHR�DQDO\VLV�UHVXOWV�
7KH QXPEHU RI ELODELDO DQG ODELRGHQWDO WRNHQV RI GLIIHUHQW� � � � � � � � �
SKRQHPHV DQG IDFLDO H[SUHVVLRQ FRQGLWLRQV LV VKRZQ LQ )LJXUH� � � � � � � � �
� DQG )LJXUH � UHVSHFWLYHO\� /00 UHVXOWV VXJJHVW WKDW DFURVV� � � � � � � � � �
DOO IDFLDO H[SUHVVLRQ FRQGLWLRQV� WKH QXPEHU RI ODELRGHQWDOL]HG� � � � � � � �
�P� WRNHQV ZDV VLJQLILFDQWO\ PRUH WKDQ WKH QXPEHU RI� � � � � � � � �
ODELRGHQWDOL]HG �E� WRNHQV � �S  ������ DQG �S� WRNHQV � �S ��� � � � � � � � � � �

�P�� �E�� �S��

VFDP� FDE� WHDFXS�

FDOP� FXE� VDS�

JXP� VWDE� WDS�

KDP� WXE� QDS�

H[DP� KXE� FDS�
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�������� DQG WKH QXPEHU RI ODELRGHQWDOL]HG �E� WRNHQV ZDV� � � � � � � � �
VLJQLILFDQWO\ PRUH WKDQ LW RI ODELRGHQWDOL]HG �S� WRNHQV � �S  � � � � � � � � � �
������� /00 UHVXOWV DOVR LQGLFDWH WKDW DFURVV GLIIHUHQW� � � � � � � �
SKRQHPHV� VLJQLILFDQWO\ PRUH ODELRGHQWDOL]HG WRNHQV ZHUH� � � � � �
REVHUYHG LQ WKH ODXJKLQJ FRQGLWLRQ WKDQ WKH VPLOLQJ FRQGLWLRQ� � � � � � � � �
� �S �� ������� DQG WKH QHXWUDO FRQGLWLRQ � �S �� �������� DQG� � � � � � � � � � �
VLJQLILFDQWO\ PRUH ODELRGHQWDOL]HG WRNHQV ZHUH REVHUYHG LQ WKH� � � � � � � �
VPLOLQJ�FRQGLWLRQ�WKDQ�WKH�QHXWUDO�FRQGLWLRQ�� �S� ����������

�
)LJXUH�� ���1XPEHU�RI�ELODELDO�DQG�ODELRGHQWDOL]HG�WRNHQV�RI��S��

E��P��DFURVV�DOO�IDFLDO�H[SUHVVLRQ�FRQGLWLRQV��

�

�
)LJXUH�� ���1XPEHU�RI�ELODELDO�DQG�ODELRGHQWDOL]HG�WRNHQV�LQ�
GLIIHUHQW�IDFLDO�H[SUHVVLRQ�FRQGLWLRQV�DFURVV�DOO�SKRQHPHV��S��

E��P���
�
����(0*�UHVXOWV��
22 DFWLYDWLRQ RI ELODELDO DQG ODELRGHQWDOL]HG WRNHQV SURGXFHG� � � � � � � �
E\ RQH VSHDNHU LQ GLIIHUHQW IDFLDO H[SUHVVLRQ FRQGLWLRQV LV� � � � � � � � �
VKRZQ LQ )LJXUH �D� 7RNHQV SURGXFHG XQGHU VPLOLQJ DQG� � � � � � � � �
ODXJKLQJ FRQGLWLRQV ZHUH FROODSVHG LQWR RQH VPLOLQJ FRQGLWLRQ�� � � � � � � �
,Q WKH VPLOLQJ FRQGLWLRQ� VRPH XQGHUO\LQJO\ ELODELDO WRNHQV� � � � � � � �
ZHUH ODELRGHQWDOL]HG� $FWLYDWLRQ SHDNV RI DOO FXUYHV DUH� � � � � � � �
LQGLFDWHG LQ VHPL�WUDQVSDUHQW ER[HV ZLWK WKH VDPH FRORU� � � � � � � �
FRGLQJ� )RU WKH VSHDNHU UHSUHVHQWHG LQ )LJXUH �D� ZH REVHUYH� � � � � � � � � �
PRUH 22 DFWLYDWLRQ IRU WKH WRNHQV LQ WKH VPLOLQJ WKDQ WKH� � � � � � � � � � �
QHXWUDO FRQGLWLRQ� 7KH JUDSK VXJJHVWV WKDW PRUH 22 DFWLYDWLRQ� � � � � � � � �
ZDV REVHUYHG IURP ELODELDO WRNHQV LQ WKH VPLOLQJ WKDQ WKH� � � � � � � � � �
QHXWUDO FRQGLWLRQ� )RU WKH VPLOLQJ ELODELDO FORVXUHV� 22 SHDNHG� � � � � � � � �
ODWHU �QHDU ��� PV� WKDQ WKH QHXWUDO ELODELDO FORVXUH �DERXW ���� � � � � � � � � � �
PV�� ZKLOH WKH VPLOLQJ ODELRGHQWDOL]HG WRNHQV SHDNHG HDUOLHU� � � � � � � �
���� PV�� 0RUHRYHU� OHVV 22 DFWLYDWLRQ ZDV REVHUYHG DERXW� � � � � � � � �
��� PV SULRU WR WKH SURGXFWLRQ RI ODELRGHQWDOL]HG WRNHQV� � � � � � � � �
LQGLFDWLQJ�D�VXSSUHVVLRQ�RI�22�GXULQJ�WKDW�SHULRG�RI�WLPH���

=0 DFWLYDWLRQ RI WKH VDPH WRNHQV DQG FRQGLWLRQV IURP WKH� � � � � � � � � � �
VDPH VSHDNHU VKRZQ LQ )LJXUH �D LV SUHVHQWHG LQ )LJXUH �E�� � � � � � � � � � �
7KH UHVXOWV LQGLFDWH WKDW PRUH =0 DFWLYDWLRQ ZDV REVHUYHG LQ� � � � � � � � � �
WKH VPLOLQJ FRQGLWLRQ WKDQ WKH QHXWUDO FRQGLWLRQ� 7KH UHVXOWV� � � � � � � � �
DOVR VKRZ PRUH =0 DFWLYDWLRQ ZKHQ SURGXFLQJ� � � � � � �
ODELRGHQWDOL]HG FORVXUHV WKDQ ELODELDO FORVXUHV IURP DERXW ���� � � � � � � �
PV WR �� PV SULRU WR WKH FORVXUH� DQG DERXW �� PV DIWHU WKH� � � � � � � � � � � � � �
FORVXUH� 7KHVH UHVXOWV LQGLFDWH VXSSUHVVLRQ RI =0 GXULQJ WKRVH� � � � � � � � �
SHULRGV RI WLPH� 0RUHRYHU� QR GLIIHUHQFH ZDV REVHUYHG� � � � � � � �

EHWZHHQ =0 DFWLYDWLRQ IURP �� PV SULRU WR ELODELDO DQG� � � � � � � � � �
ODELRGHQWDO�FORVXUHV�ZKHQ�VPLOLQJ���

�
)LJXUH�� ���7KH�ILJXUH�DW�WKH�WRS���D���VKRZV�RUELFXODULV�RULV�

DFWLYDWLRQ�DQG�WKH�ILJXUH�DW�WKH�ERWWRP���E���VKRZV�
]\JRPDWLFXV�PDMRU�DFWLYDWLRQ�DGMDFHQW�WR�ELODELDO�DQG�
ODELRGHQWDO�FORVXUHV�DFURVV�GLIIHUHQW�IDFLDO�H[SUHVVLRQ�

FRQGLWLRQV��

�� 'LVFXVVLRQ�
����'LVFXVVLRQ�
7KH YLGHR DQDO\VLV UHVXOWV VKRZ WKDW D QXPEHU RI ELODELDO VWRSV� � � � � � � � � � �
ZHUH SURGXFHG DV ODELRGHQWDOV XQGHU VPLOLQJ DQG ODXJKLQJ� � � � � � � �
FRQGLWLRQV� 0RUH ODELRGHQWDO WRNHQV ZHUH REVHUYHG LQ WKH� � � � � � � �
ODXJKLQJ FRQGLWLRQ WKDQ WKH VPLOLQJ FRQGLWLRQ� ZKLFK VXJJHVWV� � � � � � � �
WKDW ODELRGHQWDOL]DWLRQ LV DVVRFLDWHG ZLWK WKH VWUHQJWK RI WKH� � � � � � � � �
VPLOH� DV SUHGLFWHG E\ VXSHUSRVLWLRQ� $OVR� ODELRGHQWDOL]DWLRQ� � � � � � �
ZDV OHDVW IUHTXHQW IRU �S�� IROORZHG E\ �E� DQG KLJKHVW IRU �P��� � � � � � � � � � � �
6LQFH ERWK LQWUDRUDO SUHVVXUH �/XENHU 	 3DUULV� ����� DQG OLS� � � � � � � � � �
PXVFOH IRUFH �*LFN HW DO�� ����D� GHFUHDVH IURP �S�� �E�� WR �P��� � � � � � � � � � � �
RXU UHVXOWV VXSSRUW WKH SUHGLFWLRQ RI VXSHUSRVLWLRQ WKDW WKH� � � � � � � � �
JUHDWHU WKH OLS PXVFOH IRUFH LV� WKH ORZHU WKH OLNHOLKRRG WKDW D� � � � � � � � � � � �
ODELRGHQWDOL]HG�WRNHQ�ZLOO�RFFXU���

7KH (0* DFWLYDWLRQ FRQWRXUV IRU WKH VDPSOH VSHDNHU VKRZ� � � � � � � � � �
DQ DFWLYDWLRQ SHDN �� PV SULRU WR WKH OLS FORVXUH LQ WKH QHXWUDO� � � � � � � � � � � � �
FRQGLWLRQ �\HOORZ LQ )LJXUH �D�� ZKLFK LV FRPSDUDEOH WR DQ 22� � � � � � � � � � �
SHDN �� PV SULRU WR OLS FORVXUH REVHUYHG SUHYLRXVO\ �*LFN HW� � � � � � � � � � �
DO�� ����E�� 2XU UHVXOWV DOVR VKRZ WKH 22 PXVFOH KDG PRUH� � � � � � � � � � �
PXVFOH DFWLYDWLRQ LQ WKH VPLOLQJ DQG ODXJKLQJ FRQGLWLRQV WKDQ� � � � � � � � �
WKH QHXWUDO FRQGLWLRQ� ZKLFK FDQ EH LQWHUSUHWHG DV 22� � � � � � � � �
SURGXFLQJ D VWURQJHU RSSRVLQJ IRUFH WR =0� 7KH ELODELDO VWRSV� � � � � � � � � �
SURGXFHG GXULQJ VPLOH SHDNHG ODWHU �UHG LQ )LJXUH �D� WKDQ WKH� � � � � � � � � � �
QHXWUDO ELODELDOV �\HOORZ LQ )LJXUH �D�� VXJJHVWLQJ 22 WRRN� � � � � � � � �
ORQJHU WR UHDFK WKH SHDN ZKHQ RSSRVHG E\ =0 LQ WKH VPLOLQJ� � � � � � � � � � � �
FRQGLWLRQ� $OVR� WKH (0* DFWLYDWLRQ FRQWRXUV RI ODELRGHQWDO� � � � � � � �
WRNHQV �JUHHQ LQ )LJXUH �D� VKRZ WKH 22 PXVFOH SHDNHG ���� � � � � � � � � � �
PV SULRU WR WKH FORVXUH� IROORZHG E\ D VXSSUHVVLRQ� )RU WKH� � � � � � � � � � �
ODELRGHQWDO WRNHQV LQ WKH VPLOLQJ FRQGLWLRQ� WKH SHDN �DQG� � � � � � � � �
VXEVHTXHQW VXSSUHVVLRQ� RFFXUUHG HDUOLHU WKDQ WKH QHXWUDO OLS� � � � � � � �
PXVFOH DFWLYDWLRQ SHDN� VXJJHVWLQJ WKDW OLS PRYHPHQW PD\ EH� � � � � � � � �
DIIHFWHG E\ VPLOLQJ IDFLDO SRVWXUH DQWLFLSDWRULO\� 7KH DFWLYDWLRQ� � � � � � � �
FRQWRXUV RI =0 IRU WKH VPLOLQJ ELODELDOV �UHG LQ )LJXUH �E�� � � � � � � � � � �
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VKRZ WZR LQVWDQFHV RI VXSSUHVVLRQ� EHIRUH DQG DIWHU WKH� � � � � � � � �
VPLOLQJ ELODELDO FORVXUHV� $OWKRXJK WKH ODELRGHQWDO WRNHQV� � � � � � �
�JUHHQ LQ )LJXUH �E� KDYH JUHDWHU SHDN (0* DFWLYLW\� ERWK WKH� � � � � � � � � � �
VPLOLQJ ELODELDOV DQG ODELRGHQWDOV KDYH VLPLODU DFWLYDWLRQ� � � � � � �
FRQWRXUV IRU WKH �� PV SULRU WR FORVXUH �L�H� WKH\ RYHUODS��� � � � � � � � � � �
7KHVH UHVXOWV LQGLFDWH WKDW LQ WKH VPLOLQJ FRQGLWLRQ� ELODELDO� � � � � � � � �
FORVXUH PRYHPHQWV ZHUH DVVRFLDWHG ZLWK DQWLFLSDWRU\� � � � � �
VXSSUHVVLRQ RI WKH VPLOH SRVWXUH� DQG WKH SRVWXUH DGMXVWHG WR� � � � � � � � � �
WKH VXSSUHVVLRQ E\ UHJDLQLQJ DFWLYDWLRQ� 0RUHRYHU� WKH� � � � � � �
H[HFXWLRQ RI WKH ELODELDO PRYHPHQW DOVR VXSSUHVVHG WKH� � � � � � � �
VPLOLQJ IDFLDO SRVWXUH� ZKLFK LV QRW WKH FDVH IRU WKH ODELRGHQWDO� � � � � � � � � � �
FORVXUHV���

7KH REVHUYDWLRQ WKDW VPLOLQJ IDFLDO SRVWXUH PDGH� � � � � � � �
DQWLFLSDWRU\ DGMXVWPHQWV DQG ZDV DIIHFWHG E\ WKH H[HFXWLRQ RI� � � � � � � � �
ELODELDO FORVXUHV VXSSRUWV WKH SRVWXUH�PRYHPHQW PRGHO� � � � � �
�)LJXUH �� DGDSWHG IURP 0DVVLRQ DQG FROOHDJXHV ������ ������� � � � � � � � �
)XUWKHU� RXU UHVXOWV VXJJHVW WKDW WKLV LQWHUDFWLRQ LV ELGLUHFWLRQDO� � � � � � � � �
DV WKH 22 PXVFOH DOVR JRW VXSSUHVVHG ZKHQ ODELRGHQWDO� � � � � � � � �
FORVXUHV�ZHUH�DFKLHYHG�XQGHU�VPLOLQJ�FRQGLWLRQV��
�
����/LPLWDWLRQV�DQG�IXWXUH�UHVHDUFK�
2QH RI WKH OLPLWDWLRQV RI WKLV VWXG\ LV WKDW (0* VLJQDOV FRXOG� � � � � � � � � � � �
RQO\ EH SURFHVVHG DQG DQDO\]HG IRU RQH RI WKH VSHDNHUV� (0*� � � � � � � � � � �
GDWD IURP PRUH VSHDNHUV ZLOO EH FROOHFWHG DQG DQDO\]HG LQ WKH� � � � � � � � � � �
IXWXUH� $QRWKHU OLPLWDWLRQ LV WKDW ZH DVNHG SDUWLFLSDQWV WR� � � � � � � � �
VPLOH DQG ODXJK XVLQJ FRUUHVSRQGLQJ HPRMLV� DQG VXFK VPLOHV� � � � � � � � �
FRXOG EH FRQWULYHG VPLOHV �(NPDQ DQG )ULHVHQ� ����� DV� � � � � � � � �
SDUWLFLSDQWV PLJKW QRW IHHO DQ\ SRVLWLYH HPRWLRQ� )XWXUH� � � � � � � �
UHVHDUFK FRXOG H[DPLQH WKH SURSRUWLRQ RI ELODELDO VWRSV WKDW DUH� � � � � � � � � �
ODELRGHQWDOL]HG ZKHQ VRFLDO VPLOHV DUH REVHUYHG� IRU H[DPSOH� � � � � � � �
LQ�<RX7XEH�YLGHRV��

�� &RQFOXVLRQ�
7KLV VWXG\ LQYHVWLJDWHG OLS PRYHPHQW GXULQJ WKH SURGXFWLRQ RI� � � � � � � � �
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Abstract 

Controversy remains over whether devoiced high vowels in 
Tokyo Japanese are deleted entirely or not. Articulatory data 
should be able to indicate whether or not there are 
coarticulatory effects of a devoiced vowel on the preceding 
consonant. Here, we used ultrasound to compare the tongue 
configuration of /k/ between /ki/ and /ku/ in /kVC2e/ items where 
the voicing of C2 was varied to induce vowel devoicing. We also 
included whispered speech for comparison. Three native 
speakers of Tokyo Japanese produced word pairs (kVC2e), 
contrasting in the voicing realization of /i/ and /u/. Tongue 
contours were traced from the last frame before the release 
burst of /k/ and the comparison was made via smoothing spline 
ANOVA in polar coordinates. All three speakers showed the 
same vowel effect on /k/ across the voicing environments. The 
lingual articulation of /k/ consistently differed between /ki/ and 
/ku/. In contrast, the effect of vowel devoicing on /k/ was 
variable depending on vowel quality, C2, and speaker.  
 
Keywords: vowel devoicing, CV coarticulation 

1. Introduction 
In Tokyo Japanese, high vowels, /i/ and /u/, are typically 
devoiced between two voiceless obstruents such as [ki̥ta] 
‘north’ or [ku̥sa] ‘grass’ (e.g., Fujimoto, 2015, p. 167). 
Controversy remains over whether devoiced vowels are (a) 
deleted entirely or (b) merely unphonated and still present. The 
deletion account predicts no indication of a devoiced vowel in 
the acoustics (e.g., Beckman, 1982; Ogasawara, 2013).  

Despite the claim from the deletion account, various 
acoustic studies have shown coarticulatory effects of a devoiced 
vowel on the preceding consonant (C1) even when there are no 
other acoustic indications of a devoiced vowel, implying that 
devoiced vowels are still present. These effects include 
differences in spectral properties depending on the identity of 
the following devoiced vowel during aspiration or frication 
noise of C1, (Beckman & Shoji, 1984; Faber & Vance, 2000; 
Tsuchida, 1994; Whang, 2018). 

Articulatory data should be able to provide valuable insight 
into whether or not there are coarticulatory effects of the 
following vowel on C1 even when the vowel is devoiced. There 
are, apparently, only two articulatory studies of Japanese 
devoiced vowels. Funatsu and Fujimoto (2011) found no 
articulographical difference in the tongue movement between 
devoiced and voiced /i/s. In contrast, using Electromagnetic 
Articulography (EMA) on devoiced /u/ in real words, Shaw and 
Kawahara (2018) indicate that the lingual vowel gesture is 
optionally deleted in terms of the tongue height. Ultrasound, the 
method used in this study, provides more extensive coverage of 
the tongue than is available in a point-tracking system such as 
EMA, and therefore may reveal coarticulatory effects of a 
devoiced vowel that are unobservable with EMA. 

2. Research Questions and Hypotheses 
(1) Do devoiced vowels have the same coarticulatory effects on 
the lingual articulation of the preceding /k/ as those of voiced 
vowels?  
(2)  Are these coarticulatory effects similar in devoicing and 
whispering? 

We entertain two hypotheses on the coarticulatory effects 
of devoiced vowels:  
• H1—devoiced vowels are deleted: this predicts the same 

tongue configuration of /k/ between /ki/ and /ku/ when the 
vowels are devoiced, but different configurations for /k/ 
when the following vowel is voiced.  

• H2—devoiced vowels are still present: we should see the 
same differences in the tongue configuration between [ki̥] 
and [ku̥] as those found between [ki] and [ku].  

As for whispered speech, little work has been done from the 
articulatory standpoint other than laryngeal behaviors (see 
Higashikawa et al., 2003 for lip movements of /p/ and /b/ and 
Iwasaki et al., 2019 for the tongue configuration of whispered 
/i/). Thus, the comparison of the tongue configuration of /k/ 
between modal voice and whisper should provide valuable 
insight into how the change in the phonation status could 
influence the lingual articulation.  

3. Methods 
We used ultrasound to compare the tongue configuration at the 
time of the release burst of /k/ between /ki/ and /ku/ in three 
voicing environments; devoiced, voiced, and whispered. The 
experiment was conducted at the Speech Production, Acoustics, 
and Perception Laboratory at CUNY Graduate Center. The 
study was approved by the Institutional Review Board of 
CUNY. 

3.1. Speakers 
Three native speakers of Tokyo Japanese living in New York 
City participated in this study. One was male (M1: 28-year-old) 
and the two others were female (W1: 36-year-old; W2: 38-year-
old). All of them were born and raised in the greater Tokyo area. 

3.2. Stimuli 
Four two-mora items of the shape /kVC2e/, shown below in 
Table 1, were used as stimuli following a series of studies by 
Fujimoto and her colleagues (e.g., Fujimoto et al., 2002). These 
items are a mixture of real and nonce words: /kuge/ 
(‘aristocratic class’) and /kude/ (‘goby’) are real nouns; the 
others are nonce words. The devoiced vs. voiced pairs were 
made by varying the voicing of C2. These items were part of a 
larger set of stimulus items included for other studies. 

3.3. Procedure 
The stimulus words were embedded in a carrier sentence, sore 
o __ to kae masu (‘I will replace it with __’). The speakers 
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produced the sentence with no pitch accent on a stimulus word. 
While devoicing occurs highly frequently when /i/ or /u/ is 
surrounded by the voiceless obstruents in Tokyo Japanese, 
many factors affect the frequency and completeness of vowel 
devoicing, including pitch accent. Devoicing occurs less 
frequently when a devoiceable vowel carries a pitch accent 
(Fujimoto, 2015, pp. 179-180). Therefore, the items in the 
devoiced column in Table 1 are those in an environment where 
the vowel is devoiceable.  

Table 1:  Stimulus items.  

Vowel Devoiced Voiced 

/i/ /kike/ 
/kite/ 

/kige/ 
/kide/ 

/u/ /kuke/ 
/kute/ 

/kuge/ 
/kude/ 

  
The sentence was presented in Japanese orthography using 

the presentation program, Psychopy (Peirce et al., 2019) with a 
MacBook pro laptop computer (13-inch, 2018). ka in kae was 
written with a Chinese character, per standard orthographic 
conventions; the other words in the sentence, including the 
stimulus word, were written in Japanese hiragana orthography. 
Devoiced items were presented 10 times while the speakers 
repeated voiced items 20 times, 10 with modal voice and 10 
with whisper. The speakers were signaled to whisper by the 
orthographical representation of the Japanese verb, sasayaku 
(‘to whisper’). The verb was written in Japanese hiragana 
orthography in addition to the sentence. Each block included all 
three voicing categories and the order of the stimuli was 
randomized within a block. The speakers read aloud (or 
whispered) each sentence at a comfortable speech rate.  

3.4. Data collection 
An Ultrasonix SonixTouch ultrasound machine with a C9-5/10 
micro-convex transducer was used to collect tongue images of 
the midsagittal plane during each trial. The transducer 
frequency was 6.5 MHz with a 75% field view and a focal depth 
of 8cm. The video from the ultrasound machine was streamed 
to a PC at a lossless codec (Magic YUV). Each speaker sat with 
their chin on the ultrasound probe. The probe was on a spring-
loaded adjustable holder attached to a weighted steel pedestal. 
Acoustic data were concurrently collected using a Sennheiser 
shotgun microphone with a sampling rate of 44,100 Hz.  

An Optotrak Certus system (Optotrak Certus Motion 
Capture; Northern Digital, Inc.) was used to track the positions 
of the probe holder and each speaker’s forehead so that we 
would be able to correct the movements of the probe and head 
relative to each other in post-processing (Whalen et al., 2005). 
Four infrared emitting diodes (IREDs) were affixed to each 
speaker’s forehead (Roon et al., 2016) as well as to the probe 
holder. The Optotrak data were collected at 100 Hz while the 
Optotrak system concurrently collected audio data at 44,100 
Hz. Optotrak and ultrasound data were temporally synchronized 
in post-processing by auto-correlating the audio recordings 
associated with each signal. 

3.5. Articulatory analysis 
For each target /kVC2e/ token, a tongue contour was traced from 
the last frame before the moment of the release burst of the first 
/k/, following Ahn (2018), using GetContours (Tiede, 2020). 
The moment of the first /k/ release burst was identified via 
acoustics using Praat (Boersma & Weenink, 2019). After 
tracing, each tongue contour was head-corrected and put into a 
head-based coordinate in reference to the occlusal plane via the 

Haskins Optically Corrected Ultrasound System (HOCUS; 
Whalen et al., 2005). Across three speakers, 32 tokens out of 
360 (8.9%) were unanalyzable due to production errors, poor 
images, or issues in the head-correction; 11 from M1 and 21 
from W2. 

The comparison of the tongue contours by vowel or voicing 
was made via smoothing spline ANOVA (SSANOVA; e.g., Gu, 
2013) along with 95% Bayesian confidence intervals (CIs) 
using the gss package (Gu, 2014) in R (R Core Team, 2019). 
Rather than the SSANOVA comparison of the tongue contours 
in Cartesian Coordinates (e.g., Davidson, 2006), smoothing 
splines and the CIs were calculated in polar coordinates, using 
the method in Mielke (2015). For the conversion from Cartesian 
to polar coordinates, we defined a virtual origin that 
approximated the center of arcs made by all traced contours, 
separately for each speaker. The origin in the horizontal 
dimension was the x value corresponding to that of the highest 
point of all traced contours for a given speaker and the origin in 
the vertical dimension was the y value that was 1% lower than 
the lowest point of all contours for that speaker.     

3.6. Acoustic analysis 
We also measured center of gravity (COG) from the release 
burst of the first /k/, following Whang (2018): a 20 ms window 
was placed at the middle of the release burst of the first /k/ for 
each token.  

4. Results 
Based on visual inspection of the waveform and spectrogram, 
across speakers, all devoiceable vowels were devoiced, whereas 
no devoicing of non-devoiceable vowels occurred in modal 
voice speech. 

4.1. Articulatory results 
We first discuss the results related to the vowel effect on the 
tongue contours across the three voicing environments (i.e., 
devoiced, voiced, and whispered environments). We then turn 
to the comparison of the tongue contours by vowel voicing.  

4.1.1. Vowel effect 
Due to space consideration, we cannot show all comparisons of 
the tongue contours by vowel for each voicing environment and 
C2 from the three speakers. However, the three speakers showed 
the same result on the vowel effect on the tongue contours. 
Since the vowel effect was consistent across the voicing 
environments regardless of the place of C2, we collapsed the 
data across C2s to see whether the vowel effect would be present 
in each voicing environment per speaker. Figure 1 shows 
smoothing splines along with 95% Bayesian CIs, comparing 
/ki/ and /ku/ at the release burst of /k/ for each voicing 
environment per speaker. Even after collapsing C2s, all speakers 
showed the same vowel effect on the tongue contours of the /k/ 
release burst across the voicing environments. The location of 
the constriction was reliably more anterior for /ki/ and the 
tongue was more retracted for /ku/ across the voicing 
environments and regardless of whether C2 was the velar (/k/ or 
/g/) or the alveolar (/t/ or /d/).  

4.1.2. Vowel voicing effect 
Unlike the vowel effect, the vowel voicing effect on /k/ was 
variable depending on the vowel quality, C2, and speaker. As 
with the vowel effect, we collapsed C2s and compared the three 
voicing environments per vowel and speaker. Figure 2 shows 
smoothing splines along with 95% Bayesian CIs, comparing 

Iwasaki et al. #119

– 135 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



devoiced, voiced, and whispered environments at the /k/ release 
burst. After collapsing C2s, there was no difference between 
devoiced and voiced environments for both /ki/ and /ku/ across 
the speakers. As for whispering, only M1 showed an effect: 
whispered /k/ had the lowest tongue position of the three 
voicing realizations for both /ki/ and /ku/.  
 

 
Figure 1: Smoothing splines (solid lines) along 

with 95% Bayesian confidence intervals (transparent 
lines), comparing /ki/ (navy) and /ku/ (red) at the /k/ 
release burst per voicing environment. The black line is 
the average palate trace for a given speaker. 

 
Figure 2: Smoothing splines (solid lines) along with 

95% Bayesian confidence intervals (transparent 
lines), comparing the vowel voicing environments at 
the /k/ release burst per vowel quality. The black line 

is the average palate trace for a given speaker. 

4.2. COG results 
COG of the release burst of /k/ was measured to see whether the 
observed tongue difference between /ki/ and /ku/ across the 
voicing environments would show up in acoustics. Figure 3 
shows z-score normalized COG values across speakers, 
comparing /ki/ and /ku/ by voicing environment. Normalization 
was done within each speaker and speaker-specific normalized 

COG values were pooled together for this figure. Parallel to the 
tongue data, C2s were collapsed here. Figure 3 shows a 
consistent lowering effect of /u/ on COG across the voicing 
environments: all three speakers showed the same lowering 
effect of /u/ across the voicing environments.  

To test the statistical significance of these differences, we 
fitted a series of linear mixed effect models using the lme4 
package (Bates et al., 2018) in R. The first model was a null 
model with just the intercept. The second model added the 
vowel effect. The third model included both vowel and vowel 
voicing effects separately. The last model had the interaction 
between these two effects. All four models included a by-
speaker random intercept.  

The comparison of these models revealed that the inclusion 
of the vowel and vowel voicing effects led to a significant 
improvement over the null model ( !"(1) = 	212.95,- <
0.001  for the former; !"(2) = 	18.96,- < 0.001  for the 
latter). Meanwhile, the inclusion of the interaction did not 
improve the model significantly (!"(2) = 	4.67,- = 0.0966).  
These results indicate that the lowering effect of /u/ on COG 
was uniform across the voicing environments. Further, 
normalized COG was higher in the devoiced environment than 
in the voiced one while whispered speech was comparable to 
modal voice in terms of COG.   

 

 
Figure 3: Normalized COG values, comparing /ki/ 

(navy) and /ku/ (red) by voicing environment. 

5. Discussion and conclusion 
We used ultrasound to test whether the lingual articulation of 
the release burst of /k/ differed between /ki/ and /ku/ in both 
devoiced and voiced environments, and also in whispered 
speech. The lingual articulation of the /k/ release burst 
consistently differed between /ki/ and /ku/ across the three 
voicing environments. Furthermore, /u/ had a consistent 
lowering effect on COG across the voicing environments. 
Previous studies have also reported the vowel effect on COG 
regardless of the voicing realizations of /i/ and /u/ (e.g., 
Tsuchida, 1994; Whang, 2018). Therefore, the present results 
showed vowel effects on the preceding /k/ in both acoustic and 
articulatory domains across the voicing environments. This 
means that the present results are in favor of the second 
hypothesis and imply that devoiced /i/ and /u/ are still present: 
devoiced vowels retain their lingual articulatory gestures and 
affect the lingual articulation of their preceding consonant. 
Consonant-vowel (CV) coarticulation is present across the 
voicing environments.    

As an alternative account, it is also possible that the velar 
consonants are different segments depending on the following 
high vowel (Maekawa & Kikuchi, 2005; Whang, 2018): [kj] 
proceeding /i/ and [k] proceeding /u/. This would mean that the 
observed articulatory differences across the voicing 
environments could be due to the different segments ([kj] and 
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[k]) rather than due to CV coarticulation per se. [kj] and [k] 
would, under such an account, have different constriction 
locations whether a devoiced vowel is retained or not. In 
Articulatory Phonology (e.g., Browman & Goldstein, 1992), the 
consonantal and vocalic gestures are assumed to be in-phase in 
a CV syllable (e.g., Goldstein et al., 2006). If this is the case, 
the observed acoustic and articulatory differences between /ki/ 
and /ku/ must be due to CV coarticulation in both devoiced and 
voiced environments. In contrast, if the consonantal and vocalic 
gestures are not overlapping at the release burst of /k/, the 
observed differences are due to the two consonants being 
different (i.e., [kji] and [ku]) even in the voiced environment 
and we cannot tell whether devoiced vowels are still present. 
The present study was not designed to distinguish these two 
arguments (i.e., CV coarticulation or the C1 distinction) and this 
point should be addressed in future studies.       

The voicing effect was variable depending on the vowel 
quality, C2, and speaker. After collapsing C2s, there was no 
difference between the devoiced and voiced environments for 
both /ki/ and /ku/ across the speakers. At the same time, COG 
was higher in the devoiced environment than in the voiced one, 
consistent with Whang (2018). This could be the acoustic target 
when the following vowel is devoiced. As for whispering, one 
speaker showed a consistently lowered tongue position in 
whispered speech compared to modal voice. More data are 
needed to address the effect of whispering on the lingual 
articulation.   
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Abstract 
This study uses altered feedback to investigate whether there 
is difference between vowels and glides in the priority of 
auditory feedback. It was hypothesized that auditory feedback 
is more important in the production of vowels than glides, and 
thus compensatory responses to feedback perturbation were 
predicted to be larger for vowels than for glides. Participants 
were cued to repeat the nonce words /biʌ/ and /bjʌ/, and their 
productions were altered to increase F2 by 250Hz and 
decrease F1 by 120Hz, effectively making the target sounds 
more high and more front.. The alteration was limited to a 
100ms period beginning from the acoustic release of /b/. 
Whether participants exhibited the hypothesized asymmetry in 
compensatory response depended on their vowel durations. 
Participants who produced shorter /i/ vowels compensated 
more for the vowel than the glide, as expected. Participants 
who produced longer /i/ vowels generally showed less 
compensation for the vowel than for the glide, likely because 
the alteration was only applied during part of their vowels.   
 
Keywords: compensation, altered feedback, glides, vowels 

1. Introduction 
Sensory feedback in speech production is important both for 
learning motor targets and for maintaining normal 
sensorimotor representations. However, there are different 
modalities of sensory feedback (i.e. auditory, tactile, 
proprioceptive, etc.), and it is plausible that feedback in a 
particular modality is not of equal importance for all classes of 
speech sounds. Specifically, we suspect that vowels and 
consonants are dissociated with regard to the priority of 
auditory feedback: vowel targets may weight auditory 
feedback more than consonantal targets; conversely, 
consonantal targets may weight somatosensory feedback more 
than vowel targets. To test the first part of this hypothesis, we 
compared behavioral responses to altered auditory feedback 
during the high vowel /i/ and the glide /j/. The vowel-glide 
contrast is quite useful in this context because the articulatory 
and acoustic differences between vowels and glides are 
relatively minor (Burgdorf & Tilsen submitted). We found that 
indeed, compensatory responses for vowels were larger than 
those for glides. 

Phonetic studies of vowels and glides have focused mainly on 
properties of duration and constriction, finding that glides are 
shorter than vowels (e.g., Jaggers 2018) and may be more or 
less constricted than high vowels (Maddieson and Emmorey 
1985a, 1985b, found more constriction in the contexts /iji/ and 
/uwu/; Straka 1964, as reported by Levi 2011, found less in the 
context /aja/). 

This study considers another possible dimension in which 
vowels and glides may vary by comparing behavioral 
responses to altered auditory feedback. In altered feedback 
paradigms participants hear their voice played back to them in 
real time and the playback is altered in some fashion. 

Participants are not alerted to this alteration. The alteration 
may be temporal (lengthening or shortening certain intervals 
such as VOT) or spectral (raising or lowering formants or, in 
the case of fricatives, center of gravity). Altered feedback 
paradigms have frequently been used to measure the 
compensation of vowels to spectral alterations (e.g., Houde & 
Nagarajan 2011), and temporal alterations have been applied 
to glides (e.g. Ogane & Honda 2014, who found compensatory 
changes in the maximum velocities of formant transitions). 
This study applies the same spectral alteration to both glides 
and high vowels in order to make a direct comparison. 

2. Hypothesis and predictions 
The hypothesis of this study is that vowel targets prioritize the 
acoustic domain more than glides do, and glide targets 
prioritize the articulatory domain more than vowels. This 
hypothesis is inspired by previous findings regarding the 
variability of vowels and glides. In an electromagnetic 
articulography experiment, Burgdorf & Tilsen (submitted) 
found that vowels had less variability than glides in acoustic 
variables (formants, transitions, and intensity), while glides 
had less variability in articulatory variables (such as peak 
closure and trajectory curvature). 

Two predictions emerge from this hypothesis. First, that with 
vowels, speakers will compensate more for altered auditory 
feedback than with glides, as auditory feedback is prioritized; 
this is illustrated in Figure 1. Second, that with glides 
speakers will in turn compensate more for altered 
somatosensory feedback than with vowels. This study only 
tests the first prediction. 

 
Figure 1: Predicted response pattern for F2. The 

vertical axis marks change in F2 from baseline, either 
induced by the alteration (black) or produced by the 
speaker. The vowels (red) show a greater degree of 

compensation than the glides (blue). 

3. Methods 
Twenty-five (19F/6M1) native English speakers were given 
auditory models of /biʌ/ and /bjʌ/ during the instruction 
period, together with orthographic representations, ‹bia› and 

1 One participant was known to be transgender. They are categorized 
here according to their vocal range, but we acknowledge and respect 
that this does not align with their identity. 
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‹bya› respectively. /bjʌ/ was chosen over a more English-like 
/bju/ to ensure that the glide was produced as a consonant, as 
/ju/ in English may be a diphthong. Participants were asked to 
repeat these nonce words and verify that they could tell the 
difference; five who could not reliably produce the glide 
cluster were excluded from analysis, leaving 20 (14F/6M). 
Participants were then cued orthographically to say these 
syllables throughout the experiment. 

Each experimental session had three blocks, a control block 
(90 trials) followed by two manipulation blocks (400 trials 
each). In the control block, participants were cued to say both 
nonce words semi-randomly (no more than three consecutive 
repetitions of the same word), with 45 repetitions of each. 
These productions served as an initial measure to control for 
any effects of the ordering of the manipulation blocks. Each of 
the manipulation blocks consisted of 400 repetitions of only 
one of the nonce words. Order of manipulation blocks was 
counterbalanced across participants. 

In the control block, no alteration was applied; participants 
heard themselves accurately. In the manipulation blocks, 
beginning with the 51st trial, the degree of alteration was 
gradually increased as shown in Figure 2. For the first fifty 
(“baseline”) trials, there was no alteration; for the next fifty 
(“ramp”), the alteration gradually ramped up to its maximum 
value; for two hundred (“hold”), it remained at its maximum; 
and for the final hundred (“return”), the alteration was turned 
off again. 

 
Figure 2: Degree of alteration over the course of the 
latter two blocks. 1 represents maximum alteration, 0 

represents no alteration. 

The maximum alteration consisted of an increase in F2 by 
250Hz and a decrease in F1 by 120Hz. This had the effect of 
making the high vowel or glide sound higher and fronter, so 
that participants could compensate by making it lower and 
backer. These values were chosen to reflect a reasonable ratio 
of change in F2 to change in F1 as one transitions between 
different English front vowels. They constitute a substantial 
change, on par with a shift from /ɛ/ or /e/ to /i/ as has been 
done in previous studies (e.g., Houde & Nagarajan 2011), as 
opposed to, for instance, merely a shift from /ɪ/ to /i/. The 
alteration thus produced a sound that is on the boundary of a 
typical vowel space and may have bordered on sounding 
unnatural for some participants. 

The alteration was implemented using Audapter, a software 
package for real-time manipulation of acoustic parameters of 
speech (Cai 2008). Formants were tracked using Berkform in 
Matlab (Yao et al 2010) using ten LPC coefficients with a 
window of 49ms, with different nominal expected frequencies 
for speakers with male and female vocal ranges. Formant 
measures were taken in the first 80ms after the onset of clear 
formant structure after the stop release. Both F1 and F2 were 
measured, but effects were generally more substantial in F2. 

Within each word, the timing of the alternation and its 
temporal profile were designed to target the segments of 
interest. Specifically, the alteration within a trial began after 

the detection of the stop release and lasted 100ms before 
stepping down to zero alteration, as shown in Figure 3. This 
was done so that the alteration would only affect the target 
high vowel or glide and not the final vowel as well. 

 
Figure 3: Degree of alteration within a word, for F2 
and F1 during hold trials (max alteration). Alteration 

lasted 100ms before stepping down. 

The 100ms alteration proved to be a methodological 
limitation. Several participants produced very long vowels in 
the /biʌ/ trials, [bi:ʌ], that exceeded 100ms and outlasted the 
alteration. This meant that the feedback these participants 
heard was not simply of the first vowel being higher and 
fronter as intended; instead, the alteration produced a kind of 
diphthong. This limitation was necessary, however, to ensure 
that vowels and glides underwent the same alteration and 
could thus be compared directly when the vowel was short 
enough. 

After the experiment, participants were asked whether the 
words “sue” and “few” rhymed. This was intended to gauge 
whether /ju/ in words like “few” was a diphthong for that 
participant and thus whether that participant might have 
produced the glide in /bjʌ/ in a more diphthongal fashion as 
well. Participants were also asked if they had noticed the 
alteration; several had noticed when it abruptly turned off, but 
few noticed anything before that point. 

To gauge degrees of compensation, mean formant values from 
the baseline and hold portions of the manipulation blocks were 
compared. As discussed below, many participants did not 
maintain consistent formant values during the hold trials as in 
previous altered feedback studies, but showed substantial 
movement in their productions. This created complications for 
determining how much a given participant compensated, as the 
mean of a participant’s formant values from all hold trials does 
not reflect their varied movement. For this reason, in addition 
to considering each participant’s mean formants from all hold 
trials, we also considered several subsets of hold trials (middle 
100 trials, final 100, 50 trials centered wherever that 
participant showed the most deviation from baseline, etc.). 

4. Results 
Overall, there was compelling evidence in support of the 
hypothesis: speakers whose vowels were relatively short 
compensated more for the vowel than for the glide, as 
predicted. However, speakers whose vowels were relatively 
long exhibited the opposite pattern: more compensation for the 
glide. This difference most likely follows from the 
methodological decision to limit the alteration to 100 ms. 
Thus, although the number of speakers who exhibited the 
predicted effect is slightly less than half of the sample, the fact 
that the effect was observed for precisely those speakers who 
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produced shorter vowels can be taken as further evidence in 
support of the hypothesis. 

Additionally, it should be noted that our participants did not 
compensate as consistently as has been found in previous 
studies. This is not entirely surprising, as our design differs 
from previous altered feedback studies in several ways, 
particularly in utilizing the edge of the vowel space and with 
regard to the timing and duration of the alteration. Participants 
displayed several idiosyncratic response patterns: slow or late 
compensation, anti-compensation, overcompensation, 
persistent adaptation, post-compensation, and compensation 
via lengthening. 

4.1. Compensation degree 

Though a given participant’s degree of compensation may 
vary depending on which (sub)set of hold trials was 
considered, across participants, there was always a mix of 
responses. Not quite half of participants (6-9, depending on 
hold (sub)set) responded as predicted, with significantly more 
compensation in vowels than in glides, and about half (9-11) 
responded in the opposite fashion, with significantly more 
compensation in glides than in vowels. The remainder showed 
no significant difference between vowels and glides. 

The response patterns were not related to block order or to 
participants’ responses to the questions asked at the end of the 
experiment (p>.05), but were related to vowel duration 
(p<.01). Those with longer vowels tended to compensate 
poorly for the vowel, due to the methodological limitation of 
the 100ms alteration. In contrast, participants whose vowels 
were shorter than 100ms, who therefore heard the intended 
kind of feedback, compensated more for their vowels. This is 
shown in Figure 4, where the vertical axis marks the 
difference between glide compensation and vowel 
compensation, and the horizontal axis marks mean vowel 
duration. The dashed vertical line marks the duration of the 
alteration. The compensation values plotted in this figure were 
taken from the 50 hold trials with the most deviation from that 
participant’s baseline. 

 
Figure 4: Difference between glide compensation and 

vowel compensation by vowel duration. Positive 
values indicate more compensation for the glide, 

negative indicate more compensation for the vowel. 

4.2. Variation in compensation behavior 

There were several distinct patterns of response among 
participants, including some that have not been previously 
reported. These patterns and their rates among participants are 
summarized in Table 1. 

Table 1:  Compensation behaviors, tallied across 
participants for the glide and the vowel. 

 /j/ /i/ 
slow & late compensation 11 5 
anti-compensation 4 2 
overcompensation 6 2 
persistent adaptation 12 4 
post-compensation 0 4 
lengthening compensation 0 1 

 

Slow and late compensation: As noted above, several 
participants’ formants over the course of a block did not sync 
with the alteration. Participants were often slow or late to 
compensate, only reaching their maximum compensation well 
into the hold period; by “slow,” we mean formants began 
changing in the ramp period but took much longer than fifty 
trials to reach maximum compensation, and by “late,” we 
mean formants did not begin changing significantly until into 
the hold period. In a few cases, formant values wavered over 
the course of a block with no apparent correlation to the 
alteration being applied. Slow and late compensation were 
more common for glides (11) than vowels (5). 

Anti-compensation: Six participants showed formant change 
in the wrong direction—that is, they responded to the altered 
feedback by raising F2 rather than lowering it. This was also 
more common for glides (4) than vowels (2). Three of these 
participants corrected during the hold period (2 glide, 1 
vowel). 

Overcompensation: Several participants compensated for the 
full amount of alteration or more, in contrast to previous 
altered feedback studies where compensation was partial (e.g., 
Katseff et al 2011). Once again, this was more common for 
glides (6) than vowels (2). 

Persistent adaptation: 14 participants did not return to baseline 
formant values during the return period after the alteration was 
turned off, but continued producing formant values as they had 
during the hold period (12 glide, 4 vowel). 

Post-compensation: Four participants showed minimal 
compensation for the vowel during the alteration period, but 
compensated in the return period. That is, their vowel formants 
did not change very much to compensate for the alteration 
while it was active, but when the alteration was turned off, 
their F2 increased and F1 decreased as if to recreate the altered 
sounds they had just been hearing. No participants did this for 
the glide. 

Compensation via lengthening: One participant lengthened 
their vowels over the course of the manipulation block. Their 
average vowel duration during baseline trials was only slightly 
above 100ms, but by the end of the block, their vowels had 
lengthened to around 150ms. They did not employ this tactic 
for glides. 

5. Discussion and conclusion 
Participants’ varied patterns of compensation compared to 
previous findings may have been a consequence of applying 
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an alteration at the edge of the vowel space rather than safely 
in the middle. Participants in previous studies, on hearing for 
instance [i] instead of an expected [ɛ], would know how an [i] 
could have been produced and how to change their production 
to move it back to [ɛ]; participants of the current study would 
not have had such familiarity with the raised [i̝] or raised [j̝] 
they heard, and so may not have been so readily able to correct 
for it. 

Despite the complications, there is good evidence in support of 
the hypothesis. Of those participants with short enough vowels 
to hear the intended feedback, most compensated more for the 
vowel than for the glide. Thus speakers may prioritize auditory 
feedback to a greater extent for the high vowel /i/ than for the 
glide /j/. We suspect that this asymmetry will apply to the 
vowel-glide pair /u/, /w/ as well, and could perhaps be a 
general difference between vowels and consonants. 

Additionally, the variations in response patterns are quite 
interesting. Glides were more likely than vowels to display 
slow or late compensation, ineffective compensation, 
overcompensation, and persistent adaptation, all of which 
suggest general difficulty in effectively responding to the 
altered auditory feedback to maintain a constant acoustic 
target. In contrast, only vowels displayed post-compensation, 
which suggests directional difficulty: difficulty responding 
when formants became more extreme under the alteration, but 
not when they became less extreme when the alteration was 
turned off. These facts may offer additional post-hoc support 
for the hypothesis that vowels prioritize the acoustic domain 
and are therefore perhaps more attuned to it. 
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Abstract 
This pilot study aims to understand the effect of speed rate on 
beatbox sounds. We carried out a temporal analysis on acoustic 
recordings of 11 Beatbox Patterns produced at 3 speeds: 90, 120 
and 150 Beat Per Minute. Global results shows temporal 
reduction of patterns and sounds. Temporal reduction depends 
on the mode of articulation. However, for a same mode of 
articulation, sounds reduce in different ways. The position of 
sounds in a pattern is not correlated to temporal reduction. 
Although we noted temporal reduction, we only noted few 
omissions and beatboxing errors. Finally, we discuss the 
temporal organization of beatboxing gestures. 
 
Keywords: Human Beatboxing, Temporal Reduction, Speed 
Rate.  

1. Introduction 
Speech rate is known to be a factor of reduction affecting 
supralaryngeal and laryngeal gestures. At fast rates, articulator 
velocity is increased and consequently gesture duration and 
amplitude are decreased (Lindblom 1963; Gay, et al.,1974; 
Ostry & Munhall, 1984; Munhall, & Löfqvist 1992; Byrd & 
Tan, 1996; van Son & Pol, 1999; Jannedy, Fuchs & Weirich, 
2010). In addition, at fast rates, the interval of time between 
gestures is shortened and therefore the degree of overlap is 
increased (Munhall, & Löfqvist 1992; Byrd & Tan, 1996). 
Reduction is not linear, it depends on prosodic factors 
(Fougeron & Keating, 1997) and on the primary articulator 
(Gay, et al.,1974; Jannedy, Fuchs & Weirich, 2010). Little is 
known about acoustic reduction of consonants (van Son & Pol, 
1999) and even less on the effect of beatboxing rate on 
production. Dehais Underdown et al. (2020) showed 
beatboxing rate affects the Center of Gravity (CoG) of hi-hats 

imitation but has little effects on the CoG of kick drums and 
snares. We do not know if rate has the same effects on speech 
tasks and beatboxing tasks because of the different nature of 
linguistic and musical systems. On one hand, speech must 
ensure efficient communication and depends on linguistic and 
communicative constraints. On the other hand, Human 
Beatboxing (HBB) is a form of artistic expression and relies on 
musical constraints. However, both speech and HBB are 
produced by means of vocal tract movements and thus are 
subject to physical constraints.  
In the present study we are presenting an experiment based on 
a beatboxing speeding up task. We used a single metric and 
rhythmical pattern to create various beatbox patterns (BP). 
Since HBB is not linguistic, we wonder whether rate affects 
beatbox sound duration similar to speech. We expect that (1) 
the faster the production, the shorter sound duration (2) 
affricates, trills and fricatives will shorten more than stops (3) 
position in the pattern influences sound reduction. 

2. Methods 
A 32 y.o. professional beatboxer took part in the experiment. 
The recorded material was controlled in terms of sound pattern 
and rhythm. Indeed, to facilitate the comparison of beatbox 
recordings we used only one metric pattern that we transposed 
into 11 Beatbox Patterns (BP). Table 1 shows the 11 BPs 
created for the study. Concerning the rhythm, it was controlled 
using a vibrating metronome placed on his wrist. The 
participant was asked to repeat each BP 5 times in a row at 90 
Beat per Minute (BPM), 120 BPM and 150 BPM (12 BP x 5 
repetitions x 3 speeds = 180 BPs). 
Recordings were manually segmented on Praat (Boersma & 
Weenink, 2006) in terms of acoustic phases (e.g. burst, friction, 
trilling), produced sounds and expected sounds (i.e. targets). To 
study temporal reduction, we extracted sound duration (ms), 

Table 1 : Metric, Rhythm and structure of Beatbox Patterns (BP). {ŋ [ ] ŋ} indicate sounds in these BP are velaric and the 
beatboxer can produce a melody while beatboxing.* indicates the pulsation. 

 
         

Positions 1* 2 3* 4 5 6* 7 8* 9 
Structure of Beatbox Patterns of the corpus: 

1 [p’ t͡ s’ ↓k͡L̥ t͡ s’ p’ p’ t͡ s’ ↓k͡L̥ t͡ s’] 
2 {ŋ [↑p ↑ts k ↑ts ↑p ↑p ↑ts k ↑ts] ŋ} 
3 [t’ t͡ s’ t͡ ʃi̥’’ t͡ s’ t’ t’ t͡ s’ t͡ ʃi̥’’ t͡ s’] 
4 [ɓ t͡ s’ ↑ʡɛʃ t͡ s’ ɓ ɓ t͡ s’ ↑ʡɛʃ t͡ s’] 
5 [↓p t͡ s’ pf’ t͡ s’ ↓p ↓p t͡ s’ pf’ t͡ s’] 
6 {ŋ [↑p f k f ↑p ↑p f k f] ŋ} 
7 [p’ t͡ s’ pf’ t͡ s’ p’ p’ t͡ s’ pf’ t͡ s’] 
8 {ŋ [↑p ↑ts pf ↑ts ↑p ↑p ↑ts pf ↑ts] ŋ} 
9 [ɓ t͡ s’ ↓iç t͡ s’ ɓ ɓ t͡ s’ ↓iç t͡ s’] 

10 [↓ʙ̥ˡ t͡ s’ ʡəh t͡ s’ ↓p ↓ʙ̥ˡ t͡ s’ ʡəh t͡ s’] 
11 {ŋ [↓ʙ̥ˡ ↑ts k ↑ts ↓ʙ̥ˡ ↓ʙ̥ˡ ↑ts k ↑ts] ŋ} 
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acoustic phase duration (ms), silence between sounds (ms). To 
test the hypothesis of a possible relationship between the 
position and temporal reduction we plotted the duration of 
sounds and duration of BPs (i.e. speed rate index) and we 
indicated Pearson Coefficient for each position. 

3. Results 

3.1. Global effect of speed rate 

Global results of speed rate shows duration of BPs is decreasing 
as the speed rate increases. We also observe that the faster the 
speed rate, the less standard deviation there is (Figure 1 error 
bars). Since BPs are composed of various type of sounds and 
silences between sounds, we need to have a closer look at how 
speed rate affect them. 

 
Figure 1: Duration of Beatbox Patterns as a function 

of speed rate. 

Before turning to the results of sound reduction, it is important 
to mention that the beatboxer made few production errors. 
Indeed, when we compared the targeted sounds (i.e. the 
structure of BP to be repeated by the beatboxer) and the 
produced sounds (i.e. the structure of BP produced by the 
beatboxer) we found few omissions. On 1566 targets, only 22 
(1.4%) were not produced at all; 18 of them were not produced 
at 150 BPM. We also noted 97 tokens (6%) that shows sound 
changes (e.g. [t͡ s’] → [t͡ ʃ’]; [↓p] → [↓ʙ̥ˡ]) but they will not be 
analyzed in this paper. In the following sections we removed all 
tokens that did not match the targeted sound. However we will 
discuss the interest of beatboxing errors in section 4. 

3.2. Mode of articulation 

We hypothesized that affricates, trills and fricatives will shorten 
more than stops. Figure 2 shows sound duration as a function of 
speed rate. Trills reduce most, then affricates and finally stops 
and fricatives were little reduced. It is important to note all 
sounds do not reduce the same way even if they share the same 
mode of articulation. 
The voiceless ingressive pulmonic trill [↓ʙ̥ˡ] is longer than its 
velaric correlate {ŋ[↓ʙ̥ˡ]ŋ} (brackets indicate velaric initiation) 
and thus shortens more. Temporal differences between [↓ʙ̥ˡ] and 
{ŋ[↓ʙ̥ˡ]ŋ} are due to initiation mechanisms, the first being 
pulmonic ingressive and the latter being velaric ingressive. 
First, the velaric mechanism only modifies the pressure in the 
oral cavity unlike the pulmonic mechanism that modifies 

pressure in the entire vocal tract. Second, the velaric mechanism 
appears to be quicker to initiate the ingressive airflow required 
to create the differential of intraoral pressure (i.e. Intraoral 
pressure-Atmospheric pressure) and generate the trilling. 
Furthermore, we found two relevant parameters to describe trill 
reduction : the number of oscillations and the frequency of 
vibration. We noticed a reduction of the number of labial 
oscillation and an increase of the frequency of vibration at fast 
rate. In other word, lips are oscillating faster during a shorter 
interval of time. 

 
Figure 2: Sound Duration (ms) as a function of speed rate. 

Each color indicates the mode of articulation. 
 
