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Abstract
In this paper, we present a solution for providing personalized
and instant feedback to English learners through a mobile appli-
cation, called Flowchase, that is connected to a speech technol-
ogy able to segment and analyze speech segmental and supra-
segmental features. The speech processing pipeline receives
linguistic information corresponding to an utterance to analyze
along with a speech sample. After validation of the speech sam-
ple, a joint forced-alignment and phonetic recognition is per-
formed thanks to a combination of machine learning models
based on speech representation learning that provides necessary
information for designing a feedback on a series of segmental
and supra-segmental pronunciation aspects.
Index Terms: pronunciation training, language learning,
speech analysis, machine learning, transfer learning, human-
computer interaction

1. Introduction
In the field of Computer-Assisted Language Learning (CALL),
there are today still very few solutions focusing on oral skills,
and specifically to pronunciation. Computer-Assisted Pronun-
ciation Training (CAPT) is an important research discipline, but
there is a lack of concrete applications, although explicit focus
on pronunciation, when combined with the use of technologies,
has a significant impact on L2 learners pronunciation [1, 2]. A
reason of this situation is the gap of complexity between devel-
oping feedback on written, reading or listening skills compared
to spoken skills. Indeed for the first three skill sets, implement-
ing simple heuristics based on multiple answer exercises, or
matching a user answer to a gold standard is straightforward.
On the contrary, providing feedback on spoken skills is not. A
speech technology tailored to analyzing segmental and supra-
segmental patterns is necessary.

The techniques of mispronunciation errors have been close
to the findings of speech recognition area, from HMM-
GMM [3], to DNN-HMM [4] and more recently, transform-
ers [5]. Indeed the tasks share a strong common characteristics,
which is extracting information from audio a representation of
human speech, be it text or phonetics.

Transfer Learning [6] is today a widely used technique in
Deep Learning for leveraging models trained on related tasks
for which there exist abundant datasets towards task for which
few data exist. This principle has been applied successfully
for speech technology application [7] with few available data
such as speech recognition for low resource languages, emotion
recognition in speech [8], emotional or expressive speech syn-
thesis [9, 10] or voice conversion [11], and also to pronunciation
assessment [12]. A specific form of Transfer Learning that was
shown very efficient is self-supervised learning where a model

Figure 1: Sequence of steps in a Speaking Activity

is trained to learn representations of input data without the need
for explicit supervision.

In this paper, we present a complete system able to provide
a pronunciation training based on a speech technology built on
top of a wav2vec2 [13] model adapted for mispronunciation de-
tection, integrated in a mobile application. Although the appli-
cation contains a mix of tutorials, listening activities and speak-
ing activities, we focus here on the description of the speaking
activities that involves the speech processing pipeline for ana-
lyzing English learners’ pronunciation and providing feedback.

2. System
Figure 1 describes the main steps of the user experience inside
a speaking exercise of a learning program. First, the exercise
data is shown to the user. Specifically, it shows an English ut-
terance that the user is expected to say, with a pronunciation
guide to help him understand how it has to be pronounced. The
pronunciation of the sentence can also be be heard thanks to
a set of different actor recordings with different English vari-
ations. On this screen, the user can record himself. Then the
audio recording is sent to the speech technology backend along
with the exercise information in order to perform segmentation
and analysis of the speech sample. From this analysis, a num-
ber of information are extracted depending on the pronunciation
aspect analyzed.

In the second screen, feedback cards are shown to the user
in order to communicate him the result of the analysis, and ad-
vice in order to improve.

Figure 2 details the processing steps happening in the sec-
ond step explained above. The speech analysis takes as inputs
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Figure 2: Description of the processing steps of a user recording
towards pronunciation feedback

Figure 3: Pronunciation feedback on a word

exercise information such as the phonetic content and the En-
glish learner’s speech sample. The user recording has first to be
validated thanks to a series of test on audio that checks is a valid
speech sample, including:
• the duration of the audio is plausible to have a human speech

rate compared to the expected utterance
• the speech sample contains voiced content
• the phonetic content in speech is sufficiently close from the

phonetic content
If the speech sample is validated, a combination of machine

learning models based on speech representation learning is used
for performing a forced-alignment between the speech sample
and the phonetic transcription in order to extract the start and
end timings of each phoneme of the sequence. The machine
learning model also analyzes the phonetic content of the audio
and allows us to extract information related to set of different
pronunciation aspects such as analysis of vowels or consonants,
and specifically analyzing minimal pairs, as shown in Figure 3,
analysis of intonation such as word stress or sentence stress,
and other supra-segmental aspects like an analysis of pauses be-
tween breath groups in an utterance.

An example of analysis result on a word from a sen-
tence is shown in Figure 3. Expected phonemes and predicted
phonemes are extracted along with the start and end timings,
as well as the respective posterior probabilities according to the
statistical model.

3. Conclusions
In this paper, we presented Flowchase, a mobile application for
personalized pronunciation training that utilizes a speech tech-
nology pipeline for analyzing English learners’ pronunciation
and providing instant feedback. We employed transfer learn-
ing and self-supervised learning techniques to build a speech

technology model for detecting mispronunciations based on the
wav2vec2 architecture.

The system provides feedback on both segmental and
supra-segmental aspects of pronunciation. Our solution ad-
dresses the gap in current computer-assisted language learning
applications, which mostly focus on written, reading, or listen-
ing skills. Flowchase provides a tool for improving oral lan-
guage skills, particularly pronunciation, which is crucial for ef-
fective communication. Future work includes testing the effec-
tiveness of the application and the speech technology pipeline
in real-world settings and extending the system to support other
languages.
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