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Abstract: Autonomous system is an emerging AI technology based on latest advances in intelligence, cognition, computing and 

systems science without human intervention, which is widely applied in the field of Internet of things, mechanical condition 

monitoring system and so on. With the rapid development of industry 4.0, autonomous system’s natural characteristic and 

application field determine that its corresponding signal presents multi-component, modulation coupling, non-stationary feature 

with fast time-varying instantaneous frequency (IF). Considering non-stationary signal contains system state information, how to 

effectively compute IF and realize signal decoupling separation plays an important role in autonomous system perception and 

making decision. In this paper, a sparse representation method called multi-scale chirp sparse representation (MSCSR) is 

introduced to to identify, extract and trend IF for achieving a highly concentrated time-frequency energy comparable to the 

standard IF estimation methods, simulation demonstrates that the proposed method performs better than traditional Hilbert-Huang 

transform and variational mode decomposition(VMD) combination with synchrosqueezing wavelet transform. Furthermore, an 

adaptive time-varying filter is constructed using the extracted instantaneous frequency to decouple non-stationary fast signal. 

Ultimately, by rapid instantaneous frequency fluctuation experiment, the effectiveness of proposed method for fast strong time-

varying signal is validated, it can effectively extract rapid oscillation instantaneous frequency, and the error is less than 5%. 

Key words：Autonomous system; Fast varying signal; Instantaneous frequency estimation; Adaptive time-varying filter; Multi-

scale chirp sparse representation 

1.Introduction 

With the popularization of IoT technology, combined with the rapid development of industry 4.0, many systems are linked 

to each other through the network, and a huge number of signal also generates in the process. At the same time, the popularization 

of autonomous system in mechanical state monitoring, automatic control and other fields infers that in the autonomous operation 

way, it is necessary to achieve perception and decision making for autonomous systems. Nevertheless, autonomous system signal 

often reflects multi-component coupling non-stationary feature with fast IF, how to separate fast varying signal and analyze 

amplitude, frequency, phase, in particular instantaneous frequency play an important role in autonomous system. 

However, the existing signal processing methods majorly depend on stationary signal[1], Therefore, these methods cannot 

effectively achieve signal feature extraction with fast varying instantaneous frequency. Compared with constant frequency 

condition, the signal contained IF reflect more complex characteristic[2], and classical spectrum analysis techniques are 

ineffective consequently. As a result, how to effectively estimate fast instantaneous frequency and achieve signal separation is an 

unavoidable focus for optimize control and instrument design. 

In recent years, order tracking acting as an effective method for non-stationary signal processing tool is widely used[3]. Its 



main procedure is to transform non-stationary signal in time domain into stationary or cyclically stationary signal in angle domain 

by equal interval sampling technology in angle domain, so as to establish a bridge between signal processing under variable 

frequency condition and constant frequency condition, so that the classical signal processing method can play its role again. 

However, it must be pointed out that the implementation of order tracking technology mostly relies on hardware device such as 

encoder or key phase sensor, which not only takes up additional test channel and storage space, but also brings inconvenience to 

field installation and maintenance. Besides, in some critical condition, above sensor cannot be installed at all due to the limitation 

of aviation-motor, which brings challenges to the implementation of order tracking technology. Under this background, scholars 

propose tacholess order tracking (TLOT) method[4,5], it can directly obtain corresponding instantaneous frequency of signal 

component from non-stationary signal. As a result, how to accurate track and estimate instantaneous frequency of fast varying 

signal is the key. 

The existing instantaneous frequency estimation methods are mainly based on time-frequency analysis and peak search. 

Firstly, signal time frequency analysis is carried out and obtaining the varying law of structural characteristic parameters over 

time on time-frequency spectrogram[6]. In general, the common time-frequency analysis methods mainly include short-time 

Fourier transform[7], Hilbert Huang transform[8], continuous wavelet transform[9] and so on. Furthermore, the peak value search 

method[10] is used to search peak value of time-frequency joint function and retain the maximum value of time-frequency joint 

function to identify instantaneous frequency. However, the estimated instantaneous frequency by using peak search method also 

be affected by interference component of signal, which reduces the estimation accuracy. Zeng Q [11] proposed an instantaneous 

frequency estimation method based on STFT Viterbi fitting technology. Firstly, STFT is used for signal time-frequency analysis, 

and then Viterbi algorithm is applied to locate the optimal frequency path between time points for achieving instantaneous 

frequency estimation of sub-signal component, however, this method processes estimated frequency in segments and need to give 

a reference frequency. Liu LB[12]applies Wigner-Ville distribution to analyze instantaneous frequency of each sub-signal in 

multi-component signal, but Wigner-Ville distribution is often interfered by cross terms, resulting in "false" frequency estimation. 