 

 
Figure 3: Duration of affricates (ms) as a function of 
speed rate. Each color indicates the sound. Columns 

refer to the type of affricate (buccal, humming or 
laryngeal) and the type of instrument (hi-hat or 

snares)  
“Humming” is a beatboxing strategy relying on 

velaric initiation to allow simultaneous phonation. 
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Global analysis of duration for affricates revealed that they 
shorten in different ways. Detailed analysis of acoustic phases 
duration shows that affricates [↓k͡ʟ̥], [t͡ ʃi̥’] as well as velaric 
snare {ŋ[k]ŋ} and hi-hats [ts’] and {ŋ[ts]ŋ} reduce the duration 
of the frication noise. However, the reduction of the labiodental 
affricates [pf’] (i.e. glottalic) and {ŋ[pf]ŋ} (i.e. velaric) seem to 
depend on the position. The laryngeal affricate are not affricates 
in a linguistic point of view. It refers to sounds composed of 
voiced onset, similar to a burst with vocalic resonances and a 
phase of frication or aspiration noise. [↓iç] highly reduces its 
frication noise whereas [↑ʡəh] and [↑ʡɛʃ] shorten only a bit. 
Ingressive are not common and difficult to study in speech 
(Eklund, 2008); but ingressiveness may explain why [↓iç] is 
highly reduced. We also found that the guttural snare [↑ʡəh] 
shortens in a particular way: its glottal onset (i.e. egressive 
voicing) lengthens but the aspiration noise shortens; though the 
overall duration shortens. 
Finally, the velaric fricative {ŋ[f]ŋ} do not reduce as we 
thought, its reduction depends on the position. The analysis of 
the fricative is given in section 3.4. 

3.3. Silences 

BPs are characterized by an alternation of acoustic noise and 
silence (Figure 4). These silences are in fact intergestural 
intervals, that is, the time needed to move from one target to the 
next one. We annotated 2 different types of silence, (1) the 
silence between position 5&6 hereafter noted “-” (orange 
arrow) and (2) the rest noted “_” (blue arrows). 

Figure 4: Waveform and spectrogram of the BP  
[pʼ ts’ ↓k͡ʟ̥ ts’ pʼpʼ ts’ ↓k͡ʟ̥ ts’] at 150 BPM. 

The first observation is that silences between position 5&6 (i.e. 
“-”) is shorter, because articulators hit the same articulatory 
target since sounds in position 5&6 share the same place of 
articulation. Figure 5 shows silence duration as a function of 
speed rate.  
Silence reduction means gestures are getting closer on the time 
domain. It could lead to beatboxing errors such as assimilation, 
omission or transformation. Since the percentage of beatboxing 
omissions and transformations are low, we think the beatboxer 
is reducing both gestures’ duration but maintain the same 
relative overlap in order to avoid overlap. 

 
Figure 5: Silence duration (ms) as a function of speed 
rate (BPM). 

3.4. Position 

In section 3.2, we analyzed the effect of speech rate on sound 
duration regarding the mode of articulation. We will now have 
a look of the correlation between sound duration and speed rate 
for each position.  
 

 
Figure 5 : scatterplots of sound duration (ms) as a 
function of beatbox pattern duration (s) for each 

position 

Figure 5 shows the scatterplots of sound duration (ms) as a 
function of beatbox pattern duration (s) for each position. Since 
BPs decrease their duration at fast rate, we chose to plot their 
duration as an index of speed rate. Short durations correspond 
to fast rate (i.e. 150 BPM) and long durations correspond to low 
rate (i.e. 90 BPM). In order to evaluate the correlation between 
sound duration and BP duration we indicated the Pearson 
Coefficient. In position 1, 5 and 6, we kept stops (i.e. kick 
drums) and trills (i.e. lips roll) together even if trills are longer. 
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Removing trills from scatterplots barely changed R values from 
0.13, 0.22, 0.089 to 0,17, 0.19, 0.23 respectively in position 1, 
5 and 6. Even though the coefficient in position 6 is higher, the 
correlation is still weak. 
No correlations were found in the current data. Three positions 
show higher R coefficient. Position 4 (R = 0.38) corresponds to 
the end of the first half of the pattern; it is also the position 
where most omissions and transformation occurred. Final 
positions also show higher R coefficients : position 8 R = 0.32 
and position 9 R = 0.43. Higher R coefficients means more 
reduction in these specific positions. It is interesting to note 
reduction is more important in final position. However, the 
correlation is weak and our hypothesis cannot be confirmed. 
We found two interesting cases where sounds lengthen as speed 
increase. The voiced kick [ɓ] lengthens in position 5 whereas it 
shortens in position 6. Our corpus is built so the same sound 
appears in position 5&6. In absence of physiological data we 
cannot evaluate possible constraints or explanation of 
lengthening. The velaric hi-hat {ŋ[f]ŋ} lengthens in position 2 
and 7 but shortens in position 4 and 9. Velaric fricatives are not 
attested in phonological systems and we do not know yet how 
it is produced. Velaric mechanism cannot explain the 
lengthening on its own, otherwise we would have noticed 
similar patterns of reduction/lengthening in other velaric 
sounds. However, the combination of a velaric mechanism and 
a fricative gesture could be one part of the explanation. The 
other part would be the effect of segmental context. Position 2 
and 7 have the same segmental context: {ŋ[↑p f k]ŋ}; whereas 
position 4 and 9 have a different context: {ŋ[k f ↑p]ŋ} or {ŋ[k f 
#]ŋ}. A labial constraint between {ŋ [↑p] ŋ} and {ŋ[f] ŋ} might 
provoke the lengthening. 

4. Discussion  
The data indicates that the beatboxer adapted to the speeding up 
task with precision: there is evidence of temporal reduction but 
few beatboxing errors (i.e. 1.4% of omissions and 6% of 
transformations). We validated the first two hypothesis: (1) the 
faster the production, the shorter sound duration (2) affricates, 
trills and fricatives will shorten more than stops. Speed rate has 
a global effect on the beatboxer’s production, that is a reduction 
of the duration of Beatbox Pattern. A more detailed analysis on 
sound duration revealed reduction depends on the mode of 
articulation. For a same mode of articulation, sounds do not 
always reduce the same way. Concerning the second hypothesis 
we found evidence that trills reduce most and then affricates > 
fricative-stop. Aerodynamic data is needed to understand the 
interplay between initiation mechanisms, airflow, intraoral 
pressure and reduction. It could help to find, or not, a clearer 
pattern of reduction. The last hypothesis is not confirmed; the 
position of sounds in the pattern is not correlated to temporal 
reduction for the BPs analyzed in the present study. Yet, the 
absence of correlation do not imply rhythmical structure has no 
effect on reduction. Indeed, the absence of correlation may be 
an artefact of our corpus. A temporal analysis of freestyle 
recordings could provide evidence of a relationship between 
rhythm and reduction.  
Beside the previous findings, two interesting findings drew our 
attention: gestures are getting closer at fast rate and there are 
only 6% of transformations. These transformations seem to be 
cases of overlap. We found cues of labialization of [ts’] → [tsf’] 
when it preceded a labial or was between two labial sounds in 
two specific BPs (1) [pʼ ts’ ↓k͡ʟ̥ ts’ pʼpʼ ts’ ↓k͡ʟ̥ ts’] and (2) [pʼ 
ts’ pf’ ts’ pʼpʼ ts’ pf’ ts’]. In the first BP there were only two 
tokens of [tsf’] found in position 9 at 150BPM. Since there are 
5 repetitions of BPs, labialization must be related to the first 
kick of the following pattern. For the second BP, where [ts’] 
was between two labial sounds, we found 8 tokens of 

labialization at all rates but only in position 4. This suggests 
evidence of anticipatory movement of the jaw. Beatboxing 
errors need to be included in further analysis. 
Beatboxing errors, however, are somehow scarce, even if 
gestures are closer to one another. The temporal organization of 
beatboxing gestures appears to be different than speech 
gestures. It is possible that beatboxing gestures are not planned 
with overlap contrary to speech where syllable structure favors 
overlap. In HBB there are no “vowels” (Figure 4), at least not 
in our data, and thus there is no CV structure. In this sense, HBB 
is quite different from speech. The BPs to be repeated have a 
simple structure, more complex structures could mean a 
different way of organizing gestures and overlap. 

5. Conclusion 
This study proposes the first temporal analysis of the effect of 
speed rate on Human Beatboxing. Speed rate has a different 
effect on production in HBB. It is a rich paradigm to study 
articulators motion and coordination in a non-linguistic task. 
Playing the game “spot the differences” between speech and 
HBB could provide useful comprehension of production 
mechanisms. 
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Abstract 

Voice onset time [VOT] was measured and analyzed in over 
29,000 stop productions from 13 typical English-learning 
children, ages 3–8 years, each recorded over ten months. We 
explored contextual variation in VOT as a function of 
consonant place of articulation [POA] and the following 
vowel [V], and also assessed discreteness, i.e. the separation 
between VOT categories. Finally, we compared overall age 
trends with speaker-specific patterns. Contextual effects were 
observed in the form of longer VOTs before a higher V, and 
for more posterior POAs. Category discreteness increased 
with age for all POAs. There were no overall age trends in 
VOT durations for /p t k/ or for prevoicing of /b d g/. The 
variability of long-lag VOTs did show a weak tendency to 
decrease with age in the group data, but not all individuals 
followed that pattern. In speakers who used prevoicing 
commonly, prevoicing was longer for more anterior POAs. 
These analyses allow us to begin to assess random vs. 
contextually-driven variability in child speech. 

Keywords: voice onset time, child speech development 

1. Introduction 
Voicing acquisition in English-learning children has been 
widely studied using voice onset time (VOT; Lisker & 
Abramson, 1964), the interval between oral release and the 
onset of glottal vibration. In adult speech, VOT has been 
found to vary according to place of articulation [POA] (velar 
> alveolar > bilabial) and following vowel context [V]. 
However, magnitudes of effect vary across studies and the 
nature of the vowel effect is not clear. Several studies report 
that higher vowel contexts have longer aspiration durations 
(Esposito, 2002; Klatt, 1975; Nearey and Rochet, 1994; 
Ohala, 1981). A few also report longer VOT lags before back 
vowels (Klatt, 1975; Nearey and Rochet, 1994) but there are 
counterexamples (Yeni-Komshian et al., 1977; cf. also 
Weismer, 1979 on possible effects of tense-lax status). 

Few studies evaluate VOT context effects in child speakers 
(but cf. Smith, 1978; Whalen et al., 2007; Zlatin, 1972); 
further, no past work has directly evaluated the degree to 
which such effects are consistent during development. The 
primary aim of the present longitudinal study was therefore to 
explore how VOT varies across children and over time with 
respect to differences in POA and V. We also compare 
category separation, i.e. discreteness, with previously-
reported data from two-year-old children.  

 

2. Methods 

2.1. Participants 

Thirteen typically-developing monolingual English-speaking 
children aged 3;4-7;6 were recruited for participation. All 
participants scored within normal limits on standardized speech 
and language assessments, an oral mechanism examination, and 
a hearing screening.  

2.2. Data collection and stimuli 

Recordings were collected every 2–4 weeks over a 10–month 
period for a total of 18 sessions per child. Across children the 
design provided data for ages 40–98 months (see Table 1). A 
minimum of 10 tokens per word (2 word pairs per POA) was 
attempted in each recording session to establish VOT 
distributional characteristics. Bilabial and velar cognate pairs 
targeted a front–back vowel difference (/i/-/u/, /e/-/o/), while 
alveolar pairs targeted a mid–low vowel difference (/o/-/ɑ/): 
beach-peach/boo-pooh, dock-tock/doe-toe, gay-kay/goat-coat. 
Stimuli consisted of images of monosyllabic words presented 
in a PowerPoint presentation with utterances randomized within 
each session. Standardized verbal prompts were used to elicit 
responses, as necessary. 

Table 1: Participant identifier, gender, and age. 
 

Speaker Gender Age 
(onset) (end) 

PE M 40 49 
PF F 44 53 
SL F 49 58 
AC M 54 63 
PC F 63 72 
AN F 63 72 
SJ F 66 75 
SC F 66 75 
GM M 69 78 
SN M 73 82 
SG F 83 92 
AB F 87 96 
HL F 89 98 

2.3. Recording and analysis 

Recordings were made in a quiet room using a Marantz 
(PMD660) portable digital recorder. A Pentax lapel 
microphone (Model 3502) was attached to the child’s clothing 
approximately 6 in. from the mouth for a favorable signal-to-
noise ratio and minimal feedback distortion. Data was 
transferred from the Marantz to the Pentax Computer Speech 
Lab (Model #4500), where it was analyzed for VOT using 
both acoustic waveforms and spectrograms. In total, 29,504 
tokens were included in the analysis. 

Hitchcock et al. #128

– 146 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)

mailto:hitchcocke@montclair.edu
mailto:koenig@haskins.yale.edu
mailto:ochsl@montclair.edu


3. Results 

3.1. Group data 

3.1.1. POA effects on VOT 

To assess POA differences, paired-samples t-tests were 
carried out on session means for all sessions and children. 
Results (see Table 2) showed small (3–6 ms) differences for 
all two-way comparisons, observed in about 70–75% of all 
sessions (see Table 2, rightmost column). Thus, the expected 
pattern of velar > alveolar > bilabial was found rather 
consistently. The POA effect seems to increase slightly over 
time (Figure 1). 

Table 2: Statistical results for POA effects. 

POA Mean 
(ms) 

SD t df Sig. 
(2-tailed) 

% 

/d–b/ 6.25 15.02 6.363 233 0.000 71% 
/g-d/ 2.94 12.75 3.532 233 0.000 72% 
/t-p/ 5.90 9.78 9.230 233 0.000 75% 
/g-t/ 6.19 9.91 9.547 233 0.000 76% 

 

 

Figure 1: VOTs (ms) for /p t k/, showing the place of 
articulation fits over time (velar in red, top; alveolar 

in yellow, middle; bilabial in green, bottom) 

3.1.2. Vowel effects on VOT 

Based on past work, our main prediction was that VOTs would 
be longer before higher vowels; we also assessed whether back 
vowels yielded longer VOTs than front vowels. Paired-samples 
t-tests, performed on session means for all children and 
recording sessions, showed significant differences for all vowel 
comparisons (Table 3). The largest effect was seen for /t/ (toe-
tock), where the mid vowel context had longer VOTs on the 
order of 16 ms. This effect was found in 87% of session means 
(Table 3, rightmost column). The vowel effect for /d/ was much 
smaller and in the opposite direction. Front-back vowel 
differences were all 6 ms or less, and the direction differed for 
/b/ vs. /p/. Session means followed the expected patterns more 
consistently for /p t k/; for /b d g/ percentages are all around 
50%.  

 

 

Table 3: Statistical results for vowel effect. 

POA Vowel Mean 
(ms) 

SD t df Sig. 
(2-tailed) 

% 

/b/ /u–i/ -3.68 21.99 -2.558 233 0.011 46% 
/d/ /o–a/ -5.94 20.72 -4.385 233 0.000 48% 
/g/ /o–e/ -3.23 20.70 -2.389 233 0.018 53% 
/p/ /u–i/ 6.05 14.33 6.456 233 0.000 70% 
/t/ /o–a/ 15.61 17.24 13.851 233 0.000 87% 
/k/ /o–e/ -5.32 12.58 -6.469 233 0.000 65% 

 

3.1.3. Discreteness and age 

Hitchcock and Koenig (2013) presented data on discreteness of 
voicing categories in 2-year-olds. Discreteness reflects the 
degree of separation or overlap between contrasting voicing 
categories; separation yields a positive value and overlap yields 
a negative value. Such measures have been carried out using 
session means as well as all tokens produced, e.g. to determine 
whether any value of /p/ falls in range of /b/ for that session. As 
in our earlier study, we find that discreteness increases with age 
when entering individual tokens into the analysis: At all 3 
POAs, correlations between age and discreteness were positive 
and significant (p<0.001). All r-values were in the narrow range 
of 0.24–0.25 (Table 4, left columns). Carrying out the same 
analysis using session means (Table 4, right columns) did not 
yield an age effect.  

Table 4: Discreteness by age for all productions (left) 
and session means (right). 

            Token by Token Data Mean Data 

POA Pearson 
Corr. 

Sig. 
 (2-tailed) 

Pearson 
Corr. 

Sig. 
 (2-tailed) N 

b - p 0.237 0.000 0.038 0.558 234 
d - t 0.239 0.000 0.053 0.422 234 
g- k 0.245 0.000 0.059 0.367 234 

 

3.2. Individual patterns 

3.2.1. VOTs for /p t k/ over time 

For this analysis, we focused on /p t k/ since an assessment of 
/b d g/ was complicated by prevoicing (see section 3.2.3). 
Figure 2 plots VOT for all tokens as a function of age. The 
blue trend lines, one for each speaker, indicate that VOT does 
not generally show a developmental trend in this age range; 
speakers differ. The linear fit over the whole dataset showed 
no age effect (t=–0.907, p=0.364, adjusted R2<0.001. 
Another example of individual differences is provided in 
Figure 3. These panels show that a pair of twins enrolled in 
the study had opposite trends in /p t k/ VOTs over time.  
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Figure 2: VOTs (ms) for /p t k/ over time, all speakers 

 

 

Figure 3: VOTs (ms) for /p t k/ over time showing the place of 
articulation fits  for SJ and SC, a pair of twins (velar in red, 
top; alveolar in yellow, middle; bilabial in green, bottom). 

3.2.2. VOT SDs for /p t k/ over time. 

Session standard deviations [SDs] for /p t k/ VOTs are plotted 
in Figure 4. The overall age trend is in red, and individual 
speaker fits are in blue. Here, there was a general age-related 
trend (t=–6.547, p<0.001), but it accounted for little of the 
variance (adjusted R2=0.0514). Most speakers, but not all, 
showed an age-related decline over recording sessions. The 
magnitude of the change also varied considerably across 
individuals. 

 

Figure 4: VOT SDs (ms) over time for /p t k/, all speakers. 

3.2.3. Prevoicing 

All speakers produced some instances of prevoicing, but 
percentages varied from less than 1% to 76% across children 
and followed no clear age-related pattern (see Figure 5). 
When speakers used prevoicing, it was generally found across 
all places of articulation. Some evidence for a POA effect can 
be seen in the magnitude of prevoicing, however. Figure 6 
presents prevoicing durations for the two children who 
produced the greatest number of negative VOTs (SJ, N=443; 
SN, N=858). They showed the expected pattern whereby 
prevoicing is longer for more anterior places of articulation 
(cf. Ohala & Riordan, 1979). The POA effect was not 
significant for SJ (F=0.555, p=0.574), but it was for SN 
(F=3.111, p=0.045), and post-hoc (Tukey HSD) tests revealed 
a significant difference between /b/ and /g/ (adjusted 
p=0.034); prevoicing durations were about 8 ms longer for /b/ 
than /g/.  

Figure 5: Individual percentage of prevoicing. Participants 
are in order by age (cf. Table 1). 

 

Figure 6: Place of articulation effects on prevoicing for two 
speakers, SN and SJ (bilabial in green, alveolar in yellow; 

velar in red). 

4. Discussion and conclusions 

4.1. Group patterns  

The data showed expected differences in aspiration duration 
as a function of POA (longer VOTs for more posterior 
places). The effect was also rather consistent, emerging for 
over 70% of sessions across children.  

Vowel effects were less clear. There was a strong and 
consistent effect of vowel height for /t/, but a significant effect 
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in the opposite (unexpected) direction for /d/. Front–back 
differences, while significant in all cases, differed in direction 
and were quite small. Thus, vowel effects on VOT remain 
somewhat cryptic. 

As in our past work (Hitchcock and Koenig, 2013), 
discreteness, measured as the magnitude of overlap for all 
stop productions for each word pair in a session, showed a 
developmental trend towards increasing separation with age. 
Discreteness, measured as the difference between session 
means, demonstrated no such effects. The token-to-token 
discreteness measure is thus sensitive to ongoing speech 
production development up to age 8.  

4.2. Individual patterns 

Average aspiration durations for /p t k/ did not follow an overall 
age trend, and individuals demonstrated different patterns over 
the recording sessions. The standard deviation of aspiration 
duration did show a weak negative age trend, but it was not 
observed in all speakers. The occurrence of prevoicing was 
speaker-specific and not clearly related to age. It should be 
noted that age effects might be observed for languages in which 
prevoicing is distinctive (cf., e.g., Okalidou et al., 2010). 

4.3. Conclusions 
High variability is a widely-discussed aspect of child speech 
(e.g., Cheng et al., 2007; Grigos, 2009; Ménard et al., 2008), but 
it remains unclear to what extent this variation reflects 
structured contextual effects vs. random variability. Further 
investigations into patterned variation can help elucidate the 
nature of speech production development. It is also evident that 
developmental processes, here measured in terms of variability 
(standard deviations) and category separation, measured as 
token-to-token discreteness, can be observed into the school-
age years.  
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Abstract 
Studies on gestural timing relations allow us to examine both 
the coordination patterns and the variability in this 
coordination. In this study, we investigate the intergestural 
timing within a multi-gestural segment—focusing on the 
velum-oral timing in Korean nasal consonants—extending 
earlier accounts of the across-segment timing. We examine the 
effect of syllable structure on nasal-internal intergestural 
timing by using real-time MRI speech production data. 
Findings suggest that the nasality is weakened in the onset 
nasals compared to coda nasals, and the process of nasal 
weakening may create concomitant greater variability in the 
onset. This study of intergestural timing under prosodic 
variations reveals articulatory grounding for phonological 
phenomena commonly observed in Korean such as 
denasalization or nasal weakening. In sum, intergestural 
timing is not merely a function of contextual overlap and 
variation, but rather is intrinsic to the representational 
specification for these segment-sized gestural molecules along 
with their syllabic structural properties.  
 
Keywords: intergestural timing, syllable structure, prosody, 
variability, nasal articulation 

1. Introduction 
Previous studies on intergestural timing have generally 
focused on its systematic variability across prosodic variations 
(Byrd et al. 2009; Cho 2006). A known finding regarding 
intergestural timing across sequences of consonants is 
consonant gestures in the onset cluster are timed in-phase with 
the vowel, whereas gestures in the coda are timed sequentially 
with the vowel and with one another (Goldstein et al. 2007; 
Nam et al. 2009). This difference in phase relations with 
respect to syllable position gives rise to difference in temporal 
variability as well, the in-phase relation having a more stable 
coordination than the anti-phase relation. Thus, intergestural 
timing in the onset position is more stable than that in the coda 
position, at least for the previously observed timing across 
segments. 

Although this seems to be the general pattern for 
consonant clusters, when it comes to timing between gestural 
actions that comprise a single segment, intergestural timing 
may be largely fixed due to its tight coupling structures. That 
is, the segment-internal timing may be less malleable to 
prosodic variations. For example, Shaw et al. (2019) found 
that temporal lags are more stable within a (complex) segment 
than the lags between similar gestural sequences across 
segments. Such a highly rigid within-segment timing may have 
intergestural timing that is less sensitive to syllable structure.  
If so, we would expect a uniform and very stable timing 
pattern in both onset and coda positions. 

On the other hand, intergestural timing patterns within a 
multi-gesture segment may in fact vary slightly with respect to 
the gestural organizations and coupling relations that encode 

the syllable structure as well as the segment-internal 
phonological structure. The formation of a nasal consonant, for 
instance, comes with its specific temporal constraints—
including requiring nasal airflow during oral closure—that can 
render intergestural timing of nasals rather inelastic to a certain 
degree. However, there is language-specific variation for 
segment-internal timing relations such that greater asynchrony 
is exhibited in multi-gesture segments in the onset than in the 
coda (Gick et al. 2003; Gick et al. 2006; Saltzman et al. 1998; 
Tabain et al. 2004). Moreover, intergestural timing may vary 
systematically in its temporal alignment when that timing is 
the basis of segmental contrast (Oh et al. 2019). 

The aspect of variability in intergestural timing of crucial 
interest in this study is whether variability in timing increases 
systematically with the temporal lag between the component 
gestures, similar to variability patterns observed for across-
segment timing. If, however, the variability is not affected in a 
uniform way by temporal lag but rather shows independent 
predictable patterns of variation, this would lend support for 
the existence of phonological coupling structures that adhere 
to specified temporal requirements for the specific segment in 
question. To test how stable or flexible the within-nasal timing 
can be under variations, we introduce conditions of variability 
via focal prominence and phrase boundaries, and we examine 
timing variability under these prosodic modulations.  

Three hypotheses for within-segment timing drawn from 
these theoretical possibilities are that the coordination patterns 
are similar to those exhibited across-segments, that the timing 
pattern does not change as a function of syllable structure, 
remaining rather stable, or lastly, that timing and variability is 
specific to each segment and its syllable structure. These three 
hypotheses for within-segment timing are as follows: 

 
1. Like timing within and across segments: within-

segment intergestural timing is more synchronous 
and more stable in onset position than in coda 
position, as has been observed across segments. 

2. Uniform within-segment timing: the temporal lag 
and variability for within-segment gestural timing is 
the same in the onset position and in the coda 
position. 

3. Syllabically-specific within-segment timing: inter-
gestural timing is specific to both segment-sized 
gestural representations and their syllable structures, 
without requiring onsets to necessarily be both 
synchronous and stable. 

 

In the remaining sections, we evaluate this multi-faceted 
temporal coordination of gestures in several Korean nasal 
sequences. To investigate this issue of segment-internal 
intergestural timing, we use real-time articulatory data to 
examine how the velum and oral gestures in nasal consonants 
are temporally coordinated in varying prosodic contexts in the 
production of Korean nasals. 
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2. Methods 

2.1. Data acquisition 
Real-time Magnetic Resonance Imaging (rtMRI) speech 
production data of the midsagittal vocal tract (with a temporal 
resolution of 12ms/frame) was acquired from five native Seoul 
Korean speakers. Target items were syllable-onset nasals 
(/#n/), syllable-coda nasals (/n#t/, /n#p/), and juncture 
geminate nasals (/n#n/) across three boundary and focus 
conditions (Word boundary, Accentual Phrase boundary [AP], 
& AP boundary with focus placed on the boundary-initial 
word [e.g., boundary-initial numbers in Table 1]). These target 
items are placed in controlled carrier sentences. 
 

Table 1: Stimuli examples 

 Noun  Number Gloss 
/#n/ [hatp*a] + [nɛ kɛ] ‘four fishcake bars’ 
/n#t/ 

[ɕhilphan] 
 [tasʌt kɛ] ‘five blackboards’ 

/n#p/ + [pɛk kɛ] ‘a hundred blackboards’ 
/n#n/  [nɛ kɛ] ‘four blackboards’ 

 
Speakers repeated each target item 7-8 times. Speakers were 
young adults, and the data was collected in accordance with 
USC IRB approved protocol. The kinematics of velum 
lowering gestures and tongue tip raising gestures associated 
with [n] production were analyzed as described below. 

2.2. Data analysis 
Gestural temporal landmarks (onset, target, & release) for the 
Velum (VEL) gesture were computed from the kinematics of 
velum centroids using tangential velocity (Oh & Lee 2018; 
Figs 1-2).  
 

 
Figure 1: Velum centroid tracking in rtMRI 

 
Figure 2: Velum trajectories (VELx & VELy), 

tangential velocity (tVEL), and temporal landmarks 

Tongue Tip (TT) gestural actions were determined by region-
of-interest image sequence analysis (Lammert et al. 2013). 
Once VEL and TT gestural trajectories were obtained, the 
find_gest algorithm (Tiede 2005) was used to identify gestures 
with the velocity threshold set at 20% of max velocity. Based 
on these identified kinematic landmarks, velum-to-Tongue-Tip 
intergestural lags were indexed as intervals between the two 
gestures’ temporal landmarks as follows: i) the interval from 
the VEL lowering onset to the TT raising onset (i.e., “Onset 
Lag”) and ii) the interval from TT raising onset to VEL raising 
onset (i.e., “Consonant Nasality Lag”). The former, “Onset 
Lag,” indicates how the two gestures are phased relative to 
each other, and the latter, “Nasality Lag,” serves as an 
articulatory index of consonant nasality by quantifying the 
duration of oral constriction during which the velum is at its 
lowered posture (Fig 3).  
 

 
Figure 3: Gestural schemas for intergestural lags 

Gestural lags were analyzed using linear mixed effects models, 
and coefficients of variation (CoV) with modified signed-
likelihood ratio test (M-SLRT) were used for comparing 
variances (Krishnamoorthy & Lee 2014; Marwick & 
Krishnamoorthy 2019). Variability testing is supplemented 
with Levene’s tests for homogeneity of variance. 

3. Results 
We report the results of four speakers out of five total subjects, 
as one speaker’s data does not show quantifiable VEL gestures 
in onset nasals (/#n/). Below, the results for each nasal 
segment are presented. In this brief report, the prosodic 
conditions were pooled, with the expectation that when 
intergestural timing varies as a function of prosodic 
modulations, the prosody-pooled result will exhibit greater 
variability. 

3.1. Onset timing 
The findings indicate that onset lags in the coda (including 
singleton coda nasals and concatenated nasals at a morpheme 
juncture) and singleton onset nasals are similar—the positive 
onset lag in all of these nasal sequences shows that in Korean 
nasals the velum lowers before TT constriction formation 
begins (Fig 4).  
 
Although the mean onset lag is similar across different nasal 
segments, onset nasals exhibit significantly greater timing 
variability than nasals in the coda position (CoV: onset /n/ > 
coda /n/ & geminate /n#n/; M-SLRT= 82.388, p < .001). 
Levene’s test also reveals that the velum-oral timing in onset 
nasals has greater variability than the like timing in coda 
nasals (F(3,427)=18.307, p < .01). 
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Figure 4: Individual onset-to-onset lags (left) and 

their density plots (right) 

3.2. Timing of consonant nasality 
The intergestural timing indicated by the “Consonant Nasality 
Lag” (TT onset to VEL raising onset lag) represents the 
articulatory timing yielding consonant nasality. The consonant 
nasality lag is shorter (i.e., near-zero lag) in the onset nasals 
than in coda nasals and juncture geminate nasals (Fig 5).  
 
Turning next to the variability in this temporal lag, onset 
nasals have significantly greater timing variability than nasals 
in the coda position (CoV: onset /n/ > coda /n#p/ > coda /n#t/, 
geminate /n#n/); M-SLRT=225.739, p < .001). Because CoV 
increases when the mean value is near zero, the statistical 
testing for variability is supplemented with the Levene’s test, 
and the result shows that the timing variability is not in fact 
significantly different between the onset nasals and coda 
nasals (F(3,427) = 0.781, p = .505). Still, there is a huge 
interspeaker variation in the consonant nasality lag for onset 
nasals, Speakers A and B exhibiting a positive lag whereas 
Speakers C and D having a close to zero lag—thus, Speakers 
C and D produces onset nasals with almost no consonant 
nasality. 
 

 
Figure 5: Individual consonant nasality lags (left) and 

their density plots (right) 

4. Discussion and conclusion 
This study investigates how intergestural timing is modulated  
under prosodic variation within a segment-sized multi-gestural 
molecule. First, the phasing relations between the velum and 
the oral gestures that comprise a nasal segment are similar 
with respect to different syllable positions. In Seoul Korean 
nasals, the velum lowering gesture precedes the oral gesture, 
showing an anti-phase relation, indicated by a positive onset-
to-onset lag.  This differs from the (slightly) more well-studied 
internal timing of nasals in English (e.g., Byrd et al. 2009). 

Additionally, we observe that the articulatory duration of 
nasality, indicated by the consonant nasality lag, is 
significantly shorter in onset nasals—and near-zero for some 
speakers—compared to the same lag in coda nasals and 
juncture geminate nasals. This apparent weakening in 
consonant nasality specific to the onset position may be 
associated with a commonly observed phonological pattern in 
Korean, known as onset de-nasalization or onset nasal 

weakening (Kim 2011, Yoshida 2008). (Further work on this 
dataset reported elsewhere will expound on the spatial 
properties of these articulations [Oh, in progress].) 

If the consonant nasality lag is nearly zero, do onset 
nasals in Koran lose their nasality? A near-zero consonant 
nasality lag means that the lowered velum gesture begins to 
raise with the formation of oral constriction. This gestural 
organization, then, may result in acoustic consequences that 
resemble an oral stop but may not in fact be identical to an oral 
stop. Interestingly, these onset nasals in Seoul Korean are not 
completely de-nasalized, given that the velum lowering 
gestures are identifiable only in nasal consonants but not in 
oral consonants. (Note that the one speaker excluded in the 
results may have accomplished a complete de-nasalization for 
onset nasals,  as velum gestures are absent in onset nasals for 
this speaker). Similarly, Yoshida (2008) reports that the 
nasality is weakened at a higher prosodic condition, but it is 
still not completely absent at the highest Intonational Phrase 
edges. 

As for the variability in timing, onset nasals had more 
variable relative timing than coda nasals. Again, this differs 
from more familiar findings of greater stability in onsets 
(Goldstein et al. 2007; Nam et al. 2009). This was true for 
onset lags, and large individual variation was found in the 
consonant nasality lag as well. Notably, this onset timing 
variability within a segment-sized gestural molecule is 
different from the onset timing stability that has been 
previously observed for across-segment timing in onset 
clusters relative to coda clusters, arguing against Hypothesis 1, 
that within and between segment intergestural timing are 
indistinguishable, in the case of Seoul Korean nasals. It may 
be that a sound change process of onset de-nasalization in 
Korean is associated with the concomitant greater variability 
in the onset position compared to the coda position.  

Our “onset lag” data presents initial support for the 
uniform within-segment timing (Hypothesis 2), in that the 
phasing between the velum and oral gestures for both onset 
and coda nasals are not different from each other. This pattern 
can be explained if a tight coupling structure for segment-sized 
gestural units outweighs any potential forces toward phasing 
asynchrony arising from the coupled oscillators for syllable 
structure. That said however, greater timing variability and 
shorter intergestural “nasality lag” for onset nasals compared 
to coda nasals clearly demonstrate an effect of syllable 
structures on these nasal consonants. Therefore, uniform 
within-segment timing cannot solely account for within-
segment nasal timing. 

Our data exhibits mixed results for phasing relations, 
articulatory nasal duration, and timing variability. Velum-oral 
phasing is indistinct for onset and coda positions, and nasality 
is weakened in the onset consonant, which is accompanied 
with greater onset variability. Taken together, we conclude 
that multi-gesture structures that comprise a segment may 
involve a tighter coupling relation than that between gestures 
of two different segments, and within-segment coupling 
structures may encode segment-specific phonological 
representation together with certain higher-level linguistic 
structures such as syllable structure, supporting our 
Hypothesis 3: syllabically-specific within-segment timing. 

This unique articulatory investigation of segment-internal 
intergestural timing in nasals informs us about the articulatory 
representation of a segmental gestural molecule. This 
representation may encode not only the information of syllable 
structures, but also may be shaped by phonological 
phenomena specific to its contexts including prosodic context 
and patterns of language change.  The current study reveals 
two major findings: first, syllable-onset variability found in 
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segment-internal timing relations can differ from the onset 
stability that has been observed for across-segment timing in 
the limited such articulatory data that exists. Second, the 
temporal patterning—coupling relations—within nasal 
consonants may be determined by phonological representation 
necessary for multi-gestural structures, such as those that 
comprise a nasal segment. 

In sum, within-segment intergestural timing patterns are 
influenced by syllable structure, and the variability in this 
timing is differentially affected by prosody than for across-
segment timing patterns. For Seoul Korean nasals, these forces 
may be contributing to an on-going phonological sound 
change process of onset de-nasalization. Thus, intergestural 
timing is not just a function of overlap and variation but is 
sensitive to representational specifications for these segment-
sized gestural molecules accompanied by the properties of 
syllable structures. 
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Abstract
The two-dimensional (2D) numerical approaches for vo-

cal tract (VT) modelling can afford a better balance between
the low computational cost and accurate rendering of acous-
tic wave propagation. However, they require a high spatio-
temporal resolution in the numerical scheme for a precise es-
timation of acoustic formants at the simulation run-time ex-
pense. We have recently proposed a new VT acoustic modelling
technique, known as the 2.5D Finite-Difference Time-Domain
(2.5D FDTD), which extends the existing 2D FDTD approach
by adding tube depth to its acoustic wave solver. In this work,
first, the simulated acoustic outputs of our new model are shown
to be comparable with the 2D FDTD and a realistic 3D FEM
VT model at a low spatio-temporal resolution. Next, a radiation
model is developed by including a circular baffle around the VT
as head geometry. The transfer functions of the radiation model
are analyzed using five different vocal tract shapes for vowel
sounds /a/, /e/, /i/, /o/ and /u/.

Keywords: computational acoustics, vocal tract, FDTD, artic-
ulatory speech synthesis

1. Introduction
Various articulatory models have been developed to approxi-
mate the sophisticated upper vocal tract geometry and capture
its acoustic features using a physics-based acoustic wave solver.
The 3D acoustic analysis (Takemoto, Mokhtari, and Kitamura
2010; Vampola et al. 2015) can precisely characterize the vocal
tract’s spectral features while offering better geometrical flexi-
bility. However, such models are not pragmatic for designing
real-time speech synthesizers due to their high computational
cost. In contrast to 3D, the 1D vocal tract models are computa-
tionally lightweight. Nevertheless, their over-simplified repre-
sentation of a tube structure substantially eliminates its geomet-
rical details. Hence, the acoustic analysis of 1D models is not
accurate at higher formants.

As an alternative, the 2D acoustic wave solvers (Arnela
and Guasch 2014; Speed, Murphy, and Howard 2009) repre-
sent the complex vocal tract geometry as a 2D contour (a mid-
sagittal cut of a 3D VT geometry) and capture the wave inter-
action only along the mid-sagittal plane. Due to the dimension-
ality reduction, the 2D models are lightweight compare to 3D
ones. The most well-known 2D acoustic analysis methods for
vocal tract modelling are the finite element method (FEM) and
FDTD. Since 2D models do not lump off-plane wave interac-
tion, direct use of cross-sectional areas from the vocal tract MRI
images to represent 2D contours inside a simulation grid yields
erroneous acoustic output. Alternatively, a nonlinear area func-

tion transformation method needs to be implemented to tune the
acoustic features of 2D models that can match the more com-
plex 3D ones. However, this procedure kills the performance
boost of 2D models. Consequently, we have proposed a new
vocal tract acoustic model (2.5D FDTD) that improves the 2D
model by capturing the wave interaction across the mid-sagittal
plane. The next section briefly discusses the numerical imple-
mentation of a 3D tube using 2D and 2.5D FDTD schemes.

2. Methodology
2.1. Acoustic Wave Solver

We implemented the FDTD numerical analysis technique to dis-
cretize the 2D acoustic wave equation on a staggered Yee grid.
The 2D Yee scheme consists of a rectangular grid, define acous-
tic parameters (pressure (p(n)) and velocity (v(n)

x , v(n)
y )) at each

grid point, a squared 2D cell (Allen and Raghuvanshi 2015; Yee
1966), as shown in Figure 1. However, the employed technique
for acoustic simulation does not facilitate dynamic boundary
conditions. Hence, a new scalar field 0  �(x, y, t)  1 was
introduced to the solver, which could transit smoothly between
� = 1 (air) and � = 0 (boundary). At � = 0, a prescribed ve-
locity v = vb was enforced to handle the boundary condition.
Specifically, per each time step (n), the wave solver updates
pressure component p(n) and velocity components (v(n)

x , v(n)
y )

at each grid point, by solving the below linear wave equations
in the time domain (Zappi et al. 2016):

@p
@t

+ (1� �)p = �⇢c2(
@vx
@x

+
@vy
@y

) (1)

�
@v
@t

+ (1� �)v = ��2rp
⇢

+ (1� �)vb (2)

The 2.5D FDTD follows the above rationale but improves
upon it by incorporating new impedance terms in its 2D acous-
tic wave solver, known as tube depth. The tube’s depth (D),
i.e., its continuous extension along the z axis (with x and y axis
being the dimension of starting 2D scheme), is derived from the
cross-sectional area of the tube and sampled at each point of the
scheme as shown in Figure 1. Then the resulting depths are
mapped to their respective acoustic parameters (p, vx, vy) as
demonstrated by Mohapatra, Zappi, and Fels (2019). The in-
clusion of tube depth allows the wave solver to apprehend wave
interactions across the mid-sagittal plane, in turn eliminating
the nonlinear cross-sectional area functions transformation re-
quirement. Therefore, it is expected that the time complexity
of a 2.5D FDTD tube model will be better than the existing 2D
models. Basically, with the help of following discrete update
rules, we adopt a time marching algorithm (see Algorithm 1)
to sample the acoustic parameters at every grid point:
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vx

vy

p
𝐷 D(x)

D(y)

Figure 1: Representation of acoustic parameters (p, vx, vy) and
tube depth (D̄, D(x) and D(y)) inside the 2D Yee scheme

p(n+1) =
D̄p(n) � ⇢c2�t er · V (n)

D̄
(3)

v(n+1) =
�v(n) � �2�t erp(n+1)/⇢ + �t(1� �)vb

� +�t(1� �)
(4)

with:
V = ( D(x)vx, D(y)vy ) (5)

Algorithm 1 FDTD Time-Marching algorithm
Input: VT area function a(x), audio time t

1: Initialize physical constants: air density ⇢, sound speed c, boundary admit-
tance coefficient µ.

2: Initialize the simulation sampling rate R.
3: Set the temporal resolution (�t) and grid resolution (�s) with R and CFL

condition.
4: Create a optimized grid having size (M ⇥N).
5: Set the total number of time steps T of the simulator using t and �t.
6: Define boundary cells with a(x) and normal acoustic impedance Z.
7: Set depth values (D̄, D(x) and D(y)) for each grid cell from a(x).
8: Define source excitation cells
9: Initialize source excitation velocity ve.

10: Initialize acoustic components (p, vx and vy) for each grid cell.
11: for n = 1...T do
12: for i = 1...M do
13: for j = 1...N do
14: Update pn+1(i, j) with vn

x (i, j), vn
y (i, j) and D(i, j) (Eq. 3

and Eq.5)
15: if (i, j) = excitation cell then
16: vn

x  vn
x + vn

e and vn
y  vn

y + vn
e

17: end if
18: if (i, j) = boundary cell then
19: vn

b  pn(i, j)/Z
20: end if
21: Update vn+1

x (i, j) with pn+1(i, j) and vn
b (Eq. 4)

22: Update vn+1
y (i, j) with pn+1(i, j) and vn

b (Eq. 4)
23: end for
24: end for
25: end for

2.2. Vocal Tract Wall Losses

To simulate vocal tract wall reflection, we adopted the local re-
active boundary approach as proposed here (Yokota, Sakamoto,
and Tachibana 2002; Takemoto, Mokhtari, and Kitamura 2010).
The method estimates wall losses (locally reacting soft walls)
and enforces boundary condition by using vw, the normal par-
ticle velocity going into or coming from a wall.

vw =
pw
Zn

n̂ (6)

where pw is the current pressure value in an air cell, located in
front of the wall cell. And Zn, the normal acoustic impedance
can be computed by using the normal sound absorption coeffi-
cient ↵n as follows,

(a) (b)

Figure 2: (a) Simplified head geometry representation with cir-
cular mouth aperture (b) Snapshot of acoustic wave propagation
inside the vocal tract tube and emanating from mouth aperture
at time instant t = 6.1ms for vowel /a/.

Zn = ⇢c
1 +

p
1� ↵n

1�
p
1� ↵n

(7)

The boundary absorption coefficient ↵n can be derived
from the boundary admittance coefficient µ 2 (0, 1). During
the simulation, the solver combines equation (6) with equation
(4) by setting vb = vw for all the velocity vectors which are
positioned in between an air cell and wall cell. However, this
method does not comprehend frequency dependent wall losses.

2.3. Excitation Model

For acoustic analysis and speech production, articulatory mod-
els require a source excitation function just above the glottal-
end to input acoustic energy into the tube (Mohapatra and Fels
2018). In this work, we are only characterizing the acoustic be-
haviour of a vocal tract tube through its transfer function anal-
ysis. Hence, a band-passed velocity pulse having frequency
range 2Hz-20kHz was injected near the glottis for various vocal
tract shapes, and the corresponding transfer functions (impulse
response) were obtained at the mouth-end.

2.4. Radiation Model

The outward wave propagation at the mouth-end (lips) con-
tributes to acoustic energy losses in the vocal tract. It is one
of the essential dissipation mechanisms in voice production.
Hence, a nonzero radiation model of a vocal tract influences
the synthesized audio output by lowering the formant frequen-
cies and increasing their bandwidths. It might be challenging
to build a model that can precisely attain the radiation effects,
considering a realistic human head geometry. However, it has
already been demonstrated that the inclusion of a spherical baf-
fle (a simplified approximation of the actual head geometry)
around the 3D vocal tract model offers promising results for
vowel production (Arnela, Guasch, and Alıas 2013). Since the
2D model uses a mid-sagittal cut of a 3D vocal tract, the spheri-
cal baffle can be replaced by a circular baffle for the 2.5D ra-
diation model as shown in Figure 2(a). Moreover, to illus-
trate acoustic waves’ propagation emanating from the mouth
toward infinity (Figure 2(b)), the computational domain can be
extended out of the vocal tract by using perfectly matched lay-
ers (PMLs). PMLs help in eliminating spurious wave reflection
at the domain boundaries.

We create a fixed-sized circular baffle with a diameter of
0.20m around the 2.5D vocal tract contour inside the simulation
domain. The circular baffle center has been adjusted to fit in
the entire vocal tract contour while connecting its exit cross-
section. Inside the 2D scheme, the region enclosed by the vocal
tract and baffle boundary is set to air cells. In order to absorb
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Figure 3: 2.5D vocal tract tube representation for vowel /a/.

outgoing waves and approximate infinite space, 6 layers of PML
are added at all sides of the domain boundary.

3. Experimental Setup
A comparative study was carried out for two different scenar-
ios to characterize the acoustic features of the 2.5D vocal tract
model: (1) numerical simulation with computational domain
ended at the mouth aperture by imposing Dirichlet boundary
conditions (open-end boundary condition) and (2) numerical
simulation with free-field radiation, which includes head geom-
etry and PML layers (radiation condition). These conditions
were examined using the transfer functions analysis approach
for five different vocal tract shapes(vowel sounds: /a/, /e/, /i/,
/o/ and /u/). The 2.5D vocal tract shapes were derived using
Story’s area function dataset (Story 2008), as it is the standard
one for the vocal tract acoustic analysis. We have only con-
sidered the vocal tract geometry as a straight tube with circular
cross-sections for this study as shown in Figure 3.

For open-end boundary conditions, we use a precise 3D
FEM vocal tract model as the reference for the transfer function
analysis. A virtual microphone is placed 3mm inside the mouth
opening to record pressure variations. In the case of free-field
radiation, we compare the transfer functions of the 2.5D model
with Story’s calculated formants, obtained from the frequency-
domain analysis of vocal tracts (Sondhi and Schroeter 1987).
And the microphone is positioned 3mm outside of the mouth to
capture the radiating acoustic waves. Courant-Friedrichs-Lewy
(CFL) stability condition in two dimensions: �t  �s/

p
2c is

imposed, where c is the speed of sound.
The simulation generates 50ms of synthesized audio for ev-

ery vowel sounds. During the simulation, we set the follow-
ing physical parameters fixed: air density ⇢ = 1.14 kg/m2s,
boundary admittance µ = 0.005 and sound speed c = 350 m/s.
We implement both the 2D and 2.5D vocal tract models in the
MATLAB environment. The simulation runs on a workstation
equipped with an Intel Core i7-8700K processor. The custom
code for the 2.5D vocal tract model is publicly available here1.

4. Model Validation
We follow the below steps to analyze the acoustic behaviour of
the 2.5D model:

(A) Transfer function analysis with open-end boundary con-
dition for the 2D FDTD and 2.5D FDTD vocal tract
models (vowel sound: /a/, /i/ and /u/).

(B) Model performance evaluation (simulation run-rime).

1https://github.com/Debasishray19/Talking-Tube

(C) Transfer function analysis for the 2.5D vocal tract model
with free-field radiation (vowel sound: /a/, /e/, /i/. /o/ and
/u/).

For Step (A) and (B), we simulate each vowel sound un-
der three different spatial grid resolution for both 2D and 2.5D
FDTD methods: low (�s = 0.74mm), mid (�s = 0.28mm)
and high (�s = 0.18mm). The high spatial resolution should
produce precise acoustic output as it yields vocal tract geome-
try with greater details. However, it requires a larger simulation
domain size. The grid resolution values are empirically derived.
Step (A) and (B) examine the improvement in a 2.5D vocal tract
model over its 2D simulation due to the addition of tube depth.
Step (C) investigates the change in transfer function with the
inclusion of a circular baffle for the radiation model.

5. Result
We applied Fast Fourier Transformation (FFT) to the recorded
pressure waves to obtain their transfer function. Formants
were extracted by considering local maxima in transfer func-
tion curves. Here we are only analyzing the first three formants
since they are mainly responsible for distinguishing vowel
sounds (Vampola et al. 2015). The formants for the 3D FEM
model can be found here (Arnela Coll 2015).

5.1. Step A: Transfer Function Analysis

Transfer function analysis for the 2D and 2.5D simulation with
open-end boundary condition2,3.

Resolution (�s) F1 F2 F3

low (% Error) 660(-5.16)
700(0.57)

1040(-2.61)
1040(-2.61)

2960(-2.33)
3020(-0.36)

mid (% Error) 660(-5.16)
680(-2.29)

1040(-2.61)
1060(-0.74)

3000(-1.02)
3060(0.95)

high(% Error) 700(0.57)
680(-2.29)

1060(-0.74)
1040(-2.62)

3020(-0.36)
3040(0.29)

Table 1: Positional errors of the first three formants computed
for vowel sound /a/, with respect to 3D FEM model.

Resolution (�s) F1 F2 F3

low (% Error) 240(-8.74)
260(-1.14)

2120(0.42)
2160(2.32)

3020(0.33)
3060(1.66)

mid (% Error) 260(-1.14)
260(-1.14)

2140(1.37)
2140(1.37)

3000(-0.33)
3040(0.99)

high(% Error) 260(-1.14)
260(-1.40)

2140(1.37)
2160(2.32)

3020(0.33)
3040(0.99)

Table 2: Positional errors of the first three formants computed
for vowel sound /i/, with respect to 3D FEM model.

Resolution (�s) F1 F2 F3

low (% Error) 260(0.38)
260(0.38)

700(-7.52)
720(-4.88)

2260(-0.17)
2300(1.59)

mid (% Error) 220(-15.0)
260(0.38)

600(-20.7)
700(-7.52)

2260(-0.17)
2300(1.59)

high(% Error) 260(0.38)
260(0.38)

700(-7.52)
720(-4.88)

2280(0.70)
2300(1.59)

Table 3: Positional errors of the first three formants computed
for vowel sound /u/, with respect to 3D FEM model.

2Colormap: For 2D simulation, For 2.5D simulation.
3All the formant frequencies are in Hz.
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5.2. Step B: Model Performance

The computational cost of FDTD vocal tract model depends
upon the spatial grid resolution and simulation domain size. We
implement an algorithm that enforces an optimized domain size
for FDTD models. The table below presents the simulation do-
main size and time duration corresponding to each grid resolu-
tion for vowel /u/.

Resolution (�s) Domain Size
(width⇥height)

Duration (Approx.)
(in seconds)

low (0.74mm) 266⇥ 35 280
mid (0.28mm) 702⇥ 85 4.98e+3
high(0.18mm) 1051⇥ 127 1.85e+4

Table 4: Simulation run-time at different grid resolutions.

5.3. Step C: Transfer Functions Analysis

The table below presents transfer function analysis for the 2.5D
vocal tract models with the free-field radiation. We have only
considered the low grid resolution (�s = 0.74mm) for simula-
tion of vocal tract radiation models.

Vowel F1 F2 F3

/a/ 640
�7.78%

1020
8.28%

3000
1.76%

/e/ 340
�29.75%

1920
1.74%

2320
�3.49%

/i/ 260
�20.00%

2080
�2.75%

2960
�0.53%

/o/ 480
�3.80%

760
�1.04%

2340
�3.34%

/u/ 260
�17.19%

720
2.56%

2180
�5.13%

Table 5: Formant frequencies and the percentage positional
errors of the first three formants for the vocal tract radiation
model.

6. Discussion & Conclusion
The transfer function analysis is a standard practice to validate
acoustic features of area-based articulatory models. In the first
step of our evaluation, the 2.5D FDTD simulation produces po-
sitional errors below 2% at a low grid resolution. Moreover,
this characteristic is consistent across all three vowels. How-
ever, the positional error is high for the 2D FDTD simulation
at a low grid resolution in most cases. Table 1, 2 and 3 show
that the acoustic outputs of the 2D FDTD model can be tuned
by increasing its computational grid resolution whereas this ap-
proach doesn’t make much difference for the 2.5D FDTD simu-
lation. Table 4 shows for a real-time speech synthesizer the low
grid resolution is always desirable.

In the case of free-field of radiation, Table 5 presents the
first three formants and their positional errors. The positional
error of the first formant is high across all the vowels. And the
second and third formants produce relatively lesser error val-
ues. However, these positional errors are determined relative to
Story’s 1D vocal tract model, an oversimplified representation
of the actual vocal tract. Hence, as future work, the 2.5D radia-
tion model’s acoustic characteristics need to be compared with
a 3D vocal tract radiation model.

Additionally, our current 2.5D model should only be seen as
simple approximations of the voice radiation mechanism. Nev-

ertheless, the influence of few head details like the nose and
cross-section of the mouth aperture is worth studying. As well
as, our current 2.5D FDTD model does not include boundary
losses for the tube depth. All these current limitations needs to
be incorporated for the future development of the 2.5D vocal
tract acoustic model.
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Abstract 
Recent research on body and head positions reveal that 
different postural changes may induce different degrees of 
changes on acoustic speech signals. Whether or not the head 
angle as to the angle between the two tubes in the upper vocal 
tract would have any acoustic impact and articulatory 
consequences on tongue postures has not been empirically 
examined. The current investigates how vowel acoustics and 
tongue postures across different head angles. The results show 
that vowel acoustics, including pitch and formants, are largely 
unaffected in different head angles. These preserved acoustics 
may be attributed to the compensatory lingual gestures 
fighting against gravity. Crucially, the tongue postures in 
response to head angle changes appear to be vowel-dependent. 
Our results provide implications of a close relationship 
between vowel acoustics and tongue postures as well as a 
target-oriented strategy in facing head tilts. 
 
Keywords: vowel production, tongue posture, head angles, 
GAMMs 

1. Introduction 
In most of the speech scenarios, speakers speak in an upright 
position with their eyes looking straight ahead. This upright 
posture genuinely creates a turning angle for the upper vocal 
tract, separating the upper vocal tract into two tubes: the 
lingual (front) and (pharyngo-)laryngeal (back) tubes. 
However, this angle between the two tubes is subject to 
change in facing different speech scenarios. Examples are like 
speaking to someone on the second floor while you are on the 
ground floor, speaking while you are looking down at the note 
in your hands, etc. Recent research on body and head positions 
show that different postural changes may induce different 
degrees of changes on acoustic speech signals (Flory 2015; 
Vorperian et al. 2015) and articulatory gestures (Kitamura et 
al. 2005; Serrurier & Badin 2008). While the formant profiles 
across different postures is suitably accounted for by the two-
tube model (Stevens 1998; Fant 2006) and perturbation theory 
(Chiba & Kajiyama 1941), whether the angle between the 
front and back tubes has any impact on the vowel acoustics, 
including pitch and formants, is not empirically examined. In 
constructing a 3D model of velum and nasopharyngeal wall, 
Serrurier and Badin (2008) pointed out that a tilt change of the 
head has principal impact on the pharyngeal wall while the 
vocal and nasal tract may undergo an independent action in 
response to the head tilt. Kitamura et al. (2005) compared the 
vocal tract shapes in MRI between upright and supine 
positions. Their results showed that soft tissues, such as the 
tongue, velum, and lips, are subject to deformation due to the 
effect of gravity. Nevertheless, whether the tongue 
accommodates the changes in head angles in order to reach 
acoustic targets has not been empirically examined. Previous 
studies summarized three major patterns of tongue 
movements: pivotal rotation, arching/de-arching, and shift 
(Iskarous 2005; Kim et al. 2019). Considering a direct 

relationship between vowel acoustics and articulatory tongue 
postures, postural accommodation of the tongue is anticipated 
in compensation for different head angles (i.e., the angles 
between the two tubes). The present study tackles this question 
by examining the vowel acoustics across different head angles 
and whether the tongue postures accommodate accordingly.  

