Acoustic Analysis of Dialogue Sp eech

- Description and V eri�cation of Sp ontaneous Sp eech

and Measurement of Its Sp eech Rate -

Shigeyoshi Kitazawa, Satoshi Kobay ashi, Hideya Ichik aw a, and

Motoki Sugimura

Department of Computer Science, Shizuoka University

5-1, 3 Chome, Hamamatsu, 432, Japan

e-mail: kitazawa@cs.inf.shizuok a.ac.jp

1. Introduction

Nonverbal communications play an imp ortant role in human dialogue where participants

use natural sp eech so called sp ontaneous sp eech. That nonverbal information interchanged

between p eople is called as "paralanguage". There are number of asp ects of paralanguage.

Some of them are sensational features, and di�cult to realize measurements. The others,

how ever, are measurable as concrete acoustical features. Here we describ ed the transcription

into text of the paralinguistic features such as voice loudness, tone, and sp eech rate. W e

made v arious measurements of v alidity and consistency of descriptions b etween di�erent

transcribers. Then we describ ed how to measure the sp eech rate, one of the paralinguistic

features.

2. T ranscription of Dialogue Sp eech

In studying sp ontaneous sp eech, transcription is necessary and indisp ensable. Audio or

video tap e recording is just a material and is very insu�cient for information pro cessing.

T ranscription is a kind of information pro cessing by human b eing, where interpersonal com-

munication is describ ed in terms of concepts that are imp ortant for human communication.

Study of sp ontaneous sp eech is at the stage of pre-automatic recognition, where the b ehavior

and phenomenon should b e studied as they are.

There are number of ways di�erent researchers developed to represent sp eech in a writ-

ten forms. This is b ecause sp eech has various asp ects which are imp ortant for di�erent

researchers. Sp eech can b e describ ed according to a large number of dimensions, many of

which have not b een written in text forms. The approach we adopted here as a basis is

transcriptions of sp eech in the TEI (the T ext Enco ding Initiative)[1].

The TEI is developed for p eople who works with any "text" in electronic form to pro cess

by machine and to encourage the sharing of electronic texts. The TEI is a set of enco ding

conv entions, provides a fully general text enco ding mo del or a framework. The guideline

provides means of representing those features to facilitate pro cessing of the text by computer

programs. In particular, they sp ecify a set of markers (or tags) which may b e inserted in

the electronic representation of the text, in order to mark the text structure and other

textual features of interest. Without such explicit markers, many imp ortant features remain

di�cult to lo cate by mechanical means as computer programs, and thus di�cult to pro cess

e�ectively .

The TEI b egan from text description has rich framework and concepts for dialogue de-

scription which we aimed at in this research. Our description framework is similar and

concepts are also adopted. In particular TEI has a framework of description of nonverbal features of sp eech, paralinguistic features are involved using technical terms of b ehavioral

science. Even though there are description metho ds of more physical parameters, for ex-

ample, voice tone may b e describ ed with conventional pitch extraction metho d provides

numerical measure of voice heights, however, such measure do es not re ect human informa-

tion pro cessing, that is the paralinguistic features is measured, de�ned, understandable, and

make sense only for human. Any machine can not recognize paralanguage. Paralanguage is

in a pre-recognition stage for machine.

3. Consistency of Inter-T ranscrib ers’ T ranscription[2]

T ext enco ded dialogue is a useful form of analysis data, however, consistency b etween

transcribers and omission and misleading are unavoidable. W e estimated these errors and

inconsistencies with cross check b etween di�erent transcrib ers on some conditions such as

transcribers’ skill, using graphical interface and verifying transcription with synthetic sounds

based on own transcription. Their descriptions are according to the TEI enco ding scheme

of utterances and paralinguistic descriptions of real dialogue. W e could �nd 91 % agree-

ments b etween di�erent transcrib ers of phonetic transcriptions, and 64 % of agreements of

nonv erbal transcriptions. These results suggest us that some acoustic parameters will help

consistent description of nonverbal features.

W e used tw o real sp eech data. One of the sp eech data was used for training of tran-

scribers, and another was used for test. Each of the sp eech data has ab out 40 seconds’

duration, and were taken from a TV program of a female interviewer and a male intervie-

wee. Both verbal sounds and nonverbal sounds, e.g., laugh are transcrib ed using TEI tags

and entities. All of sub jects attended to meetings, to learn ab out TEI notation and how to

transcribe the dialogue, b efore �rst session.

