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ABSTRACT
This paper aims to improve the inaccuracy problem of the existing informatized caption in the
noisy environment by using the additional caption information. The IBM Watson API can
automatically generate the informatized caption including the timing information and the
speaker ID information from the voice information input. In this IBM Watson API, when there is
noise in the voice signal, the recognition results are not good, causing the informatized caption
error. Especially, it is more easily found in movies such as background music and special
sound. Specifically, to reduce caption error, additional captions and voice information are
entered at the same time, and the result of the informatized caption of voice information from
IBM Watson API is compared with the original text to automatically detect and modify the error
part. Based on the database containing the average pronunciation time, each word for each
speaker is changed into the informatized caption in this process. In this way, more precise
informatized captions could be generated based on the IBM Watson API.
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1. INTRODUCTION
Recently, artificial intelligence technology is being researched and developed in various fields.
Artificial intelligence refers to the intelligence created by a machine, and is the intelligence that a
computer program behaves and calculates, such as human thinking. However, since artificial
intelligence that does not understand human language is useless, the most important thing in
artificial intelligence technology is natural language processing technology and speech
recognition technology. Typical speech recognition technologies include speech to text
conversion. Among captions in which speech is converted into characters, captions including
timing information and speaker ID information [1] are referred to as informatized captions [2].
Such an informatized caption can be generated using the IBM Watson API or the like [3].
However, the IBM Watson API is more susceptible to clipping errors due to poor recognition
results if there is noise in the audio signal, especially in movies such as movies where background
music and special sounds are used. In order to solve this problem, there has been proposed a
method of predicting the timing information of the informatized caption based on a linear
estimation [2] formula proportional to the number of alphabets. In this paper, we use the IBM
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Watson API, which provides basic functions of informatized caption including timing
information, speaker ID information, and so on, to generate a word information list based on the
proposed method.

2. SPEAKER PRONUNCIATION TIME-DB (SPT-DB)
2.1. Structure

Figure 1. Structure of SPT-DB

SPT-DB
DB consists of each node for each speaker(S
speaker p) as shown in Fig. 1.The nodes consist of the
average pronunciation times(Dp) of each word(Wpk).The nodes of the speaker are arranged in
ascending order based on the average pronunciation time, and are connected to each other, and a
null value is present at the end. When SPT-DB
SPT DB searches for a word spoken by the speaker, it
searches based on the pronunciation
tion time.

2.2. Assumption
Before proceeding with the study, the following assumptions are based on SPT-DB.
SPT DB. [Assumption]
SPT-DB is already configured for each speaker.

3. PROPOSED ALGORITHM
3.1. Algorithm modifying incorrectly recognized word based on SPT-DB

Figure
igure 2. Original caption T(X) and informatized caption Ts+(X)
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Basically, original caption,T(X), and informatized caption from speech recognition result, Ts+(X),
are input together.
Here, Sx and Ex mean the start time and end time of pronunciation for the word X, respectively.
[Step 1] Judge whether there is an incorrectly recognized word by comparing T (X) with Ts+(X).If
there is no incorrectly recognized word, it terminates. If there is an incorrectly
recognized word, go to the next step.
[Step2] Judge whether there are several consecutive words in the sequence, and pass the
parameter to the case.
[Step3] Modify the words in the SPT-DB based on the start and end points of the cases.
[Step4] If there is an incorrectly recognized word in the following word, repeat steps 1 to 3 and
terminate if there is no incorrectly recognized word.

3.2. Case 1: There is only one incorrectly recognized word.

Figure3. There is one incorrectly recognized word

[Step1] Find the point at which the signal of a specific volume(dB) T or more starts for Ea to Sc
and determine Sb.
[Step2] If there is a minimum time t' in Sb to Sc at which the signal intensity falls below a certain
volume T and then remains below T until Sc, Eb = t' is determined. If there is no t'
satisfying the above condition, Eb = Sc.
[Step3] Returns the start time and end time.

3.2. Case 2: There are more than two incorrectly recognized word.

Figure 4. More than three incorrectly recognized word

[Step1] Find the point at which the signal of a specific volume(dB) T or more starts for Ea to Sw2
and determine Sw1.
[Step2] If there is a minimum time t' in Sw1to Sw2 at which the signal intensity falls below a
certain volume T and then remains below T until Sw2, Ew1 = t' is determined. If there is no
t' satisfying the above condition,Ew1 = Sw2.
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[Step3] The ending point of the current word is obtained by multiplying the start time of the
current word by the ratio of the pronunciation time of the incorrectly recognized words to
the average pronunciation time of the current word. The following are summarized as
follows.

=

×

−

(
∑

)
(

)

[Step4] Returns the start time and end time.

4. CASE STUDY
The case was tested based on English listening assessment data. Fig.5 shows a problem of the
English listening evaluation for university entrance examination. In a noisy environment like
Fig.6, the accuracy dropped significantly. For reference, the original voice source was
synthesized with raining sound using Adobe Audition CC 2017 to create a noisy environment.If
we improve the proposed algorithm with noise, we can obtain the same result as Table1. The
accuracy of speech recognition is 100% by the help of original caption and each word includes its
own start time and end time.

Figure 5. Original caption

Figure 6. Recognition of mixed voice with rain noise by IBM Watson system
Table1.Informatized caption modified by the proposed algorithm
Word
Sentence

1

2

3

4

5

6

7

Dad

I

want

to

send

this

book

8

9

10

11

12 13 14 15

to Grandma Do you have a box
2.24- 3.21- 3.45- 3.67- 3.95- 4.030.58 0.87 1.19 1.35 1.66 1.83 2.1 2.24 2.89
3.45 3.67 3.95 4.03 4.75
Yeah I’ve got this one
to
put photo albums
in
but it’s
a bit small
B Speaker 1 5.22- 6.01- 6.27- 6.62- 6.86- 7.15- 7.26- 7.48- 7.88- 8.29- 8.69- 9.28- 9.48- 9.55- 9.815.7 6.27 6.62 6.86 7.15 7.26 7.48 7.88 8.29
8.59 9.1 9.48 9.55 9.81 10.51
The box looks big enough for
the book Can
I
use
it
C Speaker 0 10.86- 10.99- 11.41- 11.67- 11.96- 12.26- 12.47- 12.6- 13.46- 13.71- 13.79- 14.1210.99 11.41 11.67 11.96 12.26 12.47 12.6 13.16 13.71 13.79 14.12 14.42

A Speaker 0 0.03- 0.74- 0.87- 1.19- 1.35- 1.66- 1.83- 2.1-
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5. CONCLUSIONS
In this paper, we propose an algorithm to find and modify incorrectly recognized words based on
the SPT-DB,
DB, which stores the average pronunciation times
time and appearance frequencies of the
corresponding words in the speaker to correct the errors in the informatized
informat
caption obtained
through the IBM Watson API. However, the proposed algorithm has a limitation that SPT
SPT-DB
should be created first because it is assumed that the information of the corresponding words
already exists in SPT-DB. Future research will be conducted to modify incorrectly recognized
words while performing speech recognition and to update the SPT-DB
SPT
in real time.
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