FAKULTA ELEKTROTECHNICKA
P> ZAPADOCESKE UNIVERZITY
V PLZNI

Fakulta elektrotechnicka

Research and Innovation Centre for Electrical Engineering

Implementace metod frekvencni
analyzy v elektrickych pohonech

Pracovisté: RICE

Cislo dokumentu: 22190-017-2024

Typ zpravy: Vyzkumna zprava

Resitelé: Ing. Antonin Glac

Hlavni feSitel: Prof. Ing. Zdenék Peroutka, Ph.D.

Pocet stran: 19

Datum vydani: 24.11.2024

Oborové zarazeni: 2.2 Electrical engineering, Electronic engineering, Information en-

gineering - Electrical and electronic engineering

Zadavatel / zakaznik: Zpracovatel / dodavatel:
Zapadoceska univerzita v Plzni
Research and Innovation centre for Electrical
Engineering
Univerzitni 8

306 14 Plzen

Kontaktni osoba:

Ing. Antonin Glac
tel. 377634108

glac@fel.zcu.cz

Tato zprava vznikla s podporou projektu SGS-2024-017

RICE - Research and Innovation centre for Electrical Engineering FEL ZCU WWW.rice.zcu.cz




Anotace

Tato vyzkumna zprava popisuje praktické zkusenosti s metodami frekvencni analyzy pro po-
uziti pri fizeni elektrickych pohoni. Popisuje metody pro vypoclet amplitudy a faze zvolené
harmonické slozky z méreni v redlném Case. V dalsi ¢asti se vénuje volbé a implementaci filtrd.

Klicova slova

Diskrétni Fourierova transformace, SOGI, dolni propust, pasmova propust, IR

Nazev zpravy v anglickém jazyce / Report title

Frequency Domain Methods Implementation for Electrical Drives

Anotace v anglickém jazyce / Abstract

This research report describes practical experience with frequency analysis methods for use in
the control of electric drives. It describes methods for calculating the amplitude and phase of
a selected harmonic component from real-time measurements. The next section discusses the

selection and implementation of filters.

Klicova slova v anglickém jazyce / Keywords
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1 Uvod

Tato zprava popisuje praktické zkusenosti s metodami frekvencni analyzy pro pouziti pti fizeni
elektrickych pohoni. Popisuje metody pro vypocet amplitudy a faze zvolené harmonické slozky

z méreni v redlném case.

2 DFT

Diskrétni Fourierova transformace prevadi diskrétni priibéh v Casové oblasti do oblasti frek-
vencni. Pouziti DFT pro vypocet celého frekvencniho spektra je vypocetné narocné, pro pouziti

v readlném case jsou vhodné jeji modifikace

2.1 FFT

Fast Fourier Transform - rychla Fourierova transformace. Pocet vzorkii musi byt roven mocniné
2 (nebo doplnén nulami do nejblizsi mocniny 2). Vypodet celého spektra je pak méné vypocletné

narocny.

2.2 Goertzeliv algoritmus

Goertzellv algoritmus je aplikace DFT na vybranou konkrétni slozku frekvenéniho spektra.

Diky tomu je vhodny pro vypocet v redlném Case na mikroprocesoru.

Zdrojovy kod algoritmu je popsan: Pomoci velikosti okna (BUFFER_LENGTH) se vybere za-
kladni analyzovana frekvence (=frekvence volani funkce / velikost okna). Pomoci pole konstant
frequencies si zvolime nasobky zakladni frekvence, které jsou vypocitavany. V tomto pripadé
pri frekvenci volani funkce 10000Hz a délce okna 1000 vzorki ziskame zakladni frekvenci 10Hz,

diky nasobkiim pak algoritmus vraci amplitudu a fazi pro frekvence 40, 80 a 120Hz.

Pro zajiSténi numerické stability je vypocet provadén paralelné ve dvojici, hodnoty jsou stradavé

resetovany.

