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Linear Kalman Filter Algorithm with Clarke
Transformation for Power System Frequency
Estimation

Soliman Abdel-Hady *, A.M. Al-Kandari®, R.A. Alammari

Abstract - This paper presents a new application for linear
Kalman filter algorithm for power system frequency estimation.
The filter uses the digitized samples of the three-phase
voltages or current waveform signals. These three phases are
transformed into two oL-phases, using the well-known o3
transformation matrix (Clarke Transformation). Having
obtained the signal of the two new phases, a complex phasor
is constructed using the new two-phase voltages. Kalman filter
is then applied to exiract the frequency and phase angle of the
fundamental component of the complex phasor. The
proposed algorithm is tested on simulated and actual
recorded data at different conditions for the three phase
signals; noise free and balanced three phase signals,
unbalanced three-phase system and harmonics contaminated
three phase signals. It has been shown that the proposed
filters with the proposed transformation are succeeded to
estimate the signal frequency at off nominal, near nominal and
at nominal frequency.

Keywords . Linear Kalman filter, frequency estimation,

af3-transformation.
I. INTRODUCTION

n accurate measurement for power system
Afrequency as well as the voltage amplitude is

essential in power system digital control and
protection. The deviation of the system frequency from
nominal frequency is an indication for the system
unbalance. If the system frequency is below the nominal
frequency, the load-shedding relay must shed the
unimportant loads on the system to retain the system
frequency to its nominal value. If the system frequency is
above nominal frequency the generator governors must
decrease the generator-input power to retain the
frequency to its nominal value. As such, the power
system frequency can be considered as a measure to
the power balance in the system.

Many techniques have been proposed over the
last twenty-five years for measuring digitally the power
system frequency. Recently Ref. [1] presents an
approach for measuring the system frequency using the
complex extended Kalman filter and the well-known a3
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transformation, by this transformation a nonlinear state
space formulation is obtained for extended Kalman filter.

The orthogonal FIR digital filter with least error
squares algorithm are applied in Ref.[2] for measuring
the operating frequency of a power system. The
proposed algorithm in this reference was able to
produce a correct and noise free estimate for near
nominal, nominal and off-nominal frequency in about 25
ms.

The same algorithm with some modifications to
reduce the computing time and improve the resolution is
implemented in Ref. [3]. This algorithm has beneficial
features including fixed sampling rate, fixed data
window size and easy implementation.

Refs.. [4-6] present two orthogonal filters for
power system frequency estimation. The essential
property of the algorithms proposed in these references
is that their outstanding immunity to both signal
orthogonal component magnitudes and FIR filter gains
variations. All the algorithms use the per-phase digitized
voltage samples.

Proney's estimation is applied in Ref. [7] for
measuring the system frequency together with the
discrete Fourier transform (DFT) with a variable data
widow to filter out the noise and harmonics associated
with the signal. The static state estimation algorithms
have been used in power systems measurements. The
static least error squares algorithm is implemented in

Refs.{15] and [16], while the dynamic estimation
algorithms have been implemented in Ref.[17], these
including linear and nonlinear Kalman filtering

algorithms. Most but all of these algorithms use the per-
phase digitized samples to estimate the system
frequency. Each algorithm implemented up till now has
its own figure of merit, and is only suitable for the
system it works with. Also, all the available algorithms
are either tested off-line or on-line, and they produce, in
most cases, good estimates for the purposes they are
designed for.

The design of an extended complex Kalman
filter for the measurement of power system frequency
has been presented in Ref. [1]. A complex model has
been developed to track a distorted signal that belongs
to a power system. The model inherently takes care of
the frequency measurement along with the amplitude
and phase of the signals. The proposed algorithm is
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suitable  for real-time applications where the
measurement noise and other disturbances are high.
Ref. [2] proposes a precise digital algorithm based on
Discrete Fourier Transforms (DFT) to estimate the
frequency of a sinusoid with harmonics in real-time. This
algorithm is called the Smart Discrete Fourier
Transforms (SDFT) smartly avoids the errors that arise
when frequency deviates from the nominal frequency,
and keeps all the advantages of the DFT e.g., immune
to harmonics and the recursive computing can be used
in SDFT.

