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FREQUENCY-DOMAIN PARAMETER ESTIMATION FOR THE
 
BRUSHLESS, DOUBLY-FED MACHINE
 

CHAPTER 1
 
INTRODUCTION
 

This thesis deals with the experimental determination of the electrical parameters 

for a Brush less, Doubly-Fed Machine (BDFM). The philosophy for this work is to 

formulate a procedure which can be used to determine the parameters for a reduced- order 

model of the BDFM, and to lay down the constraints that define its experimental 

implementation. 

1.1 Introduction to the BDFM 

The two-port Brush less, Doubly-Fed Machine shown in Fig 1.1 attempts to 

combine the advantages of conventional, variable-speed induction and synchronous 

machine systems while reducing the rating and cost of the power-conditioning unit [1]. 

The BDFM can be constructed in a number of ways [2,3]. The prototype machine that 

is available in the laboratory, is derived from the work of Hunt [4], Creedy [5] and 

Broadway [6]. It has two sets of windings on the stator and the rotor is of a nested-loop 

construction. In general, an optional cage structure may be added. A schematic of the 

prototype machine is shown in Fig. 1.2. The optional cage shown is not present in the 

prototype BDFM. 

In the BDFM laboratory prototype, one of the stator windings is wound for 6 

poles, and serves as the power winding. The second winding is of 2-pole configuration, 
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Fig 1.1 The experimental BDFM system 

and serves as the control winding. For operation below 1800 rpm, a 6-pole winding 

provides moreinduction torque, motoring or generating, than a 2-pole winding with 

comparable total flux, making the 6-pole a better choice for the power winding, with the 

2-pole acting as the control winding. The choice of the 6-pole for the power winding also 

aids the use of a practical synchronization procedure because the synchronous speed of 

the 6-pole winding with 60 Hz excitation is close to the BDFM synchronous speed with 

dc excitation on the control winding. The power winding is normally connected to the 

fixed-frequency utility supply, while the control winding is energized through a power-

electronic converter. Power flows into the power winding for the motoring mode 
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Fig 1.2 Schematic of the BDFM.
 
(a) Overall configuration. 

(b) Enlarged, developed view of rotor nests and optional cage. 



4 

of operation, and flows out of the power winding for the generating mode of operation. 

The net direction of power flow in the control winding, at synchronous operation, is 

dependent on its level of excitation (voltage), the mode of operation (motoring or 

generating), and on the speed of operation with respect to the base frequency, given by 

60/(Pp + Pc) [Sect. 2.4]. Hence a bi-directional converter is required to ensure operation 

over a wide speed-range in motoring as well as generating applications. 

1.2 Literature Survey 

The BDFM can be thought of as a superset of both induction and synchronous 

machines. Moreover, it is still an experimental system. The literature survey will, 

therefore, focus on parameter estimation techniques that have been developed for 

induction and synchronous machines. 

The conventional method used to evaluate parameters for electrical machines is 

from steady-state measurements, such as the synchronous and blocked-rotor tests for 

induction machines and the open-circuit and short-circuit tests for synchronous machines. 

One drawback of this type of estimation is that these tests fail to determine transient 

parameters, such as damper winding characteristics in the case of synchronous machines. 

Another important drawback is that the different tests required to determine the model 

parameters are conducted at different operating points, as in case of induction machines. 

Recently, there have been several attempts to determine the transient parameters 

for both induction and synchronous machines from stand-still tests [7,8,9,10,11]. These 

methods traditionally are done in the frequency-domain and involve obtaining a step 
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-response of the system at stand-still, taking a Fourier transform and modelling a transfer 

function of a pm-determined order to fit the response. The nature of the transfer function 

selected is typically one recommended by an IEEE standard. The actual parameters are 

then evaluated from the transfer function by solving a set of non-linear equations. E.S. 

Boje, J.C. Balda, et al, [10] have modelled a synchronous machine from a step-response 

test in the time-domain. They make use of a low-pass filtering technique to avoid time-

derivatives, but have found that the filter constant biases the parameter values. A. 

Keyhani, et al, have been very active in parameter estimation for synchronous machines 

[7, 8, 11]. They have found that frequency-domain estimation at standstill leads to local 

minima estimates that may be far away from known reasonable limits. They have, 

however, had considerable success in synchronous machine modelling from standstill data 

with a mix of frequency-domain and stochastic time-domain approaches [7, 11], e.g., the 

Maximum Likelihood method. The major drawbacks of this class of methods is that 

parameter values are obtained only at low flux levels and at standstill operation. 

There have been continuing efforts at evaluating machine parameters at any 

operating point. Notable among these is the use of an extended Kalman Filter [12] at the 

University of Natal in S. Africa. The authors have obtained a few parameters for a 

synchronous machine from actual measurements, and mention convergence and 

measurement problems in determining others. 

Assorted methods have been used for estimating the parameters of induction 

machines. As an example, them has been a spurt of activity in rotor time-constant 

measurement, primarily for use in vector-control techniques [13, 14, 15]. L.C. Zai and 
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T. A. Lipo have used an extended Kalman Filter and signals generated by a PWM 

converter to estimate the rotor time constant [16]. T. Orlowska-Kowalska has advocated 

the use of an extended observer to estimate both rotor time-constant and rotor flux [17]. 

There has also been some recent work based on sensitivity analysis [18]. Most of this 

work has been successful to some extent, but requires knowledge of certain machine 

parameters. 

There have also been doctoral dissertations on this topic. Two of them are 

mentioned in [20] and [21], the latter of which is in the process of completion. 

Although there has been tremendous efforts at modelling electrical machines over 

the years, practical success has been limited because of the inherent difficulty of the 

problem. The advent of new and modified electrical machines has only complicated 

issues, and the creation of better control techniques has assured that this chapter is far 

from being closed. There is a continued motivation to develop a better and more accurate 

model. 

1.3 Objectives 

The literature survey indicates that, even if the techniques that have already been 

developed can be used to determine parameters for the BDFM, there is a need for a better 

method. In this regard, the main objectives of this work will be to 

1. Formulate a simple, general theory to determine parameters for a dynamic 

BDFM model in the d-q domain, 

2. Detail the constraints of the estimation scheme which are imposed by the 
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model, 

3. Implement the technique for an experimental BDFM. 

The estimation will be done off -line; and some extensions of the estimation process will 

be discussed. 

The work included in this thesis is organized in the following manner. Chapter 

2 deals with the time-domain and frequency-domain models of the BDFM, and the 

identifiability of the model parameters. Chapter 3 summarizes the results of extensive 

simulation done in support of this work. The selection of an appropriate input for 

parameter estimation forms the subject of chapter 4. Chapter 5 gives a theoretical 

backdrop to the results included in chapters 3 and 4. 

Chapters 6 and 7 deal with the actual experimental procedure used to arrive at the 

BDFM parameters. While chapter 6 explains the required data-processing and 

calculations, chapter 7 discusses the experimental results in detail. 

Chapter 8 extends the parameter estimation results to include a more complete 

BDFM model, and also extends the estimation process to include any desired operating 

point. Finally, conclusions and future work form the gist of chapter 9. 
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CHAPTER 2
 
THE BDFM dq-Domain MODEL
 

2.1 The BDFM Equivalent Circuit 

The Brush less Doubly-Fed Machine (BDFM) has a p-pole power winding and a 

q-pole control winding both mounted on the stator, as previously mentioned. Both stator 

windings are wound for three phases. When these windings are ideal and supplied by a 

balanced 3-phase excitation, either of the resulting air-gap MMF's is given by 

MMF= 1.5*K*I *sin(cot - P.0 ) (2.1)' 

where Ip is the peak current, K the equivalent number of turns, co is the angular 

frequency of the excitation current, Pi is the number of pole-pairs (p/2 or q/2) and Os is 

the reference stator angle. It has been shown [6] that the rotor has to contain (p+q)/2 

nested loops in order to provide proper coupling between the control and the power 

windings. 

The prototype machine in the laboratory has a 6-pole power-winding, and a 2-pole 

control winding. The rotor consists of 4 main nests, with 6 loops comprising each nest. 

The winding reference axes used in developing Equ. 2.1 are shown in Fig. 2.1. Fig. 2.1 

is only a symbolic representation of the actual stator and rotor windings. The outer 

circles in Fig. 2.1 represent the stator, and the inner circles represent the rotor. The four 

rotor nests are displaced 90° from each other. The angle between the stator and rotor 

reference axes of Fig. 2.1 (a) has a factor of 3 to account for the 6-pole structure of the 

respective stator. It should be noted that all the electrical variables ( e.g., voltage ) 
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(a) 

(b) 

Fig. 2.1 Winding reference axes for the BDFM. 
(a) 6-pole and rotor. 
(b) 2-pole and rotor. 
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used in developing Equ. 2.1 are referred to the primed terms of Fig. 2.1. The actual angle 

between the stator and rotor axes, at the initial time of measurement, is considered 

separately in Sect. 6.5. The inductance matrices and the voltage equations have been 

derived for the 6-pole/ 2-pole BDFM [22,23,24]. The final d-q equations have to be in 

the rotor-reference frame if time-varying terms in the inductance matrices are to be 

eliminated. Based on the references of Fig. 2.1, these equations are given in Equ. 2.2 for 

the laboratory prototype. The rotor inductance indicated in Equ. 2.2 is actually the sum 

of leakage and magnetizing components, and not simply leakage. 

The model consists of 8 electrical equations. The two electro-mechanical 

equations that define the rotor speed w, are not shown in Equ. 2.2. It should be noted 

that for 3-phase balanced systems, the zero-sequence variables Vo6, Vol, 1,6 and Ica are 

zero. It will be assumed throughout this entire work that the system is balanced to a 

reasonable degree so as to neglect the zero-sequence components. The number of 

equations are therefore reduced to six. 

The resulting equivalent circuits for the q-axis are shown in Fig. 2.2. The d-axis 

circuits are similar. The equivalent circuits of Fig. 2.2, shown with rotor parameters 

referred to either the 6-pole or to the 2-pole stator windings, are valid representations only 

for the individual ports to which the rotor parameters are referred. The equivalent circuits 

of Fig. 2.2 match with Equ.s. 2.2 or 2.4, if they are transformed into the frequency-

domain and if the rotor currents are eliminated by representing them in terms of the stator 

variables. The complementary d-axis circuits required for a complete representation of 

the two-port BDFM model have not been shown as they do not offer any added insight 
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Fig. 2.2 q-axis equivalent circuit of the BDFM, with the zero sequence neglected. 
(a) rotor referred to 6-pole stator. 
(b) rotor referred to 2-pole stator. 
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into the model behavior. 

The d-q equivalent circuits for the BDFM are shown because they resemble those 

an induction machine with the addition of additional dependent voltage sources in the 

rotor circuits. The voltage sources are included to account for the coupling between the 

power and control windings through the rotor, and are related to M6 or M2 of Equ. 

2.2.The currents ig,6 and iqa represent the same rotor current as referred to the 6-pole or 

2-pole stators respectively. Ideally, the parameters to be identified are those that appear 

in Equ. 2.1, namely the stator resistances R6, R2; stator self inductances L6, L2; mutual 

inductances M6, M2 and the rotor resistance and inductance, Rr and Lr respectively. 

However, it will be shown that not all the parameters are individually observable. Also, 

it should be noted that the leakage components L16, L12 and the magnetizing components 

do not explicitly appear in the equations of the BDFM model without zeroLM6' L
 

sequence components.
 

2.2 The Frequency-domain model 

The time-domain equations of Equ. 2.2 are fast converted into the frequency-

domain by taking Fourier Transforms of both sides of the dynamic, state-space model 

equations. In order to isolate the current variables in the Fourier domain, it is necessary 

to constrain the rotor speed to be constant. This is achieved in practice by mechanically 

coupling the BDFM to a variable-speed drive capable of speed control or by limiting the 

speed change to a minimal value. In the former case, it is necessary to ensure de
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coupling of the BDFM dynamics from those of the variable-speed controller. Perfect 

decoupling is not possible in practice. However, effective separation of the poles of the 

BDFM from those of the controller can be achieved. The frequency-domain equations 

are shown in Equ. 2.3. 

The transformed rotor currents have been expressed in terms of transformed stator 

currents to form Equ. 2.3. The number of equations are thus reduced from six to 

four.This is another advantage of the frequency-domain approach; because the state-space 

model has been conveniently conveniently converted to an algebraic input-output model. 

From the equations, it is also clear that the rotor speed weighs parts of the response, and 

hence can be expected to influence the estimation process. The frequency-domain BDFM 

model of Equ. 2.3 can be re-parameterized in terms of the rotor time constant as shown 

in Equ. 2.4. It is seen that not all parameters of the model of Equ. 2.3 appear explicitly 

in the parameterized model. This is due to the restriction that the actual rotor currents 

cannot be directly measured. As a result, it is not possible to determine every individual 

parameter from the di model of the BDFM. 

The only parameters that can be possibly evaluated are the parameters that appear 

in the re-parameterized model ( Equ. 2.4 ), namely the stator resistances R6, R2; the 

stator inductances L6, L2; and the ratios M6 2ar, M22ART and LIJRr, the rotor time 

constant. Henceforth, these parameters will be called the identifiable parameters for the 

BDFM model estimation. The state-space, time-domain dq model can also be re-written 

in the same way in terms of the identifiable parameters. The actual rotor impedance 

cannot be determined. 
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2.3 Operating modes for the BDFM 

The BDFM can be operated in two modes, 

1. Induction mode - One of the stator winding sets is excited by a voltage or current 

source capable of generating sinusoidal signals of adjustable frequency. In the 

singly-fed mode, the second winding set is either left open-circuited or is short

circuited. In the doubly-fed mode, the second winding may be excited, but there 

are two distinct frequencies present in the rotor. In this mode, the steady-state 

rotor speed varies with applied load even if the excitation amplitude and frequency 

are held constant. 