2. Methods 

2.1. Participants 
Eleven native speakers of Taiwan Mandarin (5 female; aged 
between 18 ~ 24 y.o.) participated in the experiment. None of 
them reported any auditory or visual disabilities and were 
naïve to the research question. 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). 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 
Participants were instructed to sit upright, facing a soft tape 
measure attached to the wall at a distance of 60 cm away. The 
experimenters then fixed the ultrasound probe to the assigned 
position with the stabilization headset (Articulate Instrument 
Inc.). The probe was adjusted to a level that the participant 
was comfortable with and the resultant images were also clear 
to identify. The experiment involves repetitions of [i, a, u] at 
eight different head angles: -15°, -10°, 0°, 10°, 15°, 45°, 60°, 
and 90°. The angles were marked on the soft tape measure and 
the 0° baseline was adjusted to individual participant’s height. 
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 for F0 and 
formant analyses. F0, F1, and F2 values were obtained from 
the midpoint of the labelled vowel interval, using the Praat 
built-in functions. Pitch and formant data were normalized (in 
time) and then fitted into generalized additive mixed models 
(GAMMs; Wieling 2018) with 95% confidence intervals 
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around the predicted fit.  Full model formula for F0 is 
provided in (1). The same formula was applied to formant 
analyses.  
 

bam(z.F0 ~ Angle + s(norm.time, bs=bsf, k=10) + 
s(norm.time, bs = bsf, k = 10, by=Angle.ord) + te(norm.time, 

Trial, by = Angle.ord) + s(norm.time, Subject, bs = "fs", 
k=10, m = 1, by=Angle.ord), discrete=TRUE, 

nthreads=ncores, method="fREML", data = a, 
AR.start=u$Start, rho=rho_est) (1) 

 
Ultrasound images of tongue postures were also captured from 
the midpoint of the labelled vowel interval, using a customized 
MatLab script. Tongue postures were then manually traced 
using a livewire algorithm in MatLab. Tongue traces were also 
rotated by 30° to correct for the probe placement. Tongue 
traces were converted into polar coordinates and fitted into 
GAMMs with 95% confidence intervals around the predicted 
fit. To fit predicted tongue contours, a virtual origin was used 
as the polar origin, following the method introduced in Heyne 
and Derrick (2015). Full model formula for tongue shape 
contour in the context of vowel [a] is provided in (2). Separate 
models (with the same formula) were constructed for the other 
two vowels. 
 

bam(Y ~ Angle + s(X, by=Angle, bs="tp", k=20) + te(X, 
Token, by=Angle) + s(X, Participant, by=Angle, bs="fs", 
m=1), data=a, method="fREML", nthreads=8, rho=rho, 

AR.start=data$start.event) (2) 
 

3. Results 

3.1.1. Vowel [a] 
Figure 1 shows F0, F1, and F2 contours for [a] across the 
eight head angles. As revealed, F0 and the two measured 
formants remained largely unaffected across different head 
angles. Articulatorily, to produce an [a] sound, the tongue is 
lowered and retracted toward the pharyngeal wall. With the 
increase of the head angle in the head-up position, the tongue 
root was pulled toward the pharyngeal wall due to the gravity. 
Thus, less force was required to achieve the intended tongue 
root position (Figure 2). This interpretation is supported by 
the lesser depression of the tongue tip in higher head angles 
(Figure 2). The GAMM pair-wise comparison showed that the 
tongue posture did not change significantly across different 
head angels. Overall, the results of [a] suggest acoustic 
preservation across different head angles, despite of slight 
tongue tip movements. 

 

 

 
Figure 1: F0 (top), F1 (middle), and F2 contours (bottom) for 

[a] across the eight head angles. 
 
 

 
Figure 2: Tongue surface contour for [a] across the 

eight head angles. Tongue tip on the right. 

3.1.2. Vowel [i] 
Similar to [a], F0, F1, and F2 for [i] largely overlapped each 
other across different head angles (Figure 3). In terms of the 
tongue posture for [i] across different head angles, it was 
observed that as head angles increase, the front of the tongue 
continues to rise while the dorsum of the tongue lowers. This 
consequently creates a pivotal rotation for the tongue posture 
(Figure 4). 
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Figure 3: F0 (top), F1 (middle), and F2 contours (bottom) for 

[i] across the eight head angles. 
 
The pivotal point pins roughly on the constriction point of [i]. 
When head angles go up, much more force ought to be 
implemented for the tongue root in order to fight against the 
gravity while the tongue tip is more relaxed. In contrast, when 
the head is tilted downwards, the tongue tip is squeezed to a 
larger degree to fight over the gravitational pull. In these 
positions, the tongue root is rather relaxed. 
 

 
Figure 4: Tongue surface contour for [i] across the 

eight head angles. Tongue tip on the right. 

 

3.1.3. Vowel [u] 
Similar to the acoustic results for the other two vowels, no 
difference between different head angles were observed in the 
production vowel [u] (Figure 5), though the F1 trajectory in 
the -10º appeared more wiggly than F1 trajectories in other 
angles. Nevertheless, this wiggle did not result in any 
statistical differences in any pair-wise comparison. 
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Figure 5: F0 (top), F1 (middle), and F2 contours (bottom) for 

[u] across the eight head angles. 
 
The tongue posture results for [u] were similar to the [i] 
results. When the head angle continues to rise, the effect of 
gravity helps to maintain the shape of the tongue tip, reducing 
the need of muscle contraction. On the other hand, when the 
head angle lowers, the tongue tip will be pulled down by 
gravity. Therefore, it takes much effort to maintain the tongue 
shape and more squeeze at the tongue tip is required. Different 
from the [i] results, the positions of the tongue dorsum are not 
affected by different head angles (Figure 6). We suspect it is 
because the constriction for [u] is further back into the oral 
cavity and that leaves the tongue dorsum less degrees of 
freedom to move around. 
 

 
Figure 6: Tongue surface contour for [u] across the 

eight head angles. Tongue tip on the right. 

4. Discussion and conclusion 
The present investigates whether vowel acoustics and tongue 
postures in vowel production are affected across different head 
angles. Our results show that while pitch and formants are 
preserved across different head angles, the tongue postures 
involve vowel-dependent movements across different head 
angles. Only limited tongue movements were observed in the 
[a] context. During the [i] production, the tongue underwent a 
pivotal rotation across different head angles. Similar pivotal 
rotations were also observed in the [u] production, though to a 
lesser degree for the tongue dorsum after the constriction. 
These results crucially suggest that gravity has an effect on 
tongue postures, especially for the high vowels [i] and [u]. 
That we are seldom conscious of this gravitational effect is 
because we always speak in an upright stance. Once the head 

posture changes, the gravitational effect emerges. As revealed 
in our results, for different vowels, different parts of the 
tongue are fighting against the gravity in order to achieve the 
intended positional target, in order to maintain the intended 
acoustics. Similar postural compensations were also observed 
in Kitamura et al. (2005), though acoustics was not included in 
that study. Our results show that articulatory targets in terms 
of lingual constrictions are achieved in order to preserve the 
intended acoustics, which leads us to conclude that the tongue 
employs a target-oriented strategy in facing the changes of the 
angles between the front and back tubes (i.e., the head angles).  

Finally, we acknowledge two limitations of the current 
study. First, gravity also affects the ultrasound probe and 
stabilizer. It is yet to be determined how much effects on these 
components can be attributed to the final results. Second, the 
stabilizer confines the jaw movements, which potentially 
affects the articulation of vowels that requires significant jaw 
lowering, especially in higher angles. Additionally, it is worth 
further examining whether there is any dynamic change 
involved throughout the vowel production in different angles. 
These factors would call for further examination. 
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Abstract 
This paper investigates the relative timing of onset consonant 
and vowel gestures in Tibetan as spoken in the Tibetan diaspo-
ra. According to the coupled oscillator model of articulatory 
timing (Browman & Goldstein 2000, Nam & Saltzman 2003), 
the most readily-available coupling modes among gestures are 
in-phase (synchronous) or anti-phase (sequential) timing, with 
competition among these modes also giving rise to a stable 
timing pattern. The model predicts that other timing relations, 
i.e. ”eccentric timing”, are possible but not as readily avail-
able. Data gathered using electromagnetic articulography 
(EMA) shows relative C-V timing consistent with either com-
petitive coupling or eccentric timing. Competitive coupling is 
a plausible explanation for CV syllables in a tone language 
(Gao 2008), but acoustic analysis showed that some speakers 
do not produce a pitch contrast corresponding to tone. In the 
apparent absence of a tone gesture, we conclude that these 
speakers exhibit eccentric C-V timing. 

Keywords: speech prosody, articulation, tone, Tibetan, Articu-
latory Phonology, Electromagnetic Articulography 

1. Introduction 
Languages differ in how articulatory gestures are coordinated 
in time, including the relative timing between consonants and 
vowels, i.e., C-V timing. Previous work has observed that in 
lexical tone languages, such as Mandarin (Gao 2008), Thai 
(Karlin 2014), and Lhasa Tibetan (Hu 2016), the lag between 
consonant and vowel gestures (C-V lag) is longer than in non-
tonal languages, such as English (Löfqvist & Gracco 1999). 
Additionally, C-V lag is longer for tonal syllables than non-
tonal syllables in Mandarin (Zhang et al. 2019). These obser-
vations support treating tone as an articulatory gesture (Gao 
2008; Niemann et al. 2011) which can be organized with other 
gestures as competitively-coupled oscillators (Browman & 
Goldstein 2000, Nam & Saltzman 2003).    
 In the present study, we focus on Tibetan as spoken in the 
diaspora enclaves in South Asia and around the world, outside 
of traditional Tibetan-speaking regions. Speakers raised in 
these communities are exposed to a mixed linguistic input 
comprising speakers of tonal and non-tonal Tibetan dialects, 
along with extensive contact with other languages. Of these 
diaspora-raised speakers, some produce a tone contrast while 
others do not. This fact makes diaspora Tibetan speakers a 
unique case in which to test the effect of tone on articulatory 
timing. 

1.1. Coupling relations 

Pairwise coupling relations are a prominent way to account for 
the timing of gestures in Articulatory Phonology. By hypothe-
sis, any relative phasing of gestures is possible, but two cou-

pling modes are considered to be intrinsically stable: in-phase 
(synchronous) and anti-phase (sequential) (Saltzman & Byrd 
2000). Language-specific timing patterns can arise from the 
interaction of these two coupling modes, as in the case of 
competitive coupling. Competitive coupling has been invoked 
to explain the partial overlap in onset consonant clusters (Nam 
& Saltzman 2003, Goldstein et al. 2000) as well as the differ-
ence in C-V timing between languages with and without lexi-
cal tone (Gao 2008). A schematic depiction of coupling graphs 
and their associated gestural scores is shown in Figure 1. The 
first two diagrams depict (a) in-phase coupling and (b) anti-
phase coupling using common examples of a CV syllable and 
a CC sequence, respectively. In Figure 1(c), competitive cou-
pling is illustrated with anti-phase coupling of consonant and 
tone gestures and in-phase coupling of both with a vowel ges-
ture.  
 While in-phase, anti-phase, and competitive coupling 
should be most readily available to speakers, cases of other 
timing relations are possible as well. Other timing relations are 
called eccentric timing (Goldstein 2011) and represent any 
timing values besides those already mentioned. Importantly, 
eccentric timing allows a pairwise timing between two ges-
tures similar to that found in cases of competitive coupling, as 
illustrated in Figure 1(d). 

(a)    (b)  

(c)   (d)  

Figure 1: (a) In-phase and (b) anti-phase coupling of 
articulatory gestures. (c) Competitive coupling of 

consonant, vowel, and tone gestures can result in simi-
lar C-V timing as (d) eccentric timing. 

1.2. Predictions 

As a language with lexical tone, Tibetan may be expected to 
show similar C-V lag to other tone languages. Following Gao 
(2008), a tone gesture with competitive coupling would predict 
a C-V lag value of ~50 ms. However, Tibetan as spoken in 
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diaspora presents a high degree of diversity, with some speak-
ers lacking a tone contrast. Speakers who do not produce a 
tone contrast would be expected to exhibit in-phase C-V tim-
ing, and therefore ~0 ms C-V lag. Alternatively, with eccentric 
C-V timing, the C-V lag of non-tonal speakers could take on 
other values, including resembling that of tonal speakers. 

2. Methods 
Six native speakers (four female, two male) of Tibetan partici-
pated in this study. All were raised in Tibetan diaspora com-
munities in India and Nepal and were living in the United 
States.  
 Target items (N = 71) were one- and two- syllable words 
that varied in word-initial consonant (/m/, /p/, /pʰ/)  and tone 
(high-level and low-rising); first-syllable vowels drew from 
the set of back vowels in Tibetan: /u/, /o/, /a/. Speakers pro-
duced each item 4-10 times. Target words were presented us-
ing Tibetan orthography in the carrier phrase /t͡ sʰík t̪ǐ ____ t̪ǔk/ 
‘This word is ____.’ This phrase provided a front vowel pre-
ceding the target item, allowing the back vowel of the target 
item to be identified with tongue dorsum retraction. 
 Recordings were made using the NDI Wave EMA system 
using sensors aligned with each speaker's midsagittal plane. 
Consonant gestures were identified using lip aperture, the 
Euclidean distance between sensors on the upper and lower 
lips, and vowel gestures using movement in the longitudinal 
(anterior-posterior) dimension of a sensor placed on the tongue 
dorsum. Articulatory gestures were identified using Mview 
(Tiede 2005): the start time of gestures was identified as the 
point at which 20% of the maximum velocity toward the target 
was attained, and the attainment of gestural target was identi-
fied as the point at which velocity had reduced to 20% of the 
maximum velocity toward target. C-V lag was calculated as 
the difference in start time between consonant and vowel ges-
tures. 
 In order to identify which speakers produced a tone con-
trast, time-normalized F0 trajectories were analyzed for sys-
tematic differences by lexical tone category. Data for this 
analysis came from monosyllabic nasal-initial tokens (60 per 
speaker). The target syllables were identified as beginning 
with the acoustic start of the nasal consonant and ending with 
the end of a visible second formant at the onset of the follow-
ing stop closure. F0 was measured at ten evenly-spaced inter-
vals using a script (DiCanio 2012) in Praat (Boersma & 
Weenink 2018) 

3. Results 

3.1. Tone contrast status 

Four of the six speakers were found to produce a significant 
difference in F0 trajectories on nasal-initial syllables, which 
we interpret as evidence for a tone contrast in production. 
Generalized Additive Mixed Models (mgcv, Wood 2011; in R: 
R Core Team 2011) were fit to the data of each speaker, pre-
dicting F0 based on terms for lexical tone category, a smooth 
for normalized timestep, a difference smooth by lexical tone 
category, and random smooths by word. The difference 
smooth for two participants (one female, one male) was not 
significant, indicating they did not produce a lexical tone con-
trast. The difference smooth for the other four participants was 
significant. Raw pitch trajectories are presented in Figure 2. 

(a)  (b)  

(c)  (d)

(e)  (f)  

Figure 2: Time-normalized F0 trajectories on /mV/ 
syllables. F0 values are z-scored by speaker. Model 

comparison with GAMMs found significant differences 
by tone in (a)-(d) but not for (e)-(f) 

3.2. C-V lag 

Overall C-V lag values were similar to those observed in other 
languages with lexical tone, centering around 50 ms, and these  
values did not differ by tone. However,  C-V lag values were 
similar for speakers with and without tone contrasts, as estab-
lished in 3.1. C-V lag values according to tone contrast status 
are presented in Figure 3.  

 

Figure 3: C-V lag among speakers with tone contrast 
(solid line) and without tone contrast (dotted line). 

 Furthermore, we found that C-V lag is positively correlated 
with the duration of the onset consonant gesture. This held true 
for both speakers with and without the tone production con-
trast, as shown in Figure 4. This pattern is not expected if the 
gestures are in-phase (Shaw, Durvasula, Kochetov, 2019).  
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Figure 4: Positive correlation of consonant gesture 
duration on C-V lag. 

These observations—the lack of difference across speakers by 
tonality, and the correlation of C duration on C-V lag—were 
substantiated using linear mixed-effects models (lme4; Bates 
et al. 2015). We performed a linear mixed-effects model analy-
sis of the relationship between consonant gesture duration and 
C-V lag. A baseline model included fixed effect of onset con-
sonant [m p pʰ] and random effects of speaker and lexical 
item. This was compared to a second model that also included 
a fixed effect of consonant duration. Comparison was also 
made to a third model that included a fixed effect of tonality: 
whether or not a speaker produced a tone contrast. As shown 
in Table 1, the inclusion of consonant duration led to an im-
provement over the baseline model, but the further inclusion 
of tonality did not further improve the model. 

Table 1: Comparison of linear mixed-effects models 
shows improvement with consonant duration, but no 
improvement with tone contrast status of speakers. 

4. Discussion and conclusion 
 Observed C-V lag values were around 50 ms and  were 
positively correlated with consonant gesture duration, consis-
tent with both competitive coupling and eccentric timing. 
However, speakers lacking a tone contrast exhibited similar C-
V lag to speakers with a contrast, which we interpret as evi-
dence that non-tonal speakers, at least, use eccentric timing. 
This is because these speakers lack a tone gesture, and so do 
not have another gesture with which to make competitive cou-
pling possible. We further rule out the possibility of C-V tim-
ing being anti-phase because the C-V lag values are substan-
tially less than consonant duration (even defined as just the 
closing phase of the consonant gesture).  
 We thus conclude that while tone-contrasting Tibetan 
speakers may use competitive coupling, the non-tonal speakers 
in our sample used eccentric timing. All the speakers in this 
study learned a pattern of C-V timing common to their com-

munity, and so some speakers must have accomplished this 
using eccentric timing (Marin & Pouplier 2010). Such eccen-
tric coupling is predicted to be possible (e.g. Goldstein 2011), 
but less likely than in-phase and anti-phase coupling, and the 
present study demonstrates an example of eccentric timing that 
mimics competitive coupling. 
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Abstract

A long-standing problem for ultrasound tongue imaging is the
transducer misalignment during longer data recording sessions.
In this paper, we present an initial idea for analyzing such mis-
alignment. The method employs Mean Square Error (MSE) dis-
tance to identify the relative displacement between the chin and
the transducer. We visualize these measures as a function of
the timestamp of the utterances. Experiments are conducted
on various ultrasound tongue datasets (UltraSuite, and record-
ings of Hungarian children and adults). The results suggest that
extreme values of MSE indicate corruptions or issues during
the data recordings, which can either be caused by transducer
misalignment, lack of gel, or missing contact between the skin
and the transducer. The methods are language independent and
might be applied in phonetic analysis of ultrasound recordings.

Keywords: ultrasound, speech production, speech articulation

1. Introduction

In order to fix head movement during the ultrasound record-
ings, various solutions have been proposed. Stone and Davis
(1995) aimed to provide reliable tongue motion recordings by
head immobilization and positioning the transducer in a known
relationship to the head, by proposing the HATS system. Pala-
tron by Mielke et al. (2005) is an algorithm to track the palate,
thus could be used to align the ultrasound tongue images.
Whalen et al. (2005) proposed optical tracking methods for
head-correction. The metal headset of Articulate Instruments
Ltd. is a popular and well designed solution which was used in
a number of studies (to mention a few, articulatory-to-acoustic
mapping (Csapó, Grósz, et al. 2017; Csapó, Al-Radhi, et al.
2019), Hungarian child recordings (Markó et al. 2019; Gráczi
et al. 2020), and UltraSuite (Eshky et al. 2018)). Hueber et al.
(2011) proposed a set of accelerometers to track the position
and orientation of the transducer, relative to the head. Recently,
a non-metallic system by Derrick et al. (2018) and UltraFit by
Spreafico, Pucher, and Matosova (2018) are lightweight head-
sets to record ultrasound and EMA data.

Despite these substantial efforts, it is still a question
whether the use of a headset itself is enough to ensure that
the transducer is not moving during the recordings. Even if a
transducer fixing system is used, large jaw movements during
speech production (or drinking, swallowing) can cause the ul-

trasound transducer to move, and misalignment or full displace-
ment might occur. Besides, the subjects, having discomfort
due to the fixing system, sometimes readjust the headset. This
way the recordings from the same session will not be directly
comparable, which can be a serious issue during analysis of
tongue contours. Although there exist methods for non-speech
ultrasound transducer misalignment detection (Narayanan et al.
2014; Bolsterlee, Gandevia, and Herbert 2016), they cannot be
directly used in speech production research.

The goal of our study was to initiate discussion of the above
problems, and to propose simple methods to semi-automatically
detect such ultrasound transducer misalignment or other issues
during recording. Csapó and Xu (2020) presented an initial ver-
sion of this topic, which is further discussed here on partly new
data.

2. Methods and procedure

2.1. Ultrasound data

2.1.1. ’Hungarian children’ dataset

In Gráczi et al. (2020), two Hungarian children, a girl and a
boy read aloud nonsense words in 5 recording sessions within
the course of 2 years, recorded using the “Micro” ultrasound
system of Articulate Instruments Ltd. at 81.67 fps. The ultra-
sound transducer was fixed below the subjects’ chin by the ul-
trasound stabilization headset designed for speech recordings
(Articulate Instruments Ltd.). The speech signal was recorded
with a Beyerdynamic TG H56c tan omnidirectional condenser
microphone. The ultrasound data and the audio signals were
synchronized using the tools provided by Articulate Instruments
Ltd. Before each repetition, swallowing (drinking water with
a straw) was also recorded, for getting information about the
palate. More details about the recording set-up can be found
in Csapó, Grósz, et al. (2017). The raw scanline data of the
ultrasound was 64⇥842 pixels.

For this dataset, we acquired manual tracings for a num-
ber of images (Markó et al. 2019; Gráczi et al. 2020). Ul-
trasound images were extracted at the middle of the tar-
get vowels, and tongue contours were manually traced using
the APIL’s web-based tracer tool (https://github.com/
myedibleenso/apil-web).
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2.1.2. ’Hungarian adults’ dataset

In the ’Hungarian adults’ dataset (Csapó, Al-Radhi, et al. 2019),
3 female and 6 male adults were recorded using the “Micro”
system (with the same recording methodology as for ’Hungar-
ian children’) while reading 200 sentences, for articulatory-to-
acoustic mapping experiments. The raw scanline data of the
ultrasound was 64⇥842 pixels.

2.1.3. UltraSuite

The publicly available UltraSuite repository (Eshky et al. 2018),
contains ultrasound data that was recorded using the “Micro”
system, for English children of two groups, of which the UXTD
(typically developing) subset was used in the current study. The
raw scanline data of the ultrasound was 63⇥412 pixels.

2.2. Measuring transducer misalignment

In order to quantify the amount of misalignment, we com-
pare all utterances with each other in the order in which they
were recorded (Csapó and Xu 2020). First, for a given speaker
and given session, we go through all of the ultrasound record-
ings (utterances), and calculate the pixel by pixel mean image
(across time) of each utterance (see Figure 1). Next, we com-
pare these mean images: we measure the Mean Square Error
(MSE) between the UTI pixels ([0-255] grayscale values). MSE
is an error measure, therefore the lower numbers indicate higher
similarity across images. For a session with n consecutive ut-
terances, all compared with each other, the result is an n ⇥ n
matrix (see Figure 2). We assume that if there is misalignment
in the ultrasound transducer, than the matrix of measures would
show this. The full details of the method, including two more
similarity measures were introduced in Csapó and Xu 2020.

utt_1

…
utt_2

utt_n

mean_1

mean_2

mean_n

Figure 1: Calculation of pixel-by-pixel means across the image
sequences of the utterances.

mean_1

mean_2

mean_n

mean_1 mean_2 mean_n

…

…

Figure 2: Calculation of the MSE matrix using the mean ultra-
sound images.

3. Demonstration results

The results are demonstrated in Figures 3–7. The figures con-
tain samples (ultrasound images, tongue contours, and MSE
measure) from a few speakers hand-selected for visualization.
The MSE objective distance is shown for well aligned, mis-
aligned and corrupted ultrasound utterance sequences.

3.1. Results on the ’Hungarian children’ dataset

Figure 3 shows the MSE matrix (left) and several manual trac-
ings (right), as a sample when the transducer did not move
within the recording session (two repetitions of 81 words). In
the MSE figure, all colors are bluish, indicating that MSE across
most utterances is relatively small. In terms of tongue contours
(Figure 3 right), the two repetitions are similar; indicating that
there was no (or only minimal) misalignment during the session.

Figure 4 shows a sample containing clear misalignment.
According to MSE, utterances 1–81 are highly different from
utterances 82–162. Meanwhile, differences within both utter-
ances 1–81 and 82–162 are small. This might be because after
each repetition (i.e., between utterances 81 and 82), the partic-
ipant took a small break and was instructed to drink water for
recording swallow. Most probably, the headset got displaced
during this break. The manually traced tongue contours sup-
port this assumption: the second repetition (blue line) is shifted
lower and left compared to the first repetition (red dashed line).
In Gráczi et al. (2020), which was comparing the tongue con-
tours, we had the same observation, when measuring Nearest
Neighbor Distance (NND) (Zharkova, Hewlett, and Hardcastle
2011) between the tongue contours. However, NND is not suit-

Figure 3: Sample for well aligned data across two repetitions,
from the ’Hungarian children’ dataset. Repetition 1: utterances
1–81; repetition 2: utterances 82–162. MSE: lower values (blue
colors) indicate smaller misalignment. The diagonals contain
NaN values. In the tongue tracing subfigure on the right, 1: 57
denotes that the first repetition is utterance no. 57.

Figure 4: Strong misalignment across two repetitions, from the
’Hungarian children’ dataset. Repetition 1: utterances 1–81;
repetition 2: utterances 82–162.
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able to quantify this type of shift, because it calculates the point-
by-point minimal differences, and not the shift of the points.

3.2. Results on the ’Hungarian adults’ dataset

In case we do not have manually traced tongue contours, it is
more difficult to observe the misalignments on the ultrasound
images itself. Figure 5 shows a sample from an adult speaker,
where the MSE matrix (left subfigure) indicates slight misalign-
ment around frames #90–95, but it is barely visible on the mean
ultrasound images plotted as a function of time (right subfigure).
It is a question whether this small MSE difference is caused by
regular tongue motion, or by some systematic movement of the
headset compared to the head.

As another interesting example, in the MSE matrix of Fig-

ure 6, there are two outlier values – probably the headset was
readjusted during the session, but after one single utterance, it
went back to the original position. The mean ultrasound im-
ages (Figure 6 right) do not show clearly why the outlier MSE
value occurred. Without manually traced tongue contours, it is
difficult to compare the MSE values with the mean images.

3.3. Results on the ’UltraSuite’ dataset

For the English children dataset, Figure 7 presents another kind
of data corruption, for speaker 03F. Between utterances 3–18,
and 19–28, the MSE is relatively small (whereas it is higher
when comparing these two ranges). Starting from utterance 30,
the MSE is extremely small; but in this case, this does not in-
dicate well aligned transducer position. If we check the mean
ultrasound images (Figure 7 right), we can see that the trans-
ducer got fully displaced (e.g. there was no more gel between
the top of the transducer and the skin), and the tongue move-
ment was not recorded between utterances 30–55. The images
in the right subfigure show that in the last utterances (e.g. in
041D), the tongue surface is not visible, most probably because
of the missing contact between the transducer and the chin.

Figure 5: Slight misalignment, from ’Hungarian adults’.

Figure 6: Occasional but strong misalignment, from ’Hungarian
adults’.

4. Discussion and conclusion

For fixing ultrasound transducer position during recordings,
various approaches can be used (see Sec. 1), but none of these
methods are perfect and they cannot guarantee that tongue po-
sition or orientation would be the same in a longer recording
session. If it is important that the relation between the tongue
and the trancducer at time of various repetitions of the same
target are at the same position, other methods are suggested to
be used besides ultrasound transducer position fixing. An ex-
ample for this is the measurement of the occlusal plane with a
biteplate and rotating / shifting the data to a reference coordi-
nate system (James M Scobbie et al. 2011; James M. Scobbie,
Stuart-Smith, and Lawson 2012; Percival et al. 2020). However,
it requires significant amount of manual work, and according to
our knowledge, until now there have been no methods for auto-
rotating within longer ultrasound recording sessions.

We have shown how the MSE misalignment measure indi-
cates various issues in ultrasound recordings of tongue move-
ments: slight, strong, and occasional misaligments due to head-
set issues, and lack of gel. These can be critical when tongue
contours are traced for articulatory investigations. Although we
did not attempt to show a direct relationship between the quan-
tified measure and amount of shift in tongue tracings, the re-
sults might be useful for phonetic research investigating tongue
shapes and positions (Palo, Schaeffler, and J. Scobbie 2020).
Unfortunately, the single (mid)sagittal recordings do not al-
low to track for changes in the rotation or orientation of the
transducer, or lateral misalignments – for this, optical tracking
or accelerometers are necessary as suggested by Whalen et al.
(2005) and Hueber et al. (2011). The methods can easily be ap-
plied on other datasets (containing wedge-formatted, non-raw
ultrasound data), other languages, and other imaging techniques
(e.g. MRI or lip video).

In the future we plan to develop automatic classification
methods to warn during analysis of the tongue contours if the
ultrasound transducer is clearly misaligned within a recording
session; or give confidence intervals related to the reliability. It
is also possible that toolkits from the field of medical imaging
registration or fusion can be applied for our purposes. Checking
the neutral tongue position (e.g. at the beginning or end of utter-
ances) and detecting the change in this reference image could
also help for the automatic detection of recording issues. In
future work, we also plan to investigate transducer misalign-
ments in a controlled experiment, i.e. how visible are the shifts
of transducer on the ultrasound images?

The code implementations and the MSE matrix images
of all subjects are accessible at https://github.com/
BME-SmartLab/UTI-misalignment/.

Figure 7: Corrupted data, from ’UltraSuite’.
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Abstract 
We demonstrate conTTS in this paper, a novel text-to-speech 
synthesizer based on a new open-source continuous vocoder. It 
provides a robust set of continuous parameters, including the 
vocal tract, pitch, and maximum voiced frequency. We aim to 
generate high quality synthesized speech. The conTTS design 
and performance are interactive and do not require any special 
skills while being faster than neural vocoders used in state-of-
the-art TTS systems. The developed system supports a 
preliminary evaluation on male and female English speakers 
that could assist people with speech disorders. The software to 
be demonstrated is extending the Merlin toolkit and automates 
the whole procedure from preprocessing, DNN training, to 
synthesis. The evaluation results proved that the proposed 
model achieve a remarkable level of quality and naturalness of 
the synthetic voice in objective and subjective evaluation 
criteria. 
 

Keywords: speech synthesis, continuous vocoder, TTS, neural 
network 

1. Introduction 
A Text-to-Speech (TTS) system generates speech from the 
corresponding text and used in various educational, 
telecommunication and multimedia applications (Zen et al., 
2009). Recently, with the rapid development of artificial 
intelligence technologies, end-to-end generative TTS models 
(such as WaveNet (Oord et al., 2016), Tacotron (Wang et al., 
2017), char2wav (Sotelo et al., 2017)) are proposed to predict 
speech parameters directly from graphemes or phonemes in a 
unified way, which makes the quality and naturalness of 
synthesized speech greatly improved, comparable with human 
recordings. However, problems can still occur, e.g. wrong stress 
patterns, unreasonable breaks, mispronunciations, especially 
for long and complex test sentences outside the domain covered 
by the training data (Guo et al., 2019). The resultant poor 
generalization can seriously degrade the corresponding TTS 
performance. Moreover, these models require a large amount of 
speech data from one speaker to obtain good quality. Therefore, 
parametric vocoding is central to the success of state-of-the-art 
TTS systems, and it is the focus of this work. 
The motivation behind these was to construct a vocoder based 
deep learning solution that is a very flexible system whose 
parameters can be controlled and gives better performance 
while being a lot simpler. In this work, we describe the conTTS 
system, which is simple to get started with, but also offers 
advanced features and achieves high-quality. Our software 
deals with methods to perform statistical parametric speech 
synthesis (SPSS) using DNN acoustic models. We map 
linguistic features containing phone, syllable and duration 

1 https://github.com/malradhi/merlin 

information to acoustic mel cepstral features (MGC), pitch (F0), 
and maximum voiced frequency (MVF) using DNNs. Our 
toolkit is available under an open source license1. The rest of 
this paper is structured as follows: Section 2 describes the 
proposed method we used for TTS synthesis. Then, 
experimental results are showed in Section 3. Finally, 
discussion and conclusion are presented in Section 4 and 
concludes the contributions of this paper. 

2. Methods 
Our overall system architecture is illustrated in Figure 1. The 
architecture of the system allows users to enter their sentences 
as text and automatically obtain the synthesized speech output. 
 

 
Figure 1: Schematic overview of the conTTS system flow. 

 
 

2.1. Continuous vocoder 

During the analysis phase, fundamental frequency (F0) is 
calculated on the input waveforms by a simple continuous pitch 
tracker (Garner et al., 2013). After that, Maximum Voiced 
Frequency (MVF) is derived from the speech signal (Drugman 
& Stylianou, 2014), resulting in the MVF parameter. Next, 
Cheaptrick algorithm using 60-order Mel-Generalized Cepstral 
analysis (MGC) (Morise, 2015) with alpha=0.58 is performed 
on the speech signal to achieve high-quality speech spectral 
estimation. In all steps, 5 ms frameshift is used. The results are 
the F0, MVF and the MGC parameter streams. Figure 2 is an 
example of the spectral envelope extracted from a speech frame. 
The Glottal Closure Instant (GCI) algorithm (Drugman & 
Dutoit, 2012) is used to find the glottal period boundaries of 
individual cycles in the voiced parts of the inverse filtered 
residual signal. Finally, the system performs Principal 
Component Analysis (PCA) on the pitch synchronous residuals. 
During the synthesis phase, voiced excitation is composed of 
PCA residuals overlap-added pitch synchronously, depending 
on the continuous F0. This voiced excitation is lowpass filtered 
frame by frame at the frequency given by the MVF parameter. 
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In the frequencies higher than the actual value of MVF, white 
noise is used. Voiced and unvoiced excitations are added 
together. Finally, a Mel generalized-log spectrum 
approximation (MGLSA) filter is used to synthesize speech 
from the excitation and the MGC parameter stream. Now, the 
continuous vocoder is a freely available source code for 
researchers and developers under the conTTS system. 

 
Figure 2: Within a speech frame, the continuous vocoder 

measures the F0 and the MGC representation of the spectral 
envelope (blue). 

2.2. Acoustic modelling 

The acoustic model was built using the recent Merlin toolkit 
(Zhizheng et al., 2016). In this work, we have used the feed-
forward DNN (Zen et al., 2013) and RNNs (LSTM and BLSTM 
(Fan et al., 2014), and GRU (Wang & Xu, 2016)) based 
statistical parametric speech synthesis. For a given input vector 
sequence 푥 = (푥 , … , 푥 ), a regular RNN calculates hidden 
state vector sequence ℎ = (ℎ , … , ℎ )  and outputs vector 
sequence 푦 = (푦 , … , 푦 ). More specifically, it separates the 
state neurons in a forward state sequence ℎ⃗  (positive time 
direction), and backward state sequence ℎ⃖  (negative time 
direction); which means that both forward and backward 
outputs are not connected. For example, the iterative process of 
the BLSTM can be defined here as 

ℎ⃗ = 푡𝑎푛ℎ 𝑊 ⃗푥 + 𝑊 ⃗ ⃗ℎ⃗ + 𝑏 ⃗                 (1) 

ℎ⃖ = 푡𝑎푛ℎ 𝑊 ⃖ 푥 + 𝑊⃖ ⃖ ℎ⃖ + 𝑏⃖                 (2) 

푦 = 𝑊 ⃗ ℎ⃗ + 𝑊⃖ ℎ⃖ + 𝑏                          (3) 

Where 𝑊 is the connection weight matrix between two layers 
(e.g. 𝑊  is the weight matrix between input and hidden 
vectors), 𝑏 is the bias vectors, and 𝑓(·) denotes an activation 
function. DNN/RNN aim to minimize the mean squared error 
function between the target output y and the prediction output 
푦 

   𝐸 =
1
푛

(푦 − 푦 )                               (4) 

Thus, 4 feed-forward hidden layers each consisting of 1024 
units and performs a non-linear function of the previous layer’s 
representation, followed by a single RNN layer with 385 units, 
will be used in this work to train the continuous parameters. Our 
model is simpler to train and yields sharper acoustic models. 
The Festival toolkit (Taylor et al., 1998) is used to extract the 

2 http://www.festvox.org/cmu_arctic/cmuarctic.data 
3 https://malradhi.github.io/conTTS/ 

linguistic features, which encode information regarding the 
phone identity, quinphone context, and syllable stress features 
of adjacent syllables. The frame alignment and state 
information was taken from forced alignment using a 
monophone HMM-based system with 5 emitting states per 
phone. 
 

3. Results 
The conTTS is demonstrated in Figure 3, which shows the 
spectrograms of a synthesized speech with MVF. In a given 
English text sentence, users can select one of two voice patterns 
(either male or female) from the current set to build their custom 
voice model. Users can also specify the neural network 
topology to be trained as well as the number of hidden layers. 
In order to achieve our goals and to verify the effectiveness of 
the proposed methods, objective and subjective evaluations 
were carried out. 

 
Figure 3: Top: text and waveform, bottom: spectrogram and 

MVF of the synthesized speech from a female speaker. 
 

3.1. Datasets 
Since the evaluation result depends on the speech database, a 
CMU-ARCTIC corpus (Kominek & Black, 2003) was used to 
assess the sound quality of the developed algorithm. Two 
speakers were selected, denoted as AWB (American English, 
male) and SLT (American English, female), both experienced 
voice talents. Every speaker produced 1132 sentences 2. We 
have divided the total dataset into train, validation and test sets. 
In the vocoding experiments, 25 sentences from each speaker 
were taken randomly to be synthesized and the model is 
evaluated on test data and observed a high-quality training 
accuracy.  
 

3.2. Objective Evaluation 

An assessment of the predictive ability of the trained model is 
determined through several metrics: Mel-cepstrum distortion 
(MCD) and root mean square error (RMSE), validation loss 
between valid and train sets, and correlation (CORR) measures 
the degree to which reference and generated data are close to 
each other. For all empirical metrics, a calculation is done 
frame-by-frame and a lower value indicates better performance 
except for the CORR measure where +1 is better. Synthesized 
speech samples generated by conTTS can be found online3. 

F0 harmonics
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Table 1: Objective measures for all training systems based on synthesized speech signal using continuous vocoder for SLT (female) 
and AWB (male) speakers. Lower value indicates better performance except for the CORR. 

 

Systems 
MCD (dB) 𝑅𝑀𝑆𝐸  (Hz) 𝑅𝑀𝑆𝐸  (Hz) CORR Validation error 

Female Male Female Male Female Male Female Male Female Male 

DNN 4.923 4.592 0.044 0.046 17.569 22.792 0.727 0.803 1.543 1.652 

LSTM 4.825 4.589 0.046 0.047 17.377 23.226 0.732 0.793 1.526 1.638 

GRU 4.879 4.649 0.046 0.047 17.458 23.337 0.731 0.791 1.529 1.643 

BLSTM 4.717 4.503 0.042 0.044 17.109 22.191 0.746 0.809 1.517 1.632 
 
 
The test results are listed in Table 1. Compared to the DNN, the 
BLSTM reduces all four experimental measures, and obtain 
similar performance for the male and female speakers. We also 
see that using GRU system has no positive effect on the 
objective metrics. In summary, these empirical outcomes 
demonstrate that using BLSTM systems to train continuous 
vocoder parameters improves the synthesis performance and 
outperforms DNN and other recurrent topologies. Moreover, 
Table 2 compares the parameters of the vocoders under study. 
It can be seen that the continuous vocoder uses only two one-
dimensional parameters for modeling the excitation, the 
WORLD vocoder applies five-dimensional band aperiodicity, 
whereas STRAIGHT computes high-dimensional parameters 
which makes the statistical modelling approach progressively 
complex and computationally intensive. The findings also point 
out that the continuous vocoder has few parameters compared 
to the WORLD and STRAIGHT vocoders, and it is 
computationally feasible; therefore, it is suitable for real-time 
operation. 
 
 

Table 2: Parameters and excitation type of applied 
vocoders.  

Vocoder Parameter per frame Excitation 

Continuous F0: 1 + MVF: 1 + MGC: 24 Mixed 

WORLD F0: 1 + Band aperiodicity: 5 
+ MGC: 60 

Mixed 

STRAIGHT F0: 1 + Aperiodicity: 1024 

+ Spectrum: 1024 

Mixed 

 
 

3.3. Subjective Evaluation 

We conducted several web-based MUSHRA (MUlti-Stimulus 
test with Hidden Reference and Anchor) listening tests (ITU-R, 
2001). This test compared natural sentences with the 
synthesized sentences from the baseline (DNN), proposed 
(LSTM, BLSTM, and GRU), and an anchor system. The anchor 
was an HMM-TTS using a simple pulse-noise excitation 
vocoder. We evaluated ten sentences from speaker AWB, and 
ten sentences from speaker SLT. Listeners were asked before 
the test to listen to an example from a speaker to adjust the 
volume. In the test, the listeners had to rate the naturalness of 
each stimulus relative to the reference (which was the natural 
sentence), from 0 (highly unnatural) to 100 (highly natural). The 

utterances were presented in a randomized order (different for 
each participant). 
13 participants (6 males, 7 females) with a mean age of 29 years 
were asked to conduct the online listening test. On average, the 
test took 23 minutes to fill. The MUSHRA scores for all the 
systems are shown in Figure 4. For speaker AWB, both 
recurrent networks outperformed the DNN system. For speaker 
SLT, we found that the BLSTM system reached the highest 
naturalness scores in the listening test, consistent with objective 
errors reported above. 
 

 
Figure 4: Results of the MUSHRA listening test for the 

naturalness question. Error bars show the bootstrapped 95% 
confidence intervals. The score for the reference (natural 

speech) is not included. 
 
 

4. Discussion and conclusion 
In this work, we have presented the conTTS framework. It is a 
text to speech application based on speech analysis and 
synthesis system, that is a lightweight and easy to use. We 
demonstrate that our method can integrate with an existing 
Merlin pipeline to provide comparatively simple waveform 
TTS synthesis. We also focused on the task of sequence 
modeling based on continuous vocoder, which was ignored in 
the conventional feed-forward neural network. Three different 
deep recurrent architectures (LSTM, BLSTM, and GRU 
models) have been implemented to train our acoustic features.  
From objective evaluation metrics, experimental results 
demonstrated that the proposed RNN models can improve the 
naturalness of the speech synthesized significantly over our 
DNN baseline (Mann-Whitney-Wilcoxon ranksum test, 
p<0.05). Preference tests show the proposed method gives 
further improved performance. These experimental results 
validated the potential of the recurrent networks based 
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approaches for SPSS. In particular, the BLSTM network 
achieves better performance than others. By demonstrating our 
work to the scientific community, future work might be focused 
on voice conversion ensuring compatibility with a non-parallel 
dataset. 
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Abstract

This study investigates the speech articulatory coordination in

schizophrenia subjects exhibiting strong positive symptoms (e.g.

hallucinations and delusions), using a time delay embedded

correlation analysis. We show that the schizophrenia subjects

with strong positive symptoms and who are markedly ill pose

complex coordination patterns in facial and speech gestures

than what is observed in healthy subjects. This observation

is in contrast to what previous studies have shown in Major

Depressive Disorder (MDD), where subjects with MDD show

a simpler coordination pattern with respect to healthy controls

or subjects in remission. This difference is not surprising given

MDD is necessarily accompanied by Psychomotor slowing (i.e.,

negative symptoms) which affects speech, ideation and motility.

With respect to speech, psychomotor slowing results in slowed

speech with more and longer pauses than what occurs in speech

from the same speaker when they are in remission and from a

healthy subject. Time delay embedded correlation analysis has

been used to quantify the differences in coordination patterns

of speech articulation. The current study is based on 17 Fa-

cial Action Units (FAUs) extracted from video data and 6 Vocal

Tract Variables (TVs) obtained from simultaneously recorded

audio data. The TVs are extracted using a speech inversion

system based on articulatory phonology that maps the acoustic

signal to vocal tract variables. The high-level time delay em-

bedded correlation features computed from TVs and FAUs are

used to train a stacking ensemble classifier fusing audio and

video modalities. The results show that there is a promising

distinction between healthy and schizophrenia subjects (with

strong positive symptoms) in terms of neuromotor coordination

in speech.

Keywords: Schizophrenia, Positive symptoms, Facial Action
Units, Vocal Tract Variables, Neuromotor coordination

1. Introduction

Schizophrenia is a chronic mental disorder with heterogeneous
presentations that affect around 60 million (1%) of the world’s
adult population (Kuperberg 2010). Symptoms of schizophre-
nia are broadly categorized as positive, which are pathological
functions not present in healthy individuals (e.g., hallucinations
and delusions); negative, which involve the loss of functions or
abilities (e.g., apathy, lack of pleasure, blunted affect and poor
thinking); and cognitive (deficits in attention, memory and ex-
ecutive functioning) (Andreasen and Olsen 1982, Demily and
Franck 2008). From previous studies it has been found that
individuals suffering from major depressive disorder (MDD)
are subjected to neurophysiological changes which often alter
motor control and thus affects mechanisms controlling speech

production and facial expressions. Clinically these changes are
associated with psychomotor slowing, which is a condition of
slowed neuromotor output causing slowed speech, decreased
movement and impaired cognitive functions (Buyukdura, Mc-
Clintock, and Croarkin 2011). Previous studies have shown
promising results in identifying the severity of depression by
using coordination features based on the correlation structure
of the movements of various articulators (Espy-Wilson et al.
2019). This motivated us to investigate how neuromotor coor-
dination is altered in schizophrenic patients who are markedly
ill and exhibit strong positive schizophrenic symptoms by ana-
lyzing facial activity and speech gestures.

Previous studies in MDD have used vocal tract variables
extracted from audio data (Seneviratne et al. n.d.) and facial
action units extracted from video data (Williamson, Young, et
al. 2019) as low level features to classify subjects with MDD
from healthy. Time-delay embedded correlation (TDEC) anal-
ysis has shown promising results in assessing neuromotor co-
ordination in MDD, and normalized eigenspectra derived from
the low level features have been used to develop those classi-
fiers (Williamson, Young, et al. 2019,Seneviratne et al. n.d.,
Williamson, Quatieri, et al. 2014). In this study we extend
these experiments to assess neuromotor coordination in speech
of subjects with strong positive symptoms in schizophrenia. We
also show that fusion of audio and video modalities to come up
with a multi-modal system results in better classification met-
rics.

In Section 2, we explain the dataset, the estimation of the
FAUs and TVs, computation of the coordination features, and
the details of the classification experiments. Section 3 describes
our results in terms of eigenspectra plots and classification out-
comes. Interpretation of the results and planned future studies
are described in section 4

2. Methods

2.1. Dataset Description

A database recently collected for a collaborative observational
study conducted by the University of Maryland School of
Medicine and the University of Maryland College Park has
been used for this study(Kelly et al. 2020). The database con-
tains video and audio data of free response assessments admin-
istered in an interview format. Data for this study was col-
lected from 23 schizophrenic patients, 18 patients with MDD
and 20 healthy controls. All of the schizophrenic and MDD
patients were clinically diagnosed. Every subject participated
in four interview sessions over a period of six weeks. Each
interview session is 10-45 minutes long and every subject is as-
sessed using standard depression severity measures and global
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psychopathology measures by a clinician and themselves. For
this study, we used the clinician assessments based on the 18-
item Brief Psychiatric Rating Scale(BPRS), where we selected
subjects based on the total BPRS score, and the subscores for
psychosis (BPRS item11,item12,item4, item15) and activation
(BPRS item6, item7, item17), and the Hamilton Rating Scale
for Depression (HAMD). Table 1 lists the details of the Dataset.

Table 2 presents the information on the subset of data used
for our study. The 6 schizophrenic subjects are selected such
that they are markedly ill (BPRS total 45), have higher sub-
scores for psychosis and activation, but are not depressed or
only mildly depressed (HAMD between 0 and 14). The 6
healthy controls are chosen such that they are not depressed
(HAMD < 7) or schizophrenic (BPRS < 32). The MDD sub-
jects are chosen such that they are severely depressed (HAMD
>=20) but are not schizophrenic (BPRS <32). For this prelim-
inary study we only used data from a single session of the pa-
tient’s visits.

Table 1: Details on the UMCP-UMB dataset

Longitudinal 5 weeks
Number of Subjects 31 Male, 30 Female

Demography 26 African American, 28 Caucasian, 5 Asian
Assessment HDRS, MADRS, BPRS, CAPE-42

Recording Type Video and Audio
Session Length 10-50 mins

Table 2: Details on the subset of data used for the study

SZ HC MDD
Number of Subjects 6 6 3
BPRS score range 45<score<=62 18<score<=23 18<score<=23

HAMD score range 0<score<14 0<score<7 20<=score
Mean session duration 35 min 18 min 38 min

2.2. Vocal Tract Variables (TVs)

We used a speech inversion system (Sivaraman et al. 2016,
Sivaraman 2017) developed based on Articulatory Phonology
(AP) (Browman and Goldstein 1992) that maps the acoustic sig-
nal into vocal tract variables (TVs). The TVs define the kine-
matic state of each constrictor by its corresponding constriction
degree and location coordinates (refer Table 3 and Figure 1 for
more details). The speech inversion systems samples TVs at
100 Hz sampling rate.

Table 3: List of TVs and constrictors

Constrictors Vocal Tract Variables (TVs)

Lip Lip Aperture (LA), Lip Protrusion(LP)
Tongue Tip Tongue tip constriction degree (TTCD),

Tongue tip constriction location (TTCL)
Tongue Body Tongue body constriction degree (TBCD),

Tongue body constriction location (TBCL)
Velum Velum (VEL)
Glottis Glottis (GLO)

2.3. Facial Action Units (FAUs)

The video-based Facial Action Units (FAUs) provide a for-
malized method for identifying changes in facial expressions.
We used the Openface 2.0: Facial Behaviour Analysis toolkit
(Baltrusaitis et al. 2018) to extract seventeen FAUs (FAU
1,2,4,5,6,7,9,10,12,14,15,17,20,23,25,26 and 45 as in FACS
coding system (Prince, Martin, and Messinger 2015)) from the
recorded videos of the subjects during the interviews. The FAU
features were sampled at a rate of 28 frames per second. We
only analyzed those portions of the video when the subject was

Figure 1: Visual representation of the vocal tract variables at
five distinct constriction organs (taken from Saltzman Munhall
(Saltzman and Munhall 1989)), along with a listing of constric-
tors and their vocal tract variables. See Table 3 for TV labels

talking. The features computed by the tool for the entire video
were segmented based on timestamps extracted from manually
transcribed transcripts from the audio and relevant speaker ID
for the subject.

2.4. Calculating Coordination Features for Healthy, MDD

and Schizophrenic subjects

Coordination among the seventeen FAUs and among the six
TVs (LA, LP, TTCD, TTCL, TBCD and TBCL) were estimated
using the correlation structure features. These features are es-
timated by computing a channel delay correlation matrix using
time delay embedding at a fixed delay scale (Espy-Wilson et al.
2019,Williamson, Young, et al. 2019). For FAUs, 3 samples
was chosen as the delay scale and it corresponds to 3/28 = 107
ms and for TVs, 7 samples was chosen as the delay scale and it
corresponds to 7/100 = 70 ms. For FAUs, each correlation ma-
trix has a dimensionality of (255 x 255) with 17 channels and
15 time delays per channel. For TVs, each correlation matrix is
(90 x 90) dimensional with 6 channels and 15 time delays per
channel. After speech diarization, to calculate correlation fea-
tures, only the segments of the subject which are greater than 5
seconds were used.

From the correlation matrix Ri calculated for each sample
i, the eigenspectrum is computed. The eigenspectrum generated
for FAUs is a 255- dimensional vector which is rank ordered
(in the descending order of magnitude of eigenvalues) from in-
dex j=1,..,255. The eigenspectrum generated from TVs is a 90-
dimensional vector rank ordered from index j=1,..,90.

The eigenspectrum generated can be considered as a high
level feature designed to characterize properties of coordination
and timing from the low level features (Williamson, Young, et
al. 2019). The eigenspectrum characterizes the within-channel
and cross-channel distributional properties of the multivariate
FAU and TV time series. The magnitude of the eigenvalues
represent the average correlation in the direction of correspond-
ing eigenvectors. Therefore the significance of the magnitude of
eigenvalues indicate the number of independent dimensions that
can be used to represent speech belonging to different groups.
Therefore, a few significant eigenvalues imply a simpler artic-
ulatory coordination pattern whereas a large number of signif-
icant eigenvalues correspond to more complex articulatory co-
ordination.
2.5. Classification Between Schizophrenia and Healthy

Subjects

From Table 2, all the 6 Schizophrenic subjects and all the 6
Healthy controls are chosen to train a Support Vector Machine
(SVM) classifier with radial basis function kernel. The classifier
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(a) Averaged eigenspectra from TVs

(b) Difference plot

Figure 2: Averaged eigenspectrum for TVs (left) and corre-
sponding difference plot (right)

was trained on the coordination features computed over FAUs
and TVs to classify a given subject as a schizophrenic subject
or a healthy control. Eigenvalues were averaged over multiple
index ranges of the normalized eigenspectrum (equations used
for calculating normalized eigenspectra are from (Espy-Wilson
et al. 2019)) to be used as the input features to the classifier. The
features calculated are standardized across all instances before
model training and testing. We first trained individual SVM
models for TVs and FAUs from eigenspectra features and then
trained a fused model by combining TV and FAU features using
a stacking ensemble model(Wolpert 1992).

The SVM models were trained and evaluated in leave-one-
subject-out-cross-validation fashion with a total of 12 folds.
The average accuracy and F1 scores are computed across all
folds.

3. Results

In the first experiment, we compared 3 subjects from each
schizophrenic, MDD and healthy groups by calculating the
eigenspectra from TVs and FAUs and their corresponding dif-
ference plots. Figure 2 shows the averaged eigenspectra plot
and the corresponding difference plot obtained from TVs. The
eigenvalues are plotted in the logarithmic scale and the plot
is zoomed in at low and high rank indices to see where the
curves lie with respect to each other. The difference curves for
schizophrenia and MDD in the difference plot are calculated
relative to healthy.

Figure 3 shows the eigenspectra and difference plots ob-
tained from both TVs an FAUs for the classification experiment.
It also confirms the agreement between coordination patterns
seen in TVs and FAUs for schizophrenia subjects.

Figure 3: Averaged eigenspectra for TVs and FAUs (left) and
corresponding difference plots (right) for classification experi-
ments

Table 4 shows the average accuracies and F1 scores
obtained from the classification experiments in section 2.5.
The highest accuracy of 68.19% (F1 scores of 70.12 for
schizophrenic group and 65.23 for healthy group) was achieved
from the fused model which is a promising improvement with
respect to the individual modalities.

Table 4: Classification Results

Method Index range Accuracy F1(S)/F1(H)
FAU [0-0.02],[0.96-1] 65.63 % 67.89/61.37
TV [0-0.03],[0.95-1] 61.68 % 63.45/59.21

Multi-modal - 68.19 % 70.12/65.23

4. Discussion

Figure 2 shows that the low rank eigenvalues are larger for
MDD subjects relative to the schizophrenic patients and the
healthy controls, and this trend is reversed towards the high
rank eigenvalues. This pattern is a key observation asso-
ciated with depression severity (Williamson, Quatieri, et al.
2014,Williamson, Young, et al. 2019,Espy-Wilson et al. 2019).
The magnitude of high rank eigenvalues indicates the dimen-
sionality of the time-delay embedded feature space. Thus,
larger values in the high rank eigenvalues can be associated with
greater complexity of articulatory coordination (Espy-Wilson
et al. 2019). Thus, we can conclude that the schizophrenic
subjects with strong positive symptoms have a higher articula-
tory coordination complexity than the healthy controls and the
MDD patients, and the MDD patients have a simpler articu-
latory coordination pattern relative to the healthy controls and
the schizophrenic patients. These results are likely due to the
negative symptoms of depression which results in psychomo-
tor slowing (i.e., simpler coordination) and the strong positive
symptoms of the schizophrenic patients such as activation that
results in motor hyperactivity (i.e., complex coordination). We
see this effect in both the eigenvalues computed from the FAUs
and from the TVs.

The classification results indicate that there is a notable dis-
crimination between the coordination features for schizophrenic
subjects with strong positive symptoms and those of healthy
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subjects. From this preliminary study, we observe that facial
gestures were more effective compared to TVs in the classifi-
cation experiments. This could be because of the inclusion of
a wider range of facial muscle movements which were not lim-
ited to only those around the speech articulators. From previous
studies it has been shown that some FAUs are significant in un-
derstanding depression severity (Girard et al. 2013). Following
that line, we could come up with attention based deep learn-
ing models to select the most discriminative set of FAUs, from
which the performance of the classification models can be fur-
ther improved. Finally, as Seneviratne et al. (Seneviratne et
al. n.d.) have shown, the performance of the TV based classi-
fication models can be improved by adding glottal TVs to the
constriction degree and location TVs in detecting subjects with
severe depression. We will investigate the use of these glottal
TVs as well as the velar TVs to get a full representation of the
speech gestures and their coordination.

It should also be noted that (Tron et al.Tron et al. 2016)
found a strong correlation between negative symptoms of
schizophrenia (e.g., blunted affect) and various facial dynam-
ics. Further, there have been other studies(Trémeau et al. 2005)
where the schizophrenic and the depressed patients were com-
pared with healthy controls using facial expressiveness in terms
of negative symptoms. The study of Tremeau et al.(Trémeau
et al. 2005) observed similar deficits in both the depressed and
schizophrenic subjects. But our study, which focused on dif-
ferentiating subjects with strong positive symptoms based on
coordination features, presents the first evidence that the posi-
tive symptoms of schizophrenia can be characterized by com-
plex articulatory coordination pattern of the speech and facial
gestures.

