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Abstract
We present MParrotTTS, a unified multilingual, multi-speaker
text-to-speech (TTS) synthesis model that can produce high-
quality speech. Benefiting from a modularized training
paradigm exploiting self-supervised speech representations,
MParrotTTS adapts to a new language with minimal supervised
data and generalizes to languages not seen while training the
self-supervised backbone. Moreover, without training on any
bilingual or parallel examples, MParrotTTS can transfer voices
across languages while preserving the speaker-specific charac-
teristics, e.g., synthesizing fluent Hindi speech using a French
speaker’s voice and accent. We present extensive results on
six languages in terms of speech naturalness and speaker sim-
ilarity in parallel and cross-lingual synthesis. The proposed
model outperforms the state-of-the-art multilingual TTS mod-
els and baselines, using only a small fraction of supervised
training data. Speech samples from our model can be found
at https://paper2438.github.io/tts/
Index Terms: multilingual, multi-speaker, text-to-speech syn-
thesis, self-supervised learning

1. Introduction
“With languages, you are at home anywhere.”

– Edward De Waal

Our work focuses on a unified Text-to-Speech (TTS) sys-
tem that can communicate using various languages (multilin-
gual) and different voices (multispeaker), facilitating cross-
language synthesis, i.e., allowing multiple languages to be spo-
ken in each of the speaker’s voices. We aim to accomplish this
objective by utilizing limited supervised data, enabling adap-
tation to languages with limited resources. The most straight-
forward way to obtain such a TTS (text-to-speech) model is to
train it with a multilingual speech dataset for every speaker in-
volved. However, even with rich-resource languages (RRLs),
such data is not available, as it is hard to find speakers with na-
tive proficiency in several languages. Training multilingual TTS
faces various other challenges, such as the need for distinct in-
put representations or pronunciations and uneven distribution of
training data across languages.

Previous work has addressed these challenges in various
ways. One of the primary ideas is to learn multilingual TTS by
explicitly conditioning the decoder on learnable language and
speaker embeddings [1, 2]. Speaker embeddings are sometimes
obtained using a pre-trained speaker verification network. Ad-
ditional embeddings capturing other properties like tone have
also been utilized [1]. However, the quality remains below
par if the text representation is entangled with speaker or the
language information, specially when only a few speakers are
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Figure 1: Illustration of MParrotTTS framework. (a) MPar-
rotTTS architecture. The Speech Encoder is a pre-trained net-
work, whereas Text encoder and Speech decoder are trainable
networks. The speech decoder is trained from unpaired raw
audio. (b) MParrotTTS uses a non-autoregressive text-encoder,
shared across all languages.

used for each language. For this reason, several recent meth-
ods attempt to disentangle the text representation from language
and speech information. Disentanglement is typically attained
by back-propagating reverse gradients through an explicit lan-
guage or speaker classification branch [2, 3, 4].

Nekvinda and Dušek [4] propose Meta-TTS, which uses a
contextual parameter generation using language-specific convo-
lutional text encoders. Cho et al. [3] build upon Meta-TTS by
employing an additional speaker regularization loss. They also
investigate the effect of using different formats for the textual
input (phoneme, character, etc.). Some efforts have explored
aspects of knowledge sharing [5] and knowledge distillation [6]
for multilingual TTS. More recently, Wu et al. [7] uses a data
augmentation technique based on a pre-trained voice conversion
model to generate insufficient paired data for a pre-selected set
of languages.

Despite the fact that the aforementioned endeavors have
played a crucial role in expanding the realm of multilingual
TTS, there are still certain limitations that persist. The ma-
jority of them [4, 8, 2, 9] rely on Tacotron [10] as their back-
bone, which is known to suffer from word alignment and word
skipping/repetition errors. As pointed out by Nekvinda and
Dušek [4], most prior multilingual TTS models limit to 2-3 lan-
guages simultaneously or require vast amounts of data to be
trained. Furthermore, the training remains challenging in low-
resource settings, especially in the absence of paired data from
multiple speakers in each language.

