Abouyehia, M., Egea-Alvarez, A., & Ahmed, K. H. (2025). A novel fractional-order derivative-based method for frequency estimation in low-inertia future grids. IEEE
Transactions on Industrial Electronics, 1-13. https://doi.org/10.1109/tie.2025.3621598. For the purposes of open access, a CC BY 4.0 licence has been applied.

WE IEEE TRANSACTIONS ON INDUSTRIAL ELECTRONICS

A Novel Fractional-Order Derivative-Based
Method for Frequency Estimation in
Low-Inertia Future Grids

Mohamed Abouyehia
and Khaled H. Ahmed

Abstract—This article proposes a novel frequency esti-
mation method based on fractional-order derivatives, de-

signed to meet the rapid response requirements of modern
low-inertia power systems. The proposed method utilizes
the Park-Clark transformation to convert three-phase sys-
tem voltages into dqg components, which oscillate at a fre-
quency deviation corresponding to the difference between
the actual system frequency and a predefined reference
frequency. A new analytical formulation is derived using
fractional-order derivatives to process these oscillatory
components and estimate the frequency deviation. The ac-
tual system frequency is then obtained by summing this de-
viation with the reference value. In contrast to conventional
phase-locked loop (PLL) methods, which rely on integral
control and are inherently limited by dynamic delays, the
proposed method eliminates such latency. The performance
of the proposed method is thoroughly evaluated through
rigorous mathematical analysis, which encompasses its
resilience to both noise and harmonic distortion, as well as
its stability in the presence of measurement inaccuracies.
Experimental validation is carried out using a real-time
hardware-in-the-loop (HIL) setup, incorporating a CINER-
GIA programmable grid emulator. The proposed method is
benchmarked against recent advanced PLL-based methods
across a diverse set of grid disturbance scenarios. Results
confirm that the proposed method achieves superior es-
timation accuracy, reduced response time, and enhanced
robustness compared with the existing methods.

Index Terms—Fractional-order derivative, frequency es-

timation, low-inertia future grids, phase-locked loop (PLL).
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|. INTRODUCTION

REQUENCY estimation plays a pivotal role in the mon-
F itoring and control of power systems, as it ensures syn-
chronization among multiple generators. This synchronization
is fundamental for coordinated operation and is critical to main-
taining the overall stability of the power grid. From the perspec-
tive of power converter control, accurate frequency measure-
ment also plays a crucial role in enabling coordinated operation
among converters. Reliable synchronization facilitates the pre-
cise determination of the transformation angle for the rotating
dq frame, which is essential for the proper functioning of the
inner control loops.

Frequency estimation methods are typically classified based
on the coordinate system utilized for estimation, namely, the
natural abc frame, the stationary o frame, and the rotating
dq frame. Synchronization within the abc coordinate, although
not widely adopted, has been explored in recent works. For
instance, a two-stage sliding Fourier transform is proposed in
[1]. The first stage estimates the grid frequency, allowing the
second stage to adapt its sliding window length. This method
offers high accuracy and effective harmonic rejection, at the
cost of increased computational complexity. Moreover, the en-
hanced phase-locked loop (E-PLL) introduced in [2] integrates
an adaptive notch filter into the PLL structure. The E-PLL
demonstrates robust synchronization performance in the pres-
ence of distorted, and unbalanced.

On the other hand, synchronization using stationary «/3 co-
ordinates presents a straightforward alternative that focuses
exclusively on two-phase a3 coordinates. The feed-forward
PLL (FF-PLL) proposed in [3] improves frequency estimation
by incorporating a feed-forward path with a low-pass filter,
effectively reducing the steady-state frequency estimation error.
In [4], a frequency estimation method is proposed utilizing a
recursive discrete Fourier transform (RDFT). This approach
achieves fast and accurate frequency estimation under unbal-
anced and distorted conditions. However, it requires precise
coding to address RDFT accumulation errors. The modified
second-order generalized integrator PLL (SOGI-PLL) in [5]
offers zero steady-state frequency error under ramp and sinu-
soidal frequency variations. The improved dual SOGI proposed
in [6] integrates a dual second-order generalized integrator
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(DSOGI-PLL), thereby enhancing the dynamic response of the
frequency estimation process. However, it introduces added
complexity in controller design and parameter tuning. The
frequency-fixed DSOGI-PLL, introduced in [7], eliminates the
need for frequent coefficient recalculations, thereby signifi-
cantly reducing computational complexity. The cascaded de-
layed signal cancellation (CDSC-PLL) in [8], [9], [10] provides
the harmonic selectivity of CDSC. This method improves fre-
quency estimation accuracy and robustness under grid distur-
bances but demands high computational resources.

Synchronization using rotating dq coordinates is integral for
achieving high precision in aligning the frequency of power
converters with the grid. For instance, the synchronous refer-
ence frame phase-locked loop (SRF-PLL) is widely recognized
for its ability to accurately estimate the frequency under ideal
or moderately distorted conditions. However, its performance
can degrade significantly in the presence of severe harmonic
distortion [11]. On the other hand, filter-based PLL methods are
designed to effectively attenuate high-frequency noise. How-
ever, the inclusion of filters tends to slow down the estimation
response during rapid frequency changes [12], [13]. The Lag-
PLL enhances frequency estimation performance under dis-
torted conditions. However, this improvement comes at the cost
of added system complexity [14].

Finally, some recent methods rely on artificial intelligence,
such as deep learning, for frequency estimation. However, these
methods are complex and computationally intensive [15]. Ad-
ditionally, recent grid-forming converters employ internal fre-
quency generation or estimation mechanisms such as droop
control [16], virtual synchronous machines [17], and dispatch-
able virtual oscillators [18]. While these control strategies in-
herently produce or track a frequency signal, they do not di-
rectly measure the actual grid frequency at the point of common
coupling. As a result, they may not fully capture the instanta-
neous frequency dynamics at the converter bus.

In summary, the primary challenges associated with existing
estimation methods are their sensitivity to harmonic distortion,
and the inherent delays that can compromise responsiveness to
rapid changes in grid conditions. Additionally, the increased
complexity of certain methods may complicate their practical
implementation. This article proposes a novel fractional-order
derivative-based estimation method to address these challenges.
The proposed method offers the following advantages.

1) Uses the fast action of derivatives to overcome delays
caused by integral actions in PLL-based methods, en-
abling rapid frequency estimation.

2) Accurately captures phase-induced frequency dynamics
and provides precise detection of frequency variations
during the initial cycle of transients caused by phase dis-
turbances. This capability is critical for achieving accurate
inertia estimation.

3) Incorporates adjustable parameters, which provide flexi-
bility for effective adaptation to varying harmonic content
and different noise levels.

4) Utilises a straightforward mathematical formulation to
eliminate the need for complex iterative computations,
ensuring efficient practical implementation.

