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Abstract

Recently, emotional speech generation and speaker cloning have garnered significant interest in text-to-speech (TTS). With the
open-sourcing of codec language TTS models trained on massive datasets with large-scale parameters, adapting these general pre-
trained TTS models to generate speech with specific emotional expressions and target speaker characteristics has become a topic of
great attention. Common approaches, such as full and adapter-based fine-tuning, often overlook the specific contributions of model
parameters to emotion and speaker control. Treating all parameters uniformly during fine-tuning, especially when the target data
has limited content diversity compared to the pre-training corpus, results in slow training speed and an increased risk of catastrophic
forgetting. To address these challenges, we propose a characteristic-specific partial fine-tuning strategy, short as CSP-FT. First, we
use a weighted-sum approach to analyze the contributions of different Transformer layers in a pre-trained codec language TTS
model for emotion and speaker control in the generated speech. We then selectively fine-tune the layers with the highest and lowest
characteristic-specific contributions to generate speech with target emotional expression and speaker identity. Experimental results
demonstrate that our method achieves performance comparable to, or even surpassing, full fine-tuning in generating speech with
specific emotional expressions and speaker identities. Additionally, CSP-FT delivers approximately 2× faster training speeds, fine-
tunes only around 8% of parameters, and significantly reduces catastrophic forgetting. Furthermore, we show that codec language
TTS models perform competitively with self-supervised models in speaker identification and emotion classification tasks, offering
valuable insights for developing universal speech processing models.
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1. Introduction

With advancements in text-to-speech (TTS) technology, the
focus has expanded beyond achieving high content intelligibil-
ity to include emotional expression and speaker cloning (Tri-
antafyllopoulos et al.; Qin et al., 2023; 2023). To improve task
support and model performance, TTS models are being devel-
oped with increasingly larger parameters and trained on larger
datasets (Lyth and King; Peng et al., 2024; 2024). As many
large-scale general codec language TTS models are now open-
sourced, adapting them to generate speech that meets specific
emotional expression and speaker cloning requirements has be-
come a growing area of research interest (Moss et al.; Neekhara
et al., 2020; 2021).

Adapting general pre-trained TTS models to generate speech
with specific emotional expression and speaker identity is a do-
main adaptation (DA) problem (Singhal et al., 2023). Based
on the availability of target domain data, domain adaptation
methods can be categorized into three types: data-scarce, task-
irrelevant-data, and target-data-available DA (Singhal et al., 2023).
Data-scarce DA, such as few-shot DA, focuses on adapting a

pre-trained model to a specific task using only a few exam-
ples. This is typically achieved through in-context learning or
fine-tuning with limited data (Choi et al.; Huang et al., 2020;
2022). On the other hand, task-irrelevant-data DA, including
zero-shot DA, relies on the pre-trained model’s inherent gener-
alization capabilities to adapt to new tasks without fine-tuning
(Xin et al.; Casanova et al.; Wang et al., 2024; 2022; 2023a).
However, both few-shot and zero-shot strategies often suffer
from performance instability due to the limited availability of
target-domain data (Singhal et al., 2023). In contrast, target-
data-available DA employs supervised fine-tuning with labeled
target domain data. By aligning the model with the specific tar-
get domain, this approach consistently delivers stable and high-
performance results on target tasks (Motiian et al.; Neekhara
et al., 2017; 2021).

Currently, many general-purpose codec language TTS mod-
els have been open-sourced. While these models demonstrate
zero-shot capability to generate speech with prompted emotion
and speaker identity, their performance is often unstable, par-
ticularly when dealing with unseen speakers or unseen emo-
tional expressions (Zhang et al., 2023). In contrast, fine-tuning
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these pre-trained models with a small amount of data that in-
cludes specific emotional expressions or speaker characteris-
tics has been shown to significantly improve their ability to
control emotion and speaker identity in speech generation, of-
fering a more stable and reliable performance (Huang et al.;
Lou et al., 2024; 2024). Fine-tuning methods can be broadly
categorized into two types: full fine-tuning (Jain et al.; Inoue
et al.; Yang et al., 2022; 2020; 2021) and parameter-efficient
fine-tuning (Hu et al.; Houlsby et al.; Wang et al., 2022; 2019;
2023b). Full fine-tuning continually trains a pre-trained model
on the target dataset with a small learning rate for a few steps
(Moss et al., 2020), thereby adapting the entire model’s param-
eters to the target task or data domain. In contrast, parameter-
efficient fine-tuning freezes all pre-trained parameters and only
fine-tunes lightweight inserted parameters (Hu et al., 2022).
This approach is often employed for large parameter models,
where full fine-tuning may require unaffordable computational
resources. While full fine-tuning can demonstrate superior do-
main adaptation performance when computational resources per-
mit, it is prone to overfitting the target data domain, which
can result in catastrophic forgetting (Chen and Garner, 2024).
Therefore, effective learning of target knowledge, along with
resource consumption and catastrophic forgetting, are key chal-
lenges in target-data-available DA, which also hinder the prac-
tical deployment and application of open-sourced codec lan-
guage TTS models.

Effective learning of target knowledge is the primary goal
of fine-tuning, and is often considered alongside the two chal-
lenges of resource consumption and catastrophic forgetting. The
solution to the issue of resource consumption is straightfor-
ward: under the premise of ensuring effective learning of tar-
get knowledge, we need to minimize the number of parame-
ters involved in the training process as much as possible. On
the other hand, catastrophic forgetting, sometimes referred to
as knowledge forgetting, occurs when a model loses a signif-
icant portion of the knowledge it acquired during pre-training
after being fine-tuned for a specific target domain (McCloskey
and Cohen; French; Goodfellow et al., 1989; 1999; 2013). This
degradation severely compromises the model’s ability to gen-
eralize to fine-tuning-unseen data, for example, in TTS tasks,
fine-tuning a model for a specific speaker can impair other crit-
ical capabilities, such as emotion control and word accuracy
(Fan et al., 2015). To mitigate such issues, few-shot learn-
ing studies have demonstrated that transferring knowledge from
specific modules of a pre-trained model can achieve effective
performance on target data domains (Shen et al., 2021). Sim-
ilarly, fine-tuning approaches focusing solely on the attention
layer parameters of visual transformers have been shown to
produce results comparable to full fine-tuning, while reducing
catastrophic forgetting (Touvron et al., 2022). Furthermore, a
comprehensive analysis across various datasets and model ar-
chitectures highlights the importance of understanding differ-
ent model modules’ specific contributions for efficiently adapt-
ing to target tasks (Ye et al., 2023). By analyzing the contri-
butions of individual modules to target tasks, selectively fine-
tuning only partial parameters allows for efficient learning of
domain-specific knowledge with a minimal set of trainable pa-
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Figure 1: Characteristic-specific partial fine-tuning for emotion and speaker
adaptation in codec language TTS models.

rameters (Rolland and Abad, 2024). Additionally, preserving
the model’s architecture and most parameters helps retain foun-
dational knowledge, thereby effectively mitigating catastrophic
forgetting (Shen et al., 2021).

