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Pattarapong Rojanasthien
Florida Institute of Technology
USA

ABSTRACT

Speech corpus is a database of audio files containing spoken words/sentences and text
transcriptions. In this work we present a data collection system for creating speech corpora
from movies and TV series DVDs. Corpus generation from these DVDs is significantly lower-
cost solution comparing to conventional way of obtaining a speech corpus. In addition, it also
takes a shorter amount of time to collect the data and processes it into a corpus. In order to be
able to perform this operation the Data Collection Toolkit is introduced. This toolkit is an
application developed using C# .Net Framework 3.5 in Visual Studio 2008. Throughout the
presented work, this toolkit is included to show how it can be utilized to simplify the process of
creating a corpus.

INTRODUCTION

A term speech corpus refers to a database of speech data including audio files and corresponding
text transcriptions. The idea of corpus generation from DVDs of movies and TV series is
inspired from the study of prosodic analysis of Wake-Up-Word technology (Képuska & Klein,
2009; Képuska & Shih, 2010; Képuska, Gurbuz, Rodriguez, Fiore, Carstens, Converse, &
Metcalf, 2008). Their studies showed that the prosodic features extracted from pitch of WUW-II
speech corpus did not yield the expected result. That was due to the nature of the corpus they
used; it was created by having people read transcripts and recorded via telephone (landline,
speaker-phone, mobile, etc.), which made the corpus less natural than actual speech obtained
from conversations between people (Képuska & Shih, 2010).

Obtaining speech corpora by hiring a professional company or buying (e.g., linguistic
consortium: http://www.ldc.upenn.edu/) would cost a significant amount of money as shown in
Figure 1 (LDC, University of Pennsylvania, 2009). Creating a corpus from recording a
conversation (Aiken, 2009) and then writing corresponding text transcriptions would also be
very time consuming and are dependent on the quality of recordings (Musa, 2010). These two
methods are typically not feasible for those who have a low research budget and limited amount
of time to work on the data collection. That is why using corpus generation from DVDs of
movies and TV series is a better option in obtaining speech corpora. Not only the utterances from
the corpora are natural speech, it also costs nothing to create a large set of speech corpora
assuming the DVDs have already been bought.

Although most of the DVDs of movies and TV series are likely to be protected by copyright-law
(Lippert, 2007), this research should not violate this law. That is, 1) there is no public
distribution of the viewing contents from the DVDs, and 2) the corpora generated from the
DVDs will be used as an “in-house” research for the speech recognition system only (Hemming
& Lassi, 2010). The proposed approach should not affect the copyright holders to suffer a loss
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of profit from selling their DVDs. On the contrary, this corpus generation should increase the
sales since more DVDs will be bought as there is a need in creating corpora from them (see
Table 1).

Table 1: List of top ten corpora from linguistic data consortium and their costs.

Corpora Cost
TIMIT Acoustic-Phonetic Continuous Speech Corpus $250.00
Web 1T 5-gram Version 1 $150.00
CELEX2 $300.00
TIDIGITS $500.00
ECI Multilingual Text $75.00
Treebank-3 $3150.00
TIPSTER Complete $500.00
NTIMIT $500.00
YOHO Speaker Verification $1000.00
Message Understanding Conference (MUC) 7 $500.00

The goal of this work is to explore the potential of the concept of data collection from the DVDs
of movies and TV series, and to develop the application that utilizes this concept. Each
component of the data collection system is described in starting from extracting the data from a
DVD all the way to generating a corpus into a proper structure. Data Collection Toolkit is a C#
.NET application developed to carry out this task is appropriately described in this section.

Some examples are provided of how to Data Collection Toolkit and speech corpora generated
from this system can be used; namely: TIMIT corpus browsing for the study of TIMIT corpus,
creating features for prosodic analysis of Wake-Up-Word’s context detection, and training of
CMU Sphinx’s acoustic model.

To verify the quality of speech corpora generated from this system, TIMIT corpus is used for
evaluating time markers of the words (where they start and end) from text transcriptions
generated by force alignment process. The utterances from TIMIT corpus are also used for
evaluating the error rates of the acoustic models trained by corpora generated from DVDs of
movies and TV series

COMPONENTS OF DATA COLLECTION SYSTEM

The data collection system consists of five components. The first step of the data collection
system begins from selecting a DVD of a movie or TV series. The audio will then be extracted
from the video of the DVD. The text from the subtitles will be converted into text transcriptions.
The subtitles will also be used for cutting the extracted audio file into small utterances (audio
segmentation). The text transcriptions and utterances are then combined into a basic speech
corpus.

