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Abstract—In automatic speech recognition, any factor that
alters the acoustic properties of speech can pose a challenge to
the system’s performance. This paper presents a novel approach
for automatic whispered speech recognition in the Irish dialect
using the self-supervised WavLM model. Conventional automatic
speech recognition systems often fail to accurately recognise
whispered speech due to its distinct acoustic properties and the
scarcity of relevant training data. To address this challenge,
we utilized a pre-trained WavLM model, fine-tuned with a
combination of whispered and normal speech data from the
wTIMIT and CHAINS datasets, which include the English
language in Singaporean and Irish dialects, respectively. Our
baseline evaluation with the OpenAI Whisper model highlighted
its limitations, achieving a Word Error Rate (WER) of 18.8%
on whispered speech. In contrast, the proposed WavLM-based
system significantly improved performance, achieving a WER of
9.22%. These results demonstrate the efficacy of our approach
in recognising whispered speech and underscore the impor-
tance of tailored acoustic modeling for robust automatic speech
recognition systems. This study provides valuable insights into
developing effective automatic speech recognition solutions for
challenging speech affected by whisper and dialect. The source
codes for this paper are freely available [T,

I. INTRODUCTION

Recently, self-supervised models have been extensively
utilized in various speech processing fields, including speech
recognition, speaker recognition, and speaker diarization
[1]. These models have notably enhanced the efficiency of
such systems, particularly for the English language. The
training of these models typically involves large datasets
comprising speech from different languages, predominantly
normal speech. However, these models exhibit diminished
performance when processing abnormal speech types such
as whispered, reverberant, and disordered speech, as these
variants are not represented in the training data.

Whispered speech is a distinct mode of speech production that
most individuals can produce naturally and at their discretion.
It is often used for privacy or to avoid disturbing others in
environments like libraries. Additionally, whispered speech
may be a compulsion for individuals with laryngeal or vocal
cord damage. The acoustic properties of whispered speech
differ substantially from those of normal speech, presenting
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significant challenges for conventional speech processing
systems.

Furthermore, the presence of different dialects within a
language can adversely impact the performance of automatic
speech recognition (ASR) systems trained on standard
dialects. Variations in dialect result in significant changes
in the acoustic parameters of speech, thereby reducing the
accuracy of ASR systems when encountering non-standard
dialectal speech.

In this work, we aim to design an ASR system for whispered
speech in the Irish dialect using the powerful self-supervised
model, WavLM. Among various self-supervised models,
WavLM has demonstrated superior performance in different
scenarios, particularly in speaker recognition, where the
acoustic characteristics of the speaker are more critical than
the speech content. Consequently, WavLM has been selected
to address the challenge of recognising whispered speech in
the Irish dialect.

To illustrate the limitations of conventional speech recognition
systems, we will also employ the Whisper model introduced
by OpenAl [2], a widely acclaimed model in normal speech
recognition. In this article, the Whisper model developed by
OpenAl is italicized to differentiate it easily from the concept
of whispered speech.

Developing a speech recognition system necessitates a
robust and comprehensive dataset. However, research on
whispered speech is limited primarily due to the scarcity
of such datasets. Currently, only a few whispered speech
datasets, such as wTIMIT [3] and CHAINS [4], are available
and primarily cater to the English language. While some
processes can effectively address some challenges, such as
producing reverberant speech data [5]] as a data augmentation
method, they have not yet proven suitable for whispered
speech conversion. Despite some efforts in the literature to
develop methods for automatically converting normal speech
to whispered speech, these artificially generated whispered
speech samples tend to be unnatural and noisy [6].

To mitigate the impact of data scarcity, fine-tuning self-
supervised models presents a viable solution compared
to end-to-end (E2E) methods based on conformers and
transformers [7], as suggested in several studies. This
approach leverages the existing knowledge encoded in pre-
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trained models to enhance performance with limited training
data.

Previous work has explored various methods for recognising
whispered speech, considering its unique characteristics and
the challenge of limited data availability. As one of the
first works in whispered speech recognition, [8]], designed a
system based on hidden Markov model and mel frequency
cepstral coefficient features. Some works were also focused
on improving the features [9] and adapting the acoustic
model [10], [L1], [12]. However, Several works focused
on improving pre-processing [13]], [14] to enhance system
performance for whispered speech.