Xue YJ[13] proposes a recognition method for extracting instantaneous frequency based on wavelet ridge of non-stationary signal, 

it uses wavelet ridge to extract peak ridge in time domain, but the effect of instantaneous frequency extraction is not significant. 

Bruni V[14] proposes a method based on dynamic programming to extract wavelet ridges of non-stationary signal and 

corresponding instantaneous frequency, wavelet transform is used to analyze signal time-frequency characteristic, and two groups 

of parallel lines is acted as search boundary, but its search range will be subject to wavelet coefficients. On the other hand, in the 

field of aviation-motor condition monitoring, due to violent speed fluctuation, various components of fast signal often present 

different strengths, if order tracking or time-frequency analysis method is directly applied which will be prosperous to cause 

"false result". Therefore, adaptive extraction of aviation-motor’s signal is the core of signal processing. In the literature[14,15], 

signal feature is extracted by time-frequency filtering, but filtering effect is easily affected by time-frequency resolution. Xu S[16] 

proposes a time-varying filtering method based on Chirplet Path Pursuit (CPP), can effectively extract each sub-component in 

signal under variable condition, but this method exists phase shift defect. In order to overcome signal distortion caused by phase 

shift, literature [17] proposes an adaptive time-varying filtering method based on zero-based phase filtering, but because zero-

based phase uses forward and reverse bidirectional filter principle, which affects its computational efficiency. 

https://www.webofscience.com/wos/alldb/general-summary?queryJson=%5b%7b


In this paper, a novelty instantaneous frequency estimation methodology based on multi-scale chirp sparse representation is 

proposed to achieve non-stationary signal decomposition with fast varying instantaneous frequency. The matched instantaneous 

frequency estimator is constructed according to fast varying instantaneous frequency, so as to improve the signal time-frequency 

representation energy aggregation. On this basis, an adaptive time-varying filter is designed to realize the signal decoupling. 

The process diagram of proposed methodology presented in Figure 1 is shown in following. Firstly, the continuous wavelet 

transform is applied on signal to obtain corresponding wavelet energy spectrogram, and then the number of sub-signal component 

is accurately judged according to the time-frequency distribution in spectrogram, which greatly improves the calculation 

efficiency. Secondly, MSCSR self-adaptive selects an appropriate dynamic time support region according to the varying law of 

instantaneous frequency, tracks the instantaneous frequency of sub-signal component with largest energy, and continuous 

instantaneous frequency of sub-signal component is estimated by using fitting method step by step, which is very suitable to 

decompose signal whose frequency varies under high fluctuation condition. Finally, an adaptive time-varying filtering is designed 

using estimated instantaneous frequency curve as the center frequency of filter, and it is constructed in the frequency domain. 

The time-varying filter is applied to separate signal into several independent components, indicating its application value on 

aviation-motor condition monitoring. A simulation and aviation-motor high speed fluctuation experiment validates the proposed 

method, and compared with instantaneous frequency recognition result and signal decomposition result with Hilbert-Huang 

Transform (HHT)[18], Continuous Wavelet Transform (CWT)[19], synchrosqueezing wavelet transform(SWT)[20], variational 

mode decomposition (VMD)[21], empirical mode decomposition(EMD)[22] respectively, the proposed method has a better 

effectiveness and accuracy. 
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Figure 1 Flow chart of proposed method in this paper 

2. Proposed methodology 

The key steps of proposed methodology, with its process diagram in Figure1, are motivated and discussed in this section. 

2.1 Instantaneous frequency estimation algorithm based on MSCSR 

MSCSR theory uses multi-scale chirp basic function library is shown as following. { 𝐷 (ℎ𝑎,𝑏,𝐼(𝑡)) = {ℎ𝑎,𝑏,𝐼(𝑡)}ℎ𝑎,𝑏,𝐼(𝑡) = 𝐾𝑎,𝑏,𝐼𝑒𝑥𝑝[−𝑖(𝑎𝑡 + 𝑏𝑡2)]1𝐼(𝑡)                             (1) 

In the above formulas, D represents base function library, ℎ𝑎,𝑏,𝐼(𝑡) is the multi-scale chirp base function, I = [kN2-j～

(k+1)N2-j ] represents dynamic time support region, it describes time - varying characteristic of instantaneous frequency, 𝑗 =[0,1, ⋯ , log2 𝑁 − 1] symbolizes analysis scale coefficient, N represents sampling length, it can reflect the description precision 

of time-varying characteristics. As for k, it is the sequence number of dynamic analysis section in j scale, and it varies from 0 to 

2j-1. Ka,b,I is a normalization coefficient, a is symbolizes frequency offset coefficient, b is the frequency rake ratio, those 

parameters can well reflect the varying state of instantaneous frequency. Finally, 1𝐼(𝑡) is a rectangular window function. As for 

the sampling frequency fs, it must satisfy the following conditions according to Shannon sampling theory. 



