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ABSTRACT

Distinguishing scripted from spontaneous speech is an essential tool
for better understanding how speech styles influence speech process-
ing research. It can also improve recommendation systems and dis-
covery experiences for media users through better segmentation of
large recorded speech catalogues. This paper addresses the chal-
lenge of building a classifier that generalises well across different
formats and languages. We systematically evaluate models ranging
from traditional, handcrafted acoustic and prosodic features to ad-
vanced audio transformers, utilising a large, multilingual proprietary
podcast dataset for training and validation. We break down the per-
formance of each model across 11 language groups to evaluate cross-
lingual biases. Our experimental analysis extends to publicly avail-
able datasets to assess the models’ generalisability to non-podcast
domains. Our results indicate that transformer-based models con-
sistently outperform traditional feature-based techniques, achieving
state-of-the-art performance in distinguishing between scripted and
spontaneous speech across various languages.

Index Terms— spontaneous/scripted speech classification,
speech paralinguistics, audio processing, podcasts, multilingual

1. INTRODUCTION

Large scale audio-based classification of multilingual speech is a
technical challenge that can enable both academic research and in-
dustrial applications. For example, distinguishing between speech
patterns, styles and tones can underpin contextual recommendations,
advanced search and enable assistive technologies, to name a few.
In this paper, we develop and evaluate models to distinguish be-
tween scripted and spontaneous speech on a large, multilingual pod-
cast dataset. While the differences between read and improvised
speech have been investigated in the linguistics literature [|1}[2}3}4],
we approach the problem from a computational perspective, with
an emphasis on large-scale, diverse data, and modern audio models.
The motivation for distinguishing between spontaneous and scripted
speech in multiple languages is manifold: increasingly large audio
repositories require efficient, performant, and generalisable content
classification models. We also want to address the need to under-
stand how speaking styles and languages affect various speech mod-
els.

In recent years, media services have offered an increasingly
large catalogue of recorded speech in a range of formats, such as
podcasts, audiobooks, lectures and archival collections of broad-
casts. As user preferences range over stylistic variations [5]], enrich-
ing catalogues with style and other labels (e.g., as in video [6,(7] and
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visual arts (8] applications) results in better recommendation sys-
tems and an improved discovery experience for listeners. Building a
high-performant and efficient scripted/spontaneous speech classifier
is an initial and important step in this direction. In addition, some
catalogues, such as those in major streaming platforms, encompass
content from around the world, covering a wide range of languages,
cultures, and formats. Therefore, we are particularly interested in
developing methods that perform well across languages, topics and
formats, as well as understanding the biases and shortcomings of the
current state-of-the-art.

More so, there is an increasing body of work suggesting a direct
impact of speech style on speech processing research [9], influenc-
ing tasks such as speaker identity [[10], emotion recognition [11],
disease recognition [12], and speech generation [13|]. For exam-
ple, one study reported that anger detection performs better on acted
speech compared to natural conversations [[11]. This raises a ques-
tion of how we bias speech models with curated datasets, and calls
for a deeper understanding of how speech styles interplay with var-
ious speech models. We believe that the ability to reliably distin-
guish between scripted and spontaneous speech is needed to evalu-
ate the effects of speaking style on downstream speech processing
models. The implementation can encourage speech researchers to
measure and mitigate biases, and thereby build more generalisable
models. This is particularly important today given the explosion in
popularity, accessibility and performance of transformer models, the
increasing availability of large datasets of natural and diverse speech,
and the presence and function of speech research in several aspects
of day-to-day life [4}/14].

Our contributions can be divided into three main parts: first,
we train and compare the performance of different audio models for
spontaneous vs scripted speech classification on a large, proprietary,
multilingual podcast dataset. Second, we break down the perfor-
mance of the models by language to assess multilinguistic biases.
Third, we measure the models’ abilities to generalise to non-podcast
domains using publicly available datasets. We provide a comparison
of handcrafted acoustic and prosodic features to modern speech rep-
resentation models, and an evaluation of how our results generalise
to a range of data sources and languages. We find that transformer-
based models achieve state-of-the-art performance in distinguish-
ing scripted from spontaneous speech across different domains and
languages. To our knowledge, this is the first effort to systemati-
cally study state-of-the-art models to distinguish spontaneous from
scripted speech, with a novel investigation into the nuances of dif-
ferent languages through a large and diverse, multilingual dataset.