Some studies have addressed the challenge of limited data
for whispered speech by employing generative methods and
speech conversion techniques. These approaches include
recurrent neural networks, Gaussian mixture models,
sequence-to-sequence models, and various generative
architectures [15], [16], [17]. For example, in [18], the
authors proposed approaches based on MelGAN and VQ-
VAE, adapted explicitly for whispered speech conversion.[6]
focused on low-delayed whisper-to-speech voice conversion,
which can be helpful in real-life communication of people.
In [19], an E2E method was proposed that included a
frequency-weighted SpecAugment policy and a frequency-
divided Convolutional Neural Network (CNN) feature
extractor to better capture the high-frequency structures
of whispered speech. This approach resulted in a 19.8%
reduction in Phoneme Error Rate (PER) and 44.4% in
Character Error Rate (CER) on the wTIMIT corpus. In [7],
speakers were divided into four categories based on accent
and speech type, and the E2E method with the ESPnet
toolbox [20] was used. The study found a WER of 36.3% for
whispered speech, using pitch and filterbank features without
a language model.

Gudepu et al., [21], generated a synthetic whisper corpus
from normal speech using CycleGAN, which was then used to
augment data for ASR systems. This approach achieved a 23%
relative reduction in WER on whispered speech compared
to the baseline. Ghaffarzadegan et al., [22], introduced two
strategies to generate pseudo-whisper utterances using vector
Taylor series and denoising autoencoders. These strategies
significantly reduced WER for a TIMIT-trained speech
recogniser on whisper recognition tasks.

In [23]], a new framework using deep denoising autoencoders
and Teager-energy-based cepstral features was proposed.
This framework improved whisper recognition accuracy by
31% over traditional methods, achieving a 92.81% word
recognition rate in mismatched train/test scenarios.

The remainder of this article is structured as follows: Section
[ discusses whispered speech and its phonetic differences
from normal speech. Section [[IIl introduces the datasets and
the proposed system. The results and findings are presented
in Section and the conclusion is provided in Section [Vl

II. WHISPERED SPEECH

Whispered speech is a natural communication mode often
employed in public situations to protect privacy or when
one wishes to avoid being overheard. This form of speech
differs significantly from normal speech in both production
and acoustic properties. The fundamental difference between
whispered and normal speech lies in their generation
mechanisms. Whispered speech is produced by exhaling air
and adjusting the shape of the pharynx so that the vocal
cords do not vibrate [8]. While normal speech involves vocal
fold vibrations to produce sound, whispered speech relies on
turbulent, aperiodic airflow passing through a relatively small,
nearly constant aperture formed between the vocal folds [24],
[25].

This results in a breathy quality with less distinct harmonic
patterns, making it difficult to identify formants in the
spectrogram of whispered speech [7]]. In terms of production,
physiological measurements using magnetic resonance
imaging have shown that during the whispered speech, the
supraglottal structures are constricted and shifted downward,
attaching to the vocal folds to prevent their vibration [26].
As a result, speakers produce sounds without fully engaging
their vocal cords, leading to a hushed, breathy quality. The
resonance of whispered speech usually occurs at significantly
higher frequencies than normally phonated speech [27].
Thus, whispered sounds tend to have a higher frequency
range, primarily due to increased airflow turbulence. This
turbulence generates a noisier signal with less defined
formant structures, which are crucial for identifying vowels
and certain consonants in normal speech. Consequently,
whispered speech can be less intelligible, especially in noisy
environments. Furthermore, whispered speech has a lower
energy contour, reduced overall amplitude, and a less distinct
formant structure, particularly in the lower frequencies, along
with a flatter spectral slope [28], [27], [7].
The articulation of phonemes is also altered in whispered
speech [29], [24]]. Research indicates that in whispered speech,
the first and second formants shift to higher frequencies, and
vowel duration is extended [30], [29], [31].
Additionally, studies have shown that the duration of
consonants is prolonged compared to normal speech, with
the intensity of voiceless consonants remaining unchanged.
In contrast, the intensity of voiced consonants decreases [32].
[33] found that producing whispered speech demands greater
physiological exertion than normal speech. Maintaining the
necessary vocal fold position can increase tension in the
laryngeal muscles, potentially leading to vocal fatigue if
sustained for extended periods. These characteristics pose
challenges for speech recognition systems, necessitating
different approaches for analysis and synthesis compared to
normal speech.
Despite these challenges, whispered speech serves important
functions in communication, often used for privacy, intimacy,
or in situations where normal speech volume is inappropriate.
Fig [ll displays the notable differences in the spectrogram
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characteristics of the speech signals spoken by the same
individual in both neutral and whisper modes in Praat software.

