woO 2009/056158 A1 |00 00 OO0 0 T I 0

(12) INTERNATIONAL APPLICATION PUBLISHED UNDER THE PATENT COOPERATION TREATY (PCT)

(19) World Intellectual Property Organization Vd”Ij

) IO O O OO OO

International Bureau

(43) International Publication Date
7 May 2009 (07.05.2009)

(10) International Publication Number

WO 2009/056158 Al

(51) International Patent Classification:
HO02] 3/01 (2006.01) HO3H 17/02 (2006.01)

(21) International Application Number:
PCT/EP2007/009512

(22) International Filing Date:
2 November 2007 (02.11.2007)

(25) Filing Language: English

(26) Publication Language: English

(71) Applicant (for all designated States except US): CON-
ERGY AG [DE/DE]; Anckelmannsplatz 1, 20537 Ham-
burg (DE).

(72) Inventor; and
(75) Inventor/Applicant (for US only): KOCH, Karl
[DE/DE]; Steinhohle 1, 63776 Mdmbris (DE).

(74) Agent:
PARTNER, Zippelhaus 5, 20457 Hamburg (DE).

(81) Designated States (unless otherwise indicated, for every
kind of national protection available): AE, AG, AL, AM,
AT, AU, AZ, BA, BB, BG, BH, BR, BW, BY, BZ, CA, CH,
CN, CO, CR, CU, CZ, DE, DK, DM, DO, DZ, EC, EE, EG,
ES, FI, GB, GD, GE, GH, GM, GT, HN, HR, HU, ID, 1L,
IN, IS, JP, KE, KG, KM, KN, KP, KR, KZ, LA, LC, LK,
LR, LS, LT, LU, LY, MA, MD, ME, MG, MK, MN, MW,
MX, MY, MZ, NA, NG, NI, NO, NZ, OM, PG, PH, PL,
PT, RO, RS, RU, SC, SD, SE, SG, SK, SL, SM, SV, SY,
TJ, TM, TN, TR, TT, TZ, UA, UG, US, UZ, VC, VN, ZA,
M, ZW.
(84) Designated States (unless otherwise indicated, for every
kind of regional protection available): ARIPO (BW, GH,
GM, KE, LS, MW, MZ, NA, SD, SL, SZ, TZ, UG, ZM,
ZW), Eurasian (AM, AZ, BY, KG, KZ, MD, RU, TJ, TM),
European (AT, BE, BG, CH, CY, CZ, DE, DK, EE, ES, FI,
FR, GB, GR, HU, IE, IS, IT, LT, LU, LV, MC, MT, NL, PL,
PT, RO, SE, SI, SK, TR), OAPI (BF, BJ, CF, CG, CI, CM,
GA, GN, GQ, GW, ML, MR, NE, SN, TD, TG).

BIRKEN, Lars; EISENFUHR, SPEISER & Published:

with international search report

(54) Title: METHOD AND DEVICE FOR FILTERING A FILTER OUTPUT CURRENT AND / OR VOLTAGE OF AN IN-

VERTER OUTPUT

NCO_1 NCO_2 NCO_3 NCO_10
50Hz 100Hz 150Hz 500Hz
RN ORNORETNC
system
identification
? ? ? Kalman ?
filter
amplitude_1| |amplitude_2| |amplitude_3 amplitude_10
phase_1 phase_2 phase_3 phase_10
|main voltage l | I
v

SVAVAVAVAVAVAVE

Fig.1

(57) Abstract: The invention relates to a method for estimating or filtering an alternating voltage or current signal comprising the
steps: defining a general signal structure to represent the estimated signal by means of a sinusoidal function having a fun- damental
wave and at least one harmonics of higher order, whereby the sinusoi— dal function is defined by the frequency, amplitude and phase
of the fundamental wave and the amplitude and phase of each harmonic, estimating the amplitude and phase of the fundamental wave
and/or each harmonic by means of a filter, an adaptive filter and/or an observer, in particular a Kalman filter, hereby the estimated
signal is compared with the corresponding measured signal.
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Method and device for filtering a filter output current and / or voltage of
an inverter output

The present application is directed to a method for estimating or filtering the filter
output current or voltage of an output filter of an inverter connected to the grid as
set forth in the classifying portion of claim 1. The invention further concerns a
method for detecting distortions of a filter output current or voltage of an output
filter of an inverter connected to the grid according to the classifying portion of
claim 9, and a method for minimizing the total harmonic distortion of an output
current or voltage at an output filter of an inverter connected to the grid as set
forth in the classifying portion of claim 13. The present invention concerns even
further an inverter involving such methods and a solar system comprising such

an inverter.

Grid inverters are widely used, e. g. to connect solar power generators to a public
grid. Most commercially available devices are optimized to supply a sinusoidal
AC-current at grid frequency independent of the grid voltage distortion. However
it is desired to add damping harmonics to the AC current which attenuates the
grid distortion. Grid connected inverters are equipped with L-C-L filters to mini-
mize the total harmonic distortion at the inverter output. The filters are designed

according to the inverter typology (i. e. supporting single-phase or three-phase
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current feed to mains). The transfer function of a typical filter design shows a
significant resonance peak which has to be attenuated to satisfy national power

supply standards.

Known commercial solutions are based on a filter model with known parameters
of the L-C-L filter to be modelled. Since device tolerances and time varying pa-
rameter drift during the operation cannot be avoided, these methods show sub-
stantial performance degradation with increasing parameter mismatch. In other
words, according to the prior art solutions, a compensation is designed only with
respect to one exactly given model. However, at least the quality of this compen-
sation will decrease, if the model does not exactly comply with the given system,
in particular with the given L-C-L filter. Such differences can occur in the first
place due to not exactly modelling the corresponding system. In the second
place, the actual parameters of the system will change at least slightly, e. g. due

to temperature effects of the like.

As a result, the compensation does not completely fit to the actual system. In
particular, the compensation does not correspond to the frequency of the reso-
nance peak of the filter. Such a mismatch of the modelled frequency and the
actual frequency of the resonance peak may result in a poor compensation of
said resonance peak. Depending on the compensation technique and the mis-
match, the compensation might in some cases even result in an enhancement of
the resonance peak. Even further, it is to be noted that compensation problems
might not be recognized, because the output of the output filter is connected to
the grid, which usually does not comprise a clear sinusoidal signal. |. e. even a
measurement of the output voltage might show distortions, but the measurement
will not give a conclusion as whether the distortions correspond to an insufficient

compensation or to problems inherent to the grid.

Accordingly, one object of the present invention is to improve the output signal at
the L-C-L filter output and in particular to improve the attenuation. The invention
further aims to provide a solution which is less dependent on the parameters of
the filter components or the grid impedance than known by the prior art. In par-
ticular, one aim is to provide a solution, which is independent on at least one or

all of the parameters mentioned above.