To address the limitations of previous fine-tuning approaches
in TTS, which reduced fine-tuning efficiency and increased the
risk of knowledge forgetting by overlooking the varying con-
tributions of different modules in TTS models to controlling
specific speech information, we propose characteristic-specific
partial fine-tuning. As illustrated in Figure 1, our method par-
tially adapts a pre-trained codec language TTS model to gen-
erate speech with target-domain emotions and speaker identi-
ties using a small amount of target-domain data. We begin
by analyzing the contribution (indicated by dashed lines) of
each module in the codec language TTS model to emotion and
speaker expression. Using the magnitude of these contributions
as a guide, we then select partial modules (depicted as pur-
ple blocks) for fine-tuning in the target domain (represented by
green arrows). Specifically, we employ two sets of learnable
weights to compute two weighted sums of the outputs from
each model’s Transformer layer. The two weighted-sum fea-
tures are then used to learn emotion recognition and speaker
identification tasks on a preset dataset with emotion and speaker
labels, with the weights representing the contribution of differ-
ent Transformer layers to controlling the emotion and speaker
characteristics of the generated speech. To simultaneously adapt
to emotion and speaker characteristics in the target domain,
we calculate the average of two sets of weights. The Trans-
former layer with the highest weight contributes the most to
emotion and speaker control in the original model, so we fine-
tune it to leverage and maintain its highest contribution. On the
other hand, the Transformer layer with the lowest contribution,
which has the greatest potential for improvement, is also se-
lected for fine-tuning. We evaluate our strategy using three pre-
trained codec language TTS models: GPT-SoVITS1, VALLE-X
(Zhang et al., 2023), and CosyVoice (Du et al., 2024). Our re-
sults demonstrate that fine-tuning only two layers achieves per-
formance comparable to, or even surpassing, full fine-tuning,
with training speeds up to twice as fast. Moreover, the word
error rate of models fine-tuned using our proposed method is
significantly lower than that of full fine-tuning, suggesting that

1https://github.com/RVC-Boss/GPT-SoVITS
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Figure 2: Overview of the proposed approach. The codec language TTS model is fine-tuned for emotion recognition and speaker identification tasks using a
weighted-sum framework. The method prioritizes layers with the lowest and highest weighted importance, facilitating efficient fine-tuning to generate speech with
target-domain specific speaker and emotional expressions.

our approach effectively mitigates catastrophic knowledge for-
getting caused by the limited content diversity of small target-
domain datasets. Additionally, we evaluate the cross-lingual
and cross-dataset robustness of the characteristic-specific con-
tributions identified by our strategy. This means that once the
feature contributions for emotion expression and speaker iden-
tity control are analyzed, they can be applied to fine-tune any
target-domain data for emotion and speaker adaptation.

Our main contributions are summarized as follows:
• We propose a characteristic-specific partial fine-tuning, short

as CSP-FT, to efficiently adapt a general-purpose codec lan-
guage TTS model for generating speech with specific emo-
tional expressions and speaker identities.
• Our approach emphasizes analyzing the contributions of dif-

ferent Transformer layers in the model to control emotion
and speaker characteristics in the generated speech. This
analysis is crucial for selecting parameters and significantly
enhances the performance of partial parameter fine-tuning
while reducing the risk of catastrophic forgetting.
• Experiments on three open-source codec language TTS mod-

els demonstrate that our method can significantly allevi-
ate the issue of catastrophic forgetting, achieving excellent
adaptation performance with fast fine-tuning speeds and few
trainable parameters.
• Additionally, we explore leveraging the codec language TTS

model as a speech encoder for tasks such as speech emotion
recognition and speaker identification, showing that TTS
models can not only generate high-quality speech but also
be effectively utilized for speech perception tasks.

2. Methodology

As described in Section 1, our goal is to adapt the pre-
trained codec language TTS model to generate speech with spe-
cific emotional expressions and speaker identities for the target
domain. While full fine-tuning can achieve this, it not only

slows down the fine-tuning process but also risks losing the
content knowledge acquired during the pre-training stage. To
address this, we propose a partial parameter fine-tuning strat-
egy based on the contributions of different model components
to emotion and speaker control in the generated speech, as illus-
trated in Figure 2. In this section, we will introduce our method
in detail, beginning with a global overview and progressively
providing a more localized explanation.

2.1. Preliminary and Overall of our Method

The goal of the speaker and emotional domain adaptation in
TTS is to effectively transfer a pre-trained model f : Xs → Ys

from the source domain to the target domain, enabling it to per-
form well on generating speech with target-domain emotional
expression and speaker identify f : Xt → Yt. The resulting
model f should not only excel on the target domain dataset
with specific speaker and emotional expressions but also re-
tain the extensive content knowledge acquired from the source
domain dataset. Traditional fine-tuning treats all parameters
in f equally to achieve adaptation. In contrast, our proposed
characteristic-specific partial fine-tuning strategy selects a sub-
set of parameters from f by analyzing the contributions of dif-
ferent model modules to control emotion and speaker identity
in the generated speech. By freezing the remaining parame-
ters, we fine-tune only the selected subset modules to adapt the
model to the target domain. Our method not only speeds up the
fine-tuning process but also preserves the knowledge acquired
during pre-training, thereby significantly reducing the risk of
catastrophic forgetting.

As shown in Figure 2, our method consists of two stages:
characteristic-specific analysis and characteristic-specific par-
tial fine-tuning. In the first stage, we treat the codec language
TTS model as an encoder, using two sets of learnable weights
to compute two weighted sums of the Transformer layer out-
puts, generating representations for emotion and speaker re-
spectively. These representations are then passed to lightweight
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downstream modules for emotion recognition and speaker iden-
tification tasks. In the second stage, we calculate the mean of
the two sets of learnable layer weights and select the Trans-
former blocks corresponding to the highest and lowest weights
for fine-tuning on the target domain. Our approach ensures
the preservation of the original content knowledge in the pre-
trained TTS model while significantly enhancing the model’s
ability to express the target-domain speaker identity and emo-
tional characteristics in the generated speech. We will provide
a detailed explanation of each stage in the subsequent sections.

2.2. Characteristic-Specific Analysis of Codec Language TTS
The codec language TTS model uses a Transformer archi-

tecture to predict the next discrete speech token in an auto-
regressive manner based on text and speech prompts. We re-
purpose this pre-trained model as a causal encoder, fine-tuning
it with a learnable weighted-sum strategy for emotion recog-
nition and speaker identification, enabling an analysis of how
the model’s layers capture and control emotional and speaker-
specific information in speech.

