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Abstract— In this paper, we propose and evaluate
three methods to improve interactive evolutionary com-
putation (IEC) by decreasing user fatigne when an IEC
displays sequential outputs for tasks such as music cre-
ation, speech processing, or sound enhancement. The
first method decreases human fatigue by using multiple
sound sources. We evaluate two systems based on this
method: a system that assigns a different sound source
to cach individual and a system that assigns a differ-
ent sound source to each generation. Subjective tests
have shown that the first system is not as effective as
the second system, which significantly decreases fatigue.
The second method displays the previous best individual
as a reference to compare subsequent individuals. Sub-
jective tests have shown that this method significantly
improves the IEC operability and has a tendency to im-
prove the IEC convergence. The third method sequen-
tially displays individuals that cannot be spatially com-
parved. Subjective tests have shown that this method
significantly improves the IEC operability.

1 Introduction

Interactive Evolutionary Computation (IEC) is an opti-
mization method based on human subjective evaluation
and has been applied to various tasks [9].

A common problem with these tasks is IEC user fa-
tigue. IEC users must repeatedly observe and evalu-
ate system outputs that match their mental image of
a graphic or music. Due to this repetitive operation,
they become both mentally and physically tired. When
IEC tasks optimize sound output systems, such as music
creation or speech processing, IEC individuals cannot be
simultancously displayed, making it difficult to compare
sequential outputs. The fatigue problem for these par-
ticular tasks becomes more apparent than for other IEC
tasks.

A practical use for IEC technology has been requested.
To solve the fatigue problem, there have heen several re-
search proposals [9]. Some IEC interface improvements
have included the implementation of the discrete fitness
value input method [5], the use of display methods based
on predicting human evaluation [7, 6], the avoidance of
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predictable non-musical melodies [1], the selection of the
best N individuals from many individuals using a predic-
tion function for human evaluation [4], the acceleration
of genetic algorithm (GA) convergence for an interactive
GA [3], the combination of an IGA with a normal GA,
embedding on-line knowledge [2, 10], and Visualized IEC
[11].

We propose and evaluate three improved IEC inter-
faces that can sequentially display speech, sound, or mu-
sic. We apply these IEC interfaces to the task that
adjusts the filter parameters for speech processing and
evaluate how they reduce human fatigue with subjective
tests. The three improved interfaces discussed in this
paper are:

e method changing sound source to relieve the

monotony of evaluation,

e method displaying the past elite to make it easy to
compare with new individuals, and

e method displaying individuals in series.

The first method uses multiple sound sources to main-
tain IEC user interest during an evaluation, while the
conventional IEC uses the same sound source in favor of
a precise comparison rather than usability. The second
method displays the best candidate from previous gener-
ations to let the IEC user easily compare and evaluate in-
dividuals with the displayed reference. The third method
displays only one individual per window, while a con-
ventional IEC usually displays all individuals. Although
it is difficult for the IEC user to compare the current
individual with undisplayed individuals, the number of
operations to select an individual can be reduced, which
may decrease human fatigue.

We describe the experimental conditions commonly
used in subjective tests for three IEC interfaces in sec-
tion 2, the evaluations of three methods in sections 3. 4

and 5, and the discussion and conclusion in sections 6

and 7.



2 The Conditions of Experimen-
tal Evaluation

2.1 IEC speech processing system

The IEC speech processing system [12] used in our ex-
1 ! g
perimental evaluation is shown in Figure 1.
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Figure 1: The system diagram of an IEC speech process-
ing system in our experimental evaluations.

In the optimization part, the genetic algorithm (GA)
optimizes the filter parameters and traunsfers them to the
signal processing part.
termines characteristics of filters based on the transfered
parameters and processes distorted speeches using the fil-
ters. The interface part displays the processed speeches
to the user. The user evaluates the quality of displayed
speech, inputs a fitness value for each speech and sends
it to the GA part through the interface part. We show
the interface in Figure 2.

Figure 3 illustrates the process in the signal processing
part. The parameters that the signal processing part
receives from GA are amplification levels of frequency
bands. The processing part calculates amplification rates
from the levels and smoothes the overall frequency range,
which provides us with the frequency characteristics of
a signal processing filter. Input speeches are processed
by the filter window frame by frame, and the processed
speech is displayed to an IEC user. All distorted speeches
are initially prepared in same way as this processing.

