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Abstract
Robust text-to-speech (TTS) systems must
be trained on speech that mirrors the vari-
ability and imperfections of spontaneous dia-
logues. However, TTS systems trained on exist-
ing Brazilian Portuguese datasets are typically
limited to clean, scripted, or studio-recorded
speech. Certas Palavras (CP) bridges this gap
with 70 hours of spontaneous, multi-speaker di-
alogues from a Brazilian radio program broad-
cast in the 1980s–1990s. The extensive manual
annotation process captures conversational dy-
namics, including orality markers, filled pauses,
and hesitations. For the analog medium, we
annotated non-verbal phenomena as musical
interference, noise and segmental corrections,
describing a challenging acoustic environment
for synthesis. Baseline YourTTS and F5-TTS
models were trained on a 9-hour single-speaker
subset corresponding to one of the main pro-
gram hosts. Objective evaluation shows that the
synthesized speech remains intelligible, with
moderate WER and CER. In contrast, subjec-
tive evaluation reveals a clear gap in perceived
naturalness, with lower MOS scores and higher
inter-rater variability compared to ground-truth
audio. Together, these properties make the
dataset a strong benchmark for TTS robustness.

1 Introduction

Text-to-speech (TTS) systems have reached re-
markable levels of naturalness and intelligibility
in recent years (Casanova et al., 2024, 2022b; Chen
et al., 2025b). However, their performance remains
highly dependent on the quality and homogeneity
of the training data (Tan et al., 2021; Xie et al.,
2025). Most Brazilian Portuguese corpora used
for synthesis are based on clean, read, and studio-
recorded speech (Pratap et al., 2020; Oliveira et al.,
2023; Casanova et al., 2022a), resulting in models
that perform well in controlled scenarios but de-
grade when exposed to spontaneous, multi-speaker,

or noisy environments (Leal et al., 2025). Recent
multilingual research has shown that training with
diverse and imperfect data improves the robustness
and adaptability of neural TTS models (Lee et al.,
2023), particularly in conversational or emotion-
ally variable contexts. However, there remains a
scarcity of Brazilian Portuguese resources that cap-
ture these real-world variations.

To address this gap, we introduce Certas
Palavras1, a 70-hour archival corpus drawn from
a Brazilian radio program broadcasted between
the 1980s and 1990s. The dataset captures sponta-
neous, unscripted conversations between two main
hosts, rotating celebrity reporters, and a wide vari-
ety of guests, from several states of Brazil. Unlike
studio-based corpora, these recordings exhibit ana-
log tape artifacts such as background hiss and com-
pression, along with frequent interruptions, over-
lapping turns, and non-speech elements, such as
music, jingles, and ambient effects.

With the release of this dataset, we provide the
following contributions:

• A 70-hour multi-speaker corpus of spon-
taneous, noisy, and stylistically rich broad-
cast dialogue with demographic information
for ASR, expressive TTS and regional accent
tasks: 190 speakers (136 Male | 54 Female);

• Human-verified annotations for diarization
and speaker roles (host, guests, and co-hosts),
transcriptions and annotations of speech and
non-speech interference;

• Subjective evaluation of YourTTS and objec-
tive evaluation of YourTTS (Casanova et al.,
2022b) and F5-TTS (Chen et al., 2025b) mod-
els, both fine-tuned with Certas Palavras.

1https://huggingface.co/datasets/nilc-nlp/
certas_palavras
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Corpus Hours Speech Genre Style #Spk License
English corpora
LJSpeech 25 Audiobook reading read 1 CC0 1.0
VCTK 44 Read prompts read 109 ODC-By v1.0
LibriTTS 586 Audiobook reading read 2,456 CC-BY 4.0
HiFiTTS-2 (22 kHz) 36.7k Audiobook reading read 5,013 CC0 1.0
HiFiTTS-2 (44 kHz) 31.7k Audiobook reading read 4,631 CC0 1.0
DailyTalk 20 Conversational dialogues spontaneous 2 CC BY-SA 4.0
Brazilian Portuguese corpora
Multilingual LibriSpeech (MLS) 130 Read audiobooks read 54 CC BY
BRSD v2 158 Read prompts read 775 –
Multilingual TEDx (PT) 170 Stage talks prepared – CC BY-NC-ND 4.0

