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Abstract. This paper presents a new structure
of an Orthogonal Signal Generator for a Phase
Locked Loop (OSG-PLL), utilizing an Adaptive
Notch Filter (ANF) in bandwidth as the foundation.
The ANF employed to generate the orthogonal system
within the Phase Locked Loop (PLL), is implemented
from the parallel configuration of several Bandpass
Filters (BPF), starting from a lattice-structured All-
Pass Filter (APF). This approach offers benefits such
as simplicity and reduced sensitivity to coefficient
rounding in fixed-point Digital Signal Processor (DSP)
implementations. The bandwidth changes adaptively by
adjusting and achieving the optimization of the filter
coefficients. Two adaptation algorithms are proposed,
studied, and analyzed, one utilizing Gradient Descent
(GD) and another based on Proportional Control
of Maximum Error (ME). A series of comparative
simulations are conducted using MATLAB software
to validate the most effective method among the two
described algorithms. The simulation results from
MATLAB and the experimental results from a fixed-
point digital signal processor (DSP), specifically the
TMS320F812, are showcased and examined to assess
the effectiveness of the algorithm of proportional
control of the ME, which has been selected as the
superior alternative, thereby supporting its theoretical
development.
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1. Introduction

Currently, the rise in energy consumption and its
correlation with the increase in environmental
pollutants have prompted many countries to explore
a novel energy alternative, known as renewable energy.
This type of energy is characterized by its cleanliness
and inexhaustible [1]. Ensure stable operation and
synchronization of power converters connected to
the electrical grid is essential in renewable energy
generation systems. The single-phase Phase Locked
Loop (PLL) has become a crucial component
within grid synchronization methods. The simple
implementation, robust, accurate and fast response of
the PLL is crucial for control and protection objectives,
notably in presence of harmonics and frequency
variations [2]. One of the categories into which the
PLL is divided, depending of the phase detector
implementation, is the PLL based in an Orthogonal
Signal Generator (OSG) [3], [4], [5], [6], [7] and [8]. In
these PLL’s, there are those that present a linearized
structure with ANF, equivalent to Park-PLL [9].

In the Infinite Impulse Response (IIR) of Notch Fil-
ter (NF), the narrower its bandwidth, the wider will be
the transient response and for a higher bandwidth wide
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the duration of the transient response can be reduced,
however, there will be distortion in the frequency
constituents near the notch frequency [10]. In many
measurement applications, it is required to have a NF
that possesses at same time a very selective magnitude
response, (high quality factor Q, low bandwidth) and a
short transient response duration. Decrease bandwidth
also increases the duration of the transient process in
the filter after the action of bias [11].

The IIR of NF, with bandwidth variation, has been
used in transient suppression, to remove signals at
certain frequency that interfere, for example in the
measurement of the Electrocardiographic (ECG) signal
[11], [12], [13] and [14], allowing at the filter be more
selective within an acceptable level. In ECG signal
processing, a basic form of control of the NF
bandwidth, is achieved with a variable polar radius
[10]. A large polar radius leads to a good speed
convergence with a good signal-to-noise ratio (SNR),
while a small polar radius allowing a faster filter
convergence, but with worse results with respect
to the Signal-to-Noise Ratio (SNR) [15]. In the
implementation of integrated circuits electronics that
work at high frequencies, has also been used the PLL
with bandwidth control in a way effective using simple
logic control techniques [16], [17] and [18].

In real-time tone detection in the area of information
and communication technologies, the ANF has proven
to be very effective, being able to adapt not only to
the signal frequency, but also to the bandwidth, using
an adaptive method based on the Normalized Least
Mean Squares (NLMS) [19]. In the elimination of
narrow-band interference in the Code Division Multi-
ple Access (CDMA) systems, gradient algorithms have
been used for the adaptation of the bandwidth of the
NF, resulting in a good SNR and reduced bit error
rate [20] and [21]. In the mitigation of interference in
Global Positioning System (GPS) receivers, algorithms
with Lattice-based notch filters have been developed to
adapt the notch frequency along with the bandwidth
of the filter [22] and [23].