The signal processing part de-

2.2 Subjective tests

Two systems based on different methods are compared
and evaluated with subjective tests. The procedure of
the subjective fests used in section 3 is shown in Figure 4.
Each user operates and evaluates the first system, then
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Figure 2: User interface of experimental IEC systems
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operates and evaluates the second system, and finally
evaluates a pair of both systems.

Users operate the IEC speech processing system men-
tioned in section 2.1 with three different interfaces. They
evaluate cach individual and give fitness values in five
levels ranging from hard to hear to easy to hear. Users are
instructed to assign the minimum and maximum fitness
values to the worst and best individuals, respectively, for
cach generation except the evaluation in section 5.

Subjects are normal hearing males and females in their
carly twenties. Speech data used in our experiments are
Japanese sentences selected from an audio CD for hear-
ing aid fitting, taking into account the variety of vowels
and consonants. The length of speech data ranges from
2 to 2.5 seconds.

The population size, the number of generations, and
the number of genes of the GA used in our experiments
are 20, 5, and 6, respectively. The fitness values are
the subjective values of human evaluation according to
the five-grade system. Other experimental parameters
are shown in Table 1. The GA searches the amplifica-
tion levels of six frequency bands of a speech processing
filter. The central frequencies of the bands ave 125Hz,
250Hz, 500Hz, 1kHz, 2kHz, and 4kHz. The range of each
amplification level is [—32,32] dB and is encoded into 8
bits: the length of a chromosome is 8 x 6 = 48 bits.
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Figure 3: Process of speech filtering in our system.
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Figure 4: Procedure of experimental evaluation.

3 Evaluation of the IEC display-
ing multiple speech sources

3.1 The IEC displaying multiple speech
sources

Conventional IEC for signal processing develops filters
and applies them to prepared images or sounds. The IEC
user evaluates the processed images or sounds that are
variations of the original source, which often bores and
tires human operators. Previous IEC-based speech pro-
cessing systems [12] also use the same distorted speech.
The user listens to only one speech many times until a
satisfactory quality of speech is obtained.

The first method uses different kinds of sound sources
to decrease the user’s fatigue with variations of the source
when the IEC is used for image or sound processing.

3.2 Experimental conditions

The IEC with multiple speech sources is evaluated with
subjective tests. Three systems with different interfaces
compared with the subjective tests are:

Table 1: GA parameters

selection roulette wheel selection
with the elitist strategy
Crossover simplex crossover

crossover rate | 0.95 (Thel9 of 20 individuals are
operated.)
0.2% for the half of all individuals

and 20% for others except an elite

mutation rate

System #1 assigning only one speech to all individuals
in all generations,

System #2 assigning different kind of speech sources
to cach individual, and

System #3 assigning different kind of speech sources
to each generation

We form six pairs from these three systems by consid-
ering the order effect. Eighteen subjects are divided into
three groups as in Table 2 and operate all these pairs: all
subjects do not operate in the same order. Each subject
evaluates two pairs a day with a sufficient break between
the two pairs, completing all six pairs in three days.

Table 2: Subjects group: the numbers in the table cor-
responds to system #1, 2, and 3

GroupA || 1-2]|3-1|2-3
1-3[2-1([3-2
GroupB || 2-3]1-2|3-1
2-113=-211-3
Group C || 3-1|2-3[1-2
S| [

To evaluate these system pairs under the same condi-
tions, the same random generator seed is used for GA
initialization of each pair for the first generation; indi-
viduals in the first generation of two systems are same.
Except for the seed of GA initialization, randomly se-
lected seeds are used for random values in GA operation
and speech source assignment. We use only one speech
source in System #1, 20 various kinds of speech sources
for 20 individuals in System #2, and 5 various kinds of
speech sources for 5 generations in System #3.

The distorted speech sources that are used as the input
signal for the experimental systems are made in the same
way that the filters are made by IEC process speeches.
Table 3 shows the filter coefficients to make the distorted
speeches.

Fach system and comparison of pairs are evaluated
and analyzed with the subjective tests of the method
of successive categories and Sheffé’s method of paired
comparisons, respectively.