The input speech waveform is converted into discrete speech
tokens A ∈ RTA×1 using a codec compression model with quan-
tization (Défossez et al.; Du et al., 2023; 2024). Then, the
text, beginning of sentence token (BOS), and speech tokens
are passed through embedding modules to generate continu-
ous representations, which are concatenated and fed into an N-
layer Transformer. The Transformer processes the input and
produces D-dimensional layer-wise representations, denoted as
O ∈ RN×(TS+1+TA)×D:

O = {O1,O2, . . . ,ON} . (1)

In speech synthesis, the model directly predicts the next
speech discrete token based on ON . However, our goal is to an-
alyze the contribution of each layer of the Transformer to emo-
tion and speaker control in the generated speech. To achieve
this, we apply normalization and combine the layer outputs us-
ing learnable weights with softmax, We or Ws, thereby obtain-
ing task-specific representations Ze,Zs ∈ R

(TS+TA+1)×D, defined
as:

Z =
N∑

i=1

 eωi∑N
j=1 eω j

· layernorm(Oi)

 , (2)

where W = {ω1, ω2, . . . , ωN} represents the learnable weights
for each layer.

The contribution of controlling emotion and speaker iden-
tity in the generated speech is primarily reflected in the amount
of relevant information contained by the module’s representa-
tions. Therefore, we use speech emotion recognition and speaker
identification tasks to train W . Specifically, the characteristic-
specific representations Ze,Zs are transformed into utterance-
level representations. This transformation is achieved using a
stacked convolution module (Conv), consisting of 1D Convolu-
tion and ReLU, followed by attentive stat pooling (ASP) (Des-
planques et al., 2020), which aggregates the frame-level repre-
sentations. Finally, a cross-entropy loss function is applied to
optimize the layer weights, convolutions, and ASP modules.

After training on speech emotion recognition and speaker
identification, the layer weights We and Ws indicate the con-
tribution of each layer for the respective downstream tasks. By
analyzing the magnitude of these weights, we can identify the
relevant layers for fine-tuning in order to generate speech with
target-domain emotion and speaker identity.

2.3. Layer Selection for Emotion and Speaker Adaptation
Based on the weighted-sum learning for speaker identifica-

tion and emotion recognition, We and Ws reflect the contribu-
tion of different Transformer layers in the TTS model to con-
trolling emotion and speaker identity in the generated speech.
Since we aim to learn the control of both emotion and speaker
attributes simultaneously, we first compute the mean of We and
Ws, denoted as Wm:

Wm =
We +Ws

2
. (3)

We then select the two layers corresponding to the highest
and lowest mean values for fine-tuning on the target-domain
data. The layer with the lowest weight, which contains min-
imal emotion and speaker-related knowledge, is fine-tuned to
strengthen its contribution to controlling the speaker and emo-
tion of the generated speech. In contrast, the layer with the
highest weight, which captures the most emotion and speaker
information, is leveraged to maximize its utility. By freezing
the remaining layers, we preserve the pre-trained knowledge,
thereby minimizing the risk of catastrophic forgetting, which
could otherwise undermine the TTS model’s performance, es-
pecially in terms of word accuracy. This strategy strikes a bal-
ance between enabling emotion and speaker adaptation in the
characteristic-specific layers and maintaining the model’s strong
foundational knowledge, leading to an effective and efficient
adaptation for generating speech with the desired target-domain
emotion and speaker expression.

2.4. Characteristic-Specific Partial Fine-Tuning
Section 2.3 selects two Transformer layers for emotion and

speaker adaptation based on the characteristic-specific weights
derived in Section 2.2. Since the utterance-level emotion and
speaker classification explored in Section 2.2 is theoretically
independent of the speech content (Du et al., 2022), the speaker
and emotion controlling capabilities of the characteristic-specific
selected layers are also cross-lingual and content-agnostic. When
working with target-domain datasets containing specific emo-
tional expressions and speaker characteristics, we only need
to freeze the remaining parameters and fine-tune the selected
two Transformer layers on the target-domain TTS dataset, as
shown in Figure 2 (b). This allows the model to efficiently learn
to generate speech with the emotional expression and speaker
identity of the target domain. The cross-lingual and content-
agnostic property of our approach allows us to complete the
preparatory work in Sections 2.2 and 2.3 using open-source data
with speaker and emotion annotations. We can then directly
apply the selected modules to target-domain TTS fine-tuning,
eliminating the need to repeat the exploration of Sections 2.2
and 2.3 on the target-domain dataset.
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3. Experiment Setup

To validate our approach, we conduct experiments on fine-
tuning TTS models to generate speech with target-domain emo-
tional and speaker expressions, using three open-source pre-
trained codec language TTS models.

3.1. Dataset
We collect 11 public English emotional speech datasets:

CREMA-D, EMNS, EmoV-DB, eNTERFACE, IEMOCAP, JL-
Corpus, MEAD, MELD, RAVDE-SS, TESS, and MSP, whose
details are summarized in EmoBox (Ma et al., 2024). To en-
sure consistency and balance across datasets, we select only
emotions with over 8,000 samples, resulting in 8 emotion la-
bels: angry, happy, sad, fear, disgust, neutral, surprise, and
contempt. The final dataset, comprising 2,060 speakers and
244 hours of speech data, is divided into training and testing
sets in a 9 : 1 ratio. To meet the requirements of speaker
adaptation tasks, we ensure that all test set speakers and emo-
tions also appear in the training set. In addition to this English
emotional dataset, we incorporate Chinese emotional speech
data from ESD (Zhou et al., 2021) to evaluate the effective-
ness of characteristic-specific layer weights in cross-language
and cross-data domain adaptation tasks. This cross-lingual val-
idation highlights the adaptability of our method to diverse lin-
guistic and domain-specific challenges.

3.2. Model and Training Setup
First, our proposed method trains the codec language TTS

model for speaker and emotion recognition tasks using a weighted-
sum approach. It then selectively fine-tunes partial Transformer
layers for target-domain emotional expression and speaker adap-
tation based on the characteristic-specific weights learned in the
first stage. This section provides a detailed overview of the
pre-trained TTS models and the downstream model used for
characteristic-specific analysis.

3.2.1. Pre-trained Codec Language TTS Model Setup
Three pre-trained codec language TTS models are employed

for experiments: GPT-SoVITS2, CosyVoice3, and VALLE-X4.
GPT-SoVITS: This model employs RoBERTa (Cui et al.,

2020) to encode text into textual representations, followed by
HuBERT (Hsu et al., 2021) and vector quantization to transform
speech into discrete speech tokens. These tokens are passed
through an embedding module, concatenated with the textual
representations, and then input into a Transformer model. The
Transformer comprises 24 layers, each with 512 dimensions,
2048 inner dimensions, and 16 attention heads. Finally, a VITS
module (Kim et al., 2021) is used to convert the speech tokens
back into speech.

CosyVoice: This model utilizes a 6-layer Conformer (Gu-
lati et al., 2020) with 1024 dimensions, 4096 inner dimensions,

2https://github.com/RVC-Boss/GPT-SoVITS
3https://github.com/FunAudioLLM/CosyVoice
4https://github.com/X-LANCE/SLAM-LLM/tree/main/examples/

vallex

and 16 attention heads to encode text into textual representa-
tions. Speech is converted into discrete speech tokens using
the SenseVoice model (An et al., 2024) with vector quantiza-
tion. These tokens are processed through an embedding mod-
ule, concatenated with the textual representations, and passed
into a 14-layer Transformer with 1024 dimensions, 4096 inner
dimensions, and 16 attention heads. Finally, a Flow Matching
module followed by HiFi-GAN converts the speech tokens back
into speech (Mehta et al., 2024).

