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ABSTRACT

Text-to-Speech (TTS) systems face ongoing challenges in processing complex linguistic features,
handling polyphonic expressions, and producing natural-sounding multilingual speech - capabilities
that are crucial for future AI applications. In this paper, we present Fish-Speech, a novel framework
that implements a serial fast-slow Dual Autoregressive (Dual-AR) architecture to enhance the
stability of Grouped Finite Scalar Vector Quantization (GFSQ) in sequence generation tasks. This
architecture improves codebook processing efficiency while maintaining high-fidelity outputs, making
it particularly effective for AI interactions and voice cloning.
Fish-Speech leverages Large Language Models (LLMs) for linguistic feature extraction, eliminating
the need for traditional grapheme-to-phoneme (G2P) conversion and thereby streamlining the synthe-
sis pipeline and enhancing multilingual support. Additionally, we developed FF-GAN through GFSQ
to achieve superior compression ratios and near 100% codebook utilization.
Our approach addresses key limitations of current TTS systems while providing a foundation for
more sophisticated, context-aware speech synthesis. Experimental results show that Fish-Speech
significantly outperforms baseline models in handling complex linguistic scenarios and voice cloning
tasks, demonstrating its potential to advance TTS technology in AI applications. The implementation
is open source at https://github.com/fishaudio/fish-speech.

Keywords Text to Speecch · LLM · Voice Cloning

1 Introduction

The past decade has seen remarkable progress in Text-to-Speech (TTS) systems, transforming applications from virtual
assistants to educational tools. Current TTS architectures, such as VALL-E [Wang et al. [2023]], VITS [Kim et al.
[2021]], Fastspeech [Ren et al. [2020]] typically rely on grapheme-to-phoneme (G2P) conversion [Klatt [1987]] to
convert text into phonetic representations before synthesis. While effective, this approach struggles with context-
dependent polyphonic words and cross-lingual generalization due to complex phonetic rules. Recent advances in
zero-shot voice conversion such as YourTTS [Casanova et al. [2022]] and unified speech generation model UniAudio
[Yang et al. [2023]] have shown the potential of neural architectures in handling various speech tasks. Additionally,
flow-based models like CosyVoice[Du et al. [2024], MatchaTTSMehta et al. [2024]] have demonstrated promising
results in natural speech synthesis. However, most solutions disentangled semantic and accoustic feature as a trade-of to
improve stability, and reduce the voice cloning / bg understanding ability.

As demand grows for multilingual TTS systems, the limitations of G2P-based approaches become more apparent. The
need for language-specific phonetic rules and lexicons hinders scalability and complicates system maintenance. Recent
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research has explored the use of Large Language Models (LLMs) for direct linguistic feature extraction, eliminating the
need for explicit G2P conversion. [Betker [2023]].

We introduce Fish-Speech, a novel TTS framework featuring a serial fast-slow dual autoregressive (Dual-AR) architec-
ture. This design improves the stability of grouped finite scalar vector quantization (GFSQ) in sequence generation
while maintaining high-quality output. By incorporating LLMs into the TTS pipeline, Fish-Speech simplifies the
synthesis process and better handles polyphonic characters and multilingual text. The model trains on 720,000 hours of
multilingual audio data, enabling it to learn diverse linguistic patterns and pronunciation variations.

To improve synthesis quality, we develop Firefly-GAN (FFGAN), a new vocoder architecture based on Grouped Finite
Scalar Vector Quantization(GFSQ). FFGAN combines Finite Scalar Quantization (FSQ) [Mentzer et al. [2023]], and
Group Vector Quantization (GVQ) to optimize compression ratios and codebook usage. Our evaluations show 100%
codebook utilization, representing state-of-the-art performance in this field.

The primary contributions of this work are as follows:

• We introduce Fish-Speech, a novel TTS framework that leverages LLMs and a Dual-AR architecture to replace
traditional G2P conversion, providing robust and scalable multilingual speech synthesis.

• We present FFGAN, an advanced vocoder that integrates multiple vector quantization techniques to achieve
high-fidelity speech synthesis with optimized compression ratios and codebook utilization.

• We develop fish-tech acceleration methodologies, the system achieves real-time factors of approximately 1:5
on consumer-grade NVIDIA RTX 4060 mobile platforms and 1:15 on high-performance NVIDIA RTX 4090
configurations. And a latency of 150ms which is far less than other TTS system using DiT and Flow structure.

We encourage readers to listen to our samples on fish speech 1.4 sample. We also highly recommend that you go to our
online synthesis site fish.audio to try out the different speakers of audio synthesized by the community.

