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A method for performing synchrophasor estimation of an
input signal, whereby the input signal is a sinusoidal power
system voltage or current signal, comprising: a. Periodic
sampling of a continuous time-domain waveform, consisting
of a power system voltage or current signal, to obtain a
discrete time-domain function; b. Transforming a discrete
time-domain function to a discrete frequency-domain func-
tion; c. Estimating from the discrete frequency-domain
function the instantaneous parameters of a synchrophasor of
the sampled continuous time-domain waveform, the instan-
taneous parameters comprising a frequency, an amplitude
and a phase angle. The method is directed to an improve-
ment of the enhanced IpDFT-based synchrophasor estima-
tion which takes into account interharmonic tones.
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Algorithm 1: The e-IpDFT algorithm.

1: X (k)=DFT(x(n))

22 {f), A, ¢0) = IpDFT(X (k)

3: for p=1->P

4: Xy () =wi-f7 " 4 -0 )
5: X0 (k) =X (k)— X7 (k)

6: U AL @) =TpDFT(X]" (k)
7: end for

Fig. 7
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Algorithm 2: The i-IpDFT algorithm.

1: X (k)=DFT(x(n))
22 {f). 4. @)} |,=c-IpDFT[X (k)]
3 Xp(o)=wi(fy, 40, @0) + Wi (=1, 40, —@))

4 i X=X () [>2- D X P

5: forg=1->0

6: (£, 49,3} = e-IpDFT[X (k) - X&' (k)]
7: Xi(ky=wE(f?, A7, ")+ wE(=f7, A7, —p?)
8: (8, 48,48} |,=e-IpDFTX (k) — X7 (k)]

: X0 (k)= wE(fe, 42,90 + wE(= 1, A8, —¢)
10: end for

11: else

12: break

13: end if

Fig. 10.
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1
METHOD FOR ESTIMATING
SYNCHROPHASORS DURING STATIC AND
DYNAMIC CONDITIONS

CROSS-REFERENCE TO RELATED
APPLICATIONS

The present application is a United States national stage
application of International patent application PCT/IB2017/
053414 filed on Jun. 9, 2017 designating the United States,
the content of this document being herewith incorporated by
reference in its entirety.

TECHNICAL FIELD

The present invention relates generally to the field of
signal analysis, and more specifically, to a synchrophasor
estimation method characterized by a high level of accuracy
and a fast response time, designed to analyze typical power
grid operating conditions, including the case of signals
corrupted by interharmonics, by means of Phasor Measure-
ment Units (PMUs).

1. Description of the Related Art

Phasor Measurement Units (PMUs) are devices that pro-
duce synchronized phasor, frequency and Rate-of-Change-
of-Frequency (ROCOF) estimates from voltage and/or cur-
rent signals and a time synchronizing signal. A phasor
calculated from data samples using a standard synchronizing
time signal as the reference for the measurement is called
synchrophasor. PMUs typically embed (see FIG. 1):

a) a time-synchronization unit, capable of providing a
sub-microsecond accurate UTC time reference (Coor-
dinated Universal Time—UTC—defined as the time of
day at the Earth’s prime meridian, 0° longitude) using
any of the available time dissemination techniques
(e.g., GPS, IRIG-B, PTP, etc.);

b) an analog-to-digital converter (ADC) that simultane-
ously samples each input channel, synchronously with
respect to the UTC time-reference;

¢) one or more processing units implementing the logic to
estimate the synchrophasors;

d) a network interface that streams out the measured
quantities at a reporting rate up to 60 estimations per
second.

PMUs constitute the backbone of wide area monitoring,
protection and control systems of modern power grids and
provide a tool for system operators and planners to manage
a power grid during both normal and fault conditions. PMUs
are typically organized in synchrophasor networks (see FIG.
2) comprising a set of PMUs installed in multiple points of
an electrical grid that transmit the measured quantities to a
Phasor Data Concentrator (PDC). In high voltage transmis-
sion networks PMUs are already used, among others, to
ensure the system stability, estimate the system state, moni-
tor inter-area oscillations, analyse events, identify and locate
fault events. However, PMUs might represent fundamental
monitoring tools even in the context of distribution networks
for applications such as real-time state estimation, loss of
main, fault location and management, synchronous islanded
operation and power quality monitoring.

The synchrophasor estimation (SE) algorithm of a Phasor
Measurement Unit (PMU) must be designed depending on
the supplied power grid application [1]. Indeed, PMUs
expected to supply protection applications must be charac-
terized by fast response times, whereas PMUs expected to

15

25

30

40

45

2

supply monitoring applications must be characterized by
highly accurate measurements and resiliency against inter-
fering spectral components. To be more specific, a PMU
meant to produce precise measures must be capable to reject
interharmonics close to the 50 or 60 Hz main tone [1]. These
are defined as signals characterized by an amplitude that is
10% of the main tone and a frequency {, in the bands [10,
f,-F,/2] and [f,+F,/2,2% ], being f, the nominal power sys-
tem frequency, F, the PMU reporting rate and f/f &N [1].

Recently, the idea of a single PMU capable of satisfying
high accuracy and fast response time at the same time has
become increasingly popular [2], [3]. The advantages are
evident: from a cost perspective, an electrical utility inter-
ested to use PMUs to simultaneously supply monitoring and
protection functionalities of situational awareness systems
does not need to equip every measurement point with two
different devices. From a measurement reliability perspec-
tive, the performance of fault management systems using
PMU data to tune or back-up existing protection schemes,
are not degraded by the presence of interharmonic tones [4].

In this respect, [3] proposes a hybrid PMU design based
on tunable trigger thresholds to switch between two different
frequency-tracking filters. The technique self-switches from
a highly accurate algorithm to a fast response one in case a
transient event is detected. Similarly, [4] presents and
experimentally validates a SE process that implements in
parallel two different Taylor Fourier Transform algorithms:
the first one produces accurate measurements of steady state
signals, while the second one is better suited to follow fast
signal changes. In this case, the selection of the most
appropriate algorithm is implemented by a detector that
identifies the presence of power system transients.

Nevertheless, both approaches lack of a single design of
the SE algorithm capable of satisfying both static and
dynamic performance requirements. Consequently, the reli-
ability of both approaches is based on the robustness of the
adopted switching logic.

Among possible SE techniques, the interpolated discrete
Fourier transform (IpDFT) has been widely used, in view of
the optimal tradeoff between SE accuracy, response time and
computational complexity [5] [9]. The IpDFT enables us to
extract the parameters of a sinusoidal waveform by process-
ing the highest DFT bins of the related DFT spectrum.
However, the IpDFT results can be significantly corrupted
by the spectral interference produced by the negative image
of the fundamental tone of the signal or by eventual inter-
fering tones. To cope with such phenomena, several [pDFT-
based approaches proposed by the current literature rely on
the possibility to compensate for the effects of the spectral
interference produced by the negative image component of
the fundamental tone [5][9]. Non-IpDFT-based methods
have been investigated too, such as sine-fitting techniques
[10], compressive sensing [11] and lookup tables [12].