As Fig [I shows, in whispered speech, the waveform

exhibits lower amplitude and lacks the regular periodicity
observed in normal phonation, which indicates the absence
of vocal fold vibrations. The frequency content in whispered
speech is more diffuse and less defined, characterized by an
evenly distributed energy spectrum and a lack of pronounced
harmonic structures. The overall intensity is lower, as
evidenced by the lighter grayscale in the spectrogram, and the
yellow intensity contour line displays lower and less stable
intensity levels compared to normal speech.
Conversely, normal speech is characterized by higher
amplitude and regular periodic patterns, with distinct
harmonic bands and well-defined speech formants. The
spectrogram of normal speech shows higher intensity levels,
indicated by darker areas, and the yellow intensity contour
line is more stable and reaches higher intensity levels,
reflecting concentrated energy at specific frequencies.

III. METHODOLOGY

In this section, the WavLM model as the core of the
proposed system and the CHAINS dataset are introduced as
the evaluation dataset utilized in this study.

A. WavLM

The WavLM network, a self-supervised learning (SSL)
model introduced by Microsoft in 2021, aims to provide
a comprehensive solution for various speech processing
applications. WavLM was designed and trained for full-
stack speech processing differently from other SSL models,
achieving superior performance in tasks such as speaker
recognition and separation, which demand an efficient
understanding of acoustic models. The training process of
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Fig. 1: Spectrogram of normal and whispered speech from the same speaker
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Fig. 2: Architecture of WavLM model

this model involved masked speech prediction and denoising,
which were performed jointly. This dual-task training strategy
enables the model to predict masked speech content while
learning to denoise, thereby equipping it with the ability to
handle multiple speech processing scenarios beyond ASR.
WavLM was pretrained on 94,000 hours of speech data,
encompassing a variety of speech types, including read and
spontaneous speech, allowing it to model a broad spectrum
of speech characteristics. According to benchmarks, WavLM
outperforms other SSL. models across many scenarios. The
model architecture incorporates a gated relative position bias



TABLE I: Details of whisper datasets and their application as
test and train data

TABLE II: WER% of pre-trained Whisper model for normal
and whispered speech style

Dataset Style #Utter.  #Spkr  Dialect Dur. (h) Usage
wTIMIT whisper 8460 20 Singaporean 11 train
WTIMIT | normal 4652 11 Singaporean 6 train
CHAINS | normal 1332 36 Irish 3 train
CHAINS | whisper 1332 36 Irish 3 test

in the transformer self-attention mechanism to enhance its
performance.

As depicted in Fig WavLM consists of a CNN feature
encoder and a transformer encoder with gated relative
position bias. The CNN encoder comprises seven blocks of
temporal convolution, followed by normalization and GELU
activation layers, with each convolutional block representing
25 milliseconds of the input signal. The transformer section
includes position embedding with a kernel size of 128 and
16 groups at its bottom [34].

By predicting the masked noisy/overlapped parts, the model
learns the speaker’s acoustic information from the unmasked
segments and estimates the masked parts using the speaker’s
characteristics. This strategy significantly enhances the
model’s ability to learn and generalize acoustic information.
In this network, let X = {x1,22,..., 27} represent a speech
utterance with 7" frames, and let the discovered hidden units
be Z = {z1,22,...,27}. Let M C [T] denote the set of
indices to be masked for the length-T" sequence X. The
corrupted version of X, denoted as X = r(X, M), is defined
such that z; is replaced with a mask embedding % if t € M
[35].