CORAA ASR 1.1 290 Interviews, readings,
conversations and talks

spontaneous,
prepared,read 1,689 CC BY-NC-ND 4.0

Common Voice 17 (PT) 175 Crowdsourced prompts read 3,453 CC0
NURC-SP Audio Corpus 239 Sociolinguistic interviews spontaneous 401 CC BY-NC-ND 4.0
MuPe Life Stories 365 Biographical interviews spontaneous 289 CC BY-NC-ND 4.0
CML-TTS (PT slice) ∼69 Read prepared 48 CC-BY 4.0
Certas Palavras (ours) 70 Conversational dialogues spontaneous 190 CC BY-NC 4.0

Table 1: Comparison of Brazilian Portuguese and English speech corpora relevant to this study.

2 Related Work

Recent progress in text-to-speech synthesis has
been driven by small and high-quality corpora (see
Table 1), such as LJSpeech (Ito and Johnson, 2017)
and VCTK (Yamagishi et al., 2019), for applica-
tions such as voice assistants. Research needs have
shifted towards the creation of large ones, such as
LibriTTS (Zen et al., 2019), which was derived
from audiobooks and features 585 hours of spo-
ken audio from 2,456 speakers, 1,185 of whom
are female and 1,271 male, which have supported
the development of highly natural zero-shot multi-
speaker TTS to replicate the voice of a speaker
not seen during training (Casanova et al., 2022b,
2024; Chen et al., 2025a). Recently, HiFiTTS-2
(Langman et al., 2025) was launched to overcome
two problems large datasets for training TTS have:
(i) non-commercial license because its underlying
sources have varying licenses and copyrights; (ii)
mixed-bandwidth data, as several datasets are often
downsampled to 16 kHz to generate transcripts of
their audios. HiFiTTS-2 authors remove data from
LibriVox speakers who have explicitly requested
that their recordings not be used for machine learn-
ing applications, to generate this large-scale speech
dataset designed for high-bandwidth speech synthe-
sis, with 2 subsets (22.05 kHz subset and 44.1 kHz
subset). However, these resources consist primarily
of clean, read speech recorded in controlled studio
conditions, offering limited diversity in speaker in-
teraction, background conditions, and expressive
variation. In contrast, corpora such as DailyTalk
(Lee et al., 2023) have introduced conversational di-
alogues designed to evaluate prosody, turn-taking,

and speaker consistency, demonstrating the impor-
tance of spontaneous and multi-speaker data for
training robust synthesis systems.

For Brazilian Portuguese, the available corpora
remain comparatively narrow in both acoustic and
stylistic scope. Datasets such as the Portuguese
subset of Multilingual LibriSpeech (Pratap et al.,
2020), BRSD v2 (Macedo Quintanilha et al., 2020),
and Common Voice 17 (Ardila et al., 2020) pro-
vide extensive read material collected in consis-
tent recording setups. Other initiatives, including
Multilingual TEDx (PT) (Salesky et al., 2021) and
CORAA ASR 1.1 (Candido Junior et al., 2022),
add a mixture of read, prepared and spontaneous
speech but remain acoustically homogeneous rel-
ative to real conversational scenarios. NURC-SP
Audio Corpus (Lima et al., 2025) and MuPe Life
Stories (Leal et al., 2025) extend the range of spon-
taneous speech available in Brazilian Portuguese,
introducing sociolinguistic and biographical inter-
views that highlight narrative expressiveness and
demographic and accent diversity. Nevertheless,
none of these corpora capture the acoustic complex-
ity and broadcast realism present in archival media
with conversational dialogue speaking genre.

3 Certas Palavras: A radio program of
books and ideas

Certas Palavras was a Brazilian radio program con-
ceived and hosted by Jorge Marques de Vasconcel-
los and Claudiney José Ferreira. The program fo-
cused on books, ideas, and the Brazilian publishing
market, establishing itself as a reference point in
the literary and artistic spheres during the 1980s
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and 1990s. Its independent production model, cen-
tered on interviews, debates, and cultural profiles,
attracted prominent figures from both national and
international artistic circles.