Ref. [3] presents an analysis of methods for
tracking the fundamental power frequency to see if they
have the performance necessary to cope with the
requirements of future protection and control equipment
and are robust enough to cope with the more
demanding nature of modern power system conditions.

An approach based on extended Kalman filter
(EKF) for the measurement of power system frequency
has been presented in Ref. [4]. The design principles
and the validity of the model have been outlined in this
reference. The performance of the proposed filter has
been compared with some of the existing methods for
estimating the frequency of a signal under noisy
conditions. The feasibility of the proposed filter has been
tested in the laboratory under worst-case measurement
and network conditions, which might occur in a typical
power system. Also, the proof of the stability for the
proposed filter has been discussed for a single
sinusoid. It has been found that the proposed algorithm
is suitable for real-time applications especially when the
frequency changes are abrupt and the signal is
corrupted with noise and other disturbances due to
harmonics.

Ref. [5] presents a unified power signal
processor (PSP) for use in various applications in power
systems. The introduced PSP is capable of providing a
large number of signals and pieces of information which
are frequently required for control, protection, status
evaluation, and power quality monitoring of power
systems. The PSP receives a set of locally measured
three phase voltage and current signals and provides
their fundamental components, amplitudes, phase
angles, frequency, harmonics, instantaneous and
stationary symmetrical components, active and reactive
currents and powers, power factor, and the total
harmonic distortion. Simplicity and integrity of its
structure as well as its robustness with respect to
internal parameters and external disturbances and noise
render the proposed scheme very attractive for practical
implementations.

An improved recursive Newton-type algorithm
suitable for various measurement applications in electric
power systems is presented in Ref. [6]. It is used for the
power system frequency and spectra estimation. The
recursive algorithm form is improved with a strategy of
sequential tuning of the forgetting factor. By this, the
proposed algorithm convergence and accuracy are
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significantly improved. A method for estimation of
power frequency and its rate of change is presented in
Ref.[7]. Unlike conventional methods which are based
on the concept of linearization, the proposed scheme
accommodates the inherent nonlinearity of the
frequency estimation problem. This makes the method
capable of providing a fast and accurate estimate of the
frequency when its deviation from the nominal value is
incremental or large. The estimator is based on a newly
developed quadrature phase-locked loop concept. The
method is highly immune to noise and distortions. The
estimator performance is robust with respect to the
parameters of its structure. Structural simplicity and
performance robustness are other salient features of the
method.

Ref. [8] introduces a phase-locked loop (PLL)
system. The proposed system provides the dominant
frequency component of the input signal and estimates
its frequency. The mechanism of the proposed PLL is
based on estimating in-phase and quadrature-phase
amplitudes of the desired signal. The PLL provides a
superior performance for power system applications.
Advantages of the proposed PLL over the conventional
PLLs are its capability of providing the fundamental
component of the input signal which is not only locked
in phase but also in amplitude to the actual signal while
providing an estimate of its frequency. An approach to
the design of a digital algorithm for local system
frequency estimation is presented in Ref. [9]. The
algorithm is derived using the maximum likelihood
method. One sinusoidal voltage model was assumed.
FIR digital filters are used to minimize the noise effect
and to eliminate the presence of the harmonics effect.
This technique provides accurate estimates with error in
the range of 0.005 Hz in about 25 ms and requires
modest computations.

