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1. ABSTRACT

1.1. EXECUTIVE SUMMARY IN ENGLISH

The problem addressed is assisting language teachers in improving their learners' acquisition and
retention of pronunciation skills. This is an important issue because spoken language is the most
commonly used form of communication. Self-study methods are required because there are not
enough teachers to teach students individually. |

Conventional self-study systems forced the learner to evaluate his pronunciation himself — an
impossible task given that if the learner could judge pronunciation quality he would have no need
to learn it to begin with.

The optimal solution is a computer-aided language learning system that train the pronunciation of
non-native learners. Such a system must explain to the learner (1) what his mistake was, (2) the
severity of the mistake, and (3) how to correct his mistake.

This dissertation proposes methods for teaching pronunciation in three areas — phone duration,
pitch, and phone quality — that provide beginning learners with corrective feedback for essential
pronunciation skills. Knowledge of speech recognition technology, phonological theory, and for-
eign language pedagogy are combined to model and measure non-native behavior. Focusing on
measurable, identifiable pronunciation skills achieves high reliability and validity. The proposed
methods can be extended to teach any language; this dissertation implements examples of systems
for learning Japanese or American English. '

The most significant direct contribution of this dissertation is in implementing the first computer-
aided pronunciation learning system that provides feedback similar to human teachers. For phone
duration and pitch accent in particular, pronunciation intelligibility is estimated by coupling speech
recognition technology with quantitative knowledge of how native speakers perceive pronuncia-
tion differences.

Methods used in this dissertation may aid related research in spoken language processing by (1)
improving speech recognition performance by using duration-based phone models for languages
where phone durations are phonemic or lengthening indicates stress placement, (2) improving per-
formance of language recognition, dialect detection and speaker adaptation by using non-native or
nonstandard-dialect phone models, and (3) improving spoken language understanding performance
by segmenting utterances into intonational phrases by using pitch models of lexical pitch accent
and intonation patterns of fixed phrases.

—1-1 —



1.2. EXTENDED SUMMARY IN JAPANESE

1.2.1. BEE
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2. THE PROBLEM

The problem addressed in this paper is automatically detecting, measuring and correcting non-
native pronunciation characteristics (so-called "foreign accents") in foreign language speech. Ac-
quiring nativelike pronunciation ranks first in desirability among foreign language learners. Unfor-
tunately most adult learners develop fossilized pronunciations that are distinctly non-native. Re-
search suggests that closer-to-native pronunciation might be obtained through intense pronuncia-
tion training early in the learner's study program [2].

In particular, the past decade has seen an influx of non-native speakers entering Japan. Jobs, educa-
tion, childcare, shopping — the language barrier hinders communication in all aspects of the new-
comers daily lives. Learning to speak Japanese fluently behooves good hearing and listening skills
— skills not effectively learned by studying written language. Nonnatives (especially Asians) speak-
ing with an accent are occasionally branded as inferior undesirables [30]. Good pronunciation
skills are essential for succeeding in Japan [18].

Yet only token attention has been paid to pronunciation teaching. The time spent in classrooms
practicing pronunciation is minimal. So is the quality of teaching material. According to a survey
conducted on 158 TJSL (teaching Japanese as a second language) teachers in the nation, most
teachers teach pronunciation in some form or another, but limit classroom activities to less than 10
hours total, typically concentrated at the very beginning of entry-level courses [29]. The lack of
instruction time is mainly due to the shortage of hours both learners and teachers can afford. Learn-
ers are eager to learn useful Japanese as quickly as possible — an understandable desire given they
are already in the country. Teachers are under pressure to prepare learners for Japanese language
proficiency tests [13]. These tests primarily measure written skills and listening comprehension.
Oral production is not tested because measuring speaking skills is unreliable without absurdly
intense effort [34]. A common misconception that reading and writing Japanese is hard but speak-
ing it is easy does not help. As a consequence, classroom instruction has concentrated on orthogra-
phy, vocabulary and syntax. It is not an exaggeration to state that students' abilities are measured by
how many kanji they can read and write. Students are lucky if their teacher uses a tape recorder or
hiragana chart for pronunciation practice. Most teachers do not use textbooks or teaching aids at all
[29]. TISL practitioners both here and abroad are clamoring for a systematic syllabus for Japanese
pronunciation training [21].

It is ironic that, after months of hard work and a well-deserved Japanese language proficiency
certificate in his hand, a non-native speaker seeking a job would be turned down at his first inter-
view. His poor oral skills suggest he knows less Japanese than he really does. Even'if he is hired, his
native speaker colleagues may not let him into the communication loop — "He won't understand,"
~ they may decide among themselves. Cast away from the social fabric, the non-native speaker is
doomed. The final insult is that by this time it is too late for remedies. His pronunciation mistakes

have become solidified, incapable of change.
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This perhaps overly melodramatic tragedy can be avoided by using self-study methods for pronun-
ciation skills. The acute shortage of classroom time and the appalling lack of teaching material can
be rectified while simultaneously strengthening the acquisition and retention of correct pronuncia-
tion.

Implementing such a self-study system is challenging in several ways. First, we need to target
pronunciation mistakes that either occur frequently and/or cause communication confusion. Sec-
ond, we need to measure these mistakes in consistent, meaningful terms. Third, we need to unam-
biguously instruct the learner how to correct these mistakes. These three conditions are necessary
for the learning system's reliability and validity. As detailed pronunciation curricula for TJSL do
not exist, one must be built.

__290__



3. THE LITERATURE

3.1. OVERVIEW

This chapter reviews systems for spoken language self-study. We start with a classic example of
comparing native and non-native speech by ear. We then discuss systems that process the learner's
speech in some way or another to produce information other than audio playback of the learner's
utterance. There are two examples of systems that display the speech waveform, pitch track, and/or
formants of both the native's model and the non-native's rendition. These systems use graphic
information to assist the learner in identifying pronunciation mistakes. Next, we review two ex-
amples that use speech recognition technology to understand the learner's speech. These systems
engage the learner in a simulated dialogue, and force the learner to speak. Last, we review an
example that uses speech recognition technology to measure the quality of the learner's pronuncia-
tion. This system quantifies pronunciation quality at the phoneme level using metrics derived from
acoustic distances.

All systems reviewed except the last are for TISL, and are representative of the state of the art
including systems for the training of non-Japanese languages.

3.2. COMPARISON BY EAR

The classical pronunciation self-study method is using a tape recorder [31]. The learner listens to
native speech, repeats and records it, and compares his utterance with the native's. Advantages of
this method are that the learner can practice listening skills and that the equipment can be portable.
Disadvantages are that the learner is not forced to say anything, and that the learner receives no
corrective feedback from the system. The learner must be highly motivated and have a good ear for
foreign languages.

Learners rarely have these qualifications. Indeed, a common shortcoming of all existing self-study
methods including the tape recorder method is that none tell learners whether their speech is intel-
ligible or what they can do to improve their pronunciation. If learners could judge the appropriate-
ness of their renditions by themselves, they would have no need to learn pronunciation in the first
place. Learners need to know what their mistakes are, how serious their mistakes are, and how to
correct their mistakes. Self-study systems that impose learners to judge the accuracy of their pro-
ductions are fundamentally flawed.
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3.3. COMPARISON ASSISTED BY SPEECH
PROCESSING (1)

Imaizumi et al proposed a system that displays the speech waveform, pitch track, formant trajecto-
ries, and other features derived from the learner's utterance [12]. These features are graphically
displayed on a computer screen along with previously processed and stored images of the native's
model. The learner changes his articulation so that his features match that the native model's. There
is no specific instruction on how this matching might be accomplished.

Imaizumi's system suggests various possibilities to automated pronunciation training, but the ef-
fectiveness of the system is unclear. This is because the system was not intended primarily as a
pronunciation teaching aid. It was proposed as an extension to Imaizumi's existing speech analysis
program for FO, F1 and F2 feature extraction; as such, Imaizumi did not run educational experi-
ments. The lack of instruction on how to alter the learner's speech with the native's leads one to
imagine that the system may not be effective.

Another concern is that the native model is a single utterance of a particular individual. If the
learner's speech waveform, formant trajectories and so forth were to overlap completely with the
native model's, then the learner must sound exactly like that particular native speaker, mirroring the
native's idiosyncratic speech mannerisms and voice quality. Imaizumi's system risks turning into a
method for voice actor training unless a native speaker is chosen carefully, perhaps by using mul-
tiple native speakers over the course of study, or by pairing natives with non-natives having similar
physical characteristics. ’

3.4. COMPARISON ASSISTED BY SPEECH
PROCESSING (2)

While Imaizumi's system is an application of his speech analysis tool, Saida et al designed a system
specifically for TISL [24][25]. Saida's system shares many features with Imaizumi's; both record,
play back and process the learner's speech, both display the time waveform and pitch track, and
both expect the learner to identify mistakes on his own without teaching him how. Saida intention-
ally left out this last step because she believes explicit corrective feedback embarrasses the learner.
She prefers to leave learners alone, saying learners should actively seek out pronunciation errors,
fix them, and quit practice when the learner is satisfied with his skills.

Saida's approach has several serious problems. First, a learner is unlikely to be able to point out
causes of pronunciation errors from a multitude of factors that comprise what we might call the

_ intelligibility or clarity of pronunciation. Second, a learner may terminate pronunciation practice

for the wrong reasons; he may be tired, or feel he is not making progress. Third, even if discovery

__ 32 __



learning as Saida suggests were feasible, repeating trial and error sessions with native speakers
seems excessively arduous for people who are in a rush to learn.

Imaizumi and Saida's systems can be expanded to include more speech processing information.
But the learning system should not demand learners to acquire new skills unrelated to pronuncia-
tion practice. For instance, displaying spectrograms should be avoided, because learning to read
spectrograms is unessential for learning pronunciation. (Many TISL learners lack technical back-
grounds.) The learning system should concentrate on analyzing pronunciation errors and suggest-
ing remedies. The learner should follow the system's suggestions. In this regard, even relatively
simple processing of speech (such as time waveforms) may be unsuitable.

3.5. INTERACTIVE DIALOGUE (1)

Syracuse Language Systems combined an interactive TISL application with a Japanese speech
recognition component developed by Dragon Systems [27]. This commercial product allows some
user-system interactions to be completely oral, thereby forcing the learner to speak. Speech recog-
nition accuracy is insufficient for native speakers — the system often refuses to recognize native
speech — but this does not seem to bother non-native learners, who eagerly spend hours talking to
the system.

As the system is a commercial product, details of the speech recognizer are proprietary. What is
known from using the system is that the learner is asked to choose and read a sentence from a set of
two to four; the recognizer selects the sentence having the closest acoustic signal to the learner's
utterance, and the conversation branches off into different directions according to what was recog-
nized. The recognizer handles rejection.

The system succeeds in engaging the learner in a purposeful, oral conversation. The learner needs
to understand the conversation's context, find the correct answer, and say it more or less correctly.
The problem is, as far as pronunciation learning is concerned, that there is no incentive to speak
more clearly or intelligibly. The system does not grade pronunciation. Insofar as the learner reads
one of the offered sentences aloud, the system will accept his pronunciation. The acceptance threshold
seems to have little if anything to do with the intelligibility of the utterance as perceived by native
speakers. No provision exists for training pronunciation per se. Similar problems exist in other
systems (e.g., [11, [4], [8]). The current state of the art of speech recognition applications to spoken
language learning is improving but still imperfect [3].

3.6. INTERACTIVE DIALOGUE (2)

~ The system designed by Ehsani et al is similar to the one by Syracuse Language Systems [4]. Both
systems simulate situation-based, system-learner dialogues. Learners reply to the system's verbal
prompts by saying whole sentences. Ehsani's dialogues has exactly one correct path the student
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should follow. Errors elicit corrective feedback for content; for instance, when the student says
"Pleased to meet you," the system might suggest "This isn't the first time you meet." Pronunciation
errors are not corrected.

Ehsani's system is essentially a sentence recognizer. The instructor scripts a dialogue consisting of
system prompts and student responses. The instructor anticipates correct and incorrect student ut-
terances based on the instructor's knowledge of the learner's linguistic skills. The student does not
choose from a set of sentences shown on the computer screen; he is free to respond to the system's
verbal prompts in any way. The strong advantage of this approach is that the learner must actively
generate a correct response instead of passively choosing one from a system-provided list. The
equally strong disadvantage is that if the dialogue is not scripted correctly, the student can say
something unforeseen by the system, causing the interaction to fail. The system's lack of respon-
siveness was cause for concern during field trials. In general, giving feedback in realtime is impor-
tant in pronunciation training because the learner must receive corrections immediately after speaking
or he will forget how he articulated.

3.7. PRONUNCIATION EVALUATION

Witt's system was designed for British English but studying it is useful because the basic algorithm
is language-independent [33]. Witt defines the goodness for each phone in the utterance as the
posterior probabilities that the learner uttered phone p given the acoustics O and the set of all
phones Q. She assumes that (1) all phones are equally likely, and (2) the total likelihood of all
phones in @ yielding the acoustics O can be approximated by the maximum likelihood of any
single phone yielding O. (Strictly speaking, neither of these assumptions is true in any language,
but is chosen as a first approximation.) Witt's goodness metric can quantify the pronunciation qual-
ity of each phone individually or as a group; for instance, a particular token of g can be analyzed on
its own, or all phones of type g occurring in the utterance can be treated at once.

