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Abstract—Acoustic recognition has emerged as a prominent
task in deep learning research, frequently utilizing spectral
feature extraction techniques such as the spectrogram from
the Short-Time Fourier Transform and the scalogram from the
Wavelet Transform. However, there is a notable deficiency in
studies that comprehensively discuss the advantages, drawbacks,
and performance comparisons of these methods. This paper
aims to evaluate the characteristics of these two transforms as
input data for acoustic recognition using Convolutional Neural
Networks. The performance of the trained models employing
both transforms is documented for comparison. Through this
analysis, the paper elucidates the advantages and limitations of
each method, provides insights into their respective application
scenarios, and identifies potential directions for further research.

Index Terms—spectrogram and scalogram, acoustic recogni-
tion, Convolutional Neural Networks

I. INTRODUCTION

In the field of acoustic recognition, features in audio signals
are extracted using spectral and time analysis techniques, most
commonly the Short-Time Fourier Transform (STFT) and the
Wavelet Transform (WT). The STFT decomposes signals in
a linear frequency manner, while the WT decomposes time-
domain signals into varying scales of frequency. The outputs
of these transforms, known as spectrograms and scalograms,
respectively, are subsequently input into deep learning models
for classification tasks. Numerous studies have been conducted
on this topic in recent years.

In the adoption of spectrograms as images for speech
emotion recognition, Convolutional Neural Networks (CNNs)
were employed to predict emotions in audio speech, as demon-
strated in the study by [1]. The model, comprising only
three convolutional layers and three fully connected layers,
outperformed the well-known pre-trained model AlexNet. A
similar approach using CNNs and spectrograms was proposed
in the study by [2] for acoustic event detection (AED) on
audio recordings from a surveillance system. This method
outperformed a benchmark AED-capable system. The study
by [3] investigated abnormal machinery sound detection using
spectrograms and an autoencoder. Two types of audio – normal
and abnormal sounds collected in a factory – were transformed
into spectrograms, which were then used for classification
tasks to determine whether the machinery was in normal
condition or damaged.

Scalograms, another audio feature extraction method, have
seen increasing application in recent years. An implementation
of CNNs to detect milling chatter using scalograms was
developed in the study by [4]. Their system, designed for real-
time detection, achieved superior performance compared to
benchmark methods utilizing traditional machine learning. A
similar approach to domestic audio classification was applied
in the study by [5]. Scalograms were produced using the output
of the continuous Wavelet Transform (CWT) and then fed
into a pre-trained neural network to predict whether the sound
originated from social activities or a vacuum cleaner. Utilizing
scalograms and CNNs for audio scene modeling, the research
by [6] demonstrated better performance for the model trained
with scalograms compared to one using spectrograms.

As illustrated above, while numerous studies have explored
audio recognition using spectrograms or scalograms in con-
junction with deep learning, few have directly compared the
performance of these two feature extraction methods. Existing
benchmarks often offer indirect comparisons, as they involve
different prediction models rather than a comprehensive evalu-
ation of the feature extractors themselves, as seen in the study
by [6]. Or the study by [7] compared different transforms but
focused solely on predictive performance, lacking a compar-
ative analysis of how the attributes of the transforms influ-
ence predictive performance and computational expense. The
research by [8] compared various time-frequency transforms
but used discrete coefficients directly instead of scalograms or
spectrograms, limiting the models’ performance. Given these
limitations, this paper aims to develop an approach for a
rigorous comparison of spectrograms and scalograms as audio
feature extractors. To this end, the experimental design for
both methods is kept identical, including the original audio
data used, the format of input data, the configuration of the
CNNs models, and the training and evaluation methods. The
sole distinction in this study is the type of feature extractor:
spectrogram versus scalogram.

II. THEORETICAL FOUNDATION

A. Short-time Fourier transform

The STFT [9] is a method used to analyze signals by divid-
ing them into segments based on time frames and performing
Fourier transforms (FT) on each segment, denoted as (1). This
approach allows the signal to be examined in both the time
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Fig. 1. Visualization of spectrogram (a) and scalogram (b)

shift τ and frequency shift ω simultaneously. By applying
a windowing function, denoted as γ(t), to isolate specific
portions of the signal, STFT computes the spectrum over
short durations, enabling it to capture not only the frequencies
present in the signal but also how these frequencies change
over time.