Finally, the proposed method demonstrates superior perfor-
mance compared with the recent advanced PLL based methods
such as FF-PLL [3], DSOGI-PLL [6], and CDSC-PLL [10].
The structure of this article is organized as follows. Section II
provides an overview of the theoretical foundations and math-
ematical formulation of the proposed method. Section III fo-
cuses on the performance and stability analysis of the proposed
method. Section I'V presents a systematic guideline for selecting
the optimal parameters of the proposed method based on the
characteristics of its operating environment. Section V presents
the real-time HIL results, utilizing a CINERGIA grid emulator,
dSPACE and F28379D LaunchPad development Kkit.

Il. PROPOSED FRACTIONAL-ORDER DERIVATIVE-BASED
FREQUENCY ESTIMATION METHOD

The novelty of this article lies in the development of a
unique frequency estimation method that uses the distinct char-
acteristics of the Park-Clark transformation in combination
with fractional-order derivative calculus. Under nominal op-
erating conditions, where the reference frequency used in the
dq transformation matches the actual source frequency, the
resulting dg components are static dc values. This signifies
that there is no frequency deviation between the reference
and actual system frequencies. Consequently, no oscillatory
behavior is observed in the dg components, as demonstrated
in Scenario 1 of Fig. I, which depicts both the phasor and
time-domain representations of the abc and dg coordinate sys-
tems. However, when a frequency mismatch exists between the
reference and actual frequencies, the dq components cease to
remain static and instead exhibit oscillatory behavior. These
oscillations, which manifest as sine and cosine waves, are di-
rectly proportional to the frequency difference between the
actual source frequency and the reference frequency utilized
in the transformation. This is illustrated in Scenarios 2 and 3
of Fig. |. For example, in the context of Scenarios 2 and 3,
the actual source frequency is nominally set at 50 Hz, while
the reference frequencies for the dg transformation are set to
40 and 30 Hz, respectively. As a result of these mismatches,
the dg components oscillate at frequencies corresponding to
the absolute frequency differences, namely 10 and 20 Hz, as
depicted in the time-domain representation. If this frequency
difference is accurately estimated, it can be added back to the
predefined reference frequency used in the dg transformation,
which enables the actual source frequency to be determined.
This inherent encoding of Aw into the oscillation frequency
of the dg components forms the mathematical basis for non-
PLL-based frequency extraction. To mathematically describe
this process, let the three-phase voltages be expressed as

Va(t) Sin(wactt)
Vabc (t) = Vb(t) = Vm Sin(wactt - 27/3) (1)
Ve(t) sin(wactt + 27/3)

where V. (t) € R, V,,, is the amplitude of the voltages, and
Wact 18 the actual angular frequency. Park-Clark transformation



ABOUYEHIA et al.: NOVEL FRACTIONAL-ORDER DERIVATIVE-BASED METHOD FOR FREQUENCY ESTIMATION 3

Phase A
Phase B
Phase C
= = = -d-axis
e qaXiS

Time-domain
representation

Phasor
representation

q Scenario 1
AP
z 05 SNE Y
5 0 : 1d 0
E 1
=0 \\ ’ \UWXXM
-
-2 0 2 0 0.05 0.1
Real Scenario 2 Time (s)
9,5 S d
g 0s ’«”-. /'\\ 7
Eu 0 . | 0
E 1 E
=05 N , ", 3 ,
e g
-2 0 2 0 0.05 0.1
Real Scenario 3 Time (s)
- O
’ .
z0s qls,. 7 \\ AN ¢
E“ 0 : b | 0 i AR
1
E .05 N , v /
~ i ) 3
-2 0 2 0 0.05 0.1
Real Time (s)
Fig. 1. Phasor and time-domain representations of abc and
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no mismatch;

is applied to map the three-phase V. () into the orthogonal
dg-frame, using the transformation matrix Ty, (6), defined as

7 | cos(6)
g = 3l—sin(9)

cos(d — 3F)  cos( + F)

_ 5 , 5 2
—sin(6 — ) —sin(f + )
where 6 = [ wyer dt is the angular position of the rotating ref-
erence frame, synchronized to the reference angular frequency
wret. The dg-components are then obtained as

Vig (t) = [“ﬁzgﬂ =Taq (0) X Vase (t) 3)

where Vj, (t) € R? represents the transformed voltage com-
ponents in the dg-frame. When a frequency mismatch exists
between the actual source frequency w,.t and the reference
frequency wiyef, an angular frequency deviation arises. This
deviation is defined as

Aw = Wact — Wref - (4)

Substituting 0 = [ wyer dt and Aw = waer — Wre in (3), the
dg-components can be explicitly simplified and expressed as
oscillatory functions of the frequency deviation Aw, as follows:

[‘éjgm =V [22((2(:?)} : 5)

It is observed that the components V;(t) and V, (t) are directly
proportional to the maximum amplitude V;,,. Consequently, any
variations in V,,,, such as those caused by system disturbances
or variations in the source voltage magnitude, would directly
affect the dg-components and potentially compromise the ac-
curacy of the frequency estimation. To eliminate the influence

of amplitude variations and focus solely on the frequency char-
acteristics, a normalization step is applied by leveraging the
following trigonometric identity:

- g ) -] o
Gy
Vin

This normalization ensures that the estimator remains insensi-
tive to voltage magnitude changes, which is critical for reliable
operation during voltage sags, swells, or flicker events. The
proposed method then incorporates fractional-order derivative
calculus to estimate the frequency deviation Aw. In general,
a fractional-order derivative extends the concept of an ordi-
nary derivative to a real (noninteger) order «. The Riemann—
Liouville definition of the fractional derivative of order o is
utilized and formally expressed for a general function f (t) as
follows:

pofy=—t & /t IOy

L(n—a)dt” | (t — 7)o"

where n € Z* is the smallest integer greater than c, and
I'(.) is the Gamma function. For periodic signals such as
sine and cosine, the Riemann—Liouville fractional derivative
yields closed-form expressions. Specifically, based on standard
theorems from fractional calculus as discussed in [19], the
fractional derivative of the sine is given by D [sin (wt)] =
w® sin (wt 4 (7/2)a) , and for the cosine, it is D [cos (wt)] =
w® cos (wt + (m/2)cr), where w represents the signal angu-
lar frequency. Applying these theorems to the normalized
dg components in (6), the fractional derivatives become as

i) o

in(Awt + Z
sin(Awt + Ja) ®

cos(Awt + Fa)

