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Abstract

Speech and audio generation is often needed in animation dubbing, audio drama, movies, advertising,
games, podcasts, and short-video production. In these scenarios, creators may need to design voices
without reference recordings, control speaker styles with natural language, support acoustic scenes
with environments and audio effects, and later reuse the designed voices. Therefore, it is important
to support multi-speaker speech and audio generation for both instruct and zero-shot tasks. The
instruct task requires a caption of the environment, speaker styles, and fine-grained content, while
the zero-shot task uses reference audio together with the same fine-grained content. We address
these tasks from both the data and model sides. First, we propose SwanData-Caption, which
cleans raw speech and audio data, adds targeted synthetic coverage, and annotates diverse and
accurate multi-level captions. Then, we propose SwanTale, a multi-speaker expressive speech and
audio generation model that supports both zero-shot and instruct tasks. We introduce SwanVAE to
support high-quality multi-audio-modality generation. Then, we adopt reward-conditioned quality
control and Engram conditioning, along with Unified MoE for multi-task and multi-audio-modality
modeling. In addition, we use curriculum learning and GRPO post-training to let the model
progressively learn and strengthen its capabilities. Experimental results show that SwanTale leads
on multiple key zero-shot and instruct metrics, achieves the best expressiveness scores in both
tasks, and supports complex instruct generation involving multi-speaker speech and audio.
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1 Introduction

Recent text-to-speech (TTS) systems have made substantial progress in zero-shot speech synthesis. Given
only a short reference audio clip, these systems can synthesize vivid new content according to the reference
voice [13, 21, 44, 50, 85]. This capability has made speaker voice cloning and multi-speaker speech generation
practical when the desired voice already exists in a recording [52, 64, 96, 105, 114, 119]. Media creation,
however, often begins from the opposite case. In animation dubbing, audio drama, movies, advertising, games,
podcasts, and short-video production, the target speaker may not have a reference recording at all. Creators
need to design a voice from scratch, specify how the character should perform a line, and place that line inside
an acoustic scene that changes how the performance is perceived; later, the designed voice may be reused
through zero-shot synthesis. A modern TTS system for such workflows should therefore support both the
zero-shot task with reference audio and the instruct task controlled by natural language captions.
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In the classical zero-shot speech synthesis task, the input is speech content paired with reference audio. The
reference audio provides speaker identity. In addition to speech content and, for dialogue tasks, speaker-turn
labels, recent systems increasingly use local style descriptions to control emotion and speaking rate [8, 22]. By
contrast, in the instruct speech synthesis task, the input is only a caption, which may describe the environment,
speaker styles, and fine-grained content. Here, environment includes scene type, sound-field or recording-space
cues, and persistent background audio effects [45, 72, 120]. Speaker styles include not only gender and age,
but also persona, role, timbre, habitual style, and other stable voice traits. Fine-grained content covers
the information in additional local style descriptions and can also describe local audio effects [36, 109, 116].
Existing instruct TTS systems can already control dimensions such as speaker age, gender, emotion, and pace
[8, 39, 42, 61, 82]. Yet most of them still generate only speech. For scenarios that require environment and
local audio effects, if these components are produced by a downstream audio pipeline, their timing, loudness,
reverberation, and acoustic texture can drift away from the speech even when each component is plausible in
isolation. Existing designs also often reduce speaker control to decomposed attribute labels, while creators
may want a persona description in natural language to map directly to a voice. Finally, existing instruct TTS
systems are usually not designed to preserve zero-shot capability in the same model. Therefore, supporting
both long-form multi-speaker zero-shot and highly expressive instruct speech generation with environment,
speaker personas, fine-grained content, and audio effects remains an open problem.

Overall, this task faces three main challenges. (1) Data scarcity. Zero-shot TTS can rely on public speech
corpora [9, 53, 75, 86, 102], but diverse and high-quality caption data for the instruct task requires richer audio
coverage and more detailed caption annotation. Collecting expressive speech data, as well as clean audio data,
is costly [35, 100, 112], and annotating multi-level natural-language captions is also expensive [37, 97, 110].
(2) Task compatibility. Instruct samples describe speaker styles through natural-language captions, whereas
zero-shot samples obtain speaker styles from reference audio. At the same time, both tasks need to share
fine-grained content captions. Joint training must preserve the shared speech modeling while preventing
the two conditioning paths from weakening each other [79, 111]. (3) Multi-audio-modality complexity. Our
task aims to generate expressive speech, general audio, occasional singing voice, and music within a single
waveform, while preserving intelligibility and speaker identity [62, 67, 101]. These components have different
temporal structures: speech needs lexical alignment and stable identity, environmental audio should remain
stable, local audio effects are transient, while singing voice and music need to stay in tune [63, 108, 113].

To obtain caption data at this granularity, we construct SwanData-Caption, a pipeline that converts diverse
speech-centered media audio into multi-level, multi-style captions. Its coverage design stage combines internal
data with targeted synthetic subsets, so special styles, like pronunciation-challenging text, are not left to
incidental coverage. The SwanData-Speech preprocessing stage provides each caption with reliable speech
spans and speaker-attributed text anchors. The caption annotation stage then labels the environment, speakers,
and fine-grained content fields, while the style-persona library substantially enriches the descriptions and
characteristics of speaker styles. Finally, to improve data quality, the data refinement stage uses waveform
filtering and caption auditing to select and polish high-quality, expressive, and accurately annotated data.

On the modeling side, we propose SwanTale, a multi-speaker expressive TTS and audio generation model
that supports both zero-shot and instruct tasks. To handle multi-audio-modality generation, we design
SwanVAE, whose architecture improves reconstruction quality while reducing the learning burden of the DiT
prior. In the flow-based Transformer, we apply reward-conditioned quality control, which conditions inference
on the highest quality without reinforcement learning, and Engram conditioning. To support both tasks
and improve compatibility across audio modalities, we design Unified MoE with a task router and an audio
router. We also use curriculum learning, moving from zero-shot ability to caption-conditioned generation,
then to full-mixture training and expressive high-quality supervised fine-tuning. Finally, GRPO post-training
improves pronunciation accuracy, generation stability, and caption-conditioned speaker-attribute control.

For experiments, we evaluate zero-shot monologue and dialogue TTS on SwanBench-Speech [74]. We also
evaluate instruction following on InstructTTSEval [42], and acoustic quality on SwanBench-Scene. We also
build SwanBench-Caption for heterogeneous instruct generation with dialogue speech and audio. Experimental
results show that SwanTale leads on multiple key zero-shot and instruct metrics, achieves the best expressiveness
scores in both tasks, and supports complex instruct generation involving multi-speaker speech and audio.
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2 Data Pipeline: SwanData-Caption

SwanTale is trained from fine-grained captions rather than transcripts alone. For complex multi-speaker speech
and audio data, basic speech transcription and speaker turns are not enough; the model also needs multi-level
caption annotations [54]. Figure 1 summarizes our data processing pipeline. The following subsections
correspond to the same four blocks: coverage design, SwanData-Speech preprocessing, caption annotation,
and data refinement. The current mixture contains approximately 70M caption records.

a. Coverage Design

b. SwanData-Speech

c. Caption Annotation d. Data Refinement
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Figure 1 Overview of the four-stage SwanData-Caption data processing pipeline, including coverage design, SwanData-
Speech preprocessing, caption annotation, and data refinement.

2.1 Coverage Design

Media-style coverage. SwanData-Caption is built from internal, real-world, speech-centered, and media-style
data, covering speech, audio effects, and background music. Figure 1 shows representative examples of this
coverage design, like short dramas, advertisements, and animations. The coverage spans diverse speaker
densities, recording conditions, character styles, scene locations, sound-field conditions, persistent background
effects, fine-grained delivery changes, and local audio effects. This design supports expressive speech generation
in settings where speech and scene audio must be modeled together.

Targeted synthetic coverage. Relying solely on real corpora leaves many rare scenarios underrepresented.
Following SwanVoice [64], we incorporate three targeted synthetic subsets. A phoneme-aware TTS teacher [51]
is employed to generate these subsets to maintain pronunciation accuracy, with each containing 100k utterances.
(1) Elderly speech: Because elderly speech remains underrepresented in existing speech datasets [12], we
expand the limited elderly-speaker data to improve the model’s demographic age coverage. The average
duration is about 10 seconds. (2) Short utterances in Chinese and English: These utterances range from
single words and names to standard short sentences and have an average duration of 1.5 seconds. Many
real-world TTS applications require sub-second spoken content, and this subset enhances model stability
in such conditions. (3) Challenging pronunciation targets: These are primarily Chinese texts featuring
polyphonic characters, proper nouns, brand names, English insertions, and mixed-language phrases. For these
pronunciation-sensitive examples, the model-facing target text remains unchanged, while the teacher model’s
input incorporates pronunciation hints to ensure the synthesized waveform reflects the intended reading. We
process these data using pypinyin [41]. Overall, human listeners are highly sensitive to errors in polyphonic
characters and brand names, yet models encounter few such examples, and existing annotations are often
inaccurate; therefore, this specific expansion is essential. The average duration is approximately 10 seconds.
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2.2 SwanData-Speech Preprocessing

This stage reuses the SwanData-Speech backbone [64] for speech-centered segments rather than pure audio-only
clips. Its role is to prepare clean speech spans and reliable text anchors.

Separation. For mixed-media audio, we first separate vocal and residual background streams with Ultimate
Vocal Remover [2]. The vocal stream is used for higher-quality diarization, transcription, and alignment. We
keep the original audio with the environmental sound field and local audio effects needed for captioning.

Diarization. Speaker diarization is performed with the 3D-Speaker toolkit [11], which combines VAD, CAM++
embeddings [92], and clustering. For single-speaker data, we keep segments between 1 and 60 seconds. For
multi-speaker data, we allow segments up to 120 seconds and require at least two speaker turns whenever
possible. Diarization model accuracy is limited, so we use it only for coarse data segmentation; real speaker
discrimination is left to the subsequent caption annotations.

Transcription. ASR is applied to the vocal stream with Seed-ASR 2.0 [7]. We also use SenseVoice ASR [1]
for an additional ASR-based pronunciation check. Specifically, we do not trust punctuation from these ASR
tools, because their punctuation depends more on semantics than on actual pauses.

Alignment. SwanAligner [64] aligns the ASR transcript with the vocal stream and stores pause evidence for
later post-processing. This module is related to forced-alignment and word-timestamping systems [4, 40, 80].
Specifically, we let the subsequent caption annotation provide suitable punctuation according to semantics,
such as exclamation marks and question marks, and then use the aligner results for correction, instead of
making the aligner convert all punctuation into fixed commas and periods from the beginning.

2.3 SwanData-Caption Annotation

To provide structured supervision for controllable audio generation, we develop SwanData-Caption, an
automatic annotation pipeline that converts raw audio and ASR transcripts into unified, fine-grained captions.

Annotation inputs. We use Seed2.0 Lite [6] as the caption annotator. The annotator receives the target
audio, the de-punctuated transcript, and a captioning prompt. In the transcript, ASR outputs from multiple
speakers may be concatenated together, so the model is required to segment speakers, split sentences, and
add semantically appropriate punctuation. The captioning prompt specifies a strict output format and strict
behavioral requirements for the model, and provides suitable examples tailored to each dataset to be annotated.
Our constraints include, for example, that Speaker IDs must be contiguous, every speaker span in Content
must match an entry in Speakers, and the ASR text inside speaker tags must preserve the original language.