A numerical differentiation-based algorithm for
high-accuracy, wide-range frequency estimation of
power systems is proposed in Ref. [10]. The signal
includes up to 31st-order harmonic components. Using
the central numerical differentiation of multi-points on
the basis of Lagrange interpolation, the estimated
frequency of nonsinusoidal signals of power systems
can be measured at an accuracy of 99.999% over a
wide range of from 10 to 100 Hz with fundamental
amplitude varying from 100 to 300 V and with a
fundamental phase angle varying from 0 to 360. The
proposed algorithm needs at most two cycles or 40 ms
for estimation of frequency over 40 to 60 Hz and needs
at most three cycles or 60 ms over 10 to 40 Hz or 60 to
100 Hz.

The design of an extended complex Kalman
filter for the measurement of power system frequency
has been presented in Ref. [17]. A complex model has
been developed to track a distorted signal that belongs
to a power system. The model inherently takes care of
the frequency measurement along with the amplitude
and phase of the signals. The proposed algorithm is



suitable  for real-time applications where the
measurement noise and other disturbances are high.
Ref. [18] proposes a precise digital algorithm based on
Discrete Fourier Transforms (DFT) to estimate the
frequency of a sinusoid with harmonics in real-time. This
algorithm is called the Smart Discrete Fourier
Transforms (SDFT) smartly avoids the errors that arise
when frequency deviates from the nominal frequency,
and keeps all the advantages of the DFT e.g., immune
to harmonics and the recursive computing can be used
in SDFT.

Ref. [19] presents an analysis of methods for
tracking the fundamental power frequency to see if they
have the performance necessary to cope with the
requirements of future protection and control equipment
and are robust enough to cope with the more
demanding nature of modern power system conditions.

An approach based on extended Kalman filter
(EKF) for the measurement of power system frequency
has been presented in Ref. [20]. The design principles
and the validity of the model have been outlined in this
reference. The performance of the proposed filter has
been compared with some of the existing methods for
estimating the frequency of a signal under noisy
conditions. The feasibility of the proposed filter has been
tested in the laboratory under worst-case measurement
and network conditions, which might occur in a typical
power system. Also, the proof of the stability for the
proposed filter has been discussed for a single
sinusoid. It has been found that the proposed algorithm
is suitable for real-time applications especially when the
frequency changes are abrupt and the signal is
corrupted with noise and other disturbances due to
harmonics.

Ref. [21] presents a unified power signal
processor (PSP) for use in various applications in power
systems. The introduced PSP is capable of providing a
large number of signals and pieces of information which
are frequently required for control, protection, status
evaluation, and power quality monitoring of power
systems. The PSP receives a set of locally measured
three phase voltage and current signals and provides
their fundamental components, amplitudes, phase
angles, frequency, harmonics, instantaneous and
stationary symmetrical components, active and reactive
currents and powers, power factor, and the total
harmonic distortion. Simplicity and integrity of its
structure as well as its robustness with respect to
internal parameters and external disturbances and noise
render the proposed scheme very attractive for practical
implementations.

An improved recursive Newton-type algorithm
suitable for various measurement applications in electric
power systems is presented in Ref. [22]. It is used for
the power system frequency and spectra estimation.
The recursive algorithm form is improved with a strategy
of sequential tuning of the forgetting factor. By this, the
proposed algorithm convergence and accuracy are
significantly improved. A method for estimation of

power frequency and its rate of change is presented in
Ref.[23]. Unlike conventional methods which are based
on the concept of linearization, the proposed scheme
accommodates the inherent nonlinearity of the
frequency estimation problem. This makes the method
capable of providing a fast and accurate estimate of the
frequency when its deviation from the nominal value is
incremental or large. The estimator is based on a newly
developed quadrature phase-locked loop concept. The
method is highly immune to noise and distortions. The
estimator performance is robust with respect to the
parameters of its structure. Structural simplicity and
performance robustness are other salient features of the
method.