Bandwidth adaptation is useful in a PLL that is
prone to a DC component on your input signal, this
is a low frequency error. In order to reduce it, it is
required that the bandwidth be extremely low and this
would degrade performance dynamic and would not be
acceptable if it were kept low and not will return to a
higher value [24], [25] and [26].

A new second-order lattice-configured digital IIR NF
is presented, whose bandwidth and therefore its quality
factor changes in an adaptive way. Two algorithms
adapt the bandwidth: one that uses the Gradient De-
scent (GD) [27], [28] and [29], and another based on
the proportional control of the ME. The coefficient θ2
of an ANF, is adjusted [30], varying the notch

bandwidth, obtaining the optimization of the filter
coefficients. With the temporary change in the
bandwidth value, the transient can be greatly reduced.
The effectiveness of the proposal is verified, comparing
the performance of both algorithms, using as input
sinusoidal signals with unwanted interference. The
simulation results and he implementation in a Digital
Signal Processor (DSP), show that the algorithms offer
a fast speed of convergence, low error, low variation
of coefficients of filter and high robustness against
disturbances in the signal entrance.

The manuscript is structured in the following
manner. In Section 2. , the parallel configuration
of second-order bandpass filters is discussed, including
its main diagrams and equations. In Sec. 3. , ANF in
bandwidth based on GD is presented. In Sec. 4. ,
ANF in bandwidth with proportional control of
maximum error is presented. Section 5. provides
comparison of adaptive bandwidth methods. In Sec.
6. , the simulation and implementation results of the
fixed-point DSP implementation of the ANF in band-
width with proportional control of the ME are
presented and discussed. Finally, Sec. 7. draws
the conclusions.

2. Parallel configuration of
second-order bandpass
filters

In [31], a configuration of an adaptive PLL was
presented at the frequency of the single-phase grid,
implemented with a single second-order filter. The
input signal is formed by the sinusoid at the fundamen-
tal frequency, plus the sum of the harmonics, 3ero, 5to,
7mo y 9no. To detect and track multiple time-varying
frequencies, the options are to use sections made up of
a Band Pass Filter (BPF), either in cascade [32] or in
parallel. A parallel configuration of second-order BPF
sections, justifies the proposed in the independence of
the frequency of each section and a common adaptive
bandwidth. This basic scheme is illustrated in Fig. 1
for the detection of five sinusoids.

In the application for the case of multiple sinusoids,
the using a global error, may result in better accuracy
in bandwidth estimation, being sufficient in a higher
order problem. Instead, local errors they imply the
solution of several problems of insufficient order.

In the configuration of Fig. 1, the corresponding
BPF at the fundamental frequency, formed by the
All Pass Filter (APF) with lattice configuration, pro-
vides the OSG with x1−fund(n) with 90 degrees offset
and x2−fund(n) with 0 degree offset, to be used by a
Orthogonal Signal Generator for a Phase Locked Loop
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Fig. 1: Parallel configuration of second-order BPF’s.

(OSG-PLL) [3] and [4], with a common bandwidth for
the other filters such that the total estimated output
yest(n) is the more similar to the input signal u(n).
The output is:

Yest(n) =

5∑
k=1

YG_ 2k−1(n) (1)

The notch output that is equivalent to the global error
is:

e(n) = u(n)− Yest(n) (2)

where YG_ 2k−1(n) corresponds to the output of each
BPF tuned to the fundamental frequency and to the
frequencies of 3ero, 5to, 7mo and 9no harmonic:

YG_ 2k−1(n) = G2k−1(z)u(n) (3)

k = 1, 2, .., 5

The transfer function of an APF, as mentioned in
[30], for each principal sinusoidal component and its
harmonics is given by:

A2k−1(z) =
sin θ2 + sin θ1_ 2k−1(1 + sin θ2)z

−1 + z−2

1 + sin θ1_ 2k−1(1 + sin θ2)z−1 + sin θ2z−2

(4)

A BPF from an APF with a lattice structure,answers
to:

G2k−1(z) =
1

2
[1−A2k−1(z)] (5)

And therefore, the transfer function of the BPF:

G2k−1(z)=
1− sin θ2

2
1−z−2

1 + sin θ1_ 2k−1(1 + sin θ2)z−1 + sin θ2z−2
(6)

Also, the NF, from an APF with a lattice structure,
responds to:

H2k−1(z) =
1

2
[1 +A2k−1(z)] (7)

And therefore, the transfer function of the NF:

H2k−1(z)=
1+ sin θ2

2
1+2 sin θ1_ 2k−1z

−1+z−2

1 + sin θ1_ 2k−1(1 + sin θ2)z−1 + sin θ2z−2
(8)

Two methods are proposed, which adapt in the most
efficient and simple the common bandwidth of the
configuration of Fig. 1, one using the GD [27], [28] and
[29], and another new method, easier to implement,
based on the proportional control of the ME.

3. Adaptive Notch Filter in
bandwidth based on
Gradient Descent

In [30], [33], [34] and [35] a GD algorithm was used to
adapt the value of θ1 therefore the notch frequency of a
second-order IIR NF. Following the same methodology,
the value of θ2 corresponding to the notch bandwidth,
is adapted according to the adaptation algorithm:

θ2(n+ 1) = θ2(n) + µe(n)∇θ2(n) (9)

µ is a positive parameter that controls the adapta-
tion speed of θ2 in the algorithm. It represents the
learning rate, determining how θ2 is adjusted as a func-
tion of the error e(n) and the gradient ∇θ2(n). A high
value of µ accelerates adaptation, but may cause oscil-
lations or divergence. In contrast, a low value of µ slows
down adaptation, providing stability but slower con-
vergence. The choice of µ is crucial and is determined
experimentally to optimize the convergence speed and
stability of the adaptive filter.

The value of the filtered regressor of θ2:

∇θ2(n) = −∂e(n)

∂θ2
= −∂[u(n)− yest(n)]

∂θ2

∇θ2(n) = −∂u(n)

∂θ2
+

∂yest(n)

∂θ2
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The input signal u(n) does not depend on the pa-
rameter θ2, it is not influenced by the internal parame-
ters of the filter (Parallel configuration of second -order
BPF’s), as can be seen in Fig. 1. The input signal u(n)
comes from the electrical network, therefore, it depends
exclusively on the generation and transmission param-
eters of an alternating current electrical signal, conse-
quently:

∂u(n)

∂θ2
= 0

Therefore the filtered regressor of θ2 is:

∇θ2(n) =
∂yest(n)

∂θ2
(10)

Then the calculation ∇θ2(n) is based on the
calculation of the partial derivative of the sums of all
BPF outputs with respect to θ2(n):

∇θ2(n) =
∂

∂θ2

[
5∑

k=1

yG_ 2k−1(n)

]
, k=1,2,..,5 (11)

∇θ2(n)=
∂

∂θ2

[
yG_1(n)+yG_3(n)+yG_5(n)+yG_7(n)+yG_9(n)

]

∇θ2(n) =
∂yG_ 1(n)

∂θ2
+

∂yG_ 3(n)

∂θ2
+

∂yG_ 5(n)

∂θ2

+
∂yG_ 7(n)

∂θ2
+

∂yG_ 9(n)

∂θ2
(12)

In the case of a single BPF section, the gradient is
given by:

∂yG_ 2k−1(n)

∂θ2
=

∂G2k−1(z)

∂θ2
u(n) (13)

According to (5) it has to:

∂yG_ 2k−1(n)

∂θ2
=

1

2

[
∂

∂θ2
(1−A2k−1(z))

]
u(n)

∂yG_ 2k−1(n)

∂θ2
= −1

2

∂A2k−1(z)

∂θ2
u(n)

∂yG_ 2k−1(n)

∂θ2
=−cos θ2

2

(1−z−2)(1 + 2 sin θ1_ 2k−1z
−1 + z−2)

(1 + sin θ1_ 2k−1(1 + sin θ2)z−1 + sin θ2z−2)2
u(n)

(14)

Taking into account that:

D(z)=1 + sin θ1_ 2k−1(1 + sin θ2)z
−1 + sin θ2z

−2

cos2 θ2=1− sin2 θ2 = (1− sin θ2)(1 + sin θ2)

