
 

  

Abstract— A phase-locked loop or phase lock loop (PLL) is, 

essentially, a closed loop control system, where its output signal 

(regulated) maintains a direct (chosen) relationship to the input 

signal (unregulated). If the phases of the input and output signals 

remain the same, their frequencies will also match. In its usual 

way, a PLL is an electronic circuit with filters and controllers that 

must be tuned each time, according to the input signal parameters. 

As a contribution and novelty, this paper introduces a new, easy, 

fast and highly efficient PLL algorithm, that it does not need to 

adjust every time the input signal changes. This makes it 

independent of the input signal it receives and, therefore, and in a 

certain way, universally applicable. In addition, the proposal is 

implemented exclusively by software, housed in a microcontroller, 

which also represents another novelty. As another remarkable 

feature, the proposed algorithm is very simple, with a very low 

computational cost, which makes it very stable, practically 

insensitive to noise, and very fast. These characteristics and the 

performance shown over a wide range of input signal frequencies, 

make the proposed algorithm suitable for use in different 

applications, from the electricity grid synchronization to the 

demodulation of frequency modulation, DC motor drives, etc. In 

addition to frequency and phase tracking, the developed algorithm 

generates the signal corresponding to the fundamental frequency 

of the input signal. Furthermore, the algorithm behavior is not 

affected by the input signal distortion and is independent of its 

initial phase. The performance and excellent behavior of the 

developed algorithm are evaluated through simulations and 

experimental tests.   

Index Terms— phase-locked loop, PLL algorithm, self-tuning 

PLL, synchronization, demodulation, modulation. 

 

I. INTRODUCTION 

HASE-LOCKED loop (PLL) is required for applications 

where a signal whose phase is directly related to that of 

input must be generated, as for example in communication 

systems, microprocessors, dc motor drives, [1] or mechanical 

encoders, [2]. Furthermore, the determination of the phase and 

frequency of the supply voltage is vital in the synchronization 

of the DC/AC converters to the electricity grid, [3]–[6], in 

electric power quality analysis, [7], [8], electrical 

measurements, [9], etc. 

In its simplest form, a PLL is made up of 3 blocks, Fig. 1. A 

variable frequency controlled oscillator (VCO) generates a 
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periodic signal whose phase is compared, using a phase detector 

(PD), with the phase of the input periodic signal, InpS(t). The 

produced error signal is filtered by the loop filter (LF), 

removing unwanted components of the phase comparison 

frequencies, generating a control signal to tune the oscillator to 

keep the phases matching. 

 
Fig. 1.  PLL basic structure. 

 

Despite the developed algorithm can be of application in 

practically all the PLL uses, this article will focus on the 

application to the electricity grid. In the electricity grid 

synchronization field, the way of implementing the PD (the 

pivotal element in the PLL) gives rise the different technologies 

present in the literature, as the synchronous reference frame 

PLL (SRF-PLL), [5], the second-order generalized integrator 

PLL (SOGI-PLL), [7], [10], or the enhanced PLL (EPLL), [11], 

[12], among others, as presented in [13]-[16]. In [13], an 

improved demodulation technique is presented, which uses 

double demodulation without recreating the double frequency 

component for rejection purpose. In [14], a demodulation-based 

technique is proposed that is less affected by the dc offset. In 

[15] an open loop approach is proposed for the selective 

detection of harmonics in a variable frequency environment. 

Finally, [16] presents a modified demodulation-based 

technique that has been improved/modified to function as PLL. 

All [13] to [16] PLLs are electronic circuits constituted by 

elements that must be tuned to the input signal frequency. Due 

on the one hand to this (the proposed algorithm in this paper is 

self-tuning), and on the other hand that they are not commonly 

used in the electricity grid, it has not been considered 

illustrative to compare them with the algorithm developed in 

this research. 

SRF-PLL is based on creating a quadrature signal by 

delaying the original single-phase signal by one fourth of the 

electricity grid fundamental period, [17]. There are as many 

kinds of SRF-PLL as different methods to create the quadrature 

signal, [18], [19]. SRF-PLL extracts the phase, frequency, and 

amplitude of the fundamental component of the input signal but 

not as a waveform at the output of the algorithm. 
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EPLL is also very popular in single-phase applications. It 

uses an adaptive notch filter to improve the PD performance. 

EPLL extracts the fundamental component of the input signal, 

and estimates its phase, frequency, and amplitude accurately 

[11], although it does not show rejection of the disturbances in 

any case [20]. 

Regarding SOGI-PLL, it provides the phase, frequency, and 

amplitude of the fundamental component of the input signal, 

and presents good disturbance rejection, fast transient response, 

and robust performance [21]. However, the cost to pay is its 

higher complexity [19], [22], [23]. SOGI-based frequency-

locked loop (SOGI-FLL) is one of the most popular second-

order PLL, [24], because it presents good performance when 

the electricity grid voltage presents nonconformities as voltage 

sag/swell, or imbalance, among other disturbances [25]. 