VALLE-X: This model employs the Encodec (Défossez et al.,
2023) to transform speech into discrete speech tokens. Both
speech and text tokens are processed through embedding mod-
ules, concatenated, and then input into a 24-layer Transformer
with 1024 dimensions, 4096 inner dimensions, and 16 attention
heads. Finally, a non-autoregressive Transformer, followed by
the Encodec decoder, reconstructs the speech tokens back into
speech.

3.2.2. Characteristic-Specific Analysis Setup
In Section 2.2, the characteristic-specific analysis is per-

formed using two lightweight downstream models to handle
sentence-level task learning. Since the core of this module
is training layer weights, we use very lightweight models for
the downstream tasks. Each model consists of three convolu-
tional layers, with a kernel size of 5, a pooling kernel size of
5, and an internal dimension of 256. The three TTS models
are frozen and weighted-sum fine-tuned in combination with
two lightweight trainable downstream modules, as described in
Section 2.2, for emotion recognition and speaker identification
tasks, using a multi-task training manner. The fine-tuning pro-
cess is performed on the 244-hour English emotional dataset
for 75 epochs on an NVIDIA RTX 3090 GPU. The Adam opti-
mizer (Kingma, 2014) is utilized, with a warm-up learning rate
that increases linearly from 0 to 5e-4 over the first 8% of train-
ing steps, followed by a gradual decay to 0.

3.2.3. Target Data Domain Adaptation Setup
When fine-tuning for domain adaptation, our method and

all compared methods follow consistent configurations within
the same type of codec language TTS model to ensure a fair
comparison. The three TTS models are fine-tuned using one of
three approaches: partial fine-tuning, full fine-tuning, or other
efficient fine-tuning, for 10 epochs. To maintain stability dur-
ing fine-tuning, the learning rates are set to 5% of the offi-
cially reported values used for training from scratch. Specifi-
cally, the learning rate peaks at 5e-4 for GPT-SoVITS, 1e-4 for
CosyVoice, and 2.5e-5 for VALLE-X. The Adam optimizer is
utilized, with the learning rate ramping up linearly from 0 to its
peak during the first 8% of training steps, followed by a grad-
ual decay to 0. This configuration achieves a balance between
effective adaptation and the retention of pre-trained knowledge.

3.3. Reference Method

We compare our method with two reference approaches:
low-rank adaptation (LoRA) fine-tuning (Hu et al., 2022) and
full fine-tuning. LoRA, a state-of-the-art parameter-efficient
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fine-tuning technique, is widely used for adapting large lan-
guage and TTS models (Lou et al., 2024). It freezes the pre-
trained model and introduces a small number of trainable pa-
rameters to adjust the model to a new data domain. To en-
sure a fair comparison, we adjust the rank of LoRA so that
the number of trainable parameters aligns with that of our par-
tial fine-tuning strategy. In contrast, full fine-tuning involves
making the entire model trainable to fully learn new domain-
specific knowledge. We maintain consistent hyperparameters
for all methods, including batch size, epochs, and learning rate,
to ensure a fair and comparable evaluation.

3.4. Evaluation

In characteristic-specific analysis, the emotion classifica-
tion and speaker identification tasks are evaluated using accu-
racy as the metric.

Our goal is to fine-tune the pre-trained model to generate
speech with target-domain emotional expressions and speaker
characteristics. To achieve this, we evaluate the performance
of the fine-tuned TTS models using train-set prompts, where
only the transcription of the test-set speech (ground truth) is
identical to the training-set prompts, but the test-set speech it-
self is unseen during fine-tuning. Specifically, we input the tar-
get text from the test set, along with training-set prompts that
correspond to the same emotional expression and speaker iden-
tity as the test-set target speech, into the fine-tuned TTS model.
We then assess the generated speech’s word accuracy and its
similarity in emotion and speaker characteristics to the target
test-set target speech (ground truth). The evaluation metrics in-
clude speaker similarity (SS), emotion representation similar-
ity (ERS), word error rate (WER) for English, and character
error rate (CER) for Chinese. Speaker similarity is evaluated
by extracting speaker representations from both the target and
generated speech using the Resemblyzer5 model and computing
the cosine similarity between these representations. Similarly,
emotion representation similarity is assessed by calculating the
cosine similarity between the Emotion2vec+large6 representa-
tions of the target and generated speech. WER is determined by
comparing the target text with the recognition results of the gen-
erated speech using the WhisperLarge V3 model7, while CER for
Chinese speech is evaluated using the Paraformer-zh8 model.

4. Experiment Results

To comprehensively evaluate our approach, we first validate
the use of TTS models as encoders in a weighted-sum fine-
tuning framework for emotion recognition and speaker iden-
tification tasks. This establishes the reliability of weighted-
sum fine-tuning and confirms the effectiveness of layer-wise
characteristic-specific weights. Building on this foundation, we

5https://github.com/resemble-ai/Resemblyzer
6https://github.com/ddlBoJack/emotion2vec
7https://github.com/openai/whisper
8https://github.com/modelscope/FunASR

conduct layer-wise fine-tuning experiments to explore the rela-
tionship between these characteristic-specific weights and do-
main adaptation performance. Subsequently, we compare our
method with reference approaches to highlight its advantages
in emotion and speaker domain adaptation. To further assess
its robustness, we test the cross-lingual and cross-dataset gen-
erality of our approach on Chinese tasks and analyze its domain
adaptation efficiency by comparing the training speeds of differ-
ent methods. Additionally, we investigate catastrophic forget-
ting across various approaches to demonstrate the effectiveness
of our method. Finally, ablation studies on the number and se-
lection of fine-tuned layers are performed to analyze the impact
of these factors on adaptation performance.

4.1. Performance on Speaker and Emotion Recognition of Codec
Language TTS Model

To validate the effectiveness of the layer-wise weights iden-
tified in the characteristic-specific analysis, we compare the
performance of Whisper (Radford et al., 2023), HuBERT (Hsu
et al., 2021), WavLM (Chen et al., 2022), and three codec lan-
guage TTS models on weighted-sum speaker and emotion recog-
nition tasks (using 244-hour English emotional dataset), as pre-
sented in Table 1. It is important to note that Whisper utilizes
only its encoder for this evaluation.

Table 1: Accuracy of different pre-trained models on emotion recognition and
speaker identification.

