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Abstract
Speech intelligibility is crucial in language learning for ef-

fective communication. Thus, to develop computer-assisted
language learning systems, automatic speech intelligibility de-
tection (SID) is necessary. Most of the works have assessed the
intelligibility in a supervised manner considering manual anno-
tations, which requires cost and time; hence scalability is lim-
ited. To overcome these, this work proposes an unsupervised
approach for SID. The proposed approach considers alignment
distance computed with dynamic-time warping (DTW) between
teacher and learner representation sequence as a measure to sep-
arate intelligible versus non-intelligible speech. We obtain the
feature sequence using current state-of-the-art self-supervised
representations from Wav2Vec-2.0. We found the detection
accuracies as 90.37%, 92.57% and 96.58%, respectively, with
three alignment distance measures – mean absolute error, mean
squared error and cosine distance (equal to one minus cosine
similarity).
Index Terms: Speech Intelligibility, Dynamic time warping,
Wav2Vec-2.0

1. Introduction
The number of language learners worldwide has been rising
consistently in recent times [1], fueled by factors like global-
ization, education, career prospects, cultural curiosity, and per-
sonal growth. Speech intelligibility is vital for language learn-
ers as it allows them to effectively communicate their thoughts,
ideas and needs. However, several factors, such as pronuncia-
tion, speech disorders, prosody, and grammar [2, 3], can affect
the intelligibility of their speech. Manual assessment of intel-
ligibility involves listening to the speech and deciding scores
based on the ratio of correctly identified words to the total num-
ber of words spoken [4]. It can be detected at the sentence or
discourse level as well. But subjective intelligibility tests are
costly and laborious. Hence the need for an automatic assess-
ment of speech intelligibility is important which is reliable and
cost-effective.

Supervised learning approaches based on labeled data en-
able the detection of speech intelligibility [5]. These methods
involve training machine learning models using labels given by
experts for learners’ speech data, allowing them to accurately
classify and assess the intelligibility of speech. In [6, 7, 8], the
deep learning (DL) models are used as regression functions to
predict objective evaluation scores using Short-Time Objective
Intelligibility (STOI), and Speech Transmission Index (STI).
And [9, 10, 11] to predict human subjective ratings from hu-
man listening tests. In [12], a model MTI-Net is proposed us-
ing convolutional bidirectional long short-term memory (CNN-
BLSTM) with an attention mechanism. It is trained using a

multitask learning criterion and predicts the Intelligible score
as one of its target outputs. While these works in speech intel-
ligibility assessment rely on ratings from experts, our approach
leverages an unsupervised technique.

Our work is motivated by the goal of employing an un-
supervised approach to speech intelligibility detection. To ac-
complish this, we utilize the alignment distance computed us-
ing dynamic-time warping (DTW) between the Wav2Vec-2.0
self-supervised representations of the teacher and learner. This
alignment distance serves as a metric to differentiate between
intelligible and non-intelligible speech. In our experiments, we
explore three different distance measures: Mean absolute error
(MAE), Mean squared error (MSE), and Cosine distance (CD).
We compared the performance of these measures with the base-
line methods: Majority Class Voting (MCV), and Random Se-
lection (RS).

2. Dataset
VoisTUTOR corpus [13] was used for the experiments per-
formed in this work. This dataset contains English speech
recordings from teacher and 16 learners (8 males, 8 females)
for 1676 unique stimuli. The stimuli ranges from single-word
utterances to multiple words forming simple, compound, and
complex sentences. The selection of stimuli was done from spo-
ken English materials. The chosen stimuli cover various aspects
of pronunciation, and include phonological elements such as
fricatives, stops, nasals, glides & laterals, consonant sequences,
vowels, diphthongs, and semi-vowels. The learners belonged to
six different Indian native languages: Kannada, Telugu, Tamil,
Malayalam, Hindi, and Gujarati. Each audio recording in the
dataset was then annotated as either intelligible (1) or not (0).
The annotations were obtained from a spoken English teacher
with 25 years of teaching experience in professional English
speaking skills in India. It is found that a percentage of 88.08%
are marked as intelligible and the remaining are non-intelligible.
In addition to the annotations, in this data, the teacher record-
ings were also obtained from the same teacher. We consider all
the speech samples from the teacher, which are clear and under-
standable.

3. Methodology
The proposed approach identifies intelligible and non-
intelligible speech in an unsupervised manner considering the
alignment distance between teacher and learner. The alignment
distance is computed using DTW on representation sequences
obtained from the Wav2Vec-2.0 model for teacher and learner
audios. For the distance computation, we consider three types
of distance measures, namely, 1) MAE, 2) MSE, and 3) CD.
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With this approach, we hypothesize that the distance between
audios of the same stimuli is closer compared to that between
audios of different stimuli. Thus, we believe the proposed ap-
proach could be useful for speech intelligibility detection task.
This section summarizes the above components as follows. In
sub-section 3.1, we describe the Wav2Vec-2.0 model and the
motivation for using representation from the model. In sub-
section 3.2, the three types of distance measures are discussed.
In sub-section 3.3, we describe the utterance level alignment
distance computation.