2. Synchronous mode	 - The power winding is normally connected to the 60 Hz 

utility grid, and the control winding is connected to a converter operating either 

as a voltage source or a current source. For a given, desired rotor speed, it is 

possible to energize the control winding carefully with an appropriate frequency 

of excitation so that the power and control windings induce currents in the rotor 

conductors of exactly the same frequency. This mode of operation will be defined 

as the synchronous mode for the BDFM. The rotor mechanical frequency in this 

mode of operation is given by 

fr = ( fp t fc )/( Pp + Pc) rev/s, (2.5) 

where fp and fc are the power and control winding frequencies in Hz, Pp and Pc 

are the number of pole-pairs for the power and control windings respectively, and 

the + and - signs depend on the relative phase sequences of the two winding 
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excitations. If the power winding excitation is considered to be of positive 

sequence, a negative sequence control winding excitation ( in Equ. 2.5) results 

in low-speed operation of the BDFM; and a positive sequence control winding 

excitation ( + in Equ. 2.5) results in high-speed operation. The BDFM will pull 

into synchronism when fr and fc are such that Equ. 2.5 is nearly satisfied and the 

load torque is relatively low. When a machine is operating in this mode, the 

steady-state rotor speed is dependent only on the control winding frequency, and 

is independent of the applied load; so long as pull-out torque is not exceeded. If 

the load torque exceeds the rated pull-out torque of the machine, synchronism will 

be lost, a doubly-fed induction mode will ensue; and, hence, the rotor speed will 

no longer be solely determined by the control winding frequency. 

2.4 Excitation modes for the BDFM 

In general, either of the BDFM stator windings can be excited by a voltage-source 

or a current-source, with suitable choice of a power-electronic converter. If the 

frequency-domain model of Equ. 2.3 is excited by a current-source, the voltage response 

can be evaluated directly from the equations given. If the excitation source is a voltage 

source, then the current response is evaluated by taking the inverse of the model equations 

of Equ. 2.3. The resulting equations are not shown for brevity. 

The frequency response characteristics of the model with voltage and current 

forcing were determined from Equ. 2.3 using parameters calculated from the geometries 

of the stator windings and the rotor structure of the laboratory prototype [22,23,24]. 
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These nominal parameter values are listed in Appendix A. Fig. 2.3 shows typical 6-pole 

stator, short-circuit, current spectra of the voltage-forced model for two assumed rotor 

speeds. The short-circuit current spectra is defined for the voltage-forced model as the 

frequency response of the winding set that is excited by a voltage source, while the 

second winding set is short-circuited. Fig. 2.4 shows typical 6-pole stator, open-circuit 

voltage spectra of the current-forced model at two rotor speeds. The open-circuit spectra 

is defined for the current-forced model as the frequency response of the winding-set that 

w =400 r min 

wr =800 r/min 

0 10 20 30 -4-10 50 60 70 8 

Fig. 2.3 Voltage-forced, short-circuit current response at 
rotor speeds of 400 r/min and 800 r/min. [ Magnitude ] 

is excited by a current source, while the second winding set is open-circuited. These 
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curves show that a test excitation-frequency spectrum may be limited to about 50 Hz for 

voltage forcing and 10 Hz for current forcing in order to cover the significant response 

characteristics of the prototype machine over the tested speed range. The short-circuit 

spectra indicate a pair of complex poles near the imaginary axis when stator excitation 

is supplied by voltage sources, while the poles are pre-dominantly real for open-circuit 

current-source excitation. This means that a voltage excitation method will be more 

sensitive to frequency-resolution ( more frequency points need to be selected near the pole 

wr =800 r min 

wr =400 r mi 

i 10 15 20 25 3 

Fig. 2.4. Current-forced, open-circuit voltage response at 
rotor speeds of 400 r/min and 800 r/min. [ Magnitude I 
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location) than a current excitation scheme. The curves of Fig. 2.3 and 2.4 are typical for 

the parameter values under consideration, and will be different for machines built to 

different ratings. However, these results are independent of the stator winding which is 

excited, if there are no pole-zero cancellations; because the eigenvalues in either case for 

the linear two-port model will remain the same. The zeros of the transfer functions that 

define the short-circuit or the open-circuit responses as defined above, are located closer 

to the origin than the farthest pole of the voltage-forced machine model. This is because 

all electrical machines are inherently low-pass systems with voltage excitation. In 

general, the number of poles will be greater for voltage-forced excitation than for current-

forced excitation, because current-forcing inherently reduces the order of the model. The 

number of zeros remain the same in both cases. 

In summary, the input signal spectrum required for successful estimation will have 

to span a lower range of frequencies in the current-forced mode than in the voltage-forced 

mode. Therefore, the current-forced excitation scheme is preferred for a practical 

estimation procedure. The frequencies to be present in the excitation signal can be 

limited to a range of 0 to 10 Hz. 
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CHAPTER 3
 
TEST OF FREQUENCY-DOMAIN ESTIMATION TECHNIQUES
 

3.1 Choice of Estimation Technique 

There are several techniques [ Sect 1.2 ] that can be used to obtain the identifiable 

parameters of the BDFM state-space model directly. Some of these methods are the 

extended Kalman filter and the extended observer synthesis. The state space equations 

can also be converted to input-output form and the corresponding parameters of this new 

model can be determined by simple least-squares techniques. However, the actual 

machine parameters have to be recovered from the input-output model, and this can prove 

cumbersome. 

The methods mentioned above treat the model in the time-domain. Ljung has 

compared time-domain estimation with that done in the frequency domain [25]. The 

general consensus is that the choice between the domain used is application specific; and, 

if further work is to be pursued in the time-domain ( controller design for instance ), then 

it is preferable to do estimation in the time-domain, too. However, the motivation to 

determine the model parameters in this work is to verify design specifications and obtain 

a reasonable model for initial controller design and correlation with calculated parameters. 

Thus an off-line estimation scheme will suffice. Also, the BDFM system behavior is 

better understood in the frequency-domain, because, the normal excitation for electrical 

machines is sinusoidal, the noise structure is in the form of harmonics, and machine 

electrical responses are of sinusoidal form. Hence, a frequency-domain approach was 
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chosen to develop a preliminary BDFM parameter estimation theory. 

In Chapter 2, the different modes of BDFM operation were discussed. While the 

synchronous mode of operation is preferred for normal operation, it is convenient to use 

the induction mode for off -line estimation because of the reduced complexity, provided 

that the linearity constraint implied in the d-q models is observed. In the singly-fed 

induction mode, with the unenergized winding-set open-circuited, it is only possible to 

evaluate the identifiable parameters of the rotor and those of the energized stator. In the 

doubly-fed mode, or with the unenergized winding-set in the singly-fed mode short

circuited, it is possible to estimate all the identifiable machine parameters. The three 

operational modes studied in simulation are 

1. Both stator windings excited by current or voltage sources, 

2. One stator winding excited by a current source, while the other is open

circuited, 

3. One stator winding excited by a current source, while the other is short

circuited or excited by a voltage source. 

These excitation schemes were tested for their relative merits by computer simulation of 

the BDFM model with the aid of a standard, off-the-shelf estimation routine to determine 

parameters for a variety of input signals. 

3.2 Simulation of the Estimation Scheme 

The simulation of the estimation process consists of assuming initial estimates for 

all parameters, providing an input excitation consisting of a continuous frequency 
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spectrum, and to solve Equ. 2.3 for the responses. These responses are then compared 

to those from a nominal model ( based on parameters obtained from machine geometry 

) and a better parameter estimate is obtained based on the comparison by using an 

appropriate algorithm. 

Several estimation algorithms are available with attendant advantages and 

disadvantages with respect to the problem at hand. Because of its ready availability and 

relative simplicity, the initial estimation was investigated using an error-squared cost 

function in conjunction with a Fletcher-Powell gradient algorithm for minimization of the 

cost function. The slow convergence properties of the Fletcher-Powell method were 

acceptable for the initial evaluation of the overall estimation scheme. 

The parameter-estimation calculations are based on a simple least-square 

technique, which employs an iterative procedure to minimize an error-squared cost 

function J with respect to the system parameters. In the time domain, J is defined as 

J=.CI(Y[X]-G[P,X])TQ(Y[X]-G[P,X] )dt (3.1) 

where 

X is a vector of measured inputs 

Y(X) is a vector of measured outputs 

P is the vector of parameters 

G(P,X) is the vector of model outputs 

Q is a weighting-factor matrix. 

The input vector to the model simulates the measured-input vector. In principle, 
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the elements of Q are chosen to minimize measurement "noise", based upon knowledge 

of the "noise" characteristics of the instrumentation system. Q can be a constant or a 

time-variant matrix. However, Q was chosen to be the identity matrix in simulation. 

In using frequency-domain variables, the same concepts will be used with the cost 

function defined as 

J0=Eas(Y[X(co)]-G[P,X(0))])*TQ (3.2)
(Y[X(w)] -G[P,X(w)])do) 

where 

X is the vector of measured inputs, 

Y(X) is the vector of measured outputs, 

P is the parameter vector, 

G is the vector of model outputs, and 

Q is a weighting factor matrix. 

Q can be a constant or frequency-dependent matrix. However, it was chosen as the 

identity matrix in simulation. In Chapter 6, it will be seen that the experimental 

procedure inherently uses Q(w) as a pre-filter for the measured data. Since 

Fourier-domain frequency spectra are usually complex, the conjugation of the first 

difference term results in a cost function based on the square of the magnitude of the 

difference in model and measured output spectra. 

Investigations were made of the variations of the cost functions with parameter 

values varied one at a time with all other values fixed at their reference values [Appendix 

A] for the simulations. It is recognized that the reference values are only nominal values 



26 

for simulation, and are subject to change. Both voltage-forced and current-forced models 

were investigated. Typical cost function variations for a single input with fixed amplitude 

over the given frequency range are shown in Figs. 3.1 and Fig. 3.2. The mechanical rotor 

frequency was set at 13.3 r/sec (800r/min) for both sets of curves. It appears from the 

variations in cost function for the two modes of excitation that the iterative procedure 

based upon the Fletcher-Powell algorithm will be less likely to converge to the required 

global minimum when applied to the non-monotonically varying cost functions obtained 

with voltage excitation than when applied to the parabolic cost functions obtained with 

current-source excitation. This is however not a complete picture because it ignores the 

effects of simultaneous variation of the other parameters during the iterative estimation 

process. 

3.3 Simulation Results 

The effectiveness of the Fletcher-Powell, vector-gradient method as applied to the 

estimation of the parameters contained in Equ. 2.3 was tested using the cost function of 

Equ. 3.2. The measurement vector Y in Equ. 3.2 was obtained with a set of d-q 

equations containing the reference parameter values. The parameters were then perturbed 

from the reference values and the performance of the estimation algorithm was observed 

for different combinations of input spectra ( X in Equ. 3.2 ). The minimization algorithm 

used was an unconstrained one; although it is realized that a constrainedminimization 

would be equally applicable because the parameter vector ( P in Equ. 3.2 ) lies in a 

specific range of values. 
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Sample results are shown in this section to summarize the results of extensive 

simulation work. Successful convergence to the reference parameter values was obtained 

in between 20 and 30 iterations when the current-forced model was used with a test 

excitation spectrum between 0 and 1 Hz. A summary of the test results are given in 

Tables 3.1(a), (b) and (c) for the current-forced case; and shows that the convergence of 

the estimation process to the base values is dependent upon the range of frequencies used 

in the test spectrum. Table 3.1(c) indicates that when a higher frequency range is used 

(0 < f < 10 Hz ), the parameters converge to values that do not correspond to the 

reference values of the parameters. This formation of 'local minima' is characteristic of 

non-linear minimization problems, and is not because of insufficiency of information 

available to the estimation algorithm. This result is consistent with the information shown 

in Fig. 2.3; where the most significant changes in voltage response to current input 

occurred below 3 Hz. Above 3 Hz, the frequency-dependent terms in Equ. 2.1 tend to 

dominate, making the contribution of the rotor terms to the cost function almost 

negligible. 

Tables 3.2(a) and (b) show convergence results for the voltage-forced model. It 

is seen that in the low-frequency range, similar to the current-forced case, the voltage-

forced model also yields convergence to the reference parameter values. When the 

frequency range is increased, convergence to the actual parameters is obtained in the 

voltage-forced model as is indicated by Table 3.2(b). Again, this is consistent with Fig. 

2.4, where the voltage-forced model shows a wider frequency-response. 

Although both voltage and current-forced excitations seem to yield correct 
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parameters when the excitation spectrum is restricted to a frequency range of 0-1 Hz, a 

current-source excitation spectrum of 0-1 Hz was selected for experimental work. This 

was due to the following reasons: 

1. Fig.s. 3.1 and 3.2 show that the minimum of the cost function with respect to 

the parameter M62/Rr is well-defined for current-forced excitation, but is ill-

defined for voltage-forced excitation. 

2. Fig.s. 2.3 and 2.4 show that the poles and zeros are located farther from the 

origin in case of voltage-forced excitation than in case of current-forced excitation. 

Hence, the constraint of using a limited range of frequencies to be present in the 

excitation spectrum will favor current-forced excitation. 

In the simulation results presented in this section, the amplitude of each test 

spectrum was held at a constant value over the test range of frequencies for the sake of 

simplicity. However, in the current-forced case, the range of test frequencies giving the 

best results was so narrow that a test signal with non-constant amplitude spectrum would 

give very similar results. The tests were made with q-axis and d-axis excitation, since 

it is recognized that both terms would be present in any physical data. Similar tests have 

also been done with just one of the di components present in the input spectrum; and 

results have been similar. This is expected because the d and q equivalent circuits are 

symmetric in relation to each other. 

