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Abstract
Deep learning models for speech rely on large datasets, pre-
senting computational challenges. Yet, performance hinges on
training data size. Dataset Distillation (DD) aims to learn a
smaller dataset without much performance degradation when
training with it. DD has been investigated in computer vision
but not yet in speech. This paper presents the first approach for
DD to speech targeting Speech Emotion Recognition on IEMO-
CAP. We employ Generative Adversarial Networks (GANs) not
to mimic real data but to distil key discriminative information
of IEMOCAP that is useful for downstream training. The GAN
then replaces the original dataset and can sample custom syn-
thetic dataset sizes. It performs comparably when following the
original class imbalance but improves performance by 0.3% ab-
solute UAR with balanced classes. It also reduces dataset stor-
age and accelerates downstream training by 95% in both cases
and reduces speaker information which could help for a privacy
application.
Index Terms: self-supervised learning, dataset distillation,
speech emotion recognition, generative adversarial network.

1. Introduction
End-to-end (E2E) machine learning and self-supervised learn-
ing (SSL) techniques have revolutionized speech processing in
various tasks [1–3]. However, they rely on large data resources
for training, posing storage and data processing challenges. For
example, [4] utilized 180k hours of labelled data and required
20 days of training on 64 GPUs to train a single model. Such
data-intensive models present financial and logistical challenges
when faced with limited resources while posing severe environ-
mental impact [5]. Despite these issues, the current training
paradigm necessitates a vast amount of data [6].

Dataset Distillation (DD) [7] has emerged, showing great
promise for reducing training costs. DD aims to learn discrim-
inative and informative samples and form a smaller synthetic
dataset hoping to retain as much performance as the original
dataset. DD deviates from the “data-selection” paradigm [8]
where a smaller dataset is created by selecting representative
data points in the dataset. In contrast, DD learns abstract rep-
resentations that convey the dataset’s most discriminative infor-
mation, which may or may not look realistic.

DD is a popular emerging paradigm in Computer Vision
(CV) [9–13] yet it has not been explored for speech processing
tasks. DD for speech processing introduces unique challenges
due to the inherent differences between speech signals and im-
ages. Speech is a temporal signal with temporal dependencies.
Hence, there is relevant information to distil across time. This
paper proposes a first attempt of DD on speech processing task,
aiming to 1) significantly reduce the disk storage requirement

compared to the original dataset, 2) reduce training time compu-
tation on the downstream task, 3) make speaker identity harder
to recover to enhance privacy and 4) alleviate data-label im-
balance. Such goals should be achieved without considerably
hurting downstream model performance when training with the
distilled dataset.

Speech emotion recognition (SER) task in the IEMOCAP
dataset [14] is chosen as a case study for the following reasons.
First, SER is an utterance-level classification task, where the
variable length speech sequence is mapped into a single vector
for classification. This is a favorable starting point to analyze
the feasibility of this research direction on speech processing
before extending the approach to speech tasks that make pre-
dictions over frames of the speech sequence. Second, while
utterance-level classification makes the task more manageable,
the subtleties needed to model emotions are challenging and in-
teresting. The DD algorithm will need to convey discriminative
information of a speech signal for ER classification.

Fig. 1 shows the usage scenario of the proposed method.
Rather than training a downstream model with the original
dataset, which requires expensive model training due to hyper-
parameter tuning, downstream architecture selection, and so on,
we propose to learn a distribution that summarizes the training
data, and that is controlled only by the emotion class labels. By
learning a distribution that summarizes the training data across
emotion labels, we do not need to retain a record of the orig-
inal speech. Hence, our proposal implicitly enhances privacy.
Nonetheless, this does not means the proposal guarantees pri-
vate generated representations. Once this summary distribution
is learned as a generative model, a custom budget of samples
per class can be generated to train downstream models, perform
parameter tuning and so on. While training a generator incurs
a cost, our proposal aims to provide a generator that replaces
the dataset, meaning that training the generator is a once-for-all
process.