Style-persona library. We find that, without sufficient examples, the model produces highly impoverished
speaker styles, lacks plausible persona information, and often relies on only a few individual examples.
Therefore, we design a style-persona library as a soft prior during annotation. In particular, we construct
separate style matrices for three media families with strong stylistic priors: animation, short drama and
film/TV drama, and advertisement/digital-human content. These matrices specify scene triggers, the preferred
ordering of stable speaker descriptors, and the boundary between stable speaker profiles and transient local
delivery. Animation uses a dubbing-style baseline with role-like vocal archetypes; short drama and film/TV
drama allow plot-supported role identity and dramatic delivery; and advertisement/digital-human content
emphasizes persona type, voice-style class, timbre, and stable product-pitch delivery. The library does not
introduce labels that are not audible; instead, it guides the annotator to describe stable speaker traits in the
Speakers field and leave transient emotion or emphasis to the Content field. The condensed style matrices are
provided in Appendix A. For ordinary data, we omit these style matrices to avoid introducing unsupported
attributes.

Caption output. Each caption contains the three fields described in Table 1. Scene location, sound-field
impression, recording space, reverberation, and persistent background sounds or effects are assigned to
Environment. Only speakers who actually speak are included in Speakers, where their detailed speaking styles
are described. Fine-grained local style descriptions, such as emotion, together with local audio effects, are
written in Content. The Content field supports both zero-shot and instruct TTS. An example caption is:
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Environment: {an antique courtyard interior with a quiet ambience; faint <Audio>wind and dripping water
from the eaves</Audio> can be heard in the distance.} Speakers: {Speaker 1: a young woman, a reborn
heroine, calm, with a low pitch and a cold tone.} Content: {Speaker 1 speaks in an icy and scrutinizing tone:
<S1>What you owe me, I will make you spit it back out, mouthful by mouthful, with your own hands!</S1>}.

Table 1 Output-field definitions used in the caption annotation schema.

Field Description

Environment Scene-level environment and recording context, including location or place description,
sound-field impression, room or recording-space cues, microphone characteristics, rever-
beration, background music, crowd murmur, traffic, wind, rain, electrical hum, keyboard
tapping, appliance noise, distant footsteps, or other persistent background sound or
effects that function as the scene bed.

Speakers The inventory of actually speaking subjects. Each speaker is described by perceived
gender, age range, persona or role when audible from delivery, stable timbre, articulation,
loudness tendency, speaking rate, accent, habitual style, and stable affective tendency.

Content A chronological content field and fine-grained local style description. Speech is wrapped
by speaker tags such as <S1> and </S1>; local audio effects are wrapped by <Audio>
and </Audio>. Fine-grained local style, including changes in emotion, volume, pace,
pause, emphasis, hesitation, interruption, code-switching, and nearby effect context, is
described around the tagged spans.

2.4 Data Refinement

Waveform filtering. To filter speech samples by acoustic quality, we apply the following waveform-level criteria
only to speech data. Candidate speech clips are first scored with DNSMOS [81] and reference-free estimates
from torchaudio-SQUIM [58], including STOI- and PESQ-related scores [83, 103]. In the default filtering
configuration, speech samples are removed if PESQ is below 2.0, STOI is below 0.85, SI-SDR is below 0, or
MOS is below 2.5. The duration filter keeps retained speech segments between 1 and 120 seconds, with an
average duration of about 10 seconds across the retained speech set.

Caption normalization. Caption normalization checks speaker characteristics, punctuation, and caption validity.
SwanVerifier, a lightweight waveform-grounded attribute model described in Appendix B, checks gender and
age-range labels against the vocal stream and flags inconsistent speaker descriptions for removal. Punctuation
is normalized only for spoken content. We use alignment data from SwanAligner to regularize pause marks
and obvious boundary punctuation. If the original punctuation meets the pause requirements, we preserve
it; otherwise, we replace or remove it. This allows special punctuation annotated by the annotator, such as
exclamation marks and question marks, to be retained, rather than converting all punctuation into periods and
commas. Caption-validity checks remove illegal speaker indices, unmatched speaker spans, missing required
fields, unused speaker descriptions, or local text that disagrees with the transcript after punctuation stripping.

Human verification. Human auditors review transcription accuracy, caption quality, audio quality, and
expressiveness. They correct ASR errors, speaker-attribution mistakes, omitted local audio effects, inaccurate
environment descriptions, and captions that over-interpret non-audible information. They also inspect failure
modes that are often missed by objective metrics, like crowd leakage, separation artifacts, and speaker
confusion in dense dialogue. In addition, they annotate audio-quality issues such as background noise, unclear
articulation, severe word elision, unnatural accents, electronic artifacts, and audible editing traces.

Expressiveness is audited through group-wise best–worst comparison. Within each matched group and task
type, we sample four valid candidates and ask annotators to select the most expressive and the least expressive
one, considering naturalness, emotion strength, prosodic variation, and contextual appropriateness. Compared
with MOS, this protocol does not require annotators to maintain a globally consistent absolute scoring
standard across different speakers, contents, and tasks. Annotators only need to judge relative extremes within
a controlled group, which reduces scale bias and calibration noise. Compared with pairwise A/B testing, our
best–worst comparison method is much more annotation-efficient [55].
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3 Method: SwanTale

This section introduces SwanTale. We first describe SwanVAE, the 48 kHz waveform-latent autoencoder.
Then we present the flow-based Transformer, including content, caption, speaker-turn, Engram conditioning,
and reward-conditioned quality control. We next introduce Unified MoE for zero-shot and instruct tasks with
multiple audio modalities, followed by curriculum training, GRPO post-training, and inference procedure.

VAE Encoder

VAE Decoder

Flow-based Transformer

Unified MOE

Cross-Attention

Self-Attention
x N

Text Tokenizer Caption Encoder

Reference Wav

Content
Caption

Full
Caption

+

Engram

Shared Flow
Zero-shot
Instructional
Wav Latent
Noisy Latent
Text Token
Caption Token

a. Architecture of SwanTale b. Unified MOE

Task
Type Audio Latent

Task Router Audio Router

FFN1 FFN2 FFN1 FFNn… Skip

Top-P Routing

+ +

+

Task Expert Audio Expert Null Expert

Figure 2 Overview of SwanTale. Figure (a) shows the architecture of SwanTale, and Figure (b) shows Unified MoE. In
(a), the zero-shot path supplies reference audio, while both tasks share text and caption. In (b), a task router selects
experts at the sample level, while an audio router applies Top-P routing over frame-level audio and null experts.

3.1 SwanVAE

SwanTale operates on the continuous acoustic latents produced by SwanVAE. Designing this latent space
involves a three-way balance among reconstruction fidelity, representation compactness, and learnability by
the downstream flow model. A lower latent rate shortens the sequence used for long-form generation, but it
also requires each latent frame to carry more acoustic information. Encoding fine waveform detail improves
reconstruction, yet the resulting latent distribution can become harder for the flow model to predict. SwanVAE
represents 48 kHz mono audio as 96-dimensional latents at 25 Hz. The encoding path uses a local anti-aliased
convolutional encoder and a Gaussian VAE bottleneck, and most waveform synthesis capacity is placed in a
decoder-side Transformer Resampling Block adapted from SAME [76]. SwanVAE is intentionally restricted
to local acoustic modeling, with longer-range sequence modeling handled by the downstream DiT. Figure 3
summarizes the SwanVAE architecture and the training-only objectives used to shape its posterior mean.

3.1.1 Architecture

Decoder. The decoder uses the decoder-side Transformer Resampling Block (TRB) introduced in SAME [76].
Each latent vector is projected to the decoder width and interleaved with six learnable output tokens. A local
bidirectional Transformer processes the combined sequence, after which each output token is projected to a
320-sample waveform patch. The six output patches associated with one latent frame cover 6× 320 = 1920
samples, or 40 ms of audio. Self-attention couples neighboring latent and output tokens before projection, so
adjacent waveform patches are reconstructed with shared context even though they are concatenated without
overlap at the final waveform output during both training and inference.

6



a. Architecture of SwanVAE
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Figure 3 Overview of SwanVAE. (a) The anti-aliased convolutional encoder, Gaussian variational bottleneck, and
local Transformer decoder. (b) Generative alignment through flow matching and causal latent prediction. (c) Energy,
multi-scale chroma, and multi-band energy readouts with waveform-derived targets. The decoder receives posterior
samples z, while the alignment objectives operate on the posterior mean µϕ exclusively during the SwanVAE training
stage and do not enter the downstream generator at inference time.

The asymmetric allocation reflects the role of each path. The encoder determines the temporal support and
statistics of the latent target seen by SwanTale, so every reduction stage retains an explicit low-pass operation
and the encoding context stays local. Once the latent sequence has been formed, the decoder can mix nearby
frames and spend more capacity on waveform synthesis. Its local context supports phase continuity, patch
boundaries, transient structure, and high-frequency detail.

Receptive field design. We deliberately keep the temporal context of SwanVAE bounded. The convolutional
encoder ties each latent to a local waveform neighborhood, while the decoder uses local attention to coordinate
waveform details across adjacent patches. With the current configuration, the encoder covers approximately
0.95 seconds of waveform, and the end-to-end theoretical dependency span is about 3.23 seconds. The
downstream DiT subsequently operates over the full latent sequence to model dependencies beyond this local
acoustic context across the complete generated sequence.

3.1.2 Reconstruction and Adversarial Training

We train SwanVAE on fixed-duration waveform segments sampled at random from the training recordings.
This exposes the model to different local regions of long recordings while keeping the training context consistent
with the local role of SwanVAE. Similar to the on-the-fly source mixing used in EnCodec [19], we randomly
mix pairs of segments and use the mixture as both the encoder input and reconstruction target. This covers
overlapping acoustic sources, and we also observed smoother decoded transitions under latent interpolation.

SwanVAE reconstructs each training waveform x from the reparameterized posterior sample z. The recon-
struction loss combines a multi-resolution complex STFT loss, a multi-resolution multi-band Mel loss, and a
frame-wise energy loss, as summarized by the following objective:

Lrec = λstftLstft + λmelLmel + λengLeng. (1)

The complex STFT loss compares spectral magnitude and phase across multiple time-frequency resolutions.
The multi-band Mel loss provides spectral-envelope supervision over different frequency ranges and analysis
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windows, while Leng matches frame-wise log energy on the 40-ms latent grid. We regularize the posterior
toward a unit Gaussian with a KL penalty, using λKL = 0.02.

Fine waveform structure remains underconstrained by these regression losses. We therefore train three
discriminator families: a multi-period discriminator (MPD) [56], a multi-resolution discriminator (MRD) [47],
and a multi-band complex STFT discriminator (MBCSD) [60]. MPD is sensitive to periodic waveform
patterns, while MRD evaluates time-frequency structure at several STFT resolutions. MBCSD operates on
the real and imaginary components of complex STFTs. At each resolution, it partitions the frequency axis
into fixed bands and processes each band with a separate convolutional stack. This provides band-specific
discrimination paths over the spectrum up to 24 kHz during training.