The simulations were done on the original model of Equ. 2.2, which incorporates 

all di machine parameters in their original form. Inspection of Tables 3.1(a),(b)(c) and 

3.2(a)(b) reveal that the rotor parameters and the stator-to-rotor mutual parameters do not 
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converge to their reference values. However, the ratios listed towards the bottom of these 

Tables converge to their correct values. This result shows convergence of all the 

identifiable parameters, which is not surprising from the discussion at the begining of this 

chapter. 

If a current-source excitation of the form used for Tables 3.1(a) or (b) is used for 

estimation, it is evident that all the identifiable parameters can be obtained for a given 

width of excitation spectrum when the same spectrum is applied to both ports 

simultaneously. However, this requires the use of two synchronized converters which are 

capable of generating the desired excitation signals. Table 3.3 shows simulation results 

when one port is excited by a current-source while the other is short-circuited. The 

identifiable parameters converge well after 40 iterations, for a d-q input spectrum of 0-1 

Hz. This shows that the use of just one power-electronic converter to excite the system 

with the test signal is adequate for parameter estimation. 

The results of parameter estimation calculations can be quite dependent upon the 

initial guesses made for the parameters at the start of the estimation process. The tests 

of Tables 3.1, 3.2 and 3.3 were done with initial guesses which differed by more than 

100% from the correct values, except for the rotor time-constant which differed by 25%. 

This deviation was not an upper limit however, as is shown in Tables 3.4 and 3.5 for 

widely varying initial guesses. 
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Table 3.1(a) Convergence of parameters for BDFM with current-source 
excitation on both windings [ 0 < f < 1 Hz ] [ 23 iterations ] 

Parameter Reference Initial Final 

Value guess Value 

R6 0 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.00055 

R2 S2 0.8000 2 0.8000 

LI H 0.6000 2 0.6000 

M2 H 0.00427 0.001 0.00268 

RI. a 0.00033 0.0001 0.0001305 

L H 0.000042 0.00001 0.000017r 

m 2/R 0.002346 - 0.00236 r 

m 2/R 0.05525 - 0.05532 r
 

Lr/Rr 0.1273 - 0.127
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Table 3.1(b) Convergence of parameters for BDFM with current-source 
excitation on both windings [ 0 < f < 1.5 Hz ] [ 28 iterations ] 

Parameter Reference Initial Final 

Value guess Value 

R6 0 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.00049 

R2 C2 0.8000 2 0.8000 

L2 H 0.6000 2 0.6000 

M2 H 0.00427 0.001 0.00238 

Rr S/ 0.00033 0.0001 0.0001024 

L. H 0.000042 0.00001 0.000013 

m 2/R 0.002346 - 0.00236 r 

m22/Rr 0.05525 - 0.055 

1.1/Rr 0.1273 - 0.127 
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Table 3.1(c) Convergence of parameters for BDFM with current-source 
excitation on both windings [ 0 < f < 10 Hz ] [ 33 iterations ] 

Parameter Reference Initial Final 

Value guess Value 

R6 II 0.8000 2.0 -0.3508 

L6 H 0.0800 2.0 0.0776 

M6 H 0.00088 0.0001 0.00025 

R2 S2 0.8000 2 0.4189 

L2 H 0.6000 2 0.5830 

M2 H 0.00427 0.001 0.001236 

R SI 0.00033 0.0001 0.0000299r 

L H 0.000042 0.00001 0.0000036r 

0.002346 - 0.0020M62IRr 

M22/Rr 0.05525 - 0.0500 

L/Rr 0.1273 - 0.120 
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Table 3.2(a) Convergence of parameters for BDFM with voltage-source 
excitation on both windings [ 0 < f < 1 Hz ] [ 18 iterations ] 

Parameter	 Reference Initial Final 

Value guess Value 

R6 SI 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.00046 

R2 fi 0.8000 2 0.8000 

L2 H 0.6000 2 0.6000 

M2 H 0.00427 0.001 0.00224 

Ri. a 0.00033 0.0001 0.0000914 

L H 0.000042 0.00001 0.0000116r 

M62/Rr 0.002346 - 0.0023 

M 2/R	 0.05525 - 0.0552 r
 

LI/Rr 0.1273 - 0.127
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Table 3.2(b) Convergence of parameters for BDFM with voltage-source 
excitation on both windings [ 0 < f < 10 Hz ] [ 65 iterations ] 

Parameter	 Reference Initial Final 

Value guess Value 

R6 SI 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.00026 

R2 SI 0.8000 2 0.8000 

L2 H	 0.6000 2 0.6000 

M2 H	 0.00427 0.001 0.0012889 

R SI	 0.00033 0.0001 0.0000301r 

L H 0.000042 0.00001 0.0000038r 

M62/Rr 0.002346 - 0.0023 

M22/Rr	 0.05525 - 0.055 

Ltiltr 0.1273 - 0.126 
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Table 3.3 Convergence of parameters for BDFM with a single current-
mode excitation source and second winding short-circuited 
[ 0 < f < 1 Hz ] [ 40 iterations ] 

Parameter	 Reference Initial Final 

Value guess Value 

R6 12 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.00021 

R2 SI 0.8000 2 0.8000 

L2 H 0.6000 2 0.6000 

M2 H 0.00427 0.001 0.00102 

R SI 0.00033 0.0001 0.0000188r 

L H 0.000042 0.00001 0.0000024r 

m 2/R 0.002346 - 0.00246 r 
. . 

M22/Rr 0.05525 - 0.0553 

II/Rr 0.1273 - 0.1277 
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Table 3.4 Convergence of parameters for BDFM with current-mode 
excitation on both windings [ 0 < f < 1 Hz ] [ 30 iterations ] 

Parameter Reference Initial Final 

Value guess Value 

R6 0 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.0005154 

R2 0 0.8000 2 0.8000 

L2 H 0.6000 5 0.6000 

M2 H 0.00427 0.001 0.0025011 

Rr 0 0.00033 0.0001 0.0001132 

Lr H 0.000042 0.00005 0.00000144 

M62/Rr 0.002346 - 0.002346 

m22/RI, 0.05525 - 0.05526 

Lr/Rr 0.1273 0.127 
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Table 3.5 Convergence of parameters for BDFM with current-mode 
excitation on both windings [ 0 < f < 1 Hz ] [ 30 iterations ] 

Parameter	 Reference Initial Final 

Value guess Value 

R6 S2 0.8000 2.0 0.8000 

L6 H 0.0800 2.0 0.0800 

M6 H 0.00088 0.0001 0.000377 

R2 a 0.8000 2 0.8000 

L2 H 0.6000 5 0.6000 

M2 H 0.00427 0.001 0.0018292 

R fi 0.00033 0.0001 0.0000606r 

L H 0.000042 0.000005 0.0000077r 

M62/Rr 0.002346 - 0.002345 

M 2/R	 0.05525 - 0.05522 r
 

LI/Rr 0.1273 - 0.127
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In summary, 

1. Current-forced excitation should be used if the practical input spectrum is to be 

restricted to a small range of frequencies. 

2. Correct parameters can be obtained by using current-forced excitation	 on one 

winding with the other winding short-circuited. This requires the use of just one 

power-electronic converter for experimental work. 

3. A frequency range of 0-1 Hz is adequate for successful estimation. 
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CHAPTER 4
 
INPUT SIGNAL CHARACTERIZATION
 

4.1 Input-excitation selection 

The input to the BDFM under normal operation is a 3-phase (a-b-c) signal. In 

chapter 3, simulation results were shown with a d-q input signal having a constant 

frequency spectrum from zero to 1 Hz or zero to 10 Hz. In order to match experimental 

conditions with the simulated tests, it is necessary to generate an a-b-c input whose 

spectrum is such that the corresponding d-q spectrum is constant. This would require a 

time-domain modulation of the form Sin(x)/x. Fortunately, the d-q spectrum need not be 

constant over the frequency range. Note that the constant spectrum used in the 

simulations was just a convenient choice for initial testing of the estimation algorithm. 

The magnetic operating point in the BDFM, as in conventional induction 

machines, is established by sinusoidal excitation of the stator windings. Therefore, the 

small-signal parameters of the linearized model need to be determined with an appropriate 

level of sinusoidal excitation applied. This form of excitation means that parameter 

estimation in the frequency domain will be much simpler than estimation in the time-

domain. Based on the results from simulation, the test signal which forms the input to 

the abc phase windings has to contain a continuous, narrow-band spectrum of frequencies. 

Amplitude-modulation has been chosen to create the test signal spectrum, because it can 

be treated as the direct super-position of signals. 

Let the modulated set of three-phase currents or voltages applied to either winding 
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be given by 

iaw(t) = Itncos(coct)[ 1 + f(t)] 

ibw(t) = lincos(cuct-120[1 + f(t)] (4.1) 

icw(t) = Inicos(okt-240°)[1 + f(t)]; 

where f(t) is the modulating test signal and w identifies the power or control winding. 

Application of the d-q transformation with a fixed, physical rotor velocity of cur rad/s, 

yields modulated d-q signals of the form given by [9] 

iqw(t) = K Im[ 1 + f(t)] cos(uk - pcodt 

idW(t) = -K kJ 1 + f(t)] sin(ok - pcodt (4.2) 

iow(t) = 0 

where K is a scale factor for the d-q transformation. The Fourier transformation of the 

d-q equations yields 

Iqw(D) = (K/2) I.{ F(ok - pcor - w) + F(ok - pcor + co) 

+ 27r [ 8(ok - pcor - o)) + 8(ok pcor + o)) ] } 

(4.3) 

Idw(co) = - (K/2) U { F(w) - pat, - co) - F(ok - rico, + co) 

+ 23r [ 8(ok - pcor - w) - 8(ok - pcor + co) ] } 

low(w) = 0; 

where F(w) is the Fourier Transform of f(t) and p is the number of pole-pairs of the 

excited winding. Any required di spectrum can be realized by a suitable choice of co, 

cor and F(w). A time-domain, triangular pulse of 0.8 sec. duration is adequate to give a 

spectral width of 2.5 Hz for the frequency-domain procedure. A triangular pulse is 

useful, because its spectral energy is concentrated in the main-lobe with relatively small 
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side-lobes as shown in Fig. 4.1, which is scaled to the actual experimental waveform by 

a suitable choice of 'a'. 

(a) f(t);	 (b) F(co) 

Fig. 4.1 Proposed Modulation function 

In chapter 3, it was found that a frequency range of 0-1 Hz in the di domain is 

adequate for estimation purposes. The width of the triangular input modulation in the abc 

domain is chosen such that, after the di conversion, the half-width of the main lobe of 

its Fourier spectrum is 1 Hz (a=1 sec). The half-width here denotes exactly a half of the 

width of the main lobe and is not to be confused with the half-power band width point. 

The half-width should be 1 Hz because only positive frequencies are used in the 

estimation process. In general, the frequency range required for optimum estimation 

depends on the pole-zero locations for a linear model. It also depends on the estimation 
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algorithm employed. A large frequency range is not necessarily better for an iterative 

estimation algorithm, contrary to intuition, because it gives uneven weighting to the 

various parameters of the cost function. Also, a large frequency range is not desired in 

practice because of un-modelled frequency-dependent effects such as skin effect and iron 

losses and because of the difficulty of using a short modulation pulse. However, the 

frequency range should be large enough to be able to capture the main characteristics of 

all the poles and zeros of the model, because of limited signal accuracies that are 

achievable in practice. Once the frequency range is selected, the number of frequency-

points chosen (frequency resolution) for the actual estimation process must be sufficiently 

high in order to correctly obtain the integral as defined in equ. 3.1. 

4.2 Correspondence of input frequency-range to the pole-zero BDFM model 

For the case with one winding excited and the other winding open, the appropriate 

transfer functions can be readily derived. As an example, with the 6-pole power winding 

excited by a current source, and the 2-pole control winding open, 

V S 2 K6r 
r6 + S L6 - (4.4)

I + S 
<16 

The pole is located at - lit, and it can be shown that the zeros are located at 

-(ti6 + "Cr ) + (ti6 + )2 4 ( Ki ) (4.5) 
2 ( T6 "Cr K1 ) 

where 
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L6 L M62 M62 
T6 = K = K6, = (4.6)

tR6 Tr R, Rr R6 R, 

For the nominal parameters which were used as the reference values for simulation [App. 

AL K1 « T6(;) and the zeros and poles are located in the neighborhood of 10 rad/s. 

Hence, a frequency range of 0-1 Hz. comes close to encompassing all the zeros and poles 

of the model. 

For the case with one winding excited by a current source and the other winding 

short-circuited, the corresponding transfer functions are more involved to deduce. 

However, it has been seen from simulation that the frequency range required in this case 

is not a simple function of the stator and rotor time constants. 

The input-modulation function of Fig. 4.1 has a Fourier spectrum that varies with 

frequency, unlike the one which was used in the simulations of Chapter 3, which had a 

constant frequency spectrum. Though simulation results indicate that a constant amplitude 

is sufficient to estimate the parameters, it has also been seen in simulation that the Fourier 

transform of a triangular waveform which weighs the higher frequency-components to a 

lesser degree, has an added advantage over a constant spectrum. This is because, in this 

case, the cost-function does not give an excessive weightage to its frequency-dependent 

components. 

