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If a spoken dialog system can respond to a user as naturally as a human, the interaction will appear smoother. In this research,
we aim to develop a spoken dialog system that emulates human behavior in a dialog. The proposed system makes use of
a decision tree to generate responses at the appropriate times. These responses include ‘aizuchi ’ (back-channel), ‘repetition’,
‘collaborative completion’, etc. At each time interval, the decision tree generates the response timing features referring to the
pitch and energy contours, recognition hypotheses, and the preparation status of the response generator. A subjective evaluation
shows that there is a high degree of naturalness in the timing of ordinary responses and aizuchi, and that the spoken dialog
system exhibits user-friendly behavior. The recorded voice system was preferred to a text-to-speech system (synthesized speech),
and almost all subjects felt familiarity with the aizuchi.  2010 Institute of Electrical Engineers of Japan. Published by John
Wiley & Sons, Inc.

Keywords: spoken dialog system, speech communication, aizuchi, repetition, overlapping

Received 3 September 2009; Revised 21 June 2010

1. Introduction

Recently, there has been increased interest in and demand for
interfaces providing automatic speech recognition (ASR). Because
traditional systems provide no reaction to user utterances, a user
cannot be certain that the system has recognized the utterance
correctly. Considering this, several systems have been developed,
such as the tutoring system [1] which incorporates back-channel
and nodding, and the dialog robot [2] which deals with aizuchi,
nodding, and facial expressions. Nevertheless, spoken dialog
systems still tend to convey a stiff impression.

In Japanese human-to-human dialog, well-timed responses such
as aizuchi (sometimes called ‘back-channel’) and turn-taking
ensure a smooth dialog. According to Maynard [3], aizuchi are
signals for the speaker to continue speaking, and also indicate
the listener’s understanding of and agreement with the preceding
utterances. Regarding aizuchi or turn-taking, the listener usually
starts talking immediately after a short pause, or sometimes even
overlaps the first speaker’s utterance. In natural human-to-human
dialog, cooperative speech includes aizuchi and turn-taking with
a variety of timings.

In smooth and cooperative human-to-human conversations,
prosody information, including pitch and energy, is synchronized
between the speakers. According to Kakita [4], if a speaker’s
fundamental frequency (F0) is high in simple question and answer
dialogs, the other speaker’s F0 also tends to be raised. Nagaoka et
al. [5] showed that there is a positive correlation between switching
pause durations for dialog partners. They suggest that enabling
communication that is as smooth and natural as human-to-human
dialogs is necessary to control the prosody of the system’s response
appropriately. Previously, we analyzed human-to-human dialog to
ascertain how prosody interacts between speakers, and then we
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modeled the synchronizing tendency of F0, energy, and speech
rate [6].

The purpose of this study is to generate natural responses,
including aizuchi, repetition, collaborative completion, and ordi-
nary responses, while also considering response timing. A deci-
sion tree that refers to prosodic information and surface linguistic
information as features is employed to determine the appropriate
response timing. Using this timing generation method, a human-
friendly spoken dialog system has been developed [7]. The system
discussed in this paper deals with all these phenomena, whereas
the previous system described in the literature [7] cannot treat rep-
etition and barge-in, and responds only after detecting a pause (in
other words, the system cannot deal with overlapping responses).
One of the aims of the proposed system is to make it appear so
familiar to humans that they will want to chat with it.

This paper is organized as follows: Previous related works are
described in Section 2. The novel architecture of the proposed
spoken dialog system is presented in Section 3, while Section 4
describes the response-timing generation method and features
required for the timing generation. An example of a dialog with the
system is presented in Section 5. Section 6 provides experimental
results of the spoken dialog system. Finally, we present our
conclusions and suggest future works in Section 7.

2. Related Works on Spontaneous Conversation

Studies on aizuchi and turn-taking [8–11] indicate that pitch
(F0) and energy are chiefly responsible for generating aizuchi and
turn-taking. To date, various real-time aizuchi generation systems
have been developed [12–14] that use pitch [i.e., the inverse of
the fundamental frequency (F0)] and pause duration as features.
Some natural turn-taking timing detection systems have also been
developed [15–17]. For example, Fujie et al. [18] used prosody
information, especially F0 and the energy of the utterance, to
determine appropriate timings for feedback responses. A finite
state transducer-based speech recognizer was used to determine
the sentence for feedback before the end of the utterance. While
various kinds of responses need to be considered to emulate human
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Fig. 1. Schematic diagram of the spoken dialog system

responses, these previous studies dealt only with a particular kind
of response.

In this paper, we propose an integrated approach for the
generation of various kinds of responses as follows:

• Aizuchi: In human-to-human conversations, at the completion
of the speaker’s turn, the listener either responds with content
suggested by the speaker’s utterance or starts the next turn
thereby indicating that she/he has accepted what the first speaker
said. To encourage the speaker to continue speaking in his/her
turn, the listener responds with aizuchi to indicate that the
speaker’s utterances have been understood. In this case, explicit
affirmative responses to questions/requests are not included in
the aizuchi.

• Repetition: When a speaker senses that the listener cannot keep
up with the conversation (e.g., when dictating a telephone num-
ber), the speaker divides the utterance into smaller fragments. In
such cases, the listener often repeats the fragments to indicate
an understanding thereof. Listeners also often repeat keywords
appearing in the speaker’s utterance. If a speaker wishes to
confirm some of the contents of the utterance, that part of the
utterance is given a rising tone to obtain the listener’s agreement
or correction, even before he/she has finished his/her turn.

• Collaborative completion: A listener often overlaps (synchro-
nizes with) the speaker’s utterances using the same content, or
even complements the speaker’s utterance by predicting the lat-
ter half of the utterance based on the first half so as to complete
the utterance. This is called collaborative completion.

• Ordinary response: Various other response types (such as
greetings, informed responses, etc.) are included in the ordinary
response group.

Moreover, overlapping response timing is also treated.