There are two optional components in the data collection system that can be used with the
corpora generated from the DVDs for more specific tasks. First is the language analysis: this
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component takes a text from a transcription and finds the relationship of each word. This
analysis can be used for the study of Wake-Up-Word’s context detection. Another component is
the force alignment: which can be used for generating time markers of each individual word in
the selected utterance. The force alignment can also be used for filtering and/or trimming
utterances to ensure that they match with the corresponding text transcriptions. Figure shows an
overview of the data collection system.

Figure 0: Overview of data collection system.

Language
Analysis

7 /DVD of aﬂ\ : i -
MoV or TV\ DVD» Transcript Audio i e Speech \\
\ R / Extraction Converter Segmentation L Corpus )

\\ Series / ~— -

Force
Alignment

DVD Extraction

After the DVD of a movie or TV series has been chosen, the process of the data collection
system starts with an extraction of the video and its subtitles (e.g., closed captioning) as
illustrated in. First, software capable of extracting a video from a DVD and then storing it on a
hard drive needs to be obtained. Any software that is free and able to extract the video into a file
in AVI format would be desirable since the AVI file is commonly used and easy to extract the
audio channel from it.

Subtitles, which are the textual representations of the utterances from the video, can be obtained
by either downloading from a website or using a program such as SubRip, which can perform an
Optical Character Recognition (OCR). The program will attempt to recognize the subtitles
embedded on the video and save them into a text file. If there is any word that it cannot
recognize, it will prompt a user to enter the word individually (Zuggy, 2009). Note that although
these subtitles can be obtained easily, there is no guarantee that they are accurate in terms of how
well the texts and the time markers from the subtitles are matched to the actual speech audio.
Authors of subtitles may not follow the speech dialogue literally while writing subtitles of a
particular movie or TV series. One of the mitigations for this issue is to use the force alignment,
which is one of the data collection system’s components.

Figure 1: Diagram of DVD extraction process.

Video File
(.AVI)

DVD Extractor
Program(s)

_| Subtitle File
(.SRT)
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Transcript conversion

Transcript conversion is a process that converts a raw subtitle file into a simpler format to make
it easier for a user to use. The standard format of a raw subtitle (SRT) file, shown in

Figure 1a, consists of subtitle indices, time markers, and transcriptions separated by new line. For
each item of the subtitles there is a line with blank space right below to separate it from the other
items. The initial proposed method on how to parse raw subtitles in the SRT file is to use a
counter to keep track of the line. For instance, the first line contains the index; the second
contains the time markers; and the third contains the transcription. Note that after the third line
there is an empty line before the next subtitle begins. The problem with this assumption is that
the text transcriptions may contain more than two lines. If that happens, the parser will extract
the subtitles incorrectly.

Figure 1a: Example contents of subtitle (SRT) file.

ID 2 :
:I— 00:00:16,940 --> 00:00:20,630 4—' Time Markers

I've instructed my client to rem

- silent. e Text
Empty line I—; Transcriptions
3

00:00:29,700 --> 00:00:31,660
He's not gonna talk.

4

00:00:31,670 --> 00:00:36,520

That's okay. That's okay. I don't have
much faith in words myself.

5

00:00:37,180 --> 00:00:43,180
Statistically speaking, the average
person tells three lies per ten
minutes' conversation.

The next attempt to reformat the subtitles purposed the use three regular expressions to
determine what each line in the raw subtitle file is representing, then rewrite all the subtitles into
a new text file that separates each subtitle by a new line and use “|” as delimiter to separate
index, time markers, and transcriptions. Based on this idea, they developed an application called
Movie Transcript Parser (Ramdhan & Beharry, 2009). The output of this application, as shown
in Figure 2, shall be used for creating utterances and corresponding text transcriptions.

However, the Movie Transcript Parser was developed on Mac OS X environment as a
preliminary research specifically for subtitle reformatting in 2009. The development of this
application has been discontinued at this point. Although the program is very easy to use and
perform the task quickly, a user must have a Mac OS X system in order to use it. Hence, a
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Windows user cannot use this application to reformat the subtitles into text transcriptions, which
is needed for further corpus generation processes.

Figure 2: Example contents of subtitle in simpler format.

# Start Index|End Index|Start Time|End Time|Transcription
212100:00:16,940]100:00:20,630|I've instructed my client to remain
silent.

313100:00:29,700100:00:31,660|He's not gonna talk.
414100:00:31,670100:00:36,520|That's okay. That's okay. I don't

have much faith in words myself.

One of the tools from the Data Collection Toolkit is the Transcript Browser. It, allows a user to
load the result from the Movie Transcript Parser and then populate them on a grid-data table as
shown in Figure 3. For a user who does not have an access to use Mac OS X, the Transcript
Browser also allows a direct loading of a SRT subtitle file as an alternative. Hence, it will bypass
the need of using Movie Transcript Parser. After the subtitles have been loaded into the data
table, they can be used for creating utterance and text transcription files.