In future work, we plan to validate these preliminary find-
ings using a larger dataset. We are also working on developing a
Multi-modal Convolutional Neural Network (CNN) based deep
learning model where the correlation matrices are fed directly
to perform classification.
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Abstract 
The functional load (FL) of a phonological contrast has been 
shown to correlate with its resistance to merger on evolutionary 
timescales. The effects of FL on day-to-day speech, however, 
remain an uncharted territory. In this paper, we studied the 
effects of FL on the production and perception of vowel length 
contrasts in Bangkok Thai. We found that, in production, FL 
had a positive correlation with long/short vowel duration ratios, 
as well as with the discriminability between short and long 
vowels distributions in duration space. For perception, we 
found no correlations between FL and any of the perceptual 
measurements. We hypothesize that different units and 
mechanisms involved in production and perception, as well as 
their relationship to phonological contrast, are responsible for 
the presence or lack of effects of FL. We also discuss the 
implications of our findings for theories of sound change that 
privilege perception over production. Finally, we show how the 
real time effects of FL on vowel length contrasts production 
may be accommodated in a non-linear dynamical model of 
phonological contrast. 
 
Keywords: speech production, speech perception, functional 
load, phonological contrast, vowel length 

1. Introduction 
For more than a century, research on the evolution of sound 
inventories has evaluated the hypothesis that a phonological 
contrast is more likely to be lost as a result of sound change 
when it performs a small amount of “work” in the linguistic 
system (e.g., Martinet, 1952; Wedel et al., 2013). Since the 
amount of work performed by a phonological contrast has been 
termed function load (FL), this hypothesis is known with the 
name of FL hypothesis (King, 1967; Wedel et al., 2013). Until 
recently empirical evidence in favor or against the FL 
hypothesis was mixed (Diver, 1955; King, 1967; Surendran & 
Niyogi, 2003). Recently, however, clear evidence in favor of a 
correlation between FL and the likelihood of mergers on 
evolutionary timescales has been presented on the basis of data 
from 8 languages (Wedel et al., 2013). If we are willing to 
accept the idea that the diachronic survival of phonological 
contrasts may be modulated by FL, a pressing question that 
arises is what mechanism(s) may be responsible for this 
correlation? Or, in other words, how do the observed diachronic 
tendencies come about in synchronic day-to-day speech? To our 
knowledge, this important question has seldom been 
investigated. One study (Tang & Harris, 2014) has shown that 
seemingly arbitrary phonetic properties, like the duration ratio 
of geminate and singleton consonants, displays a striking 
correlations with FL. In view of these findings, in this paper we 

 
*Equal contribution. 
 

further explore the possibility that FL may modulate the fine-
grained acoustic details of phonological contrasts via real time 
effects on their production and perception. We address these 
issues using vowel length in Bangkok Thai as a case study. 
Bangkok Thai vowel length was chosen as an ideal testbed for 
the synchronic effects of FL for two reasons. First, it has been 
demonstrated that geminate and singleton consonant duration 
ratios correlate with FL (Tang & Harris, 2014); accordingly, an 
obvious extension would be showing that a similar correlation 
holds for long and short vowel duration ratios as well. Second, 
Bangkok Thai vowel length contrasts have been shown to be 
predominantly cued in a single acoustic dimension, namely, 
duration (Abramson & Reo, 1990). Accordingly, our analysis of 
this contrast can be considered reasonably complete in spite of 
being limited to a single acoustic dimension. 

1.1. Research questions, hypotheses, and predictions 
The research questions we investigate are the following: 

1. Does FL correlate with the duration ratio of long to 
short vowels, just like it has been shown to correlate 
with the ratio of long to short consonants (Tang & 
Harris, 2014)?  

2. Does FL correlate with distributional overlap 
between short and long vowels of the same quality? 

3. Does FL correlate with perceptual discriminability of 
the relevant short/long vowel contrasts? 

Our hypotheses and predictions are the following. If FL affects 
speech production, we predict vowel contrasts with high FL, 
e.g., [a ~ aː], to show larger duration ratios between long and 
short vowels, and also less “overlap” between the distribution 
of the short and long vowel pair members, when compare with 
a vowel pair with low FL, like [ɛ ~ ɛː] (Figure 1). If FL 
modulates perceptual discriminability in the same way it 
modulates production, we expect more accurate responses and 
shorter reaction times when classifying stimuli of ambiguous 
duration containing vowels with high FL, as speakers are 
exposed more often to these contrasts. Alternatively, as an 
anonymous reviewer points out, it is also conceivable that the 
correlation with FL may be reversed in perception. That is to 
say, if high FL corresponds to a reduced distributional overlap, 
listeners may be less familiar with ambiguous durations of 
vowels with high FL and reaction times may be higher in this 
case. Finally, we also note that previous work (Onsuwan et al., 
2013) on confusability of Thai vowel length in noise does not 
suggest that vowel contrasts with high FL (like [a ~ aː]) are less 
confusable than vowel contrasts with low FL (like [ɔ ~ ɔː]), 
Table 1. Accordingly, it is possible that FL does not modulate 
vowel length perception at all. 
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Figure 1: Predicted higher VV/V ratios and less 
overlap along an acoustc dimension, like duration, for 
a phonological contrast with high FL (top) vs one with 
low FL (bottom). 

Table 1: Confusion rates of short-long (left) and long-
short vowels (right) from Onsuwan et al. (2013). 

Vowel 
pair 

Confusion rate  Vowel 
pair 

Confusion rate 

i ~ iː 0.65  iː ~ i 0.65 

e ~ eː 1.96  eː ~ e 3.92 

ɛ ~ ɛː 2.78  ɛː ~ ɛ 1.31 

a ~ aː 1.96  aː ~ a 1.96 

ɔ ~ ɔː 0  ɔː ~ ɔ  5.23 

o ~ oː 0  oː ~ o 4.58 

u ~ uː 0.65  uː ~ u 1.31 

2. Experiment 1: Production 

2.1. Methods 
Acoustic data were collected from 20 native speakers of 
Bangkok Thai. The stimuli were 189 attested Bangkok Thai 
words with all licit phonotactic and tone combinations. Target 
words were embedded in a carrier sentence and presented in 
Thai orthography. Participants were asked to produce each 
sentence three times. All sentences were force-aligned, 
inspected by a Bangkok Thai native speaker, and manually 
corrected when necessary. The grand means of each vowel of 
the same quality was used to calculate the long/short duration 
ratio of each length contrast. We computed “distributional 
overlap” between short and long members of a vowel pair using 
a class separability measure based on their durational values, 
the unidimensional Bhattacharyya Distance (Bhattacharyya, 
1943). This distance helps us quantify how well the long/short 
realization of vowels of the same quality can be separated on 
the basis of duration alone. Finally, FL of a vowel length 
contrast was computed using the word probabilities of a 
unigram model, containing monosyllabic forms only, extracted 
from the Thai National Corpus (~22 million tokens). We 
adopted an entropy-based calculation of FL that takes into 
account both minimal pairs and word frequency, following the 
considerations of Surendran & Niyogi (2003) and Hockett 
(1967). In particular, we follow Surendran & Niyogi’s (2003) 
approach to calculate FL using the formula in (1): 

 !"($, &) = 	!(#)%!(#!")!(#)  (1) 

In this formula, !"($, &) represents the FL of a contrast ($, &), 
*(")  is the baseline entropy of the language model, and 
*("&') represents the entropy of a language model where the 
target contrast ($, &) has been neutralized. In this way, FL is 
defined as a normalized difference in entropy that represents 
the fraction of information lost when a target contrast is 
neutralized. We note in passing that, since counts are limited to 

monosyllabic words, our word unigram model corresponds to 
a syllable unigram model. Such model is similar to the one 
employed by Surendran & Niyogi (2003) for Mandarin. 
Importantly, note that syllable unigram models have been 
shown by Surendran & Niyogi (2003) to have a very high 
correlation with phoneme based models. Accordingly, we do 
not investigate a phoneme based model of entropy in this paper. 
For our statistical analyses, we calculated the correlations of: 
(i) the long/short vowel duration ratio and log(FL) and (ii) the 
Bhattacharyya Distance and log(FL) using Pearson’s ρ and 
Kendall’s τ rank correlations. Our choice of using log(FL) and 
of the statistical tests follows Tang & Harris (2014). 

2.2. Results 
Our results show a positive correlation between log(FL) and 
duration ratios (ρ = .7; τ = .71; R2 = .5), Figure 2. 

 
Figure 2: Positive correlation between log(FL) and 

VV/ V duration ratio. 

A positive correlation between log(FL) and Bhattacharyya 
Distance was also observed (ρ = .8; τ = .61; R2 = .64), Figure 3. 

 
Figure 3: Positive correlation between log(FL) and 

Bhattacharyya Distance. 

On the basis of these results, we can conclude that FL modulates 
the production of vowel length contrasts in at least two 
dimensions, duration ratio and class separability. Such 
dimensions are obviously relevant for the “robustness” of the 
phonological contrast itself. 

3. Experiment 2: Perception 

3.1. Methodology 
15 native speakers of Bangkok Thai were asked to complete an 
ABX discrimination task, where A is a stimulus with the 
shortest vowel duration in a 11-step continuum, and B is a 
stimulus with the longest vowel duration, while X represents a 
target stimulus. Participants had to judge whether the X 
stimulus is the same word as stimulus A or stimulus B. Stimuli 
were audios of nonce words of shape [f (i/u/ɛ/ɔ/a) p] recorded 
by a native speaker of Bangkok Thai. The onset and coda 
segmental material was chosen to yield nonce words. To 

a aː 

ɛ ɛː 
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prevent possible spectral biases, we used two types of stimuli: 
lengthened short vowels and shortened long vowels. We 
modified vowel duration of X stimulus into 11 continuous steps. 
In order to shorten the long vowel stimuli, glottal cycles with a 
duration of ~10 ms were removed at each step. As for the short 
vowel stimuli, glottal cycles with duration of ~10 ms were 
added to lengthen the vowel. Every unique stimulus was 
presented 3 times. Mixed effect logistic regressions were fit to 
participants’ responses and loglikelihood ratio tests were used 
to compare the fit of the regression models. Models had random 
intercepts for the participant term and duration step and vowel 
quality as fixed effects. Given this basic structure, we compared 
a model with the interaction of duration step and vowel quality, 
with one that does not have the interaction term. In this way, we 
wanted to determine whether different vowel qualities 
correspond to different logistic functions, and, if so, whether FL 
plays a role in modulating the differences. Furthermore, the 
grand mean of the reaction times for step 4 to 8 were extracted 
and analyzed for their correlation with log(FL) using Pearson’s 
ρ and Kendall’s τ rank correlations. The region from step 4 to 8 
was chosen because it represents the portion of the continuum 
with maximum ambiguity, as responses of short vowels in this 
region vary between 10-90 %, Figure 4. 

3.2. Results 
Loglikelihood ratio tests indicated that the model structure 
should include both duration steps and vowel quality (χ2 (4) = 
46.423, p < .001), but not the interaction (χ2 (40) = 52.553, p = 
.088). The probability of categorizing X as “short” for each 
vowel in Figure 4 (top) shows that vowels were divided into 
two groups: (1) [a~aː] and [i~iː] and (2) [u~uː], [ɛ~ɛː], and 
[ɔ~ɔː]. This grouping is not modulated by FL, as a vowel pair 
with high FL [u~uː] is grouped with the vowel pairs that have 
low FL, [ɛ~ɛː] and [ɔ~ɔː]. 

 

 
Figure 4: Logistic function for each vowel quality 
(top) and mean reaction time at each step in the 

continuum (bottom). 

Furthermore, the slope (rate of change in probability) extracted 
from the mixed effect logistic regression model for each vowel 
does not show a correlation with log(FL) (ρ = -.06; τ = 0; R2 = 
.004). Mean reaction times do not show a correlation with 
log(FL) either (ρ = .18; τ = .2; R2 = .03), Figure 5. 

4. Discussion 
The results presented in the previous section allow us to draw 
three conclusions. First, FL modulates the duration ratio of  

 
Figure 5: Lack of correlation between log(FL) and 

mean reaction time of stimuli with ambiguous 
duration.  

long/short vowel contrasts in Bangkok Thai. Second, FL 
modulates how discriminable long and short vowels of the same 
quality are on the basis of duration. Third, the modulations of 
FL observed in production are not present in perception. The 
production/perception asymmetry may be due to differences in 
their basic units. For production, it is widely accepted that 
relevant planning and execution units are the size of a segment 
(Klatt, 1976), or, possibly, even smaller than a segment, as is 
the case for “gestures” (e.g., Browman & Goldstein, 1989) or 
features (e.g., Fujimura, 1994). Given that such units are  
(quasi-)isomorphic to the hypothesized units of phonological 
contrast, the fact that FL modulates (some of) their core 
properties is unremarkable. Recall that FL is a measure of the 
“work” performed by a phonological contrast at the level of 
(pairs of) segments, gestures, or features, accordingly, that FL 
may affect the phonetic realization of such units, especially 
when compared to each other in a paradigmatic fashion, is not 
surprising. For perception, on the other hand, it is often assumed 
that words are the basic units or that they strongly mediate 
phoneme recognition (Marslen-Wilson, 1987; McClelland & 
Elman, 1986a, 1986b). Given this premise, the lack of effects 
of FL on perceptual measurements may be due to the fact that 
perception is more strongly influenced by word competitors, 
rather than by FL-mediated realizations of (sub-)segmental 
phonological contrasts. In addition, the ABX forced-choice task 
we chose imposed a minimal pair with two categories, short and 
long, on the perceptual space of participants. Given the distance 
between the task and speech perception in the wild, we cannot 
exclude that the lack of effects of FL may also be the result of 
the particular methodology we chose and the dependent 
variables we measured. Future work may explore the perceptual 
side of the question with more suitable tasks and measurements, 
such as speech perception in noise and confusion matrices. At 
any rate, if our results were to be confirmed in future studies, 
the asymmetry of FL effects on production and perception 
would represent further evidence in favor of the idea that these 
two systems rely on fundamentally different units and 
mechanisms. In the previous sections, we have noted that FL 
has been shown to correlate with resistance to merger on 
evolutionary timescales. At the same time, our results suggest 
that FL modulates the production but not the perception of 
phonological contrasts. One implication springing from the 
combination of these two findings is that mergers, and sound 
changes more generally, cannot be based on (mis-)perception 
alone, as often assumed . “Stability” in production must also 
play a role, as this is the only locus of FL modulations. The final 
question we need to address is how FL may interact with the 
realization of phonological contrasts. Following recent work on 
dynamical approaches to phonology, a discrete binary-valued 
phonological contrast, like vowel length, can be mapped to 
continuous phonetic realizations using a non-linear dynamical 
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system Figure 6. Under the assumption that the duration of a 
short/long vowel is a target for the phonological system, each 
of the two possible values of this contrast can be conceptualized 
as a different attractor in the potential U(x) of the state variable 
x, Figure 6. The selection of a short or long vowel target and 
the target duration itself are controlled by a single grammatical 
parameter k in equation (2) below: 

 (&
() = + + 	$ − $* (2) 

To situate grammar in a communicative context, Gafos (2006) 
proposed that attractor landscapes are shaped not only by a 
grammatical component that has the form of equation (2), but 
also by intentional strength, a paralinguistic parameter. The 
result is the differential equation in (3): 

 (&
() = + + 	$ − $* + ./01/0 ∗ ($+,-./+,0 − $) (3) 

Higher values of intentional strength correspond to contexts 
with a stronger requirement for expressing phonological 
contrasts. We hypothesize that the effects of FL may be 
conceptualized with a similar model where FL plays the role of 
intent. When FL is low, the two possible realizations of a 
contrast have a larger region of overlap and the distributions are 
less tight around the mode. This situation corresponds to a 
smaller VV/V duration ratio, observed for vowels with low FL 
in our data. However, as FL increases, the overlap between the 
two distributions reduces, as they both tighten around the mode, 
and the contrast is realized in a more extreme fashion, as 
illustrated in Figure 6Figure 6. This situation corresponds to 
the larger VV/V duration ratio, observed for vowels with high 
FL in our data. 

 

Figure 6: Duration dynamics as modified by FL modulations, 
light blue represents short vowel duration, and orange long 

vowel duration. Evolution of the dynamical system is 
presented on the left, while potential on the right.  

A model of this kind is at least a first step towards a better 
qualitative understanding of how FL may shape phonological 
contrasts without being directly encoded as a linear coefficient 
for durations and duration ratios. The logical next step in our 
inquiry is a wider-scale quantitative modelling of the patterns 
reported in this paper and their relationship to speech 
articulation dynamics. 

5. Conclusion 
In this paper, we studied the effects of FL on the production and 
perception of vowel length in Bangkok Thai. Our results show 
that FL modulates long/short vowel duration ratios and 
distributional discriminability. However, the effect is absent in 
perception, as vowel qualities with different FL are not different 
with regard to participants’ responses and/or reaction times. We 
discussed the consequences of our findings for theories of sound 

change and concluded that sound change cannot be based on 
perception alone, but “stability” in production needs also to be 
taken into account. Further, we hypothesized that the observed 
discrepancy between the effects of FL on production and 
perception may be due to a difference in basic units underlying 
the two processes. Finally, we have shown that the effects of FL 
can be accommodated in a dynamical model that unifies 
phonological contrasts and their phonetic realization.  
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Abstract

Many prosodic theories hold that different syntactic structures

are mapped to distinct prosodic organizations; these theories

predict that acoustic and articulatory correlates of these struc-

tures differ mainly at phrase boundaries, yet no studies have

investigated whether such predictions are correct. This study

uses a novel neural network-based analysis method for tem-

porally localizing prosodic information that is associated with

syntactic contrast in acoustic and articulatory signals. Specif-

ically, we focus on the contrast between non-restrictive and

restrictive relative clauses. Neural networks were trained on

multi-dimensional acoustic and articulatory data to classify the

two types of relative clauses, and the network accuracies on

test data were analyzed. The results found two different pat-

terns: syntactically conditioned prosodic information was ei-

ther widely distributed around the boundaries or narrowly dis-

tributed at specific locations. The findings suggest that prosodic

expression of syntactic contrasts does not occur in the uniform

way or at a fixed location, but rather it is accomplished with

various strategies.

Keywords: temporal localization, neural networks, multi-
dimensional data, syntax-prosody mapping

1. Introduction

Many theories of the syntax-prosody interface argue that dif-
ferent syntactic structures are associated with distinct prosodic
organizations. Specifically, the left and right edges of syntac-
tic constituents are mapped to varying strengths of prosodic
boundaries based on sentence structure. Under these theories,
acoustic and articulatory correlates of syntactic structures are
predicted to be observed mainly at phrase boundaries, as pho-
netic measures at phrase-final or initial position would reflect
different prosodic boundary strengths. Previous studies have
taken this prediction for granted and examined phrase edges to
find acoustic and articulatory differences between a contrast-
ing set of syntactic structures (e.g. Cooper and Sorensen 1977;
Garro and Parker 1982; Kim and Tilsen 2020). However, it is
important to assess the empirical evidence for such approaches;
that is, we need to identify when in time the syntactically con-
ditioned prosodic information exists rather than simply presup-
posing that it exists at phrase edges.

The question of how to temporally localize syntactically
conditioned prosodic information has not been thoroughly ad-
dressed in the literature. Previous studies have mostly examined
fixed regions in the vicinity of phrase boundaries – for example
a few segments or syllables at phrase-final or initial position –
and have targeted a handful of specific types of measurements
that are believed to be relevant (e.g. F0 values, segmental du-
rations, etc.). However, it is unclear exactly how far from a
boundary we might identify relevant prosodic information, and

it is usually unknown whether the measurements used are the
most appropriate ones.

In this context, the current study explores a novel method
for systematically detecting prosodic information that is associ-
ated with a syntactic contrast. Specifically, we conduct analyses
in which a neural network is trained to classify syntactic cate-
gories from multi-dimensional articulatory and acoustic input
data. Then, network accuracy is assessed on unseen test data.
This is repeated with multiple times with randomly sampled
training and test sets, for a given analysis window. To tempo-
rally localize prosodic information, we systematically vary the
sizes and locations of analysis windows. This method is based
on the analysis procedure presented in Tilsen (2020).

One of the important features of the novel methodology is
that we use multi-dimensional data in the analyses. Typically,
studies measure relevant acoustic and articulatory variables and
run statistical tests to determine whether there is a significant
difference. This method, however, can be problematic for sev-
eral reasons. First, it is possible that an interaction between the
selected measurements, not the measurements per se, better re-
flects a syntactic difference. Moreover, these interactions may
be nonlinear, so including interaction terms in a linear model
will not solve the problem. Second, there may be information
in acoustic and articulatory signals that we are not cognizant
of, but which in fact is relevant to a syntactic difference. For
example, when investigating articulatory measures associated
with a syntactic contrast, researchers typically examine mea-
sures of movement timing or amplitude derived from the hori-
zontal and vertical coordinates of the tract variables associated
with constriction gestures (e.g. lip aperture, tongue tip constric-
tion degree, etc.); yet, it is conceivable that the position of jaw
can provide crucial information on a syntactic difference. Con-
ventional analyses tend to reduce the high-dimensional acoustic
and articulatory signals that we observe to a handful of vari-
ables. Our analysis method avoids this reduction by using the
complex, high dimensional acoustic and articulatory signals of
speech directly.

The syntactic contrast that we focus on is between a non-
restrictive relative clause (NRRC) and a restrictive relative
clause (RRC), examples of which are shown in (1). NRRCs and
RRCs are syntactically and semantically distinct (see Arnold
2007, for an overview). In example (1), the NRRC does not
contribute to identifying the referent (Mr. Hodd), but it simply
gives extra information about the referent (i.e. similar to a par-
enthetical). However, the RRC in (1) is essential to identifying
the referent from a set of possible referents. NRRCs are often
separated from the main clause by commas, but RRCs are not.

Following these syntactic differences, researchers have ar-
gued that the two types of RCs differ in their prosodic struc-
tures. For example, Selkirk (2005) represents the structural
differences as in (1), where the NRRC constitutes an interme-
diate phrase (ip) on its own, while the RRC constitutes an ip
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together with the main clause subject. On the other hand, Ne-
spor and Vogel (1986) argued that there is a mandatory into-
national phrase (IP) boundary before and after an NRRC, but
not in RRC. Although theories differ on specific predictions on
their prosodic organizations, they all predict that the two types
of RCs will differ in the vicinity of the phrase boundaries, be-
fore and after the relative clause. The pre- and post-relative
clause boundaries will be referred to as B1 and B2 respectively
in the current study.
(1) Non-restrictive relative clause (NRRC)

Context: There is one Mr. Hodd. He knows Mr. Robb.
[[A Mr. Hodd,]ip [who knows Mr. Robb,]ip]IP

[[often plays tennis.]ip]IP

Restrictive relative clause (RRC)
Context: There are two Mr. Hodds. Only one knows Mr.
Robb.
[[The Mr. Hodd who knows Mr. Robb]ip

[often plays tennis.]ip]IP

The temporal localization method allows us to address
several different questions regarding syntactically conditioned
prosodic information. First, we can test whether the predic-
tions from the theories of syntax-prosody mapping are correct
such that different syntactic structures have distinct prosodic
organizations and thus mainly differ at phrase boundaries. If
this boundary-locality is correct, we expect to observe high
network accuracy in analysis windows which are near phrase
boundaries. Second, we can examine whether syntactically
conditioned prosodic information is distributed similarly before
and after RCs, as well as examine whether there are across-
participant differences. Such variation will inform our theories
of the syntax-prosody mapping.

2. Methods

2.1. Participants and task

Six native speakers of English (3M, 3F) participated in the ex-
periment. Participants were seated facing a computer monitor in
a quiet room. In each trial, participants first saw a context sen-
tence and then a target sentence, as in example (1). The context
sentence was provided to draw attention to the syntactic con-
trast between NRRC and RRC. Definite/indefinite determiners
in the beginning of the target sentence also facilitated the rele-
vant interpretations of the target sentences. Participants were in-
structed to read both sentences silently when they first appeared.
After 1.5 seconds, a moving rate cue appeared. This was a red
box that moved from left to right across the screen at a constant
speed; the period of time it took for the rate cue to move across
the screen varied in ten steps. When the cue stopped moving,
participants were instructed to read the target sentence in a way
that reflected the speed of the rate cue. Crucially, they were
instructed to vary their speech rate to correspond with their im-
pression of how fast or slow the cue moved. The motion-based
rate cue allowed us to elicit a continuous variation of speech
rate of the two types of RCs. There were six blocks of 40 trials
in each experimental session. Participants produced one type of
RC throughout a block, and the blocks alternated between the
two types of RCs.

The target words in the experiment were the names that fol-
lowed “Mr.” The names started in /h/, /r/, or /l/ and ended in
/b/ or /d/. All the names had the same vowel /a/. Participants
were instructed not to put emphasis on any of the words in the
sentence, particularly the target words.

2.2. Data collection and processing

Articulatory data were collected with an NDI Wave Electro-
magnetic Articulograph (EMA) with a sampling rate of 400
Hz. Articulator sensors were located mid-sagitally on the up-
per lip (UL), lower lip (LL), gum below the lower incisors
(JAW), tongue tip (TT, approximately 1cm from the apex of the
tongue), and tongue body (TB, approximately 4-5 cm posterior
from the TT). Reference sensors were located on the nasion and
left and right mastoid processes and were used to correct for
head movement. The reference and articulator sensors were fil-
tered at 5 and 10 Hz respectively using low-pass Butterworth
filters.

Acoustic data were collected at a sampling rate of 22050
Hz. In order to locate prosodic boundaries in the acoustic and
articulatory signals, acoustic segmentations were conducted.
For each participant, six trials were manually labelled and used
to train HMMs in the Kaldi speech recognition toolkit. A forced
alignment was conducted for the remaining trials. The align-
ments of all trials were manually inspected and corrected when
necessary. A total of 240 trials were collected for each of the
six participants. Out of 1440 trials, 127 trials (8.8%) that had
speech errors, disfluencies, or problems in data collection were
excluded from analyses.

2.3. Data analysis

Inputs to neural network analyses were composed of 86 di-
mensions: 20 articulatory dimensions and 66 acoustic dimen-
sions. Articulatory dimensions were the horizontal and verti-
cal positions of the five articulator sensors (UL, LL, JAW, TT,
TB) and each of their velocities. Acoustic dimensions were 33-
dimensional broadband spectrogram and their first differences.
Figure 1 shows an example of the analyses input where each
dimension is represented as a horizontal line.

Figure 1: An example of differently sized analysis win-

dows. Each horizontal line represents articulatory (horizon-

tal/vertical coordinates of five articulator sensors) or acoustic

(33-dimensional broadband spectrogram) information. The first

differences of the articulatory and acoustic signals were also in-

cluded as an input (not shown). The information that was used

for different analysis windows is represented with colored lines

in each panel. In these examples, all the inputs were aligned

to the end of the target name (window center: 0s) but varied in

size (the title of each panel).

For analyses at each boundary, the signals across trials were
aligned to the end of the pre-boundary segment (i.e. end of the
target word), which was determined from the forced alignment.
This alignment point is time 0s in the examples in Figure 1.
The centers and sizes of the analysis windows were then sys-
tematically varied. Window centers were defined in 25 ms steps
relative to the boundary, up to ±500ms; thus, for each B1 and
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Figure 2: Classification results at B1 (the pre-RC boundary) shown in heatmaps along with the mean segment/word durations. The

x-axis shows the location of window centers, and the y-axis shows the window size. The colors and numbers represent the network

classification accuracy (%). The diagonal lines indicate the left and right edges of the analysis windows at the alignment point. Gray

areas are windows which are not analyzed because they would contain information outside of the time periods that we examine.

B2, a total of 41 window centers were investigated. The size of
the analysis window varied from 25ms to 500ms in a 25ms step.
The analysis windows extended to both sides of the center such
that the 50ms window contained half of the information (25ms)
on the left side of the center and the other half (25ms) on the
right side of the center (see Figure 1). At each window cen-
ter, only the windows that contain information within ±500ms
of the alignment point were investigated. Therefore, at center
0s (the alignment point), all 20 windows were investigated (i.e.
25:25:500ms), whereas at center 0.4s, only eight windows were
investigated (i.e. 25:25:200ms). Before training/testing the net-
works, data in each analysis window were normalized to zero
mean and unit variance by dimension within each participant.

All analyses were conducted within participant, because
between-participant differences in vocal tract structure or
prosodic behavior are likely to make it more difficult for the
networks to learn to classify the two types of RCs. Twenty
repetitions of the training-testing procedure were conducted for
each analysis window. In each repetition, half of the trials
were randomly assigned to a training set, and the other half
were assigned as a test set. The neural network architecture we
used had two bidirectional LSTM (biLSTM) layers, with 40%
dropout after each layer. We analyzed the mean network accu-
racy on the unseen test data; thus, accuracy can be interpreted
to reflect the ability of the network to learn generalizable map-
pings from inputs to syntactic categories. We balanced type
of RC, coda of the target word, and speech rate in generating
the train and test sets; for speech rate, ten different rates were
divided into five rate categories. Note that the network archi-
tecture and training parameters we used were based on those
in Tilsen (2020), and it is important to keep in mind that these
are not necessarily optimal; therefore, the classification accura-
cies we obtain can only be used to infer lower bounds on the
temporal extent of syntactically relevant information.

3. Results

The results showed two different distributional patterns of syn-
tactically conditioned prosodic information: the information
was either widely distributed around the boundaries or more
narrowly distributed, being concentrated at specific locations.
Figure 2 shows heatmaps of the classification results at B1 (the
pre-RC boundary). The widely distributed pattern was observed
for Participants 1, 3, and 6: classification accuracy was rela-
tively high throughout the pre- and post-boundary regions. No-
tice that at the critical regions, the networks showed high ac-
curacy even at very small window sizes. This suggests that
there was sufficient amount of information that distinguishes
the two types of RCs in just one (25ms window size) or two
frames (50ms window size) of the data. On the other hand,
the narrowly distributed pattern was observed for Participants
2, 4, and 5: high classification accuracy was found only at cer-
tain window centers. For those who showed the concentrated
pattern, the region that showed the highest accuracy differed
across participants. While the highest accuracy was found in
the pre-boundary region in Participant 2, it was found in the
post-boundary region in Participant 4 or at the immediate re-
gion around the boundary in Participant 5.

Both widely distributed and narrowly distributed patterns
were also observed at B2, the post-RC boundary (see Figure 3).
At B2, Participants 1, 2, and 5 showed the narrowly distributed
pattern, while Participants 3, 4, and 6 showed the widely dis-
tributed pattern. Although the region that showed high accuracy
was relatively small in Participants 3 and 4, as the highest ac-
curacy was found in both pre- and post-boundary regions, we
identified them to exhibit the widely distributed pattern. As in
B1, participants that showed narrower distribution differed on
where they locate critical information.

Comparing the results from B1 and B2, we found that not
all participants used the same strategy of marking the syntactic
contrast across the two boundaries. While a majority of the
participants (i.e. Participants 2, 3, 5, and 6) showed the same
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Figure 3: Heatmaps of the classification results at B2 (the post-RC boundary). At this boundary, all participants paused after the target

word, which is marked as the blank interval between “B” and “o”.

pattern, Participants 1 and 4 showed different patterns at B1 and
B2. For instance, Participant 1 showed the widely distributed
pattern at B1, but the information was more narrowly distributed
at B2. Additionally, we could not find any common pattern
across participants within B1 and B2; both wide and narrow
distributions were observed at both boundaries.

4. Discussion and conclusion

In sum, this study investigated where in time relative to phrase
boundaries speakers locate prosodic information that distin-
guishes the two types of RCs. Rather than using conventional
analysis methods, we conducted a neural network-based analy-
sis which used multi-dimensional acoustic and articulatory sig-
nals. We observed two distinct distributional patterns: syntac-
tically conditioned prosodic information was either widely dis-
tributed around the boundaries or narrowly distributed at certain
locations. Both patterns were observed at B1 and B2. Further-
more, there were participants who did not use the same strategy
of marking syntactic differences across the two boundaries.

Contrary to the predictions of many syntax-prosody inter-
face theories, our findings showed that the information that dis-
tinguishes the two RCs is not necessarily restricted to the im-
mediate vicinities of phrases boundaries; rather, the two RCs
can differ at various locations around the boundaries. Further
investigations should be conducted to find out why we see var-
ious patterns; for example, the two RCs may not just differ in
prosodic organization but differ in other factors such as promi-
nence structure. Yet, our findings show that it is important to
investigate a wider region around the boundaries to accurately
examine how distinct syntactic structures are produced differ-
ently. Additionally, the location of syntactically conditioned
prosodic information varied across participants and also across
boundaries. This poses a challenge to those theories which ar-
gue for an invariant mapping between syntactic structure and
prosodic organization.

The findings from the current study propose a several direc-
tions for future research. First, F0 data may provide significant

information on how speakers mark syntactic contrasts in their
utterance. Second, we can conduct the same network analysis
but with varying inputs and find out what type of information
contributes most to the distinction between the two RCs. For
instance, it is possible that acoustic signals contribute signifi-
cantly to network accuracy in some participants, while articula-
tory signals are crucial for other participants. Even within the
same participant, different types of information would affect the
network classification differently depending on the location in
an utterance.

Overall, this study showed how speakers convey syntactic
contrasts through prosody, specifically focusing on its tempo-
ral aspect. Crucially, this study demonstrated that our novel
network-based analysis method is a powerful tool to localize
temporal information. Although this method was used to specif-
ically examine the syntactic contrast, it has a potential to be ap-
plied to a wide variety of contexts in phonetic research.
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Abstract 
Only a few approaches exist that are capable of combining the 
symbolic linguistic part of speech production with the phonetic 
or sensorimotor part. The latter is especially difficult to model 
due to the need for a concrete articulatory-acoustic model that 
is controlled by a motor module activating a temporally well 
synchronized set of speech articulator movement units 
(SAMUs) based on the output of the phonological-linguistic 
module. In this conference contribution we will explain how a 
comprehensive symbolic-linguistic and sensorimotor model of 
speech production can be shaped using the well-established 
Neural Engineering Framework (NEF) for designing large 
scale neural models. We also employ the Semantic Pointer 
Architecture, an extension of the NEF that enables us to define 
and process neural signals representing symbolic cognitive 
linguistic units like words, lemmas, and phonological forms of 
syllables as well as sensorimotor units like SAMUs.  
 
Keywords: speech production, articulatory speech synthesis, 
speech gestures, speech articulator movement units, 
coproduction, coarticulation, speech dynamics, Neural 
Engineering Framework, Semantic Pointer Architecture  

1. Introduction 
The input level of most biologically inspired computational 
models of speech production is the phonological specification 
of a syllable or word (see, e.g., Civier et al. 2013, Guenther et 
al. 2006, Guenther & Vladusich 2012, Hickok 2012, Kröger et 
al. 2009, Kröger & Cao 2015, Kröger et al. 2020). One issue 
that all these speech production models share is that they do not 
incorporate speaking rate as an explicit control parameter even 
though it is well known that speaking rate can change the 
articulation of a word or utterance in a nonlinear way. For 
example, speaking rate can change the amount of temporal 
overlap of speech articulation movement units (SAMUs or 
speech gestures), which can lead to assimilation as well as to 
segmental reduction effects (see, e.g., Browman & Goldstein 
1992, Kröger 1993). 

In this paper we introduce a more complete model that starts at 
the lexical concept level and that is based on the idea of building 
up syllables or words by gestures or SAMUs and by controlling 
the temporal coordination of SAMUs as suggested in the 
gestural framework by Browman & Goldstein (1992) and more 
concretely by Saltzman & Byrd (2010). This concept was 
adapted and modified for Standard German by Kröger (1993) 
and by Kröger & Birkholz (2007). Furthermore, our current 
implementation of this approach is neurobiologically 
underpinned and uses the Neural Engineering Framework 
(NEF, see Eliasmith & Anderson 2004, Eliasmith 2013) and the 

Semantic Pointer Architecture (SPA, see Stewart & Eliasmith 
2014). This combined NEF-SPA approach is capable of 
modeling large scale brain models, i.e., capable of performing 
cognitive processes, modeling short-term and long-term 
memories, and processing different types of sensory input and 
motor output (Eliasmith et al. 2012). 

Our current model of speech production and speech perception 
is capable of modelling aspects of normal and disordered speech 
(Kröger et al. 2020). The production part of the model 
comprises a cognitive module initiating the production of a 
word, a lexical component comprising a semantic, lemma, and 
phonological level as well as a mental syllabary that stores the 
temporal coordination of SAMUs for the most frequent 
syllables of the target language (Kröger & Bekolay 2019). At 
the level of the mental syllabary a phonological specification of 
a syllable is transformed into a motor plan, i.e. to a score of 
SAMUs, defining the types of SAMUs or speech gestures and 
their temporal coordination (ibid.). This neural speech 
production model has already been applied to medical research 
questions (Senft et al. 2016, Senft et al. 2018, Stille et al. 2019, 
Stille et al. 2020) and to basic linguistic research questions 
concerning the feedback mechanisms involved in the 
production and repair of word production errors (Kröger et al. 
2020).  

In this paper we will introduce our approach for triggering and 
executing SAMUs based on a neural oscillator approach 
(Kröger et al. 2016). This approach allows us to elegantly 
generate the set of temporally synchronized SAMUs needed for 
the production of a syllable or word. A main benefit of this 
control approach is that the speaking rate can be controlled by 
changing one parameter, i.e., the frequency of the neural 
syllable generation oscillators. The temporal coordination of all 
SAMUs is controlled by phasing rules that define the points in 
time for starting and ending the activation of lower-level neural 
oscillators that control single SAMUs.  

2. The model 
2.1. Basic architecture of the model: the main 
modules 
The architecture of the model is displayed in Fig. 1 and 
described in detail in Kröger et al. (2020). The cognitive 
processing module together with the control module initiate the 
production of one or more words, i.e., activate a semantic idea 
for an utterance. The sequence of words is projected downwards 
within the production pathway module by activating the 
concept, lemma and phonological form of each word, which is 
already stored in the mental lexicon, and furthermore by 
activating the motor plan and all gestures (or speech articulation 
movement units, SAMUs) of the appropriate syllables which 
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are already stored in the mental syllabary. The SAMUs activate 
motor units of muscle groups controlling the position and thus 
the movements of all articulators in the vocal tract model (see 
peripheral system in Fig. 1). The articulatory-acoustic (vocal 
tract) model generates a temporal sequence of model articulator 
movements and an acoustic speech signal. The organization of 
the motor plan, also called the score of SAMUs (score of vocal 
tract actions or gesture score) is discussed in detailed in section 
2.2.    
           

 
Figure 1: The architecture of the speech production 

model (adapted from Kröger et al. 2020). Names 
starting with C_ denote concepts, L_ lemmas, P_ 

phonological forms, M_ motor plans, G_ gestures, O_ 
orthography, S_ somatosensory, A_ auditory, and V_ 
visual. BG-Thal is the basal ganglia and thalamus. 

Tactile and proprioceptive signals, which result from the 
temporal sequence of articulator positions within the vocal tract 
model as well as auditory signals from the acoustic speech 
signal are processed within the somatosensory and auditory 
pathways, which are subsumed as the perception-
comprehension module in our model (Fig. 1). Both sensory 
pathways enable different feedback mechanisms to take place 
at different levels of the model (see horizontal arrows between 
production and perception-comprehension pathway in Fig. 1). 
All orange names refer to neural state buffers representing 
neural states of activated words or syllables (for details see 
Kröger et al. 2020). The orange arrows refer to neural 
transformations and to a projection mechanism for neural 
activation patterns realized by associative memories and their 
neural connections with the neural state buffers (ibid.).  

2.2. The organization of syllabic motor plans: 
SAMUs and their temporal organization   
The motor plan of a syllable is activated in the motor plan 
buffer, M_prod, of our production model (Fig. 1). The neural 
state activation of a motor plan is triggered from the 
phonological form of a syllable (the lowest level of the mental 
lexicon, see Fig. 1). The motor plan starts with a sequence of 
well-timed go-signals (start signals) activating a sequence of 
syllable oscillators representing all syllables of a word (for 
details of syllable oscillator activation see Kröger et al. 2016). 
The organization of the M_prod (motor plan) level is displayed 
in Fig. 2. Within the syll_init level, the temporal sequence of 
go-signals for the syllable oscillators is generated. The syll_osz 
level comprises all syllable oscillators representing all frequent 
syllables in the target language (note that only three syllable 
oscillators are displayed in Fig. 2). These oscillators allow the 
triggering of SAMU activation, i.e. they start the SAMU 
oscillators on the gesture level (G_mot, Fig.1).    
 

 
Figure 2: Neural oscillators realizing the motor plan 

and SAMU levels of the production model. The neuron 
ensembles covering the muscle activation levels for 

controlling the model articulators are already part of 
the peripheral system module of our production 

model.   

The number of frequent syllables for Standard German is about 
2000 (for about 95% of all syllables in standard texts, see 
Kröger et al.  2011, p. 290). Because each neural oscillator only 
requires about 100 neurons (located in the pre-motor area of the 
cortex) the storage of all motor plans of frequent syllables as 
represented in our model by these neural oscillators does only a 
small region of the premotor cortex is occupied for the storage 
of motor plans of frequent syllables. 
The SAMU level comprises neural oscillators for all SAMUs 
existing in a target language (see Table 1 for a subset of SAMUs 
needed for simulating Standard German).    

Table 1: List of SAMUs, e.g. for Standard German 
(incomplete), see Kröger & Bekolay (2019), p. 20; 
phonetic symbols of sound realizations in SAMPA 

notation; abbrev. is abbreviation of name of SAMU.  
 __________________________ _________________________  
abbrev. SMU for....             e.g., for realization of ...  
srtb strongly raising the tongue body (vocalic)  /i/, /u/  
ratb raising the tongue body (vocalic)   /e/, /o/ 
lotb lowering of the tongue body   /E, O/ 
dltb deep lowering of the tongue body  /a/ 
rttb  retraction of tongue body   /u/, /O/, /o/ 
fwtb forwarding the tongue body  /i/, /e/ 
roli rounding the lips   /u/ 
… 
vow_aa equals dltb    /a:/ (German) 
vow_ii coproduction of srtb & fwtb  /i:/ (German)  
vow_uu coproduction of srtb & rttb & roli  /u:/ (German) 
… 
clli  closing the vocal tract by lips  /b/, /p/, /m/ 
cltt closing the vocal tract by tongue tip  /d/, /t/, /n/  
cltb closing the vocal tract by tongue body  /g/, /k/ 
actt producing an alveolar constriction by tongue tip /s/, /z/ 
pctb producing a postalveolar constriction by tongue blade  /S/, /Z/ 
… 
opgl glottal opening    voiceless sounds  
phgl producing a phonatory glottal closure  voiced sounds 
…  
clvp closing the velopharyngeal port (raising the velum) obstruents    

          (plosives and fricatives) 
opvp opening the velopharyngeal port (lowering the velum) nasals 
    _________________________  

Neuron ensembles (i.e. small neuron buffers) are needed for 
representing the activation for each modeled muscle group. 
Thus, each muscle group controls the displacement of one 
model articulator in one direction (see Table 2). Specifically, 
each model articulator is controlled by one, two or four model 
muscle groups depending on (i) whether an articulator mainly 
moves in one dimension (e.g. the velum: up-down) or in two 
dimensions (e.g. tongue body: up-down, front-back) and (ii) 
whether the neutral or rest position of a model articulator 
movement dimension is in the middle or the end of the 
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displacement range in that dimension. When movement is 
possible in both the positive and negative directions of that 
dimension, positive and negative displacement values are 
reached by different model muscle groups, e.g., front and back 
positioning of the tongue body like in /i/ vs. /u/. When 
movement is possible in only one direction, only one muscle 
group is necessary (e.g., consonantal movement of the tongue 
tip: raising the tongue tip for a consonantal closure like in /t/). 
The set of articulator control parameters of our vocal tract 
model are described in detail in Kröger et al. (2014, p. 204)   
Because our model is a simplification of reality, a model muscle 
group may represent more than one physiological muscle group 
controlling an articulator. Moreover, in our model the activation 
and thus the contraction of each model muscle group directly 
represents a specific degree of displacement of a model 
articulator from its rest position in the appropriate movement 
direction. The neuron ensembles coding the neural activation 
level of each muscle group are already part of the peripheral 
system module of our production model (Fig. 1).   

Table 2: List of names (abbreviations) of model 
muscle groups, and corresponding movement 

dimension and direction for each model articulator 
controlling the vocal tract model (Kröger et al. 2014). 
“Port” is velopharyngeal port; “stop” is glottal stop.  

 __________________________ _________________________  
abbrev.  movement direction & (dimension) model articulator__________  
tb_high towards high            (vertical) tongue body (e.g. /i/) 
tb_low towards low            (vertical) tongue body /e.g. /a/) 
tb_front towards front           (horizontal)  tongue body  (e.g. /i/ 
tb_back towards back           (horizontal) tongue body (e.g. /u/) 
… 
tt_up  consonantal raising  (vertical) tongue tip  (e.g. /t/, /s/) 
tb_up consonantal raising  (vertical) tongue body  (e.g. /k/) 
tt_front  consonantal back     (horizontal) tongue tip  (e.g. /S) 
tb_back consonantal raising  (vertical) tongue body 
… 
li_round  rounding             (horizontal) lips  (e.g. /u/) 
li_spread spreading               (horizontal) lips  (e.g. /i/) 
li_clos  consonantal closing  (vertical) lips  (e.g. /p/) 
… 
vph_close closing the port          (vertical) velum (obstruents) 
vph_open opening the port         (vertical) velum (nasals) 
… 
gl_phon soft closing                 (horizontal) glottis (voiced sounds) 
gl_close closing                        (horizontal) glottis (e.g. /?/ stop) 
gl_open opening the port         (horizontal) glottis (voiceless sounds) 
    _________________________  

2.3. The concept or neural oscillators: How to model 
the temporal coordination of SAMUs in syllables 
Each syllable oscillator (syll_osz in Fig. 2) triggers the 
execution of all SAMUs needed to produce a specific syllable. 
The syllable oscillator frequency defines the intrinsic time scale 
for each syllable and thus reflects the speaking rate. The 
triggering of SAMUs is realized by defining specific phase 
values at which each SAMU starts within one oscillation cycle 
of the syllable oscillator (Kröger et al. 2016).  
Each SAMU is characterized by a neural oscillator as well (Fig. 
2 and Kröger et al 2016). The oscillation frequencies of these 
oscillators define the speed at which the SAMU is executed, 
which allows for the high articulator velocities necessary for 
most consonantal SAMUs and for slow articulatory velocities 
as are seen in vocalic SAMUs (see Kröger and Bekolay 2019, 
p. 19). 

3. Simulation experiment 
The production of three CVC-syllables building up a three-
syllabic psuedoword was simulated (cf. Kröger et al. 2016). It 
was shown in a previous study that the syllable frequency could 
be varied in a wide range from 1 Hz to 3 Hz, leading to mean 
syllable duration from 500 msec to 167 msec (ibid.). In this 

study we measured the maximum movement velocities of the 
main articulator for different types of SAMUs. The maximum 
velocity appears within the movement phase of a SAMU. 

4. Results 
The results for four different types of SAMUs (vocalic, 
consonantal, velopharyngeal and glottal) as well as for three 
different speaking rates (slow: f = 1.33 Hz, normal: f = 2.0 Hz 
and fast: f = 3.0 Hz) are presented in Table 3.  

Table 3: Maximum articulator movement velocities 
(max vel.) for different types of SAMUs and different 

speaking rates (slow, normal, fast)  
 __________________________ _________________________  
abbrev.  movement direction & (dimension) max vel. (percentage)  
SAMU________________________                          _slow       normal  fast_______  
aa_vow lowering tongue body (vertical) 100         100         100  
li_clos closing the lips            (vertical) 72           88           100 
vph_open lowering the velum.    (vertical) 76           88           100           
gl_open opening the glottis.     (horizontal) 70           94           100          
    _________________________  

The results indicate that despite the fact that the speaking rate 
increases by 50% from slow to normal and by a further 50% 
from normal to fast, maximum articulator velocities remain 
stable for vocalic SAMUs and increase relatively slowly (i.e., 
from about 70% to 100%) for all other types of SAMUs. 
The stability of the movement portions of the vocalic gestures 
indicates that even if speaking rate increases and thus the time 
interval of activation of vocalic SAMUs decreases, no increase 
in effort occurs in order to reach a vocalic target earlier. Thus, 
the maximum vocalic articulator displacement decreases with 
increase in speaking rate (reduction of vocalic gestures). In the 
case of consonantal SAMUs (here, the lip closing action) the 
maximum articulator velocity increases slightly because even 
in the case of a high speaking rate and shorter time interval of 
SAMU activation, a certain degree of articulator displacement 
(here, lip closure) needs to be reached. The same holds for all 
other consonantal SAMUs acting on the tongue tip (vocal tract 
closure at the alveolar ridge or at the hard palate) as well as for 
the tongue body (vocal tract closure between tongue body and 
hard or soft palate). Moreover, the same holds for SAMUs 
controlling the aperture of the velopharyngeal port. Articulator 
velocity increases here slightly if speaking rate increases in 
order to guarantee a sufficient lowering of the velum (sufficient 
opening of the velopharyngeal port) to produce nasals even at 
high speaking rates as well as to guarantee a sufficient elevation 
of the velum to guarantee a tight closure of the velopharyngeal 
port when producing obstruents (plosives and fricatives). The 
same holds for SAMUs controlling the glottal aperture. 
Articulator velocity (here of the arytenoids) increases slightly 
from slow to fast speaking rate in order to guarantee a sufficient 
opening of the glottis during the production of voiceless sounds 
in the case of all speaking rates as well as to guarantee a 
sufficient glottal closure for phonation and a sufficient tight 
closure for a glottal stop for all speaking rates.     

5. Discussion and conclusion 
Our implementation was motivated by prior gesture or SAMU 
timing models using task dynamics and coupled oscillators 
(Goldstein et al. 2006, Saltzman & Byrd 2010). In these models, 
vocal tract actions (speech gestures) are assumed to be 
intrinsically timed and modelled by harmonic oscillators. This 
idea can explain inter-gesture timing within and between 
syllables by relative timing or “phasing” values. While the 
approach of Goldstein et al. (2006) and Saltzman & Byrd (2010) 
is grounded in cognition basically, our approach can easily be 
interpreted in a neurobiological way as well. Our model is 
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embedded in the comprehensive NEF-SPA framework, i.e. in a 
neurobiologically inspired framework for implementing large-
scale neural models capable of describing cognitive and 
sensorimotor aspects of speech production.   
Our simulations indicate that a wide range of speaking rates can 
be modelled by varying syllable oscillator frequencies. 
Moreover, the idea of variable syllable oscillator frequencies in 
combination with stable SAMU oscillator frequencies is in 
agreement with results of experimental measurements. Our 
simulations indicate that the movement phase of gestures 
(SAMUs) remains stable (regarding maximum articulator 
velocity) while the temporal overlap of gestures increases with 
speaking rate. Thus, while the kinematic shape of gestures 
remains relatively stable, their temporal coordination varies 
(see the iceberg-concept, Fujimura 1992). This nonlinear 
articulatory behavior leads to the typical assimilation and 
reduction phenomena occurring in many spoken languages as 
speaking rate increases (for German see Kröger 1993).       
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Abstract 
This pilot electroglottographic (EGG) study examines sustained 
vowels produced with two different phonation modes (thin, 
thick) and three different pharyngeal settings (neutral pharynx, 
lateral medial pharyngeal narrowing (LMN), and anterior to 
posterior pharyngeal narrowing (APN)). The results indicate 
that thin fold productions (aka falsetto or Mechanism 2) 
compared to thick fold  (aka chest or Mechanism 1) have larger 
OQ, less energy in the higher harmonics, and the shape of the 
EGG signals is more symmetrical. Both LMN and APN increase 
higher harmonic energy but in different ranges.  LMN increases 
energy in the 3-4 kHz range, as well as the spectrum range 
above 6 kHz; APN increases energy in the 2-3 kHz region. Any 
pharyngeal narrowing also affects the glottal pulse shape: for 
both thin and thick folds, adding pharyngeal narrowing makes 
the EGG signal less symmetrical. Interactions were also noted 
between vowel quality, phonation mode, pharyngeal narrowing 
and OQ. Future work is underway to continue the protocol 
described here to examine professional singers in order to 
increase our understanding of these complex interactions. 

 
Keywords: phonation mode, pharyngeal narrowing, EGG 
signal shape, Open Quotient, spectral energy patterns 

1. Introduction 
The source-filter theory of phonation (Fant 1970) was a pivotal 
study into understanding basics of speech production. Since 
then, numerous studies have reported interesting interactions 
between source and filter, challenging our views on speech 
production. For instance, changes in supralaryngeal articulation 
are known to affect laryngeal behavior, (e.g., Rothenberg 1980; 
Fant & Lin 1987; Childers & Wong 1994; Barney et al. 2007; 
Titze 2004). Likewise, changes in laryngeal behavior affect 
resonance frequencies (e.g., Klatt and Klatt 1990; Barney et al. 
2007). These studies suggest that supralaryngeal articulation 
changes can result from changing laryngeal behavior (see 
Erickson et al. 2020). One approach to examining the 
interaction between source and filter is through vocal tract 
modeling as done by Titze & Story (1997); they report that 
narrowing of the epilaryngeal area increases the amplitude of 
the glottal signal. Another approach uses the ARX-LF model 
(Li et al. 2018; Li, Sakakibara et al. 2019) to separate the source 
and filter contributions to voice quality. Using this method 
shows that both larynx height and vocal fold thickness affect 
Open Quotient (OQ), resonant formants, and spectral tilt 
(Erickson et al. 2019; Li, Takahashi et al. 2019). Another 
approach to understanding source-filter interactions is using 
singing protocols e.g., Miller and Schutte 2005; Titze et al. 
2003; Henrich, et al. 2005; Henrich et al. 2014). One advantage 
of using singers is that they are able to control better than 
untrained subjects their laryngeal and supralaryngeal 

articulation. The research by Henrich et al. (2005) used 
electroglottography (EGG) to examine how variations in 
impedance across the glottis was affected by vocal fold contact 
area as a function of different modes of phonation. Specifically, 
they examined how chest and falsetto modes of phonation 
influenced the contact quotient of the vocal folds, i.e., the 
amount of vocal fold closure during each vibratory cycle, 
measured in terms of the ratio between the closed phase and the 
total glottal cycle, referred to as the Closed Quotient (CQ), or 
the inverse, as Open Quotient (OQ). Chest and falsetto mode 
can also be referred to, respectively, as Mechanism 1 and 
Mechanism 2, and, as described in Henrich (2014) p. 491 “are 
thought to be associated, respectively, with the increase or 
decrease in vibrating mass that results from the coupling or 
decoupling (respectively) of the layered vocal fold structure to 
the inferior thyro-arytenoid or vocalis muscle” (Hirano 1982). 
A singer can phonate in either fold mass within a certain range 
of frequencies lying between their low and high F0 range 
(Vennard 1967; Roubeau et al. 2009). Henrich et al. (2005; 
2014) report that vowels produced in M2 have larger Open 
Quotient (OQ) than those produced in M1, that OQ increases 
with F0, and that resonant formant frequencies change when the 
laryngeal mechanism is changed. Specifically, they report that 
the first and second resonant frequencies of a vowel sung at the 
same F0 are lower in M1 compared to M2. These findings 
suggest that articulatory settings differ for M1 and M2 laryngeal 
modes, and they speculate what these supralaryngeal changes 
might be. 
 
In addition to OQ differences due to laryngeal mechanisms, 
skewness of shape of the EGG signal is different depending on 
the thickness of the vocal folds, e.g., Mayr (2017). He reports 
that falsetto (M2) phonations show a more symmetrical, less 
skewed shape than does chest/M1. Mayr suggests the skewed 
shape of the thick phonation mode indicates “a vibration with a 
clear mucosal wave” (p.1), which is due to the vibration of both 
the cover and body components of the vocal folds. 
 
In addition to studies looking at source changes, a number of 
researchers have examined supralaryngeal changes associated 
with different singing qualities; here we focus on the twang-
type of voice quality. A comment about twang: Twang is a 
quality of singing that is often associated with American 
country-type singing, especially popular in Nashville, 
Tennessee, but also found elsewhere, including in speaking 
styles. For instance, Sadanobu et al. (2016) observed twang in 
their ethnophonetic study of Japanese cake seller voices.  
 
One pioneering fiberoptic study is by Yanagisawa et al. (1987) 
reporting that aryepiglottic constriction was present for five 
singers in three types of genres: twang, belting and opera quality. 
Saidias et al. (2020) used computerized tomography, in addition 
to inverse filtering, acoustic analysis, and audio-perceptual 
assessments, to examine one male singer producing twang at 
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different frequencies and loudness levels on the vowel /a/. They 
reported that producing twang at different F0 and loudness 
levels requires different supralaryngeal adjustments, relating to 
wider mouth opening, pharyngeal constriction, and epilaryngeal 
tube narrowing. They also report formant changes, peaks of 
energy around 3 kHz, and more vocal fold adduction. 
 