#define FREQ_INJ_MAX (3)

#define FREQ_SETS_MAX (1)

#define BUFFER_LENGTH (1000) // 10000/1000 = base harmonics (10
Hz)



typedef struct

{

real32_t i_ref_req; /*!< Amplitude of
current required for injection. x/

real32_t i_ref_theta; /*!< Phase shift (theta
) of current required for injection. x/

real32_t i_ref_freq; /*!< Frequency of
current component. x/

real32_t i_ref; /*!< Real value of

current amplitude used for injection. %/

real32_t RotMatCos; /*#!< Real part
of rotation matrix */

real32_t RotMatSin; /*!< Imaginary

part of rotation matrix */

}input_data_t;

typedef struct

{

real32_t Real; /*!< Real component of
current from DFT. x/
real32_t Imag; /#!< Imaginary component of

current from DFT. x/

}spectra_RI_t;

typedef struct

{

real32_t amplitude; /#!< Value of current
component from DFT based on measurement. x/

real32_t phase; /*!< Value of
phase shift (theta) of current based on

measurement. x/

}spectra_AP_t;

typedef struct



static const uintl6_t frequencies [FREQ_SETS_MAX][FREQ_INJ_MAX]

{

volatile real32_t Voltage [BUFFER_LENGTH];
/*!< Buffer of values of voltage for DFT
calculation. x/
volatile real32_t Current [BUFFER_LENGTH];
/#!< Buffer of values of current for DFT
calculation. x/
volatile intl6_t p_Buffer;
/#!< Pointer to actual position in
cyclic buffer x/
volatile intl6_t Number_call;
/1< Number of DFT calls to prevent DFT
instability x/
const intl6_t Max_call; JEIRS
Maximal number of DFT calls to prevent DFT
instability x/
const real32_t DFT_Const;
}Buffer_t;

{4,8,12}

H

Buffer_t Buffer = { { 0.0f }, { 0.0f }, ( BUFFER_LENGTH — 1 ),

0,

input_

1 % BUFFER_LENGTH, 2.0f / BUFFER_LENGTH };
data_t input_data[FREQ_INJ_MAX];

spectra_RI_t spectra_currentl [FREQ_INJ_MAX];
spectra_RI_t spectra_current2 [FREQ_INJ_MAX];
spectra_RI_t spectra_voltagel [FREQ_INJ_MAX];
spectra_RI_t spectra_voltage2 [FREQ_INJ_MAX];
spectra_AP_t spectra_currentAP [FREQ_INJ_MAX];
spectra_AP_t spectra_voltageAP [FREQ_INJ_MAX];



void Dftlnit(intl6_t iFreq)

{
Buffer.p_Buffer=BUFFER_LENGTH—1,;
input_data[iFreq]. RotMatCos=cos (TWO_Plxinput_data[iFreq].
i_ref_freq / ((real32_t) (BUFFER_LENGTH)));
input_data[iFreq]. RotMatSin=sin (TWO_PIlxinput_data[iFreq].
i_ref_freq / ((real32_t) (BUFFER_LENGTH)));
}

void Dft(real32_t actual_value, real32_t last_value,

input_data_t* p_input_data_t, spectra_RI_tx p_spectra_t)

{
volatile real32_t Real, Imag;
//Spectra calculation
Real = p_input_data_t—RotMatCos * p_spectra_t—>Real —
p_input_data_t—>RotMatSin % p_spectra_t—Imag +
actual_value * Buffer.DFT_Const — last_value;
Imag = p_input_data_t—>RotMatSin % p_spectra_t—>Real +
p_input_data_t—>RotMatCos % p_spectra_t—>Imag;
p_spectra_t—>Real=Real;
p_spectra_t—Imag=Imag;
}

void DftComp(real32_t Voltage, real32_t Current)
{
int iFreq;
for (iFreq = 0; iFreq < FREQ_INJ_MAX; iFreq++)
{
DftCall(Voltage, Current, iFreq);
if (Buffer.Number_call = 2 % Buffer.Max_call —