The CEDAE (from the Portuguese Centro de
Documentação Cultural “Alexandre Eulalio”) cur-
rently preserves the Programa Certas Palavras
archive, composed of recordings of interviews and
reports broadcasted until the mid-1990s, along with
additional historical documentation. Since 2015,
this collection has been digitized. In a partnership
with the Center for Artificial Intelligence(C4AI) at
the University of São Paulo (USP), it was possi-
ble to digitalize the remaining tapes and cassettes,
ensuring broader access to this unique cultural her-
itage.

Certas Palavras fills the gap of previous works
by combining spontaneous multi-speaker dialogue,
overlapping turns, and environmental noise typi-
cal of analog recordings, creating a new category
of “broadcast conversational” corpus for Brazilian
Portuguese. The dataset complements clean, read
resources such as Common Voice and BRSD, and
spontaneous but structured ones like MuPe Life
Stories, by introducing variability in background
conditions, speaking style, and high speaker inter-
action.

Together, these contributions position Certas
Palavras as a unique benchmark for evaluating TTS
models under realistic and adverse acoustic and
stylistic conditions, a complementary resource for
advancing TTS research in Brazilian Portuguese.

Specifically, it can enable (i) assessment of
generalization, expressiveness, and robustness of
Brazilian Portuguese TTS systems in noisy, dy-
namic, and conversational settings; (ii) evalua-
tion protocols for speaker diarization (iii) construc-
tion and evaluation of regional accent tasks, lever-
aging speaker diversity and accent/dialect varia-
tion; (iv) complementary analysis of ASR robust-
ness; and (v) testing of prompt-driven audio sepa-
ration/segmentation models such as Meta’s SAM
Audio (Shi et al., 2025).

Beyond expanding linguistic and stylistic cov-
erage for Brazilian Portuguese, this corpus con-
tributes to the growing focus on robustness eval-
uation in TTS research (Chen et al., 2025a; Lee
et al., 2023; Casanova et al., 2022b). It encourages
a shift from purely naturalness-oriented evaluation
toward assessing the ability of synthesis systems
to maintain intelligibility, timbral consistency, and
expressive stability under diverse input conditions.

3.1 Audio Processing and Annotation

The transcription process of Certas Palavras began
with an automatic pipeline using WhisperX (Bain
et al., 2023), which provided high-quality transcrip-
tions and precise timestamp alignment through the
large-v2 Whisper model2, combined with Voice
Activity Detection (VAD) and speaker diarization
from Pyannote-Audio (Bredin, 2023; Plaquet and
Bredin, 2023).

Audio recordings were standardized to a 16kHz
sampling rate, and to mono channel format to en-
sure temporal and acoustic consistency. From
November 2023 to May 2024, the automatically
generated transcripts were subsequently manually
verified and enriched by a team of 12 annotators,
who corrected automatic transcription errors, and
added real speaker identity labels to the generic ID
label attributed by Pyannote-Audio.

Fleiss’s kappa was used to assess the reliabil-
ity of agreement between the 12 raters, on two
Certas Palavras radio programs (004_CP700 with
300 classifying segments and 001_CP344 with 362
classifying segments) for the diarization task. The
kappa values were 0.809 and 0.962, respectively.
Each episode/program was further annotated with
guest and reporter names, demographic informa-
tion, and broadcast dates, using metadata obtained
from the archival collection of Carmem Silvia P.
Teixeira (1997).

The final transcripts followed a structured set
of 11 annotation guidelines addressing both verbal
and non-verbal phenomena. These rules covered
(i) orality markers, (ii) filled pauses, (iii) repeated
hesitations, (iv) number and letter transcription,
(v) acronyms, (vi) foreign terms, (vii) punctuation
and capitalization, (viii) expressive or emotional
sounds (e.g., laughter), (ix) misunderstood words,
(x) segmentation corrections, and (xi) sentences
with music or sound effects (SFX). The same tran-
scription protocol was adopted in the MuPe Life
Stories corpus (Leal et al., 2025) and NURC-SP
Audio Corpus (Lima et al., 2025), ensuring method-
ological consistency and comparability between
datasets in terms of how spontaneous, overlapping,
and emotionally expressive speech is represented.