In order to show the superiority of the spectrum of Fig. 4.1 over that of a constant 

spectrum, let a system be represented by a first-order model as 
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V( j w ) = (R+jwL)I(j(0) (4.7) 
( 1 + j co t ) 

where I(jw) is a real input for sake of simplicity, and V(jw) is the response spectrum. R 

and L are the resistance and inductance of the model to be estimated, and t is assumed 

to be given. Let the cost function be defined as 

J = .1( V, Vie )2 + ( Vi Vie )2 dw (4.8) 

where Vr and Vi are the real and imaginary components of V (jw). It can be shown that 

the derivatives of the cost function with respect to the parameters R and L are given as 

aJ w 't I( j o ) ) do= f ( A( j w ) I( i 6 ) + B( j w (4.9)
aR 1 + (02 1 + w2 ,T2 

al i(iw)cco2= f( A( j w ) +B(;(0) (1)10w) )dw (4.10)Y., 1 + (02 T2 1 + (02 T2 

where 

A( j w ) = 2 ( R + 6)2 L2 I( j w ) - V: ) (4.11) 
1 + (02 T2 

and 

B( j w ) = 2 ( w(L-TR)I(j Vi' ) (4.12)
1 + (02 t2 

One way to maintain sensitivities of the cost function to resistance and inductance in the 

same order of magnitude is to choose I(jw) such that the ratio S is close to unity. S is 

defined for a frequency range of zero to 1 Hz as 
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f21c 0)2 I( i 0) ) dco
S= (4.13) 

f21c I( j 0) ) d0) 

This ratio is shown for three sample input patterns in Fig. 4.2(a), (b) and (c). The input 

pattern of Fig. 4.2(b) has a S closest to unity and therefore is expected to have faster 

convergence properties for gradient-search-type algorithms. This is borne out in 

simulation, as table 4.1 suggests, where the convergence rate has improved by 28 % when 

an input frequency spectrum similar to that in Fig. 4.2(b) is used in place of a constant 

frequency spectrum (Fig. 4.2(a)). Fig 4.2(c) has the highest value of S, and is 

subsequently reflected in Table 4.1 as requiring the largest number of iterations for 

convergence of the estimation algorithm to the reference parameter values. 
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Table 4.1 Comparison of the number of iterations required for different input shapes, to 
achieve successful convergence with current-source excitation on both windings.
[ 0 < f < 1 Hz ] 

Constant Input Frequency input which Frequency input which 

Frequency Spectrum is transform of triangle, is transform of triangle, 

spectrum centered at 0 Hz spectrum centered at 1 Hz 

(a=1 sec) (a=1 sec) 

7 5 14 

= 
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CHAPTER 5
 
FREQUENCY-DOMAIN ANALYSIS OF THE ESTIMATION PROCESS
 

5.1 Comparison with Induction Machine Model 

The BDFM model is under-determined with respect to its parameters because of 

un-measurable rotor currents, as was shown from the parameterized model introduced in 

chapter 2. It was shown that the only parameters that can conceivably be estimated are 

the stator resistances R6 and R2, and the sum of leakage and magnetizing components for 

the two windings L6 and L2. The leakage inductances cannot be individually determined 

in the model. It was also shown that it is possible to estimate the ratios L1JRr M62/Rr 

and M22/Rr The actual effective rotor impedance cannot be evaluated for such a model, 

which is further investigated in this section. 

It is instructive to look at an induction machine equivalent circuit to understand 

further the estimation process. Fig. 5.1 shows the q-axis equivalent circuit for a referred-

version of the induction machine. The transfer function from the q-axis current to the q-

axis voltage for this circuit in the rotor reference frame (with cor = 0 and current-source 

excitation) is 

Vui S 2 [ Lsti Lrast2 ] + s [ L. + Rsti ] + R. 
(5.1)

Iq s 1 + S Ti 

where 

Ls = Lms + Lis;
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Ti = (Lri + Lms)/Rr; 

t2 = Lms/Rr. 

L k (")1°(11 Rr 
ill 4 IS 

Vqs 
MEP 

.111 

AMP 
I V 

Fig. 5.1 q-axis equivalent circuit for an induction machine. 

From Equ. 5.1, it can be shown that, even for a referred model of an induction 

machine, only the quantities Rs, (Lis + Lms), Lms2/Rr and (Lri + Lrm)/Rr can be 

evaluated from stator measurements. This is a restriction of the model, and not of the 

estimation scheme employed. It should also be noted that these observable quantities are 

sufficient to describe the terminal characteristics of the machine completely. The transfer 

function for the dq BDFM model at standstill and with single-sided, current-source 

excitation [Fig. 2.2], is exactly the same as Equ. 5.1, if Lins2/Rr is replaced by M62/Rr. 
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5.2 Effect of rotor speed 

In the preceding analysis, the rotor speed was taken to be zero. For current-input, 

the rotor speed affects only the cross-transfer (off-diagonal) functions in the d-q domain. 

In fact, the transfer function Vq6 / 1(16 for the BDFM model can be derived from Equ. 2.2 

or 2.3 as 

Vg 6( s ) 3 *03r (5.2)
[ 1 + s ( + -6-r ) ]

I4 6( s ) 146 ( 1 + Tr ) r L6 

where K6r = M62/Rr. It can be seen that this transfer function does not yield any further 

parameters as compared to its direct transfer-function counterpart Vq6(s)/lq6(s), which 

was discussed in the previous section. The value of cur is seen to affect the DC gain of 

the cross-transfer function, and thus influences its weighting in relation to all the transfer 

functions present in the model. Apart from the advantage of using all possible 

information from a given set of measurements, the cross-transfer function can be 

beneficial when the direct transfer function has a near pole-zero cancellation. This is 

because the zero location of the cross-transfer function differs from that of the direct-

transfer function. For example, in the BDFM model with nominal parameters as in 

Appendix A, the zero of Vq6(s)/Id6(s) is at 

s = - 1 

(5.3) 
1; 

which is around 6 rad/s. This is as opposed to 10 rad/s for the direct transfer zeros. 
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5.3 Selection of frequency-spectrum of the input signal 

The frequency range should sufficiently cover the main characteristics of the 

transfer function response. However, selection of a large frequency range may result in 

non-convergence of the estimation algorithm, because the sensitivities of the non-quadratic 

cost function to the various parameters may be of different orders of magnitude. Thus, 

there is an optimum frequency range that must be used for estimation. This section 

attempts to quantify this effect. 

The results used in this section are based on the contraction mapping theorem. 

The main theorems and corollaries used here are outlined in Appendix B. 

5.3.1 Descent Search 

Let a system be modelled by a first order transfer function as 

Z( s ) = 1 
(5.4)

1 + s 't 

where t is the time-constant to be estimated. Let the frequency-domain cost function be 

J =I :' [ 1 
A 12 (5.5)i 1 +0 T2 

where A* is the actual or measured transfer function. A simple descent algorithm to 

estimate 't in an iterative manner is 
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(5.6)tn = to-1 K P(Tn-1) = g(t) 

where K is a positive constant(K > 0) and is chosen appropriately to maintain stability 

of the algorithm. Equ. 5.6 will converge globally to a stationary point [Appendix B, 

Theorem 3], if 

1g I(T)1 = 11 K Jll (c) 1 < 1 , for all T. (5.7) 

It should be noted that local convergence also requires criterion 5.7 to be satisfied for 

some T [Appendix B]. Now, for the model of Equ. 5.4, 

.1/(t) = -2 f 0)2 [ I Al T 
dco (5.8) 

ill + (o21.2 (1 + 03212)4 

and 

1 -2 T20)2 T2w2 ,..J" ('c) = -2 f 0)2 [( 1 AS) ( (5.9)W, ) ]dw 
1 (1 + cort2)7 (1 + 0'1)3J+ coT2 

Let B1, B2, B3 and C be defined as 

= 1 A .B1 (5.10) 

2 T2co2-1B2 = 
5 (5.11) 

(1 + (02T2)7 
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03..2 2 

B3 (5.12)
4. w2t2)3 

C(0)) = B1B2 + B3 (5.13) 

Then, the sufficiency criterion of Equ. 5.7 reduces to the following necessary conditions. 

y= f'w2C(co)do) >0 (5.14) 

2(y)(K) < 2 (5.15) 

The transfer function of Equ. 5.4 is a function of On, and, therefore, it is 

convenient to analyze the conditions given by Equ.s. 5.14 and 5.15 for different ranges 

of COT. This will provide ideas on the selection of col and oh, which are the boundaries 

of the frequency range chosen. 

Case I: Let I COT I » 1. 

Bi, B3 -4 0 = g i(t) --+ 1 (5.16) 

The sequence does not converge. 

Case II. Let I On 1 

In this range of COT, 

B2 -4 1 
, B3 -4 1 

(5.17)
8Lill 
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g i(t) > 1 2 K f °)1 co' [ B1 + 1] do.) (5.18) 
co, 4/1 8 

B 
1 can vary from -0.3 to 0.7 for the chosen COT, irrespective of the actual estimate of T. 

Hence, 

B1 > ( 0.3 , 0.7 ) (5.19) 

When B1 = 0.3, (5.20) 

g 'CO = 1 - 0.048 K ( (032 d ) (5.21) 

Since 10.01 < 1, (5.22) 

0.048 K ( co2 di ) < 2 (5.23) 

Similarly, if B1 = 0.7, (5.24) 

0.1658 K ( 0;2 di ) < 2 (5.25) 

cut, ah and K are to be chosen to ensure convergence by the preceding equations. Also, 
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0)1 and 0)2 have to satisfy the condition that an = 1 atleast for a given range of T. 

However, this is an unrealistic case; because it is not possible, in general, to choose col 

or (02 such that on - 1 for a multiple pole system. 

Case HEL Let 0 < I on I < 1 ± 8 

This case is interesting because we have to choose only 032 such that the convergence 

criteria of Equ.s. 5.14 and 5.15 are satisfied. 

The functions B2 and B3 are plotted as a function of COT in Fig. 5.2. For Equ. 5.14 

to hold, it is desirable to have C(w) = B1(B2) + B3 as positive as possible. From this 

viewpoint, since B3 is always positive, the value of B1 which yields the most negative 

B1(B2) is when B1 is positive for COT < 0.7, and B1 is negative for cot > 0.7. Also, the 

maximum magnitude of B1 is restricted to 1 by the choice of w1 and 032. This situation 

is depicted in Fig. 5.3, from which it is evident that 5 0)2 C(w) do) will never be positive 

in order to satisfy Equ. 5.14. We are considering only the positive range for cot for the 

worst-case conditions because of the symmetry of the functions involved. 

As was mentioned before, the worst-case values for B1, from the convergence 

viewpoint, are 

B1= i , COT < 0.7 

B1 = -1 , on > 0.7 

It was shown that the convergence criteria will not be met in such a case for any choice 

of co. However, it is seen that in a realistic case, if B1 = 1 for < 0.7, B1 will alsoI COT I 

be 1 for slightly larger I COT I too. In this case ( Fig. 5.3 ), B1 (B2) ..-=. B2. 

It can be shown that 
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w2 B2( co ) = Al +A2 (5.26) 

where 

A, = 2 sin 0 1 
sin3 0 (5.27) 

T3 

and 

1A2= -[ In ( 1 + sin 0 ) - In ( 1 sin 0 ) ] (5.28) 
T3 

It can also be shown that 

.10 (02 1 sin ( 4 0 ) sin ( 2 0 ) 30] (5.29) 
'C3 32 4 8 

where © is defined as 

0 = tan' (cot) (5.30) 

The two integrals of Equ.s. 5.26 and 5.29 are each multiplied by T3 to yield P,(wt) and 

P2(0n) respectively. The sum of these, P(ort), is shown in Fig. 5.4. It is seen that P is 

positive only for a choice of I an I > 0.8. It is clear that oi2 cannot be chosen in order 

to make P positive for all values of T. Since P = T3 y, with y as defined in Equ. 5.14, the 

algorithm of Equ. 5.6 will not converge globally from every initial value. However, the 

algorithm can be made to converge in a restricted sense, as is described in the next 

section. 

It can be concluded from Fig. 5.4 that a choice of COIC > 0.8 will satisfy Equ. 5.14 

for convergence This means that co2 should be chosen such that co2T,i, > 0.8. Let the 
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model be such that its time constants are in the range t,;,, < t < to... Let T,1,, be equal 

to 0.1 and ;nu be equal to 5 for illustration, and let oh be chosen such that ohtmi, = 1. 

The subsequent range for cot is 1 < COT < 50. Fig. 5.5 shows the maximum positive value 

for P(on) as 7 in this range. 

Now, Equ. 5.7 will be satisfied if K and a (required for local convergence) are 

chosen such that 

I 1 - 2 (K)( y)I < a < 1. 

This implies that 
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Fig. 5.5 Maximum positive value for P(on) for 1 < we <50, for local convergence of 
estimation algorithm. 

1 14000 K < a < 1 (5.31) 

The value of a decides the convergence radius and speed of the algorithm. 

The second local convergence criterion of Appendix B.4 also requires that 

K Inr.0)1 < (1-a) e, where e is the radius of convergence for t and to is the 

center of the region being considered. It can be shown that the maximum value for 

Into)I is 
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fp), 2 col t 
(5.32) 

1 + 0.12T24. 

which evaluates to 

2 In ( 1 + sin 0 ) In ( 1 sin 0 )_.,[ sin 0 + ] (5.33) 
T2 2 

The maximum value of T2 Into) I, denoted as W(wt), is 6 from Fig. 5.6 at the center of 

the chosen domain of T. Hence, the second condition necessary to be satisfied for local 

convergence becomes approximately 

K < (1-a) E. 

K was chosen in Equ. 5.31 such that 0 < 14000 K < 1, and therefore, 

( 1 a) E > (5.34)1 
14000 

Since e is close to 2.5 in this example, an a can readily be chosen that satisfies Equ.s. 

5.31 and 5.34. The variations of the quantities t2 r(t) and t3 y with respect to Ort are 

such that a similar analysis yields a much larger convergence radius ( E ) for the iterative 

algorithm by an appropriate selection of K and a. 

In conclusion, it is shown that an appropriate choice of 0), 0 < 04) < cat, based on 

tn,i, will ensure convergence of the algorithm of Equ. 5.6 so long as the initial estimate 

for the time constant is in the interval (tip , emu ). 

The analysis of the estimation process for a model with 

multiple poles has not been done. 
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Fig. 5.6 Maximum positive value of W(on), for local convergence of estimation 
algorithm. 