Ref. [24] introduces a phase-locked loop (PLL)
system. The proposed system provides the dominant
frequency component of the input signal and estimates
its frequency. The mechanism of the proposed PLL is
based on estimating in-phase and quadrature-phase
amplitudes of the desired signal. The PLL provides a
superior performance for power system applications.
Advantages of the proposed PLL over the conventional
PLLs are its capability of providing the fundamental
component of the input signal which is not only locked
in phase but also in amplitude to the actual signal while
providing an estimate of its frequency. An approach to
the design of a digital algorithm for local system
frequency estimation is presented in Ref. [25]. The
algorithm is derived using the maximum likelihood
method. One sinusoidal voltage model was assumed.
FIR digital filters are used to minimize the noise effect
and to eliminate the presence of the harmonics effect.
This technique provides accurate estimates with error in
the range of 0.005 Hz in about 25 ms and requires
modest computations.

A numerical differentiation-based algorithm for
high-accuracy, wide-range frequency estimation of
power systems is proposed in Ref. [26]. The signal
includes up to 31st-order harmonic components. Using
the central numerical differentiation of multi-points on
the basis of Lagrange interpolation, the estimated
frequency of non-sinusoidal signals of power systems
can be measured at an accuracy of 99.999% over a
wide range of from 10 to 100 Hz with fundamental
amplitude varying from 100 to 300 V and with a
fundamental phase angle varying from 0 to 360. The
proposed algorithm needs at most two cycles or 40 ms
for estimation of frequency over 40 to 60 Hz and needs
at most three cycles or 60 ms over 10 to 40 Hz or 60 to
100 Hz.

This paper presents a new application for linear
Kalman filter algorithm for power system frequency
estimation. The filter uses the digitized samples of the
three-phase voltages or current waveform signals.

These three phases are transformed into two afy -

phases, using the well-known oaf}y -transformation
matrix. Having obtained the signal of the two new
phases, a complex phasor is constructed using the new
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two-phase voltages. Kalman filter is then applied to
extract the frequency and phase angle of the
fundamental component of the complex phasor. The
proposed algorithm is tested on simulated data at
different conditions for the three phase signals; noise
free and balanced three phase signals, unbalanced
three-phase system and harmonics contaminated three
phase signals. It has been shown that the proposed
filters with the proposed transformation are succeeded
to estimate the signal frequency at off-nominal, near
nominal and at nominal frequency. Also, the proposed
algorithm is tested on actual recorded data generated
from EMTP.

[I. MODELING THE VOLTAGE SIGNALS [1]

The three phase voltages of the power systems
can be written at any sample k, k=1,..,...m, m is the total
number of samples available, as:

Val(k) = Vmasin(a)kAT+¢a ) +¢a(K)
Vp (K) = Vi sin(wkaT + ¢, ~120) + ¢b (K) M

Ve (k) =Vicsin(wkaT +4, +120) +¢c(k)

Vi isthe signal amplitude
w isthe signal nomina

frequency

Is the sampling time=
AT 1

Fs

I:Sis the sampling

frequency
k is the sampling step;

k=1.,m
¢ isthe signal phase angle
¢, (k), ¢, (k) arethenoisetermswhich
£ (K) may contain harmonics

The well-known of - transformation ( Clarke
Transformation) for the three-phase signal is given as:

K 1 -05 -05]Va(k
Raikq = \Elo V3 —\@} Vo (K) ©)
/ 2 2 Jv®

The above equation can be rewritten as:

v, (K) = \E[va(k) — 0.5vp (k) — 0.5v¢ (k)] (3)

2/ 3 V3
v (K) =\/12Vb(k) _2Vc(k):| 4)

For m samples of the three-phase signal, then
m samples for Vi (K), V3 (K) are obtained. By using
this transformation, the harmonics of order three and
their multiple are suppressed. Equation (3) and (4) give
the transformed voltage v,, (k) and vz (k) at any sample
k. The complex voltage formed from these two voltages
which having the same frequency ® and phase angle
@ as the original three phases is:

v(k) = v, (k) + jv, (k) -
:V(k)ej (kAT +¢)

Where the amplitude V(k) of the complex signal
is calculated at any sample A as:

V(K) = M2 (k) +v2 (k)|

and its rms value is

6)

V(K = %zm“ [V2 (k) + V2 (K)] (7)

Equation (6) gives the value of complex voltage
at any instant k, while eluation (7) can be used to
calculate the rms value of the complex voltage signal,
while.