PCT/EP2007/009512
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Accordingly, the invention provides a method for estimating or filtering an alter-
nating voltage or current signal comprising the steps:

defining a general signal structure to represent the estimated signal by means of
a sinusoidal function having a fundamental wave and at least one harmonics of
higher order, whereby the sinusoidal function is defined by the frequency, ampli-
tude and phase of the fundamental wave and the amplitude and phase of each
harmonic,

estimating the amplitude and phase of the fundamental wave and/or each har-
monic by means of a filter, an adaptive filter and/or an observer, in particular a
Kalman filter,

whereby the estimated signal is compared with the corresponding measured
signal.

According to one embodiment of the invention the alternating voltage or current
signal is an output current or voltage of an output filter of an inverter or other
controlled power source connected to the grid as set forth in claim 2. Such a
controlled power source might be an ac-power supply or an ac-current source.
Accordingly, a general signal structure is defined to represent the estimated filter
output current or voltage. In other words, a basic structure or model of the gener-
ally expected signal at the filter output is provided. Its general signal structure
comprises a fundamental wave of a sinusoidal function as the filter output is
connected to the grid and the grid comprises a sinusoidal function of the voltage.
However the grid voltage and thus the filter output voltage comprises distortions.
These distortions may depend on a plurality of reasons, in particular because of
unsymmetric loads at the grid. The general signal structure i. e. the model of the
estimated filter output signal takes these distortions into account by means of
comprising at least one further harmonics of higher order. For example, the first
ten harmonics are taken into account. Usually, distortions in the grid voltage
mainly influence the first ten harmonics and further harmonics can often be ne-
glected.

To adapt this general signal structure to the estimated filter output signal ampli-
tude and phase of the fundamental wave and the harmonics have to be set and
have to be adapted. This is done by means of a filter, an adaptive filter and/or an

observer, in particular a Kalman filter. The resulting modelled signal is compared

PCT/EP2007/009512
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to the measured signal and the difference of both signals acts by way of a correc-
tion or adaption function to adapt or tune said amplitudes and phases.

It is to be noted, that the frequency of the resonance peak is expected to be
larger than the frequency of the tenth harmonic and it will properly not be a multi-
ple of the grid frequency. As a result, the modelled signal will not or only very
poorly contain or represent the resonance peak. Therefore, the resonance peak
will quite clearly remain in the difference of the modelled signal and the measured
signal.

The method according to claim 1 can in general use any kind of observer or filter,
in particular an adaptive filter for estimating amplitudes and the phases. However,
since the measured signal is expected to comprise noise, it is advantageously to
use a Kalman filter.

According to one aspect of the invention, a sinusoidal function having a funda-
mental wave and at least one harmonics of higher order corresponding to the
structure and the frequency of the estimated filter output current is used as an
input signal of the observer. E. g. with respect to the European grid having a
frequency of 50 Hz the fundamental wave of the input signal will also have a
frequency of 50 Hz. If e. g. ten harmonics (including the fundamental wave) will
be chosen to model the general signal structure, the fundamental wave will addi-
tionally provide harmonics of the frequency of 100 Hz to 500 Hz. The phases and
the amplitudes of the input signal of the observer may just be set to any value, e.

g. all phases are set to 0 and all amplitudes are set to 1.

According to a further aspect of the invention the input signal of the observer is
defined by the frequency of its fundamental wave and the phase and amplitude of
each of its fundamental wave and its harmonics and whereby at least some of the
values are predefined values. Accordingly, the input signal is not in fact a meas-
ured signal inputted into the observer, but an emulated one defined by its pa-
rameters and these parameters are - at least some of them - inputted into the
observer. As stated above, amplitude and phase of the fundamental and / or the
harmonics of the input signal of the observer may take any value and thus can be

predefined beforehand. In particular, the frequency of the fundamental wave

PCT/EP2007/009512
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which corresponds to the frequency of the grid (e. g. 50 Hz) is given as an input
signal into the observer. This frequency will often be a measured value, meas-
ured from the voltage signal in the grid, for example by measuring positive zero
crossing of the grid signal and calculating the corresponding frequency. The
amplitudes and the phases may just take any value and thus their values can be
predefined and it is not necessary to calculate or recalculate these values all the
time.

Even further, and according to one aspect of the invention it may even not be
necessary to feed these values into the observer as an input signal, but to calcu-
late these values within the observer or to get these values out of a memory
within the observer. I. e. according to one example it is only needed to input the
approximately 50 Hz (in case of a European grid) or e.g. 60 Hz (for the US) into
the observer as an input signal. Within the observer the values for the amplitudes
and phases for the fundamental and the harmonics of the input signal are set by

the observer.

If the values for amplitudes and phases are provided or calculated inside the
observer even further calculations within the observer can take these values of
the amplitudes and phases of the input signal into account. Accordingly, any
calculations within the observer can be adapted to the fact, that some values of
the input signal where known beforehand. At least some computations can than
be performed on the predetermined values in an offline manner with respect to
the observer operation and / or respective results can be saved as values for use
in the observer computation. E. g. if these values of the amplitude and phase are
constant values any multiplication with such input value with a factor can be
substituted with a new factor. Even further, any amplitudes comprising ones are
ineffective with respect to any multiplication and the value of zero for any phases
of the input signal are ineffective for any addition or subtraction, to give only
some examples. Accordingly, the value for the amplitudes and the phases within

the observer will result in a reduction of the complexity of the observer.

According to a further aspect of the invention the amplitude and phase of a fun-
damental wave and of harmonics of the estimated filter output signal and / or the

input signal are represented by a complex value. This way, known procedures for

PCT/EP2007/009512
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calculating values, as often provided in processors and the like such as a digital
signal processor (DSP) can be used. Each harmonics can be represented by one

single complex value.

According to one aspect of the present invention the frequency of a fundamental
wave of a measured filter output signal and / or the frequency of the grid is input-
ted into the observer as frequency of the fundamental wave of the input signal.
The measured frequency might be the only input signal. It is to be noted, that the
frequency of the grid is a quite important information of the signal to be esti-
mated. However, according to an other possibility it might as well be sufficient to
observe and adapt the frequency of the fundamental wave i. e. the frequency of
the grid.

With respect to one aspect of the invention, the alternating voltage signal is the
voltage of the grid, in particular of the public grid or of a private grid. I. e. it is not
necessary to measure the signal at an output of an inverter or other power
source, but anywhere in the grid. However the grid voltage may of course also be
measured at the output of such a device. As a result, the grid voltage is estimated
or filtered in particular to receive characteristic information of the voltage, in par-

ticular of distortions characterised by the harmonics of the estimated signal.

To improve the quality of the voltage in the grid, the estimated or filtered voltage
signal of the grid provides a good basis to modify the grid voltage, in particular to
reduce distortions. Accordingly it is proposed to eliminate, compensate and/or

modify at least one component of the grid voltage.