5.3.2 Newton Algorithm 

It is possible to derive results similar to those in Sect. 5.3.1 for other minimization 

or estimation algorithms. As a further example, consider the basic Newton algorithm 

given as 

(5.35)to = to-1 Til 
w "n-li 

It can be shown, using the contraction mapping theorem of Appendix B.3, that the above 
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algorithm will converge to a stationary point if 

j,,,,, jiff (t) 
101 = I ' 1// (.0]2" I < 1 (5.36) 

For the model and cost function given by Equ.s. 5.4 and 5.5, 

C1 C2 
(5.37) 

C32 

where 

C1 = f wi (02 [ 1 - A'] 1 
do)

3 (5.38) 
%/ 1 + 0)2 T2 [1 0)2 T2 11 

oi T2 - 3 ]1 [2 (02 C2C2 = fwb4 ([ A'] 1] )do)
 

I/ 1 4. 0)2 t2 7 [ 1 + (02 T2 r

[1 + 0)2 T2 ci 

1 [ 1 - 2 0 ) 2 T2 ] [w2C3 = f°'0)2 ([ - A 1 T2 ] )d(0 (5.40)5 [ 1 + 0)2 T2 ]3V 1 + CO2 T2 [1 + 0)2 e ]7 

If the initial values are close to the stationary point, 3 ..-- 0, and the sequence converges. 

Consider the case when On < 0.7, as an extension from the previous section. For an 

approximate, worst-case analysis, the integrals are initially removed, and re-introduced 

only at the end of the analysis, making use of the identity 
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If, ( x ) dx 
< if' ( x ) dx (5.41) 

ff2 ( x ) dx f2 ( x ) 

()2 T2C3 [ 1 - 2 T2 CO2]
 

Cl [ 1 + (02 T2 ] 3
 
1 (5.42)

[ - A *1 [ 1 + co2 T2 ri 

ill + oi T2 

C3 [1 - 2 T2 0)21 [ 1 +o2 T2] T2 [ 11 1 + 0)2 T2 1 

C2 0)2 [ 2 CO2 T2 3 ] 1 (5.43) 
[111 A'] [2 (.02 e 3] 

+ ou2 T2 

Assuming that 

1 - A is negative, (5.43)l 1 + (02 e 

( a similar analysis can be done for the positive case ) 

C 1 
I-2ci INN = 0 + (5.44) 

3.0 ii 

(5.45)
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C CIC, 1 20.1 
= 

C32 C32 
(02 

T2 (5.46) 
I c c2 I MAX 

60.4 t2 
113.1 = < 1 for convergence. (5.47)

T2 0
 

Equ.s. 5.47 and the constraint that COT < 0.7 fix the values of col and the maximum 

allowable 'I for convergence. Again, the radius of convergence has to be determined 

from the local convergence criterion. It should be noted that this analysis is very 

approximate and is presented here only to give a pointer to a possible numerical solution 

for obtaining convergence criterions for various algorithms under more realistic 

conditions. 

5.4 Choice of Estimation Algorithm 

The choice of an efficient estimation algorithm is an entire subject in itself [26], 

and in this work, only the conjugate-gradient and Newton-type algorithms have been 

considered. The conjugate methods based on Fletcher-Powell, et al, have a distinct 

advantage over Newton-type algorithms in that in their idealized forms, they possess 

negative descent, orthogonal gradient and conjugacy properties [26]. These properties 

ensure global convergence to a stationary point. The Newton-type algorithms are 

however more dependent on initial conditions. This has also been observed in simulation. 
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A Newton-type algorithm is discussed further in chapter 8. 

The idealized Fletcher-Powell algorithm chosen for the estimation process is a 

line-search method, the basic structure of the kth iteration being given by [26] 

1. Determine a search direction s(k), 

2. Find a(k) to minimize f(x(k)+as(k)) w.r.t.a, 

3. Set x(k+1) = x(k) + aa`)s(k). 

The search direction is determined as 

= _g(1) 

and for k >= 1, 

s(k+1) is a linear combination of -g(1" and the previous search directions s(1)...&, 

such that s(k+1) is conjugate to s(I)...s(k). The conjugacy of a set of vectors 0)...s(i) is 

defined as 

s(i) T G s(i) = 0 for every i j, where G is the Hessian ( second derivative ) matrix. 

It can be seen that this algorithm combines the gradient-search and the orthogonal 

projection methods of optimization theory. 

5.5 Summary 

An induction machine model is used to further clarify the identifiability issues 

regarding the BDFM model parameters, which was discussed earlier in chapter 2. The 

effect of rotor speed on the estimation process is studied; and suggests that the estimation 

algorithm may perform better at some rotor speeds than others. Finally, an attempt is 

made to provide a theoretical basis for the selection of an appropriate excitation 
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frequency-range necessary for successful estimation. The analysis is based on the pole-

zero model of the machine. It shows the need for a numerical scheme that will find the 

appropriate frequency-range for exciting any BDFM system, given a nominal pole-zero 

distribution of its model. 
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CHAPTER 6 
EXPERIMENTAL PROCEDURE FOR BDFM PARAMETER ESTIMATION 

The parameter estimation problem for the BDFM has been studied with respect 

to the d-q model of the machine. The actual measurements made on the prototype 

machine are, however, with respect to the physical a, b and c phases that define the 

electrical 3-phase system. Hence, there is a need to convert the measured quantities into 

the d-q domain, after appropriate signal processing; so that the analysis presented in the 

preceding chapters can be applied directly to parameter estimation from experimental data. 

The off-line parameter estimation scheme is to be restricted to the electrical 

parameters of the machine. The mechanical parameters will be eliminated from 

consideration by using an adjustable-speed drive to maintain constant rotor speed. The 

considerations involved in this process were discussed in chapter 2. 

A block diagram of the elements of a practical estimation procedure is given in 

Fig. 6.1. The entire procedure can be broadly divided into four groups of functions: (1) 

data acquisition from the physical machine; (2) processing of the signal samples to 

remove high-frequency noise and harmonics and to separate the remaining components 

producing line and continuous spectra; (3) to convert the remaining signals to the di 

domain and then to the fourier domain; (4) to carry out the estimation calculations by 

comparing the response of the system to that predicted by the model. 
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6.1 Data Acquisition 

A commercial sixteen-channel data acquisition system consisting of both hardware 

and software and capable of providing a sampling rate of 100 kHz was used to acquire 

twelve signals at a maximum rate of about 8000 samples per second per signal. The 

system (sampling time of 125 ps per channel) provides the necessary data with 12-bit 

resolution for excitation frequencies at or below 60 Hz and has relatively modest cost. 

The non-linearity of the model is reduced and the mechanical dynamics of the machine 

are eliminated by holding the rotor shaft speed essentially constant by means of a 

regulated, variable-speed drive connected to the BDFM shaft. The rotor speed control is 

also necessary to fix the frequency shift introduced by the d-q transformation, as was 

discussed in Chapter 4. 

The input signal was generated in the laboratory by a series-resonant converter 

operating as a current source. The converter current amplitude can be controlled remotely 

by the user, and is set by supplying a dc signal to the amplitude reference of the 

converter. The desired modulation signal, as defined in Chapter 4, can be obtained by 

superimposing a triangular pulse of the required duration on the dc amplitude reference. 

The desired frequency is obtained by remotely supplying a dc signal to the frequency 

reference of the converter. 

The triangular pulse was generated by a Data Royal Corporation F220 A 

Waveform/Tone Burst Generator, and can also be generated easily using a commercial 

chip. The circuit used to trigger the data acquisition cycle and the waveform generator, 

after a time-delay, is shown in Fig. 6.2. The circuit that controls the converter amplitude 
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and frequency references is shown in Fig. 6.3a and Fig 6.3b respectively. 

Fig. 6.2 Triggering circuits for data-acquisition and modulation generation 

The data acquisition cycle is started by collecting a number of cycles of the base 

sinusoidal signal before the modulation signal is applied. Following the end of the 

modulation, the data acquisition is stopped after a number of cycles of the sinusoidal 

steady-state signal has again been captured. The number of cycles for the base sinusoid 

is selected to span the same time-period as that of the modulation signal. 

6.2 Signal processing 

Because of the noise introduced by the converter and the structure of the BDFM 

as shown in Fig. 6.4, the signals are passed through a digital band-pass filter with a 4 Hz 
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Fig. 6.3(a) Converter amplitude-reference control circuitry 

Fig. 6.3(b) Converter frequency-reference control circuitry 
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pass-band centered on the carrier frequency provided by the converter. This isolates the 

carrier, along with the desired modulation which is used in the estimation process, from 

the unwanted frequency components. 

The use of a conventional, digital, Butterworth, band-pass filter gives a sufficiently 

accurate magnitude response, but introduces a non-linearity in the phase response. The 
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Fig. 6.4 Sampled current input to the 6-pole winding 

narrow bandwidth of the desired filter makes it imperative to account for phase-shifts 

introduced by the filter. For off -line estimation, it is convenient to build a digital filter 

which introduces no phase-shift ( Appendix C ). The filter bandwidth is chosen such that 
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it spans the dominant frequencies present in the input spectrum. This greatly reduces 

transients during the application of the modulation signal on the filter output, which may 

otherwise have had to be treated. If the filter has a magnitude response of unity, and a 

phase response of zero, it does not affect the actual (measured) input and output spectra 

in the system. Hence, the filtered signals can be considered the same as the actual signals 

lying in the pass-band frequencies of the filter. The filter designed for this purpose makes 

use of a digital, fourth-order Butterworth bandpass filter, but the processing of the data 

is done in a manner to ensure zero-phase shift, as described in Appendix C. The 

frequency response of the filter is shown in Fig. 6.5. 

1.20 

1.00 

1 0.80 
a 

0.60 

10.40 

0.20 

0.00 

1 .007 

-I .006 

-I .005 1 

Magnitude 
-I .004 1 

-1 .003 1 

Phase -1 .002 .11 

_ .001 

1r 

35 36 3'7 30 39 40 41 42 4:3 44 45 
.000 

Frequency 1117.1 

Fig. 6.5 Frequency response of a fourth order, Butterworth-type, zero-phase digital filter 



75 

The finite set of samples of the acquired carrier signal introduces spurious spectral 

components when the Fourier transformation is directly applied to it. These components 

lie on either side of the carrier and add to the modulation signal. Therefore, for accurate 

estimation, the spectrum of the carrier signal has to be completely removed, either by 

removing the carrier signal from the time-domain data or by manipulating the composite 

transforms. The voltage waveforms generated in the prototype machine with current-

source excitation are not exactly sinusoidal, because of additional frequency components 

that are caused by un-modelled harmonic components in the machine such as slot ripple. 

This is shown in Fig. 6.6. Because of the non-ideal carrier waveform generated in the 

laboratory, carrier removal in the time-domain has been found to be the most practical. 

The separation of the carrier signal from the applied modulation signal is 

complicated by the presence of additional undesired modulation in the carrier itself, and 

by small variations in amplitude and frequency of the carrier signal, as shown earlier in 

Fig. 6.4. The amplitude, frequency and phase of the base, sinusoidal component of the 

carrier are established by sampling the "noisy" carrier for at least one second before and 

after the desired modulation pulse is applied. Compensation for the small, periodic 

variations in converter frequency and amplitude in the absence of the applied modulation 

can be most easily done by performing a frequency-domain estimation of the effective 

carrier signal; because the eventual estimation of the model parameters itself is to be done 

in the frequency-domain. It can be shown that for a sinusoidal signal of finite width 

given as 
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Fig. 6.6 Voltage response of the BDFM, showing extraneous frequency components 
[ Low-slip, 2-Pole Voltage; see Table 7.2; scale x30 ] 

f( t ) = A sin( o.). t + $ ) [ u( t ) - u( t - 2 T ) ] (6.1) 

the Fourier Transform is 

F( w ) = F1( w ) + F2( o) ) (6.2) 

where 

Fi( o.) ) = A [ ( a + b ) cos(o) T) sin(wc T + 0) 
(6.3)

+ ( b a ) sin(o) T) cos(o), T + 0) [ 

and 
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F2( co)=j[(b -a) cos(w T) cos(coc T +4) ) 
(6.4)

( a + b ) sin(o) T) sin(wc T + 4) ) ] 

a and b are defined as 

sin( ( co coc ) T )a= (6.5) 
CO 0.)c 

and 

sin( ( CD + O)c ) T )b= (6.6) 

Now, 

IF( w )1 = A I/ a2 + b2 -2a b cos( 2 ( co. T + 4) ) ) (6.7) 

and, 

A (a-b) 5 IF(w) 15 A (a+b) 

Fig. 6.7 shows the variation of a and b with respect to frequency. It is seen from Fig. 6.7 

that if w = wk, b « a at most frequency points, and, consequently, at most frequency 

points, 

A (a) 5 IF(w) I 5 A (a) 

IF(w) I a A (a) 

Since 'a' depends only on the frequency co, the frequency-domain magnitude response of 

the carrier signal will yield accurate values of amplitude and frequency when a simple 

gradient search is applied to the error-squared cost function. Once the magnitude and 

frequency are known, the phase can be determined from either the real or imaginary parts 
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Fig 6.7 Variation of 'a' and 'b' with frequency, which shows that a >> b. 
[ T = 2 s; fc = 5 Hz ] 

of the transformed data, as given in Equ. 6.2. This extraction process has the advantage 

of avoiding local convergence problems that arise if an attempt is made to determine 

magnitude, frequency and phase of the carrier simultaneously. 

Once the 'least-square fit' carrier signal is determined for each channel 

independently, it can be readily subtracted from the composite signal for the respective 

channel, which contains both the carrier and the modulation signals. The resulting signal 

for each channel is converted into the Fourier domain to be used in the actual estimation 

process. 
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Because the estimation is to be done off-line, it has been decided to bypass some 

of the limitations of the Fast Fourier Transform algorithms; e.g., modifications necessary 

to account for a non-periodic signal, by evaluating the transform integral directly. The 

carrier extraction procedure and the use of a conventional Fourier Transform has resulted 

in a satisfactory set of spectra to be used in the estimation process. 