Witt's method is one of the most systematic approaches to automated pronunciation grading to
date. Its weakness is relying on a single probability likelihood measure, which in turn is based on
multidimensional acoustic distance measures. Analyzing the acoustic signal of a phone or an entire
utterance, either by calculating the distance in acoustic feature space or by evaluating the probabil-
ity likelihood of non-native speech being produced given native HMM:s (hidden Markov models),
is incorrect because the learner's speech is a mixture of characteristics specific to the individual
(such as voice quality) and the learner's native language (namely its phonology) [22].

To improve the speech recognizer's performance, Witt uses speaker adaptation [16]. This method is
risky because it does not necessarily guarantee separation of speaker-specific characteristics from
that of the training-data population. In the case of well-trained native speaker HMMs, a particular
native speaker (to whom we wish to adapt HMMs) differs only on speaker-specific characteristics;
the rest are language-common features shared with the HMMs. This is not true for non-native
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speakers, again because their speech is heavily influenced by their native language's phonology as
well as their particular personal features [9][23]. An improvement is to use both native and target
phone models to quantify the proximity of the learner's speech to his native and target languages.

3.8. DISCUSSION

How do adults learn to speak non-native languages? Are all adults capable of learning second
languages, provided appropriate learning techniques are used over sufficient amounts of time? If
adults can learn to speak non-native languages at levels of competence at or close to native speak-
ers, then how can we automate the learning procedure? In particular, how can we automate pronun-
ciation learning? How can we use spoken language understanding technology to measure the good-
ness of pronunciation?

Children acquire languages easily, but adults must commit tremendous effort to learn a new lan-
guage. Adults learners often chafe at their restrictive language skills during the early stages of non-
native language learning. Messages that would be conveyed clearly in the learners' native lan-
guages are transmitted slowly, vaguely and imprecisely. Language practice tends to be repetitive,
mechanical, monotonous and void of intellectual content. If we could alleviate the learners' and
instructors' boredom, learners might become more motivated to learn (thereby acquiring and re-
taining more skills) and instructors might focus on teaching tasks that require the instructors exper-
tise.

In particular, although various proposals have been made for TISL pronunciation teaching, none
provide the learner with useful feedback such as "Your pronunciation is ihtelligible, " "Native speakers
will not understand you," "You should do such and such to improve your pronunciation," and so
forth. The system ought to determine when non-native accents cannot be removed further given
that most adults never attain complete nativeness, it is pragmatically useful for the system to say
"Your pronunciation is at a level where native speakers will understand you. However, your skills
are not likely to improve beyond this point. I suggest you stop practicing at this time." A system that
explains how to improve and indicates when to stop training is a system that teaches similarly to
human instructors.

To gain insight to these issues, a CALL (computer-aided language learning) system is implemented
for assisting entry-level non-native adult learners. The system helps learners acquire pronunciation
skills within a reasonably short learning period. By choosing pronunciation problems that occur
frequently and/or disrupt communication seriously, and by using classroom-proven techniques that
teach how to avoid such mistakes, automated pronunciation learning is shown to be feasible, reli-
able and valid. |

The dissertation covers three pronunciation areas. The first area is phone duration, which deals
with phones phonemically distinct based on duration. The second area is phone quality, which
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deals with how phones in the learner's native language affects the articulation of phones in his

target language. The third area is pitch, which deals with with how pitch is used to characterize
lexical items and fixed phrases.

Skills specifically not covered in this dissertation are sentence-level and discourse-level pronun-
ciation skills such as intonation patterns of interrogative sentences or back-channeling behavior.
These skills are directly relevant to pronunciation teaching but at this time teachers do not have
well-established teaching strategies that can be used with computerized self-study. Also not cov-
ered are higher-level linguistic skills such as choosing words, building sentences, interacting with
the listener and so on. These skills are important for acquiring language but are beyond the scope of
this study as they are not specific to pronunciation production.

The three pronunciation skills — duration, pitch and phone quality — are concentrated on pronun-
ciation errors at the phone or word level rather than at the sentence level. High reliability and
validity is achieved by targeting subskills, such as particular phoneme sets, rather than judging an
entire sentence as an amalgam. By combining durational and spectral differences within phones
and pitch changes across phones, we cover all pronunciation skills necessary for producing correct
speech given well-formed target language words or phrases. Japanese and English were chosen as
the target languages in this study to demonstrate the language-independent nature of the proposed
methods.
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4. PHONE DURATION

4.1. INTRODUCTION

Acquiring the pronunciation of individual phones is a crucial requirement in non-native language
training because the pronunciation of entire utterances depends heavily upon the correct pronun-
ciation of each phone. Unfortunately current methods of teaching are inefficient because they rely
on human instructors who in many cases cannot spend much time with each student. Using CALL
to teach many students individually in parallel may increase skill acquisition and retention by short-
ening the time required to detect and correct pronunciation errors early in the student’s learning
careers.

The pronunciation of Japanese tokushuhaku (long vowels, the mora nasal and mora obstruents) is
phonemically distinct based on phone duration. Long vowels and short vowels are spectrally al-
most identical but their phone durations differ significantly. Similar conditions exist-between mora
nasals and non-mora nasals, and between mora and non-mora obstruents. We built a system that
measures tokushuhaku phone duration using speech recognition technology. The system tells the
learner the likelihood of native speakers understanding the learner’s utterance as the learner in-
tended.

The system’s contribution to the field is that this is the first pronunciation learning system that
provides feedback similar to human teachers. Two key technologies are involved: (1) using speech
recognition to accurately measure phone duration, and (2) pedagogically evaluating the learner’s
phone durations. The know-how incorporated into the system might be applied to various areas,
including (1) teaching otherlanguages where duration is phonemic (e.g., Swedish), (2) teaching
languages where duration denotes lexical stress (e.g., English), and (3) improving speech recogni-
tion performance by using phone duration information.

This study proposes a method that automatically measures the duration of tokushuhaku phones
produced by non-native talkers by using a speech recognizer incorporating native phone models of
L2. The system instructs the learner to read aloud the words appearing on the computer screen. The
speech recognizer’s output includes the duration of each phone in milliseconds. The durations of
phones that are phonemically distinct based on duration are used to estimate the intelligibility of
those phones. Intelligibility estimates are based on perception experiments run on native speakers
of L2. Since duration is single-dimensional, corrective feedback to the learner consists of easy-to-
comprehend instructions such as “lengthen your [0],” or “shorten your [a].” |

For instance, let us assume a native speaker of Chinese who is beginning to speak Japanese. We

. know from TJSL research that such speakers tend to shorten double-mora vowels — a long [aa]

becomes a short [a] for example. By using a pronunciation network that looks for the phone [a] of
any length, the speech recognizer identifies the start-point and end-point locations of [a] with re-
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spect to the length of the utterance, and from start and end points calculate the duration of [a]. This
duration is compared with results from a perception experiment run on native speakers of Japanese,
where subjects were asked to discriminate short and long tokushuhaku that had been synthesized
with various durations. The perception experiment is the basis of intelligibility scores that are fed

back to the learner. The learner repeats saying the reading material until his intelligibility scores
rise to his goals.

This system expects strong support from language teachers. Tokushuhaku is a basic pronunciation
skill that needs to be taught at the very beginning of TISL study for two reasons: (1) the functional
load of tokushuhaku is significant, with the ratio beiween short and long phones being roughly 3:1,
and (2) tokushuhaku pronunciations are reflected in the kana orthography, which is taught in the
first several weeks of study. Most learners have difficulty with tokushuhaku because practically all
learners’ native languages lack phonemic distinction based on phone duration.

4.2. SYSTEM STRUCTURE

The overall system-user interaction is shown in figure 4.1. First, known reading material is pre-
sented to the learner. Next, the learner’s speech is forced-aligned by the speech recognizer (i.e.,
phone boundary locations are obtained with respect to the beginning of the utterance given a cor-
rect transcription or similarly tightly constrained language model of the utterance), and tokushuhaku
phone durations are measured (figure 4.2). Each duration is compared with results from perception
experiments ran on native speakers (this procedure is explained in section 4.6). Feedback to the
learner consists of (a) an intelligibility score showing the percentage of native speakers who will
understand the learner’s pronunciation, (b) instructions on whether to lengthen or shorten the
tokushuhaku, and optionally, (c) the tokushuhaku duration in milliseconds. An example of a feed-
back display is given in figure 4.3. The process flow of the system is shown in figure 4.4.

For speech recognition, HTK v2.1 [36] was used with gender-dependent phone models based on
[28]. Prior knowledge of the reading material is used to determine whether a phone was a tokushuhaku
or not. Audio input is 16-bit linear sampled at 16 kHz, using a desktop electret condenser micro-
phone. The entire system runs on a Sun workstation in realtime. Each practice turn takes 6 seconds
(3 seconds record, 3 seconds playback).

The reading material of this system is comprised of minimal pairs of actual words, for example
“kado” (corner) and “kaado” (card). The learner may choose at any time to listen to a native speaker’s
recording of the reading material. Doing so tends to sway the learner’s speech rate towards the
native model’s. After the learner reads the word pairs, he immediately receives an intelligibility
score and instructions on how to correct his pronunciation. For instance, the feedback might be
“Your kado can be understood by 100 percent of native speakers, but your kaado can be understood
by only 10 percent. Say kaado longer.” Depending on the phone’s duration, the system instructs the
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learner to “say it longer” or “say it shorter.” This kind of feedback is straightforward regardless of
the learner’s educational background.

4.3. SYSTEM EVALUATION

43.1. RELIABILITY AND VALIDITY

The system’s pedagogical reliability is based on its accuraéy of forced alignment. In order to deter-
mine how accurately the system measures phone duration, we compared hand-labeled and system-
measured segment durations. Comparing 1651 phones obtained from 3 non-natives showed that all
durations of phones occurring within a word were measured at differences at or below 10 ms (10
ms being one frame width for the speech recognizer). Given that the appropriate durations of short
and long tokushuhaku differ at magnitudes significantly larger than 10 ms, measurement differ-
ences of 10 ms are well within the acceptable threshold.

The system’s pedagogical validity is based on the appropriateness of corrective feedback, which in
turn is based on estimates of tokushuhaku intelligibility. To clarify what durations are unambigu-
ously perceived by native speakers as tokushuhaku for particular cases, we ran perception experi-
ments of native speakers judging artificially altered tokushuhaku durations.

Minimal pairs of actual Japanese words differing solely on the presence or absence of tokushuhaku
were chosen. Next, each word was synthesized in isolation with 13 varying tokushuhaku durations.
Vowel durations were adjusted at roughly constant ratios. Preplosive closures were varied at 20 ms
steps. For nasals, a moraic nasal of varying length was combined with a non-moraic nasal of fixed
length (45 ms). A shallow downstep pitch based on a prosodic model was added to all words, but no
lexical pitch accent was used [6][10]. Table 4.1 shows the minimal pairs along with the minimum
and maximum phone durations created by the terminal analog speech synthesizer [11][26]. Double
phones such as [aa] denote tokushuhaku; single phones such as [a] are non-tokushuhaku. Durations
for each synthesized word were measured by hand. ‘

All 13 different varieties of each word were played twice in random order. Twelve native speakers
of Japanese were asked to categorize the words as a word containing tokushuhaku, not containing

tokushuhaku, or neither of the above.

Some frequency plots of the subjects responses are shown in figure 4.5. There was almost perfect
agreement among subjects with regard to short and long durations. As expected, mid-range dura-
tions were judged as ambiguous, as were overly short or long durations. Discrimination curves
closely matched normal distributions (table 4.2). Tokushuhaku and non-tokushuhaku are clearly

distinguishable.
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Assuming the subjects’ responses were normally distributed, we calculated best-fit normal distri-
butions. Estimated best-fit cumulative normal distribution curves, overlaid on figure 4.5, show that

the subjects’ responses closely match normal distributions. Table 4.2 shows the means and standard
deviations of these estimated normal distributions.

The percentages of curves shown in figure 4.5 can be interpreted as intelligibility indices based on
tokushuhaku duration. For instance, the tokushuhaku curve in figure 4.5(e) can be interpreted as
the percentage of native speakers understanding a hypothetical learner’s rendition of “toru” or
“tooru” produced with varying tokushuhaku lengths. The level of agreement among native speak-
ers as a particular phone being short or long tokushuhaku indicates the appropriateness of that
phone. By knowing the learner’s intention beforehand, we can provide corrective feedback that
quantifies the likelihood of the learner being understood correctly.

The estimated means of subjects’ responses reflect short and long tokushuhaku durations having a
50 percent likelihood of being understood correctly. For non-native speakers to be understood
correctly significantly better than chance, the training system should aim for learners to say
~ tokushuhaku phones at intelligibility rates higher than 80 percent. Thus the high intelligibility range
for short tokushuhaku translates to durations of no more than 0.84 standard deviations below the
mean (for long tokushuhaku, no less than 0.84 standard deviations above the mean). These 80-
percent-intelligibility durations are also listed in table 4.2. The appropriate durations for short and
long tokushuhaku differ considerably; long tokushuhaku should be between 1.3 and 3.0 times longer
than short tokushuhaku, depending on the phone. '

The bottom section of table 4.2 showss that the 19 tokushuhaku durations were concentrated within
areasonably small range. Thus when designing pronunciation lessons for minimal pairs not studied
in the perception experiment, average means and standard deviations may be substituted; intelligi-
bility distributions for short tokushuhaku can be approximated by N(105,25), and for long
tokushuhaku by N(126,25).