• Overlap: In this paper, we refer to a system response that is
uttered before the end of the user’s previous utterance, as an
‘overlap response’.

• Barge-in: Conversely, when a user utters a response before the
end of the system’s previous utterance, this is referred to as
barge-in.

‘Overlap’ is a term that indicates the timing of the response from
the system, whereas ‘barge-in’ is a term that indicates the timing
of the input from the user.

Because our previous system [19] depended on pause detection
to determine the timing for aizuchi and turn-taking, it could not
deal with overlapping responses. The system proposed in this paper
does not depend on pause detection and analyzes user utterances

continuously even while the user is speaking. This allows the
system to deal not only with overlapping aizuchi and turn-taking
(ordinary responses), but also with other types of responses, such
as collaborative completion.

3. Spoken Dialog System

Figure 1 shows the novel architecture of the proposed spoken
dialog system that can deal with the various phenomena described
above. In this section, we give an overview of this system.

3.1. Speech analysis and recognition The speech
recognizer SPOken Japanese Understanding System (SPOJUS)
[20,21] was employed to recognize the user input. There are two
versions of SPOJUS: an n-gram based large vocabulary continuous
speech recognizer, and a CFG (context free grammar) based one.
We used the latter in our system. An example of a CFG is given
below.

• SENTENCE: CITY DAY PRED
• CITY: city no
• no = { (in)}
• city = { (Toyohashi), (Hamamatsu)}
• DAY: day no
• day = { (today), (tomorrow)}
• PRED: pred
• pred: (How about the weather)
• pred: (It is raining)

where CITY, DAY, and PRED are nonterminals, and no, city, day,
and pred are terminal symbols.

SPOJUS uses 12 mel-frequency cepstrum coefficients (MFCCs),
the first/second derivation of the MFCCs, and the first/second
derivation of energy as acoustic features. The sampling frequency
is 16 kHz. The analysis window is a Hamming window, and the
frame length and frame shift are 25 and 10 ms, respectively. The
Hidden Markov Model (HMM) topology has five states and four
self-loops, with each state represented by four Gaussian mixtures
with full covariance matrices. We used context-dependent sylla-
ble HMMs, consisting of 928 models. The recognition speed is
about 1.5 × real time (RT) and SPOJUS outputs the intermediate
hypotheses in real time. The proposed system obtains the informa-
tion from the intermediate hypotheses, and this is used to prepare
a response, such as repetition.

SPOJUS used a vocabulary of 300 words, including city names,
dates, types of weather, fillers etc., together with word class
information. Moreover, at the same time, the system analyzes
the input to extract prosodic information, such as pitch (F0) and
energy, using a prosodic analyzer [18,22].
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3.2. Dialog management Shown in Fig. 1 are details
of the dialog manager, which is composed of five subcompo-
nents (‘information collection’, ‘feature extraction’, ‘response tim-
ing generator’, ‘response generator’, and ‘history manager’) and
generates response sentences using the hypotheses and prosodic
information. One of the subcomponents, the ‘response timing gen-
erator’, uses a decision tree to determine the timing based on
the features derived from the prosodic information. The pitch
and energy contour patterns of the utterance are used as prosodic
features. These contour patterns are expressed as regression coef-
ficients of the F0 and log energy sequences.

The recognition results and intermediate hypotheses output by
SPOJUS are sent to the information collection component. Then,
the system saves the information in information slots. The slot
information is sent to the response generator, which generates
responses using the information. The system generates multiple
patterns of responses simultaneously, and the decision tree then
selects the most appropriate response from these in real time.

3.2.1. Response generator The response generator pre-
pares response sentences using an enzyme-linked immunosorbant
assay (ELIZA)-like procedure [23] with a slot-based history man-
agement, in addition to the recognition hypotheses. Thus, the
response generator also serves as a simple dialog manager.

Our current system can handle aizuchi, repetition, collabo-
rative completion, and various other ordinary responses. Thus,
four patterns of response sentences are prepared simultaneously.
Even while the user is speaking, the response generator con-
tinuously updates the response candidates using the intermedi-
ate hypotheses provided by the speech recognizer. Aizuchi can
be used as a response for all input types, with the kind of
aizuchi selected at random. Repetition is generated when a key-
word (e.g., a city name in this system) is included in the input.
For collaborative completion, for example, when the interme-
diate hypothesis is ‘ . . . (Recently, it has not. . .)’,
the system expects a user utterance taking into account recent
weather information. And then, the system prepares the response
‘ (That is not good)’. For ordinary responses, for
example, when the intermediate hypothesis is ‘ (Today)’,
the system prepares the response ‘ (It is hot
today)’. However, if the intermediate hypothesis is ‘
(in Toyohashi[city name], today)’, the system changes the response
to ‘ (Today it is fine in Toy-
ohashi)’. Other simple sentences such as ‘ (right)’ are
also prepared and randomly selected as the response when no other
appropriate sentences have been prepared by the templates. During
a dialog, not only the keywords included in the user utterances,
but also the current status of the weather retrieved from a web
site (http://www.imocwx.com/) are kept in the slots and used for
generating responses.

3.2.2. Response timing generator The response genera-
tor only constructs response sentences. To output a sentence, the
response timing generator selects an appropriate sentence with the
appropriate timing from the candidates prepared by the response
generator. This timing generator also decides whether to respond
or not and which response the system should make using a decision
tree. Details of this process are discussed in Section 4.

3.3. Speech synthesizer To output responses as speech,
we use either a recorded human voice or text-to-speech synthesized
voice. A female voice was used to record 3410 sentences, including
greetings, aizuchi, and weather information, with a familiar
and lively intonation. GalateaTalk [24] is used as the speech
synthesizer, and can control speaker type, voice tone (intonation),
and speech rate. The same sentences have been recorded in both
the human and synthesized voices.