In this regard, in [6] the formulation of an enhanced
IpDFT-based SE algorithm that iteratively compensates the
effects of the spectral interference produced by the negative
image of the main spectrum tone is presented. However, the
method presented in [6] does not account for the spectral
interference produced by tones other than the fundamental
one. As a consequence, it produces incorrect results in
presence of interfering tones that are relatively close to the
main one. In this respect, in [13] an IpDFT-based method
that compensates the spectral interference generated by both
the image component of the main tone and harmonic tones
is presented. Although the technique proposed in [13] takes
into account tones other than the fundamental one, such
investigation disregards interharmonic tones.
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Thus, there exists a substantial need for a single SE
technique capable of accurately estimating the synchropha-
sors with a fast response time, even when analyzing signals
corrupted by interharmonic tones close to the fundamental
one.

II. Summary of the Invention

In a first aspect the invention provides a method for
performing synchrophasor estimation of an input signal,
whereby the input signal is a sinusoidal power system
voltage or current signal, comprising:

a. Periodic sampling of a continuous time-domain wave-
form, consisting of a power system voltage or current
signal, to obtain a discrete time-domain function;

b. Transforming a discrete time-domain function to a
discrete frequency-domain function;

c. Estimating from the discrete frequency-domain func-
tion the instantaneous parameters of a synchrophasor of
the sampled continuous time-domain waveform, the
instantaneous parameters comprising a frequency, an
amplitude and a phase angle.

In a preferred embodiment, said periodic sampling, com-

prises:

d. Acquiring a time-domain signal corresponding to the
continuous time-domain waveform;

e. Periodically sampling the time-domain signal with a
specific sampling rate F_, to obtain the discrete time-
domain function.

In a further preferred embodiment, said transforming the
discrete time-domain function to the discrete frequency-
domain function, comprises:

f. Extracting a finite-length portion of the discrete time-
domain function, comprising N equally spaced
samples;

g. Applying to the extracted finite-length sequence of N
samples a discrete time-domain window function to
obtain a windowed signal;

h. Applying a discrete time Fourier transform (DFT) to the
windowed signal resulting in a frequency-domain func-
tion, to obtain the DFT spectrum.

In a further preferred embodiment, said estimating the

instantaneous parameters of a synchrophasor comprises:

i. Estimating the parameters of the main tone of the input
signal by processing the DFT spectrum via the
enhanced Interpolated DFT (e-IpDFT);

j- Subtracting a main tone from the original DFT spec-
trum, to obtain a further DFT spectrum that accounts
for any spurious contribution perturbing a fundamental
tone of the input signal;

the method further comprising

k. Comparing the spectral energy of the further DFT
spectrum weighted by the spectral energy of the origi-
nal DFT spectrum to a specific threshold,

1. Detecting an interfering tone if the comparing reveals
that the specific threshold is exceeded, and further
applying following steps:

i. Subtracting the main tone from the original DFT
spectrum, to obtain an estimation of the DFT spec-
trum of the interfering tone of the input signal;

ii. Estimating the parameters of the interfering tone of
the input signal by processing the interfering tone
DFT spectrum via e-IpDFT;

iii. Subtracting the interfering tone from the original
DFT spectrum, to obtain an estimation of the DFT
spectrum of the main tone of the input signal;
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iv. Estimating the parameters of the main tone of the
input signal by processing the main tone DFT spec-
trum via the e-IpDFT;

v. Iterating steps i. to iv. a predefined number of times
Q

vi. Reporting the parameters of the main tone of the
input signal estimated at step iv.

m. In case the interfering tone is not detected, reporting
the estimated parameters of the main tone of the input
signal.

In a further preferred embodiment, the enhanced Interpo-

lated DFT (e-IpDFT), comprises:

n. Estimating the parameters of the main tone of the input
signal by processing the DFT spectrum via the Inter-
polated DFT (IpDFT);

0. Subtracting the negative image of the main tone from
the DFT spectrum, to obtain the spectrum of the
positive image of the main tone;

p. Estimating the parameters of the main tone of the input
signal by processing the spectrum of the positive image
of the main tone via the IpDFT;

q. Iterating steps o. and p. a predefined number of times

r. Reporting the parameters of the main tone of the input
signal estimated at step q.

In a further preferred embodiment, said synchrophasor
comprises a complex function characterized by an instanta-
neous frequency, amplitude and phase corresponding to the
instantaneous frequency, amplitude and phase of the main
tone of the input signal, referred to a common time refer-
ence.

In a second aspect, the invention provides a system for
performing synchrophasor measurement comprising:

s. A set of input channels to acquire voltage and/or current

signals of a power system;

t. A set of analog-to-digital-converters (ADCs), connected
to the input channels, converting the analog signals to
discrete-time equivalents;

u. For each analog-to digital converter, one or more
processing elements coupled to the analog-to-digital-
converter, wherein the one or more processing elements
are configured to:

i. Receive a set of N equally spaced samples of the
discrete time signals;

ii. Apply a discrete time-domain window function to
the finite-length signal;

iii. Apply the discrete time Fourier transform (DFT) to
the windowed signal;

iv. Estimate the main/interfering tone parameters using
e-IpDFT technique;

v. Compensate the original DFT spectrum for any
estimated tone;

vi. Determine instantaneous frequency, amplitude and
phase of the input signals using the estimate main
tone parameters.

In a further preferred embodiment, the one or more
processing elements comprise a programmable hardware
element and/or circuitry.

In a further preferred embodiment, the one or more
processing elements comprise a processor and memory.