The method, depicted in Fig 2, employs a Generative Ad-
versarial Network (GAN) for DD in IEMOCAP, favored over a
Diffusion Probabilistic Model (DPM) due to its smaller size,
higher computational efficiency, and quicker on-the-fly data
generation capabilities [15]. Nonetheless, GANs have been de-
signed to generate real-looking data, differing from our goal of
learning a summary distribution of the dataset useful for down-
stream training. Hence, to make the GAN learn discriminative
information useful for downstream performance, we propose to
bias the GAN by adding a term that minimizes the Kullback-
Leibler (KL) divergence between the softmax probabilities of
emotion classes of downstream forward passes between the real
and synthetic data. We prevent the GAN from merely memo-
rizing the softmax probability distribution by sampling from a
variety of downstream model checkpoints, thereby introducing
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a range of possible KL divergence targets. Furthermore, a di-
versity penalty term is added to make the GAN sample more
diverse data on smaller synthetic dataset sizes. To test the effi-
ciency of the proposed method, we do ablations to see real data
test set performance on IEMOCAP. The results obtained show
that our proposal consistently maintains close accuracy perfor-
mance comparable to a model trained on the real IEMOCAP
dataset and it is consistently better than a GAN [16] trained
without our proposed criteria with statistical significance at a
p-value of 0.05. The proposed method reduces the dataset size
and training time by 95% with minimal performance degrada-
tion. Additionally, it improves SER over the real data training
when our method samples balanced datasets. Hence, the pro-
posal alleviates data imbalance issues inherent in IEMOCAP.
Finally, this proposal implicitly decreases speaker identity in-
formation which fosters possibilities for privacy related appli-
cations.

Figure 1: Usage scenario for DD on speech processing tasks.
fT(xtest) represents inference on a downstream model f
trained under dataset T.

Figure 2: Schematic representation of the proposed DD. The
blue dashed lines represent the standard training of a GAN

2. Related Work

While there is no work directly aiming to distill a dataset for
SER or any speech processing task, there is work that lever-
ages GANs for data augmentation in SER. In [17], an uncon-
ditional and conditional GAN was trained for the IEMOCAP
dataset. [18], uses a conditional GAN to do mel-spectrogram
augmentation to improve performance on less representative
emotion classes for IEMOCAP. [19] investigates CycleGAN
for emotion style transfer, aiming to generate realistic emo-
tion data. The study adds an evaluation of real test sets for
models trained on synthetic data only, revealing a performance
gap above 8% between training on real versus synthetic data.
There are more similar works using GANs for data augmen-
tation such as [20–22] but with different GANs architectures
and some recent work has attempted speech emotion recogni-
tion data augmentation using denoising diffusion probabilistic
models (DDPM) [23].

3. Dataset Distillation
Generally speaking, DD aims to learn a small dataset that
achieves comparable performance to the original dataset that it
is distilling from. Let T = (xi,yi)||T|

i=1 be the real dataset
consisting on data-label pairs xi,yi with xi ∈ Rd with d
the feature dimension and yi ∈ Rc with c the number of
classes. DD aims to create a synthetic dataset S = (sj ,yj)||S|

j=1

(|S| ≪ |T|). Once S is learned, the dataset is deployed to train
a downstream model, and that model is evaluated on the real
data test set.

DD methods are based on three strategies [7]: i) per-
formance matching: monitoring performance achieved by a
neural network with the original dataset versus the synthetic
dataset [9]; ii) gradient matching: match the gradient in a neu-
ral network of the original and synthetic dataset at each itera-
tion [10]; iii) distribution or feature matching: match the fea-
tures produced on a neural network for the real and synthetic
data [11, 12]. In general, the algorithm will define a fixed bud-
get of number of elements per class when doing DD. Hence, if
a different budget is needed, a whole DD training must be done
again. Differently, the works [24, 25] distill CV datasets into a
generative model. Hence, rather than directly learning a dataset
S, they learn a generator g that can sample different datasets
based on a sample per class budget. Our proposal is motivated
by these ideas.

4. Dataset Distillation for Speech Emotion
In this paper, rather than directly learning a dataset S, a gener-
ative model g is learnt to generate summary distributions of T.
Once g is learnt, custom-defined samples per emotion can be
generated. Small-size generative models are designed, thereby
significantly decreasing storage requirements of the original
dataset as seen in Table 1.

The proposed approach consists of two stages, the first
stage is a standard GAN training, particularly the condi-
tional Wasserstein GAN implementation with gradient penalty
(WGAN-GP) [16]. In WGAN-GP, the discriminator dω , with
ω the weight parameters, is optimized as,

LDADV(w) = E
z∼P (z)

[dω (gϕ(z))]− E
x∼P (x)

[dω(x)] + λ1LGP(w), (1)

where gϕ is the generator parametrized by the weights ϕ, P (z),
P (x) denotes the distribution of noise (latent) vectors and real
samples respectively. A noise vector z ∼ P (z) contains the
information of the label y in the form of a one-hot vector,
i.e. z ≡ [y ⊕ e], with ⊕ the concatenation operation and
e ∼ N (0, 1).