The phase angle of this transformed voltage is
4 Vs(K)
v, (k)

Comparing equation (8) with equation (5), we
can calculate the frequency of the voltage signals as;

(k) = tan

8)

(k) = 27KTF (K) + #(K) 9)

Now, m samples are available for the phase
angle of the transformed voltage @ (K). Define

X, (k) = f(k);
X, (K) = p(Kk)
and

h,(K) = 27kAT
hz(k) =1

Then

(11)

X, (k
0(k) =[h, (k) hz(k)]{ Xlikﬂ



For m samples available for € (K), equation (11)
can be written as:

Z(k) = H(k) X (k) + £ (k)

Where Z(k) is mx1 vector of phase angle € (K) at
any instant k, H(k) is mx2 measurement matrix whose
elements depend on the sampling frequency and can
be calculated off-line for a pre-specified sampling
frequency. X (K) is 2x1 state vector to be estimated and
£ (K) is mx1 noise vector to be minimized.

- The state space equation for the two-state
model can be written as:

X(k+1) = ¢ (k) X(K) + v (K) (13)

Where @ (K) is a 2x2-identity matrix, and is called
the state transition matrix, 1K) a is 2x1-noise vector
associated with the states when they are moving from k
to k+1 sample. Now, equation (12) and (13) are suitable
for Kalman filter implementation. Before going further let
us interpret equations (6) and (8). Equation 6 gives
the amplitude of the complex phasor formed from the
two orthogonal voltages V4 and V. If the three phase
voltages are balanced and are noise and harmonics free
signals, this amplitude will be constant amplitude. Also,
equation 8 gives the phase angle of this complex
phasor. For the same balanced conditions, the rate of
change of this phase angle, which is the speed of
rotation of the complex phasor, will be constant and
equals to the nominal angular velocity of the original
three-phase signals. As such, the frequency of the will
be constant during the data window size, and the locus
of the complex phasor is a circle as shown in Figuret,
by the dashed curve. However, if the three phases are
unbalanced, then the locus of the complex Phasor will
be just a closed curve as shown in Figurel. By plotting
the complex Phasor the following advantages could be
obtained

e |t provides
balance.

e |t provides information about noise and harmonics
contamination to the three-phase system.

e |t provides information about the
frequency.

e Also, due to the nature of the af} -transformation,

harmonics of order three and its multiple are
suppressed
Avﬁ

E

(12)

information about the system

system

v <

Figure 7 The locus of the complex phasor

TESTING THE ALGORITHM USING
SIMULATED DATA

a) A balanced and noise free system

The proposed algorithm is tested using
samples of a balanced and noise free three-phase
system. The voltage amplitude is 1.0 p.u and the phase
angle is -2.1 radian. The signal frequency is varied from
45-51 Hz. The three phase voltage signal are sampled at
3000 Hz (60 sample per cycle) and a data window size
of 48 sample (0.8 cycle) is used in the estimation
process. Figures 2 - 4 give the estimated frequency,
phase angle and the amplitude of the complex phasor.
Examining these figures reveals the following remarks.

e The proposed technique produces accurate
estimates for the system frequency ranging from 45
to 51 Hz, i.e. accurate estimates are obtained for off-
nominal, near nominal and at nominal frequency.

e The estimated phase angle is accurate and
constant independent of the signal frequency.

e The amplitude of the complex phasor is also

accurate and equals to the actual value at all the
assumed frequency range.

[11.