In this work, we propose MParrotTTS, which exploits the
recent success in self-supervised audio representations [11] to
address the aforementioned limitations. MParrotTTSarchitec-
ture is illustrated in Figure 1; in the first self-supervised phase
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of training, a speech-encoder converts audio into discretized
sound units, which are then reconstructed back to audio using
a speech-decoder. In the second phase, a text encoder maps
the input text sequence to a sequence of discrete sound units
corresponding to the paired audio. We use HuBERT [12, 11]
based embeddings as the self-supervised representation which
has proven successful in Speech-to-Speech translation tasks
[13, 14]. A significant advantage of using HuBERT-based em-
beddings is that they ignore speaker and acoustic information
and encode only the speech content [13]. This characteristic is
a boon in a low-resource setting, allowing the text-encoder to be
trained on a small amount of paired data from a single speaker.
Other benefits encompass the ability to handle audio noise dur-
ing training and simplified training, eliminating the necessity
for domain adversarial training [3, 15]. MParrotTTSalso em-
ploys knowledge sharing by training a unified text-encoder for
multiple languages, where we explore character and phoneme-
based inputs.

MParrotTTSworks in extremely low resource regime [6]
and we show that using 5 hours of single speaker paired data
for each language is sufficient for training the unified model,
capable of synthesizing high-quality speech corresponding to
any unseen text on each of the seen language and the speaker.
We show that MParrotTTScan generate high-fidelity speech
for multiple voices from several European and Indic datasets,
whose paired data is not used in training the model in any of
the six languages explored in our study. Interestingly, MPar-
rotTTSworks well even for languages unseen during the self-
supervised audio representation learning.

2. Method
The proposed MParrotTTSis shown in Figure 1. It consists of
three modules, a speech-encoder, a text-encoder, and a speech-
decoder. We adopt the speech-encoder and speech-decoder
from [13]. The speech-encoder is mHuBERT [11], which maps
the input speech signal to discrete sound units, and the speech-
decoder is HiFiGAN [16], which converts the discrete sound
units to audio signal. The text-encoder is a Non-autoregressive
(NAR) encoder-decoder module that maps the input text repre-
sentation to the sound units.

2.1. Text representation

Representing text from a set of various languages poses a chal-
lenge. Traditionally, end-to-end single language TTS models
have used either characters [10] or phonemes [17, 18] as input
text representation. In this paper, we separately evaluate the ef-
fects of using these representations to train the text encoder un-
der a multilingual scenario. For a character representation, we
extract the tokens using a dictionary created by iterating over
the entire text corpus. In contrast, for phoneme representation,
we utilize an off-the-shelf phonemizer [19] to extract phonemes
belonging to the IPA vocabulary, which are common across lan-
guages. A benefit of this step is that the model is language-
agnostic, as the model sees the common phonemes across the
languages.

2.2. Speech-encoder

We use a pre-trained mHuBERT [11] as our speech-encoder Es,
which is trained on speech-only data to generate discrete sound
units. The model is trained using a Masked Language Model
(MLM) loss similar to BERT [20] architecture. mHuBERT is
pre-trained on multiple languages showing the model’s capabil-

ity to capture sound units across the languages and generalize to
new unseen languages. We also experimented with original Hu-
BERT [12] embeddings and found that mHuBERT fares better
in the studied multilingual scenario. For a given audio signal
X, the speech embedding sequence hs are computed with the
speech-encoder as:

hs = (h1, ...., hT̂ ) := Es(X), (1)

Where X = (x1, x2, .., xT ) is an input speech signal, T̂ =
T/320 indicates down-sampling of the audio signal. The sound
units hi ∈ {1, . . . , k} where k = 1000 is the number of clus-
ters in the mHuBERT’s clustering step.

2.3. Text-encoder

Text-encoder Et is a NAR- based encoder-decoder architecture
that maps text representations (character/phoneme tokens) P =
(p1, p2, .., pN ) to sound unit sequence hp, predicted as:

hp = (h1, ...., hP̂ ) := Et(P ), (2)

where P̂ is the number of sound units. The encoder and de-
coder are feed-forward transformer blocks with self-attention
[21], and 1 dimensional convolutions similar to Fastspeech2
[17]. The encoder encodes the text representation P into a se-
quence of fixed dimensional token embeddings. These token
embeddings are then passed to the duration predictor and length
regulator to determine the output length P̂ . The decoder simul-
taneously predicts all P̂ units of hp. We note that our model’s
performance is not enhanced by conditioning the decoder with
an additional language embedding, and as such, we choose to
refrain from doing so. The text-encoder Et is trained to mimic
its output hp to be similar to hs, sound units of corresponding
audio signal extracted from a pre-trained Es speech-encoder.
The text-encoder thus requires parallel data (P,X) to learn the
mapping from text content to speech content.

