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Abstract—Tools to generate high quality synthetic speech that
is perceptually indistinguishable from speech recorded from hu-
man speakers are easily available. Many incidents report misuse
of synthetic speech for spreading misinformation and committing
financial fraud. Several approaches have been proposed for
detecting synthetic speech. Many of these approaches use deep
learning methods without providing reasoning for the decisions
they make. This limits the explainability of these approaches.
In this paper, we use disentangled representation learning for
developing a synthetic speech detector. We propose Disentangled
Spectrogram Variational Auto Encoder (DSVAE) which is
a two staged trained variational autoencoder that processes
spectrograms of speech to generate features that disentangle
synthetic and bona fide speech. We evaluated DSVAE using the
ASVspoof2019 dataset. Our experimental results show high accu-
racy (> 98%) on detecting synthetic speech from 6 known and 10
out of 11 unknown speech synthesizers. Further, the visualization
of disentangled features obtained from DSVAE provides
reasoning behind the working principle of DSVAE , improving
explainability of our method. DSVAE performs well compared to
several existing methods. Additionally, DSVAE works in practical
scenarios such as detecting synthetic speech uploaded on social
platforms and against simple attacks such as removing silence
regions.

Index Terms—disentangled representation learning, synthetic
speech detection, explainable AI, autoencoder

I. INTRODUCTION

Generating perceptually human-like synthetic speech has
been of interest for a long time. Traditional synthetic speech
methods either use source modeling or simple waveform
cut-paste techniques to generate synthetic speech [1]–[3].
Recent deep learning methods can generate high-quality and
semantically consistent long-duration speech signals [4]–[6].
Some deep learning methods can generate synthetic speech
that can mimic language accents and impersonate persons
using 3 seconds of their speech [7]–[9]. The diminishing
perceptual difference between synthetic speech and bona fide
human speech is useful in applications such as voice assistants,
games, and e-learning [10]–[12]. However, several incidents
have reported misuse of synthetic speech for spreading misin-
formation [13], committing financial fraud [14], and using for
impersonation attacks [9]. To prevent such misuse of synthetic
speech, there is a need for development of methods that can
detect synthetic speech.

Several methods have been proposed for detecting synthetic
speech [15]–[21]. These methods have shown promising de-

tection accuracy but lack in interpretability/explainability. By
interpretability we mean that the method provides reasoning
for the decision it makes [22]. Kien et al. argued that
representations produced by a neural network are interpretable
by humans only if they are discriminative w.r.t one attribute
(characteristic) [23]. For example, in speech synthesis, if
one of the representation controls only the accent of the
speech signal and a different instance of this representation
generates a different accent in speech, then the representation
is discriminative w.r.t only one attribute i.e., accent.

Disentangled representation learning has been proposed as
an approach to learn interpretable representations from a neu-
ral network [24]–[27]. This approach separates the network’s
latent representations into different components. Tang et al.
used disentangled representation learning to control certain
regions while generating synthetic images [28]. Disentangled
representation learning has also been used to generate in-
terpretable representations for face anti-spoofing [26], [27].
The disentangled representation learnt for face anti-spoofing
will be independent of the content in image and will be
different depending on only one attribute i.e., whether face
image is spoofed or is pristine. For example, two images
with identical faces/content in them will have different/farther
representations if one image is spoofed and other image is
pristine. So, visualization of the disentangled representation
will show evident discrimination between representations of
pristine and spoofed face images. Such a visualization can
provide forensic analysts with reasoning behind working of
the detector making it more explainable. Disentangling the
representation improves the method’s ability to generalize to
unseen face-spoofing attacks [25], [27].

