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Abstract:- This paper described the process of creating
and testing the offline Khmer speech recognition system.
This system was created using CMUSphinx with the
noise reduction of training audio database, including 85
speakers and 157 words selected from the Khmer
language. To evaluate the speech recognition accuracy,
there were 100 Khmer transcripts randomly created
from the training dictionary for calculating the word and
sentence error rate. The recognition accuracy of Khmer
speech recognition can achieve up to 89.91% of word
recognition accuracy and 90.02% of sentence recognition
accuracy.
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I INTRODUCTION

With the advancement in modern-day technology, the
requirement of data downloading and sharing between
devices is available in terms of wired and wireless
technologies. Along with the evolution of Industrial 4.0, we
have noticed a significant change in the electronics device's
ability to learn and understand the working process based on
artificial intelligence. This lead to a part in which the
communication between humans and machines can
accomplish using voice command through the help of speech
recognition technology. Automatic speech recognition is a
branch of audio processing and machine learning technology
that could transform the input signal from input devices such
as microphones to human-readable formats [13].

In 1971, Allen Newell as the leading researcher
conducted the case research on speech recognition. The
speech recognition systems come with the problems such as
Acoustic, Parametric, Phonemic, Lexical, Sentences, and
Semantic. Later on, a research team from Carnegie Mellon
University in 1976 leading by Mr.Reddy continuing the
research and got the result as speech recognition system
including Hearsay, Dragon, Harpy, and Sphinx I/Il. For the
last 40 years, speech recognition has been using the same
method in modeling to find Global Optimization. In the
report of making speech recognition model, Hidden Markov
Model was used to analyze the model and use Nested Block
for computation. Nowadays, speech recognition model tools
have been available as open-source software such as HTK,
Sphinx, Kaldi, CMU LM Toolkit, and SRILM [1].
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CMUSphinx toolkit had the advantage of the efficient
algorithms for speech recognition with low-resource devices
with the flexible design, which is suitable for creating
flexible and high accuracy for Khmer automatic speech
recognition system. The main objective of this research is to
develop an offline Khmer speech recognition system that
could convert Khmer speech into readable text. The trained
Khmer speech recognition system could run on the personal
computer and embedded system for low power computing.

1. BASIC THEORY

Automatic Speech Recognition

Automatic Speech Recognition (ASR) is the process of
converting a speech signal to a sequence of words through an
algorithm implemented as a computer program [2]. The ASR
is a technology that enables computing devices to convert
human spoken words into computer-readable text via
microphone or telephone input [6]. As shown in Figure. 1 the
task of capturing an acoustic signal by using a microphone or
another recording device and then transforming the audio
signal to readable text. Building a new and robust ASR
system for a new language is a task that required a lot of
time, resources and effort [4]. Carnegie Mellon University
(CMU) Sphinx speech recognition toolkit is freely available
as open-source and currently is one of the most robust speech
recognizers in English [5].

/ Speech Utterance /

Feature Analysis

Unit Matching System

Post Processor

/ Word Sequence /

Fig. 1: Structure of automatic speech recognition [6]
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Structure of Speech

Speech is a continuous stream of sound with stable
states mixed with dynamically changed. The phone is a
sequence of states, defined as the classes of sounds and the
core of building a word, the acoustic properties of a
waveform in each word corresponding to a phone. These
conditions had a significant difference depending on many
factors such as phone context, speaker, style of speech, and
so forth [7].

Speech Recognition Models

Acoustic Model: contains acoustic properties of each
Senone, the statistical representation of sounds make up a
word, which called phoneme.

Phonetic Dictionary: contains the mapping connection of
words to phones. Due to only two or three different
variants are available for each word, this method is not
the most effective but having good practical results.
Some other methods are also available for mapping
words to phones with complex functional learned with a
machine learning algorithm can also be used.

Language Model: restricting the word searching process, the
new word got determined from the previously recognized
words. An n-gram is a commonly used language model,
which contains statistics of word sequences and finite-
state [7].

Hidden Markov Model

Hidden Markov Models (HMMs) is a statistical
Markov model that provides a simple and effective
framework for modeling time-varying spectral vector
sequences such as speech waveform. Consequently, most
present-day large vocabulary continuous speech recognition
(LVCSR) systems based on HMMs. Figure. 2 shows the
architecture of HMMs speech waveform from the audio
source got converted into a sequence of fixed-size acoustic
vectors called feature extraction. The decoder later generate
the word sequences, which generated the feature vector.

