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ABSTRACT

The design of a digital focus servo control system for an optical disk

tester is presented. A total focus misregistration budget is established for

three primary disturbances: disk runout, shock, and system noise. The design

of an analog servo system is established first to determine the required

bandwidth.

The analog design is transformed into a digital representation using

pole/zero mapping techniques. The transformation to the digital domain

includes the effects of the control law computation time, the D/A sample and

hold, and the anti-aliasing filter.

Modeling and simulation of the digital system in the frequency and

time domain are used to obtain the phase margin and the transient response.

The transient response overshoot is larger than that obtained from a second

order model. The larger overshoot is a result of the additional phase delay

produced in the digital system that reduces the gain margin drastically

compared to the analog case.
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CHAPTER 1

1. INTRODUCTION

Optical data storage is currently in widespread use throughout the data

processing industry to reliably store and retrieve large amounts of data. The

data storage density using optical technology is increasing at a rate of an

approximate double in capacity every two years. Shorter wavelength laser

sources, improvements in optical media, and improvements in drive

performance are some of the factors contributing to the increasing data

storage density.

Current research in optical data storage requires the use of optical media

testers to characterize new optical media in the early prototype stage. Many

types of optical media are presently competing for this growing data storage

market. Recently research efforts have produced an optical disk tester that
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operates with many of these types of optical media. Presently this tester is

using an analog servo system to maintain focus and tracking servo control. A

digital control system could be used in this tester to greatly improve the

performance of the tester. In Sections 1.2 and 1.3 we describe the potential

performance improvements we expect to obtain by using a digital control

system. In this report we describe the development of a digital servo control

system to control the focusing of the laser beam produced by the optical

media tester.

1.1 Optical Disk Tester

A schematic diagram of the optical disk tester is shown in Fig. 1.1. The

optical disk tester is composed of the following principal components [1] :

(i) An air- bearing spindle, which rotates in the range of 0 to 12000 rpm and

holds the media.

(ii) An objective lens is used to focus the laser light onto the optical disk.
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(iii) A relay lens system, which consist of optical elements that are adapted to

a range of optical media thickness and operating wavelength. An aspheric

singlet is mounted in the focus/tracking actuator, and is capable of motion

along the optical axis (for focus adjustment) and along the radial direction

of the disk (for track adjustment).

(iv) A servo detector, which consists of an optical read out system for the

light reflected by the disk to the detection unit (photo diodes).

(v) A servo control system, which consist of the electronic circuits that enable

the control of focusing and tracking operations.

(vi)An actuator, which is an electromechanical device that converts the

control command (current) for focusing and tracking into lens and spot

displacement, respectively [2].

The objective for this study is the focus servo control system. In this

document we only discuss the control of the lens motion along the optical axis

of the actuator mechanism for the focusing operation. The focused spot must

be driven by at least two position controls, namely one in the vertical (for

focusing) and one in the radial (for tracking) direction, in such a way that the
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track is followed accurately. These controls are usually called focus and

tracking controls, respectively. The overall control functions are to maintain

the laser in proper focus, to provide tracking on a desired groove on the

rotating disk and to move radially to address different tracks on the disk.

SERVO SERVO
CONTROL ...• DETECTOR

Objective Lens ~r
I .••

1<] ~

V) Relay
lens ACTUATOR LASER
system SOURCE

~ ,
BEAM SPLITTER

Optical Disk

Fig. 1.1 Optical disk tester

1.2 Background

The optical tester operates with different laser wavelengths, media

cover thickness layers, and media types (CDR, CDE, MO, WORM) '. In

*(CDR, compact disk recordable; CDE, compact disk erasable; MO, magneto optic;
WORM, write once read many)
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addition, the tester is versatile enough such that different optical schemes

used to generate the focus and tracking error signals can easily be installed on

the tester.

An analog servo system is not well adapted to this tester environment. Every

time a change in the operation of the tester is made (media change, etc.) a

lengthy calibration procedure must be performed by the operator to ensure

proper operation of the servo system. The requirement to operate with

different media types also brings mechanical resonance problems associated

with particular media structures. The servo system in use must adapt to the

changing media types to maximize system performance. Also, external shock

and structural vibrations excite resonant behavior that can lead to an unstable

servo system. A shock represents a sudden application of a force which

results in a transient response of the tester. The shock force is an external

disturbance to the actuator. Similarly, in the design of the focus servo, the

performance criterion that is the most important is how well the system

maintains the laser spot focused on the spinning optical disk that has a finite

amount of axial runout. The axial runout of the disk (Xdisk) is also a

disturbance for the focusing servo.
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1.3 Goal

A digital control system using a digital signal processor (DSP) for real

time control of the focus and tracking servo loops will permit improved

operation of the optical disk dynamic test system. Our goal is to replace the

existing analog focus servo controller for the optical disk tester with a digital

controller. The proposed block diagram of a digital servo control system for

focusing is shown in Fig. 1.2. The forward control path in Fig. 1.2 consists of

the following components:

l. A DSP that implements the controller that is composed of a lead

compensator and an integrator. The input to the DSP is the error signal

e(k).