The rest of the paper is structured in the following way: we re-
view related works in Section 2} outline details of our experimental
setup in Section 3] provide a breakdown of the experimental results
in Section ] and conclude with a discussion on our contributions
and future works in Section[3



2. RELATED WORKS

The relationship between various acoustic and prosodic features
and distinct speaking styles, in particular read versus sponta-
neous speech, has been extensively investigated over the last few
decades [1}2,3.|4]. While no single feature holds substantial pre-
dictive power, prosodic features such as pitch (FO) contours and
articulation rates seem indicative of spontaneous speech [1}[3}|15].
The salience and variability of these features can differ between
languages, speaking situations, environments, and even individual
speakers [4,/10].

More recently, researchers have leveraged automated tools
to understand the differences between speaking styles on larger
datasets. A couple of studies explored building a multidimensional
space of acoustic and prosodic features to characterise a range of
speaking styles (e.g. conversations, audiobooks, speeches) [[16}/17],
while another study trained a binary classifier to distinguish read and
spontaneous speech [18]]. They all extracted a range of handcrafted
features such as pitch ranges, speaker rates, duration of speech
and silence, amongst other temporal, pitch, and conversational dy-
namics measures. It is generally agreed that the distributions of
speech and silence segments are salient features to discriminate
spontaneous from narrated speech. Other salient features, accord-
ing to Christodoulides [17]], relate to interactivity (speaker turns
and overlapping speech), pitch ranges and contours (e.g. rises and
falls), and other temporal characteristics (e.g. speaker rate, articula-
tion ratio), however Ryant and Liberman [16] find that pitch range
is less relevant. Spontaneous conversations, compared to other
speaking styles (e.g. political and professional public speeches),
are found to be harder to classify due to larger speaker-specific
variations [[10,{17,/18]. More concretely, Veiga et al. [[18] reported
accuracies of 93.7% and 69.5% on read and spontaneous speech
segments, respectively.

The studies drew similar conclusions based on datasets in dif-
ferent languages (Portuguese; French; and English, Chinese, and
Spanish). Ryant and Liberman’s was the only multilingual study;
they report that the acoustic patterns are generally consistent across
the three languages, but noted differences in the duration of silences
between Spanish and English audiobooks. This requires further in-
vestigation due to the small sample size of Spanish speakers (n = 6),
and further encourages the need to systematically investigate cross-
lingual differences on a larger scale, with a wider range of languages.

Finally, all the experiments above explore handcrafted acous-
tic and prosodic features to assess the differences between speaking
styles. To our knowledge, modern audio embedding models have yet
to be applied to speech style classification. While they offer reduced
interpretability, they often allow efficient, larger-scale studies, and
show state-of-the-art performance on a range of adjacent tasks [[14].
For example, speech emotion recognition has an endless collection
of studies experimenting with a range of audio features; while hand-
crafted feature sets (e.g. eGeMAPSv2 [19]) were the common ap-
proach to the task [20]], the emergence of large transformer models
(e.g. Whisper [21]] and Wav2Vec 2.0 [22]) attain much better perfor-
mance [23}24]]. Genre classification using YAMNet features [25]] has
been reportedly successful for distinguishing between different tele-
vision programmes (e.g. comedy, drama, news, sports, weather, chil-
dren’s) with accuracy as high as 93.7% [26|]. Whisper, while devel-
oped as an Automatic Speech Recognition (ASR) model, has been
effectively repurposed as a classification model, and shows state-of-
the-art performance on tasks such as disfluency identification and
stuttered speech classification [27]]. This study reports superior per-
formance using Whisper compared to Wav2Vec 2.0, comparable to
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Fig. 1. Distribution of spontaneous and scripted files in the podcast
dataset split by language.

similar studies on different tasks, such as DeepFake detection [28|],
vocal intensity categorisation [29], and emotional nonverbal vocali-
sation detection [30].