This result reveals two fundamental effects introduced by the
fractional-order derivative. First, the amplitude of the resulting
signal is scaled by a factor of (Aw)”, which is a direct function
of the unknown frequency deviation and the chosen fractional
order. Second, the fractional derivative introduces a determinis-
tic phase shift of (7/2)«, thereby preserving the orthogonality
of the sine and cosine components. These effects are determin-
istic and analytically predictable, making the method suitable
for real-time implementation without the need for feedback, as
required in PLL-based methods. The key quantity for estimating
the frequency deviation is the amplitude of the fractional deriva-
tive, denoted as A,,. From the form of the signal in (8), this
amplitude satisfies A4,, = max ‘DO‘ {J(t)} ’ = (Aw)”. Due to
the orthogonal nature of the sine and cosine functions, the max-
imum of D*d (t) occurs precisely at the zero-crossing instances
of D*G(t), and vice versa. Therefore, A,, can be extracted
unambiguously by measuring the magnitude of Dd (t) at the
zero-crossings of D¢ (t). This measurement strategy ensures
high precision and avoids ambiguity in amplitude detection,
even under transient conditions. Taking the natural logarithm of
both sides of the amplitude relationship, 4,, = (Aw)?, yields a
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linear relationship between the logarithm of the amplitude and
the logarithm of the frequency deviation

In(A;,) = aln(Aw). )

This equation links the logarithmic of the predetermined am-
plitude In (A,,,) to the logarithmic frequency deviation In(Aw),
with the fractional order « serving as the proportionality factor.
Rearranging this relationship allows the frequency deviation
Aw to be expressed explicitly as

(10)

Once Aw is determined, the actual system frequency can be cal-
culated by adding the estimated deviation Aw to the reference
frequency wy.f, yields the following:

an

Fig. 2 illustrates block diagram of the proposed estimation
method. The input signals (highlighted in blue) include the
fractional-order parameter «, the reference angular frequency
wref, and the three-phase voltage signal. The output signal
(highlighted in red) is the estimated instantaneous frequency
of the input abc voltage. Initially, the three-phase voltage sig-
nal is transformed into the rotating dq frame. The resulting
dq components, which exhibit oscillatory behavior due to the
frequency deviation Aw, are then normalized to obtain unit
vectors. These normalized oscillatory cZ(j signals are subse-
quently processed using a fractional-order derivative operator
with a predefined order a. A sample-and-hold mechanism is
implemented to capture the magnitude of the fractional deriva-
tive of the cZ—component, denoted as A,,. This measurement
is updated upon receiving a trigger signal, which is generated
when the fractional derivative of the ¢-component undergoes
a zero-crossing event. The zero-crossing detector and sample-
and-hold block are essential for implementing the theoretical
estimator in a discrete-time environment, ensuring accurate am-
plitude measurement at the correct phase-synchronized instant
under practical sampling constraints. Once A,, is acquired,
Equation (10) is applied to estimate Aw. This deviation is
then added to the known reference frequency wy..¢ to compute
wact- In the case of unbalanced conditions, a positive-sequence
extractor should be applied to the input abc voltage to isolate
the positive-sequence component. Subsequently, the extracted
positive-sequence component is processed by the estimation
method in the same manner as under balanced conditions.
The proposed method includes two tunable parameters: o and
wref, as shown in Fig. 2. These parameters directly influence the
responsiveness and adaptability of the estimator across different
operating environments. For instance, a notable advantage of
the proposed estimation method is its ability to provide precise
control over the frequency of updates in the estimation process,
making it adaptable to systems with varying inertia. In low-
inertia power systems, where rapid frequency variations occur,
the method can provide frequent update to track fast changes ef-
fectively. In contrast, for high-inertia power systems, where fre-
quency changes are slower, the update rate can be reduced to op-
timize the computational efficiency. This flexibility is achieved

Wact = Aw + Wref -
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Fig. 2. Proposed fractional-order derivative based-estimation method.

by adjusting the reference frequency, wyet. The oscillation fre-
quency of the dg-components, w = wyey — Wret, determines the
update rate, which occurs at twice the oscillation frequency due
to amplitude peaks at both maxima and minima. Lowering the
reference frequency increases Aw, leading to more frequent
updates. For example, with an actual frequency of 50 Hz and
a reference frequency of 40 Hz, the oscillation frequency be-
comes 10 Hz, enabling updates at 20 Hz (updates every 50 ms).
For low-inertia systems requiring even higher update rates, a
negative reference frequency can be used. For instance, setting
the reference frequency to —50 Hz results in an oscillation
frequency of 100 Hz, enabling updates at 200 Hz, or every 5 ms.
Moreover, it can be further reduced to achieve near-continuous
estimation. Another key advantage of the proposed method lies
in the tunability of the «, which directly enhances robustness
to noise. In particular, small values of « effectively suppress
high-frequency disturbances. Moreover, the inherent respon-
siveness of the fractional derivative enables near-instantaneous
detection of frequency deviations. The guidelines for optimal
selection of the parameters o and wyef are discussed in detail
in Section IV.

I1. IN-DEPTH ANALYSIS OF NOISE SENSITIVITY,
HARMONIC REJECTION, AND STABILITY IN
PROPOSED ESTIMATOR

This section presents a comprehensive mathematical inves-
tigation into the robustness and stability of the proposed es-
timation method. The analysis is structured into two main
parts. First, the effect of the fractional-order derivative on
a noisy sinusoidal signal is examined, with particular atten-
tion given to its response under both low-frequency harmon-
ics and high-frequency measurement noise. Second, the sta-
bility of the frequency estimation process is analyzed us-
ing perturbation theory, which evaluates the sensitivity of
the estimator to small inaccuracies in amplitude and estab-
lishes conditions under which the estimator maintains reliable
performance.
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A. Part A: Mathematical Analysis of Noise in
Fractional Differentiation

To analyze the effect of fractional differentiation in a noisy
sinusoidal signal, consider a general signal z(t), expressed as

x (t) =sin(Awt) +1n(t), teR (12)

where 7 (t) denotes a noise function. The noise 7 (¢) is assumed
to be zero-mean with a power spectral densities (PSD) S, (f),
which characterizes the distribution of noise power over the
frequency spectrum. The objective is to analyze the behavior of
the sinusoidal and noise components under the fractional-order
derivative operator D®. The fractional derivative of a sinusoidal
function, sin(Awt), is given by (Aw)® sin(Awt + (7/2)a) as
in (8). The power of the sinusoidal component after differenti-
ation is given by

Py(a, Aw) = %(Aw)m. (13)

The noise component 7 (¢) is analyzed in the frequency domain
to assess the transformation of its PSD under fractional differ-
entiation, as follows:

F{D ()} = (j2f)* F{n (t)}

where F{n (t)} represents the Fourier transform of 7 (¢). Tak-
ing the squared magnitude of the above equation yields the PSD
of the noise after fractional differentiation

Span(f) =127 F)1° S, (f) (15)

where S, (f) and Spe,(f) are the PSD of the noise com-
ponents and its fractional derivative, respectively. To compute
the total noise power after differentiation, assume that 7 () is
a band-limited noise with constant PSD .S, (f) =5, for f €
[0, B]. The total noise power is then obtained by integrating
the PSD over the bandwidth B, as follows:

(14)

B
P,(o, B) = / 2mf)** Sy df. (16)
0
Evaluating this integral yields the following:
Pn(aaB)—TH 17

The noise-to-signal ratio (NSR) quantifies the relative impact
of noise on the sinusoidal after differentiation, as follows:

P,(a,B) 28, (2xB)***!