According to one aspect of the invention, an inverter or other power source
modulates a voltage and/or current signal for feeding into the grid in order to
modify the grid voltage according to the estimated grid voltage. This way, the grid
voltage can directly be influenced. In particular, an arbitrary signal shape can be
provided. As one example, the 2" and further harmonics can be reduced in order
to more precisely get to a sinusoidal shape of the voltage in the grid. The har-
monics may also be shifted with respect to their phase, to get a more symmetrical
shape of the grid voltage. The person skilled In the art generally knows methods

and tools to modify a generally sinusoidal voltage signal comprising further har-
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monics. However, to perform such modifications, good knowledge of the shape of
the voltage signal is necessary. The invention gives a solution, or at least an
approach to this problem and provides information of the grid voltage to allow for
a good modification of the grid voltage.

According to the invention it is further provided a method for detecting distortions
of a filter output current or voltage of an output filter of an inverter or other power
source connected to the grid, comprising the steps: estimating a filter output
current or voltage of the filter by means of a filter, an adapﬁve filter or an ob-
server, in particular a Kalman filter, and estimating the distortions by comparing
the estimated signal with a measured reference signal of the filter. Accordingly, a
filter output signal of the output filter is estimated according to a first step. The
estimated signal of the filter output signal depends on the output filter as well as
on the grid. The estimated filter output signal will, according to the design of the
observer basically provide an estimated signal representing a signal comprising
grid induced distortions. However, the estimate of the observer will not or only in
a small extend contain the resonance peak or any resonance peaks of the output
filter. Accordingly, the difference of the measured reference signal of the filter and
the estimated filter output signal will basically indicate filter related distortions, in

particular a resonance peak.

According to one aspect of the invention the estimation of the filter output signal
used to detect filter related distortions is performed as described in the para-
graphs and pages above. In particular, a structure of the filter output signal is
provided, comprising a fundamental wave having the frequency of the grid and at
least one further harmonics. The choice of the structure for the estimated filter
output signal at least partly specifies that part of the output signal, that can be
estimated by means of the observer. If the structure only comprises the funda-
mental wave of the grid and harmonics of the grid i. e. only the base frequency
and the multiple thereof, any signal behaviour of frequencies in between and / or
above the considered frequencies cannot be represented by the chosen re-

stricted structure of the estimated signal.

According to a further embodiment the filter related distortions are detected at a

L-C-L low pass filter having two inductances and a capacitor connected in a T-

PCT/EP2007/009512
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structure being used as the output filter and whereby the distortion of the output
signal of the filter is detected by estimating a filter output signal at the output filter
and comparing it with a measured signal of the filter representing the output
signal. Accordingly, the method for detecting filter related distortions is in particu-
lar advantageous in relation with a L-C-L low pass filter. It is to be noted, that the
inductances and the capacitor are not necessarily connected on one circuit
board. E.g. one of the inductances may just be a connection wire or a consumer
or a load in the grid.

According to a further aspect of the invention, when using an L-C-L low pass filter
having two inductances and a capacitor connected in a T-structure the voltage at
the capacitor is used as the observer reference and it is used to calculate the
observer error. Such a filter having a T-structure will receive — during an opera-
tion - an input current 1 o from the inverter flowing into a first inductance. The filter
output current |y will flow through a second inductance to the output of the filter.
The difference of these two currents Iy and 1.4 is a current I¢ flowing into the
capacitor of this filter. It is to be expected, that the current I o provided by the
inverter will not comprise a resonance peak, whereas the filter output current I,
will comprise this resonance peak. Accordingly, the current Ic as being the differ-
ence of the currents 1o and |, will comprise this resonance peak but at least not
the fundamental wave of both currents 1, and I 1 because these two currents will

basically have the same fundamental wave

The difference of the filter input and filter output currents 1l o and i 4 can be meas-
ured and this difference is, according to Kirchhoff, the current of the capacitor Ic.
However the voltage of the capacitor which is basically the integrated current can
also be measured and will basically be a phase shifted signal with respect to the

current lc.

According to the invention it is further proposed a method for minimizing the total
harmonic distortion of an output current or voltage of an output filter of an inverter
connected to the grid, comprising the steps: generating an inverter output current
inputted into the output filter by means of the inverter, detecting a distortion signal
of the filter output current by means of an observer, in particular a Kalman filter

and adapting the generating of the inverter output current to compensate for the
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detected distortion. Accordingly, for feeding electrical current into the grid an
inverter generates an inverter output current which is inputted to an output filter.
Distortions will appear on the filter output signal i. e. the current leaving the output
filter and / or the output voltage of the filter. Since the voltage of the connected
grid does usually not provide a signal having an ideal sine-shape it is very diffi-
cult, to distinguish filter related distortions from the shape of the voltage provided
by the grid. To overcome this problem a filter related distortion signal is detected
by means of an observer, in particular a Kalman filter which is advantageously

used, if the relevant signal or signals comprise noise.

An inverter, comprising an output filter connected to the grid provides at the
output of the output filter an output current to be fed into the grid. In theory, the
voltage of the grid as well as the output current have a sinusoidal shape. In reality
however, the voltage of the grid does usually not provide a sinusoidal shape, but
is somehow distorted compared to a clear sinusoidal shape. Accordingly, this
influences the output current which is to be fed into the grid. The output current
will accordingly differ from an idealized sinusoidal current. In addition, the output
filter will result in a signal having a resonance peak at a certain frequency being
on top of the not ideal sinusoidal signal. This makes it extremely difficult to detect
the filter related distortion. And thus, it is difficult to amend the output signal of the
inverter, such, that only the distortion comprising said resonance frequency is
deleted or at least attenuated. In other words, the basic aim is not only to com-
pensate a single distortion signal on top of a sinusoidal function, but to deal with
a distortion signal, which is on top of an already distorted and basically — except

for the frequency — unknown signal.

If the distortion is detected, the inverter can be adapted to generate a current,
which will compensate for the detected distortions in current and/or voltage.
Because of using an observer to detect the distortions, any variations resulting in
a change in the distortion of the output current will be recognized and considered
by the inverter. Accordingly, this method for minimizing the total harmonic distor-
tion is tolerant to variations of the output filter and thus it is tolerant to variations

of the characteristics of the output filter.

PCT/EP2007/009512
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As explained above, to delete or attenuate an output filter related distortion signal
having a resonance frequency the invention proposes an approach comprising
three general steps:

In the first step the filter output signal of the output filter without the filter related
distortion signal is estimated. In the second step the filter related distortion signal,
in particular a resonance peak, is determined based on the estimated.filter_output
signal. Finally, in the third step, based on the estimated filter output signal and
the detected distortion signal the inverter control is changed such, that the filter
related distortion signal is at least attenuated.