BRIEF DESCRIPTION OF THE DRAWINGS

The invention will be better understood though the
detailed description of preferred embodiments and in refer-
ence to the drawings, wherein
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FIG. 1 shows a block scheme of a generic Phasor Mea-
surement unit according to prior art;

FIG. 2 shows a synchrophasor network according to prior
art;

FIG. 3 contains a flowchart of the i-IpDFT method;

FIG. 4 illustrates at the top a time and frequency domain
and at the bottom representations of three different cos®
windows: the rectangular (a=0), cosine (¢=1) and Hanning
(a=2);

FIG. 5 shows DFT and DTFT of a steady state single-tone
signal that is incoherently sampled and the related positive
and negative images;

FIG. 6 contains a flowchart representation of the e-IpDFT;

FIG. 7 contains a pseudo-code of the e-IpDFT (Algorithm
i
FIG. 8 shows DFT and DTFT of a steady state signal
composed by a main tone and an interharmonic one and the
related positive and negative images;

FIG. 9 contains a flowchart representation of the i-IpDFT
according to the invention;

FIG. 10 contains a pseudo-code of the i-IpDFT (Algo-
rithm 2) according to the invention;

FIG. 11 shows spectra processed at different steps of the
i-IpDFT, by making reference to lines of Algorithm 2 shown
in FIG. 10: X(k) in line 1 (a); Xo(k)° in line 3 (b); X(k)-
Xo?'(k) in line 4 and 6 (c); X,4(k) in line 7 (d); X(k)-X, (k)
in line 8 (e); X,7(k) in line 9 (f);

FIG. 12 contains a graph showing error in estimating the
IpDFT correction term & with the e-IpDFT technique, as a
function of P: signal at f,=47.5, F =50 kHz, T=60 ms;

FIG. 13 contains a graph showing error in estimating the
correction term 9 with the i-IpDFT technique, as a function
of Q: signal at {,=47.5 Hz corrupted by an interfering tone
at £=20 Hz, F =50 kHz, T=60 ms;

FIG. 14 contains a Boxplot representation of E, in all
operating conditions indicated in [1]: F =50 kHz, f,=50 Hz,
T=60 ms;

FIG. 15 shows a signal frequency test (for TVE and FE
the P and M-class limits coincide) [1];

FIG. 16 shows a harmonic distortion test (for TVE the P
and M-class limits coincide, whereas for RFE no P-class
limit is defined) [1];

FIG. 17 shows a OOBI test (the test is defined for M-class
PMUs only, and no limit for the RFE is defined) [1];

FIG. 18 shows an amplitude modulation test (for TVE the
P and M-class limits coincide) [1] (similar results hold for
phase modulation test);

FIG. 19 shows a positive frequency ramp test (for TVE
and FE the P and M-class limits coincide) [1] (similar results
hold for negative frequency ramp test);

FIG. 20 shows a positive amplitude step test (for TVE and
FE the P and M-class limits coincide) [1] (similar results
hold for negative step test);

FIG. 21 shows a positive phase step test (for TVE and FE
the P and M-class limits coincide) [1] (similar results hold
for negative step test);

FIG. 22 contains i-I[pDFT parameters;

FIG. 23 relates to compliance with respect to static
signals: maximum TVE, FE and RFE for the i-IpDFT and
maximum limit allowed by [1]; and

FIG. 24 relates to compliance with respect to dynamic
signals: maximum TVE, FE and RFE for the i-IpDFT and
maximum limit allowed by [1].

DETAILED DESCRIPTION OF PREFERRED
EMBODIMENTS OF THE INVENTION

The invention concerns a synchrophasor estimation
method characterized by a high level of accuracy and a fast
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response time, designed to analyze typical power grid oper-
ating conditions including the case of signals corrupted by
interharmonics. The method is meant for Phasor Measure-
ment Units (PMUs) expected to supply simultaneously
protection applications, requiring fast response times, and
measurement applications, requiring high accuracy and
resiliency against interfering spectral components. The
method, called iterative-Interpolated DFT (i-IpDFT), itera-
tively estimates and compensates the effects of the spectral
interference produced by both a generic interfering tone,
harmonic or interharmonic, and the negative image of the
fundamental tone. The i-IpDFT technique applies for any
number of IpDFT interpolation points, windowing function,
window length and sampling frequency. The 3-points i-Ip-
DFT technique for cosine and Hanning window functions is
analytically presented. A procedure to select the i-IpDFT
parameters is included. The performance of the i-IpDFT
method is assessed with respect to all the static and dynamic
operating conditions defined in the current IEEE Std.
C37.118 for PMUs.

The present invention proposes a single SE method char-
acterized by a high level of accuracy and a fast response
time, designed to estimate the synchrophasors in typical
power grid operating conditions, including the case of
signals corrupted by interharmonics close to the main tone.

The method is meant for PMUs specifically designed to
supply simultaneously protection applications, requiring fast
response times, and measurement applications, requiring
high accuracy and resiliency against interfering spectral
components.

The technique is hereafter called iterative Interpolated
Discrete Fourier Transform (i-IpDFT) and demonstrates
how it is possible to develop a DFT-based SE algorithm
capable of rejecting interharmonics, also when adopting
relatively short window lengths (3 periods of a signal at f,).
The i-IpDFT method, that represents an evolution of the one
presented in [6], iteratively finds and compensates the effects
of the spectral interference produced by both an interfering
tone, harmonic or interharmonic, and the negative image of
the fundamental tone. The i-IpDFT algorithm can be for-
mulated for any window function, number of IpDFT inter-
polation points, window length and sampling frequency. In
what follows, the i-IpDFT algorithm is analytically formu-
lated for a 3-points IpDFT for the family of cos” window
functions, with a particular focus on the cosine and the
Hanning (or Hann) window, selected in view of their pecu-
liar characteristics.

The main noticeable advantage of the i-IpDFT algorithm
when comparing it with the method presented in [6] and
other SE techniques, is that it is capable of correctly esti-
mating the synchrophasors in all typical power system
operating conditions without being characterized by a slow
response time, even in presence of an interharmonic tone.
More specifically, it satisfies all the accuracy requirements
defined in the current standard for PMUs, the IEEE Std.
C37.118 [1], for both dynamic and static operating condi-
tions, for both M and P performance class PMUs as defined
by the IEEE Std. 37.118 [1].

Within this context, Section III reviews the theoretical
background about the IpDFT for cos® windows and presents
the effects of spectral leakage on the IpDFT performance.
Section IV formulates the i-IpDFT SE technique, with a
specific focus on the selection of the algorithm parameters.
Section V assess the algorithm performance in an offline
simulation environment with respect to the all the static and
dynamic testing conditions defined in the IEEE Std. C37.118
[1]. The results are presented in the case of a power system
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operating at a nominal frequency of 50 Hz, a reporting
frequency of 50 fps and signals characterized by an SNR of
80 dB.

111. Interpolated DFT for cos® Windows

The IpDFT is a technique that enables us to extract the
parameters of a sinusoidal waveform by processing the
highest DFT bins of the related DFT spectrum. In particular,
the IpDFT enables us to mitigate the effects generated by
incoherent sampling by [14], [15]:

Applying suitably shaped window functions to reduce the

spectral leakage effects;

Interpolating the highest DFT bins of the spectrum to

minimize the spectral sampling effects.

In the following of this Section we present the IpDFT
technique and define the nomenclature. More specifically, in
Section III.A we introduce the family of cos® window
functions with a particular focus on the cosine and the
Hanning (or Hann) window. These two window types have
been selected as they represent a good trade-off between the
main-lobe width and the side-lobe levels. In Section III.B we
derive the IpDFT solution for these window functions.
Finally, in Section III.C we discuss the effects of spectral
leakage on the IpDFT performance.