43.2. LEARNING EXPERIMENTS

We ran an evaluation experiment in order to study the effectiveness of the proposed system. The
objective was to measure (a) the improvement of pronunciation of particular tokushuhaku minimal
pairs after using our system to practice them, (b) the improvement of pronunciation of tokushuhaku
minimal pairs that were not taught explicitly, and (c) the length of time needed to acquire sufficient
skills. The first measurement indicates the system’s responsiveness to the learner’s mistakes. The
second measurement indicates the degree of skill transfer. The third measurement indicates the

learner’s workload when acquiring skills.

The experiment consisted of three consecutive stages (figure 4.6). All three stages were conducted

in one seating without rest periods.
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In stage one, subjects were asked to read all 19 tokushuhaku minimal pairs in table 4.2 one pair at
a time in short-long order. The subjects’ utterances were recorded and immediately played back for
aural review by the subject. Each subject was asked to repeat reading each pair until he determined
he had done the best he could. The last rendition was used for analysis. Subjects did not listen to
native speaker renditions during stage one. Some of the minimal pairs were unfamiliar to the sub-

jects.

In stage two, subjects used the proposed system to practice pronouncing three of the 19 word pairs
read in stage one. The word pairs “hata/hatta”, “kado/kaado” and “kona/konna” were chosen to
represent plosives, vowels and nasals. Subjects had the option to, but were not forced to, listen to a
native speaker reading the word pairs at any time. Subjects were instructed to continue practicing
each word pair until they received “excellent” ratings (intelligibility at or above 80 percent) for
both short and long tokushuhaku at least once.

In stage three, subjects repeated the task in stage one. As in stage one, the subject’s last rendition
was analyzed.

Table 4.3 lists the five non-native speakers who were chosen as subjects. The subjects were all male
graduate students in engineering, and had stayed in Japan for periods ranging from 4 to 42 months.
Table 4.3 also shows the total amount of elapsed time spent on all three stages of the experiment.

Figures 4.7(a) and (b) show scatter plots of intelligibility scores of the tokushuhaku minimal pairs
that subject number 1 read at the ends of stages one and three.

Of the 19 tokushuhaku minimal pairs the subjects read, figure 4.7(a) shows data for the 3 pairs
which were trained in stage two. Data points on the upper-left half of the chart (above the line
denoted by y=x) indicate pronunciation improvement caused by automated training during stage
two. (Each data point does not necessarily reflect a single word pair because some data points
overlap.) We see that his short tokushuhaku improved greatly (his long tokushuhaku were correct
to start with).

Figure 4.7(b) shows data for the 16 minimal pairs that were not trained in stage two. Intelligibility
scores for most word pairs improved even though they were not explicitly taught. This result sug-
gests that tokushuhaku skills transfer from trained phones to untrained phones, which in turn sug-
gests that learners may acquire wide competence in tokushuhaku production after practicing on a

relatively small number of tokushuhaku pairs.
Figures 4.8(a) and (b) are analogous charts for subject 2, and show similar tendencies.

Table 4.4 shows the intelligibility of short and long tokushuhaku before and after training. Thé
average intelligibility of untrained short tokushuhaku rose from 49.6 percent to 61.3 percent (n=_80),
indicating the transfer of tokushuhaku skills. As subjects did very well on long tokushuhaku (ap-
proximately 97 percent intelligibility both before and after training), learning patterns for short
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tokushuhaku only were further analyzed (table 4.5). We founa that obstruents are apparently the
easiest category of tokushuhaku (average intelligibility 70.4 percent prior to training, and 76.9
percent afterwards), while vowels and nasals were more difficult (average intelligibility for both is
less than 40 percent before training and about 50 percent afterwards). Further subdivision of
tokushuhaku phones did not yield specific patterns regarding tokushuhaku difficulty. The poor

intelligibility scores for the untrained moraic nasal was probably an error caused by the small
sample size.

Table 4.6 shows the percentage of short tokushuhaku (vowels, nasals and obstruents) whose intel-
ligibility scores increased by more than O after training. Tokushuhaku skills that were trained we
trained until subjects obtained intelligibility scores of 80 percent or more; the reason why the aver-
age scores of trained short tokushuhaku was 60 percent is probably because some subjects forgot
how to produce short tokushuhaku correctly. This result suggests that longer and/or repeated train-
ing sessions are needed for tokushuhaku skill retention.

Figure 4.9 shows intelligibility scores of all subjects as they used the system to practice during
stage two. Each set of connected data points represents a training session for a particular word pair.
Although scores occasionally fluctuate (possibly because the subjects were exploring various pro-
nunciation strategies), scores generally improve with each practice turn, eventually reaching high
levels. The system’s usefulness is suggested by the fact that subjects successfully completed train-
ing for each word pair after at most 20 turns.

The reason why subjects had excellent long tokushuhaku but not necessarily good short tokushuhaku
may be that, on the one hand, the subjects had considerable exposure to spoken Japanese and were
well-aware of the difficulties of long tokushuhaku. Advanced subjects (subjects 4 and 5) had appar-
ently acquired tokushuhaku thoroughly, as indicated by short learning times in figure 4.9. On the
other hand, subjects at the intermediate level (such as subjects 1, 2 and 3) may have not paid
attention to short tokushuhaku; these subjects may have erroneously adopted a pronunciation strat-
egy to lengthen all tokushuhaku rather than correctly discriminate short and long.

Further study is needed to verify the effectiveness of the system in actual learning settings. Given

that each experiment seating took less than half an hour, the workload of the system appears to be

within the expectations of pronunciation self-study. The proposed system may complement the
teaching of reading and writing skills in the TJSL classroom.

4.4.  DISCUSSION

The proposed system uses speech recognition algorithms to accurately measure the duration of
tokushuhaku, a set of phonemically distinct phones most non-native learners have difficulty with.
Perception experiments showed that while native speakers tolerate a wide range of tokushuhaku
duration, subtle changes in duration can differentiate short and long tokushuhaku. The level of
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agreement among native speakers as a particular phone being short or long tokushuhaku indicates
the appropriateness of that phone.

The learner receives authoritative, corrective feedback that allows efficient acquisition of skills.
The system explains to the learner what his mistake was, the severity of the error, and how to
correct his mistake. Presenting learners with an intelligibility score that shows the percentage of
native speakers who will understand the learner’s pronunciation is significant improvement over
conventional techniques, which at most merely return a good/bad categorical result. The new method
informs the learner how far he has progressed in easy-to-grasp terms. This is the first CALL system
for Japanese pronunciation learning that provides feedback similar to professional instructors.

Another benefit is that the learner can terminate training when his communicative performance has

met his expectations. For instance, when a learner hits a learning plateau, intelligibility indices can
| help him decide whether further learning effort is worthwhile. Given that most adult learners never
attain complete nativeness, it is of practical use to be told when non-native accents cannot be
removed further.

Several issues remain. First, further experiments are required to assess the system’s usefulness in
the language classroom; in particular, we need a large-scale study based on a group non-natives
who share the same native language and have spent minimal time studying Japanese. Second,
perception experiments on phone quality are needed to quantify the naturalness of each phone’s
pronunciation; this information may help learners remove non-native accents. Third, pitch infor-
mation might be overlaid on phones to teach Japanese pitch accent. Finally, efforts for evaluating
pronunciation subskills should be scoped within an integrated curriculum for teaching oral produc-
tion.



Table 4.1.

Minimal pairs and their synthesized tokushuhaku duration ranges.

phone tokushuhaku phone duration
minimal pair  min [ms]max [ms]
short  long

[

biru biiru 60 288
chizu chiizu 64 197

p—

kaite kaitee 45 335
seki seeki 44 345
kado kaado 40 328
nasu naasu 37 360
! koi  kooi 45 288
| toru tooru 50 301

kuro kuuro 44 250
kutsu  kutsuu 12 191
supai  suppai 20 260
hata hatta 20 260
ita itta 20 260
haka hakka 20 260
kokee  kokkee 20 260
ch ichi icchi 20 260
ch sachi sacchi 20 260
n kona konna 30 200
n hone honne 30 200

R ot e+ T £ £ 0 0 ®»®» 0o 0o
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Table 4.2.

(a) Means and standard deviations of estimated normal distributions of subjects’ responses.
(b) Estimated tokushuhaku durations with 80-percent intelligibility.

(c) Standard deviations of estimated means and standard deviations.

(d) Estimated normal distribution averaged over all phones.

phone  short mean, SD  80% long mean,SD  80%
tokushuhaku [ms] intelligibility tokushuhaku '[ms] intelligibility
word duration [ms] word duration [ms]
1 biru N(135,20) 118.2 biiru N(150,25) 171.0
i chizu N(105,18)  89.9 chiizu  N(125,27) 147.7
e kaite N(140,15) 1274 kaitee ~ N(155,20) 171.8
e seki N(95,20) 78.2 seeki ~ N(110,22) 128.5
a kado N(100,20) 83.2 kaado  N(120,30) 145.2
a nasu N(105,27) 823 naasu  N(125,27) 147.7
) koi N(115,27) 923 kooi N(135,27) 157.7
0 toru N(115,27)  92.3 tooru  N(137,27) 159.7
u kuro N(110,20) 932 kuuro  N(122,19) 138.0
u kutsu N(100,30) 74.8 kutsuu  N(110,25) 131.0
o supai N(90,25) 69.0 suppai  N(120,27) 142.7
t hata N(110,30) 848 ~ hatta  N(150,25) 171.0
t ita N(110,27) 87.3 itta N(140,27) 162.7
k haka N(100,30) 74.8 hakka N(120,20) 136.8
k kokee N(100,25) 79.0 kokkee N(120,22) 138.5
ch ichi N(100,35) 70.6 icchi  N(130,35) 159.4
ch sachi N(110,30) 84.8 sacchi N(140,25) 161.0
n hone N(50,25) 29.0 honne  N(65,25) 86.0
n kona N(97,17) 82.7 konna N(115,22) 1335
SD of means = 17.3 SD of means = 18.9
SD of SDs =5.1 SD of SDs = 3.6
average
mean and SD N(104.6,24.6) N(125.7,25.1)
— 49




Table 4.3.

(a) Subjects’ linguistic background.

(b) Total time spent on all three stages of the experiment.

subject

native

length of

total elapsed

number language stay in Japan experiment time

[months] [minutes]
1 Chinese 4 32
2 Korean 4 14
3 Chinese 16 21
4 Chinese 34 16
5 Hebrew 42 11
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Table 4.4
Intelligibility scores of short and long tokushuhaku before and after training.

Gain 18 the difference between before and after scores, divided by the before score, and multi-
plied by 100.

training number short tokushuhaku long tokushuhaku
of intelligibility scores intelligibility scores
tokushuhaku before after gain = before after gain
trained 15 577%  753%  30.6% 99.7% 100.0% 0.3%
untrained 80 49.6% 61.3% 23.7% 96.9% 97.0% 0.1%
~ both 95 508%  63.5% 24.9% 973% 97.5% 02%

— 411 —
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Table 4.6. Short tokushuhaku (vowels, nasals and obstruents) whose intelligibilities improved
after training.

Percentages reflect the number of short tokushuhaku whose intelligibility scores increased by more
than O percent after training. Number is the number of scores obtained from the subjects.

training vowels nasals obstruents all

trained 80% 60% 40% 60%
(n=5)  (=5) (n=5) (n=15)

untrained 58%  80%  53%  58%
(n=45) (n=5) (n=30) (n=80)

both 60% 0% S51% 57%
(n=50) (n=10) (n=35) (n=95)
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feedback
rel N

learner speech
instructor speech

(((r

Figure 4.1.

System-user interaction of phone-duration system. Learner receives intelligibility scores on
tokushuhaku durations. This figure shows the screen in English only. The actual system uses both
kana and English, and with more detailed feedback.
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word Koi kooi

phone k i k i
duration [ms] 30 90 30 100
grade as short vowel grade as long vowel

Figure 4.2.

Phone duration measurements. The locations of phones within the utterance are determined using a
tightly constrained pronunciation network. Durations are measured by the number of frames (1
frame = 10 ms). Knowledge of the reading material is used to decide whether a phone is a short or
long tokushuhaku. The phone labeled [sil] in this figure denotes silence, as found at the beginning

and end of the utterance, between words, or before stop bursts.
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tokushuhaku-0. 0

14 FAR

(F4a: 65 %
BWWTT(£5B£-2&5EK)

([ZA42: 100 %
KIERE!

Figure 4.3.

Phone duration (tokushuhaku) training system screen example. Here the system prompted the
learner to say “hone” (bone) and “hon-ne” (true thought). The learner’s speech was graded as
having 65 percent intelligibility for “hone” and 100 percent perfect score for “hon-ne.” The learner
is advised to shorten his “hone” a little bit.
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o prepared beforehand
“*P> processed at runtime

Figure 4.4.

Process flow of phone-duration system. Native listeners judged the appropriateness of tokushuhaku
phones based on synthesized tokushuhaku durations. The judgements form the basis of intelligibil-
ity scores. Speech recognition accuracy is augmented by using forced-alingment techniques.
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tokushuhaku duration [ms] tokushuhaku duration [ms]
(d) kona / konna (e) toru / tooru
Figure 4.5.

Results of perception experiment using native listeners and synthesized tokushuhaku durations.

(a) Native speaker subjects' responses in perception experiment where tokushuhaku durations
were altered in 13 steps using a speech synthesizer. Vertical axes show the percentage of
subjects who judged a that particular duration as short or long.

(b) Not shown: third classification choice offered to subjects: ambiguous between short and long.

(c) Estimated best-fit cumulative normal distributions overlaid on subjects' responses as given in

(a).
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stage one
read 19 minimal pairs (no feedback, no native model)
repeat reading until subject feels he cannot do better
analyze the last rendition of each minimal pair

stage two
practice 3 minimal pairs using system (optionally listen to native model)
continue practice until intelligibility exceeds 80 %

stage three
repeat stage one
analyze the last rendition of each minimal pair

Figure 4.6.