𝑎 + 2𝑏𝑡 < 𝑓𝑠 2⁄                                      (2) 

The multi-scale chirp basic function is applied to project fast varying signal segment by segment, and calculating projection 

coefficient βI and corresponding basic function ℎ𝑎,𝑏,𝐼 on each dynamic time support region I. If the multi-component signal is 

more similar to basic function  ℎ𝑎,𝑏,𝐼 , its projection coefficient βI will be larger, and the corresponding energy of basic 

function ℎ𝑎,𝑏,𝐼 will be larger. As a result, fast varying signal must be projected to multi-scale chirp basis function, a specific 

basis function will be obtained that is corresponding to maximum projection coefficient βI on each dynamic time support region 

I. Then, in accordance with maximum projection coefficient βI and its corresponding chirp base function, a dynamic linking 

algorithm called П must be designed to connect a series of basis functions, and there is no overlap between the basis functions 

each other on whole dynamic time support regions I. 

 {𝑀𝑎𝑥 {∑ ‖𝐾𝑎,𝑏,𝐼𝑒[−𝑖(𝑎𝑡+𝑏𝑡2)]1𝐼(𝑡)‖2}∈П = {𝐼1, 𝐼2, . . . } ∈ {𝐼}                         (3) 

At the same time, the corresponding projection coefficient set and basic function set are shown in following. { 𝛽 = {𝛽𝐼1，𝛽𝐼2，. . . }𝐻 = {ℎ𝑎1𝑏1𝐼，ℎ𝑎2𝑏3𝐼，. . . }                           （4） 

The steps of the connection algorithm П in MSCSR can be summarized as follows. 

Step 1 : Initialization. i represents the serial number of sub-signal dynamic time support region, 𝐸𝑑𝑖represents the total 

energy of sub-signal before dynamic time support regions𝐼𝑖 of sequence number i, 𝑙𝑖  represents previous serial number of 

dynamic time support region attached to 𝑖, 𝐸𝑒𝑖indicates energy of sub-signal corresponding to the projection coefficient on each 

dynamic time support region 𝐼𝑖, initializing 𝐸𝑑𝑗 = 0, 𝑙𝑖 = 0. 

Step2 : For every dynamic time support region 𝐼𝑖 in the set 𝐼 = {𝐼1, 𝐼2, . . . }, find all next dynamic time support regions 

adjacent to it to form a set {𝐼𝑗}, if 𝐸𝑑𝑖 + 𝐸𝑒𝑖 > 𝐸𝑑𝑗                                   （5） 

There is the following formula， {𝐸𝑑𝑗 = 𝐸𝑑𝑗 + 𝐸𝑒𝑖𝑙𝑗 = 𝑖                                   （6） 

The dynamic linking algorithm called П guarantees extracted sub-signal connected by basic function set H over the entire 

dynamic time support region set 𝐼 = {𝐼1, 𝐼2, . . . }is most similar to original multi-component signal, and instantaneous frequency 

corresponding basic function ℎ𝑎,𝑏,𝐼  can be computed 𝑓𝐼𝑖(𝑡) = 𝑎𝜇 + 2𝑏𝜇𝑡, 𝑡𝑖𝜖𝐼𝑖  on the dynamic time support region 𝐼𝑖 , the 

instantaneous frequency f can be tracked and estimated ultimately by connecting the corresponding frequency curve set 𝑓 ={𝑓1 , 𝑓2 , . . . . } over the whole dynamic time support region set 𝐼 = {𝐼1, 𝐼2, . . . } in chronological order. As a result, the estimated 

algorithm of instantaneous frequency can be summarized as following. 



Figure 2 The implementation process of instantaneous frequency estimation based on proposed method 

2.2 Adaptive time-varying filter design  

In view of the superiority of MSCSR in instantaneous frequency estimation, it first divides non-stationary signal into several 

sub-signals on the time axis. As for each sub-signal, in view that its basis function contains linear frequency modulation which 

can describe time-varying frequency characteristic, utilizing the least squares method, it can conveniently estimate instantaneous 

frequency, as a result, it can act as a filter essentially. Considering adaptive time-varying filter is improved on the basis of classical 

filter, compared with classical filter, the center frequency and bandwidth of adaptive time-varying filter will adapt to varying law 

of fault response signal ,which is shown in Figure 3. 

