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Abstract—Target speech extraction (TSE) isolates the speech
of a specific speaker from a multi-talker overlapped speech
mixture. Most existing TSE models rely on discriminative meth-
ods, typically predicting a time-frequency spectrogram mask for
the target speech. However, imperfections in these masks often
result in over-/under-suppression of target/non-target speech,
degrading perceptual quality. Generative methods, by contrast,
re-synthesize target speech based on the mixture and target
speaker cues, achieving superior perceptual quality. Nevertheless,
these methods often overlook speech intelligibility, leading to
alterations or loss of semantic content in the re-synthesized
speech. Inspired by the Whisper model’s success in target speaker
ASR, we propose a generative TSE framework based on the
pre-trained Whisper model to address the above issues. This
framework integrates semantic modeling with flow-based acoustic
modeling to achieve both high intelligibility and perceptual
quality. Results from multiple benchmarks demonstrate that the
proposed method outperforms existing generative and discrimi-
native baselines. We present speech samples on our demo page1.

Index Terms—Generative target speech extraction, speech sep-
aration, Whisper, optimal transport conditional flow matching,
multi-task joint learning

I. INTRODUCTION

HUMANS possess a remarkable ability to focus on

specific speech in noisy environments, a phenomenon

known as the cocktail party effect. In signal processing, speech

separation [1] has been extensively studied to address this

challenge by decomposing speech mixtures into independent

sources. Target speech extraction (TSE), in contrast, focuses on

isolating the speech of a specific target speaker by leveraging

enrollment cues associated with that speaker. This approach

holds significant potential for various real-world applications.

Existing research on TSE can be categorized into dis-

criminative [2], [3], [4] and generative methods [5], [6],

[7]. Discriminative methods directly minimize the distance

between the model’s estimation and the target speech, typically
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Fig. 1. Overview of the proposed method. The solid line represents the
forward propagation flow; the dashed line represents the backpropagation flow.

by predicting a target speech mask and applying it to the

time-frequency spectrogram of the speech mixture. Following

this paradigm, significant efforts have been devoted to using

various neural network architectures for accurate target speech

mask modeling. Early studies employed convolution neural

networks [3] or recurrent neural networks [2] to model target

speech masks. More recently, advanced architectures such

as Transformers [8] and novel techniques like the band-

split method [9] have further improved the mask modeling

accuracy. Some recent studies [10], [11] have explored in-

corporating finer-grained target speaker cues to reduce the

risk of mistakenly extracting non-target speech. Despite these

advancements, mask-based discriminative methods inherently

suffer from imperfections in mask modeling. Such limita-

tions can lead to over-/under-suppression of target/non-target

speech, ultimately degrading perceptual quality.

On the other hand, generative methods directly model the

distribution of the clean speech for TSE, resulting in improved

perceptual quality [6]. Specifically, [5] introduces a conditional

diffusion model for generative TSE. In [6], [7], researchers

focus on the discrete speech domain, aiming to generate

discrete target speech tokens through a language modeling

approach. Compared to discriminative methods, generative

methods generally produce speech with higher perceptual

quality, as shown in [5], [6], [7]. However, these methods

often overlook the intelligibility of the re-synthesized target

speech, leading to semantic loss or alteration.

To address the aforementioned issues, we propose a joint

training paradigm for generative TSE with both high per-

ceptual quality and intelligibility. Recent advances in target

http://arxiv.org/abs/2501.14477v1
https://aisaka0v0.github.io/GenerativeTSE_demo/
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speaker ASR [12], [13], [14] demonstrate that the power-

ful encoder-decoder-based ASR model Whisper [15], despite

being trained only on single-talker utterances, can be effec-

tively prompted to focus on the target speaker in multi-talker

overlapped utterances. Inspired by this capability, we adopt

Whisper as the foundation model. As illustrated in Fig. 1,

our model features a shared target speech encoder built on

the pre-trained Whisper audio encoder, which is prompted

to focus exclusively on the target speech using both a target

speaker embedding and a segment of raw enrollment speech as

cues. For efficient fine-tuning, we employ low-rank adaptation

(LoRA) [16] within this module. The target speech tokens

extracted by the encoder are processed in a multi-task learn-

ing paradigm through two parallel branches: 1) an optimal-

transport conditional flow matching (OT-CFM) module [17],

[18], [19] for synthesizing high-quality target speech; 2) a

pre-trained text decoder to predict the target speech transcript

as additional training supervision for enhanced intelligibility.