4. Response Timing Generation

4.1. Features for timing generation According to
Refs [8] and [11], the contour patterns of pitch and energy are
related to the timing of response generation. For example, when
pitch and/or energy contours of the mora at the end of an
utterance follow various particular patterns, the conversational
partner’s aizuchi or turn-taking is triggered. Thus, we used the
first-order regression coefficients of the pitch and energy sequences
in the last three regions of utterances obtained from a 55-ms-
length sliding window with 30-ms overlap (where the total length
is 105 ms). These are shown in Fig. 2. A longer region also
includes information that triggers responses, so the pitch/energy
contours in the last 500 ms were also used. To describe these
patterns, we adopted the first-order regression coefficients for
100-ms-length segments with no overlap. The coefficients of five
continuous segments describe the pattern. As shown in Ref. [11],
the information for turn-taking is included in the last mora and in
other parts of the utterance. Therefore, we used short and longer
region (100 and 500 ms) from the last part of the utterance. As
these coefficients can be calculated with very little computational
cost, the calculation can be performed in real time.

Repetition and collaborative completion occur when a keyword
of the conversation topic is input by the user [25]. When a speaker
feels that the listener is unable to keep up with the conversation
(e.g., when giving a telephone number), the speaker divides the
utterance into several ‘fragments’. In such cases, the listener often
repeats the fragments to indicate his/her understanding. To imitate
this behavior, the response generator should detect keywords
in user utterances. In the recognition results (or intermediate
hypothesis), an attribute is attached to each word, and this
information is useful for detecting keywords. As explained in
Section 3.2.1, ‘keyword’ here describes a word that is used to
create the repetition or other response. Therefore, it is different
from the usual meaning for ‘keyword’ that is the ‘most important
word in the conversation’. For example, ‘How[Question] is[]
the[] weather[Weather] in Hamamatsu[city name] today[Date]?’.
Our present system focuses on weather information, and thus
the attributes of keywords include place-names, dates, weather in
topical places, etc. The attribute of the last word in the hypothesis
(or intermediate hypothesis) is used as a feature.

The following features are used to implement the process
above [26].

• Duration from the start of the user’s preceding utterance
• Elapsed time from the end of the previous user utterance
• Elapsed time from the end of the previous system utterance
• Pitch/energy contour of the last 100 ms (consisting of three

values)

105ms

Fundamental freqency

Energy

Fig. 2. Regression coefficients of fundamental frequency and
energy at the end of an utterance
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• Pitch/energy contour of the last 500 ms (consisting of five
values)

• Attribute of the last word in the last recognition results (or
current intermediate hypothesis).

The first item refers to ‘the duration of the user’s utterance
plus pause length’ which implies the entire duration of the user’s
utterance while it is being delivered. When the user’s utterance
ends, the feature becomes ‘utterance duration plus pause length’.
The latter feature refers only to the length of the pause which is
0, while the user is still delivering the utterance.

4.2. Response timing generation using a decision tree
Previously, we proposed a decision tree-based response timing

generator [19], but this was only able to produce a response
after detecting the pause (at the end of a user utterance). We
have modified this method to enable it to generate overlapping
responses by scanning all segments (each segment length is
100 ms) continuously while the user is speaking. A part of the
decision tree is shown in Fig. 3.

The response timing generator determines the response timing as
well as selects the response sentence from the responses prepared
by the response generator, using a decision tree based on the
features introduced in Section 4.1. Information on whether or not
the response contents were prepared by the response generator
is also used as a feature. Features are input into the decision
tree every 100 ms. The decision tree selects the dialog act to
be carried out by the system at every instance, from aizuchi,
repetition, collaborative completion, ordinary response, and wait,
as illustrated in Fig. 4. Wait means ‘do not output any response’.
The frequency of the responses, with the exception of aizuchi and
repetition, is limited to one per user utterance. Because the system
always gives an ordinary response to a user utterance, aizuchi and
repetition can be used many times as a response to the utterance.
The state transition diagram for these dialog acts is depicted in
Fig. 5. There are four types of responses, i.e. aizuchi, repetition,
collaborative completion, and ordinary response. Collaborative
completion and ordinary response are considered to be turn-taking.
The priority of the response is determined by the decision tree
using the prosodic information and does not change according to
the content of the user input. It is beyond the scope of this paper
to decide/change the priority of the response using the linguistic
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(second region of three)

No

Time after previous
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Yes
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Fig. 3. Part of the decision tree
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Table I. Frequency of phenomena in RWC corpus, where the
value denotes the occurrence of each phenomenon per utterance

Phenomenon Frequency

Overlap 0.190
Aizuchi 0.084
Repetition 0.003
Collaborative completion 0.004

information and this is left to a future work. The overlap indicates
the timing of the response, so the existence of ‘repetition with
overlap’, for example, is possible. The system decides whether
it should respond at intervals of 100 ms. The dialog management
does not have a dialog act for overlapping output, such as ‘response
by overlap’. If the user is still uttering something when the system
responds, this is called an overlap response. Therefore, ‘overlap’
is not included in Fig. 5.

The real world computing (RWC) corpus [27] was used to
train the decision tree for aizuchi, turn-taking, and wait. It has
48 conversations each about 10-min long, giving a total of 6.5 h
of dialog. The corpus consists of 16 399 utterances, covering
two conversation areas: ‘car sales’ and ‘overseas trip planning’.
The speaker on one side is a professional salesperson, while the
questioner/customer on the other is one of 12 nonprofessional men
and women. C4.5 [28] was used to construct the decision tree.

On the basis of the decision tree, aizuchi occurs when 2 or
more seconds have elapsed since the latest response of the system,
when 0.5 or more seconds have elapsed since the start of the user
utterance, and when the pitch contour is flat or has a negative
slope. With regards the other phenomena, namely repetition and
collaborative completion, there were insufficient training data in
the corpus. When training takes place for turn-taking ‘overlap’
is not explicitly provided for. ‘Elapsed time from the end of the
previous user utterance (pause length)’ in the feature discussed in
Section 4.1 is set to 0 ms. This feature is, in fact, set to 0 ms,
while the user is in the process of delivering an utterance. The
frequency of each phenomenon is given in Table I. Consequently,
we manually added some rules. On the basis of the hand-crafted
rules, repetition occurs when 2 or more seconds have elapsed
since the latest response by the system, and when the last word
in the recognition hypothesis is a city name. Through various
conversations with the system, we determined the decision rules
heuristically. Consequently, these rules may be dependent on
the domain. Collaborative completion occurs immediately after
the response has been prepared (i.e., the user input matches the
template and the system response has been prepared).