XSTFT (τ, ω) =

∫ ∞

−∞
x(t)γ∗(t− τ)e−jωt dt (1)

XSTFT (m, k) =

N−1∑
n=0

x(n)γ∗(n−mH)e−j2πkn/N (2)

In practical applications, signals are processed in discrete
time formats, and the STFT is computed using a window
of length N, referred to as the frame size, denoted as (2).
Since shifting sample-wise results in redundant data due to
the similarity of neighboring spectra, a larger step size, known
as the hop size H, is used, typically set to half the window
length H=N/2. This choice strikes a balance between achieving
high time resolution and managing data volume effectively
[9]. Each sample point in the data sequence, where STFT
is calculated, corresponds to a frame index m defined as
m=M/H, with M representing the total data length. Within
each frame, computing the FT of a discrete signal of N points
in time results in a frequency vector of N points. Due to the
symmetric nature of the Fourier spectrum, only the first half
of the spectrum (k=0 to N/2) is typically considered to avoid
redundancy. Consequently, the output of STFT is structured as
a matrix with dimensions (M/H, N/2+1) where each element
X(m,k) represents the complex Fourier coefficient of the mth

time frame at frequency index k.
To enhance the visualization of STFT results, spectrograms

are commonly employed [10]. Represented as a type of
heatmap image, they provide a two-dimensional representation
of signal energy across time and frequency dimensions. Time
is arranged along the x-axis, and frequency along the y-
axis. The intensity of color in each pixel of the spectrogram
corresponds to the degree of signal energy. For instance, the
colors range from dark blue, indicating lower energy, to dark
red, indicating higher energy, as illustrated in Fig. 1(a).

B. Wavelet transform

WT is a technique used to transform a signal into a repre-
sentation that enhances specific features for further processing

[11]. It decomposes a signal from the time domain into the
time-frequency domain using a mother wavelet, denoted as
(3). The WT depends on parameters of time shift b and
frequency scale a. The normalization factor 1/

√
a ensures

energy normalization across scales. During transformation, the
mother wavelet ψ(t) undergoes dilation and contraction as
the scale a varies, and then slides along the time axis with
step b to convolve with the signal x(t), generating a matrix of
coefficients.

XWT (b, a) =
1√
a

∫ ∞

−∞
x(t)ψ∗(

t− b
a

) dt (3)

XWT (m, k) =
1√
a

N−1∑
n=0

x(n)ψ∗(
n− k

m
) (4)

The WT for discretized signals is computed by discretizing
the transform, replacing the integral with a discrete summation
of values within the sampling interval, denoted as (4). Both
the translation parameter and the scale parameter are also in
discrete forms. For the CWT, the translation occurs sample-
wise, producing a matrix with dimensions (N, a), where N
represents the data length and a represents the scale range.
In contrast, the Discrete WT (DWT) is implemented using
filter banks, which are computationally less expensive than
the CWT. However, the result of the DWT is not a matrix,
making it unsuitable for generating heat maps.

Scalogram is calculated as squared magnitude of the WT.
Similar to a spectrogram, a scalogram is also used to visualize
the distribution of signal energy across time and frequency
dimensions, represented as a heat map with intensity expressed
through a range of colors, as illustrated in Fig. 1(b).

C. Time and frequency resolution of transforms

a) Uncertainty principle: To achieve a comprehensive
analysis of a signal, both time resolution and frequency
resolution should be maximized. This implies capturing signal
variations with minimal shifts in both time and frequency.
However, the uncertainty principle [10] imposes a constraint
on the tradeoff between time and frequency resolution, as
described in (5). Utilizing a narrow time window (small ∆t)
allows for high time resolution in STFT or WT, but results in
poor frequency resolution (large ∆ω). Conversely, employing
a large time window yields poor time resolution but improved
frequency resolution.