NSR (a, B, Aw) = Py(c, Aw) = 20+ 1)(Aw)2e”

From the above equation, it is evident that increasing the fre-
quency deviation Aw reduces the NSR, whereas increasing the
bandwidth B leads to an increase in the NSR. In contrast, the
relationship between the fractional order v and the NSR is
inherently nonlinear. It has been observed that the impact of
a on the NSR is strongly dependent on the specific values of
both B and Aw. That is, for certain combinations of B and
Aw, increasing « results in a reduction in the NSR, while for
other combinations, increasing « leads to an increase in the
NSR. In the present study, the fractional order « is considered
within the range [0,1]. To analyze the behavior of the NSR with

(18)

Region 1: Monotonically decreasing NSR as « increase
Region 2: Monotonically decreasing NSR as o decrease
Region 3: Non-monotonic function NSR
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Fig. 3. Regions of NSR behavior as a function of bandwidth B and
frequency deviation Aw, showing monotonic and nonmonotonic areas
for a € [0, 1].

respect to «, the derivative of (18) is computed with respect to c.
Setting this derivative to zero allows for the identification of the
critical points at which the NSR transitions between increasing
and decreasing trends. The sign of the derivative within this
interval determines the monotonicity of the NSR as a function
of a. Based on this analysis, the parameter space defined by
(B, Aw) is partitioned into three distinct regions, as shown in
Fig. 3. In Region 1 (red area), the derivative remains negative
throughout the interval o € [0, 1], indicating that the NSR de-
creases monotonically as « increases. In Region 2 (green area),
the derivative is positive across the entire interval, meaning
that the NSR decreases monotonically as o decreases. Region
3 (purple area) corresponds to the case where the derivative
changes sign within the interval « € [0, 1], resulting in non-
monotonic behavior of the NSR, it initially decreases and then
increases as « varies. To further characterize the NSR behavior
within this nonmonotonic region, the optimal value of «, where
the NSR reaches its minimum, is determined by solving the
condition that sets the derivative to zero, as follows:

1 1
Qoptimal (Region 3) — E <ln(2”B) — 1) . (19)
Aw

Fig. 4 illustrates the potential variations in the behavior of the
NSR within the same range of the fractional order « € [0, 1].
In some instances, as depicted in Fig. 4(a), the NSR exhibits
nonmonotonic behavior. In contrast, Fig. 4(b) shows a mono-
tonic decrease NSR as « increase, while Fig. 4(c) demonstrates
a monotonic increase NSR as « increase.

B. Part B: Stability Analysis of the Frequency Estimator

In this part, the stability of the proposed frequency estimator
is analyzed using the perturbation method. This approach in-
vestigates how small error (inaccuracy) in the measured ampli-
tude, A,,, propagate through the frequency estimation process.
Thereby providing insights into the estimator stability against
measurement inaccuracies. By introducing a small perturbation
€m into the measured amplitude to account for any inaccuracies,
the perturbed amplitude becomes

Ay = A+ em = (AW)* + & (20)



IEEE TRANSACTIONS ON INDUSTRIAL ELECTRONICS

%105 6 1200
1.6 1000
1.4 1.4 1000
o 12 " o 800
2 1 2 500 600
038 1
0.6 0 400
o 04038 1000 ol 200
0.5 1500 05
x10* Aw 21 N 06 Aw 2000 1

: x10*
><10
o
Z
[OOO
1500

2000 1

Fig. 4. Variations in NSR behavior with «: () nonmonotonic; (b) mono-
tonically decreasing with «; and (c) monotonically increasing with .

For small values of ¢,,, a first-order Taylor series expansion
around A, = (Aw)” is applied. The logarithmic expression
then approximates to

Em

In(A4',,) ~alnA = 21
b (A ) = @A) + 1 e

Substituting this expression in (10) gives
AW — ei(aln(Aw)-{-ﬁ). (22)

For small perturbations where (g,,/(Aw)®) < 1, a first-order
approximation yields the following:

For the estimator to remain stable, small perturbations in
A,,, should not lead to significant deviations between Aw’ and
Aw. This requires

Aw' ~ Aw (1 (23)

em < a(Aw)” (24)

From (24), it is evident that increasing Aw enhances the
robustness of the estimator against the amplitude inaccura-
cies. Moreover, increasing « also enhances the robustness of
the system to such errors. It is recommended that the ratio
(Em/a (Aw)™) remains bounded by an upper limit of 1072 to
ensure that the impact of amplitude inaccuracies on the esti-
mated frequency remains negligible. Fig. 5 demonstrates the
relationship in (24), where the behavior of the fractional deriva-
tive for the d-component is analyzed with three different values
of a = 0.1, 0.5, and 0.9 in scenarios 1, 2, and 3, respectively.
The results are presented for two values of Aw: a frequency
of 10 Hz and a frequency of 50 Hz. In this figure, the d-axis
component is affected by measurement noise and inaccuracies,
exhibiting an amplitude inaccuracy (g,,) of £0.01 V and a
noise bandwidth of up to 100 kHz. It is observed from the
scenarios presented in Fig. 5 that as the changes in Aw increase,
the amplitude (A,,) increases. This reduces the relative impact

Ao=2nx10 Ao=21x50
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>
goww
S

A L
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=, 200
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2 -200
2 400 | | | | | | ]
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Time, s

Fig. 5. Impact of fractional derivative order o and frequency deviation
Aw on the d—component’s noise resistance and susceptibility to mea-
surement errors for three scenarios of « (0.1, 0.5, and 0.9) with Aw = 10
and Aw = 50 Hz.

of amplitude inaccuracies, as the absolute error becomes less
significant compared with the larger signal amplitude. Addi-
tionally, for a fixed Aw (10 or 50 Hz), the amplitude A,, is
highly dependent on the selected fractional order . Specifi-
cally, for « = 0.1, the resulting amplitude remains relatively
small (typically on the order of units) whereas for & = 0.5 and
a = 0.9, the amplitude increases significantly, reaching tens and
hundreds, respectively. As « increases, the amplitude increases
correspondingly, reducing the relative impact of additive errors
in amplitude measurement.