This multi-stage procedure ensured that the
dataset preserved the spontaneous character and in-
teractional richness of the original radio dialogues
while providing high-quality, time-aligned data for
speech synthesis and analysis.

2https://github.com/openai/whisper
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3.2 Corpus

As shown in Table 2, Certas Palavras differs
markedly from clean Brazilian Portuguese corpora.

feature Total
# speakers 190
# words 689,574
Total duration (h) 70.98
# radio program segments 42,486
Mean duration/segments (s) 5.95
Mean words/episode 4257
Mean turns/episode 55
# sentences with unintelligible words (i) 972
# sentences with filled pauses (ii) 8968
# sentences with emotional content (viii) 594
# sentences with segmental errors (x) 609
# sentences with music/SFX (xi) 1807
Speakers with state_of_birth: SP 61 (32,8 %)
Speakers with state_of_birth: RJ 32 (17,2 %)
Speakers with state_of_birth: MG 13 (7,00 %)
Speakers with others state_of_birth 23 (12,1 %)
Speakers with no birth info 61 (32,8 %)
Foreign-borns 13 (0,68 %)

Table 2: Detailed statistics of Certas Palavras.

The number of dialogue turns and sentence-level
segments is considerably higher than in comparable
datasets such as MuPe Life Stories or CORAA
ASR 1.1, reflecting the inherently interactive nature
of broadcast exchanges. The number of sentences
with artifact annotations shows how extensively
the dataset captures real acoustic disturbances that
comes from speaking genre, style and media.

In terms of speaker composition, the dataset com-
prises a total of 190 distinct speakers, reflecting the
conversational structure of the program. This set
includes two primary hosts, Claudiney Ferreira and
Jorge Vasconcellos, as well as one recurring co-
host, Ivan Lessa.In addition, the corpus contains
contributions from 187 guest speakers, of whom
133 are male and 54 are female. Some demographic
metadata examples can be found in Appendix A.

The corpus includes speaker birthplace meta-
data for a substantial subset of the speakers, these
metadata therefore provide partial but explicit ge-
ographic coverage, which can support controlled
analyses of regional variation and related speaker-
background effects. However, we do not claim that
the present distribution constitutes a balanced ac-
cent inventory; rather, these fields should be under-
stood as auxiliary metadata that may enable future
accent-oriented studies.

This distribution mirrors the guest dynamics of
the original broadcast and contributes to substan-
tial inter-speaker variability in voice characteristics,
speaking styles, and interactional roles. The pres-

ence of stable hosts alongside a large and diverse
pool of guests reinforces the dialogic nature of the
dataset while providing a clear distinction between
the types of hosts frequently represented.

4 Methods and Materials

We release the selection scripts, speaker lists, and
fixed random seeds for sampling, along with CSV
manifests defining utterance boundaries and labels
for each split, following dataset card recommen-
dations. A public Docker image with identical
environment specifications were released alongside
the dataset and training scripts on a GitHub Page3.

4.1 YourTTS Model

The YourTTS model (Casanova et al., 2022b)
adopts a Transformer-based encoder-decoder ar-
chitecture in which the encoder processes the
input text sequence and generates an interme-
diate representation that is then decoded into a
mel-spectrogram, later converted into audio by a
vocoder.

The model stands out for its intermediate compo-
nents, such as the posterior encoder implemented as
a variational autoencoder (VAE), which enhances
end-to-end learning by capturing variations and un-
certainties more effectively. This module receives
a linear spectrogram and speaker embeddings to
predict a latent variable, used by both the vocoder
and the flow-based decoder, which conditions this
latent variable and the speaker embeddings on a
probabilistic distribution to improve realism and
variability in the synthesized speech. The mono-
tonic alignment search (MAS) aligns the outputs of
the text encoder and the flow-based decoder, while
the stochastic duration predictor introduces con-
trolled rhythm variability based on MAS outputs
and speaker and language embeddings. YourTTS
also introduces innovations such as multilingual
support through the concatenation of four trainable
language embeddings at each input character and a
speaker embedding module capable of adapting to
new voices from short audio samples while main-
taining vocal identity across languages.