2 Related Work

2.1 Text-to-Speech Systems

Text-to-Speech (TTS) systems have evolved dramatically from basic phoneme-based models to sophisticated end-to-end
neural approaches that directly convert text to speech [Tan et al. [2021]]. This transformation, driven by advances
in deep learning and increased computational power, has led to major improvements in speech naturalness, prosody
control, and cross-language capability [Ren et al. [2019]]. Modern TTS systems now serve diverse applications, from
intelligent assistants to accessibility tools and human-computer interfaces [Capes et al. [2017]].

2.2 Neural Vocoders

Neural vocoders have played a key role in improving speech synthesis quality. WaveNet [Van Den Oord et al. [2016]]
first introduced autoregressive models for audio generation, followed by more efficient architectures like WaveRNN
[Kalchbrenner et al. [2018]] and WaveGrad [Chen et al. [2020]]. HiFi-GAN [Kong et al. [2020]] later introduced
adversarial training, setting new standards in audio quality and computational efficiency. EVA-GAN is a brand new
GAN structure vocoder developed by NVIDIA [Liao et al. [2024]], it uses a Context Aware Module(CAM) for
improved performance with minimal computational overhead. EVA-GAN shows superior performance over existing
state-of-the-art vocoders in both objective and subjective metrics, particularly in spectral continuity and high-frequency
reconstruction.

2.3 Vector Quantization in Speech Synthesis

Vector Quantization (VQ) has become essential in modern speech synthesis. VQ-VAE [Van Den Oord et al. [2017]]
showed the effectiveness of discrete latent representations for audio generation, while SoundStream [Zeghidour et al.
[2021]] and EnCodec [Défossez et al. [2022]] further improved these techniques for high-quality audio compression
and synthesis.

2.4 Large Language Models in Speech Processing

Large Language Models (LLMs) are increasingly important in speech processing. Nowadays there are more and more
models using BERT, huBERT as an intermediate structure for TTS, such as Parler TTS [Lacombe et al. [2024]], Melo
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TTS [Zhao et al. [2023]], E3-TTS [Gao et al. [2023]], XTTS [Casanova et al. [2024]] and so on. They all achieve better
synthesis effect.

2.5 Multilingual Speech Synthesis

Multilingual speech synthesis faces unique challenges in maintaining consistent quality across languages. Recent
solutions include unified multilingual models [Liu and Mak [2019]], cross-lingual transfer learning [Nekvinda and
Dušek [2020]], and language-agnostic representations [Li et al. [2019]].

3 Methods

Fish-Speech is a novel Text-to-Speech (TTS) framework that addresses key limitations of current non-grapheme-to-
phoneme (non-G2P) TTS systems. The framework is specifically designed to handle multi-emotional and multilingual
speech synthesis, with a focus on meeting the demands of advanced AI conversational agents.

Building on recent advances in vector quantization and condition representation [Kumar et al. [2024], Chen et al.
[2023], Wang et al. [2019]], we introduce a Grouped Finite Scalar Vector Quantization(GFSQ) technique. This method
efficiently encodes latent conditions, enabling better capture and reproduction of subtle speech variations. Our approach
achieves 100% codebook utilization, maximizing the effectiveness of the quantization space.

We also develop a dual autoregressive (dual-AR) architecture that solves two major challenges in current TTS systems.
First, it improves the stability of code generation, a common issue in existing frameworks. Second, it offers better
generation efficiency compared to Diffusion Transformers (DiT), making it well-suited for real-time applications. Last,
but most importantly, it is ready for Voice Agent, which we will release in near future.

Figure 1: Fish Speech Architecture

3.1 Dual Autoregressive Architecture in Fish-Speech

This section describes the Dual Autoregressive (Dual-AR) architecture [Fig. 2] of Fish-Speech, a TTS system
designed to handle complex linguistic features, polyphonic words, and natural-sounding multilingual synthesis. The
Dual-AR architecture improves the stability and computational efficiency of codebook processing during sequence
generation, particularly when using Grouped Finite Scalar Vector Quantization (GFSQ).

3.1.1 Overview of the Dual-AR Architecture

The Dual-AR architecture consists of two sequential autoregressive transformer [Vaswani [2017], Subakan et al. [2021]]
modules: a Slow Transformer and a Fast Transformer [Yang et al. [2023]]. This design processes both high-level and
detailed aspects of speech synthesis efficiently.

Slow Transformer

The Slow Transformer processes input text embeddings to capture global linguistic structures and semantic content. It
generates intermediate hidden states and predicts semantic tokens.
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Figure 2: Architectural overview of the Dual Autoregressive (Dual-AR) framework in Fish-Speech.