 

Figure 3 Amplitude frequency characteristics of adaptive time-varying filter 

Therefore, an adaptive filter design algorithm based on MSCSR is proposed in this paper, it can give a time-varying filter 

H(s,t) by transferring classical low-pass prototype filter H(s), and its schematic diagram is shown below in Figure 4. As it can 

automatically vary the central frequency and filter bandwidth according to the characteristic of non-stationary signal and extract 

specific sub-signal and it is very suitable for non-stationary signal separation. Finally, the design procedures of adaptive time-

varying filter will be given particularly in the lower part of article. 
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Figure 4 Design flow of adaptive time-varying filter 

Step1: As for non-stationary signal 𝑠(𝑡), 𝑠(𝑡) = ∑ 𝑠𝑙(𝑡)𝑙=𝑁𝑙𝑙=1 , l symbolizes the serial number of sub-signal, 𝑙 = 1,2, ⋯ 𝑁𝑙, 𝑁𝑙 is 

total amount of sub-signals contained in non-stationary signal 𝑠(𝑡). As for sub-signal with serial number l, corresponding carrier 

frequency curve is 𝑤𝑧𝑙(𝑡), side frequency is 𝑏𝑧𝑙 (𝑡), 0 ≤ 𝑡 ≤ 𝑁 − 1, which is obtained by MSCSR, N represents the length of 

non-stationary signal. 

Step2: FFT transformation is applied on non-stationary signal 𝑠(𝑡) to obtain corresponding spectrum 𝑆(𝑓). 

Step3: In order to extract sub-signal 𝑠𝑙(𝑡), the adaptive time-varying filter 𝐻(𝑡, 𝑓) is designed on 𝑡 = 𝑡1(0 ≤ 𝑡1 ≤ 𝑁 − 1) as 

follows. 𝑤𝑧𝑙(𝑡1) acts as the center frequency, and n harmonic frequency of 𝑏𝑧𝑙 (𝑡1) is half-bandwidth. Considering the fast non-

stationary signal often presents non-stationary modulation characteristic, in order to ensure signal passes through adaptive time-

varying filter without without distortion, this paper selects Chebyshev Ⅱ filter acts as prototype low-pass filter, as it has fluctuation 

in the stopband and a steep transition band, which is suitable for multi-component signal separation. 𝐻(𝑡1, 𝑓) = {1, 𝑤𝑧𝑙(𝑡1) − 𝑛𝑏𝑧𝑙 (𝑡1) ≤ 𝑓 ≤ 𝑤𝑧𝑙(𝑡1) + 𝑛𝑏𝑧𝑙 (𝑡1)0, 𝑒𝑙𝑠𝑒                    (7) 

Step4: The adaptive time-varying filter  𝐻(𝑡, 𝑓)  is applied on frequency domain 𝑆(𝑓)  to obtain corresponding  filtered 

frequency domain sub-signal 𝑆𝑙(𝑓) at the time 𝑡 = 𝑡1(0 ≤ 𝑡1 ≤ 𝑁 − 1). 𝑆𝑡1𝑙 (𝑓) = 2 × 𝑆(𝑓) × 𝐻(𝑡1, 𝑓)                             (8) 

Step5：The IFFT transformation is used on filtered frequency domain sub-signal 𝑆𝑡1𝑙 (𝑓) to obtain corresponding time domain 

sub-signal 𝑠𝑡1𝑙 (t)  at the time 𝑡 = 𝑡1(0 ≤ 𝑡1 ≤ 𝑁 − 1) , repeating the above process at any time to obtain filtered sub-

signal 𝑠𝑙(𝑡). 

Step6：Repeating above procedures from step1 to step5, and achieving complete separation of non-stationary signal 𝑠(t).  

As shown, adaptive time-varying filtering method based on frequency domain filtering mainly include the following two 

advantages: (1) As the filtering process is based on the signal spectrum, and FFT transformation presents reversible feature, so 

the phase of filtered signal has no phase shift or distortion, (2) Compared with zero phase filtering technology, as FFT transform 

has a fast algorithm and is an unidirectional filtering essentially,calculation efficiency of frequency domain filtering will be 

greatly improved consequently.   