3.1. Wav2Vec-2.0

Wav2Vec-2.0 [14] is a state-of-the-art model for obtaining rep-
resentation sequence for an input raw audio considering a self-
supervised representation learning framework. These represen-
tations have been considered in many end-to-end speech recog-
nition tasks [15, 16]. Self-supervised representation learning
approach in Wav2Vec-2.0 takes unstructured raw audio data
and learns the representations that could disentangle the phone-
mic aspects in the audio. These representations are then used
for fine-tuning the downstream tasks including speech recogni-
tion [17]. Wav2Vec-2.0 focuses on capturing complex patterns
from waveform; introducing non-linearity by choosing activa-
tion functions such as GELU [18]. This in turn enhances its
generalizability and ensures a robust representation of the wave-
form.

Due to this effective learning process, Wav2Vec-2.0 repe-
sentations have been considered in a wide variety of tasks
besides speech recognition such as Speaker recognition [19]
Speaker adaptation [20], Speaker verification [17], Cross-
lingual knowledge transfer [21], Mispronunciation detection
[22, 23, 24], Voice activity detection [25], Prosodic boundary
detection [26], Emotion identification [27, 28] as well as Non-
verbal vocalization detection [29]. Furthermore, it has been
widely explored for medical domain tasks such as Stuttering
[30, 31, 32], Alzheimer detection [33] as well as developing
system for rating children speech with speech sound disorder
[34].

We obtain Wav2Vec-2.0 representations for teacher and
learner speech utterances. Since Wav2Vec-2.0 captures linguis-
tic features [17], in terms of discriminative properties between
similar and dissimilar phonemes, we hypothesize that these rep-
resentations can be used for speech intelligibility detection task.

3.2. Distance measures

This work explores the following distance measures to act as a
cost function for computing utterance level alignments between
teacher-learner speech pairs for given stimuli:

Mean absolute error (MAE): It is a metric used to quan-
tify the average absolute difference between any two vectors tx
and ly of dimension N. It ranges between [0,∞).

MAE(tx, ly) =
1

N

N∑
i=1

∣∣txi − lyi
∣∣ (1)

Mean squared error (MSE): It is a metric used to quantify
the average squared difference between any two vectors tx and
ly of dimension N. It is highly prone to outliers as compared to
MAE due to the squaring of errors. It ranges between [0,∞).

MSE(tx, ly) =
1

N

N∑
i=1

(
txi − lyi

)2 (2)

Cosine Distance (CD): It is a metric that quantifies the an-
gular dissimilarity between any two vectors tx and ly of dimen-
sion N. [35]. It remains unaffected by the vector magnitudes
and has a range of [0,2].

CD(tx, ly) = 1−
∑N

i=1 txi lyi√∑N
i=1(txi)

2

√∑N
i=1(lyi)

2
(3)

The aforementioned cost functions are capable to measure
either the angular dissimilarity or differences between two vec-
tors, which aligns with our main objective of assessing the dis-
similarity between the teacher and learner speech for speech
intelligibility detection.

3.3. Utterance level alignment distance computation

For a given stimuli, the number of frames for the teacher and
learner’s speech is different. Hence, we cannot obtain a di-
rect one-to-one mapping between their frames in a sequential
manner as it would always leave some frames unmatched. Fur-
thermore, there is always the possibility of different phones be-
ing stretched temporally for a teacher-learner speech pair. This
gives rise to an uneven distribution of frames across phonemes.
To address this issue, the dynamic programming-driven DTW
[36] algorithm is considered; which is highly time efficient with
a focus on cost optimization. It obtains the best possible frame
level alignments between each of the teacher-learner speech
pairs (T, L) varied across all stimuli.

Assuming a given teachers’ and learners’ speech represen-
tation have X and Y frames i.e (T= [ t1,t2...tX ] and L= [
l1,l2...lY ]). All possible combinations of teacher and learner
frames from T and L are passed to Equation 4. sequentially in
the form of (tx, ly ). At a given time step, tx and ly correspond
to a single frame from T and L respectively. They are passed as
input to the distance measure ‘c’ of Equation 4 where ‘c’ can be
chosen from Equation 1, Equation 2, or Equation 3. In Equa-
tion 4, C(x,y) corresponds to the accumulated alignment cost,
and c(tx, ly) represents the local alignment cost. Here x and
y correspond to frame indexes which map (tx, ly) to (T , L).
The optimal utterance level alignment is thus obtained by min-
imizing the local and accumulated alignment cost at each time
step.

