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ABSTRACT

We propose a novel framework for electrolaryngeal speech intelli-
gibility enhancement through the use of robust linguistic encoders.
Pretraining and fine-tuning approaches have proven to work well in
this task, but in most cases, various mismatches, such as the speech
type mismatch (electrolaryngeal vs. typical) or a speaker mismatch
between the datasets used in each stage, can deteriorate the con-
version performance of this framework. To resolve this issue, we
propose a linguistic encoder robust enough to project both EL and
typical speech in the same latent space, while still being able to ex-
tract accurate linguistic information, creating a unified representa-
tion to reduce the speech type mismatch. Furthermore, we introduce
HuBERT output features to the proposed framework for reducing
the speaker mismatch, making it possible to effectively use a large-
scale parallel dataset during pretraining. We show that compared to
the conventional framework using mel-spectrogram input and output
features, using the proposed framework enables the model to synthe-
size more intelligible and naturally sounding speech, as shown by a
significant 16% improvement in character error rate and 0.83 im-
provement in naturalness score.

Index Terms— Intelligibility enhancement, electrolaryngeal
speech, atypical speech

1. INTRODUCTION

Voice conversion (VC) [1], the task known as changing the speaker
information while keeping linguistic information unchanged, has
had rapid improvements in the age of deep learning. One of its sub-
applications, intelligibility enhancement [2]–[4], has made way for
atypical speakers to regain the ability to speak like typical speakers.
Atypical speakers have difficulties in producing phoneme sounds
and speak at a slower rate, making daily communication a tedious
task for them. One type of atypical speech, electrolaryngeal (EL)
speech, is produced by speakers diagnosed with a disrupted larynx,
the organ responsible for generating the source excitation. While
an electrolarynx [5] is used as a replacement for the larynx, the
resulting speech becomes unnatural due to the electrolarynx pro-
ducing robotic-like source excitation and being unable to produce
natural pitch variation. For pitch-based languages like Japanese,
changing the pitch throughout a sentence along with the use of
voiced/unvoiced sounds, is essential to infer the meaning of differ-
ent words, making this an important task.

Several previous works in intelligibility enhancement have
found that an effective solution is to first learn the alignments be-
tween typical and atypical speech through a parallel dataset. Since
EL speakers speak at a slower rate and are unable to pronounce
some phoneme sounds, learning the alignment between the two is
essential in this task. For example, [6] does this by using a strong

sequence model such as a Transformer [7], [8]. Due to data scarcity
and the data-hungry nature of Transformer-based models, several
works [4], [9] have emphasized the effectiveness of pretraining on a
large-scale typical speech dataset and fine-tuning it on a small-scale
atypical speech dataset. However, a major problem in this naive pre-
training and fine-tuning framework is that the typical and EL speech
types are vastly different from each other. Thus, although a simple
pretraining and fine-tuning approach brings in improvements, there
is a performance ceiling in such an approach. Our previous work
[10] resolved this by observing that fine-tuning first with large-scale
synthetic speech can effectively soften the mismatch between the
speech types and speakers, making the pretraining and fine-tuning
approach more effective. However, there is still a lot of room for
improvement in further reducing the speech type and speaker mis-
matches, as the synthesis performance is still far from human-level
speech.

We resolve the speech type and speaker mismatch issues en-
countered in pretraining and fine-tuning approaches by introducing
a new framework which uses recognition, alignment, and synthesis
modules. Specifically, we use strong recognition modules contain-
ing dense linguistic information (such as bottleneck [11] and Hu-
BERT [12], [13] features) as input and output features of the align-
ment module, effectively allowing the alignment module to focus on
solely learning linguistic features. With the recognition module ex-
tracting pure linguistic-related information, we effectively remove
the speech type and speaker mismatches occurring between each
stage in pretraining and fine-tuning, resulting in better performance
compared to the baseline. Moreover, with the use of a Diffusion-
based [14] synthesis decoder to generate the target speaker mel-
spectrogram from the HuBERT output features, we shift the bur-
den of synthesizing to a target speaker to this module due to its
strong generation capabilities, improving the generation quality of
the waveform. Finally, this proposed framework optimizes the use
of parallel VC pretraining to further improve performance. Our con-
tributions are summarized as follows:

• We propose a novel framework for electrolaryngeal speech
intelligibility enhancement, composed of recognition, align-
ment, and synthesis modules. We show that using this frame-
work can synthesize speech with a 16% CER improvement
and a 0.83 higher naturalness score compared to the baseline.