Consistency rates of verbal sounds marked almost the same rates through sessions. But,

consistency rates of tags b ecome higher through sessions. T raining of transcrib ers and using

GUI a�ect go o d in uence for consistency rates, but, no interactions app ear. Then, we made

a hypothesis "V erifying own transcription by comparing synthesized sounds with original

dialogue has no a�ect on improvement." Improvement by hearing synthesized sound is not

prov ed except tags.

4. Qualitative Evaluation of T ranscription by Synthesis of Sp ontaneous Dialogue

Current text to sp eech synthesizer pro duces proso dic features with a pre-determined rule

from syntax. But sp ontaneous sp eech have more than predicted nonverbal features, such as

tempo, pitch, and volume, that change from situation to situation. W e incorp orated explicit

instructions for such nonverbal features into sp eech synthesis to make synthesized dialogue

as much as realistic.

W e synthesized a sp ontaneous dialogue based on a transcription of real interview. W e

use tw o systems. One of them is "Syaberinbo Portable (Syaberinbo)" from NTT Data. And

another is a synthesizer (H’s-Synthesizer) which is made by Hirose Lab oratory in T oky o

Universit y , the same group of this pro ject.

Both of the synthesizers can not represent overlap of utterances. Therefore we removed

transcriptions which overlapped later b efore synthesis. There was no way to synthesize for

some nonverbal features, b ecause each synthesizer has some limits. Syaberinbo can not set

pitch by command. But we can switch female and male voice and can b e changed temp o and

loudness in 8 level and 16 level for each. Syaberinbo need accents and pauses information.

H’s-Synthesizer can not represent sp eakers and can not change temp o, loudness and pitch.

Both synthesizers can not represent voice qualities and make proso dic control based on the

rules programed.

Original dialogue is an interview b etween female interview er and male interviewee. Du-

ration of it is ab out 40 seconds. Both synthesizers used in this exp eriment are not designed

to synthesis sp ontaneous dialogues. Syab erinb o is designed for data reading. But, when

prosodic b oundaries (bunsetsu) and accent information are given, synthesized sound b e-

come almost sp ontaneous. As we add more nonverbal information to reading data, we feel

synthesized sound b ecome more sp ontaneous.

5. A Metho d for T emporal Measurement of Sp ontaneous Sp eech : TEMAX[3]

W e rep orts an algorithm developed for measuring sp eech sp eed on the basis of p erio dicity

of syllable or stress pro duction, i.e. the temp o or the rhythm. A sense of the temp o or the

rhythm is p erceptible for semi-p erio dic stimuli with interv als b etw een 0.1 and 3 seconds,

which corresp onds approximately to a syllable rate in syllable-timed language or a stress

rate in stress-timed language. The sp eech sp eed, or the rate of sp eech, is de�ned as a

num b er of mora in a second for Japanese, which was phonological rather psychological and

insu�cient to b e measured acoustically

, provide here a solution to the di�cult problem of

physical measurement of sensation.

TEMAX (T emporal Ev aluation and Measurement Algorithm by ks) is a signal pro cessing

procedure to evaluate the rate of sp eech by amplitude envelope of sp eech wa veform. TEMAX

gives a sonagraphic graph computed for the sp eech envelope sampled at 40 Hz, where sp eech

wa ve is half-wave recti�ed and lowpass �ltered at 20 Hz. In this graph, higher energy

components make frequency bands (around 8 Hz) which corresp onds to the rate of sp eech,

because syllables are pro duced semi-p erio dically in Japanese, the isosyllabic characteristics.

Speech wave is amplitude mo dulated ab out 8 mora/second. Dips of the envelope corresp onds

to consonants or phonemic b oundaries, therefore dips within a unit of time is correlated with

the rate of sp eech. By DFT of the envelope with 1 second window, a dominant frequency

component corresp onds to the rate of sp eech.

A mora is a proso dical term that is a conjunction of a consonant and a short vow el.

One measurement of the rate of sp eech is achiev able through the phoneme recognition, that

is, phonemes are marked along the time line and the resulting phoneme (hence the mora)

lengths are averaged along some interv als resulting a number of moras p er second. This

de�nition, however, is di�cult to realize with automatic sp eech recognition technology

, but

possible only by hand lab eling. W e can recognize the rate of sp eech without recognizing the

conten t of sp eech. W e can p erceive, for example, the utterance sp eed from the narrow band

�ltered sp eech sound. This fact suggests that our sense of a temp o can b e p erceivable from

the envelope of the wav eform.