The model was initially trained on a very small
Brazilian Portuguese dataset, demonstrating re-
markable robustness and generalization capacity
despite the limited data, and later extended to larger
multilingual datasets such as the CML dataset

3https://github.com/GustavoEvangelistaAraujo/
CertasPalavras/
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(Oliveira et al., 2023), which significantly ex-
panded its coverage of speakers and languages.

These characteristics make YourTTS an appeal-
ing baseline, particularly for scenarios like the Cer-
tas Palavras dataset, where speaker diversity and
limited samples per speaker are key challenges.

4.2 F5-TTS Model

The F5-TTS model (Chen et al., 2025b) is a text-
to-speech model designed to generate speech by
gradually transforming random noise into a struc-
tured audio representation.

F5-TTS implements a non-autoregressive TTS
system via Conditional Flow Matching with Op-
timal Transport, regressing vector fields to trans-
form Gaussian noise into log-mel spectrograms
through ODE integration, enabling parallel gen-
eration across all frames without sequential au-
toregression. To better connect textual informa-
tion with acoustic features, character sequences
are tokenized, padded with filler tokens to match
the speech length, and refined via ConvNeXt V2
blocks before channel-wise concatenation with
masked speech and noisy input. The joint repre-
sentation feeds a Diffusion Transformer, employ-
ing RoPE self-attention, convolutional positional
embeds, and flow matching loss for implicit text-
speech alignment during text-guided infilling train-
ing; Classifier-Free Guidance enhances condition-
ing through unconditional dropout.

During inference, optimized sampling strategies
prioritize the most important transformation steps,
enabling faster synthesis while maintaining natu-
ralness and prosodic detail. It applies Euler ODE
solver with Sway Sampling, followed by Vocos
vocoding, while preserving zero-shot prosody from
100K-hour multilingual pretraining.

In general, F5-TTS stands out for its context-
dependent prosody modeling, with a prominent
DiT backbone to deal with noisy data, enabling nat-
ural rhythm, intonation, and duration assignment
without rigid phoneme predictors, a complemen-
tary DiT model for the experiments.

4.3 Training Environments

All experiments were conducted using the same
computational environment to ensure reproducibil-
ity across models and dataset splits. Training was
carried out on a dedicated server. The system com-
prises 8× NVIDIA A100 80GB Tensor Core GPUs
(700GB total), six NVIDIA NVSwitches, and

petaFLOPS-class AI throughput (∼10 petaOPS
INT8).

Each training run employed mixed-precision op-
timization (fp16) and the AdamW optimizer with
β1 = 0.8, β2 = 0.99, and a constant learning rate
of 2× 10−4. Training lasted approximately 400 k
steps for full datasets, using a batch size of 32. All
experiments were performed with fixed random
seeds to facilitate reproducibility, and logs were
managed with Weights & Biases4 for experiment
tracking. Hyperparameters (optimizer, LR, batch
size, steps) are shared across regimes to isolate the
effect of data composition.

4.4 Training Split

To ensure a controlled and interpretable evalua-
tion, we restricted our analyses to a single speaker:
the program’s main host, Claudiney Ferreira, who
is also the most represented voice in the dataset,
with a 9-hour subset. This choice minimizes vari-
ability caused by speaker imbalance, as TTS mod-
els typically perform better on voices with more
training data. Using the host, therefore prevents
performance differences from being confounded
with data scarcity. The host appears consistently
throughout the recordings, across diverse acoustic
environments and interactional contexts, provid-
ing the model with a stable and statistically rich
representation of timbre and prosody. This makes
it easier to isolate the effects of Certas Palavras’
acoustic challenges without additional noise intro-
duced by underrepresented speakers. To support
transparency and reproducibility, the exact list of
training segments and corresponding metadata are
publicly available in the project’s GitHub3.