Three stages of the evaluation experiment. The system was used to train three tokushuhaku mini-
mal pairs during Stage Two. Tokushuhaku intelligibilities were measured for nineteen tokushuhaku
pairs in Stage One and Stage Three (the before and after tests), which included the three tokushuhaku
pairs trained in Stage Two.
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Figure 4.7.

Subject 1’s intelligibility scores at the end of Stage One and Stage Three. Horizontal axis shows
scores prior to training. Vertical axis shows scores after training. Figure (a) shows 16 tokushuhaku
minimal pairs not trained by the system. Figure (b) shows 3 tokushuhaku pairs trained by the
system during Stage Two.
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Figure 4.8.

Subject 2’s intelligibility scores at the end of Stage One and Stage Three. Horizontal axis shows
scores prior to training. Vertical axis shows scores after training. Figure (a) shows 16 tokushuhaku
minimal pairs not trained by the system. Figure (b) shows 3 tokushuhaku pairs trained by the
system during Stage Two.
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5, PITCH

5.1. INTRODUCTION

In this chapter we describe a method to teach pronunciation skills related to pitch. Pitch is the
psychophysical correlate of fundamental frequency (F0), the latter being directly measurable for
voiced speech segments, while the former is the perceived based on physical stimuli that may be
intermittently present. These two are indirectly associated with phonetic properties including pitch
accent, tone, and intonation patterns.

The distinction between physical, psychophysical and phonetic qualities is found also in the audi-
tory strength of speech sounds (intensity is physical, loudness is psychophysical, and stress is
phonetic) and in length of speech sounds (duration is physical, quantity is psychophysical, and the
mora for instance is phonetic).

The physical factors of FO, phone intensity, spectral envelope, phone duration and so on combine to
form salient phonetic features. For example, stressed syllables in English have distinct spectral
envelopes, higher fundamental frequencies, and greater phone durations. The relative importance
these factors play in conveying the presence of stressed syllables (and if the syllables are stressed,
by how much) is not always evident. The automatic detection of stress has been elusive for this
reason.

Dialects of the same language can use pitch-patterns differently. For instance, a high-low-high pitch
pattern at the end of questions is a neutral pattern among British English speakers but sounds
condescending to American English speakers. Words and phrases in context often have more than
one possible pitch pattern. Pitch production varies widely among individuals. Given this variability
of pitch manifestations between languages, dialects, pragmatics, and individuals, it seems unavoid-
able that cross-linguistic differences of intonation patterns are not well understood, and that the
teaching of pitch has proved difficult. ‘

Up till now, computer-aided pronunciation learning systems that teach prosody by measuring FO
have not mapped FO values to perceptual thresholds of native speakers. Current learning systems
often instruct their students to fit FO contours within a certain band that the system designates, but
the band’s boundaries do not to correspond to meaningful intelligibility scores.

In the previous chapter on teaching phone duration, we proposed how phone duration measure-
ments could be mapped to perceptual thresholds of native speakers. This mappiné predicted the
percentage of native speakers who would understand the learner’s speech the way the learner in-
tended to be understood.
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In this chapter, we propose a similar method that uses FO to teach phonemic differences in pitch.
We developed a computer-aided pronunciation learning system that automatically measures the
intelligibility of pitch accents Japanese [14][19]. '

We take Tokyo-dialect Japanese lexical pitch accent as an example of how the proposed method
can be implemented. Japanese pitch accent is a type of word accent where the mora (a subsyllabic
rhythmic unit that is phonemic in Japanese) of each word adheres to specific high (H) - low (L)
pitch sequences. Examples of minimal pairs used in our study include “umi (H-L)” (sea) vs “umi
(L-H)” (pus), and “ikoo (H-L-L)” (after) vs “ikoo (L-H-L)” (g0) vs “ikoo (L-H-H)” (shift).

Errors in pitch accent clearly signal non-nativeness, and listeners may doubt the speaker’s commu-
nicative skills. Among the various factors that contribute to pitch accent perception, FO is the most

important for non-native learners. My method measures pitch by estimating the FO of segments in

the speech signal. The FO of Japanese words are matched with native-speaker perceptions of pitch

accents. Learners receive an intelligibility score along with instructions on how to speak better.
Intelligibility scores motivate learners and allow them to stop practicing when their pronunciation
reaches a certain point even if their pronunciation is not completely native.

Our technique might be expanded to teach the intonation of phrases and sentences that have fixed
intonation patterns. Similar systems might be built for teaching pronunciation skills in any lan-
guage involving pitch patterns that native speakers deem unanimously correct, such as the pronun-
ciation of fixed expressions (i.e., phrases with fixed lexical composition and pronunciation pat-
terns, such as “How do you do?”). Our method might also help detect prominence in speech recog-
nition applications. '

5.2. PERCEPTION EXPERIMENT

5.2.1.  EXPERIMENT CONDITIONS

We ran perception experiments using resynthesized words to quantify the effects of FO on pitch

- accent perception. The objectives of the experiment were to:

(a) Verify the feasibility of creating pitch-accent minimal pairs by using
artificially modified pitch patterns' to resynthesize actual speech sig-
nals.

(b) Qualify and quantify the relationship between FO and moras across
pitch accent boundaries (i.e., where H-L movements occur).

Two Japanese speakers (1 male, 1 female) recorded the 10 pitch-accent minimal pairs shown on
table 5.1. We used resynthesis techniques to adjust the FO of the mora immediately following the
pitch accent boundary. The FO value of the mora immediately left to the pitch boundary (FO)) was
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held constant at approximétely 100 Hz or 200 Hz depending on whether a male or female voice was
being resynthesized using a prosodic analysis-by-synthesis tool [17]. The FO value of the mora
immediately right to the mora boundary (FO, ) was adjusted in 9 steps, starting from a low value
through FO, to a high value, so that FO, >> FO,,,FO,>FO, , FO,=FO,_ 6 FO,<FO_ »» FO, << FO, .

Both recordings of a single speaker’s minimal pair were resynthesized, so that there were 4 resyn-
thesized sets for each pair (2 speakers x 2 words). We defined the pitch difference between two
adjacent moras as

ACCENT = log, FO_, - log, FO,

Each step in the 9-step FO adjustment mentioned above differed at ACCENT = 0.1. Within each
mora, FO contours were essentially flat, with smoothed transitions at mora boundaries.

Although an FO model that decomposes FO patterns into phrasal and accent components generates
better-quality speech, we did not use the model for two reasons: first, automatically calculating the
parameters for phrasal and accent components from the acoustic signal is unreliable, and second,
even if accurate information were available, learners will probably be unable to comprehend or
apply it. A simpler method for measuring FO makes it easier both to implement pronunciation
learning systems, and also understand the corrective feedback provided by the system.

Three native speakers of Japanese listened to a randomized list of the resynthesized words in a
quiet room. For each resynthesized word that was played, subjects were asked to choose between
the minimal pairs and fill in a response sheet.

5.2.2.  EXPERIMENT RESULTS

The subjects’ responses showed there were no significant differences between the results on the
stimuli created from recordings of either minimal pair. This means that experiment stimuli can be
resynthesized from either H-L or L-H patterns, regardless of changes in pitch accent possibly af-
fecting segmental features.

No significant difference was found between resynthesized stimuli created from male and female
utterances. This means that experiment stimuli can be resynthesized from either male or female
speech. Together with the results described in the previous paragraph, we found that perception
experiments of pitch-accent minimal pair are possible using resynthesized stimuli.

Figure 5.1 shows the subjects’ responses depending on ACCENT values and pitch accent patterns.
We found that agreement among native speakers was practically unanimous for most ACCENT -
values, showing that an ACCENT value of 0.1 is needed to perceive a H-L fall in 2 or 3-mora
words. (An ACCENT value of 0.1 corresponds to about a 10-Hz difference when the base F0 is 100
Hz, as was the case for words resynthesized from male speech.) For 4-mora words, an ACCENT
value of 0.2 was necessary. The fact that the ACCENT value increases as a function of the number
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of moras in the word suggests that even though ACCENT is the pitch difference between two
adjacent mora, the difference must be exaggerated for longer words. The ACCENT value may have

been larger for longer words because we did not use declination in our FO modeling.

5.3. SYSTEM STRUCTURE

The overall system-user interaction is shown in figure 5.2. The process flow of the system is shown
in figure 5.3. An example of a feedback display is shown in figure 5.4. The words taught by the
system are shown in table 5.2.

The main steps of pronunciation practice are as follows. First, the learner selects reading material

from a system-provided list. The learner may choose at any time to listen to a native speaker’s

-recording of the reading material. The learner speaks into either a desktop electret condenser mi-

crophone or a close-talking electret microphone. Audio input is encoded in linear format with 16-
bit sampling rate at 16-kHz sampling frequency. The learner’s speech is sent to two independent
processes: forced-alignment using a speech recognizer, and FO estimation using an autocorrelation
algorithm. Both processes use 10-millisecond-wide frames.

Forced alignment is performed at the phone level using HTK v2.1.1 [36] with Japanese HMMs
[28]. The HMMs are gender-dependent, tied-mixture triphones using 12th-order melcepstra, their
deltas and delta-deltas, and delta and delta-delta power. The system asks the learner’s gender at the
beginning of a pronunciation practice session. Based on knowledge of the reading material, phones
comprising the same mora are joined together.

The speaker’s gender information is used also by the FO estimator to avoid half-period and double-
period errors. Thus FO estimates have maximum and minimum values depending on the speaker’s
gender. The FO estimator gives a confidence measure indicating voicing probability for each 10-ms
frame.

When the forced-alignment and FO estimation processes complete, the mora labels and FO esti-
mates are aligned with respect to time. Average FO values of each mora are calculated by summing
all non-zero FO values of frames within the mora, and dividing the sum by the number of the non-
zero FO frames. The natural logarithm of a mora’s average FO value is the ACCENT value of that
mora. ACCENT differences between adjacent moras are matched against results from the percep-
tion experiment to obtain the percentage of native speakers who will understand the pitch accent as

how the learner intended.

When a mora consists mainly or totally of voiceless sounds (such as voiceless fricatives, moraic
plosive closures, and devoiced or deleted vowels), the mora’s average FO value may be impossible
to calculate. Interpolating the average FO value of a voiceless mora from its neighboring moras is
incorrect because interpolation assumes the speaker is predictably adjusting his pitch across the
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moras. In order to reliably estimate FO values from the speech of non-native learners, we use read-
ing material that is predominantly voiced.

After the learner reads the words or phrase, he receives instructions on how to correct his pronun-
ciation. Feedback to the learner consists of (a) the reading material with mispronounced portions
highlighted, (b) instructions on where to raise or lower pitch, and optionally, (c) phonetic transcrip-
tions of the reading material and the learner’s rendition. For instance, the feedback might be *“Your
‘ame’ (rain) sounds good, but your ‘ame’ (candy) sounds like ‘ame’ (rain). Lower the ‘a’ and raise

ksl

the ‘me’”. Depending on the pitch pattern, the system instructs the learner to raise or lower particu-
lar portions of the reading material. This kind of feedback is straightforward regardless of the

learner’s educational background.

5.4. EVALUATION EXPERIMENT

Evaluation experiments were done under simulated conditions. 19 native speakers of Japanese (14
males, 5 females) and 3 semi-natives (2 males, 1 female) with at least 10 years experience using
Japanese each recorded 157 words containing 79 minimal pairs. (One minimal pair, “ikoo”, was a
minimal trio; H-L-L vs L-H-H vs L-H-L.) Table 5.3 shows the minimal pairs recorded in this
experiment. See the appendix for a complete list of minimal pairs with Japanese transcriptions,
English translations and citation-form pitch accent patterns.

The pitch heights of moras in the recordings were labeled séparately by hand and machine. Accord-
ing to phonological rules for pitch accent, the hand-labeling and machine-labeling procedures for
determining pitch accent type forced the pitch heights of the first and second mora to be opposite of
each other; the only possible combinations between the first and second pitch heights were H-L and
L-H. In addition, only one pitch-fall was allowed within the word; once the pitch height dropped
from H to L, all subsequent pitch heights were L. Applying these two phonological rules means that
the chance probability of detecting pitch accent correctly was 1/n, where n is the number of moras
in the word. Table 5.4 shows results of the comparison between hand-labeled and machine-labeled
pitch accent patterns.

We found that pitch accent detection within long vowels (i.e., bimoraic vowels) was approximately
10 percent less accurate than within other segments. Long vowels are spectrally identical through-
out except that pitch changes can occur between its two moras. The speech recognizer tended to
assign long durations to the long vowel’s first mora, meaning that the recognized first mora tended
to include much of the second. Thus the average FO of the first mora became closer to the second,
and no pitch change could be detected. Forced alignment between spectrally distinct segmental
boundaries is more accurate. Durational modeling may improve recognition performance for long |
vowels. Results for words without long vowels are included in table 5.4.
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Minimizing the number of moras in the word helped recognition (see results for 2-mora words in
table 5.4). The chance probability rose to 50 percent, because the system was choosing between H-
L and L-H patterns. Recognition performance rose significantly for both native and semi-native
speakers. These results, especially for 2-mora words, suggest that the system is a useful component
technology for pitch accent training. ,

5.5. DISCUSSION

This chapter described a method that (a) measures pitch patterns produced by non-native speakers,
(b) compares non-native and native speech, obtain a intelligibility score, and (c) instructs the non-
native on how to correct his pronunciation.