According to a further aspect of the invention the method for minimizing distor-
tions is used on an inverter having a L-C-L low pass filter having a T-structure
with at least two inductances and one capacitor. In this case the distortion signal
is detected by measuring the voltage at the capacitor and a set value for the
current generated by the inverter is adapted according to the measured voltage
at the capacitor. According to this configuration the inverter will feed a current into
the output filter resulting in a filter output current comprising only some or
optimally, this filter output current will comprise no distortions. Consequently,
according to Kirchhoff's current law the difference between the input and the
output current is the capacitor current ¢ into the capacitor. This capacitor current
Ic therefore represents the distortion. To attenuate the distortions one possibility
is to add on the differentiated distortion signal at the input of the filter i. e. to add
the differentiated distortion signal onto the input current, to get an attenuation of
the corresponding distortion at the output signal i. e. since the distortion signal, in
particular the distortion signal received by taking the difference of the output
current and the estimated signal will provide noise and it is quite difficult to differ-

entiate a signal comprising noise.

However, the distortion signal is expected to mainly comprise a sinusoidal signal
having a frequency according to the frequency of the resonance peak of the filter
related distortion. As a result, and according to one aspect of the current inven-
tion it is recognized, that differentiating a sinusoidal signal is basically the same
as integrating a sinusoidal signal, except for amplitude and phase or algebraic

sign respectively. Accordingly, for attenuating the distortion at the current output

PCT/EP2007/009512
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can easily be achieved by adding the integrated distortion signal with adapted
amplitude and algebraic sign to the input current. The input current is changed by
amending the set signal for the input current accordingly. Controlling the inverter
according to the given or amended set signal is performed as generally known in
the state of the art

According to the present invention there was found one simple way of receiving
an integrated signal of the distortion signal, by simply measuring the voltage at

the capacitor of an L-C-L low pass filter having a T-structure.

According to a further embodiment of the present invention the suggested
method further comprises the step of amending the inverter output current to
compensate for reactive power. It is in general difficult to receive detailed and
useful information about the electrical current and voltage in the grid in particular
because of noise on the voltage signal. According to one aspect of the present
invention estimating the current is proposed. Such an estimation of the current
cannot only be used for attenuating a filter related distortion, but to influence the
current in general. Accordingly, it is proposed to amend the inverter output cur-
rent such, that reactive power can be at least partly compensated. It is thus pro-
posed, to generate an output current of an arbitrary shape, to result in an im-
proved shape of the current in the grid. To compensate for reactive power is one
main subject, but the knowledge of the shape of the current and / or the voltage
received by estimating the current or voltage as explained above can also be
used for aiming any other improvements of the shape of the current in the grid. |.
e. if the current comprises any distortions such as unwanted peak values the
output current can be adapted accordingly. Such a generating of an arbitrary
output current shape may also be fulfilled without performing any step to attenu-

ate a filter related distortion.

According to one aspect of the present invention an inverter for feeding current
into the grid is proposed, comprising a low pass filter for filtering the current in a
processing unit adapted to perform at least one of the described methods. Ac-
cordingly, an inverter can be improved with respect to its output current by im-
plementing an inventive method in the processing unit. According to one aspect

the processing unit is realized as a digital signal processor (DSP). Such a digital
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signal processor can be connected to the inverter or form part of the inverter and
can further be programmed in a desired way. This is only one way of adapting an
inverter to improve the output current by means of the described inventive
method.

According to one embodiment of the invention, an inverter is proposed having an
output filter having a resonance frequency above the tenth harmonic frequency of
the grid frequency. E. g. being above 500 Hz (for Europe) and above 600 Hz (for
the US). E. g. the resonance frequency can be in the range of 1-2 kHz. This
provides for a good filter to smooth the current generated by means of a pulse-
width-modulation or the like. And such resonance frequency provides for a reso-

nance peak being different to net related distortions.

It is preferred to have a solar system that comprises a solar generator and at
least one of the inverters described above. Accordingly, solar energy received
from the solar generator can be fed into the grid, whereby the current fed into the
grid is improved with respect to attenuating distortions. Additionally, connecting
such a solar system to the grid might even improve the current and/or the voltage
in the grid.

Embodiments of the present invention will now be described making reference to

the accompanying figures, wherein

Fig. 1 shows the principle of an adaptive grid synthesis,

Fig. 2 shows the principle of a known adaptive filter system identification,

Fig. 3 shows the principle of an adaptive filter structure according to one aspect
of the present invention,

Fig. 4 schematically shows a typical L-C-L output filter in a T-structure being
connected between a converter and a grid,

Fig. 5 shows the structure of a simulation model for simulating a 3-point half
bridge connected to an L-C-L low pass filter in T-structure for testing the effi-

ciency of different embodiments of the invention and

PCT/EP2007/009512
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Fig. 6a-c show simulation results with and without attenuation.

With respect to grid inverters connected to a public grid it is desired to add damp-

- ing harmonics to the AC-current to attenuate the grid distortion. This needs de-

tailed knowledge about amplitude and phase of each harmonic oscillation, such
that the damping harmonics can be tailored. According to the invention, a new
method is suggested to estimate the grid harmonics by adaptive filtering. The
adaptive filter determines how a set of numerically controlled oscillators (NCO)
twiddling at the harmonic frequencies such as 50 Hz, 100 Hz, 150 Hz and so on
must be assembled to synthesize the grid voltage. Figure 1 illustrates this princi-
ple of the main voltage being synthesized by means of assembling such numeri-
cally controlled oscillators. Each such oscillator NCO_1 to NCO_10 comprises an
amplitude and a phase. Additionally, the frequency is known, whereby it is known
for the base numerically controlled oscillator NCO_1, which is 50 Hz in the given
example. The frequency of the remaining numerically controlled oscillators
NCO_2 to NCO_10 are just a multiple of the base frequency. The resulting main
voltage is a periodical signal, but usually not a clear sinusoidal signal, as illus-
trated in figure 1. A Kalman filter is used for system identification to estimate the
amplitude and phase of each numerically controlled oscillator NCO_1 to
NCO_10.

The Kalman filter is known to be an excellent tracker in system for identification
tasks that need to follow time varying parameters. But this is achieved at the cost
of high computational expense. Adaptive grid synthesis as described here can

avoid that draw back as will be described later on.

Figure 2 illustrates in general the known principle of system identification using
an adaptive filter. It is depicted the signal flow of a typical system identification
DSP algorithm. Accordingly, an unknown system and an adaptive filter are con-
nected to a source of white noise. The system output and the filter output are
compared by calculating an error value. The error value is used as a feedback
signal to tune the filter taps W,. As the adaptive process attempts to reduce the
power of the error signal, the filter coefficients will be adjusted in a way that the
impulse response of the unknown system is estimated. In case a convergent

behaviour the adaptive filter clones the response of the unknown system. The



10

16

20

25

30

WO 2009/056158

-14 -

input signal is chosen white, because in that case the output of the adaptive filter
contributes to the error value on all relevant frequencies, reducing the conver-

gence time to a minimum.

