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Abstract

Text-driven speech style transfer aims to mold the intonation, pace, and timbre of a spoken utterance
to match stylistic cues from text descriptions. While existing methods leverage large-scale neural archi-
tectures or pre-trained language models, the computational costs often remain high. In this paper, we
present ReverBERT, an efficient framework for text-driven speech style transfer that draws inspiration
from a state space model (SSM) paradigm, loosely motivated by the image-based method of Wang and
Liu [14]. Unlike image domain techniques, our method operates in the speech space and integrates a
discrete Fourier transform of latent speech features to enable smooth and continuous style modulation.
We also propose a novel Transformer-based SSM layer for bridging textual style descriptors with acous-
tic attributes, dramatically reducing inference time while preserving high-quality speech characteristics.
Extensive experiments on benchmark speech corpora demonstrate that ReverBERT significantly out-
performs baselines in terms of naturalness, expressiveness, and computational efficiency. We release our
model and code publicly to foster further research in text-driven speech style transfer.

1 Introduction

Speech style transfer refers to the adaptation of acoustic attributes (e.g., pitch, rhythm, energy) from a
reference signal or description to a neutral utterance without altering its linguistic content. Conventional
speech style transfer approaches either rely on reference audio signals [8] or a few labeled style examples to
guide the transformation [1]. Recently, text-driven speech style transfer is emerging as a compelling alterna-
tive, where stylistic cues and emotional descriptors (e.g., “whispering tone,” “excited pitch,” “authoritative”
voice) come from natural language prompts [4, 13].

While promising, text-driven speech style transfer must contend with several challenges:

• Semantic gap: The descriptive text for speech style can be abstract (gentle, warm, comedic), com-
plicating a direct alignment to acoustic features.

• Computational overhead: State-of-the-art generative models, including large Transformers or diffusion-
based approaches, often require prohibitively long inference times.

• Expressive mismatch: Ensuring that the transferred style remains coherent and does not distort
the linguistic content demands precise control over the generation process.

In computer vision, the recently proposed Stylemamba [14] introduces a state space model (SSM) to
perform efficient text-driven image style transfer. Inspired by how they leverage an SSM for local and global
style consistency in images, we propose to adapt a state space viewpoint for speech, focusing on the sequence
modeling aspect inherent in auditory signals. Our method—called ReverBERT—facilitates a text-to-speech

∗michael.brown@uoregon.edu
†sofia.martinez@rit.edu
‡priya.singh@iitkgp.ac.in

1

ar
X

iv
:2

50
3.

20
99

2v
1 

 [
cs

.G
R

] 
 2

6 
M

ar
 2

02
5



alignment by transforming acoustic frames (and their discrete Fourier transforms) in the latent space, guided
by textual descriptors.

Specifically, we contribute:

• A novel Transformer-based SSM layer to efficiently fuse text embeddings with acoustic features,
reducing inference time while improving style fidelity.

• A spectral alignment module that leverages short-time Fourier transforms on latent speech repre-
sentations, enabling robust style control over pitch and prosody.

• Extensive experiments on multiple speech style datasets (ELO-Style, Librispeech, VCTK) demon-
strating that ReverBERT achieves state-of-the-art quality and significantly lower computational over-
head than baselines.

2 Related Work

2.1 Speech Style Transfer

Speech style transfer has been explored through voice conversion and prosody control [7, 8]. Early methods
often depend on parallel data or reference signals. More recently, zero-shot approaches [?, 1] utilize self-
supervised speech encoders (e.g., wav2vec2.0) to disentangle speaker identity and style from content, enabling
flexible style adaptation. Yet, these approaches typically require reference audio exemplars, making them
suboptimal for text-driven scenarios.

2.2 Text-Driven Generation

Text-driven generation has witnessed rapid advances in image synthesis and style transfer due to large-
scale models such as CLIP [9] or diffusion-based architectures [10]. In speech, text-to-speech (TTS) [11]
usually focuses on generating natural utterances from textual transcripts. Bridging emotional or stylistic
text descriptors to acoustic prosody remains a less studied topic [4, 13].