Practically, most of the PLL techniques published in the 

literature require fixed or adaptive filters in the PD block, [26]–

[28]. They also include the LF and the VCO. Thus, they are 

constituted by elements that have to be tuned according to the 

input signal parameters. Also, PLL lock time increases due to 

the complexity of its configuration and computation time. 

This work presents a new PLL algorithm, called self-tuning 

(ST-PLL), which is not, as usual, an electronic device, but a 

software algorithm. As another of the main novelties, the 

proposed PLL does not need to be tuned. This fact makes the 

ST-PLL algorithm adapt to any type of signal, from the 

electricity grid voltage (400/230 V RMS –root mean square– 

and 50/60 Hz) to the output of a frequency modulator (1 V RMS 

or less, and variable frequency in the range of kHz-MHz), going 

through many other applications with intermediate 

characteristics. 

Furthermore, the ST-PLL algorithm is simple, which makes 

the PLL lock time very short. This feature is mandatory to be 

able to track the signal of a frequency modulator, as well as the 

electricity grid voltage transient non-conformities, such as 

voltage dip/surge or frequency variations, among others. 

Another very important feature of the ST-PLL algorithm is its 

immunity to input signal distortion. This last characteristic is 

pivotal because it helps to reduce the increasing harmonic 

distortion of the frequency of the voltage and the current in the 

electricity grid, due to the increasing use of power electronic 

and communication devices. Finally, the ST-PLL algorithm is 

very easy to implement and, in short, it can make an important 

contribution to the field of electrical power quality and 

electrical measurements, among others. 

Table I summarizes the main characteristics of the reviewed 

literature on PLL proposals. To clearly distinguish the 

contributions and novelty of this work, the authors' proposal is 

presented in the last row. The fact that it can be fully 

implemented in a microcontroller (see section IV) opens the 

possibility of making the proposed PLL accessible remotely, 

among other advantages. 

The rest of the paper is organized as follows: in section II, 

the ST-PLL algorithm theoretical foundation is presented, 

which, as will be shown, is very easy and intuitive. In section 

III, different and extreme situations are simulated to test the 

efficiency and robustness of the algorithm. The results are 

compared and discussed with those obtained by the EPLL and 

SOGI-PLL algorithms (SRF-PLL does not provide a waveform 

to its output). In section IV, the excellent experimental results 

of the ST-PLL algorithm acting on a real system (the electricity 

grid) are shown. Finally, in section V, some conclusions are 

drawn. 
 

TABLE I PLL COMPARATIVE 

 SRF-

PLL [5] 

EPLL 

[11] 

SOGI-

PLL[10] 

ST-

PLL 

After being tuned in, tracking the 

input signal phase and frequency. 
x x x x 

Non affected by the input signal 

distortion. 
x  x x 

Simplicity and low 

computational cost. 
x x  x 

Provides the waveform of the 

fundamental component of the 

input signal. 

 x x x 

Follows the phase and frequency 

of the input signal without 

needing to be tuned each time. 

   x 

It can be easily integrated into a 

microcontroller because it is 

completely software. 

   x 

  

II. FOUNDATION OF THE ST-PLL ALGORITHM 

The developed algorithm is based on the well-known 

adaptive filter based on the Fourier series, whose objective is to 

obtain the fundamental harmonic or fundamental component at 

the fundamental frequency of a signal. This type of filter is 

widely used in power converters applications for the 

synchronization to the electricity grid. The fundamental reason 

is that the frequency of the electricity grid has a constant and 

well-known value. 

Then, given a signal 𝐼𝑛𝑝𝑆(𝑡), it can be expressed as a sum of 

components with frequencies multiple of the fundamental 

(harmonic components). Therefore, 𝐼𝑛𝑝𝑆(𝑡) can be expressed 

mathematically as 

 

𝐼𝑛𝑝𝑆(𝑡) =
𝑎0

2
+ ∑ 𝐴𝑛

∞
𝑛=1 cos(𝑛𝜔0𝑡 + 𝜑𝑛)   (1) 

 

Where 𝑎0 2⁄  is the constant term, or DC component, of 

𝐼𝑛𝑝𝑆(𝑡).  𝐴𝑛cos(𝑛𝜔0𝑡 + 𝜑𝑛) is the nth harmonic that, for 𝑛 =
1, represents the first harmonic, or fundamental, with 

fundamental frequency 𝜔0. From it, for 𝑛 = 2,3,…, the rest of 

harmonics can be obtained. Then, the goal of the adaptive filter 

is to obtain the fundamental harmonic 𝐴1cos(𝜔0𝑡 + 𝜑1) from 

(1). To do this, the first step is to multiply (1) by the unitary sine 

and cosine at the fundamental frequency, and then calculate the 

mean value of the obtained expressions, (2) and (3). 