3.Discussion 

3.1 Simulation validation 



To fully verify the effectiveness of the proposed method on instantaneous frequency estimation, a simulation signal is given 

based on fast non-stationary signal time-frequency characteristics. Assuming that signal x(t) contains three sub-signals, 𝑥1(𝑡), 𝑥2(𝑡) is 3.2 order sub-signal, besides, considering actual noise effect, add 20% level of Gaussian white noise 𝜎(𝑡)to simulation 

signal, noise intensity is defined by signal-to-noise ratio, the sampling frequency is 512Hz and sampling time is 1s. Finally, its 

mathematical formula is shown below. {𝑥(𝑡) = 𝑥1(𝑡) + 𝑥2(𝑡) + 𝜎(𝑡)𝑥1(𝑡) = 9𝑠𝑖𝑛(40𝜋𝑡2)𝑥2(𝑡) = 15𝑠𝑖𝑛(128𝜋𝑡2)                           （9） 

Besides, the theoretically instantaneous frequency can be computed, and signal-to-noise ratio(SNR) is defined as following,  𝐴𝑠𝑖𝑔𝑛𝑎𝑙 and 𝐴𝑛𝑜𝑖𝑠𝑒 symbolize the RMS value of simulation signal and noise component respectively. {𝐼𝑅𝐹(𝑡) = 𝑑∅[𝑥1(𝑡)]/𝑑𝑡 = 80𝜋𝑡/2𝜋 = 40𝑡𝑆𝑁𝑅 = 10𝑙𝑔 𝐴𝑠𝑖𝑔𝑛𝑎𝑙2𝐴𝑛𝑜𝑖𝑠𝑒2 = 20𝑙𝑔 𝐴𝑠𝑖𝑔𝑛𝑎𝑙𝐴𝑛𝑜𝑖𝑠𝑒 (𝑑𝐵)                         (10) 

For validating the proposed method, continuous wavelet transform is carried out on simulation signal to obtain corresponding 

wavelet spectrum as shown in Figure 5 firstly, it can be significantly seen that the time-varying frequency of simulation signal 

conforms to linear varying law, as paper assumes that the mechanical equipment is in the process of rotating shaft acceleration. 

Besides, the instantaneous frequency of simulation signal is mainly concentrated in the ranges [0 Hz, 40Hz] and [0Hz, 128Hz], 

so it can be judged that the number of sub-signal is two. 

 

Figure 5 The wavelet scalogram of simulated signal 

 Considering the varying characteristics of simulation signal, setting frequency variation range of MSCSR is from 10Hz to 

400Hz, fmin=30Hz, fmax=300Hz, search frequency slope is ranging from 0Hz to 200Hz, search resolution is 1Hz/s. Applying the 

proposed method to estimate instantaneous frequency, the estimated frequencies fextract1 (t), fextract2 (t) are shown in Figure 6(b) and 

Figure 6(d) respectively. Compared with the corresponding time-frequency spectrum in Figure 6(a) and Figure 6(c), the estimated 

instantaneous frequency by MSCSR almost all fall at ideal instantaneous frequency curve, this result presents that estimated value 

are in complete agreement with true instantaneous frequency value.  



 

Figure 6(a) Time-frequency representation of signal component𝑥1(𝑡) 

 

Figure 6(b) Instantaneous frequency estimation of signal component𝑥1(𝑡) 

 

Figure 6(c) Time-frequency representation of signal component𝑥2(𝑡) 

 



 

Figure 6(d) Instantaneous frequency estimation of signal component𝑥2(𝑡) 
Figure 6 Estimated instantaneous frequency value by using MSCSR   

For comparison, this paper also uses Hilbert-Huang Transform (HHT), Continuous Wavelet Transform (CWT), 

synchrosqueezing wavelet transform(SWT) to obtain corresponding estimated results, as shown in Figure 7. Combination Figure 

6 with Figure 7, as estimated instantaneous frequency value based on MSCSR is more consistent with theoretical value, the 

identification of instantaneous frequency based on proposed method is better than HHT, CWT and SWT. 

 

Figure 7(a) Instantaneous frequency estimation of signal component𝑥1(𝑡) 

 

Figure 7(b) Instantaneous frequency estimation of signal component𝑥2(𝑡) 



 

 

Figure 7 The instantaneous frequency extracted by CWT, HHT and SWT 

It can be clearly seen from comparison that the tracking effect by using CWT in the beginning and end stages has certain 

deviation, and estimated value has a large fluctuation phenomenon. Although SWT can achieve the tracking in general, but the 

accuracy is not high. In the face of instantaneous frequency presenting a linear trend, HHT can not effectively achieve the tracking. 