Pre-trained
Model

Param.
(M)

Speaker
Accuracy (%) ↑

Emotion
Accuracy (%) ↑

Fbank 0 84.33 43.64
Whisper small 86.89 88.45 67.13
HuBERT base 94.68 89.14 67.99
WavLM base 94.68 90.83 69.01
Whisper medium 305.38 92.75 69.84
HuBERT large 316.61 93.25 71.66
WavLM large 316.61 93.59 72.61
GPT-SoVITS 77.46 89.02 63.24
VALLE-X 362.09 93.91 66.03
CosyVoice 310.72 94.97 70.48

The results indicate that codec language TTS models ex-
hibit capabilities comparable to SOTA BERT-style pre-trained
models in speaker identification and speech emotion recogni-
tion tasks, both essential for speaker cloning and emotional
speech synthesis. Examining each codec language model indi-
vidually, GPT-SoVITS achieves performance similar to WavLM
base in speaker identification, with a parameter count of 77.46M.
However, its performance in speech emotion recognition tasks
is comparatively mediocre. This discrepancy arises from its
use of the cn-HuBERT base, which is pre-trained on a Chinese
dataset, for extracting speech tokens. As a result, while GPT-
SoVITS excels in speaker feature analysis, it delivers moderate
performance in English semantic tasks such as emotion recog-
nition. VALLE-X, on the other hand, uses the first layer of
speech tokens encoded by Encodec, capturing more acoustic
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information than HuBERT tokens (Borsos et al., 2023). With
a higher parameter count (362.09M), it achieves performance
comparable to the BERT-style Large model in the speaker task.
However, the limited acoustic details present in the first layer
of Encodec tokens restrict its effectiveness in semantic emo-
tional tasks (Wang et al., 2024). Finally, CosyVoice employs a
speech encoder similar to Whisper (the encoder of an ASR sys-
tem) and introduces an additional speaker embedding as input.
This configuration enables it to maintain strong performance
in semantic emotion recognition while significantly enhancing
its speaker identification capabilities, achieving a balanced im-
provement across both domains.

Overall, while making completely fair comparisons among
pre-trained models is challenging due to variations in train-
ing data, model designs, and pre-training task setups, the re-
sults clearly demonstrate the effectiveness of using codec lan-
guage TTS models with weighted-sum fine-tuning for emotion
and speaker tasks, ensuring the meaningfulness of layer-wise
weights. Furthermore, the findings highlight the potential of
decoder-only architectures in perception tasks, offering valu-
able insights for the development of other general-purpose speech-
processing models.

4.2. Characteristic-Specific Weight and Domain Adaptation
The layer-wise weights obtained from weighted-sum fine-

tuning reflect the contribution of different layers in learning
emotion and speaker tasks (Chen et al., 2022). To further ex-
plore the relationship between these characteristic-specific weights
and the performance of emotion and speaker adaptation, we
perform partial fine-tuning on each layer of the codec language
TTS models using the English emotional speech dataset. We
then evaluate the performance of the single-layer fine-tuned mod-
els based on the evaluation setup described in Section 3.4.

Figure 3 illustrates the single-layer fine-tuning performance
and layer-wise characteristic-specific weight of the GPT-SoVITS.
It reveals significant variations in fine-tuning performance across
different layers. Notably, the trends of ERS and SS are in-
versely proportional to WER. This pattern is because most of
the pre-training data for GPT-SoVITS are in Chinese, meaning
that fine-tuning on an English emotional dataset introduces sub-
stantial catastrophic forgetting, especially in terms of semantic
content. Specifically, the 3rd and 6th layers of GPT-SoVITS
show the lowest and highest characteristic-specific weights, re-
spectively. The 3rd layer with the lowest weight exhibits strong
performance in emotion and speaker adaptation, with minimal
forgetting issues (lowest WER). In contrast, fine-tuning the 6th
layer results in excellent overall performance, achieving no-
table improvements in both SS and ERS while maintaining a
low WER.

Then, the single-layer fine-tuning results of VALLE-X are
presented in Figure 4. Unlike GPT-SoVITS, VALLE-X exhibits
a less pronounced increase in WER, largely because its pre-
training data predominantly consists of English, enabling it to
adapt to the English target dataset without significantly altering
its knowledge space. This extensive English content knowledge
acquired during pre-training helps mitigate catastrophic forget-
ting overall. Interestingly, the behavior of fine-tuning the lay-

Figure 3: Single-Layer fine-tuning performance and layer-wise characteristic-
specific weights for emotion and speaker adaptation GPT-SoVITS.

ers with the lowest and highest layer-wise weights resembles
that observed in GPT-SoVITS. Specifically, fine-tuning the 5th
layer, characterized by the lowest weight, achieves a significant
increase in both SS and ERS while maintaining the smallest
WER. In contrast, fine-tuning the 9th layer, which possesses
the highest weight, results in substantial improvements in SS
and ERS, albeit accompanied by a slight increase in WER.

Figure 4: Single-Layer fine-tuning performance and layer-wise characteristic-
specific weights for emotion and speaker adaptation in VALLE-X.

Finally, we present the single-layer fine-tuning results of
CosyVoice, as shown in Figure 5. The distributions of emo-
tion and speaker characteristic-specific weights in CosyVoice
are less consistent compared to the previous two models. How-
ever, the adaptation performance on correlated single layers
aligns with the results observed in GPT-SoVITS and VALLE-
X, demonstrating a strong correlation between adaptation per-
formance and layer-wise characteristic-specific weights. Addi-
tionally, the variation in WER within CosyVoice is larger than
in the other two models. This is because CosyVoice is pre-
trained on a dataset comprising 130k hours of Chinese and 30k
hours of English data; thus, adapting to an English dataset sig-
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Table 2: Comparison of fine-tuning strategies for adapting pre-trained TTS models to generate speech with target-domain speaker and emotion expressions. Param.
indicates the trainable/total parameter. Bold represents the best score, and underline denotes the second-best score.

Method
GPT-SoVITS VALLE-X CosyVoice

Param.(M)
SS

(%)↑
ERS
(%)↑

WER
(%)↓ Param.(M)

SS
(%)↑

ERS
(%)↑

WER
(%)↓ Param.(M)

SS
(%)↑

ERS
(%)↑

WER
(%)↓

Origin 0 / 77.46 64.01 77.65 8.02 0 / 362.09 84.22 85.61 8.44 0 / 310.72 88.91 89.76 8.43
Full FT 77.46 / 77.46 69.37 83.89 10.25 362.09 / 362.09 90.18 92.95 9.53 310.72 / 310.72 92.46 95.55 25.10

LoRA FT
3.13 / 80.59 68.67 82.35 14.68 12.68 / 374.77 89.24 91.71 9.47 13.76 / 324.48 91.84 93.29 20.59
6.23 / 83.69 68.65 82.22 12.11 25.07 / 387.16 89.45 91.93 9.89 27.53 / 338.25 91.97 93.10 18.10
9.33 / 86.78 68.70 82.37 11.83 37.45 / 399.55 89.51 92.19 9.60 41.29 / 352.01 91.92 93.56 19.25

First Half FT 37.83 / 77.46 69.44 83.16 13.67 151.15 / 362.09 89.64 92.92 8.44 95.53 / 310.72 92.26 94.19 22.57
Second Half FT 37.83 / 77.46 69.36 82.78 14.51 151.15 / 362.09 89.40 92.31 9.81 95.53 / 310.72 92.39 95.57 15.71
Shallowest Two FT 6.30 / 77.46 68.88 82.46 10.36 25.19 / 362.09 89.03 92.07 8.35 27.29 / 310.72 92.33 94.74 14.68
Deepest Two FT 6.30 / 77.46 68.54 82.43 13.71 25.19 / 362.09 89.41 92.49 9.82 27.29 / 310.72 92.27 94.01 15.73
Lowest Two FT 6.30 / 77.46 68.28 82.19 9.53 25.19 / 362.09 89.68 93.01 8.03 27.29 / 310.72 92.30 94.84 12.29
Highest Two FT 6.30 / 77.46 69.06 83.01 12.37 25.19 / 362.09 89.71 93.07 9.96 27.29 / 310.72 92.48 95.27 14.62
CSP-FT (Ours) 6.30 / 77.46 69.89 83.22 8.49 25.19 / 362.09 90.17 94.15 7.01 27.29 / 310.72 92.57 95.47 9.15

nificantly alters its knowledge space, leading to more pronounced
catastrophic forgetting. Furthermore, this experiment validates
the effectiveness of using the average score (Eq. 3) of two task
weights for layer selection, yielding results consistent with the
previous two models.