The gradient penalty LGP(w) is needed to have a valid
Wasserstein distance computation and λ1 controls the impor-
tance of this term. We use λ1 = 10 as in the original WGAN-
GP [16].

The generator in WGAN-GP is trained to minimize,

LGADV(ϕ) = − E
z∼P (z)

[dw (gϕ(z))] . (2)

Additionally, motivated by speech processing research on mel-
spectrogram inversion [26,27], we add a feature matching (FM)
loss, shown to improve stability for generator training. The FM
loss is defined as,

LFM (gϕ,dw) = E
x∼P (x)
z∼P (z)

[
M∑
l=1

1

M

∣∣∣d(l)
w (x)− d(l)

w (gϕ(z))
∣∣∣] , (3)



where d
(l)
w is the feature map at the “l-th” layer of the discrim-

inator dw, and M the number of layers. Eq. (3) helps the gen-
erator to sample features on the same space than the real data.

Finally, to use the conditioning class label information, a
cross-entropy loss is added. Then, the final loss for the discrim-
inator is,

LD = LDADV(ω) + λ2 E
x∼P (x)

[
CE(d class

w (x),y)
]

+ λ3 E
z∼P (z)

[
CE(d class

w (gϕ(z)),y)
]
, (4)

with CE denoting the cross-entropy loss, d class
w (·) the logits

distribution of the emotion classes y, and λi represent scalar
weights. The final generator loss is,

LG = LGADV(ϕ) + λ3 E
z∼P (z)

[
CE(d class

w (gϕ(z)),y)
]
+ λ4LFM. (5)

Eq. (4) and (5) are designed to generate data that resembles
real instances as done in previous work [18, 19]. The aim of
this paper diverges from conventional uses of GANs for creat-
ing real-looking data. Instead, the focus is on harnessing GANs
to generate key discriminative information that serves down-
stream model performance so that it can be used for DD. This
point is important as it differs from the paradigm of generating
the same distribution of the original dataset but rather a distri-
bution that contains the information useful for downstream task
training. To achieve this goal, a softmax probability matching
method is proposed to minimize the KL-divergence between the
softmax probabilities of real and synthetic data across a range
of downstream model checkpoints, this range is needed to avoid
the GAN memorizing the logits distribution of a single model.
The proposed softmax matching loss (SML) enforces the gen-
erator gϕ to generate representations that are useful for down-
stream model training. Specifically, let Θ consist of a distribu-
tion of model checkpoints. For any sampled model fθ from this
set, where θ ∼ Θ represents the downstream model weights,
the SML is defined as,

LSML =
1

B

B∑
j=1

|y|∑
i=1

fθ(xj)i log

(
fθ(xj)i

fθ(gϕ(zj))i

)
, (6)

for |y|, the number of classes, B the batch size and fθ(·)i is the
softmax probability of the i-th class given some real observation
xj or generated representation gϕ(zj) .

Furthermore, inspired by [28], a diversity penalty is in-
cluded into the generator gϕ to encourage the generation of a
wider variety of samples. Rather than producing samples clus-
tered around a mode, the goal is to span the support of the real
data as broadly as possible. The diversity penalty loss is defined
as,

LDIV(gϕ) = − E
z1,z2∼P (z)

[
min

(
|gϕ(z1)−gϕ(z2)|

|z1−z2| , τ
)]

, (7)

with τ a scalar that bounds the diversity penalty for stability.
Eq. (7) compares noises of the same class. Then, for two vec-
tors z1 and z2, if z1 ≈ z2, the generator should generate two
similar vectors. On the other hand, if the noises are different,
then the generator should generate a different representation,
thus avoiding mode collapse.

Finally, the proposed DD method consists of the same dis-
criminator loss of Equation (4) and the following generator loss,

LGDD = LG + λ5LDIV + λ6LSML. (8)