Subjects are requested to evaluate three systems on
convergence and operability, and their answers to the



Table 3: Filter coefficients to made distorted speech
sources.

frequency [Hz] || amplification level [dB]
125 -30.0
250 -30.0
500 -15.0
1000 -15.0
2000 -10.0
4000 -5.0

two pairs are analyzed by the two subjective test meth-
ods. Subjects are requested to subjectively evaluate the
systems in five levels ranging from —2 to 2, where -2
means bad or worse, and 2 means good or better. Ques-
tions subjects responded to were:

(1) Evaluation of the convergence; How s the quality of
the best speech in the last generation ¥

(2) Evaluation of the operability; How easy and how tir-
ing is it to operate this system ¢

3.3 Ewvaluation results

Subjective evaluation of convergence by the method of
successive categories is shown in Figure 5. Systems #1
and 2 belong to different categories, and Systems #1 and
3 belong to the same category in the figure. The Sheffé’s
method of paired comparisons shows that the psycholog-
ical difference between Systems #1 and 2 is significant
(p < 0.01), and the difference between Systems #1 and
3 is not significant (p > 0.03).

O : significant (p < 0.01)
X : not significant (p > 0.05)

Figure 5: Evaluation on convergence by the method of
successive categories. S.1, 5.2, and S.3 mean Systems
#1, 2, and 3 defined in section 3.2.

These results have shown that IEC systems with only
one speech source, a conventional approach, converge
faster than IEC systems in which each individual is as-
signed a different speech source. There is no significance
between [EC systems with different speech sources as-
signed for each generation and System #1 or 2.

Subjective evaluation on operability by the method of
siceessive categories is shown in Figure 6. Systems #1

and 2 belong to the different category to which System#3
belongs in the figure. The Sheffé’s method of paired com-
parisons shows that the psychological difference between
System #3 and System #1 or 2 is significant (p < 0.01),
while there is no significance between Systems #1 and 2
(p > 0.05).
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O : significant (p <0.01)
X : not significant (p > 0.05)

Figure 6: Evaluation on operability by the method of
successive categories. 5.1, S.2, and 5.3 mean Systems
#1, 2, and 3 defined in section 3.2.

These results have shown that IEC systems with differ-
ent speech sources for each generation is easier to operate
than IEC systems without changing speech source and
with changing speech sources for every individual.

4 Evaluation of the method for
displaying the elite

4.1 Method for displaying the elite

IEC users must evaluate similarly displayed stimuli many
times. After many evaluations over a number of gener-
ations, it becomes difficult for users to judge as to what
is good and what is bad. The users lose a basis for their
evaluation and begin to evaluate individunals with an im-
precise scale, resulting in the system’s poor convergence
and operability.

To solve this problem, we designed a system to display
the best individual from past generations as a standard
reference for the users to base their evaluations. The
interface system in this section displays the elite individ-
ual in the previous generation to the users. The users
can then evaluate individuals by comparing them to the
elite. We expect that the users can more casily compare
the candidates by using the standard.

In this section, using IEC speech processing system,
we perform subjective tests on the interface system that
displays the elite individual from the previous generation
and verify the system’s validity.



4.2 Experimental evaluation

‘We compare the proposed method with one that does not
display the elite individual. In the system constructed
with the proposed method, we can know which speech is
selected as the elite with the interface. The elite has the
best fitness value in the previous generation and is left
for the next generation. We cannot determine the elite
individual in the system that is made by the previous
method. When a subject operates the system of pro-
posed method, the subject evaluates the individuals by
comparing them with the elite individual after the first
generation.

We construct a pair of systems with the proposed
method and a previous one and divide the subjects into
two groups according to their operating order. The num-
her of subjects is 15.

All experimental conditions follow the ones described
for System #1 in section 3.2 except for the system of the
proposed method that displays the elite individual. The
procedure for the subjective test is the same. However,
we analyze the results of the comparative evaluation of
the two systems, not by Sheffé’s method of paired com-
parisons, but by the sign test.

4.3 Evaluation results

We show the results of our subjective test in Table 4.
With respect to convergence, we omit the answers of 4 of
the 15 subjects off the test because their responses were
neither good nor bad. Nine of the 11 subjects sensed
that the system that displayed the elite individual had
converged faster than the system that did not display
the elite individual. By applying the sign test, we found
that the difference between the two systems was not sta-
tistically significant, but it would be significant at 6.7%
level.