Figure 5: Single-Layer fine-tuning performance and layer-wise characteristic-
specific weights for emotion and speaker adaptation CosyVoice.

From the single-layer fine-tuning experiments of the three
TTS models, we observe that the characteristic-specific weights
revealed by weighted-sum fine-tuning strongly correlate with
speaker and emotion adaptation performance. The layer with
the highest fine-tuning weight typically achieves superior adap-
tation performance but comes with a moderate risk of catas-
trophic forgetting. In contrast, the layer with the lowest fine-
tuning weights often delivers above-average adaptation perfor-
mance while minimizing catastrophic forgetting.

4.3. Comparison with Reference Methods

From the experiments in Sections 4.1 and 4.2, we observe
that the characteristic-specific weights identified through weighted-
sum analysis provide a valuable reference for selecting parame-

ters for emotion and speaker adaptation of codec language TTS
model. In this section, we compare our proposed method with
eight fine-tuning strategies: full fine-tuning, LoRA fine-tuning
(with trainable parameters matched to our partial fine-tuning),
fine-tuning the first half of the Transformer, fine-tuning the sec-
ond half of the Transformer, fine-tuning the shallowest two lay-
ers of the Transformer, fine-tuning the deepest two layers of
the Transformer, fine-tuning the two layers with the highest
characteristic-specific weights, and fine-tuning the two layers
with the lowest characteristic-specific weights. The experimen-
tal results are presented in Table 2.

4.3.1. Comparison with Full Fine-Tuning
The results in Table 2 indicate that full fine-tuning effec-

tively adapts the three TTS models to the target data domain,
resulting in significant improvements in SS and ERS scores.
However, it also leads to noticeable catastrophic knowledge for-
getting, as evidenced by the increased WER. In contrast, our
proposed method achieves SS and ERS scores comparable to
or even surpassing those of full fine-tuning while using a small
number of trainable parameters and minimizing knowledge for-
getting. This highlights the importance of analyzing the char-
acteristics of each module within the model to determine its rel-
evance for target adaptation. Such analysis is crucial for iden-
tifying which modules to fine-tune, enabling effective target-
domain adaptation with reduced training costs, as demonstrated
by the findings in Shen et al., 2021.

4.3.2. Comparison with LoRA Fine-Tuning
We configure the parameters of the inserted LoRA modules

(applied across all Transformer layers) to match the parameter
count of 1-layer, 2-layer, and 3-layer Transformers for com-
parison. The results in Table 2 show that as the LoRA parame-
ters increase, the adapted TTS model exhibits improved speaker
cloning and emotional expression capabilities, but this improve-
ment comes at the cost of a higher WER. This occurs because
LoRA indirectly updates the model via matrix decomposition,
leaving the original parameters unchanged while aligning the
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model’s intermediate feature space with the target dataset. How-
ever, this alignment can lead to challenges such as catastrophic
forgetting or overfitting. In contrast, our method achieves su-
perior performance without introducing additional parameters
during fine-tuning, demonstrating that fully freezing pre-trained
parameters and adding a small number of trainable parameters
is not the optimal strategy. Instead, it is crucial to carefully
select which parameters to fine-tune based on the specific de-
mands of the target task or data adaptation.

4.3.3. Comparison with other Partial Fine-Tuning
To verify the effectiveness of characteristic-specific weights

in guiding partial fine-tuning, we compared the performance of
various partial fine-tuning strategies, as shown in Table 2. We
began by fine-tuning different parts of the Transformer, includ-
ing the first half, the second half, the two shallowest layers,
and the two deepest layers. The results reveal that simply in-
creasing the number of trainable parameters does not necessar-
ily improve performance and may even reduce the effective-
ness of fine-tuning. Furthermore, we compared fine-tuning the
two layers with the highest weights and the two layers with the
lowest weights. Our proposed approach, which combines fine-
tuning the layers with the highest and lowest weights, proved to
be more effective. Building on the analysis in Section 4.2, our
CSP-FT jointly fine-tunes two layers: one with the best adap-
tation performance but moderate catastrophic forgetting (high-
est), and the other with minimal catastrophic forgetting but mod-
erate adaptation performance (lowest). By complementing each
other, fine-tuning these two layers enables the model to achieve
excellent adaptation capability with minimal knowledge forget-
ting, resulting in outstanding overall performance.

4.4. Transferability of Characteristic-Specific Weights Across
Datasets

In practice, obtaining emotion and speaker annotations for
the target domain dataset is challenging, highlighting the need
for our emotion-speaker characteristic-specific weights to be
transferable across datasets. To verify this, we fine-tune TTS
models to the Chinese emotional dataset using the layer-wise
characteristic-specific weights learned from the English emo-
tional dataset, as described in Section 3.1. The results, pre-
sented in Table 3, include LoRA fine-tuning configured with
a parameter count equivalent to the 2-layer fine-tuning. The
results show that GPT-SoVITS achieves higher character accu-
racy in Chinese compared to other models. After fine-tuning
with our method, both SS and ERS improve significantly, with
only a minimal increase in CER. For VALLE-X and CosyVoice,
our method achieves the highest SS and ERS compared to full
fine-tuning and LoRA fine-tuning, with WER slightly reduced
for CosyVoice relative to its original model. These results con-
firm that the proposed layer-wise characteristic-specific weights
are highly transferable and effective for cross-dataset adaptation
in emotion and speaker control. Since the relationship between
controlling utterance-level characteristics (emotional state and
speaker) and the content is minimal, the characteristic-specific
analysis only needs to be performed once on an open-source

annotated dataset. This analysis can then be applied to other
datasets, enabling the model to adapt and generate speech with
the target emotion and speaker characteristics.

Table 3: Cross-dataset evaluation of characteristic-specific weight for emotion
and speaker adaptation.