Generalization to unseen attacks is also important for
synthetic speech detectors. One major challenge involved in
synthetic speech detection is the increasing number of synthe-
sizers which makes it practically infeasible to include synthetic
speech from all possible speech synthesizers during training.
This demands that synthetic speech detection methods should
generalize to unknown synthesizers that were not included
in training. Motivated by the success of disentangled repre-
sentation learning in face anti-spoofing [24]–[27], controlled
image generation [28], voice conversion [29], [30], and speech
generation tasks [31], we propose a method to use it for
developing a detector for synthetic speech detection.
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The contributions of our paper are as follows. (a) We
propose Disentangled Spectrogram Variational Auto Encoder
(DSVAE), a dual stage network using speech spectrogram
for synthetic speech detection. (b) The disentangled repre-
sentations obtained from DSVAE when visualized provide
explanation behind the decision made by the detector and
enable generalization of our method to 10/11 unknown synthe-
sizers. (c) We use disentangled representation and generate an
activation map to highlight regions in the spectrogram that help
to make the decision. (d) DSVAE performs better than several
existing methods using spectrogram and baselines provided in
the ASVspoof2019 Challenge. (e) We also investigate perfor-
mance of DSVAE in two practical scenarios: when synthetic
speech is uploaded on social platforms and during simple
attacks like silence removal from speech. DSVAE performs
well in these scenarios.

The rest of the paper is organized as follows. In Section II
we discuss existing methods for synthetic speech detection
and disentangled representation learning. Section III de-
scribes Disentangled Spectrogram Variational Auto Encoder
(DSVAE). Section IV describes the dataset used in our exper-
iments and the implementation details. Section V discusses our
experimental results. Finally, Section VI concludes the paper
with our last remarks.

II. RELATED WORK

In this section we describe existing work in synthetic speech
detection and disentangled representation learning.

A. Synthetic Speech Detection

Some methods for synthetic speech detection use hand
crafted features such as cepstral coefficients to detect synthetic
speech [21], [32]–[35]. These hand crafted features include
temporal and spectral features such as Constant Q Cepstral
Coefficients (CQCCs) [33], Mel Frequency Cepstral Coeffi-
cients (MFCCs) [34], Constant-Q Transform (CQT) [21], and
Linear Frequency Cepstral Coefficients (LFCCs) [21]. Since
feature selection procedure can be tedious, other approaches
process the time-domain speech signal as a sequence [15]
using Recurrent Neural Network (RNN) [36]. The Fourier
Transform can be used to convert a time domain speech signal
into an image representation known as a spectrogram [37].
The spectrogram has been used for speech forensics using a
transformer neural network [38] or a Convolutional Neural
Network (CNN) [18], [19], [39]–[41].

These methods for synthetic speech detection lack inter-
pretability [22], [42], i.e., they do not provide any reasoning
behind how a detector produces its output. Some work has
been done in providing explanations for synthetic speech
detectors output [43]–[47]. For example, Ge et al. [46]
analyzed the detector behaviour using Shapley Additive Ex-
planations [48] and Chettri et al. [44] used Local Interpretable
Model-Agnostic Explanations [49] to provide artifacts that
contribute most to synthetic speech detectors output. Tak et
al. in [43] analyzed different sub-band components of the
spectrum of a speech signal obtained using Fourier transform

to explain which sub-band contributes most to synthetic speech
artifacts. These methods mainly focus on post analysis of
detectors to add explanation behind its working.

In this paper, we examine spectrogram representations of
speech to obtain disentangled representations using a Varia-
tional Auto Encoder network. These disentangled representa-
tions when visualized provide explanation behind working of
detector.

B. Disentangled Representation Learning

Disentangled representation learning methods leverage the
idea that it is possible to divide learned representations into
multiple explainable components [23], [24]. This concept has
been used in generative networks for image generation to
control regions of synthetic images [28], [50]. Some methods
have also used disentangled representation learning for voice
conversion, and voice style transfer during speech synthe-
sis [29], [30], [51], [52].

The use of disentangled representation learning in foren-
sic applications is mostly limited to face anti-spoofing sys-
tems [26], [27]. Zhang et al. proposed a one stage disentangle-
ment network using autoencoder for face anti-spoofing [26].
Wang et al. also used an autoencoder neural network but
with a two stage training strategy to generalize performance to
unseen face spoofing attacks [25]. Two stage disentanglement
autoencoder proposed in [25] showed better generalization
to detect unknown face spoofing attacks. We propose a vari-
ational autoencoder architecture and use two stage training to
learn disentangled representation for speech forensics.

