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ABSTRACT:  This paper proposes an original method for improving the time-frequency representation for signals 

dedicated to structural diagnostics. The proposed method smooths the time-frequency representation by decreasing the 

false amplitudes indicated by lateral lobes. It also permits withdrawing information in the time-frequency representation 

that occurs if bilinear distribution functions are involved in the analysis. Along with the description of the method, we 

present examples for a complex signal, composed of two sinusoids. This method allows observing the evolution of the 

frequencies in time, which proves its efficiency in the theory of analysis and diagnosis of signals 
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1. INTRODUCTION  
 

The time-frequency representations are 

valuable tools for analyzing signals that are 

used to diagnose the health and integrity of 

engineering structures. The use of these 

algorithms involves advantages and 

disadvantages, depending on the purpose for 

which they are used, the length of the signal, 

its complexity, etc. 

For this purpose, seven time-frequency 

representation algorithms that can be used for 

signal analysis are analyzed in [10]. It was 

found that the spectrogram, which is based on 

Fast Fourier Transform, allows a direct 

interpretation, but provides a low resolution 

in the frequency scale. The Gabor transform 

is used to remove the limitations of applying 

the Fourier transform, which cannot not locate 

a signal in both the frequency and time 

domains. However, this method also has the 

disadvantage that, if lengthen the filtering 

window to get a better frequency resolution, 

we get a bad time resolution. In contrary, the 

decrease in the length of the time window 

leads to a rower frequency resolution [11]. 

When it is desired to obtain a variable time-

frequency resolution, continuous wavelet is 

used [4]. The Hilbert-Huang transform is used 

to analyze nonlinear and nonstationary data 

and to achieve a better and more meaningful 

time-frequency-energy representation of a 

time series [5]. The Wigner-Ville distribution 

can only be used for simple signals because 

for multi-component signals cross-terms 

appear and thus the real frequency cannot be 

accurately read [10]. As an improvement of 

this method, we can mention the use of Choi-

Williams distribution [2], the use of Hermite 

functions [12], or the Reassigned Smoothed 

Pseudo Wigner-Ville distribution [1].  

We developed a method to create 3D 

representations for observing the frequency 

evolution in time in [6]. It uses the Discrete 

Fourier Transform (DFT) and allows accurate 

frequency extraction for multi-component 

signals. Its disadvantage consists of 

introducing the lateral lobes of the DFT in the 

time-frequency representation, therefore false 

information, which in certain circumstances 

makes the interpretation with computer-added 

algorithms difficult.  

In this paper, we propose a procedure to 

smooth the surface that contains no 

information about the signals, which is 

located between the real signal components. 

This approach makes easier the interpretation 

of the vibration response. Even if the method 
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is developed for the analysis of mechanical 

structures, it can be used in electrical 

engineering as well. 

 

2. A SIMPLE TIME-FREQUENCY 

REPRESENTATION 

 

In order to study and represent the evolution 

of a signal in the frequency domain, the DFT 

algorithm is used. For this purpose, we 

consider a signal  with 

 Applying the DFT algorithm 

we obtain a series of values 

, where, for each 

spectral line k we have Xk of form 
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where 2 1j   . For each Xk from Eq.(1) we 

can write 

 

Re Imk k kX X j X    (2) 

 

obtaining the real part and the imaginary part, 

respectively 
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The modulus of  is given by: 

 

   
2 2

Re Imk k kX X X   (5) 

 

having the propertyXk=XN-k  and for this 

reason it is sufficient to consider only the half 

of the spectrum [9].  

In order to analyze the evolution in time of a 

signal, with the help of a rectangular window 

that defines a time interval [ti,tf] short portions 

of the given signal are obtained. DFT is 

applied to the portion of the signal in this 

window, and the rest of the signal amplitudes 

become zero. This is equivalent to the zero-

padding procedure for the considered portion 

of the signal. It ensures a dense number of 

spectral lines. 

 

3. SMOOTING THE TIME-

FREQUENCY REPRESENTATION 

 

The disadvantage of the method consists in 

the existence of false amplitudes in the time-

frequency representation due to the lateral 

lobes of the DFT. We propose a new 

approach, which implies the calculation of 

DFT at power p and the normalization of the 

values obtained for each interval in which 

frequency components are found. In this way, 

all other amplitudes will decrease except the 

maxima. The steps to be performed when 

applying the method, are: 

 

1. Import the measured signal, for example 

the signal in Figure 1. 

2. Apply a rectangular window with the 

center at the time moment n corresponding to 

the middle of the sampling range 

 considered for this window. 

The result is a short signal with zero-padding 

as in Figure 2. 

3. For each time moment n between 0 and N-

1 calculate the values ReXk for the real part 

respectively ImXk for the imaginary part, 

using Eq.(3) and Eq.(4)  

4. For each spectral line k summarizing the 

modulus Xk calculate the amplitudes of the 

DFT using Eq.(5). 

5. Raise to the power p the amplitudes 

obtained from DFT. In this way, the large 

amplitudes become larger, while the smaller 

ones become smaller. 