Method
GPT-SoVITS VALLE-X CosyVoice

SS
(%)↑

ERS
(%)↑

CER
(%)↓

SS
(%)↑

ERS
(%)↑

CER
(%)↓

SS
(%)↑

ERS
(%)↑

CER
(%)↓

Origin 73.76 70.32 2.23 75.39 82.31 5.24 79.77 88.58 2.54
Full 75.35 80.87 3.29 77.67 86.09 7.60 80.96 91.22 2.97
LoRA 74.83 78.52 3.35 76.94 84.19 7.44 80.23 89.89 2.71
CSP-FT 75.16 80.99 2.49 78.01 87.00 5.97 81.17 91.89 2.51

4.5. Catastrophic Forgetting of Knowledge
To further investigate the performance of different fine-tuning

strategies in addressing the catastrophic knowledge forgetting
problem, we evaluate performance across epochs during fine-
tuning on the English emotional dataset. The results are shown
in Figure 6. To present various metrics within a single figure,
we numerically normalize each metric S as:

Snorm =
S −min(S)

max(S) −min(S)
. (4)

From the first and second columns, which depict the results
of full fine-tuning and LoRA fine-tuning for the three mod-
els, we observe that as the number of adaptation epochs in-
creases, SS and ERS gradually rise and then plateau, while
WER steadily increases. This degradation occurs because the
content knowledge in the target domain is much smaller than
that in the pre-training domain, leading to knowledge forget-
ting. In contrast, the last column shows that our method achieves
improved SS and ERS while stabilizing WER earlier. Notably,
for VALLE-X, WER exhibits some fluctuations before ultimately
achieving better results than the original model. These findings
demonstrate that our method enables the model to adapt effec-
tively to generate speech with target emotion and speaker while
minimizing the decline in word accuracy. In other words, it
significantly alleviates the problem of catastrophic forgetting.

Figure 6: Performance trends of SS, ERS, and WER across fine-tuning epochs
for different strategies.
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4.6. Fine-Tuning Speed

We compare the time required for full fine-tuning, LoRA
fine-tuning (with a parameter count equivalent to 2 layers), and
our method over 100 fine-tuning steps, as shown in Figure 7. It
is worth noting that since we have validated the cross-dataset
applicability of the characteristic-specific weights, we can ob-
tain the weights in advance based on the open-sourced dataset
or even directly use the results from this paper. Therefore,
the speed comparison only considers the target-domain fine-
tuning time once the target-domain data is available. The re-
sults demonstrate that across all three models, our fine-tuning
method is faster than both LoRA fine-tuning and full fine-tuning.
Specifically, our method is 1.91 times faster than full fine-tuning
on GPT-SoVITS, 2.62 times faster on VALLE-X, and 2.12 times
faster on CosyVoice. Additionally, as shown in Table 2, the
number of trainable parameters and total parameters in our method
is lower than that of the other two approaches. From Figure 6, it
is also evident that the convergence speed of our method is com-
parable to that of the reference methods. Overall, our approach
effectively reduces GPU memory usage and significantly im-
proves training speed.

Figure 7: Time consumption of fine-tuning 100 steps using different fine-tuning
methods.

4.7. Ablation Study

4.7.1. Number of Selection
The previous sections highlight the importance of layer-

wise characteristic-specific weights in selecting partial fine-tuning
modules for emotion and speaker adaptation. Building on this
foundation, this section investigates the relationship between
the number of layers selected based on our method and overall
model performance. We gradually increase the number of par-
tial fine-tuning layers according to the layer-wise characteristic-
specific weights. Specifically, we start with 2 layers (those with
the highest and lowest weights) and then incrementally increase
the number of layers by 1

6 . For example, for an N-layer codec
language TTS model,“Ours+ 1

6 ” indicates selecting the (1+⌊ N
12 ⌋)

highest and (1 + ⌊ N
12 ⌋) lowest weighted layers for fine-tuning,

resulting in a total of (2 + ⌊N
6 ⌋) layers, where ⌊·⌋ denotes the

flooring function. The results are presented in Table 4.
From Table 4, we observe that as the number of fine-tuning

layers increases from 2 to full fine-tuning, performance first
decreases slightly and then improves. Based on the results in
Section 4.2, this trend reflects that while characteristic-specific
weights are strongly correlated with final adaptation performance,

this correlation weakens for layers with weights that fall in the
middle range. Since our method begins by selecting layers
with the highest and lowest task weights, configurations such
as Ours+ 3

6 or Ours+ 4
6 , which include more middle-weighted

layers, may not fully align with the model’s adaptation require-
ments. However, as the number of fine-tuned layers approaches
full fine-tuning, performance shows a slight improvement. Over-
all, the Ours+ 1

6 configuration achieves a gain in ERS on CosyVoice
by adding the layer with the highest emotion weight into fine-
tuning, but the resulting increase in trainable parameters com-
promises word accuracy. In contrast, our method consistently
delivers the best overall performance with the fewest trainable
parameters, demonstrating its effectiveness and efficiency.

Table 4: Performance comparison across different numbers of fine-tuned layers
within our method.

Method
GPT-SoVITS VALLE-X CosyVoice

SS
(%)↑

ERS
(%)↑

WER
(%)↓

SS
(%)↑

ERS
(%)↑

WER
(%)↓

SS
(%)↑

ERS
(%)↑

WER
(%)↓

Origin 64.01 77.65 8.02 84.22 85.61 8.44 88.91 89.76 8.43
Full FT 69.37 83.89 10.25 90.18 92.95 9.53 92.46 95.55 25.10
Ours+ 5

6 69.21 82.61 12.88 89.69 92.99 9.95 92.32 94.96 23.05
Ours+ 4

6 68.91 82.34 13.07 89.01 92.54 9.14 91.53 94.49 25.68
Ours+ 3

6 68.59 82.29 14.79 89.86 94.03 8.99 91.70 94.44 22.70
Ours+ 2

6 69.61 83.18 12.91 89.73 93.51 8.61 92.31 94.82 17.78
Ours+ 1

6 69.48 83.10 10.73 89.97 93.90 7.97 92.54 95.68 10.01
CSP-FT 69.89 83.22 8.49 90.17 94.15 7.01 92.57 95.47 9.15

4.7.2. Layer of Selection
As shown in the visualization in Section 4.2, some layers

have weights close to the minimum value. To investigate this,
we explore the effects of selecting the layers corresponding to
the smallest, second smallest, or third smallest weights while
keeping the layer with the highest weight fixed. Additionally,
we test the effects of selecting the layers corresponding to the
largest, second largest, or third largest weights, while fixing the
layer with the smallest weight. The results are shown in Table 5.

Table 5: Ablation study on layer weight selection.