Figure 3: Screenshot of transcript browser.

Transcript

— P ddfaut Totel amovrt of tterances: 297
Offset ms) [ Reset Offest Sampling Rate: N/A

NIST Wave Fie
Al S0 V] Crecte Grammar and Wave List

End Time: 500 ] Create CMU SphirucfileID and transcription fles

D
N [EE 00:00:54,138 02 : Diversky Day by belkiss & urfold
1 00057054 |00:0101288 |-Heyya.may | help you on hers 2 - Imall st thark you

2 0001013% 000104542 | Good. | ‘gowihthe rows”. That's good idea.
3 000104824 00010629 | Tod
4 0010627 | 00:01:08554
5
3

nd talk to Us about diversty,
00:01:08.555 00:01:10,795
00:01:11.027 00:01:15.021

g to push for a long time. and corporate mandated t.
00:01:15.106 00:01:17.853 | never actually taked to comorats about .

] 00:01:17985 00:01:20,001 they kind of beat me with the punch,

9 00:01:20.725 00:01:22416 those bastards |

10 00:01:22.588 00:01:27.975 But | was goingto, and Ithink t's very important that we have this,

il 00:01:28295 00:01:30.755 Iim very very excied

12 00:01:31.335. 00:01:33447 Thats the ting. s a ven sur oacer.

Audio segmentation

Audio segmentation is a process, which generates a set of utterances from the time markers of
the subtitles as illustrated in Figure 4. Prior to this process can begin, the audio from the AVI
video file extracted from a DVD needs to be stored as a wave file using Microsoft’s wave file tag
header. The program used for this work to extract the audio is called AOA Audio Extractor. This
program is chosen because it is capable to extract a mono-channel audio from multiple videos in
batch mode (AocAMedia.Com, 2009). The sampling frequency of these extracted audios is set to
22 KHz, which is the lowest sampling frequency that the program allows a user to choose.

The tool also provides an additional option that allows a user to set the prefix of the utterances’
file name as shown in Figure 57. After a user clicks on “Create Wave Files” button, the
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Transcript Browser will create several utterances and save them into wave files based the time
markers of the subtitles. Each file name consists of the prefix followed by “ [Subtitle Index]”.
For example, if a prefix is set to “Office S1E1”, then the new segmented audio files will be
generated as Office_ S1IE1 O.wav, Office_ S1IE1 1.wav, Office_S1IE1 2.wav, until it reaches
Office_S1E1 n-1.wav, where n is the total number of the utterances for that particular set of
subtitles.

With the information from the subtitles populated on the data table, the Transcript Browser tool
can begin the process of audio segmentation. First, the tool will convert the time markers of an
utterance’s text transcriptions (where it starts and ends) from “Hours: Minutes: Seconds,
Milliseconds” format into sample indices using Equation 1. This pair of the sample index is then
used for copying the portion of the audio from the DVD and to save it in a new wave file. The
process will repeat until all the utterances have been created.

Figure 4: Example of audio segmentation based on given time markers.

200 200 300 100 200 300 SO0 600 TOO0 BOO 00 1000 11:00 1200 ac0 1 00 1700 1800 1900 20: 1:00 220082300

> 1.0 2 }
32 &n Bt o 4 ) =
Max 3ok | o0 _!

0.5 J !
- B l'!l’-

Figure 5: Screenshot of transcript browser’s audio segmentation options.

wvie Transcript Parser Prefec:  default Total amount of utterances: 297
ased on the sampling rate. Offset {ms) Sampling Rate: N/A
folder in config menu. [C] NIST Wave File
stored in etc folder inside audio folder. Start Time: 500 Cregte Grammar and Wave Lik
Create Wave Files End Time: 500 Create CMU Sphirc filelD and transcription files

In some cases, the subtitles obtained from the internet can have the overall time markers
misaligned by a few seconds. This can happen due to the fact that the creation of these subtitles
is done with a different version of the video recording. For example, that video may have its
introduction part of the show removed to reduce the file size while the video extracted from the
DVD includes the introduction part in it.

Equation 1: Conversion of time marker to sample index.

Sample Index = [(Howrs x 60 x 60 x 1000) + (Minutes x 60 x 1000} + (Seconds x 1000)
sampling rate

+ Milliseconds} x 1000
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To overcome this misalignment issue, Transcript Browser tool allows a user to set two global
offsets. One is to subtract from the start time, another one is to add the end time of the utterance.
A user can make some adjustments on the two global offsets to ensure that the overall subtitle
time markers are matched with the actual speech utterances.