 

𝑆𝑖𝑛𝑆(𝑡) =
1

𝑇
∫

𝑎0

2
sin 𝜔0𝑡 𝑑𝑡

𝑡0+𝑇

𝑡0
  

                 +
1

𝑇
∑ ∫ 𝐴𝑛cos(𝑛𝜔0𝑡 +

𝑡0+𝑇

𝑡0

∞
𝑛=1

𝜑𝑛) sin 𝜔0𝑡 𝑑𝑡  

 

(2) 

𝐶𝑜𝑠𝑆(𝑡) =
1

𝑇
∫

𝑎0

2
cos 𝜔0𝑡 𝑑𝑡

𝑡0+𝑇

𝑡0
  

                +
1

𝑇
∑ ∫ 𝐴𝑛cos(𝑛𝜔0𝑡 +

𝑡0+𝑇

𝑡0

∞
𝑛=1

𝜑𝑛) cos 𝜔0𝑡 𝑑𝑡  

(3) 



 

As is well known, the mean value of a sinusoidal signal in 

one period is zero, as well as the mean value of the product of 

sinusoidal signals with different frequencies. So, (2) and (3) 

only have nonzero for 𝑛 = 1, giving rise to two time-

independent expressions, i.e., the two constant expressions (4) 

and (5). 
 

𝑆𝑖𝑛𝑆(𝑡) = −
𝐴1

2
sin 𝜑1  (4) 

𝐶𝑜𝑠𝑆(𝑡) =
𝐴1

2
cos 𝜑1  (5) 

 

Now, multiplying (4) and (5) by 2 and, respectively, by the 

unitary sine and cosine at the fundamental frequency, it allows,  

adding the two resulting expressions, to obtain the complete 

fundamental harmonic (amplitude, frequency and phase), 

𝐹𝑢𝑛𝑑𝑆(𝑡), expression (6). 
 

𝐹𝑢𝑛𝑑𝑆(𝑡) = 𝐴1cos(𝜔0𝑡 + 𝜑1) (6) 
 

The way to practically implement the mathematical 

operations performed is shown in Fig. 2. The mean values of 

the sinusoidal signals are obtained by low pass filters (LPF), 

tuned to a cutoff frequency that, for applications in power 

converters for synchronization to the electricity grid, are within 

a maximum of 10 or 12 Hz (depending on the fundamental 

frequency of the electricity grid, 50 or 60 Hz), which implies a 

very slow dynamic response. 

The key to obtaining the clean signal shown in (6) is to know 

the fundamental frequency of the original signal 𝐼𝑛𝑝𝑆(𝑡). This 

is necessary to choose the frequency of the unitary sine and 

cosine that allows eliminating the harmonics of the original 

signal. But what if the fundamental frequency of the original 

signal 𝐼𝑛𝑝𝑆(𝑡) is not known? It so happens that the adaptive 

filter does not work correctly and, in most cases, expression (6) 

is not achieved. 

 
Fig. 2. Adaptive filter based on the Fourier series. 

 

Suppose that fundamental frequency 𝜔0 of the input signal 

𝐼𝑛𝑝𝑆(𝑡) is unknown; then the frequency that is chosen for the 

unitary sine and cosine will generally not match it. Assume this 

is 𝜔𝑐 = 𝜔0 − ∆𝜔, where ∆𝜔 can be positive or negative. So, 

considering 𝑇𝑐 the sampling time (the subscript c indicates 

since, logically, it must be related to 𝜔𝑐), the expression (2) can 

now be written as (7). 
 

𝑆𝑖𝑛𝑆𝛥(𝑡) =
1

𝑇𝑐
∫

𝑎0

2
sin(𝜔0𝑡 − ∆𝜔𝑡) 𝑑𝑡

𝑡0+𝑇𝑐

𝑡0
  

       +
1

𝑇𝑐
∑ ∫ 𝐴𝑛cos(𝑛𝜔0𝑡 + 𝜑𝑛) sin(𝜔0𝑡 −

𝑡0+𝑇𝑐

𝑡0

∞
𝑛=1

∆𝜔𝑡) 𝑑𝑡  

(7) 

 

Reasoning as from (2) to (4), 
 

𝑆𝑖𝑛𝑆𝛥(𝑡) =
1

𝑇𝑐
∫ 𝐴1cos(𝜔0𝑡 + 𝜑1) sin(𝜔0𝑡 −

𝑡0+𝑇𝑐

𝑡0

∆𝜔𝑡) 𝑑𝑡  
(8) 

= −
𝐴1

𝑇𝑐
∫ (cos2𝜔0𝑡 cos 𝜑1sin ∆𝜔𝑡 +

𝑡0+𝑇𝑐

𝑡0

sin2𝜔0𝑡 sin 𝜑1 cos ∆𝜔𝑡)𝑑𝑡 + ⋯  

Ellipsis in equation (8) represent the rest of the integrals, all 

null. Now, taking into account the relationships cos2𝜔0𝑡 =
1+cos2𝜔0𝑡

2
 and sin2𝜔0𝑡 =

1−cos2𝜔0𝑡

2
, it is easy to obtain (9). 