In fact, this implies to some extent that the existing methods can not be effectively used to estimate the instantaneous frequency 

under the large fluctuation background.. Considering that the proposed method in this paper adopts multi-scale chirp basic 

function library to identify time-varying frequency with drastic varying characteristic by segment, as the parameters of basis 

function are adjustable, it can dynamically and self-adaptive track and estimate the instantaneous frequency under multiple 

variation laws. 

Furthermore, in order to quantify identification accuracy of instantaneous frequency, adopting the root mean square (RMS) 

of estimated instantaneous frequency relative to theoretical value as precision index (Index of accuracy, IA). 𝑓𝑖(𝑛) represents 

identification value of instantaneous frequency, 𝑓𝑡(𝑛) symbolizes theoretical value of instantaneous frequency, N is number of 

points. Generally, if IA index has a smaller value, it indicates that the recognition value is connected with theoretical value 

excellently, that is, the identification accuracy is more higher. 𝜉 = √∑ (𝑓𝑖(𝑛)−𝑓𝑡(𝑛))2N𝑖=1√∑ (𝑓𝑡(𝑛))2N𝑖=1                                   (11) 

Table 1 shows corresponding IA values of four methods, MSCSR, SWT, CWT and HHT, IA1 and IA2 represent the 

recognition accuracy of sub-signals 𝑥1(t), 𝑥2(t) respectively. As for simulation signal 𝑥(𝑡), it can be seen from Table 1 that 

the instantaneous frequency identification effect based on proposed method is obviously superior to HHT, CWT and SWT. 

Table 1 IA index identification effect of instantaneous frequency on simulation signal x(t) 

As shown in above, by using above simulation signal𝑥(𝑡), it is also proved that MSCSR can effectively estimate time-

varying instantaneous frequency. Furthermore, in the following part of this paper, it will verify reliability of the proposed method 

in the field of signal separation based on instantaneous frequency estimation, so as to show that it has application value in the 

field of fast varying signal. Therefore, simulation signal should reflect the modulation coupling characteristic and multi-

component time-varying characteristic, which requires the frequency components of different sub-signals to overlap. Finally, a 

simulated signal s(t) conforming to above characteristics is shown below. 𝑠(𝑡) = 𝑠1(𝑡) + 𝑠2(𝑡) + 𝜎(𝑡)                             （12） 

s1(t) and s2(t) are modulating sub-signals and have time-varying frequency. their instantaneous frequencies have overlapping 

variation on the time axis,which can reflect the coupling feature between different sub-signals. At the same time, the instantaneous 

frequency variable law also conforms to large fluctuation feature. Finally, their expressions are shown in following. 

Method MSCSR CWT SWT HHT 

IA1  6.7 33.4 76.4 80.3 

IA2  4.3 29.7 57.8 76.2 



𝑠1(𝑡) = (1 + 𝑐𝑜𝑠 (2𝜋(20𝑡 − 10𝑐𝑜𝑠(𝜋𝑡)))) 𝑐𝑜𝑠 (2𝜋(350𝑡 + 14.29𝑠𝑖𝑛(1.4𝜋𝑡)))       （13） 𝑠2(𝑡) = (1 + 𝑐𝑜𝑠 (2𝜋(20𝑡 − 10𝑐𝑜𝑠(𝜋𝑡)))) 𝑐𝑜𝑠 (2𝜋(200𝑡 + 14.29𝑠𝑖𝑛(1.4𝜋𝑡)))       （14） 

The time-varying instantaneous carrier frequency of simulation signal is shown in following. 𝑓1(𝑡) = 350 + 20𝜋𝑐𝑜𝑠(1.4𝜋𝑡)                           （15） 𝑓2(𝑡) = 200 + 20𝜋𝑐𝑜𝑠(1.4𝜋𝑡)                           （16）  

As for instantaneous frequency of modulated component in s1(t) and s2(t), the corresponding expression is in following. 𝑓𝑏(𝑡) = 20 + 10𝜋𝑠𝑖𝑛(𝜋𝑡)                             （17） 

Obviously, the simulation signal contains six instantaneous frequencies, f1(t)- fb(t), f1(t), f1(t)+ fb(t), f1(t)- fb(t), f2(t), f2(t)+ fb(t). 𝜎(𝑡) represents gaussian white noise. On the other hand, some other important parameters of simulation signal are shown below. 

Such as SNR is 0dB, sampling frequency is 1024Hz. Finally, the corresponding time waveform can be seen in following Figure 

8, it can be intuitively seen that the simulation signal presents obviously non-stationary feature, and it can not identify the amount 

of coupled sub-signals. 