Let D = {MPD,MRD,MBCSD} denote the discriminator families. During training, we optimize the generator
with the following waveform objective:

Lwav = Lrec + λKLLKL + λadv

∑
D∈D

wDLD
adv + λfm

∑
D∈D

LD
fm, (2)

where wD controls the adversarial contribution of each discriminator family. Feature matching is computed
from their intermediate activations for real and reconstructed audio. All discriminators are discarded after
training and add no cost to SwanVAE decoding at inference time.

3.1.3 Latent Alignment Objectives

Waveform objectives constrain the reconstructed signal but leave considerable freedom in how acoustic
information is arranged in the posterior mean. At a latent rate of 25 Hz, fine waveform detail may be carried
by sharp changes between adjacent frames, increasing the burden on the downstream flow model. Related
work on image and video autoencoders has also associated excessively high-frequency latent components with
more difficult diffusion modeling [87]. SwanVAE therefore applies several weak alignment objectives to the
posterior mean µϕ during training as auxiliary guidance.

Generative alignment. Following SAME [76], we jointly train a lightweight unconditional predictor on the
latent sequence using the standard flow-matching objective. The predictor is optimized with its full training
loss, while the gradient passed from this objective to the encoder is scaled separately and kept small. It
provides a direct signal about how readily the current latent distribution can be modeled by a flow network,
without allowing the auxiliary predictor to dominate waveform reconstruction.

We also train a causal predictor to estimate future latent patches from their preceding context. Future
prediction is well established in speech representation learning [16, 71], and latent-domain predictive coding
has also been used to remove temporal redundancy in neural speech codecs [49]. In SwanVAE, the predictor
operates directly on continuous posterior-mean patches and provides only a weak target-side gradient to
the encoder. The prediction residual therefore measures the part of local latent evolution that cannot be
inferred from recent history. Compared with a fixed temporal-difference penalty, the learned predictor can
accommodate locally predictable changes while discouraging abrupt and weakly structured variation. We
keep the encoder-facing gradient small so that the global latent geometry remains governed primarily by
reconstruction and KL regularization throughout joint SwanVAE training.

Semantic and acoustic readouts. Following the semantic regression objective in SAME [76], lightweight
regressors predict octave-specific, multi-scale chroma distributions from each latent frame. Here, semantic
alignment refers to perceptually meaningful structure within a local audio context, including pitch-class and
harmonic organization represented at the latent-frame scale.

Two additional readouts predict normalized frame energy and the relative energy distribution across frequency
bands from each latent frame. To increase variation in effective bandwidth, we occasionally downsample a
48 kHz training crop to a lower sampling rate and resample it back to 48 kHz. This keeps the waveform
interface fixed while exposing the encoder to signals with different usable spectral extents. The multi-band
energy readout encourages the latent representation to retain these differences. For example, a 48 kHz
recording derived from 24 kHz audio typically contains little energy above 12 kHz. Since the band-energy
target is normalized across frequency bands, it describes spectral allocation independently of overall loudness.
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The reconstruction decoder continues to receive the reparameterized sample z, whereas the alignment objectives
act on the posterior mean µϕ. After training, SwanTale uses the globally normalized posterior mean as its
deterministic acoustic target. All auxiliary predictors and readout heads are discarded.

3.2 Flow-based Transformer

Following SwanVoice [64], SwanTale trains a non-causal diffusion Transformer with flow matching as the
backbone to avoid repetition and other instabilities common in autoregressive systems, while preserving the
integrity of local audio effects and environmental soundscapes. Specifically, SwanTale maps the inputs of the
two tasks to a latent audio trajectory, as shown in Figure 2(a). For these two tasks, zero-shot samples use a
content caption to control local style and reference audio to control global acoustic information, while instruct
samples use a full caption to control all information. The denoiser is non-causal because these controls interact
across the whole audio sequence. To realize this interface, SwanTale combines caption, text, and speaker
conditioning for semantic alignment, reward-conditioned quality control for global acoustic preference, Engram
conditioning for recurring caption patterns, and a flow-matching DiT backbone for conditioned generation.

Caption, text, and speaker conditioning. General instruct-generation systems often encode captions and text
with a shared tokenizer and rely on an LM backbone, typically inherited from a pretrained LLM [99] with
strong language-understanding ability, for instruction understanding and generation [79, 106]. Since SwanTale
uses a DiT backbone, we need to preserve lexical accuracy while strengthening caption understanding without
overloading the model. Therefore, the conditioning stack separates caption-level control from text alignment.

The caption branch uses a Qwen-family text encoder [3] to understand the caption and encode it into
embeddings, which are injected into all DiT layers through cross-attention. In addition, we add a set of label
embeddings aligned to the caption-embedding length. Different embeddings are used to distinguish speech
content, local audio effect descriptions, environment information, and other descriptions, providing acoustic
prior information and reducing the learning burden on cross-attention.

The spoken content is tokenized with the CosyVoice 2.0 tokenizer [21], and the resulting tokens are processed
by a lightweight Transformer text encoder. Unlike the filler-token expansion adopted in SwanVoice [64],
SwanTale length-normalizes this branch by interpolating text-encoder hidden states onto the audio-latent
timeline before concatenation with the noised latent stream. This allows normal training and generation even
when the boundary text is longer than the latent sequence. Speaker-turn embeddings are derived from the
structured speaker tags, aligned with the text embeddings, and injected into the text path.

Reward-conditioned quality control. During preprocessing, SwanData-Caption annotates quality scores for
the STOI-, PESQ-, SI-SDR-, and MOS-related metrics described in Section 2. The data pipeline filters out
very low-quality samples, but the remaining data still spans different quality levels, and we want generated
speech to be as high-quality as possible. Therefore, we add an explicit quality caption and quality flag so
the model can recognize data quality and use it as a controllable signal. When all four scores are available,
SwanTale converts them into a short quality caption and appends it to the global caption before the content
field. Specifically, the implemented quality caption template is:

Quality: speech clarity { STOI level }; noise level { SI-SDR level };
signal naturalness { PESQ level }; listening quality { MOS level }.

The quality scores are also mapped into the quality flag q ∈ {low, normal,high, unknown}. During training,
this flag can be replaced by the unknown value under dropout to support classifier-free guidance; during
inference, we use the high-quality caption and flag to bias generation toward clearer and more natural speech.

This makes SwanTale a reward-conditioned policy [59]. The four waveform-quality scores act as a reward that
is supplied as part of the condition rather than optimized against, so the model learns how each quality level
is acoustically realized; at inference, the reward is fixed to its maximum, and generation is always requested
at the highest quality. Compared with explicitly optimizing a quality reward, this requires no rollout, no
reward model in the loop, and no additional sampling. It also keeps every retained sample useful for training:
moderate-quality data still contributes to coverage of speakers, scenes, and audio effects, with its quality level
marked rather than discarded, preserving its contribution across the full data mixture.
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Engram conditioning. In real captions, many patterns recur across samples with stable and distinctive
meanings, such as persona descriptions like an energetic girl, or common audio effects like a train whistle.
Pure attention can learn these patterns, but it must also handle long-range acoustic planning. To reduce
this burden and make fixed caption patterns recognizable even in long captions, SwanTale adds an Engram
memory layer [14] to the caption branch. Engram separates fixed-pattern recognition from broader acoustic
planning without introducing another full language encoder. Concretely, after the caption encoder output
is projected, it is also processed by Engram and added back as a memory update. The resulting caption
representation is then used as the cross-attention context.

For a caption token sequence c = (c1, . . . , cL) and an order set N , the n-gram window centered at position i is

w
(n)
i = c i−⌊(n−1)/2⌋ : i+⌊n/2⌋. (3)

The original formulation uses suffix windows because an autoregressive backbone cannot see its right context;
the caption branch here is non-causal, so we center the window instead. The memory hashes each window
into K head-specific tables and concatenates every retrieved slot:

ei = concat

({
Engramn,k

(
hashk(w

(n)
i )

)}
n∈N , k=1,...,K

)
. (4)

We set N = {2, 3}. Concatenating before read-out lets a single pair of projections weigh the orders against
each other, rather than forcing every order to contribute equally. Given the projected caption embedding ui,
SwanTale injects this memory by a gated residual update:

ũi = ui + σ

(
RMSNorm(ui)

⊤ RMSNorm(WKei)√
d

+ b

)
WV ei. (5)

Here, d is the model dimension. The gate is instantiated with two branches that share the tables and WV

while keeping separate WK , and their gated outputs are averaged. The learnable bias b is initialized to a
negative value, so the memory path starts nearly closed and gradually opens during training. The dot product
makes the gate content-dependent within each caption, allowing the model to use Engram more strongly for
structured markers and less strongly for free-form natural language. In this way, the memory becomes part of
the caption-conditioning stack and strengthens the model’s understanding of fixed-pattern phrases.

Flow-matching DiT backbone. SwanTale builds on a non-causal flow-matching DiT architecture [64] with
three additions: Engram-enhanced caption cross-attention, reward-conditioned quality control, and Unified
MoE feed-forward layers. Each block contains self-attention over the latent timeline, cross-attention over the
Engram-enhanced caption tokens, and a Unified MoE feed-forward branch. Timestep embeddings modulate
the block through AdaLN-Zero adapters [77], and RMSNorm is used for stable deep Transformer optimization
[104]. The quality-flag embedding is added to the same global conditioning stream as the timestep embedding.

SwanTale uses one backbone for joint instruct and zero-shot training. Let τ ∈ {inst, zero} denote the task
type and let x⋆ ∈ RT×dz denote the target latent sequence produced by the frozen SwanVAE. The two tasks
differ only in their respective caption inputs and context masks:

c(τ) =

{
cfull, τ = inst,

ccontent, τ = zero,
m(τ) =

{
0, τ = inst,

mprompt, τ = zero,
r(τ) = m(τ) ⊙ x⋆. (6)

Here m(τ) is a context mask: instruct samples have no prompt context and therefore use the whole latent
sequence as the generation target, whereas zero-shot samples use prompt frames as reference context and
generate only the remaining frames. Following recent non-AR speech generation systems [13, 65], we sample
Gaussian noise ϵ ∼ N (0, I) and a time t ∼ U(0, 1), then noise only the task-specific generation region:

x̃
(τ)
t =

(
1−m(τ)

)
⊙ ((1− t)ϵ+ tx⋆) . (7)
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The DiT receives x̃
(τ)
t , the context latent r(τ), and a learned context-mask embedding that distinguishes

generated frames from reference frames. It predicts a velocity field conditioned on the content tokens y,
caption c(τ), speaker turns, and task-specific reference context:

v̂θ = fθ

(
x̃
(τ)
t , t,y, c(τ), r(τ),m(τ)

)
. (8)

The training loss is a masked mean-squared error over the task-specific generation region:

Lflow = E

∥∥(1−m(τ)
)
⊙ (v̂θ − (x⋆ − ϵ))

∥∥2
2

max
(
1,
∑T

i=1

(
1−m

(τ)
i

))
 . (9)

Under this formulation, instruct samples provide full-caption supervision over the entire latent trajectory,
while zero-shot samples provide content-caption supervision with reference audio excluded from the loss but
available as context. The same velocity parameterization and objective therefore train a unified backbone for
both instruction-following generation and prompt-conditioned zero-shot generation.