6.3 Estimation process 

The frequency-domain cost function which is minimized in the estimation process 

is 

J.=f(Y IX(w) ] - G[ P, X(w) ] ) Q [ ( Y[ X(w) ] G[ P, X(m) ] dw (6.8) 

where 

X is the vector of measured inputs, 

Y(X) is the vector of measured outputs, 

P is the parameter vector, 

G is the vector of model outputs, and 

Q is a diagonal weighting factor matrix. 

The cost function forms a weighted, least-squares, output-error criterion. The error 

in spectra is found by taking the square of the magnitude of the difference in the complex 

values of the spectra at each frequency. The weighting matrix is chosen as the identity 

matrix for preliminary experimental work. 

The reduced set of equations that form the frequency-domain model for the 
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BDFM, shown in Equ. 2.3 in the d-q domain, was used in calculating the model spectrum 

for comparison with the measured output spectrum of the machine. A Fletcher-Powell 

gradient-search algorithm, as outlined in Chapter 5, was used for the minimization 

process. 

6.4 Generation of d-q signals from measured a-b-c signals 

The acquired a-b-c signals are first filtered, as was discussed earlier in this 

chapter. The carrier, which is the base sinusoidal signal, is then extracted from the 

composite signal that consists of both the carrier and the modulation signals, for each of 

the phase currents and line to line voltages. The resulting signals have to be converted 

to the d-q domain to be used for estimating the d-q model parameters. The a-b-c phase 

voltages and currents are converted into the di domain by using the power-invariant, 3

phase to 2-phase transformation [22,28] given as 

Vqdo = [ PI ] Vac, 

where Vgdo is the set of voltages expressed in the di rotating frame, V,b, is the set of a, 

b and c phase voltages, and Or is the rotor electrical angle in radians. 

cos(0,) cos(0,-120°) cos(91 +120°) 

sin(13,) sin(9,--120°) sin(Ek+120°) (6.9)[PI] 
1 1 1 

Also, 

The di equations for the BDFM model have been derived with respect to phase 
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[ PI ]-` = [ pi 1T (6.10) 

voltages and currents. In the star-arrangement of windings in the BDFM prototype, the 

phase currents are the same as the measured line currents. However, the measured line 

voltages are different from their phase counterparts. These, then, need to be either 

converted to phase measurements, or alternatively, the d-q converted line measurements 

need to be related to the di equivalent for the corresponding phase measurements. Either 

approach leads to the same solution. 

Let the d-q transformation which is applied to a set of voltages or currents [V] be 

represented as WW1). Then, the di transformation of a set of line voltages can be 

expressed as 

Va Vs Vb 
DQ ( [ V1_1 ] ) = [ P1 ] Vb I I= [ Vb [ Vc (6.11)

PI ] P1 ] 
Va Vc Va 

1 

or 

Va 

DQ ( [ Vi_i ] ) = [ M1.4 ] [ Vb (6.12) 

Vc 

where for balanced phase voltages, M1.1 can be derived as 

cos(0,.-30°) cos(0,-150°) cos(0,.+90°) 

1 2 sin(0,-30°) sin(Or-150°) sin(Or+90°) (6.13)
[ M1-1 i = 7 15 

1 1 1 

if 
Since 
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Va 

DQ ( [ Vi_i ] ) = [ M1_1 ] Vb (6.14) 

Vc 

and 

v. 
DQ ( [ Vi_u ] ) = [ PI ] [ Vb (6.15) 

Vc 

it follows that 

DQ ( [ Vi_e ] ) = [ Pr ] [ Mi_i ] -1 DQ ( [ Vi_i ] ) (6.16) 

Equ. 6.16 relates the desired d-q transformation of phase voltages, to the d-q 

transformation of the measured line voltages. If the assumption of balanced phase 

voltages is not to be made, the conversion of line to phase components is an involved 

process, and will have to be done using symmetrical component theory for each frequency 

component present in the signal [28]. 

6.5 Measurement of rotor angle for d-q transformation 

The rotor speed is maintained constant during the experimental process. Hence 

the rotor angle is obtained as 

Or = wi. t + eo 

where cor is the measured rotor speed in rad/s, and 00 is the initial rotor angle ( the angle 

between the q-axis or the d-axis on the rotor and the peak of the stator A-phase MMF at 

the initial time of measurement). Since the electrical portion of the BDFM model is 
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linear and time-invariant at constant rotor speed, an incorrect value for the initial rotor 

angle just causes a phase-shift of measured voltages and currents with respect to the time 

origin of measurements, and does not change the actual input-output relationship of the 

Fourier-domain BDFM model. Hence, the initial rotor position is not a factor in the 

estimation process. 
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CHAPTER 7
 
EXPERIMENTAL RESULTS OF BDFM PARAMETER ESTIMATION
 

The estimation procedure of Fig. 6.1 was implemented on the laboratory BDFM 

prototype. The BDFM was operated in the induction mode; with one winding-set excited 

from a current-source converter and the second winding-set open-circuited for reasons 

discussed in the following section. The experiment was repeated with excitation applied 

to both winding-sets individually. Both tests were done at low-slip operation. 

7.1 Experimental Limitations 

The parameters of the machine can be estimated by exciting one set of the 

machine windings with a current-source, while the other set of windings is short-circuited, 

as was discussed in Chapter 3. This is not the ideal excitation scheme, but is the most 

practical. However, the present BDFM prototype saturates at very low levels of current 

on the control winding side, as seen from the magnetization curve of Fig. 7.1. Hence, 

very low signal levels could be used for any excitation scheme of the BDFM in order to 

maintain linearity and because of low slips [Sect. 8.2]. The experimentation was not done 

with one of the windings short-circuited because the induced short-circuit currents were 

too small to be useful practically. Hence, the testing was done with excitation being 

supplied to each of the winding sets with the other winding open-circuited. 

The excitation levels were carefully chosen so that the peak amplitudes were 

below saturation levels to be consistent with the linear models being estimated. The 
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modulation was adjusted to a maximum value that limited the speed change to 1 rpm ( 

0.125 ), because the laboratory drive did not provide perfect speed control. An 

analysis of the torque equation for induction machines [28] shows that the deviation of 

of the electrical variables from their steady-state values, due to an unit change in rotor 

speed from its steady-state value, is always less than 1. Therefore, the actual currents and 

voltages can differ from those assumed at constant speed by at most 0.125 %. However, 

this deviation cannot be measured reliably because of the 12-bit resolution of the data 

acquisition system [ Sect. 6.1 ]. Thus, the error caused by decoupling the electrical 

equations of the BDFM from those of the controller ( drive ) is included in the 

measurement errors that are inherent in the system. 

The data acquisition system in the laboratory was configured to match the 

electrical transducer output voltage range of -10 to +10 V. The voltage transducers 

reduce actual voltages by a ratio of 30:1, and the current transducers reduce the actual 

currents by a ratio of 10:1. An additional gain switch is provided on the analog input 

module to amplify each input channel voltage by a factor of 10, 100, 200, 500 or any sum 

of these, provided that the absolute value of the amplified signal does not exceed 10 V. 

The low levels of excitation current used in the experimental process (Tables 7.1, 7.2) 

made it imperative to use a gain of 10 on the current signals. However, the voltage 

signals could not be amplified, because the minimum possible amplification of 10 caused 

the measured signal to exceed 10 V. Thus, the peak of the steady state voltage input to 

the analog-to- digital converter was in the range of 1 V, and the peak of the modulation 

voltage which is used in the estimation process was only around 0.3 V. Thus, the A/D 
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Fig. 7.1 Open-circuit Magnetization curve for the 2-pole winding 

converter was operating at 3% of its full-scale voltage. This corresponds to a quantization 

error in the 12-bit A/D converter of about 1% at each measurement point, and, in 

addition, contributes to increased uncertainity in measurements because of a decrease in 

signal-to-noise ratio. 

7.2 Results 

The parameter estimation procedure shown in Fig. 6.1 was implemented in the 

laboratory. Tests were done alternately on the 2-pole and the 6-pole sides as outlined at 
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Table 7.1 Operating conditions for 6-pole winding measurements 

Speed ( mechanical ) 771 rpm Current ( input ) 1.33 A RMS 

= 38.5 Hz 

Frequency ( input ) 39 Hz Voltage ( output ) [1-1] 25.80 V RMS 

Slip 0.0113 Filter Bandwidth [ 37-41 ] Hz 

Width of triangular modulation 2 sec. Sampling Frequency 8012 Hz 

Table 7.2 Operating conditions for 2-pole winding measurements 

Speed ( mechanical ) 770 rpm Current ( input ) 0.95 A RMS 

= 12.8 Hz 

Frequency ( input ) 13 Hz Voltage ( output ) [1-1] 32.94 V RMS 

Slip 0.0177 Filter Bandwidth [ 11-15 ] Hz 

Width of triangular modulation 2 sec. Sampling Frequency 8012 Hz 

the beginning of this chapter. The data was collected over a period of 6.5 sec, with the 

modulation being applied approximately 2 sec after collecting samples of just the carrier 

signal. A sample waveform of the 6-pole current generated by the converter is shown in 

Fig. 7.2, and the output from the digital filter is shown in Fig. 7.3. A smaller section 

(Fig. 7.4) of the waveform of Fig. 7.3 shows that the apparent wavy pattern in the 

acquired sinusoidal signal of Fig. 7.3 is caused by the program used for plotting the data. 
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The unfiltered steady-state waveform shows a sub-harmonic modulation at one-third the 

excitation frequency, which has been reduced after filtering. 

The modulated input current waveform is shown in Fig. 7.5. The tests were done 

close to zero-slip [Sect. 8.21, and the signal processing details and operating conditions 

are summarized in Tables 7.1 and 7.2 for the 6-pole and 2-pole tests respectively. 

The carrier is to be extracted from the modulated waveform for each input and 

output signal, as explained in Sect 6.2. The spectrum of a typical measured carrier signal 

is depicted in Fig. 7.6, and the spectral error in approximating the carrier signal by an 

ideal sinusoid is shown there to be negligibly small. The carrier was estimated for each 

channel independently ( a total of six currents and voltages ) using the initial data samples 

that consist of just the base sinusoid and was then removed from the total signal measured 

at the respective channel. It was ensured that the base sinusoidal signals were balanced 

for each of the three phases, and that the modulation occurred simultaneously in each 

phase. The actual parameter estimation was then done using the signals remaining after 

the carrier extraction process. 

The parameters obtained after estimation are as shown in Tables 7.3 and 7.4. 

Table 7.3 shows the 6-pole winding parameters, and Table 7.4 the 2-pole winding 

parameters. The initial guesses for the estimation algorithm were determined from a 

theoretical derivation of the di model parameters [221, and subsequently verified as 

reasonable estimates from preliminary steady-state experimental measurements. The 

parameters converged within 15 iterations in either case, using an error tolerance of 

0.00001. 
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Fig. 7.6 Filtered input-signal spectrum and error produced by an idealised sinusoid 

Table 7.3 Parameter estimation results for excitation of the 6-pole winding 

Parameter R6 I/ L6 H M62/Rr H-sec Lr/Rr sec 

Initial 0.8 0.08 0.0029 0.127 

Guess 

Estimated 0.7 0.049 0.0027 0.174 

Value 
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Table 7.4 Parameter estimation results for excitation of the 2-pole winding 

Parameter R2 SI L2 H M22/Rr -sec Lr/Rr sec 

Initial 0.8 0.6 0.055 0.127 

Guess 

Final 1.67 0.247 0.0342 0.209 

Estimate 
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Fig. 7.7 (a) Comparison of measured and estimated 6-pole, q-axis frequency-response, 
Real Part. 
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Fig. 7.8 (b) Comparison of measured and estimated 6-pole, d-axis frequency-response, 
Imaginary Part. 
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Fig. 7.9 Magnitude spectra of the input modulation current ( 6-pole ) in the d-q domain 
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The 6-pole and 2-pole q-axis and d-axis voltage response spectra to the measured current-

input were calculated for the BDFM model of Equ. 2.3, with the parameters that were 

obtained from the estimation process. The 6-pole responses are shown in Fig. 7.7 (a,b) 

and Fig. 7.8 (a,b) for the q-axis and d-axis respectively along with their measured 

counterparts. The magnitude spectrum of the 6-pole input current is shown in Fig. 7.9 

for the q and d-axes. Figs. 7.7 and 7.8 indicate that the model-predicted and measured 

responses match very closely. This sample result shows that the estimated parameters are 

close to the actual parameters of the model in the frequencies that are present in the 

modulation signal. 

The 2-pole responses are shown in Fig. 7.10 (a,b) and Fig. 7.11 (a,b) for the q-axis 

and d-axis respectively along with their measured counterparts. The magnitude spectrum 

of the 2-pole input current is shown in Fig. 7.12 for the q and d-axes. Figs. 7.10 and 7.11 

indicate that the model-predicted and measured responses match closely, although the 6

pole winding measurements show less error. The reason for this is that the converter used 

to produce the current inputs for estimation purposes, also produces a low-frequency 

modulation noise. This noise is larger when the converter is made to operate far below 

its normal operating region, e.g. at low amplitudes and low frequencies. It can also be 

seen that the rotor time-constant estimated from 6-pole measurements differs from that 

estimated from 2-pole measurements. The possible reasons for the disparity are discussed 

below: 

1. Errors in measurement and signal processing - This can be expected to be low 

because of the close match between the measured and the predicted responses over 
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Fig. 7.12 Magnitude spectra of input modulation current ( 2-pole ) in the d-q 
domain 

a range of frequencies. 

2. Low frequency modulation created by the converter - The converter introduces 

an extraneous modulation of the carrier signal, which is larger at low amplitudes 

and low frequencies. This is likely to cause a larger error in the 2-pole excitation 

case than in the 6-pole excitation case ( Tables 7.1 and 7.2 ). 