 

𝑆𝑖𝑛𝑆𝛥(𝑡) = −
𝐴1

2𝑇𝑐
∫ (cos 𝜑1sin ∆𝜔𝑡 +

𝑡0+𝑇𝑐

𝑡0

sin 𝜑1 cos ∆𝜔𝑡)𝑑𝑡 + ⋯ =
𝐴1

2∆𝜔𝑇𝑐
cos(∆𝜔𝑡 + 𝜑1)  

(9) 

 

Where, again, ellipsis represent the rest of the integrals, all 

null. 

Operating the same way with expression (3), (10) is obtained.  

 

𝐶𝑜𝑠𝑆𝛥(𝑡) =
𝐴1

2∆𝜔𝑇𝑐
sin(∆𝜔𝑡 + 𝜑1)  (10) 

 

At this point, it is important to show how the developed 

algorithm works. Well, if ∆ω is brought to zero, 𝜔𝑐 = 𝜔0 − ∆𝜔 

is brought to 𝜔0. Once this is achieved, the adaptive filter 

topology (Fig. 2) based on the Fourier series is applicable. So, 

the first objective of the algorithm is to get  ∆𝜔 → 0.  

With this objective in mind, from (9) and (10) it is easy to 

show (11). 

 

|∆𝜔| =
1

𝑡
|tan−1 (

𝐶𝑜𝑠𝑆𝛥(𝑡)

𝑆𝑖𝑛𝑆𝛥(𝑡)
)|  (11) 

 

Boundaries of function tan are shown in [29], where a PLL 

is presented with wide hold-in, pull-in, and lock-in ranges. In 

addition, it must be noticed that if ∆𝜔 goes to zero, 𝑆𝑖𝑛𝑆𝛥(𝑡), 

equation (9), is positive, and 𝐶𝑜𝑠𝑆𝛥(𝑡), equation (10), also goes 

to zero. 

From here, the reasoning is the following. If ∆𝜔 < 0 ⇒
𝜔𝑐 > 𝜔0, so, 𝜔𝑐 must be decremented by the amount (11). On 

the contrary, if ∆𝜔 > 0 ⇒ 𝜔𝑐 < 𝜔0, so, 𝜔𝑐 must be increased 

by the amount (11). The sign of ∆𝜔 is easily detected by the 

sign of 𝐶𝑜𝑠𝑆𝛥(𝑡), equation (10), as mentioned above. The 

explained way of proceeding is reflected in equation (12).  
 

{
𝑖𝑓 ∆𝜔 < 0 ⇒ 𝜔𝑐(𝑇𝑢 + 1) = 𝜔𝑐(𝑇𝑢) − |∆𝜔|

𝑖𝑓 ∆𝜔 > 0 ⇒ 𝜔𝑐(𝑇𝑢 + 1) = 𝜔𝑐(𝑇𝑢) + |∆𝜔|
  (12) 

 

Where 𝑇𝑢 is the update time of ∆𝜔 which does not have to be 

equal to 𝑇𝑐 (this is clarified a bit later). The flow chart of the 

developed algorithm, which provides the complete fundamental 

harmonic (amplitude, frequency and phase) of an unknown 

input signal is shown in Fig. 3. As can be seen, it is very simple. 

The term accuracy (allowed frequency deviation threshold) 

in figure 3 represents one of the two parameters which makes 

the algorithm stable and robust. In fact, accuracy avoids the 

problems associated with possible instability caused by low 

values (close to zero) of ∆𝜔 in the denominators of equations 

(9) and (10). To compute these equations, TC is automatically 

adapted to the chosen 𝜔𝑐. The second parameter (nu) is the 

number of times per cycle of the input signal that is updated 

∆𝜔. That is, the update of ∆𝜔 is not performed for each 

sampling time (this unnecessarily slows down the algorithm). 

Our experience tells us that two updates per cycle are sufficient, 

although obviously if for a specific case it does not work well, 



 

this value can be easily changed in the algorithm. So for 

example, for nu = 2 the algorithm will automatically update ∆𝜔 

every 10 ms (𝑇𝑢 in (12) is 10 ms) if the frequency of InpS(t) is 

50 Hz, but it will update every 𝑇𝑢 = 5 ns if it is 100 MHz. This 

makes the algorithm independent of the frequency of the input 

signal, allowing it to automatically self-adjust to a wide range 

of input signal frequencies. 
 