2.4. Speech-decoder

We use a modified version of HiFiGAN [16] decoder to decode
embeddings to speech. During training, we concatenate hs with
a one-hot speaker vector hspk to generate h = (hs,hspk). The
speech-decoder has a generator G and a discriminator D. The
generator G takes h as an input and passes it through a se-
ries of transposed convolutions and residual blocks with dila-
tion to generate a synthesized speech signal X̂ . The discrimi-
nator D has two sets of networks. The Multi-period discrimi-
nator handles the periodic portion of input audio, whereas the
multi-scale discriminator captures long-term dependencies and
patterns. Overall, the discriminator evaluates and distinguishes
the synthesized X̂ from the original speech signal X .

3. Experiments
3.1. Dataset

We collate our multilingual dataset using various publicly avail-
able corpora containing samples from multiple speakers in six
languages: (1) 80.76 hours of Hindi and Marathi [22] from 2
speakers, respectively; (2) 71.69 hours of German [23] from 3
speakers; (3) 83.01 hours of Spanish [23] from 3 speakers; (4)
10.70 hours of French [24] from 1 speaker; (5) 23.92 hours of
English [25] from 1 speaker. Overall the dataset comprises of
354.12 hours of paired TTS data from 12 speakers. We resam-
ple all speech samples to 16 kHz.



3.2. Speech-encoder training

We use a pretrained 12-layer transformer-based mHuBERT [11]
architecture trained for 3 iterations on 13.5k hours of English,
Spanish and French data from VoxPopuli unlabelled speech cor-
pus [11, 26]. We extract a 768 dimensional continuous vector
from the eleventh activation layer similar to [11]. These vectors
are further discretized to hs units using a k-means clustering
algorithm with k = 1000.

3.3. Text-encoder training

To demonstrate the efficacy of our model in a low-resource set-
ting, we only use 5 hours of paired data for a single speaker in
each language to train the text encoder (using mere 30 hours of
paired data across all languages in total). We report the eval-
uation metrics for seen speakers where the model has seen the
speaker paired data and unseen speakers whose paired data is
not used to train the text-encoder.

To evaluate the performance of the TTS systems on various
text representations, we train two variants of the text-encoder,
the character text-encoder (CTE) and the phoneme text-encoder
(PTE). The first variant uses character tokens across the lan-
guages to learn sound units, while the second uses phoneme
tokens. Additionally, we employ Deep Forced Aligner [27] to
align ground-truth speech and input text representations to train
the duration predictor. We use cross-entropy loss with 1000
classes to predict hp.

3.4. Speech-decoder training

We train a multi-speaker speech-decoder using speech-only data
from all 12 speakers since training this model doesn’t require
any paired data. First, we extract the sound units hs from the
source audio using the pre-trained speech-encoder Es. During
decoder training, we concatenate the sound units hs with one-
hot speaker vector hspk. However, during inference, we pass
the generated sound units hp from the text-encoder along with
the target speaker’s one-hot vector to synthesize speech.

3.5. Baseline models

We compare against the publicly available state-of-the-art mul-
tilingual TTS approaches. First, we train a fully supervised
multi-lingual, multi-speaker FastSpeech2 (FS2) model [28]. We
train the FastSpeech2 model on the entire dataset (approxi-
mately 12 times more paired data than MParrotTTS), seeing all
the 12 speakers. Only 100 samples for each speaker are kept
aside for validation of FastSpeech2 model.

We also compare against the Meta-TTS [4], a meta
learning-based TTS model which uses language-specific con-
textual parameter generation. We use their released checkpoint
and compare the naturalness of the synthesized speech on the
shared set of languages. Specifically, we compare their model
across the French, Spanish, and German languages.

Please note that both FS2 and Meta-TTS models are fully
supervised; they use all the available paired text-speech pairs to
train their end-to-end TTS. In contrast, MParrotTTS only uses
a small portion of the paired data.