3. Assumptions in the model derivation - The actual BDFM rotor consists of four 

nests, each displaced from the other by 90°. Each nest represents multipleloop 

circuits aligned symmetric with respect to a vertical axis. The model reduces the 
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multiple rotor loop circuits of the four nests into two orthogonal loops of equal 

impedance. This impedance is independent of whether the excitation is applied 

to the 6-pole winding alone, to the 2-pole winding alone or to both. The 

dependence of the reduction of the BDFM rotor on its operational mode, if any, 

has not been studied. 

Table 7.5 Comparison of measured steady-state voltage to that predicted by the BDFM 
model with estimated parameters, with the measured steady-state current as 
input. 

% Error between measured 6-pole winding 2-pole winding
 

voltage and 'estimated'voltage
 

% Error in Magnitude 1.3 1.3
 

% Error in Phase 3.8 4.4
 

Table 7.6 Comparison of estimated stator resistances to measured DC resistances. The DC 
measured resistances include resistances of connecting wires. 

Resistance dc Measured Value (S2 ) 

Estimated Value (S2 ) 

R2 1.30 1.67 

R6 0.67 0.7
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The steady-state signal measurements were not used in the estimation process. 

Hence, they can serve as an independent check on the validity of the parameters that were 

estimated. The estimated parameters were therefore incorporated into a steady-state 

BDFM model. The steady-state voltages were calculated from the model at the same 

operating points as the actual testing, with the input being the measured current. The 

voltage output from the model matches very closely the measured value, both in 

magnitude and phase, as can be seen from Table 7.5. 

The estimated stator resistances were compared with their dc measured values, and 

the results are shown in Table 7.6 for both windings. The increased values for both 

resistances are expected because of skin-effect, core-loss and temperature effects. 

7.3 Summary of Results 

The results shown demonstrate the feasibility of the proposed parameter estimation 

scheme for the BDFM. However, a few constraints of the experimental procedure have 

to be considered. The machine model assumes inherent linearity of the magnetic circuit; 

hence the d-q model at constant rotor speed accounts only for frequencies that are present 

in the excitation signal. It should however be noted that the actual machine has non

linearities which produce additional frequency components. These components normally 

occur at odd harmonics of the base frequency for non-linearities caused by non-sinusoidal 

winding distributions, or at several times the base frequency if the non-linearity is caused 

by rotor slot ripple. These components can be readily filtered out. Non-linearities such 

as saturation and non-uniform airgap can cause modulation of the base signal. If the 
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modulation frequencies coincide with the frequencies used in the estimation process, the 

results will be erroneous. A variation of rotor speed can also cause a modulation of the 

base signal, but this can be ruled out because the testing was done at almost constant 

speed. 

Also, further improvements can be expected in the estimation process if the 

following problems can be solved or accounted for: 

1. Low signal levels that were used to avoid saturation, 

2. Core losses that are not included. This is further dealt with in Chapter 8. 
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CHAPTER 8
 
EXTENSIONS OF THE ESTIMATION PROCESS
 

The estimation procedure has been studied with respect to an elementary model 

of the BDFM. In addition, it has been applied practically only to low-slip operation of 

the BDFM. The following sections attempt to extend the estimation scheme to cover a 

more comprehensive region of BDFM operation. 

8.1 Effect of Core Loss on the Estimation Scheme 

Preliminary experimental work, using steady-state measurements, has shown that 

there is considerable core-loss in the BDFM. The results of this work has not been 

included here. Fig. 8.1 shows the q-axis equivalent circuit for an induction machine, that 

incorporates core-loss [27]. The d-axis circuit is similar. The parameters included in the 

shaded boxes of Fig. 8.1 account for harmonic components, and are neglected in this 

work. The q-axis transfer function ( voltage to current ) in the rotor reference frame with 

current-forced excitation ( and mr=0 for simplicity ) is 

L k
s3 L

ig +s2 [R +R + 1' ]+s[___ +R. + 
Ll']+ R, 

V (s) g c
T3 Ts 

q = t3 T42 t42 (8.1)
',I (s) 2 S 1

[ + + 

C3 '4 

where 
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1 2 L. Lk Lk 
'C., a 'C4 A -- t A

R Rc R
C 

R, lk 5 ITr 
(8.2),
 

Lli. L. Lk
 

From Equ. 8.1, if every coefficient of the transfer function is assumed measurable, then 

it is possible to estimate every individual parameter of the referred equivalent circuit, 

namely Rs, Lis, Lms, Rr and Lir. The important conclusion is that incorporating core-

loss into the equations not only gives a better model for the physical system, but also 

helps in isolating the leakage inductances from the magnetizing components. 

I 
L R sat L

1 

R
. 

ran-, . 1
RSIL .0 lir 

~pig 11.1111111i ON dil 

i 

Rm 

Fig. 8.1 The q-axis equivalent circuit of an induction machine with core-loss 
resistance included [27] 
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8.1.1 Core-Loss Model for the BDFM 

A core-loss model was developed for the BDFM, based on the induction machine 

analogy. Separate resistances R6, and R2, are included in the power and control windings 

to provide for the possibility of unequal losses in the respective windings. The equations 

for the core-loss model are given in Appendix D. 

Simulation results are shown in Table 8.1 for the BDFM model with equal core-

loss resistances included in both the 6-pole and in the 2-pole stator circuits. It is assumed 

for initial testing of the algorithm that the values of the core-loss resistances are known, 

and only the remaining parameters need to be estimated. The excitation is assumed to 

be a current-source on each stator winding, with the di spectrum in the range of 0-1 Hz. 

A Fletcher-Powell estimation algorithm was used in the simulation. It is seen that the 

stator parameters R6, L61, L6m, R2, L21 and L2m converge to their reference values. It 

should be noted that even the BDFM core-loss model does not yield the right values for 

the parameters M6, M2, L. or Rr. Table 8.1 shows that these parameters converge to 

local minima. However, the ratios M62/Rr, M22/Rr and Lr/Rr converge to their reference 

values, and can therefore be determined. The convergence of these ratios is expected 

from the discussions in Chapters 3 and 5. The estimation process was stopped after 40 

iterations. 

8.1.2 Practical Estimation of Core-Loss 

From Equ. 8.1, it can be shown that the poles of the core-loss model are located 
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Table 8.1 Convergence of Parameters with fixed core-loss resistance in BDFM model 
[ 0 < f < 1 Hz 1 [ 40 iterations ] 

Parameter 

R6 SI 

R6c a 

L61 H 

Lan H 

M6 H 

R2 a 

R2c a 

L21 H 

at 

Actual Value 

0.8000 

100.00 

0.0200 

0.0600 

0.00088 

0.8000 

100.00 

0.1000 

,and, 
Lr
 

Initial guess 

0.6
 

100
 

0.01 

0.04 

0.0006 

0.6
 

100
 

0.05 

Lr
 

Final value 

0.8000 

-

0.0200 

0.0600 

0.00069 

0.8000 

-

0.1000 

1 (8.3)
 

The core-loss resistance is reflected in one pole that is too far away from the origin to 

have a significant effect in the frequency range being considered, and does not appear as 

part of the second pole. This leads to reduced sensitivity, and local minima problems 
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Table 8.1 [ continued... [ Convergence of Parameters with fixed core-loss resistance in 
BDFM model 

Parameter Actual Value Initial guess Final value 

L.2, H 0.5000 0.3 0.5000 

M2 H 0.00427 0.002 0.00335 

Rr a 0.00033 0.0002 0.00020 

1.1. H 0.000042 0.00002 0.000026 

M62/Rr 0.0023 - 0.0023 

M22/Rr 0.0553 - 0.0552 

0.1273 - 0.1272 

when an estimation algorithm is applied that attempts to determine the core-loss in 

addition to the other electrical parameters. In actual experimentation, this can be an 

added disadvantage; the current levels in the core-loss resistance may not be large enough 

to be detectable. The low sensitivity of the cost function to the core-loss resistance in a 

low input-frequency range suggests that the bandwidth of the input should be increased. 

Again, this is not well-suited to gradient search algorithms when the BDFM is excited by 

a current-source, as was mentioned in Chapter 3. 

It has been found from simulation that, in the case when the core-loss resistances 
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have to be estimated in addition to the other parameters, the Fletcher-Powell algorithm 

fails to converge to the reference parameters values. This was true for diferent frequency 

ranges that were tried in the simulations. The algorithm converges to parameter values 

at which neither the cost function nor its derivatives are close to zero. This can be seen 

as specific to this algorithm, because line searches in the particular 'conjugate-gradient' 

directions may not show appreciable change for the particular function. This leads to the 

investigation of other algorithms for estimation purposes. 

8.1.3 Restricted Step Methods 

A modified Newton method, which belongs to a 'restricted step' class of 

optimization methods, was investigated for application to the core-loss BDFM model. 

The motivation for the modified Newton is to circumvent the difficulty caused by non-

positive-definite, Hessian ( second-derivative ) matrices in the Newton method [26]. In 

this case, the underlying quadratic function, say cio0(8), obtained by truncating the Taylor 

series for the cost function f(e) + 8) has no unique minimizer and the method is not 

well - defined. Another way of looking at this is that the region about the point x(k) in 

which the Taylor series is adequate, does not include a minimizing point of q(k)(8). A 

more realistic approach is to assume that a neighbourhood 12(k) of x(k) is defined in 

which qa`)(8) agrees with fix(k) + 8) in some sense. Then it would be appropriate to 

choose xa".1) = X(k) + 8(k), where 8(k) minimizes q(k)(8) for all x in (2(`). Such a modified 

Newton method is also called a restricted step method. The advantage of restricted-step 

methods is that they assure global stability ( towards satisfying first order and second 
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order conditions necessary for a minimum ) with no significant restriction on the class of 

problems to which they apply. A prototype of such an algorithm [26] is shown below for 

the kth iteration. 

1. Given 20') and v°`) > 0, calculate g(k) and G(k), the first and second derivative 

matrices respectively. 

2. If G°' + 0°1 is not positive definite, reset v(1`) = 4 v(k) and repeat. 

3. Solve (G('`) + vI) 80`) = - g(k), to give 8(k). This is necessary to minimize q(k)(8) 

such that 8T8 <= h", 11(1`) being the radius of the neighbourhood [App 3]. 

4. Evaluate r(1) as follows: 

Af(k) = f) - f(x(k) + 864), actual reduction in cost function; 

e)(8) = f(k) + e`jr 6 + 0.5 8r G(k) 8, quadratic approximation to the cost 

function; 

Ace) = f(k) - q(k)(8(1)), predicted reduction in cost function; 

IL') = Af(1`)/Aq(1`), rw ideally being equal to 1. 

5. if r(k) < 0.25 set v°'1) = 4 v(k) 

if r(1) > 0.75 set v(k+1) = v(k)/2
 

else set V1'1) = v(k).
 

6. if 14) <=0 set x°`+" = x(k) else x(k+1) = Ica') + 8°`). 

It should be pointed out that this particular prototype has certain attendant 

disadvantages [26], and is not the best of the restricted step algorithms. Bearing this in 

mind, the prototype algorithm described above was tested on the core-loss model for the 

purpose of estimating core-loss along with the rest of the parameters. Initial testing of 
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Table 8.2 Convergence results for core-loss model with variable core-loss resistance, 
6-pole winding excitation and using a modified Newton algorithm in simulation 

Parameter	 Actual Initial Final 

Value guess value 

R6 Q	 0.8000 2 0.8000 

100.00	 200 100.0R6c a 

0.0200	 0.05 0.0200L61 H 

L6m H 0.0600 0.05 0.0600 

2 0.002346	 0.0005 0.002346M6 iRr 

LI/Rr	 0.127 0.05 0.127 

the algorithm, with current excitation as proposed for the model without core-loss, has 

proved to be successful as Table 8.2 suggests. The parameters converge to their reference 

values after 30 iterations. 

The core-loss model has not been tested on actual data, because the input current 

levels used in the experimental tests were too small to yield meaningful results for the 

core-loss resistance [Sect. 7.1]. 
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8.2 Effect of Rotor Frequencies on the estimation scheme 

The results of Chapter 7 were obtained from BDFM operation at very low slips. 

This type of operation is advantageous for the proposed estimation scheme because the 

d-q spectra of the excitation signals automatically lie in the desired frequency range of 

0-1 Hz [Ch 4]. The advantage of using the spectrum between 0-1 Hz, as was shown in 

Chapter 3, is that it ensures convergence of parameters to their right values, even when 

only a bad initial estimate is available for the parameter vector. As the selected di 

frequency band shifts to the higher end of the frequency-spectrum, the convergence radius 

for the estimation algorithm becomes smaller. 

When the BDFM is operated as an adjustable-speed motor or generator, there are 

a number of different combinations of excitation frequency and rotor-speed that can occur 

in normal operation. In such a case, it is unrealistic to take measurements at low-slips, 

just to aid the estimation process. There is an additional complication because in an 

actual machine ( although the model is linear ), the low-slip data will yield wrong results 

for the steady-state value of the rotor resistance. This is because the rotor resistance 

varies widely with slip frequency. This problem can be eliminated by using a double 

amplitude-modulation signal, defined as follows: 

1. The first amplitude-modulation signal is of the same form as that discussed in 

Chapter 4, and has its carrier frequency set at the excitation frequency. This 

yields d-q spectra that lie in a high frequency band, because the machine is 

operating at a high slip. 

2. The second amplitude-modulation signal is added to the first after a time-delay, 
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and is of the same form as the first, but has a carrier frequency that corresponds 

to the electrical speed of the rotor at the operating point. This corresponds to 

low-slip operation and yields d-q spectra that lie in the desired frequency band 

of 0-1 Hz. 

The composite modulation signal can be generated by one converter. All the 

identifiable parameters of the BDFM model can be obtained by using the two modulation 

data-sets appropriately. It should be noted that the experimental procedure of Chapter 6 

is to be exactly followed for both modulations, considering them as seemingly 

independent data-sets. The carrier extraction is performed only once, because the second 

modulation signal has only a modulated portion. It should also be noted that the second 

modulation will not result in a speed-control problem, because the new signals are being 

injected at close to synchronous frequency. 