From another perspective, and as further illustrated in Fig. 5,
when the fractional derivative is set to o = 0.1, the impact of
measurement noise remains minimal, indicating strong inherent
noise resistance at lower « values. As « increases to 0.5, noise
influence becomes more evident, albeit still moderate, and be-
comes significantly more pronounced at o = 0.9. Interestingly,
when Aw is increased from 10 to 50 for the same « values,
the estimator resistance to noise improves considerably for both
a = 0.5 and a = 0.9, although in the latter case, noticeable
noise effects still persist. This behavior is attributed to the
spectral interaction between the measurement noise and « (dis-
cussed in Part A). Specifically, for the selected Aw values, the
measurement noise bandwidth falls within Region 2 of Fig. 4,
where the NSR decreases with decreasing o.. These empirical
observations are in strong agreement with the theoretical trends
predicted by (18). Therefore, the selection of « presents a
tradeoff in the presence of high-frequency measurement noise
(around 100 kHz): reducing o enhances noise suppression but
simultaneously increases the estimator sensitivity to amplitude
inaccuracies. In contrast, increasing Aw offers a more favorable
effect, as it simultaneously reduces the relative influence of
noise and improves robustness against amplitude inaccuracies.
Consequently, the joint selection of o and Aw should be opti-
mally designed.
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IV. GUIDELINES FOR OPTIMAL PARAMETERS SELECTION

In the proposed method (Fig. 2), two key parameters, namely
wrer and a, can be tuned to optimize performance under vary-
ing operating conditions. These parameters directly influence
the estimator sensitivity to noise and robustness against the
amplitude errors. Reducing wyr increases the frequency shift
Aw = waet — Wref, Which is generally beneficial. As shown
in Section 111, a larger Aw enhances both noise rejection and
robustness to amplitude errors. However, Aw cannot be in-
creased arbitrarily, as it is constrained by the system sampling
frequency fs. Specifically, the frequency content of the d- and
g-axis components increases with Aw, and sufficient sampling
is required to preserve numerical accuracy and prevent aliasing.
A conservative guideline is to select Aw such that the signal
frequency remains below fs/20 to ensure a safe operational
margin and to achieve high estimation accuracy. For example,
with a 10 kHz sampling frequency (which is typical in many
practical hardware implementations), Aw should not exceed
500 Hz (=~ 3142 rad/s). Accordingly, in a 50 Hz power system
application, wys is selected to be approximately —450 Hz. With
the operational boundary for wies established, the optimal «
can then be selected based on the characteristics of the op-
erating environment. Moreover, to ensure accurate frequency
estimation, the proposed method should avoid cases where the
frequency deviation becomes zero (wact = wref). Under this
condition, the dg-transformed signal becomes constant, and the
input to the fractional derivative loses its oscillatory nature.
Moreover, the formulation in (11) assumes that w,ct > Wref,
and therefore Aw > 0, this assumption may not always hold in
practice. If w,cy < wyer, then Aw < 0, and the estimator should
correctly interpret the sign of the deviation. Failing to do so
leads to significant estimation error. To generalize the estima-
tion logic for all operating conditions, (! 1) should be modified
t0 Wact = Wrer T+ Aw. These guidelines established the general
boundaries within the parameter should be selected prior to
their optimal tuning. In this work, three representative scenarios
are considered for optimal parameters tuning: 1) harmonic-
rich environments dominated by low-order harmonics; 2) high-
frequency noise-dominant conditions; and 3) mixed-noise en-
vironments containing both low-order harmonics and high-
frequency noise components.

A. Scenario 1: Harmonic-Rich Environment, Negligible
High-Frequency Noise

In this case, the signal contains significant low-order har-
monic content, typically up to the 13th harmonic (650 Hz),
while high-frequency noise is ignored or effectively filtered.
Consequently, the effective noise bandwidth B remains rela-
tively narrow, typically below 1 kHz. Given these conditions,
and considering that Aw is limited to 3142 rad/s, the system
operates within Region 1 of Fig. 3, where the NSR decreases
monotonically as « increases. Therefore, increasing o improves
both harmonics rejection and robustness against numerical er-
rors. Higher values of o (a« > 0.6) are encouraged. Care must
be taken to ensure that no residual high-frequency components

are present, as they can be significantly amplified at large «, as
observed in Fig. 5 (Scenario 3).

B. Scenatrio 2: High-Frequency Noise Dominant
Environment (Negligible Low-Frequency Harmonics)

In this scenario, the system is primarily affected by high-
frequency measurement noise (in the range of 4—100 kHz), with
no low-order harmonic distortion. This corresponds to Region
2 in Fig. 3, where the effective noise bandwidth B is large. In
this region, the NSR increases monotonically with a. There-
fore, a low « should be selected to limit noise amplification.
However, o must not be reduced excessively, as very small
values may violate the estimator stability condition derived in
(24). To ensure robustness against amplitude inaccuracies, the
term (&,,/ca (Aw)®) should be bounded by an upper limit of
1072 Assuming the maximum allowed Aw = 3142 rad/s, the
minimum admissible « that satisfies both the noise suppression
and stability criteria is o = 0.2 (given that &,,, is limited within
+ 0.01 V).

C. Scenario 3: Mixed Noise Environment
(Low-Frequency Harmonics and High-Frequency Noise)

In this scenario, the system is affected by both low-frequency
harmonic distortion and high-frequency measurement noise.
The signal spectrum in this case can be characterized by two
distinct bandwidths: By, corresponding to the low-order har-
monic bandwidth, and By, representing high-frequency noise
bandwidth. Under such conditions, it is recommended to design
the estimator to operate in Region 3 of Fig. 3. This region allows
for a wide range of potentially optimal « values (0 < o < 1),
enabling greater design flexibility. Therefore the recommended
approach is as follows.

1) Determine the harmonic bandwidth of the input signal
(Bg). Then, starting from this value on the horizontal
axis, move vertically until intersects the Region 1 lower
boundary (represented by the red curve in Fig. 3). The cor-
responding value of Aw at this intersection point defines
the maximum allowable frequency for operation within
Region 3.

2) Compute the corresponding optimal « using (19).

3) If the resulting a,p exceeds 0.5, high-frequency noise
amplification may become significant. In that case, reduce
Aw incrementally and recompute cvopy until agpe < 0.5 is
achieved.

4) Finally, check robustness against inaccuracies using the
selected Aw and « by evaluating the condition in (24).

If condition (24) is not satisfied, then it becomes necessary to
apply a low-pass filter to suppress the high-frequency noise.
Once this noise is effectively eliminated, the estimator gains
flexibility in its design, allowing for the use of larger values of
Aw and «, similar to the configuration employed in Scenario 1.
An illustrative example is presented to determine the optimal
values of o and Aw. This example reflects conditions similar to
the environment in which the experimental setup in Section V
is conducted. Consider an experimental validation scenario
where harmonics are present up to the 13th order (By ~ 650
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Fig. 6. Hardware implementation setup for experimental validation,
including: (i) the CINERGIA grid emulator; (ii) voltage measurement
sensors; (iii) dSPACE real-time simulator; (iv) GUI for the grid emulator;
(v) oscilloscope; and (vi) GUI for dSPACE.