However, this generally known principle of an adaptive filter system identification
as depicted in figure 2 can hardly be adapted to the current problem. The reason
is, that in particular there is no access to the input signal of the unknown system,
that produces the current and the voltage of the grid. In fact, there even is no
input signal to the grid but a plurality of influences forming t_he grid. In particular,
there is no possibility to input any test signal such as a white noise. It is also

difficult or impossible to synthesize such unknown system.

Fig. 3 shows the principle of adaptive filter grid synthesis according to at least
one aspect of the invention. As illustrated the adaptive grid synthesis does not
provide an input signal to the public or island grid (also known as private grid).
E.g. there is no common input signal to the grid and the model comprising the
filter tabs A, and B,. According to one embodiment, numerical controlied oscilla-
tors NCO_1 to NCO_10 are inputted into the model and it is assumed, that the
grid will provide a somehow similar signal. The output signal of the model is
compared to (subtracted from) the main voltage or grid voltage respectively. The
result, designated as error feedback, is inputted into the model to modify the filter
taps, in order to minimize the error of the grid voltage and the model output. As a
result, the filter taps, i.e. the.amplitude and phase of each numerically controlled

oscillator are adapted to minimize the resulting error.

As one example, figure 3 shows 10 NCO (50Hz, 100Hz, ...500Hz), to represent a
sinusoidal signal comprising 10 harmonics. This number was found to be suffi-
cient, since higher harmonics usually have only small amplitudes and few influ-
ence on the signal. However, more or less NCO might be chosen, depending on
the grid, the aimed accuracy, the convergence time and other needs and circum-
stances.

According to the invention the synthesis is directed to the grid signal. According
to the invention the periodical grid signal g(t) is written in form of series expan-

sion.

PCT/EP2007/009512
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glt)= ? A -cos(not)+ Z”:Bn -sin(nat)

PCT/EP2007/009512

(1]

The requirement is to identify the series coefficients A, and B,, if the unity oscilla-

tors cos(nwt) and sin(nwt) and the observed grid g(t) are known.

The equation above can also be given in vector notation as follows:

glt) = [4 B 4, B, .. ..][cos(ar)]
)

Using the substitutes

(wi=[4 B 4 B, .. ..] I%)

yields g(t)= (w|x)

COs

)
sin(a)t)

(2]

(3]

With respect to the adaptive filtering process shown in fig. 2 the series coeffi-

cients <w | represent the filter taps wi and the filter input samples x« are given by

the set of unity oscillators | x >. The dimension of < w | and | x > determine the

highest harmonic order to be identified. |. e. the dimension is two times the har-

monic order and in fact each order is represented by a complex amplitude. White

noise system excitation can be replaced by harmonic oscillations yet retaining the

alertness of the tracking process. This is due to | x > coordinates fulfilling the
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orthogonality criterion (which also applies to white noise). This can be explained
by means of the following equations:

[sin(ker)-sin(lor)dt = 5,
Icos(kcot) -cos(lat)dt = 6,

5 Isin(kcot) -cos(lwt)dt =0

A corresponding equation for white noise expressing the orthogonality criterion is:

+a0

[x.0-x®d=s,

As a general information please note that:

- scalar values are printed in standard small font
10 - vectors are indicated using a bra |o>, its transposed by a ket <o

- matrices are noted in bold capital letters
According to one embodiment of the present invention an algorithm has been

programmed and applied, which is a modification of the Kalman filter. The Kal-

man filter as generally known without modification is given by the following equa-
15  tions:

1. A priori adaptive filter output

g, =(w,1x,)
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2. A priori estimation error
€, =8, ~ &,

3. Filtered data vector
Ifn) =On—l Ixn>

4. Kalman gairi vector
k) =———| £.)

Toatlx, I f) 7T

5. Optimal filter coefficients update
| ﬁ’n) =| ﬁ’n—l> +en. I kn>

6. Auto-covariance matrix update
On =On—]— I kn> <-f;1 |+ﬂ1

Accordingly, the filter coefficients and thus the filter output are calculated and
thus tracked by means of a loop. The filter output § is calculated by multiplying
the current filter coefficients W and the current input samples x. An a priori esti-
mation error e is calculated by subtracting § from g. For the next step the filtered
data vector | f > and the Kalman gain vector | k > have to be calculated and the
optimal filter coefficient update | w > and the auto-covariance matrix O have to be
updated as can be seen in the given formulas. The Kalman gain vector | k > is
also dependent on a, which basically represents the sensitivity. The update of the
auto-covariance matrix Q is also dependent on the constant value £, which repre-

sents expected variations.

An identification experiment gave evidence, that the estimation error of the grid
harmonics is close to white noise which is due to the orthogonal harmonics. 1. e.
the auto-covariance is approximately a scaled identity. Accordingly, with respect
to the present invention it was assumed to be constant and the update equation 6
was omitted and according to one embodiment of the invention replaced by the
following:

[4A]

(48]
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0,=4-1 15}

Itis to be noted that this constant factor in the equation above might be different
but is typically equal to the constant factor as given in the known auto-covariance
matrix update equation as given above in item 6 or equation 6 respectively. Ac-
cording to this modified equation for calculating the auto-covariance matrix this

constant value corresponds to the expected variations.

Having a simplified calculation of the auto-covariance matrix O the calculation of

the filtered data vector | f, > can be simplified as given above:
| f2=B1x,) 6]
Additionally, the Kalman gain vector calculation is also simplified:

B

Ta+fe(x, x,)

|k,

| x,)

According to one aspect of the invention, the input vector | x > contains only cos-
and sin-functions. As a result, < x | x > represents a series of squares of cos and

sin. As cos® + sin® equals 1, the product of the input samples can be calculated:
<x|x>=n

whereby n is the harmonic order i. e. the number of numerically controlled oscilla-

tors. Thus the Kalman gain simplifies to:

ky=—L  xy=ulx) m
a+n-f

As a result, the Kalman gain can be computed without the knowledge of the
filtered data vector and the former equation 3 can be cancelled. The explained
considerations according to one embodiment of the present invention lead to a

simplified computation of the Kalman filter update:
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1. A priori adaptive filter output

g, =(w,|x,)

2. A priori estimation error
e’l = g'l - én

3. Kalman gain vector

|k,) = ulx,)

5. Optimal filter coefficients update

lﬁjn) =| ﬁ,n—l>+en.|kn>

For performing this simplified computation of the Kalman filter update the input
vector

| x >, and the measured output signal g of the system must be known as input
values. However, the numerically controlled oscillators are known beforehand
and do not need to be measured but can be calculated inside the filter. Only the
actual frequency of the grid is inputted according to one embodiment. One possi-
bility to incorporate the frequency is by measuring the crossing of zero of the grid
voltage or other corresponding voltage e. g. on a positive slope. Accordingly, a
rising signal, rising from zero to 2 7 e. g. in a form of a sawtooth manner. This

signal can be inputted in every cos- and sin-function as a value for wt.