1) //reseting



spectra_current2[iFreq]. Real = 0.0f;
spectra_current2[iFreq].Imag = 0.0f;
spectra_voltage2[iFreq].Real = 0.0f;
spectra_voltage2[iFreq].Imag = 0.0f;

}
if (Buffer.Number_call = Buffer.Max_call — 1)
//reseting

{
spectra_currentl [iFreq]. Real = 0.0f;
spectra_currentl[iFreq].Imag = 0.0f;
spectra_voltagel[iFreq].Real = 0.0f;
spectra_voltagel[iFreq].Imag = 0.0f;

}

}

DftStep(Voltage, Current);
for (iFreq = 0; iFreq < FREQ_INJ_MAX; iFreq++)
{
SpectraCalc(iFreq); //prevod na

amplitudu a fazi

void DftCall(real32_t Voltage, real32_t Current, intl6_t iFreq)

{
if ( Buffer.Number_call < BUFFER_LENGTH )

{
Dft( Current, Buffer.Current[Buffer.p_Buffer] |,

&input_data[iFreq], &spectra_currentl[iFreq]
)i

Dft( Current, 0.0f , &input_data[iFreq] , &
spectra_current2[iFreq] );

Dft( Voltage, Buffer.Voltage[Buffer.p_Buffer]
&input_data[iFreq], &spectra_voltagel[iFreq]

)i



Dft( Voltage, 0.0f , &input_data[iFreq], &
spectra_voltage2[iFreq] );
}
else if ((Buffer.Number_call >= Buffer. Max_call) && (
Buffer . Number_call <(BUFFER_LENGTH + Buffer.Max_call))

)

Dft( Current, 0.0f , &input_data[iFreq], &
spectra_currentl [iFreq] );

Dft( Current, Buffer.Current[Buffer.p_Buffer]
&input_data[iFreq] , &spectra_current2[iFreq]
)i

Dft( Voltage, 0.0f , &input_data[iFreq], &
spectra_voltagel [iFreq] );

Dft( Voltage, Buffer.Voltage[Buffer.p_Buffer]
&input_data[iFreq], &spectra_voltage2[iFreq]

)

else

Dft(Current, Buffer.Current[Buffer.p_Buffer], &
input_data[iFreq], &spectra_currentl[iFreq]);
Dft(Current, Buffer.Current|[Buffer.p_Buffer], &
input_data[iFreq], &spectra_current2[iFreq]);
Dft(Voltage, Buffer.Voltage[Buffer.p_Buffer], &
input_data[iFreq], &spectra_voltagel[iFreq]);
Dft(Voltage, Buffer.Voltage[Buffer.p_Buffer], &
input_data[iFreq], &spectra_voltage2[iFreq]);

void DftStep(real32_t Voltage, real32_t Current)

{
Buffer.Voltage[Buffer.p_Buffer]=VoltagexBuffer.DFT_Const



Buffer. Current[Buffer.p_Buffer]=Current*xBuffer . DFT_Const

Buffer.p_Buffer—;
if (Buffer.p_Buffer<0)

{
Buffer.p_Buffer = BUFFER_LENGTH — 1;

}

Buffer. Number_call++;
if (Buffer.Number_call>2«Buffer.Max_call—1)

{
Buffer. Number_call=0;

void SpectraCalc(intl6_t iFreq)

{
if ( Buffer.Number_call < Buffer.Max_call )
{
ReallmagToAmpPhase(&spectra_currentl [iFreq],&
spectra_currentAP[iFreq]);
ReallmagToAmpPhase(&spectra_voltagel [iFreq], &
spectra_voltageAP[iFreq]);
}
else
{
ReallmagToAmpPhase(&spectra_current2[iFreq], &
spectra_currentAP[iFreq]);
ReallmagToAmpPhase(&spectra_voltage2[iFreq], &
spectra_voltageAP[iFreq]);
}
}

void ReallmagToAmpPhase(spectra_RI_tx p_spectraRl , spectra_AP_tx
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Obr. 3.1: Schéma SOGI fazového zavésu
p_spectraAP)

p_spectraAP—amplitude = sqrtf(p_spectraRlI—Realx
p_spectraRI—Real + p_spectraRl—Imagxp_spectraRl—
Imag) ;

p_spectraAP—>phase=atan2f(p_spectraRl—Imag, p_spectraRl

—>Real);