After the utterances have been created by Transcript Browser, a user can easily verify if the
overall time markers match with speech utterances by double clicking on the text transcriptions
on the data-table. By doing so, the Transcript Browser will invoke a media player to play the
selected utterance. If the utterance does not match with the transcriptions, a user can change the
offsets again and recreate the utterances’ wave files. The new wave files will overwrite the old
one without a need to ask for permission. Hence, this process can be iterated over and over until
the utterances are consistent with the transcriptions.

After the utterances are aligned properly with the subtitles, the corpus is then successfully
generated. A user can access the generated corpus by going to folder with the same name as the
prefix. This prefix is located inside the path of the “Result File Folder” defined in the settings
window in the main page of Data Collection Toolkit as shown in Figure 6. Note that if a user
changes the path of the resulting file folder, then the utterances will need to be recreated again in
order to be stored in a new path.

Figure 6: Screenshot of data collection toolkit settings.

3

‘;* Settings =RIE

Audio Data Folder: C:\Users\Patt\Documents®FIT Kepuska“F Browse

MIST Uncompressed Wave

Wave List Folder: C:\Users\Patt\Documents"FIT Kepuska“F Browse

Grammar File Folder: mert’SVN\Data"\Result\Office_S2ER\atch Browse

Result File Folder: 1ska“Forced Alignment'SYNYData' Result®. Browse

LR

Accept | | Cancel | | Default |

A structure of a corpus folder created from Data Collection Toolkit’s Transcript Browser is
organized in the same way as the corpora dedicated to CMU Sphinx speech recognition toolkit as
shown in Figure 7: a “wav” folder will contain all wave files of the utterances; an “etc” folder
will contain the following files:

e FilelDs — contains a list of the utterances (there is no file extension after the name).

e Transcription — contains the list of transcriptions nested by <s> ... </s> tag and
followed by the corresponding utterance in parentheses.

e Wauve list — contains a list of all wave files (specified file extension).

e Grammar list — contains a list of transcriptions only.
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Figure 7: Structure of DVD corpus generated with data collection toolkit.

[Result Path]\[Prefix]\

\etc\
[prefix] .fileids
[prefix] .transcriptions
[prefix] grammarlist.txt
[prefix] wavelist.txt
\wav\

[prefix] O.wav
[prefix] 1l.wav

[prefix] n-1l.wav

The file ID and transcription files are used as inputs for CMU Sphinx’s acoustic model training
while the wave list and grammar list are used for SAPI Force Alignment. The detailed
descriptions of these files are mentioned in the later sections of the work.

Force alignment

The term force alignment refers to a technique that forces a speech recognition engine to try to
recognize each utterance given its corresponding text transcription. This process is illustrated in
Figure 8 below. Force alignment needs to use the speech recognition engine that is capable of
recognizing the utterances and then returning the time markers of the words in the selected
utterances. If the engine cannot locate all the given words as part of the selected utterance, then it
will not return the result (e.g., it will fail to perform the recognition).

The time markers for each word generated by the force alignment can be used for several tasks
such as prosodic analysis. To preform prosodic analysis it is required to have time marker of a
targeted words in order to be able to estimate/compute pitch or energy of that section of the
utterance. The time markers can also be used for finding the start time of the first word and the
end time of the last word. The time markers of the entire utterance can be used for trimming the
wave file of that utterance to ensure that the text transcriptions are matched with the actual
speech audio.

Figure 8: Illustration of force alignment.

?-'.. . il I |'L_“

=5IL= WHAVE §A SPECIAL SOMEONE
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Recognized Uterance  Pronunciation Corfidence Time Start ms) Time End {ms)
gy [EENI0.0257358234 [ |
I ai 0.325056046 50 580
HAVE haev 0.858041542 580 1240
A e 05428072 1240 1340
SPECIAL —| |spefd —| | 0.502040541 —| [ 1340 — | | 1880 =
SOMEONE | |snnwan | |D9508962 | | 1280 L} (2440 L4

The current speech recognition engine chosen to perform a force alignment is bundled with
Microsoft Windows 7 (or Vista). This engine can be interfaced via Microsoft’s Speech
Application Interface (SAPI), which is a part of the .NET Framework (MSDN, 2010). Hence, the
speech recognition engine becomes a force alignment engine that was termed SAPI Force
Alignment.

The main reason for integrating the SAPI Force Alignment into the Data Collection Toolkit is
because of the acoustic model that uses in this engine has a good recognition rate without any
training required. Also, the toolkit itself is developed on .NET Framework in C# language, which
can invoke the functions from the SAPI on the same framework. In the other words, using SAPI
and its built-in engine is easier to integrate it into the toolkit comparing to using other open
source engines, which usually are developed on Linux environment.