In addition, the system relies on an exceptional rule to continue
the dialog, in that the system prompts the user to say something
after a long pause (6 s in our system). Furthermore, when a pause
of over 1000 ms occurs since the last user utterance, the system
gives an arbitrary response to the user without consulting the
decision tree.
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Fig. 6. Example dialog between the system and a user

5. Domain and Example Dialog with the System

5.1. Domain Weather information was chosen as the
dialog domain for the system by the following three reasons.
Firstly, many subjects can talk comfortably about this domain,
and secondly, it incorporates real information from the WEB. The
final reason is that the domain and utterances (or grammar and
vocabulary) can be restricted naturally.

5.2. Example An example dialog with the system is
illustrated in Fig. 6. The top part of the figure shows the user
utterances, and the bottom the system responses.

According to Fig. 6, first the system prompts with a start-
up utterance. Then, the user utters ‘ (Hello)’ and
the system replies ‘ (Aha, Hello)’. Next, to
lead the user to the topic of weather, the system gives today’s
weather, having first ascertained the location of the user (default
value) and the weather in that area, and placed this information
in slots. With the next user utterance ‘
(Recently, it often rains, doesn’t it?)’, the system’s collaborative
completion ‘ (rains a lot)’ overlaps. By detecting
the keywords/key phrases ‘ (recently)’ and ‘ (rain)’, the
system knows that it has been raining. Thus, the system predicts
that the user will say something along the lines of ‘it often rains’
and tries to synchronize with the user with ‘ (a lot)’. The
system has some response templates for collaborative completion
and activates one of these if the user utterance and the current
slot information meet a certain condition written as a decision
rule. With the next user utterance ‘
(How about the weather in Hamamatsu?)’, the system detects a
keyword ‘Hamamatsu (city name)’ and responds immediately with
repetition. Thereafter, the system replies regarding the weather
in Hamamatsu; ‘ (It always rains)’. This
dialog contains some dialog-specific phenomena such as aizuchi,
repetition, and collaborative completion. Such phenomena often
occur in human-to-human dialog when the dialog is starting up.

As described above, the proposed system can work with many
kinds of phenomena appearing in natural human-to-human spoken
dialog including overlapping utterances when given appropriate
rules, templates, and parameters.

6. Experiments and Results

6.1. Speech recognition performance The recogni-
tion accuracy is defined by the following expressions:

Cor = Len − Sub − Del

Len
× 100[%] (1)

Acc = Len − Sub − Del − Ins

Len
× 100[%] (2)

where Cor is the correct ASR, Acc is the ASR accuracy. Len is
the number of words in the target string (utterance), Sub is the
number of substitutions compared with the target string, Del is the

Table II. ASR performance for dialog (spontaneous) speech in
a weather information task

Speaker Cor (%) Acc (%) OOV (%)

Speaker 1 52.2 47.7 11.2
Speaker 2 43.4 41.5 4.0
Speaker 3 69.1 66.6 1.7
Speaker 4 69.7 66.0 0.9
Speaker 5 77.3 75.4 0.0
Speaker 6 48.8 45.6 0.4
Speaker 7 42.2 35.8 10.1
Speaker 8 28.7 25.9 22.7
Speaker 9 56.1 40.4 0.4
Speaker 10 79.7 76.5 0.0

Average 56.7 52.1 5.1

number of deletions compared with the target string, and Ins is the
number of insertions compared with the target string.

The ASR performance of our speech recognizer for dialog
(spontaneous) speech in the weather information task is given in
Table II. We used ten male subjects in their twenties, all enrolled
for Bachelor or Master degrees. This domain has a vocabulary of
158 (the number of city names was restricted and the vocabulary
reduced). It is very difficult for the ASR system to recognize
spontaneous speech in a real environment, because spontaneous
speech is disfluent and ambiguous, and the environment can be
noisy. Moreover, in natural and smooth dialog, the disfluency
and ambiguity become more pronounced. The average recognition
accuracy in all dialogs is 52.2%, while the average for each speaker
is between 76.5 and 25.9%. The out of vocabulary (OOV) rate is
shown in the rightmost column of Table II. From these results,
it is evident that speakers with bad recognition rates (Speakers 7
and 8) have high OOV rates. Worse results were obtained when
the subjects uttered phrases that did not conform to the CFG or
were out of the domain.

6.2. Evaluation of response selection We evaluated
the responses selected by the decision tree using the RWC corpus.
Acts evaluated are aizuchi, turn-taking, and wait. As mentioned
in Section 4.2, there were insufficient training data for repetition
and collaborative completion in the corpus, with the result that
these phenomena were not evaluated. The decision tree is evaluated
using a fourfold cross validation, according to the four sub-corpora
in the RWC corpus (namely, male, female; ‘car sales’, ‘overseas
trip planning’). All the utterances in a corpus are used for the
system model’s learning. Four kinds of corpora, namely, ‘car
sales (male)’, ‘car sales (female)’, ‘overseas trip (male)’, and
‘overseas trip (female)’ are employed. The system model takes into
consideration the utterances of both the salesperson and customer
in a single corpus, and the model is then evaluated using all
the utterances of the other three corpora. Therefore, the system

S21 IEEJ Trans 6(S1): S17–S26 (2011)
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Table III. Evaluation of response selection (at every segment,
data open test)

Measure Aizuchi (%) Turn-taking (%) Wait (%)

Recall 53.2 58.9 98.9
Precision 49.5 44.8 99.5
F -measure 51.3 50.9 99.2

model is independent of the corpus and is learned using several
persons’ utterances. The evaluations do not include speaker-open
conditions, as the car sales person or the trip planner is the same
person in the particular corpus used. Unfortunately, no other useful
corpora exist for speaker-open conditions. The experiment for
domain-open condition was not conducted because corpora of a
specific domain should be collected when the system is actually
constructed. The answer response is determined at every segment
(period of 100 ms) as shown in Fig. 4. The response from almost
all segments was determined to be Wait, and only those segments
with the response timing (not Wait ) produced an answer such as
aizuchi and so on. The results are summarized in Table III.