 
Fig. 3.  Flowchart of the developed ST_PLL algorithm, which provides the 

complete fundamental harmonic (amplitude, frequency and phase) of an 

unknown input signal. 
 

Continuing with Figure 3, once it is fulfilled that ∆𝜔 <
accuracy, 𝜔0 and 𝜔𝑐 are, in practice, equals, so, the last 

computed values of (9) and (10) are, respectively,  (4) and (5). 

In the same way, sin 𝜔𝑐𝑡 and cos 𝜔𝑐𝑡 are, respectively, sin 𝜔0𝑡 

and cos 𝜔0𝑡. Then, multiplying (9) and (10) by 2 and, 

respectively, by the unitary sine and cosine at the fundamental 

frequency 𝜔0, it allows, adding the two resulting expressions, 

to obtain the complete fundamental harmonic (amplitude, 

frequency and phase), FundS(t). Finally, regarding the meaning 

of the t of equation (11) in the algorithm, it is the simulation 

time. 

III. PERFORMANCE OF THE ST-PLL ALGORITHM 

In this section, the results provided by the developed ST-PLL 

algorithm are presented. To evaluate the algorithm, a distorted 

signal (𝐼𝑛𝑝𝑆(𝑡)) has been used as input, the parameters of which 

are presented in Table 2 (obviously these data are unknown to 

the algorithm). Fig. 4 shows a period of the input signal, where 

its distortion can be clearly observed. The simulation time has 

been set to 1 s and the sampling time to 5 μs. Of course, if 

necessary the algorithm can work with shorter sampling times. 

The accuracy (Fig. 3) has been set in 0.03 rad/s. 

 
 

 
 

Fig. 4. Input signal, InpS(t), waveform. 
 

TABLE 2 INPUT SIGNAL, INPS(T), PARAMETERS 

Harmonic order FC H3% H5% H7% H11% 

RMS value (V) 230 10 10 10 1 

Frequency (Hz) 50 150 250 350 550 

Phase (degrees) 0 30 50 70 110 

Harmonic order H13% H17% H19% H23% 

RMS value (V) 1 1 1 1 

Frequency (Hz) 650 850 950 1150 

Phase (degrees) 130 130 190 230 
 

As can be seen in Fig. 4, the input signal has a non-zero value 

at t = 0, although the phase of the fundamental component is 

zero (it is due to the phases of the harmonics). The chosen input 

signal complicates the calculation of its parameters, so it can be 

a good test signal to evaluate the performance of the ST-PLL 

algorithm. 

In what follows, from the chosen input signal, changes will 

be made to its parameters to show the performance of the 

developed algorithm under different conditions, but always 

preserving the waveform (Fig. 4). 

A. ST-PLL algorithm performance under different conditions 

Case 1. This is considered the basic case; the input signal is 

exactly the one in Fig. 4. The estimated (chosen) frequency (𝜔𝑐) 

is 100𝜋 rad/s (the same as 𝜔0). The complete fundamental 

harmonic of the input signal (amplitude, frequency, and phase) 

provided by the ST-PLL algorithm is presented in Fig. 5. 

 

 

Fig. 5. The ST-PLL algorithm accurately calculates the fundamental harmonic 
of the input signal. Its frequency, phase, and RMS values are 50 Hz, 0º, and 

230 V, respectively. 

 



 

Case 2. As most of the algorithms presented in the literature 

are tuned to the electricity grid values (230 V / 50 Hz or 120 V 

/ 60 Hz) and, in general, there is no evidence of their 

performance with other frequencies and RMS values, this test 

will show the adaptability of the algorithm developed. For that, 

now 𝜔𝑐 = 𝜔0 = 196𝜋 rad/s, and the RMS value of the 

fundamental harmonic is 15 V. The complete fundamental 

harmonic of the input signal (amplitude, frequency, and phase) 

provided by the ST-PLL algorithm is presented in Fig. 6. 
 

 
 

Fig. 6. The ST-PLL algorithm accurately calculates the fundamental harmonic 
of the input signal. Its frequency, phase and RMS values are 98 Hz, 0º and 15 

V, respectively.  
 

Case 3. In this case, the input signal fundamental harmonic 

frequency, RMS, and phase values are now 48𝜋 rad/s, 450 V, 

and 80º, respectively. Again 𝜔𝑐 = 𝜔0 = 48𝜋 rad/s, and again 

the tracking is as good as in cases 1 and 2 (see Fig. 7). 
 