III. PROPOSED METHOD

In this paper we propose Disentangled Spectrogram Vari-
ational Auto Encoder (DSVAE) to detect if a speech signal
under analysis is bona fide or synthetically generated. We do
so by exploiting variational autoencoders that provide disen-
tangled representation of the input speech signal. We refer to
these representations as disentangled because they depend on
only one characteristic of speech signal i.e., whether speech
signal is bona fide or synthetic. Hence, these representations
disentangle when visualized for bona fide and synthetic speech
adding explanation behind the working of detector. The dis-
entangled representation is also used to compute an activation
map that highlights which regions of the input are used
for classification. Together with disentangled representation
and an activation map DSVAE sheds light on the working
principle of the detector, making it more explainable.

In this section, we first provide an overview of the overall
proposed method. Then we report additional details about the
training procedure.

A. Overall Approach

An autoencoder maps an input data point to a representation
vector. A variational autoencoder maps input to a distribution
from which the data point could have been generated [53].
Wang et al. and Zhang et al. used autoencoder network for
face anti-spoofing [25], [26]. We modified their autoencoder
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architecture, added stochastic variational inference and learn-
ing [53], and optimized the obtained variational autoencoder
for processing spectrograms. Contrary to face images, spec-
trograms are 2-D single channel inputs and require different
number of layers, kernel size, and dimension of representation
vector. The architecture of our optimized variational autoen-
coder can be found in our code.

Given a time domain speech signal x, we compute the
magnitude of its Short Time Fourier Transform (STFT) using a
Hanning window of size 25 ms with a shift of 10 ms to obtain
the spectrogram [37]. We used these parameters following
previous methods which use spectrogram for general audio
classification and speech forensics tasks [54], [55]. We convert
the frequency axis of the spectrogram from the Hertz scale to
the mel-scale [56]. The mel-scale correlates better with the
human auditory system as compared to the Hertz scale [56].
The conversion between the Hertz frequency scale fHz and the
mel frequency scale fmel [56] is obtained by

fmel = 2595 · log10
(
1 +

fHz

700

)
(1)

We represent the mel-scale spectrogram by X. Our claim
is that the mel-spectrogram X can be decomposed into two
parts that contain complementary pieces of information about
the speech signal. The first type of information is general
speech information which is common in both bona fide and
synthetic speech signals. We denote this by FG (see Fig. 1
and Fig. 2) and refer to it as the general speech representation.
The second type of information discriminates bona fide speech
from synthetic speech. We denote it by FD (see Fig. 2) and
refer to it as the disentangled representation. The disentangled
representation discriminates w.r.t whether the speech signal is
bona fide or synthetic.

We use a two stage training approach to obtain FG and
FD. In Training Stage 1, we use the General Representation
Network described in Section III-B (Fig. 1) to obtain FG.
Once we obtain FG, we fix the weights of the encoder EG

that provides general speech representation i.e., FG in Fig. 2
and then train the Disentangled Representation Network and
the Unsupervised Activation Generation Network described
in Section III-C (Fig. 2) to obtain FD and an activation
map Amap. Amap shows regions of spectrogram that contain
discriminative features for detecting synthetic speech.

During evaluation/inference, we do not need to obtain
the general speech representation i.e., FG. We need the
disentangled representation i.e., FD to decide whether a
speech signal is synthetic or bona fide. The block diagram
for our evaluation/inference stage is shown in Fig. 3.

B. Training Stage 1

In the first training stage, we train the General Representa-
tion Network shown in Fig. 1 for the self-supervised task of
reconstructing the input spectrogram that contains the common
speech information [25], [53]. We do not use any synthetic
speech signals during this stage. We train only on real speech

signals. This ensures that the method does not learn any
discriminative features during this stage.

The variational autoencoder consists of an encoder EG and
a decoder D. The Encoder EG produces a general speech
feature vector FG from the spectrogram X. The Decoder D
uses FG to reconstruct the spectrogram of the common speech
information. We denote the reconstructed spectrogram by X̃,
where X̃ = D(EG(X)).