Since the SAPI Force Alignment does not have a built-in force alignment function, additional
coding on top of the SAPI’s speech recognition function is required in order to gain the ability to
perform a force alignment.

First, the recognition result from the SAPI only returns the time markers relatively to the first
word it detects. In the other words, it will return the time markers of the first word to be 0, which
is not always true for all utterances. There is a chance the first word may be located in the middle
of the recording. This will cause SAPI to return incorrect time markers for all the words in that
utterance.

To solve this issue, the utterance that will be used as the input to the SAPI will need to be
concatenated by a filler word that has a known duration. For example, the word “VoiceKey” was
chosen for this purpose. This word that has the duration of 400 milliseconds is concatenated in
front of the selected utterance as shown in Figure 9. The text of this filler word will be added into
the list of the words from the selected utterance. This list is also known as a grammar list, which
the SAPI Force Alignment will try to force align the audio of the utterance with each word from
the list and return the time markers if it can successfully recognize them.

Figure 9: Arbitrary utterance concatenated with filler word “Voicekey.”
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ACOUSTIC MODEL EVALUATION

To evaluate the accuracy of any acoustic model it should be used on testing set. The recognition
result will be compared with the corresponding transcriptions that come with the corpus. For the
quality comparison between each model, the two error rates are chosen. One is a sentence error
rate (SER), which computed by Equation . Another one is a word error rate (WER), which
computed by Equation .

Several acoustic models are created by using utterances from a corpus generated from the TV
series called the Office Season 1 Episode 1 to 6 (Daniels, 2005). The main reason why this series
is being chosen is because there are plenty of dialogues without much background music
throughout each episode. The results of the evaluation for several set of utterances are shown on
Table . Note that for the initial testing, there is no adjustment made in the parameters of Sphinx
Train’s configuration, except the pointers to the input files. TIMIT’s training set is used for
creating an acoustic model and then evaluated by TIMIT’s testing set to establish the baseline for
comparison. Hence, all other acoustic models are also evaluated by TIMIT s testing set as well to
ensure the fairness in the evaluation process.

Equation 6: Formula for computing sentence error rate.

Total Number of Sentences — Number of Recognized Sentences
SER = * 100%
Total Number aof Sentences

_ Number of Sentences that Cannot Be Recognized Correctly 1005
B Total Number of Sentences ' ’

Equation 7: Formula for computing word error rate.

Total Number of Words — Number of Recognized Words
WER = * 1009%
Total Number of Words

_ Number of Words that Cannot Be Recognized Correctly
B Total Number of Words

= 1008

The original attempt on generating a corpus from a DVD is to separate the training set and
testing set by the ratio 75% to 25% respectively. The model created from the force aligned
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training set (utterances that cannot be force aligned are excluded from the training) of the Office
Season 1 has the highest error rate. The first hypothesis is that the size of the corpus maybe too
small. So the second trial is to train an acoustic model with all Office Season 1 (both force
aligned training and testing sets combined). Turns out the error rate goes down after that. This
result shows that a larger the corpus size is the better acoustic model.

Table 8: Evaluation of acoustic models using default training parameter.

Acoustic Models SER (Erroneous WER
#Den = 8, #Tied State Sentences/ (Erroneous Words/All
=1000 (Default) All Sentences) Words)
TIMIT Training Set 42.1% (707/1680) 26.9% (3906/14527)

Next evaluation is to check whether the trimming utterances with force alignment would reduce
the error rate. First, all the default utterances from Office Season 1 are used for training the third
acoustic model. Turns out the model performed better than the models that only use force aligned
utterances (again, the default has more utterances). Next step is to use the force aligned
utterances combined with those that cannot be forced aligned, which are excluded from the
acoustic model created from force aligned utterances only. The result from this model turns out
to perform even better than the model trained by default utterances, which may have some
transcriptions that do not exactly match with their utterances. This result has proved that the
more utterances match with their transcription also will generate better acoustic model. However,
the model with the least error rates still does not perform as good as TIMIT’s training set. It is
assumed that this is due to the fact that the parameters in Sphinx Train are not yet adjusted to be
suitable with a specific corpus.

Based on CMU Sphinx Wiki, the two main parameters that required for reducing error rates are
the following:

e $CFG_FINAL_NUM_DENSITIES - The final numbers of densities, which has to
be set in 2 bit shifting: 2, 4, 8, 16, 32, 64, etc...

e $CFG_N_TIED_STATES - The total numbers of shared state distributions. The
default value is at 1000.

The values of these two parameters are varied to much the data of a corpus. For example, those
parameters will depend on a total numbers of words or a size of particular corpus (CMU Sphinx,
2010).

