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Abstract: This enables the chip to regulate the voice recognition function of the gadget, leading to a
more natural and human-like process. Integrating this technique into the English language voice
recognition system can greatly improve its precision in identifying the speech of a particular person.
This research seeks to investigate and create an automatic error detection technique for an
embedded speech instruction recognition system for English using artificial intelligence. The study
commences with a conventional introduction to artificial intelligence, thereafter delving into a
comprehensive investigation of the speech recognition algorithm. The MATLAB programme is used
to determine the accurate number of words recognised by the system and its accuracy rate. The
embedded teaching recognition system for English is then tested in different contexts to assess its
performance. Several tests are performed to compare and analyse the results, which indicate that
the integrated English voice recognition system achieves an accuracy rate of over 90% and has a low
error rate in a calm environment. In a bustling environment with numerous auditory stimuli, the
accurate recognition rate typically exceeds 60%.

Keywords: teaching system; error detection; Automated detectors; Online Learning; Spoken
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1. Introduction

Due to rapid advancements in computer and artificial intelligence technologies, the use of
intelligent mechanical equipment is increasing. Voice recognition control is a crucial intelligent
control approach as it directly impacts the intelligence of mechanical equipment. The advancement
of artificial intelligence has contributed to the progress of English phonetic education in China.
Consequently, the English education sector is actively adopting the integrated English pronunciation
teaching system to enhance the quality and standard of teaching. This system is well-suited for
application in the field of intelligent control due to its exceptional skills in English pronunciation
recognition and control.

Although there is a growing interest in artificial intelligence and its application in English
teaching, there has been minimal research on the automatic error detection method for speech
recognition systems used in teaching embedded English. This work seeks to address this deficiency
by investigating and developing an automated detection approach for identifying faults in the
recognition of this system. This research holds importance in both theoretical and practical contexts.

1.1. Previous Works

Prior investigations on the subject have produced intriguing discoveries. Misirov stated that
artificial intelligence has influenced English pronunciation teaching, whereas Vong and Kaewurai
recommended a cognitive approach to teaching that improves critical thinking skills. Yin focused on
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studying the embedded grammar-assisted teaching strategy, which was found to be effective in
teaching English to senior high school students. Gashaw performed acoustic analysis on speech
recordings and discovered that native Amharic samples necessitated extended pronunciation
durations. Chika's research emphasised the significance of employing various indicators for
systematic phonetic assessment, whereas Thompson discovered that engaging in English
conversations can enhance pronunciation.

1.2. New Method

Nevertheless, this work presents a novel approach by implementing the integrated English
pronunciation teaching system into English education research within the domain of artificial
intelligence. The primary focus is on the research and development of an embedded English speech
teaching recognition system's automatic mistake detection approach. Multiple sets of comparative
tests are conducted using MATLAB software to assess the voice recognition and processing
capabilities of intelligent mechanical devices. This work has the capacity to offer useful insights into

technology related to artificial intelligence.

2. Related Work

One of the primary techniques employed for identifying faults in English language was rule-
based. This strategy involves using a pre-established set of well designed criteria to identify errors in
written text. An example of this is the method developed by Kim and Attardi (2007), which utilised
rules to detect errors in subject-verb agreement, word morphology, and verb tense. Although rule-
based techniques can effectively identify defects in specific areas, they need significant manual effort
for their development and maintenance.

Modern techniques for detecting errors in English utilise statistical models to automatically
identify problems in text. Usually, these approaches rely on large volumes of labelled data to train
machine learning models for identifying errors. The CoNLL-2014 shared task on grammatical error
correction, as outlined by Ng et al. (2014), employed a dataset of English essays to train machine
learning models with the aim of identifying errors in spelling, grammar, and punctuation. Further
studies by Chollampatt and Ng (2018) and Junczys-Dowmunt et al. (2018) have examined the use of
neural network models in detecting errors in English.

Multiple research have investigated hybrid approaches to mistake detection in English, which
entail the combination of rule-based and statistical methodologies. An example of this is the method
developed by Rozovskaya and Roth (2010), which utilised rules to detect errors in punctuation and
capitalization, along with a statistical model to find flaws in word choice and verb tense.

Traditionally, error detection methods in English have evolved from rule-based approaches to
including statistical and hybrid methodologies. Statistical approaches have shown promise in
automatically identifying errors in text, but they require large annotated datasets for training the
models. Integrating rule-based and statistical methods in hybrid approaches may provide a more
efficient option for identifying English errors in natural language processing (NLP). However,
additional research is required to examine the benefits and drawbacks of these approaches and to
create error detection systems that are more precise and effective.