Operating the expression (14):

∂yG_ 2k−1(n)

∂θ2
=− 2

cos θ2

(1+sin θ2)

2

(1 + 2 sin θ1_ 2k−1z
−1 + z−2)

D(z)

(1− sin θ2)

2

(1−z−2)

D(z)
u(n) (15)

According to (6) and (8), it is obtained:

∂yG_ 2k−1(n)

∂θ2
=− 2

cos θ2
H2k−1(z)G2k−1(z)u(n) (16)

The basic scheme that represents the calculation of
the gradient of θ2 for a single lattice filter according
to (16), for the case of k = 1 corresponding to the
fundamental frequency, is illustrated in Fig. 2.
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Fig. 2: Generation of the gradient of θ2 for a single lattice filter.

Substituting expression (16) in (12) and using (3),
the filtered regressor of θ2 is obtained for the sums of
all outputs of the BPF’s:

∇θ2(n) = − 2

cos θ2

[
5∑

k=1

H2k−1(z)G2k−1(z)

]
u(n)

∇θ2(n) = − 2

cos θ2

[
5∑

k=1

H2k−1(z)yG_ 2k−1(n)

]
(17)

with k = 1, 2, .., 5

The basic scheme of equation (17) is illustrated in
Fig. 3.
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Fig. 3: Generation of the gradient of θ2 for the parallel lattice
configuration.

4. Adaptive Notch Filter in
bandwidth with
proportional control of the
maximum error

A simple and effective adaptation algorithm is
proposed, of the common bandwidth for the BPF’s of
the configuration in parallel of Fig. 1. This method
is primarily based on proportional control of the ME,
that is determined. When a fast response is needed
due to transients or a sudden change in the input
signal u(n), the bandwidth increases quickly. When
it is necessary to reject disturbances either by noise o
presence of harmonics o no action is needed any more
hat the input is a clean signal with no transients, the
bandwidth decreases to a minimum value quickly.

The basic principle of the adaptation process has
as main advantage that proportional control strategy
generates a control signal that is dependent on the error
signal. The magnitude of correction increases propor-
tionally with the magnitude of the error, leading to a
larger adjustment [36] and [37].

The maximum value of e(n) is achieved when the
input signal u(n) has a maximum, which is equivalent
to the signal x2(n) tuned to the fundamental frequency,
be maximum, since it is the image of the input and this
only happens when the signal x1(n) zero crossing, due
to its orthogonal characteristicwith respect to x2(n).

The algorithm will only update to anew bandwidth
value when the error occurs again next zero crossing
of the signal x1(n). The basic outline of the method is
illustrated Fig. 4.
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Fig. 4: Proportional control of ME.

Bandwidth is determined as:

BW (n) = Kp |emax(n)| (18)

The value of the proportional action is establish by
the constant Kp. A small value of Kp results in a small
proportional action, while a larger Kp leads to a more
significant effect. This action can be easily adjusted
as it relies on a single parameter. By being propor-
tional to the error, it has the capability to reduce the
error, although it may not completely eliminate it in
steady-state conditions. Working with the value
absolute value of the error, not taking into account its
negative value because the bandwidth of the system
under study always is greater than zero. Since the
lattice BPF’s operate with the value of θ2, it is
necessary to convert BW (n) using the expression from
[30]:

θ2(n) = arcsin(
1− tan(BW (n)/2)

1 + tan(BW (n)/2)
) (19)

In Fig. 5, the complete scheme of the parallel config-
uration of the BPF’s with the bandwidth adaptation
algorithm is presented with proportional control of the
ME.
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Fig. 5: Adaptive algorithm of θ2 with proportional control of
the ME

5. Comparison of adaptive
bandwidth methods

The methods are compared, using simulations of the
structures shown in Fig. 3 and Fig. 5, with an
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input signal u(n) consisting of a 50 Hz sinusoid with
an amplitude of 1 volt, subjected to three types of
disturbances. BW (n) is limited to a maximum value
of 50 Hz and at a minimum of 1 Hz, which is sufficient
for the normal configuration behavior.