• We resolve the speech type mismatch issues by developing a
linguistic encoder robust to both EL and typical speech types.
Through a unified representation being used as inputs, the
alignment module can focus on solely modeling the linguistic
features, resulting in significantly more intelligible speech.

• We show the other important components of the framework,
such as using HuBERT output features and using parallel VC
pretraining in ablation studies.
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2. CONVENTIONAL FRAMEWORK

We use our previous work [10] as our baseline, which uses the Trans-
former [7], [8] to transform the mel-spectrogram of an EL speech ut-
terance into a mel-spectrogram of a typical speech utterance. A pre-
training technique using text-to-speech (TTS) and autoencoder (AE)
was used to efficiently learn linguistic information from a large-scale
typical speech data. The process is done by first training a TTS
model with a large-scale dataset. Then, an AE-style pretraining is
conducted by using the decoder of the TTS model as initialization
parameters, and reconstructing the target speaker by also using it as
inputs. Here, the decoder parameters are frozen, such that the en-
coder is efficiently pretrained. The network is first fine-tuned on the
parallel synthetic EL and typical speech as we found that fine-tuning
first on synthetic EL speech (even with lots of mispronunciations
in synthesis) softens the speech type and speaker mismatches when
fine-tuning. Then, network is fine-tuned on the target EL and typi-
cal speech data. Moreover, since the TTS pretraining technique uses
text information as inputs and models strong linguistic information
[8], such a speaker-independent pretraining style was beneficial in
reducing the speech type and speaker mismatches when fine-tuning.

Although bringing in large improvements, the framework is still
limited as it is still far from human-level speech. The main problem
in this framework is that the mel-spectrograms contain a lot of infor-
mation related to the speech type and speaker, degrading the perfor-
mance due to the speech type and speaker mismatches between the
datasets used in fine-tuning in each stage. One way to resolve this
issue is by using linguistic encoders, which has shown success in
several works in speech synthesis [1], [11]. By using a linguistic en-
coder to extract dense linguistic information from speech and using
these as the input and output features, the focus during conversion
can be shifted to the linguistic-related features, reducing the speech
type and speaker mismatches. This has been applied to intelligibility
enhancement where works such as [15] use a fine-tuned automatic
speech recognition (ASR) model on the atypical speech; however,
this approach cannot be directly applied to the pretraining and fine-
tuning framework used in the majority of works. Although the ASR
model can effectively extract linguistic features from the atypical
speech, the pretraining on the large-scale typical speech dataset be-
comes less effective as the ASR model fine-tuned on the atypical
speech cannot properly decode typical speech. In this work, we fur-
ther investigate how to develop such a robust linguistic encoder and
its observe its performance when used as input and output features
for the Transformer network.

3. PROPOSED FRAMEWORK

An overview of the entire framework can be seen in Fig. 1. We detail
the task of each module of the proposed framework below.

3.1. Recognition module

The recognition module uses a linguistic encoder, which uses the
bottleneck features (BNFs) from an ASR encoder to extract the lin-
guistic information. In our previous work [16], we showed that an
effective approach to improving ASR model performance for EL
speech is through a three-stage training framework. First, the model
was pretrained on a large-scale typical speech dataset. Next, we
fine-tuned the network on synthesized EL speech in an intermediate
fine-tuning stage. Due to the limited data in training an EL speech
synthesis model, the synthesized speech also contained lots of mis-
pronunciations. However, we found that since the model used this
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Fig. 1. An overview of the proposed framework. The framework
contains three main modules to convert from EL to typical speech:
the recognition, alignment, and synthesis modules. Note that each
module is trained separately.

stage to learn the EL speech characteristics instead of the linguis-
tic information, it was sufficient enough for the synthetic EL speech
to only represent the EL speech features. Finally, we fine-tuned the
network on the ground truth EL speech to learn the linguistic fea-
tures and decode at a high accuracy. We adopt this framework as the
backbone of the recognition module.

The goal of the linguistic encoder now is to be robust enough to
remove the speech type features from both typical and EL speech,
while also accurately extracting linguistic information. With a uni-
fied representation, the performance of a pretraining and fine-tuning
framework becomes robust to the speech type mismatches. Although
this has been an easy task in typical VC, several ASR works have
found developing speaker-independent models [17]–[20] for atypi-
cal speakers a difficult task due to the high variance in their speech.
A naive approach to resolve this would be to simply fine-tune the
ASR model on both the EL and typical speech such that the model
is not only optimized for EL speech. However, similar to previous
works, we found that fine-tuning the ASR model on both types of
speech at the same time causes performance degradations.