As to the operability, we omitted the answers of 3 of
the 15 subjects because their answers were neither good
nor bad. Eleven of the remaining 12 subjects answered
that they had sensed the system of the proposed method
to be easier to operate and less tiring than the system of
past method. By applying the sign test, we found that
the difference hetween two systems to be statistically sig-
nificant.

Table 4: Results of evaluation of the interface displaying
the elite: answers to the question which system subjects
have sensed is better,

AllsWers r]l(' lllllll])(‘l' ()f answers
"Which is better?” | convergence | operability
proposed method 9 11
past method 2 1

convergence: not significant (p > 0.05)
operability: significant (p < 0.01)

5 Evaluating the method for dis-
playing the sound source in se-
ries

5.1 Method for displaying the sound
source in series

To casily compare individuals, the previous interface of
an IEC speech processing system displays all the indi-
viduals from one genecration at once. Users tire from
repeatedly moving a cursor to select the next evaluation
individual. We then considered that the interface dis-
played only one candidate on the screen at a time. By
doing so, we can minimize the motion required to move
the cursor. The user cannot mutually compare individu-
als, however. the user may roughly evaluate cach individ-
ual. The operation goes so smoothly that it is expected
that the operability increases.

In this section, we perform a subjective test of the
interface system of the method for displaying a sound
source in series and verify its validity.

5.2 Experimental evaluation

‘We compare the proposed method with a previous one.
The system construct from the proposed method shows
one play button and one set of fitness value input but-
tons for one speech at a time. When a user clicks a fitness
value input button, evaluation moves to the next indi-
vidual and the next speech is automatically played. It is
possible to move hetween the individuals. For example,
we can go back to a previous evaluation in the case of
making a mistake by inputting an incorrect fitness value.
If it is difficult to input value for a candidate, we can de-
fer its evaluation and skip to the next. The user pushes
the ‘Back’ and ‘Forward’ buttons for moving between in-
dividuals. The system of the previous method displays
all of the sound sources of a generation at once as shown
in Figure 3.

The procedure for this experiment is almost identical
to the one described in section 4. However, there is a
small difference in the method of evaluation; questions
after operating the systems are limited only to operabil-
ity.

e How casy is the system to operate?

e How tiring is the system?

The number of subjects we used is 15.

In this experiment, we measure the times that the sub-
jects take to operate each system apart from our subjec-
tive tests. We analyze the results by statistically testing
for significant differences between operating times by the
Wilcoxon-Mann-Whitney test [8].

Experimental conditions follow the ones of the experi-
ment described in section 4 except for the system of the
proposed method that uses the method for displaying the
sound source in series.



5.3 Ewvaluation results

The results of our subjective test are shown in Table 5.
As to the ease of operation, 9 of the 10 subjects whose
answers have been used for the test, answered that they
sensed the system of proposed method was easier to op-
erate than the system of the conventional method. By
applying the sign test, we could find that the difference
between two systems was statistically significant.

As to the difficulty to tire, we omitted the answers of
1 of the 10 subjects from the test because their answer
was neither good nor bad. All subjects whose answers
were used for the test had answered that they sensed the
system of the proposed method was less tiring than the
system of the conventional method. By applying the sign
test, we found the difference between the two systems to
be statistically significant.

Table 5: Results of the evaluation of the interface dis-
playing a sound source in series: answers to the question
which system subjects sensed was better

answers the number of answers
?Which is better?” casiness to | hardness to
operate get tired
proposed method 9 9
conventional method 1 0

easiness to operate: significant (p < 0.05)
operability: significant (p < 0.01)

Table 6 shows the mean operating times to the 5th
generation for each system. By applying the Wilcoxon-
Mann-Whitney test, we found that the operating times
for proposed method were significantly shorter than for
the conventional method.

Table 6: Mean operating times up to 5th generation

past method
9.38

proposal method
minutes 7.08
significant (p < 0.05)

6 Discussion

Observing these experimental results in sections 3, 4,
and 5, we may obtain four hints to reduce user fatigue:
(1) the casier comparison of individuals, the less user
fatigue, (2) refreshment for monotonous evaluations is
useful under the condition of the (1), (3) the less number
of operations, the less user fatigue, and (4) the interface
that causes less obsession causes less user fatigue.