-The proposed system uses speech recognition algorithms and prosody analysis algorithms to accu-
rately measure pitch and align it with the location of each phone in the learner’s speech. This
technology might allow teaching of pitch accent and intonation contours to non-native learners.
Perception experiments showed that while native speakers tolerate a wide range of pitch height
within a syllable, subtle changes in pitch across syllables can differentiate high and low pitch ac-
cents. The level of agreement among native speakers as particular adjacent syllables being H-L or
L-H indicates the appropriateness of the pitch accent pattern for that syllable pair.

Evaluation results suggest that technology has advanced to a point where self-study systems might
help learning foreign language pitch production if the appropriateness of a given pitch pattern can
be unequivocally agreed upon by native speakers.
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Table 5.1.

Pitch-accent minimal pairs that were resynthesized for the perception experiment. Recordings of

both words in each minimal pair were resynthesized using artificially altered FO values.

number of mora  pitch accent pattern

word (english translation corresponding to
pitch accent pattern)

2 H-L/L-H

3 H-L-L/L-H-H

4 L-H-L/L-H-H

4 H-L-L-L /L-H-H-H

kiru (cut/wear), aka (red/dirt), umi (sea/pus),
awa (millet/bubble)

ikoo (after/transition), jidou (child/automatic),
korera (cholera/these)

1koo (go/transition), aoi (blue/hollyhock)

kendoo (swordsmanship/regional road),
shoogai (lifetime/public relations)
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Table 5.2.

Words and phrases taught by the pitch accent trainer.

Minimal pairs.
1.1.
1.2.
1.3.
1.4.
1.5.
1.6.
1.7.
1.8.
1.9.

kiru (wear/cut)

aka (filth/red)

umi (give birth/sea)

awa (bubble/millet)

ikoo (transition/after)

jidoo (child/automatic)

aoi (hollyhock/blue)

ikoo (transition/go)

kendoo (regional road/swordsmanship)

1.10. shoogai (barrier/lifetime)

Sentences containing minimal pairs.

2.1.
2.2.
2.3.

2.4.
2.5.

2.6.

ame no hi ni ame o kau (Buy candy on a rainy day.)

sore ijoo wa ijoo da (Exceeding that is absurd.)

hiroi kendoo no soba de kendoo no renshuu o sita (We practiced
swordsmanship along a wide regional road.)

kono hurui. wa moo hurui (Here’s an old shaker.)

ano hasi no hasi de hasi o hirotta (She picked up chopsticks at the
side of that bridge.)

watasi no shoogai no sigoto wa shoogai tuduke tai (Public relations
is my lifelong career.)

__ 5.8




Table 5.3.
Minimal pairs used in the evaluation experiment. Native speakers and semi-native speakers read
79 minimal pairs.

aol aka ame arawareru ari awa anzan igai
ikoo izi ijoo izen ituka imi irai iru

umi umu uri uru engi enzin endoo ol

oku ono omoi on kaki kata kiru kendoo
gengo kookai korera goosee goen g0yoo saku shoogai
zisin zidai zidoo juunin juubyoo  juuman  joodan joobu
suihee sentoo tikaku terasu doojoo nagai niwa neru
nobi nomi hasi hayaku ban hurui budoo henzi
mago momo moru yamu yameru  yoi yooi yoogo
yoozi y00joo yoozin yokusuru wakai wan

__5.9__




Table 5.4.

Recognition accuracy percentages according to speaker type and segmental limitations.

speaker number of all words words excluding 2-mora words
type speakers  (n=157) long vowels (n=112)  (n=56)

natives 19 64.4 70.1 86.8
semi-natives 3 67.7 69.7 91.0
both groups 22 64.9 70.1 R7.4
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Figure 5.1.

Subjects’ responses in the pitch accent perception experiment, according to ACCENT values and
word length. Word length is measured by the number of moras in the word. ACCENT values are

plotted on the horizontal axis; pitch heights between adjacent moras is H-L towards the left and L-
H towards the right of the charts. The subjects’ responses are plotted on the vertical axis. Subjects’

reponses correspond to intelligibility scores for that ACCENT value.
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Figure 5.2.

System-user interaction of pitch accent system. System judges pitch accent patterns and calculates
intelligibility scores.
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* prepared beforehand
= processed at runtime

Figure 5.4.
Process flow of pitch accent system. Pitch information is extracted and matched against native
listener judgements on synthesized pitch patterns.
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6. PHONE QUALITY

6.1. INTRODUCTION

In this chapter we describe a method to teach pronunciation skills related to phone quality. By
phone quality we refer to segmental differences between phones. Previous chapters dealt with
mistakes in phone duration and pitch; both of these teaching systems assumed target-language
segmental sequences appearing in correct order. This chapter deals with detecting incorrect seg-

ments that arise from the learner’s unfamiliarity with phones in the target language.

When a non-native person starts learning a foreign language, his native language’s phonetics and
phonology affect the production of his target language phones. For instance, the syllabic structure
of his native language may carry over to his targét language (this issue is treated in section 6.2
phone insertion). Target language phones that are absent from his native language but must be
pronounced somehow may be substituted by native language phones (this issue is treated in section
6.3 phone substitution). When phones are deleted, substituted, or inserted, foreign accent speech is

often the result (this issue is treated in section 6.4 phone insertion, substitution, and deletion).

Pronunciation errors that involve phone deletion, substitution, or insertion can be corrected if the
errorneous phone’s phonetic properties and phonological context are known. Different articulatory
gestures yield different spectral characteristics that distinguish one phone from another. By recog-
nizing phones from their spectral characteristics, we can understand the articulatory difference
between right and wrong phones. Such differences become the basis of corrective feedback to the
learner. Techniques on how corrective feedback is given to the learner are explained over the fol-
lowing sections. In particular, we show how errors can be ranked in order of severity, so that the
learner can correct his most obvious errors first (this issue is treated in section 6.5 ranking pronun-
ciation errors).

6.2.) PHONE INSERTION

6.2.1. ANAPTYXIS

Some languages have syllabic structures more restricted than others. For example, on the one hand,
Japanese has a maximum of two syllable-initial consonants and one syllable-final consonant; the
consonant inventory is not large; and the number of allowed consonant combinations is small. On
the other hand, English allows more consonants at syllable-initial and syllable-final positions, and
possible consonant combinations are abundant. Native speakers of Japanese speaking English have
“difficulty pronouncing consonant clusters prohibited by Japanese phonological rules. When Japa-
nese speakers say English words, Japanese syllabic structure often carries over to English. A clear
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example is loan words from English into Japanese. Loans invariably undergo anaptyxis or
proparalepsis [5][15][20][32].

The same phenomenon happens when Japanese speakers learn English. Inserting vowels within
consonants clusters or after syllable-final consonants is prevalent. Anaptyxis mutilates the syllable
and stress structure of English, and anaptyctic speech is incomprehensible to native speakers of
English even after considerable exposure to Japanese-accented speech. However most Japanese
teachers of English overlook anaptyxis because they understand anaptyctic speech perfectly and
are unaware of the severe impact anaptyxis has on intelligibility. Vowel insertions have remained
perhaps the leading cause of miscommunication by Japanese speakers, probably exceeding the oft-
cited [1] vs [r] problem because anaptyctic phonological alterations affect the entire utterance rather
than a few segment types.

With this problem in mind, we implemented a system for automatically detecting inserted vowels
in Japanese-accented English. Students receive corrective feedback from the system that identifies
where vowels were inserted and how to pronounce the target utterance correctly. The remainder of
section 6.2 describes the component technologies used in the language learning system, and evalu-
ation experiment results.

6.2.2. ANAPTYCTIC VOWEL DETECTOR

The system’s core is a speech recognizer running in forced alignment mode (i.e., phone labels are
obtained given a correct transcription of the utterance or otherwise tightly constrained language
model). The speech recognizer is the same forced-aligner as those used in the previous chapters,
except that both English and Japanese HMMs are used.

HMMs for Japanese and English are trained separately on language-dependent native-speaker speech
data as in regular monolingual speech recognition. The two HMM sets are used together during the
recognition phase. In order to combine the two models, the set of features used in the HMMs must
be identical (we use monophones with 12th-order melcepstra, their deltas and délta-deltas, and
delta ﬁ!nd delta-delta power). In addition, the training data’s acoustic characteristics (sampling fre-
quency, number of sampling bits, level of background noise, frequency response of microphone,
and so forth) should match as closely as possible.

Implementing our method is straightforward because it uses only native speech of English and
Japanese to train acoustic models. Training HMMSs on non-native speech is not necessarily practi-
cal. The first reason is because building non-native corpora in scales comparable to existing native
corpora is a major undertaking to start with. The second reason is we probably need even more data
than existing native corpora because non-native speech probably has wider variance than native
“speech (this assumption is reasonable because by definition non-natives span the range between

total nativeness and non-nativeness).
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Our system can expect strong support from Janguage teachers because it involves their pedagogical
expertise from the beginning of system development (as opposed to delivering the final product to
teachers who are seeing it for the first time and are not predisposed to using it). Collaboration

between speech engineers and language teachers is crucial to successfully deploying speech-en-
abled CALL systems in the field.

English HMMs are used for phones that are correct phones. They are referred to as “obligatory
phones” because they must appear in the practice material. Japanese HMMs are used for vowels
that are inserted in erroneous speech. These phones are referred to as “anaptyctic vowels”. We use
Japanese HMMs for anaptyctic vowels because we found from subjective listening tests that learn-
ers tend to say Japanese phones when applying Japanese syllable-structure rules; that is to say
phonetic and phonological influences of L1 into L2 coincide.

The pronunciation lattice for the anaptyctic vowel detector consists of obligatory phones (which
the forced aligner will always detect) and anaptyctic vowels (which the forced aligner will detect if
found in the speech signal). The possible locations of anaptyctic vowels are predetérmined by the
system; we use knowledge of Japanese phonology to automatically find locations where [0], [u], or
[i] might be inserted (see Appendix B for phonological rules of anaptyxis). The task of the forced
aligner is to determine whether an anaptyctic vowel exists in a particular location.

The system displays English words, phrases, or sentences on the computer screen and instructs the
learner to read them aloud. The reading material consists of English words containing many conso-
nant clusters and syllable-final consonants that trigger vowel insertion. In addition, many of the
words have been loaned into J apanése, making it likely that learners will mispronounce them.
Table 6.1 shows the list of words and phrases trained by the system. Figure 6.1 shows the overall
system-user interaction. Figure 6.2 shows the proéess flow of the system. Figure 6.3 shows an
example of the feedback display. The system alerts the learner whenever anaptyctic vowels are
recognized. Figure 6.4 shows an example of a phone network for detecting vowel insertions. The

learner reads the material again while taking care not to insert vowels.

6.2.3. EVALUATION EXPERIMENT

19 native speakers of Japanese (16 male, 3 female), all University of Tokyo undergraduate students
with no prior experience with the system, used the system and read all words and phrases once
each. Of the 19 subjects, 16 subjects (14 male, 2 female) used a close-talking noise-cancelling
microphone (Sennheiser HMD-25) in a fairly noisy computer terminal room; there, were multiple
conversations happening in the vicinity of the subjects. The remaining 3 subjects (2 male, 1 female)
used a desktop microphone (Sony ECM-K8 electret condenser in high-gain, cardiod-directivity
_mode) in the same computer room; the microphone was placed under the computer monitor where

noises from the computer’s fan and harddisk were audible.
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A native speaker of English determined where anaptyxis occurred via visual and audio inspection
of all recordings. Error rates for phone-level speech recognition and for detecting anaptyctic vow-
els (including false alarms) were calculated by comparing the system’s recognition results with
hand-labeled phone sequences. Phone recognition error rate is the sum of substitutions, insertion
and deletion divided by the total number of underlying correct phones. Anaptyctic vowel detection
error rate is the sum of anaptyctic vowel insertions and deletions divided by the number of possible
anaptyctic vowel locations in the reading material.

Results from an evaluation experiment are given below in table 6.2. Figure 6.5 includes two scatter
plots comparing human judgements with machine-generated scores. The system was slightly more
sensitive than the human scorer. This might help detect errors conservatively. Speech recorded in
noisy environments seems to be graded less reliably. Close-talking microphones raised the correla-
tion between human and machine to over 0.9.

6.2.4. CONCLUSION

The performance of the prototype system’s component technology was verified. The next step is
evaluating how effectively learners learn pronunciation skills using the system.

The system can be improved by measuring the duration of elognated fricatives (e.g. [sh] [s]) that
become moraic when anaptyxis occurs. For instance, “push” [p u sh: u], where the word-final
obstruent [sh] is moraic and a vowel is added, resulting in a 3-mora pronunciation of a 1-mora
word.

6.3. PHONE SUBSTITUTION

6.3.1. TOKUSHUHAKU PHONE QUALITY

In chapter 5, we discussed teaching Japanese tokushuhaku by measuring their intelligibility based
on their duratfons. It is a serious pronunciation error to delete tokushuhaku, because deletion means
reducing the duration to zero, which in turn reduces intelligibility to zero. All tokushuhaku must be
pronounced, but obligatory phones spoken by non-natives are not always spectrally correct [7].
Nonnatives may substitute tokushuhaku phones with phones from their native languages. This
might happen for long tokushuhaku vowels said by native speakers of English. Elongated English
vowels sometimes become diphthongized, as in “keeri” (accounting) becoming “keiri” because
many native speakers of English cannot say long [e]. Substitutions are conspicuous examples of

foreign accent.