In Table III, for the actual response in the corpus, the time from
the start of an utterance until the response by the other party (i.e.,
the duration of the utterance plus pause) was divided into 100-
ms segments, and each segment was judged. A similar evaluation
method is used in Ref. [7], but in this previous work it was used
only to judge the pause.

According to Table III, the F-measure for aizuchi is 51.3%.
This appears to be an inferior result in a reproduction experiment.
It should be noted, however, that these results do not imply that
our method is defective. Humans also differ in their individual
response (aizuchi ) generation. As pointed out in Ref. [7], a
different person to the one in the corpus is able to recall only 50%
of the aizuchi in the corpus when hearing one side of the dialog
speech. These rates are comparable with the rates in Table III.
This indicates that the rate of agreement between human speakers
is not so high, and that the low agreement does not imply any lack
of naturalness. Therefore, we cannot evaluate the generator using
only this objective test, and the timing of our generator may in
fact be natural. We will confirm this in the following sections.

6.3. Evaluation of timing generation The naturalness
of the timing generated by the system was evaluated subjectively.
Here, only aizuchi and turn-taking were evaluated, because
repetition and collaborative completion were the phenomena with
few occurrences.

To evaluate the timing of the generator, we prepared samples
of aizuchi and turn-taking with timing generated by the decision
tree.

We inserted an aizuchi extracted from a part of a dialog at the
aizuchi timing point generated by our timing generator. We also
created samples of turn-taking. Thus, we chose some filled pauses,
such as ‘Ettodesune’ (‘Well. . . let’s see’ in English), to insert at
the time of the system output. The filled pause is used to create a
sample for evaluating turn-taking. Subjects listened to the inserted
aizuchi with one preceding sentence and evaluated only the timing.

We compared the timing by the generator with that in the
corpus. In actual dialogs from the corpus, the responses may have
a certain meaning consistent with the dialog context and this may
appear more natural to the subjects, especially in the case of turn-
taking. To ensure that the subjects evaluated only the timing, we
also replaced the aizuchi or filled pauses in the actual responses
with aizuchi or a filled pause extracted from other parts of the
dialog, as in the case of the generator [7,29]. The information
(various prosodic features) included in human speech is lost in
synthesized speech. Therefore, some prosodic information (such as
pause length and pitch/energy contour) used by the system cannot
be evaluated. Consequently, we used human (real-dialog) speech
for the evaluation. We created 20 samples for each phenomenon.
The five subjects listened to these sample voices and completed
the relevant questionnaires, using the following rating scale (1: too
early; 2: early; 3: good; 4: late; 5: too late; and 0: outlier).

The results are shown in Table IV. The ‘naturalness’ in the table
indicates the rate of ‘goodness’. In the table, the naturalness of
the decision tree timing is comparable to the naturalness of the
corpus (i.e., human-to-human dialog) timing. Here, the balance
of early and late responses was different from the decision tree
and the corpus. Determining the timing of the decision tree output
by subjects is influenced by the content of the utterance. In the
decision tree used in this study, the content of the utterance is not
considered. Our decision tree is learned in such a way that the
optimal rate for the decision tree is the same as the rate used in
the corpus. Therefore, the balance does not agree with that in the
corpus. The goal of machine learning is to obtain 100% ‘good’
decisions. We assumed that the timing of the corpus was correct,
although it might be incorrect for the subjective evaluation. In
other words, the target was not learned to reproduce the results
of the evaluation of the subjectivity of the corpus. The subjective
evaluation was thus influenced by the content of the utterance.

6.4. Evaluation of the spoken dialog system

6.4.1. setup The subjects used and evaluated the spoken
dialog system with the timing generator. Five different systems, as
described below, were evaluated.

System 1: the basic system (no overlap, aizuchi or repetition)
using synthesized voices;

System 2: the basic system using recorded voices;
System 3: system embedded with the overlap function using

recorded voices;
System 4: system incorporating all phenomena (i,e., overlap,

aizuchi, and repetition) using recorded voices;
System 5: system incorporating all phenomena using synthe-

sized voices.
We reveal whether or not there is a difference in the evaluation

of timing according to a difference in voice quality. The subjects
were instructed to concentrate on the evaluation of ‘timing’ and
‘overlap’ only.

Ten male subjects in their twenties participated in the exper-
iment, and the subjects enrolled for Bachelor or Master degrees.
(These were the same subjects used in the experiment documented
in Table II.) The subjects conversed on the topic ‘weather informa-
tion’, asking questions such as ‘Please get the weather information

Table IV. Evaluation of response timing by subjective evaluation

Phenomenon Timing Too early Early Good Late Too late Outlier Naturalness (%)

Aizuchi Decision tree 0 6 61 20 11 2 61.0
Corpus 14 26 58 2 0 0 58.0

Turn-taking Decision tree 9 26 53 9 2 1 53.0
Corpus 7 31 51 10 0 1 51.0

S22 IEEJ Trans 6(S1): S17–S26 (2011)



A SPOKEN DIALOG SYSTEM FOR SPONTANEOUS CONVERSATIONS

for various cities’. Each subject had about 20 turns with each
system. After using a particular system, the subject completed a
survey questionnaire, which included questions rated on a scale
from one to five and open-ended questions. The order in which
the spoken dialog systems were used was fixed for the ten sub-
jects, i.e. sequentially from Systems 1 to 5. The reason for fixing
the order was to reduce any influence caused by an order change.
If the order were not fixed, the number of combinations would
increase making the experiment more complicated. Moreover, if
users repeatedly use spoken dialog systems, they become accus-
tomed to the system in accordance with their usage thereof, which
would mean that we could not evaluate the spoken dialog system
fairly. Therefore, when using System 5 users are mostly accus-
tomed to it. The impression of the current system is affected by
the impression of the previous system encountered by the user.
The order is also important, as the evaluation of a system may be
biased by different orders. We carefully designed the order so that
it would not affect the system. Furthermore, since the number of
experimental trials for each subject was small, the experiential (or
habitual) effect was also small.