A. cos™ Window Functions

The IpDFT solution can be analytically derived only for
cos® windows (also known as sin® windows), that are
defined as follows [16]:

we(n) = sina(%n), nel0,N-1l,eeO 0

being N the number of samples. In particular, FIG. 4 shows
three different cos® window functions obtained for a={0, 1,
2}. As it can be noted, the window spectrum depends upon
a: as o. decreases, the main lobe shrinks but the side lobes
increase, whereas as a increases, the side lobes decrease but
the main lobe becomes wider.

Generally, IpDFT algorithms were formulated for the so
called Rife-Vincent class I windows, i.e., cos® windows
characterized by a null or even value for a. The most
elementary one is the rectangular (a=0), whose DFT is
known as the Dirichlet kernel:

sin(rk)

sin(ztk/N) ’

@

Dy k) = o~ JTKN=1)IN

e[0,N-1]

This function is characterized by the narrowest main lobe
among the cos® windows but at the same time it exhibits the
highest side lobes.

In order to reduce the effects of spectral leakage generated
by the side-lobe levels, IpDFT algorithms typically adopt
bell-shaped windows, obtained by increasing the value of a
in (1). The most common is the Hanning window (c=2)
defined as:

widn)=0.5-(1-cos(2mn/N)) nE[0,N-1] 3)
and characterized by the following DFT:

Wss(k)=—0.25-Dy(k-1)+0.5-Dp(k)=0.25-Dy e+ 1) k€
[0,N-1] (©)]

that is known for the good trade-off between the main-lobe
width and side-lobe levels [15].
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More recent studies have derived the analytical solution
of the IpDFT problem for cos* windows in the case of an
odd value for a [17]. In applications where the main lobe
width plays a crucial role in identifying relatively nearby
tones, like in SE, the so-called cosine window, defined for
a=1, is an extremely attractive solution as it represents a
compromise between the rectangular and the Hanning win-
dow:

weln) = sin(%n), nel0, N-1] )

Its DFT can be derived as follows:

W o(k)==0.5/Dp(k-0.5)+0.57Dp (k+0.5),kE[0,N-1] (6

However, for an odd value for o, the window is a
weighted sum of Dirichlet kernels modulated by non-inte-
gers of the frequency resolution, therefore an intrinsic limi-
tation arises: as it can be seen from FIG. 4, the W (k)
zero-crossing do not happen for integer values of k. As a
consequence, also with coherent sampling, the cosine win-
dow generates spectral leakage.

B. The Interpolated DFT (IpDFT)

As known, the IpDFT is based on a static signal model
that, in general, is assumed to contain a single unknown
frequency component. In this respect, let us consider a finite
sequence of N equally spaced samples x(n) obtained by
sampling an input continuous signal x(t) with a sampling
rate F' =1/T_, being T, the sampling time:

x(n)=Ay cos(2nfonT +po) nE[0,N-1] (7

where {f,, A,, @,} are the signal frequency, amplitude and
initial phase respectively. The signal is assumed to be
windowed with a discrete function of N samples w (n), being
T=N-T, the window length. As discussed in [18], the mis-
match between this signal model and real voltage or current
waveforms measured by PMUs is the main source of error
of DFT-based SE algorithms.
The DFT X(k) of the windowed input signal is:

N L= ) (8)
X2 - ; wirx(WE, ke [0, N = 1]
where
N-1
B2 Z win)
is the DFT normalization factor, and W, 2 e7>™" is the so

called twiddle factor. The DFT returns a sequence of N
samples (also called bins) of the theoretical Discrete Time
Fourier Transform (DTFT) that are uniformly spaced by the
DFT frequency resolution A~1/T. More specifically, based
on the convolution theorem, the DFT of the windowed
signal x(n) exhibits a pair of scaled, shifted and rotated
versions of the DFT of the window function (see FIG. 5): the
so-called positive image (in black), is shifted up to the tone
frequency f,, the so-called negative image (in grey), is
shifted down to —{,:

X(k)=Xo" (R)+Xo™ (k) ©
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where:

Xy (Ry=doe P Wk-fo/A)

Xy (l)=Ae7*Wk+fy/Ap

being W(k) the DFT of the adopted window function.

As shown in FIG. 5, in case of incoherent sampling
(fo/A0), the peak value of the continuous spectrum of the
fundamental tone of a signal is located between two con-
secutive DFT bins and the signal frequency can be expressed
as:

10)

Solh,+O)A, 11)

being -0.5=8<0.5 a fractional correction term and k,, the
index of the highest bin. The IpDFT problem lies in finding
the correction term & (and, consequently, the fundamental
tone’s parameters {f,, A,, ¢,}) that better approximates the
exact location of the main spectrum tone.

The IpDFT problem solution has been originally provided
as a 2-point interpolation scheme [14], [15]. More recently,
multipoint interpolation schemes have demonstrated to
inherently reduce the long-term spectral leakage effects,
leading to more accurate interpolation results [7], [8]. In this
respect, for the Hanning window, the fractional term g can
be computed by interpolating the 3 highest DFT bins as [8]:

| Xtk +2)| = | Xk — &) | 12

d=2e-
[ Xkm — &) +2] X k) | + | X ki +2) |
) > (13)
Ao = |X(kM)| sin(nd) |6 _1|

@o = LX (ky) — 76 14

Similarly, for the cosine window, g can be obtained by
interpolating the 3 highest DFT bins as [17]:

| Xtk + )| = | Xk — &) |
[ Xt — &) | +2] X k)| + | X ki + &) |

15
=15 (1)

The fundamental tone’s amplitude and phase can then be
computed as (computational details are given in Appendix):

| 6% —0.25] (16)

Ag=4 —-
| cos(zd) |

)

00 = LX (k) = 76 1n

C. Spectral Leakage Effects on the IpDFT

The main assumptions behind the formulation of the
IpDFT technique are the following [14]:

1) The input signal is characterized by time-invariant

parameters;

2) The input signal is sampled with a sampling rate
sufficiently higher than the highest signal’s spectral
component;

3) The DFT bins used to perform the interpolation are
only generated by the positive image of the tone under
analysis.

In order to satisfy the first two assumptions when apply-
ing the IpDFT to SE, sampling rates in the order of few kHz
and window lengths containing few periods of a signal at the
rated power system frequency must be adopted respectively
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[19]. This choice causes the energy of the DFT spectrum to
be concentrated in the lower frequency range and the posi-
tive and negative image of the main tone of the spectrum to
be relatively close.

In such conditions, in case of incoherent sampling, the
tails of the negative image of the spectrum main tone (grey
curve in FIG. 5) leak into the positive frequency range and
bias the DFT bins used to perform the interpolation (i.e.,
assumption 3) is not respected). This effect, also known as
spectral interference has demonstrated to considerably cor-
rupt the IpDFT estimations when applied to SE [9].