In Fig. 6, at the input at t = 0.3 s, it is applied
suddenly a voltage drop of 25 %. As value of reference,
the IEEE 929-2000 standard [38], specifies that during
a voltage decrease of 50 % or lower, the maximum trip
duration of the photovoltaic inverter should not exceed
6 cycles. The outputs x2(n) of both algorithms exhibit
a similar response, verifying that after a short transient
of less tan 2 cycles, the error (difference between the
expected ideal output and the signal x2(n)) is less than
0.1.
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Fig. 6: Comparison for a voltage drop.

In Fig. 7, at t = 0.38 s, a voltage rise of 15% and
sinusoidal harmonics are applied to the input signal,
which disappear at t = 0.5 s. Both responses are very
similar, with significant oscillations in the error within
2 cycles, measuring less than 0.05 V, in the x2(n) signal
of the adaptive algorithm with proportional control of
the ME and less than 0.1 V in the GD.

In Fig. 8, at the input signal there is the presence of
harmonics all the time and a voltage rise is applied at
t = 0.38 s, swith a short duration, which disappears at
t = 0.51 s. The error of the algorithm of proportional
control of the ME is smaller (0.05 V) compared to the
error of the GD algorithm (0.1 V). The transients are
similar and with durations of less than 1.5 cycles.

Using the same disturbance in the case input above,
we compare the algorithm of proportional control of the
ME with the cases in which there was no adaptation of
the bandwidth, as is the case with a small bandwidth
and one high, as shown in Fig. 9. Resulting in the error
of the adaptive algorithm with proportional control of
the ME, it is much less than the other cases, less than
0.05 V, after disappear its transient in 1 cycle.
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Due to the results and the simplicity of its imple-
mentation, which results in a low computational cost,
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the algorithm of proportional control of the ME is
proposed as the best alternative for adapting the band-
width BW (n) in a parallel configuration of lattice BPF
filters, which generate the necessary OSG for a single-
phase PLL.

6. Simulation and
Experimental Results

To validate the soundness of the theoretical find-
ings put forth in the preceding sections, the ANF in
bandwidth with proportional control of ME from Fig.
5, presented in this work, has been simulated with
MATLAB and implemented in a DSP from Texas
Instruments (TMS320F2812), which has a 32-bit fixed-
point CPU with 150 Mips.

The setup consisted of a board with the mentioned
DSP, along with a 4-channel, 12-bit Digital-to-Analog
Converter (DAC), interfaced with the DSP via the
SPI bus; and connected to this DAC, a Picoscope
oscilloscope whose graphs are shown in Fig. 10 to Fig.
15

The ANF algorithm is tested, before a series of
input signal disturbances [39]. The entries have been
generated internally, through mathematical equations.
Set of disturbances used, to which they refer in the
IEEE Std. 929-2000 [38], suggested guideline for the
utility connection of photovoltaic (PV) systems, were
the same for simulation and for implementation in
DSP.

The variables throughout the simulation and
experimental results are: the single-phase input voltage
u(n), the signal x2(n) generated by the BPF tuned to
the fundamental frequency and the bandwidth BW (n)
provided by the algorithm of proportional control of
the ME. The tuning of the ANF remained constant
throughout the simulations and implemented in a DSP,
with a notch frequency of 50 Hz and a sampling fre-
quency of 20 kHz.

From Fig. 10 to Fig. 15, a thorough congruity can
be witnessed between the simulation results and those
derived from the execution on a DSP. The ANF, in all
instances deployed on the DSP, precisely assesses the
output x2(n) as a reflection of the input signal, de-
void of the respective disruptions. Thus, the following
analysis of the obtained results corresponds to both the
simulation and the DSP implementation, with them
exhibiting identical behavior.

The set of disturbances includes:

Voltage rise: The input u(n) consists of a 50 Hz
sinusoid with a 1.0 pu amplitude. In t = 0.3 s, a voltage
rise of 80 % is suddenly applied to the input, which

disappears 0.3 s later. Fig. 10, shows that, after a
short transient, the algorithm successfully aligns the
x2(n) signal with the expected ideal signal within 2
cycles, both when the voltage surge occurs and when
it disappears.
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Fig. 10: Voltage rise.