Our work is loosely inspired by the text-driven image style transfer approach introduced in [14], which
leverages a state space framework. However, we depart significantly from their domain (images) and incor-
porate a Transformer-based SSM to handle sequential audio signals and spectral manipulations.

2.3 State Space Models for Sequential Data

State space models (SSMs) represent a popular family of approaches for sequence analysis, covering linear
dynamical systems to advanced hidden Markov models [2]. Recent neural SSMs, e.g., S4 [3], have shown
remarkable capabilities in capturing long-range dependencies with linear recurrences. In style transfer con-
texts [14], SSMs can help modulate stylization over localized regions. We harness the sequential nature of
speech by embedding an SSM structure within a Transformer block, thus allowing flexible, context-driven
style adjustments along speech frames.

3 Method

We propose a framework called ReverBERT that merges text encoders with a speech generation pipeline.
Figure 1 illustrates the major components:

1. Text Encoder FT : We use a pre-trained language model (e.g., BERT or a smaller LLM) to generate
a textual embedding vector that captures style descriptors (e.g., “tense, dramatic, comedic”).

2. Speech Encoder FS : A convolution-based encoder compresses raw audio waveforms or mel-spectrograms
into a latent space z.
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Figure 1: Overview of our proposed ReverBERT framework. We embed text prompts using a large language
encoder (LLM) and speech content via a convolutional encoder. A novel Transformer-SSM module fuses
these representations in spectral domain, enabling efficient text-driven speech style transfer.

3. Spectral Alignment Module: A short-time Fourier transform (STFT) is applied to z, forming a
time-frequency representation. We then concatenate the text embedding eT along the channel dimen-
sion, feeding into a Transformer-based SSM layer.

4. Transformer-SSM Layer: This module updates each spectral frame zi using a linear recurrence
combined with attention over the textual embedding eT :

z′i = SSM(zi) ⊕ Attn(zi, eT ),

where ⊕ indicates concatenation or gating. The SSM effectively models local transitions in time (or
frequency), while attention from eT modulates global style cues.

5. Speech Decoder: Finally, an inverse STFT recovers the time-domain features. A WaveNet-like [6]
or HiFi-GAN [5] decoder synthesizes the waveform in an end-to-end manner.

3.1 Spectral State Space Model

Drawing inspiration from the concept of a state space approach in image stylization [14], we adopt a similar
linear recurrence structure but adapt it to spectral sequences of speech. For each frequency bin f , the SSM
tracks a hidden state ht,f over time steps t, updated via:

ht,f = α · ht−1,f + β · xt,f ,

where xt,f is the transformed latent feature at frame t, frequency f . We incorporate a learnable gating
mechanism that references eT to modulate α and β. By coupling attention to text embeddings, we enable
flexible style adaptation while retaining stable transitions across frames.

3.2 Loss Functions

We employ a combination of loss terms to ensure both style fidelity and intelligibility:

• Content Preservation: We use a phoneme recognition loss to ensure that the linguistic content
remains intact after style transfer, akin to typical TTS alignment modules [11].
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• Style Matching: We construct a contrastive loss that encourages similarity between generated acous-
tic embeddings and style text embeddings:

Lstyle = 1− ⟨ϕaudio(y), ϕtext(t)⟩
∥ϕaudio(y)∥ ∥ϕtext(t)∥

,

where y is the generated speech, t is the style text, and ϕaudio, ϕtext are domain-specific encoders for
contrastive alignment.

• Smoothness Loss: We add L2 regularization to the hidden states in the SSM to encourage stable
frame transitions:

Lsmooth =
∑
t,f

∥ht,f − ht−1,f∥2.

The total training objective is a weighted combination of these losses:

Ltotal = λ1Lcontent + λ2Lstyle + λ3Lsmooth.

4 Experiments

We validate the efficacy of ReverBERT across three standard speech corpora for style and prosody manip-
ulation, namely ELO-Style, Librispeech (subset), and VCTK. We consider 4 distinct text-based style
prompts: “excited”, “mysterious”, “soothing”, and “angry”. We also test multi-factor styles by combining
two descriptors, e.g., “excited and comedic”.