TABLE |
HARMONIC COMPONENTS EXPRESSED AS A
PERCENTAGE OF THE FUNDAMENTAL COMPONENT, IN
ACCORDANCE WITH EUROPEAN STANDARD

Harmonic Components THD
3rd  5th 7th 9th 11th  13th 10.46%
5% 6% 5% 15% 3.5% 3%

Hz), while high-frequency measurement noise appears around
100 kHz (Byxy ~ 100 kHz). Using By = 650 Hz on the
red curve in Fig. 3, an initial selection of Aw =~ 450 Hz
yields an optimal fractional order of agp; ~ 0.85, based
on (19). However, this relatively high « value undesirably
amplifies high-frequency noise. Reducing Aw to 400 Hz
lowers cp¢ to approximately 0.5, and a further reduction to
Aw = 350 Hz results in op =~ 0.3. This value provides
sufficient high-frequency noise and harmonic content
attenuation. At Aw = 350 Hz and o = 0.3, the condition
(24) 1is satisfied for the employed voltage sensors in the
experimental setup (g,, = &+ 0.01V).

V. HARDWARE VALIDATION AND EXPERIMENTAL RESULTS

The proposed estimation method is experimentally validated
using a real-time hardware setup, as shown in Fig. 6. The hard-
ware setup consists of the CINERGIA grid emulator controlling
the grid voltage magnitude, phase, and frequency. The resulting
voltage signals are measured using voltage sensors with a mea-
surement noise bandwidth of 100 kHz, and interfaced with the
dSPACE. The proposed estimation method is implemented on
the dSPACE system, where the estimated frequency is displayed
on the dSPACE GUI. It is compared with recent advanced
methods such as FF-PLL, DSOGI-PLL, and CDSC-PLL. The
optimal parameters for all benchmark methods are determined
using MATLAB’s Response Optimizer toolbox in Simulink to
ensure a fair and consistent comparison. The validation process
is divided into six scenarios. The test scenarios are conducted
under conditions with representative harmonic distortion levels,
as outlined in Table I. The optimal parameters, identified in the
previous section, include o = 0.3 and a reference transforma-
tion frequency of —300 Hz.

Line voltages, V

Time, s

@

Proposed
—— FF-PLL
DSOGI-PLL
CDSC-PLL

Frequency error, Hz

L L H H
1 1.05 11 1.15 1.2 125
Time, s

(®)

Fig. 7. Results for Scenario 1 showing: (a) three-phase line voltages
with 10.46% THD (low frequency harmonics); and (b) fundamental
frequency estimation errors of the proposed method in comparison with
methods.

A. Scenario 1: Fast Frequency Dynamics With
Low-Order Harmonics

This scenario evaluates the performance of the proposed
estimation method under rapid frequency variations. In this
scenario, the frequency is stepped up from 50 to 52 Hz at
t = 1 s, with a high rate of change of 200 Hz/s (almost step
change). Fig. 7 illustrates the results, where Fig. 7(a) shows
the three-phase line voltages with an imposed THD of 10.46%.
Meanwhile, Fig. 7(b) presents a comparative evaluation of the
frequency estimation error between the proposed method and
other recent methods. The performance is evaluated using three
criteria: the maximum peak error, indicating the largest dif-
ference between the estimated and actual frequency; the root
mean square error (RMSE), measuring the average deviation
over the analyzed period, and the response time, which spec-
ifies the duration required for the estimator to stabilize within
1% of its steady-state value. As shown in Fig. 7(b), the pro-
posed method exhibits a faster response to frequency changes,
reaching the actual frequency more quickly than all benchmark
methods. Specifically, it achieves a 10% faster response time
compared with FF-PLL, a 47% improvement over DSOGI-
PLL, and a 48% reduction relative to CDSC-PLL. Furthermore,
the proposed method demonstrates superior accuracy. In terms
of peak error, it outperforms FF-PLL by 4.2%, DSOGI-PLL
by 4.1%, and CDSC-PLL by 4.4%. Regarding RMSE, the pro-
posed method shows improvements of 20% over FF-PLL, 17%
over DSOGI-PLL, and 21% over CDSC-PLL.

B. Scenario 2: Fast Frequency Dynamics With High
Frequency Noises

This scenario evaluates the proposed frequency estimation
method under rapid frequency changes and high-frequency
noise distortion. Similar to Scenario 1, a step change from 50
to 52 Hz is applied at t = 1 s with a rate of 200 Hz/s. However,
unlike Scenario 1, which involved low-order harmonics, this
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Fig. 8. Results for Scenario 2 showing: (a) three-phase line voltages
with 5.3% THD (high frequency noises); and (b) fundamental frequency
estimation errors of the proposed in comparison with methods.

case introduces distortion concentrated in the 2-5 kHz range,
resulting in 5.3% THD. As shown in Fig. 8, the proposed
method maintains consistent performance in terms of RMSE,
peak error, and response time, comparable to Scenario 1, con-
firming its robustness to high-frequency noise. In contrast, FF-
PLL and DSOGI-PLL exhibit sustained oscillations (~0.01 Hz
peak error) in their frequency estimates, due to limitations in
their harmonic rejection strategies. These methods are effective
against low-order harmonics but less resilient to high-frequency
components. Conversely, the proposed method and CDSC-PLL
show strong immunity to both distortion types, delivering stable
and accurate frequency tracking throughout the transient.

C. Scenario 3: Slow Frequency Dynamics With Low
Order Harmonics

This scenario investigates the performance of the proposed
method under relatively slow dynamic changes in frequency.
In this scenario, the frequency is stepped down at a rate of
0.5 Hz/s during the period between t = 5 s and r = 6 s, reaching
a minimum value before stepping back up again at the same
rate between t = 6 s and r = 7 s. The results are shown in
Fig. 9, where Fig. 9(a) displays the estimated frequencies and
demonstrates that the proposed method consistently achieves a
faster estimation response. Fig. 9(b) highlights the frequency es-
timation errors, where the proposed method achieves a faster re-
sponse time, outperforming FF-PLL, DSOGI-PLL, and CDSC-
PLL by 7.2%, 56.5%, and 57.4%, respectively. It also delivers
improved accuracy, with peak error reductions of 55.4%, 56%,
and 59%, and RMSE improvements of 61% over FF-PLL and
45% over both DSOGI-PLL and CDSC-PLL.