4.5 Subjective metrics

The Mean Opinion Score (MOS) is the average
of the rating-scale scores assigned by listeners, a
type of Absolute Category Rating (ACR) (Ribeiro
et al., 2011). MOS has emerged as the most widely
used descriptor of perceived media quality. It has
been broadly adopted in the field of speech quality
assessment and has since been extended to other
modalities such as audio, images, video, and audio-
visual content, being applied in contexts ranging
from controlled laboratory tests to in-service moni-
toring (ITU - T, 1996).

For MOS computation, human evaluators listen
to the synthesized and natural audio samples and

4https://wandb.ai/site/
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assign a score from 1 to 5, where the final value
corresponds to the average of all evaluators’ rat-
ings, as shown in Table 3. The translated version
for Portuguese experiment and further information
were also added in the GitHub repository3.

MOS Quality Naturalness
5 Excellent Completely natural
4 Good Mostly natural
3 Fair Equaly natural and unnatural
2 Poor Mostly unnatural
1 Bad Completely unnatural

Table 3: Description of the used MOS reference for the
experiments for naturalness evaluation.

4.6 Objective metrics

The Word Error Rate (WER) is a standard metric
used to quantify the intelligibility of synthesized
or transcribed speech by comparing the predicted
word sequence to a reference transcription. WER
measures the rate of substitution (S), deletion (D),
and insertion (I) errors relative to the total number
of words in the reference (N ). It is defined in
Equation 1.

WER =
Sword +Dword + Iword

Nwords
(1)

The Character Error Rate (CER) provides a finer-
grained measure of intelligibility by evaluating er-
rors at the character level. CER follows the same
formulation as WER, but replaces words with char-
acters, enabling more sensitivity to minor transcrip-
tion differences such as orthographic errors or pho-
netic approximations. This definition is given in
Equation 2.

CER =
Schar +Dchar + Ichar

Nchar
, (2)

As a complementary metric for the subjective
evaluations, we compute Kendall’s coefficient of
concordance (W ) to quantify the degree of agree-
ment among annotators. Kendall’s W measures the
consistency of rankings assigned by multiple raters
to the same set of stimuli, with values ranging from
0 (no agreement beyond chance) to 1 (complete
agreement). In this work, W serves as an indica-
tor of inter-annotator reliability, enabling the as-
sessment of whether perceived differences between
stimuli are consistently judged across participants.
This formulation is defined in Equation 3.

W =
12

∑n
i=1

(
Ri − R̄

)2

m2 (n3 − n)
(3)

4.7 Evaluation process

The division of audio lists for evaluation was car-
ried out considering two types of audio: synthe-
sized and natural. These audio samples were or-
ganized into two lists: List A and List B, which
were assigned to participants in a balanced manner.
Thirty natural audio samples were placed in List
A, while their corresponding synthesized versions
were allocated to List B. Likewise, thirty synthe-
sized audio samples were included in List A, with
their corresponding natural versions assigned to
List B.

Regarding participant selection, prior work rec-
ommends a proportion of at least ten expert lis-
teners for every twenty non-experts in subjective
speech evaluations (Loizou, 2011). In this study,
we intentionally exceeded this minimum by re-
cruiting a total of 27 expert annotators, in order
to strengthen the reliability of expert-level judg-
ments and to mitigate potential effects of partici-
pant dropout. These experts were distributed across
two evaluation lists, with 15 participants in list
A and 12 in list B. The resulting imbalance be-
tween the lists reflects natural attrition during the
experimental process, as some participants with-
drew before completing all evaluation stages, rather
than deviations from the intended sampling design.
Both experiments followed the same allocation
strategy, ensuring consistent exposure conditions
and preserving diversity in evaluative perspectives
for comparative analysis between expert and non-
expert assessments of the audio samples.