To improve this, we simply introduce a speech type ID loss LSID

during training. As our previous work discovered that the interme-
diate fine-tuning focuses on learning speech type identity features,
we make the network learn both speech types during this stage. Let
X = {XTYP, XEL} be the training data, which is composed of a
typical and an EL dataset XTYP and XEL. The speech type ID loss
LSID identifies whether the speaker is a typical or EL speaker and
is optimized using a binary cross-entropy loss. Since we use both
EL and typical data, we mask the outputs from the typical speech in-
puts during the calculation of the CTC/Attention losses Lctc and Lattn

[21]. The masking avoids making the model learn two highly variant
types of speech, improving decoding performance. Through this ap-
proach, we effectively optimize the ASR model for EL speech, while
also ensuring that it does not forget how to decode typical speech.
We show in Eq. 1 the detailed loss calculation during intermediate
fine-tuning. After the intermediate fine-tuning stage, we fine-tune on
XEL with the CTC/Attention losses Lctc and Lattn [21] as usual.

LASR = LSID(X) + Lctc(XEL) + Lattn(XEL) (1)



3.2. Alignment module

The alignment module resolves the intelligibility enhancement as-
pect. To improve intelligibility, the alignment module needs to ful-
fill two tasks. First, due to the temporal structure of EL speech,
the model needs to increase the speaking rate similar to a typical
speaker. Next, since EL speakers cannot produce certain phonemes,
the alignment module also needs to correct the phoneme pronunci-
ation. Similar to the baseline described in Section 2, we adopt the
use of a Transformer [7], [8] sequence-to-sequence model to resolve
these issues. We also adopt the same fine-tuning procedure with syn-
thetic data and then the target data due to its success.

We improve this framework by using the BNFs produced by the
recognition module as the inputs. These BNFs would further reduce
the mismatches in speech type and speakers during pretraining and
fine-tuning, as the linguistic encoder allows the alignment module
to solely focus on modeling linguistic information. To further re-
duce the burden on the alignment network, we also use HuBERT as
the output features. Aside from HuBERT providing dense linguis-
tic information, using a variant of HuBERT with soft features [13]
has also been found successful in removing speaker features and in
cross-lingual settings, which would further improve the performance
of the synthesis module described later.

Moreover, the TTS/AE pretraining described in Section 2 was
initially used in our baseline due to the unavailability of a large-
scale parallel dataset; however, with the release of [22], we first ver-
ify whether parallel VC is indeed better. Although using parallel VC
pretraining would directly model the fine-tuning task, this would not
contain the speaker-independent properties of the TTS/AE pretrain-
ing, which might cause more degradations in the multiple fine-tuning
stages due to the speech type and speaker mismatches. However, ow-
ing to the proposed framework focusing solely on linguistic features,
we hypothetically remove this possibility.

3.3. Synthesis module

As our goal is to force the alignment module to focus only on
modeling linguistic information, the task of synthesizing into the
target speaker is placed on a synthesis module. Since the typical
dataset used as a target speaker is also limited in size, we use a
Diffusion model [14] for this module, as this framework has been
proven effective in synthesizing speech in a target speaker even in
few-shot settings [23]. To improve the few-shot performance of
the Diffusion model, similar to [23], we first pretrain on a large-
scale multi-speaker dataset with classifier-free guidance [24] and
use fixed speaker embeddings and HuBERT features as conditioning
features. Then, we adapt the model to the few-shot data for another
set of iterations. To train the model, we iteratively add noise for N
timesteps to the mel-spectrogram and predict the noise at timestep n
during training by using the noisy mel-spectrogram at n−1 as input
along with the conditioning features. During inference, we pass
in Gaussian noise and predict the mel-spectrogram after N itera-
tions. Finally, to synthesize the audio waveforms from the predicted
mel-spectrograms, we use HiFiGAN (V1) [25] as the vocoder.

4. EXPERIMENTAL SETTINGS

4.1. Datasets

As the EL dataset is spoken in Japanese; thus, unless otherwise
stated, the following datasets are also in Japanese. For the recog-
nition module, we followed the same training framework as in [16]

Table 1. Total duration (in mins) and number of utterances for each
split used in our experiment.