To cope with these conditions, in [6] a technique that
mitigates the effect of the spectral leakage produced by the
negative image of the spectrum is presented.

The method is called enhanced-IpDFT (e-IpDFT), and is
described by:

a) A flowchart in FIG. 6;
b) A pseudo-code, hereafter called Algorithm 1, in FIG. 7.

The e-IpDFT is described in what follows, by making
reference to the lines of Algorithm 1, also shown in FIG. 7,
where the function DFT refers to (8), IpDFT refers to
(11)-(17) and wf to (10).

ALGORITHM 1: The e-IpDFT algorithm.

1: XA(k) = DF"l:(X(n))

2: {£6% Ag% 00} = IpDFT(X(k))
3:forAp=1—>P . . .

4 X&) = Wf(—fop:la AP o™
5 Xprk) = X - X ()

6 {ff, AL, o} = IPDFT(X (k)
7: end for

It starts with a preliminary estimation of the main tone
parameters obtained by applying the IpDFT to the DFT
spectrum X(k) (line 2). These values are used to estimate the
main tone’s negative image X, (k) (line 4), as in (10), that
is then subtracted from X(k), to return an estimation of the
main tone’s positive image (line 5). The IpDFT is applied to
the resulting spectrum, where the spectral interference pro-
duced by the negative image is considerably reduced (line
6). The compensation of the spectral interference produced
by the negative image of the fundamental tone, can be
improved by iterating the procedure a predefined number of
times P (see Section IV.B). We summarize the method
proposed in [6] by defining a single function e-IpDFT that
accounts for lines 2-7 of Algorithm 1:

{fo 090} | p=e-IpDF TIX(K)] (18)

The method presented in [6] does not account for the
spectral interference produced by tones other than the fun-
damental one. As a consequence, it produces incorrect
results in presence of interfering tones that are relatively
close to the main one, such those defined in the OOBI test.

IV. The Proposed Iterative I[pDFT (I-IpDFT)

This Section aims at presenting the i-IpDFT, that repre-
sents an enhancement of the method proposed in [6] as it
takes into account the effects of the spectral interference
generated by both the negative image of the main tone and
a generic interfering one. More specifically, in Section IV.A
we define the SE algorithm and in Section IV.B and IV.C we
propose a procedure to tune the algorithm parameters.
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A. The i-IpDFT Algorithm Formulation

Let us consider a steady-state discrete signal composed of
two tones, a fundamental and an interfering tone (not
necessary harmonic, i.e., £/f,&]), both unknown:

x(n)y=Aq cosQQufpnT +@o)+4; cos2nfnT +¢;) (19)

As shown in FIG. 8, its DFT spectrum can be modelled as
the sum of the positive (in black) and negative (in grey)
images of the fundamental (solid line) and interfering
(dashed line) tones:

X=X (X () =Xo* (R)+Xo ™ (R)+X; (J)+X; () 0)

The proposed i-IpDFT algorithm iteratively estimates and
compensates the effects of spectral leakage generated by an
interfering tone and by the negative image of the main tone,
such that the [pDFT is applied to a DFT spectrum that is only
composed by the positive image of the main tone X,*(k).

The proposed i-IpDFT is described by:

¢) A flowchart in FIG. 9;

d) A pseudo-code, hereafter called Algorithm 2, in FIG.

10;
e) A representation of the spectra processed during suc-
cessive steps of the method in FIG. 11.

The i-IpDFT is described in what follows, by making

reference to the lines of Algorithm 2, also shown in FIG. 10.

ALGORITHM 2: The i-IpDFT algorithm.

X(k) = DFT(x(m))

1:
2: {fo . AL, Po_ } lp = e- IPDFT X))
30 XK = Wil A, %) + W= AcC, ~4c0)
4 FZIX(K) - Xok) 12> A - ZIXK) P
5: forq=1—=0Q
6 {F% A% @) |p = e IDFT[X(K) - Xo? (k)]
7: Xa() = wilf 2, Ag, ) + wi-J £, A%, -0)
8: {fo% A%, @7} |p = e-IpDFT[X(k) - XA()]
9: Xo?(k) = wilfo?, Ag?, o) + wil-f¢%, —Aoqa -907)
10: end for
11: else
12: break
13: end if

The first steps (lines 1-2) of the i-IpDFT algorithm exactly
correspond to the e-IpDFT technique. Although, in presence
of an interfering tone, the estimated main tone parameters
might be largely biased, they can be used to approximate the
positive and the negative image of the fundamental tone
(line 3, FIG. 115). The latter are then subtracted from the
original DFT bins to produce a spectrum X(k)—f(o(k) that
accounts for any spurious contribution perturbing the fun-
damental tone of the signal (line 4, FIG. 11c¢).

In case an interfering tone is detected, the procedure that
estimates and compensates its spectral interference must be
activated. Otherwise the method stops and returns the
parameters {fo . A, @0} estimated at line 2. If an inter-
fering tone is present, the spectral energy of X(k)-X LK)
weighted by the spectral energy of X(k), exceeds a certain
threshold A (see Section IV.C for further details):

i o D
0 | X(k) = Xotk)|?
E|X(k)— X,k -
£ - [ }(;"[)X(k)]O( bl = . o
P | X(k) |2

where K is the total number of computed DFT bins. In such
a case, the e-IpDFT is applied to X(k) X 71(k), to estimate
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the parameters {7, A%, ¢,7} of the detected interharmonic
tone (line 6). The latter, are used to evaluate both the positive
and negative image of the interharmonic tone (line 8, FIG.
1le), that are then subtracted from the original DFT bins,
obtaining the spectrum X (k)-X,?(k) that does not contain the
interfering tone (line 7, FIG. 114d). Finally, the e-IpDFT is
applied to such spectrum leading to an enhanced estimation
of the main tone parameters {f,7, A7, ¢,7} (line 8, FIG.
117).
The whole procedure can be iterated a predefined number
of times Q, leading to more and more accurate estimates as
Q increases (see Section [V.B).
The presented i-IpDFT algorithm can be formulated for
any window function, number of IpDFT interpolation
points, window length and sampling frequency. Even though
it has been formulated for a single interfering component, it
can be easily extended to consider more than one interfering
component. In this respect, it is worth mentioning that the
amount of DFT bins to be calculated at line 1 depends on the
highest frequency component that has to be compensated.
B. On the Tuning of the Number of Iterations P and Q
The performance of the i-IpDFT algorithm are mainly
influenced by two parameters, and in what follows a pro-
cedure to select them is presented:
P: the number of iterations of the compensation of the
spectral interference generated by the negative image
of the tone under analysis (see Algorithm 1);

Q: the number of iterations of the overall procedure (see
Algorithm 2).