∆t.∆ω ≥ 1

2
(5)

b) Multiresolution: Fig. 2 provides a visual comparison
of the WT via scalogram and the STFT via spectrogram.
As depicted, the time signal x(t) contains two periodic com-
ponents and two Dirac impulses, as shown in Fig. 2(a).
The spectrogram of x(t) with a short window, illustrated
in Fig. 2(b), offers high time resolution but low frequency
resolution. Consequently, the two distinctive impulses are
clearly visible at the center, whereas the two components in the
frequency axis are merged. Fig. 2(c) shows the spectrogram
with a long window, which provides low time resolution but



Fig. 2. Time and frequency resolution of spectrogram and scalogram

high frequency resolution. This results in two clearly separated
red horizontal stripes indicating the frequency components,
but the two impulses are merged at the center. In contrast,
the scalogram in Fig. 2(d) effectively represents both the
two distinctive impulses and the two separate red horizontal
stripes. This capability of the scalogram is attributed to the
multiresolution feature of the WT, which achieves high time
resolution at high frequencies and high frequency resolution
at low frequencies.

III. EXPERIMENT

A. Workflow

The entire workflow of the experiment in this study is pre-
sented in Fig. 3. Initially, the audio data is normalized to con-
strain the amplitude values within the range (0, 1) before being
transformed using the STFT and WT, respectively. Following
the transformations, the matrices produced as outputs from the
STFT and WT are used to create spectrograms and scalograms.
These are then plotted as images and split into training and
validation sets for a CNNs model. The performance of the
trained CNNs is then recorded and compared between the two
types of data, using metric the Area Under the Curve of the
Receiver Operating Characteristic (AUC-ROC) [12].

B. MIMII audio dataset

The acoustic recognition task in this study is conducted
using the MIMII audio dataset for machinery fault detection
[3]. This dataset was created to provide real-life sound data
from factories for various machine types, including fans,

Fig. 3. Experimental Workflow

pumps, sliders, and valves. These machines produce both
stationary and non-stationary sounds, presenting varying levels
of difficulty in distinguishing between normal and abnormal
conditions. Background noise from various factory environ-
ments is recorded and mixed with the target machine sounds
to simulate real-world conditions at three levels of signal-to-
noise ratio (SNR): -6 dB, 0 dB, and 6 dB. Each audio recording
has a length of 10 seconds, sampled at 16 kHz, resulting in
each discrete audio 160,000 samples.

C. Audio normalization

yn =
yn

max|yn|
(6)

In factories, the recording conditions of audio data often vary
in reality. Consequently, the amplitude of recorded audio can
differ for the same type of error across different situations,
or even within the same situation if the microphone position
or vibration changes. For instance, placing the microphone
closer results in higher recorded amplitudes, while placing
it further away results in lower amplitudes. To mitigate the
effects of these variations, this paper employs normalization
step to constrain amplitudes of signals within the range (0, 1).
The maximum amplitude of a signal, denoted as max(|yn|),
is computed, and all other sample values are normalized by
this maximum value, as described in (6). This step ensures
that if the maximum amplitude of a signal exceeds 1, it is
scaled down to 1; conversely, if it is below 1, it is scaled



Fig. 4. Effect of normalization technique

up to 1. It aims to make the structures of audio signals
of the same error type more uniform and to accentuate
differences between signals of different error types. Indeed,
the normalization significantly enhances the visibility of the
generated spectrogram and scalogram, as illustrated in Fig. 4.
Where no normalization is applied as in Fig.4 (a) and (c), it
is challenging for human observers to discern the heat maps
of the spectrogram and scalogram. In contrast, in Fig.4 (b)
and (d), where normalization is applied, the heat maps are
visualized much more clearly.

D. Implementation of Short-Time Fourier Transform

The STFT is conducted in a time-discrete manner using
Librosa [13]. Initially, the frame size N and hop size H
are treated as hyperparameters aimed at optimizing the per-
formance of the trained model during the initial stages of
training. Subsequently, a configuration of STFT with N = 1024
and H = 512 demonstrating good predictive performance is
selected, resulting a matrix with dimensions (513, 313). This
configuration is then applied uniformly across the entire audio
dataset to generate the STFT representations.

E. Implementation of Continuous Wavelet Transform

The CWT is also executed in a time-discrete manner using
Pywavelets [14]. The translation is performed sample-wise,
and the scale parameter encompasses a range of consecutive
natural numbers. Given that the scale determines the frequency
resolution, various scales are evaluated during the training of
the CNNs model. Then the scale from 2 to 129, demonstrating
optimal predictive performance, is selected, producing output
matrices with dimensions (16000, 128). Subsequently, this
selected scale is employed to generate scalograms for the
entire audio dataset.