3. EXPERIMENTAL SETUP

3.1. Data
3.1.1. Podcast dataset

We use a proprietary dataset of 4,000 of the most streamed Spotify
podcast shows across 15 different markets, manually annotated by
content experts for categories and formats. We assign “Scripted”
and “Spontaneous” labels based on the format and category an-
notations. For example, we labelled shows annotated as “Scripted
narrative” or “Scripted non-fiction” as “Scripted”’; we labelled shows
annotated as “Blabbercast,” “Discussion,” “Improv” and “Call-ins”
as “Spontaneous.” Shows with ambiguous or irrelevant formats
(e.g. “Interview”, “Soundscape”) were filtered out. We include
languages that have at least one show per label: Bengali, Catalan,
English, Filipino/Tagalog, French, German, Hindi, Indonesian, Ital-
ian, Japanese, Portuguese, Spanish, Swedish, Tamil, and Telugu.
We further sample one episode per show (with the median audio
duration). The final dataset contains nearly 700 scripted podcasts
and just over 1,230 spontaneous podcasts. The language distribution
is illustrated in Fig.|l] The breakdown by format can be found in
Table 1 in the Supplementary Materials (SM). We use this dataset to
train and evaluate our models.

3.1.2. Publicly available datasets

Due to the proprietary nature of this dataset, we also evaluate our
models on two publicly available datasets:

1. Corpus d’Etude pour le Francais Contemporain (CEFC)
[31]] is a dataset of approximately 450 hours of spoken audio
in French by over 2,500 speakers. It combines data from 14



different sources, covering a range of communication styles
and contexts (see SM:Table 1). The speakers come from
various regions of France, Switzerland, and Belgium. This
dataset is also used in [[17].

2. Third DIHARD Challenge Evaluation [32] is a dataset of
approximately 33 hours of spoken audio in English and Man-
darin Chinese. It contains political speeches, audiobooks, in-
terviews, monologues, etc. The Mandarin Chinese sample is
limited to “web video,” which we excluded from evaluation
due to class ambiguity (SM:Table 1). This dataset is an evo-
lution of the dataset used in [[16].

We assign the various speech styles a label of “scripted” or “sponta-
neous,”’ as defined in SM:Table 1.

3.2. Models

We extract a range of audio features and train neural network mod-
els to predict whether a podcast episode is scripted or spontaneous
speech. We obtain a classification score on every 30 second snip-
pet (the snippet duration used in Whisper [21]]). Then, we apply an
aggregation model to classify the episode as a whole.

3.2.1. Handcrafted features

We extract handcrafted, acoustic features using the openSMILE
tool [33]] and Pyannote [341[35]], a speaker diarisation model. Using
openSMILE, we extract the eGeMAPSv02 feature set on a func-
tional level [19]]: 88 acoustic features representing pitch, loudness,
MFCCs, and duration of voiced and unvoiced segments, amongst
other attributes, tailored for paralinguistic tasks (See Table 2 in SM).
We supplement this default feature set with the mean and stan-
dard deviation of the speaking rate, extracted using the cPitchDirec-
tion component in openSMILE. We also use Pyannote (pyannote/seg-
mentation-3.0) to extract summary statistics on the durations of pre-
dicted speech, non-speech, and overlapping speech segments (using
pyannote’s VoiceActivityDetection and OverlappedSpeechDetection
pipelines) [34[35]]. We concatenate these additional features to the
eGeMAPSv02 set for a handcrafted feature set of dimension 115.
Combined, these acoustic and prosodic features cover those evalu-
ated in [16}|17,/18|]. We standardise the feature set before feeding the
input into the downstream architecture described in Section[3.2.4]

3.2.2. YAMNet

YAMNet is a deep learning model trained to predict 521 audio
classes that cover a wide range of sounds, such as human vocals,
musical instruments, animal and environmental sounds [25]. We
extract class scores every 0.96s with a 50% overlap, and process
them using two separate methods:

1. Statistical summaries: we calculate the mean and standard
deviation of the scores per class across time, and concatenate
the two vector features into a 1042 dimensional embedding.

2. mean-num-4: we count the number of frames a class was in
the top-4 scores, as described in [26], to obtain a 512 dimen-
sional vector feature.

3.2.3. Whisper

We extract Whisper [21]] embeddings (specifically, whisper-large-
v2) by taking the last hidden state from the pre-trained model’s en-
coder. This outputs a feature embedding of size 1,280 x 1,500 (i.e.
a feature every 20ms of audio).

Layer | Parameter

Dense 100
GlobalAveragePooling1D

Dense 50

Activation ReLU

Dropout 0.2

Dense 1

Activation Sigmoid

Adam Optimiser 0.001

Loss function Binary Cross Entropy
Metrics Binary accuracy, AUC
Epochs Best of 40°

Batch size 64

Table 1. Neural network architecture and parameters. ~Whisper
models were trained with a maximum of 10 epochs.