B. Whisper Dataset

The CHAINS dataset is utilized to evaluate the proposed

system. This dataset includes both normal speech, referred to
as solo, and whispered speech, known as whsp. The dataset
comprises recordings from 36 speakers, dominantly with Irish
dialects. To develop a model capable of accurately capturing
the acoustic features of the Irish dialect, the normal speech
portion of this dataset is used for system training, while
the whispered speech portion is employed for evaluation.
Additionally, to improve the model’s performance on a whis-
pered speech by learning its unique acoustic characteristics,
the whispered speech portion of the wTIMIT dataset, which
includes Singaporean and US dialects, is also used as auxiliary
data in the training process.
In this evaluation, only the Singaporean dialect whispered
speech from wTIMIT is used for training, ensuring that the
system encounters different dialects from those used during
pre-training, thereby fostering a more general acoustic model.
Each speaker’s evaluation data involves 33 whispered utter-
ances from the CHAINS dataset. Further details of these
datasets are presented in Table [l

Pre-trained Model
OpenAl Whisper

Normal speech

16.69%

Whispered speech
18.80%

TABLE III: WER% of fine-tuned WavLM model for whis-
pered speech style with two decoding methods

Fine-tuned Model
WavLM

Beam search

9.22%

Greedy search
9.28%

IV. EXPERIMENTAL RESULTS

According to the results from E2E systems based on con-
formers and transformers, which typically require substantial
amounts of data, the utilization of pre-trained self-supervised
models can be an effective strategy to address the data scarcity
challenge in whisper ASR. As previously mentioned, con-
ventional systems are inadequate for recognizing whispered
speech. To validate this claim, a baseline system utilizing the
OpenAl Whisper model—one of the most powerful speech
recognition systems for the English language—has been em-
ployed. No fine-tuning was performed on the Whisper model
for this work. We evaluated this system using whispered
speech from the CHAINS dataset, with transcription per-
formed using the beam search algorithm.
The ASR results using the Large-v2 version of the Whisper
model as the baseline system are presented in Table |l This
system achieved a WER of 16.69% for normal and 18.8% for
whispered speech parts of the CHAINS dataset. The speech
texts in the dataset are identical for both speech styles. As
shown, the system experienced a drop in performance when
dealing with whispered speech. In addition, the performance of
the Irish dialect was lower than that of the typical English [2].
These results indicate that whispered speech with a different
dialect presents substantial modeling complexities for a system
trained predominantly on normal speech data, underscoring the
need for a dedicated system for whispered speech recognition.
In the subsequent step, the proposed system was trained using
the Base+ version of WavLM model. This model comprises
94.7 million parameters and was pr-etrained over one million
steps on 94,000 hours of speech data. The proposed system
was fine-tuned using 17 hours of wWTIMIT whispered and
normal speech with a Singaporean dialect, along with 3 hours
of normal speech with an Irish dialect from the CHAINS
dataset. This training of WavLM was conducted using the
PaddleSpeech toolbox [36] on an NVIDIA A100 80GB GPU
over 25 epochs with a batch size of 6 and an adaptive learning
rate schedule. SpecAugment [37] with time masking was
employed as a data augmentation method, and the AdamW
algorithm [38] was used for optimization. Decoding was
performed with a beam search size of 1 and a greedy search
size of 16. The results of this system are presented in Table
1001

The proposed WavLM-based system achieved a WER of



9.28% using the greedy search algorithm and 9.22% based
on the beam search algorithm. These results demonstrate
that the system effectively learned the acoustic parameters of
whispered speech, significantly outperforming the OpenAl
Whisper model baseline system. This improvement can be
attributed to including whispered speech data in the training
phase. Additionally, the Irish dialect, which posed a challenge
for the baseline system, was effectively addressed during
training using normal speech data from the CHAINS dataset.
The choice of the WavLM network proved advantageous due
to its suitability for training on small datasets and its superior
acoustic modeling capabilities.

V. CONCLUSION

In this article, we proposed a system for speech recognition
under the challenging conditions of whispered speech and the
Irish dialect. To address these challenges, we utilized training
data with an acoustic space similar to the test conditions,
enabling the system to effectively model the complex acoustic
characteristics in the test data. The results demonstrate that
the proposed system, with a WER of 9.22%, outperforms
the powerful OpenAl Whisper system, which served as a
baseline. Our findings indicate that the proposed system
achieves superior performance on the CHAINS dataset for
whispered speech recognition.
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