The acoustic model from the force aligned utterances combined with non-force aligned from the
Office Season 1 Corpus is being chosen for the next test. This test uses global optimal search of
the two parameters ($CFG_FINAL_NUM_DENSITIES and $CFG_N_TIED_STATES). The
result from Table shows that the optimal parameters for this particular corpus are 8 for final
number of densities and 200 for numbers of tied states.

To make the comparison even fairer, the acoustic model created from TIMIT’s training
set also has its two training parameters adjusted as well. The results from Table 9 shows that
given 16 final numbers of densities and 1000 numbers of tied states yield the lowest error rates.
This test shows that each corpus has different optimal values for the training parameters.
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Table 9: Evaluation of the model with different training parameters.

Acoustic Models Created from Word
Office Season 1 with Force Aligned Utterances and Non Force Aligned Sentence Error Error Rate
Utterances Rate (SER) (WER)
$CFG_FINAL_NUM_DENSITIES $CFG_N_TIED_STATES

4 200 58.4% 31.1%

8 100 100% 111.1%

8 200 51.9% 26.4%

8 500 67.6% 37.2%

8 1000 85.5% 50.2%

8 2000 98.6% 73.8%

8 4000 99.8% 88.5%

16 4000 100% 96.7%

16 6000 100% 97.9%

After the optimal acoustic models from the Office Season 1 corpus and TIMIT corpus have been
obtained, the Office Season 1 corpus has much better performance improvement from its original
set up. However, the error rates are still higher than TIMIT’s training set when its training

parameters are adjusted.

Table 8: Model from TIMIT’s training set with different training parameters.

Acoustic Models Created from Sentence Word
the Training Set of TIMIT Corpus Error
Error Rate Rate

$CFG_FINAL_NUM_DENSITIES | $CFG_N_TIED_STATES (SER) (WER)
8 200 49.1% 37.2%

8 500 41.5% 28.9%

8 1000 42.1% 26.9%

8 2000 44.9% 27.4%
16 500 40.5% 27.8%
16 1000 40.2% 26.0%
16 2000 48.3% 29.6%

In extension to previous test, two more acoustic models are introduced. The first
acoustic model is created from the corpus of the Office Season 2 Episode 1 to 6.
The result from the training with the optimal training parameters yields 52.1%
SER and 26.2% WER, which are still higher than the model trained by TIMIT’s
training set. Another model was created from the Office Season 1 and 2 combined.
The acoustic model created from the Office 1 and 2 corpora perform better than
the model created from the training set of TIMIT corpus when used for evaluating
the TIMIT’s testing set as shown in 9, with 38.6% SER and 20.2% WER.

Table 9: Comparison of acoustic model evaluation results.

Acoustic Model

| #of Utterances |

SER ]

WER
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Office Season 1 ) )

(E1 — E6) Corpus 2089 51.9% 26.4%
Office Season 2 . )

(E1 - E6) Corpus 2187 52.1% 26.2%
Office Season 2 . )

(E8 - E13) Corpus 2591 41.5% 20.6%
Office Season 2 ] )

(E1 - E6 & E8 — E13) Corpus 4778 41.2% 20.4%

Training Set of TIMIT Corpus 4620 40.2% 26.0%

Office Scegfgl:]sl and 2 6867 38.8% 1850

In summary, these are the following factors, which will help improving the quality of the
acoustic model trained with a corpus generated from a DVD of a movie or TV series:

1. A size of a corpus — a larger the corpus the better its performance. Can be improved by
adding more utterances into that corpus.

2. Accuracy of utterances and their transcriptions — using SAPI Force Alignment tool to
trim some of the utterances that are successfully force aligned will help improve the
quality of the model.

3. Adjust the training parameters in Sphinx Train — These numbers are varied based on the
characteristics of the corpus (i.e. utterance size, total words, duration of each utterance).

CONCLUSION

A need for obtaining natural and inexpensive speech corpora for prosodic analysis in in general
for any speech recognition had inspired the research for the data collection system from DVDs of
movies and TV series. The C# .NET Framework application Data Collection Toolkit was
developed to facilitate this research.

For the evaluation of the force alignment, the time markers of individual words generated from
SAPI Force Alignment have shown to be very accurate when they are being compared to the
time markers of the TIMIT corpus. After careful examination of the data (minimum at -637
milliseconds and maximum at 622 milliseconds), the outliers were due to that fact that time
markers have included some silence as part of the word. Hence, when the sound from the word is
played by using the time markers from two sources, they are barely noticeable by human’s ears.