3. Theory

Al or Artificial Intelligence, is the application of computer systems to replicate human brain
functions, including reasoning, identifying, planning, learning, understanding, thinking, and
problem-solving. Previously limited to humans, these capabilities are now attainable by Al, which
can simulate human brain activity using acquired knowledge. Indeed, artificial intelligence has the
potential to exceed human intelligence in certain activities. The advent of AI has disrupted
conventional notions and expedited the advancement of human understanding and learning.

Emerging technologies have consistently played a significant role in driving educational reform
within the field of education. Artificial intelligence is not an exception. It has enhanced the
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convenience and efficiency of teaching, while also fostering equity, accessibility, and democratisation
in education. Teaching software that utilises artificial intelligence has the ability to perceive, listen,
communicate, learn, understand, and even replicate human emotions. This enables users to connect
with computers in a natural and seamless manner using different communication modalities.
Therefore, it is expected that Al will have a substantial influence on administration, teaching
methods, and educational philosophy. Artificial intelligence is considered one of the three major
scientific and technological advancements of the 20th century, alongside space and atomic energy
technology.

4. Automated Error Detection Method for English Embedded Teaching recognition System

By referring to relevant literature [9], one can acquire the mathematical model of the method
and the corresponding mathematical model of the speech recognition algorithm. Figure 1 depicts the
structure of the system, where the sound frequency is sent via the impulse mode together with noise.
The model must address the output problem in the communication channel to ensure the successful
conversion of the speech signal.
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Figure 1. The construction of the voice recognition algorithm is based on a mathematical model.

Ay = R[Y(E)] + VABU[A(E - &)],

Ly = R[Y*(B)] - 3R%[y* (E)]N.

4.1. Two-Stage Recognition Algorithm

Using a single-word template is unsuitable for an embedded English speech recognition system
since it is sensitive, causing longer detection time and increased space usage as the number of
candidate words grows, resulting in longer waiting times. Consequently, it is hardly utilised. In
contrast, the Monophony model offers greater convenience, consumes less physical space, and
exhibits superior reading efficiency. However, its descriptions of pronunciation lack precision,
resulting in a lower rate of identification. Regarding pronunciation performance, the Triphone and
Syllable models exhibit higher accuracy. However, because to their several models and states, they
are slower and require more storage space.

This study utilises a two-stage search technique to specifically tackle the problems related to
space occupancy and reading speed. In the initial stage, a model and static recognition network are
employed to generate several potential word entries. In the subsequent stage, another recognition
network is constructed using the multiple candidate entries obtained from the previous stage. In
order to acquire accurate reading and obtain the final recognition result, an additional model is
employed. The quantity of entries processed during the second stage is comparatively limited,
resulting in an accelerated reading velocity. Furthermore, the memory usage of the identification
system is reduced as the second-stage reading can utilise the same space resources as the first stage.
The fundamental procedure of this programme is illustrated in Figure 2.
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Figure 2. Basic framework of a two-level search algorithm.

4.2. System Hardware Part Design

The hardware components of the embedded English speech recognition control system can be
identified by studying the relevant literature provided in Figure 3. The literature also indicates that
the central processing unit (CPU) of the system employs a highly efficient microchip for data
processing. The chip's architecture is specifically built with an instruction set that improves the
execution of dispatched instructions and enhances the overall performance of the chip. The enhanced
efficiency and performance of the chip in executing instructions and conducting operations make it
highly versatile in multiple sectors.
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Figure 3. System hardware part structure.

4.3. Principle of Embedded Speech RecognitionTechnology

Previous research has identified four ways for embedded voice recognition: vocal tract
modelling, speech knowledge-based approach, pattern matching, and statistical model and artificial
neural network-based approach [14]. Pattern matching has four primary stages: feature extraction,
template training, template classification, and decision-making. Figure 4 depicts a schematic
representation of the pattern matching methodology.

Figure 4 illustrates the conversion of the speech signal into a signal flow that passes via a radio
facility and is then combined with the input of the recognition system. Once the preprocessing stage
is over, the speech signal's features are retrieved, and a necessary model is built on top of it, referred
to as the instruction procedure [15]. The most suitable embedded speech recognition model for read
speech is determined by employing a search and matching technique that compares the attributes of
the prepared speech template with those of the read speech signal. The identification process
encompasses the complete procedure of aligning the recently obtained characteristics with the
established template. Ultimately, the computer acknowledges and understands the spoken words by
means of this specific format.
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Figure 4. Principle of pattern matching in speech recognitionsystem.
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5. Results and Discussion

We performed a simulation test using MATLAB software to assess the sensitivity and error
automatic checking function of the embedded English recognition system, according to the specific
requirements. The objective was to assess the system's efficacy in precisely identifying English speech
for educational purposes. This study comprises two studies, with the initial experiment assessing the
precision of speech recognition errors. The results of our thirty tests on six speeches are shown in
Table 1. The initial experiment's findings demonstrate that the embedded speech recognition system
consistently obtained a recognition rate of 80%, thereby satisfying the design specifications of the
intelligent recognition system. In addition, each word was accurately identified more than 25 times
during the thirty tests, showcasing the system's outstanding performance with a minimal rate of
errors. This makes it well-suited for doing research on English phonetic instruction.

