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Abstract: This paper presents a novel approach for evaluating the pronunciation quality of
English speech using continuous speech recognition technology. The research focuses on the
application of artificial intelligence in speech recognition, utilizing web browsers on various
terminal devices such as computers, mobile phones, and tablets to allow users to read the
provided text aloud. The web program captures audio input from the microphone, records it in
MP3 format, and uploads it to the server. The server employs the Whisper model to transcribe
the audio into semantic text, which is then compared with the displayed text. By calculating the
semantic distance and assessing the accuracy of pronunciation, the system provides an
evaluation of pronunciation quality, marking correct and incorrect words. To achieve real-time
processing, the compact tiny model is employed, and further optimization is performed using
Ctranslate 2, resulting in significant performance improvements.

1. Introduction

In the context of globalization, there is a growing demand for learning a second language, especially
English, as the number of non-native speakers has already exceeded that of native speakers. The
importance of English language proficiency has been increasing, and pronunciation is an essential part
of language learning [1, 2]. However, the teaching of oral reading and phonetics is still severely
lacking, and evaluating the quality of pronunciation has always been a challenge for language learners
and teachers. The main reason for the lack and challenge of pronunciation teaching comes from the
difficulty in implementing evaluation and feedback on pronunciation learning [3]. The pronunciation
learning in the traditional classroom is greatly influenced by the teacher’s pronunciation level. It is
also not possible to provide targeted learning suggestions to learners promptly [4]. However, when
learners practice on their own, there is a lack of guidance.

With the development of speech recognition technology and Artificial Intelligence [5], it is now
possible to evaluate pronunciation quality more accurately and easily. Computer-assisted language
learning (CALL) systems have emerged as a solution to this problem. These systems use speech
recognition software to provide objective evaluations of a student’s speech. They also provide
personalized feedback and offer a wider range of educational resources, which are not limited by
teacher availability [6]. Additionally, CALL systems can be integrated into various devices, making
practicing oral communication less intimidating for students. Compared to traditional language
learning methods, CALL systems have several advantages. They offer more objective evaluations and
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personalized feedback, provide more educational resources, and offer a friendlier learning
environment.

This paper proposes an English pronunciation quality evaluation system based on continuous
automatic speech recognition technology, which can achieve pronunciation quality evaluation on
multiple terminals. The evaluation process includes the pronunciation collection process and the
evaluation feedback process, and testers can complete personalized pronunciation quality assessments
anytime and anywhere.

2. Technical foundations
This English pronunciation quality assessment system involves the following key components and
technologies.

2.1. Acoustic feature extraction

Acoustic feature extraction is a critical step in speech processing. It involves extracting relevant
information from the audio signal that captures the characteristics of speech. Commonly used acoustic
features include Mel Frequency Cepstral Coefficients (MFCCs), filter banks, pitch, and energy. These
features provide representations of the speech signal that can be used for further analysis and modeling.

2.2. Continuous speech recognition (CSR)

CSR is a technology that enables the conversion of spoken language into written text. It utilizes
machine learning algorithms, such as deep learning models like recurrent neural networks (RNNs) or
transformers, to process and transcribe continuous speech [7]. CSR models are trained on large
amounts of speech data paired with their corresponding transcriptions, allowing them to learn the
mapping between audio features and textual representations.

Whisper is an attention mechanism-based model developed by OpenAl [8], which uses neural
network architecture to selectively focus on the relevant parts of the input signal when processing
speech data using attention mechanisms. The operating mechanism of this model is shown in Figure 1,
where the sound is converted into a Log Mel spectrogram and transmitted to the encoder, which
predicts the text. Compared with traditional speech recognition models, Whisper has faster processing
speed, stronger adaptability to accents, more accurate and efficient recognition, and is more suitable
for speech-to-text applications.
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Figure 1. Schematic diagram of Whisper model operation execution process

2.3. Distance metrics

To evaluate pronunciation quality, distance metrics are employed to measure the dissimilarity between
reference and test pronunciation. The traditional algorithms first extract the speech features and time
positions, use Dynamic Time Warping (DTW) algorithm to align the features and calculate the speech
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quality scores based on feature distance. This type of algorithm has poor robustness and is also
difficult to deploy. The acoustic model based on Al can directly extract high-level semantics from the
original audio features and complete the evaluation at the semantic level. As shown in Figure 2, the
semantic distance between the recognized text and the target text is calculated using a semantic
comparison algorithm to determine pronunciation quality and provide feedback on incorrect words and
their positions in the recognized text.

TXT | > Semantic N —
Target Text Comparison ~ —
.||.|||. ASR | =» |Recognized Text —> Result from
Feedback

Figure 2. Speech Evaluation Based on Speech Recognition

Semantic comparison usually requires the use of natural language processing algorithms. However,
in speech evaluation systems, the vocabulary, grammar, and context of the text are relatively certain,
so they can be simplified as string comparisons. LCS algorithm is used to find the longest common
subsequence of two texts, which can determine the similarity between two texts.

2.4. Web-based implementation

To enable real-time processing and accessibility across multiple terminal devices, a web-based
implementation is often adopted. This involves developing a web application that allows users to
record their speech using a microphone. The recorded audio is then sent to the server for processing.
The server performs speech recognition using a Whisper model, computes the semantic distance, and
provides feedback on pronunciation quality.

3. Physical setup

3.1. User devices

Users interact with the system through their devices, such as computers, laptops, tablets, or mobile
phones. These devices should have a functional web browser that supports the necessary web
technologies used in the system. The devices should also be equipped with a built-in or external
microphone for recording the user’s speech. User devices need to be connected to the internet to
upload data. A display output, such as a screen or a monitor, is needed too.