For acoustic model training, based on the evaluation using TIMIT’s testing set, the acoustic
models created from DVD corpus can perform better than the model created from the default
TIMIT’s training set, given that the size of the DVD corpus is large enough. The test results also
show that if utterances are trimmed to exactly correspond to their transcriptions, an acoustic
model created from them also performs better than the one created from the same utterances
without trimming.

Ultimately, the concepts of the data collection system and Data Collection Toolkit have shown to
be useful and versatile for creating speech corpora from DVDS of movies and TV series. Not
only take less time for tedious task, it also is free given that the DVDs are already obtained. The
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speech corpora obtained from this system can be used for any research and development in
speech recognition and any other research that required speech utterances and/or transcriptions.

FUTURE WORK

Using SAPI for performing a force alignment is simple and efficient due being part of .NET
framework. However, it contains certain parameters that cannot be controlled by a user, being
Microsoft’s proprietary technology, such as selecting a language model or set the threshold used
for determining whether the utterances are successfully force aligned or not. Hence the accuracy
and recognition rate of the force alignment process cannot be improved any further.

The solution to this issue is to develop an alternative speech recognition engine to perform this
task instead. The CMU Sphinx also has an ability to do force alignment. However, it will require
significant amount of time and extensive knowledge in programming to develop a module that
can integrate it into Data Collection Toolkit partially since CMU Sphinx Toolkit is developed in
C (SphinxTrain, Sphinx 2 & 3, PocketSphinx) and JAVA (Sphinx 4).

However, given enough time and manpower to rewrite the entire Data Collection Toolkit in
JAVA, then it may be possible to switch SAPI Force Alignment with CMU Sphinx 4. In that
case, then the toolkit will be able to run on multiple platforms, which will make this tool to be
more versatile and broaden the scope of the users and developers who are interested in
generating speech corpus from DVDs of movies and TV series.

Once the Data Collection Toolkit is rewritten into JAVA, then it will be easily to portable into
the Linux environment. Hence, it is possible to integrate the RelEx into the toolkit and create a
more robust way to handle the language analysis. This optional part of the data collection system
is used for prosodic analysis.

The data collection system can be expanded further by adding video data collection. This could
be useful for the study that requires feature extraction from image sequences such as training a
model that can perform gesture recognition and any pattern recognition tasks relating to image
data.
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Appendix A: CMU Sphinx Installtion Tutorial

This appendix section describes the steps required for installing and running CMU Sphinx’s
Pocketsphinx and SphinxTrain toolkits to create a training model based on the online CMU
Sphinx online wiki under “Training Acoustic Model for CMU Sphinx” section (CMU Sphinx,
2010). Note that this installation guide aims for running the Sphinx under a Linux Ubuntu
environment.

Log into Ubuntu.

Go to the website http://CMU Sphinx.sourceforge.net/wiki/download/.

Download the following releases: Sphinxbase, Pocketsphinx, and Sphinxtrain.

Go to the website http://www.speech.cs.cmu.edu/databases/an4/ .

Download the following audio data: NIST’s Sphere audio (.sph) format (64 M).

Create a folder “tutorial” on a known location in Ubuntu (i.e. on the desktop). This is a root

folder for the project.

Extract sphinxbase, pocketsphinx, and sphinxtrain compressed files into /tutorial/ folder.

8. Rename of the sub folders from step 7 by removing the version tag. For example, rename
sphinxbase-0.6.1 to sphinxbase.

9. Extract AN4 data base file and rename the folder to /AN4/ under /tutorial/ folder.

10. The project structure should be as in

11.
12.

ocoukrwhE

~

13. Figure Aafter steps 1 to 9 have been followed.

Figure A. Project Structure for CMU Sphinx Tutorial.

ftutorial
[sphinxbase
/pocketsphinx
[sphinxtrain
/AN4

14. Go inside /tutorial/sphinxbase folder.

15. Run sudo ./configure; make; make install. This will configure the installation and install
sphinxbase.

16. Get out of sphinxbase folder.

17. Repeat step 11 to 13, but go into folder pocketsphinx and sphinxtrain instead.

18. Go to folder /tutorial/AN4 folder.

19. Enter sudo /tutorial/sphinxtrain/scripts_pl/setup_SphinxTrain.pl —task AN4 to setup the
sphinxtrain scripts for AN4 database.
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20. Enter sudo /tutorial/pocketsphinx/scripts/setup_sphinx.pl —task AN4 to setup the
pocketsphinx scripts for AN4 database.
21. Inside folder /tutorial/AN4/ should have the contents as in Figure A-1.

Figure A-1: Contents Inside /tutorial/AN4 Folder.