Additionally, we extract embeddings from a fine-tuned (FT)
Whisper model in the same manner as above. This model was fine-
tuned on 800 hours of multilingual podcast audio ranging across 55
languages. There is no overlap between the podcast shows used
for fine-tuning this model and the podcast dataset described in Sec-
tion|3.1] This outputs a feature embedding of size 1,280 x 1,500.

3.2.4. Neural network

We segment each audio file in the podcast dataset into 30 second
chunks, and run all the feature extraction models on each one. To
avoid overfitting to abnormally long episodes, we sample exactly 25
sequential chunks (12.5 minutes) from the middle of each episode in
the training dataset. We split our dataset into 5 folds on an episode
level for cross-validation, stratifying by the podcast’s category, for-
mat, and language to ensure equal representation in each fold. We
train on the individual snippets by propagating the episode-level la-
bel down to the snippet level.

For each set of extracted features, we train 5 small neural net-
works: one per data split (4 folds as the training set and 1 fold for
testing). The one dimensional feature sets (i.e. eGeMAPSv02, the
handcrafted features, and the two YAMNet summaries) are each fed
into a hidden layer of size 50 followed by a final binary classifica-
tion layer. The two Whisper feature sets are two-dimensional, so are
initially input into a hidden layer of size 100 and an average pool-
ing layer, before connecting into the same architecture as the other
feature models (inspired by the WhisperForAudioClassification im-
plementation in the transformers 1ibrary{T_]). To deal with the class
imbalance in our dataset, we initialise the bias in the final classifica-
tion layer. The full architecture and training parameters are detailed
in Table[]] We save the best checkpoint per model based on valida-
tion loss for evaluation.

3.2.5. Aggregation

While we train the models on a snippet level, we add an aggregation
step on the snippet-level predicted scores for a final episode-level
score. We experiment with both median and mean aggregation func-
tions.

'https://github.com/huggingface/transformers
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Fig. 2. Distribution of median episode-level scores for scripted and
spontaneous per feature model. Scores towards 1 are predicted as
‘Scripted’ and towards O as ‘Spontaneous’.

3.3. Evaluation

We predict snippet scores on every chunk per episode and calculate
a final episode-level score using the aggregation functions. Using
the episode-level scores, we compute the average AUC score across
the 5 folds, and the average F1-score per class with a classification
threshold set to 0.5. We compare the different feature models to a
majority-class (spontaneous) baseline. We compute the same met-
rics on both the CEFC and DIHARD datasets (excluding examples
we labelled as ‘ambiguous’ in SM:Table 1) to understand how well
the models perform cross-domain. Finally, we investigate language
bias by computing the AUC per language. To allow for meaningful
statistical analysis, we group low-resource languages into language-
families (e.g. [36]); specifically, we group Bengali and Hindi into
Indo-Aryan, Telugu and Tamil into Dravidian, and Filipino/Tagalog
and Indonesian into Malayo-Polynesia. We also remove Catalan
from the language-specific analysis due to the small sample size.

4. RESULTS

4.1. Overall performance

The overall performance on the podcast dataset is detailed in Ta-
ble[2] We find comparable performance between the two YAMNet
preprocessing methods (i.e. statistical summaries and mean-num-4);
we present the results for the statistical summaries model for brevity.
Similarly, aggregating scores to an episode-level using mean versus
median results in little to no difference - we report median aggrega-
tion. Whisper models are best at distinguishing scripted from spon-
taneous speech. This is in line with results across speech research
(e.g. [23127,282930]]), where large transformer-based models show
state-of-the-art performance compared to handcrafted, lower-level
features. Given the large and diverse nature of the data Whisper was
pre-trained on, this is unsurprising. Interestingly, fine-tuning Whis-
per does not yield better results over the pre-trained model. This sug-
gests that podcasts, as a domain, are similar enough to the broader
speech corpus used to train Whisper, at least in terms of this specific
task.