3.3 Unified MoE

SwanTale handles both instruct and zero-shot tasks within a single network, covering multi-speaker expressive
speech, general audio, occasional singing voice, and music. Speech regions must preserve content, prosody,
and speaker continuity while modeling speaker-dependent expression. General audio spans two regimes:
environmental sound forms smooth and persistent structure, whereas local audio effects are transient and
require sharply localized acoustic shaping. Singing voice adds sustained pitch contours, and music carries
melodic and harmonic regularity without lexical content. Processing all of them with the same dense
feed-forward parameters forces these heterogeneous acoustic patterns to compete for one shared set of weights.

We therefore introduce Unified MoE in our flow-based Transformer, a caption-conditioned dynamic-capacity
sparse feed-forward module, as illustrated in Figure 2(b). It dynamically allocates model capacity according to
the generation task, the current acoustic state, and the diffusion time, providing specialized transformations for
complex regions while controlling the overall computation. Unified MoE builds on sparse-expert Transformers
[26, 121], DeepSeek-style expert specialization [18], and auxiliary-loss-free routing bias [93]. Its routing
mechanism operates at two levels. A task router selects sample-level shared experts that capture stable
priors for instruct and zero-shot generation, while an audio router applies dynamic Top-P routing to each
latent-frame hidden state to model frame-level acoustic variation. The hidden states received by the audio
router have already passed through self-attention and caption cross-attention and therefore incorporate
information from the caption, text stream, speaker turns, and reference audio.

Expert layout. Every second DiT feed-forward layer is replaced with a Dynamic Top-P MoE-FFN layer.
The dense layers retained between sparse layers provide a stable shared path, while inserted MoE layers add
capacity for heterogeneous acoustic patterns. Each MoE-FFN contains R routed audio experts, S task-shared
experts, and U null experts in every sparse layer.

The three expert types operate at different levels of granularity. Task-shared experts encode priors that
remain stable throughout a sample: instruct generation places greater emphasis on caption following and the
composition of multiple audio events, whereas zero-shot generation relies more strongly on prompt-speaker
preservation. Routed audio experts provide input-dependent frame-level specialization for speaker changes,
overlapping speech, expressive variation, local audio effects, and complex background textures. Null experts
act as skip paths without an additional feed-forward transformation, reducing expert computation for stable
backgrounds, near-silent regions, and other frames that do not require frame-level specialization.

Let τ ∈ {inst, zero} denote the task type. The task router selects a set of shared experts Tτ that is reused
across all sparse layers and frames of each sample. The shared branch is defined as

oshared(h, τ) =
∑
j∈Tτ

Eshared
j (h). (10)
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This task-routing branch injects sample-level task priors, while the audio-routing branch is designed to model
frame-level acoustic variation over the latent sequence.

Latent- and time-conditioned audio routing. At diffusion time t, let hℓ,m denote the hidden state of frame m
after self-attention and caption cross-attention in the ℓ-th DiT block. The DiT time embedding et is linearly
projected and added to the corresponding frame representation:

rℓ,m = hℓ,m +Wtet. (11)

The audio router computes the base router logits from rℓ,m:

ℓℓ,m = Wgrℓ,m + bnull(t), (12)

where Wg projects the frame representation into the candidate space of routed audio experts and null experts.
We then compute the expert-selection logits as follows:

aℓ,m = ℓℓ,m + b, (13)

where b is a load-correction bias for routed experts and is zero on null-expert dimensions. The expert set is
determined from aℓ,m, while the combination weights within the selected set are computed from ℓℓ,m [93].

For routed expert i, let fi denote its fraction of recent non-null assignments among the routed experts, with a
target average load of 1/R. We use the following continuous and clipped bias update:

bi ← clip

(
bi + η

(
1

R
− fi

)
,−B,B

)
. (14)

The selection score of an overloaded expert is reduced, whereas an underutilized expert receives a higher score.
If a layer produces no non-null assignments, its routing bias is left unchanged.

Time-aware expert budget. The required amount of expert computation varies with diffusion time. Different
denoising stages emphasize global structure, speaker and event arrangement, timbre, and local acoustic detail
to different degrees. We predict a learned time-dependent budget from the time embedding:

q(t) = σ(Wbet). (15)

This budget jointly controls the Top-P threshold, the null-expert bias, and the expert capacity:

p(t) = pmin + (pmax − pmin)q(t), (16)

bnull(t) = bnullmax +
(
bnullmin − bnullmax

)
q(t), (17)

c(t) = cmin + (cmax − cmin)q(t). (18)

The vector bnull(t) takes bnull(t) on the null-expert dimensions and zero on the routed-expert dimensions. A
larger q(t) yields a higher cumulative-probability threshold, a weaker preference for null routing, and greater
expert capacity. A smaller q(t) reduces additional expert transformations and shifts more computation toward
task-shared and null paths at the same denoising stage.

Dynamic Top-P routing with annealed Gumbel mixing. The number of experts required varies substantially
across frames. Stable backgrounds and near-silent regions typically require few additional transformations,
whereas speaker changes, environmental sound fields, and superimposed global audio events may benefit from
multiple experts. Fixed Top-K routing assigns the same number of experts to every frame and cannot adapt
to this variation. Unified MoE therefore uses dynamic Top-P routing.

During training, we first draw Gumbel noise for all routed audio and null experts:

gℓ,m,i = − log (− log uℓ,m,i) , uℓ,m,i ∼ U(0, 1). (19)

The Gumbel-Softmax selection distribution is then computed from the bias-adjusted selection logits:

πg,sel
ℓ,m,i =

exp
(

aℓ,m,i+gℓ,m,i

τg(n)

)
∑R+U

j=1 exp
(

aℓ,m,j+gℓ,m,j

τg(n)

) . (20)

12



For each frame, candidate experts are sorted in descending order of πg,sel
ℓ,m , and the smallest prefix whose

cumulative probability reaches p(t) is selected as Sℓ,m.

The Gumbel temperature τg(n) is gradually annealed over optimization step n:

τg(n)↘ τmin > 0. (21)

Following the Gumbel-Softmax annealing strategy [46], a higher temperature at the beginning of training
produces smoother routing distributions and encourages exploration over more expert combinations. Gradually,
as the temperature decreases, the distribution becomes sharper, and the experts develop distinct roles, reducing
premature concentration on a single expert early in optimization.

Using the same Gumbel perturbations, the mixture weights are computed from the base router logits and
then renormalized over the selected expert set:

π̃ℓ,m,i =
exp

(
ℓℓ,m,i+gℓ,m,i

τg(n)

)
∑

j∈Sℓ,m
exp

(
ℓℓ,m,j+gℓ,m,j

τg(n)

) , i ∈ Sℓ,m. (22)

At inference time, the Gumbel noise is removed. The deterministic selection distribution is

πsel
ℓ,m = softmax (aℓ,m) . (23)

Candidate experts are sorted according to πsel
ℓ,m, and the smallest prefix whose cumulative probability reaches

p(t) is selected as Sℓ,m. The corresponding mixture weights are

π̄ℓ,m,i =
exp(ℓℓ,m,i)∑

j∈Sℓ,m
exp(ℓℓ,m,j)

, i ∈ Sℓ,m. (24)

We use π̃ℓ,m,i during training and π̄ℓ,m,i during inference, and denote both by π̂ℓ,m,i below. Let

Srℓ,m = Sℓ,m ∩ {1, . . . , R} (25)

denote the selected routed audio experts. The audio-branch output is

oaudio(hℓ,m, t) =
∑

i∈Sr
ℓ,m

π̂ℓ,m,iE
audio
i (hℓ,m). (26)

When Srℓ,m = ∅, the routed audio branch produces a zero output:

oaudio(hℓ,m, t) = 0. (27)

Null experts participate in the normalization over selected experts but produce no feed-forward output. When
null and routed audio experts are selected together, the probability mass assigned to null experts reduces the
magnitude of the audio-branch transformation. If only null experts are selected, the frame skips the routed
audio branch while retaining the task-shared branch and the original residual path of the DiT block.

The final MoE-FFN output combines the shared and routed audio branches as follows:

oMoE(hℓ,m, t, τ) = oshared(hℓ,m, τ) + oaudio(hℓ,m, t), (28)

which is combined with the input through the original residual connection of the DiT block.

Capacity and auxiliary objectives. Expert capacity limits the number of assignments received by each routed
expert within a batch. Without capacity control, a large number of frames may be concentrated on a single
expert, increasing peak memory usage and weakening functional specialization.
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Let M denote the total number of non-null frame-expert assignments produced by Top-P routing before
capacity truncation. The capacity of each routed expert is

cap =

⌈
c(t)

M

R

⌉
. (29)

If an expert receives more assignments than its capacity, only the assignments with the largest mixture weights
are retained, and the remaining assignments are dropped as overflow. If all frames in the current layer select
only null experts, then M = 0 and routed-expert dispatch and capacity truncation are skipped. Expert
dropout is further applied during training to reduce dependence on fixed expert combinations.

Meanwhile, we use lightweight auxiliary objectives for router-logit instability and null-routing collapse:

LMoE = λzLz + λnullLnull. (30)

The router z-loss is applied directly to the base router logits during training:

Lz = Eℓ,m


log

∑
j

exp(ℓℓ,m,j)

2
 , (31)

which constrains the magnitude of the router logits and improves numerical stability [121]. The null-collapse
penalty Lnull is the average probability mass assigned to null experts by the base routing distribution,
preventing the routed audio branch from remaining inactive throughout training.

The complete SwanTale training objective is defined as follows:

L = Lflow + ωMoE(n)LMoE, (32)

where ωMoE(n) is linearly annealed during early training to a small nonzero floor. The stronger initial auxiliary
signal stabilizes routing early in training, while later specialization is driven by the flow-matching objective.

Overall, Unified MoE combines a task-level shared path, frame-level dynamic expert routing, and a diffusion-
time-aware computation budget to provide adaptive capacity for heterogeneous speech and scene audio within
a unified model, without imposing the same fixed computation on every acoustic region.

3.4 Curriculum Learning

We use SwanVoice as the reference design for the zero-shot foundation stage when training the SwanTale base
model. The model first learns speaker-conditioned speech generation from single-speaker and multi-speaker
zero-shot data, and is then adapted to caption-conditioned instruct generation. This ordering is important
because caption conditioning introduces longer contexts, text-described speaker attributes, environment
descriptions, and local audio effects. Introducing all these conditions before the speech prior is sufficiently
stable makes both alignment and conditional modeling more difficult [5].

1) Zero-shot base model training. In the first stage, we train a zero-shot base model in the SwanVAE latent
space. The training recipe follows the SwanVoice pretraining setup for single-speaker and multi-speaker speech,
using only transcript text and optional reference audio as conditions. This preserves the reference-audio
pathway required for zero-shot inference without making generation entirely dependent on a reference signal.
We first train on internal single-speaker zero-shot data. We then introduce concatenated speech containing
one to four speakers, together with real one- to four-speaker dialogue data, and enable speaker-turn encoding
to develop multi-speaker dialogue generation. Throughout this stage, reference audio is dropped with a
probability of 50%, exposing the model to both reference-conditioned and reference-free generation.