11. A digital to analog converter (DAC) that converts the digital signal from

the DSP into an analog signal. The DAC is modeled as a zero-order hold.

iii. A power amplifier (PA) that provides the required current to drive the

focus actuator.
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iv. Kfa is the gain constant of the actuator that converts the current through its

coil to a force that moves the lens that is attached to the focus actuator.

v. Fvibrepresents the shock and vibration force applied to the actuator as a

disturbance.

vi. The focus actuator is an electromechanical device that converts current to

mechanical motion. A lens that focuses the laser light onto the optical disk

is displaced by the mechanical motion of the actuator.

vii.Xlensrepresents the dynamic position of the lens that focuses the laser light

onto the optical disk.

viii.X<!iskrepresents the dynamic movement (runout) of the optical disk in the

focus direction.

The feedback path consist of the following components:

1. A focusing sensor that uses a portion of the light reflected from the media

surface and generates a signal proportional to the focus error.

ii. An anti-aliasing filter that removes unwanted signals generated by the

focusing sensor.

iii. An analog to digital converter (ADC) that converts the analog error signal

into a discrete signal.
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The programmability and flexibility of the digital control system

permits the execution of repeatable calibration routines to adjust the servo

operation parameters. For example, it may be necessary to adjust the open

loop gain or bandwidth for certain media types and optical system variations.

For an analog servo, the operator would need to adjust a potentiometer to

change the gain. Also the operator would need to inject a sweeping sine wave

signal (signal generator) to the analog controller box as an input and examine

the output or the transfer function on the signal analyzer until the desired

bandwidth or gain is achieved. With the digital controller the gain adjustment

routine can be programmed into the DSP. The system requires commands

from an operator to enter a preprogrammed calibration procedure for a

particular optical disk under test. However, when a calibration procedure

begins, no intervention is required by the operator. This automatic calibration

procedure will improve the operation of the tester as the test conditions under

which it operates are changed. In this document we describe the design of a

digital focus servo loop that can be used with the optical disk tester. We do

not discuss the implementation of any automatic calibration procedures.
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Fig. 1.2 Focusing servo block diagram

1.4 Thesis Summary

In Chapter 2, a model of the focus servo loop is described. The

performance requirements of the focus servo loop are determined from the

tester requirements. The focus control system must accommodate media

runout displacements, and an operating shock and vibration environment. The

transfer function of a commercially available focus actuator will be used to

construct a model for the actuator. The system will first be modeled in the

continuous time domain and then transformed to the digital domain.
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In Chapter 3, the design compromises imposed by .the digital

transformation will be explored. The discrete models of the compensator and

actuator will be determined. We will also study the digital simulation of the

whole servo system in the frequency domain to determine the phase margin.

Finally, we will look at the transient and steady state response of the servo

system.
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CHAPTER 2

2. SERVO LOOP MODEL

In this and succeeding chapters, we will discuss the design of the focus

control servo. The models that will be used for the design of the controllers

will be described. The design will be in the frequency domain and involves

reshaping the Bode plots to meet the required specifications. Section 2.1

describes the model of a commercially available actuator. Section 2.2

contains the specifications for the focus misregistration budget. In Section 2.3,

the servo bandwidth is determined based on the disk runout specification. In

Section 2.4, we examine the servo performance in the presence of the

appropriate shock and vibration disturbances.
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2.1 Focus Actuator Transfer Function

A mechanical free body diagram illustrating the structure of the

actuator is provided in Fig. 2.1. M, represent the mass of the lens and moving

parts inside the actuator, Ksa is the spring constant for the restoring force, and

b, is the viscous damping factor. The electromagnetic force F on the lens is

produced by an electric current I through the coil. Kfa is the ratio of the force

F on the actuator to the electric current (1). The equation of motion of the

mass IS,

(2.1 )

Using the Laplace transform we obtain the actuator transfer

function in the frequency domain,

The transfer function of the actuator can be written in the form,

(2.2 )
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where (Dna, is the resonant frequency, and ~a IS the damping factor. The

natural resonant frequency is,

~
OJ na = 1JM-:: (2.3 )

where Ksa denotes the spring constant. The damping factor is,

(2.4 )

The values of the parameters for the actuator model are estimated from

the measured response of the actuator of the existing analog controller. The

measured actuator response was obtained by calculating the open-loop

response from the measured closed loop response. The closed loop response

was measured using the swept sine method and a dynamic spectrum analyzer.

Because it was not practical to disassemble the actuator to measure the

individual components, we estimated the actuator parameters using our best

judgment, such that the measured response was the same as that given
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by Eq. ( 2.2). The estimated parameters of the actuator model are given in

Table 2.1.