We note an improvement in performance when supplementing
eGeMAPSv2 with additional features (Table [2), specifically speech
rate and summary statistics on the durations of predicted speech,
non-speech, and overlapping speech segments. The difference is

eGeMAPSv02 -0.91 0.91 [oR:IR0E: k] (18=40.85 0. -0.95
-0.90
handcrafted -0.94 0.91 0.94 (#7722 0.89 0.89 0.98 0.87 (V&4 0.92 [Jjs}
0.85
<
3 YAMNet -0.92 0.88 0.92 0.89
= 0.80
Whisper -0.97 0.90 0.93 0.93 0.92 0.93 0.94 0.95 0.75
0.70
Fine-tuned Whisper -0.97 0.91 0.91 0.93 0.92 0.93 0.95 0.97
0.65

English -
German -
Swedish -

Portuguese -
Spanish -
Italian -
French -
Indo-Aryan -
Dravidian -
Japanese
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Language family

Fig. 3. AUC computed on median episode-level scores for each fea-
ture model split by language.

most pronounced in identifying scripted content, where the F1-
scores increase from 0.69 to 0.76. This improvement aligns with
findings from similar studies highlighting the saliency of speech
and silence duration distributions and interactivity metrics, such as
overlapping speech [[16}/17}[18].

Lastly, we find that spontaneous Fl-scores are higher than
scripted Fl-scores, regardless of the feature model (see Table [2).
This contrasts with the findings in 18], who reported higher accu-
racies on read speech classification. This is likely explained by the
respective dataset distributions; our podcast dataset is imbalanced
towards spontaneous speech, whereas the dataset analysed in [[18] is
skewed towards scripted speech. For comparison, Whisper achieves
average accuracies (=recall per class) of 95% and 77% on sponta-
neous and scripted speech, respectively, compared to the 69.5% and
93.7% reported in [18].

4.2. Multilingual performance

We break down the AUC performance for each method by language
in Fig. 3] where Whisper models tend to have better AUC per lan-
guage. This is expected, as Whisper was exposed to 680,000 hours of
speech, of which 117,000 hours cover a range of 96 non-English lan-
guages [21]]. Unsurprisingly, English is one of the highest perform-
ing languages. All the models perform worse on Japanese speech;
despite Whisper being pre-trained on 7,054 hours of Japanese speech
(one of the higher-represented languages excluding English) [21]], it
too struggles with Japanese. Most episodes have low score predic-
tions (i.e. more “spontaneous”), even those annotated as “scripted”.
The training data distribution in Japanese is highly skewed towards
spontaneous speech (see Fig.[I), however both German and Swedish
have similarly imbalanced sets and still perform near the overall
AUC. The poor performance of acoustic and phonetic feature models
(eGeMAPSv02 and handcrafted) suggests either a discrepancy with
the annotations, or a difference in salient features for distinguish-
ing spontaneous from scripted speech in Japanese. Japanese falls
under a different rhythm class of languages compared to the other
languages in the podcast dataset; it is described as a “mora-timed”
language, compared to “stress-timed” (e.g. English) and “syllable-



| Majority | eGeMAPSv02 | Handcrafted | YAMNet | Whisper | Fine-tuned Whisper
Scripted F1-score 0.00 0.69 £ 0.03 0.76 £0.03 | 0.70 £ 0.02 | 0.83 £ 0.02 0.82 £ 0.03
Spontaneous F1-score 0.78 0.86 £ 0.01 0.88 £0.02 | 0.87 £0.01 | 0.91 £ 0.01 0.91 £+ 0.01
AUC 0.50 0.87 £0.02 091 +£0.02 | 0.90£0.01 | 0.95 £ 0.01 0.95 + 0.01

Table 2. Overall AUC, Spontaneous F1-scores, and Scripted F1-scores of each feature model trained and evaluated on the podcast dataset.
Scores are evaluated on an episode-level using median aggregation. Measures are an average and standard deviation across the 5-fold CV.

Bold figures indicate the best performance per metric.

Podcast | CEFC | DIHARD
eGeMAPSV02 | 0.87 £ 0.02 | 0.53 = 0.04 | 0.46  0.06
Handcrafted | 0.91+0.02 | 0.74 +0.03 | 0.59 + 0.02
YAMNet 0.90 £ 0.01 | 0.43£0.01 | 0.55+0.03
Whisper 0.95 £ 0.01 | 0.920.02 | 0.95 =+ 0.03
FT Whisper | 0.95+0.01 | 0.91 +0.02 | 0.92 +0.01

Table 3. AUC computed on median file-level scores for each fea-
ture model across all datasets, evaluated using the labels assigned in
SM:Table 1. Measures are an average and standard deviation across
the 5-fold CV. Bold figures indicate the best performance per dataset.

timed” (e.g. Spanish) languages. There is disagreement on the role
rhythm plays in spontaneous Japanese speech: some studies report
high variability in spontaneous speech between languages from dif-
ferent rhythmic classes (e.g. [37]]), whereas others reject the idea
that mora use influences Japanese rhythm at all (e.g. [38]). Fur-
ther investigation into the data is needed to understand the source of
the errors; additional “scripted” Japanese samples and evaluation on
similar East-Asian languages can help clarify any discrepancies.