Additionally, an output signal g of the system must be measured. As the voltage
of the inverter output is to be estimated, a corresponding signal has to be meas-
ured. This can be a measurement of the voltage of the grid or according to one

embodiment the voltage at a capacitor of an output filter.
It is also necessary to define initial values for the first filter coefficients and a

value for the constant u, which is in fact a value corresponding to the adaption

step width. One example to set these initial values is:

| o) =10) for the adaptive filter taps

PCT/EP2007/009512
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p=50e> for the adaptation step width.

The filter coefficients w can be set to zero, which is a good start up value. How-
ever, if the Kalman filter has been run before with the same or an equivalent
system, the filter coefficients might have been settled at some values, which led
to a good filtering result and thus could be used as start up values. The value for

the adaption step with ¢ can be calculated by the following formula:

__ B

—a+n-,B

B corresponds to the variation or expected variation of the output value. This
usually corresponds to the amount of noise and can be set to 1 V. The sensitivity
factor @ can be selected in a range between 100 V to 1000 V. n is the number of

oscillators e.g. 10.

The Kalman filter used with reference to one embodiment of the current invention
has been explained above. This identification approach can provide a numerical
stability and is of a minor numerical complexity due to the simplifications. The
adaptive filter can be realized on a digital signal processor (DSP) and runs at 20

kS (kilo samples) data rate, which is important for many inverter types.

One application example is given with respect to figure 4. Figure 4 shows a gen-
eral structure of an output filter being connected to an inverter 2 and the grid 4.
The output filter 1 is given in a T-structure. |. e. according to the given illustration
two inductances Lo and L, form together with the capacitor C basically a shape of
a “T". The inverter 2 is only given as a single symbol illustrating, that this inverter
2 provides a rectangular signal e. g. a pulse with modulated signal. Accordingly,
the voltage switches between a positive and a negative voltage. At the output, the
output filter 1 is connected to the grid 4. For the grid 4, there is just given a sym-

bol illustrating that the voltage in the grid is basically a sinusoidal voltage signal.

It is to be noted, that figure 4 just shows the general structure of said T-shaped
output filter. However, this just shows the general structure comprising the gen-
eral components, i. e. the inductances Lo, L1 and the capacitor C. There might be

other components, or one or a plurality of the shown components might be split

PCT/EP2007/009512
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into two or more components each. According to a further embodiment, the in-
ductance L; can also be just a wire or other connection line providing an inductive

characteristic. Additionally, other filter structures might be used.

Commercial on-grid inverters based on PWM current modulation provide a low-
pass filter at the inverter output to minimize current distortion. It is induced by
power electronics switching or grid noise and cannot be avoided. The L-C-L filter
is a well known solution. Offering acceptable roll-off (> 80 dB / decade) ahd good
attenuation in the stop band (> 120 dB) it can be made with a minimal inductance
expense, when compared to a grid connection featuring only one longitudinal
inductance.

In the following it will be demonstrated how to use the method of adaptive grid
synthesis to damp the filter resonances by means of active degeneration. The
added value of the method lies in its high performance potential plus its minimal
sensor effort. The entire signals that have to be acquired for DSP data process-
ing according to fig. 4 are the filter input current iy and the capacitor voltage uc.
The following paragraph reviews the mathematical background. It will be started
with a discussion of the differential equation for the output current ic as described
by Kirchhoff's law.

The parameters of the following equations correspond to the currents and volt-

ages given in figure 4:

di

uc=L —4+

C 1 dt net

e =110y

. du
Thus ic=C- th

du d’,  du,,
from [9] dtc m o dtél dt

PCT/EP2007/009512
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di du,
insert into [11] =LC-—Z+C-
dt
and finally resubstituting ic
d’i du,
C- “ +C-
=4 dt
solving to iz, derivatives
d’i , du,,
LC- dz“'*"u i, —C- dt
simplified
diy 1 1 du,

dt* L,C T TR T

PCT/EP2007/009512

Accordingly, equation 16 represents the differential equation of an undamped

harmonic oscillator with external excitations j;o and du,. / dt.

a)0=\/L?

The filters Eigen-oscillation may be damped, if an active degeneration is applied

by providing an additional component of the electrical current through the induc-

tance L,. Just for illustrational reasons it is assumed that this is the only compo-

nent through the inductance Lg:

: di,
Chixd

In this case, the differential equation [16] will turn to

(13]

[14]

[15]

(16]

[17]

[18]

[19]
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This verified equation describes a damped harmonic oscillator with the attenua-

tion parameter y .

In other words, the basic idea of controlling the L-C-L filter is to add a negative
feedback term to the input current reference that is proportional to the derivative
of the output current.

Computing derivatives of digital data streams is known to be a severe problem.
Due to the inevitable presence of noise in real life systems it is not possible to
gather that term straight forward. Equation 9 paves the way for a smart solution.

The required feedback will be measured online:

diy, _ 1
at L

’ (uC - unet)

The aim is, to damp the T filter output current at the resonance peak. Thus lower
harmonics in the feedback part can be omitted. The right hand side of equation
[20] the mains u,e does not have a rising at the Eigen-frequency wy. The reso-

nance obviously is an exclusive signature of the capacitor voltage uc.

The complex amplitude of di s / dt and uc at resonance frequency wp are propor-
tional. Thus uc rid of its lower harmonics is a very good high pass approximation

of di,s / dt which qualifies it to support active degeneration.

To illustrate: considering the principle of orthogonality the complex amplitude is
given by the projection, whereby the projection is only discussed for imaginary

part sin(wot), the same holds for real part cos(wt).

i_[ %-sin(a)ot)-dt =

ot - Sin(a0yt)- dt

. 1
2_7le' Ue ~sm(a)0t)-dt—2—”Ll-J' u

» orthogonality

PCT/EP2007/009512
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imagine the capacitor voltage as a functional series

ue = A(w)-cos(wyt)+ B(w,)-sin(wyt) + ZA,, -cos(nwt)+B, -sin(nawt)

[22]
Eigen-resonance grid harmonics
5
The projection destroys the grid harmonics.
1
—— | u,-sinlw,t}-dt =
] e sinlon)
1 . .
T I [A(a)o)- cos(coot)+ B(a)o)- sm(wot)]- sm(coot)- dt
1
10 Eigen-resonance
+ —l—j ZA" -cos(not)+B, -sin(not) |-sin(wyt)-dt = 5
272.[4 n Ll
grid harmonics
15 » orthogonality =0 [23]
To summarize Imaginary part of diy s/ dt at wo
1 di,, . 1
—| —=-sinlwyt)-dt = — B 24
27 j dt (o) L 124]
Separating low from high order harmonics and rearranging [21] yields
20 hiah order harmonics