 

Figure 8 Time domain waveform of simulation signal 

In order to analyze frequency structure of signal, paper gives FFT spectrum in Figure 9(a), on account that the FFT only 

apply for stationary signal, as for fast non-stationary signal, valuable information only can be obtained by time-frequency 

transform. In this paper, short-time Fourier transform(STFT) spectrum is presented on Figure 9(b). Six time-varying instantaneous 

frequencies, especially two time-varying carrier frequencies can be highly legible with white line. Furthermore, the sideband of 

two sub-signals contains same frequency components, although these same frequencies appear in different times, it sufficiently 

reflects the coupling characteristics of simulated signal. Therefore, a specific frequency extracted using a classical filter cannot 

be determined to which sub-signal it corresponds. In addition, compared with time-varying carrier frequency, time-varying side 

frequency of sub-signal is weaker shown in Figure10. As a result, the designed time-varying filter must have the ability to 

effectively extract weak frequency.  



 

Figure 9(a) FFT spectrum of simulation signal 

 

Figure 9(b) STFT spectrum of simulation signal 

Figure 9 Spectrum of simulation signal 

 

Figure 10 Amplitude-frequency response of simulation signal 

Considering above issues, completing parameters setting of MSCSR primarily, as two carrier frequencies have the highest 

energy, applying the proposed method to identify instantaneous carrier frequency, the estimated frequency fextract1 (t), fextract2 (t) 

and correspondingly theoretical carrier frequency f1(t), f2(t) of two sub-signals are shown in Figure 11. 

 



 

Figure 11(a)  Extracted fast time-frequency ridge 

 

Figure 11(b)  Partial enlargement of extracted result 

Figure 11 Time-frequency ridge line of signal components by MSCSR 

 Finally, adopting repetitively proposed method to estimate the other four sideband frequencies f1(t)- fb(t), f1(t)+ fb(t), f1(t)- 

fb(t), f2(t)+ fb(t) respectively. 

Meanwhile, a time-varying filterH2(s, t) is designed in the frequency domain according to the estimated instantaneous 

frequency curve, estimated instantaneous carrier frequency is taken as the central frequency and estimated sideband frequency is 

cutoff frequency by using Equation (7) and (8). Finally, the time-frequency response of time-varying filter is shown in Figure 12, 

it can be seen that the time-varying filter can self-adapting vary center frequency and bandwidth according to variation law of 

fast varying signal with good adaptability. 



 

Figure 12 Amplitude-frequency response of time-varying adaptive filter H2(s, t) 

Adopting time-varying filter as shown in Figure 12 to separate simulation signal 𝑠(𝑡), considering time-varying amplitude 

frequency characteristic of simulation signal in Figure 10, it can well extract sub-signal 𝑠2(𝑡) according to the following formula 

Equation (18). 𝑠𝑝2(𝑡) = 𝐻2(𝑠, 𝑡) ∗ 𝑠2(𝑡)                                 （18） 

The time-frequency spectrum of sub-signal 𝑠𝑝2(𝑡)  obtained by filtering is shown in the Figure 13, compared with the 

theoretical simulation sub-signal 𝑠2(𝑡) , its time-frequency spectrum presents in Figure 9(b), the filtered spectrum has some 

distortion. The reason why this phenomenon occurs is that adaptive time-varying filter exists amplitude loss, above conclusions 

can also be verified by Figure13, while the loss is not very serious. Finally, simulation analysis validates the effectiveness of 

proposed method in separation of fast varying signal based on instantaneous frequency estimation.  

 

Figure 13 Filtered result by time-varying adaptive filter H2(s, t) 

On the other hand, as signal adaptive decomposition theory owns unique advantage, such as empirical mode decomposition 

(EMD), variational mode decomposition ( VMD), these method can achieve fast varying signal decomposition in time domain 

without presetting basis function according to the characteristics of signal itself, therefore, it is necessary to carry out a 

comparative study on adaptive decomposition based on time domain and filtering decomposition based on frequency domain.  

 

 



 

Figure 14(a) VMD decomposition and corresponding amplitude-frequency spectrum 

 

Figure 14(b) VMD decomposition and corresponding amplitude-frequency spectrum 

 

Figure 14(c) EMD decomposition and corresponding amplitude-frequency spectrum 



 

Figure 14(d) EMD decomposition and corresponding amplitude-frequency spectrum 

   Figure 14 Decomposition result by VMD and EMD 

According to above Figure14, it can directly see that the number of sub-signals obtained by adaptive decomposition method 

based on time domain such as VMD and EMD is not corresponding to real number, and each sub-component presents modulation 

characteristics. It indicates that the decomposition results are aliased, as their frequencies has time-varying feature. Finally, 

through the above comparative analysis, when the signal presents fast varying instantaneous frequency, the decomposition effect 

obtained by using the preset basis function will be more realistic. 