 

 
 
Fig. 7. The ST-PLL algorithm accurately calculates the fundamental harmonic 
of the input signal. Its frequency, phase, and RMS values are 24 Hz, 80º, and 

450 V, respectively. 
 

B. Performance comparison of ST-PLL algorithm versus 

EPLL and SOGI-PLL algorithms at the electricity grid 

frequency 

Now, the performance of the developed algorithm will be 

compared with those of the most popular algorithms presented 

in the literature, EPLL and SOGI-PLL. SRF-PLL is discarded 

because it does not provide the fundamental component 

waveform. To facilitate the reproducibility of the comparison 

of the three algorithms performed in this work, Figures 8 and 9 

present the EPLL [12] and SOGI-PLL [10] used block 

diagrams, respectively. 
 

 
Fig. 8. EPLL block diagram. 
 

 
 

Fig. 9. SOGI-PLL block diagram. 
 

The algorithms are tested under the most unfavorable 

condition: instantaneous change of frequency, phase, and RMS 

value of the input signal. In particular, an abrupt change of the 

fundamental component has been imposed in t = 0.2 s: the 

frequency increases from 100𝜋 to 110𝜋 rad/s (note that just 

after the instant of change, 𝜔0 = 110𝜋 rad/s, but 𝜔𝑐 =
100𝜋 rad/s, so there is an ∆𝜔 = 10𝜋 rad/s), the phase changes 

from 30 to -90º and RMS value increases from 230 to 500 V. 

Figs. 10 to 12 show the output of EPLL, SOGI-PLL, and ST-

PLL algorithms, respectively, to the described abrupt change of 

the fundamental component. As can be seen, the EPLL (Fig. 10) 

and ST-PLL (Fig. 12) algorithms quickly achieve frequency 

and phase tracking of the fundamental component; measured in 

detail in just 60 ms. However, ST-PLL is considerably faster to 

capture the RMS value. Measured in detail, the EPLL algorithm 

takes just over 3 s, while the ST-PLL algorithm takes just 1 s. 
 

 
 

Fig. 10. Results obtained applying the EPLL algorithm when an abrupt change 
of the fundamental component has been imposed in t = 0.2 s: the frequency 

increases from 100π to 110π rad/s, the phase changes from 30 to -90º and RMS 

value increases from 230 to 500 V. 



 

 

 
Fig 11. Results obtained applying the SOGI-PLL algorithm when an abrupt 

change of the fundamental component has been imposed in t = 0.2 s: the 

frequency increases from 100π to 110π rad/s, the phase changes from 30 to -90º 

and RMS value increases from 230 to 500 V. 

 

 

Fig. 12. Results obtained applying the ST-PLL algorithm when an abrupt 
change of the fundamental component has been imposed in t = 0.2 s: the 

frequency increases from 100π to 110π rad/s, the phase changes from 30 to -90º 

and RMS value increases from 230 to 500 V. 

 

Regarding the SOGI-PLL algorithm (Fig. 11), it is clearly 

seen that it cannot track the abrupt change in the input signal. 

But why? Obviously, because it needs to tune its LPF which is 

intrinsic to its structure. In fact, tuning the bandwidth of its LPF 

from 100π rad/s (twice that of the electricity grid as usual) to 

400π rad/s, the result is shown in Fig. 13. Now, the behavior of 

the algorithm is similar to ST-PLL. Notwithstanding, this is not 

a practical solution for the SOGI-PLL algorithm because the 

perturbations are unexpected. 

As a result of this comparison, the ST-PLL algorithm is at 

least three times faster than the EPLL algorithm at capturing 

abrupt changes in the input signal, and with the enormous 

advantage over the SOGI-PLL of not having to re-tune every 

time. 

Regarding the behavior of the developed algorithm in the 

face of phase jumps and voltage dips, Fig. 12 presents the result 

when simultaneous abrupt frequency, phase, and rms values 

jump happen in a distorted input signal. As can be seen and has 

already been commented, ST-PLL adapts quickly to the new 

conditions. However, to further highlight the excellent behavior 

of the developed algorithm against disturbances in the grid, Fig. 

14 presents the results of its application when a voltage dip 

occurs. As can be seen, the rms voltage is tracked in just one 

cycle, and the phase and frequency are not affected. 
 

 

Fig. 13. Results obtained applying the SOGI-PLL algorithm, tuning previously 
the bandwidth of its LPF to 400π rad/s, when an abrupt change of the 

fundamental component has been imposed in t = 0.2 s: the frequency increases 
from 100π to 110π rad/s, the phase changes from 30 to -90º and RMS value 

increases from 230 to 500 V. 

 

 
Fig. 14. Results obtained by applying the ST-PLL algorithm when there is a 
voltage dip in the electricity grid. 