We train the network using a weighted average of two loss
functions: the reconstruction loss; the Kullback-Leibler (KL)-
divergence loss. The reconstruction loss Lrecon is defined as

Lrecon = E[||X− X̃||22], (2)

where E is the expected value/mean of the square error
between the input X and the output X̃. The KL-divergence
loss LKL1 is the typical loss function used for variational
autoencoders and is defined as

LKL1 = ΣiKL(qgi (z
g|x)||p(zg|x)) (3)

Here, qg is the distribution learned by encoder EG, p is the
true prior distribution, x is an instance of input spectrogram
X, and zg is an instance i.e., FG sampled from the learned
distribution. We followed reparameterization mentioned in
[53] for variational autoencoder EG and LKL1.

C. Training Stage 2

In the second training stage, we train the Disentangled
Representation Network and the Unsupervised Activation
Generation Network shown in Fig. 2 to obtain the disentan-
gled representation and the activation map. The Disentangled
Representation Network processes the spectrogram X using
two identical variational autoencoders EG and ED to obtain
a general speech representation FG and a disentangled rep-
resentation FD. The goal of the second training stage is to
learn interpretable features that differentiate/disentangle bona
fide speech from synthetic speech.

We fix the weights of EG to the weights obtained from
Training Stage 1 (Section III-B). Fixing the weights of EG

fixes the network used for obtaining the general speech
representation from the input speech signal. Note that we
hypothesize that both bona fide and synthetic speech have
these general features and they are common for both classes.
We concatenate the general feature vector FG and the disen-
tangled feature vector FD to form F. We process F using a
decoder Drec to reconstruct the spectrogram. We denote the
reconstructed spectrogram as X̂ (see Fig. 2). Note that while
learning the general speech representation in Training Stage 1
we used a different decoder D (see Fig. 1).

To train this network we minimize a weighted average of
multiple loss terms. To generate spectrograms similar to the
original input spectrograms, we use the reconstruction loss
Lrecon described in Section III-B. We also use the KL-
divergence loss LKL2 for the encoder ED defined as

LKL2 = ΣiKL(qdi (z
d|x)||p(zd|x)) (4)
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Fig. 1: Block diagram of DSVAE for Training Stage 1: The General Representation Network.

Fig. 2: Block diagram of DSVAE for Training Stage 2: The Disentangled Representation Network and The Unsupervised
Activation Generation Network.

Fig. 3: Block diagram of DSVAE for evaluation/inference.

Here, qd is the distribution learned by encoder ED, p is the
true prior distribution, x is an instance of input spectrogram
X, and zd is an instance i.e., FD sampled from the learned

distribution. To disentangle FD for bona fide and synthetic
speech signal we use the CosFace loss Lcos proposed in [57].
This loss minimizes intra-class variance of FD and maximizes
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inter-class variance by maximizing the decision margin in the
angular space [57].

The Unsupervised Activation Generation Network further
processes the disentangled feature FD to generate an activation
map that highlights the spectrogram region that is captured by
the disentangled representation. We denote the activation map
by Amap. DSVAE processes FD using the Decoder Dmap

to create the activation map Amap. Following [25], to avoid
trivial identity activation map, we impose L1 regularization on
the activation map for bona fide speech signal. We refer this
loss as Lcon and it is defined as

Lcon = E[||Amap||1] (5)

where E is the expected value from all bona fide speech
signals. This loss helps to ensure that the activation map is
not an identity map activating all regions of spectrogram.
We take dot product of the activation map Amap and the
spectrogram X to obtain the activated spectrogram map Xmap.
Following previous work in face anti-spoofing [25], [26], we
process Xmap using a classifier C to obtain probability of the
speech signal being synthetic which is used to determine the
prediction label i.e., , ŷ. To train the classifier C, we use the
binary cross entropy loss Lbce defined as

Lbce = E[−y · log(ŷ) + (1− y) · log(1− ŷ)] (6)

where E is expected value from all speech signal, ŷ is the
prediction label from classifier C and y is ground truth label
i.e., equal to 1 for synthetic speech and 0 for bona fide speech.

IV. EXPERIMENTS

In this section, we describe the dataset used for our exper-
iments, the objective metrics, and the parameters used in our
implementation.