2) Dense caption adaptation on clean speech. We next train a dense SwanTale model on clean speech data
with rich and reliable attribute annotations. At this stage, the Unified MoE layers are replaced with standard
dense feed-forward layers. The goal is to teach the model to interpret simple instructions, such as gender,
age, and emotion, before introducing sparse routing. Clean bilingual speech with consistent speaker- and
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utterance-level attributes allows the model to transition from transcript conditioning to caption conditioning
while preserving intelligibility, speaker identity, and alignment quality. We additionally incorporate the
targeted synthetic subsets described in Section 2, improving coverage of elderly speakers, short utterances, and
pronunciation-challenging conditions before training on the full caption mixture. In this stage, each sample is
trained as an instruct task with a probability of 70% and as a zero-shot task with a probability of 30%.

3) Full caption-mixture training. After the dense model has learned stable caption-conditioned speech
generation, we expand the training data to the full SwanData-Caption corpus described in Section 2 and
introduce Unified MoE in the flow-based Transformer. This stage exposes the model to speech, environmental
audio, local audio effects, and a broader range of speaker personas. The dense parameters initialize the
shared transformation path, while the routed experts learn specialized transformations for speaker variation,
environments, and global and local audio effects across the full data mixture.

4) High-expressiveness, high-quality SFT. The full caption mixture provides broad coverage, but large-scale
mixed datasets also contain many samples of moderate quality or limited expressiveness. We therefore continue
supervised fine-tuning on the high-expressiveness, high-quality subset selected during data refinement. Samples
in this subset must satisfy both automatic waveform-quality thresholds and the human preference audit based
on group-wise best–worst comparison described in Section 2. The resulting narrower data distribution further
improves expressive generation before reward-guided post-training.

Learning caption grounding with dense feed-forward layers prevents Unified MoE from having to discover the
conditioning interface and expert specialization simultaneously. After broad multimodal coverage has been
acquired, the final SFT changes only the data emphasis, allowing the same conditioning and routing structure
to be refined on expressive, high-quality examples before GRPO. The curriculum thus separates conditional
alignment, capacity expansion, and quality-focused refinement into distinct optimization phases.

3.5 Reward-guided GRPO Post-training

The supervised stages give SwanTale broad instruct and zero-shot ability, but recurring errors remain in
pronunciation accuracy, generation stability, and caption-conditioned speaker-attribute control. We therefore
apply reward-guided post-training to these three targets. The post-training set comprises difficult single-
speaker speech cases encountered in advertising, film, television, and animation production, and covers both
instruct and zero-shot conditions. Multi-speaker and audio-containing samples are retained through supervised
anchor replay rather than assigned unreliable rewards during targeted post-training.

Why GRPO rather than NFT. DiffusionNFT [115] provides an efficient, likelihood-free alternative for reward
optimization by mapping terminal rewards to positive and implicit-negative regression targets on the forward
noising process. It does not, however, define rollout-transition likelihoods or PPO-style likelihood ratios. We
instead seek stochastic trajectory exploration with transition-wise clipped updates and an explicit constraint
on policy drift. We therefore use Flow-GRPO [66], converting the deterministic flow ODE into a marginal-
preserving SDE during post-training rollout for each sampled trajectory.

Task-specific reward design. We adopt group relative policy optimization (GRPO) [84]. Reward difficulty
varies substantially with the target text and condition, so absolute scores from different prompts are not
directly comparable. GRPO instead samples multiple candidates under the same condition and optimizes
their relative quality without an additional value model.

Both tasks share five speech-side rewards. The phoneme accuracy reward (phone_core) penalizes substitutions,
deletions, and insertions in the recognized phone-tone sequence, while the phoneme-length consistency reward
(phone_len) focuses specifically on deletion and insertion errors:

rphone = exp

[
−αwsS + wdD + wiI

N

]
, rlen = exp

[
−αlen

wdD + wiI

N

]
, (33)

where S, D, and I are the numbers of substitutions, deletions, and insertions, and N is the phone length.
The punctuation-aware pause reward (pause_punct) checks whether short and long punctuation marks are
followed by pauses in their expected duration ranges. The audio-boundary energy reward (edge_rms) penalizes
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excessive RMS energy in the first and last 0.2 seconds relative to the whole waveform. The waveform-quality
reward (quality) penalizes clipping, abnormal peaks, excessive boundary energy, and high-frequency artifacts.

The final control reward depends on the task. For the instruct task, SwanVerifier predicts age and gender
from the generated speech, and the attribute reward measures agreement with the corresponding attributes in
the full caption (Appendix B). For zero-shot generation, speaker identity is supplied by reference audio rather
than demographic text; we therefore replace the attribute reward with speaker similarity,

rsim =
1 + cos (fspk(x̂), fspk(xref))

2
, (34)

where fspk is a frozen WavLM-based ECAPA-TDNN speaker encoder [10, 20]. All reward terms are calibrated
to [0, 1] before aggregation. Let τ ∈ {inst, zero} denote the task type and Mτ,m select the rewards applicable
to task τ . The total reward for candidate i is then computed as follows:

R
(τ)
i = gi

∑
m Mτ,mλmri,m∑

m Mτ,mλm
, (35)

where gi ∈ (0, 1] is a multiplicative pronunciation gate that downweights samples with severe pronunciation
errors. Thus, both instruct and zero-shot tasks share the same pronunciation and stability rewards while
switching only the speaker-control reward under a shared aggregation rule.

Stochastic flow policy. The original sampler follows the deterministic ODE dxt = vθ(xt, t, c)dt, whose
transition distribution is degenerate once the initial noise is fixed. Following Flow-GRPO and its TTS
adaptation [91], we construct a marginal-preserving SDE

dxt = bθ(xt, t, c)dt+ η(t)dWt, bθ = vθ +
η(t)2

2
sθ, (36)

where Wt is a Wiener process. Under our noise-to-data convention xt = (1− t)x0 + tx1, the rectified-flow
score estimate and diffusion schedule are defined as follows:

sθ(xt, t, c) =
tvθ(xt, t, c)− xt

1− t
, η(t) = a

√
1− t

t
, (37)

with the two endpoints clamped to the nearest interior integration times for numerical stability. For consecutive
times tj < tj+1, Euler–Maruyama gives the Gaussian transition policy

πθ(xj+1 | xj , c) = N
(
µθ,j , η(tj)

2∆tjI
)
, µθ,j = xj + bθ(xj , tj , c)∆tj , (38)

where ∆tj = tj+1 − tj . Noise and transition likelihoods are applied only to the generated latent region G;
reference frames remain fixed for zero-shot generation throughout the rollout.

Group-relative policy optimization. For condition c, we use a frozen behavior-policy snapshot to sample
K = 8 trajectories with independent SDE noise realizations, producing a candidate group under the same
conditioning input. Then, we score the final waveform generated by each trajectory and normalize the resulting
rewards within the group to obtain a group-relative advantage:

Ai =
R

(τ)
i − µR(c)

σR(c) + ϵ
. (39)

During rollout, we store every generated-region transition and its behavior-policy log-probability ℓold,i,j . The
current policy recomputes ℓθ,i,j = log πθ(xi,j+1 | xi,j , c) using the same SDE kernel. Gaussian log-probabilities
are averaged over the valid latent elements in G rather than summed. A summed log-likelihood scales with
the number of generated elements, so a per-element discrepancy of 10−3 already moves ρi,j by ten orders of
magnitude and saturates the clipping range; the per-element mean keeps ρi,j near one and makes a single ε
comparable across utterance lengths. With ρi,j = exp(ℓθ,i,j − ℓold,i,j), the clipped objective is

LGRPO = −Ei,j

[
min

(
ρi,jÃi, clip(ρi,j , 1− ε, 1 + ε)Ãi

)]
. (40)
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We directly use Ãi = clip(Ai,−Amax, Amax) with Amax = 2, and share it across all transitions in trajectory i.
ρi,j compares the two policies on the same recorded transition, rather than on a denoising surrogate built
from a re-noised sample during the clipped policy update.

Capability preservation. Targeted single-speaker post-training should not erase the multi-speaker and audio
capabilities learned during full-mixture SFT. We use two safeguards. First, a frozen SFT reference policy
constrains every GRPO transition. Since the current and reference policies share the same transition variance,
their KL divergence has the following closed form:

DKL(πθ ∥πref) =
∥µθ,j − µref,j∥2G

2η(tj)2∆tj
. (41)

Here, ∥ · ∥2G averages over the valid latent elements in G, matching the normalization of the transition
log-probabilities so that βref transfers across utterance lengths. Second, each GRPO update block is followed
by supervised anchor steps drawn from the original multi-speaker and audio-containing SFT mixture. These
anchor batches use the standard forward noising path and the original masked flow-matching objective, rather
than the SDE rollout. The behavior policy is refreshed only after both update blocks, before the next rollout
round. The two blocks minimize the following objectives, respectively:

LRL = LGRPO + βrefEi,j [DKL(πθ ∥πref)] , Lanchor = Lflow(Danchor). (42)

The reference term limits policy drift on rewarded samples, while anchor replay preserves capabilities outside
the coverage of the reward models, including speaker switching, environments, music, and local audio effects.

3.6 Inference Procedure

SwanTale uses a unified inference procedure for instruct and zero-shot generation. For instruct generation,
the model takes the full caption, and generates the complete latent sequence. For zero-shot generation, it
takes a content caption including the content text and reference audio; the reference frames form the latent
prompt, and the model generates the unmasked region. In both cases, the text and caption are encoded with
the conditioning modules defined above, and speaker-turn labels are constructed from <S{id}> tags. The
generation region is initialized with Gaussian noise, while prompt frames in the zero-shot setting remain fixed
as reference context. SwanTale then solves the flow ODE over the task-specific generation region and decodes
the resulting latent trajectory with SwanVAE.

Content and speaker-turn conditions determine what is spoken and which speaker is active at each turn,
whereas caption, reference, and quality conditions control the remaining acoustic attributes. A single guidance
scale would couple these two groups of constraints. We therefore use a two-stage decomposed classifier-free
guidance (CFG) rule [38]. The denoiser is evaluated under a null condition, a text-and-speaker-turn condition,
and a task-specific full condition. The guided velocity is

ṽt = v∅ + ωtext(t)(vtext − v∅) + ωall(t)(vfull − vtext), (43)

where ωtext(t) guides content and speaker-turn consistency, and ωall(t) adds the task-specific full condition.
For instruct generation, the full condition contains the full caption and quality flag. For zero-shot generation,
it contains the content caption and reference context throughout the conditioned inference trajectory. For
both tasks, the three evaluations form a nested condition hierarchy. Starting from the null prediction, the first
increment controls content and speaker turns, while the second adds the remaining acoustic conditions relative
to the text-conditioned prediction. The two increments are therefore scaled separately without changing the
inference rule between instruct and zero-shot generation.