3.6. Evaluation metrics

We use the Mean Opinion Score (MOS) to evaluate the quality
of synthesized speech, where the participants are asked to rate
the samples based on their naturalness. The user is asked to rate
the naturalness of the audio where 5 is “completely natural,”

Table 1: Comparison of Naturalness MOS on seen speakers
with FS2 model

Language GT CTE PTE FS2

Hindi 3.78 ± 0.14 3.33 ± 0.19 3.22 ± 0.15 3.33 ± 0.12
Marathi 4.81 ± 0.07 3.78 ± 0.12 3.04 ± 0.19 3.59 ± 0.15
German 3.54 ± 0.20 3.33 ± 0.19 3.58 ± 0.12 3.21 ± 0.16
French 3.83 ± 0.19 2.23 ± 0.14 4.17 ± 0.19 3.50 ± 0.16

English 4.20 ± 0.12 3.11 ± 0.11 3.50 ± 0.10 2.50 ± 0.18
Spanish 3.67 ± 0.12 3.5 ± 0.21 3.67 ± 0.20 2.50 ± 0.21

Table 2: Comparison of Naturalness MOS on unseen speakers
with FS2 model

Language GT CTE PTE FS2

Hindi 4.22 ± 0.18 3.28 ± 0.19 3.05 ± 0.20 3.22 ± 0.21
Marathi 4.48 ± 0.13 3.63 ± 0.18 3.11 ± 0.18 3.15 ± 0.19
German 3.17 ± 0.22 2.72 ± 0.23 3.55 ± 0.20 2.05 ± 0.22
Spanish 3.67 ± 0.19 3.17 ± 0.17 3.33 ± 0.18 3.17 ± 0.19

and 1 is “completely unnatural”. And to evaluate the model’s
ability to capture speaker information, we use speaker similarity
MOS, where the participants rate the similarity of a synthesized
sample with a ground truth sample from the same speaker. We
also assess the model’s performance in cross-lingual synthesis,
where a speaker’s voice in one language is used to synthesize
content in a different language. In addition to evaluating the
naturalness of the synthesized voice, participants were also re-
quested to identify the native accent of the speaker. This ex-
periment was conducted to assess the effectiveness of our pro-
posed setup in preserving the nuances of the native speaker
when speaking foreign content.

We conduct our evaluations using the Absolute category
rating scale, in which the subjects are asked to provide ratings
on a scale of 1 to 5, with a 1 point increment. We collect eval-
uations from five native speakers for each language across all
the subjective listening tests. We randomly select five sentences
from the test set, and each participant is asked to rate the sam-
ples synthesized using our model and the baseline model along
with the ground truth audio. For English and French languages,
we only use single speaker data; hence we exclude these two
languages as part of unseen speaker evaluation.

4. Results and Discussion
Naturalness MOS Based on the results presented in Table 1
and Table 2, our model demonstrates significantly superior per-
formance compared to a multilingual FS2 model. Notably, our
model’s success is even more impressive considering that it was
trained on only a fraction, specifically 1/12th, of the paired
data used to train the FS2 model. This indicates the viability of
MParrotTTS in a low-resource scenario where collecting paired
data is difficult and costly. We also observe that the natural-
ness in different languages varies with the input text representa-
tion. For Indic languages (Hindi and Marathi), representing the
text in characters (CTE) performs better than phonemes (PTE).
Whereas for English and the European Languages (German,
French, and Spanish), phoneme representation PTE serves bet-
ter. With the appropriate choice of tokenization scheme (CTE or
PTE), our model consistently outperforms FS2 on both seen and
unseen speakers, even though no paired data is used for unseen
speakers. Another interesting observation is that for some of the
European languages MParrotTTS fares better than the ground



Table 3: Comparison of Naturalness MOS with Meta-
TTS model

Language Our model Meta-TTS [4]

French 4.08 ± 0.19 2.58 ± 0.18
Spanish 3.75 ± 0.16 3.00 ± 0.20
German 3.33 ± 0.19 3.50 ± 0.18

Table 4: Comparison of speaker similarity MOS with FS2 model

Language Our model FS2

Hindi 4.29 ± 0.18 3.92 ± 0.21
Marathi 4.21 ± 0.16 3.83 ± 0.08
German 4.09 ± 0.11 3.25 ± 0.14
French 3.87 ± 0.20 3.50 ± 0.19

English 3.94 ± 0.18 3.00 ± 0.19
Spanish 4.33 ± 0.17 3.50 ± 0.19

truth. We believe the noise in the ground-truth data hampers its
naturalness score. Since mHubert embeddings ignore/suppress
the ambient information, it imparts noise robustness to MPar-
rotTTS, improving the naturalness over the ground-truth audio
in noisy scenarios.