Experiments on well-established benchmarks Libri2Mix [20]

and WSJ0-2mix [21] demonstrate that the proposed method

extracts target speech in superior perceptual quality and intelli-

gibility, highlighting the effectiveness of our proposed method.

II. METHOD

The proposed generative TSE model consists of three main

modules: 1) a shared target speech encoder that extracts target

speech tokens from the input speech mixture based on target

speaker cues; 2) a flow-based token-to-spectrogram synthe-

sizer that generates the target speech mel-spectrogram from the

target speech tokens; 3) a text decoder that predicts the target

speech transcript from the target speech tokens as additional

training supervision to enhance speech intelligibility.

A. Target Speech Encoder

The target speech encoder is built on Whisper [15], a power-

ful ASR model trained on web-scale speech data. Specifically,

the Whisper audio encoder takes a df -dimensional log-mel

spectrogram X ∈ R
df×T as input and encodes it into dm-

dimensional hidden speech tokens H ∈ R
dm×T/2 as:

H = AudioEncoderθe(Conv(Pos(X))), (1)

where the audio encoder is a multi-layer Transformer [22]

encoder parameterized by the pre-trained θe, and Pos(·),
Conv(·) represent the positional encoding and convolution

layer in the original Whisper implementation, respectively.

To adapt the pre-trained Whisper audio encoder into a

target speech encoder, we propose a joint prompting scheme,

prefixing both the target speaker embedding and the raw

enrollment speech as in [13] ahead of the original model input.

LoRA-tuning [16] is further applied to the pre-trained model

weights for efficient fine-tuning. Specifically, given the target

speaker embedding of the i-th speaker ei ∈ R
de , the log-

mel spectrogram of the enrollment speech Ei ∈ R
df×T ′

, and

the log-mel spectrogram of the multi-talker overlapped speech

X̃ ∈ R
df×T , the target speech tokens Hi ∈ R

dm×T/2 are

extracted as:

Hi = AudioEncoderθ′

e
([W ei,Conv([Pos

′(Ei),Pos(X̃)])]),
(2)

where [·, ·] denotes concatenation along T , W ∈ R
dm×de is

an affine layer aligning the speaker embedding to the model

dimension dm, and Pos′(·) is an additional learnable positional

encoding layer to distinguish the enrollment speech from the

speech mixture input. θ′e is LoRA-tuned model parameters as:

θ′e = {W0,j +BjAj | W0,j ∈ θe,LoRA} ∪ θe,others, (3)

where θe,LoRA is the set of selected weights tuned via LoRA,

specifically the weights in the query, key, value and output

layers of the attention module. Bj ∈ R
dm×k and Aj ∈ R

k×dm

are tunable low-rank matrices for the j-th selected weight ma-

trix W0,j . We set the LoRA rank k to 16 in our experiments.

B. Flow-Based Token-to-Spectrogram Synthesizer

The mel-spectrogram of the target speech is re-synthesized

from the target speech tokens by an optimal-transport condi-

tional flow matching [17], which is widely adopted in speech

tasks [18], [19], [23], [24] and has shown superior generation

quality. Formally, let x ∈ R
d denotes an observation from

an unknown distribution q(x). A probability density path is a

time-dependent probability density function pt : [0, 1]×R
d →

R > 0. To generate samples from the data distribution q, we

can construct a probability density path pt, where t ∈ [0, 1]
and p0(x) = N (x;0, I) is a prior distribution, such that

p1(x) approximates the data distribution q(x). Continuous

normalizing flows define a vector field vt : [0, 1]×R
d → R

d,

which generates the flow φt : [0, 1] × R
d → R

d through the

ordinary differential equation:

d

dt
φt(x) = vt(φt(x)); φ0(x) = x. (4)