Ue = A(a)o)- cos(a)ot)+ B(a)o)-sin(a)ot) + ZA,, -cos(na)t)+B,, -sin(na)t)

nzN

+ Z A, -cos(nawt)+B, -sin(ncot)

n<N

low order harmonics [25]
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as

A, )-cos(wyt)+ B(w,)-sin(wyt) >> Y 4,-cos(nat)+B, -sin(not)

2N

we get the approximation

Ao, )- cos(wyt )+ B(w, )-sin(wt) =~ u. - Z A, -cos(not)+B, -sin(not)

n<N

complex amplitude of dis/ dt at wo ' low order harmonics

As a result, the complex amplitude of di ; / dt at @, can be determined by measur-
ing the voltage at the capacitor and subtracting a signal comprising the lower
order harmonics of the grid voltage. This signal, comprising the lower order har-
monics of the grid is received by means of the Kalman filter as described above.
Accordingly, the complex amplitude of di;; / dt at @, can be achieved without
compUting a derivation of the current /4. And thus a negative feedback term is
determined and can be added to the input current reference, whereby the nega-
tive feedback term is proportional to the derivative of the output current, whereas

it is not necessary to differentiate that current.

To summarize, the task to identify and remove low order grid harmonics from the
capacitor voltage uc up to order n is done applying the new method of Adaptive
Grid Synthesis. The identification error represents a high pass approximation of
di 4 / dt covering the resonance frequency w. It acts as a feedback term in an

active degeneration DSP algorithm.

Many proposals to control the currents in an L-C-L filter are to be found in scien-
tific literature. Notable device tolerances and time varying grid impedance cause
uncertainty to w, which makes it impossible to find an overall well performing
damping method using one of the model based approaches. Adaptive grid syn-
thesis can handle that remarkably well, which becomes evident through the
above explanations. Moreover all low order harmonics are identified in the com-
plex plane, therefore blind currents in the filter capacitor may be compensated on
that information.

PCT/EP2007/009512
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Active degeneration of the L-C-L filter shown in fig. 4 is tested in a PC simulation.
The computer model is created in SIMPLORER. It is depicted in fig. 5. The adap-
tive grid synthesis is realized in the block APLL. The outputs of the APLL are the
complex amplitudes of the identified low order grid harmonics and the identifica-
tion error that is used as a feedback to damp the filter. Since the feedback acts
on the input current reference, the performance of the AC-current controller is the
key to successful degeneration or has at least influence on the degeneration. The
controller type that is embedded in the blocks IAC_CONTROL and
PWM_CONTROL features a model predictive control which is able to generate a
zero phase-lag feedback current. The input current modulation is based on a 3-
level IGBT half bridge. It is to be noted, that with respect to the active degenera-
tion it does not count whether the half bridge is pulsating in 2-level or 3-level

mode. The result of the simulation is given in figure 6.

It is to be noted that, just for illustrating purposes, figure 4 shows only one output
filter and thus according to that figure only one phase of electrical current can be
fed into the grid. However, the same principle, using three output filters can be
used for a 3-phase system.

The SIMPLORER model of figure 5 comprises of a 3-point-half bridge comprising
four switches S1 to S4 and four diodes D1 to D4. The input to this three point half
bridge is a positive voltage for VZK_PLUS and a negative voltage VZK-MIN.
Additionally, some distortions VZK-PLUS-DIST and VZK-MIN-DIST are added to
the DC-supply voltage, to get more realistic conditions. The general structure of
the 3-pulse half bridge is also explained in the international application with the
publication number WO 2007/048420 which is incorporated in this application by

reference.

The 3-point half bridge provides an output current which is measured at AMO and
input into the output filter 1* at the inductance LO. The output current of the output
filter 1* flows through the inductance L1 and is measured at the filter output at
AM1. Finally, the capacitor C1 is the capacitor of the output filter 1*. The voltage
of this capacitor C1 is measured at VM1. At the output of the output filter 1* there
is a resistor R1 to get realistic conditions. The grid 4* is basically represented by

4 voltage sources E1 to E4. For simulating a distortion the two elements desig-
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nated DISTORTION can provide a distortion signal to be added at E1. The grid
voltage is measured at VM2, Many of the branches are grounded to ground G.
However, this is in particular for the simulated model given. Not all realistic sys-
tems do necessarily need these groundings. Additionally, a set-value for the
sinusoidal output current is represented by REF_IAC and thus provided as an
input value for the inverter control.

To summarize, figure 5 shows a SIMPLORER model of an on-grid inverter out-
put. An active degeneration is based on an adaptive grid synthesis and is imple-
mented in the sub sheet APLL. The feedback is controlled by a 3-level IGBT
switching typology. The controller is modelled in the sub sheet IAC_CONTROL
and the PWM engine is emulated in the sub sheet PWM_CONTROL.

Figures 6a-c show simulation results of a 50 Hz voltage signal of the grid and the
simulation covers a period of 100 ms. From 0...50 ms active degeneration is
switched on and it is switched off for the period from 50 ms...100 ms. In the
upper right corner of figures 6a and 6b, the source of each measurement accord-
ing to the SIMPLORER model in figure 5 is indicated by designating the corre-
sponding component and the measured value (current or voitage) subdivided by
a dot and the corresponding unit. E.g.: “AM1.I[A]" stands for a measurement at
the ampere meter AM1 (located in series to the inductance L,), the measured
value is the current (“I”) and it is measured in amperes ([A]).

Figure 6a shows the current i s through the inductance L,. The grid voltage upe
and the voltage at the capacitor C1, depicted with uc, and the voltage u,; at the
inductance L1 are shown in figure 6b. Finally the attenuation current signal, which
is to be added to the filter input current of the inductance L, is shown in figure 6c¢.
This current is calculated within the simulation block “APLL”. The capacitor volt-
age uc is almost equal to the grid voltage u,e. For better illustration the sign of uc
is inverted in figure 6b. Additionally, the grid voltage u,, comprises noise. The
voltage u; s has a much smaller amplitude than the grid voltage u,e and the ca-
pacitor voltage uc. The voltage signal u,s.shown in Figure 6b, shows clearly much
higher distortions in the second half of the figure, when the attenuation is
switched off and only smaller distortions in the first half of the simulation, when

the attenuation is switched on. The voltage signal u;; also shows a transient of

PCT/EP2007/009512
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the Eigen-resonance at the beginning just after 0 ms. This shows that the tran-

sient of the Eigen-resonance fades within 2 ms.

Additionally, the attenuation current signal to be applied on the output filter at the
inductance LO is illustrated in figure 6¢. During the first 50 ms this attenuation
current signal is applied on the output filter, whereas during the following 50 ms
(50-100 ms) this attenuation current signal is only calculated, but not applied and
thus the attenuation is actually switched off. During attenuation the attenuation
current signal shows only small amplitudes and thus, only few current is needed,
to perform the attenuation. After switching the attenuation off, the distortions rise
and result in an increased demand on attenuation. Therefore, the significantly
higher amplitude of the calculated, but not applied attenuation current indicates
the high distortions.