 

Finally, it must be considered that in practical supply 

systems, there may be inter-harmonics caused by loads 

operating in a transient or saturated state, switched converters 

not synchronized to the fundamental frequency or, recently, 

smart meters that use the same electricity grid, its wiring, as a 

physical means of communication. To appreciate the behavior 

of the ST-PLL algorithm in practical supply systems, the 

following test has been carried out: two new components have 

been added to the input signal shown in Fig. 4 (which 

parameters are in table 2); a dc component with a value of 32.53 

V and a 75 Hz inter-harmonic with 15% rms value. Fig. 15a) 

shows that the ST-PLL algorithm achieves to track the input 

signal fundamental frequency in a few cycles, from an 

estimated initial value of 55 Hz. Fig. 15b) shows that the phase 

of the fundamental component of the input signal is also tracked 

but, however, the fundamental component is not perfectly 

sinusoidal, ¿why? Figure 16a) shows the spectrum of the output 

signal of the ST-PLL algorithm when the input signal is that of 

Figure 4 without dc component or inter-harmonic. As can be 

seen, the fundamental component provided by the algorithm is 



 

sinusoidal, that is, it can cancel the harmonic components. 

However, Fig. 16b), when the input signal also contains dc and 

inter harmonics, the ST-PLL algorithm still eliminates 

harmonic components and dc, but does not eliminate inter-

harmonic component. In any case, the function as PLL of the 

algorithm is perfectly satisfied because captures both the 

fundamental frequency and phase of the input signal. 

C. Performance of ST-PLL algorithm at high frequency 

To show the true possibilities of the developed algorithm in 

high frequency need to be implemented in a more efficient code 

that the used in this research (MATLAB®). However, as a first 

approximation to explore the excellent possibilities of the 

algorithm, the following test will be carried out: the objective is 

to track an unknown 𝜔0 = 180000π rad/s (𝑓0 = 90 kHz), 1 V 

RMS input signal that jumps down 20 KHz every 0.005 s (Fig. 

17). As a test of the algorithm's operating speed, it is assumed 

that the estimated frequency is 10 times higher than the actual 

one, i.e., 𝑓𝑐 = 900 kHz. 

Fig. 17 shows that the ST-PLL algorithm hunts for the 

unknown frequency right away.  

 Fig. 18 shows, for the area detailed in Fig. 17, how the ST-

PLL algorithm quickly captures the entire input signal in one of 

the jumps. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
 
 

Fig. 16. Spectra corresponding to the signal provided as fundamental 

component by the ST-PLL. (a) Input signal contains harmonics but not inter- 
harmonics. (b) Input signal contains dc component, harmonics and inter-

harmonics. 

 

Fig. 17. ST-PLL algorithm tracking speed of an unknown frequency. 

IV. EXPERIMENTAL RESULTS 

After checking by simulations, the excellent behavior of the 

ST-PLL algorithm, now, in this section, the results of 

experimental tests designed and carried out to test its 

performance in actual situations will be shown. For this, the 

authors have designed and implemented a workbench with all 

the necessary functionalities (Figure 19). 

(a) 

(b) 

(a) 

(b) 

Fig. 15. Results provided by the ST-PLL when applied to a signal with inter-

harmonics. (a) Frequency, and (b) fundamental component and phase. 



 

Fig. 18. ST-PLL algorithm tracks quickly the jump indicated in Fig. 16. 

Fig. 19. Experimental workbench to test the ST-PLL algorithm. 
 

In the first place, the developed workbench will be briefly 

presented, then two tests will be carried out: the first directly on 

the electricity grid and the second on the current provided by a 

grid-connected inverter. 

In the bottom part of the developed electronic instrument 

(Figure 19), the ST-PLL is executed implemented in JavaScript 

using the EJsS application (easy Java/JavaScript simulations), 

[30], an open tool written in Java (although compatible with the 

limitations of the new generation of browsers), which 

overcomes the constraints of proprietary software. EJsS can be 

used both to carry out simulations and to obtain the data from 

physical sensors, process, and evaluate them. In this case, this 

second utility has been used. The upper part of the instrument 

presented in Fig. 19 contains the measuring devices. 

Specifically, two LEMTM sensors, [31], one for voltage, and 

the other for current. They are controlled by means of two 

Arduino microcontrollers, [32], and synchronized between 

them by an FPGA (field-programmable gate array), [33].  

Now, a first experimental test is described. It is also presented 

in Fig. 19. In the figure can be seen as the instrument has been 

connected to the electricity grid by means of a 1 mH inductance 

that acts as the electricity grid impedance to weaken it. As a 

load, an uncontrolled rectifier with capacitive impedance on the 

DC side in parallel to an 80 Ω resistance on the AC side has 

been used. The capacitive impedance is made up of a 550 Ω 

resistor in parallel with a 2200 µF capacitor. As a consequence 

of the mounted circuit, the current at the input of the load is a 

very distorted signal and, due to inductance, also the voltage 

signal, but not as much as the current. In addition, current and 

voltage RMS values are very different. 