By solving Eq. 4, we can approximate the speech distribu-

tion q(x) with p1(x) and sample from it. To learn the vector

field vt(x), we adopt the optimal transport conditional flow

[17] and force a neural network to match a conditional vector

field by minimizing the following loss:

LOT−CFM =

Et,p0(x0),q(x1)||ut(φ
OT
t (x)|x1)− vt(φ

OT
t (x)|µ; θf )||

2,
(5)

where φOT
t (x) = (1 − (1 − σ)t)x0 + tx1, ut(φ

OT
t (x)|x1) =

x1 − (1 − σ)x0, σ is a hyperparameter with a small value,

and µ represents a set of conditioning features, consisting of

speech tokens H and speaker embedding e. We follow the

implementation in [19] for the token-to-spectrogram module.

Finally, the waveform of the target speech is re-synthesized

from the mel-spectrogram by a HiFiGAN [25] neural vocoder.

C. Text Decoder

The text decoder predicts the target speech transcript from

the target speech tokens, providing additional training super-

vision to enhance speech intelligibility. Formally, given the

target speech tokens Hi extracted by the target speech encoder,

the text decoder predicts the probability of the next token

conditioned on the previous decoding results as:

p(yi,t|[c, yi,1:t−1],Hi; θd) = TextDecoderθd([c, yi,1:t−1],Hi),
(6)
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where c=[〈|SOT|〉, 〈|EN|〉, 〈|transcribe|〉, 〈|no-timestamps|〉]
is a sequence of condition tokens used for decoding control,

as defined in [15], and yi is a sequence of transcript tokens

for the i-th target speech. The cross-entropy loss for the text

decoder’s prediction is calculated as:

LCE = −
N∑

t=1

log (p(yi,t|[c, yi,1:t−1],Hi; θd)) . (7)

D. Training Objectives

The entire model is jointly optimized by minimizing a

combination of the flow-matching loss LOT−CFM and the

cross-entropy loss LCE , resulting in the final loss function:

L = LOT−CFM + LCE . (8)

For training efficiency, we only train the flow-based speech

re-synthesizer, the LoRA matrices in the target speech encoder,

and the positional embeddings for enrollment speech as de-

tailed in Eq. 2. All other parameters, including the pre-trained

weights of the speech encoder θe and text decoder θd, are kept

unchanged.

III. EXPERIMENTS

A. Datasets

We use the training sets from the LibriSpeech [26] corpus,

specifically train_clean_100 and train_clean_360,

to dynamically generate training speech mixtures. During

training, two randomly selected utterances from different

speakers are first zero-padded to match the same length. They

are then mixed under a signal-to-noise ratio (SNR) sampled

from a uniform distribution between (-5, 5) dB. The enrollment

utterance is chosen dynamically from the training set, ensuring

it shares the same speaker label as the target speech, and

it is padded or truncated to a fixed length of 5 seconds.

We use Libri2Mix [20] and WSJ0-2mix [21] as evaluation

benchmarks. All evaluation speech mixtures are sampled at 16

kHz and constructed under the max configuration as described

in [20]. For experiments on Libri2Mix, the enrollment speech

is selected from a held-out dataset following prior works [27],

[12]. Each speech mixture for two speakers is extracted twice

by alternating the enrollment utterances. For experiments on

WSJ0-2mix, the enrollment speeches are selected as per [28].