Table 3 includes our findings on the naturalness of MPar-
rotTTS as assessed by MOS scores, when compared against the
Meta-TTS model on the shared set of languages (French, Span-
ish, and German). While our model gives comparable results for
German, it significantly outperforms Meta-TTS in French and
Spanish. The MOS scores for German remain low for MPar-
rotTTS because of low-quality training data (even ground truth
MOS scores are low in Table 1 and Table 2). Meta-TTS uses 20
hours of paired data from 40 German speakers for their train-
ing. They also perform extensive pre-processing, which in-
cludes careful data selection methods. As our model is intended
to operate in a low-resource setting where gathering paired data
poses a challenge, we refrain from applying any data-cleaning
techniques and limit the text-encoder training to five hours of
noisy data from a single speaker.

Speaker Similarity We conducted a comparative analysis
of our model’s ability to capture speaker identity as opposed to
that of the FS2 model. Speaker similarity is reported on a scale
of 1 to 5, where 1 corresponds to “Not at all similar,” and 5
corresponds to “extremely similar”. Our results, presented in
Table 4, consistently demonstrate the superiority of our model
over FS2, indicating its effectiveness in separating speaker and
content information. This is attributed to the decoder being con-
ditioned solely on speaker ID and the shared sound unit space,
which is common across all languages.

Cross lingual synthesis We also assess the model’s perfor-
mance in synthesizing the samples of a speaker in a different
language. Table 5 presents the results of a study that compares
the naturalness of MOS in a cross-lingual setting. The first col-
umn shows the speaker-text pair, where the speaker of a native
language attempts to speak a different non-native language. We
report the MOS scores for a few speaker-text pairs.

Our model exhibits significantly higher ratings than FS2,
demonstrating the flexibility of our model to generate sound
units from any given text and synthesize speech for any target
speaker of a different native language. In addition, more than
90 % of the participants were able to discern the nativity of the

Table 5: Comparison of Naturalness MOS for cross-lingual
speech synthesis

Speaker-Text Our model FS2

Hindi-Spanish 3.87 ± 0.22 3.25 ± 0.19
Marathi-English 3.63 ± 0.21 3.5 ± 0.22

French-Hindi 4.07 ± 0.12 2.71 ± 0.21
Spanish-German 4.14 ± 0.20 2.29 ± 0.21
English-German 3.57 ± 0.15 2.43 ± 0.18

English-Hindi 3.57 ± 0.19 2.57 ± 0.18
French-German 3.93 ± 0.17 2.71 ± 0.18
Spanish-French 3.71 ± 0.18 2.57 ± 0.17

Hindi-Marathi 4.13 ± 0.21 3.25 ± 0.19
Marathi-French 2.87 ± 0.19 2.75 ± 0.18

synthesized speech produced by both the models.
Collectively, our findings indicate that MParrotTTS pos-

sesses the ability to produce high-quality, multilingual, and
multi-speaker speech that effectively captures the distinctive
characteristics of individual speakers, even when synthesized
for a different language.

5. Conclusion
In this paper, we present MParrotTTS, a unified multilingual
self-supervised learning-based text-to-speech (TTS) synthesis
framework that has the significant potential to enhance the TTS
capability on low-resource languages. We demonstrate that
high-fidelity speech can be obtained by utilizing a minimal
amount of single-speaker training data per language. Our ap-
proach enables generalization to various voices within a par-
ticular language without requiring paired data for each voice.
The experimental findings have shown that the quality of speech
synthesis is significantly influenced by the text representations
used, such as characters or phonemes, particularly in diverse
linguistic contexts. Our experimental outcomes have revealed
that our model outperformed the baseline FastSpeech2 and
Meta-TTS models, in terms of naturalness and speaker simi-
larity. In addition, our method has effectively showcased the
ability for cross-language synthesis (to produce speech in a lan-
guage that is not native) while maintaining the speaker-specific
nuances and delivery style.

One limitation of our approach is that the duration pre-
dictor in the non-autoregressive model might lean towards the
style of the single seen speaker. Future research will inves-
tigate methods to obtain speaker adaptive duration prediction
or allow levers to control the duration prediction. Our current
self-supervised backbone is trained on limited set of languages.
A direction of future exploration would be to fine-tune self-
supervised HuBert-based embeddings using the raw audio from
a diverse set of languages (South Asian, Latin, English, etc.) to
have a more comprehensive quantized code set of sound units.
Another area of future work will be releasing an open-source,
multilingual TTS model, allowing the community to apply the
investigated ideas to other resource-scarce, less studied, and less
privileged languages.
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