3 SOGI

SOGI - Second Order Generalized Integrator [1] - je typ fazového zavésu. Umozniuje na za-
kladé (harmonického) ¢asového priibéhu velic¢iny urcit jeho amplitudu a fazovy posuv. Schéma
je uvedeno na Obr. 3.1. Uhlové rychlost w, je nastavena jako hledana frekvence, v tomto
konkrétnim pripadé jako frekvence drazkové harmonické.

Loy T , Lov ey . N v n 2A¢L
Pro spravné fungovani fazového zavésu je treba naladit zesileni - rezonancni zesileni K, = wf’g—o
.

a propor¢ni a integracni zesileni Pl regulatoru K, a K;.
Zdrojovy kéd v C je popsan:

#include <math.h>

#include <sogi_variable_speed.h>

#define SOGI_INITOMEGA (M_PI*100.0/30.0%6.0xPP_X)

#define SOGI_KI 2000.0 fxSOGI_DT

#define SOGI_KP 120.0f

#define SOGI_KR_DIV 400.0f

#define SOGI_KR_INIT (SOGI_INITOMEGA*SOGI_INITOMEGA /SOGI_KR_DIVx
SOGI_DT)
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Sogi_struct_t sogi_M = {0.0f,0.0f,0.0f,0.0f,0.0f,0.0f,
SOGI_INITOMEGA, SOGI_KR_INIT,SOGI_KI,SOGI_KP,SOGI_DT,0.0f };

Sogi_struct_t sogi_Ilsq = {0.0f,0.0f,0.0f,0.0f,0.0f,0.0f,
SOGI_INITOMEGA, SOGI_KR_INIT,SOGI_KI,SOGI_KP,SOGI_DT,0.0f };

float SOGI_KR = (M_PI*100.0/30.0%6.0%xPP_X)*(M_PI*x100.0/30.0%6.0%
PP_X) /SOGI_KR_DIV«SOGI_DT;

void Sogi(Sogi_struct_t* p_sogi_t, float speed_omega_mech)
{
float cosin, sinus, err;
SOGI_KR = (speed_omega_mech*6.0%PP_X) x(speed_omega_mech
x6.0%PP_X) /SOGI_KR_DIV«SOGI_DT;
p_sogi_t—>Kr = SOGI_KR;
p_sogi_t—>InitOmega = speed_omega_mech*6.0xPP_X;
cosin = cos(p_sogi_t—>Theta);
sinus = sin(p_sogi_t—Theta);
err = p_sogi_t—>Input — cosin % p_sogi_t—>Sre — sinus x
p_sogi_t—>Sim;
p_sogi_t—>Sre 4= p_sogi_t—>Kr x err x cosin;
p_sogi_t—>Sim 4= p_sogi_t—Kr x err x sinus;
p_sogi_t—>dOmega — p_sogi_t—>Ki * p_sogi_t—>Sim;
p_sogi_t—>0Omega = p_sogi_t—>dOmega — p_sogi_t—>Kp *
p_sogi_t—>Sim + p_sogi_t—>InitOmega;
p_sogi_t—>Theta += p_sogi_t—>0mega *x p_sogi_t—>dT;
if (p_sogi_t—>Theta > 3.14159265358979)

{
p_sogi_t—>Theta — 6.28318530717959;
}
if (p_sogi_t—>Theta < —3.14159265358979)
{
p_sogi_t—>Theta += 6.28318530717959;
}

p_sogi_t—>Sampl = sqrt(p_sogi_t—>Sre x p_sogi_t—>Sre +
p_sogi_t—>Sim % p_sogi_t—>Sim);
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if ((p_sogi_t—>0Omega x speed_omega_mech) > 0.0f) // same
sign

{

p_sogi_t—>Theta_out = p_sogi_t—>Theta;
else

p_sogi_t—>Theta_out = —p_sogi_t—>Theta;

4 Navrh digitalniho filtru v aplikaci Matlab

Pomoci aplikace Filter Designer je mozné naladit koeficienty filtru a zvolit vhodnou formu.