A. Dataset

We use the Logical Access (LA) part of the ASVspoof2019
dataset [32], [58]. This dataset contains approximately 121.5k
speech signals. These signals are divided into a training set
Dtr, a validation set Ddev , and an evaluation set Deval [32] in
the approximate ratio of 1:1:3. Each set is highly unbalanced
w.r.t the number of bona fide and synthetic speech signals.
There are approximately 89% synthetic speech signals and
11% bona fide speech signals in each set. These speech signals
are encoded using the Free Lossless Audio Codec (FLAC)
format [59].

We select this dataset for evaluation because it contains
synthetic speech signals from unknown synthesizers in the
evaluation set Deval. Investigating this dataset helps us to
identify if our disentangled representation generalizes to un-
known synthesizers. The dataset contains synthetic speech
signals from 19 speech synthesizers A01 to A19. Two pairs
of synthesizers namely (A04, A16), and (A06, A19) have
the same underlying architectures but are trained on different
datasets. Therefore, overall there are only 17 different speech
synthesizers. All 17 speech synthesizers can be categorized
into one of the three categories based on the type of generation:

neural networks, vocoders, and waveform concatenation [58].
There are 63.9k synthetic speech signals in the Deval set, out
of which 61.5k synthetic speech signals are generated from
11 unknown synthesizers A07 to A18 (except A16) that are
not present in Dtr or Ddev . The training and validation sets
contain synthetic speech signals from methods A01 to A06.
The bona fide speech signals in the training, validation, and
testing sets are recorded from human speakers which do not
overlap among the three sets.

B. Evaluation Metrics

We use Equal Error Rate (EER) as our performance metric
for evaluation. It is the recommended metric for comparison
in the ASVspoof2019 Challenge [32], [58]. We obtain EER
from Receiver Operating Characteristics (ROC) by finding the
rate where False Negative Rate (FNR) and False Positive Rate
(FPR) are equal. Lower the EER, the better is the performance
of a method. We also report detection accuracy [60] which
is percentage of total correct classifications out of all the
classifications made.

C. Implementation Details

For Training Stage 1 (i.e., to find the general speech
representation) we use speech signals from the Audioset
dataset [61]. We fixed the dimension of general speech rep-
resentation vector (i.e., FG) to 512 dimensions. We use the
Adam optimizer [62] with an initial learning rate of 10−3, a
decay rate of 5× 10−7 and trained the network using a batch
size of 256. We trained the network for ≈ 333K iterations
until convergence (the loss is not changing and is below
0.37). We use Lrec and KL-divergence loss LKL1 described
in Section III-B for training the variational encoder EG.
Therefore, the loss for Training Stage 1 (Lstage1) is given
by

Lstage1 = Lrecon + LKL1 (7)

For the second stage of training we use the AdamW [63]
optimizer with an initial learning rate of 10−4 and a weight
decay of 10−3 for training. We fixed the dimension of dis-
entangled speech representation vector (i.e., FD) to 512
dimensions. We fixed the weights of the variational encoder
EG and trained using the sum of five losses- Lbce, Lcos, Lcon,
LKL2, and Lrecon. These losses are defined in Section III-B
and Section III-C. Therefore the loss for Training Stage 2
(Lstage2) is

Lstage2 = Lrecon + Lcos + Lcon + LKL2 + Lbce (8)

We trained the second stage for 100 epochs with a batch size
of 100 on the training set Dtr from ASVspoof2019 [32]. We
select the model with the best balanced accuracy on validation
set Ddev for evaluation.

V. EXPERIMENTAL RESULTS

This section describes the results of our experiments.
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Fig. 4: Detection accuracy of DSVAE on bona fide speech signal (blue), and synthetic speech from known (green) and
unknown (orange) synthesizers in the of the ASVspoof2019 dataset. A16 and A19 have same architecture as A04 and A06.

Fig. 5: 2-D t-SNE visualization of general speech representation (FG) and disentangled representation (FD) obtained by
DSVAE for A01 to A06 speech synthesizers in validation set and A07 to A19 speech synthesizers in the evaluation set of
the ASVspoof2019 dataset. ‘d’ is the Mahalanobis distance between the distribution of bona fide speech representation and
synthetic speech representation from a synthesizer. ‘d’ in green is obtained from FG and ‘d’ in brown is obtained from FD.