Minutes No. of Utterances

Dataset Train Dev Test Train Dev Test

TYPICAL 4.38 2.14 2.17 116 40 40
EL 5.77 2.96 2.99 116 40 40

Table 2. Resulting CER on both EL and typical speech with different
training data setups.

Training data and method EL TYPICAL

Speaker-dependent on typical speech 77.1 4.3
Speaker-dependent on target EL speech [16] 15.9 61.5
Fine-tuned on multiple EL and typical 28.7 3.8
Fine-tuned on EL and typical speech 18.1 16.6
Proposed fine-tuned on EL and
typical with speech type ID loss only 16.2 6.8

Proposed fine-tuned on EL and
typical with speech type ID loss
and masking

13.8 6.0

to train a linguistic encoder. We first pretrained on a large-scale typ-
ical speech dataset containing around 2k hours of speech data [26].
Next, we fine-tuned the network on a total of 27k utterances of syn-
thetic EL data and typical speech. Finally, we fine-tuned the network
on our privately acquired EL speech data. We evaluated the perfor-
mance of the linguistic encoder using the aforementioned EL data,
and its parallel counterpart spoken by a typical speaker. We used a
116/40/40 split for the train, dev, and test data. We also conducted
ablation studies on the performance when using a larger dataset from
15 simulated EL speakers (spoken by using an external electrolar-
ynx) and their typical speech.

For the alignment module, we first pretrained our network on Hi-
FiCaptain [22], a large-scale parallel dataset of typical speakers, con-
taining around 18k utterances in total. We used the female speaker
as the source and the male speaker as the target. Then, we used the
same setup as in [10] where we first fine-tuned on synthetic EL, syn-
thesized from text from the JSUT [27] corpus. We then fine-tuned
the model on our target parallel EL and typical speech data in Table
1. Note that compared to our previous work in [10], this current split
is different, as we composed the evaluation data with longer utter-
ances to show the effectiveness of the proposed method. We used
the same 116/40/40 split used in the recognition module, so the test
data is unseen by both the recognition and alignment modules.

For the synthesis decoder, we used the JVS dataset [28], a
dataset containing 30 hours of speech from 100 speakers, to pretrain
the model before fine-tuning it on the target typical speech. For the
synthesis vocoder, we used a pretrained model on VCTK [29], an
English dataset with 44 speakers of around 40 hours in total.
4.2. Model architecture

The recognition model used a Conformer architecture [30], which
has 12 layers for both the encoder and decoder, the same as in [16].
On the other hand, the Transformer model in the alignment module
has six layers for both the encoder and decoder, the same as in [10].
The diffusion model of the synthesis decoder was adopted from [31]
and uses 512-dimension channels to predict the noise between each
timestep. To handle speech inputs, we replaced the text encoder with
the BNF encoder as the conditioning features. To integrate speaker



Table 3. Objective and subjective evaluation results on the synthesized speech from different systems, along with the ground truth recorded
speech. MOS is calculated with a 95% confidence interval. We detail the input and output features, along with the pretraining method used
in the alignment module.

(System) Description Inputs Outputs Pretraining method MCD (↓) CER (↓) F0 RMSE (↓) F0 CORR (↑) MOS (↑)

(1) Baseline [10] mel mel TTS/AE 7.78 35.0 51.19 0.30 2.42 ± 0.17
(2) Baseline (ablation) mel mel Parallel VC 7.70 33.5 49.95 0.35 2.38 ± 0.18
(3) Proposed BNF HuBERT TTS/AE 7.45 32.2 50.39 0.28 2.90 ± 0.17
(4) Proposed BNF HuBERT Parallel VC 7.14 19.0 52.41 0.29 3.25 ± 0.15
(5) Proposed (ablation) BNF mel Parallel VC 7.54 29.1 51.16 0.37 2.78 ± 0.18

Ground truth - - - - 4.3 - - 4.85 ± 0.07

information, we used a pretrained WavLM model1 (which was fine-
tuned for speaker verification) as speaker embeddings and fused it to
each residual block using conditional layer normalization [32]. We
set the number of diffusion steps N to 100. No changes were made
in HiFiGAN (V1).