The effects of P can be evaluated when applying the
e-IpDFT technique to a single-tone signal that is incoher-
ently sampled. In this respect, FIG. 12 shows the accuracy
in estimating the IpDFT correction term 0 as a function of
P, when analyzing a signal at 47.5 Hz with a sampling rate
of' 50 kHz and a window length of 60 ms. In order to emulate
more realistic conditions, the signal is characterized by an 80
dB Signal-to-Noise Ratio (SNR) [20]. As it can be noted, in
this specific case, the effect of the compensation becomes
negligible after P=2 iterations both for the Hanning and the
cosine windows. In general, this is not always the case and
the number of iterations gets higher as the relative distance
between the positive and negative images gets smaller.
Nevertheless, due to its good trade-off between the overall
algorithm performance and computational complexity, in the
following the results will be presented for P=2.

The effects of the overall number of iterations Q are
evaluated when applying the i-IpDFT algorithm to a signal
corrupted by an inter-harmonic tone. In particular, the case
of a signal characterized by a main tone at 47.5 Hz and an
inter-harmonic tone at 20 Hz is presented (similar results
hold for all combinations of f, and f; in the GOBI range).
Again, an 80 dB SNR is considered [20].

FIG. 13 shows the error in estimating the IpDFT correc-
tion term g with the i-IpDFT technique (F,=50 kHz, T=60
ms) as a function of Q. For the cosine window the effects of
the compensation become negligible after Q=16 iterations,
whereas for the Hanning window after Q=28 iterations. This
result is explained by the fact that the narrower main lobe of
the cosine window allows to detect (and therefore compen-
sate) the interharmonic tone with a smaller number of
iterations. As a consequence, in the following, the i-IpDFT
results are presented for Q=16 and Q=28 for the cosine and
Hanning window respectively.

C. On the Tuning of the Threshold A

The threshold A must be set so that the iterative compen-
sation (i.e., lines 5-10 of Algorithm 2) is activated in
presence of an inter-harmonic tone. Furthermore, the pro-
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posed technique can turn out to be extremely useful to
compensate the spectral leakage generated by an harmonic
tone when using the cosine window, which has demonstrated
to generate spectral leakage also with coherent sampling.

In general, the normalized spectral energy E, can contain
contributions generated by an interfering tone (e.g., har-
monic or interharmonic) as well as any spurious component
generated by a dynamic event that is wrongly captured by
the DFT (e.g., steps in amplitude and in phase or amplitude
and phase modulations). In this respect, FIG. 14 shows the
variability of E, by means of a boxplot representation for the
various testing conditions dictated by [1]. FIG. 14 shows
that, when the main tone is corrupted by a 10% harmonic or
inter-harmonic component, the values of E, are relatively
higher than all the other testing conditions. Therefore, in the
following, the value of A is set to 3.3-107>, in order to
activate the algorithm only in presence of interfering com-
ponents higher than 10% of the fundamental tone.

V. Performance Assessment

The IEEE Std. C37.118 [1] and its latest amendment [21]
have defined two performance classes and related measure-
ment requirements, to which PMUs must comply with:
P-class, intended for protection applications, and M-class,
for measurement ones. The main difference between P and
M-class requirements is represented by the Out-Of-Band
Interference (GOBI) test, defined for M-class only, that is
meant to assess the PMU capability to reject superposed
interharmonics close to the fundamental tone. In this regard,
we carry out the numerical validation of the i-IpDFT algo-
rithm in a simulation environment, by making reference to
the static and dynamic performance requirements dictated
by [1] and following the testing procedures described in the
IEEE Guide C37.242 [22]. In order to limit the number of
tests, the nominal frequency and the reporting rate have been
fixed to 50 Hz and 50 frames-per-second respectively. For
each test, the results are presented by means of three graphs
showing the maximum Total Vector Error (TVE), Frequency
Error (FE) and Rate Of Change Of Frequency (ROCOF)
Error (RFE) as a function of the independent variable of the
specific test, together with the maximum limit allowed by
[1] for both P and M-class PMU. Moreover, two tables
summarize the maximum obtained TVE, FE and RFE and
the maximum limit allowed by [1] in all tests. Although [1]
does not provide any guidelines regarding the noise, additive
white Gaussian noise with zero mean and variance corre-
sponding to an 80 dB SNR is added to the various reference
signals, in order to simulate more realistic conditions [20].

As resumed in FIG. 22 the i-IpDFT algorithm results are
shown for both the Hanning (solid lines) and cosine win-
dows (dotted lines), using a sampling rate of 50 kHz and a
window containing 3 periods of a signal at the nominal
power system frequency. The first 10 DFT bins of the
spectrum are computed, in order to be able to compensate
the effects of any interfering component up to the 3™
harmonic. The 3-points IpDFT is used to estimate the
fractional correction term J.

Finally, the ROCOF is computed by means of a classical
backward first-order approximation of a first-order deriva-
tive:

ROCOF(#)=|fo(1)~fo(n-1)I-F, 0

where f,(n) and f,(n—1) represent the fundamental frequency
estimations at two successive reporting times.
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A. Static Conditions

Regarding the steady state conditions (see FIG. 15, FIG.
16, FIG. 17 and FIG. 22), three cases are analyzed according
to [1]:

Signal frequency: single-tone signals in the frequency

range 45=f,<55 Hz (FIG. 15);

Harmonic distortion: signals distorted by a single 10%
harmonic in the frequency range 100=f,<2500 Hz
(FIG. 16);

OOBI: signals characterized by a fundamental frequency
f, of 47.5, 50 and 52.5 Hz, distorted by single 10%
interharmonics in the frequency range 10=f,<25 Hz and
75=1,<100 Hz (FIG. 17).

During the signal frequency test (see FIG. 15), the errors
are not influenced by the fundamental tone frequency.
Regarding the harmonic distortion test (see FIG. 16), in case
the Hanning window is adopted, the errors are invariant with
respect to the harmonic order, due to the fact that both the
fundamental and the harmonic tone are coherently sampled.
On the contrary, for the cosine window the two tones are not
coherently sampled, therefore the effects of spectral leakage
are significant, worsening the IpDFT results especially for
lower harmonic orders. It is worth mentioning that, in case
A,=10% A, for the second and third harmonic the weighted
energy E,, exceeds the threshold A, activating the procedure
that compensates the detected harmonic tone, leading to
smaller errors even for the cosine window.

As far as the OOBI test is concerned (see FIG. 17), the
graphs show the maximum obtained errors among the 3
considered fundamental frequencies. The TVE and FE are
within the limits required by [1] for every combination of
interharmonic and fundamental frequencies, for both cosine
and Hanning window. Even though [1] does not define any
specific limit for the RFE, the obtained results show that we
are capable of estimating the ROCOF with similar perfor-
mance as in the harmonic distortion test. To be more precise,
the most challenging condition is when the two tones have
frequencies that are close together and their images are not
detectable due to short-term spectral leakage. In case
f,=47.5 Hz, this occurs for 20=f,<25 Hz, whereas in case
£,=52.5 Hz, this occurs for 75=f;<80 Hz.