Method
GPT-SoVITS VALLE-X CosyVoice

SS
(%)↑

ERS
(%)↑

WER
(%)↓

SS
(%)↑

ERS
(%)↑

WER
(%)↓

SS
(%)↑

ERS
(%)↑

WER
(%)↓

Origin 64.01 77.65 8.02 84.22 85.61 8.44 88.91 89.76 8.43
Full FT 69.37 83.89 10.25 90.18 92.95 9.53 92.46 95.55 25.10
Change the smallest selection
smallest 69.89 83.22 8.49 90.17 94.15 7.01 92.57 95.47 9.15
2nd 69.41 83.11 8.54 90.04 93.78 8.04 92.34 94.96 10.33
3rd 69.44 83.04 9.81 89.53 92.69 8.89 92.13 93.88 11.90
Change the largest selection
largest 69.89 83.22 8.49 90.17 94.15 7.01 92.57 95.47 9.15
2nd 68.37 82.43 11.31 89.70 93.11 10.04 92.61 95.66 9.24
3rd 68.24 82.20 10.28 89.44 92.50 9.66 92.53 95.42 14.42

The results show that modifying the selection of the layer
with the small weights negatively impacts performance across
all three metrics. Although the small values in Figures 3, 4,
and 5 appear close, the softmax function allocates most of the
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probability scores to larger values, compressing the differences
among small values. As a result, the relative differences be-
tween smaller weights, which were originally significant, be-
come less distinguishable after compression, affecting fine-tuning
performance. On the other hand, altering the selection of the
layer with the large weights leads to a notable performance de-
cline, especially in WER, on both GPT-SoVITS and VALLE-X.
This happens because fine-tuning layers corresponding to the
second or third largest weights fails to leverage the full learning
potential of the best-performing layer, reducing fine-tuning ef-
fectiveness. Interestingly, for CosyVoice, selecting the second-
largest weight layer improves SS and ERS scores, despite a
slight WER increase. We attribute this to the uneven distri-
bution of emotional and speaker-related weights in CosyVoice,
where the averaged weight provides a smoother result, enabling
suboptimal but stable fine-tuning performance.

5. Discussion

In this paper, we explore the domain adaptation of codec
language TTS models for specific speakers and emotions, aim-
ing to develop an efficient solution for adapting pre-trained general-
purpose TTS models to generate speech with target-domain emo-
tional expressions and speaker identities, while minimizing catas-
trophic forgetting. Previous studies in computer vision (Shen
et al., 2021) have shown that analyzing the role of each model
module in the target task and selecting partial parameters based
on this analysis can significantly enhance partial fine-tuning
performance. Building on this concept, we investigate how to
assess the contribution of different Transformer layers in codec
language TTS models to control the speaker and emotion infor-
mation in the generated speech.

In the field of self-supervised pre-training, weighted-sum
fine-tuning has been widely used to examine the layer-wise task
characteristics of BERT-style speech encoders (Pasad et al., 2021).
Since codec language TTS models are also Transformer-based,
we are inspired to adopt a similar approach. In this study, we
fine-tune codec language TTS models on speaker identification
and speech emotion recognition tasks using a weighted-sum
framework. We then analyze the layer-wise task characteris-
tics of these models for the aforementioned tasks. Our findings
show that codec language models not only exhibit layer-wise
characteristics similar to BERT-style models but also achieve
comparable performance in speaker identification and speech
emotion recognition tasks, as demonstrated in Table 1.

Building on these insights, we propose a characteristic-specific
partial fine-tuning strategy that selects the two Transformer lay-
ers with the highest and lowest characteristic-specific weights
for adaptation. We first validate the effectiveness and efficiency
of the proposed method in learning to generate speech with
target-domain speaker and emotional expression using an En-
glish emotional dataset. Subsequently, we test the transferabil-
ity of the characteristic-specific weights identified from the En-
glish dataset on a Chinese emotional dataset. Across all ex-
periments, the results consistently reveal a broader observation:
when the training data size is smaller than that used in pre-
training, blindly increasing the number of fine-tuning param-

eters exacerbates knowledge forgetting. In contrast, analyzing
the TTS model’s characteristics related to speaker and emotion
control, and fine-tuning only a subset of parameters, effectively
mitigates catastrophic forgetting while enabling the model to
efficiently learn to generate speech with target-domain speaker
and emotional expressions.

6. Conclusion

As many codec language TTS models are open-sourced,
adapting these general-purpose models to generate speech with
desired emotional expression and speaker identity, while min-
imizing catastrophic forgetting, has become increasingly im-
portant. In this paper, we propose a partial fine-tuning strat-
egy guided by weighted-sum characteristic-specific analysis.
Specifically, we first fine-tune the codec language TTS model
using a weighted-sum framework for speaker identification and
emotion classification. Then we select the Transformer layers
with the highest and lowest characteristic-specific weights for
adaptation. Experimental results show that our method achieves
performance comparable to, and sometimes exceeding, full fine-
tuning, while reducing fine-tuning time by approximately 50%
and mitigating catastrophic forgetting. These findings highlight
the effectiveness of leveraging layer-wise characteristic-specific
analysis for efficient and high-quality TTS adaptation.
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BOFFIN TTS: Few-shot speaker adaptation by bayesian optimization, in:
ICASSP 2020-2020 IEEE International Conference on Acoustics, Speech
and Signal Processing (ICASSP), IEEE. pp. 7639–7643.

Motiian, S., Piccirilli, M., Adjeroh, D.A., Doretto, G., 2017. Unified deep
supervised domain adaptation and generalization, in: Proceedings of the
IEEE international conference on computer vision, pp. 5715–5725.

Neekhara, P., Li, J., Ginsburg, B., 2021. Adapting tts models for new speakers
using transfer learning. arXiv preprint arXiv:2110.05798 .

Pasad, A., Chou, J.C., Livescu, K., 2021. Layer-wise analysis of a self-
supervised speech representation model, in: 2021 IEEE Automatic Speech
Recognition and Understanding Workshop (ASRU), IEEE. pp. 914–921.

Peng, P., Huang, P.Y., Mohamed, A., Harwath, D., 2024. VoiceCraft: Zero-shot
speech editing and text-to-speech in the wild. arXiv .

Qin, Z., Zhao, W., Yu, X., Sun, X., 2023. OpenVoice: Versatile instant voice
cloning. arXiv preprint arXiv:2312.01479 .

Radford, A., Kim, J.W., Xu, T., Brockman, G., McLeavey, C., Sutskever, I.,
2023. Robust speech recognition via large-scale weak supervision, in: In-
ternational conference on machine learning, PMLR. pp. 28492–28518.

Rolland, T., Abad, A., 2024. Introduction to partial fine-tuning: A com-
prehensive evaluation of end-to-end children’s automatic speech recogni-
tion adaptation, in: Interspeech 2024, pp. 5178–5182. doi:10.21437/
Interspeech.2024-1102.

Shen, Z., Liu, Z., Qin, J., Savvides, M., Cheng, K.T., 2021. Partial is better than
all: Revisiting fine-tuning strategy for few-shot learning, in: Proceedings of
the AAAI conference on artificial intelligence, pp. 9594–9602.

Singhal, P., Walambe, R., Ramanna, S., Kotecha, K., 2023. Domain adaptation:
challenges, methods, datasets, and applications. IEEE access 11, 6973–
7020.

Touvron, H., Cord, M., El-Nouby, A., Verbeek, J., Jégou, H., 2022. Three
things everyone should know about vision transformers, in: European Con-
ference on Computer Vision, Springer. pp. 497–515.

Triantafyllopoulos, A., Schuller, B.W., İymen, G., Sezgin, M., He, X., Yang,
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