An MRI study by Story et al. (2001) examined 3-dimensional 
vocal tract shapes along with their area functions of four vowels 
produced by two trained performers (1 male, 1 female) in three 
voice qualities: normal, twangy and yawny. They reported that 
for the yawny quality, the oral cavity is widened, vocal tract 
length increased and the first two formant frequencies (F1, F2) 
are close together. For the twangy quality, the vocal tract is 
shortened, lips more widely opened, oral cavity is slightly 
narrowed, and F1 and F2 are more spread apart. 
 
A similar study by Titze et al. (2003) used synthesized ya-
vowels to examine the interaction between both laryngeal and 
supralaryngeal changes associated with twang and yawn. They 
manipulated the laryngeal parameters by increasing/decreasing 
the open quotient in the glottal airflow, and the supralaryngeal 
parameters, by increasing/decreasing the pharyngeal area, and 
shortening/lengthening the vocal tract. They report that 
perception of yawn increased with greater OQ and lengthened 
vocal tract; perception of twang improved with decreased OQ, 
decreased pharyngeal area, and shortened vocal tract. 
 
Perta et al. (2020) conducted an MRI study of two professional 
singers producing the vowel /i/ with twang vs. speech quality. 
The singers, trained in the Estill Method of Voice Production 
(Estill et al. 2017), whereby its practitioners are trained to 
produce the twang quality with a high larynx, the tongue high 
and forward, the velum elevated, and the aryepiglottic sphincter 
narrowed without ventricular fold compression (Estill et al. 
2017). The results indicated, among other things, that the 
pharyngeal area was significantly narrowed in the lateral to 
medial dimension for the twang quality. An interesting finding 
from this study was two different approaches for pharyngeal 
narrowing: one was lateral to medial pharyngeal narrowing 
(LMN) and the other anterior to posterior pharyngeal (APN). 
While both singers showed substantial LMN, one also showed 
APN.  
 
Based on the findings of possibly two types of laryngeal 
narrowing, we addressed laryngeal and supralaryngeal 
interactions by examining EGG data of sustained vowels 
produced with different phonation modes and different 
pharyngeal settings. The sustained vowels were produced by a 
phonetician trained in the method of voice production proposed 
by Estill et al. (2017). By using this training method, singers as 
well as voice actors/actresses learn to control laryngeal and 
supralaryngeal articulation in order to produce voice qualities 
appropriate for the genre they want to sing, or in the case of 
voice actors/actresses, for the character they wish to portray. In 
everyday speech, voice quality changes, and people do this 
“automatically”, without knowing necessarily how they are 
changing their articulation, to appropriately express social 
attitudes (Rilliard et al. 2013) or ethnophonetic expressions 
(Sadanobu et al. 2016).  
 
With regard to laryngeal phonatory settings, the Estill trainee 
practices how to control the “thickness” of the vocal folds, 
based on the cover-body theory of Hirano (1982): the thick fold 
mode involves vibration of both cover and body, the thin fold, 
only the cover or upper edge of the vocal fold. Thick fold, or 
heavy register, as Hirano refers to it 

(https://www.youtube.com/watch?v=r3q1HiaFKi0) involves 
the vocalis muscle; thin fold or light register, has little to no 
vocalis activity. The “thick mode” may be comparable to the 
modal or chest voice, or Mechanism 1, and the “thin mode”, to 
falsetto or to Mechanism 2. Within a certain range for the 
speaker, it is possible to produce the same F0 in either 
Mechanism 1 or 2, or, in thick or thin folds. Figure 1 shows a 
schematic illustration of the two phonation modes. 

 

Figure 1: Schematic illustration of the two phonation 
modes: Thick mode involves vibration of both cover 
and body; thin, only the cover or upper edge of the 

vocal fold. 

The supralaryngeal settings studied in this paper are three: (1) 
normal pharynx (as it is during regular speech production), (2) 
lateral to medial pharyngeal narrowing of the pharynx (LMN) 
at the level of the oropharynx (a setting for “twang-style 
singing”, see, e.g., Perta et al. 2020; Titze et al. 2003), (3) 
anterior to posterior pharyngeal narrowing (APN) at the level of 
the tongue root, where the tongue root is pulled back and down, 
while maintaining a more forward tip and blade (a possible 
setting for “opera-style”, (Perta et al. 2020; 
https://www.youtube.com/watch?v=KHjbqUYrb04). 
 

        
              N                      LMN                   APN 

Figure 2: Schematic illustration of the three 
pharyngeal settings. N is Normal, LMN is Lateral 
Medial Narrowing, and APN is Anterior Posterior 

Narrowing.  

2.Methods 
The subject was a female phonetician (first author), trained in 
the Estill method. She produced three sustained vowels (/i/, /e/ 
and /a/) on thin and on thick folds with three different vocal tract 
configurations (Normal, LMN and APN), for a total of 18 vowel 
sounds. All vowels were produced in the range of 190 Hz to 245 
Hz, and larynx height was relatively maintained at mid position 
(as confirmed by MRI imaging, Erickson et al. 2020). EGG 
recordings were done in a soundproof room at Arai Lab at 
Sophia University with an electroglottograph (Glottal 
Enterprises EG2-PCX2) and an electret condenser microphone 
(Sony ECM-MS957) connected to a laptop computer via an 
audio interface (Edirol UA-25EX). Acoustic and EGG signals 
were recorded simultaneously using Audacity at a 44.1 kHz 
sampling rate. EGG and F0 analyses were done using Praatdet 
(Kirby 2017). OQ was estimated by detection of the 
derivative of the EGG signal of closing and opening peaks. 
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3.Results 

3.1.Acoustic spectrograms and EGG signals 

Figure 3 shows the acoustic spectrograms of the /i/ vowels 
produced with thin folds (top) and with thick folds (bottom). 
Thin fold phonation has less energy in the higher frequencies 
than thick folds; also, the EGG signals are more symmetrical 
for thin fold phonation for than for thick folds. The three types 
of pharyngeal narrowing are shown from left to right as normal, 
LMN and APN. Pharyngeal narrowing of either type increases 
energy in the upper frequencies; also, the EGG signal is less 
symmetrical, which suggests that pharyngeal narrowing 
increases vocal fold thickness. LMN increases energy primarily 
in the 3-4kHz region, & also above 6kHz. APN increases 
energy primarily in the 2-3 kHz region. 

 
Figure 3: Voce Vista Acoustic spectrograms of thin 

(top) and thick (bottom) phonation productions of the 
vowel /i/, with three different pharyngeal settings, 

Neutral(left), Lateral Medial Narrowing (middle), and 
Anterior Posterior Narrowing (right). Below each 

spectrogram is a sample EGG signal.   

3.2.Open Quotient and phonation mode 

Figure 4 shows that thin fold phonations have larger OQ than 
thick fold ones. 
 

 
Figure 4: Mean OQ values of vowels produced with thick 

folds (red) vs thin folds (blue). Intervals measured were from 
0.9 to 1.0 sec for all vowels except for 1.5 to 1.6 sec for LMN. 

Pharyngeal settings are N (neutral), LMN (lateral medial 
narrowing) and APN (anterior posterior narrowing). 

 

3.3.Interaction of phonation mode, pharyngeal 
narrowing and vowel 

As F0 rises, so does OQ. Differences in OQ are seen due to 
vowel quality: as the vowel opens (becomes lower), OQ for thin 
folds increases. OQ is also affected by both vowel quality and 
pharyngeal narrowing. For /a/ on thin folds, APN reduces OQ 
(increases CQ), even on high F0. For /i/ on thick folds, LMN 
helps reduce OQ/increase CQ). 

 
Figure 5: Mean OQ values of vowels produced with thick folds 
(red) vs thin folds (blue), and different pharyngeal settings (N, 
LMN, APN), separated by vowel type, /i/, /e/, /a/. 
.  

4.Discussion and conclusion 
The results from our EGG pilot study of sustained vowels 
varying in vocal fold thickness indicate that thin fold 
productions (aka falsetto or Mechanism 2) have larger OQ than 
thick fold ones (aka chest or Mechanism 1). These findings have 
also been reported by earlier studies, e.g. (Henrich et al. 2004; 
2005; 2014; Mayr 2017). Energy patterns seen in acoustic 
spectrograms reflect the OQ differences: Thin fold phonation 
has less energy in the higher harmonics than do thick folds. We 
also see a difference in the symmetry of the EGG signal, 
depending on the vocal fold thickness: thin folds have a more 
symmetrical, less skewed signals than thick folds. A similar 
finding has been reported by e.g., Mayr (2017). 
 
Any pharyngeal narrowing tends to increase the contact 
quotient of the vocal folds, making the glottal shape more 
skewed, less symmetrical. One explanation of this may be that 
the narrowing creates resistance in the vocal tract, inducing a 
sudden pressure drop above the folds. This pressure drop may 
act as a “straw sucking up the folds”, causing the epithelium of 
the folds to vibrate, and thus increasing the vocal fold contact 
area (Ian Howell, pc). Due to this increased contact area, we see 
increased energy in the upper harmonics. Interestingly, the 
location of the narrowing in the vocal tract results in different 
areas in the spectrum of boost-ups of harmonic energy. LMN 
increases energy in the 3-4 kHz range, as well as the range 
above 6 kHz. This pattern of increased energy has been reported 
with the twang genre of singing, found in country music, and 
also in ethnophonetic voices, such as Japanese cake seller-
voices (Sadanobu et al. 2016).  
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APN  increases energy in the 2-3 kHz region, similar to what is 
reported for the singing formant (Sundberg 1974). The findings 
of different types of pharyngeal narrowing resulting in different 
regions of increased spectral energy are new, and require more 
investigation with more speakers/singers, something we are 
currently working on.  
 
With regard to vowel quality and OQ, as the vowel opens 
(becomes a  more open low vowel), OQ for thin folds increases. 
As far as we know, this has not been reported by other studies; 
OQ values reported by Henrich et al. (2004) indicate no OQ 
differences across vowels in either Mechanism 1 or Mechanism 
2. We also found vowel differences with regard to pharyngeal 
narrowing and OQ: for the low vowel /a/ produced with thin 
folds, APN reduces OQ/increases CQ, even at high frequencies. 
This makes sense in that using APN may be a strategy that opera 
singers use to increase the loudness at high F0. For the high 
vowel /i/ produced with thick folds, we found that LMN reduces 
OQ/increases CQ. Any pharyngeal narrowing also affects the 
glottal pulse shape: for both thin and thick folds, adding 
pharyngeal narrowing makes the EGG signal less symmetrical 
and more skewed, as seen for /i/ vowels. This finding is in line 
with voice teachers encouraging students to add pharyngeal 
narrowing in order to make folds less thin (e.g., Lombard and 
Steinhauer 2007; Perta et al. 2020). The CQ results show that 
the effect on pharyngeal narrowing, either LMN or APN, is 
greater for the high vowel /i/ than for the mid and low vowels. 
This finding is consistent with that reported in Figure 2 by Titze 
et al. (2003) in their study about twang. Currently we are 
engaged in an ongoing study with five Estill-trained singers, 
using a protocol similar to the one reported in this paper, in 
order to substantiate the various interactions between phonation 
mode and pharyngeal narrowing across various vowel qualities. 
Our future plans include quantitative analysis of the symmetry 
of the EGG signals, as a way to better estimate vocal fold 
thickness. 
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Abstract 
Vibrotactile stimulation replicating laryngeal vibration has 
been reported to improve discrimination between degraded 
voiced and unvoiced consonants in consonant-vowel syllables. 
In this study, we investigated (1) whether or not vibrotactile 
stimulation in the consonant region biases the perception of 
unvoiced consonants toward voiced ones and (2) the 
relationship between the effect and auditory efficacy. Our 
results indicated that vibrotactile stimulation across the 
unvoiced consonant and vowel region, not just in the unvoiced 
consonant region, biased the consonant perception toward 
voiced consonants. Also, we found a non-linear effect of 
vibrotactile stimulation across the consonant-vowel region on 
auditory efficacy. Our findings will likely contribute to 
understanding how to improve intelligibility under noisy 
conditions and will likely help people with hearing impairments. 
 
Keywords: speech perception, multimodal integration, 
vibrotactile stimulation 

1. Introduction 
Speech produced by articulators to be processed by a receiver’s 
auditory system is the dominant channel for human 
communication. Studies have identified the primary acoustic 
properties present in a speech signal such as formants and voice 
onset time (VOT) that contribute to the perception of speech 
(Blumstein & Stevens, 1980; Liberman et al., 1967). Moreover, 
tactile stimulation is also known to contribute to speech 
intelligibility without prior training (Gick & Derrick, 2009). 
Specifically, vibrotactile stimulation has been shown to be 
effective as an aid for people with vision-and-hearing or hearing 
impairments (Alcorn, 1945; Saunders et al., 1976; Fletcher et 
al., 2018). 

Single-channel vibrotactile stimulation to the fingertips the 
waveforms of which are generated from speech and replicated 
laryngeal vibration has reportedly improved discrimination 
between degraded voiced and unvoiced consonants in 
consonant-vowel syllables (Marino et al., 2018; Chu et al., 
2018). Such vibrotactile stimulations have been applied to an 
entire speech segment consistent with speech stimuli. Our 
question is whether or not only vibrotactile stimulation given to 
an unvoiced consonant region changes the perception of the 
consonant in consonant-vowel syllables.  

The vibrotactile effect has been tested in a noisy situation 
(Marino et al., 2018), but the relationship between this effect 
and auditory efficacy (speech-to-noise level) remains to be 
clarified. When integrating multisensory data, lower stimulus 
efficacy such as low speech-to-noise ratio (SNR) triggers 
greater perceptual gain known as inverse effectiveness (Alex 
Meredith & Stein, 1986). However, more complex patterns 
were reported in audio-visual speech as well (Ross et al., 2007). 

Therefore, the effect of vibrotactile stimulation should increase 
as speech efficacy decreases or should show more complex 
patterns.  

In this study, we investigated the perception of voiced and 
unvoiced bilabial stop consonant syllables (/ba/ and /pa/) in 
Japanese when vibrotactile stimuli were presented to 
participant’s hands together with speech stimuli. We examined 
whether or not the consonant perception is biased toward voiced 
by (1) giving /pa/ vibrotactile stimulation just in an unvoiced 
consonant region (just in C) or across a consonant-voice region 
(across CV) and by (2) giving different speech efficacy. 

2. Methods 
Speech stimuli /ba/ and /pa/ spoken by a native Japanese female 
speaker were presented with and without vibrotactile stimuli. 
The VOT for speech stimulus /ba/ and /pa/ was 35ޤ ms and 7 
ms, respectively (Figure 1). Generally, three stop consonants 
are categorized by VOT values: voiced stops (less than 0 ms), 
unvoiced unaspirated stops (0–25 ms), and unvoiced aspirated 
stops (60–100 ms) (Lisker & Abramson, 1971). However, 
Japanese unvoiced stops are unique in terms that they are not 
aspirated, and their VOT value is between general unvoiced 
unaspirated stops and unvoiced aspirated stops (Riney et al., 
2007; Ogasawara, 2011). The speech stimuli were masked with 
pink noise in five SNR steps and presented to participants via 
headphones.  
The following five vibration conditions were tested: no 
vibration, tactile vibration across a consonant-vowel region 
(across CV), tactile vibration just in an unvoiced consonant 
region (just in C), auditory vibration across CV, and auditory 
vibration just in C. The tactile vibrations were sinusoidal wave 
vibrations and approximately 15 ms for the just in C condition 
and 200 ms for the across CV condition, both starting at the 
bursts of the speech stimuli (Figure 1). The duration of the just 
in C condition was not exactly consistent with that of the 
consonant region of speech stimulus /pa/ because it had a 
shorter VOT than average Japanese voiceless consonants do 
(Ogasawara, 2011). 
 

 

Figure 1: Waveforms of stimuli. 
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Figure 2: Mean /ba/ response rate for /ba/ (left) and /pa/ (right). The error bars indicate 2SE 

.

It was confirmed that participants detected the 15-ms tactile 
vibration. Note that the absolute detection threshold for 
vibrotactile stimulus is a 15-ms pulse width on the forearms 
(Gtat et al., 2019) and that hands are more sensitive (Wilska, 
1954). The lengths of the vibrotactile stimuli were enough to 
detect 20-ms asynchrony between auditory and tactile stimuli 
(Fujisaki & Nishida, 2009).  
The tactile vibrations were transmitted to the backs of both of 
the participants' hands (Gick & Derrick, 2009) from a pair of 
45-mm-diameter circular vibrating actuators (Acouve, Vp210). 
To assess the impact of a buzzing sound by the actuators, we 
recorded and presented the sounds of the actuators producing 
the two tactile vibrations instead of the tactile vibrations as the 
auditory vibration conditions. The vibration conditions were 
common to both /ba/ and /pa/, and the frequency of the 
vibrations (130 Hz) did not match that of the speech stimuli 
(230 Hz), unlike in the previous study (Marino et al., 2018). 
This rejects the possibility that the vibration just conveys 
acoustic F0 of speech.  
Twenty-one native Japanese speakers (age 26 to 58) with no 
prior training were asked to listen to each stimulus without 
fillers and to select one of the alphabetic keys that represented 
Japanese consonants for each heard consonant or the “a” key 
when they heard no consonants. This was because the 
participants sometimes reportedly heard different consonants 
for the speech stimuli in our preliminary experiment. Each 
vibration condition was repeated ten times, and the rates that 
participants responded with /ba/ for each condition were 
compared. 

3. Results 
Figure 2 shows the /ba/ response rate. A two-way (vibration 
condition × SNR) repeated measure analysis of variance with 
Greenhouse-Gessier was conducted on the /ba/ response rate 
separately for speech stimuli /ba/ and /pa/. No interaction was 
signidicant between the vibration conditions and SNRs, but a 
main effect was found on vibration conditions for both /ba/ 
[F(3.268, 65.357) = 9.069, p < 0.001] and /pa/ [F(2.859, 
57.178) = 9.937, p < 0.001]. Bonferroni post-hoc tests revealed 
that the tactile vibration across CV region significantly 
increased the /ba/ response for /ba/ [p = 0.002] and /pa/ [p = 
0.004], but no significant difference between no vibration and 
the tactile vibration just in the C region was found [p = 0.022]. 
In addition, for speech stimulus /pa/ unlike /ba/, the auditory 
vibration across the CV region increased the /ba/ response [p = 
0.007], and the auditory vibration just in the C region decreased 

it [p = 0.010] compared with the no vibration condition. 

In addition, the mean /ba/ response rate increased, and the /pa/ 
response rate decreased in the tactile vibration across the CV 
condition compared with the no vibration condition for both 
speech stimuli (Figure 3). The rate of the other responses such 
as /da/ /na/ /ra/ were consistent between the tactile vibration 
across the CV condition and no vibration condition for both 
speech stimuli. Therefore, both speech stimuli were biased 
toward voiced by presentation of the tactile vibration across the 
CV region. 

Furthermore, the two-way repeated measure analysis of 
variance on the /ba/ response rate indicated a main effect on the 
SNR for /ba/ [F(1.838, 36.751) = 39.476, p < 0.001] but not /pa/. 
Bonferroni post-hoc tests revealed the /ba/ response rate for 
speech stimulus /ba/ significantly increased as the SNR 
increased except between 22ޤ dB and 20ޤ dB. In addition, the 
gain of the /ba/ response rate by the tactile vibration across the 
CV region was calculated by subtracting the mean /ba/ response 
rate in the no vibration condition from that in the tactile 
vibration across the CV condition. A quadratic regression 
model fit the relationship between the SNR and the gain of the 
/ba/ response rate by the tactile vibration across the CV region 
for speech stimulus /ba/, which was statistically not significant, 
though the coefficient of determination was high [R2 = 0.931] 
(Figure 4). However, the model did not fit speech stimulus /pa/ 
[R2 = 0.386].  
 

 

Figure 3: Breakdown of responses for no vibration 
and tactile vibration across CV conditions.  
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Figure 4: Mean gain in /ba/ response rate by tactile vibration across CV for /ba/ (left) and /pa/ (right) and quadratic fitting 
curve. 

 

4. Discussion and conclusion 
Our hypothesis was (1) vibrotactile stimulation in the unvoiced 
consonant region biases an unvoiced consonant toward voiced 
and (2) this effect depends on speech efficacy.  
Our results indicate that (1) vibrotactile stimulation across the 
CV region but not just in the C region biased the consonant 
perception toward voiced not only for a voiced consonant 
(Marino et al., 2018) but also for an unvoiced consonant. The 
effect of vibrotactile stimulation across the CV region for a 
voiced consonant replicated the results of the previous study 
using vibrations that represent voiced regions of speech 
(Marino et al., 2018). Moreover, the effect of vibrotactile 
stimulation across the CV region for an unvoiced consonant 
indicated that a vibrotactile stimulation biased the perception of 
an unvoiced consonant toward voiced even though the vibration 
and the voiced region of speech were inconsistent. In contrast, 
the results of vibrotactile stimulation just in the C region 
suggest that to alter perception for a consonant region, 
vibrotactile stimulation in a vowel region is assumed to be 
necessary. According to the study on vibrotactile stimulation 
delayed by 50 ms (Chu et al., 2018), vibrotactile stimulation just 
in a vowel region will possibly alter perception for a consonant 
region, but further investigation is needed. Another explanation 
is that given the general pre-voicing used for Japanese voiced 
stops, the vibrotactile stimulus just in the C region was not long 
enough to induce pre-voicing perception. Further research is 
needed to test whether or not the vibrotactile stimulation in the 
pre-voicing region biases speech to voiced.  
Furthermore, we found (2) a non-linear effect of vibrotactile 
stimulation across the CV region while speech efficacy changed 
for /ba/. The voiced response gain for speech stimulus /ba/ by 
the tactile vibration across the CV region had a peak around the 
SNR where the speech stimulus was 50% intelligible. Although 
the vibration across the CV region biased speech stimulus /pa/ 
to voiced, the voiced perception of /pa/ without vibrotactile 
stimulation did not change with SNR, and neither did the voiced 
response gain by vibrotactile stimulation. However, in 
considering the /pa/ response rate for speech stimulus /pa/ 
without vibration, the speech stimulus was 50% intelligible in 
the 14ޤ to 12ޤ dB SNR range, for which large gains were 
observed. This suggests a hot spot of auditory efficacy for 
vibrotactile and auditory integrated speech. The pattern was 
consistent with that observed in audio-visual speech (Ross et al., 

2007). If it indicates that speech system is sensitive to 
multisensory clues under particular intelligibility, it could be 
interesting to present inconsistent clues in the two domains at 
the same time and to see whether both will be integrated into an 
intermediate or one will dominate the other. To perceive higher 
intelligible speech, the vibrotactile clue might have been 
redundant. Otherwise, a ceiling effect may have occurred. 
Lower intelligible speech might not have enough information 
or have the particular information necessary to combine it with 
vibrotactile information.  
An unexpected effect of auditory presentation of vibration 
sounds was found. However, the auditory input from the 
vibrotactile stimuli and their sound was not controlled in the 
sound pressure and source location. Further work is necessary 
to examine whether or not the sound of the tactile vibrations 
affected the speech perception. 
Some limitations are evident. A single production of /ba/ and 
/pa/ limited the generalizability of the results because the VOT 
for medial unvoiced stops is much shorter (Ogasawara, 2011). 
In addition, the relative timing of speech stimuli and vibrotactile 
stimuli might not have been perceived correctly, which led a 
lack of an effect of the vibrotactile stimulation just in the C 
region. Furthermore, a possibility remains that vibrotactile 
stimulation might have just distracted participants’ attention to 
the features of the unvoiced consonant. It could be interesting 
to test visual flickers as a kind of distraction instead of 
vibrotactile stimulation. Finally, the results might have been 
affected by the participants being visually aware of how the 
vibrotactile stimulation was produced through the vibrating 
actuators.  
For future work, we intend to investigate the vibrotactile effect 
in more complex contexts. 
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Abstract 

In this paper we studied the tongue root position in VC-
sequences with regard to the phonological voicing of the 
consonant and its phonetic realization. /iz/ and /is/ sequences 
were recorded embedded into carrier sentences in 12 speakers’ 
pronunciation. Simultaneous audio, ultrasound and EGG-
recordings were carried out. The speakers were categorized 
based on the voiceless part ratio (EGG-signal analysis) and 
CoG (speech signal analysis) of the /z/-realizations. We 
compared the tongue root position between the two sequences 
as a function of the speakers’ categories. The results showed 
that there is a large interspeaker difference in /z/-realizations 
and that this is in a strong interrelation with the tongue root 
position patterns. Possible explanations are discussed for the 
speakers whose pronunciations are exceptions from the 
expected difference between the voiced and voiceless contexts. 
 
Keywords: tongue root advancement, voicing counterparts, 
voiced fricatives, individual differences, ultrasound tongue 
imaging 

1. Introduction 

Vocal fold vibration and obstruent production are conflicting 
articulatory goals (e.g. Stevens 1997). In the case of the 
fricatives, this means that the simultaneous articulation of the 
turbulent noise and vocal fold vibration have contradictory 
pressure requirements. In order to produce intense turbulent 
noise high intraoral pressure needs to be achieved. The glottal 
vibration, however, need low intraoral pressure in order to 
maintain the transglottal pressure drop. Various articulatory 
gestures may be used to maintain the vocal fold vibration: e. g. 
lowering the larynx, enlarging the oral cavity, lowering the 
tongue, tongue root advancement. Tongue root advancement 
was found in the voiced compared to the voiceless counterpart 
segments in various languages (e.g. stops: Westbury 1983; Ahn 
2018; Coretta 2020, fricatives: Narayanan et al. 1995).  
The ratio of vocal fold vibration in voiced fricatives varies not 
only across speakers (Fuchs et al. 2007, for Hungarian see e.g. 
Gráczi 2012) but also across languages (Shih 1999). The 
tongue-palate contact measures showed diverse pictures with 
regard to voicing, which may be caused by variability in 
voicing: the tongue-palate contact was strongly related to the 
amount of voicing present in voiced fricatives in devoicing 
speakers (Fuchs et al. 2007). Combining the results on the 
tongue-palate contact varying with the amount of voicing 
present in the voiced fricative’s realization (Fuchs et al. 2007), 
we may ask if the tongue root position also shows variability 
with the amount of voicing in voiced fricatives. 

The present experiment introduces a pilot study on the timing 
pattern of tongue root movement regarding phonological and 
phonetic voicing. Our hypothesis was that in the pronunciation 
of speakers whose /z/ realizations tend to maintain voicing 
throughout (most of) its duration, larger differences can be 
found in the tongue root position both in the fricative and in the 
preceding vowel between /z/ and /s/ than in the pronunciation 
of /z/-devoicing speakers. 

2. Methods 

Nonsense words /izi/ and /isi/ were initial words of sentences, 
where the first /i/ bore word stress and pitch-accent. The 10 
sentences (5 with both target words) appeared in randomized 
order among distractors. 12 native female speakers of 
Hungarian (20-27 ys) were recorded using the AAA ultrasound 
system of Articulate Instruments Ltd. at 81.67 fps. The 
ultrasound transducer was fixed below the speakers’ chin by the 
ultrasound stabilization headset designed for speech recordings 
(Articulate Instruments Ltd). The speech signal was recorded 
with a Beyerdynamic TG H56c tan omnidirectional condenser 
microphone. The ultrasound data and the audio signals were 
synchronized using the tools provided by Articulate 
Instruments Ltd. Electroglottograms were captured by D200 
device (Laryngograph Ltd.). The speech signal was recorded by 
the EGG as well, ultrasound and EGG recordings were 
synchronized through the two speech signals. 
Segmentation was carried out on the speech signal by forced 
alignment (Mihajlik et al. 2010), then manual correction was 
carried out on the first /i/- and on the fricative-realizations in 
Praat (Boersma & Weenink 2019).  
 The tongue contours were traced manually at each frame along 
the time course of the /iz/ and /is/ sequences in AAA (Articulate 
Instruments Ltd.). The voiceless part ratio (ratio of duration 
without vocal fold vibration to the entire consonant duration) 
was automatically labeled and manually corrected in the EGG-
signal in Praat (Boersma & Weenink 2019). 
The CoG of the fricatives were measured at five equidistance 
measurement points. The total speech recording was 
transformed to spectrogram with a window length of 0.005 s, 
time step of 0.002 s, frequency step of 20 Hz, in the range of 0 
to 21000 Hz using Gaussian window, and the spectral slice was 
taken at the time points to be measured with fast transformation. 
Generalized additive mixed models (GAMM) (R: R Core Team 
2019, mgcv: Wood 2017, itsadug: van Rij et al. 2017, rticulate: 
Coretta 2019) were run. The tongue contours were analyzed 
separately for each speaker (Coretta 2019). Two models were 
built: one for the vowel tongue contours in the V and one for 
the tongue contours in the VC sequence, where the V was set to 
the 0-0.5 time interval, the C to the 0.5-1 interval. A basic model 
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and a model with C contrast (with contrast treatment) were 
compared with χ2 test. Autocorrelation correction (first order 
autoregressive model) was carried out. The final, best fitting 
models were built up as the followings. The Y-position of the 
tongue contour points was the dependent variable. The models 
included the reference smooth of the X-position of tongue 
contours and of the normalized time course in the V or VC 
sequence, and also their interaction (tensor). All the smooths 
and tensors were included with and without nesting for the 
difference smooths of the C. 
The first analyses of the results made evident that the speakers 
need to be grouped into four speaker types based on the results 
of the voiceless part ratio and CoG-analyses. The detailed 
results on the voiceless part ratio and the acoustic measures are 
discussed in Gráczi et al. (2020). 
The realization of a fricative was considered partially devoiced 
if the voiceless part ratio was above 25%. In the case of sp01-
sp04, sp11 and sp12, no or one partially devoiced /z/-
realizations appeared. In the case of sp05, sp07, sp08 2 or 3 
realizations of /z/ phonemes were partially devoiced. The 
remaining three speakers, sp06, sp09, sp10 had 4 or 5 partially 
devoiced /z/-realizations. 
The CoG values were compared between /z/- and /s/-
realizations in order to select the speakers who tend to 
pronounce approximant-like /z/-realizations. This was found to 
be important based on the first observations of the tongue 
contour results of the speakers who tended to maintain vocal 
fold vibration across their /z/-realizations. In the case of sp01 
and sp03 the CoG of /z/-realizations raised close to the typical 
values for /s/s, while sp02, sp04, sp11 and sp12 had very low 
CoG values along the time course of the analyzed voiced 
fricatives. While the former speakers can be grouped together 
as speakers pronouncing frication and voicing simultaneously, 
the latter four speakers tended to pronounce approximant-like 
realizations. 
The results for the voiceless part ratio and the CoG combined 
gives four speaker groups: speakers who tend to pronounce /z/ 
as voiced approximants (Group1: sp02, sp04, sp11, sp12), 
voiced fricatives (Group2: sp01, sp03), sometimes voiced, 
sometimes partially devoiced speech sound (Group3: sp05, 
sp07, sp08), devoiced speech sounds (Group4: sp06, sp09, 
sp10). 

3. Results 

Results regarding the tongue contour differences by the 
consonant contrast of the GAMMs are shown in Table 1 and 2. 
The results for X-position are significant if the tongue shape 
averaged across the duration is significantly different between 
the contexts. This means that whenever the difference appeared, 
it was altogether large enough to be significant already in the 
vowel duration in 6 speakers. The tensor is significant if the 
difference between the tongue shapes of the two contexts 
change across the time. Table 1 shows the results for the model 
on the vowel duration. In 6 out of the 12 speakers the tongue 
shape was different even averaged across the time between the 
two contexts within /i/-realizations. In 8 speakers the tongue 
shape formed significantly different along the time course of /i/-
realizations between the two contexts. Three speakers that did 
not have a significant difference averaged across the time 
domain had large enough change to be considered significant. 
When considering the VC time course, the time-averaged 
tongue shape differed significantly in 9 speakers between the 
two contexts, and the change in the tongue shape was significant 
in 10 of them. The results also show speakers who do not tend 
to have significant difference between the two contexts. 

Table 1: Results for the smooth term for X-position 
and the tensor of the normalized time (t) and X-

position by consonant contrast from the GAMM within 
the V duration. Grey cells indicate significant 

differences. 

Speaker N s(X,  by =C.ord) te(X, t, by =C.ord) 
  F p F p 

sp01 912 1.863 0.173 6.643 < 0.001 
sp02 1239 0.450 0.502 3.840 0.004 
sp03 1003 2.544 0.009 1.256 0.239 
sp04 1487 2.676 0.102 1.578 0.143 
sp05 1003 5.126 0.024 7.199 < 0.001 
sp06 831 3.441 0.064 5.234 < 0.001 
sp07 1086 4.147 0.042 2.155 0.037 
sp08 1080 23.867 < 0.001 9.419 0.002 
sp09 1184 8.025 0.005 3.946 0.002 
sp10 2372 3.455 0.063 2.166 0.017 
sp11 922 6.315 0.002 0.341 0.559 
sp12 1473 2.885 0.090 0.116 0.734 

Table 2: Results for the smooth term for X-position 
and the tensor of the normalized time (t) and X-

position by consonant contrast from the GAMM within 
the VC duration. Grey cells indicate significant 

differences. 

Speaker N s(X, by =C,ord) te(X, t, by =C.ord) 
  F p F p 

sp01 2213 8.368 < 0.001 5.773 < 0.001 
sp02 2652 54.880 < 0.001 2.889 0.003 
sp03 2581 11.474 < 0.001 1.101 0.326 
sp04 3194 0.008 0.930 2.795 < 0.001 
sp05 2957 0.088 0.768 15.603 < 0.001 
sp06 2131 5.634 < 0.001 0.032 < 0.001 
sp07 2730 10.096 < 0.001 15.972 < 0.001 
sp08 2667 1.849 0.174 4.896 < 0.001 
sp09 2519 78.42 < 0.001 14.85 < 0.001 
sp10 4349 7.365 0.006 3.384 < 0.001 
sp11 2483 5.875 < 0.001 3.072 0.019 
sp12 1473 3.328 0.002 0.806 0.458 

The estimated differences and its 95% confidence intervals of 
the entire tongue contours are shown in Figure 1. The tongue 
root is positioned to the right of the differential lines. The five 
illustrated time points are the 50% and 75% of the vowel 
duration, the VC-boundary and the 25% and 50% time point of 
the consonant. The expected difference was found if the tongue 
root was advanced in the voiced context, i.e. the differential line 
decreases or stays in the negative domain, and is indicated by a 
red dashed line which stands for the significant differences. 
In Group1, where the speakers tended to pronounce 
approximant-like /z/-realizations, only one speaker had the 
expected difference at the tongue root, while two speakers did 
not: sp04 had no difference and sp11 had a significant but 
opposite difference (her tongue root was more advanced in the 
/s/-realizations). The further two speakers’ tongue root was 
found to be significantly advanced already during the preceding 
vowel’s duration in the voiced phoneme context. 
In Group2, where most of the /z/-realizations were voiced 
fricatives, both speakers had the expected difference, i.e. 
advanced tongue root in the voiced fricatives, however, in one 
speaker’s (sp01) pronunciation this difference became 
significant only during the consonant’s duration. The other 
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speaker (sp03) had the expected tongue root pattern already 
during the preceding /i/-realization. 

 

Figure 1: The estimated tongue contour difference of 
/is/ - /iz/ and its 95% confidence interval. 

Table 3: Appearance of the expected tongue root 
position in the speaker groups. (! = the tongue root is 
significantly advanced in the /z/-context compared to 

the /s/- context, " = the tongue root is not advanced in 
the /z/- context compared to the /s/- context) 

Group Speaker 
Expected difference appeared during 

the preceding /i/ the consonant 

(1) 

sp02 ! ! 
sp04 " " 
sp11 " " 
sp12 ! ! 

(2) 
sp01 " ! 
sp03 ! ! 

(3) 
sp05 " ! 
sp07 ! ! 
sp08 ! " 

(4) 
sp06 ! ! 
sp09 ! ! 
sp10 " " 

In Group3, where the speakers devoiced 2-3 /z/-realizations out 
of the 5, the tongue root position difference was very variable 
in one speaker’s (sp08) pronunciation: the expected difference 
was detectable during vowel production but disappeared 
towards the consonant. In one speaker’s (sp05) pronunciation 
the expected pattern did appear already in the vowel, but it 
reached the significance level only during the consonants’ 

duration. The third speaker (sp07) showed advanced tongue 
root in the voiced phoneme’s context already during the 
preceding vowel’s durations. 
In Group4, where most of the /z/-realizations were pronounced 
(partially) devoiced, only one speaker (sp10) of the three had 
different pattern from the expected one: her tongue root was 
neither advanced during in the /z/-context nor in the /z/-
realizations, while the two further speakers had advanced 
tongue root already during the preceding vowel in the voiced 
phoneme context. 

4. Discussion 

The results showed that the tongue root was significantly 
advanced in the /z/-realizations in 8 out of the 12 speakers 
compared to the /s/-realizations, and this difference was 
significant already in during the preceding vowel in 6 out of 
them. Although each group consist only of a few, 2-4 speakers, 
their typical /z/-realizations are important in order to discuss 
what reasons or consequences these results have.  
In the case of the speakers who tend to produce approximant-
like /z/-realizations (Group1), the exceptions might be 
explained in two ways. In their case the tongue tip might not be 
raised as high, close to the alveolar region that the frication is 
not produced/reached. Either the non-advanced tongue root 
makes the approximant-like realizations necessary in order to 
avoid devoicing, or the approximant-like realization makes 
unnecessary to advance their tongue root during the voiced 
phoneme’s realizations. The speakers who produce voiced /z/-
realizations but with frication (Group2) the tongue root was 
found to be advanced. This strengthens the need to separate 
these two groups, as their articulatory strategies can be 
hypothesized to be different. 
Most speakers with 2-5 partially devoiced /z/-realizations 
(Group3, Group4) advanced their tongue roots in the voiced 
context and most of them reached a significant difference 
already during the preceding vowel between the two contexts. 
The realizations though (often) became (partially) devoiced. 
There might be two reasons again that might contribute to these 
results. One is that the results appear generalized for their 
speech sounds averaged that shades the possible within-speaker 
differences. The other is that advancing the tongue root is only 
one articulatory gesture in order to maintain voicing. Further 
articulatory maneuvers have not been studied in this specific 
analysis. 
The tongue root position was found to appear as expected but 
disappear towards the consonant in one speaker (sp08, Group3). 
The possible explanation might be that her realizations were 
diverse. She produced roughly the half of her /z/-phonemes 
partially devoiced. The voiceless part ratio ranged between 0% 
and appr. 60% in her voiced phoneme realizations, which means 
a large within-speaker variability. Possibly the tongue root 
started advancing during the preceding vowel, but not always 
sufficiently to maintain voicing. 
Another reason has to be taken into consideration behind the 
results discussed in the above two paragraphs. Westbury (1983) 
and Coretta (2020) found tongue root advancement also in some 
cases for voiceless stops. Coretta (2020) took over the reasoning 
by Westbury (1983) that the raise of the anterior part of tongue 
(towards the closure in stops) may mechanically forward the 
tongue root. As the present study did not include statistical 
analysis that would provide results on this phenomenon for 
voiceless fricatives, we cannot include this as being proven for 
this material, however, the question has to be addressed in our 
future work. 
We can see in Figure 1, that the significant difference at the 
midpoint of the consonants ranges roughly between 1-5 mm. 
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Coretta (2020) raised the question analyzing stops whether this 
magnitude is considerable. He argues that the anterior wall of 
the pharynx is able to move 5 mm (Rothenberg 1967), and 4 
mm difference was found in Twi between vowels with and 
without advanced tongue root (Kirkham & Nance 2017). The 
tongue root displacement in vowels compared preceding (truly) 
voiced and voiceless (unaspirated) stops ranged between 0-1.5 
mms, and were proven to be significant in Coretta’s results 
(2020). Altogether we can hypothesize that the present 1-5 mm 
range for the significant tongue root difference might be 
considered as relevant. 
Finally, we found altogether four speakers (2 from Group1, 1-1 
from Group3 and Group4) who did not have tongue root 
advancement in the realizations of /z/ compared to /s/ 
phonemes. We have already discussed a few reasons behind 
these results for the speakers of Group2 above in this section. 
However, we have to add that if we consider that the results are 
based on comparison of the two speech sound sets, which may 
shed away tongue root advancement in both sets that results in 
a non-significant p-value, and some speakers had also diverse 
results in Coretta’s study (2020) analyzing vowels preceding 
stops. 

5. Conclusions 

The present study introduced a pilot study on tongue root 
movement timing comparing VC-sequences with voiced and 
voiceless fricatives. One vowel (/i/) and one fricative pair (/z/ 
and /s/) were studied. 
The results showed that the tongue root movement and the 
realizations of the voiced fricatives have to be studied 
combined, and also further articulatory maneuvers have to be 
taken into consideration. The future work has to explore an 
expanded vowel and consonant set in order to see the 
coarticulatory effects of both the vowels’ and the consonants’ 
articulatory gestures. The further work has to be expanded also 
by numerifying the tongue root displacement in itself, and by 
the categorical analysis of the speaker groups being transformed 
into scaled speech sound features. 
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9RLFH�RQVHW�WLPH�RI�+XQJDULDQ�YRLFHOHVV�SORVLYHV�LQ�0XOWLSOH�6FOHURVLV�
-XGLW�%yQD���9HURQLND�6YLQGW���,OGLNy�+RIIPDQQ����

�(/7(�(|WY|V�/RUiQG�8QLYHUVLW\��%XGDSHVW��+XQJDU\�
��5HVHDUFK�,QVWLWXWH�IRU�/LQJXLVWLFV��(|WY|V�/RUiQG�5HVHDUFK�1HWZRUN��%XGDSHVW��+XQJDU\�

��8QLYHUVLW\�RI�6]HJHG��6]HJHG��+XQJDU\�
ERQD�MXGLW#EWN�HOWH�KX��VYLQGW�YHURQLND#Q\WXG�KX��KRIIPDQQ�LOGLNR#Q\WXG�KX�

�

�

$EVWUDFW�
0XOWLSOH� VFOHURVLV� �06�� LV� DQ� LQIODPPDWRU\� GLVHDVH� RI� WKH�
FHQWUDO� QHUYRXV� V\VWHP�� DQG� LW� LV� RQH� RI� WKH� PRVW� FRPPRQ�
QHXURGHJHQHUDWLYH� GLVHDVHV�� $OPRVW� ���UG� RI� WKH�06� SDWLHQWV�
KDYH� VRPH� ODQJXDJH� RU� VSHHFK� V\PSWRPV�� ,Q� WKLV� SDSHU�� WKH�
HIIHFWV�RI�WKH�GLVHDVH�RQ�YRLFHOHVV�SORVLYHV�DUH�DQDO\]HG�XVLQJ�
DFRXVWLF�PHDVXUHPHQWV�����06�SDWLHQWV�DQG����FRQWURO�VSHDNHUV�
RI� WKH� VDPH� DJH� DQG� JHQGHU� SDUWLFLSDWHG� LQ� WKH� DQDO\VLV��
3DUWLFLSDQWV�ZHUH�DVNHG�WR�UHDG�DORXG�QRQ�ZRUGV�LQ�WKH�VDPH�
VHQWHQFH��9RLFHOHVV�SORVLYHV�>S��W��N@�RFFXUUHG�LQ�9&9�FOXVWHUV�
EHIRUH�WKH�YRZHOV�>L���D���X�@��(DFK�FRQVRQDQW�RFFXUUHG����WLPHV�
LQ�RQH�UHFRUGLQJ��927V�ZHUH�PHDVXUHG�DQG�927�UDWLR�LQ�WKH�
V\OODEOHV�ZDV�FDOFXODWHG��5HVXOWV�VKRZ�WKDW�06�KDV�DQ�HIIHFW�RQ�
927��7KHUH�ZHUH�GLIIHUHQFHV�EHWZHHQ�06�SDWLHQWV�DQG�FRQWUROV�
ERWK�LQ�927�DQG�927�UDWLR��927V�RI�06�SDWLHQWV�ZHUH�ORQJHU�
WKDQ�WKRVH�RI�FRQWURO�VSHDNHUV��5HVXOWV�UHYHDO�QHZ�GHWDLOV�DERXW�
WKH� GLIILFXOWLHV� 06� SDWLHQWV� H[SHULHQFH� LQ� WKHLU� VSHHFK�� DQG�
SURYLGH�QHZ�SHUVSHFWLYHV�IRU�VSHHFK�WKHUDS\��
�
.H\ZRUGV�� YRLFH� RQVHW� WLPH� �927��� 927� UDWLR�� 0XOWLSOH�
6FOHURVLV�

��� ,QWURGXFWLRQ�
0XOWLSOH� VFOHURVLV� �06�� LV� DQ� LQIODPPDWRU\� GLVHDVH� RI� WKH�
FHQWUDO� QHUYRXV� V\VWHP�� DQG� LW� LV� RQH� RI� WKH� PRVW� FRPPRQ�
QHXURGHJHQHUDWLYH�GLVHDVHV��7KH�PXOWLIRFDO�OHVLRQV�RI�WKH�&16�
OHDG� WR� H[WUHPHO\� YDULHG� V\PSWRPV� LQ� VHQVRU\�� PRWRU� DQG�
FRJQLWLYH�ILHOGV��%DVHG�RQ�WKH�FRXUVH�RI�WKH�GLVHDVH��WKUHH�PDLQ�
VXEW\SHV�FDQ�EH�LGHQWLILHG�LQ�06��UHODSVLQJ�UHPLWWLQJ��5506���
VHFRQGDU\� SURJUHVVLYH� �6306��� DQG� SULPDU\� SURJUHVVLYH�
�3306���,WV�V\PSWRPV�DUH�QXPHURXV��$OPRVW����UG�RI�WKH�06�
SDWLHQWV� KDYH� VRPH� ODQJXDJH� RU� VSHHFK� V\PSWRPV�� $PRQJ�
WKHVH��WKH�PRVW�IUHTXHQW�RQHV�DUH�WKH�IROORZLQJ��G\VDUWKULD��ZRUG�
ILQGLQJ� GLIILFXOWLHV�� GHWHULRUDWLQJ� YHUEDO� IOXHQF\�� SUREOHPV� LQ�
VHQWHQFH� UHSHWLWLRQ�� OLPLWDWLRQV� RI� WKH� KLJKHU�OHYHO� ODQJXDJH�
SURFHVVHV� �/DDNVR� HW� DO�� ������� DQG� UHGXFHG� LQFOLQDWLRQ� IRU�
FRPPXQLFDWLRQ��*HUDOG�HW�DO����������

%DVHG�RQ�D�UHYLHZ�RI����VWXGLHV��LW�ZDV�IRXQG�WKDW�VSHHFK�LQ�06�
DOVR�FKDQJHV�LQ�IRXU�PDLQ�DUHDV��1RIIV�HW�DO���������DUWLFXODWLRQ�
�VORZ� YRZHO� WUDQVLWLRQV�� ORQJHU� GXUDWLRQ� RI� V\OODEOHV�� DQG�
LPSUHFLVH� FRQVRQDQWV��� YRLFH� �SRRU� YRLFH� TXDOLW\�� SLWFK� DQG�
ORXGQHVV� LQVWDELOLW\��� UHVSLUDWLRQ� �GHFUHDVHG� SKRQDWRU\� WLPH��
H[SLUDWRU\� WLPH�� DQG�H[SLUDWRU\�SUHVVXUH��DQG�SURVRG\� �ORQJHU�
DQG�PRUH�IUHTXHQW�SDXVHV��LPSDLUHG�ORXGQHVV�FRQWURO���6SHHFK�
UDWH� EHFRPHV� VORZHU� DQG� ORQJHU� SDXVHV� DSSHDU� LQ� VSHHFK� �'H�
/RR]H� HW� DO��� ������ )HHQDXJKW\� HW� DO�� ������� 7KH� JUHDWHU�
FRJQLWLYH�HIIRUW�LW�WDNHV�WR�SHUIRUP��WKH�VORZHU�WKH�VSHHFK�UDWH�
EHFRPHV�ZLWK�PRUH�IUHTXHQW�DQG�ORQJHU�SDXVHV�DSSHDULQJ�LQ�WKH�
VSHHFK�RI�06�SDWLHQWV��$UQHWW�HW�DO��������'H�/RR]H�HW�DO���������
7MDGHQ�DQG�:DWOLQJ��������IRXQG�WKDW�SHRSOH�ZLWK�06�ZHUH�DOVR�
PRUH�OLNHO\�WR�SDXVH�LQ�D�V\QWDFWLFDOO\�LQDSSURSULDWH�SRVLWLRQ���

:H� KDYH� OLWWOH� GDWD� DERXW� WKH� GLIIHUHQFHV� LQ� WKH� DUWLFXODWLRQ�
EHWZHHQ� SDWLHQWV� DQG� FRQWUROV�� 6WXGLHV� DUH� XVXDOO\� EDVHG� RQ�
SHUFHSWXDO� MXGJPHQW� �+DUWHOLXV� HW� DO�� ������ +DUWHOLXV� HW� DO��
�������$FFRUGLQJ�WR�WKH�VFDQW�UHVHDUFK�DYDLODEOH�RQ�WKH�WRSLF��
G\VDUWKULD�LV�W\SLFDO�IRU�D�KLJK�SURSRUWLRQ�RI�06�SDWLHQWV��DQG�LW�
JRHV� WRJHWKHU� ZLWK� LQDFFXUDWH� DUWLFXODWLRQ�� D� GHFUHDVH� LQ�
FRPSUHKHQVLELOLW\� RI� VSHHFK�� DQG� FDQ� JR� KDQG� LQ� KDQG� ZLWK�
FKDQJHV� LQ� YRLFH� RQVHW� WLPH� �927�� �.KRUVKD� .LVRPL� HW� DO��
�������:H�GR�QRW�KDYH�DQ\�GDWD�DERXW�927��HVSHFLDOO\�QRW� LQ�
ODQJXDJHV�ZKHUH�VWRSV�DUH�XQDVSLUDWHG��VXFK�DV�+XQJDULDQ���

:H� VXSSRVHG� WKDW� G\VDUWKULD� PLJKW� DIIHFW� 927� EHFDXVH�
SUHYLRXV�VWXGLHV�KDG�VKRZQ�WKDW�WKH�VORZHU�WKH�PRYHPHQWV�RI�
WKH� VSHHFK� RUJDQV� ZHUH�� WKH� OHVVHU� FKDQJH� WKH\� PDGH� LQ� DLU�
SUHVVXUH��DQG�OHVV�DFFXUDWH�FORVXUH�IRUPDWLRQ�LQIOXHQFHG�927��
)RU� H[DPSOH�� WKH� FRPSDULVRQ� RI�927� LQ� KHDOWK\��+XQJDULDQ��
\RXQJ� DQG� HOGHUO\� VSHDNHUV� VKRZHG� WKDW� 927V� LQ� HOGHUO\�
VSHDNHUV� ZHUH� VLJQLILFDQWO\� ORQJHU� LQ� FDVH� RI� >S�� W@�� DQG�
VLJQLILFDQWO\� VKRUWHU� LQ� FDVH� RI� >N@� WKDQ�WKRVH� LQ�\RXQJ�DGXOWV�
�%yQD��������

,Q�WKLV�SDSHU��WKH�HIIHFWV�RI�WKH�GLVHDVH�RQ�YRLFHOHVV�SORVLYHV�DUH�
DQDO\]HG�XVLQJ�DFRXVWLF�PHDVXUHPHQWV��7KH�PDLQ�TXHVWLRQ�WKLV�
VWXG\� DLPV� WR� DQVZHU� LV� ZKHWKHU� WKHUH� DUH� GLIIHUHQFHV� LQ� WKH�
927�DQG�927�UDWLR�EHWZHHQ�06�SDWLHQWV�DQG�FRQWUROV���

7KH�K\SRWKHVHV�ZHUH�WKH�IROORZLQJ��

���7KH�GLVHDVH�ZLOO�DIIHFW�WKH�927�DQG�927�UDWLR��06�SDWLHQWV�
ZLOO� SURGXFH� ORQJHU� 927V� DQG� KLJKHU� 927� UDWLR� LQ� HDFK�
YRLFHOHVV�SORVLYH�WKDQ�FRQWUROV���

��� 6WDQGDUG� GHYLDWLRQ� ZLOO� EH� KLJKHU� LQ� 06� SDWLHQWV� WKDQ� LQ�
FRQWUROV��

��� 0HWKRGRORJ\�

�����6XEMHFWV�
���06�SDWLHQWV�DQG���� FRQWURO�VSHDNHUV�RI� WKH�VDPH�DJH�DQG�
JHQGHU� SDUWLFLSDWHG� LQ� WKH� DQDO\VLV�� 7KH� V\PSWRPV� RI� WKH�
SDWLHQWV�ZHUH�TXLWH�GLYHUVH�DQG�WKH�VHYHULW\�RI�WKH�GLVHDVH�ZDV�
GLIIHUHQW��7KHUH�ZHUH���5506����6306��DQG���3306�SDWLHQWV�
DPRQJ� WKH� VXEMHFWV�� 7KH� GLVHDVH� ZDV� WKH� PRVW� VHYHUH� LQ� WKH�
3306�SDWLHQWV�ZLWK� WKHLU�HYHU\GD\�URXWLQHV�EHLQJ�DIIHFWHG�E\�
WKH� GLVHDVH��ZKLOH�5506� SDWLHQWV�ZHUH� DEOH� WR� OHDG� D� TXDVL�
QRUPDO�OLIH��$OO�VXEMHFWV�ZHUH�QDWLYH�+XQJDULDQ�VSHDNHUV�ZLWK�
QRUPDO�KHDULQJ�DQG�KDG�QR�RWKHU�VSHHFK�DQG�ODQJXDJH�UHODWHG�
GLVRUGHUV�� +RZHYHU�� DOO� 06� SDWLHQWV� UHSRUWHG� WR� KDYH� KDG�
FKDQJHV�LQ�WKHLU�RZQ�VSHHFK�GXH�WR�WKH�GLVHDVH�DQG�FODLPHG�WKDW�
WKH\�KDG�H[SHULHQFHG�RQH�RU�PRUH�RI�WKH�SUHYLRXVO\�GHVFULEHG�
V\PSWRPV� �VSHHFK� SURGXFWLRQ�� VSHHFK� SHUFHSWLRQ� DQG�
FRPSUHKHQVLRQ��DQG�RU�GLIILFXOWLHV�LQ�DUWLFXODWLRQ���

�����0DWHULDO�
7KH� VSHHFK� UHFRUGLQJV� DQDO\]HG� LQ� WKLV� VWXG\� ZHUH� SDUW� RI� D�
ORQJHU�VHVVLRQ�RI�UHFRUGLQJV��ZKLFK�FRQVLVWHG�RI�GLIIHUHQW�W\SHV�
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RI�WDVNV��7KLV�WDVN�ZDV�WKH�ODVW�RQH�ZKLFK�PLJKW�KDYH�IDFLOLWDWHG�
WKH�DUWLFXODWLRQ�RI�WKH�VSHDNHUV��EHFDXVH�WKHLU�VSHHFK�RUJDQV�KDG�
DOUHDG\�ZDUPHG�XS��2Q� WKH�RWKHU�KDQG�� WKLV�PLJKW�KDYH�WLUHG�
WKHP�D�OLWWOH��PDNLQJ�WKH�V\PSWRPV�RI�WKH�GLVHDVH�EHFRPH�PRUH�
WUDQVSDUHQW���
,Q� WKH� PDWHULDO�� YRLFHOHVV� SORVLYHV� >S�� W�� N@� RFFXUUHG� LQ� &9�
FOXVWHUV�EHIRUH�WKH�YRZHOV�>L���D���X�@��7KHVH�&9�FOXVWHUV�ZHUH�
SDUWV�RI�&9&9�QRQ�ZRUGV�LQ�ZKLFK�WKH�VHFRQG�&�ZDV�RQH�RI�
WKH�FRQVRQDQWV�>S��W��N@��DQG�WKH�VHFRQG�9�ZDV�>ܧ@��IRU�H[DPSOH��
>SD�Wܧ��NL�Sܧ��WX�N��1@ܧRQ�ZRUGV�RFFXUUHG�LQ�WKH�VDPH�VHQWHQFH�
LQ� D� ZD\� WKDW� WKH� H[DPLQHG� &9� FOXVWHUV� DSSHDUHG� LQ� D� PRUH�
HPSKDWLF�SRVLWLRQ���
3DUWLFLSDQWV� ZHUH� DVNHG� WR� UHDG� DORXG� WKH� VHQWHQFHV� VHYHUDO�
WLPHV�� (DFK� FRQVRQDQW� RFFXUUHG� ��� WLPHV� LQ� RQH� UHFRUGLQJ��
ZKLFK� PHDQV� WKDW� ���� SORVLYHV� IURP� HDFK� VSHDNHU� ZHUH�
DQDO\]HG����

�����0HWKRG�
0HDVXUHPHQWV� ZHUH� FDUULHG� RXW� E\� 3UDDW� ���� �%RHUVPD� 	�
:HHQLQN��������927�DQG�WKH�GXUDWLRQ�RI� WKH�V\OODEOHV�ZKLFK�
FRQWDLQHG�WKH�SORVLYHV�ZHUH�PHDVXUHG��V\OODEOHV�ZHUH�PHDVXUHG�
IURP� WKH�EXUVW� WR� WKH� HQG�RI� WKH�YRZHO��)LVFKHU�	�*REHUPDQ�
�������,I�WKHUH�ZHUH�WZR�RU�PRUH�EXUVWV�LQ�WKH�SURGXFWLRQ�RI�D�
FRQVRQDQW��927�ZDV�PHDVXUHG�IURP�WKH�ILUVW�EXUVW��,I��IRU�DQ\�
UHDVRQ�� WKH� EHJLQQLQJ� RI� WKH� EXUVW� ZDV� QRW� UHFRJQL]DEOH�� WKH�
H[DPSOH�ZDV�OHIW�RXW�IURP�WKH�GDWD���
7KHUH�DUH�GLIIHUHQW�ZD\V� IRU�PHDVXULQJ�927�LQ�WKH� OLWHUDWXUH�
EHFDXVH�UHVHDUFKHUV�GLVDJUHH�DERXW�WKH�HQG�SRLQW�RI�YRLFH�RQVHW�
WLPH��)RXU�GLIIHUHQW�PHWKRGV�FDQ�EH�XVHG�IRU�WKH�PHDVXUHPHQW�
RI�927��)UDQFLV�HW�DO��������� WKH�HQG�SRLQW�FDQ�FRLQFLGH�ZLWK�
WKH�RQVHW�RI�UHJXODU�YRLFLQJ��WKDW�RI�)���RU�)���RU�)���$FFRUGLQJ�
WR� DFRXVWLF� DQG�HOHFWUR�JORWWRJUDSKLF�PHDVXUHPHQWV�� WKH�PRVW�
³DFFXUDWH´�PHWKRG�RI�PHDVXULQJ�927�LV�EDVHG�RQ�WKH�RQVHW�RI�
UHJXODU�YRLFLQJ��7KXV��YRLFH�RQVHW� WLPH�ZDV�PHDVXUHG�LQ� WKLV�
VWXG\�DV�WKH�WLPH�VSDQ�EHWZHHQ�WKH�EHJLQQLQJ�RI�WKH�EXUVW�DQG�
WKH�DEVROXWH�RQVHW�RI�YRLFLQJ�DV�REVHUYHG�RQ�WKH�RVFLOORJUDP�DQG�
RQ�WKH�VSHFWURJUDP�LQ�SDUDOOHO��%HFNPDQ�HW�DO���������
$IWHU� WKDW� 927� UDWLR� LQ� WKH� V\OODEOHV� ZHUH� FDOFXODWHG� WR�
HOLPLQDWH� WKH� GLIIHUHQFHV� LQ� WKH� DUWLFXODWLRQ� UDWH� EHWZHHQ� WKH�
VSHDNHUV� �)LVFKHU� 	� *REHUPDQ� ������� 6WDQGDUG� GHYLDWLRQ� RI�
927�DQG�927�UDWLR�ZDV�FDOFXODWHG�LQ�HDFK�FRQVRQDQW�DQG�LQ�
HDFK�VSHDNHU��,Q�DGGLWLRQ��WKH�HIIHFWV�RI�WKH�TXDOLW\�RI�YRZHOV�RQ�
927�ZDV�DOVR�H[DPLQHG��
)LQDOO\��GDWD�ZHUH�FRPSDUHG�EHWZHHQ�WKH�WZR�JURXSV��6WDWLVWLFDO�
DQDO\VLV��8QLYDULDWH�*/0��ZDV�FDUULHG�RXW�ZLWK�6366�����7KH�
GHSHQGHQW� YDULDEOHV� ZHUH� 927� DQG� 927� UDWLR�� ZKLOH� WKH�
LQGHSHQGHQW�YDULDEOHV�ZHUH�WKH� FRQVRQDQW� W\SH�� WKH� IROORZLQJ�
YRZHO�� DQG� VSHDNHU� JURXS�� 7KH� UDQGRP� IDFWRU� ZDV� WKH�
LGHQWLILFDWLRQ�QXPEHU�RI�WKH�LQGLYLGXDO�VSHDNHUV���7KH�VWDQGDUG�
GHYLDWLRQV�� FDOFXODWHG� IRU� HDFK� VSHDNHU�� ZHUH� FRPSDUHG� ZLWK�
0DQQ±:KLWQH\�WHVW�GXH�WR�OLWWOH�GDWD�EHLQJ�DYDLODEOH�DQG�QRQ�
QRUPDO�GLVWULEXWLRQ��

�����5HOLDELOLW\�
����RI�WKH�UHFRUGLQJV��RI�RQH�SDWLHQW�DQG�RQH�FRQWURO�VSHDNHU��
ZHUH�UH�DQQRWDWHG�DQG�PHDVXUHG�E\�WKH�ILUVW�DXWKRU�WZR�ZHHNV�
DSDUW��5HVXOWV�ZHUH�FRQVLGHUHG�VLPLODU�LI�WKH�GLIIHUHQFH�ZDV�OHVV�
WKDQ�����LQ�927�DQG�LQ�WKH�GXUDWLRQ�RI�YRZHOV��5HVXOWV�RI�WKH�
WZR�PHDVXUHPHQWV�ZHUH�VLPLODU�LQ��������7KH�UHPDLQLQJ������
ZDV� FKHFNHG� IRU� D� WKLUG� WLPH�� DQG� WKH� PHDVXUHPHQWV� ZHUH�
FRUUHFWHG���

��� 5HVXOWV�
)LJXUH���VKRZV�WKH�UDZ�927�GDWD��06�SDWLHQWV�SURGXFHG�ORQJHU�
927V�WKDQ�FRQWUROV�LQ�WKH�FDVH�RI�DOO�WKUHH�FRQVRQDQWV��DOWKRXJK�

WKH� RYHUODS� ZDV� KLJK� EHWZHHQ� WKH� GDWD�� 0HDQ� YDOXHV� DQG�
VWDQGDUG�GHYLDWLRQV�RI�927�DUH�VKRZQ�LQ�7DEOH����$FFRUGLQJ�WR�
WKH� VWDWLVWLFDO� DQDO\VLV� �7DEOH� ���� WKHUH� ZHUH� VLJQLILFDQW�
GLIIHUHQFHV� LQ� 927V� RI� DOO� WKUHH� FRQVRQDQWV� EHWZHHQ� 06�
SDWLHQWV�DQG�FRQWUROV���
6WDQGDUG�GHYLDWLRQV�FDOFXODWHG�IRU�HDFK�VXEMHFW�ZHUH�KLJKHU�LQ�
06�SDWLHQWV��7KLV�PHDQV�WKDW�WKH\�SURGXFHG�WKH�SORVLYHV�ZLWK�
KLJKHU� YDULDELOLW\�� 6WDWLVWLFDO� DQDO\VLV� VKRZHG� VLJQLILFDQW�
GLIIHUHQFHV�EHWZHHQ�WKH�JURXSV�LQ�WKH�FDVH�RI�>S@�DQG�>W@��ZKLOH�
WKHUH�ZDV�QR�GLIIHUHQFH�LQ�WKH�FDVH�RI�>N@��>S@��=� �í�������S� �
�������>W@��=� �í�������S� ���������
9RZHOV�DIWHU�WKH�H[DPLQHG�&�KDG�DQ�HIIHFW�RQ�927V���)LJXUH����
�������7KH�ORQJHVW�927V�ZHUH�PHDVXUHG�EHIRUH�>L�@�LQ�WKH�FDVH�
RI�>W@�DV�ZHOO�DV�>N@��DQG�EHIRUH�>X�@� LQ�WKH�FDVH�RI�>S@� LQ�ERWK�
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�
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)LJXUH����7KH�UDZ�927�RI�>S@��

�

�
)LJXUH����7KH�UDZ�GDWD�RI�927�

�

�
)LJXUH����7KH�UDZ�GDWD�RI�927�

)LJXUH� �� VKRZV� 927� UDWLR� YDOXHV�� 927� UDWLR� ZDV�
VLJQLILFDQWO\�KLJKHU�LQ�SDWLHQWV�WKDQ�FRQWUROV�LQ�WKH�FDVH�RI�
>S@� DQG� >W@�� ,Q� WKH� FDVH� RI� >N@�� WKHUH� ZDV� QR� VLJQLILFDQW�
GLIIHUHQFH� EHWZHHQ� WKH� WZR� JURXSV� �7DEOH� ���� 6WDQGDUG�
GHYLDWLRQV�� FDOFXODWHG� IRU� HDFK� VXEMHFW�� DOVR� VKRZHG�
VLJQLILFDQW�GLIIHUHQFHV�EHWZHHQ�WKH�JURXSV�LQ�WKH�FDVH�RI�>S@�
DQG� >W@� �>S@��=� �í�������S� �������� >W@��=� �í�������S� �
���������

�
)LJXUH����927�UDWLR�LQ�WKH�WZR�JURXSV�

7DEOH�����5HVXOWV�RI�WKH�VWDWLVWLFDO�DQDO\VLV�FRPSDULQJ�
927�UDWLR�EHWZHHQ�WKH�JURXSV��VLJQLILFDQW�GLIIHUHQFHV��
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>S@� )��������� �������� ��������
>W@� )��������� �������� ��������
>N@� ±� ±�

��� 'LVFXVVLRQ�DQG�FRQFOXVLRQ�
,Q�WKLV�SDSHU��927�DQG�927�UDWLR�ZHUH�DQDO\]HG�LQ�06�SDWLHQWV�
DQG� FRQWUROV� LQ� +XQJDULDQ�� D� ODQJXDJH� LQ� ZKLFK� YRLFHOHVV�
SORVLYHV�DUH�XQDVSLUDWHG��,W�ZDV�K\SRWKHVL]HG�WKDW�WKHUH�ZRXOG�
EH� VLJQLILFDQW� GLIIHUHQFHV� EHWZHHQ� WKH� WZR� JURXSV� LQ� ERWK�
YDOXHV��
5HVXOWV�FRQILUPHG�WKH�K\SRWKHVHV��06�SDWLHQWV�RIWHQ�SURGXFHG�
WKH�SORVLYHV�DVSLUDWHG�DQG�ZLWK�VLJQLILFDQWO\� ORQJHU�927�WKDQ�
FRQWUROV��+RZHYHU�� VWDQGDUG�GHYLDWLRQ� RI� WKH�GDWD� VKRZV� WKDW�
WKHUH� ZHUH� VRPH� VSHDNHUV� DPRQJ� WKH� SDWLHQWV� ZKR� SURGXFHG�
927V� VLPLODU� WR� WKH� FRQWUROV�� ,Q� DGGLWLRQ�� GHSHQGLQJ� RQ� WKH�
IROORZLQJ�YRZHO��WKHUH�ZHUH�ORQJHU�927V�DOVR�LQ�WKH�SURGXFWLRQ�
RI� FRQWURO� VSHDNHUV�� 5DZ� 927� GDWD� LQ� WKH� FDVH� RI� DOO� WKUHH�
FRQVRQDQWV��DQG�927�UDWLR� LQ� WKH� FDVH�RI� >S@� DQG� >W@� VKRZHG�
VLJQLILFDQW�GLIIHUHQFHV�EHWZHHQ�WKH�JURXSV���
7KH�OHQJWKHQLQJ�RI�927�LQ�06�FDQ�EH�H[SODLQHG�E\�WKH�ZD\�
WKH\� DUH� DUWLFXODWHG� DQG� G\VDUWKULD�� :KHQ� D� SORVLYH� LV�
SURQRXQFHG��DLU� ILOOV� WKH�RUDO� FDYLW\�GXULQJ�WKH�FORVXUH�SKDVH��
DQG�LQWUDRUDO�DQG�VXSUDJORWWDO�SUHVVXUHV�LQFUHDVH��7KH�ELJJHU�WKH�
SUHVVXUH��WKH�PRUH�DEUXSW�WKH�EXUVW�EHFRPHV��$IWHU�WKH�EXUVW��WKH�
VSHHFK�RUJDQV�DUH�PRYHG�DZD\�IURP�HDFK�RWKHU�E\�WKH�UHOHYDQW�
PXVFOHV��2Q�WKH�RWKHU�KDQG��VLQFH�WKH�PDVV�DQG�VXUIDFH�RI�WKH�
WRQJXH� ERG\� LV� UHODWLYHO\� ODUJH�� HTXDOLVDWLRQ� RI� SUHVVXUH�
EHFRPHV� UHODWLYHO\� VORZ�� 7R� VWDUW� WKH� YRLFLQJ�� VXEJORWWDO�
SUHVVXUH�KDV�WR�EH�KLJKHU�WKDQ�WKH�SUHVVXUH�DERYH�WKH�YRFDO�FRUGV�
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�.HDWLQJ� HW� DO�� ������� 7KLV� PHDQV� WKDW� WKH� GXUDWLRQ� RI� YRLFH�
RQVHW� WLPH�LV�DIIHFWHG�E\� WKH�DPRXQW�RI� DLU� H[SHOOHG� IURP�WKH�
OXQJV��PXVFXODU�WHQVLRQ��WKH�VSHHG�RI�WRQJXH�PRYHPHQW��DQG�WKH�
HODVWLFLW\�RI�WKH�ZDOO�RI�RUDO�FDYLW\���
7KH� IDFW� WKDW� 927V� DUH� VLJQLILFDQWO\� ORQJHU� LQ�06�PLJKW� EH�
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KDQG�� WKHUH� LV� D� VLJQLILFDQW� GLIIHUHQFH� EHWZHHQ� SDWLHQWV� DQG�
FRQWUROV�LQ�WKH�927�UDWLR�RI�WZR�SORVLYHV��7KXV��LQGHSHQGHQWO\�
RI�DUWLFXODWLRQ�UDWH��927V�RI�06�SDWLHQWV�DUH�ORQJHU�WKDQ�WKRVH�
RI� FRQWUROV�� 7KLV� PLJKW� EH� H[SODLQHG� E\� WKH� IDFW� WKDW� WKH�
FRRUGLQDWLRQ� RI� WKH� ODU\Q[� DQG� RWKHU� VSHHFK� RUJDQV�� DQG� WKH�
WLPLQJ�RI�WKH�SURGXFWLRQ�SURFHVV��WRQJXH��OLSV��MDZ��DQG�ODU\Q[��
FDXVH�D�JUHDW�GHDO�RI�GLIILFXOW\�IRU�WKH�SDWLHQWV��
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VWXG\�ZDV� FDUULHG� RXW�ZLWK� UHODWLYHO\� IHZ� VXEMHFWV�� WKHUHIRUH��
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SORVLYHV��5HVXOWV�SURYLGH�QHZ�GHWDLOV�DERXW�WKH�GLIILFXOWLHV�06�
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Abstract
Anticipatory coarticulation has been reported to be affected by

word form frequency. However, it remains unclear whether fre-

quency effect also modulates carry-over (perseverative) coar-

ticulation. To investigate the interaction of word form frequency

effect and carry-over/anticipatory coarticulations, ultrasound

imaging was performed on the articulation of the vowel [a:] in

German verbs. Effects of coarticulation were induced by con-

trolling the verb’s suffixes and preceding pronouns. Contrary

to the standard tongue contour analysis, we analyzed whole ul-

trasound images using Generalized Additive Models. We found

more fronted tongue root, lower tongue body, and higher tongue

tip in low-frequency words. By contrast, high-frequency words

showed a more rounded tongue shape. This was reflected by the

middle part of the tongue to be higher and the tongue root more

retracted in high frequency words in comparison to low fre-

quency words. These findings indicate more optimized tongue

movements for higher frequency words.

Keywords: coarticulation, ultrasound, frequency, generalized
additive mixed models

1. Introduction
According to classical models of speech production such as
WEAVER++ (Roelofs 1997) or the spreading-activation model
(Dell 1986), morphologically complex words are built from dis-
crete sub-word units. This means that no representation of the
whole word plays a role. Accordingly, WEAVER++ predicts that
a lexical property such as whole word frequency should not co-
determine phonetic realizations of a word (see also Levelt and
Wheeldon 1994; Levelt, Roelofs, and Meyer 1999). Contrary
to this prediction, recent studies have reported word form fre-
quency effect on phonetic realizations (Gahl 2008; Pluymaek-
ers, Ernestus, and Baayen 2005; Tomaschek, Wieling, et al.
2013; Tomaschek, Arnold, et al. 2018).

More specifically, Tomaschek, Tucker, et al. (2018) in-
vestigated the articulation of the stem vowel [a:] in German
verbs. They found that word form frequency modulated the
u-shaped articulatory trajectory of the vowel. These modula-
tions reflected two articulatory constraints: one constraint fa-
voring smooth trajectories through anticipatory coarticulation
(Sosnik et al. 2004) and one favoring clear articulation by realiz-
ing lower minima (Lindblom 1990). The predominant pattern in
low-frequency words was the constraint of clarity. In medium-
frequency words, the smoothness constraint led to a raising of
the trajectory. In high-frequency words, both constraints were
observed, reflected by low minima and stronger coarticulation.

The study by Tomaschek, Tucker, et al. (2018) controlled
for the phonetic context following the stem vowel and its effects
of anticipatory coarticulation. However, the phonetic context

preceding the stem vowel was not controlled for, thus neglecting
carry-over effects (Öhman 1966; Song et al. 2013).

The present study closes this gap. It aims at examining
word form frequency effect on coarticulation patterns, taking
into anticipatory and carry-over coarticulations.

2. Methods
2.1. Recording

The material for the present study consisted of 126 German
verbs with the stem vowel [a:]. To control for coarticulation
effects, verbs were articulated in two pronoun conditions (‘sie’
[zi], ‘ihr’ [i:5]) and two suffix conditions. Verbs were mono-
syllabic when combined with the suffix [-t] and disyllabic when
combined with the suffix [-n]. As can be seen in Table 1, the
pronoun-by-suffix combinations created four conditions. 20
native German speakers were paid 10C for their participation
in this experiment. Recordings were performed in the sound
attenuated chamber at the University of Tübingen. Midsagit-
tal tongue images during articulating the target words were
recorded using ultrasound imaging (Articulate Assistant Ad-
vanced (AAA) (Articulate Instruments Ltd. 2012)). The trans-
ducer was placed under the chin and kept in place by means of
a headset.

Table 1: Four combinations of pronouns and suffixes with an ex-
ample verb malen ([ma:l(@)n] “paint”). Combinations between
the vowel in the pronoun and the suffix are created as tags for
the conditions (highlighted in bold).

Suffix

Pronoun [-t] [-n]

[-i:]
[-i:-a:-t] [-i:-a:-n]
sie malt sie malen

[zi: ma:lt] [zi: mal(@)n]

[-i5]
[-i5-a:-t] [-i5-a:-n]
ihr malt wir malen

[i5 ma:lt] [vi5 mal(@)n]

2.2. Preprocessing data

To normalize for different sizes of oral cavity among partici-
pants, ultrasound frames were cropped at the following bound-
aries (cf. Figure 1): (A) the border between the skin part on the
bottom and the mylo-/genio-hyoid muscles, (B) the right edge
of the hyoid shadow in the left side of images, (C) the max-
imum height of the tongue body during [k], and (D) the left
edge of the mandible shadow in the right side of images. These
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cropping-points were determined for each participant.

Figure 1: Cropping points with the mouth front to the right.

To reduce the size of the data and thus estimation time of
fitting statistical models, the recorded ultrasound images were
averaged pixel-wise across speakers for each pronoun-by-suffix
condition. In each recording, five frames were selected within
the stem vowel, so that they correspond roughly to T=0.00 (the
onset of the stem vowel), 0.25, 0.50, 0.75, and 1.00 (the offset
of the stem vowel). For each of these time points, the recorded
ultrasound images were averaged pixel by pixel across partici-
pants in each pronoun-suffix combination.

2.3. Statistical analysis

Typically, ultrasound images are analyzed by spline curves fit-
ted on tongue surface curves (Stone, Goldstein, and Zhang
1997; Davidson 2006; Dawson, Tiede, and Whalen 2016;
Noiray et al. 2019) This method provides detailed informa-
tion about tongue surface movements but misses considerable
amount of information from other parts in ultrasound images.

In order to make use of as much information as pos-
sible in ultrasound images, we propose a different analysis
method in the present study. We analyze the whole ultra-
sound image using Generalized Additive Mixed-effects Models
(GAMMs, Wood 2011). To this end, the “pyult” python pack-
age was developed (Saito 2020). The package provides func-
tions for preprocessing ultrasound images for fitting GAMMs
in an R environment. Source code and details are available in
https://github.com/msaito8623/pyult.

GAMMs can estimate non-linear relationships between a
dependent variable and one or multiple numeric predictors. As
the dependent variable in the present study, brightness values of
pixels were adopted. Pixels’ x- and y-coordinates were treated
as predictors, in addition to an interaction between pronoun-by-
suffix condition and frequency.

Individual models were fitted to the recorded ultrasound im-
ages at time steps T = 0.00 (the onset of the stem vowel), 0.25,
0.50, 0.75, 1.00 (the offset of the stem vowel).

2.4. Interpretation of GAMM Results

As explained above, we fitted the brightness values in the ultra-
sound images as a function of their x- and y-coordinates. Fig-
ure 2 demonstrates how ultrasound images are reflected in the
GAMM analysis. Figure 2a and b illustrate the shape of the
tongue surface in two pseudo-speakers. In Figure 2c, the av-
eraged ultrasound image, which is averaged across two pseudo
speakers, is presented. Note that the average picture is brighter
where the trajectories from the two pseudo-speakers overlap,
but dimmer where they diverge. The GAMM fit to the average
image is illustrated in Figure 2d by means of a colored surface
plot, where red color represents higher brightness, dark green
to navy represent lower brightness, and yellow to light green
represent middle brightness in the input ultrasound image.

(a) (b) (c) (d)

Figure 2: Example of how variance is reflected in GAMMs.
(a & b) Pseudo-speaker 1 & 2. (c) Average between the two
pseudo-speakers. (d) GAMM on (c). Red represents brighter
and dark green to navy darker pixels in the input ultrasound
image. Greater positional uncertainty results dimmer (green)
colors in the GAMM.

This example demonstrates that greater variance in tongue
position between speakers is reflected by less bright pixels in the
input ultrasound image (Figure 2c) and by wider and dimmer
green areas in the surfaces plot (Figure 2d). This means that red
in the surface plot represents low uncertainty about the tongue’s
position in the ultrasound image across speakers (and trials);
wider and dimmer regions in the surface plot represent higher
uncertainty about the tongue’s position.

In the next section, we first discuss the effects of the pro-
nouns and the suffixes on the tongue position, which we regard
as controls of phonetic context on the articulation of [a:]. Ul-
trasound images for each phonetic context are obtained keeping
the frequency value to its median. Then we present the effects
of word frequency. For the presentation, we binned word fre-
quency to high and low, which correspond to 90% and 10%
quantile points.

3. Results
3.1. Coarticulation with pronouns and suffixes

The fan-shaped surface plots in Figures 3a and 3b illustrate
the effects of carry-over coarticulation at the onset of the stem
vowel (T = 0) from the ending vowels of the pronouns, i.e. [-i:]
vs [-i5]. Figure 3c illustrates the difference.

(a) [-i:] (b) [-i5] (c) (a) - (b)

Figure 3: Effects of carry-over coarticulation from the vowels
(a) [-i:] and (b) [-i5] in the pronouns. (c) Difference between
the two conditions.

We observe warmer colors in the [-i:] condition and less
warmer colors in the [-i5] condition in the area of the tongue
body/root (highlighted by red circle). This is supported by the
difference plot (Figure 3c) that shows warmer colors in this re-
gion. Since the difference in brightness is in the same location
in both pronoun conditions, this indicates that the uncertainty
among speakers about the location of the tongue is higher in the
[-i5] condition than in the [-i:] condition (cf. Figure 2). In other
words, when the verb is preceded by ‘ihr’ [i5], there is more
variability in the tongue body/root at the onset of [a(:)] than
when the verb is preceded by ‘sie’ [zi:].

Figure 4 demonstrates the effects of anticipatory coarticu-
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lation of the suffixes [-t] and [-n] at the offset of stem vowels
(T=1.00).

(a) [-n] (b) [-t] (c) (a) - (b)

Figure 4: Effects of anticipatory coarticulation (a) [-n] and (b)
[-t] suffixes. (c) Difference between the two conditions.

We observe the warmer-colored region extending down-
ward in the [-t] condition (‘A’ in Figure 4b) than in the [-n]
condition (Figure 4a), supported by the strong difference in the
difference plot. By contrast, the tongue tip/blade region is fo-
cused towards the palate in the [-n] condition (‘C’ in Figure 4a).

The differences in the tongue tip/blade region are reflected
by differences in the tongue body/root region. The tongue
body/root region is less warmer in the [-t] condition (’B’) than
in the [-n] condition, indicating higher uncertainty about the
tongue’s location in the [-t] condition.

The differences between the conditions indicate that there
is a higher certainty that speakers placed their tongue tip at the
palate when anticipating upcoming [-n] than when anticipating
upcoming [-t]. This finding furthermore indicates that there is
a greater variability between speakers in the anticipation of [-t]
than in the anticipation of [-n].

3.2. Frequency effect

Among the time steps each of which a GAMM model was fitted
to, T=0.75 showed the most pronounced effect of the frequency
effect. Due to the lack of space, we focus on this time step in
the present paper.

Effects of word frequency are illustrated in Figure 5 with
the different pronoun-by-suffix conditions as different rows.
High and low frequencies are in the first and second columns.
Color coding is the same as in Figure 2.2. The third column
represents the differences between high and low frequency, ob-
tained by subtracting the estimates for low frequency from the
estimates for high frequency.

Cond. Freq:High Freq:Low Difference

[-i:-a:-t]

[-i:-a:-n]

[-i5-a:-t]

[-i5-a:-n]

Figure 5: Fitted ultrasound images at T=0.75.

In the difference plot, ‘A’ represents roughly the location of
the tongue middle, ‘B’ that of the tongue back, and ‘C’ that of

the tongue root. As can be seen, the regions ‘A’, ‘B’, ‘C’ appear
in warmer colors, indicating that the corresponding regions are
in warmer colors in high frequency than low frequency.

The regions ‘D’ and ‘E’ appear in darker colors, indicating
that the estimated images for high frequency words are darker in
these regions. These changes in brightness indicate systematic
differences in tongue position between high and low frequency
words, independent of the pronoun-by-suffix conditions.

Warmer colors in the regions ‘A’ and ‘B’ in images for high
frequency words indicate that the tongue middle to back tends to
be higher in high frequency words than in low frequency words.
The difference in height is also reflected by darker colors in the
difference plots at the region ‘D’. Furthermore, warmer colors
in the difference plots in the region ‘C’ indicate that the tongue
root was retracted in high frequency words and fronted in low
frequency words.

Finally, we observe darker colors in the region ‘E’. Darker
colors in the difference plots represent brighter pixels in the cor-
responding region in the estimated ultrasound images of low
than high frequency. Since the region ‘E’ is located roughly at
the tongue tip, the region ‘E’ is indicating the tongue tip tends
to be higher and closer to the palate in low frequency than in
high frequency.

Figure 6 highlights these differences between high and low
frequencies. For this, the first author recorded two tongue posi-
tions, one in resting position (6a) and the other when the tongue
tip was pushed forward (6b). As can be seen in Figure 6b,
the fronting movement of the tongue pulls the hyoid shadow
(the shadow in the left side of ultrasound images) also forward
(towards the right side of the images). The appearance of the
shadow is reflected by darker colors in the area of the tongue
back in Figure 6b, which is in turn mirrored by the correspond-
ing region with warmer colors in the difference plot (Figure 6c).
At the same time, the tongue tip is lifted slightly to be pushed
forward, which creates the dark region in the top right corner of
the difference plot (Figure 6c).

(a) (b) (c)

Figure 6: (a) Tongue in the resting position, (b) when fronted,
and (c) the difference between (a) and (b).

4. Discussion
The present study aimed at replicating and extending the find-
ings by Tomaschek, Tucker, et al. (2018), who investigated the
effect of word frequency on articulatory trajectories in [a:] stem
vowels in German verbs by means of electromagnetic articulog-
raphy. They reported greater clarity for low frequency words
and smoother tongue trajectories for high frequency words dur-
ing anticipatory coarticulation of [a:] with suffixes. The present
study used ultrasound to investigate the effect of word fre-
quency while controlling for carry-over and anticipatory coar-
ticulations.

The present study observed greater uncertainty about the
location of tongue back/root at the onset of the stem vowel for
the pronoun condition [-i5] than [-i:]. Furthermore, while an-
ticipatory coarticulation is observed in both suffix conditions
([-n] and [-t]), the tongue tip/blade positions were more vari-
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able when the upcoming suffix was [-t]. In line with the DIVA
model (Guenther 2016), these results indicate different degrees
of variability for an articulatory gesture ([a:]) depending on the
context. According to the DIVA model, articulatory movements
aim for targets defined by a higher-dimensional auditory and so-
matosensory maps. As a result of the experience with varying
context, these maps differ in the size of the potential target re-
gions. For example, while [t] allows different landing places
along the palate, it is highly restricted in its vertical position.
DIVA acknowledges that due to experience, sequences of mul-
tiple gestures can form a chunk, thus accounting for learning.

Accordingly, and in line with Tomaschek, Tucker, et al.
(2018), the present study observed systematically different
coarticulation strategies at the offset of the stem vowel in words
of high and low frequency. The study finds higher tongue tip,
lower tongue middle and back, in addition to fronted tongue
root in low frequency words as compared to high frequency
words (Figure 5). The shape of the tongue for low frequency
words is closer to the canonical articulation of alveolar phones,
in which the tongue tip is actively involved and raised to touch
the ceiling, attempting clearer articulation (Figure 7).

Typically, effects of frequency (and probability) are in-
terpreted as effects of informativity associated with reduction
(Aylett and Turk 2004; Jaeger 2010). Due to the complex pat-
tern of articulatory strategies, the present results do not support
only reduction in relation to higher frequency. Rather, we in-
terpreted these results in line with Tomaschek, Tucker, et al.
(2018) and Tomaschek, Arnold, et al. (2018). They indicate
that word frequency represents a measure of accumulated prac-
tice on a particular sequence of articulatory gestures, which is
reflected by smoother tongue trajectories while enabling faster
and more complex movements when necessary. In other words,
practice makes perfect.

Figure 7: Schematized comparison between tongue shapes in
low and high frequencies.
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Abstract
Does morphological structure affect articulation when segmen-
tal similarity is strictly controlled? To address this question, we
used electromagnetic articulography to study the articulatory
trajectories of tongue tip and tongue body during the articula-
tion of German words containing [a(:)] as stem vowels followed
by [t] that in roughly half of the words realized an inflectional
function. According to a generalized additive model fitted to
the articulatory trajectories of tongue body and tongue tip sen-
sors using electromagnetic articulography, a factorial predictor
signaling the presence or absence of an inflectional exponent
underperformed compared to a quantitative measure derived
from a Linear Discriminative Learning model. This quantita-
tive measure is based on the functional load of triphones, i.e.,
the extent to which a triphone contributes to the meaning of the
word. The relative functional load of the stem triphone (cen-
tered around [a(:)]) and the triphone pivoted on the [t] emerged
as a strong co-determinant of articulation. Importantly, words
with a balanced relative functional load (i.e., a value close to
zero) revealed optimized smooth co-articulation at tongue body
and tongue tip sensors. These results provide evidence for the
possibility that differences in the details of articulation straight-
forwardly reflect differences in meaning as captured by distri-
butional semantics.

Keywords: electromagnetic articulography, Linear discrimi-
native Learning, relative functional load, generalized additive
mixed models, optimized articulatory gestures

1. Introduction
The second syllables of the German inflected word geschafft
([g@+Saf+t] “did/made”, past participle) and the German de-
rived word Fachschaft ([fax+Saft] “(student) association”)
share the same segments, but the inflected word has a morpheme
boundary before the final dental obstruent that is absent in the
derived word. This study addresses the question of whether the
presence of this inflectional exponent has consequences for how
the syllable [Saft] is articulated.

According to the WEAVER++ model (Levelt and Wheel-
don 1994; Levelt, Roelofs, and Meyer 1999), the answer to this
question is a clear no, because articulation is driven by syllables.
The syllable [Saft] is retrieved from a mental syllabary, and as
this syllable is posited to be identical irrespective of whether
the final obstruent is a morphological exponent, the model pre-
dicts that, apart from prosodic factors such as prominence, ar-
ticulation should proceed in exactly the same way. However,
both acoustic (Plag, Homann, and Kunter 2017; Zimmermann

*The original title: “Semantic measures determining coarticulatory
movements of the tongue tip”.

2016; Seyfarth et al. 2018; Tucker, Sims, and Baayen 2019;
Tomaschek et al. 2019) and articulatory studies (Cho 2001; Lee,
Kim, and Cho 2019; Strycharczuk and Scobbie 2016; Song et
al. 2013) have reported different phonetic realization depending
on morphological structure.

In the present study, we addressed the potential conse-
quences for articulation of the presence of the German word-
final inflectional exponent (-t) while holding constant the seg-
ments in the syllable. We selected words such as geschafft and
Fachschaft, and used electromagnetic articulography to clarify
whether systematic differences exist in how the rimes of the
final syllables were articulated. In addition to predictors in-
cluded to control statistically for duration, stress, and frequency
of use, we included a predictor for relative functional load, a
novel measure that we introduce in the next section.

2. Relative functional load
When we consider words’ meanings from the perspective of dis-
tributional semantics, the function of the German word final -t
is remarkably different for inflected forms such as geschafft
and uninflected words such as Fachschaft. For inflected
words, the -t serves to position a word’s meaning properly in
semantic space with respect to tense, aspect, and number. By
contrast, the -t in Fachschaft has a general discriminatory
function similar to any other segment in the word. In order to
quantify this difference in functional load, we made use of Lin-
ear Discriminative Learning (LDL, Baayen et al. 2019). This
computational model implements direct mapping between high-
dimensional form vectors and high-dimensional semantic vec-
tors (word embeddings from distributional semantics).

The present study represents words by numeric vectors in-
dicating which triphones are present in a word’s form. For se-
mantic vectors, we explored two methods. The first method
simulates semantic vectors while at the same time building in
inflectional semantics. For example, the semantic vectors of
painted and bought are similar to each other, because they share
the inflectional function of the past tense. Since current im-
plementations of LDL do not provide means to implement se-
mantic similarity between stems, bought and purchased receive
nearly orthogonal semantic vectors. In order to assess the im-
portance of semantic similarity for stems, the present study also
made use of word2vec (Mikolov et al. 2013) to create semantic
vectors.

Accordingly, two LDL models were trained, one of which
was trained with simulated semantic vectors, and one of which
was trained with word2vec embeddings. The model architec-
ture is laid out in Figure 1. Triphones are linked with semantic
units, the weights on the connections from form to meaning are
shown in different colors, one for each of the triphones present
in the word band. For the triphone #ba, the red column vector
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Figure 1: LDL is a two layer network with a form layer with
triphones and a semantics layer. The functional load of a tri-
phone is defined as the correlation between the semantic vector
of the target word and the contribution that this triphone makes
to the semantic vector of the target word. This contribution is
the pertinent vector of the network’s weight matrix, e.g., for the
triphone #ba the red vector. ŝband: the predicted semantic
vector, sband: the gold standard semantic vector.

s#ba represents the contribution that this triphone makes to the
semantic vector ŝband. Assuming that ŝband is a good approx-
imation of sband, the functional load of #ba can be defined as
the correlation between s#ba and sband.

Since the focus of the present study is on the articulation of
the rime of words such as Fachschaft and geschafft, we
zoomed in on the functional loads of the triphone with the vowel
in its center, and the triphone to its right: [Saf] and [aft] for both
Fachschaft and geschafft. We refer to these two func-
tional loads as fs (which primarily gauges the functional load
of the stem) and fe (which primarily gauges the functional load
of the exponent, if present). Across different words, the vec-
tors of values of fs and fe (~fs and ~fe) are highly correlated. To
avoid adverse effects of collinearity, we calculated the relative
functional load, defined as fs �fe.

When the stem triphone (fs) and the transition triphone (fe)
are perfectly balanced with respect to their functional load, the
relative functional load is zero. When fs, which primarily cap-
tures the contribution of the stem, has a higher functional load
than fe, which represents the functional load of the exponent,
then the relative functional load becomes positive. On the other
hand, relative functional load becomes negative when the func-
tional load of the exponent triphone exceeds that of the stem.

We calculated two relative functional loads for each tri-
phone, one based on LDL simulated semantic vectors fsim,
and one using word2vec embeddings fword2vec. In what
follows, we investigate whether relative functional load co-
determines the articulation of the final rime of morphologically
simple and morphologically complex words.

3. Methods
3.1. Materials

Tongue movement data were extracted from the Karl Eber-
hards Corpus of spontaneously spoken southern German (KEC)

(Arnold and Tomaschek 2016). Tongue movements were
recorded with electromagnetic articulography (EMA, NDI
WAVE articulograph, sample rate 400 Hz). The present study
focuses on vertical and horizontal movements of the tongue
tip (“T.T.”) and the tongue body (“T.B.”) in the midsagittal
plane. The words in the present study all contained the sequence
[a(:)(C)t], where [(C)] represents a potential intervening conso-
nant. Words were tagged for whether an inflectional exponent
(-t) was present. The total number of word types considered in
the analyses was 98, of which 34 have a word final -t exponent.
The total number of audio tokens was 8757 , of which 2448
were inflected.

3.2. Analysis

Analyses were carried out with Generalized Additive Mixed-
effects Model (GAMM) (Wood 2006), a generalization of mul-
tiple regression that enables the analyst to study non-linear re-
lationships between a response variable and one or more (nu-
meric) predictors. The response variable was sensor position,
and a four-level factor F was used to obtain smooth functions
for position as a function of normalized time for each the four
combinations of dimension (horizontal vs vertical) and sensor
(T.B., T.T.). A second factor, henceforth Exponent, coded the
presence of an inflectional exponent. All factors were set up
using treatment dummy coding. Log-transformed frequency
of occurrence (based on the SdeWac corpus (Faaß and Eckart
2013)), the two relative functional load measures, and the dura-
tion of the syllable nucleus were included as covariates. Ran-
dom intercepts were included for speaker, for intervening seg-
ment (including a factor level specifying the absence of such a
segment), as well as for the segments preceding the vowel and
following the exponent.

4. Results
We first fitted a model to the sensor positions that included
Frequency and Exponent as predictors, leaving out the
measures of relative functional load. We then fitted two fur-
ther models in which Frequency and Exponent were re-
placed by one of the two measures of relative functional load
(fword2vec or fsim).

Model comparison indicated that the model with fsim
(AIC: 1128522, ML: 564386.4) outperformed the models
using either fword2vec (AIC: 1228344, ML: 614316.1) or
Frequency in combination with Exponent (AIC: 1228091,
ML: 614169.2). Importantly, the model with relative functional
load as predictor provided a more accurate fit to the data, while
requiring fewer parameters.

Figure 2 shows the estimated movement in the vertical di-
mension of the tongue tip as a function of normalized time, us-
ing the GAMM with fsim as measure of relative functional
load. In this contour plot, the X-axis represents normalized
time, and the Y-axis represents relative functional load. Col-
ors represent the height of the tongue tip, with warmer colors
denoting higher positions and colder colors coding lower po-
sitions. As can be seen in Figure 2, the tongue tip is steadily
moving upwards during the production of [a(:)], anticipating the
upcoming [t].

When fsim is close to zero, indicating that the functional
load of the vowel and exponent triphones are balanced, the ver-
tical trajectory of the tongue tip has very small gradient. For
larger positive or negative values of relative functional load, the
tongue tip starts out at increasingly lower positions while mov-
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Figure 2: Vertical tongue tip movements along time (x-axis) for
different values of relative functional load (y-axis). The vertical
dashed lines denote the offset of the vowel for words with a
complex nucleus (left) and with only the -t exponent following
the vowel (right).

ing upwards with increasingly steep gradients: The number of
contour lines crossed for fsim ⇡ 0 is 4, whereas for large neg-
ative or positive values, the number of contour lines crossed
increases up to 7.

The tongue tip reaches the highest position for relative func-
tional load value slightly bigger than fsim = 0, and here the
vertical distance traveled reaches its minimum. This suggests
that articulation is optimal, in the sense of requiring least ef-
fort, at values of fsim that are slightly favoring the functional
load of the stem vowel triphone. Interestingly, the median rel-
ative functional load is 0.165, which is close to the ‘ridge’ of
highest positions across time (the blue line in Figure 2). This
suggests that the tongue tip moves least in the vertical direc-
tion for words with the most commonly encountered values of
relative functional load.

If indeed the ‘ridge’ trajectory around fsim = 0.165 re-
flects optimization of articulatory effort, the question arises of
whether the tongue body shows similar optimization. Further-
more, does this optimization take place not only in the verti-
cal but also in the horizontal dimension? Interestingly, and un-
surprisingly as tongue tip and tongue body are tightly coupled,
joint optimization receives support from a further analysis in
which we examined the movements of the sensors in the mid-
saggital plane (Figure 3). Curves are shown relative to their
initial position at the onset of the vowel. As a consequence, the
trajectories of the two sensors always start at the origin. If two
curves have completely parallel trajectories, after being shifted
to start at the origin, they will show up with completely over-
lapping curves. Thus, the larger the differences between the
two curves in Figure 3, the less synchronized and parallel the
articulatory trajectories of the two sensors are in the midsaggi-
tal plane.

Figure 3 presents sensor trajectories for selected values of
relative functional load. The red curves represent the tongue
body, and the blue-green curves those of the tongue tip. Deeper
shades of blue-green and red indicate later points in normalized
time. In the leftmost panel, the tongue body sensor starts out
at a low, moves back slightly, and then moves up. The tongue
tip also starts low, and moves up with very little displacement
along the horizontal axis. As relative functional load increases,
from left to right in Figure 3, the final horizontal position of
the tongue body sensor moves further towards the front. At the

same time, it is lowered. For the tongue tip, final vertical posi-
tions first decrease and then increase again. A similar pattern is
present for the lowest vertical position reached.

Importantly, as relative functional load is increased, the
two articulatory trajectories first move closer together, and then
move further apart again. Apparently, when relative functional
load is close to 0.1, the tongue body and tongue tip trajecto-
ries are most similar and most strongly coordinated. For each
relative functional load value, we quantified the amount of syn-
chronization of the tongue tip and tongue body sensor using the
mean Euclidean distances between tongue tip and body trajec-
tories. The closest, and hence most synchronized, trajectories
of the tongue tip and body were found for a relative functional
load equal to 0.142 (indicated by the horizontal red line in Fig-
ure 2). This is close to the value of relative functional load
for which we observe the ridge with maximal vertical tongue
positions in Figure 2. In other words, for a relative functional
load that slightly favors the stem triphone, we observe minimal
displacement of the tongue tip sensor in combination with the
tightest synchronization with the tongue body sensor.

Figure 3: Tongue tip/body positions relative to their initial posi-
tions at the onset of [a(:)]. At t = 0, both curves start out at the
origin, darker shades of color indicate later points in time. The
more similar the two curves are, the more strongly coordinated
and parallel in the midsaggital plane the articulatory trajectories
of the tongue tip and tongue body sensors are.

5. Discussion
In this study, we addressed the question of whether words in
which the final [t] realizes an inflectional function are articu-
lated differently from matched controls in which the final [t]
does not realize an inflectional function. We documented that
a generalized additive mixed model with word frequency and
morphological status as predictors did not provide as accurate
a fit as a simpler model with relative functional load as covari-
ate. Unsurprisingly, mean relative functional load is smaller
for words realizing the inflectional exponent (0.067) compared
to the non-inflected controls (0.218, t(46.333) = 2.423, p =
0.019). The lower relative functional load for the inflected
words indicates that the contribution of the triphone of the ex-
ponent to the meaning of the word is somewhat larger for in-
flected words compared to uninflected controls. It is noteworthy
that on average, even for inflected words, the functional load of
the triphone of the exponent is slightly above zero. Since inflec-
tion typically modifies the syntactic positioning of the baseword
without really changing its meaning, the generally somewhat
stronger functional load of the stem triphone makes sense.
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The finding that, given relative functional load, a factorial
predictor for morphological status is no longer required to pre-
dict tongue position, suggests that the theoretical construct of
a “morpheme boundary” is not useful, just as the theoretical
construct of the “morpheme” is highly problematic (Blevins
2016). More generally, theories in psychology that build on
morphological units such as stems and exponent, such as the
WEAVER++ model (Levelt, Roelofs, and Meyer 1999), are chal-
lenged by the finding that low-level sublexical units such as tri-
phones and their contributions to words’ semantics are actually
driving the fine details of articulation.

The importance of the frequency of occurrence of com-
plex words for speech production is unresolved (contrast, for
instance, Levelt, Roelofs, and Meyer (1999) and Janssen, Bi,
and Caramazza (2008)). For the present data, frequency was
predictive for tongue sensor position in the model from which
relative functional load was withheld as predictor. Furthermore,
if frequency is added to the model building on relative func-
tional load, then it does help improve model fit. However, the
improvement of the Maximum Likelihood score and the AIC
score by the addition of frequency as predictor was consid-
erably smaller than the improvement offered by relative func-
tional load. When predictors are compared with respect to their
variable importance using Random Forests, we also observe a
much smaller importance of frequency (4.226), compared to
relative functional load (14.916). The strong effect of relative
functional load suggests it may be profitable to revisit chrono-
metric experiments and to clarify whether there too frequency
is outperformed by relative functional load.

Our analyses also revealed that tongue tip and tongue body
trajectories were synchronized the most tightly, and moving up-
ward with the smallest gradient, for words with a relative func-
tional load close to the median functional load. To understand
why this pattern may be present in our data, we note that in-
flected words have to strike a balance between staying faithful
to the meaning of the base word, while at the same time clari-
fying the syntactic role of the inflected word. When these two
functional constraints are in equilibrium, articulatory trajecto-
ries are optimized in such a way that movements are as smooth,
and possibly as efficient as possible. The further away a word is
from this equilibrium, the greater the gradient of the articulatory
trajectory becomes, and the less tongue tip and tongue body are
synchronized. If this interpretation is on the right track, we are
seeing the articulatory consequences of functional markedness.
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Abstract

In this paper we look at the temporal coordination of acoustic
and respiratory events when listening and speaking. We first
look at 4 German female speakers individually and then test
our observations on 14 speakers. Apart from general observa-
tions on different timing between listening and speaking (fewer
breath cycles and longer inhalations when listening) it is found
that when speaking, rib cage breathing (in relation to abdomen)
tends to happen a bit earlier as compared to listening but there
is high individuality. Further, there seems to be a link between
the onset of audible inhalation and both the rib cage and the
abdomen expanding. Audible inhalations are sandwiched be-
tween two short edges on each side. When either of them is
lengthened, the other one remains relatively short.

Keywords: speech respiration, speech pauses, breath noises,
respiratory inductance plethysmography

1. Introduction

Breath noises in speech communication can usually be observed
during articulatory activity but not when speakers let their ar-
ticulation rest, for instance when they are listening (Trouvain,
Werner, and Möbius 2020).

The presence of audible breath noises is so prevalent in
speech breathing that it can even make synthetic speech be per-
ceived as more natural (Whalen, Hoequist, and Sheffert 1995).
The question is why inhalation is made audible only in active
(or planned) articulation in comparison to listening even though
respiration is permanently at work. This question can only be
addressed by an analysis of acoustic and physiological (res-
piratory) data. Thus, the aim of this exploratory study is to
look more closely at breathing and the interplay between syn-
chronously recorded acoustic and kinematic respiratory signals.

Respiration during speech and rest differs in various ways.
Breathing cycles during speech are characterized by a short,
rapid inhalation and a long, slow exhalation, giving the breath-
ing profile a sawtooth shape. Breathing cycles during rest, lis-
tening or inner speech follow a more symmetric shape with only
slightly shorter inhalations than exhalations (cf. Conrad and
Schönle 1979). The short and deep inhalations during speech
frequently coincide with audible noise. The audible noise can
be generated by any constriction in the vocal tract resulting from
a specific coordination of the respiratory system with the glottis,
the velum, the tongue, and the lips .

In speech breathing, audible inhalations are often sur-
rounded by edges, i.e., short silent stretches between the in-

The succession of first and second author was changed in the time
between the conference and submission of this paper.

spiration and the preceding or following articulation (Fukuda,
Ichikawa, and Nishimura 2018).

The current work aims to investigate the temporal prop-
erties of breathing, especially inhalation noise, using acoustic
and respiratory data. In particular, we compare general aspects
of breathing when listening and when speaking. For speech
breathing, we further examine the interplay between inhala-
tion noises and articulation and how they are temporally aligned
with expansions of the abdomen and the rib cage.

In a first exploratory step, we had a closer look at 4 speakers
and their respiratory behavior, observed a pattern that can be
seen in Fig. 1 and modelled the findings in Fig. 2.

In the final part, we try to check this general observation
with speech data featuring synchronously recorded acoustic and
kinematic (respiratory) signals from 14 speakers (including the
other 4).

2. Methods

This exploratory study builds on German material originally
elicited for a different study (Rochet-Capellan and Fuchs 2013).
All participants analyzed here were female and engaged in
two tasks: listening to a fable (LN) and re-telling this fable
(SN). Along with the audio, kinematic data were also collected
via Respiratory Inductance Plethysmography (RIP): one elastic
band was placed at the level of the axilla to measure movement
of the rib cage (RC) and the other one at the level of the um-
bilicus to measure movement of the abdomen (AB). By that,
compression and expansion of AB and RC during in- and ex-
halation can be monitored. Participants were told to stand still
during the experiments to avoid the RIP signal picking up arm
movement.

In post-processing, the RIP signal was transformed into on-
and offsets of in- and exhalations resulting in time-aligned an-
notation for these events split into phases of inhalation and ex-
halation. Inhalation onsets were detected automatically at 10%
of the velocity peak, while offsets were detected at 90%. The
remaining stretch from the end of inhalation to the start of the
next inhalation is regarded as exhalation and thus potentially
includes phases of breath holding.

We further annotated audible inhalation noises from the
speech signal to relate them to the on- and offsets of articula-
tion, AB, and RC. It is important to note that by articulation
here we refer to the acoustic result of speech production, which
is therefore based solely on the audio signal. Since it is not pos-
sible to reliably annotate breath noises in LN (due to less loud
breathing and masking from the fable being played), analysis of
audible breath noises is only done in SN, whereas the analysis
of LN is fully based on kinematic data.
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The dataset used here includes 108 corresponding files (54
LN, 54 SN) from 14 participants. Analyses are based on the du-
ration and coordination of these intervals as annotated in Praat
TextGrids (Boersma and Weenink 2019).

3. Preliminary analysis

3.1. Inhalation in listening vs. in speaking

A first comparison between the kinematic respiration patterns
of both tasks (for an illustration of a sample see Fig. 3) reveals
that subjects have shorter and more variable breath cycles (in-
halation phase plus following exhalation phase) in LN than in
SN. Consequently, there are more breath cycles per minute in
LN than in SN (see Table 1).

Table 1: Overview of the respiratory time quotient (RTQ) for
abdomen (AB) and rib cage (RC), mean durations of breath cy-
cles, and number of mean breath cycles per minute while speak-
ing and listening

speaking listening

RTQ AB: mean (sd) 0.18 (0.41) 0.59 (0.90)
duration of AB breath cycle 5.45 (2.79) 3.68 (1.37)
AB breath cycles per minute 11.0 16.3
RTQ RC: mean (sd) 0.16 (0.13) 0.61 (0.72)
duration of RC breath cycle 5.26 (2.47) 3.67 (1.37)
RC breath cycles per minute 11.4 16.3

In addition, the duration of the inhalation phase is substan-
tially longer in LN (as opposed to SN) while the exhalation
phase in SN is much longer and more variable in its duration.
This can be seen in Table 1 where the respiratory time quotient
(RTQ; duration of inhalation divided by duration of exhalation),
as proposed by (Conrad and Schönle 1979), is much lower in
SN than in LN, reflecting the less symmetric respiratory behav-
ior there. The high standard deviation of AB in speaking is
partly caused by two RTQs that are around 1.2, created by a
very short speaking phase between 2 exhalations. Thus, in both
conditions exhalations are generally longer than inhalations but
in speech breathing, the imbalance is much stronger. Addition-
ally, the duration of a breath cycle is shorter in listening.

As expected, only few breath noises in LN were observable
(in the phases before and after the playback of the tale to be lis-
tened to; during the playback an observation was not possible).
The few instances of breath noises in LN were very soft com-
pared to those in SN. In addition, in SN all inhalation phases
were acoustically reflected by a salient breath noise.

3.2. Edges

A typical acoustic feature of an inbreath noise is that it is
sandwiched between short intervals of silence. These "edges"
(Fukuda, Ichikawa, and Nishimura 2018; Trouvain, Werner, and
Möbius 2020) to the left and right of the breath noise typically
have an average duration of 50 ms, whereas the breath noises
themselves have a duration between 200 and 500 ms (Trouvain,
Werner, and Möbius 2020). Thus, we aimed to find a link be-
tween the timing of the "edges" in the acoustic signal and the
respiratory activities of RC and/or AB in the inhalation phase in
breath pauses in speech.

3.3. Timing of AB and RC activities

Interestingly, several speakers shifted their AB phase in relation
to RC to an earlier time point when speaking (as compared to

Figure 1: The temporal alignment of articulation phases, in-
halation noises and AB and RC in an inhalation phase between
two articulation phases in a speech signal (left, for numbers see
text, speaker S04).

Figure 2: A schematic view of the temporal alignment of artic-
ulation phases (ART) and the abdominal activity (AB) and the
rib cage activity (RC) in an inhalation phase (INHN) in speech.

listening) as illustrated schematically in Fig. 2.
When inspecting the temporal structure of the acoustic sig-

nal (articulation phases and inhalation noises) together with the
kinematic signal (RC and AB) the following pattern was ob-
served for two of the four speakers (as illustrated in Fig. 1):
The end of articulation in the acoustic signal [1] seems to be
aligned with the start of AB [7], whereas the start of an articu-
lation phase [2] seems to be aligned with the end of RC [6]. In
contrast, the start of the inhalation noise [3] seems to be syn-
chronous with the start of RC [5] whereas the end of the inhala-
tion noise [4] and the end of AB [8] seem to be synchronized.

Figure 3: Exhalation (light grey) and inhalation phases (black)
in two 30-sec excerpts from the inspected kinematic data of one
speaker in both conditions (top: LN, bottom: SN).

4. Advanced analysis

To test the observed patterns described in the previous section,
the following questions will be addressed:

(1) Are AB & RC of similar length?
(2) Does AB inhalation start earlier than RC inhalation?
(3) Does AB inhalation generally begin when the preced-

ing articulation ends? Does RC inhalation generally end
when the following articulation starts?

(4) Is inhalation only audible when both AB & RC are syn-
chronously inhaling, i.e., from when the later contributor
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Figure 4: Differences between durations and start/end times of
inhalation in the two conditions. Boxes 1 & 2 show differences
between duration of AB minus duration of RC (�dur), boxes
3 & 4 show differences between starting times of AB minus RC
(�start), and boxes 5 & 6 show differences between end times of
AB minus RC (�end). Positive values thus show a longer/later
AB, while negative values indicate a longer/later RC.

(presumably RC) starts to when the earlier contributor
(presumably AB) ends?

(5) How do the durations of the edges left and right of in-
halation noises relate to each other?

To test observations (1) to (4), for every inhalation noise in
speaking we calculated the difference between the respective
events. The values for LN are based on kinematics while lis-
tening. The results can be seen in Fig. 4 and 5 showing the
difference of the respective subtraction.

4.1. Durations of AB and RC

For observation (1) we used the duration values of AB and RC.
In Fig. 4, �dur shows that RC generally tends to be slightly
longer than AB in both SN and LN. For LN, it is less clear with
more variance (probably coming from longer total durations)
and values closer to 0.

4.2. Start and end of AB inhalation relative to RC inhala-

tion

�start and �end from Fig. 4 show results for (2): to see if AB
was typically earlier than RC we compared the start and end
times of both. While the start times show a difference that is
close to 0 with a tendency towards RC being later for SN and
the opposite for LN, the difference is clearer when looking at
the end times: here RC is later than AB for SN but for LN the
results are close to 0 with little variance. For SN, the differ-
ence between �start and �end can be explained by �dur that
showed RC being longer.

Further inspection of the SN data revealed that the pattern
illustrated in Fig. 2 with start of AB first, RC second is valid
for 6 out of the 14 speakers, whereas 3 show the exact opposite
pattern. The remaining 5 speakers had no clear tendency.

Fig. 2 also includes the pattern that AB ends before RC
ends. 10 speakers follow this pattern. Among the 4 with the
opposite behaviour here were also the 3 ’outliers’ with the op-
posite starting pattern.