Table 1: DD size reduction of training set of IEMOCAP

Audio SSL GAN Size Reduction (%)
Files feats Size Audio SSL feats

GAN-CNN 1.8 GB 2.4 GB 0.1 GB 94.44 95.83
GAN-ATT 0.06 GB 96.95 97.50

5. Experiments
5.1. Implementation details
Dataset and SSL setup: As explained in Section 1, SER task
is chosen and SUPERB [29] framework is followed for easy
reproducibility and comparison with real data training. Experi-
ments follow the leave-one-out session and only leave-out Ses-
sion 1 is assessed due to computational resource restrictions.
Nonetheless, in order to account for the possible variance in the
results, McNemar’s test is conducted at a p-value of 0.05 to ver-
ify statistical significance. The training data consists of Session
2 to 4, spanning 3,556 audios to distill. Motivated by [17,19,30]
that does GAN data augmentation on a time averaged openS-
MILE [31] representation, this work generates a distribution on
SSL representations but retaining the time dimension. Distil-
lation is done over HuBERT Base [1] SSL representations and
evaluations are done with Unweighted Average Recall (UAR)
to account for class imbalance.
Discriminator and Generator Architecture: Two small size
architectures are considered. The first, named GAN-CNN, is a
WGAN-GP model utilizing solely convolutional layers (CNN)
for both its discriminator and generator. The discriminator is
composed of 8 2D-CNN layers, each featuring layer normaliza-
tion and leaky-relu activation. The final CNN layer connects
to two feed-forward layers: one calculates the Wasserstein dis-
tance, and the other predicts the class category. The generator in
GAN-CNN employs 2D CNN and transposed convolution lay-
ers followed by batch normalization and leaky-relu activation.
There is no tanh operation at the generator’s output, because the
original SSL features are not limited to the [-1,1] range.

Using only CNN layers for the generator has the inductive
bias that points that are spatially close to each other are cor-
related while neglecting long-range correlations. Nonetheless,
for SER, modeling a long temporal context over each feature di-
mension may be important. Hence, the generator is modified to
include only one self-attention operation over the time dimen-
sion after the 4-th CNN layer. To reduce number of parameters
even further, the number of channels in the CNN layers are re-
duced from 256 to 128 and dilation is included to increase the
receptive field of each CNN layer. This architecture is called
GAN-ATT. Both models train on an A100-SXM4-40GB GPU,
requiring 30 GPU hours each. Table 1, shows the sizes of the
two GAN’s architectures, highlighting a nearly 95% size reduc-
tion compared to the original IEMOCAP audio. Such results in
Table 1 are important when scaling up to bigger datasets.
5.2. GAN as a dataset distillator
Table 2 analyzes the effect of training with a traditional WGAN-
GP (Baseline) versus the proposed losses LDIV and LSML for the
two generator architectures mentioned. DD aims to learn key
discriminative information for training. In order to evaluate the
efficiency of the discriminative information modelled, it is com-
mon to analyze DD performance using a small number of dat-
apoints. Therefore, Table 2 analyzes such results under a low
points per class (ppc) budget of 50 ppc (5.6% of the size of the
original dataset) and 100 ppc (11.2% of the size of the origi-
nal dataset). Additionaly, to analyze how the proposal scales to



Table 2: SER UAR (%↑) for downstream model trained only
with generated data. Two generators are evaluated, GAN-CNN
and GAN-ATT, under 50 points per class (ppc) and 100 ppc.
Baseline denotes the GAN without DD criterions. † denotes
a McNemar’s test statistically significant difference over the
Baseline.‡ denotes significance over the +LSML model.

Model GAN-CNN GAN-ATT
ppc 50 100 50 100 800 1800

UAR UAR UAR UAR UAR UAR
Baseline 47.75 53.01 56.31 59.07 61.44 62.05
+ LDIV 48.52 53.25 58.89 60.52 62.20 62.86
+ LSML 53.79† 60.52† 56.99† 60.26† 63.96† 64.07†

+ LDIV + LSML 54.99†‡ 60.99†‡ 60.27†‡ 61.95†‡ 64.35†‡ 64.70†‡

Table 3: UAR (%↑) test performance for real data training (Real
SSL) and for GAN-ATT trained for balanced and imbalanced
class labels distribution scenarios.

Method 2447 points 2447 points Full data Full data
Balanced Imbalanced Imbalanced Balanced