Zaroven je mozné posoudit stabilitu filtru pro implementaci v single precision float formatu.

] Fiter Designer - untitedda ] — O X | (4 FiterDesigner- ntiteatdn ]
Fle Edt Analis Targets View Window Help Fle Edt Anabss Targets View Window Help
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Obr. 4.1: Aplikace Filter Designer

4.1 Bandpass filtr

Tato &ast se zabyva ndvrhem a implementaci filtru typu pasmové propust (Bandpass). Pro

implementaci byl zvolen filtr s nekone¢nou impulsni odezvou (IIR) eliptického typu.
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4.1.1 Elipticky filtr s proménnou frekvenci propustného pasma

Implementace kédu v C je zalozena na projektu z https://www.dsp-weimich.com /downloads/,

[IR Filter and C Implementation Using Octave GNU Tool.

Struktura filtru je SOS form Il (second order sections) ¥adu 6 (3 sekce SOS). Sitka propust-
ného pasma byla zvolena jako pfedpokladana frekvence drazkové harmonické (6x elektricka
frekvence) +£10%.

funkce ellip() navrhne filtr ve formé prenosové funkce. Funkce tf2sos ho pak prevede do formatu
SOS. Kazda sekce je reprezentovana koeficienty ag. ,,,bo..,. Koeficient ag = 1, vystup celého

filtru je nutné prenasobit zesilenim filtru gn.

V tomto konkrétnim pfipadé ma fadka matice ss tvar [bg, by, b2, 1, a1, as], v C kédu mé pak

matice float iir_coef_float format [bg, by, ba, ay, as)

Aby mohla byt frekvence variabilni, jsou koeficienty filtru navrzeny pro riizné frekvence a vysle-
dek je interpolovan. Pro vystupni zesileni je pouzita linearni interpolace, pro ostatni koeficienty

pak interpolace 2. radu.
Matlab kéd pro navrh a interpolaci koeficentd filtru:

Fs = 10000; % Sampling Frequency
N = 6; % Order Fcl = 72; % First Cutoff Frequency Fc2 = 88;
% Second Cutoff Frequency

freq_vect = 0.1:0.01:4,;

gn_all = (zeros(length(freq_vect),1)); ss_all = (zeros(size(
ss200,1) ,size(ss200,2) ,length(freq_vect)));

for i=1l:length(freq_vect)

[nm,dn] = ellip(N/2,3,40, (freq_vect(i) .* [Fcl, Fc2] /(Fs/2)),"
bandpass");

[ss,gn] = tf2sos(nm,dn);

gn_all(i) = (gn); ss_all(:,:,i) = (ss);

end

gn_polyl = polyfit(freq_vect_a(1:200),gn_all(1:200),1);
gn_poly_vall = polyval(gn_polyl, freq_vect_a);
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ii=0;
figure (1)
for i=1l:size(ss_all, 1)
for j=[2,3,5,6]
ii=ii+1;
figure (1)
subplot(3.,4,ii)

plot(freq_vect_a, squeeze(ss_all(i,j,:)), ' x=")

% if j > 4
ss_poly3 = polyfit(freq_vect_a(24:200) ,squeeze(ss_all(i,]
124:200)) ,2)
ss_poly_val = polyval(ss_poly3 , freq_vect_a);
figure (2);
hold off
plot(freq_vect_a, squeeze(ss_all(i,j,:)),' x=");
hold on plot(freq_vect_a, ss_poly_val, 'x
—");
keyboard % end end end