Harmonic distortion: The proposed algorithm is
subjected to a voltage distortion from t = 0.0 s, as
shown in Fig. 11. The distortion includes 60 % of the
3er harmonic, 20 % of the 5to harmonic, 12 % of the 7mo

harmonic, and 3 % of the 9 no harmonic. The algorithm
promptly adapts by minimizing the bandwidth upon
detecting the presence of harmonics, causing them to
disappear within 0.75 cycles.

Voltage sag: At t = 0.3 s, a 40 % voltage sag is
suddenly applied to the input. The results in Fig. 12
demonstrate that the algorithm increases the band-
width value to its maximum, so that after a short
transient, the x2(n) signal aligns with the expected
ideal signal within 2 cycles, similar to the response
observed during the voltage surge.

Intermittent harmonic distortion: In Fig. 13,
at t = 0.15 s, the input is subjected to intermittent
harmonic distortion, which disappears after 0.2 s. The
algorithm quickly adjusts the bandwidth to eliminate
the transient and subsequently reduces it to eliminate
the presence of harmonics.
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Fig. 11: Harmonic distortion.
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Fig. 12: Voltage sag.
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Fig. 13: Intermittent harmonic distortion.

Harmonic distortion with intermittent
voltage rise: This case is similar to the previous one,
with the additional presence of a 30 % fundamental
voltage surge accompanying the harmonic distortion.
Fig. 14 also demonstrates how the algorithm adapts
the bandwidth to eliminate both the transient and
harmonic distortion.

Harmonic Distortion with voltage rise: Fig.
15 illustrates the most extreme case of the studied
perturbation, as it involves the presence of harmonics
from t = 0.0 s, followed by a voltage surge at t =
0.07 s. Similar to previous cases, the algorithm
adapts the bandwidth by decreasing it to eliminate the
harmonics and increasing it to eliminate the transient,
enabling the signal x2(n) to match the expected ideal
signal within 0.75 cycles.

7. Conclusion

Two adaptation algorithms were presented as an
alternative for an OSG in a PLL, using an ANF with
bandwidth adaptation based on a parallel configuration
of multiple bandpass filters tuned to the fundamental
frequency and the frequencies of the 3ero, 5to, 7mo and
9no harmonics. One adaptation algorithm was based
on the traditional GD method, while the other
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Fig. 14: Harmonic distortion with intermittent voltage rise.
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Fig. 15: Harmonic Distortion with Voltage Surge.

algorithm was based on a proportional control of the
ME that occurs when the orthogonal signal to the input
signal crosses zero. This pair of algorithms represents
an alternative to classical ANF-based methods. The
new algorithms use a global error and a normalized
lattice realization. The presented simulations
demonstrate good performance of both algorithms
when subjected to perturbations in the input signal,
characterized by high harmonic content and voltage
surges and sags.

They quickly adapt the bandwidth, reducing it
to eliminate harmonics and increasing it to reduce
transient response times. The algorithm of propor-
tional control of ME, the exhibited better and faster
responses than the GD algorithm, further supported
by its simplicity in design and implementation,
leading to its selection as the main proposal of this
work. Simulations and implementation on a DSP
confirmed that by utilizing the algorithm of propor-
tional control of ME approach, both the transient
duration and the selectivity of the parallel BPF
configuration remain at an acceptable level.
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Appendix A
Nomenclature

ANF Adaptive Notch Filter
OSG Orthogonal Signal Generator
PLL Phase-Locked Loop
BPF Bandpass Filter
APF All-Pass Filter
GD Gradient Descent
IIR Infinite Impulse Response
Q Quality factor
SNR Signal-to-Noise Ratio
NLMS Normalized Least Mean Squares
CDMA Code Division Multiple Access
yest(n) Total estimated output
x1(n), x2(n) Orthogonal components
e(n) Error global
YG_ 2k−1(n) Output of BPF
A2k−1(z) Transfer function of the APF
G2k−1(z) Transfer function of BPF
H2k−1(z) Transfer function of NF
θ2 Notch bandwidth coefficient
∇θ2(n) Filtered regressor value of θ2
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