A. Synthetic Speech Detection

In this experiment, we evaluated the ability of Disentan-
gled Spectrogram Variational Auto Encoder (DSVAE) to
distinguish between bona fide and synthetic speech. We take
synthetic speech signals from all the synthesizers in Ddev and
Deval set of the ASVspoof2019 dataset [32]. The synthetic
speech signals are generated from 19 synthesizers (from
A01 to A19), out of which synthetic speech signals from 6
synthesizers (from A01 to A06) were present in the training
set. Synthesizer A16 and synthesizer A19 have same under-
lying architecture as synthesizer A04 and A06, respectively.
Therefore there are 17 different synthesizers, 6 known and 11
unknown synthesizers. For bona fide class we used the union
of bona fide speech signals from Ddev and Deval set. These
are from 58 different human speakers that do not overlap with
the speakers from the training set.

Fig. 4 shows the detection accuracy of DSVAE on speech
belonging to each one of the synthesizers as well as bona

fide speech. In total there are approximately 10k bona fide
speech signals and about 86k synthetic speech signals. We
observe from Fig. 4 that DSVAE has perfect detection ac-
curacy for all known and unknown synthesizers and bona fide
speech except for the unknown synthesizer A17. Synthesizer
A17 belongs to the most challenging class according to the
ASVspoof2019 Challenge result [64]. A significant portion in
the starting of the signal is non speech segment (silence). For
example, the silence in the start covers on average around 26%
duration of the total duration for each signal from synthesizer
A17. Speech signal from other unknown synthesizers such as
synthesizer A14 have on average same total duration but the
the silence in the start covers on average around 8% of the
total duration. The accuracy reported in Fig. 4 for synthesizer
A17 corresponds to the one obtained after removing silence
segment from the start of the signal generated from A17. With
the silence segment the detection accuracy for synthetic speech
signal from synthesizer A17 was less than 10%. Therefore,
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removing silence segment from starting improved performance
of DSVAE on A17 class. However, it is still less comparative
to other classes. A possible reason could be after removing
non-speech (silent) segment from starting, DSVAE had on
average duration of only 2.5 seconds. Hence, there is less
speech segment to analyze and that might be the reason for
lower performance of DSVAE on class A17.

B. Visualizing General and Disentangled Features

In this experiment, we visualized the general speech repre-
sentations FG and disentangled representations FD learnt by
DSVAE. FG represents those features that are common to both
bona fide and synthetic speech, hence during visualization we
expect overlapping of FG for synthetic and bona fide speech
signals. FD represents those features that differentiate syn-
thetic speech from bona fide speech, hence during visualization
we expect either very minimal or no overlapping of FD for
synthetic and bona fide speech signals.

For 2D visualization of the feature vectors FG and FD, we
first projected them from 512-D to 2-D using T-distributed
Stochastic Neighbor Embedding (t-SNE) [65]. Fig. 5 shows a
visualization for both FG and FD for each of the synthesizers
present in the ASVspoof2019 dataset. The red color corre-
sponds to synthetic speech while the blue color corresponds
to bona fide speech. In Fig. 5, we can observe that the
general speech representations overlap and the disentangled
representations do not overlap except for very few speech
samples. This is true for all the known synthesizers and 10 out
of 11 unknown synthesizers. The disentanglement can also be
shown quantitatively. We compute the Mahalanobis distance
[66] (denoted by d) between the distribution of bona fide and
synthetic speech representation for each of the synthesizer.
Larger Mahalanobis distance indicates the two distributions are
more dissimilar. Fig. 5 shows that the Mahalanobis distance
obtained from FD (in brown) is very large compared to
Mahalanobis distance obtained from FG (in green). Therefore,
feature FD disentangle synthetic speech from bona fide speech.
For synthesizer A17, visualization of FG representation is as
expected and d obtained from FG is also low. But visualiza-
tion of FD representation shows that many of the synthetic
speech signals are not disentangling from bona fide speech
signal. Notice that disentangled representation FD for several

Fig. 6: 2-D t-SNE visualization showing general speech rep-
resentation learnt by DSVAE is different from disentangled
representation.

TABLE I: EER% of DSVAE and 16 other methods for
synthetic speech detection using the ASVspoof2019 dataset.