The questionnaires used are given in the Appendix. For Sys-
tems 1 and 2, we compared the recorded voices with the synthe-
sized ones. For System 3, we evaluated the overlap response. For
System 4, we evaluated aizuchi and repetition. For System 5, we
compared the recorded voices with the synthesized ones, and also
evaluated aizuchi and repetition.

6.4.2. Questionnaire results Answers to the survey ques-
tions are given in Table V. positive subjects are those who gave
a 5- or 4-point rating as their answer, while negative subjects are
those who gave a 1- or 2-point rating as their answer to the ques-
tion. Neutral subjects are those who rated the question as 3. With
regards Q1-2(2), Q2-3(2), Q3-3(2), and Q4-3(2), positive indicates
a fast response timing, while negative indicates a slow response
timing. The timing evaluation (Q2-3(1)) of the overlap response is
an evaluation of the timing of the overlap only, while the evalua-
tion (Q1-2(1)) of the baseline is an evaluation of the entire timing.
So it is not possible to compare these directly. The evaluation for
Q2-3(1), Q3-7(1), and Q4-7(1) is 3.0 or more, confirming that the
proposed timing mechanism works well.

Regarding the effect of overlap in the questionnaire results, only
four of the ten subjects agreed that it was easy to communicate
with the introduction of the overlap mechanism (Q2-4). They were
of the opinion that ‘there is an overlap phenomenon in most natural
conversation’. Conversely, three of the ten subjects felt that it was
not easy to speak as ‘It is unpleasant when the system begins to
speak while the user is still talking’. The overlap frequency of two
of the three negative subjects was very high, 0.769 and 0.421 per
utterance, respectively. It is thought that the impression of overlap
was made worse because the system used overlap more than usual.
It is thus necessary to adjust the frequency of overlap while talking,
and to use it as a feature to decide the response.

With regard the effect of aizuchi, according to the results of
the questionnaire, six of the ten subjects agreed that it was easy
to communicate after the system introduced aizuchi (Q3-4 for
aizuchi ). These subjects were of the opinion that ‘It was more
friendly with aizuchi ’ and ‘It is generally understood that if there is
aizuchi, the system is listening to the user’s utterance’. Conversely,
there were three subjects who answered that it was not easy
to speak. They concurred that ‘The timing of aizuchi was bad,
making it difficult to speak’.

Regarding the effect of repetition in the results of the ques-
tionnaire, three of the ten subjects answered that it was easy to
communicate with the inclusion of the repetition function (Q3-4
for repetition). They agreed that ‘It is good, because there is feed-
back from the system before the utterance of the phrase has been
completed’. Conversely, four of the ten subjects answered that it

Table V. Average ratings from the questionnaire, and the number
of positive, negative, and neutral subjects out of the ten

Number of Number of Number of
Average positive negative neutral

Questionnaire rating subjects subjects subjects

Q1-1 4.3 8 (O)1 1
Human voice

Q1-2(1) 3.8 7 2 1
Q1-2(2) 2.9 2 (A)3 5

Synthesized voice
Q1-2(1) 3.4 5 3 2
Q1-2(2) 2.8 1 (A)3 6

Q2-1 3.6 7 2 1
Q2-2 2.5 1 5 4
Q2-3(1) 3.2 4 (A, O)3 3
Q2-3(2) 3.5 4 0 6
Q2-4 3.2 4 (A, O)3 3
For aizuchi

Q3-1 4.3 8 (A)1 1
Q3-2 3.0 2 (A)2 6
Q3-3(1) 3.1 6 (A, O)4 0
Q3-3(2) 3.3 3 1 6
Q3-4 3.4 6 (A, O)3 1

For repetition
Q3-1 4.2 8 (A)1 1
Q3-2 2.7 2 (A, O)3 5
Q3-3(1) 2.5 2 (A, O)6 2
Q3-3(2) 3.5 4 1 5
Q3-4 3.0 3 (A, O)4 3

Q3-7(1) 3.6 8 1 1
Q3-7(2) 3.1 2 (A, O)2 6
For aizuchi

Q4-1 4.0 9 (A)1 0
Q4-2 2.8 1 (A)3 6
Q4-3(1) 3.4 6 (A)2 2
Q4-3(2) 2.8 2 (A)2 6
Q4-4 3.8 7 (O)2 1

For repetition
Q4-1 3.7 7 2 1
Q4-2 2.8 3 (A)4 3
Q4-3(1) 2.6 1 (A, O)5 4
Q4-3(2) 2.9 4 (A)4 2
Q4-4 2.9 3 (A, O)4 3

Q4-7(1) 3.2 5 (A, O)4 1
Q4-7(2) 3.2 4 (A)2 4
Q4-8 4.5 9 1 0

Notes: Two markers (A, O) indicate whether those subjects with the
worst ASR/overlap performance, respectively, are included in the negative
subjects. The ‘A’ depicts the two subjects with the worst ASR performance
(Speakers 7 and 8 in Table II), while the ‘O’ depicts the subject to
whom the system responded with a lot of overlapping utterances (overlap
frequency of 0.769).

was not easy to speak with the introduction of repetition. Opinions
such as ‘It was not easy to speak, when the repetition was uttered
during the user utterance’ and ‘It is unpleasant when there is rep-
etition with a recognition error’ were quite contrary to the opinion
of the subjects who were comfortable with the repetition. Some
subjects liked the repetition and some did not, despite the occur-
rence of recognition errors. Since the opinion of the subjects was
divided, it remains to be decided whether or not the system imple-
ments repetition according to user preference.