C(x, y) = c (tx, ly) + min
[
C(x− 1, y),

C(x, y − 1), C(x− 1, y − 1)
] (4)
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Figure 1: Distributions from utterance level alignment score ob-
tained for the cost functions (a) Mean Absolute Error(MAE), (b)
Mean Squared error (MSE) and (c) Cosine Distance (CD)

Figure 1 shows the distribution of alignment distance ob-
tained for intelligible and non-intelligible speech classes on the
entire learner’s data with the three distance measures. From
the figure, it is observed that the distance is higher for non-
intelligible compared to intelligible speech for all three mea-
sures. Also, the overlap of the distance values is minimal be-
tween the two speech classes. Thus, we believe that the pro-
posed utterance alignment distance could be useful for speech
intelligibility detection.



4. Experiments
We perform the experiments on the entire learners’ data in the
VoisTUTOR dataset. Out of which 5% of the data is used for
threshold (τ ) computation using EER (Equation 7) criterion.
The remaining 95% of the data is considered as a test set for
evaluating the performance of the proposed approach. We con-
sider classification accuracy as the performance measure using
ground-truth class labels available in the data. We perform the
classification considering all three distance measures separately
i.e. for each distance we compute τ and used it for the classifi-
cation of the respective alignment distance values. We compute
the alignment distances considering teacher audio in the Vois-
TUTOR dataset in a stimuli-specific manner separately with all
three distance measures.

FAR =
Number of false acceptances

Number of identification attempts
(5)

FRR =
Number of false rejections

Number of identification attempts
(6)

EER =
FAR+ FRR

2
(7)

Baselines: We consider the following baselines for com-
paring the performance of the proposed approach for all three
distance measures.

Majority Class Voting (MCV): We assign all the learner’s
speech in the test set as an intelligible class since the major-
ity class is intelligible. With this assignment, we compute the
classification accuracy and used it for the comparison.

Random Selection (RS): In this, we assign the labels ran-
domly to the learners’ speech samples considering the binary
distribution. The parameter for the binary distribution is chosen
from the class distribution using the randomly selected 5% sub-
set of the VoisTUTOR dataset. With these randomly assigned
labels, we compute the classification accuracy and compare it
with the results.

Table 1: Classification Accuracy percentage between intelligi-
ble and non-intelligible speech obtained across various com-
parison methods (CD: Cosine Distance, MAE: Mean Absolute
Error, MSE: Mean Squared Error, MCV: Majority Class Voting,
RS: Random Selection)

CD MAE MSE MCV RS
96.58 90.37 92.57 88.08 85.44

Table 2: Classification accuracy percentage between intelligi-
ble and non-intelligible speech obtained across various com-
parison methods with a focus on different phoneme categories
(CD: Cosine Distance, MAE: Mean Absolute Error, MSE: Mean
Squared Error, MCV: Majority Class Voting, RS: Random Se-
lection)

Phoneme Category CD MAE MSE MCV RS
Fricatives 95.90 91.16 91.74 83.56 80.88
Stops 96.21 89.63 90.43 87.23 84.29
Nasals 96.93 91.01 91.01 90.98 87.95
Semi-Vowels 96.26 90.59 92.73 90.23 87.05
Glides 95.94 89.66 90.63 85.04 81.30
Vowels 92.87 90.27 92.80 79.51 75.83
Diphthongs 96.23 94.86 94.55 81.46 78.21
Consonant Clusters 93.00 84.70 89.58 82.01 78.15

5. Results
The following results for different classification approaches
were obtained:
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Figure 2: (Utterance level alignment distance for intelligible
and non-intelligible learner stimuli across phone length using
distance measures (a) Mean Absolute Error (MAE), (b) Mean
Squared error (MSE) and (c) Cosine Distance (CD)

5.1. Overall performance

Table 1 shows the classification accuracies obtained with the
proposed approach using all three distance measures – CD,
MAE, and MSE along with MCV and RS baselines. From the
table, it is observed that the accuracies obtained with the pro-
posed approach with all three distance measures are higher than
that with the two baselines. The highest relative improvement
is found to be 9.65% and 13.03% respectively compared with
MCV and RS baselines. This indicates the benefit of the pro-
posed approach for speech intelligibility detection task. Among
the three distance measures considered, it is observed that the
classification is best obtained using CD with a classification
accuracy of 96.58% followed by MSE having a classification
accuracy of 92.57%, and lastly MAE with a classification accu-
racy of 90.37%. This could be due to the normalization involved
in the metric computation. Thus, it limits the alignment distance
span to a limited range.