3.2. Server

A server is required to handle the processing and evaluation tasks of the system. The server can be a
dedicated machine or a cloud-based infrastructure. It needs to have sufficient computing power and
memory to run the Whisper model and perform the required computations. The server should also
have a reliable internet connection for communication with user devices and data transmission.

3.3. Web browse

A compatible web browser is a crucial component of the physical setup. The web browser enables
users to access the system’s web application, interact with the user interface, and perform tasks such as
text input, speech recording, and result visualization. The web browser should support the necessary
web technologies used in the system, including HTMLS5 and JavaScript for audio recording.

4. System scheme design

The overall structure is shown in Figure 3. The Whisper model runs on the server side. The database
system is used to store data such as text and voice. The latest network security requirements require
the use of HTTPS protocol for recording operations; the LCS algorithm needs to be implemented to
evaluate pronunciation quality.
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Figure 3. Structural diagram of Speech Evaluation Based on Speech Recognition

The browser side implements functions such as GUI, recording, and connecting to servers.
Compressing recorded data into MP3 format can greatly reduce data transmission and achieve real-
time recognition.

5. System Implementation

5.1. Server-side

Whisper provides models such as micro, basic, small, medium, and large, which can be directly
localized for deployment, saving a lot of model training time. Although larger models have better
recognition rates, they take longer and require more memory. To improve the real-time performance,
this system chooses the tiny model, and the usage effect is not reduced.

Converting the model to CTranslate 2 format can further improve recognition speed. CTranslate 2
is an OpenNMT library for transformer model acceleration [9]. Meanwhile, using int8 quantization
can further reduce time consumption. The experiment shows that after conversion, the time
consumption is reduced by about 50% and the speed can be increased by four times.

We evaluate pronunciation quality by using the LCS algorithm to calculate the similarity between
texts [10, 11]. The basic idea of the LCS algorithm is Dynamic programming. It involves constructing
a two-dimensional table to determine the length of the longest common subsequence. The algorithm
fills the table iteratively and calculates the length of the longest common subsequence, which is the
number of correctly pronounced texts. Find text with correct pronunciation through backtracking.

5.2. Browser side

In the browser, the HTML5 Media Recorder API can obtain audio data in real time from the
microphone. PCM format data can be recorded in its data available event processing function.
However, due to the large size of PCM data, it is necessary to use the LAME [12] library to compress
it into MP3 format. The LAME library is in C++ format by default, and to facilitate JavaScript
processing, it needs to be compiled into the Web-Assembly module. Finally, place the data in the blob
for transmission.

5.3. Data transmission

The browser displays the test text, records the pronunciation, uploads the data through
XMLHttpRequest [13], and then receives the evaluation information. After receiving the MP3 data,
the server decodes it into WAV and submits it to the speech recognition model for processing. At the
same time as providing feedback to the browser, the record is saved in the database.

6. System testing

6.1. Browser side testing

On the left side of Figure 4 is the interface for testers to read text and record sound, while on the right
side is the interface for viewing evaluation results. From the final effect, the recording responds
quickly. The feedback time varies depending on the length of the text and meets the real-time
requirements. Both correct and incorrect texts can be marked, and the score matches the actual
pronunciation quality.
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6.2. Server side testing
Table 1 shows the comparison of the max memory and time consumption when using the OpenAl
library and Ctranslate 2 library to load tiny and basic models to recognize the same 30 seconds of
speech. The test program is executed with 4 threads on an Intel (R) Core (TM) 15-3470 CPU. It can be
seen that the combination of the Ctranslate 2 library and the tiny model has fewer resources and
performs better.

Table 1. Model optimization comparison

Gzl CTranslate 2 Chen CTranslate 2 Oipsinval CTranslate 2
Model Model . Max Cost .
. Model Size Max Memory . Cost Time
Size Memory Time
Tiny 72 MB 74 MB 544 MB 232 MB 10.3 s 5.5s
Base 138 MB 147 MB 743 MB 338 MB 23.3s 8.6s

7. Conclusion

The English pronunciation quality evaluation system based on continuous speech recognition
technology allows users to evaluate their pronunciation quality on various devices such as computers,
mobile phones, and tablets. This multi-terminal approach enhances accessibility and convenience,
enabling users to practice pronunciation anytime and anywhere. The system utilizes the Whisper
model to recognize speech and provides real-time feedback on pronunciation quality by calculating
semantic distance and identifying incorrect words. This immediate evaluation allows users to receive
instant feedback and make necessary corrections, enhancing the efficiency and effectiveness of
language learning. The focus of this study is to achieve real-time processing through the use of the tiny
model and to further optimize it using Ctranslate 2. This optimization significantly improves the
system’s performance in terms of processing speed and recognition accuracy.

The system has important practical implications for English language learning. It addresses the
challenges in traditional pronunciation teaching methods by providing objective evaluations,
personalized feedback, and a friendly learning environment. The system can offer guidance and
support to learners even in the absence of a teacher, enhancing their learning experience and progress.



IOTAIMA-2023 IOP Publishing
Journal of Physics: Conference Series 2632(2023) 012024  doi:10.1088/1742-6596/2632/1/012024

It suggests the possibility of extending the system’s language evaluation capabilities to languages
other than English. Additionally, it encourages further research on optimizing models and improving
system performance, paving the way for continuous advancements in speech recognition-based
language learning systems.
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