As for the effect of voice quality (recorded vs. synthesized) for
the basic system (Q1-1), eight out of the ten subjects answered
that it was easy to communicate with the recorded voices. For
the system implementing all phenomena functions, nine of the
ten subjects answered that it was easy to communicate with the

S23 IEEJ Trans 6(S1): S17–S26 (2011)



R. NISHIMURA AND S. NAKAGAWA

recorded voices (Q4-8). In each system, the subjects preferred the
recorded voice system. Eight out of the ten subjects agreed that
the recorded voice was better than the synthesized voice in both
(basic, as well as fully implemented phenomena) systems. There
were many varied opinions: ‘The recorded voice was more natural
than the synthesized voice, and it feels so friendly’. According
to Ref. [30], the synthesized voice was preferred in a simple
system (in which the response timing is constant), whereas the
recorded voice was preferred in a complex system (such as that
implementing all phenomena functions). The balance is necessary
for the voice quality and the quality of the conversation. The
results in our experiment, however, differed in that the recorded
voice was preferred in both systems (basic and fully implemented
phenomena). The reason for this is that the response timing of the
basic system is adequate.

Regarding the effect of barge-in, seven of the ten subjects
used barge-in and all of these had positive feedback. Opinions
for the reasons were varied: ‘The input can be corrected when a
recognition error occurs’, ‘It is possible to discover recognition
errors early on’, and ‘The utterance can be spoken again soon’.
The subjects can immediately correct recognition errors in the
system, and can thus raise the efficiency of the conversation by
implementing the barge-in.

The overlap frequency (System 3) and aizuchi and repetition
frequencies (Systems 4 and 5) per utterance are given in Table VI.
Regarding the overlap frequency, the frequency for the subject with
the most overlap is 0.769, and with the least is 0.045. The experi-
ment was redone for these two subjects, but without any change in
the results. The subject with the least overlapping responses from
the system exhibited very little intonation change in his/her utter-
ances. Conversely, the subject with the most overlapping responses
exhibited large intonation changes in his/her utterances. The deci-
sion tree in our system uses prosodic information, so there is
a difference in overlap frequencies for the subjects. Comparing
Tables I and VI, the frequency of the output by the decision tree
is higher than that by the corpus. In Table VI, the repetition fre-
quency, in particular, increases greatly. This is due to the fact that
the system often repeats the city name based on the rules. The
value is different between the corpus and the decision tree. How-
ever, the result of the evaluation of the decision tree output is
good, thereby confirming that the decision tree works well.

The results from the four subjects with the highest recognition
accuracy are summarized in Table VII. Their ASR recognition
accuracies were higher than 60%, and the average recognition
accuracy was 71.1%. The average ratings for the questions and the
number of positive and negative subjects are given in the table.
The average ratings for questions Q2-3(1), Q3-7(1), and Q4-7(1)
are 4.0 or more. Therefore, it is clear that if the ASR goes well,
the proposed timing mechanism also works well. The four subjects
included in Table VII have the top four ASR results, as well as
the top four correct response rates (CRR). In the experiment, these
subjects carried out the task in the ideal environment we assumed.
Therefore, despite there only being four subjects, these findings
are useful.

The results of the questionnaire for the overall evaluation of
the system (Q5-1 and Q5-3) are given in Table VIII. System 4
(implementing all functions and using recorded human voices)

Table VI. Frequency of response type

Phenomenon Average Min Max

Overlap 0.240 0.045 0.769
Aizuchi 0.255 0.087 0.393
Repetition 0.100 0.045 0.182

Note: Values denote the occurrence of each phenomenon per utterance.

Table VII. Average ratings from the questionnaire and the
number of positive, negative, and neutral subjects

Number of Number of Number of
Average positive negative neutral

Questionnaire rating subjects subjects subjects

Human voice
Q1-2(1) 4.5 4 0 0

Synthesized voice
Q1-2(1) 3.5 2 1 1

Q2-3(1) 4.3 3 0 1
Q3-7(1) 4.0 4 0 0
Q4-7(1) 4.0 3 0 1

Notes: Only the four subjects with the highest recognition accuracy (greater
than 60%) are included. The average recognition accuracy is 71.1%.

Table VIII. Results of Questionnaire 5 (Q5-1 and Q5-3)

System ID

Question 1 2 3 4 5

Q5-1 0 2 2 5 1
Q5-3 4 1 2 0 3

made a good impression on the subjects. There was a low
evaluation for System 1 which is a simple system. System 5 was
also given a low evaluation. It appears that the evaluation of a
system tends to decrease with poor voice quality, even in the case
of a high-performance system.

6.4.3. Analysis of questionnaire results We investigated
the correlation between the questionnaire results and dialog
features (such as ASR performance, correct response rate, overlap
frequency, and so on).

Regarding the correlation between ASR performance (Acc) and
the questionnaire results, the overlap responses (Q2-4) indicate a
significant correlation (0.765, p < 0.011). The overlap response
was thus preferred in dialogs with high ASR performance.

Regarding the correlation between the correct response rate
and the questionnaire results, the aizuchi (Q4-4 for aizuchi ) in
System 5 indicates a significant correlation (0.648, p < 0.05).
Here, a correct response is counted only as an ordinary response,
and does not contain other response types (aizuchi, repetition, or
collaborative completion). One of the authors decided whether
or not the response was correct based on the conversation log.
The correct response rate is defined as the rate of correct
responses according to the user’s desires (correct response rate
= number of correct responses

number of ordinary responses ). Aizuchi was preferred in dialogs with
a high correct response rate. However, this trend was not observed
in the recorded human voice system (System 4).