The ease of comparison has an serious effect on user
fatigue. the System #2 that assigns different speeches

to each individual had poor performance on both con-
vergence and operability than the System #1 that uses
only one kind of speech and the System #3 that does
not change speech source in same generation. Also, the
system that displays the elite individual showed higher
operability and possible faster convergence at 6.7% level.
Common factor that reduce user fatigue between these
two results in section 3 and 4 is how the IEC interface
provides casier comparison of individuals.

By decreasing user’s weariness, we can improve op-
erability. Refreshment for monotonous evaluations in-
crease operability, but this hint should be under the
aforementioned condition of the easier comparison. From
the comparison of the Systems #1 and 3, a system chang-
ing speech sources in each generation resulted higher
operability than a system using same speech source.
This result leads us to the hint that refreshment for
monotonous evaluation reduce human fatigue. Actually,
many subjects reported that they would have got bored
anyway. However, this hint must be valid only when
the first hint, which is easier comparison is important, is
satisfied from the fact that too much change of speech
sources showed less operability.

It is better that the number of user operations is small.
Fine operability of the method that displays only one
individual in a series and has no operation of moving a
cursor to select the next individual must have resulted
that less operation leads higher operability of systems. In
the method for displaying the sound source in a series, a
user only must basically click fitness value input buttons.
User evaluates each individual without attention to the
individuals evaluared once. The result from reducing the
operating time shows this fact also.

We can decrease user fatigue by reducing a mental
compulsion. In the method for displaying the sound
source in a series, it is very difficult to mutually com-
pare individuals. From the users’ perspective, all that
user has to do is to pay attention to the displayed speech
without concern about mutual evaluation. By paying no
attention to other individuals, the user may feel less com-
pulsion to take a second look at his or her evaluation by
comparing individuals. In addition, subjects have said
that they did not feel oppressed by being displayed sound
sources at once, and that they could comfortably operate
at pleasant pace. However, we must consider the prob-
lem that this interface may cause unreliable evaluation
because of less adjustment of the first evaluation. The
unreliable evaluation may causes poorer convergence.

It is important to comfort the user also. In the exper-
iment in which an interface displays the elite individual,
subjects reported that they felt relieved because they
could confirm what they had thought was good. We con-
sider the fact that there has been standard for evaluation
which led to user’s security. As to the system displaying
the sound source in series, subjects felt relieved because
of existence of ‘Back’ and ‘Forward’ buttons. Before con-



ducting a formal experiment, we conducted preliminary
tests without these buttons. In the preliminary tests,
subjects reported that they became concerned because
they could not return to a previous evaluation when they
had made a mistake in inputting fitness value. In our for-
mal experiment, however, subjects did not seem to use
these button as expected. Some subjects said they felt
secure from making a mistake with the presence of these
buttons.

7 Conclusion

In this paper, we evaluated three methods to decrease
user fatigue for the sound processing system using an
interactive evolutionary computation. We verified their
validity using a speech processing system with subjective
tests.

The first method uses various kinds of speeches. By
using the system that changed the kind of speech in every
generation, we could improve operability significantly by
ensuring that the convergence was not lower than previ-
ous methods. As to the system that changed the kinds
of speech for each individual, neither convergence nor
operability has been better.

The second method displays the elite of previous gen-
eration. This improved convergence and operability sig-
nificantly.

The third method displays the sound source in a se-
ries. We have found this system improved operability
significantly.

As to the design of IEC interface, it is important to
make convergence and operability compatible with each
other. If we are to raise the precision of a search, user
fatigue will increase. However, if we give a priority to the
operability and design of the interface so that the user
feels comfortable, the precision of a search will decline.
It is important to maintain a high level of precision so
that we can put the system to practical use, decreasing
user fatigue as much as possible. We have found that
two of the three methods suggested in this paper have
improved the operability while maintain a high level of
precision, except for the method displaying the sound
source in a series. We have found the method display-
ing the sound source in a series has contributed much to
the improvement of operability. We must test how much
precision convergence this system has and put it to prac-
tical use. At present, we are evaluating the convergence
of the method displaying the sound source in a series.
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