Method Name Feature Network EER

B01 CQCC GMM 8.09%
B02 LFCC GMM 9.57%
S01 Spectrogram VGG 10.52%
S02 Log-Spectrogram MesoInception 10.02%
S03 Spectrogram CNN 9.57%
S04 Spectrogram+CQT VGG+SincNet 8.01%
S05 SpectrogramCQOST DNN 8.04%
S06 SpectrogramICQCC DNN 7.70%
S07 SpectrogramCQT Transformer 7.50%
S08 SpectrogramCQT MesoNet 7.42%
S09 SpectrogramCQT LSTM 7.16%
S10 SpectrogramCQT LCNN-Attention 6.76%
S11 SpectrogramCQT ResNet18 6.55%
S12 SpectrogramCQT LCNN 6.35%
S13 SpectrogramCQT LCNN+LSTM 6.23%
S14 Mel-Spectrogram PaSST 5.26%
DSVAE Mel-Spectrogram VAE 2.16%

synthetic speech signals from synthesizer A17 are on top
of the cluster created by disentangled representation FD of
bona fide speech. This is also reflected by low detection
accuracy on synthesizer A17 in Fig. 4 and lower value
of d obtained from FD for synthesizer A17. Therefore, low
detection accuracy for any unknown synthesizer can directly
be attributed to overlapping in disentangled representation
FD and lower value of d obtained from FD. We observe
that visualizing disentangled features adds reasoning to the
decision made by DSVAE.

Some of the previous methods proposed for disentanglement
representation learning have argued that it is important to
verify that feature vectors FG and FD do not overlap and are
different to ensure robust disentangled representation learn-
ing [25], [27]. This ensures that learned disentangled repre-
sentation are different from general speech representation. In
Fig. 6, we show that feature vectors FG and FD do not overlap
and are different.

C. Comparison with Existing Methods

In this experiment, we compare the performance of our
method with 16 other methods for synthetic speech detection.
The proposed Disentangled Spectrogram Variational Auto En-
coder (DSVAE) uses spectrogram to detect synthetic speech.
Therefore, for comparison, we only include methods that either
use spectrogram or features obtained from spectrogram or
are proposed in ASVspoof2019 Challenge as baselines [32].
The methods proposed in the ASVspoof2019 Challenge as
baselines [32] are methods B01 and B02 [32]. Both of
these methods use Gaussian Mixture Model (GMM) for pro-
cessing hand-crafted features such as LFCCs, and CQCCs.
The remaining 14 methods (S01 to S14) that we use for
comparison either process spectrogram or features obtained
from spectrogram using different neural networks.

We can obtain spectrogram by processing time domain
signal using either Short Time Fourier Transform (STFT)
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Fig. 7: Visualization of input spectrogram:X, reconstructed spectrogram:X̂, and activated region: Xmap.

or using CQT. In Table I, Spectrogram denotes the one
obtained using STFT and SpectrogramCQT denotes the one
obtained using CQT. S05 uses SpectrogramCQOST and S06
uses SpectrogramICQCC [67]. These features are obtained
by using octave sub-banding and applying Discrete Co-
sine Transform (DCT) to either SpectrogramCQT or inverted
SpectrogramCQT . S02 [68] and S14 [69] map the spectro-
gram obtained using STFT to logarithmic and mel scale,
respectively. S01 [19] uses VGG and S02 [68] uses Inception
neural network to process features [70]. Method S03 [40]
process Spectrogram using a CNN. S04 [19] uses fusion of
two features, namely, Spectrogram and CQT [37] to detect
synthetic speech (refer as Spectrogram+CQT in Table I).
S05 and S06 [67] use Deep Neural Network (DNN) to
process SpectrogramCQOST and SpectrogramICQCC feature,
respectively. There are several version of method S02, and
S07 to S13. Each version is trained on a different feature
derived from spectrogram (e.g., SpectrogramCQT and Log-
Spectrogram). In our comparison, we report the EER of the
best performing version. More details about methods S02,
S07 to S13 and their different versions can be found in
[68]. Bartusiak et al. proposed several transformer neural
networks to process Mel-Spectrogram and detect synthetic
speech in [69]. Method S14 is the best individual performing
transformer neural network in [69]. Similar to DSVAE , S14
also processes Mel-Spectrogram. S14 is first trained using
self-supervision on a large audio dataset i.e., Audioset [61].
For inferencing, it uses 85.3M parameters, almost twice the
number of parameters used by DSVAE.