B. Dynamic Conditions

Regarding the dynamic conditions (see FIG. 18, FIG. 19,
FIG. 20, FIG. 21 and FIG. 24), three cases are analyzed
according to [1]:

Measurement bandwidth: signals characterized by phase
and amplitude modulations, being 0.1=<f, <5 Hz the
modulating frequency (FIG. 18);

Frequency ramp: signals characterized by positive and
negative frequency ramps in the frequency range
45<f,<55 Hz at a rate of +1 Hz/s (FIG. 19);

Amplitude and phase steps: signals characterized by posi-
tive and negative amplitude (£10%) and phase (+r/18)
steps (FIG. 20 and FIG. 21).

During the measurement bandwidth test (see FIG. 18 for
the amplitude modulation results), despite the errors
increase with the modulating frequency, they are always
well within the limits required by [1] (a similar trend
characterizes the phase modulation). As for the Frequency
ramp, the errors fully satisfy the requirements and are
comparable with those obtained during the signal frequency
test (FIG. 19 shows the positive frequency ramp, similar
results hold for the negative one). Finally, regarding the
amplitude and phase steps (see FIG. 20 and FIG. 21 for the
positive step cases), the errors are represented as a function
of'the measured response time. The results show that, during
positive steps, the errors return below the limits within the
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allowed response times without any overshoot (similar
results hold for the negative step cases).

APPENDIX

Solution of the IpDFT Problem Using the Cosine Window
The analytical formulation of the IpDFT correction term
d for the cosine window given in (15) is derived in [17].
Regarding the tone’s amplitude given in (16), no derivation
was found in the existing literature.
If the number of samples N is sufficiently large, the
following approximation is valid [19]:

etj—g(N—l)lN oy (23)

Moreover, sine functions are approximated by their argu-
ments in the case of small angles. The Dirichlet kernel
evaluated in k+0.5 can be then approximated as:

Dyk+0.5)= (24)

sin(wk + 7/2) L ﬂe—jnk(N—l)/N

cos(rk)
sin(w(k £ 0.5/N) &

F jemmN-LIN
k£0.5

Therefore, the DFT of the cosine window in (6) can be
approximated as:

cos(tk)
k2 -025

N _. 25
Wc(k):_ﬂe—ﬂrk(N—l)lN 25

The tone’s amplitude A, corresponds to the modulus of
the DTFT of the signal evaluated at frequency f,=k,,+9:

Ag=1X(k,,+0)| (26)

Its value can be derived as a function of the highest
amplitude DFT bin:

[ Xtk +0)| [ Wc(O)] @n

[ X (k) |

|62 - 0.25]
| cos(zd) |

T IWe=8)|

leading to (16). The approximation sign is used instead of
equality, because the ratios might differ due to spectral
leakage [19].
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The invention claimed is:

1. A method for performing synchrophasor estimation of
an input signal for monitoring normal and/or fault conditions
of'a power network, the input signal being representative of
at least one of a voltage and current of a sinusoidal power
system of the power network, the method comprising the
steps of:

measuring at least one of a voltage or current signal of the

sinusoidal power system to provide for the input signal;

periodic sampling a continuous time-domain waveform
that includes the input signal to obtain a discrete
time-domain function;

transforming the discrete time-domain function to a dis-

crete frequency-domain function to obtain a DFT spec-

trum;

estimating from the DFT spectrum instantaneous param-

eters of a synchrophasor of the sampled continuous

time-domain waveform, the instantaneous parameters
comprising a frequency, an amplitude and a phase angle
of the synchrophasor; and

using the instantaneous parameters for monitoring normal

and/or fault conditions of the power network,

wherein the step of estimating includes,

estimating parameters of a main tone of the input signal

by processing the DFT spectrum; and

subtracting the main tone from the DFT spectrum, to

obtain a further DFT spectrum that accounts for spu-

rious contribution perturbing a fundamental tone of the
input signal;

wherein the method further comprises the steps of,

comparing the spectral energy of the further DFT spec-

trum weighted by the spectral energy of the DFT
spectrum to a specific threshold, and

detecting an interfering tone when the step of comparing

reveals that the specific threshold is exceeded, and

(1) subtracting the main tone from the DFT spectrum, to
obtain an estimation of the DFT spectrum of the
interfering tone of the input signal,

(ii) estimating the parameters of the interfering tone of
the input signal by processing the interfering tone
DFT spectrum,

(iii) subtracting the interfering tone from the DFT
spectrum, to obtain an estimation of the DFT spec-
trum of the main tone of the input signal,

(iv) estimating the parameters of the main tone of the
input signal by processing the main tone DFT spec-
trum,

(v) iterating steps (i) to (iv) a predefined number of
times Q, and

(vi) reporting the parameters of the main tone of the
input signal estimated at step (iv); and

in case the interfering tone is not detected, reporting the

estimated parameters of the main tone of the input

signal.

2. The method of claim 1, wherein the step of periodic
sampling comprises:
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acquiring a time-domain signal corresponding to the

continuous time-domain waveform; and

periodically sampling the time-domain signal with a spe-

cific sampling rate F,, to obtain the discrete time-
domain function.

3. The method of claim 1, wherein the step of transform-
ing the discrete time-domain function comprises:

extracting a finite-length portion of the discrete time-

domain function, comprising N equally spaced
samples;

applying to the extracted finite-length sequence of N

samples a discrete time-domain window function to
obtain a windowed signal; and

applying a discrete time Fourier transform (DFT) to the

windowed signal resulting in a frequency-domain func-
tion, to obtain the DFT spectrum.
4. The method of claim 1, wherein the processing of the
DFT spectrum is performed by enhanced Interpolated DFT
(e-lpDFT), and wherein the enhanced Interpolated DFT
(e-lpDFT) of the estimating step comprises:
estimating parameters of the main tone of the input signal
by processing the DFT spectrum via the Interpolated
DFT (IpDFT);

subtracting a negative image of the main tone from the
DFT spectrum, to obtain the spectrum of the positive
image of the main tone;

estimating the parameters of the main tone of the input

signal by processing the spectrum of the positive image
of the main tone via the IpDFT;

iterating the subtracting and estimating steps a predefined

number of times P; and

reporting the parameters of the main tone of the input

signal of the estimating step.

5. The method of claim 1, wherein the synchrophasor
includes a complex function including an instantaneous
frequency, amplitude and phase corresponding to the instan-
taneous frequency, amplitude and phase of the main tone of
the input signal, referred to a common time reference.