The Indo-Aryan and Malayo-Polynesian languages show com-
parable performance to English, despite belonging to different lan-
guage families (see Fig.[3). One possible reason is that these pod-
casts may actually include code-switching: where speakers alter-
nate between multiple languages [39]. Hinglish (Hindi and English)
and Taglish (Tagalog and English) are common examples [40]. An-
other potential explanation for the relatively high performance for
Indo-Aryan (at least for the Whisper models) is that there is a much
smaller sample and the data imbalance skews in the opposite direc-
tion (Fig.[T): there are more scripted examples than spontaneous, the
class that is supposedly easier to distinguish according to the liter-
ature [4,[17,/18]. Analysing transcripts for the presence of English
and evaluating the language performance by class can offer a more
nuanced understanding.

4.3. Cross-Domain Adaptability

We assess cross-domain generalisability by evaluating the mod-
els trained on the podcast dataset on other (non-podcast) speech
datasets, namely CEFC and DIHARD (Section 3.1.2). While per-
formance will vary depending on how the labels are assigned to
the different speech sources, the AUC from each feature model is
summarised in Table [3| for the label mappings defined in SM:Table
1. The file-level score distributions of all formats can be found
in SM:Fig.1-3. Whisper generalises well across datasets, which
is expected given the large and diverse dataset it was originally
pre-trained on. On the other hand, eGeMAPSv02 and YAMNet
perform poorly on the non-podcast datasets. YAMNet, in particular,
struggles with classifying scripted content in DIHARD. While the
supplemented features in the handcrafted feature set allow more
generalisability over eGeMAPSv02 alone, performance is still much
lower than the Whisper models. While these results could be ex-

plained by the model learning podcast-specific correlations, they
may also be due to a difference in audio quality. This is because the
podcast dataset is biased towards popular podcasts, which are typi-
cally created under professional recording conditions, whereas both
CEFC and DIHARD have varied recording qualities. For example,
meals and restaurant conversations may include background noise.
This may also explain the slight decrease in performance when using
the fine-tuned Whisper model compared to the pre-trained Whisper
model.

5. CONCLUSION

We train a range of scripted and spontaneous speech audio-based
classifiers on a large, multilingual podcast dataset. We compare
the performance of handcrafted, interpretable features to modern,
transformer-based speech representation models. Furthermore, we
break down the performance by language to understand cross-lingual
generalisability and biases. Finally, we assess the transferrability
of a model trained on podcast recordings to other speech datasets.
Our results show that transformer-based models, specifically Whis-
per, perform best at distinguishing speaking styles. More impor-
tantly, these models are better at generalising across languages and
domains compared to handcrafted features and YAMNet. Despite
the generally high performance across languages, certain languages,
e.g. Japanese, are not modelled as well. While the source of the
difference requires further investigation, it highlights the need to be
aware of cultural differences when building large-scale models. One
way to mitigate for such nuances is by conditioning the model based
on language, for example by inputting the language as an additional
feature. Another approach is to train language- or culture-specific
models, at the expense of having several, less generalisable models.
Analysis of such models can also offer additional insights into dif-
ferences across languages. Models incorporating syntactic structure
may also offer language-specific insights [41,42,/43].

Transformer-based models show state-of-the-art performance
across the speech processing research field; this experiment is no
exception. However, the increased performance comes at the cost
of interpretability and computational resources (e.g. the size of the
handcrafted embedding compared to a Whisper embedding is 4KB
to 7.3MB). Depending on the use-case, handcrafted features may
be a good alternative for higher interpretability and understand-
ing nuances (e.g. which acoustic features differ in the Japanese
sample?).

Our results indicate that transformer-based models consistently
outperform traditional feature-based techniques, achieving state-of-
the-art performance in distinguishing between scripted and sponta-
neous speech across various languages. The models’ ability to gen-
eralise beyond podcasts encourages further study into understand-
ing speech style using this dataset. We plan to extend this work to
capture more languages and cultures, encompassing a wider, more
nuanced representation of speech styles and formats.
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