The Slow Transformer functions at an elevated level of abstraction, processing input text embeddings to encode global
linguistic structures and semantic content. This module is responsible for generating intermediate hidden states and
predicting semantic tokens with high precision.

Given an input sequence of tokens x = [x1, x2, . . . , xT ], the Slow Transformer generates hidden states h ∈ RT×D and
token logits z through the following transformations:

h = SlowTransformer(x) (1)
z = Wtok · Norm(h) (2)

where Norm(·) represents layer normalization, and Wtok denotes the learnable parameters of the token prediction layer.

Fast Transformer

The Fast Transformer refines the Slow Transformer’s output through codebook embedding processing, capturing
detailed acoustic features needed for natural speech. It processes residual information and optimizes codebook usage.

The Fast Transformer takes as input the concatenated sequence of hidden states h and codebook embeddings c according
to:

h̃ = [h; c], (hfast) (3)

hfast = FastTransformer(h̃, (hfast)) (4)

y = Wcbk · Norm(hfast) (5)

where [h; c] represents the concatenation operation of h and c, Wcbk comprises the learnable parameters of the
codebook prediction layer, and y denotes the resultant codebook logits.

3.1.2 Advantages of the Dual-AR Architecture

The Dual-AR architecture in Fish-Speech demonstrates several significant advantages:

1. Enhanced Sequence Generation Stability: The hierarchical processing of global and local information
significantly improves the stability of GFSQ in sequence generation tasks.

4



Fish-Speech TECHNICAL REPORT

2. Optimized Codebook Processing: The Fast Transformer implements an efficient mechanism for codebook
embedding processing that achieves improved performance without significant computational overhead,
particularly for models of scale 7B or larger.

3. Superior Speech Synthesis Quality: The synergistic interaction between Slow and Fast Transformers enables
high-fidelity speech synthesis capable of handling complex linguistic phenomena.

4. Advanced Multilingual Processing: The integration with Large Language Models (LLMs) for linguistic
feature generation eliminates traditional grapheme-to-phoneme conversion dependencies, thereby streamlining
the synthesis pipeline and enhancing multilingual capabilities. By mixing text data the comprehension will be
further enhanced.

3.2 Firefly-GAN

Firefly-GAN (FF-GAN) is an enhanced version of the EVA-GAN architecture with significant structural improvements.
It replaces the traditional convolutional components of HiFi-GAN [Kong et al. [2020]] with a more efficient design,
featuring a ParallelBlock instead of the Multi-Receptive Field (MRF) module. By incorporating Grouped Finite Scalar
Vector Quantization (GFSQ), FF-GAN achieves better sequence generation stability and improved handling of linguistic
variations, making it particularly effective for multilingual synthesis in AI applications.

Firefly-GAN (FF-GAN) is an enhanced version of the EVA-GAN architecture with significant structural improvements.
The model implements an optimized structure that replace the conventional convolutional and transposed convolutional
components found in HiFi-GAN [Kong et al. [2020]]. We use ParallelBlock to subtitute for Multi-Receptive Field
(MRF), which specifically engineered for typo-codebook vocoder applications. Through the integration of the Grouped
Finite Scalar Vector Quantization (GFSQ) methodology, FF-GAN demonstrates enhanced sequence generation stability,
effectively improving complex linguistic variations and facilitating natural multilingual synthesis. This architectural
innovation distinguishes FF-GAN from traditional vocoders, particularly in text-to-speech synthesis and voice cloning
applications within AI agent frameworks.

Figure 3: FireFly GAN Architecture

3.2.1 Firefly Generator

FF-GAN use enhanced Conv stucture including depth-wise separable convolution Howard [2017] and dilated convolu-
tions Yu [2015], replacing conventional Conv1d layers. This architectural refinement enhances the model’s capacity to
capture and synthesize complex audio features.

In our architecture, the conventional Multi-Receptive Field (MRF) module is replaced by a ParallelBlock, optimizing
typo-codebook input processing efficiency. The ParallelBlock implements configurable convolution kernel sizes and
dilation rates Yu [2015], utilizing stack-and-average mechanism for processing outputs from three ResBlocks, instead of
directly addition operations. ParallelBlock Liao et al. [2024] offers enhanced receptive field coverage, superior feature
extraction capabilities, and improved configurability, contributing to higher-quality audio synthesis.
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3.2.2 Quantization Techniques

In order to fit the typo-codebook task, we use Grouped Finite Scalar Vector Quantization (GFSQ) to act as a vq codebook
in our system. The text below will elaboratly tell you how we develop the GFSQ.

