
 
 

 
 

 
 

 
 

 

Post ID: 04           Li Tang 1st Year Master Student 
 Research Advisor: Julián Villegas 

Computer Arts Lab., The University of Aizu 

Poster Session at Graduate School Information Fair 
Second-language pronunciation learning support system based on  

offline mobile automatic speech recognition 
 

 

         
 

         
 

Reference 
1. Levis, J., & Cortes, V. (2008). Minimal pairs in spoken corpora: Implications for pronunciation assessment and teaching. Towards adaptive CALL: Natural language 
processing for diagnostic language assessment, 197-208. 
2. Denise Calhoun, Seung Bok Lee. (2019) Computer usage and cognitive capability of older adults:  
3. Analysis of data from the Health and Retirement Study. Educational Gerontology 45:1, pages 22-33. Shrawankar, U., & Thakare, V. M. (2013). Techniques for feature 
extraction in speech recognition system: A comparative study. arXiv preprint arXiv:1305.1145. 

 

Background 
 

Definition 
Second-Language Acquisition (SLA) is the process of learning a 
second language. Automated Speech Recognition (ASR) is a process 
by which a machine can convert an acoustic signal of speech into 
text (for a more natural interaction, for example). 

Aim 
To help users who are learning English as a second 
language to improve their pronunciation by using 
automatic speech recognition. 
 

Difference 
Mobile   
Offline 
 

Approach 

Minimal Pairs 
To effectively learn the pronunciation of a second language, I focused 
on minimal pairs [1] to help learners. In the case of English vowels, 
"reach" and "rich" can be used to indicate the differences between 
two different phonemes /I:/ (in “reach”) and /I/ (in “rich”). 

Database 
Currently, the voices heard in virtual assistants such as Google, Siri, 
etc. are synthesized [2]. The pronunciations of these voices are 
standard for a given region. But these pronunciations do not provide 
enough variability for training a deep learning network.  
In order to ensure a good recognition rate, each word in the training 
database needs different audios, pronounced by >100 people, when 
possible. I choose to extract audio of words from audiobooks or radio 
recording to create a unique corpus. 

Feature Extraction 
ASR system has 4 steps: Recording Audio Signal, Speech Feature 
Extraction, Decoder, and output. It is possible to recognize speech 
directly from the digitized waveform. However, because of the large 
variability of the speech signal, it is better to perform some feature 
extraction that would reduce that variability [3]. 
 

Sphinx 
CMU Sphinx is a general term for a series of speech recognition 
systems developed by Carnegie Mellon University in the United 
States. The models in CMU Sphinx include an acoustic model, a 
language model, and a phonetic dictionary. So we can use Sphinx as 
decoder directly. 

 

Figure 1: Main steps in ASR systems 

  
Figure 3 Example of extracting audio from 
audiobooks 

 

rich        reach 
   /rɪʧ/      /rɪ:ʧ/ 

Figure 2 Example of Minimal Pairs 

 
Figure 4 Open Source Toolkits for Speech Recognition 
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