Feature
Speech Vectors Words
M HUHH "Stop that."

Feature ——®  Decoder —P>

Extraction Y

w

Acoustic | | Pronunciation | | Language
Models Dictionary Model

Fig. 2: The HMM-based recognizer’s architecture [8]

Feature Extraction: The feature extraction stage provides a
small representation of the speech waveform by dividing the
features from the dataset into smaller informative feature
categories. This form minimizes the loss of information that
specifies between words and provide a good match with the
distributional assumptions made by the acoustic models [8].
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Gaussian Mixture Model

The commonly used extension to the standard HMMs
is to model the state-output distribution as a mixture model.
Figure. 2 described a single multivariate Gaussian
distribution used for modeling the state-output distribution
of HMMs. This model assumed that the observed feature
vectors are symmetric and unimodal. In practice, speaker,
accent, and gender differences would create multiple modes
in the data. To solve this problem, the Gaussian mixture
model would replace the Gaussian state-output distribution
that gives the flexible distributional to the model in
asymmetric and multi-modal distributed data [8].

CMUSphinx Toolkit

Figure. 3 described the two main parts of the
CMUSphinx automatic speech recognition system. These
system blocks included the Model Generation and
Recognition block. Model generation block is the part where
the acoustic model is generated using the Sphinx training
tool from the training database for later use in speech
recognition. The recognition block required the acoustic
model and the language model for the recognition process

[

Training Speech Training Speech CMU LM
g Files Transcription Toolkit
=
g ¢ ¢ v
= Feature ) Sphinx Training Acoustic Language
é Extraction Tools Models Models
° x
E
2 Phone List,

Filler Dictionary,

Dictionary
= Testing Filler dic,
_g Speech File Dictionary
En ‘ A
3 Feature Speech Decoder Output Text
é Pre-processing —| Exiraction —» (sphinx3or for
pocket sphinx) Testing Speech File

Fig. 3: Block diagram of ASR including model generation
and recognition [9]

CMUSphinx is a group of open-source software
developed by Carnegie Mellon University and a collection
of 20 years of CMU research, including speech recognizer
and acoustic model trainer such as:

SphinxTrain: is a set of software used for training script and
acoustic models for creating speech recognition model
for any language with sufficient acoustic data that can
run with CMUSphinx speech recognizer.

Sphinx: is a speech recognizer that can run continuously
without depending on the specific speaker that converts
speech into readable text using a trained acoustic model
created by SphinxTrain based on Hidden Markov
Acoustic Model and Gaussian Mixture Model.

PocketSphinx: is a smaller version of Sphinx designed for
running on low resource platforms, especially the
embedded system that is based on the ARM processor
including features such as Fixed-point Arithmetic with
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the algorithm which able to compute Gaussian Mixture
Model.

11. EXPERIMENTAL METHODS

The Training Database Preparation

In the process of creating the Khmer acoustic model,
157 words in the Khmer language were chosen as corpus
that the phoneme based on the English phoneme
pronunciation [10]. In this step, 49 phonemes are used as the
base of the Khmer word's pronunciation. To collect training
data, there are 85 individual speakers recorded with noise-
canceling microphones. The duration of each spoken word is
1.5s in a total of 13345 audio files and 5.56 hours of total
recording time.

Table | summarize the specifically required audio file
format by the CMUSphinx acoustic model toolkit. The
SphinxTrain will start the training process throughout the
parameters of the sound unit from the sample of speech
signal for the model called the training database, which
contains information required to extract statistics from the
speech in the form of the acoustic model [11].

TABLE I. REQUIRED AUDIO FORMAT FOR TRAINING
DATABASE RECORDING

Audio Parameter Value
Format WAV
Sampling Rate 16kHz
Bitrate 16bit

Encoding Little Endian
Channel Mono

Training The Khmer Acoustic Model

In the training process, a training database is required.
In this process of training the Khmer acoustic model, the
database is the representation of the speech from the mobile
recording channel with a variety of recording conditions.
The database has to be split into two parts, the training part,
and the testing part. The testing part should be 1/10th of the
total data size and suggested not to be more than 4 hours of
the recording test data [11]. The database prompts with post-
processing will include the files with the structure of the
database as follow:
Phonetic Dictionary: contained the phonetic transcription of
each transcript in the dictionary file, which let the decoder,
knows how to pronounce each word.