D. Scenario 4: Validation Under Magnitude and Phase
Variations With Harmonics

This scenario evaluates the robustness of the proposed es-
timation method under variations in the magnitude and phase

Proposed
FF-PLL
DSOGI-PLL
CDSC-PLL
Reference

< \ \
50 AN
N
N

49.8

496

Estimated frequency, Hz

. s
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Time, s

(@)

Proposed

— FF-PLL

DSOGI-PLL

I 1 CDSC-PLL

5 55 6 6.5 7
Time, s
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Frequency error, Hz

Fig. 9. Results for Scenario 3 illustrating: (a) fundamental frequency
estimation responses; and (b) corresponding estimation errors for the
proposed method compared with competitive methods.

of the input voltage. These studies are representative of grid
disturbances such as voltage dips, rises, flickers, and phase
changes. The results of this scenario are presented in Fig. 10.
Fig. 10(a) depicts the three-phase line voltages subjected to
various disturbances. At t = 7.5 s, the voltages exhibit a dip
of 10%, which lasts for 0.5 s, followed by a rise of 10% at t =
8.5 s, also lasting for 0.5 s. Additionally, the voltages experience
flicker at a frequency of 1 Hz with a magnitude of 10%. Finally,
the phases of the three-phase voltages are altered dynamically,
with a phase shift of —5° occurring at + = 11 s and a phase
shift of +5° occurring at t = 11.5 s. These phase changes occur
at a rate of 100 °/s. The zoomed area of Fig. 10(a) illustrates
the phase change in radians, showing a transition to —5 rad,
with the nominal phase value of 0 also plotted on the same
figure to emphasize the phase difference over time. Fig. 10(b)
presents the frequency estimation errors of the proposed method
compared with the competitive methods. Both the proposed
method and FF-PLL achieve a peak error and RMSE of
0 Hz during voltage dips, rises, and flickers. This demonstrates
perfect decoupling between magnitude changes and frequency
variations, which is attributed to the magnitude normalization
block (as described in Fig. 2). DSOGI-PLL exhibits the poorest
performance with a peak error of 0.04 Hz and an RMSE of
0.01 Hz. While CDSC-PLL improves upon DSOGI-PLL with
a peak error of 0.002 Hz and an RMSE of 0.0005 Hz. Moreover,
the proposed method accurately tracks the frequency changes
induced by the phase shifts, capturing the precise relationship
between phase and frequency. This relationship is defined as
Af=(Ap/180 * (2At)), where Ay is the phase change (in
degrees) and At is the time interval over which the phase
change occurs (in seconds). For instance, during the —5° phase
shift at + = 11 s, the phase transitions from 0° to —5° over
0.05 s, corresponding to a rate of 100 °/s. This results in a fre-
quency reduction of 0.2778 Hz, with the actual frequency being
49.72 Hz. The zoomed areas highlighting frequency errors in-
duced by the phase change reveal that the proposed method
detects a frequency change of 0.2737 Hz, achieving the lowest
error at 1.47%, closely mimicking the exact relationship. In
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Fig. 10. Results for Scenario 4 showing: (a) three-phase voltages with
a zoomed area for phase measurement compared with the nominal
phase zero value; and (b) fundamental frequency estimation errors of
the proposed method compared with competitive methods.

comparison, FF-PLL detects 0.2488 Hz with a 10.43% error,
DSOGI-PLL detects 0.3096 Hz with an 11.44% error, and
CDSC-PLL detects 0.3251 Hz with a 17.02% error. The pro-
posed method effectively captures the frequency dynamics in-
duced by phase disturbances occurring during grid transients.
Accurate detection of these dynamics within the first cycle is
crucial for reliable inertia estimation.

E. Scenario 5: Performance Under Severe
Fault Conditions

This scenario investigates the performance of the proposed
estimation method during a severe fault condition. Fig. 11(a)
illustrates the three-phase line voltages during the fault event.
At t = 2 s, a severe fault occurs, reducing all line voltages to
nearly zero. This fault persists for 200 ms, after which the fault
is cleared, and the voltages return to their nominal values. Such
voltage faults leads to an approximate zero-frequency condition
at the terminal side. Fig. 11(b) shows the estimated frequency
errors of the proposed method and the competitive methods
under the fault condition. As observed, the proposed method
promptly detects the fault and accurately estimates the terminal
frequency to be near zero, resulting in zero frequency error.
Furthermore, after fault clearance, the proposed method swiftly
restores the estimated frequency to its nominal value of 50 Hz,
demonstrating its adaptability to postfault conditions. Although
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Fig. 11. Results for Scenario 5 showing: (a) three-phase line voltages;
and (b) fundamental frequency estimation errors.
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Fig. 12. Results for Scenario 6 showing: (a) three-phase line voltages
with added dc offsets; (b) fundamental frequency estimation errors
using the proposed method without positive sequence extraction; and
(c) fundamental frequency estimation errors using the proposed method
with positive sequence extraction.

the FF-PLL detects zero frequency during the fault, the pro-
posed method achieves a 22.26% faster dynamic response. Ad-
ditionally, it reduces the peak error by 3.50%. and RMSE is
decreased by 30.40%. Conversely, the DSOGI-PLL and CDSC-
PLL fail to detect the zero-frequency condition during the fault,
inaccurately maintaining an output of approximately 50 Hz
despite the actual frequency being 0 Hz.
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TABLE Il
RELATIVE PERFORMANCE OF BENCHMARK METHODS COMPARED WITH THE PROPOSED METHOD

Benchmark Methods

Scenario Metric
Proposed Method FF-PLL DSOGI-PLL CDSC-PLL
Fast frequency RMSE (Hz) 0.491 0.615 (202%)  0.591 (16.9%)  0.622 (21.1%)
O%Efrﬁ;:ngﬁi}c‘slzﬁ’d MaxAE (Hz) 1.896 1.979 (4.2%) 1.977 (41%) 1.984 (4.4%)
noises TS (ms) 118 131 (9.9%) 205 (47.6%) 207 (48%)
Slow frequency RMSE (Hz) 0.0063 0.0163 (61.4%) 0.0114 (44.7%) 0.0114 (44.7%)
dynamics with low MaxAE (Hz) 0.0078 0.0175 (55.4%)  0.0177 (55.9%)  0.0190 (58.9%)
order harmonics TS (ms) 12.45 1342 (12%) 2862 (56.5%)  29.23 (57.4%)
Magnitude and phase RMSE at magnitude variations (Hz) 0 0 0.010 0.0005
variations with low MaxAE at magnitude variations (Hz) 0 0 0.040 0.002
order harmonics Phase-induced frequency detection error (%) 1.47% 10.43% 11.44% 17.02%
RMSE (Hz) 14.26 20.49 (30.4) N/A N/A
Fault condition MaxAE (Hz) 51.49 53.36 (3.5) N/A N/A
TS (ms) 113.57 146.1 (22.3%) N/A N/A
Unbalanced Sustained oscillation magnitude (Hz) without PSE 0.11 0.02 0.04 0
Condition Sustained oscillation magnitude (Hz) with PSE 0 0.02 0.04 0
Computational Time Percentage computational time @ Buffer = 250 12.07% 12.34% 29.22% 46.35%