The developed electronic instrument has been used to track 

voltage and current frequency and phase as well as to provide 

their fundamental components. In both cases, the estimated 

(chosen) frequency (𝜔𝑐) has been set at 90𝜋 rad/s (𝑓𝑐 = 45 Hz) 

compared to that of the electricity grid, which is 𝜔0 = 100𝜋 

rad/s, (𝑓0 =  50 Hz) (see Fig. 3). The sampling time has been set 

to 0.156 ms.

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
 

Fig. 20. Results of experimental test: Voltage (V). ST-PLL algorithm parameters: estimated frequency = 45 Hz, measurement time = 0.6 s, sample time = 
0.0001563 s. The input signal in black, the fundamental component in red and the phase in blue.  



 

 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

 
 

 

 
Fig. 21. Results of experimental test: Current (A). ST-PLL algorithm parameters: estimated frequency = 45 Hz, measurement time = 0.6 s, sample time = 0.0001563 

s. The input signal in black, the fundamental component in red and the phase in blue. 

Fig. 22. Results of applying the ST-PLL to the current provided by a grid-connected inverter. 

 

The results of the experimental test are presented in Figs. 20 

(voltage) and 21 (current). As can be seen in both figures, the 

electronic instrument developed, thanks to the built-in ST-PLL 

algorithm, fixes the frequency and phase of both waveforms 

and provides their corresponding fundamental components with 

high precision. In addition, it is easy to make an idea of the 

speed of the algorithm; thus, if the sampling time is 0.1563 ms 

and the rms value of the fundamental component is tracked in 

less than 100 ms, the algorithm has been executed more than 

650 times in this short period of time. 

Finally, the ST-PLL has been applied to the current provided 

by a grid-connected inverter (of course, using the same 

experimental workbench of Figure 19) and the results are 

presented in Fig. 22. It is a real waveform with high and low 
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harmonic components. As can be seen in Fig. 22, the ST-PLL 

algorithm manages to trace the input signal and provides its 

fundamental component in a few cycles. 

CONCLUSIONS 

In this article, a new phase-locked loop algorithm has been 

presented, which, being self-tuning, has been called (ST-PLL). 

It is not an electronic device, but a software algorithm 

implementable in a virtual instrument. In fact, the ST-PLL 

algorithm is much easier to implement in practice than other 

PLLs published in the literature and requires much less 

computational effort. 

Regardless that its mathematical foundation is very simple, 

which also leads to a very simple practical implementation, 

perhaps two of its most important qualities are that it is self-

adjusting and also very fast. The first quality allows it to work 

with a wide frequency range in real-time because no tuning is 

necessary; the second allows the algorithm to work in a wide 

range of different applications, from electricity grid (low 

frequency) to communications (high frequency). 

 The performance of the ST-PLL algorithm has been tested 

both by simulation and experimentally. Furthermore, its 

performance has been compared with those of the most cited in 

the literature in the field of electricity grids, specifically in 

single-phase systems. The results have been excellent in terms 

of speed and, most of all, with regard to a feature that makes it 

unique, it tunes itself automatically based on the input signal it 

receives. 

The results have also shown that the ST-PLL algorithm can 

track the input signal after abrupt and simultaneous changes in 

its frequency, phase, and rms value, even if the input signal is 

distorted. But even more so, the ST-PLL algorithm eliminates 

harmonic components and DC offsets and, in the case that 

voltage dips can occur in the electricity grid, the rms voltage is 

tracked in just one cycle, and the phase and frequency are not 

affected. 

In order to check the actual performance of the ST-PLL 

algorithm in practice, an experimental electronic instrument has 

been developed and implemented. It has been applied to the 

power grid, weaken by means of a grid impedance. The 

algorithm performance has been, again, excellent and has 

confirmed the simulation results. 

The experimentation has been carried out on a single-phase 

electricity grid, but, of course, it is obvious that, for the three-

phase grid, a single-phase PLL like the one developed is enough 

to track the frequency (it will be the same in the other two 

phases). To generate the three-phase fundamental waveform, 

the ST-PLL algorithm should be applied to the input signal 

positive sequence waveform. Computing the three-phase 

waveform from the fundamental component obtained from the 

algorithm, the three-phase input signal fundamental positive 

sequence component would be obtained. 

It might be thought that the confirmation of the results would 

have concluded this investigation. Nothing is further from 

reality, precisely now, it is pending for further research to 

explore the true possibilities of the algorithm, which, in the 

authors' opinion, go far beyond what is shown in this work, 

especially in the field of communications. For this, it will be 

necessary to implement the algorithm in a more efficient and 

faster code, and to carry out specific experimental circuits for 

communications. 

Although the ST-PLL algorithm was conceived and designed 

to solve synchronization problems in the electricity grid, it has 

shown possibilities that go much further and that deserve to be 

explored in future works. 
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