Table Il described a briefing process covering on
Khmer transcripts are converted into Unicode transcripts
which contained the resemble phonetic to the Khmer
transcript

TABLE II. PHONETIC TRANSCRIPTION
Khmer Transcript Unicode Transcript Phonetic Transcription
wises BRATES BROTESS

HHmM KAMPOUCHEA K AEM PAW CH IY AH

B{NUAg CHOMREABSUOR CHAAMRIY B'S UW W AH R
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Phoneset: contained the list of Phoneset that matched the
phones used in the training dictionary file and including the
SIL for silence utterance.

Table 111 listed all the phone sets used in training
Khmer acoustic model.

PHONEME USED IN TRAINING THE ACOUSTIC
MODEL

A AA AE AH Al AO | AW
AY B CH D E EA EI
EH ER EY F G H HH

I IE IH Y J K L

M N NG 0 OH | OR | OU
ow | OY P R S SS T
TH 8] Uw v W Y Z

TABLE III.

Fillers Dictionary: contained the phones that are not
linguistic sound included by the language model such as
breath, hmm, uh, um, cough, or laugh:

<s>SIL

</s>SIL

<sil> SIL

Fileids: are files contained text while listed all the names of
recorded utterance:

speakerl/SUOSDEI_1

speaker2/SUOSDEI 2

speaker85/SUOSDEI_85

Transcription: are files contained text listed the transcription
for each audio file

<s> SUOSDEI </s> (speakerl/SUOSDEI_1)

<s> SUOSDEI </s> (speaker2/SUOSDEI_2)

<s> SUOSDEI </s> (speaker85/SUOSDEI_85)

Recording of speech utterance: is the audio file contained in
the training database that matched the speech of the word
that would be recognized in the speech recognition process.
In case of a mismatch, the transcript and the audio data will
cause a significant drop in the recognition accuracy [11].

Training Results

During the training process, the decoder computes the
acoustic model with the test part of the training database and
the reference transcripts to calculate the Word Error Rate
(WER) and Sentence Error Rate (SER) of the model.

Table IV shows the results of WER and SER of Khmer
acoustic model determined by the decoder
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TABLEIV.  WER AND SER OF THE ACOUSTIC MODEL
TRAINING RESULT
Error Rate Evaluation Error | Corpus
SENTENCE ERROR RATE | 10.0% | (1329/13345)
WORD ERROR RATE 10.1% | (1346/13345)

The decoder proceeded with the calculation and
generated the acoustic model's description for the acoustic
model in the .align file. Table V shows the percentage
correctness of the acoustic model along with error and total
recognition accuracy.

THE DECODER CALCULATAION OF ACCURACY
Percentage correct | Error Accuracy

90.12% 10.09% | 89.19%

TABLE V.

V. EXPERIMENT RESULTS

Testing Methods

To determine the speech recognition accuracy through
live speech, the calculation of WER could be calculated
using the Equation 1.

WER = % )

The accuracy value can be calculated in Equation 2 for
estimating the performance of the decoder.

Accuracy = N_TD_S )

Where:

e Insertions (1): are the incorrectly inserted words in the
recognized transcript.

e Deletions (D): are the undetected words in the
recognized transcription.

e Substitutions (S): the substituted words between
reference and recognized transcript.

e Number of words (N): the numbers of counted words in a
transcription.

Figure. 4 describes the process of evaluating the
Khmer speech recognition accuracy that can be done by
randomly created 100 transcripts using the word list from
the training dictionary file. Each transcript was tested three
times with different testing conditions to get the I, D, S
parameters for later calculation for WER. Using WER from
each sentence, the recognition accuracy can be determined.
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Fig. 4: Process of evaluating Khmer speech recognition
accuracy

Figure. 5 shows the live speech recognition is operated
by running the PocketSphinx with the Khmer acoustic
model on a personal computer. The later process is
comparing the recognition result with the written transcripts
to get the I, D, S parameters for further estimating the
recognition accuracy. “SUOSDEI BRATES
KAMPOUCHEA” is the output text converted from a
speech by the decoder.