B. Evaluation Metrics

We employ a comprehensive set of metrics—deep noise

suppression mean opinion score (DNSMOS) [29], word error

rate (WER), and cosine similarity—to evaluate the perceptual

quality, intelligibility, and timbre consistency of the extracted

target speech, respectively. DNSMOS is primarily designed

to assess speech perceptual quality based on a deep learning

model but lacks a focus on speech intelligibility. Therefore, we

introduced WER, calculated by comparing the transcription

generated by a pre-trained ASR model (Whisper-small) with

the ground truth text. Additionally, cosine similarity is used

as a general indicator of non-lingual information preservation,

by comparing the embeddings of the model’s predictions with

those of the ground truth speech. The embeddings are extracted

using a pre-trained CAM++ [30] model. Note that, due to the

compression of high-frequency components and the absence

of phase in generative methods involving mel-based vocoders,

intrusive metrics such as SNR are not applicable for evaluating

the performance of such methods [6], [7], [31].

C. Implementation Details

We implement three different-sized models based on Whis-

per Small, Medium, and Large-V3, referred to as WhisperTSE-

S, -M, and -L, respectively. For efficiency, we initialize

the flow-based token-to-spectrogram module from pre-trained

weights provided by CosyVoice [19] instead of training it

from scratch. All models are trained on four A100 GPUs

using distributed-data-parallel with a global batch size of

8, and gradients are accumulated every two steps before

backpropagation. The training is conducted with the AdamW

[32] optimizer over a total of 10 epochs, starting with an initial

learning rate of 1e-4, which is reduced by a factor of 0.1 at

epoch 5.

D. Results and Analysis

1) Results on Target Speech Extraction: We first demon-

strate the performance of the proposed model in target speech

extraction and compare it with other generative and dis-

criminative baselines. For comparison, we introduce a mask-

based discriminative baseline called pBSRoformer, which uses

CAM++ [30] as the speaker embedding module and the

state-of-the-art source separation model BSRoformer [33] as

the target speech extractor. This model is trained on the

same dataset as our proposed WhisperTSE. Additionally, we

introduce two generative baselines: one is TSELM [7], which

models target speech in the discrete domain, and the other is a

vanilla cascading pipeline, where the output of the text decoder

is directly cascaded with a text-to-speech backend CosyVoice

[19]. All results are presented in Table I.

Compared with the discriminative baseline pBSRoformer,

generative methods avoid the over-/under-suppression issues

caused by imperfect mask modeling, resulting in better percep-

tual quality, as indicated by the DNSMOS metrics. Moreover,

the discriminative baseline does not explicitly model the se-

mantic information in the speech, leading to poorer intelligibil-

ity compared to our method. The proposed generative method

falls short of the discriminative method in terms of cosine

similarity. This is primarily due to the generative model’s

output not being strictly aligned with the target at the sample

level, a common observation also reported in other tasks such

as generative speech enhancement [31].

Compared with the discrete-domain generative baseline

TSELM [7], our proposed method comprehensively outper-

forms it in terms of perceptual quality, intelligibility, and

timbre consistency. This demonstrates the effectiveness of

our approach in modeling continuous speech tokens through

optimal-transport conditional flow matching for improved per-

ceptual quality, as well as the advantage of leveraging Whisper

for joint acoustic and semantic modeling to enhance speech

intelligibility. Finally, we compare against a vanilla cascading
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TABLE I
RESULTS ON TARGET SPEECH EXTRACTION. †: FOLLOWING [9], IMPLEMENTED WITH CAM++ [30] AS SPEAKER EMBEDDING MODULE AND

BSROFORMER [33] AS TARGET SPEAKER EXTRACTOR. ‡: IMPLEMENTED BY CASCADING THE TEXT DECODER OUTPUT WITH A TEXT-TO-SPEECH

BACKEND [19].

Method Category
Libri2Mix WSJ0-2mix

DNSMOS↑
WER,%↓ Cos Sim↑

DNSMOS↑
WER,%↓ Cos Sim↑

SIG BAK OVL SIG BAK OVL

Mixture - 3.52 3.53 2.98 70.28 0.668 3.53 3.49 3.00 45.74 0.737
Clean - 3.56 4.02 3.25 3.41 - 3.61 4.01 3.31 4.40 -

pBSRoformer† D 3.48 3.90 3.13 10.65 0.905 3.51 3.89 3.17 8.29 0.927

TSELM-L [7] G 3.52 4.07 3.25 31.14 0.560 3.59 4.10 3.33 15.21 0.576

Cascading‡ G 3.63 4.09 3.36 7.91 0.706 3.63 4.09 3.37 9.29 0.814

WhisperTSE-S G 3.62 4.16 3.38 13.91 0.762 3.62 4.16 3.39 8.44 0.818
WhisperTSE-M G 3.62 4.16 3.38 11.15 0.768 3.62 4.16 3.39 7.46 0.823
WhisperTSE-L G 3.61 4.16 3.38 8.30 0.788 3.62 4.17 3.40 6.10 0.843