Regarding the correlation between the overlap frequency and the
questionnaire results, the overlap (Q2-4) indicates a high correla-
tion (−0.564, p = 0.090) between actual overlap frequency and
the subjective evaluation for overlap. The correlation coefficient
has a large negative value, meaning that subjects preferred the
system with low overlap frequency.

Regarding the correlation between aizuchi frequency and the
questionnaire results, aizuchi (Q3-4 for aizuchi ) in System 4 indi-
cates a high significant correlation (0.643, p < 0.05) between
actual aizuchi frequency and the subjective evaluation for aizuchi.
In the recorded human voice system (System 4), the system with
high aizuchi frequency was preferred by the subjects. However,

1 The null hypothesis of zero correlation was rejected at the significance
level of 1%.
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this trend was not observed in the synthesized voice system
(System 5).

As mentioned above, the ASR performance, CRR, overlap
frequency, and aizuchi frequency are related to the results of the
subjective evaluations. Subjective evaluations with a high ASR
performance also show a high overlap and aizuchi frequency for
Q2-3(1), Q2-4, Q3-1, Q3-3(1), and Q3-4. The factors mentioned
previously affect the subjective evaluation, but the actual effect
thereon differs depending on the ASR performance.

7. Conclusions

In this paper, a spoken dialog system utilizing real-time response
generation and response timing generation was developed to
engage in friendly conversation. Phenomena occurring in human-
to-human conversation, such as aizuchi, repetition, collaborative
completion, overlap of response timing, and barge-in by the user,
among others, were implemented in the system.

The naturalness of the decision tree-based timing generator is
comparable with human conversation while the behavior of the
spoken dialog system gives a user-friendly impression. In the sub-
jective evaluation, the recorded voice system was preferred to the
synthesized voice system, and many subjects felt familiarity with
aizuchi. With respect to repetition, the subjects were divided into
two conflicting groups. Thus, it remains to be decided whether
the system implements repetition according to the user’s prefer-
ences. Collaborative completion is a phenomenon that often occurs
in human-to-human conversations. However, collaborative com-
pletions do not occur if the conversation does not flow. In the
framework of the dialog system dealt with in this paper, collabo-
rative completions can be achieved, but it is difficult for the dialog
system to put together a collaborative completion in an actual
conversation, because the system needs to predict the linguistic
information in order to output the collaborative completion. More-
over, it is necessary to prepare a response corresponding to the
predicted information to create the collaborative completion. The
proposed system is not able to predict linguistic information, and
the response templates are limited to the range of conversation
expected by the developer. Although a collaborative completion
can be output by this system framework, the analysis thereof
has not been done because it does not occur in the subjective
evaluations.

Regarding the overlap response, user impressions deteriorated
with a greater degree of overlap. The overlap response was pre-
ferred in dialogs with high ASR performance. With good ASR
performance, the proposed timing mechanism works well, and the
users were impressed by the phenomenon. Subjects however, pre-
ferred a system with low overlap frequency. Aizuchi are preferred
in dialog with a higher correct response rate in the synthesized
voice system, whereas more frequent aizuchi are preferred in the
recorded voice system. With the implementation of the barge-in,
users can immediately correct any recognition errors by the system,
thereby improving the quality of the conversation.

Various phenomena considered in this paper are observed in
human-to-human conversation regardless of the domain. There-
fore, neither the system framework proposed in this paper, nor the
evaluation result depends on the domain. The application of the
tutorial system and conversation robot mentioned in Section 1 is
also possible, although the dialog management part would become
complex. Although the frequency and timing of the conversational
phenomena may differ from domain to domain this system frame-
work can be ported to another domain by training the decision tree
using an appropriate corpus for the application domain.

In future work, we intend to continue using dialogs between
humans and the system to train the decision tree. We also aim to
adopt prosodic synchrony to make the system response more natu-
ral in longer dialogs with many turns (for shorter dialogs, this has

almost no effect). To apply this system to a more complex environ-
ment and an actual experiment will be a focus of our future work.
We also intend to analyze conversations between two or more
humans/agents with different personalities and characteristics.

Appendix: Questionnaires

• Questionnaire 1 (for Systems 1 and 2)

Q1-1 Which system is easier to communicate with us?

– Synthesized voices (1 2 3 4 5) Human voices

Q1-2 response timing

(1) unnatural (1 2 3 4 5) natural
(2) slow (1 2 3 4 5) fast

Q1-3 impression

– open question

• Questionnaire 2 (for System 3)

Q2-1 Do you feel the overlap response?

– doesn’t feel (1 2 3 4 5) feels a lot

Q2-2 frequency of overlap response

– too few (1 2 3 4 5) too many

Q2-3 overlap response timing

(1) unnatural (1 2 3 4 5) natural
(2) slow (1 2 3 4 5) fast

Q2-4 it is easy to speak with the introduction of overlap
response

– not easy (1 2 3 4 5) easy

Q2-5 Why did you select the rating in the previous question?

– open question

Q2-6 impression

– open question

• Questionnaire 3 (for System 4)

Similar questions as in [Questionnaire 2], with overlap
replaced first by aizuchi and then by repetition. One addi-
tional question as given below.

Q3-7 timing of ordinary responses

(1) unnatural (1 2 3 4 5) natural
(2) slow (1 2 3 4 5) fast

• Questionnaire 4 (for System 5)

The same questions as in [Questionnaire 3]

One additional question as given below.

Q4-8 Which system is easier to communicate with us?

– Synthesized voices (1 2 3 4 5) Human voices

• Questionnaire 5 (for all systems)

Q5-1 With which system is it the easiest to conduct a dialog?

– (System 1–System 5)

Q5-2 Why did you select the particular answer in the question
above?

– open question

Q5-3 Which system is not the easiest to communicate with us?

– (System 1–System 5)
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Q5-4 Why did you select the particular answer in the question
above?

– open question

Q5-5 impression

– open question
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