Figure 5: Differences between starting times (start) and end
times (end) of inhalation noises, acoustic articulation, AB
breathing, and RC breathing. In ’startABRC’ the value is taken
from the one starting later and in ’endABRC’ from the one end-
ing earlier to have both synchronously inhaling.

4.3. AB and RC inhalations relative to the articulation

Observation (3) is addressed in the boxes 1 and 2 of Fig. 5:
Concerning the start of AB and the end of the preceding artic-
ulation, the inhalation in AB starts a little later than the end of
the articulation, leading to a short gap here. For the end of RC
and the beginning of the preceding articulation, the difference
is less clear with the box being at 0 but with a positive median,
suggesting a slightly smaller gap than for end of articulation and
start of AB.

4.4. AB and RC inhalations relative to the inhalation noise

Observation (4) is about inhalations only being audible when
both AB & RC are expanding. To test this we looked at two
time points: First, the difference between the onset of audible
inhalation and the begin of inhalation in AB or RC (whichever
started later to ensure both were expanding; Fig. 5, box 3); sec-
ond, the difference between the offset of audible inhalation and
the end of AB or RC (whichever ended earlier; Fig. 5, box 4).
The results of both subtractions are very close to 0 with little
variance, suggesting that there is only a very small gap between
those events happening.

This suggests that there is a link between both AB and RC
being synchronously active and an audible breath noise being
produced even though AB and RC are displaced slightly, with
RC being later than AB.

4.5. Timing of edges

As concerns the edges surrounding a breath noise (5), it can be
seen in Fig. 6 that they have a similar duration on both sides,
with a slight tendency for longer edges following an inhalation.
The mean duration for a left edge is 116 ms (sd: 107 ms) and
160 ms (sd: 164 ms) for a right edge.

Most inhalation noises (79%) are accompanied by edges
that are shorter than 250 ms both left and right. Only 7% have
one or two edges that are longer than 500 ms. There are hardly
any combinations of both edges being long, meaning that an
inhalation noise is typically not surrounded by two longer silent
phases. For all except 4 cases, at least one edge always remains
shorter than 250 ms. As a consequence, the inhalation noises
here are only central when both edges are short – otherwise,
one edge is longer.
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Figure 6: Corresponding sections of silence (edges) left and
right of an audible inhalation noise.

5. Discussion

We worked with a coupled approach of observing patterns in
the data and then trying to test them by looking at the respective
times in the data. While this shows general tendencies, there
are different strategies at work here, especially for the cooar-
dination of AB and RC. This high degree of individuality was
also observed for prephonatory chest wall posturing by (Hixon
et al. 1988).

When comparing the relation of breathing and articulation,
we compared kinematic data for breathing and the speech signal
for articulation. The gaps we found there might thus be due to
a delay between articulatory and acoustic onset (Rasskazova,
Mooshammer, and Fuchs 2019).

As concerns acoustic and kinematic inhalation, it appears
to be the case that the acoustic inhalation is closely coupled
to breathing, happening synchronously at both abdomen and rib
cage. This study cannot answer why that is and it should further
be studied if that also applies to speakers with a clear preference
for either AB or RC.

The edges we found here are partly longer than the ones
found in previous studies (Fukuda, Ichikawa, and Nishimura
2018, e.g.), with some of them even exceeding a duration of
1 s. The reason for this is that we defined edges to be the time
between preceding articulation and inhalation noise (left edge)
and inhalation noise and following articulation (right edge).
This thus includes potential hesitations that are not as clearly
attributable to motor control reasons as edges of 20 ms length.
However, since it is not clear where the boundary between an
edge in a narrow sense and a hesitation following inhalation lies,
we decided to include them.

6. Conclusion and Outlook

In summary, it has been shown that when retelling a fable as
compared to listening to it, participants have fewer breath cycles
which in turn are longer but also more variable in their duration.
When listening, the ratio of duration of inhalation to duration of
exhalation is about 6:10, whereas in speaking it is less than 2:10.

As expected, both articulatory phases and inhalation noises
seem to be closely coupled to the activity of RC and AB, which
often leads to short near-silent gaps around the inhalation noise.
It appears to be the case that an audible inhalation noise is only
generated when both AB & RC are expanding at the same time.

Finally, it has been shown that the edges left and right of
the breath noise are generally short and have a similar duration
(both edges are <250 ms in about 80% of the cases). When
one of them is longer, the other typically remains relatively
short, meaning that the inhalation noise in the speaking con-
dition is only central when neither of the edges is long. This
aspect should be investigated in a different experimental setting
where the cognitive load is higher and/or the elicited speech
is more spontaneous as opposed to pseudo-spontaneous data in
our study. The question as to why edges of silence can be found
on both sides of an audible inhalation noise remains open. It
may be related to motor control when switching from exhaling
(i.e., speech) to inhaling and vice versa. This should also be
looked at in speakers who show a clear preference for either
abdominal or thoracical breathing. The findings reported here
are all based on younger, female participants who were standing
during the experiment. It would be worthwhile to verify them
by using a more diverse group of participants and a different ex-
perimental setup, as breathing movements can vary by age, sex,
and posture (Kaneko and Horie 2012).

Furthermore, breath noises were only regarded as either
present or absent in our study, but a closer look at their spec-
tral properties may yield important insights.

7. Acknowledgements

This research was funded in part by the Deutsche Forschungs-
gemeinschaft (DFG, German Research Foundation) - Project-
ID MO 597/10-1.

We would like to give special thanks to Amélie Rochet-
Capellan for giving us access to the data. We also thank the
anonymous reviewers as well as the poster visitors at the con-
ference for their valuable feedback.

8. References

Boersma, Paul and David Weenink (2019). Praat: doing phonetics by
computer. URL: http://www.praat.org/.

Conrad, B and P Schönle (1979). “Speech and respiration”. In: Archiv
für Psychiatrie und Nervenkrankheiten 226.4, pp. 251–268.

Fukuda, Takashi, Osamu Ichikawa, and Masafumi Nishimura (2018).
“Detecting breathing sounds in realistic Japanese telephone con-
versations and its application to automatic speech recognition”. In:
Speech Comm. 98, pp. 95–103.

Hixon, Thomas J., Peter J. Watson, Frances P. Harris, and Nancy B.
Pearl (1988). “Relative volume changes of the rib cage and ab-
domen during prephonatory chest wall posturing”. In: J. Voice 2.1,
pp. 13–19.

Kaneko, Hideo and Jun Horie (2012). “Breathing movements of the
chest and abdominal wall in healthy subjects”. In: Respir. Care
57.9, pp. 1442–1451.

Rasskazova, Oksana, Christine Mooshammer, and Susanne Fuchs
(2019). “Temporal coordination of articulatory and respiratory
events prior to speech initiation”. In: INTERSPEECH 2019,
pp. 884–888.

Rochet-Capellan, Amélie and Susanne Fuchs (2013). “Changes in
breathing while listening to read speech: the effect of reader and
speech mode”. In: Frontiers in Psychology 4, p. 906.

Trouvain, Jürgen, Raphael Werner, and Bernd Möbius (2020). “An
acoustic analysis of inbreath noises in read and spontaneous
speech”. In: Proceedings of Speech Prosody, Tokyo, pp. 789–793.

Whalen, Doug H., Charles E. Hoequist, and Sonya M. Sheffert (1995).
“The effects of breath sounds on the perception of synthetic
speech”. In: J. Acoust. Soc. Am. 97.5, pp. 3147–3153.

Werner et al. #222

– 217 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Breathing affects reaction time in simple and delayed naming tasks

Alina Zöllner1, Christine Mooshammer1, Oksana Rasskazova1,2 and Susanne Fuchs2

1Institut für deutsche Sprache und Linguistik, Humboldt-Universität zu Berlin, Berlin, Germany
2Leibniz-ZAS, Berlin, Germany

a.zoellner@outlook.de, christine.mooshammer@hu-berlin.de

oxanarass@gmail.com, fuchs@leibniz-zas.de

Abstract
In this study we investigate whether and how breathing patterns
affect acoustically measured reaction time. Based on Stern-
berg’s seminal experiment (Sternberg, Monsell, et al. 1978) and
our pilot study (Mooshammer et al. 2019), 21 native speakers
of German were recorded acoustically and by means of induc-
tive plethysmography uttering number sequences that were con-
trolled for length, initial segment and word order. Furthermore,
a simple naming condition was compared to a delayed naming
experiment for which we assumed that the speakers can control
their breathing behavior before the trigger signal. On average
reaction time was 94 ms (delayed naming) or 78 ms (simple
naming) longer if the stimulus trigger occurred prior or dur-
ing the inhalation phase. The results indicate that breathing is
an integral part of speech planning during initiation and leads
to substantial delays in the speech onset. It also suggests that
parts of the large variability found in reaction time experiments
can be explained by the observed breathing patterns.

Keywords: speech production, respiration, reaction time, sim-
ple and delayed naming

1. Introduction
In psycholinguistic research reaction time has often been uti-
lized as a measure for incremental speech planning of differ-
ent linguistic stages (e.g. Levelt 1992). However, physiological
and phonetic factors that may interact with the representational
level, have been rarely investigated.

The aim of this study is to investigate whether and how res-
piratory activity affects the planning time during a simple and a
delayed naming experiment. Evidence for the role of respiration
in speech planning has been found from pre-speech phases and
inter-speech pauses in read speech (e.g. Rasskazova, Moosham-
mer, and Fuchs 2018; Izdebski and Shipp 1978). For example,
prior to speech, speakers inhale deeper for longer utterances
(Winkworth et al. 1994; Huber 2008; Fuchs et al. 2013). Reac-
tion time is also affected by the state of the glottis (i.e., longer
for abducted vocal folds) and the air volume in the lungs (short-
est for a medium volume) (Izdebski and Shipp 1978). In our
own pilot experiment (Mooshammer et al. 2019), we adapted
Sternberg and colleagues (Sternberg, Monsell, et al. 1978) sem-
inal work to German. In their delayed naming experiment four
female speakers were presented with sequences of 1-5 digits in
ascending order and were instructed to utter the list as soon as
possible. Sternberg, Monsell, et al. (1978) found that planning
time, i.e. the time before starting to speak, increased linearly
with the number of digits which was interpreted as an effect of
locating, unpacking and activating of a larger number of sub-
programs. Furthermore, they assumed that a more deeply or

longer inhalation phase prior to speech could have caused the
increased reaction time for longer lists. In a footnote they men-
tioned additionally, that the increase in time, which occurs even
with a shallow inhalation, could have a relatively large influence
on the latency distribution (see Sternberg, Wright, et al. 1980).

This assumption was tested in a pilot experiment
(Mooshammer et al. 2019) in which nine native speakers of
German were recorded acoustically and by means of inductance
plethysmography. We could replicate Sternberg’s effect of word
length. Furthermore we found that in 72% percent of all trials
the beep occurred during or before the inhalation phase. The
longest planning time was found if the beep occurred before the
speakers initiated inhalation (x = 600 ms), it was shorter if it
was during inhalation (x = 510 ms) and shortest during exha-
lation (x = 450 ms). Overall, reaction time was 80 ms longer
on average if the stimulus trigger occurred prior or during the
inhalation phase.

The results from our pilot give evidence that the planning
time is strongly affected by the respiratory phase during which
the trigger signal occurs. Speakers seem to have a significantly
shorter reaction time in the exhalation phase than in the inhala-
tion phase. Thus, when the reaction signal appears during the
inhalation phase, they may complete their inhalation before they
begin speaking. At the same time, the particularly long reaction
times at the end of the exhalation, prior to the next inhalation
(<I), indicate that the speakers may not have enough air in their
lungs to articulate the upcoming sequence. Thus the timing of
the trigger required a new inhalation which increased reaction
times.

In the current study we increased the number of subjects
to 21 and included two new conditions: additional to ascend-
ing numbers we added random number sequences (e.g. 7253).
We expect planning of random sequences to take longer. Fur-
thermore, the simple naming condition was compared to a de-
layed naming experiment for which we assumed that the speak-
ers can control their breathing behavior before the trigger signal.
This may reveal other strategies for coordinating breathing and
speech planning.

2. Methods
21 native speakers of German (10 f, 11 m), aged between 21
and 33 years, were recorded at 16 kHz with inductance plethys-
mography (Respitrace), simultaneously with the audio signal.
No participant reported any history of respiratory disorders
and speech or hearing impairment. Two flexible bands were
wrapped around the torso of the speaker, one around the rib cage
and the other around the abdomen. Via amplifiers, changes in
rib and abdomen volume were registered.

The task consisted of reading ordered sequences of 1 to 5
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digits. Ascending sequences started with numbers from 1 to
5, randomized sequences with 2 or 3. The stimuli were con-
structed with either a fricative or a stop in initial position. In the
simple naming condition the stimuli were presented as numbers
on a screen at the same time as an acoustic beep and a change
of color on the frame of the screen. In the delayed naming con-
dition, the beep was delayed by a randomized Inter-Stimulus
Interval (ISI) between 500 and 1000 ms after stimulus presen-
tation. The reaction time RT was defined as the interval from
the beep to the acoustic onset of the response. We calculated
the respiratory signal (RSUM) as the weighted sum of the tho-
rax and the abdomen signals based on the recorded iso-volume
manoeuvres per speaker (see Fuchs et al. 2013).

The respiratory and acoustic data were labelled using Praat
and EmuR (Boersma 2001; Winkelmann, Harrington, and Jän-
sch 2017). As can be seen in Figure 1, the inhalation phase
was defined as the interval from the respiratory minimum prior
to speech (=onset of inhalation) to the maximum of the RSUM
signal and the exhalation phase from the maximum (=onset of
exhalation) to the next minimum. Based on the timing of the
respiratory activity and the beep, the trials were categorized for
phase: <I if the beep occurred at the end of the exhalation prior
to the next inhalation, I if the beep occurred during inhalation
and E if the beep occurred during exhalation.

Figure 1: Screenshot of Praat from speaker m20, uttering “zwei
drei vier fünf” in the simple naming task, showing from top to
bottom the audio signal (ch1), the respiratory activity (ch2), the
spectrogram and the labels for the acoustic signal (DUR), the
beep and breathing activity (I, E). The reddish area marks the
planning time (RT) from beep to acoustic onset of speech.

Due to various reasons, a total of 485 (6.7%) of 7204 trials
were excluded for the data analysis. In 122 trials, no additional
inhalation appeared prior to speech. An audible pause between
digits was detected in 27 cases. In 266 trials, an early start with
reaction times of less than 100 ms was observed, including 88
cases in which the subject began to speak before the beep oc-
curred. 14 trials exceeded the reaction time upper limit of 1000
ms. Finally, 56 cases in which speech errors occurred were ex-
cluded. The EmU database (Winkelmann, Harrington, and Jän-
sch 2017) created for the data analysis was evaluated using R
version 4.0.2. (R Development Core Team 2020). Linear mixed
effect models (see e.g. Baayen 2008) were run using the lme4
package (Bates et al. 2014).

Further outlier detection was based on the residuals of the
linear mixed models. All trials that exceeded 2.5 times the stan-
dard deviation were categorized as outliers and therefore ex-
cluded for the data analysis (see for example Baayen 2008).

3. Results
In a first step we test whether we can replicate Sternberg et al.’s
findings with longer RTs for longer digit sequences. As can
be seen in Figure 2 the planning time increased for longer se-
quences in both experimental conditions (with less increase be-
tween three and four numbers in the delayed naming condition).
Sternberg, Monsell, et al. (1978) report a regression equation of
263 + 12.6x. Our results revealed a regression equation of 351.2
+ 14.2x for the delayed naming condition and 360.8 + 27.5x for
the simple naming condition, both with a larger intercept and
(slightly) steeper slope. Compared to the simple naming con-
dition, the effect of sequence length decreased in the delayed
naming condition, in which the speakers could prepare for the
upcoming sequence.

Figure 2: Acoustic reaction time, averaged over all speakers,
for number of sequences with varying numbers of digits in the
delayed and simple naming condition.

Table 1 shows that in the majority of cases (72%) the beep
occurred during or before the inhalation phase. However, there
is also extensive individual variability. No evidence for sex-
specific differences was found. Contrary to our expectation
there was only a slight difference between the naming condi-
tions (68% in the delayed naming condition, 76% in the simple
naming condition).

In both conditions the phase in which the trigger occurred
had a huge effect on reaction time as can be seen in Figure 3.
For the delayed naming condition a total of 97 trials were con-
sidered outliers and therefore removed, corresponding to ap-
prox. 2.96% of the data. As can be seen in Figure 3 (left) the
planning time was longest (x = 534 ms) if the beep occurred
before the speakers initiated inhalation, shorter if it was during
inhalation (x = 409 ms) and shortest during exhalation (x = 334
ms) in the delayed naming condition.

The linear mixed model with speaker as random effect
showed a significant main effect for number of digits (num: ß
= 10.89, t(3150) = 9.409, p < 0.001), respiratory phase (I: ß =
-59.26, t(3154 = -11.250, p < 0.001; E: ß = -93.45, t(3156)=
-16.885, p < 0.001), and for the initial segment (stop: ß = 22.11,
t(3150) = 6.500, p < 0.001). Reaction times for sequences with
initial stops were on average 19 ms longer than for sequences
with initial fricatives. No interactions between the factors were
found. There was no effect of sequence order (ascending vs.
random) in the delayed naming condition.

For the simple naming condition (Figure 3 right), a total of
58 trials were considered outliers and therefore removed, corre-
sponding to approx. 1.69% of the data. The planning time was
longest (x = 551 ms) if the beep occurred before the speakers

Zöllner et al. #223

– 219 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Table 1: Frequencies of occurrences for <I (beep prior to in-
halation), I (beep during inhalation) and E (beep during exha-
lation) in percent per subject and overall.

Participant Beep-respiration
<I I E

f02 1.00 70.00 29.00
f04 8.00 21.00 71.00
f05 3.00 68.00 29.00
f06 14.00 73.00 13.00
f07 17.00 67.00 16.00
f08 41.00 29.00 30.00
f09 4.00 86.00 11.00
f10 21.00 78.00 1.00
f12 7.00 27.00 66.00
f21 4.00 38.00 58.00
m01 15.00 60.00 25.00
m03 4.00 88.00 8.00
m11 1.00 37.00 63.00
m13 14.00 59.00 27.00
m14 6.00 80.00 15.00
m16 10.00 69.00 21.00
m17 2.00 61.00 36.00
m18 3.00 82.00 15.00
m19 15.00 65.00 19.00
m20 0.00 55.00 45.00
m22 31.00 69.00 0.00
total 11.00 62.00 27.00

initiated inhalation, shorter if it was during inhalation (x = 451
ms) and shortest during exhalation (x = 388 ms). A linear mixed
model with speaker as random effect showed a significant main
effect for number of digits (num: ß = 15.7, t(3351) = 4.507, p
< 0.001), respiratory phase (I: ß = -63.92, t(3352) = 5.153, p <
0.001; E: ß = -80.7, t(3352) = 6.133, p < 0.001), and sequence
order (random: ß = 24.73, t(3351) = 7.01, p < 0.001). Adding
initial segment (fricative vs. stop) as a fixed factor did not im-
prove our model in the simple naming condition. There was a
significant interaction between number of digits and phase. The
increase of reaction time with increasing number of digits was
stronger in phase I (beep occurred during inhalation) than in the
other breathing phases.

The breathing phase in which the acoustic trigger signal oc-
curred also affected the inhalation duration and depth. Speakers
inhaled only briefly if the beep occurred at the end of exhala-
tion, prior to the next inhalation (x = 370 ms). In the other two
categories, significantly longer inhalation intervals were found.
Thus, the speakers adjusted the duration of inhalation less if the
beep occurred within the inhalation phase (x = 1199 ms). The
longest inhalation phase was determined if the beep occurred
during exhalation, whereby the previous inhalation was not in-
terrupted at any time (x = 1322 ms). A linear mixed model
with duration of inhalation as a function of the respiratory phase
and speaker as random effect showed a significant main effect
for respiratory phase (I: ß = 725.92, SE(ß) = 18.03, t(6555) =
40.27, p < 0.001, E: ß = 907.22, SE(ß) = 20.21, t(6546) = 44.89,
p < 0.001). Number of digits showed no effect on the preceding
inspiration duration.

The speakers not only inhaled shorter when the beep in-
terrupted their inhalation (I) or occurred immediately before it
(<I), but also adjusted inhalation depth accordingly. If they in-

Figure 3: Acoustic reaction times split by phase in which the
beep triggers the reaction: <I = beep before inhalation, I =
during inhalation, E = during exhalation, for the delayed and
simple naming condition.

Figure 4: Inhalation depth split by phase in which the beep
triggers the reaction: <I = beep before inhalation, I =during
inhalation, E = during exhalation, for the delayed and simple
naming condition.

haled for a short time, they also breathed in less deeply. Statis-
tical evidence for this relationship is provided by a Pearson cor-
relation between inhalation depth and duration, with a strong
correlation in the phase <I (r(701)=0.62, p<.001). Slightly
less, but also strong correlations were found for the phases E
(r(1783)=0.54, p<.001) and I (r(4069)=0.46, p<.001). This pos-
itive correlation was true for both experimental conditions.

We found evidence that the timing of the beep within the
respiratory cycle could significantly influence the reaction time
for initiating a verbal response in a simple and delayed naming
task. In both conditions, the longest reaction times were mea-
sured when the beep occurred at the end of exhalation, prior
to the next inhalation (<I). Slightly faster reaction times were
measured when the beep occurred during inhalation (I) and the
shortest reaction times were measured when the beep appeared
during exhalation (E). Furthermore, reaction times in the simple
naming condition with ascending digit order were significantly
faster than those in descending order, while reaction times in
the delayed naming condition were significantly shorter with
fricatives in initial position, compared to sequences with initial
stops. The length effect reported by Sternberg, Monsell, et al.
(1978) and in our previous study was shown in both experimen-
tal conditions.
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Figure 5: Inhalation duration split by phase in which the beep
triggers the reaction: <I = beep before inhalation, I =during
inhalation, E = during exhalation, for the delayed and simple
naming condition.

4. Discussion and conclusion
This study confirms the preliminary data of Mooshammer et al.
(2019) using a larger speaker sample and a more complex ex-
perimental design including simple and delayed naming tasks.
In the majority of cases (62%) the beep occurred during the in-
halation phase. These results are coherent with a recent study
by Perl et al. (2019) who found increases in task-related brain
activity and behavioral performance when the task was phase-
locked with inhalation. Similarly to Perl et al. (2019), we think
that participants in our study tried to phase-lock their respira-
tory behaviour and predicted the occurrence of the next beep,
even if we varied the Inter-Stimulus Interval randomly between
500 and 1000 ms. For a respiratory cycle, which is on average
about 4 seconds for speech, such variations might, however, be
still too small.

The occurrence of the beep in a certain respiratory phase
strongly affect the reaction time. In comparison to previously
reported reaction time differences in psycholinguistic research
(Cholin, Levelt, and Schiller 2006, e.g. on syllable frequency
effects of ms in) this physiological effect is quite large. Even
more important, it is also persistent, if the breathing activity
could be planned in advance in the delayed naming condition.

Nevertheless, the linguistic condition of number of digits
is still significant. However, for simple naming an interaction
with respiratory phase has been found. We conclude that vari-
ability in reaction times may not only be a result of variability in
cognitive processing, but also a consequence of phase-locking
of respiration with the experimental task, with a preference for
inhalation. Ideally, future psycholinguistic experiments should
monitor respiration and take respiratory phases in reaction time
measures into account.
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Abstract

In daily life, articulatory movements and pointing gestures are
tightly coupled. Nevertheless, the two motor systems govern-
ing the movements of the articulators and hands differ in their
dynamics: the articulators are fast and much lighter than the
limbs, which are slower due to their mass. We investigated the
timely coordination of those motor systems in a pointing task
requiring manual precision. In our experiment, the initial seg-
ment was always [p], allowing the participants for early artic-
ulatory preparation. Most importantly, we found that the hand
gesture onset precedes the onset of the articulatory gesture. We
also found that some speakers begin the articulatory movement
only after reaching the hand gesture target. Overall, our data
reveal that when the articulatory movement is not audible, as it
is the case of [p], speakers are very flexible in the coordination
between hand and mouth.

Keywords: coordination, pointing task, motor system, antici-
pation, motion capture

1. Introduction

The synchronization between pointing gesture and speech is an
important step in development (Iverson and Thelen 1999) and is
a frequent phenomenon in our daily life. Various authors have
investigated the interplay between pointing gestures and speech
in detail and found tight coordination between the two systems.
For example, Rochet-Capellan et al. (2008) provided evidence
that while the movement of the hand always starts earlier than
the movement of the jaw, both are temporally coordinated dur-
ing the production of a stressed syllable in a bisyllabic word.
Changing the stress from the first to the second syllable of a
word also leads to a temporal shift in coupling from the first to
the second syllable.

Krivokapić et al. (2017) explored the hand–mouth coordi-
nation in varying prosodic structures, i.e., prominent syllables,
and prosodic boundaries. Their findings reveal lengthening for
both, manual gestures and speech gestures at boundaries, and
under prominence. Pouw and Dixon (2019), as well as Chu and
Hagoort (2014), showed that, when a perturbation is applied to
either the hand or the mouth, the other system is also affected,
emphasizing the functional link between the two.

A recent spontaneous speech study (Bekke et al. 2020) dis-
cussed the earlier onset of hand gestures concerning the predic-
tive power of hand motion in language processing. The authors
hypothesized that the hand–mouth asynchrony at the onset of
the movement might be used for making predictions about up-
coming words and lead to faster response times to a question.
However, they could not find evidence for this claim. Aspects
that are often missing in the discussion of the hand–mouth co-

ordination are the dynamic properties of the two motor systems.
Speech articulators consist to a large extent of soft tissue, which
is relatively light in mass, very fast in speed, and has a large
number of degrees of freedom (Grimme et al. 2011). In con-
trast, hands and arms consist largely of joints and bones, which
are heavier in mass, slower, and have more limited degrees of
freedom than speech articulators. Thus, the motor systems with
vastly different dynamic properties need to be coordinated in
speaking and gesturing.

These different dynamical properties may affect the syn-
chronization behavior. While it is principally possible that both
motor systems adapt to one another, it may be more economic
than the slower motor system starts earlier than the faster sys-
tem, so that both reach the target at the required time point.
The faster system is thanks to its properties more flexible in ad-
justing to the slower system. If the faster system would start
together with the slower system, it would have to slow down at
some point or wait at the target.

The importance of the interaction between motor systems
with different agility has been pointed out in the speech motor
control literature, e.g., regarding the tongue–jaw coordination.
Most notably within the “Frame–Content theory”, and the ac-
quisition of speech (MacNeilage 1998). Tongue–jaw coordina-
tion has certain similarities with the hand–mouth coordination,
because the jaw is a heavy articulator, due to its bone structure.
It is restricted in speed, in comparison to the faster and more
flexible tongue. During babbling, babies cannot control their
tongue and jaw motions independently (MacNeilage 1998). The
cyclic movement of the jaw, with the tongue on top of it, leads
to the production of specific syllables. At a later stage in speech
acquisition, the tongue can be controlled independently of the
jaw, and this freedom allows children to acquire the rich phone-
mic inventory of their respective language.

Similar approaches are rare in the literature on hand–speech
coordination (but see Stoltmann and Fuchs 2017), while em-
pirical data for synchronization are rich (e.g., Chu and Ha-
goort 2014; Esteve-Gibert and Prieto 2013; Habets et al. 2011;
Krivokapić et al. 2017; Levelt et al. 1985; Pouw et al. 2020;
Rochet-Capellan et al. 2008).

Our exploratory study aims at investigating the timing be-
tween hand and mouth in a speech–pointing task requiring large
arm movements and a high degree of manual precision. In con-
trast to previous work, we did not vary the prosodic parame-
ters. The design of the study allows for large flexibility in the
hand–mouth coordination because the initial speech sound is
a voiceless bilabial stop [p]. Since this sound is acoustically
silent during the closure phase, speakers can prepare the lip clo-
sure at any time during the arm movement without disturbing
the acoustic speech output.

Given the dynamic properties of the two motor systems and
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the large number of studies reporting an early hand gesture on-
set in comparison to the speech gesture, we assume that such a
pattern will also be found in our data. Alternatively, the flexibil-
ity allowed by the task may lead to individual behavior, so that
some participants may prepare their speech earlier than others.

2. Methods

2.1. Procedure and Participants

The experimental task for the participants was to “shoot” cans
projected onto the wall in front of them. They were asked to
point at the can with a laser pointer and say the word that was
written on the can (either piff or paff, which are German ono-
matopoeias for shooting). The participants stood approx. 1 m
from the wall with their hands down. They first saw a blank
screen. Then, a can was shown and the participants were asked
to point to it and say the word. Afterward, an animation of the
can falling was played. After a short blank screen, a new can
in a different position appeared (for further details, see Ćwiek
and Fuchs 2019). Thirty-one female German speakers were
recorded. Our preliminary analysis is based on a subset of the
data from seven speakers.

2.2. Data Annotation

The motion data, as well as the acoustic data, were recorded
simultaneously. We used an Optitrack motion capture system
with 12 cameras for recording the movements (Prime 13, with
the Motive software, ver. 1.9.0), and a Sennheiser ME 64 car-
dioid microphone for recording the acoustics. The sampling
frequency was 120 Hz for the motion data, and 44.1 kHz for
the acoustics. Several markers were placed on the participant’s
body. Here we will focus on the hand wrist marker of the point-
ing arm, and the upper lip and jaw markers that were used to
calculate the lip distance during speech production.

An example of the annotation is shown in Figure 1. For the
acoustics, we focused on the speech onset and offset. Lip dis-
tance is calculated as the Euclidian distance for the x, y, and z
coordinates between the upper lip and jaw marker. There, the
lip closing gesture onset and offset were annotated. In some
cases, it was impossible to define a clear lip closing gesture
onset, because some speakers also moved their lips during the
pause before moving the arm.

The hand movement is labeled on the velocity signal of the
wrist marker, using a 20% threshold criterion in MVIEW soft-
ware (Tiede 2005). We annotated the onset and the target of the
hand gesture.

2.3. Data Processing and Analysis

With the time stamps mentioned above, we were able to test the
temporal coordination between hand and lip motions. To do so,
we calculated two intervals, as shown in Figure 1 (7 and 8). The
first interval of interest refers to the difference between the time
points of the hand and lip gesture onsets. It was calculated by
subtracting the hand gesture onset from the lip closing gesture
onset. The second interval shows the difference between the lip
gesture onset and the hand gesture target. It was calculated by
subtracting the hand gesture target from the lip closing gesture
onset.

If the two events – e.g., the lip closing gesture onset (cf. 3
in Figure 1) and the hand gesture onset (cf. 5 in Figure 1), or the
lip closing onset (cf. 3 in Figure 1) and the hand gesture target
(cf. 6 in Figure 1) – would occur simultaneously, the difference

Figure 1: The plots show the annotations of the data. In the
acoustic signal, the speech onset (1), and the speech offset (2)
were annotated. As for the lip distance data, we annotated the
lip closing gesture onset (3), and the lip closing gesture offset
(4). Lastly, we annotated the hand gesture onset (5), and the
hand gesture target (6). We subsequently calculated two inter-
vals: hand gesture onset to lip closing onset (7), and lip closing
onset to hand gesture target (8).

between them would amount to 0. Nonetheless, because of our
prediction that the slower motor system should start earlier, we
expect the values of interval 7 (cf. Figure 1) to be positive.

As for interval 8 (cf. Figure 1), which tests the coordina-
tion between hand gesture target and lip closing gesture onset,
we expect speaker behavior to be variable. Also, we wanted to
explore the difference between both interval durations.

The data was not normally distributed, therefore we used
paired Wilcoxon signed-rank tests to analyze the data. The NA
values were excluded leaving a total of N = 582 pairs. The
values reported further as M refer to the medians. The p-values
were corrected for multiple comparisons using Bonferroni cor-
rection. We calculated the effect size by dividing the z-score by
the square root of the pairs (N = 582). All analyses were
performed in R (R Core Team 2019), with the tidyverse
package for data wrangling (Wickham 2017), and ggplot2 to
generate the plots (Wickham 2016).

3. Results

First, the time point of the hand gesture onset was compared
with the time point of the lip closing gesture onset. Overall,
the hand gesture onset occurred earlier (M = 69.17) than
the lip closing gesture onset (M = 69.85). A Wilcoxon
signed-rank test indicated that the difference was statistically
significant with p < .001, z = �20.86, and the effect size
r = 0.86. The results for individual speakers are depicted in
Figure 2. It shows the duration of the interval between the hand
gesture onset and lip closing onset, calculated by subtracting
the hand gesture onset from the lip closing onset. It is visible
that the values are positive – the lip closing gesture onset has a
greater value, thus, occurs only after the hand already started to
move. Most notably, speakers 9, 3, and 2 begin the lip closing
gesture shortly after beginning hand motion.

Then, the time point of the lip closing onset was com-
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Figure 2: The difference between the time points of the hand
gesture onset and lip closing onset for each speaker; calculated
by subtracting the hand gesture onset from the lip closing onset.
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Figure 3: The difference between the lip closing onset and the
hand gesture target for each speaker; calculated by subtracting
the hand gesture target from the lip closing onset.

pared with the time point of the hand gesture reaching its tar-
get. The lip closing onset occurred earlier (M = 69.85)
than the hand gesture target (M = 69.92). The Wilcoxon
signed-rank test showed a statistically significant difference
with p < .001, z = �10.14, and the effect size equal to
r = 0.42. The results for individual speakers are given in Fig-
ure 3, which shows greater variability in the speakers’ behavior.
While speakers 9, 3, 2, and 1 tend to start the articulatory ges-
ture before reaching the hand gesture target, speakers 8, 6, and
10 are more variable and may start the articulatory gesture only
after having reached the hand gesture target.

Lastly, the difference between the two intervals described
above was calculated: the absolute difference of hand gesture
onset to the lip closing onset (cf. 7 in Figure 1), and the ab-
solute difference of hand gesture target to the lip closing onset
(cf. 8 in Figure 1). The median for the interval 7 was equal
to M = 0.43 and for the interval 8 M = 0.16. The dif-
ference was significant, according to the Wilcoxon signed-rank
test, with p < .001, z = �17.57, and the effect size of
r = 0.87. Figure 4 demonstrates the difference between the
two intervals. Despite the high inter-speaker variance, the inter-
val 7 is generally longer. Most notably and reliably, it can be
seen with speaker 6.

4. Discussion

In the current study, we investigated the coordination of hand
and articulatory movements in a task requiring manual pre-
cision. Our experimental design allowed for large flexibility.
Similar to previous studies, we found that the slower motor sys-

1
10

2
3
6
8
9

−0.5 0.0 0.5 1.0
Absolute difference between hand gesture onset

 to lip closing onset and lip closing onset
 to hand gesture target [s]

Sp
ea

ke
r

Figure 4: The difference between the two intervals: the hand
gesture onset to the lip closing onset (cf. 7 in Figure 1), and the
hand gesture target to the lip closing onset (cf. 8 in Figure 1) for
each speaker; calculated by subtracting the absolute difference
of 7 from 8.

tem, i.e., the hand motion starts earlier than the motion of the
lips. In their study on spontaneous speech, Bekke et al. (2020)
reported a delay of 215 ms on average, which is comparable
to our data, with speaker-specific variations. Individual differ-
ences cannot be attributed to the prediction of upcoming words
in our study, because the speech material only consisted of two
ideophones that were repeated several times. Three of seven
speakers showed a tendency to early anticipation (9, 3, and 2 in
Figure 2). Those speakers began the articulatory gesture shortly
after beginning the hand gesture. The other speakers started the
articulatory gesture later, most notably speakers 8, and 6.

These variations in onset delay can be either a result of the
task, which allows for the temporal flexibility, or they could also
be the consequence of individual differences in the amplitude of
the hand motion. Some speakers may elevate their arm/hand to
a larger extent in comparison to others, since we did not restrict
our participants in any way. Larger movement amplitudes are
commonly produced with higher velocity and still take longer
(Ostry and Munhall 1985). Thus, speakers who elevate their
arms more vigorously may also have to start their hand motion
earlier.

The second result of our study revealed that the lip clos-
ing gesture for the initial [p] occurred before the hand reached
the target in four out of seven speakers (cf. Figure 3). While
speakers 9, 3, 2, and 1 tended to start the lip closing gesture
before reaching the hand gesture target, other speakers behaved
more variably. For instance, speaker 6 tends to produce the task
sequentially, i.e., she started to produce the lip closing gesture
only after having reached the hand gesture target. Interestingly,
the speakers who anticipated the speech gesture early in the
analysis shown in Figure 2, are also the ones who begin with
the lip closing gesture onset before hitting the target with the
hand gesture. The only difference is speaker 1, who, despite a
slightly later start of the articulatory gesture, nevertheless man-
aged to begin the lip closing gesture before she reached the tar-
get with her hand.

It has to be noted that this behavior might not apply in all
contexts. Many scholars studying the hand–mouth coordina-
tion use sonorants as initial segments in the data. In our study,
the initial segment was a voiceless bilabial stop [p], which al-
lows for inaudible articulatory preparation. Our data reveals
that some speakers make use of this possibility and prepare the
articulatory gesture in advance.

Finally, our findings show that the interval from the hand
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gesture onset to the lip closing gesture onset (cf. 7 in Figure 1)
is generally longer than the interval from the lip closing gesture
onset to reaching hand gesture target (cf. 8 in Figure 1). This
suggests closer coordination of the lip closing onset with reach-
ing the target of the hand movement than with the beginning of
the hand movement.

The analyses so far are limited as we were only able to an-
alyze a subset of the data (i.e., seven out of 31 speakers). Since
in some cases the marker on the laser pointer was hidden, we
focused on the marker glued on the dominant arm wrist, which
limits the analysis of precise hand movements. However, most
studies on arm or hand motions have not decoupled one motion
from the other. As a next step, we will analyze the whole data
set, and consider body height, as well as the individual ampli-
tude of the hand motion, as additional factors that might explain
speaker-specific coordination behavior (i.e., the onset delays).

Any discussions about the hand–mouth coordination,
should not only rely on representational aspects but, more im-
portantly, should consider the hand–mouth coordination as the
coordination of a slow and a fast motor system. Kinematic prop-
erties, like the amplitude of the motion itself, might also be of
importance. Thus, the dynamical properties should be an in-
tegral part of the discussions about hand–mouth coordination,
predictions, and gesture research.
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Abstract 
Some studies tested the gesture-speech link by investigating 
whether speech production was affected when speakers are not 
able to gesture with their hands. Their results are mixed. 
However, when hand motion is blocked or constrained, 
speakers may move other body parts as a compensation. Here, 
we investigate a potential compensation by enhancement of 
natural head motion. We explored this question by using data 
from a motion capture experiment in which people had to recall 
stories in different movement conditions with hands being 
either free, blocked or constrained by circular motion using a 
minibike. A within-subject design was used with 25 native 
speakers of German. Our results are contrary to our 
predictions and suggest that head motion may actually be 
inhibited when the hands are prevented from gesturing. They 
also suggest that motion capture could be a good way to explore 
the question. These preliminary findings are also interpreted 
with respect to an overall stiffening of the upper body, and a 
potential head-hand coordination in motion. 
 
Keywords: head motion, hand gestures, speech production 

1. Introduction 
Coverbal gestures are ubiquitous in oral communication. They 
interact with speech in different ways (McNeill, 1992; Kendon, 
2004; Alibali, 2005). In particular, there is evidence that co-
verbal gestures may support language-related cognitive 
processes such as lexical access (Krauss et al. 1999).  

In this direction, previous work reported that not being able to 
move the hands while speaking can reduce vocabulary diversity 
and precision (Rimé 1984; Hostetter, Kita & Alibali 2007). It 
could also increase disfluency (Finlayson et al.  2003; Hostetter, 
Kita & Alibali 2007). This latter effect was however not 
reproduced by Hoetjes et al. (2014). Co-verbal gestures are not 
limited to the hands (e.g. Kendon 2004). For example, people 
also move their head and eyebrows when speaking. These 
movements were also shown to possibly synchronize with 
speech prosodic parameters (Graf et al. 2002; Hadar 1983). 

Finlayson et al. (2003) suggested that participants could 
compensate for not being able to move their hands by means of 
moving (or moving more than typically) other parts of their 
body. This compensation might avoid effects of the hand being 
blocked on speech production. For example, Rimé et al. (1984) 
observed an increase of eyebrow movements when speakers 

cannot gesture with their hands. This could also be the case for 
other body parts such as the head.  

Most of the work that investigated co-verbal gestures or 
movements of different parts of the body use qualitative 
descriptions and analyses based on video recordings. These 
methods enable to distinguish between co-verbal gestures and 
other non-communicative movements (such as, for example, 
scratching), as well as to attribute communicative functions to 
co-verbal gestures (Colletta et al.  2008). However, they entail 
subjectivity and have a substantial annotation cost. We trust that 
automatic analysis of motion using motion capture could help 
analyzing larger data sets and provide complementary evidence 
to qualitative approaches (Zhao et al, 2012).  

As a supplementary step in this direction, we tested this idea by 
analyzing the kinematics of head movements in different hand 
movement conditions during a narrative task. The data are part 
of a corpus initially recorded to investigate speech-limb-
breathing interactions. This corpus allows a quantitative 
analysis of head movements using motion capture and to 
explore the hypothesis of head compensation using this method. 

2. Method 

Twenty-five native speakers of German were involved in the 
corpus, aged from 20 to 29 years old (mean=23.3, standard 
deviation=2.5), 19 females. Their task was to watch short 
cartoons while sitting on a chair. They were then invited to retell 
the stories in different conditions: hands free (HF), hands 
blocked (HB), arms biking on a mini-bike (ABi) vs. legs biking 
(LBi) on the same mini-bike (Figure 1). Biking conditions were 
performed at a comfortable rhythm. For the hands blocked 
condition, we asked participants to keep their hands still under 
the chair. For the hands free condition, as we did not want to 
trigger any bias, we did not explicitly ask participants to gesture 
with their hands. Participants were recorded twice in the same 
conditions, on two different days. 

Speech and movement were recorded synchronously, 
respectively using a microphone and an Optitrack® motion 
capture system consisting of 12 Prime 13 cameras. Sample 
frequency was 200 Hz. To track the body movements, we used 
rigid bodies made up of three markers linked by a rigid plastic 
material, so their relative positions among each other are fixed. 
Rigid bodies allowed us to label each part of the body, making 
detection more reliable than one marker which is not recognized 
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each time it is hidden. Six rigid bodies were positioned on 
different parts of the speaker’s body: one on the forehead, one 
on each shoulder, one at the top of the back and one on each 
hand. Head motion was characterized by calculating the 
average displacement over each trial.  

 

Figure 1: Experimental conditions, from left to right: 
Hands Free (HF), Hands Blocked (HB), Legs Biking 
(LBi), Arms Biking (ABi) 

 

Due to its biomechanical nature, the head is mainly involved in 
rotation movements relatively to the torso (Figure 2). To 
investigate head motion, we quantified the rotation movement 
on every axis as well as the 3D motion of the rigid body on the 
head (Graf et al. 2002). For each axis, we took the coordinates 
of the gravity center of the rigid body and calculated the 
variation of movement (displacement) from one sample to the 
next one. To get the average displacement, we divided the sum 
of these displacements by the duration of the trial.  

 

 

 

 
 
 
 
 

Figure 2: Rotations axes of the head  

To avoid biased movements corresponding to an entrainment 
resulting from motion of the upper part of the body, we 
switched from the fixed world coordinate system of the motion 
capture system to the moving coordinate system of the 
participant, which was encompassed by the back and the 
shoulders (Livingstone & Palmer 2016). However, even in this 
new coordinate system, due to anatomical constraints, the head 
may follow the movement of the back with some phase-lag, 
introducing dependent head motion. To check for that, we 
looked at the coherence (Schmidt & O’Brien 1997) between the 
movement of the back and the movement of the head at the 
dominant frequency of the back. As seen in the equation (1), the 
coherence measures the degree of correlation between two 
signals, in the frequency domain. It is an indicator of the 
synchronization of two signals at a given frequency. 

 
!(#) = 	 '()*+&-.)/(0)

'()*+(0)∗'-.)/(0)
    (1) 

 
# is the dominant frequency of the back, 23456&7849(#)	is the 
cross-correlation spectrum of the back and head signals for the 
frequency #, and 23456(#), 27849(#)	are respectively the auto-
correlation spectral functions of the back and the head signals 

at the frequency #. Like correlation, coherence is a ratio from 0 
(no synchronization) to 1 (perfect synchronization). Values 
from 0.5 upwards reflect good coherence (Schmidt & O’Brien 
1997). 

For each session, we calculated the coherence on the three axes. 
Then, we averaged the values of the coherence over the 
participants and the days. Figure 3 shows that in the hands 
biking condition, coherence is over 0.5 on the antero-posterior 
axis and over 0.75 on the mediolateral axis. These results 
suggest that the head is strongly following the upper body in the 
hands biking condition with a phase lag, which seems coherent. 
But in almost all the other conditions, coherence is below 0.5 
on every axis. This suggest that most of the entrainment of the 
head by the upper body has been discarded when the back 
became the referential coordinate system. Therefore, as we 
want to compare HF and HB only, the 3D displacement quantity 
of the head should be a good measure of independent head 
motion. 
 

 
Figure 3: Coherence between head and back 
movements in the different experimental conditions.  

 
We expected more movements of the head if speakers 
compensate for having the hands blocked (HB) in comparison 
to the hands free (HF) condition. The other two conditions 
(hands or legs biking) will be shown here for completeness and 
as a way to have more data to evaluate our method.  
 

3. Results 
Average displacement of head motion is displayed in Figure 4 
showing no clear change in the amount of head motion between 
HF and HB conditions, while head motion appears to have been 
affected by cyclical limb movements, as the coherence measure 
was suggesting. 
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Figure 4: Violin plots with included boxplots of the 
average displacement of the head (y-axis) as a function 
of movement conditions (x-axis): a. 3D head 
displacement; b. Yaw rotation; c. Pitch rotation; d. Roll 
rotation 

 
 
We applied a linear mixed model on the logarithm of the 3D 
head displacement quantity as the dependent variable and 

condition as the fixed factor with the lme function from the 
nlme package (all the analyses were made on R version 
1.2.1335). This function allows to consider potential 
differences in residual variances across effects. In order to 
select the best model, we used likelihood ratio tests, with the 
anova function in R. The effect of adding random slope was 
analyzed first. We then tested the fixed effect.  
Once the final model was validated, we made a post-hoc 
analysis with the glht function of the multcomp package. 
Table 1 summarizes the output of the models. As visible from 
descriptive statistics, no significant difference is observed 
between HF and HB and head movements were increased in 
biking motion conditions and in particular when biking with the 
hands. 
  

Estimate Std. Error Z value Pr(>|z|) 

HB-HF -0.08 0.08 -1.1 0.7 

HB-LBi -0.5 0.08 -6.1 <1e-05 

HB-ABi -1.3 0.08 -10.6 <1e-05 

Table 1: Summary of the linear mixed model (quantity 
movement~condition+random(participant)) and Tukey 
post hoc analysis. 

4. Discussion 
We assessed the hypothesis that head movements may 
compensate for the impossibility to move the hands in a 
narrative task using motion capture analysis. A similar averaged 
displacement of the head was observed in Hands Free and 
Hands Blocked conditions. Without surprise, the clearest effect 
on head motion was observed when biking with the hands. In 
this condition, there was a co-activation of arms and head that 
support top some extent the validity of our analysis in the other 
conditions.  

Several interpretations could explain the lack of effect between 
the HF and the HB conditions. First, most of the participants 
did not move their hands much in the HF condition, with large 
between-subject variability. If the hands do not move in the HF 
condition, there is nothing to compensate for in the HB 
condition. To further assess this idea, we investigated whether 
the average displacement of the head correlated with the one of 
the hands in the HF and HB conditions. In other words, do the 
participants who gesture a lot with their hands in HF 
compensate more with the head in the HB condition than those 
who gesture less? If they do, the difference of average 
displacement of the head between HB and HF should be close 
to 0 for those who do not gesture a lot and increase as the 
displacement of the hands in HF increases (the head moves 
more in HB than in HF). Figure 5 shows the opposite. In 
particular, the two participants who gestured the most with their 
hands in the HF condition were the ones who decreased the 
most their head movements in HB as compared with HF.  
 

a 

b 

c 

d 
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Figure 5: Scatterplot with blue regression line and 
confidence bands (grey) of the difference of 
displacement of the head between HB and HF (y-axis) 
as a function of the averaged displacement in HF 
(Pearson correlation is -0.8, t = -6.21, df = 22, p-value 
= 2.83e-06).  

 
This suggests that head movements do not compensate for the 
lack of hand gestures, rather having hands blocked inhibits head 
motion, at least for the two participants who gestured the most.  
However, our results should be taken carefully as we analyzed 
an existing corpus rather than conceived an experiment 
specifically dedicated to the research question. The first limit is 
that narrative sessions were really short in our study as 
compared with previous work. Rimé et al. (1984) found that 
when the head, arms, hands, legs, and feet are blocked, the 
activity of eyebrows, eyes, mouth, and fingers increases. 
Participants were engaged in a 50-minute conversation, 
whereas in our study, their task was a 2-minute story retelling 
with a much higher cognitive load. Therefore, even if the 
experimenter was listening to the participants and providing 
non-verbal backchannels, this short monologue context may 
have involved less communicative gestures.  

Motion capture may also affect speakers’ motion: it is less 
natural to move the hands when Optitrack markers are fixed on 
them. It is thus possible that in the HF condition, the hands are 
blocked due to the unnatural settings. Speakers could thus 
already move their head to compensate in this condition. Future 
work should investigate the effect of motion capture markers on 
speaker’s motion behavior. Similarly, speakers also wore 
equipment on their heads. One can expect other types of 
compensations such as eyebrow movements that were not 
influenced by any Optitrack marker. One way to reduce this 
effect would be to train speakers to get used to the situation. 
Also, it would be good to distinguish between gestures and 
other non-communicative movements using methods from 
artificial intelligence such as deep learning even though this 
may require larger sets of data. 

Finally, it is possible that entrainment between body parts rather 
than compensation supports speakers’ behaviors. 

Despite its limits, this preliminary study suggests that motion 
capture solution should be further included and adapted to the 
study of co-verbal gestures and motions. 
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Abstract 
In the production of velars and high back vowels, the tongue is 
in an elevated and backward position. Anatomical and 
electrophysiological studies suggest that styloglossus may play 
a role in achieving the elevated and backward posture. The 
present study investigates the necessity of styloglossus in 
achieving this key coordinative gesture. Styloglossus strength 
was systematically reduced in a simulated velar posture. 
Inverse simulation was used to estimate resulting muscle 
excitations necessary to achieve the target posture. When 
styloglossus strength was reduced, transversalis, mylohyoid 
and inferior longitudinal muscles closely restored the target 
gesture.  
 
Keywords: speech production, computer simulation, motor 
equivalence  

1. Introduction 
The elevation and backward movement of the tongue is a key 
coordinative gesture in velar stops and high back vowels (Stone 
and Lundberg,1996). Based on anatomical location (Takemoto, 
2001) and electrophysiological studies (Baer, 1988), the 
styloglossus has the potential to contribute to this gesture. 
However, the tongue has a complex fiber structure with dense 
motor nerve endings enabling many control strategies to 
execute a single gesture (Stone et al., 2004; Gick & Stavness, 
2013).  The many control strategies underlying the execution of 
a single motor task describe a central characteristic of the 
speech production system: motor equivalence (Perrier & Fuchs, 
2015).  
 
To achieve an elevated and backward tongue posture 
characteristic in velars, there are many functionally equivalent 
motor control strategies. For example, velar articulatory 
trajectories can be achieved with the coordinated action of 
styloglossus, genioglossus posterior and inferior longitudinal 
(Perrier et al. 2003). However, styloglossus recruitment may not 
be necessary in velar consonant production and its role can be 
substituted with an increase in the activation of the transversalis 
and mylohyoid (Harandi et al., 2017). Earlier simulation studies 
(Kakita et al., 1983) and 3D geometric analysis (Takano and 
Honda, 2007, Honda et al., 2010) further highlight the reduced 
role of styloglossus in tongue elevation, and question to what 
extent the extrinsic muscle fibers contribute to the backward 
retraction of the tongue. However, previous studies have not 
directly investigated the necessity of styloglossus by 
systematically reducing its relative contribution to a target 
speech gesture.  
 
 
 

 
 
In the present study, we systematically manipulate the strength 
of styloglossus during an elevated and backward tongue 
gesture. We identify muscle recruitment patterns that are 
necessary to precisely restore a static tongue gesture when the 
styloglossus strength is reduced. This approach enables 
investigation of the structure of motor control space: the 
biomechanical system’s ability to adjust to changes in muscle 
recruitment patterns. By investigating the compensatory 
recruitment patterns, this study provides a method of 
quantifying motor equivalence in a simulated speech system 
with reduced styloglossus recruitment.   

2. Method 
Styloglossus recruitment was systematically manipulated using 
ArtiSynth, a computer simulation platform (Lloyd et al, 2012) 

2.1. Baseline Tongue Model 

The tongue model consists of left and right bundles for 
genioglossus (posterior, GGP; anterior, GGA; middle, GGM), 
styloglossus (STY), geniohyoid (GH), mylohyoid (MH), 
inferior longitudinal (IL) muscles. Superior longitudinal (SL) 
muscle is represented as a single muscle. In the finite element 
model, the extrinsic tongue hyoglossus HG, STY, and GGA, 
GH, MH muscles are fixed to their attachment points in the 
skull, mandible, and hyoid. The relative positions of the bones 
are fixed.  Muscle fibers for each muscle bundle are depicted in 
Figure 1. 
 

 

Figure 1: Muscle fiber distribution in the virtual tongue. 

To create the baseline model, laterally symmetric muscle 
activations were manually chosen to achieve an elevated and 
backward tongue posture.  The resultant baseline gesture was 
predominantly produced by activating STY.  These activations 
create a posture that resembles the velar closure with substantial 
styloglossus recruitment as shown in Figure 2 (Perrier et al., 
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2003). To reduce tongue gesture complexity, a tongue gesture 
from neutral to a final target position was chosen.  

Figure 2:  A) tongue initial posture B) elevated and backward 
target posture 

After reaching the elevated tongue posture, 6 virtual markers (2 
medial, 2 left lateral, and 2 right lateral) were used to define a 
baseline target posture in the subsequent manipulated 
simulations (Fig 3). The target points were chosen in the area 
where the styloglossus would have greatest impact on the velar 
articulation. Successfully reaching multiple target points as 
opposed to one target point in the tongue elevation gesture 
would guarantee vocal tract closure. Since the muscle control in 
the model is laterally symmetric, the effective number of target 
points reduces to four points that define the surface location and 
deformation at the tongue target area. The 6 marker positions 
were used as targets for the inverse simulation when 
styloglossus activity was manipulated. For the single marker c, 
the kinematic trajectory of the target position is shown in figure 
4. 

 

Figure 3:  Tongue marker positions 

 

 

 

 

 

 

Figure 4:  Kinematic trajectory of marker c 

2.2. Attenuated Styloglossus Model  

Inverse simulation was used to estimate muscle activation 
patterns as a function of STY recruitment.  The extracted 
marker positions from the baseline model were used as the 
target final posture for the tongue. The baseline STY strength 
of 3.83 N was systematically reduced using increments of 5% 
of the original strength. Additional exploratory simulations 
were conducted at smaller increments between the main scaling 
factor, resulting in a total of 23 simulations of 2.5s in length. 
Simulation regularization terms for muscle excitation 
redundancy (L2, 0.001) and damping (0.0001) were set based 
on model stability. To ensure model stability, the resulting 
muscle excitations were inputted into a forward simulation. 

2.3. Data Analysis  

Data analysis occurred in three steps. First, muscle excitations 
and positions markers were extracted at a single point in time 
where the system reached equilibrium (2.0 s).  The equilibrium 
point was determined by visually inspecting muscle excitations 
plotted against time. If equilibrium was not reached with the 
tongue starting to oscillate as it approached the target position, 
the estimated muscle excitations were low pass filtered (moving 
average filter, window 0.10 s) and the simulations rerun with 
the filtered excitation signals to reach equilibrium. 
 
Second, to determine whether the target posture was 
successfully reached, the positions of the 6 markers in the 
manipulated conditions were compared against the positions of 
markers at baseline. A successful reach of the target was 
quantified as an error of less than 1mm.   
 
Third, cosine similarity was used to quantify the difference 
between the resulting excitation patterns and the baseline at the 
same 2.0 s equilibrium point. For the cosine similarity measure, 
all muscle excitation values except for the manipulated 
styloglossus were included.   
 
Additional kinematic measurements were calculated to further 
characterize the global tongue shape in two dimensions: 
longitudinal and transverse (Figure 6). The longitudinal 
dimension was quantified as the difference between markers g 
and h and the transverse dimension as the difference between 
markers i and j. 