Condition strength and numerical resolution need not be uniform over the flow trajectory [27]. Early
steps establish coarse speech structure and text–speaker alignment from noise, whereas later steps refine
local acoustics. We therefore apply timestep-dependent guidance annealing by setting ωk(t) = γ(t)ω̄k for
k ∈ {text, all}, where γ(t) = a + b(1 − t)p and ω̄k is the base guidance weight for the corresponding text
or full-condition branch. This applies stronger conditional guidance early and weaker guidance near the
data endpoint. Separately, sway sampling [13] warps a uniform integration grid u to t(u) = 1− cos(πu/2),
allocating more Euler steps to the early part of the trajectory.
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4 Experiments

4.1 Implementation Details

We train SwanVAE on 32 A100 GPUs using roughly 100,000 hours of internal audio spanning speech, singing
voice, general audio, and music. Training uses fixed 3.84-s waveform segments, randomly cropped from longer
recordings and repeated when necessary for shorter ones. Waveform mixing is applied to 25% of the crops
with α ∼ U(0.3, 0.7). Effective-bandwidth augmentation is applied to 1% of the crops by downsampling them
to one of several standard rates from 8 to 44.1 kHz and resampling them back to 48 kHz. The model converts
48 kHz mono waveforms into 96-dimensional continuous latents at 25 Hz. SwanVAE is frozen before training
SwanTale. The globally normalized posterior mean µϕ is used as the acoustic training target, while generated
latents are de-normalized and passed to the frozen decoder for waveform synthesis. SwanVAE contains 407.0M
parameters, including 51.7M in the encoder, 0.3M in the variational bottleneck, and 355.0M in the decoder;
training-only discriminators and auxiliary heads are excluded from these counts. All SwanTale experiments
use the 200k-step checkpoint of the final 96-dimensional model.

All supervised SwanTale stages are trained on 64 A100 GPUs. The first stage trains a 2B-active-parameter
zero-shot base model following SwanVoice-style pretraining on 23M hours of single-speaker data and 1.7M
hours of two-speaker data. We then perform dense caption adaptation on 70M clean, attribute-rich speech
samples for 20k steps. In this stage, we adopt Qwen3.0-Instruct-8B [99] as our caption encoder. Next,
we train the Unified MoE full-mixture model on 10M SwanData-Caption samples for 10k steps. During
caption-mixture training, reference audio is dropped with probability 70%, so no-reference instruct generation
and reference-conditioned zero-shot generation are both observed during training. The final supervised
fine-tuning stage uses a 1M-sample subset with high expressiveness and high quality and runs for 4k steps.
We use AdamW [68] with β1 = 0.9, β2 = 0.999. The peak learning rate is 7.5× 10−5, and the minimum is
4.0× 10−5. GRPO post-training uses 8 GPUs and trains for 10 epochs.

For inference, we use the two-stage decomposed CFG rule in Section 3, with guidance weights [1.5, 3.0] for the
text/speaker branch and the full-condition branch, respectively. We also use the timestep-dependent guidance
annealing in Section 3, with (a, b, p) = (0.6, 0.6, 1.0) in every reported experiment.

4.2 Evaluation Metrics

SwanVAE. We evaluate reconstruction on four audio domains: speech, singing voice, general audio, and
music. Each domain contains 1,000 clips, drawn from VCTK [98] for speech, GTSinger [110] for singing voice,
FSD50K [29] for general audio, and the MUSDB18-HQ test set [88] for music. This gives 4,000 evaluation clips
in total. For GTSinger, we compute each metric separately on the Chinese and English subsets and average
the two scores with equal weight. We exclude any clips that overlap with the training data. Speech and
singing voice share vocal and phonetic structure, so we use the same metric set for both domains: PESQ [83],
STOI [89], Mel-Cepstral Distortion (MCD) [57], and ViSQOL [15]. For general audio and music, we report
ViSQOL and Log-Spectral Distance (LSD) [34].

Zero-shot task. SwanBench-Speech [74] provides monologue and dialogue test cases paired with reference
audio. Timbre Consistency is computed as the mean pairwise cosine similarity among WavLM-TDCNN
speaker embeddings [10] extracted from sliding windows; for dialogue, we compute the score separately for
each speaker and average the resulting per-speaker scores. Reverb Consistency is defined as the standard
deviation of window-level SRMR scores [25]. Sound Fidelity is measured with the reference-free SQUIM-PESQ
metric [58]. Content Error is the unweighted mean of Chinese CER and English WER, with percentages
converted to fractions before averaging. SpeechJudge [107] evaluates Prosodic Coherence based on pauses,
speaking rate, and global prosodic consistency. Both expressiveness metrics are scored by Gemini 3 Pro [32, 74].
Expressive Richness assesses emotional resonance, character portrayal, and storytelling. Expressive Hierarchy
holistically assesses emotional variation, vocal dynamics, and scene appropriateness.

Instruct task. InstructTTSEval [42] provides speech prompts that specify speaker attributes and delivery in
natural language. Acoustic-Parameter Specification (APS) tests direct control of 12 explicit acoustic attributes.
Descriptive-Style Directive (DSD) uses free-form descriptions of speaking style. Role-Play (RP) requires the
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model to infer an appropriate vocal style from a given role or scenario. For all three tasks, we report the
official instruction-following accuracy computed by the automatic judge Gemini 2.5 Pro [31].

We also construct SwanBench-Scene to evaluate acoustic quality, which is not covered by InstructTTSEval.
It contains 180 instruct-TTS instructions: 60 advertising instructions, 60 comic-drama instructions, and 60
general-scene instructions. Annotators rate four dimensions: Overall Expressiveness, Prosodic Naturalness,
Audio Fullness, and Scene Appropriateness. Each score is on a 1–5 scale. Each item is evaluated by five
professional annotators. Mean MOS is calculated as the arithmetic mean of the four dimension scores.

For hard instruction-based speech and audio generation, we construct SwanBench-Caption, a focused evaluation
set of 64 cases spanning ambient and localized audio effects, singing voice, background music, multi-language
speech, and multi-speaker dialogue. The automatic judge gemini-3.5-flash [33] assigns a score from 1 to
5 along three dimensions. Instruction Accuracy measures whether the generated audio correctly realizes
the requested content, speaker turns, and sound events. Acoustic Quality assesses clarity, naturalness, and
artifacts. Overall Expressiveness assesses emotional delivery, dynamic variation, and scene-level vividness.

4.3 Baselines

SwanVAE. We compare SwanVAE with neural audio codecs and continuous audio autoencoders. To keep the
codec comparison consistent across domains, we evaluate DAC [60], the 48-kHz EnCodec model [19], and
WavTokenizer Large Unify [48] on all four test sets. We then add continuous autoencoders according to their
intended data domains. For speech and singing voice, these are VoxCPM2 AudioVAE V2 [118] and MegaTTS
3 WaveVAE [51]. For general audio and music, we include Stable Audio Open 1.0 [23] and SAME-L [76], the
large SAME autoencoder used in Stable Audio 3 [24]. ACE-Step Music-DCAE [30] is included for music.

Zero-shot task. We compare with open-source speech generation systems with reference audio. Monologue
baselines include CosyVoice-2 [21], CosyVoice-3 [22], FishSpeech [28], F5TTS [13], GLM-TTS [17], IndexTTS-
2 [116], MegaTTS-3 [51], SparkTTS [94], VibeVoice [78], ZipVoice [119], and SwanVoice [64]. Dialogue
baselines include FireRedTTS-2 [96], MoonCast [52], MOSS-TTSD [70], SoulX-Podcast [95], VibeVoice [78],
ZipVoice-Dialog [119], and SwanVoice [64].

Instruct task. We compare with representative open-source instruction-following TTS systems: Parler-TTS-
large [69], VoxInstruct [117], VoiceSculptor [39], MiMo-Audio-7B-Instruct [106], Qwen3-TTS-12Hz-1.7B-
VD [79], MOSS-VoiceGenerator [43], and VoxCPM2 [118]. On SwanBench-Scene, we add Seedance 2.0 [90],
using the same input instructions and extracting the audio component from its outputs for evaluation.

4.4 SwanVAE Evaluation

We report the latent configurations and reconstruction quality of SwanVAE and the baselines. Table 2
summarizes the sample rate, native latent frame rate, latent size, and nominal rate of each system. Tables 3
and 4 report reconstruction quality on the four test sets described above.

Table 2 Latent configurations of the evaluated audio autoencoders and codecs. Frame rates refer to native encoder
outputs before downstream patching. For continuous representations, nominal rates assume 16 bits per scalar (FP16 or
BF16); for discrete representations, they count codebook indices only and exclude entropy coding and side information.

Model Representation Sample Rate Frame Rate Latent per Frame Nominal Rate

ACE-Step Music-DCAE [30] Continuous 44.1 kHz 10.77 Hz 128 scalars 22.05 kbps
VoxCPM2 AudioVAE V2 [118] Continuous 16 → 48 kHz 25 Hz 64 scalars 25.60 kbps
Stable Audio Open 1.0 [23] Continuous 44.1 kHz 21.53 Hz 64 scalars 22.05 kbps
SAME-L [76] Continuous 44.1 kHz 10.77 Hz 256 scalars 44.10 kbps
MegaTTS 3 WaveVAE [51] Continuous 24 kHz 25 Hz 32 scalars 12.80 kbps

DAC [60] RVQ 44.1 kHz 86.13 Hz 9× 10-bit indices 7.75 kbps
EnCodec [19] RVQ 48 kHz 150 Hz 16× 10-bit indices 24.00 kbps
WavTokenizer Large Unify [48] VQ 24 kHz 40 Hz 1× 12-bit index 0.48 kbps

SwanVAE (Ours) Continuous 48 kHz 25 Hz 96 scalars 38.40 kbps
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SwanVAE produces 96-dimensional continuous latents at 25 Hz, with one latent step every 40 ms. Under
the 16-bit convention in Table 2, this corresponds to a nominal rate of 38.40 kbps; the same 25-Hz sequence
is used as SwanTale’s acoustic representation. The following tables evaluate reconstruction quality at this
setting across every reported audio domain under the same protocol.

Table 3 Reconstruction quality on the speech and singing voice test sets. Bold and underlined values indicate the best
and second-best results among the compared systems within each domain, respectively.

Model PESQ ↑ STOI ↑ MCD ↓ ViSQOL ↑

Speech

DAC [60] 4.1178 0.9693 1.1963 4.1585
EnCodec [19] 3.1872 0.9297 1.5147 3.5035
WavTokenizer Large Unify [48] 2.1423 0.8428 2.9393 2.3787
VoxCPM2 AudioVAE V2 [118] 3.9987 0.9690 1.2222 4.0340
MegaTTS 3 WaveVAE [51] 3.5968 0.9507 1.5130 4.2348

SwanVAE (Ours) 4.1683 0.9680 0.9638 4.1248

Singing Voice

DAC [60] 3.7872 0.8627 1.9293 3.6681
EnCodec [19] 2.6464 0.8166 2.2392 3.3841
WavTokenizer Large Unify [48] 1.9226 0.6613 5.1885 1.6018
VoxCPM2 AudioVAE V2 [118] 3.7088 0.8838 1.9335 3.6734
MegaTTS 3 WaveVAE [51] 3.5727 0.8620 2.0310 4.0013

SwanVAE (Ours) 3.9821 0.9001 1.5661 3.7085

On speech, SwanVAE achieves the best PESQ and MCD, while remaining close to the strongest baselines on
STOI and ViSQOL. On singing voice, it ranks first on PESQ, STOI, and MCD, and second on ViSQOL. The
MCD result is consistent across both domains, suggesting that the 25-Hz representation retains vocal spectral
structure well despite the low latent frame rate for both vocal domains.