3.2 Experimental application 

In order to verify the proposed method effectiveness of fast varying instantaneous frequency on autonomous system non-

stationary signal, adopting dynamic signal analyzer system as shown in Figure 2 to generate two styles of non-stationary signal, 

possessing fast linear varying instantaneous frequency and sinusoidal varying instantaneous frequency respectively, this system 

is based on server, dynamic signal acquisition card, signal generator, router. 

Firstly, non-stationary signal with linearly varying frequency identification is carried out and signal amplitude is ranging 

from 20g to 1g as shown in Figure 15. 

 
 Figure 15 Non-stationary signal with linearly varying instantaneous frequency 

 

 



 
Figure 16 The identified instantaneous frequency presenting linearly varying feature 

The identification results of several different methods are given in the Figure 16. It can be seen intuitively that the 

identification accuracy of proposed method in this paper is the highest, and Table 2 shows the proposed method reliability 

quantitatively in this paper. 
Table 2 IA index identification effect of linearly varying instantaneous frequency on simulation signal 

 

 

 

Secondly, the sinusoidal varying instantaneous frequency identification of non-stationary signal is carried out and signal 

time-domain waveform is shown as follows. 

 
 Figure 17 Non-stationary signal with sinusoidal varying instantaneous frequency 

Similarly, the corresponding instantaneous frequency recognition result is shown in Figure 18. Although there is a certain 

deviation between the instantaneous frequency value identified by proposed method in this paper and theoretical value, it is 

basically consistent with theoretical value on the trend, and the recognition effect is obviously better than SWT and HHT. 

Although SWT can also identify the corresponding trend, the instantaneous frequency curve it identifies still contains a lot of 

burrs. Ultimately, the IA index of instantaneous frequency identification given in Table 3 once again proves the accuracy proposed 

method Accuracy. 

Method MSCSR SWT HHT 

IA  1.1 2.3 83.5 



 
Figure 18 The identified instantaneous frequency presenting sinusoidal varying feature 

Table 3 IA index identification effect of sinusoidal varying instantaneous frequency on simulation signal 

 

 

 

4.Results 

An fast varying instantaneous frequency identification method based on MSCSR is proposed and applied for adaptive time-

varying filter design to achieve autonomous system non-stationary signal separation. The proposed method is also validated by 

simulation signal, compared with other algorithms, the accuracy of proposed method is proved. Finally, an instantaneous 

frequency estimation experiment based on dynamic signal analyzer system verifies application reliability. The main conclusion 

of this article is as follows. 

(1) Considering the shortcomings of existing instantaneous frequency estimation algorithms such as HHT, this paper gives 

a novelty fast varying instantaneous frequency identification method based on MSCSR, it divides autonomous system non-

stationary signal into sub-parts in time-frequency domain, searches for sub-signal corresponding to the maximum energy at each 

time point to finish frequency estimation. As a result, the proposed method has a higher energy concentration, realizing the 

accurate track of instantaneous frequency. 

(2) An adaptive time-varying filter design method based on estimated instantaneous frequency is proposed, the center 

frequency and bandwidth of proposed filter can be self-adaptive adjusted according to non-stationary signal. This characteristic 

determines it is very suitable to achieve computational intelligence for perception and decision making for autonomous system. 

(3) Order tracking is an effective tool to process non-stationary signal under fluctuating frequency condition, it is 

indispensable to instantaneous frequency estimation and order component extraction, the contents in this paper completely 

corresponds to above two technologies. In this paper, the accuracy of proposed method is significantly higher than traditional 

methods such as HHT, CWT and SWT on tracking instantaneous frequency with fast varying feature, which suggests that the 

proposed method can be effectively used for self perception and self diagnosis on autonomous system. 

Availability of data and materials 

The data comes from the experimental device. If need it, please contact us later 

Abbreviations 

Method MSCSR SWT HHT 

IA  3.4 5.2 108.7 



IF: instantaneous frequency 

MSCSR: multi-scale chirp sparse representation 

VMD: variational mode decomposition 

TLOT:tacholess order tracking 

CPP:Chirplet Path Pursuit 

CWT:Continuous Wavelet Transform 

SWT:synchrosqueezing wavelet transform 

EMD: empirical mode decomposition 
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