5.2. Phoneme category-specific performance

Table 2 shows the classification accuracies obtained across dif-
ferent phoneme categories with the proposed approach with all
three distance measures – CD, MAE, and MSE along with MCV



and RS baselines. The best classification accuracies across cate-
gories are as follows: 96.93% using the CD for Nasals, 94.86%
using MAE, and 94.55% using MSE for Diphthongs respec-
tively. The highest relative improvement with baseline MCV is
found to be 18.13% using CD and 16.45% using MAE for Diph-
thongs, and 16.71% using MSE for Vowels respectively. When
compared to the RS baseline, the highest relative improvement
is found to be 23.04% using CD, 21.30% using MAE for Diph-
thongs, and 22.37% using MSE for Vowels.

Diphthongs and vowels are one of the most critical
phonemes categories for determining the intelligibility of a
speech utterance. This is because, with even a single vowel
or diphthong replacement in speech, a drastic shift in the mean-
ing of the utterance can be observed. Furthermore, even a slight
deviation in pronunciation across these two categories may lead
to perceptual discrimination of the utterance. Hence we ob-
served a relatively higher classification accuracy across these
categories when the alignment distances are limited to a smaller
range.

5.3. Analysis with phone specific length

Figure 2 illustrates the separation between intelligible and non-
intelligible speech samples by calculating the alignment dis-
tance at the utterance level for stimuli with varying phone
lengths of learner and teacher speech. This distinction across
different phone lengths indicates that the proposed approach is
capable of generalization, as it remains effective regardless of
the number of phones. The sub-figures 2(a), 2(b), and 2(c) il-
lustrate the separation between intelligible and non-intelligible
speech with varying phone lengths using MSE, MAE, and CD
respectively. The X-axis in these sub-plots mark phone length
whereas Y-axis represents the utterance level alignment distance
between learner and teacher feature sequences. Blue dots in-
dicate intelligible learner speech samples whereas orange dots
represent non-intelligible learner speech samples. The separa-
tion boundary between the two classes is found to be consistent
across all phone lengths for all three distance measures. These
sub-figures complement the observations from Table 1 with the
best separation being obtained for CD followed by MSE and
MAE.

5.4. Analysis with illustrative examples

We hypothesize the intersection of phone boundaries for
teacher’s and intelligible learner’s speech to lie on the DTW
path thereby ensuring that the best possible alignment has been
achieved. However, for non-intelligible learner speech, this
might not be true as it may be better aligned with some other
speech stimuli. To verify this hypothesis the DTW paths be-
tween teacher and learner feature sequences are plotted for in-
telligible as well as non-intelligible learner speech for a given
stimuli. The intersection of the teacher’s and the learner’s cor-
responding phone boundaries are then traced. This can be vi-
sualized in Figure 3 where the black line represents DTW path
between teacher and learner whereas green and purple dotted
lines represent phone boundaries of teacher and learner respec-
tively. The intersection of phone boundaries for teacher and
learner has been highlighted by red circles.

The following four scenarios were explored while visualiz-
ing the DTW path:

1. When the learner’s speech with intelligible ground truth label
is classified as intelligible

2. When the learner’s speech with a non-intelligible ground

Figure 3: DTW between teacher & learner feature sequences
for (a) Actual intelligible classified as intelligible, (b) Ac-
tual non-intelligible classified as non-intelligible, (c) Actual
intelligible classified as non-intelligible, and (d) Actual non-
intelligible classified as intelligible

truth label is classified as non-intelligible
3. When the learner’s speech with intelligible ground truth label

is classified as non-intelligible
4. When the learner’s speech with a non-intelligible ground

truth label is classified as intelligible

The outcomes of these can be visualized in Figure 3 where
sub-figures (3(a) & 3(b)) illustrate the successful detection sce-
nario whereas sub-figures (3(c) & 3(d)) showcase the failed case
scenarios. It is observed that when learner speech with intelli-
gible ground truth labels is classified as intelligible, the inter-
section of phoneme boundaries for teacher and learner for any
uttered sequence falls on the DTW path. In all other cases, the
intersection of phoneme boundaries for teacher and learner is
observed to deviate from the DTW path.

6. Conclusion
In this work, we propose an unsupervised approach for speech
intelligibility detection task. The alignment distance computed
using DTW between Wav2Vec-2.0 representations of teacher
and learner speech is used as a measure to distinguish between
intelligible and non-intelligible speech. The experimental re-
sults demonstrate that the proposed approach outperforms the
baseline methods MCV and RS. Among the three distance mea-
sures used (MSE, MAE, and CD), the CD gives the best results
for experiments performed on the overall dataset as well as with
data subsets having a focus on different phoneme categories.
Notably, the proposed approach is found to be generalizable
across stimuli with varying phoneme lengths. We performed
our experiments on learners’ speech from six different nativi-
ties of the VoisTUTOR corpus. In the future, we aim to extend
this work to more nativities.
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