TABLE II
ABLATION STUDY. ALL EXPERIMENTS ARE CONDUCTED ON

LIBRI2MIX-TEST-CLEAN USING WHISPERTSE-S MODEL.

Method
DNSMOS↑

WER,%↓ Cos Sim↑

SIG BAK OVL

Ours best 3.62 4.16 3.38 13.91 0.762
-w/o spk emb 3.62 4.16 3.38 13.98 0.747
-w/o enroll speech 3.61 4.17 3.38 20.04 0.736
-w/o joint training 3.60 4.15 3.36 23.26 0.791

baseline. Although it performs slightly better than the proposed

method in terms of intelligibility on Libri2Mix, the cascading

approach—where the speech mixture is transcribed into target

text and then used to synthesize target speech—loses all the

rich non-linguistic information present in the original speech

mixture. In contrast, our method retains much of this rich

paralinguistic information, as evidenced by the superiority

indicated by the cosine similarity metric.

2) Ablation Experiments: We then conduct an ablation

study to evaluate the effectiveness of each design component.

All results are shown in Table II. First, we explore the

effectiveness of various prompting strategies in adapting the

pre-trained Whisper audio encoder into a target speech encoder

by ablating the target speaker embedding (“w/o spk emb”) or

raw enrollment speech (“w/o enroll speech”). Overall, the pro-

posed joint prompting scheme achieves optimal performance

by effectively integrating both the target speaker embedding

and the raw enrollment speech. It is worth noting that raw

enrollment speech plays a crucial role, as evidenced by a

significant deterioration in both WER and cosine similarity

after its ablation. This highlights the importance of the local

information contained in the raw enrollment speech for accu-

rately identifying the target speaker, a finding also reported

in recent studies [10], [11]. Importantly, the proposed joint

optimization approach leads to a significant improvement in

speech intelligibility, as evidenced by nearly a 10% deteriora-

tion in the WER metric after its ablation. The improvement in

cosine similarity after the ablation of joint training suggests

that the model overly focused on acoustic details, leading to

a loss in its semantic modeling capability.

3) Visualization Analysis: Finally, we visualize the spec-

trograms of predictions made by our proposed method and

(a) Mixture (b) Ground Truth

(c) Discriminative Baseline (d) Ours Generative

Fig. 2. Spectrogram Visualization

the discriminative baseline in Fig. 2. The spectrograms pro-

duced by the proposed generative method are noticeably

cleaner, demonstrating superior perceptual quality. Moreover,

the speech extracted using our model, based on its energy

distribution in the time-frequency spectrogram, shows no per-

ceptible distortion compared to the ground truth. This suggests

that both the linguistic and non-linguistic information in the

original speech mixture are effectively preserved.

IV. DISCUSSION

In this work, we propose a generative target speech extrac-

tion framework based on the pre-trained Whisper model, inte-

grating semantic modeling with optimal-transport conditional

flow matching-based acoustic modeling to achieve both high

perceptual quality and intelligibility. Multiple evaluations on

well-established benchmarks demonstrate the effectiveness of

our proposed method. However, although experiments show

that the speech extracted by the proposed method outperforms

traditional discriminative methods in terms of speech quality,

the decrease in cosine similarity suggests that our generative

approach still introduces some distortions, leading to changes

or loss of non-linguistic details. This issue has also been

reported when applying generative methods to other tasks,

such as speech enhancement. Finding solutions to this problem

remains an area for further exploration.
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