In this section, we discuss how to target language phones that are absent from the learner’s native
language but must be pronounced somehow may be substituted by his native language phones. We
implemented a system for automatically detecting substituted vowels in English-accented Japanese
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tokushuhaku. Students receive corrective feedback from the system that identifies where vowels
were substituted and how to pronounce the target utterance correctly. The remainder of section 6.3
describes the core technology, which is detecting obligatory phones replaced by similar phones
from the learner’s native language.

63.2. SUBSTITUTED-VOWEL DETECTOR

The system’s speech recognition component is similar to the one described in section 6.2. The main
differences are (a) the substituted-vowel detector at least two vowels (one Japanese and one En-
glish) as tokushuhaku vowel candidates, while the anaptyctic vowel detector uses only one (a Japa-
nese vowel), (b) the substituted-vowel detector always recognizes a single vowel from the candi-
dates, while the anaptyctic vowel detector may or may not recognize a vowel, and (c) the substi-
tuted-vowel detector uses Japanese HMMs for obligatory phones (same definition as given in sec-
tion 6.2.2) plus both Japanese and English HMMs for tokushuhaku candidates, while the anaptyctic
vowel detector uses English HMMs for obligatory phones and Japanese HMMs for anaptyctic
vowels. Of these differences, difference (c) merely reflects the difference between English speak-
ers learning Japanese and vice versa. Difference (a) and (b) are the fundamental differences be-
tween the two systems.

When designing the speech recognizer, phone insertions can be modeled as substitutions if the
system accommodates null phones. Null phones are phones with zero duration (thus with no spec-
tral value). Phone insertions can be modeled as a null phone being substituted by a non-null phone.
In addition, phone deletions can be modeled as non-null phones being substituted by a null phone.
Using null phones can simplify the speech recognizer’s phone lattices by generalizing insertions
and deletions as subsets of substitutions. However systems that allow null phones are not necessar-
ily practically useful, first because a special HMM must be made for them, and second because the
language model must specify where null phones may occur (otherwise null phones can appear
infinitely anywhere in the speech signal). The first problem is not difficult but there is no practical
gain because solving the second problem is identical to specifying insertions and deletions inde-
pendently. The sole benefit of considering null phones is when specifying insertions, substitutions

and deletions abstractly within the speech recognizer’s language model.

The pronunciation lattice for the substituted-vowel detector consists of obligatory phones and sub-
stitution candidates. Exactly one canidate will be chosen from each of the candidate sets. Candidate
sets are placed at tokushuhaku vowel locations. The task of the forced aligner is to determine which

candidate vowel was said.

We use knowledge of Japanese language teaching to determine which English vowels to add to the
candidate sets. For instance, to capture a common mistake of diphthongizing or reducing vowels,

we created candidate sets such as:
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a={]j_a j_a,e_aa, e_ae,e_ah,e_aw,e_ay, e_ey, e_ax, e_axr }
o=1{]j_o,j_o:,e_ao,e_ow,e_oy, e_ax, e_axr }

where phone labels prefixed with “j_"" denote Japanese phones, and “e_"" denote American English
phones.

Human instructors give learners general articulatory advice before and after the learning session.
The system prompts learners to say Japanese tokushuhaku words in the same way as the duration-
measuring system described in chapter 5. In addition to tokushuhaku intelligibility measurements,
the system alerts the learner whenever non-Japanese vowels are recognized. The learner reads the
material again while applying the teacher’s articulatory instructions. If the learner’s pronunciation
does not improve after a practice session, he can ask the instructor for help. Separating the me-
chanical repetitions from higher-level instruction frees the teacher for more important tasks. The
'system—user interaction is identical to the anaptyctic vowel detector (see figure 6.1). Figure 6.6

shows the process flow of the system. Figure 6.7 shows an example of corrective feedback.

6.3.3. EVALUATION EXPERIMENT

The system detects mispronounced tokushuhaku duration and quality, such as shortened or length-
ened tokushuhaku, diphthongized long vowels, palatalized plosives and inserted liquids. Figure 6.8
shows an example of forced-alignment results of the word “kado” pronounced in three ways. Rec-
ognition results closely match human judgements. '

6.3.4. CONCLUSION

The paper discussed a CALL system for the teaching of tokushuhaku phone duration and quality to
native speakers of American English. By using phone models for other languages, teaching phone
duration and quality of other languages may be possible. Future work is planned on teaching funda-
mental frequency contours, such as lexical pitch accent and pitch contours of set phrases.



6.4. PHONE INSERTION, SUBSTITUTION, AND
DELETION

6.4.1. CATEGORICAL RECOGNITION OF NATIVE
AND NON-NATIVE PHONES

In sections 6.2 and 6.3 we developed the idea of automatically detecting, measuring and correcting
non-native pronunciation characteristics in terms of phone insertions and substitutions. The pro-
posed ideas were effective for their limited applications, but more comprehensive treatment of
phone quality is required to account for systemic differences in L1 and L2 (i.e., how L1 phones are
substituted for novel L2 phones), realizational differences (how similar phones in L1 and L2 can be
uttered with different phonetic realizations), and structural differences (L1 phonotactics carrying
over to L2 production). Specifically, we need a measure of segmental non-nativeness to correct so-
called “foreign accents” in general.

Previous work in this area includes measuring non-nativeness using statistics obtained from speech
recognizers using HMMs. Some systems use HMMs for L2 (the learner’s target language) trained
on native speakers of L2 [8]. These systems often use speaker-adaptation to accommodate the
learner’s speech. However these systems do not distinguish non-native speakers from nonstandard
native speakers, because the phonetic and phonological effects of L1 (the learner’s native lan-
guage) are ignored. Other systems use HMMs for L2 trained on non-native speakers of L2 [22].
Such systems have the potential advantage of modeling the learners’ pronurciation patterns more
accurately. Collecting training speech data from a sizeable number of learners may be a practical
problem, especially when the training speech data is to be stratified according to the speaker’s
pronunciation ability. Regardless of whether L2 HMMs are trained on L2-natives or L2-non-na-
tives, the primary challenge of using HMM-derived statistics is in translating the statistics into
articulatory phonetic terms — namely quantifying how serious the pronunciation error is, and indi-
cating how to correct pronunciation errors. Most pronunciation scoring systems measure the reli-
~ability of their scores by correlating them with human judgements. Problems of this method are
that human judgements do not necessarily correlate highly among themselves, and that interhuman

correlations set an upper bound on performance beyond which higher reliability cannot be proven.

By contrast, we use a method that automatically measures the pronunciation quality of phones
produced by non-native talkers by using a bilingual phone recognizer (the acoustic models are
based on [28] and [35]). The learner receives categorical, phone—bésed information that'is readily
understood. The system detects errors in the choice of phones, reports the degree of non-nativeness
of the learner’s pronunciation, and suggests ways to improve speaking ability. Prior knowledge of
L1 and L2 phonetics, phonology and language pedagogy are combined to identify non-native ar-
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ticulatory gestures that result in pronunciation errors, thus allowing informative corrective feed-
back to the learner.

Our technique can be applied to any language pair by using appropriate knowledge of phonology
and acoustic phone models. The remainder of this section explains details of this method’s imple-
mentation for native speakers of Japanese learning American English, along with results of feasi-
bility experiments.

6.4.2. SEGMENT CLASSIFIER

The system’s speech recognition component is similar to the one described in sections 6.2 and 6.3.
Whereas the section 6.2 described a system for detecting vowel insertions, and 6.3 a system for
detecting vowel substitutions, here we discuss a system for detecting insertions, substitutions and
deletions of any segment at any location. Pedagogical considerations dictate which phones to study

or ignore. The result is a a more generalized approach than the two systems previously explained.

We implemented a system for native speakers of Japanese learning American English. Our tech-
nique can be used for other language pairs. In section 6.5, we describe a system for native speakers
of English learning Japanese. The system-user interaction is shown in figure 6.9. Figure 6.10 shows
the process flow. Figure 6.11 shows an example of the feedback display.

The phones in the HMM sets we used are listed in table 6.3. We use slightly broad monophone
HMMs to absorb pronunciation variability among non-natives. Using triphones is possible, but
cross-language phone sequences cannot be modeled by the HMMSs we used because both English
and Japanese HMMs were trained on monolingual native speech data. If triphones were used, then
only monolingual phone transitions would be modeled in detail. Cross-language transitions will
essentially be the same as monophones. The study of cross-linguistic phone sequences is an theo-
retically intriguing. Given time we may understand how individuals employ different strategies,
most probably depending on their language abilities, aptitudes and other factors. But training cross-
linguistic biphones or triphones that are good estimators of the population of non-native learners
seems impractical at this point, because such language models require speech corpora containing

substantial amounts of cross-language phone transitions.



The advantages of bilingual HMMs include (a) detecting L1 accents at the phone level, (b) instruct-
ing learners how to correct their pronunciation using techniques employed by language teachers,
and (c) measuring pronunciation ability. Identifying L2 phones being substituted by L1 phones
shows how the L2 phone was articulated, and knowing the articulatory differences between the L1
and L2 phones allows us to provide the learner with feedback similar to that given by language
teachers.

As the learner’s pronunciation improves over the course of practice, his choice of interlanguage
allophones will become closer and closer to his target language’s. We hope ultimately they become
identical. The process of the learner losing his “foreign accent” might be described as the shrinking
process of his interlanguage allophone sets. An American English speaker learning Japanese might
cease to substitute [ax] for /a/, for instance, reducing by one the number of elements in his inter-
language /a/ phoneme. We can measure the learner’s accent loss by measuring the extent of allo-
phone set reduction:

n — n
start current

allophone reduction ratio = x 100

n — N
start correct

Rer - Number of allophones at start of training, including both correct L2 phones and incorrect

(““accented”) L1 phones.

M rrens - Number of allophones currently in learner’s language model. Decreases as pronunciation

ability becomes increasingly consistent.

R ecr Number of correct target phones. Typically 1, but occasionally several.

As the learner progresses in his training, his allophone reduction ratio will increase from 0 percent
(totally non-native) to 100 percent (totally native), indicating that he has met his goal for that L2
phone. In the CALL system’s graphical user interface, allophone reduction ratios are displayed in
progress gauges labeled “accent loss gauge” (figure 6.12).

The system does not add allophones; once an interlanguage allophone is removed from the system’s
language model for a particular learner, the allophone is never restored. Capability to do so may be
necessary for true dynamic modeling of the learner’s pronunciation behavior, such as when the

learner pronounces phones inconsistently compared to previous practice sessions.

6.4.3. EVALUATION EXPERIMENTS

First, an experiment designed to measure the accuracy of the system was run under simulated
conditions. 340 non-native phones were studied using American English as L1 and Japanese for
L2. Results show that (a) 84 percent of the learner’s phones flagged by the system as having an L1
accent influenced by L1 phone x were judged by a human native L2 listener as indeed being influ-
enced by phone x, and (b) 91 percent of phones judged by the system as sounding perfectly L2 were
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judged by the human native listener as indeed being free of an L1 accent. Overall, the native lis-
tener agreed with the system 88 percent of the time.

This experiment was repeated using Japanese for L1 and American English for L2. Out of a total of
391 non-native phones, a native L2 listener agreed that (a) for 81 percent of the time, phones
flagged by the system as being influenced by L1 phone X were in fact influenced by phone X, and
(b) for 95 percent of the time, phones declared by the system as accent-free did in fact sound
perfectly native. Overall, the native listener agreed with the system 89 percent of the time.

These results suggest that our system is a useful component technology for foreign language pro-
nunciation teaching. Future work includes determining the learner’s mispronunciation habits by
identifying tendencies in his incorrect interlanguage allophones (for instance, if a learner tends to
palatalize, his habit will appear as his preference towards palatal sounds).

A second experiment studied the distribution of e_phones and j_phones. 9 native speakers of En-
glish (5 male, 4 female) and 23 non-native speakers (20 male, 3 female, all native speakers of
Japanese) each read 10 English sentences. The sentences are listed in table 6.4. Table 6.5 shows the
ratio of English and Japanese phones detected in the utterances. Results show that the detection rate

of English phones is significantly higher among native speakers of English, as expected.

There were no significant differences between e_phones and j_phones according to interlanguage
phoneme type and speaker group. The sole exception was [1], where natives and non-natives were
clearly distinguishable. Table 6.6 shows results of [1] and [r].

However, [r], the companion to [1], did not show significant differences across speaker groups. The
reason for this for English speakers may be because syllable-final [r] can be shortened to become
part of vowels while [1] cannot; this is reflected in the choice of monophones related to [r] ([r], [axr]
and [er]) and [1] ([1] only). There may be a similar reason for Japanese speakers. In Japanese-
accented English, [1] is pronounced but [r] is often deleted: consider that “call” becomes epenthesized
in Japanese ([kooru]) while “car” does not ([kaa]).

Thus the fact that [1] is a strong indicator of non-nativeness is probably because [1] is often replaced
by the Japanese flap, while [r] is often reduced and subsequently subsumed by rhotacized vowels.

6.5. RANKING PRONUNCIATION ERRORS

6.5.1. SEGMENTAL NON-NATIVENESS

As we saw in section 6.4, it is possible to automatically measure the pronunciation quality of
phones produced by non-native talkers by using a speech recognizer incorporating native phone
models of both Japanese and American English. We used HMMs for Japanese and English that
were trained separately on language-dependent native-speaker speech data but were bundled to-
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gether during recognition. Doing so removed the speaker’s physiological aspects from his speech
while retaining the systematic differences in phonetics and phonology between the two languages.
The system gave categorical results — for instance, “your English phone X sounded like Japanese
phone Y — which are pedagogically useful because we knew how to instruct learners who say
phone Y instead of X. Categorical results do not necessarily rank pronunciation errors in order of
severity, however. This is important because it guides learners towards rectifying the worst errors
first.