F. Implementation of Convolutional Neural Networks

The primary focus of this study is to compare the perfor-
mance between spectrograms and scalograms. Therefore, the
CNNs model is designed in an exploratory manner, ensuring it
achieves satisfactory performance. The Tensorflow [15] is used
for CNNs implementation. Several configurations of CNNs are
evaluated, and an effective configuration is chosen based on
its performance, as outlined in Table I.

TABLE I
CONFIGURATION OF CNNS

Layer Name
1 Rescaling (1/255)

2 Conv2D(16, 3, activation=’relu’, use bias=True,
bias initializer=’zeros’)

3 MaxPooling2D

4 Conv2D(32, 3, activation=’relu’, use bias=True,
bias initializer=’zeros’)

5 MaxPooling2D

6 Conv2D(64, 3, activation=’relu’, use bias=True,
bias initializer=’zeros’)

7 MaxPooling2D
8 Flatten
9 Dense(128, activation=’relu’)

10 Dropout(0.25)
11 Dense(256, activation=’relu’)
12 Dropout(0.25)
13 Dense(units=2, activation=’softmax’)

IV. BENCHMARKING AND PERFORMANCE EVALUATION

A. Benchmark study

The benchmark study [16], representing the state-of-the-art
for supervised methods on the same dataset, employed Mel-
frequency cepstral coefficients (MFCCs) as spectral features.
Unlike the approach of transforming data into compressed im-
ages, this model directly utilized tuples generated by MFCCs.
Prior to being used for training, the tuples were normalized
to have zero mean and unit standard deviation. The prediction
model used in this study was a Multilayer Perceptron (MLP).
Additionally, the tuples of abnormal sounds were oversam-
pled to achieve a balanced dataset. Detailed comparisons are
presented in Table II.

B. Performance evaluation

a) Computational expense: Due to differences in the
computation methods of the STFT and the CWT, the resulting
output matrices vary in size, necessitating a comparison of

TABLE II
COMPARISON WITH BENCHMARK STUDY

Baseline Spectrogram Scalogram
Method Supervised learning
Metric AUC ROC

Normalization tuples ∼N(0,1) audio yn = yn/max(|yn|)
Spectral feature MFCCs Spectrogram Scalogram
Input of model tuples images
Oversampling yes no

Model MLP CNNs



TABLE III
COMPARISON OF COMPUTATIONAL EXPENSE

Single file
Spectrogram Scalogram Deviation

Time 0.58 22.38 21.8
Whole dataset

Time 10,451.02 392,814.2 392,814.2

TABLE IV
PERFORMANCE BENCHMARKING

baseline scalogram spectrogram
-6 dB 0.893 0.921 0.981
0 dB 0.942 0.964 0.992
6 dB 0.975 0.988 0.997

computational efficiency. For simplicity, computational ex-
pense is evaluated by measuring the time (in seconds) required
for spectrogram and scalogram generation using the hardware
employed in this study. As shown in Table III, scalogram
generation exhibits significantly higher computational expense
compared to spectrogram generation. The time deviation for
generating a single file is 21.8 seconds, and for processing
the entire dataset of 18,019 audio files, it totals 392,814.2
seconds. Generating scalograms for the entire dataset requires
approximately 109 hours, whereas generating spectrograms
takes approximately 2.9 hours. This substantial difference
arises because the CWT computes coefficients for every sin-
gle sample among the 160,000 samples, whereas the STFT
computes them only at intervals defined by the hop size.

b) Predictive performance benchmarking: The perfor-
mance of CNNs models applied to spectrograms and scalo-
grams is assessed by averaging results over ten training and
evaluation runs. The benchmark results are summarized in
Table IV and visually represented in Figure 5. As depicted,
the averaged predictive performance of the models consistently
improves with increasing SNR for both spectrograms and
scalograms, as well as the baseline. This correlation between
SNR and performance is evident because higher SNR enhances
the clarity of normal and abnormal machine sounds, thereby
facilitating more accurate classification. The spectrogram and
scalogram designs in this study consistently outperform those
of previous research across three SNR levels. This indicates
that the spectrogram and scalogram designs have achieved
relatively high performance standards.