Table 1. First experiment accuracy test results.

Correct

Identification of statement recognitiontimes Accuracy(%)

Happy 26 84
Cry 25 87
Yes 26 84
Fly 27 94
Dog 30 95
Like 24 82

The experiment may lack sufficient rigor, as the second simulation experiment was conducted
using MATLAB software, and the results are presented in Table 2.

Table 2. Second experiment accuracy test results.

Correct Accuracy(%)
Identification of statement recognitiontimes
Happy 27 87
Cry 26 84
Yes 25 87
Fly 27 94
Dog 26 84
Like 28 91

It is evident that the difference between the results ofthe first and second experiments is minor,
with the overall word accuracy being greater than 80%. This verifies the scientific rigor of both trials
and amply proves the viability of the embedded English voice recognition system.

5.1. Test of Embedded English Speech Recognition System in Different Environments

Two experiments were conducted, one in a calm environment and the other in a noisy one, to
assess the impact of varied settings on the deviation value of the integrated English recognition
system. A total of thirty tests were conducted on the identical set of six words in order to guarantee
the scientific precision and genuineness of the experiment. Both tests utilised the MatLab software.
Figure 5 displays the findings from the initial experiment.


https://doi.org/10.20944/preprints202404.0611.v1

Preprints.org (www.preprints.org) | NOT PEER-REVIEWED | Posted: 9 April 2024 d0i:10.20944/preprints202404.0611.v1

== 100

o | -
B 2 = 80 ‘
=R S
3 =} ‘

|

yes ly dog  like
WORD

yes
WORD happy ey

[ Number of quiet environment recognition

Identification times of noisy environment

(a)

Figure 5. The first accuracy test results in different environments. (a) Number of correct word
recognition, (b) word recognitionaccuracy.

Figure 5 shows that the English speech instruction recognition system, when integrated,
achieves a word identification accuracy rate of over 80% in a quiet environment. Nevertheless, in a
cacophonous setting, the system's ability to accurately recognise words diminishes, yet it still
maintains a rate of accuracy that exceeds 66%. These findings suggest that the error rate of the
embedded English teaching recognition system might be influenced by the surrounding
environmental conditions. However, the precision of the recognition system remains astonishingly
high, and additional refinement and investigation could potentially decrease its mistake rate even
lower.

In order to enhance the intricacy and variety, the previous experiment conducted in a noisy
environment was replicated by incorporating a distinct noise element. The experiment employed
both the two-stage detection strategy and the fixed energy threshold method, and the results are

presented in Table 3.

Table 3. Test accuracy rate of fixed threshold method and two-enddetection method.

Test voice Correct recognitiontimes Accuracy(%)
Originalvoice 92.76 93.25
Add car noise(15 dB) 88.74 89.77
Add car noise(10 dB) 67.98 7479
Add white noise(15 dB) 86.68 88.68
Add white noise(10 dB) 63.55 75 35
Add sound of people talking
(15dB) 87.66 89.55
Add soundof people talking

78. 79.24
(10 dB) 8.35 9

The findings presented in Table 3 demonstrate that the two-stage detection method outperforms
the endpoint detection method using a fixed energy threshold, regardless of whether the
environment is silent or contains several noise components. The implementation of the two-stage
detection technique results in a significantly higher rate of identification [19]. The two-stage detection
technology is highly accurate and scientific, making it well-suited for similar studies.

6. Conclusion and Future Scope

Varying environmental conditions affect the accuracy of the embedded English speech
instruction recognition system. The system demonstrates optimal performance in both word
recognition tests and sentence recognition tests when operating in a noise-free environment.
Nevertheless, when there is noise, the accuracy of recognition fluctuates based on the specific type
and intensity of the noise. In general, the system's accuracy in identifying objects is significantly
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reduced in loud environments compared to calm ones, however there are exceptions to this pattern.
As artificial intelligence technology continues to evolve, future improvements to the embedded
English spoken instruction recognition system may lead to enhanced performance in detecting errors.
The English voice recognition system has exceptional accuracy. However, the presence of noise-
related elements can result in a reduced identification rate compared to a calm context. In order to
evaluate the impact on the system's performance, it is essential to consider both the specific type of
noise and the corresponding decibel level.

In summary, the study emphasises the capacity of integrated English speech teaching
recognition systems to enhance language education and offer immediate feedback to learners. With
continued progress in artificial intelligence and voice recognition technology, it is feasible to enhance

the performance of these systems in various settings.
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