Given an input tensor z ∈ RB×C×L. The entire process includes the following steps:

Downsampling

Using a downsampling function fdown to downsample the input tensor z, resulting in a downsampled tensor zd ∈
RB×Cd×Ld :

zd = fdown(z) (6)

GFSQ Process

• Feature Grouping Input feature matrix Z is divided into G groups:

Z = [Z(1),Z(2), . . . ,Z(G)] (7)

• Scalar Quantization For each scalar z(g)b,c,l:

ẑ
(g)
b,c,l = Q(z

(g)
b,c,l) (8)

• Index Generation Each scalar maps to index k
(g)
b,c,l

• Decoding
ẑ
(g)
b,c,l = Codebook(g)[k(g)b,c,l] (9)

Reconstruct the Quantized Downsampled Tensor

Concatenate the quantized vectors of all groups along the channel dimension to obtain the quantized downsampled
tensor zqd ∈ RB×Cd×Ld :

zqd(b, :, l) =
[
z(1)qd

(b, :, l); z(2)qd
(b, :, l); . . . ; z(G)

qd
(b, :, l)

]
(10)

Upsampling

Use the upsampling function fup to restore the quantized downsampled tensor to its original size, resulting in the final
quantized tensor zq ∈ RB×C×L:

zq = fup(zqd) (11)

The goal is to make zq approximate the original input z as closely as possible:

zq ≈ z (12)

3.2.3 Conclusion

Our implementation of using GFSQ techniques achieves neaely 100% codebook utilization, and gain better objetive
and subjective score in our inner ablation than other quantization techiques like RFSQ, RVQ and GRFSQ. FF-GAN
significantly enhancing stability in typo-codebook operations and ensuring comprehensive intermediate variable
information retention in multi-emotional and multilingual tasks.

FF-GAN’s innovative approach to typo-codebook stability has being already used in various song and music generation
applications. The framework’s performance and architectural could make it position it as a reference model for future
AI agent development.

4 Training and Inference

4.1 Training

Fish Speech uses a three-stage training approach: initial pre-training with large batches of standard data, followed by
SFT using smaller batches of high-quality data, and finally DPO training using manually labeled positive and negative
sample pairs.

6
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The training infrastructure was split into two components Fig. 1: The AR training utilized an 8*H100 80G GPUs for
one week, while the vocoder training employed an 8*4090 GPUs for an additional week. Note that these timelines
exclude the DPO stage.

4.2 Inference

Our inference strategy follows the architecture in Fig. 1. Using fish-tech including KV-cache [Pope et al. [2023]],
torch compile and other acceleration methodologies, the system achieves real-time factors of approximately 1:5 on
consumer-grade NVIDIA RTX 4060 mobile platforms and 1:15 on high-performance NVIDIA RTX 4090 configurations.
These architectural optimizations significantly improve latency in infering, achieving a first-packet latency of 150ms.

Furthermore, the system can process information in flow, making it easy to work with modern AI tools and use them in
different situations.

5 Dataset

Our training data includes a large collection of speech samples from both public sources and our own data collection
process. The dataset contains about 720,000 hours of speech across different languages, with 300,000 hours each of
English and Mandarin Chinese as the main components. We also included 20,000 hours each of other language families:
Germanic (German), Romance (French, Italian), East Asian (Japanese, Korean), and Semitic (Arabic).

We carefully balanced the data across languages to help the model learn multiple languages at once. This approach
helps the model perform well generating mixed-language content. The large size and variety of our dataset significantly
improves the model’s ability to handle multiple languages naturally.

6 Experimental Evaluation

1 We conducted an evaluation for the speaker cloning task to access the effect of our architecture compared to the
baseline models. The evaluation methodology includes both objective and subjective metrics: word error rate (WER)
for intelligibility assessment, speaker embedding similarity measure for speech cloning fidelity assessment, and mean
opinion score (MOS) for perceptual quality quantification. This evaluation framework aims to assess the model’s ability
to preserve speaker identity while maintaining high fidelity speech synthesis.