c) Spectrogram and scalogram predictive performance
comparision: For the comparison between spectrogram and
scalogram within each machine type, the results are presented
in Table V and visualized in Figure 6. Overall, spectrograms

TABLE V
SPECTROGRAM AND SCALOGRAM COMPARISON

scalogram spectrogram
fan 0.934 0.988

pump 0.962 0.991
slider 0.947 0.995
valve 0.987 0.984

Fig. 5. Performance benchmarking

Fig. 6. Performance comparison between two transforms

consistently outperform scalograms, with the exception of one
case involving valves where CNNs predicts audio based on
scalograms more effectively than those based on spectrograms.
This exception arises due to the non-stationary nature of valve
audio signals [3], which are impulsive and sparse in time. The
WT used in scalogram generation leverages its multiresolution
feature to enhance feature extraction for such non-stationary
signals [10]. Conversely, when evaluating performance on
fan audio signals, spectrograms achieve significantly higher
performance compared to scalograms. This difference can be
attributed to the stationary nature of fan sounds [3], where the
constant time and frequency resolution of spectrograms are
more adept at feature extraction than scalograms.

V. CONCLUSION AND FUTURE WORK

A. Conclusion

This paper implements a comparative analysis of two acous-
tic recognition approaches, focusing on the spectrogram and
scalogram as audio feature extractors, and evaluating their
respective designs. The classification task for distinguishing
between normal and abnormal sounds is successfully con-
ducted using CNNs. By employing arbitrary CNNs designs,
the configurations of spectrogram and scalogram consistently
demonstrate superior performance compared to benchmark
methods. The study fulfills its primary objective by providing
a comprehensive comparison between spectrogram and scalo-



gram in terms of their characteristics, transform configurations,
and model performance evaluations. Overall, the STFT design
in this paper generally outperforms the WT, with the exception
of non-stationary valve audio. For stationary fan audio, STFT
significantly outperforms WT in predictive performance.

B. Future work

When configuring the STFT and CWT, it is observed that
their output matrices differ in size due to the computational
requirements. CWT necessitates computation for every single
sample of data, whereas STFT computes values at intervals
defined by the hop size. Consequently, this disparity may
limit the direct comparability between the two transforms.
It suggests a potential avenue for future research, where the
translation parameter and scale of the CWT are adjusted to
produce output matrices of sizes comparable to STFT. Achiev-
ing this alignment could lead to more balanced computational
expenses and a rigorous comparison between STFT and CWT.
Moreover, the current PyWavelets library facilitates scale
tuning for CWT but lacks support for adjusting the translation
parameter. Therefore, developing a library that enables tuning
of both parameters in CWT to reduce computational costs is
a promising direction for future advancements.

The experiment in this paper employs a normalization
technique that confines signal amplitudes to within the range
of 0 to 1, which proved advantageous for preprocessing audio
signals before conducting STFT and WT analyses. However,
alternative normalization methods, such as normalizing signal
to zero mean and unit variance, have not been evaluated to de-
termine their comparative effectiveness. Therefore, conducting
experiments to compare different normalization techniques and
assess their robustness, or applying each technique to different
datasets to evaluate their general applicability, would represent
a promising area of research. Such investigations could provide
insights into optimizing signal preprocessing methodologies
for various analytical tasks involving audio data.

In the discussion section of the performance comparison,
scalograms demonstrate superior performance over spectro-
grams when the audio signal exhibits non-stationarity, at-
tributed to their multiresolution capability. Conversely, spec-
trograms exhibit better predictive performance for stationary
audio signals, leveraging their linear resolution. Thus, future
research exploring how the stationary characteristics of signals
influence the predictive performance of models using spectro-
grams and scalograms would be valuable. A potential research
direction could involve deriving a function that quantifies the
impact of signal stationarity on CNNs model performance.
This task would parallel the role of SNR in influencing CNNs
performance observed in this study, thereby enhancing under-
standing of spectrogram and scalogram effectiveness across
varying signal conditions.
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