6. A system for performing synchrophasor measurements
for monitoring normal and fault conditions of an input signal
from a power network, the input signal being representative
of at least one of a voltage and current of a sinusoidal power
system of the power network, the system comprising:

an input channel to measure and acquire analog signals of

at least one of a voltage or current signal of a power
system,

an analog-to-digital-converter device connected to the

input channel to convert the analog signals to discrete-
time signals; and

a data processing device operatively coupled to the ana-

log-to-digital-converter device, the data processing

device configured to,

provide a set of N equally spaced samples of the
discrete time signals,

apply a discrete time-domain window function to the
set of N equally spaced samples to generate a win-
dowed signal,

apply a discrete time Fourier transform (DFT) to the
windowed signal to generate a DFT spectrum,

estimate main/interfering tone parameters by process-
ing the DFT spectrum,

compensate the DFT spectrum for an estimated tone of
the main/interfering tone parameters, and

determine instantaneous frequency, amplitude and
phase of the at least one of a voltage or current signal
using the estimated main/interfering tone param-
eters,
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wherein in the estimating of the main/interfering tone

parameters, the data processing device is configured to:

estimating parameters of a main tone of the input signal
by processing the DFT spectrum; and

subtracting the main tone from the DFT spectrum, to

obtain a further DFT spectrum that accounts for spu-

rious contribution perturbing a fundamental tone of the
discrete time signals;

wherein the data processing device is configured to,

compare the spectral energy of the further DFT spectrum

weighted by the spectral energy of the DFT spectrum to

a specific threshold, and

detect an interfering tone if the step of comparing reveals

that the specific threshold is exceeded, and

(1) subtract the main tone from the DFT spectrum, to
obtain an estimation of the DFT spectrum of the
interfering tone of the discrete time signals,

(ii) estimate the parameters of the interfering tone of
the discrete time signals by processing the interfering
tone DFT spectrum,

(iii) subtract the interfering tone from the DFT spec-
trum, to obtain an estimation of the DFT spectrum of
the main tone of the discrete time signals,

(iv) estimate the parameters of the main tone of the
discrete time signals by processing the main tone
DFT spectrum,

(v) iterate steps (i) to (iv) a predefined number of times
Q, and

(vi) report the parameters of the main tone of the
discrete time signals estimated at step (iv); and

in case the interfering tone is not detected, report the

estimated parameters of the main tone of the discrete

time signals.

7. The system of claim 6, wherein the processing of the
DFT spectrum is performed by enhanced Interpolated DFT
(e-IpDFT), and

wherein for the enhanced Interpolated DFT (e-IpDFT) of

the estimating the parameters of the main tone, the data

processing device is configured to:

estimate parameters of the main tone of the discrete time

signals by processing the DFT spectrum via the Inter-

polated DFT (IpDFT);

subtract a negative image of the main tone from the DFT

spectrum, to obtain the spectrum of the positive image

of the main tone;

estimate the parameters of the main tone of the discrete

time signals by processing the spectrum of the positive

image of the main tone via the [pDFT;

iterate the subtraction and the estimation a predefined

number of times P; and

report the parameters of the main tone of the discrete time

signals of the estimating.

8. A non-transitory computer readable medium having
computer instructions recorded thereon, the computer
instructions configured to perform a method for performing
synchrophasor estimation of an input signal for monitoring
normal and/or fault conditions of a power network, the input
signal being representative of at least one of a voltage and
current of a sinusoidal power system, the method compris-
ing the steps of:

measuring at least one of a voltage or current signal of the

sinusoidal power system to provide for the input signal;

periodic sampling a continuous time-domain waveform
that includes the input signal to obtain a discrete
time-domain function;
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transforming the discrete time-domain function to a dis-

crete frequency-domain function to obtain a DFT spec-

trum;

estimating from the discrete frequency-domain function

instantaneous parameters of a synchrophasor of the

sampled continuous time-domain waveform, the

instantaneous parameters comprising a frequency, an

amplitude and a phase angle of the synchrophasor; and
using the instantaneous parameters for monitoring normal

and/or fault conditions of the power network,
wherein the step of estimating includes,

estimating parameters of a main tone of the input signal

by processing the DFT spectrum; and

subtracting the main tone from the DFT spectrum, to

obtain a further DFT spectrum that accounts for spu-

rious contribution perturbing a fundamental tone of the
input signal;

wherein the method further comprises the steps of,

comparing the spectral energy of the further DFT spec-

trum weighted by the spectral energy of the DFT
spectrum to a specific threshold, and

detecting an interfering tone when the step of comparing

reveals that the specific threshold is exceeded, and

(1) subtracting the main tone from the DFT spectrum, to
obtain an estimation of the DFT spectrum of the
interfering tone of the input signal,

(ii) estimating the parameters of the interfering tone of
the input signal by processing the interfering tone
DFT spectrum,

(iii) subtracting the interfering tone from the DFT
spectrum, to obtain an estimation of the DFT spec-
trum of the main tone of the input signal,

(iv) estimating the parameters of the main tone of the
input signal by processing the main tone DFT spec-
trum,

(v) iterating steps (i) to (iv) a predefined number of
times Q, and

(vi) reporting the parameters of the main tone of the
input signal estimated at step (iv); and

in case the interfering tone is not detected, reporting the

estimated parameters of the main tone of the input

signal.

9. The non-transitory computer readable medium of claim
8, wherein the step of periodic sampling comprises:

acquiring a time-domain signal corresponding to the

continuous time-domain waveform;

periodically sampling the time-domain signal with a spe-

cific sampling rate F, to obtain the discrete time-

domain function.

10. The non-transitory computer readable medium of
claim 8, wherein the step of transforming the discrete
time-domain function comprises:

extracting a finite-length portion of the discrete time-

domain function, comprising N equally spaced

samples;

applying to the extracted finite-length sequence of N

samples a discrete time-domain window function to

obtain a windowed signal; and

applying a discrete time Fourier transform (DFT) to the

windowed signal resulting in a frequency-domain func-

tion, to obtain the DFT spectrum.

11. The non-transitory computer readable medium of
claim 8, wherein the processing of the DFT spectrum is
performed by enhanced Interpolated DFT (e-lpDFT), and
wherein the enhanced Interpolated DFT (e-IpDFT) of the
estimating step comprises:
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estimating parameters of the main tone of the input signal
by processing the DFT spectrum via the Interpolated
DFT (IpDFT);

subtracting a negative image of the main tone from the
DFT spectrum, to obtain the spectrum of the positive
image of the main tone;

estimating the parameters of the main tone of the input
signal by processing the spectrum of the positive image
of the main tone via the IpDFT;

iterating the subtracting and estimating steps a predefined
number of times P; and

reporting the parameters of the main tone of the input
signal of the estimating step.
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