Real SSL 64.09 63.59 64.20 -
GAN-ATT 64.47 63.21 63.69 64.50

bigger data samples, results with 800 ppc and 1800 ppc are in-
cluded for GAN-ATT. All results are evaluated on the real data
of Session 1 in IEMOCAP. From Table 2, it is evident that incor-
porating the proposed LDIV and LSML into the Baseline WGAN-
GP significantly improves UAR across both generator architec-
tures (GAN-CNN and GAN-ATT) and for both 50 ppc and 100
ppc dataset budgets. Furthermore, it can be seen that both terms
are complementary. When comparing the Baseline with models
using either LDIV or LSML individually, there is a noticeable im-
provement in performance. For instance, in the GAN-CNN ar-
chitecture at 50 ppc, the UAR improves from 47.75% to 48.52%
with LDIV and to 53.79% with LSML and to 54.99% when both
terms are used together. For the GAN-ATT architecture, the
trends are analogous. Interestingly, the GAN-ATT generator
using both terms proposed for a budget of 11.2% of the orig-
inal dataset size can achieve an UAR score of 61.95% which
is only 2.25% less than the model trained with the full original
training data (see first row in Table 3). For bigger data budgets,
GAN-ATT surpasses the performance of the model trained with
the original training set. Notably, two-tailed McNemar’s test is
performed at a p-value of 0.05 and results shows statistical sig-
nificance for the LSML and LDIV +LSML models when compared
to the Baseline. Additionally, the Baseline+LDIV+LSML model
is also statistically significant when compared with +LSML only.

Table 3 compares GAN-ATT’s performance against real
data training in both balanced and imbalanced scenarios.
IEMOCAP is a well known imbalanced dataset, meaning that
some classes are represented more than others. Training with
imbalanced data may hurt performance and hence using a GAN
to alleviate this issue may be of importance. Last column of
Table 3 shows that using the same size than the original dataset
but with balanced classes improves performance than training
with the original dataset. On the other hand, Full data Imbal-
anced column assess GAN-ATT under the same class label dis-
tribution of the original train set which shows similar perfor-
mance than the model trained with real SSL. Besides, in or-
der to test the real data set in a balance scenario, we select all
the datapoints from the minority emotion class (693 utterances)

Table 4: SID Accuracy (Acc) with different speaker embeddings.

Speaker Embedding Acc (%↓)
SID downstream model 80.89
SER downstream model with Real SSL 44.87
SER downstream with Baseline WGAN-GP 42.87
SER downstream with Proposed GAN-ATT 37.99

and randomly select 693 utterances for each of the rest of emo-
tion classes. Similarly, we analyze performance of 693 ppc for
the GAN-ATT (2447 points in total) and finally we see perfor-
mances of real SSL and GAN-ATT under the imbalance sce-
nario for 2447 datapoints. Findings in Table 3 suggest that the
proposed method can be used to alleviate data label imbalance
because GAN only training can improve performance versus
real data training. Such results suggest that having a generative
model that can modify the train data class label distribution is
beneficial and is a strength of this proposed method. Finally,
we noticed that using GAN data makes the downstream model
quickly converge on the real validation set, making the model
to be trained in less than 5 minutes. On the other hand, real
data training convergence is slower, taking around 90 minutes
to train which is nearly a 95% time reduction for downstream
model training. This efficiency facilitates quicker hyperparam-
eter optimization for downstream models, showcasing another
advantage of our approach.

5.3. On the privacy aspect
Although this method does not inherently guarantee privacy,
its use of GANs to learn SSL-like representations, conditioned
solely on emotion labels, does not seem optimal to retain other
forms of information. This section focuses on speaker iden-
tity, but similar arguments can be made about the retention of
information such as content. The model’s design, results in
the generation of abstract representations that enhance down-
stream model performance for SER. This implicitly bolsters pri-
vacy by limiting the frame-level information necessary for accu-
rate speech reconstruction. To assess the potential for retaining
speaker information, we propose testing using the downstream
model’s first layer as a speaker embedding, a technique widely
recognized in speaker identification (SID) studies [32, 33]. Ta-
ble 4 shows such results for SUPERB SID task, where our pro-
posed method reduces speaker information by 6.88% compared
to the linear layer of a downstream model trained for SER with
real SSL representations. While these results do not mean the
GAN-ATT ensures privacy, it does mean there is an implicit
reduction on speaker identity modelling which could serve as
a starting point for explicitly training DD that ensures privacy.
This will be investigated in future work.

6. Conclusions
This study introduced DD for SER by leveraging a GAN to gen-
erate datasets that are useful for downstream model training. A
softmax probability matching loss is proposed to achieve such
goal. Diversity penalty is proposed to sample more variety of
synthetic datapoints. The method achieves performance on par
compared to real data downstream model training while sub-
stantially reducing dataset size and downstream training time.
Our method can alleviate data label imbalance. Our method
as well carries less speaker information which could serve as a
starting point for an application on privacy preserving dataset
distillation. Future work will analyze this direction as well as
scaling to bigger datasets.
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