. 54.00 4

The estimated frequency(Hz
i
o
=]

4400
0

- Saasaas Aasanaas o
Sampling step
Figure 2 Estimated frequencies
0.00 5
o ]
2 ]
T ]
Z ]
= —1.00 4
]
2
[+%
=
a
T -2.00
E .
i 1
@ 3]
= ]
—3.00{)........12.0 ..... ..--4:0:... BIO

Sompling step
Figure 3 The estimated phase angle

b) Unbalanced Three-phase Voltage Signal

The proposed algorithm is tested when there is
unbalance between phases. Here, we use V, = 1.0 p.u,
Vp= 1.1 p.u and V=0.9 p.u, while the phase angle is -2.1
radian. The same sampling frequency, 3000 Hz, and
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number of samples 48 samples are used. Figures 5-7
give the results obtained. Examining these figure reveals
the following remarks, solid lines are the actual values,

e (Good estimates are obtained when the signal
frequency is 45, 48, 50, 51 Hz. Although there is
about 0.5 Hz errors for the signal frequency of 51
Hz, but it is acceptable error for such unbalanced
system.

s
=
]

1.0%

The complex phaser magnitude(p.u)

=
=
=

0 20 40 =]

Sampling step
Figure 4 . Amplitude of the complex phasor

e The phase angle estimate is a good quality estimate
at all the four frequencies of the signal, and there is
a maximum error of about 0.1 radian (4.76 %),
which is acceptable error in this unbalanced case.

e Figure 7 gives the amplitude of the complex phasor
when the signal frequency is 50 Hz. It can be
noticed that the amplitude is a time varying (figure 1
solid curve), but the rms. value over the estimation
period gives almost the actual value of the
amplitude.

b4
2

4900 ;W

The estimated fraguency{Hz)

44.0{:‘ TFrrTrTrrrrrrerrrerrr o T ETTTiTmg
0.ao 20.00 40.00 GO0}
Sompling step

Figure 5 : Estimated frequencies

As such, we can conclude that the system
unbalance and the degree of this unbalance have a
great effect on the system estimates. Actually, that is
true, if one examines Figure 1 carefully, he can notice

© 2012 Global Journals Inc. (US)

that the amplitude as well as the argument of the
complex phasor will be changed from instant to instant,
if the phasor rotates on the solid curve.

IV. HARMONICS POLLUTION

In this test, the proposed algorithm is tested
with three-phase voltage signals contaminated with
harmonics. The signals contain 1 p.u fundamental, 0.12
p.u second harmonic, 0.3 p.u third harmonic and 0.05 p.u
fifth harmonic, all are balanced in the three phases.
Figure 8 gives the locus of the complex phasor, which is
not a circle; this means that this phasor has different
amplitudes and arguments from instant to instant.
Figure 9-11 give the estimated frequency, phase angle,
and voltage amplitude. The sampling frequency used in
this test is 3000 Hz and the data window size is 48
samples. Examining these figures reveals the following:

& The estimated frequency of the fundamental
component is affected by the presence of
harmonics in the voltage signal.

0.00
£ ]
E 4
T ]
o ]
= -
S -1.00 7
] ]
[} -
& 1
- ]
qr 1
E_E.DD__W
: ]
W E
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o 4
= ]
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? 0,00 ?.D.:]D 40.00 6000
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Figure 6 Estimated phase angle
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Figure 7 : Estimated complex phasor amplitude
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Figure 12 Locus of the complex phasor

The minimum frequency estimate for the
fundamental component is about 49.6 Hz (error = -
0.4 Hz, or -0.8 %), while the maximum frequency
estimate is 49.9 (error=-0.1 Hz, or -0.2 %), which
are considered good estimates for such polluted

signals. However, due to the nature of af-
transformation, the third harmonic has nothing to
do with the estimates

The average frequency estimate over the data
window size used in this test is about 49.75 Hz,
which is still a good estimate (error = -0.25 Hz, or -
0.5 %)

The phase angle estimate can be considered as
good as the signals are contaminated with
harmonics, and the average value is about -2.05
radian (error =-0.05 radian, or -2.3 %)