F. Scenario 6: Performance Under
Unbalanced Conditions

This scenario evaluates the performance of the proposed
method under unbalanced conditions. To simulate unbalance,
dc offsets are introduced into the voltage signals of the three
phases. Specifically, offsets of 0.05, 0.10, and 0.15 pu are
added to the voltages of phases “a”, “b”, and “c” respectively,
starting at 2 s. Fig. 12(a) presents the three-phase line volt-
ages. Fig. 12(b) illustrates the estimated frequency errors of the
proposed method alongside competitive methods. The results
indicate that the proposed method, FF-PLL, and DSOGI-PLL
exhibit sustained oscillations in the frequency estimation dur-
ing unbalance, albeit with varying magnitudes. The proposed
method demonstrates the highest sustained error magnitude of
0.11 Hz, followed by DSOGI-PLL with 0.04 Hz, and FF-PLL
with 0.02 Hz. In contrast, the CDSC-PLL does not exhibit
sustained errors under unbalanced conditions. To enhance the
proposed method performance under unbalanced conditions,
a positive sequence extraction mechanism is integrated prior
to employing the fractional-derivative. The adopted positive-
sequence extractor is based on the delayed signal cancellation
(DSC) technique, as originally presented in [20]. Fig. 12(c)
demonstrates the results of the proposed method with the pos-
itive sequence extraction applied. As shown, the sustained os-
cillations in the frequency estimation are eliminated. Under
these conditions, the proposed method outperforms FF-PLL and
DSOGI-PLL, though the CDSC-PLL remains superior. This su-
periority of CDSC-PLL is attributed to the delay introduced by
the sequence analyzer in the proposed method. Notably, using a
faster sequence extraction technique could further enhance the
proposed method beyond CDSC-PLL.

1) Computational Time Analysis of the Proposed Method:
The computational time of the proposed method is heavily
influenced by the calculation of the fractional derivative. This

calculation is typically implemented in discrete form, where the
integration over time ¢ in (7) is replaced by a summation over a
defined number of samples, known as the buffer size. The buffer
size determines the number of historical samples considered in
the computation of the fractional derivative. While increasing
the buffer size improves the accuracy of the fractional deriva-
tive, it also requires more memory and computational resources.
To compare computational efficiency, all methods are simulated
simultaneously using MATLAB/Simulink Performance Advi-
sor. The simulation is repeated 10 times with varying buffer
sizes for the proposed method (ranging from 50 to 500). In each
run, both the total processor time and the individual execution
time of each method are recorded. The percentage contribution
of each method to the total processor time is then calculated
and plotted. As shown in Fig. 13(a), when the buffer size is set
between 50 and 250, the proposed method consistently shows
the lowest computational load, followed by DSOGI-PLL, FF-
PLL, and CDSC-PLL. As the buffer size increases beyond 250,
the computational demand of the proposed method rises due to
the increased complexity of fractional derivative calculations,
eventually surpassing that of DSOGI-PLL. Nevertheless, for
50 Hz applications, a buffer size of 250 or less provides accurate
results while maintaining low computational cost, making the
proposed method the most efficient choice. For high-frequency
applications requiring large buffer sizes (1000), the computa-
tional cost of the proposed method becomes significant, and
its use is therefore not recommended in such cases. Fig. 13(b)
illustrates the percentage contributions of the proposed method
components (Fig. 2) to its total computational burden. Frac-
tional derivative dominates with 64.9%. The comparative per-
formance across all scenarios and benchmark methods is sum-
marized in Table II. The percentage values shown in brackets
indicate the relative improvement achieved by the proposed
method over the benchmark method.
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Fig. 13. Computational time analysis results showing: (a) percentage
share of computational time for the proposed method compared with
compatitive methods under varying buffer sizes; and (b) contributions of
individual components of the proposed method to its overall computa-
tional burden.

As demonstrated in the experimental scenarios, with optimal
tuning of the parameters o and Aw (as detailed in Section V),
the proposed method proves robust under conditions involving a
broad range of harmonic distortion and high-frequency noise.
These parameters are initially defined based on the operating
environment and remain fixed. However, this does not pre-
clude the possibility of updating them in real time. If such
adjustments are made during operation, two important factors
must be considered: 1) the memory effect associated with the
fractional-order derivative implementation, which introduces a
finite settling time due to the use of a finite-length buffer in the
numerical approximation; and 2) the estimator’s sensitivity to
abrupt changes in wycf, which may temporarily be interpreted
as actual frequency deviations, leading to transient errors.

2) Evaluation of Real-Time Operation in a Converter System:

Finally, to validate the proposed frequency estimation method
in a real-time converter setup, an experimental setup is devel-
oped using a three-phase IGBT-based voltage source converter.
The converter interfaces with a programmable grid emulator
capable of reproducing both ideal sinusoidal waveforms and
harmonically distorted voltages. The system delivers a con-
stant active power of 0.4 p.u. (3 kW) with zero reactive power
reference to ensure unity power factor. The control algorithm,
including the frequency estimator, is implemented on F28379D
LaunchPad development kit, which integrates with gate drivers
and real-time measurements. Three-phase output currents and
grid voltages are continuously measured for both control and
frequency estimation. The proposed method processes instan-
taneous voltage signals to extract the grid frequency under
two operating scenarios: (i) a clean grid condition; and (ii) a
harmonically distorted grid, as defined in Table I. Experimental
results for both cases are shown in Figs. 14 and 15, respectively.
In the clean grid scenario (Fig. 14), Fig. 14(a) shows the three-
phase line voltages, Fig. 14(b) captures the output currents,
Fig. 14(c) presents the real and reactive power delivered by the
converter, and Fig. 14(d) displays the estimated grid frequency.
A step change from 50 to 52 Hz is introduced through the
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Fig. 14. Results under clean grid conditions: (a) three-phase line volt-
ages; (b) output currents; (c) active and reactive power; and (d) estimated
frequency.
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Fig. 15. Results under distorted grid conditions: (a) voltages with har-
monic; (b) output currents; (c) active and reactive power; and (d) esti-
mated frequency.

grid emulator. The estimator promptly tracks the change with
~2120 ms convergence time. A minor transient appears in the
power waveforms [Fig. 14(c)], but the system quickly returns to
steady-state, precisely maintaining power setpoints. Under har-
monic distortion (Fig. 15), the same metrics are shown. Despite
the voltage distortion, frequency tracking remains stable and
consistent with the clean scenario. Harmonic ripple is evident
in the power waveforms [Fig. 15(c)], as expected, but does not
degrade estimation accuracy or control performance.

VI. CONCLUSION

This article presented a novel fractional-order derivative-
based method for rapid and accurate frequency estimation. The
proposed method uses the unique characteristics of fractional
calculus to overcome the limitations of PLL-based methods.
Experimental results demonstrate the significant advantages of
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the proposed method over FF-PLL, DSOGI-PLL, and CDSC-
PLL. In scenarios with rapid frequency dynamics, the proposed
method achieved a 10% faster response time compared with FF-
PLL and reduced the RMSE by 20%. Under slow frequency
dynamics, it outperformed DSOGI-PLL and CDSC-PLL with
56.5% and 57.4% faster response, respectively. The proposed
method exhibited zero steady-state error under voltage varia-
tions and more accurately detected phase-induced frequency
changes. The use of fractional-order derivatives enables adap-
tive noise and harmonic rejection, though key challenges in-
clude mitigating the memory effect introduced by fractional-
order discretization during real-time implementation.
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