6.1 Word Error Rate Analysis

Model Name WER(%)
Ground Truth 9.22
fish-speech 6.89
rechoo 11.92
F5-TTS 13.98
CosyVoice 22.20

Table 1: Word Error Rate (WER) Results for Voice Cloning Tasks

Analysis of Table 1 shows that our model achieves a WER of 6.89% in voice cloning tasks, which is not only much
lower than the baseline models, but also exceeds the ground truth recordings (9.22%). This performance provides strong
evidence for the ability of our model in voice cloning scenarios. The gap between our model and competing models
(ranging from 11.92% to 22.20%) underscores the improved synthetic stability and content fidelity of our methodology.
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Model Name Resemblyzer SpeechBarin2

Ground Truth 0.921 0.770
CosyVoice 0.936 0.813
fish-speech 0.914 0.762
F5-TTS 0.905 0.787
rechoo 0.887 0.636

Table 2: Speaker similarity scores for different models, including ground truth.

6.2 Speaker Similarity Analysis

Table 2 shows the effect of our typo-codebook strategy on speaker similarity metrics. Our fish-speech model achieves
similarity scores of 0.914 and 0.762 on Resemblyzer and SpeechBrain, respectively, which are remarkably close to the
ground truth performance (0.921 and 0.770). The gap of only 0.76% from the ground truth in Resemblyzer and 1.04%
in SpeechBrain evaluations shows the superior ability of our model to capture natural speech characteristics. The results
strongly suggest that our typo-codebook architecture enables a more comprehensive capture of acoustic states, leading
to improved timbral fidelity of synthesized speech. Our approach significantly outperforms baseline models such as
F5-TTS (0.905 and 0.787) and rechoo (0.887 and 0.636). The consistent performance in both evaluation frameworks
proves the validity of our method in preserving speaker features, which is crucial for high-quality text-to-speech
synthesis and agent tasks.

6.3 Perceptual Quality Assessment

Model Name MOS
Ground Truth 5.00
fish-speech 4.05
CosyVoice 3.80
F5-TTS 2.90
rechoo 3.76

Table 3: Five-scale Mean Opinion Score (MOS) Ratings of Cloned Voice Quality

To evaluate the perceptual quality of synthesized audio, we conducted a comprehensive Mean Opinion Score (MOS)
listening test with naive listeners who had no prior experience with audio processing. The evaluation followed a double-
blind, randomized method to ensure an unbiased evaluation. The results show that fish-speech achieved significantly
higher subjective scores compared to other baseline models (p < 0.05), demonstrating superior performance in terms
of speech naturalness and speaker similarity. This evaluation in human perception metrics strongly suggests that
fish-speech can better capture and reproduce the natural characteristics of human speech, especially in the context of
voice cloning tasks.

7 Conclusion

Our research represents a significant advance in the field of text-to-speech (TTS) by introducing a novel multilingual
and multi-emotional stabilization solution. The core innovation lies in our development of a typo-codebook vocoder
integrated with a dual autoregressive (dual-AR) generation architecture. This architectural combination shows stability
in the synthesis process while preserving acoustic features within the generated speech. Furthermore, our work utilizes a

1For experimental validation, we constrained our analysis to monolingual voice cloning scenarios, excluding cross-lingual
synthesis tasks. The evaluation corpus comprised 10 distinct speaker (include different languages) identities, with 30 synthesized
utterances per speaker, yielding a comprehensive evaluation set of 300 samples. It should be noted that cross-linguistic synthesis was
not included in this evaluation.

1Results obtained using OpenAI Whisper-medium ASR model for transcription evaluation.
2Experiments were conducted using the SpeechBrain framework Ravanelli et al. [2024], version 1.0.1, as the underlying speech

processing toolkit.
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non-grapheme-to-phoneme (non-G2P) structure, an approach that effectively addresses limitations inherent in traditional
phoneme-based systems and provides a robust foundation for cross-lingual and emotionally diverse TTS applications,
particularly in the context of AI agent interactions.

8 Future Work

Building on these foundations, we propose several directions for future research. We plan to improve the performance
of our model by integrating reinforcement learning techniques, focusing on improving cross-lingual generalization and
emotional stability. We are also developing the Fish Agent application, an end-to-end language model based on our
Fish-Speech framework. A preliminary demonstration of this system is currently available at fish.audio/demo/live. We
remain committed to the open source community and will continue to maintain and extend our codebase to provide
broader access to these technologies for researchers and developers.
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Fish-Speech TECHNICAL REPORT

A Training Details

We trained our model on an NVIDIA H100 GPU with the following hyperparameters:

Optimization:

• Optimizer: AdamW (β1 = 0.9, β2 = 0.98, ϵ = 10−8)
• LR: 5× 10−4

• Weight decay: 0.01

Training Config:

• Batch size: 1M tokens
• Training steps: 500K
• LR schedule: Cosine decay with warmup
• Warmup steps: 2K
• Final LR ratio: 0.1
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