[tutorial
/AN4

/bin
/bwaccumdir
letc
[feat
/logdir
/model_parameters
/model_architecture
/python
Iscripts_pl
/wav
LICENSE
README

22. If the files inside etc folder are created under Windows platform, they will need to have /r
carriage removed before the further processes can be done. Ubuntu is capable to run a script
asin

23. Figure A-2 to perform a batch removal of the /r carriage return.

Figure A-2: Ubuntu script for removing /r carriage from /etc folder.

for fin etc/*; do tr -d '\r' < $f > $f.new; mv $f.new $f; done

24. While still inside the folder /AN4/ enter the following command lines to start the training
from sphinxtrain:
JIscripts_pl/make_feats —ctl etc/an4_train.fileids
Jscripts_pl/make_feats —ctl etc/an4 _test.fileids
JIscripts_pl/RunAll.pl

25. Waiting until SphinxTrain to finish generating features and training an acoustic model.
26. Measure the accuracy by running the following scripts:

Jscripts_pl/decode/slave.pl

27.To use this trained acoustic model, run PocketSphinx with following parameter:
pocketsphinx_continuous -hmm <your_new_model_folder> -Im your_Im -dict your_dict.

Appendix B: PERL SCRIPT FOR FIXING TRANSCRIPT
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It is likely that some transcripts that come from the subtitle may require some preprocessing
before they can be used for acoustic model training. Fixing just one transcript file can be done
simply using text editor software. However, fixing a large number of transcript files can be a
rigorous task. This Perl script is designed to help a user to add, edit, or delete transcript from a
file.

Figure B: Perl code for transcription editing Part 1.

# Beginning of the Code
# -*-Perl-*-

#Maintained by Pattarapong Rojanasthien
#Modified from Dr. Képuska's createTrans.pl
#Last Revision: 10/19/2010

use File::Basename;
$line = join" ", @AGRV;

#Verify if a script is being used with proper arguments.

if ( @ARGV < 1) {
print STDERR "Usage: $0 Transcript newTranscript\n;
print "[$#ARGV] $line\n";
exit;

}

#Specify the file
Sinput_file = shift;
Soutput_file = shift;

#Open the file and read data - Die with grace if it fails
open (FILE, "<$input_file") or die "Can't open $file: $'\n";

@lines = <FILE>;
close FILE;

Figure B: Perl code for transcript editing part 2.
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for (@lines) {
#set what to change below in format:
# s/original_string/new_string/g
#remove "."
si\./g;
#remove "!1"
s\l/lg;
#remove "-"
si\-/lg;
#remove "/r" carriage
siVir/lg;
print;
}

#Finish up

close STDOUT;

print(stderr"\n \n");
printf(stderr”Input: %s.\n",$input_file);
printf(stderr"Output: %s.\n" $output_file);
print(stderr"Transcript has been processed\n™);
print(stderr"” \n");

exit;

#Walk through lines, make changes in each transcript

open (STDOUT, ">$output_file") or die "Can't open $file: $1\n";

# End of the Code

APPENDIX C: BACKGROUND OF TIMIT CORPUS

Texas Instruments and Massachusetts Institute of Technology (TIMIT) corpus of read speech
provides a set of speech data. It is intended to be used for acoustic research, development, and
evaluation of an automatic speech recognition system. TIMIT corpus consists of recording
sounds from 630 speakers in eight American English dialects as shown on Table C, each reading

ten phonetically rich sentences (Garofolo, et al., 1993).

Table C: Statistics of speakers in TIMIT corpus categorize by dialect regions.

Dialect Region - #Male #Female Total
ID Region
DR1 New England 31 18 49
DR2 Northern 71 31 102
DR3 North Midland 79 23 102
DR4 South Midland 69 31 100
DR5 Southern 62 36 98
DR6 New York City 30 16 46
DR7 Western 74 26 100
DR8 Army Brat 22 11 33
Total 438 192 63
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TIMIT corpus is organized in a structure as shown in Figure C. It contains two different data
sets: training and testing. Each data set contains sub folders, which categorize the utterances by
dialects. Each utterance contains the following files:

e mfc file is Mel-Cepstral Frequency Coefficient, normally used for acoustic model
training.

e PHN and PHN_SP files are the list of phones and their time markers.

e TXT file contains the time markers for a whole sentence.

e WAV is a wave file of an utterance. Note that this wave file is stored in mono 16-bit
16 KHz NIST format. In order to use it on standard media players, this file will need
to be converted into Microsoft WAVE format first.

e WRD file contains words and their time markers.

Figure C: Folder structure of TIMIT corpus.

\TIMIT\
\TRAIN\
\DR1\
SAl.mfc
SAl.PHN
SA1.PHN SP
SA1l.TXT
SA1l.WAV
SA1.WRD
\DR2\
\DR8\
\TEST\
\DR1\
\DR2\
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