If the parameters of the model remain constant during the whole experimental 

procedure, the BDFM parameters can be obtained from the second modulation data-set, 

and the first-modulation data-set can be used as an additional check. However, if the 

second modulation is centered around a carrier-frequency that is quite different from the 

carrier-frequency of the first modulation, it is reasonable to assume that only the inductive 

elements remain the same for both modulations. The stator and rotor resistances can be 

quite different for the two cases. However, for the BDFM model, the actual parameters 

at the operating conditions can be estimated in two steps. For example, for the model 

without core-loss, the steps are 

1. The second modulation data-set is used initially in the estimation process, 
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which yields the parameters 

R6', L61 + L6m, R2, L21 + L2m, M62/Rr , M22/Ri and Lr/Rr, where the prime 

quantities indicate that the parameters are not at their operating-point 

values. 

2. The results of step 1 are applied to the first modulation data-set. However, this 

data-set has d-q signal spectra in a high frequency band. Fortunately, the only 

parameters that have to be determined from this data are R6, and Rr/Rr', where 

R6 and Rr are the operating stator and rotor resistance values. This can be 

practically achieved, as is shown in Table 8.3 for the worst-case condition when 

the d-q signal spectra lie between 60 and 61 Hz. It is assumed that all parameters 

except for R6 and Rr are known. These parameters converge after 12 iterations. 

Table 8.3 Worst-Case Estimation Results with unknown R6 and Rr in simulation. 
[ 60 < f < 61 Hz 1 [ 12 iterations I 

Parameter Reference Value Initial Guess Final Value 

R6 0.8 2 0.8 

Rr 0.00033 0.00001 0.00033 
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CHAPTER 9
 
CONCLUDING REMARKS
 

9.1 Conclusions 

A frequency-domain procedure has been formulated for the estimation of 

parameters for a Brush less, Doubly Fed Machine (BDFM). The estimation scheme is 

unique compared to existing schemes for electrical machines in the following ways: 

1. A frequency-domain approach is used on the dq-domain, dynamic model ( as 

opposed to a steady-state model ). A narrow band of frequencies is used in the 

excitation spectrum; a wide frequency spectrum has inherent disadvantages when 

used in estimating parameters for electrical machines because of the presence of 

frequency-dependent effects ( e.g., parameters that vary with frequency ). 

2. The parameter estimation procedure makes no assumptions regarding the 

relative values of the machine parameters. 

The technique has been successfully tested on a 5 HP prototype of the electrical 

machine. It can also be concluded that the actual machine can be represented by a linear 

model with constant parameters for a reasonable region around an operating point. 

The identifiability of the model parameters has been discussed with respect to two 

BDFM models; one without core-loss, and one that incorporates core-loss. From the 

model without core-loss, and with balanced excitations, the leakage components of stator 

inductances cannot be determined without further assumptions. From the model with 

core-loss, it is possible to isolate the stator leakage parameters. From either model, the 
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actual rotor resistance and inductance cannot be determined for the BDFM. Only the 

ratios M62/Rr, M22/Rr and Lr/Rr can be determined; but these ratios describe completely 

the terminal operating characteristics of the machine. 

Although a quantitative comparison between this parameter estimation method and 

other existing methods for electrical machines has not been made, it is expected to yield 

more accurate parameters than conventional steady-state techniques; because the 

experiment is carried out at a single operating point and the parameters are obtained as 

an average over a range of excitation frequencies. 

The estimation procedure developed has the following characteristics: 

1. The estimation algorithm works for initial parameter estimates that are an order 

of magnitude different from their actual values; 

2. An estimation algorithm was developed with practical implementation in mind; 

3. The parameters can be estimated at any desired, linear operating point; 

4. No prior knowledge of parameters is assumed; 

5. The estimation scheme developed is general enough that it can be applied to
 

other types of electrical machines with some modifications. In its exact form,
 

it can be applied to induction machines.
 

The limitations of the estimation scheme are
 

1. It requires near-constant speed control. 

2. The testing scheme is more involved for high-slip operation, and its 

experimental validation has not been done. 

3. The linearity of the model is critical to the validity of the method. 
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9.2 Future Work 

Apart from modifications required to make the estimation algorithm user-friendly, 

I see the following points as being valuable additions to this thesis in decreasing order 

of importance. 

1. The estimation strategy can be applied to any BDFM machine. However, the 

selection of a practical input frequency-range is dependent on the pole and zero 

locations of the dynamic model, and consequently is different for machines of 

different ratings. Although a discussion was given on an optimum choice of 

frequencies, the final selection was based on simulation results. It will be 

beneficial to tabulate the optimum frequency range for estimation purposes as a 

function of different machine ratings. However, as Table 9.1 shows for typical 

current-forced induction machine models [28], the poles and zeros of the model 

get closer to the origin as the machine rating increases. The closeness of the poles 

and zeros to the origin is expected; because an electrical machine is inherently a 

large low-pass filter with a low cut-off frequency to enable normal operation at 

60 Hz. Hence, the use of an input signal consisting of a low range of frequencies 

will be adequate for parameter estimation, even for larger machines. 

2. The noise in the estimation process was minimized by filtering and signal level 

considerations. This was primarily done in a deterministic context. The effect of 

noise on the parameter estimates needs to be investigated using stochastic 

considerations. 
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Table 9.1 Zeros and poles for a current-forced, dq, induction machine model [28] 

Machine rating ( hp ) Zero locations ( o ) Pole locations 

3 35.4 ( 5.6 Hz ) 11.49 

50 19.15 6.45 

2250 3.53 0.625 

3. A real-time or semi-real-time algorithm for estimation needs to be investigated. 

The two steps in the estimation procedure that may be troublesome to real time 

estimation are the extraction of the carrier signal and the evaluation of Fourier 

transforms. The use of a specialized circuit like a phase lock loop can be used to 

extract the carrier. The Fourier transforms will have to be done using FFT 

techniques. 

4. Saturation effects in the magnetic part of the BDFM have not been considered. 

A linearized model can be used to overcome this readily, but such a method is not 

ideal because of the restrictions that it will impose on allowable signal levels and 

the operating region of the machine. Hence, the use of techniques for modelling 

non-linearities directly, such as the describing function method, should be 

investigated for re-modelling the machine inductances in order to include 

saturation non-linearities for sinusoidal excitation. This will, however, increase 

the number of parameters to be determined in the BDFM model. 
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5. Mechanical constants, such as inertia and damping, have not been estimated for 

the BDFM. A separate estimation strategy needs to be developed for identifying 

these parameters. The knowledge of the electrical parameters of the machine can 

be an advantage in any such scheme, because the electrical parameters were 

determined by effectively isolating the mechanical and electrical sub-systems of 

the machine. 
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Appendix A
 
Parameter Values
 

The nominal parameters for the BDFM model used in this study were determined 

from theoretical considerations by A. Wallace, R. Spee, R. Li, et al [22] and are tabulated 

below: 

R6 = 0.8 co L6 = 0.08 H M6 = 0.00088 H 

R2 = 0.8 co L2 = 0.6 H M2 = 0.00427 H 

Rr = 0.00033 w Lr = 0.000042 H 
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Appendix B
 
Contraction Mapping Theorems
 

B.1 Def 

Let (X,d) be a metric space and X be a vector space. A mapping T. X -4 X is 

called a contraction if there is 0 <= a < 1 such that for all x, y X, 

d(Tx,Ty) <= a d(x,y) 

B.2 Theorem 1 ( Contraction theorem, Banach fixed point theorem ) 

Let (X,d) be a complete metric space, and X be a vector space. T. X -4 X be a 

contraction. The T has precisely one fixed point X. 

For every xo e X, the sequence 

X0, X1 = TX0, X2 = TX1...., Xn = T Xn_1 converges to X. 

B.3 Theorem 2 

Let (X,d) = R °; d(x,y)=II x - y II and g(x) be continuously differentiable and 

II g'x ll <= a < 1 for all x.
 

Then the iteration xn+1 = g(x.) converges to the only fixed point x of g, for every choice
 

of xo.
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B.4 Theorem 3 

Let (X,d) = [X0 -r, X0 +r], d(x,y)=II x - y II . 

Let g(x) be a continuous, differentiable function in the interval and 

g'x II <= a < 1 for x E (X0 -r, X0 +r); 

and II exo) xo II < (1-a) r. 

Then g is a contraction on ( [X0 -r, X0 +r],1.1). 

Therefore, for every starting value x1 e [X0 -r, X0 +r], the sequence 

xn+1 = g(xn) converges to the only fixed point of g(x) in 

[X1 -r, X0 +r]. 
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Appendix C
 
Digital Filter Design
 

C.1 Digital Butter-Worth Design 

The design of a digital Band-Pass Filter with characteristics as shown in Fig. C.1 

can be carried out effectively using the Mat Lab software, once the pass-band frequencies 

are given and the order of the filter is determined. This section gives the equations that 

determine the digital filter order from bandwidth, ripple and attenuation considerations 

[321 

Fig C.1 Characteristics of a Band Pass Filter 

The filter parameters are defined as follows:
 

fsp Lower Stop-Band and Pass-Band Frequencies in Hz.
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f,2, fp2 -* Higher Stop-Band and Pass-Band Frequencies in Hz.
 

A, * Minimum Stop-Band Attenuation in dB.
 

Ap
 4 Maximum Pass-Band Attenuation in dB. 

F --* Sampling Frequency in Hz. 

Let 

As = 0.1 As and Ap = 0.1 Ap . 

Then, the order of the desired filter, N, is given by 

N > log A 

log 
1 

K. 
1 

where A and IC, are defined as 

0.5 

10 As 1A= [ 
104 1 

and 

Kt = Kt, Kc ?.. ICb 

= lc otherwise. 

Kt, K2, Kt, and Ic are defined by the equations 

X fp2K. = tan(	 ) - tan( 
IC f 

)
F F 
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P.,

fs2
= tan( ) tan( )

F F 

Ic tan( ) 

fs, 
Kb tan2( )

F
 

K. tan( Ffs2 

K1 
f 

tang( ) Kb 

C.2 Zero-Phase Digital FAter Design [33] 

A digital filter was designed by transforming an analog Butterworth filter using 

the bi-linear transformation. The resulting filter is an UR filter. The IIR filter is then 

approximated by a FIR filter in order to produce a convenient zero-phase filter, as shown 

below. This approximation tends to increase the bandwidth of the filter. 

Consider a discrete, input sequence of length 2M + 1 
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x(-M) x(-M+1) x(-1) x(0) x(1) ...x(M-1) x(M). 

If this input is applied to a digital filter H(z), the output sequence can be represented by 

A-k+1).-Y(-1) Y(0) Y(1)..-Ak-l) 

An output sample is now chosen of length N, such that either the impulse response of the 

filter is negligible for k > N/2 - (2M + 1), or the input sequence is such that the output 

of the filter settles down to its steady state ( within a certain tolerance ) before the time 

when k = N/2 - (2M + 1). This ensures that almost all information regarding the state 

of the filter output is contained in this window of data. Thus, the filter output is 

approximated by a finite-time response. The number of samples to be taken are twice of 

normal, because the data will be passed two times through the same filter, as is discussed 

below. 

The Z-transform of the finite output sample can be written as 

Y(z) = H(z) X(z); where 

X(z) = x(-N) zN + x(-N+1) zN-1 +...+ x(-1) zl + x(0) z° + x(1) 111-...x(N-1) z-N+1 

+ x(N) z-N . 

If the output sequence y(n) is reversed, and passed through the filter once again, the Z-

transform of the new output sequence y'(n) is given by 

Y'(z) = H(z) Z{ y(N) y(N-1)...y(1) y(0) y(-1)...y(-N+1) y(-N) } 

= 11(z) { y(N) zN + y(N-1) z14-1 +...+ y(1) z1 + y(0) z° + y(-1) 

+ y(-N+1) z-N+' + y(-N) z-N } , 

= H(z) Y(e) } 

This implies that 
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Y'(z) = H(z) H(z') X(z') 

If this output sequence is reversed, then the Z-transform of the resulting sequence is 

Y'(z') = H(z') H(z) X(z) 

The frequency response of the sampled signal is, therefore, 

'Haw) 12 X(j0.)) 

Thus, the magnitude spectrum of the input signal is multiplied by 1H(0)12 which is 

twice the order of the filter H(z). The phase of the input signal remains unchanged. 

Hence, the non-linear procedure outlined above produces an equivalent zero-phase filter 

[32]. In the experimental procedure for the BDFM estimation, it is necessary to choose 

a sample window N that is large enough to allow the output responses to settle down to 

their sinusoidal steady-state values, well within the sample number N/2. 
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Appendix D 
Core-Loss BDFM Equations 

The voltage equations for the BDFM which incorporates core-loss can be readily 

derived from Fig. 8.1. The following equations summarize the core-loss BDFM model 

in the frequency domain. 

The following terminology is used, in addition to the variables defined earlier in 

this thesis. 

k6 --> 6-pole core-loss resistance 

R,2 -4 2-pole core-loss resistance 

`,,q6 -. 6-pole q-axis component of current in the core-loss resistance 

1c66 * 6-pole d-axis component of current in the core-loss resistance 

Icq2 > 2-pole q-axis component of current in the core-loss resistance 

2-pole d-axis component of current in the core-loss resistance 

The currents are calculated as 

all a12 0 0 a15 a16 
Ico b1 

-a12 all 0 0 -a16 a15 Ic. b2 

0 0 a33 a34 a35 a36 Icq2 
b3 (D1.1) 

0 0 a34 a33 a36 -a35 
Icd2 b4 

a41 0 a43 0 a45 0 I b3 

- 0 a41 0 -a43 0 a45 -
qr 

ick b6 

where 

an = B1 a33 = B2 a41 = -j 0.1 M6 
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