3. Results 

3.1. Muscle Excitations 

 
When the strength of styloglossus was reduced from baseline to 
0.30, the target posture was reached (error <1mm). In these 
conditions, as STY strength was reduced, MH increased in 
activity to restore the target posture with the system reaching 
equilibrium. However, when STY strength was lower than 0.30, 
the system did not reach equilibrium, with 4 manipulated 
conditions (0.20-0.05) not reaching the target (error>1mm). 
When STY strength was reduced by a factor 0.25, the target 
posture was reached (<1mm), with MH highly active. The 0.20 
condition was almost orthogonal to the baseline condition 
(cosine similarity=0.15). For the lowest STY strength 
(“inactive”), MH excitation saturated and the target was only 
partially restored since the lateral markers b and f had an error 
of 2.5 mm (Table 2).  In addition, as STY strength and 
excitation decreased, GGP, GGM, GGA, and SL excitations 
reduced. 
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Table 1:  Muscle excitations at 2.0 seconds, as a result of the 
STY strength reduction. Each muscle name corresponds to the 
muscle excitation value. A muscle excitation value of 1 
represents complete saturation of the muscle.  
  

 
 

3.2. Additional Kinematic Measures 

The position error for each of the virtual markers is reported in 
Table 2. Increase in error was primarily found in three markers 
b, c, and f, in manipulated conditions with STY strength lower 
than 0.20.  The largest error was found in the lateral markers b 
and f (2.49) mm in the inactive (0) styloglossus condition). For 
these markers the largest error was in the horizontal (x values) 
rather than the vertical dimension (y-values) (figure 5). 
 
Table 2: Position error for the 6 virtual markers compared to 
the baseline position. Markers that are mirror images of each 
other were merged into the same row (a and e, b and f). 
Manipulated conditions with error above 1mm are bolded 
 

 
 
 

 
Figure 5:  Marker positions plotted in the x, y plane for 

styloglossus strength values baseline-STY strength of 0.25 
 

 

 
 
The longitudinal and transverse dimensions are visualised in 
Figure 6.  The longitudinal dimension increased compared to 
baseline when STY strength was lower than 0.25. When STY 
was completely inactive, this dimension reached a maximum 
value 49.47mm, and a difference of +2.41 mm from baseline. 
The transverse dimension showed the opposite pattern of a 
decrease when STY strength was lower than 0.25. The lowest 
value of 36.44 mm, and a difference of -2.94 mm from 
baseline.   
 

Figure 6:  Longitudinal dimension and transverse dimension 
measures plotted against STY strength condition 

 

4. Discussion and conclusion 
Motor equivalence in a simulated velar gesture was investigated 
by systematically reducing STY strength. When the STY 
strength is deliberately reduced in a simulated tongue elevation 
gesture, recruitment of IL, MH, T increases and decreases for 
GG and SL.  The observed reductions in GG suggest 
antagonistic behavior between GG and STY. The reductions in 
GG seem to be necessary to prevent the tongue from moving 
forward in the target gesture. Harandi et al. (2017) estimated the 
muscle patterns underlying a velar stop and observed no STY 
activity and substantial T activity. Similarly, as the recruitment 
of STY is reduced in the present simulations, the activity of T 
increased.  
 
The present simulations are based on a simplified model of 
anatomy and motor control. In particular, the tongue has only 
22 functional muscle compartments with 11 independently 
controlled muscle bundles. In addition, anterior (internal) and 
posterior (external) styloglossus were modeled as a single 
control unit. This simplified model restricts the degrees of 
freedom available in the system.  If styloglossus were divided 
into anterior and posterior compartments, we expect that the 
anterior styloglossus fibers would be able to increase tongue 
elevation when the posterior fibers would be reduced in 
strength. An increase in degrees of freedom would enable the 
system to adapt more easily to changes in STY strength, and 
potentially reduce the dependence on STY even further.  
 
The six target points chosen resulted in a shape constraint in the 
transverse and longitudinal dimensions as successfully reaching 
the target would maintain constant distances between the six 
points and hence lock the tongue shape locally (Fig 6). 
However, for a weakened STY, the shape of the tongue adapts 
to maintain the overall tongue gesture by the lateral contraction 
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of the tongue mediated by T. The failure of the model to fully 
reach the rigid target posture is a consequence of the lack of 
sufficient complexity in the biomechanical model relative to the 
complexity of the constraints that the target imposes. Relaxing 
the target condition to fewer points, e.g., only b, d, f, would 
allow the model to contract/expand in the axial direction freely. 
This could have resulted in contraction rather than expansion 
(Figure 6). With relaxation of the tongue elevation target, we 
predict that the necessity of STY would be further reduced. 
 
The present findings demonstrate variability in control 
strategies in STY recruitment for a velar gesture.  In particular, 
the results clarify how STY function can be substituted by other 
muscles of the tongue. Importantly, this study provides 
evidence for motor equivalence in the motor control space by 
observing more than one muscle recruitment pattern can 
produce the same target tongue posture. 
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Abstract 
This paper introduces the Speech Articulation Toolkit, an 
open-source collection of Python 3 utilities for quantitative 
analysis of ultrasound image data. SATKit presently 
emphasizes pixel-based measures as a complement to more 
commonly used contour tracking methods. We provide an 
overview of the core utilities of the present version of SATKit: 
pixel difference, which characterizes the amount of change 
from frame to frame; optical flow, which gauges the 
magnitude and direction of apparent motion between frames; 
and dimensionality reduction, here focusing on capturing 
patterns of covariation in pixel brightness. 
 
Keywords: ultrasound tongue imaging, laryngeal ultrasound, 
optical flow, pixel difference, dimensionality reduction 

1. Introduction 
The analytical landscape in ultrasound research is mainly 
based on contour tracking methods (Stone 2005; Kochetov 
2019). Segmentation of contours from ultrasound images often 
involves time-consuming manual intervention or hand-
correction, which may introduce replicability concerns (cf. 
Hoole & Pouplier 2017; Roettger 2019). Inter-speaker 
comparison is also often hindered by the need to normalize for 
differences in morphology, overall tongue size, and probe 
orientation and stabilization method (Slud et al. 2002; Heyne 
et al. 2019). 

Even as automated tongue contour tracking has improved in 
accuracy with gradual refinements to the method (e.g. Li et al. 
2005; Xu et al. 2016; Laporte & Ménard 2018), certain 
fundamental limitations remain. For instance, contour tracking 
methods cannot detect potentially informative changes to the 
tongue musculature below the contour surface (Koppenhaver 
et al. 2009; Vasseljen et al. 2009) and are not suitable for 
tracking articulators that cannot be treated as a single 
deformable edge, in particular the larynx. 

In this article, we introduce the Speech Articulation Toolkit 
(SATKit; Palo et al. 2021), a freely available collection of 
Python 3 methods with an initial focus on direct quantitative 
analysis of the pixels in articulatory imaging data. We view 
these whole-image methods as complementary to contour 
tracking methods and potentially useful to a wider range of 
researchers using two-dimensional ultrasound imaging. All 
methods are designed to use raw scanline data stored by the 
Articulate Assistant Advanced software suite, an emerging 
standard for data collection, compact storage, and corpus 
development (Eshky et al. 2018; Ribeiro et al. 2021) which is 
accessible to a growing number of theoretical and clinical 
researchers. 

2. Overview of features 
SATKit is under development as of the writing of this 
manuscript. At the present moment, methods included in 
SATKit include pixel difference and optical flow, which 
characterize differences between pairs of images, and 
dimensionality reduction utilities for extracting dimensions of 
variation in pixel brightness. We review these features below. 

2.1. Pixel difference 
The pixel difference of a given pair of images is calculated as 
the Euclidean distance between them in terms of pixel 
intensity. This unitless measure captures the presence of 
change in an ultrasound signal, including tongue contour 
movement and changes in activation of the tongue’s intrinsic 
musculature. Pixel difference methods are particularly well-
suited to gauging the onset of articulation as a complement to 
reaction times measured from acoustics (e.g. McMillan & 
Corley 2010; Drake et al. 2013). 

SATKit provides implementations of both of the pixel 
difference methods described in Palo (2019): a whole-image 
method calculates pixel difference over all pixels in the pair; 
and a scanline-based method calculates pixel difference for 
each column of pixels in the data, providing a localized 
measure of change. Image data are not spatially downsampled, 
as they are in McMillan & Corley (2010). 

Whole-image pixel difference outputs a time series of distance 
values between ultrasound frame pairs of length n-1 where n is 
the length of the sequence of frames provided. Such a time 
series is shown in Figure 1, where frame-by-frame pixel 
difference values above about 500 (a floor due to the noise 
typical of ultrasound imaging) indicate movement of the 
imaged portion of the tongue. Scanline-based pixel difference, 
which is not shown in Figure 1, outputs arrays of shape (s, n-
1), where n is the length of the frame sequence as before and s 
is the number of scanlines in the data, effectively consisting of 
one vector of pixel distance values for each scan line. 

2.2. Optical flow 
A second method included in SATKit for characterizing 
frame-by-frame difference, optical flow characterizes the 
direction and magnitude of apparent motion between a pair of 
images. For each image pair, a field of vectors is computed 
which describes the “flow” of pixel brightness patterns (Horn 
& Schunck 1981). Optical flow has previously been applied to 
the analysis of ultrasound imaging data for medical (e.g., 
Danilouchkine et al. 2009) and phonetic research (Moisik et 
al. 2014; Poh & Moisik 2019).  
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Figure 1: Whole-image pixel difference for an 

utterance [kɔt] ‘caught’ with waveform. Dashed line 
indicates go-signal (1kHz beep); onset of articulation 

(circled) precedes acoustic word onset. 

Optical flow does not depend on the visibility or tracking of 
specific structures for analysis, but rather captures holistic 
patterns of motion: reasonable results can be obtained 
provided there is enough frame-by-frame consistency (i.e., the 
differences between frames are small). Because of this, optical 
flow is especially well-suited to analysis of laryngeal 
ultrasound (Moisik et al. 2014; Poh & Moisik 2019), where 
tracking the movement of specific structures of the larynx 
using contour methods is infeasible. 

SATKit implements an optical flow method similar to that 
described in Moisik et al. (2014), but using dense optical flow 
(Farnebäck 2003), which is summarized in Figure 2. For a pair 
of frames of the same shape (m, n), a flow vector consisting of 
angle and magnitude measurements is calculated for each 
pixel. The vectors in the resulting flow field of shape (m, n, 2) 
are averaged to obtain a consensus vector for the entire field. 
Utilities are provided in SATKit for further processing of this 
signal: consensus vectors can be decomposed into velocity 
signals projected onto horizontal, vertical, or arbitrary oblique 
axes; and cumulative trapezoidal integration of velocity 
signals can be used to estimate displacement of rigid structures 
visible in the ultrasound’s field of view. Time series for 
consensus vectors and derived measures can be calculated 
across all frames in a recording for each successive pair of 
frames (Figure 3). 

SATKit provides both a batch-processing utility and a 
graphical user interface that allows for real-time visual 
inspection of the results of an optical flow analysis and for the 
adjustment of analysis parameters (region of interest, which 
component of the field is analyzed, etc.). The user interface 
also allows data to be exported in conventional formants (such 
as CSV) for further analysis with other software. 

2.3. Dimensionality reduction 
Dimensionality reduction characterizes the dimensions of 
variation in a data set by creating a small number of 
informative features from a much larger number of features. In 
SATKit, the especially large number of pixels in ultrasound 
images are reduced to patterns of covariation in pixel intensity, 
a method which has also seen use in some prior studies of 
lingual and laryngeal articulation (Hueber et al. 2007; Hoole & 
Pouplier, 2017; Mielke et al. 2017; Lin & Moisik, 2019). This 
approach is particularly useful for characterizing similarity and 
difference in articulation in speaker-specific terms. 

 
Figure 2: Schematic of SATKit optical flow 

calculation and derived measurements. 

 
Figure 3: Comparison of the vertical laryngeal 
displacement signal from SATKit, a manually 

validated displacement signal, and f0. 

SATKit implements principal components analysis (PCA) 
using the scikit-learn package (Pedregosa et al. 2011), with the 
pixels of an image set used as basis data. Utilities are included 
for inputting and outputting data from standardized caches, 
interpolation of raw scanline data to physical dimensions, and 
region of interest selection from raw scanline or interpolated 
data. Edge enhancement and filtering operations from 
Carignan (2014) are included to reduce imaging noise and 
improve the performance of the PCA, including a speckle-
reducing anisotropic diffusion filter specifically designed for 
ultrasound applications (Yu & Acton 2002). 

PCA yields principal components (PCs), uncorrelated 
dimensions which are rank-ordered by the proportion of 
variation in the basis data they explain. PC scores, which 
characterize each observation in the basis data in terms of its 
position on the new dimensions, are also produced. While 
dimensionality reduction over sufficiently large and diverse 
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articulatory image sets typically captures linguistically relevant 
variation in the new reduced-dimensionality space (Johnson et 
al. 1993; Nix et al. 1996), it can be difficult to interpret PCs 
without further visualization of the uncovered patterns of 
covariation. SATKit thus includes tools for generating so-
called eigentongues (Hueber et al. 2007) or eigenlarynges for 
each PC, which visualize the by-pixel covariation captured by 
each PC in the shape of the basis data as an aid to determining 
the linguistic relevance of each PC. 

Figures 4-5 show a PCA case study from Faytak et al. (2020). 
Figure 4 shows representative raw and filtered tokens of a 
Mandarin Chinese speaker’s [n] and [ŋ] syllable codas and the 
eigentongue for the first PC for all filtered tokens of these 
phones; this eigentongue captures variation between the 
alveolar (deep red pixels) and velar (deep blue pixels) places 
of articulation. The first two principal components for this 
speaker (Figure 5, left) capture nasal place (PC1) and 
coarticulatory influence of the preceding vowel (PC2). The 
clustering of data in a second speaker’s PC1-PC2 space 
(Figure 5, right) show that the latter completely merges the 
two nasal codas after /i/ and partially collapses the distinction 
after non-high vowels, whereas the first speaker maintains the 
distinction in all environments. 

           /n/                             /ŋ/ 

 

 

 
Figure 4: Representative raw (top) and filtered 

(middle) tokens of [n] and [ŋ] from one speaker, and 
the eigentongue which captures variation in pixel 
brightness in all tokens of both nasals (bottom). 

 
Figure 5: Reduced-dimensionality spaces for the 

speaker shown in Figure 4 (left) and a second speaker 
with coda neutralization (right). Polarity and 
magnitude of PC scores is arbitrary; axes are 

arranged for clarity. 

3. Discussion and ongoing development 
In this paper, we have presented the Speech Articulation 
Toolkit (SATKit) and highlighted its methods for whole-
image analysis of the pixels in ultrasound imaging data. These 
methods are intended as a useful complement to contour 
tracking methods, which are broadly used in the speech 
sciences at present, but are not well-suited to all research 
questions that ultrasound data may be collected for. We hope 
that the common development of several non-contour methods 
in a single package will facilitate their further use and 
encourage further validation of their suitability to data beyond 
what is discussed here. For instance, while we have focused 
here on applications to ultrasound data, these methods are in 
theory applicable to other two-dimensional image-based 
articulatory data (face video, MRI) with extensions that may 
be included in future updates. 

SATKit is under active development and features will be 
added to all methods described here, in particular the 
dimensionality reduction utilities. Simple machine learning 
models for detection of articulatory states based on linear 
discriminant analysis are likely to be included in a future 
release, along the lines of those implemented in Carignan 
(2014) and used in, for example, Mielke et al. (2017) and 
Shaw et al. (2020). Furthermore, while contour segmentation 
and tracking are beyond the scope of this package, we 
ultimately plan for SATKit to include additional utilities for 
quantifying contour shape and deformation from imported 
contour data.  
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Abstract
Voiceless plosive consonants [p, t, k] can play both a linguis-

tic and a paralinguistic role. In Human Beatboxing (HBB),

these sounds are manipulated and adapted for music-making

purposes. However, the similarities and differences between

linguistic and paralinguistic [p, t, k] are not thoroughly under-

stood. Four French-speaking beatboxers were recorded. Elec-

tromagnetic articulography (EMA) was combined with acous-

tic, electroglottographic, and breathing measurements. The

spoken plosives [p, t, k] were compared to their HBB equiva-

lent, kick, hi-hat and rimshot, in terms of place of articulation

and breathing strategy. This work shows some shared char-

acteristics between speech [p, t, k] and their beatboxed corre-

sponding sounds, (kick, hi-hat, and rimshot), such as place of

articulation. It also highlights some differences, such as a pecu-

liar breathing strategy for HBB tasks, lateralization of bilabial

occlusion, and possible repercussion of an ejective production

on tongue kinematics.

Keywords: speech production, Human Beatboxing, plosives

1. Introduction
Plosive consonants /p, t, k/ are among the most commonly-
found phonemes in the phonological inventory of the world’s
languages (Maddieson and Disner 1984). These sounds are pro-
duced via complete occlusion at different places along the vocal
tract. In addition to their linguistic role, they also fulfil a par-
alinguistic role. Syllables with plosive consonants are used in
instrumental practice, for playing wind instruments and percus-
sion. They support vocal practice as well, as is the case with
skat and konnakol (Arleo 1999; Atherton 2007). Some studies
have highlighted articulatory differences in the plosives used in
instrumental practice depending on the player’s first language
(Lamkin 2005; Heyne, Derrick, and Al-Tamimi 2019; Heyne
and Derrick 2015; Heyne and Derrick 2014). Plosive sounds are
also commonly used in Human Beatboxing (HBB), an emerging
and creative vocal art that relies on the human vocal instrument
to produce all kinds of sound for the purpose of music making.
HBB learning frequently begins with training on speech plo-
sives, syllables or sentences. For instance, kicks, the imitations
of the bass drum, are learned from a [p] or [b] consonant, the
imitations of the hi-hats stem from a [t] or [ts], and the imita-
tions of the rimshot technique performed on the snare drum are
based on a [k]. An open research question is that of the similar-
ities and differences in the articulatory and breathing behaviors
of speech and HBB. The present study investigates the produc-
tion of three plosives consonants of speech [p, t, k] compared

to three HBB sounds with similar places of articulation. The
breathing and articulatory behaviors are explored.

2. Methods
Five male French speaking beatboxers were recorded, four pro-
fessional and one amateur, aged 20 to 38 years old. The
recordings took place in the semi-anechoic room of GIPSA-
lab in Grenoble, a place of biomedical research authorized
by the ARS Auvergne-Rhône-Alpes. Electromagnetic articu-
lography (EMA WAVE, NDI, Canada) and respiratory induc-
tance plethysmography (RIP, ETISENSE, France) were com-
bined with electroglottographic, acoustic and video recordings
(Figure 1). Audio and EGG signals were sampled at 20 kHz,
RIP and EMA signals at 200 Hz.

Figure 1: a) Experimental setting; b) lip coils placement. LLH:

lip left high; LLL: lip left low; LMH: lip mid high; LML: lip mid

low; c) tongue coils placement. TA: tongue apex; TM: tongue

mid; TB: tongue back; TR: tongue right; TL: tongue left.

The three syllables [pu, ti, ka] were produced 6 times each
in a row, with 6 repetitions being preceded by [sasEl@] (En-
glish translation: "this is the"). The sequence was repeated
twice. The three HBB sounds kick, hi-hat, and rimshot were
produced each in a sequence of 12 repetitions, also introduced
by [sasEl@]. The data recorded by the different systems were all
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synchronized together. The bursts of the plosive consonants and
HBB sounds were manually segmented and annotated from the
audio recordings using Praat software (Boersma 2006). Spa-
tial trajectories of 7 coils placed on three flesh points of the
tongue (apex/blade, middle, and dorsum) and four flesh points
of the lips (upper and lower, median and lateral) were extracted
from the EMA recordings and their speed was computed. The
analyses were restrained to the mid-sagittal plane, therefore lat-
eral tongue coils TR and TL were disregarded. Mean trajec-
tories and variance were computed using the commercial soft-
ware package MATLAB (MathWorks: Bioinformatics Toolbox:

User’s Guide (R2019b) 2019)

3. Results
In this section, the breathing and articulatory data are presented.
Prototypical examples are shown.

3.1. Breathing behavior

The inspection of the breathing data illustrated in Figure 2 re-
vealed that all the beatboxers used a typical strategy during
speech: a brief inhalation phase evidenced by an increase of
the thoracic and abdominal circumferences followed by a long
decrease during sound production indicating a rather regular ex-
halation.

Figure 2: Breathing signals of subjects S04 (top) and S02 (bot-

tom). y-axes are arbitrary scales.

However, during HBB tasks the strategies varied. Some
beatboxers such as S04 used a similar behavior to speech, while
the breathing behavior of others such as S02 was peculiar to
HBB and characterized by minimal thoracic and abdominal
variations during HBB sound production. S05 produced the
Rimshot as an ingressive sound. As a result the thoracic circum-
ference increased during the task. These trends are not specific
to subject or stimuli, as inter-subject and inter-stimuli variabil-
ity was observed.

3.2. Articulatory behavior

The inspection of the articulatory data confirmed that the plo-
sives of the spoken syllables and their beatboxed counterparts
shared a similar place of articulation. The kick sound was pro-
duced as a bilabial plosive, such as the [p] in /pu/. The hi-hat
was produced as a velar, in the same articulatory region as [t].

The rimshot was produced in the dorsal region, similar to [k].
The spoken bilabial plosive was released centrally by all the
beatboxers (Figure 3). In contrast, not all the beatboxers re-
leased the kick sound on the mid-sagittal plane. S01 systemati-
cally released the bilabial occlusion of the kick laterally, on the
right side.

Figure 3: Release of the bilabial sounds.

In general, HBB sounds were produced with more ample
and rapid movements than speech sounds. This was particularly
the case in the [pu] vs kick comparison. Figure 4 shows how the
interlabial distance (displayed as the distance between the upper
and the lower central coils of the lips) varies within a limited
range in the [pu] sequence, whereas the range of variation for
the kick is greater, especially in relation to the acoustic burst.

Figure 4: Spatial trajectories along the y-axis of the distance

between the two central coils on the lips (LM), the tongue back

(TB) coil, its time derivative (dt TB), and the audio signal of a

sequence of kick sounds and of [pu]. Black trajectories: HBB;

green trajectories: speech.

Further, the tongue was very active during the production of
the kick sequence, more active than during the [pu] sequence,
where the plosive is followed by the close back vowel [u]. More
ample and fast movements were detected particularly in the
back region of the tongue. The rapid (approximately 10 cm/s)
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upward movements began before the burst, i.e. before the occlu-
sion was released and continued after, until the end of the sound.
Despite quite remarkable vertical movements, the tongue as-
sumed a lower attitude during production of the kick compared
to the [pu] (Figure 4 and Figure 5).

Figure 5: Mean and variance of the trajectory of the coils on

the lips and tongue, and audio signal of a representative token

produced by S03. Top: speech, [pu]; bottom: HBB, Kick. Black
solid line: palate contour.

4. Discussion and conclusion
Plethysmographic data collected on 5 beatboxers showed a sim-
ilar inter-subject breathing behavior for tasks related to speech.
However, more variability in breathing behavior was observed
during HBB tasks. Our findings reveal that it is possible to
beatbox using a breathing behavior similar to the one used in
speech, i.e. a breathing strategy typical of speech can support
HBB production. Nevertheless, some beatboxers employ two
different breathing strategies for speech and HBB. The former
allows for a brief and large air intake that sustains sound produc-
tion throughout the task, whereas the latter relies on small vol-
ume variations all along the sound sequence production. This
breathing strategy appears to be typical of HBB. From an articu-
latory standpoint, the place of articulation of the plosive sounds
explored is roughly the same for speech and HBB. However
other articulatory characteristics differed between the two types
of production. In general, HBB seems to require the articulators
to move faster than speech, especially in the region where the

occlusion occurs, i.e. the main place of articulation. The bil-
abial occlusion of the kick can be released laterally. The reason
for this may be a better control on lip tension upon occlusion re-
lease. This in turn influences the acoustic outcome, allowing to
tweak the timbral result. The choice of lateralization side seems
variable among beatboxers and not directly related to handed-
ness. Both [p] and kick are bilabial sounds, i.e. the main place
of articulation is situated on the lips. In both cases the tongue
is active as an articulator. While this can be explained in the
case of [pu] as the coarticulation of the bilabial plosive with the
following close back vowel [u], in HBB the plosive kick sound
is not followed by any vocalic sound, yet the tongue displays
regular and considerable upward and to a lesser degree forward
displacements. This may be explained as related to an ejective
production. The use of this kind of articulatory mechanism has
already been attested in most of the available literature on HBB
(Proctor et al. 2013; De Torcy et al. 2014; Sapthavee, Yi, and
Sims 2014; Blaylock et al. 2017; Patil et al. 2017; Dehais Un-
derdown, Buchman, and Demolin 2019) for the purpose of in-
creasing sound efficiency. The upward and forward movements
of the tongue could be consequence of the upper motion of the
larynx necessary for an ejective production to take place or the
tongue may be actively pulling the larynx to produce a more
effective ejection, as suggested by Proctor et al. (2013) and Pa-
roni et al. (2021). In conclusion, despite a possible common
root, which is reflected in a similar place of articulation, the
production of the plosive HBB sounds here explored is clearly
distinguished from that of the plosive sounds of speech.

5. Acknowledgements
This work is supported by the French National Research
Agency in the framework of the "Investissements d’avenir” pro-
gram (ANR-15-IDEX-02). Our gratitude goes to the beatboxers
who kindly accepted to participate in the experiment.

6. References
Arleo, Andy (1999). “On the phonology of nonsense syllables”. In: IIe

Journées d’Etudes Linguistiques, ” Syllabes ”. Ed. by Université
de Nantes. Nantes, France, pp. 52–59. URL: https://halshs.
archives-ouvertes.fr/halshs-00650629.

Atherton, Michael (2007). “Rhythm-speak: Mnemonic, language play
or song”. In: Proceedings of the International Conference on Music

Communication Science. Sydney, Australia. Citeseer, pp. 15–18.

Blaylock, Reed, Nimisha Patil, Timothy Greer, and Shrikanth S
Narayanan (2017). “Sounds of the Human Vocal Tract.” In: IN-

TERSPEECH, pp. 2287–2291.

Boersma, Paul (2006). “Praat: doing phonetics by computer”. In:
http://www.praat.org/.

De Torcy, Tiphaine, Agnès Clouet, Claire Pillot–Loiseau, Jacqueline
Vaissiere, Daniel Brasnu, and Lise Crevier–Buchman (2014). “A
video–fiberscopic study of laryngopharyngeal behaviour in the hu-
man beatbox”. In: Logopedics Phoniatrics Vocology 39.1, pp. 38–
48.

Dehais Underdown, Alexis, Lise Buchman, and Didier Demolin (Aug.
2019). “Acoustico-Physiological coordination in the Human Beat-
box: A pilot study on the beatboxed Classic Kick Drum”. In:
Proceedings of the 19th International Congress of Phonetic Sci-

ences (ICPhS). Melbourne, Australia. URL: https : / / hal .
archives-ouvertes.fr/hal-02284132.

Heyne, Matthias and Donald Derrick (2014). “Some initial findings re-
garding first language influence on playing brass instruments”. In:
Proceedings of the 15th Australasian International Conference on

Speech Science and Technology, pp. 180–183.

Paroni et al. #235

– 240 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Heyne, Matthias and Donald Derrick (2015). “The influence of tongue
position on trombone sound: A likely area of language influence”.
In: Proceedings of the 18th International Congress of Phonetic Sci-

ences (ICPhS). University of Canterbury. New Zealand Institute of
Language, Brain & Behaviour.

Heyne, Matthias, Donald Derrick, and Jalal Al-Tamimi (2019). “Native
language influence on brass instrument performance: An applica-
tion of generalized additive mixed models (GAMMs) to midsagittal
ultrasound images of the tongue”. In: Frontiers in Psychology 10,
p. 2597.

Lamkin, Linda Landeros (2005). “An Examination of Correlations be-
tween Flutists’ Linguistic Practices and Their Sound Production on
the Flute”. In: Proceedings of the Conference on Interdisciplinary

Musicology.

Maddieson, Ian and Sandra Ferrari Disner (1984). Patterns of sounds.
Cambridge university press.

MathWorks: Bioinformatics Toolbox: User’s Guide (R2019b) (2019).
MATLAB.

Paroni, Annalisa, Nathalie Henrich Bernardoni, Christophe Savariaux,
Hélène Lœvenbruck, Pascale Calabrese, Thomas Pellegrini, San-
drine Mouysset, and Silvain Gerber (2021). “Vocal drum sounds
in human beatboxing: An acoustic and articulatory exploration us-
ing electromagnetic articulography”. In: The Journal of the Acous-

tical Society of America 149.1, pp. 191–206. DOI: 10.1121/
10 . 0002921. eprint: https : / / doi . org / 10 . 1121 /
10.0002921. URL: https://doi.org/10.1121/10.
0002921.

Patil, Nimisha, Timothy Greer, Reed Blaylock, and Shrikanth S
Narayanan (2017). “Comparison of Basic Beatboxing Articula-
tions Between Expert and Novice Artists Using Real-Time Mag-
netic Resonance Imaging.” In: Interspeech, pp. 2277–2281.

Proctor, Michael, Erik Bresch, Dani Byrd, Krishna Nayak, and
Shrikanth Narayanan (2013). “Paralinguistic mechanisms of pro-
duction in human “beatboxing”: A real-time magnetic resonance
imaging study”. In: The Journal of the Acoustical Society of Amer-

ica 133.2, pp. 1043–1054.

Sapthavee, Andrew, Paul Yi, and H Steven Sims (2014). “Functional
endoscopic analysis of beatbox performers”. In: Journal of Voice

28.3, pp. 328–331.

Paroni et al. #235

– 241 –

Proc. 12th Intl. Seminar on Speech Production (ISSP2020)



Can we detect initiation of tongue internal changes before overt
movement onset in ultrasound?

Pertti Palo
CASL Research Centre, Queen Margaret University, Edinburgh, Scotland, UK

pertti.palo@taurlin.org

Abstract
In order to understand speech articulation, we need to un-

derstand not only what movements of the articulators are

used to produce a given sound, but also how those articu-

lator movements are produced by muscle actions. This

paper approaches this problem by analysing ultrasound

data with three methods. First, Pixel Di↵erence accounts

for all change apparent in tongue ultrasound data (Palo

2019; Palo, P. and Moisik, S. R. and Faytak, M. 2020),

second, two methods which evaluate the distance between

tongue contour splines: Average Nearest Neighbour Dis-

tance (Zharkova and Hewlett 2009) and a novel method

called Median Point-by-Point Distance. The results show

that while there maybe a small delay between tongue in-

ternal changes and movement of the tongue contour it

lies within the margin of error in the current data and is

unlikely to be significant. Further details are provided on

the performance of the two spline metrics.

Keywords: Pre-speech articulation, ultrasound tongue
imaging, pixel di↵erence, nearest neighbour distance, au-
tomatic data analysis

1. Introduction
Speech initiation can be used as a window into how the
articulator movements of speech are produced by muscle
actions. Furthermore, direct measurement of articulation
or muscular activation gives a more detailed (Kawamoto
et al. 2008; Linden et al. 2014) and a more appropriate
method of evaluating speech reaction times than acous-
tics.

Among articulatory measurement methods tongue ul-
trasound is currently one of the most popular. While
tongue contour extraction is the most common method
of analysing tongue ultrasound (Stone 2005; Davidson
2006; Mielke 2015), recently methods that analyse the
whole ultrasound image have received attention (McMil-
lan and Corley 2010; Drake, Schae✏er, and Corley 2013;
Palo 2019; Palo, P. and Moisik, S. R. and Faytak, M.
2020; Faytak, Moisik, and Palo 2020; Saito et al. 2020).

In seeking to make measurement of articulatory reac-
tion times fast and reliable Palo (2019) used a Euclidean
distance based metric called Pixel Di↵erence (PD) to
analyse ultrasound data. PD based reaction times are
on average almost 40 ms shorter than those measured
by manually annotating ultrasound videos (Figure 3.9 in
Palo 2019). Figure 1 shows a typical example from Palo
(2019). We can see that the red dashed-dotted line which
marks the manual video based movement onset is well af-
ter the point where the PD curve starts to rise.

In this context, the question arises if the di↵erence in
the reaction time measures is due to manual annotators

Figure 1: An example of Pixel Di↵erence (PD): the utter-

ance ’caught’. Green dashed line indicates the ’go’-signal,

red dashed-dotted line movement onset as annotated on

the ultrasound video by the author, and black solid lines

the acoustic segmentation.

relying on contour movement, while PD based reaction
times are the beginning of any significant change. In
other words, can we detect tongue internal changes before
movement of the tongue contour?

Working from the hypothesis that the di↵erence is be-
cause human annotators react to tongue contour move-

ment, while PD measures all change including changes
in the speckle, we need a method for evaluating tongue
contour movement. The Average Nearest Neighbour Dis-
tance (ANND) (Zharkova and Hewlett 2009) was the
first candidate for a spline change metric, but eventu-
ally a novel metric called Median Point-by-point Distance
(MPBPD) proved better suited for this problem.

2. Materials
The speech materials come from two delayed naming ex-
periments, which were recorded with the high-speed ul-
trasound facility at Queen Margaret University. In the
first experiment – Experiment 3 of Palo (2019) – all
phonotactically valid Finnish /CV/ syllables were pro-
duced by the author. In the second experiment – Ex-
periment 2 of Palo (2019) – lexical /CVC/ words were
produced by speakers of Standard Scottish English. The
materials analysed here come from a young adult male
speaker.

In both experiments the participants were asked to
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Figure 2: PD in the top panel, peak normalised Average Nearest Neighbour Distance (ANND) in the middle panel, and

acoustic waveform in the bottom panel. In all panels, the widely spaced dashed line at 0 s marks the ’go’-signal and the

tightly spaced dashed lines mark acoustic segment boundaries. In the middle panel the fainter, less stable curve is the

non-filtered ANND.

remain at rest until they heard the go signal – a 1 kHz
pure tone – and then produce the target syllable as soon
and as accurately as possible. Ultrasound was captured
at 120 fps and FOV was 137 degrees. Results and further
details of both experiments have been published in Palo
(2019). We present selected examples from the first data
set and statistics from about 189 automatically splined
tokens in the second data set. In both datasets, the ultra-
sound data was automatically splined in AAA (Articulate
Assistant Advanced User Guide: Version 2.14 2012) and
the splines were hand corrected up to the point where
movement had clearly begun.

3. Methods
3.1. Pixel Di↵erence (PD)

Pixel Di↵erence (PD) is a change metric which can be
used on any pixelated data. In this study, we use PD
on raw ultrasound frames (probe return data). PD is
the Euclidean distance between consecutive frames where
each frame is interpreted as an N-dimensional vector (N
is the number of pixels in the raw ultrasound frames). In
many cases (e.g. Figures 1 and 2) PD provides a clear
view of articulatory gestures and is particularly useful in
identifying articulatory onset.

3.2. Choosing a spline change metric

Average Nearest Neighbour Distance (ANND) is a dis-
tance metric for two groups of points. It is based on
the Nearest Neighbour Distance (NND), which is calcu-
lated for an individual point in relation to a compari-
son group of points (Zharkova and Hewlett 2009). The
Nearest Neighbour Distance of a point to the comparison
group is defined as the distance between the point and
the nearest point in the comparison group. In general
use, the distance can be defined by any distance met-
ric. In our case, we use Euclidean distance. ANND is
the average of the Nearest Neighbour Distances of group
one when compared with group two. In this study, the
point groups are 2D spline sample points of individual
ultrasound frames (Figure 2).

To produce change curves that are analysable, the
spline metrics were computed using a time step of 3 –
that is comparing each frame to the third one after it
instead of the immediately following one like in the case
of PD. The curves were also smoothed with a moving
average filter with a window length of 5 frames. To facil-
itate comparison of di↵erent metrics, the spline metrics
in Figures 2 and 3 have been peak normalised by scaling
the highest peak of each metric to 1.

ANND rarely behaves as well as it does in the exam-
ple in Figure 2. Instead, in many tokens it shows a lot
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Figure 3: PD in the top panel, peak normalised ANND and Median Point-by-Point Distance (MPBPD) in the middle

panel, and acoustic waveform in the bottom panel. In all panels, the widely spaced dashed line marks the ’go’-signal and

the tightly spaced dashed lines mark acoustic segment boundaries.

of noise while the corresponding PD curve is very steady.
Figure 3 shows an example where ANND (orange) shows
significant activation before PD shows movement. After
trying out median NND and average point-by-point dis-
tance, Median Point-by-Point Distance (MPBPD) was
selected for use in this study because it was the most
conservative of the tried metrics.

MPBPD calculates first the Euclidean distance be-
tween each corresponding sample point of the two splines
being compared. (Correspondence is defined radially in
probe centred coordinates.) The metric is then defined
as the median of the individual distances.

3.3. Code availability

All analysis code was written in Python 3 and will be
available as open source code under the GPL license in
the near future. PD is already available in Python as part
of the Speech Articulation ToolKIT (SATKIT) (Faytak,
Moisik, and Palo 2020; Palo, P. and Moisik, S. R. and
Faytak, M. 2020), which also includes other ultrasound
analysis tools. ANND, MPBPD, and all other metrics
that were tested in this study will be included in SATKIT
in early 2021. The code also includes a simple GUI for
annotating onsets on the di↵erent metrics.

4. Results
Figure 4 shows violin plots (box plot-like density dis-
tribution plots) of the di↵erence between PD onset and
MPBPD onset as well as the onsets themselves. For the
di↵erence between onsets the mean was ⇡ 7.8 ms and
sd ⇡ 21.1 ms.

0.0
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Difference PD onset MPBPD onset

Ti
m

e 
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PD onset

MPBPD onset

Figure 4: Distributions of the di↵erence between PD on-

sets and MPBPD onsets and the distributions of the on-

sets themselves. The black dots on the graphs represent

means with the lines showing the extent of ± one stan-

dard deviation.
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The original sample consisted of 192 tokens. Out of
these 179 were analysed. Three tokens were excluded due
to technical problems with the data, nine tokens were ex-
cluded because they had either unclear patterns in either
PD or MPBPD or both, and finally, one token was omit-
ted for a considerably longer onset time than the others
(close to .6 seconds in both modalities). As we can see
the onset distributions are quite similar and most impor-
tantly the distribution of their di↵erences overlaps 0 s
as does the very conservative estimate of mean ± one
standard deviation.

4.1. Observations on splining

It is very di�cult to have a splining template that would
catch everything. As a result it is practically always nec-
essary to check all the splines before applying metrics to
them if we are interested in anything but the speech on-

set. Spline checking tended to be easy and fast within the
utterance because the template was fitted to a central
articulation position. However, high starting positions
needed to be corrected more often, and the steady ar-
ticulation following the utterance had frequent tracking
problems around the velar region. These are presumably
individual characteristics of the speaker in the first data
set. Correcting splines was done at a rate of slightly more
than 8 frames per minute. Given the long samples (on
average 1.5 s) analysed in the first data set, the correc-
tion time for as single token was 15-25 minutes. Since
the aim was only to identify the speech onset, using au-
tomatic splining with minimal checking – only seeing if
the splines fit well at the rest position – was needed.

4.2. Annotating PD and MPBPD

A custom Python GUI was used by the author to an-
notate the PD and MPBPD curves. Marking movement
onset on both PD and MPBPD (or excluding a token
from analysis) took about 35 minutes for a sample of 189
tokens. In most cases the decision was easy to make,
while some MPBPD curves were more challenging. A to-
tal of 9 tokens had to be excluded because either PD or
MPBPD or both were unclear.

5. Discussion and conclusion
It looks unlikely that we can detect tongue internal
changes significantly before tongue contour movement –
at least with the methods presented here. It is postulated
that the muscular hydrostat nature of the tongue causes
local changes in muscle shape to have an almost imme-
diate e↵ect on the overall shape of the tongue. Thus, it
also seems unlikely that the di↵erence between PD on-
set and movement onset measured manually from ultra-
sound videos could be due to human annotators reacting
to tongue contour movement. Rather, we need to look
for a di↵erent explanation there.

The results also suggest that at least the spline
change metrics tested here are poorly suited for evalu-
ating changes over short time intervals because spurious
changes in the contour fitting produce relatively large
changes in the metrics. This will most likely not be the
case if the splines come from very di↵erent articulatory
positions.
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Abstract  
Physical activity triggers physiological changes in the body 
that affect systems involved in speech production. One effect is 
an increase in fundamental frequency (f0) during activity, 
though most studies test only vigorous exercise. In this study, 
we ask whether low-intensity (everyday) activity also affects 
basic vocal parameters. We measured mean f0 and vocal 
intensity in 12 speakers exercising at light vs. moderate 
intensity during a reading task. We found a significant 
increase in f0 with both light and moderate exercise. Increases 
in vocal intensity followed the same pattern, though 
observations numbered too few for statistical analysis. We 
also found considerable differences between individuals.  
 
Keywords: production, fundamental frequency, prosody, 
submaximal exercise, speech under stress 

1. Introduction  
Physical activity is a type of stress, defined here as “the non-
specific response of the body to any demand” (Selye 1974). 
Research on cognitive and emotional load shows that stress 
results in perceptible changes in the voice, including increases 
in pitch and loudness (review: Kirchhübel 2011). While these 
changes to the acoustic speech signal have also been 
documented in response to physical stress, the area is not as 
widely researched (review: Van Puyvelde 2018). 
In recent years various studies have started exploring how 
exercise (physical stress) affects different aspects of speech 
behavior. The most widely investigated parameter is f0. 
Individual studies have reported on other acoustic correlates of 
exertion, such as vocal intensity, HNR and jitter/shimmer, but 
an overall picture has yet to emerge.   
For f0, however, most studies have found increases with 
physical activity, though methods vary widely. In fact, to our 
knowledge, no two studies have used the same combination of 
speech task and physical load (i.e., level of exertion). Speech 
tasks included counting from one to ten (Johannes et al. 2007), 
producing sustained vowels (Primov-Fever et al. 2013), 
reading a passage (Trouvain & Truong 2015), and responding 
to open questions (Marquard et al. 2017). The physical tasks 
were generally performed on typical exercise equipment (e.g., 
stationary bicycle, treadmill, elliptical), but at high levels of 
physical load, ranging from vigorous (e.g., running) to pre-
exhaustion. Consequently, it is not clear to what extent these 
findings generalize to everyday contexts of lighter activity and 
connected speech.    
Additionally, the relationship between physical load and f0 
may be speaker specific. In a study of 51 participants 
exercising while repeating recorded sentences, Godin & 
Hansen (2008) found that f0 decreased or did not significantly 
change for more than one-third of participants. Such results 
underscore the importance of exploring speaker differences.  

Understanding more about how day-to-day physical activities 
may perceptibly alter f0 and vocal intensity may have useful 
applications in automatic speech recognition technologies or 
therapies for speech pathologies. To this end, the present study 
investigates mean f0 and vocal intensity in read connected 
speech as participants engage in light and moderate physical 
activity. Our first aim is to test whether light-intensity activity 
affects f0 and vocal intensity. The second aim is to investigate 
between-speaker differences in response to physical activity.   

2. Methods  
Acoustic, respiratory and motion capture data were collected 
from 48 female native speakers of German performing speech 
tasks at different exercise intensities. Speakers were recruited 
via a study database and paid for participation. All participants 
gave informed consent prior to the experiment; none reported 
any hearing, speech or breathing pathologies.  

2.1. Participants 

This pilot study analyzed a reading task for a subset of corpus 
participants (N = 12). All were non-smokers and between 19 
and 31 years of age (x̄ = 22.6). 

2.2. Materials and equipment 

The reading task was a 126-word approximation of 
spontaneous speech. The passage was generated as follows: a 
female German speaker answered an open-ended question 
orally; her response was transcribed without disfluencies. The 
exercise task was riding a low-noise stationary bicycle in a lab 
setting under thermoneutral conditions (20–22°C). Speech was 
recorded at a sampling rate of 22050 Hz using a head-mounted 
microphone placed 4cm from corner of mouth at a 90° angle. 
Vocal intensity was measured as sound pressure level (SPL) 
using a calibrated microphone placed 30cm from mouth and a 
sound pressure level meter (MiniSPL and Acoustilyzer; NTi 
Audio, Liechtenstein). SPL was measured as equivalent 
continuous sound level (Leq, A-weighted) in dB per trial. 

2.3. Design  

2.3.1. Experimental design 
A within-participant design was used with one CONTROL 
(sitting still) and two exercise conditions: LIGHT intensity and 
MODERATE intensity. The conditions occurred in the fixed 
order CONTROL > LIGHT > MODERATE. Because the acute 
physiological response to exercise persists for some time 
following activity, randomizing condition order would make it 
difficult to ensure that CONTROL truly measured baseline. 
There were three trials per condition, totaling 108 readings of 
the passage (3 trials × 3 conditions × 12 participants). 
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2.3.2. Calculating exercise intensity using heart rate 

Exercise intensity refers to the physical effort needed to 
perform an activity. Intensity can be expressed as a percentage 
of maximal heart rate (HRmax). Generally, 30–50% HRmax is 
considered light intensity (e.g., brisk walking) and 60–75% 
moderate intensity (e.g., running). Our conditions were 
defined as: LIGHT = 35% HRmax; MODERATE = 65% HRmax.  
For the experiment, we calculated a target HR in beats per 
minute for each participant using age and resting heart rate 
(HRrest) to reflect fitness. This was done using a standard 
method in sports science, the Karvonen formula, given in (1).   

target HR = [(HRmax – HRrest) ×  % intensity] +  HRrest  (1) 

HRmax was predicted following Tanaka et al. (2001) using: 
208 –  (0.7 ×  age ). HRrest was estimated by having each 
participant lie down for 10 minutes and taking the average 
heart rate measured over minute 11 using a wrist-worn HR 
monitor (Scosche Rhythm), which was worn throughout the 
experiment. To validate calculated intensity levels, 
participants rated their level of perceived exertion (post-
experiment) using the standard Borg scale (Borg 1982). The 
average rating for the LIGHT condition was 10 (“very light”) 
and for the MODERATE condition 14.5 (“somewhat hard”). 

2.4. Procedure  

Seated on the bicycle, participants read the passage presented 
on a monitor at eye level. They were instructed to read in a 
natural way as if speaking and were familiarized with the text 
prior to the experiment by reading it aloud once. In the 
CONTROL condition, participants sat on the bike but did not 
pedal. There followed a 4-minute cycling warm-up to reach 
target HR for the LIGHT condition. The procedure was repeated 
for the MODERATE condition. HR was continuously monitored 
in real time using a tablet connected to the wrist-worn monitor. 
Resistance on the bike was adjusted between trials as needed 
to keep the participant at her target HR. The reading task 
averaged about 2.5 minutes per condition. However, 
participants cycled for about 20 minutes per condition because 
other speech tasks (not analyzed here) were recorded.  

2.5. Acoustic measurements and statistics 
Mean f0 was obtained using two scripts in PRAAT (Boersma 
& Weenink 2019). Speech was segmented into voiced and 
unvoiced sections using autocorrelation to detect f0. To 
improve accuracy, the pitch range was set to each speaker’s 
actual range, determined via manual inspection of narrow-
band spectrograms. Pitch ceiling was set slightly above each 
speaker’s highest f0 value across all conditions (range: 320–
400 Hz). The lowest f0 values were between 70 and 80 Hz for 
all participants (reflecting use of creaky voice). Because pitch 
floor affects the window size used for autocorrelation, it was 
set to 75 Hz for all participants. Figure 1 shows a sample of 
the segmentation into voiced (V) and unvoiced (U) sections. 

 

 Figure 1: Speech segmented into voiced (V) and unvoiced (U) 
sections; further annotation added for illustration only. 

 

The resulting textgrids were manually validated. Mean f0 was 
extracted from each voiced section, yielding 13,512 
observations (approx. 375 per condition per participant).  
Vocal intensity was measured as the equivalent continuous 
sound level (Leq) for each trial (approx. 45 seconds).1 Speech 
sound levels fluctuate over time, and this method yields a 
single decibel value that represents the total sound energy over 
the period of interest. Measuring vocal intensity as Leq yielded 
one observation per trial (n = 108), which was not considered 
sufficient for statistical analysis. Consequently, vocal intensity 
results are descriptive. For the data on fundamental frequency, 
statistical analyses were run in R (Version 3.6.0.).  

3. Results  

3.1. Effect of physical activity on f0  

Assumptions of homogeneity of variances were met (Fligner-
Killeen test, p = .11), but assumptions of normality were not 
(Shapiro-Wilk test, p < .001). For this reason, we used a non-
parametric test (Kruskal-Wallis) to test for a difference in f0 
between conditions. There was a statistically significant effect 
of condition (p < .001) with a moderate effect size (η2 = .12). 
Post hoc pairwise comparisons using Dunn’s test with 
Bonferroni correction showed a significant difference between 
all conditions at p < .001. Data are plotted in Figure 2.    
 

 

Figure 2: Mean f0 (Hz) per condition;  
outliers in black. 

Descriptive statistics are reported in Table 1, with interquartile 
range (IQR; Q3 − Q1) as a measure of statistical dispersion.   

Table 1: Descriptive statistics for f0 (Hz). 

Condition median 1st–3rd quantile IQR 
CONTROL 199  180–218  37.7  
LIGHT 211  194–234  39.8 
MODERATE 225  207–250  43.4 
 

 
1  A technical issue precluded measuring vocal intensity using the 
method described in the submitted abstract. The current method results 
in far fewer observations and thus requires a different analysis.  

*** 
*** 

*** 
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The data show that even light-intensity activity is accompanied 
by an increase in mean f0. The data also show that f0 further 
increases as activity intensity increases (MODERATE condition).   

3.2. Effect of physical activity on vocal intensity 
The results for changes in vocal intensity (SPL) are 
descriptive; nevertheless, the differences between conditions 
are noteworthy, as shown in Figure 3. The data were z-
transformed by speaker to account for differences at baseline. 
Individual datapoints appear as crosses to show the underlying 
distribution of the data. Outliers are marked with a red dot. 
 

  

 
Figure 3: Mean SPL (normalized) showing individual 

observations; outliers are in red.  

Group means per condition are given in Table 2 in absolute 
values, though these should be interpreted with caution, 
considering the number of observations and substantial 
between-speaker differences (see Section 3.3).  

Table 2: Descriptive group statistics for SPL (dB) per 
condition. 

Condition mean SPL SD 
CONTROL 58.9  3.0 
LIGHT 61.8  2.8 
MODERATE 64.1  2.5 

 
Differences between conditions were calculated per speaker 
and averaged to obtain a group average, shown in Table 3.  

Table 3: Mean difference in SPL between conditions. 

Condition Increase in SPL (dB) 
LIGHT − CONTROL 2.8  
MODERATE − CONTROL 4.2  
MODERATE − LIGHT 2.3  

 
These data suggest that even light-intensity activity results in a 
perceptible increase in vocal intensity, and that vocal intensity 
increases as activity level increases.  

3.3. Between-speaker differences 

Between-speaker differences were found for both f0 and vocal 
intensity. Mean values for each participant are presented 
below to show the range of variation. Participants were 
anonymized with random three-letter strings (e.g, hqn).  
For f0, half (n = 6) of participants followed the group trend, 
with a medium increase from CONTROL to LIGHT (range: 16–40 
Hz) and a further increase from LIGHT to MODERATE (range: 8–
33 Hz). These speakers are shown in the first lines of Table 4. 
Four speakers (cvq, rno, sph, ybh) showed a smaller stepwise 
increase in f0 with activity (LIGHT: 4–15 Hz; MODERATE: 7–12 
Hz). Two speakers (egb, jwi) showed a different pattern, with 
no change between LIGHT and MODERATE or no change 
between CONTROL and LIGHT. Surprisingly, one participant 
(egb) had a 41 Hz increase with light-intensity activity. These 
data show that physical activity can affect f0 to different – and 
not necessarily predictable – extents in individuals.   

Table 4: Mean f0 (Hz) per speaker per condition; 
shading indicates similar patterns.  

Participant Control Light Moderate 
byo 168 196 205 
hqn 181 203 225 
kgj 230 252 265 
vnu 214 229 235 
zib 195 211 244 
zmq 174 214 241 
cvq 191 195 207 
rno 204 216 223 
sph 192 207 215 
ybh 212 220 231 
egb 216 258 259 
jwi 195 195 226 

 
For SPL, half (n = 6) of participants followed the group trend: 
mean SPL increased from CONTROL to LIGHT (range: 1–3.4 dB) 
and again from LIGHT to MODERATE (1.5–3.4 dB), as shown in 
Table 5. For two speakers (jwi, ybh), this increase was small 
(LIGHT: 0.1–0.4 dB; MODERATE: 0.9–1), and for two speakers 
(zib, zmq) it was remarkably large (LIGHT: 4.8–6.9 dB; 
MODERATE: 3.3–4.8 dB). Two speakers (egb, vnu) show a 
different pattern: SPL increased substantially in the LIGHT 
condition (4.4–4.7 dB) but relatively little (0.5–1.4 dB) in the 
MODERATE condition.  

Table 5: Mean SPL (dB) per speaker per condition; 
shading indicates similar patterns. 

Participant Control Light Moderate 
byo 55.7 57.0 59.7 
cvq 57.2 58.2 61.6 
hqn 56.1 58.1 61.3 
kgj 61.1 63.8 66.5 
rno 56.2 59.6 62.4 
sph 60.7 63.0 64.5 
jwi 62.9 63.3 64.2 
ybh 63.5 63.6 64.7 
zib 59.2 64.0 68.8 
zmq 54.2 61.1 64.4 
egb 60.6 65.0 66.4 
vnu 60.0 64.7 65.2 
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Note that while these rough groupings are like those made for 
the f0 data, the participants differ somewhat. For example, 
compared with other participants, rno showed a relatively 
small increase in f0 but a substantial increase in SPL. This 
suggests that physical activity may not always affect f0 and 
SPL in equal measure.  
These data report individual values to show the range of 
speaker responses to physical activity. The data show that 
physical activity affects f0 and vocal intensity differently in 
individuals. Further, increases in f0 and SPL may be correlated 
to different degrees across speakers.  

4. Discussion and conclusion  
This study investigated 1) how light-intensity physical activity 
affects f0 and vocal intensity, 2) if changes in these parameters 
are greater for moderate-intensity activity, and 3) if there are 
between-speaker differences. We found that both f0 and SPL 
increased with activity; increases were larger in the MODERATE 
condition; and there were considerable speaker differences in 
terms of reaction to light- vs. moderate-intensity activity.  
A significant increase in f0 was expected in MODERATE, but 
not LIGHT. However, the size of increases in both activity 
conditions was considerably higher than in similar studies. 
One explanation may lie in the speech task. For example, 
Primov-Fever et al. (2013) used sustained vowel /a/. But 
reading a passage, as in our study, is more physically (and 
cognitively) demanding, which may further raise f0. We will 
pursue this question by analyzing mean f0 in the sustained-
vowel and speech tasks in our corpus. While significant task-
based differences in vocal performance have been reported for 
speakers with pathologies (Klingholtz 1990), this area remains 
underresearched. It is thus of methodological import to better 
understand how measures of vocal function may be 
conditioned by speech task.  
The increase in SPL was unexpected – striking, even, for some 
speakers. Because the bicycle emitted noise, a Lombard effect 
is possible. During cycling, total SPL in the recording room 
measured at the position of the calibrated microphone 
increased from 42.6 dB(A) (CONTROL) to 42.9 dB(A) (LIGHT) 
and to 43.4 dB(A) (MODERATE). While no threshold for the 
Lombard effect has been identified, Bottalico et al. (2017) 
estimated an increase of 0.65 dB(A) per 1 dB(A) increase for 
noise levels higher than 43.3 dB(A). However, this would not 
be enough to account for our data. Another possibility is that 
the inner experience of participants has an effect: they 
perceive their own louder breathing as ambient noise. While 
this idea is intriguing, we are not aware of any research in this 
vein. In any case, increases in SPL are certainly also driven by 
physiological changes initiated by activity (e.g., hormones, 
activation of the sympathetic nervous system) and increased 
ventilation (e.g., greater subglottal airflow).  
Differences between speakers were expected but were not as 
disparate as those reported in Godin & Hansen (2008). 
However, when we analyze the remaining speakers in our 
corpus, it is plausible that further variation will emerge. 
Individuals vary widely in their physiological and behavioral 
responses to physical load. Documenting speaker differences 
is thus crucial to better understanding the acoustic correlates of 
physical load.   
Our study showed that even light-intensity physical activity is 
associated with a perceptible increase in both f0 and vocal 
intensity, and that these increases are greater with more 
strenuous activity. We also showed that the changes in these 
parameters can vary considerably between speakers. It is 
important to highlight that even day-to-day physical activities, 
like walking, may be sufficient to perceptibly change some 

basic parameters of vocal function. These findings may have 
useful applications in automatic speech recognition 
technologies and in therapies for certain speech disorders.    
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