Accordingly, the attenuation according to one embodiment of the invention

showed successful results according to the shown simulations.

However, it is to be noted, that this simulation is only intended to demonstrate the
success of the invention. The simulation is in no way meant to limit the scope of
the invention. In particular, any distortion or noise and the attenuation of it might
be larger or smaller in other simulations. It is also to be noted, that results of
measurements may vary with respect to results of similar simulations. Any such
variations in simulation or measurement results may not give any indication of the

used method or device leaving the scope of the invention.

PCT/EP2007/009512
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Claims

5 1. Method for estimating or filtering an alterhating voltage or current signal
comprising the steps:
defining a general signal structure to represent the estimated signal by means of
a sinusoidal function having a fundamental wave and at least one harmonics of
higher order, whereby the sinusoidal function is defined by the frequency, ampli-

10 tude and phase of the fundamental wave and the amplitude and phase of each
harmonic,
estimating the amplitude and phase of the fundamental wave and/or each har-
monic by means of a filter, an adaptive filter and/or an observer, in particular a
Kalman filter,

15  whereby the estimated signal is compared with the corresponding measured
signal.

2. Method for estimating or filtering an alternating voltage or current signal
according to claim 1, whereby the alternating voltage or current signal is the filter
20  output current or voltage of an output filter of an inverter or other controlled power
source connected to the grid, comprising the steps:
defining a general signal structure to represent the estimated filter output current
or voltagé by means of a sinusoidal function having a fundamental wave and at
least one harmonics of higher order, whereby the sinusoidal function is defined
25 by the frequency, amplitude and phase of the fundamental wave and the ampli-
tude and phase of each harmonic,
estimating the amplitude and phase of the fundamental wave and/or each har-
monic by means of a filter, an adaptive filter and/or an observer, in particular a
Kalman filter,
30 whereby the estimated filter output current or voltage respectively is compared

with the corresponding measured filter output current.

3.  Method according to claim 1 or 2, whereby the observer adapts amplitude
and phase of the fundamental wave and/or of at least one of the harmonics.

35



10

15

20

25

30

35

WO 2009/056158 PCT/EP2007/009512

-30 -

4, Method according to any of claims 1 to 3, whereby a sinusoidal function
having a fundamental wave and at least one harmonics of higher order corre-
sponding to the structure and the frequency of the estimated signal or filter output

current or voltage respectively is used as an input signal of the observer.

5. Method according to claim 4, whereby the input signal is defined by the
frequency of its fundamental wave and the phase and amplitude of each of its
fundamental wave and its harmonics and whereby at least some of the values

are predefined values.

6. Method according to claim 5, whereby the amplitude and phase of the
fundamental wave and/or of the harmonics of the input signal are evaluated
within the observer.

7. Method according to claim 5 or 6, whereby

at least some computations performed on the predetermined values, are per-
formed off line with respect to the observer operation and/or or respective results
are saved as

values for use in the observer computation and/or computations in the observer

are simplified by using predefined values as constant parameters.

8. Method according to any of claims 1 to 7, whereby amplitude and phase of
a fundamental wave and of harmonics, of the estimated signal and/or the input

signal are represented by a complex value.

9. Method according to any of claims 1 to 8, whereby a frequency of a funda-
mental wave of a measured alternating voltage or current signal or filter output
current or voltage and/or the frequency of the grid is inputted into the observer as

frequency of the fundamental wave of the input signal.

10. Method according to any of claims 1 to 9, whereby the alternating voltage
signal is the voltage of the grid, in particular of the public grid or of a private grid,
further comprising the steps of eliminating, compensating and/or modifying at

least one component of the grid voltage.
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11. Method according to claim 10, whereby an inverter or other power source
modulates a voltage and/or current signal for feeding into the grid in order to

modify the grid voltage according to the estimated grid voltage.

12. Method for detecting filter related distortions of a filter output current or
voltage of an output filter of an inverter or other power source connected to the
grid, comprising the steps:

estimating a filter output current or voltage of the output filter by means of a filter,
an adaptive filter and/or an observer, in particular a Kalman filter, and

estimating the distortions by comparing the estimated signal with a measured

reference signal of the filter.

13. Method according to claim 12, whereby the filter output current or voltage is

estimated according to any of claims 1 to 9.

14. Method according to claim 12 or 13, whereby the filter related distortions
are detected at a L-C-L low pass filter having two inductances and a capacitor
connected in a T-structure being used as the output filter and the distortion of the
output current or voltage is detected by estimating a filter output signal at the
output filter and comparing it with a measured signal of the filter representing the

output signal.

15. Method according to claim 14, whereby the voltage at the capacitor is used

as the observer reference to calculate the observer error.

16. Method for minimizing the total harmonic distortion of an output current or
voltage of an output filter of an inverter connected to the grid, comprising the
steps:

generating an output current by means of an inverter or other controlled power
source inputted into the output filter,

detecting a distortion signal of the filter output current or voltage by means of a
filter, an adaptive filter and/or an observer, in particular a Kalman filter and
adapting the generating of the output current to compensate for the detected
distortion.
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17. Method according to claim 16, whereby the distortion signal is detected
according to the method according to any of claims 12 to 15.

18. Method according to claim 16 or 17 whereby a set value for the current
signal generated by the inverter is calculated by integrating or differentiating the

difference of the filter output current and the filter input current.

19. Method according to any of claims 16 to 18, whereby an L-C-L low pass
filter having a T-structure with at least 2 inductances and one capacitor is used
as the output filter, the distortion signal is detected by measuring the voltage at
the capacitor and

the set value for the current generated by the inverter is adapted according to the

measured voltage at the capacitor.

20. Method according to any of claims 16 to 19, further comprising the step of

amending the inverter output current to compensate for reactive power.

21. Method for improving the electric current or voltage of a grid by means of
an inverter or other controlled power means, comprising the steps:

estimating or filtering a filter output current or voltage of an output filter according
to any of claims 1-9 and

changing the output current of the inverter to improve the electric current or volt-

age of a grid, in particular to compensate for reactive power.

22. Inverter or other controlled power source for feeding current into the grid,
comprising:

a low pass filter for filtering the current,

a processing unit adapted to perform a method according to any of the aforemen-

tioned claims.

23. Inverter or other controlled power source according to claim 22, whereby

the processing unit is realised as a digital signal processor.

PCT/EP2007/009512
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24. Inverter or other controlled power source according to claim 22 or 23,
whereby the low pass filter has a resonance frequency above at least the double
frequency of the grid, in particular above ten times the grid frequency and in
particular in the range of 1-2 kHz.

25. Solar system comprising a solar generator and an inverter according to any
of claims 22 to 24.
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