Table 4 Reconstruction quality on the general audio and music test sets. Bold and underlined values indicate the best
and second-best results among the compared systems within each domain, respectively.

General Audio

Model ViSQOL ↑ LSD ↓

DAC [60] 4.0198 0.9589
EnCodec [19] 4.1140 0.9761
WavTokenizer Large Unify [48] 2.8595 1.0967
Stable Audio Open 1.0 [23] 4.0355 0.9358
SAME-L [76] 3.7541 1.0372

SwanVAE (Ours) 4.1269 0.9455

Music

Model ViSQOL ↑ LSD ↓

DAC [60] 4.1534 0.9196
EnCodec [19] 4.2976 0.9000
WavTokenizer Large Unify [48] 2.6968 1.0612
Stable Audio Open 1.0 [23] 4.1357 0.9236
SAME-L [76] 4.0267 0.9210
ACE-Step Music-DCAE [30] 4.1756 0.9019

SwanVAE (Ours) 4.2623 0.9172

On general audio, SwanVAE achieves the highest ViSQOL and the second-lowest LSD, behind Stable Audio
Open 1.0. On music, EnCodec leads both metrics, while SwanVAE ranks second on ViSQOL and third on
LSD. The same SwanVAE checkpoint is used across all four domains, without domain-specific model selection.

4.5 Zero-Shot Evaluation

Table 5 reports SwanBench-Speech results for monologue and two-speaker dialogue zero-shot TTS. SwanTale
ranks first in Timbre Consistency, Expressive Richness, and Expressive Hierarchy in both settings, and first
on SpeechJudge in the dialogue setting. This indicates that adding and filtering expressive data benefits the
model. However, the comparison also reveals room for improvement in content accuracy and audio quality. In
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Table 5 Zero-shot monologue and dialogue TTS results on SwanBench-Speech. All scores are reported to two decimal
places except Content Error, which is reported to three decimal places. Bold and underlined values indicate the best
and second-best results among the compared systems within each setting, respectively.

Model Timbre ↑ Reverb ↓ Sound Fidelity ↑ Content Error ↓ SpeechJudge ↑ Richness ↑ Hierarchy ↑

Monologue

CosyVoice-2 [21] 0.93 2.37 3.58 0.106 2.81 2.02 2.59
CosyVoice-3 [22] 0.93 2.73 3.80 0.077 3.26 2.64 2.47
FishSpeech [28] 0.93 2.00 4.09 0.066 3.77 2.37 2.90
F5TTS [13] 0.92 2.12 2.60 0.085 2.87 2.77 2.97
GLM-TTS [17] 0.94 1.64 3.90 0.074 3.28 1.57 2.39
IndexTTS-2 [116] 0.93 1.77 2.78 0.077 3.63 3.32 2.94
MegaTTS-3 [51] 0.93 2.07 3.52 0.072 3.22 2.40 3.01
SparkTTS [94] 0.92 2.04 3.53 0.314 2.35 2.23 2.22
VibeVoice [78] 0.92 2.45 3.47 0.092 3.75 3.42 3.06
ZipVoice [119] 0.89 2.10 3.53 0.213 2.97 2.11 2.05

SwanVoice [64] 0.93 2.06 3.60 0.172 3.56 3.81 3.62
SwanTale (Ours) 0.95 1.83 3.95 0.086 3.75 3.90 3.70

Dialogue

FireRedTTS-2 [96] 0.91 3.54 2.54 0.148 2.93 2.52 2.65
MoonCast [52] 0.90 3.29 2.60 0.284 2.93 2.42 2.54
MOSS-TTSD [70] 0.89 3.52 2.83 0.227 2.57 3.04 2.86
SoulX-Podcast [95] 0.92 3.23 3.98 0.101 3.89 2.80 3.15
VibeVoice [78] 0.89 2.09 2.75 0.204 3.00 3.09 2.83
ZipVoice-Dialog [119] 0.90 3.49 2.48 0.116 3.46 2.88 2.93

SwanVoice [64] 0.92 3.02 3.77 0.145 3.70 3.62 3.71
SwanTale (Ours) 0.94 3.21 3.73 0.120 3.92 3.66 3.85

the monologue setting, FishSpeech achieves lower Content Error and higher Sound Fidelity; in the dialogue
setting, SoulX-Podcast performs best in Sound Fidelity and Content Error among the compared systems.

Moreover, SwanTale consistently improves over SwanVoice. In the monologue zero-shot setting, SwanTale
increases Timbre Consistency to 0.95, reduces Content Error to 0.086, and improves SpeechJudge, Expressive
Richness, and Expressive Hierarchy to 3.75, 3.90, and 3.70. In the two-speaker dialogue zero-shot setting,
the same five metrics improve to 0.94, 0.120, 3.92, 3.66, and 3.85, respectively. These gains result from the
complete training recipe: in addition to adding high-expressiveness data, we use ASR-based pronunciation
checks to filter the data used for pretraining and supervised fine-tuning (SFT), while reward-conditioned
quality control and GRPO further improve generation quality.

4.6 Instruct Evaluation

Table 6 Instruct TTS results on InstructTTSEval. Results for all models other than SwanTale are taken from the
VoxCPM2 paper [118]. Bold and underlined values indicate the best and second-best results.

Model Chinese (ZH) English (EN)

APS ↑ DSD ↑ RP ↑ APS ↑ DSD ↑ RP ↑

Parler-TTS-large [69] – – – 60.0 45.9 31.2
VoxInstruct [117] 47.5 52.3 42.6 54.9 57.0 39.3
VoiceSculptor [39] 75.7 64.7 61.5 – – –
MiMo-Audio-7B-Instruct [106] 75.7 74.3 61.5 80.6 77.6 59.5
Qwen3-TTS-12Hz-1.7B-VD [79] 85.2 81.1 65.1 82.9 82.4 68.4
MOSS-VoiceGenerator [43] 78.0 80.0 74.0 68.2 82.0 68.7
VoxCPM2 [118] 85.2 71.5 60.8 84.2 83.2 71.4

SwanTale (Ours) 86.1 80.1 64.1 84.2 79.2 63.6
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Table 7 Results on SwanBench-Scene. Mean MOS is the arithmetic mean of the other four metrics. Bold and
underlined values indicate the best and second-best results.

Model Mean MOS ↑ Overall Exp. ↑ Prosodic Nat. ↑ Audio Fullness ↑ Scene App. ↑

Advertising

MOSS-VoiceGenerator [43] 3.13 2.89 3.10 3.75 2.76
MiMo-Audio-7B-Instruct [106] 3.13 2.96 3.17 3.49 2.89
Seedance 2.0 [90] 3.38 3.25 3.34 3.73 3.22
Qwen3-TTS-12Hz-1.7B-VD [79] 3.71 3.62 3.73 4.12 3.38
SwanTale (Ours) 3.88 3.76 3.82 4.21 3.73

Comic Drama

MiMo-Audio-7B-Instruct 3.23 3.06 3.24 3.72 2.89
MOSS-VoiceGenerator 4.06 3.94 4.11 4.33 3.87
Qwen3-TTS-12Hz-1.7B-VD 4.35 4.20 4.35 4.63 4.21
Seedance 2.0 4.35 4.30 4.42 4.45 4.23
SwanTale (Ours) 4.45 4.36 4.47 4.60 4.36

General Scene

MiMo-Audio-7B-Instruct 3.28 3.17 3.39 3.49 3.05
MOSS-VoiceGenerator 3.62 3.42 3.65 4.10 3.29
Seedance 2.0 4.14 4.11 4.18 4.23 4.05
Qwen3-TTS-12Hz-1.7B-VD 4.22 4.05 4.18 4.59 4.04
SwanTale (Ours) 4.34 4.24 4.30 4.60 4.21

Overall

MiMo-Audio-7B-Instruct 3.19 3.04 3.24 3.55 2.93
MOSS-VoiceGenerator 3.48 3.29 3.49 3.98 3.17
Seedance 2.0 3.86 3.78 3.87 4.07 3.73
Qwen3-TTS-12Hz-1.7B-VD 4.09 3.96 4.09 4.45 3.88
SwanTale (Ours) 4.22 4.12 4.20 4.47 4.10

InstructTTSEval. As shown in Table 6, SwanTale is strongest on explicit acoustic control and performs strongly
on Chinese descriptive-style instructions. It ranks first on Chinese APS (86.1), ties for first on English APS
(84.2), and ranks second on Chinese DSD (80.1). APS and DSD closely match the detailed acoustic and
speaking-style descriptions used in our caption data. Meanwhile, SwanTale’s Chinese and English scores are
close within each task, showing balanced performance across languages. English DSD is less competitive in
the cross-system comparison: several baselines improve markedly from Chinese to English, while SwanTale
stays at a similar level. RP is also a weakness in both languages. It requires the model to map an occupation,
character archetype, or scenario to a recognizable vocal performance. Our caption annotation and current
style matrices may not cover enough long-tail role-imitation styles, limiting generalization to unseen roles
and scenarios. Therefore, improving RP will require broader caption and style-matrix coverage of roles,
occupations, character archetypes, and situations in practical instruction settings.

SwanBench-Scene. Table 7 summarizes the SwanBench-Scene results. SwanTale achieves the highest overall
Mean MOS (4.22) and the highest overall scores for Overall Expressiveness (4.12), Prosodic Naturalness
(4.20), Audio Fullness (4.47), and Scene Appropriateness (4.10). It also obtains the highest Mean MOS for
advertising (3.88), comic drama (4.45), and general scenes (4.34). Its only second-place dimension score is
Audio Fullness in comic drama (4.60) among all evaluated systems.

SwanBench-Caption. Table 8 reports the ablation results on SwanBench-Caption. Removing Unified MoE
lowers Instruction Accuracy from 3.39 to 3.02, Acoustic Quality from 4.31 to 4.09, and Overall Expressiveness
from 3.82 to 3.56. The declines across all three metrics show that Unified MoE benefits instruction realization,
acoustic quality, and expressiveness. Scaling the caption encoder from 8B to 32B further raises the three
scores to 3.70, 4.34, and 3.98, respectively, with the largest increase in Instruction Accuracy.
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Table 8 Results on SwanBench-Caption. All metrics are scored on a 1–5 scale by gemini-3.5-flash; higher is better.
32B CE replaces the default Qwen3.0-Instruct-8B caption encoder with Qwen3.0-Instruct-32B [99].

Setting Instruction Accuracy ↑ Acoustic Quality ↑ Overall Expressiveness ↑

SwanTale w/o MoE 3.02 4.09 3.56
SwanTale 3.39 4.31 3.82
SwanTale w/ 32B CE 3.70 4.34 3.98

Overall, the three instruct evaluations reveal complementary strengths. SwanTale leads APS and performs
strongly on Chinese DSD, while English DSD and RP are less competitive. SwanBench-Scene demonstrates
high perceptual quality across diverse scenarios, and the SwanBench-Caption ablations show gains from
Unified MoE and increased caption-encoder capacity on complex speech-and-audio instructions.