To reduce potential sources of bias in the sub-
jective evaluation, several measures were imple-
mented based on previous related work (Araújo
et al., 2024): (i) participants never listened to the
paired natural and synthetic versions of the same
utterance, preventing direct comparison effects, (ii)
all audio samples were presented in a randomized
order, minimizing sequence effects, learning ef-
fects, and listener fatigue, (iii) each participant eval-
uated only a subset of 60 audio samples, ensuring
a manageable cognitive load throughout the exper-
iment, (iv) all selected samples were short utter-
ances exhibiting clear intonational unity, allowing
listeners to fully perceive the prosodic character-
istics of each stimulus while keeping the evalua-
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Model MOS ↑ Kendall’s W interval
Ground truth audio 4.56 (σ 0.77, ± 0.03) 0.079
YourTTS-CML→CP-ftClaudiney 3.28 (σ 1.77, ± 0.04) 0.278

Table 4: Subjective evaluation of Certas Palavras models. MOS measure perceptual quality.

Model Original Synthetic t-statistic
(two-sample) p-value

WER ↓
YourTTS-CML→CP-ftClaudiney 13.70 23.86 -6.1082 5.2423e-09 (<0.01)
F5TTS→CP-ftClaudiney 13.70 18.12 -3.0251 0.0028 (<0.01)
CER ↓
YourTTS-CML→CP-ftClaudiney 7.45 11.79 -3.4708 0.0006 (<0.01)
F5TTS→CP-ftClaudiney 7.45 10.49 -2.5096 0.0129 (<0.05)

Table 5: Objective evaluation of TTS models. WER/CER intelligibility measure via ASR back-evaluation.

tion consistent across conditions, (v) audio pairs in
which the natural version contained external noise
artifacts, such as music or sound effects, were ex-
cluded to avoid providing unintended perceptual
cues to the evaluators, (vi) natural speech phenom-
ena such as hesitations, expressive sounds, and
disfluencies were preserved.

5 Results

For clarity, we define the model train splits crite-
ria as follows: YourTTS-CML→CP-ftClaudiney

refers to the YourTTS model pre-trained in
the CML dataset and fine-tuned on the sin-
gle speaker split of the Certas Palavras corpus,
while F5TTS→CP-ftClaudiney denotes the F5TTS
model fine-tuned on the same single-speaker split.

Due to the higher operational cost of large-scale
human listening tests, the subjective MOS evalua-
tion was conducted only for the YourTTS sythesis,
which served as the primary reference point for per-
ceived naturalness on Certas Palavras. In contrast,
objective intelligibility metrics (WER and CER)
were extended to include an additional synthesis
baseline (F5), enabling broader, cost-effective com-
parisons between models under the same transcrip-
tion and scoring protocol.

As a subjective evaluation method, a naturalness
test was performed with MOS. As shown in Table 4,
the ground-truth natural audio received a high MOS
of 4.56 σ 0.77, reflecting the expected perceptual
quality of the original broadcast material after dig-
itization. In contrast, the synthesized speech pro-
duced by the YTT-CML→CP-ftClaudiney model
obtained a MOS of 3.28 σ 1.77. Although lower
than the natural reference, this score indicates that
the fine-tuned model was nevertheless capable of
generating speech that listeners perceived as moder-

ately natural despite the challenging acoustic char-
acteristics present in the Certas Palavras dataset.

The standard deviation for the ground-truth au-
dio (0.77) is relatively high, which is consistent
with the heterogeneous nature of the archival mate-
rial. Because the original recordings include tape
noise, compression artifacts, and variable back-
ground conditions, listeners naturally diverge more
in their quality judgments compared to clean stu-
dio datasets. The larger standard deviation ob-
served for the synthetic samples (1.17 vs. 0.77 for
ground truth) suggests greater variability in listener
judgments, likely due to inconsistencies in tim-
bre, prosody stability, and how the model handles
background artifacts present in the Certas Palavras
training data.

As objective evaluation method, an intelligibil-
ity test was performed using a recent ASR model
(Leal et al., 2025), which was trained on sponta-
neous speech. The WER and CER metrics, calcu-
lated from the synthesized speech, are reported in
Table 5.