4.3. Evaluation metrics

For objective evaluations, we measured the synthesis quality through
metrics such as character error rate (CER), mel-cepstral distortion
(MCD), log F0 root mean square error (F0 RMSE), and log F0 cor-
relation (F0 CORR). For CER, we used the same Conformer model
in Table 2 trained on the large-scale typical speech. For subjective
evaluations, we recruited 15 native Japanese speakers to measure the
naturalness of the synthesized speech using a 5-scale mean opinion
score (MOS) test2.

5. RESULTS AND DISCUSSION

5.1. Validating the recognition module

We first present how to develop a robust linguistic encoder. We in-
vestigate different training setups as shown in Table 2. First, we see
the difficulty in using a speaker-independent model, as optimizing on
either EL or typical speech results in degradations in the other. Thus,
using a model optimized on just EL speech degrades the large-scale
pretraining stage on typical speech. Next, we see that fine-tuning
with multiple EL and typical speakers to make the model more gen-
eralized, also does not have any effectiveness, caused by the high
variance between these speakers. Finally, we show that simply fine-
tuning the model on both EL and typical speech can be effective
but not fully optimized, as there is still a performance gap from the
speaker-dependent setups.

We show that our proposed method of using a speech type ID
loss and masking the typical speech during CTC-Attention loss
calculation makes the model learn to decode both EL and typi-
cal speech. This is because the model learns how to decode EL
speech, while also not forgetting typical speech features learned
during pretraining through the speech type ID loss. To verify this,
removing the masking of typical speech results in slightly worse
scores. Through this, we can decode both EL and typical speech at
an accuracy similar to the speaker-dependent setups.

5.2. Comparison of input/output features

We show the effectiveness of the proposed linguistic encoder in
this task. As seen in Table 3 our proposed method of using the

1https://huggingface.co/microsoft/
wavlm-base-plus-sv

2Demo: lesterphillip.github.io/icassp2024_el_sie

BNF/HuBERT features (Sys. 4) can significantly improve the syn-
thesized speech with a 16% improvement in CER and 0.83 in natu-
ralness score over Sys. 1, the baseline that uses mel-spectrograms as
inputs. This proves our initial hypothesis that the proposed linguis-
tic encoder can effectively remove speech type information while
also extracting accurate linguistic information. We also conducted
a study by using mel-spectrogram outputs. As shown in Sys. 5,
using HuBERT instead of mel-spectrograms as outputs helps further
stabilize the model, as it also contains dense linguistic informa-
tion similar to the BNFs. Aside from this, Sys. 3 and 4 that used
HuBERT features and the synthesis decoder had the top naturalness
scores, further showing the effectiveness and necessity of a synthesis
decoder over directly predicting the mel-spectrogram.

5.3. Comparison of pretraining techniques

In Section 3.2, we discussed that the TTS/AE pretraining also helps
in resolving the speech type and speaker mismatches during pretrain-
ing and fine-tuning through its speaker-independent pretraining style
[8]. However, upon comparing the baseline techniques, we observe
Sys. 2 to have slightly better scores than Sys. 1 except in MOS.
Thus, we prove that TTS/AE is not sufficient to create a speaker-
independent property. Through the proposed approach in Sys. 4,
we can directly model the fine-tuning task by using parallel VC pre-
training, while also being able to implement a speaker-independent
property by using BNF/HuBERT as input and output features, which
reduces the mismatches during each fine-tuning stage. It is important
to note that although Sys. 3 used both speaker-independent training
styles, since the input (BNF) and output (HuBERT) features were
different, the proposed method was not able to fully utilize the ef-
fectiveness of AE pretraining. Finally, we find that compared to the
other systems, Sys. 4 has the highest F0 RMSE score and the sec-
ond lowest F0 CORR score, showing that the proposed method truly
allowed the alignment module to focus on modeling linguistic infor-
mation, but caused a small tradeoff in modeling pitch.

6. CONCLUSIONS

We proposed the use of robust linguistic encoders to remove speech
features from both EL and typical speech. The major benefit that
this brings is that it creates a unified representation for both EL and
typical speech, reducing the speech type mismatches between each
dataset in a pretraining and fine-tuning framework. The proposed
method allows the model to focus on modeling intelligibility, where
it outperforms the baseline with a 16% improvement in CER and a
0.83 higher naturalness score.
Acknowledgements This work was partly supported by AMED un-
der Grant Number JP21dk0310114, Japan, and by JST CREST under
Grant Number JPMJCR19A3.
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