5 Conclusion

This work presents SwanTale, a unified model for multi-speaker speech and audio generation across instruct and
zero-shot tasks. SwanData-Caption provides the required supervision through targeted data coverage, speech-
aware preprocessing, multi-level caption annotation, and quality filtering. SwanTale combines SwanVAE, a
flow-based Transformer with reward-conditioned quality control, Engram conditioning, and Unified MoE,
together with curriculum learning and GRPO post-training, to progressively adapt a unified generator to both
caption and reference-audio conditioning. The resulting model can design speaker voices from natural-language
descriptions, reuse these voices through reference audio, and jointly generate speech, environments, and local
audio effects in a single waveform through one unified generation process.

Experiments show that SwanTale leads on multiple key zero-shot and instruction-following metrics. It achieves
the best expressiveness scores in both zero-shot and instruct tasks and supports complex instruct generation
involving multi-speaker speech and audio within the same model.

Several challenges remain for both instruct and zero-shot generation. First, complex background music
generation remains difficult, particularly when the music must change in type or transition in response to
different emotions. Second, long-form instruct generation is still challenging, especially for complex multi-
speaker scenes longer than two minutes that also contain audio effects. Third, precise local style control
remains difficult. This includes continuous emotional changes for a specified speaker, accurate control over
emphasis and speaking rhythm, and well-timed pauses and audio effects, all of which pose challenges for
both data annotation and model design. Beyond generation, editing the spoken content, speaker identity,
and emotion of existing audio is another important problem [73]. A model that unifies audio generation and
editing is therefore a clear direction for future research within a common framework.
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Appendix

A Caption Style Matrices

Scope. The matrices below condense the annotation guides for three media families introduced in Section 2:
animation; short drama and film/TV drama; and advertisement and digital-human content. The source guides
are hierarchical: animation moves from broad audience and topic trends to role-level vocal archetypes, and
drama refines role identities with dialogue and delivery evidence. Advertisement and digital-human annotation
combine persona and voice-style candidates with expressiveness and industry-specific speaking strategies. The
matrices provide soft priors for clips that follow strong media conventions and are not used for ordinary data.

Annotation procedure. Annotators first select the applicable matrix using the scene trigger. Only speakers who
actually speak are listed, ordered by their first utterance. Each Speakers entry starts with perceived gender
and age range and adds three to five stable, discriminative characteristics: a role or persona when supported
by speech or delivery, stable timbre, and habitual delivery. The matrix supplies candidate descriptions for
these characteristics. Utterance-level changes in emotion, pace, loudness, pausing, emphasis, hesitation, and
local audio effects are recorded chronologically in Content. Every retained descriptor must be supported by
audible evidence at the relevant temporal location in the recording.

Table 9 Condensed style matrix for animation-style captions.

Aspect Condensed rule

Typical triggers Animation, cartoon, anime, dubbing, role-playing voices, and other clips whose
delivery follows a character-dubbing convention.

Stable speaker profile Describe perceived gender, approximate age, an audible vocal archetype when
useful, stable timbre, and habitual delivery, in that order. Archetypes such as
an energetic lead, a restrained mature speaker, or a comic supporting voice
require clear evidence in the vocal performance.

Local delivery Record exaggerated reactions, abrupt emotional shifts, punch-line timing, shouts,
laughter, hesitation, and changes in pace, loudness, or arousal in the chronologi-
cal Content field.

Acoustic evidence Ground descriptions in cues such as habitual pitch range, brightness, breathiness,
energy, attack strength, pausing, and the degree of restraint or exaggeration.

Representative distinctions Action-oriented clips favor larger loudness dynamics, faster pace, and stronger
bursts; romance favors finer emotional control, breathiness, and pauses; suspense
favors restrained, clear delivery; historical or courtly settings favor formal diction
and measured expression.

Table 10 Condensed style matrix for short-drama and film/TV-drama-style captions.

Aspect Condensed rule

Typical triggers Short drama, micro drama, vertical drama, scripted short video, web drama,
film, TV drama, and other dialogue-heavy staged media.

Stable speaker profile Describe perceived gender, approximate age, a role or social identity supported
by spoken dialogue or vocal delivery, stable timbre, and habitual delivery.

Local delivery Record interruption, conflict, emotional escalation, reversal, pleading, threat,
command, hesitation, and relationship-driven changes in pace, loudness, or tone
in the chronological Content field.

Acoustic evidence Use audible properties such as pacing, diction, theatrical coloring, controlled
pauses, coldness, ingratiating delivery, and abrupt changes in intensity to de-
scribe delivery. Character identity requires supporting dialogue or role evidence.

Representative distinctions Examples include secretary-like delivery (fast, clear, formal), guard-like delivery
(steady, terse, forceful), ingratiating or eunuch-like delivery (thin voice, raised
endings, deferential wording).
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Table 11 Condensed style matrix for advertisement and digital-human-style captions.

Aspect Condensed rule

Typical triggers Advertisement, commercial voice-over, digital-human content, livestream selling,
product recommendation, product seeding, marketing speech, and scripted
promotional narration.

Stable speaker profile Describe perceived gender, approximate age, a persona type supported by the
speech function, voice-style class, timbre, and habitual product-pitch delivery.
Persona labels such as host, product recommender, lecturer, or service worker
require evidence from the spoken content or delivery.

Local delivery Record selling-point emphasis, urgency, price or discount emphasis, calls to
action, question hooks, trust-building explanations, conversational softening,
and changes in excitement in the chronological Content field.

Acoustic evidence Ground descriptions in audible properties such as friendliness, authority, energy,
technical density, conversational warmth, cadence regularity, pause timing,
emotional range, and script-like phrasing. Synthetic-voice judgments require
direct audible artifacts.

Representative distinctions Representative groups include product recommenders and livestream hosts,
health or education explainers, finance or business speakers, and service roles;
matching styles range from conversational sharing and storytelling to energetic
sales and structured explanation.

B SwanVerifier

B.1 Motivation

The Speakers field provides SwanTale with stable, controllable speaker attributes. Perceived age and gender
are difficult for automatic captioners in noisy media audio, child or elderly speech, role-playing voices,
advertisements, animation, and game-style dubbing. Because these labels recur throughout the training data,
a systematic error would create repeated supervision rather than an isolated captioning mistake.

SwanVerifier provides a waveform-grounded check for these coarse attributes. It tests whether the demographic
labels are acoustically plausible and abstains when the waveform or prediction is ambiguous; caption generation
is outside its scope. Detailed persona, role, and expressive style are still handled by caption annotation and
human audit whenever automatic evidence is insufficient.

B.2 Overview

SwanVerifier is a compact audio tagger built on a pretrained WavLM encoder [10]. The input waveform is
resampled to 16 kHz and encoded as frame-level speech representations, which are pooled by attribute-specific
heads to produce utterance-level predictions. For its primary consistency checks, SwanData-Caption uses the
following two demographic heads:

• Age group: Child, Teenager, Youth-Adult, Middle-aged, and Elderly.

• Perceived gender: the male and female labels in the caption inventory.

The underlying tagger also exposes emotion, pitch, pitch standard deviation, and speaking speed. We
treat these outputs as auxiliary evidence, not as grounds for automatic demographic correction. Transient
affect, emphasis, hesitation, and scene-specific performance stay in Content and are checked during the final
captioning and auditing pass for each retained sample.

B.3 Problem Setup

Let c be a caption containing the following speaker inventory:

D(c) = {d1, . . . , dK},
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where dk is the normalized description of speaker k in the Speakers field. For verification, xk denotes a vocal
segment attributed to that speaker. Automatic demographic checking is applied only when xk contains a
single acoustically separable speaker; segments with unresolved overlap, cross-talk, or uncertain attribution
bypass hard verification and are left to later auditing before any automatic repair.

When the corresponding tokens are present in dk, let ya,k and yg,k denote its normalized age and perceived-
gender labels. SwanVerifier estimates their class distributions as follows:

pa(· | xk), pg(· | xk),

and compares each sufficiently confident prediction with the corresponding caption label. Missing labels are
not inferred or inserted. SwanVerifier is therefore a selective consistency check, not a complete speaker profiler.

B.4 Backbone Encoding and Prediction Heads

WavLM maps a vocal segment to frame-level hidden states,

Hk = EncWavLM(xk) ∈ RTk×d,

where Tk is the number of valid acoustic frames. For each demographic attribute r ∈ {a, g}, an attention-
pooling head forms the following utterance-level representation:

α
(r)
k,t =

exp(q⊤r hk,t)∑Tk

τ=1 exp(q
⊤
r hk,τ )

, vk,r =

Tk∑
t=1

α
(r)
k,thk,t.

The corresponding classifier produces the following output distribution:

ok,r = Wrvk,r + br, pr(· | xk) = softmax(ok,r).

Separate heads allow the age and gender predictions to be calibrated and audited independently.

B.5 Training Objective

The demographic heads are trained with cross-entropy over normalized labels:

Ltag = λa wya,k
CE(pa(· | xk), ya,k) + λg CE(pg(· | xk), yg,k) ,

where wya,k
compensates for age-class imbalance. A term is evaluated only when its label is available. The

auxiliary emotion head is trained on samples with a non-unknown emotion label; the remaining auxiliary
outputs are used only as secondary signals in this pipeline.

B.6 Training and Scope

We fine-tune an existing WavLM-based tagger on labeled speech whose speaker and utterance attributes can
be mapped to the verifier taxonomy. Samples without an unambiguous acoustic subject are excluded from
supervised demographic checking. SwanVerifier is an internal filtering component rather than a new tagging
benchmark; the results below therefore characterize the verifier used in the data pipeline and should not be
read as a comparison with dedicated speaker-attribute systems.

B.7 Evaluation

We evaluate the final model on a held-out labeled split. Table 12 reports utterance-level accuracy; emotion
accuracy is computed only on samples with a non-unknown emotion label.

These results establish the operating accuracy of the filtering component on its held-out split. They do
not show that every prediction is safe for automatic correction, so inference also requires confidence-based
abstention and leaves ambiguous cases to manual audit.
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Table 12 Utterance-level accuracy (%) of SwanVerifier on the held-out labeled split.

Split Age Gender Emotion

Held-out labeled split 86.11 97.60 92.75

B.8 Inference Procedure

During caption validation, SwanVerifier processes speaker-attributed segments from the vocal stream. A
prediction is compared with a normalized demographic token only when it exceeds the confidence threshold
for that attribute. A confident match leaves the caption unchanged; a confident mismatch flags the sample
for repair, re-captioning, or removal. Low-confidence predictions, unresolved speaker overlap, and missing
demographic tokens produce no automatic decision under these confidence-based validation rules.

Restricting automatic decisions in this way targets systematic age- and gender-label errors without treating
inferred persona, role identity, or transient delivery as demographic evidence. Caption-level checks and human
listening audits handle those richer attributes throughout the data pipeline.
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