This section proposes a method to quantify the degree of a phone’s non-nativeness based on how it
is falsely detected in native speech. We used this measure to implement a pronunciation-training
system with adjustable sensitivity. When the system looks only for strong indicators of non-native-
ness, learners can focus on gross errors. When the system looks for both strong and weak indicators

of non-nativeness, learners can improve upon minor mispronunciations as well.

To show that the technique we proposed in section 6.4 is applicable to teaching languages other
than English, this section describes a system for teaching the phone quality for Japanese to native
speakers of American English.

6.5.2. PRONUNCIATION ERROR SORTER

Before measuring the non-nativeness of Japanese phones, we first improved the baseline perfor-
mance of our previous system by taking the following steps: (a) use gender-specific acoustic mod-
els in the speech recognizer, (b) use only clean speech input via a high-quality soundcard, and (c) in
cases where the correct Japanese phone and its incorrect English replacement are so acoustically
similar that no pedagogical advantage is gained from discriminating them, remove the English
phone.

After augmenting the system’s baseline performance, we studied the distribution of English phones
confused with Japanese phones. On the one hand, some English phones are occasionally falsely
detected in Japanese native speech. Such English phones are weak indicators of non-nativeness
because such phones naturally occur in Japanese native speech, albeit relatively infrequently. On
the other hand, some English phones occur rarely in Japanese native speech. These English phones
are strong indicators of non-nativeness because they are conspicuous.

We studied the relative frequency of English phones in Japanese native speech in the speech of 30
Japanese natives each reading 59 Japanese sentences containing 711 phones. Grading the speech
by the system showed that the type of false detections differed according to speakef. For instance,
one speaker’s English phone [a] was misrecognized as the Japanese phone [aa] phone 5.7 percent
of the time, while the [a] for a different speaker was misrecognized as [ao] at 5.7 percent.

We experimented with two kinds of thresholds to allow for English phones being detected. The first
type of threshold was based on the total number of Japanese phones in the speech material:
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THRESHOLD_ONE = (number of possible Japanese phones) x
CONSTANT_ONE

For instance, the test material contained 105 occurrences of the phone [a]. Setting the value of
CONSTANT_ONE to 0.2 allows up to 21 phones to be recognized as English phones.

The second type of threshold was based on the maximum number of each English phone falsely
recognized in the speech of multiple Japanese natives:

THRESHOLD_TWO = (maximum number of English phones falsely
recognized in Japanese-native speech) x
CONSTANT_TWO

For instance, among 30 native speakers in the training set, the Japanese phone [ay] occurred most
frequently in one speaker whose speech yielded [ay] 7 times. Setting the value of CONSTANT_TWO
to 2 allows up to 14 occurrences of [ay].

6.5.3. EVALUATION EXPERIMENT

The two thresholds were evaluated on the speech of 7 Japanese natives (the “native test set”), 2
Japanese semi-natives with over 10 years of Japanese experience (the “semi-native test set”), and 7
non-natives with less than 1 year of Japanese language training (the “non-native test set”). Results
are shown in table 6.7. |

Setting CONSTANT_ONE to 0.2 removed most false detections in the native test set. False detec-
tions were significantly reduced in the semi-native test set (from 11.9 to 2.0 percent), and some-
what reduced in the non-native test set (from 22.3 to 8.5 percent). Setting CONSTANT_TWO to 2
removed all false detections in the native test set. False detections were moderately reduced in the
semi-native test set (from 11.9 to 5.1 percent), and somewhat reduced in the non-native test set
(from 22.3 to 8.2 percent).

These results show that the two thresholds correctly (a) treat native speakers as natives, (b) identify

semi-natives as close-to-natives, and (c) point out errors among non-natives.

The two thresholds were added to our pronunciation-training system with learner-adjustable con-
trols. When a CONSTANT is set high, the learners can focus on gross errors. When a CONSTANT

is set low, learners can improve upon minor mispronunciations as well.

6.6. DISCUSSION

Automated learning systems were developed for teaching the pronunciation of phone quality (the
spectral characteristics of each phone) to entry-level non-native adult learners of Japanese or En-
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glish. Most non-natives speak languages whose phonetic inventories do not include all of the phones
found in the target language. The system asks the learner to read words, phrases or sentences.
Speech recognition technology is used to determine whether the learner produced phones correctly
in the target language, substituted it with a phone from his native language, deleted the phone, or
inserted extraneous phones. The system informs the learner what mistakes were made and advises
how to pronounce more correctly. Learners can adjust the sensitivity of non-nativeness so that

learners can focus on gross errors, or improve upon minor mispronunciations as well.

The proposed methods remove individual physiological aspects from the learner’s speech by using
a speaker-independent bilingual phone recognizer. Two key technologies were involved: (1) using
speech recognition to identify phones that are deleted, inserted, or substituted for L2 phones, and
(2) ranking mispronunciations in order of non-nativeness. The know-how incorporated into the
system might be applied to various areas, including (1) improving acoustic distance measurements
for speaker adaptation, (2) improving speech recognition performance by subdividing the user
population according to their dialect, and (3) improving spoken language system user-interfaces by
identifying the user’s native language.
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Table 6.1.

Words and phrases trained by the anaptyctic vowel detection system.

Words
1.1.
1.2.
1.3.
1.4.
1.5.
1.6.
1.7.
1.8.
1.9.

touch
but
class
drama
extra
train
lunch

please

jinx

Short phrases and word sets

2.1.
2.2.
2.3.
2.4.
2.5.

Please pay promptly.

lake, lakes, flakes

fight, jinx, fast

The trains were filmed in the Alps.

Extra drama class, please.

Loan words in carrier phrases (note: only words in [brackets] are graded)

3.1.
3.2.
3.3.
3.4.
3.5.
3.6.
3.7.
3.8.
3.9.

I have an [atlas] and [album] at home.

I have a [grapefruit] and [salad dressing] at home.

I have a [hard boiled egg] and [yoghurt] at home.

I have [cold cream] and [shaving cream] at home.

I have an [evening dress] and [turtle neck sweater] at home.
I have a [crossword puzzle] and [emerald] at home.

I have a [clarinet] and [flute] at home.

I have a [trenchcoat] and [knapsack] at home.

I have a [part-time maid] and [butterfly] at home.
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Table 6.2.

Anaptyctic vowel detection accuracy for each word or phrase. Average percentages shown for each
word or phrase. n=19.

1.1. 93.8
1.2. 100.0
1.3. 875
1.4. 875
1.5. 854
1.6. 875
1.7. 100.0
1.8. 93.8
1.9. 844
2.1. 80.0
22. 815
23. 950
24. 914
2.5. 89.8
3.1. 703
3.2. 86.6
33. 844
3.4. 82.1
3.5. 84.8
3.6. 83.0
3.7. 89.0
3.8. 938
39. 953
ALL 88.4
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Table 6.3.
Phones used in the bilingual HMM set.

English phones (45 phones).
aaae ahaoaw ax axraybchddhehelemenereyfghhihixiyjhklm
nngowoyprsshtthuhuwvwyzzh

Japanese phones (40 phones).
spNaa:bbychdee:fggyhhyii:jkkymmynnyoo:ppyqrryssh
ttSuuwyz
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Table 6.4.
List of sentences read by the subjects.

Good morning.

Do you have a car?

Can you speak Japanese?

My girlfriend likes red flowers.

School starts the first week of April.

Look at the pretty fish in the warm water.
There are many birds and animals in Australia.

Australia is a big country without large rivers.

e S A L S e

Her mother lives near School Drive and Garden Street.

,__
e

The library is next to the nice Japanese garden in the park.
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Table 6.5.

Distribution of all English and Japanese phones detected according to the subjects’ nativeness.

nativeness  gender e_phone%]_phone% total phones

native male 393 607 1331

native female 43.8 56.3 1072
non-native male 304 69.6 5360
non-native  female 35.7 64.3 804
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Table 6.6.
Distribution of English and Japanese phones for the target English phones [1] and [r] according to
the subjects’ nativeness and gender.

nativeness gender  phone e_phone% j_phone% total phones

native male 1 64.6 354 65
native female 1 48.1 51.9 - 52
non-native male 1 18.9 81.2 260
non-native  female 1 20.5 79.5 39
native male r 58.8 42.2 154
native female r 41.9 58.1 124
' non-native male r 53.6 46.5 620
non-native  female r 49.5 50.5 93
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Table 6.7.
False detections depending on use of thresholds.

speaker no CONSTANT  CONSTANT
threshold _ONE=0.2 _TWO=2.0
native 1 10.69 0.46 0.00
native 2 9.06 0.12 0.00
native 3 12.08 0.32 0.00
native 4 11.15 0.00 0.00
native 5 7.43 0.00 0.00
native 6 14.52 0.00 0.00
“native 7 13.59 0.25 0.00
native mean 11.22 0.16 0.00
semi-native 1 10.60 1.76 5.34
semi-native 2 13.12 2.21 4.76
semi-native mean 11.86 1.99 5.05
non-native 1 14.05 1.16 4.65
non-native 2 2021 8.13 8.94
non-native 3 20.56 8.3_6 8.13
non-native 4 14.29 4.30 1.65
non-native 5 30.66 16.14 19.40
non-native 6 39.37 13.47 7.55
non-native 7 17.07 7.67 6.74
non-native mean  22.32 8.46 8.15
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feedback

learner speech
instructor speech

\ (((

learner speech
’

Figure 6.1.
System-user interaction of anaptyctic vowel detection system. System points out where vowels
were inserted. The learner’s task is to remove such vowels. This figure shows the screen in English;

the actual system uses both Japanese and English, and with more detailed feedback (see figure 6.3
for a screen image).
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* prepared beforehand
=== processed at runtime

Figure 6.2.
Anaptyctic vowel detector process flow. L2 (Japanese) phone models are used only for detecting

vowel insertions. All obligatory phones use English phone models only.
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epen_vz.’

| have a [trenchcoat] and [knapsack] at home.

Epenthetic vowel after e_t
Epenthetic vowel after e_t
Epenthetic vowel after e_p
Epenthetic vowel after e_k
score: 20 %

$§i §h 3a 8v [j_u] [%a] [e_n] ., 8t [j_o] $r $e &n 8ch [j_i] 8k 8
o $u 8t [j , $a $n 8d [j_o] , $n $a $p [j_u] $s $a $k [j_u]
$a $t [} $h 30 $m

ax e_hh j_a: j_b j_u j_a: e_t j_o j_r j_e: e_n j_ch e_k j_o:
u: e_t Joja:enedjoenjaep]jues jaekj_u,]

e_
.

Figure 6.3.

Anaptyctic vowel detector screen example. The system prompted the learner to say “I have a
trenchcoat and knapsack at home.” The words “trenchcoat” and “knapsack” are the words being
graded; both exist as loan words in Japanese, and learners often make mistakes reading them be-
cause the loans’ pronunciations carry back over to English. The system has detected Japanese vow-

els [o] after the first and last “t” in “trenchcoat”, plus the vowel [u] after “p” and “ck” in “knap-

sack”. The learner’s task is to repeat the sentence trying not to insert vowels.
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(a) Phone network for the word “speech.”

[ 1020 00 1010

(b) Phone lattice corresponding to figure (a).

Figure 6.4.

Phone network for anaptyctic vowel detection. Figure (a) shows the network for the word “speech”,
where the correct (and obligatory) phones are shown in the main path, and the incorrect (and op-
tional) phones are shown as alternate paths. Figure (b) shows the equivalent phone lattice for figure

(a). Anaptyctic vowels are paired with null phones, the latter corresponding to the correct path.
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+ prepared beforehand
== processed at runtime

DA A e

Figure 6.6.
Process flow of hybrid phone-duration and phone-quality system. Phone quality and duration are

measured in parallel.
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feedback

learner speech
instructor speech

+ ‘.

learner speech

o

Figure 6.7.

System-user interaction of vowel-substitution detector. In addition to phone duration information,
the learner receives categorical articulatory advice on vowel quality. This figure shows the screen
in English only. The actual system uses both kana and English, and with more detailed feedback.
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feedback
/ a4

learner speech
instructor speech

((((

learner speech
TE—Saa——

Figure 6.9.

System-user interaction of phone-quality system. Learner receives categorical articulatory advice
on phone quality. This figure shows the screen in English only. The actual system uses both kana
and English, and with more detailed feedback.
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Figure 6.10.
Process flow of phone-quality system. The phone-quality system uses a bilingual recognizer to
give the learner categorical articulatory advice on phone quality.
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‘tashiwa amla_'in desu

w: say [a] not [aX].
r- say [R] not [r].

- 25%

;

25%

a
U]
.u.
|

0

0%

—— accent loss gauge —

Figure 6.12.

Accent loss gauge screen example. The learner receives categorical articulatory advice on phone
quality for each mispronounced phone, and an “accent loss gauge” indicating allophone reduction
ratios. For explanation purposes, the figure is in English and shows only vowels.
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7. CONCLUSION

This dissertation advances the state of the art by combining existing technologies with newly cre-
ated knowledge. The research tasks provide multiple viewpoints towards the larger issue of auto-
mated pronunciation learning. CALL systems were built to teach three pronunciation skills: phone
duration, pitch, and phone quality. This section lists our major findings and directions for future
work.