As we said earlier, the complex phasor amplitude
could be considered as a time varying amplitude,
with rms value almost equals to the actual value.
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V.  TESTING THE ALGORITHM USING
ACTUAL RECORDED DATA

The algorithm has also been tested using actual
recorded data for a practical system in operation. The
EMTP program is used to compute the three phase
voltages at a certain bus on a system during the
switching on of 500 kV transmission systems. Figure 12
gives the locus of the complex phasor formed by using
the three phase signals and the proposed
transformation. It can be noticed that, such a system is
unbalanced and highly contaminated with harmonics
system. These harmonics are not periodical waveforms.
The sampling frequency used in this study is 10 kHz (AT
= 0.1 ms) and a number of samples of 55 samples is
used. Figures 13-15 give the estimated frequency,
phase angle and the amplitude of the complex phasor.
Examining these figures reveals the following remarks.

51.00

S50.50

T T T T [ N

The estimated frequency(Hz)

S0.00

20 40 &0

Sampling step

Figure 13 : Estimated frequencies

e The estimated frequency of the fundamental
component is about 50.06 Hz, which could be
considered as an accurate estimate (error=0.06
Hz, or 0.12%).

e The phase angle estimate can be considered as a
good, and is a constant during the data window
size used in this analysis.

e Although the amplitude of the complex phasor
voltage is constant up to 79 % of the data window
size, but its value is about 0.95 p.u. As we said,
this value varies from instant to instant and does
give induction to the effect of distortion of the
three-phase signals amplitude.
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Figure 15 : Estimated complex phasor amplitude

VI.  CONCLUSIONS

The main contributions of this paper are:

1. A complex phasor is developed which can be
used to provide information about the system
balance and harmonics contamination.

2. The linear Kalman filter is used to extract the
frequency and phase angle of the fundamental
component, using the argument of the complex
voltage phasor.

3. The three phase voltage signals are used to
estimate the system parameters, frequency,
phase angle and voltage amplitude, using the

well-knownaof3-transformation. Unlike the available
techniques, which use the per-phase voltage
samples to estimate the system parameters?

4. The estimate using this technique is slightly
affected by the noise and harmonics
contamination.

5. Direct estimates are obtained for the system
parameters, without modeling the three phase
voltage signals.
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APPENDIX

[11. LINEAR KALMAN FILTER ALGORITHM
[14]

In the implementation of Kalman filter, the
mathematical model for the system under consideration
should be in the state form as:

X(k+1) = ¢ (k) x(k) + @ (k)

and the observation(measurement) of the process is
assumed to occur at discrete points of time in
accordance with the relation

z(k) = H(K) x(k) + v(K)

Assume that we have a prior estimate x’(k), and
its error covariance matrix P(k); then the general
recursive filter equations are as follows

a) Compute the Kalman gain filter, K(K), as
K(K) = P(RQH'(IHKP (HT(K) + RK)] ™

b) Compute the error covariance for the update

PR=[1 - KIQH(K)] P(k)

¢) Update the estimate with the measurement z(k) as

x(K) =x(K) + K(K)[z(k)-H(K)x (K]

d) Project ahead, the error covariance and the
estimate

P(k+1) =¢ (k) P(k) ¢T(_k()k)+ Q(k) X(k+1) = 4 (K)
X

a) Initialization of the Kalman Filter

For off-line application, it is necessary to
initialize the recursive process of the Kalman filter, with
an initial vector x, and its initial covariance matrix Po.
Also, the system and measurement noise variances are
needed.

A simple  deterministic  procedure s
implemented to calculate the initial process vector, as
well as its covariance matrix, using the static least error
squares estimate of the previous measurements. Thus,
in general the initial process vector may be computed
as

X =[HH ™ H z
and the corresponding covariance error matrix is

Po=[H'H]'H'

© 2012 Global Journals Inc. (US)
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