The sp eaking rate is observed as a dominant sp ectral p eak in a frequency domain, where

the sp eaking rate is visually represented in frequency-time plane like the formantic pattern

in sp ectrograms. The frequency and the time are scaled downward to one two hundredth

of the 8 kHz sampling rate of the normal sp ectrogram. W e could observe gray gauged

monochrome patterns in the 20 Hz frequency region with one second of time window.

First, we examined with the synthesized sounds such as a stationary half wave recti�ed

signal with a short silent gap corresp onding to a consonant interv al, and then gradually

decreasing interv als b etween envelope p eaks. These test signals are pro cessed according to

the describ ed pro cedure to obtain sp ectrograms of the envelope. W e could observe dark bars

corresponding to the sp eech rates.

W e examined real dialogue sp eech taken from TV programs. The real sp eech rate is

measured manually by segmentation of individual phonemes. Then we computed DFTs of

the envelop wa ves to �nd the frequency of the p eak energy as an estimate of the sp eech rate.

The manual estimation and the DFT estimation correlated with co e�cient 0.57.

TEMAX analysis on real sp ontaneous sp eech showed often multiples of dominant fre-

quency comp onents which is lower than manually counted frequency of mora o ccurrences.

This is due to the bimoraic phenomena of Japanese rhythm that is recently found in theo-

retical study of sp oken Japanese and also in psychological exp eriments. Analysis of sp eech

env elop e showed that two adjacent moras connect together comp osing a single large p eak as

frequently as single-mora p eaks. Therefore the sp eech rate in the ordinal sense is observed

ov er the bimoraic sp eech rate in a TEMAX. In Japanese, the rate of sp eech observed in

TEMAX was almost steady in read sp eech and monologue. The rate of sp eech, which shows

paralinguistic characteristics, changes wider to express and to exchange feelings each other

beyond words.

There are two di�erent temp oral structure of language; isosyllabism such as mora-timed

Japanese and iso chronism such as stress-timed English. Although the TEMAX was de-

veloped based on the mora-timed Japanese, it turned out to b e useful also for other typ e

of temp oral systems such as English, b ecause the TEMAX extracts a kind of universal

characteristics. TEMAX showed that stress is p erio dic around 1 Hz and this iso chronic

characteristics is observable with the analysis window of 2 seconds’ width. F urthermore, the

perio dicity of syllables b etween stress is also observ able with the TEMAX showing values

around 5 to 10 Hz, which v aries from interv al to interv al wider than TEMAX of syllable-

timed sp eech. Thus, English and Japanese, two extreme language in rhythmic structure,

were successfully analyzed.

6. Conclusion

In this study

, we developed metho ds to analyze dialogue sp eech. First we established

an enco ding framework of dialogue sp eech, and on which we made v arious measurements of

consistency of descriptions b etween di�erent transcrib ers on some conditions. As the result,

we got a consistency rate ab out 91 % for verbal sounds and 64 % for tags. T ranscribers’

skill and GUI had in uenced on results. Then we intuitionally evaluated transcriptions

including paralinguistic features by resynthesis of dialogue sp eech repro duced from auto-

translated control command to the sp eech synthesizers. W e got more realistic dialogue as

we set not only proso dic b oundaries (Bunsetsu), but accent information, temp o and volume

as well. Secondly we implemented a signal pro cessing algorithm with sonagraphic display

named TEMAX to extract temp o, one of paralinguistic features of dialogue sp eech. TEMAX

could e�ectively extract temp o measured in terms of not only more/second for mora-timed

Japanese, but also stress/second for stress-timed English and syllable/second for syllables

between stress in English.

References

[1] C.M.Sp erb erg McQueen,Lou Burnard, "Base T ag Set for T ranscription of Sp oken

T exts", TEI P2 Chapter 34, T ext Enco ding Initiative, Chicago, Oxford,(1992).

[2] Kobay ashi, S., Kitazawa, S.: "Consistency of Inter-T ranscriber’s T ranscription", EU-

ROSPEECH, 1263-1266, 1995.

[3] Kitazaw a, S., Kobayashi, S., Matsunaga, T., Ichik a wa, H.: "T empo Estimation by

W ave Envelope for Recognition of Paralinguistic F eatures in Sp ontaneous Sp eech", in

Pro c. ICSLP

, vol. 3, 1691-1694, 1994.

[4] Related do cuments and materials are av ailable through the following URL:

"http://mickey

.cs.inf.shizuok a.ac.jp/research/".

Keywords: dialogue sp eech, sp eech rate, sp ontaneous sp eech synthesis, TEI, TEMAX