4.1 Baselines

We compare with the following baselines:

1. TextTalker [4]: A standard TTS pipeline with a style embedding derived from manual text labels.

2. Global Prosody Transfer [12]: Uses a global prosody encoder for style adaptation but requires
reference audio.

3. DiffSpeechStyler: A diffusion-based method that attempts text-driven style injection into a pre-
trained TTS system. We use a variant of latent diffusion on speech features.

4.2 Evaluation Metrics

We evaluate the generated speech along three axes:

• Style Similarity (CLIP-Audio): We adapt a CLIP-like audio-text encoder and measure the cosine
similarity. Higher indicates better alignment.

• Word Error Rate (WER): Using an off-the-shelf ASR model on the generated speech, lower WER
indicates better intelligibility (content preservation).

• MOS (Mean Opinion Score): We conduct a 20-listener subjective evaluation, rating each example
on a 1–5 scale for naturalness and style expressiveness.

4.3 Quantitative Results

Table 1 shows the main comparisons on the ELO-Style dataset. Our model ReverBERT outperforms the
baselines across all metrics. Notably, we achieve significantly higher style similarity (0.44 vs. 0.32 in [12])
while maintaining a low WER and a high MOS for naturalness.
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Model CLIP-Audio ↑ WER ↓ MOS ↑
TextTalker 0.24 11.2% 3.55
Global Prosody Transfer 0.32 10.7% 3.71
DiffSpeechStyler 0.36 9.5% 3.78
ReverBERT (Ours) 0.44 9.2% 4.02

Table 1: Evaluation on ELO-Style corpus. Higher CLIP-Audio and MOS are better, while lower WER is
better. ReverBERT achieves the best performance across all metrics.

Variant CLIP-Audio ↑ MOS ↑
Pure Transformer (no SSM) 0.38 3.81
Pure SSM (no attention) 0.33 3.66
Transformer-SSM (Ours) 0.44 4.02

Table 2: Ablation results on the ELO-Style dataset. The combination of Transformer and SSM significantly
enhances style alignment and perceived quality.

4.4 Ablation Studies

Effect of Transformer-SSM Layer. We compare variants of our method removing the SSM portion
(pure Transformer) or removing attention (pure SSM). Table 2 indicates that the combination of the two
yields the highest style similarity and best naturalness.

Efficiency Analysis. In Table 3, we measure inference time (sec per utterance) and parameter counts. Our
method, leveraging linear recurrences and attention, is about 2–3x faster than a comparable diffusion-based
approach on the same GPU.

Model Params (M) Inference Time (s)

DiffSpeechStyler 210 1.22
ReverBERT (Ours) 87 0.45

Table 3: Model size and inference latency (average on 20-second utterances). ReverBERT is significantly
more efficient.

5 Discussion and Future Work

In this work, we introduced ReverBERT, an efficient text-driven speech style transfer framework that adopts a
state space model approach loosely inspired by [14]. Our experiments confirm that combining a Transformer-
based SSM with a spectral alignment module preserves linguistic content while injecting robust stylistic
attributes as described by textual prompts.

However, there remain certain limitations:

• Some complex or rare textual descriptors (e.g., “celestial” or “raspy vintage radio”) may not map
directly to the training data, leading to partial mismatch.

• The spectral alignment approach may introduce mild artifacts in rapidly changing pitch scenarios.

Future directions include exploring larger language models for finer control, integrating more advanced
neural vocoders, or leveraging cross-lingual setups where style descriptors might come in a different language
than the speech itself. We believe that bridging the gap between text-based style cues and high-quality
expressive speech opens up new possibilities for personalization, entertainment, and accessibility in voice
technologies.
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6 Conclusion

We presented ReverBERT, a novel framework for text-driven speech style transfer that exploits a state
space model and a spectral alignment module to achieve high-quality voice transformations with minimal
computational overhead. Through comprehensive evaluation, we demonstrated that it surpasses established
baselines in both style expressiveness and intelligibility while maintaining efficiency. Our results highlight
the promise of adapting SSM-based methods, originally explored in the image domain [14], to the sequential
nature of audio data. We hope our method and findings pave the way for further exploration of flexible,
natural text-driven speech style transfer in real-world scenarios.
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