[} ~ pocketsphins_co — Konsole
Fle Edt Vew Bookmarks Settings Help

: ngram_search_fwdtree.c(1553): 53248 channels searched (212/fr), 20715 1st, 4885 las”

: ngram_search_fwdtree.c(1557): 4885 words for which last channels evaluated (19/fr)
: ngram_search_fwdtree.c(1560): 3985 candidate words for entering last phone (15/fr)
: ngram_search_fwdtree.c(1562): fwdtree 0.20 CPU 0.080 XRT

: ngram_search_fwdtree.c(1565): fwdtree 2.65 wall 1.056 xRT

: ngram_search_fwdflat.c(302): Utterance vocabulary contains 100 words

: ngram_search_fwdflat.c(947): 2383 words recognized (9/fr)

: ngram_search_fwdflat.c(949): 19731 senones evaluated (79/fr)

: ngram_search_fwdflat.c(951): 35320 channels searched (140/fr)

: ngram_search_fwdflat.c(953): 11509 words searched (45/fr)

: ngram_search_fwdflat.c(955): 7339 word transitions (29/fr)

: ngram_search_fwdflat.c(958): fwdflat 0.07 CPU 0.028 xRT

: ngram_search_fwdflat.c(961): fwdflat 0.07 wall 0.028 xRT

: ngram_search.c(1248): lattice start node <s>.0 end node </s>.247

: ngram_search.c(1276): Eliminated 1 nodes before end node

: ngram_search.c(1381): Lattice has 276 nodes, 1864 links

: ps_lattice.c(1376): Bestpath score: -10361

: ps_lattice.c(1377): Normalizer P(0) = alpha(</s>:247:249) = -622531

: ps_lattice.c(1437): Joint P(0,S) = -654501 P(S|0) = -31970
+ ngram_search.c(870): bestpath ©.00 CPU 0.001 xRT
: ngram_search.c(873): bestpath 0.00 wall 0.001 xRT

SUOSDET BRATES KAMPOUCHEA

INFO: continuous.c(275): Ready....

Fig. 5: Live speech transcript testing

Table VI describes a briefing process about analysis
with the written transcript to the live speech recognized
words. The result of the WER value are calculated and
determined the recognition accuracy of each transcript.
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BRIEFING TASK OF WORD ERROR RATE
CALCULATION

TABLE VI.

Khmer Transcript | Unicode Transcript |Speech Recognition 1 D |S N WER Accuracy

£ SUOSDEI BRATES | SUOSDEI BRATES

RIRING ﬁiﬁg KAMPOUCHEA | KAMPOUCHEA

010103 0.00 100.00

mﬁﬂ%ﬁi PHEASAKHMER ' PHEASAKHMER 0 [0 [0 {2 10.00 |100.00

o KHNHOM MOK PI KHNHOM MOK
SRAUISAYM BRATES PEAK BRATES 0 0 1 |5 2000 80.00
KAMPOUCHEA ~ KAMPOUCHEA

Figure. 6 shows the difference between each Khmer
acoustic model sentence recognition accuracy through each
different version. There are four different versions of the
Khmer acoustic model created using a noise-canceling
training database. Each version went through the training
process with different database sizes and optimization
parameters.

100

80
-
g

§ 60
<

40

—&— Sentence recognition accuracy

Ver 1.0 Ver 3.0 Ver 5.0 Ver 5.1
Speech recognition version

Fig. 6: Khmer speech recognition sentence recognition
accuracy

Figure. 7 shows the difference between each Khmer
acoustic model word recognition accuracy. Noticeably the
word recognition accuracy of the acoustic model is slightly
lower than the sentence recognition accuracy shown in
Table IV due to higher corpus error in the acoustic model
training process.

100

80
-~
g 60
=
(8]
Q
<

40

—e— Word recognition accuracy

Ver 1.0 Ver 3.0 Ver 5.0 Ver 5.1
Speech recognition version
Fig. 7: Khmer speech recognition word recognition accuracy
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V. CONCLUSION

In conclusion, using the noise reduction audio database
as the recognition accuracy improvement method, the
Khmer automatic speech recognition can convert the speech
audio into words sequence from live speech and digital
audio files with a total recognition accuracy of up to
90.12%. Due to the low system resource requirement to run
on a platform through the CMUSphinx toolkit, the Khmer
ASR is also suitable for embedded systems with better
performance and recognition accuracy [12].

VI. ABBREVIATION AND ACRONYMS

ASR — Automatic Speech Recognition
CMU — Carnegie Mellon University
GMM - Gaussian Mixture Model
HMM — Hidden Markov Model
LVCSR - Large Vocabulary Continuous Speech
Recognition

PDF — Probability Density Function
PMF — Probability Mass Function
SER - Sentence Error Rate

SIL - Silence

WER - Word Error Rate
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