Table I summarizes our results. We can notice that S14
with Patchout faSt Spectrogram Transformer (PaSST) [54]
has better performance among all the comparison methods.
DSVAE has better performance than all the 16 methods.
DSVAE provides an improvement of more than 3 percentage
points in EER from S14 which has twice the number of pa-
rameters. There is around 6 percentage points and 7 percentage

points improvement in EER from baseline methods B01 and
B02, respectively. Overall the working principle of DSVAE is
more understandable by visualizing the disentangled features
and it has a significant improvement in EER than several
existing methods such as S04.

D. Performance in practical scenarios

First, we investigate performance of DSVAE when syn-
thetic speech is uploaded on social platforms. Different so-
cial platforms use different compression standards. For this
evaluation we use around 534K speech signals from the
evaluation part of the ASVspoof2021 DeepFake (DF) dataset
[64]. It contains speech signals from the evaluation set of
ASVspoof2019 dataset [32] and 2018 and 2020 Voice Con-
version Challenge (VCC) datasets [71], [72]. Speech signals
consist of uncompressed, single compressed and double com-
pressed speech signals. Single compression is done using MP3,
AAC, and OGG compression standards [73]–[75] at both high
and low variable bit rate. Double compression is done from
two standards MP3 and OGG at low variable bit rate to AAC
standard at high variable bit rate. Yadav et al. showed that
detectors with EER less than 5% on uncompressed speech
have almost random accuracy (EER 50%) when tested on
compressed speech [76]. DSVAE has detection accuracy of
92.25% with an EER of 32.28% on the evaluated dataset with
compressed speech and hence DSVAE can detect synthetic
speech uploaded to different social platforms.

Some existing methods trained on ASVspoof2019 have been
shown to use silence region for detecting synthetic speech
[77]. A simple attack such as removing silence can lead to
failure and random performance of such detectors. Therefore,
secondly, we investigate the performance of DSVAE when
non speech elements i.e., silence regions are removed from
each speech signal. For this we use the hidden part of the
ASVspoof2021 DeepFake (DF) dataset [64]. It consists of
18.5K speech signal randomly selected from evaluation set
of ASVspoof2019 [58] and 2018 and 2020 Voice Conversion
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Challenge (VCC) datasets [71], [72]. DSVAE has detection
accuracy of 84.09% on hidden part with an EER of 38.28%.
Hence, DSVAE is robust to simple attacks such as removing
silence.

E. Reconstructed Spectrograms and Attention

We randomly select 7 speech signals from the evaluation
set of the ASVspoof2019 dataset. In Fig. 7, we show their
spectrograms X, the spectrograms reconstructed by Drec using
feature vector F, and the spectrogram attention maps Xmap
obtained by doing a dot product of Amap with the input spec-
trogram X. The Xmap highlights the regions of the spectrogram
that contributed to the decision made by DSVAE. We can
observe that the reconstructed spectrograms X̂ do not capture
all the fine details of the original input spectrograms X. They
rather identify the regions and frequency bins that are more
energetic. From the observation of Xmap we can see that the
detector tends to take its decisions based on mainly energetic
frequency bands. These most likely contain information related
to the speech being bona fide or synthetic.

VI. CONCLUSIONS AND FUTURE WORK

In this paper we propose Disentangled Spectrogram Varia-
tional Auto Encoder (DSVAE) that uses disentangled rep-
resentation learning to detect synthetic speech. Visualizing
disentangled features and activation map helps to understand
the working of the detector. DSVAE showed high performance
compared to several existing approaches on ASVspoof2019
dataset. In future work, we plan to replace the used variational
autoencoder with a transformer neural network, as in several
existing works these networks have shown better performance
than variational autoencoder to learn general speech repre-
sentations. We also plan to evaluate DSVAE on detecting
noisy synthetic speech signals. Lastly, currently we create
unsupervised activation map, we plan to investigate supervised
learning for synthetic speech localization.
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