The objective results contextualize the subjec-
tive findings. As shown in Table 5, both models
preserve intelligibility despite being trained on a
relatively small subset of Certas Palavras character-
ized by spontaneous dialogue and broadcast noise.
For the YourTTS-CML→CP-ftClaudiney model,
WER increases from 13.70 when evaluated on orig-
inal text to 23.86 on synthesized speech, indicating
a degradation that is expected when moving from
natural recordings to generated audio under adverse
acoustic conditions. A similar trend is observed for
F5TTS→CP-ftClaudiney, although with a smaller
relative increase, reaching 18.12 WER on synthe-
sized speech.

Comparing the two systems, F5-TTS consis-
tently achieves lower WER and CER values on
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synthesized audio, suggesting stronger preserva-
tion of linguistic content and improved robustness
to noise and spontaneous prosodic variation. This
behavior aligns with its non-autoregressive flow-
matching architecture, which is designed to handle
long-range dependencies and acoustic variability
more effectively.

6 Discussion

As Certas Palavras is considered a challenging
dataset for Brazilian Portuguese TTS, some limita-
tions should be considered when interpreting the
results and reusing the corpus.

All audio was standardized to a 16 kHz sampling
rate. While this choice is compatible with common
ASR pipelines and with the original archival qual-
ity of the recordings, it imposes an upper bound
on the frequency content available to TTS mod-
els and may limit the reproduction of very fine-
grained timbral and prosodic cues compared to
higher sampling rates (e.g., 22.05 kHz or 24 kHz).
Consequently, the dataset particularly well suited
for studies focusing on robustness, but less ideal for
purely high-fidelity synthesis. However, because
all audio was manually reviewed and all sound arti-
facts (e.g., hiss, compression, jingles, music bleed,
laughter) were consistently labeled, the dataset can
indeed support fine-grained robustness evaluation.

Our experimental evaluation is intentionally lim-
ited in scope. We report results for a small set of
architectures (YourTTS and F5-TTS) and primarily
focus on the main host target voice in fine-tuning
experiments. Objective intelligibility is measured
with a single ASR system trained in spontaneous
Brazilian Portuguese speech.

Future work will include the release of a new
version of the dataset with a higher sampling rate
(48kHz), enabling high-bandwidth model training
and improved spectral modeling. In addition, ex-
panded stress-test studies will be conducted to an-
alyze the impact of specific annotated artifacts
on speech synthesis, along with broader cross-
model comparisons to better understand how ad-
verse acoustic conditions affect both intelligibility
and perceptual quality in neural TTS systems and
will also replicate the current training protocol us-
ing full-precision optimization (fp32).

7 Conclusion

Certas Palavras introduces a challenging bench-
mark for text-to-speech systems, combining 70

hours of spontaneous, multi-speaker Brazilian Por-
tuguese dialogue recorded under real broadcast
conditions. Its detailed annotations of overlap,
speech and non-speech interferences, disfluencies,
and speaker imbalance enable controlled robust-
ness experiments that are rarely addressed in ex-
isting corpora. The subjective evaluation reflects
the acoustic complexity of the dataset: although
natural recordings received high MOS scores, lis-
tener variability was substantial, and synthesized
speech exhibited a clear reduction in perceived nat-
uralness.

The objective evaluation provides a complemen-
tary perspective. WER and CER values indicate
that the synthesized speech remains intelligible,
even under adverse acoustic and interactional con-
ditions. This result is particularly noteworthy given
the limited size and heterogeneous, noisy nature
of the training data, and suggests that exposure to
Certas Palavras promotes increased robustness in
TTS systems. By releasing the dataset along with
fixed evaluation protocols, we aim to ensure that
both objective (WER/CER) and subjective (MOS)
metrics can be applied in a fair and reproducible
manner across future studies.

Together, these findings confirm that Certas
Palavras offers a valuable and appealing testbed
for developing and comparing TTS systems that
more closely reflect real-world speech variability,
broadcast-style dynamics, and interactional com-
plexity, while providing a shared reference point
for future methodological and modeling advances.
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