7.1. FINDINGS

The system for teaching phone duration provides corrective feedback similar to human teachers by
measuring phone duration using speech recognition technology. We learned that (1) learners adjust
their speaking rate to the system’s prompts, (2) native speakers distinguish long and short tokushuhaku
clearly, (3) instructing learners to say a phone longer or shorter is easy to understand, and 4)
learners rapidly acquire skills.

The system for teaching phone quality provides corrective feedback while disregarding individual
physiological aspects of the learner’s speech by measuring L1 accents by comparing L1 and L2
phones using a speaker-independent bilingual phone recognizer. We learned that (1) the number of
phone types in the learner’s interlanguage allophone inventory decreases with pronunciation prac-
tice, (2) the size of the learner’s interlanguage allophone inventory is one measure of the learner’s
level of foreign accent, (3) the frequency distribution of interlanguage allophones being selected as
the L2 phone is another measure of the learner’s level of foreign accent, and (4) the system helps
learners rapidly acquire phone quality skills.

The system for teaching pitch contours automatically grades prosody by measuring pitch patterns
and intonation contours using speech recognition technology and prosodic analysis. We learned
that (1) native speakers clearly distinguish pitch changes at syllable boundaries, (2) instructing
learners to say a syllable higher or lower is easy to understand, and (4) learners rapidly acquire
skills.

7.2. FUTURE WORK

Teaching phone duration can be improved by gradually lowering intelligibility scores as the dura-
tions of long phonemes become overly long. This study ignored this aspect because we found that
learners do not elongate long phones to the extent of sounding unnatural or incorrect (undoubtedly
because learners wish to comply with target language norms). However at least in theory such
erratic behavior is possible. Perception experiments using synthetized long phones can determine
the goodness of phones.
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A related issue involves multimorphome superlong tokushuhaku, such as the 6-mora-long [o] in
“denwa bangoo o 00 ojini osieru” (give the telephone number to my great uncle). Superlong
tokushuhaku occur across multiple morphemes. Morpheme boundaries are perceived by pitch ac-
cent patterns. Superimposing pitch accent on phone duration instruction may help learners acquire
skills in this area.

The pitch contour system could be improved by teaching pitch contours of phrases and sentences
with more than one acceptable intonation contour. Here again the concept of quantitative measure-
ments of intelligibility rears its head. Manageable tasks might include categorizing various intona-
tion contours into various meanings — for instance “kawai san desuka” with a falling tone means
“So you are Mr. Kawai,” (indicates confirmation of information) while a rising tone means “Are
you sure you are Mr. Kawai?” (indicates incredibility). Simple tasks such as these can be based on
perception experiments. More advanced tasks might include intonation as discourse structure markers
— for example utterance-final intonation patterns functioning as cues for turn-taking behavior.

Teaching phone quality might be significantly improved by quantitatively measuring the intelligi-
bility of phones as a function of phone quality. On the one hand, we could perhaps extrapolate
intelligibility from rank-order or qualitative judgements of native speakers. On the other hand the
correlation among native speakers regarding pronunciation has never been high; in fact this has
been the limiting factor for many pronunciation grading systems. Thus unfortunately the goodness
of phone quality may never be quantifiable.

A fundamental issue that this dissertation has not touched upon is the training of hearing skills.
Spoken language competence necessarily requires both production and reception skills. This dis-
sertation has not dealt with teaching speech perception to non-native learners primarily because
hearing skills have been the focus of CALL research up to this point; this paper attemps to balance
the scale of research efforts by proposing learning systems for speech production. Certainly this
paper does not intend to minimize the importance of speech perception training. In fact the systems
proposed in this paper would be meaningless without matching teaching in listening comprehen-
sion. An example of this would be tokushuhaku training, where learners must learn how to produce
long and short vowel lengths correctly, but must also learn how to tell them apart in connected
native speech because where localized fluctuations in speech rate can obliterate clear durational
distinctions.
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APPENDIXA  SPEECH DATA COLLECTION

Material used for collecting speech data from native speakers of American English is included here

for reference purposes. Native speakers of Japanese used a similar set of materials that was pro-
duced in Japanese kana-kanji.
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Experiment for recording Japanese words
read aloud by native speakers of English

1. Overview of Experiment

You are asked to participate in an experiment for recording Japanese words read aloud by native
speakers of English. You will be given a list of Japanese words printed on a sheet. Prior to
- recording, you will check the list, and mark on the sheet whether you know the word or not.
Then you will wear a microphone on your head, and read the words on the sheet aloud. The
entire experiment is expected to last about 20 minutes, not including time waiting for your turn.
You will receive 1,000 yen in cash as compensation for participation.

The recordings of your voice will be used solely for the purposes of academic research by the
University of Tokyo and Tokai University. Your identity will neither be recorded, nor will it will
be disclosed to any third party.

To participate, you must be an adult native speaker of English, and a beginning-level learner of
Japanese as a foreign or second language. You must answer a list of questions describing your
language background. The risk of discomfort, injury or death by participating in this experi-
ment is negligible. You must sign an agreement that you agree to the purpose of the study.

2. Research Background

A group of researchers at the University of Tokyo are, with the cooperation of Tokai University,
developing a computer system for teaching the pronunciation of nonnative languages to adult
learners.

Our research addresses the automatic detection, measurement, and correction of nonnative pro-
nunciation characteristics (so-called "foreign accents") in foreign language speech. Acquiring
nativelike pronunciation ranks first in desirability among foreign language learners.

Computerized self-learning systems can be used to handle the repetitive tasks of pronunciation
teaching. Our systems automatically measure the pronunciation quality of speech produced by
nonnative learners. The learner receives detailed feedback on what his or her mistakes are, an
estimate of the percentage of native speakers who will understand the learner's utterance the
way it was pronounced, and recommendations to improve his or her pronunciation skills.

Your speech will be used to study how beginning learners of Japanese as a foreign language
mispronounce familiar or unfamiliar words. The objective of this experiment is to learn what
kind of mistakes are made, how often they occur, and whether current speech recognition tech-
nology can detect such mistakes. Your speech data will help advance the state of the art of
computer-aided pronunciation training,.
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3. Experiment Instructions

You will first read this set of instructions, sign the agreement form (a copy will be given to you),
and answer a list of questions describing your language background. Some questions may ap-
pear unusual but are necessary for research purposes (the reasons are explained on the sheet). If
you feel uncomfortable responding to any of the questions, leave the answer blank.

You will be given a list of Japanese words printed in hiragana, along with their English transla-
tions. These are the words you will read during the recording session. Check the list, and circle
Yes or No depending on whether you know the word or not. Remember, this is not a test. There
are many words in the list that even advanced learners are unlikely to know.

Next, we will prepare you for recording. You will wear a head-mounted microphone, similar in
shape to headsets worn by aircraft pilots and motorcycle peace officers. This allows high-
quality recordings because your voice is clearly captured and ambient noise is minimized. We
will adjust our recording equipment for optimal recording quality.

You will then start reading words aloud. You may repeat reading words as many times as you
like. If you cough, sneeze or laugh during talking, you must repeat saying the word. We
will use your last utterance of each word.

There is no time limit as far as we are concerned. You may spend as much time with us as you
like. Based on past experience with other participants, we expect that you will finish in about 20
minutes, not including time waiting for your turn.

A researcher or technician will assist you during the entire experiment. If you have questions,
please ask. One question we cannot answer is the correct pronunciation of the reading
material in the list. Your mispronunciations are important data. We cannot contaminate the
data by guiding you to correct or incorrect pronunciations. You must guess the best pronuncia-
tion possible and say it aloud. There is no penalty for mispronunciations.

4. Reading Material

A portion of the reading material is given below to serve as a sample of what you will read
during the experiment.

AP knead HB  Dblue BD axe
W5V after H rain ) A obtain
HY ant W5 roast ) e give birth
BBV heavy Wb garden D H chisel
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5. References

The following academic papers explain the technology and research issues in detail. Online
versions are available via the World Wide Web.

Goh Kawai and Keikichi Hirose (1998a) A CALL system using speech recognition to train the
pronunciation of Japanese tokushuhaku. Proceedings of STiLL (Speech Technology in
Language Learning) (Marholmen, Sweden), pp. 73-76, May 1998. Online version at:

http://www.gavo.t.u-tokyo.ac.jp/~kawai/goh/980525.pdf

Goh Kawai and Keikichi Hirose (1998b) A CALL system for teaching the duration and phone
quality of Japanese tokushuhaku. Proceedings of the Joint Conference of the ICA (In-
ternational Conference on Acoustics) and ASA (Acoustical Society of America) (Se-
attle, Washington), pp. 2981-2982, June 1998. Online version at:

http://www.gavo.t.u-tokyo.ac.jp/~kawai/goh/980626.pdf

Goh Kawai and Keikichi Hirose (1998c) "A bilingual speech recognizer for detecting phone-
level pronunciation errors in nonnative speech." Proceedings of the ASJ (Acoustical
Society of Japan) 1998 Fall Conference (Yonezawa, Japan), paper number 1-2-24, Sep-
tember 1998. Online version at:
http://www.gavo.t.u-tokyo.ac.jp/~kawai/goh/980924a.pdf
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Agreement to Participate in Experiment

I, (print name) , am an adult native speaker of English, and
a beginning-level learner of Japanese as a foreign or second language. I agree to participate in
an experiment for recording Japanese words read aloud by native speakers of English. I will
answer a list of questions describing my language background. I will be given a list of Japanese
printed on a sheet, and mark whether I know the word or not. I will wear a microphone on my
head, and read the Japanese words aloud.

The entire experiment is expected to last about 20 minutes, not including time waiting for my
turn. I will receive 1,000 yen in cash as compensation for participation.

The ‘purpose of the experiment has been explained to me. I have been told that the risk of
discomfort, injury or death by participating in this experiment is negligible. The recordings of
my voice will be used solely for the purposes of academic research by the University of Tokyo
and Tokai University. My identity will neither be recorded, nor will it will be disclosed to any

third party.

I have read and agree to the conditions above.

Signature Date

Contact Information

For questions and comments regarding this study, contact:

Goh Kawai

University of Tokyo

Department of Information and Communication Engineering
Professor Keikichi Hirose Laboratory

Tokyo 113-8656, Japan

tel: +81-3-5804-7459

fax: +81-3-3815-4442

email: goh@kawai.com

http://www.kawai.com/
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PARTICIPANT COPY
Agreement to Participate in Experiment

I, (print name) , am an adult native speaker of English, and
a beginning-level learner of Japanese as a foreign or second language. I agree to participate in
an experiment for recording Japanese words read aloud by native speakers of English. I will
answer a list of questions describing my language background. I will be given a list of Japanese
printed on a sheet, and mark whether I know the word or not. I will wear a microphone on my
head, and read the Japanese words aloud.

The entire experiment is expected to last about 20 minutes, not including time waiting for my
turn. I will receive 1,000 yen in cash as compensation for participation.

The purpose of the experiment has been explained to me. I have been told that the risk of
discomfort, injury or death by participating in this experiment is negligible. The recordings of
my voice will be used solely for the purposes of academic research by the University of Tokyo
and Tokai University. My identity will neither be recorded, nor will it will be disclosed to any
third party.

I have read and agree to the conditions above.

Signature - Date

Contact Information

For questions and comments regarding this study, contact:

Goh Kawai

University of Tokyo

Department of Information and Communication Engineering
Professor Keikichi Hirose Laboratory

Tokyo 113-8656, Japan

tel: +81-3-5804-7459

fax: +81-3-3815-4442

email: goh@kawai.com

http://www.kawai.com/
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APPENDIXB  PHONOLOGICAL RULES FOR
ANAPTYXIS

In most cases of anaptyctic vowel insertions in loanwords into Japanese, the following vowel
insertion rule applies:

(1) vowel insertion rule
C_ > Co/C=[t][d]
Ci/ C = alveorlar affricate

Cu / C = otherwise

Words loaned up till the 19th century often had [i] inserted instead of [u] (i.e., in all non-[t][d]
contexts). Consider older and more recent loans:

(2) older loans
excite > ekisaito
text > tekisuto
Texas > tekisasu

(3) newer loans

mix >  mikisu > mikkusu
taxi > takushii
sex > sekkusu

Gemination occurs at syllable-final stops, which become moraic obstruents (tokushuhaku) fol-
lowed by an anaptyctic vowel:

(4) gemination examples
step > sutepp
kit > Kkitto
black > burakku

bed > beddo
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Publications authored by Goh Kawai are listed in reverse chronological order.
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[9]
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tralia), pp 1823-1826, November 1998

Jinfu Ni, Goh Kawai, and Keikichi Hirose “A synthesis—oriented model of phrasal
pitch movements in standard Chinese.” Proceedings of ICSLP (International Confer-
ence on Spoken Language Processing) (Sydney, Australia), pp 3317-3320, November
1998

Goh Kawai “The mechanism and usefulness of computer-based non—native pronun-
ciation learning systems.” 22nd Tokyo Spoken Language Workshop (Tokyo, Japan),
November 1998

Goh Kawai and Keikichi Hirose “A bilingual speech recognizer for detecting phone—
level pronunciation errors in non-native speech.” Proceedings of the ASJ (Acoustical
Society of Japan) 1998 Fall Conference (Yonezawa, Japan), paper number 1-2-24,
September 1998



[10]

[11]

[12]

[13]

[14]

[15]

[16]

[17]

[18]

[19]

[20]

Goh Kawai, Chingsiu Lim and Keikichi Hirose “Using speech recognition to detect
epenthetic vowels in English spoken by native speakers of Japanese.” Proceedings of
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