6. If the analyzed signal has r components, for 

each frequency range in which the frequency 

fr of a component is presumed, calculate the 

following correction factor: 

 

   (6) 

 

7. On each frequency interval around the 

frequency fr, multiply the amplitudes obtained 

at step 5 with the correction factors  

obtained at step 6. So, the amplitudes are 

normalized for all on intervals obtaining a 

smoothed DFT with correct amplitudes. 
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Figure 3 shows the standard DFT (blue line) 

and the smoothed DFT (orange line). 

8 Put the k calculated values for line n in a 

matrix with n lines and k columns. 

9. Move the center of the window to the time 

moment n+1 and calculate again the 

smoothed DFT for the signal thus obtained.  

10. Repeat the process for all lines 

 

11. Select the maximizer from the smoothed 

DFTs for each frequency interval, and 

represent them in a 3D time-frequency 

representation (Figure 5c). The similar time-

frequency representation involving the 

standard DFTs is presented in Figure 5a, 

while the time-frequency representation that 

involves the smoothed DFTs is presented in 

Figure 5b. 

 

4. NUMERICAL EXAMPLE 
 

To demonstrate how the method is applied, 

we developed an application in MS Excel, 

which in the first phase allows us to generate 

signals. An example of a generated signal 

that has two components is shown in Figure 1 

(orange line). The composed signal is 

obtained as the sum of two sinusoidal signals 

having the frequencies f1=35.17 Hz and 

f2=8.32 Hz. It covers the time length of 

t=0.99492 s, and is generated by using N=197 

samples. Therefore, the time interval between 

two consecutive samples is Δt=0.00508 s.  

 

The signal is generated using the relation: 

 

    (7) 

 

To follow the steps earlier presented, we 

consider a rectangular window consisting of 

NS =51 samples, represented with a blue line 

in Figure 1. The signal resulted after 

windowing is presented in Figure 2. It 

consists of a portion of the original signal; 

outside the window the amplitudes of the 

truncated signal are zero. The window is 

successively removed, sample by sample, so 

that the middle of the interval starts from n=0 

s and up to n=0.99492 s. Obviously, at the 

ends, the window contains less samples. So, 

at time n=0 s the interval of samples is halved 

being 26 and as the window moves one step 

further to the right the interval increases by 

one sample reaching N = 51 samples after 25 

iterations. Similarly happens at the right end, 

the number of samples in the window 

decrease until it becomes 26.  

The application allows the calculation of the 

real part and the imaginary part of Xk for each 

spectral line k and moment of time n. 

Summarizing the values obtained for a given 

spectral line k for all time moments n, we 

obtain the standard DFT. This is represented 

in Figure 3 with a blue line. As expected, it is 

the spectrum of a zero-padded signal, thus we 

have more than two amplitudes on the central 

lobe. We observe that, from the DFT 

representation of the analyzed signal, we can 

receive false information about the 

frequencies. This data is present on all 

spectral lines and forms the lateral lobes. 

 

 
Figure 1.  Analyzed signal and the windowing process 
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Figure 2. Windowed signal for the 50th position of the window 

 
 

Figure 3 Standard DFT for the analyzed signal (blue line) and the smoothed DFT (orange line) 

 

To avoid or reduce the amount of false 

amplitudes, we raise the amplitudes of the 

standard DFT to power p (in this case p=4) 

and normalize the obtained values. The 

process is described by steps 5 to 7. Now, we  

can repeat the procedure and represent the 

data in 3D. Figure 4 shows the lateral view, 

from the frequency perspective, for the 

representation before and after smoothing. 

 

 

 
                                                 a.                                                                              b. 

Figure 4.  Lateral view of the 3D time-frequency representation for the signal before (a) and after 

smoothing (b) 



Annals of the „Constantin Brancusi” University of Targu Jiu, Engineering Series , No. 1/2021 

 

13 

 

 
a. 

 
b. 

 
c. 

Figure 5. Top view of the 3D time-frequency representation constructed with: (a) standard DFT; (b) 

smoothed DFT; (c) Boolean approach 

 

One can observe that Figure 5b is easier 

interpretable as Figure 5a, because the time-

frequency pairs where no signal components 

are present are much smaller in the first case. 

An even better representation can be obtained 

if we associate the value 1 (or the normalized 

amplitude) to the local maximizer and 0 to all 
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other amplitude values. The representation is 

depicted in Figure 5c.  

In Figure 5.c it is easiest to observe that the 

DFT does not estimate the exact frequency, 

because the signal length in time does not 

contain an integer number of cycles of the 

signal component. Next approaches will 

consider the use of interpolation methods 

[3,7,8,9] to estimate more precisely the 

frequency and amplitude before completing 

the n x k matrix that is the support for the 

time-frequency representation.  

 

4. CONCLUSION 
 

We propose in this paper a method to smooth 

the time-frequency representation. The DFT 

of the iteratively windowed signal is the basis 

of the method. The amplitudes in the DFT are 

raised with power p and normalized before 

creating the representation matrix. By 

smoothing we obtain an easy-interpretable 

representation, which permits a precise 

identification of the frequency components.  
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