%% sos format: b0 bl b2 1 al a2
% output = gn x sosfilt();

C kéd interpolace koeficientd filtru (konstanty jsou vystupem predchozi Matlab funkce):

if(freq_in < 20.0f)
{freq_in = 20.0f;}

if(freq_in > 160.0f)
{freq_in = 160.0f;}

//matlab — polyfit 1st order — C:\ glac\Transactions)
LQ_LC_filter_control\iir_bandpass_test_ellip.m
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output_gain = 1.0e—5 % ((0.345184862502385) x freq +
0.064150708615190) ;

//matlab — polyfit 2nd order — C:\ glac\Transactions)
LQ_LC_filter_control\iir_bandpass_test_ellip.m

iir_coef_float[0][0] = 1.0f; //const

iir_coef_float[0][1] = 0.0f;

iir_coef_float [0][2] = —0.999999994038209;

iir_coef_float [0][3] = (0.000000387249802 * freq x freq -+
(0.000040831678829) * freq + (—2.000004230864189));

iir_coef_float [0][4] = (0.000000000511442 % freq x freq +
(—0.000040539318601) = freq + 0.999996550715736);

iir_coef_float[1][0] = 1.0f; //const

iir_coef_float[1][1] = (0.000000609517239 % freq x freq +
(0.000000243022415) * freq + (—2.000006623960171));

iir_coef_float[1][2] = 0.999999995886100; //const

iir_coef_float[1][3] = (0.000000467588486 % freq = freq +
0.000018592262194 * freq + (—2.000004749053868));

iir_coef_float[1][4] = (0.000000000135574 x freq * freq -+
(—0.000018362104035) = freq + 0.999998880375069);

iir_coef_float[2][0] = 1.0f; //const

iir_coef_float[2][1] = (0.000000249364403 % freq x freq +
(0.000000043350605) * freq + (—2.000001186715448));

iir_coef_float [2][2] = 1.000000010075695; //const

iir_coef_float[2][3] = (0.000000323278459 % freq x freq +
0.000015484439600 % freq + (—2.000007441612358));

iir_coef_float[2][4] = ((0.000000000462108) * freq x freq +
(—0.000015367555701) = freq + 1.000004569136928);

4.2 Lowpass filtr s dlouhou casovou konstantou

Ukolem filtru je odstranit frekvence vyssi nez je zvolenad zlomova frekvence filtru. V tomto
konkrétnim pripadé ma filtr velmi dlouhou casovou konstantu - zlomova frekvence je velmi

nizka. (Fs = 10000 Hz, F.ss = 0.1 Hz, F,, = 1 Hz).
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4.2.1 FIR, IIR

Navrh filtru s kone¢nou impulzni odezvou (FIR) pro dlouhou ¢asovou konstantu vede na ex-

trémné vysoky Fad filtru a zaroven nepfiznivy pribéh amplitudové i fazové charakteristiky.

Vhodnéjsi je pouziti filtru s nekonecnou impulzni odezvou (IIR). Na vybér je z mnoha forem.
Nejcastéji pouzivané typy Butterworth, Chebyshev | a Il a Elliptic maji i pti nizkém ¥adu filtru
vhodnou charakteristiku, ale pfi pouziti single precision float formatu a dlouhé casové konstanté

nejsou numericky stabilni.

4.2.2 IIR Least Pth Norm

Filtr splnujici pozadavky na utlumeni nezadoucich frekvenci a zaroven numericky stabilni je

typ IIR Least Pth Norm.

5 Zaveér
Pro optimalni fizeni elektrickych pohond je vhodné vyuziti matematickych metod, které pracuji
ve frekvencni oblasti. Pro prevod do frekvenéni oblasti pak vyuzivime metody zalozené na

Fourierové transformaci, pripadné na fazovém zavésu. V nékterych pripadech je vhodné Casovy

signal nejprve filtrovat, a pak teprve prevadét do frekvencni oblasti.
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