T bl 2 1 A tua e . c atorparameters 1st
DESCRIPTION NOTATION VALUE

Resonant frequency rona 50 radian/see
Damping factor ~a 0.25
Spring constant Ksa 50 newtons / meter

Lens mass Ma 0.02 Kg
Viscous damping factor ba 0.5 newtons / meter / see

Force constant Kfa 1newtons / amp
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Fig. 2.1 Mechanical free body diagram of the actuator

The amplitude and phase Bode plots of the actuator transfer function

are shown in Fig. 2.2. A resonance peak at 8 Hz is clearly shown. For

modeling purposes, at low frequencies (s~O) the gain is normalized to one by

multiplying the numerator of Eq. ( 2.2 ) with Ma·wnt For the real servo

control system this constant gain difference will be added to the power
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amplifier that drives the actuator. For frequencies greater than O)na the transfer

function is estimated as 1/s2, resulting in a negative slope of 40 dB decade

and a phase of -1800
. At the resonance frequency (O)na), the phase is -900 as

expected.

20 '-'-"- .. 0 I Gain I
0 "' -20,

-40
- - - - Phase

-20 \ Q)

!g -40
-60 ~

\ -80 Q)

=" -60 0
.~ \ -100 ~io -80 -120 ~\ ~-100 -140\

-120 "' -160
-140

.•..... _-
-180

0.1 1.0 10.0 100.0 1,000.0 10,000.0

Frequency, Hz

Fig. 2.2 Bode plots of the actuator

2.2 Focus Misregistration (FMR) Budget Specifications

In the design process for the optical disk tester each subsystem is

allowed to have performance variations. An "error budget" is established for
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each subsystem so that the total system's errors will allow the system to

perform within its specifications.

During the closed loop operation of the focus servo loop, the difference

between the output of the ADC and the focus error signal (FES) set

point ( see Fig. 1.2 ) is defmed as focus misregistration (FMR). Ideally the

FMR is zero. For the real system the FMR is divided up into individual

random errors that are added to obtain a total FMR error budget. The total

FMR error budget is determined by the allowable focus error that results in an

acceptable spot size on the optical disk [3].

Focus misregistration (FMR) is the contribution of three pnmary

sources of disturbances: disk lateral movement, shock and vibration, and

system noise. The system noise and shock and vibration are random

disturbances with means of zero and standard deviations of (is and (iv,

respectively. The disk runout is a periodic (sine wave) disturbance with a

peak to peak value of 400 urn ( ±200IJlll) and a mean value that is dependent

upon the mechanical tolerance between the rest position of the lens and the

disk surface. The optical disks are produced by a manufacturing process that
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results in a range of disk runout with a Gaussian distribution and a 30"value

of ±200J.1m. These disturbances are all modeled as independent Gaussian

distributions as shown in Fig. 2.3. During closed loop operation of the servo

system, with a pure integration included in the compensator the total error

will have a mean value approaching zero, and a 30" value according to the

system specification shown in Table 2.2. Now we can model the total

variance, (30"nv1Rfas,

(2.5 )

This results in a probability density function (PDF) as shown in Fig. 2.3. The

individual Gaussian distributions for the above disturbances and the FMR are

identified in Fig. 2.3 and Table 2.2 with their 30"values.

The ±30"HARcorresponds to the probability of finding errors greater

than 30" which is 0.0026. The disk lateral movement produces periodically

occurring disturbances into the servo system which can be modeled as a

Gaussian distribution with mean power of O"l. The external shock and

vibration are also modeled as a random noise disturbance and have Gaussian
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distribution with mean power of a/. The system noise is randomly distributed

and has a Gaussian distribution with mean noise power of as2.

The design of the focus servo is based on the following specifications:

The total error budget is modeled as a Gaussian distribution with a 3a value

of 0.5 microns (3aFMR) [4]. It is divided up as 0.1 microns for the system

noise [4] (media noise, crosstalk, electronics noise, etc , that are all randomly

distributed) and the remaining is divided up equally between the disk lateral

movement and shock and vibrations ( 0.346 microns each) according to

Eq. ( 2.5 ).

T bl 2 2 FMR. ifi ta e . spec} ca IOns
FOCUS MISREGISTRATION (FMR.) SPECIFICATIONS

DESCRIPTION NOTATION VALUE
Total FMR. 3a 3aFMR 0.5 J..llIl

FMR. 3a for disk runout 3ad 0.346 urn
FMR. 3a for vibration 3av 0.346 urn

FMR. 3a for system noise 3as 0.1 urn
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Fig. 2.3 Servo disturbances
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2.3 Focus Servo Design

In this section we present a design of the focus servo loop to correct

for the disturbance caused by lateral movement of the media during rotation.

A determination of the focus servo bandwidth necessary to overcome the

expected disturbance is described first,

The maximum disk rotation speed for our design is 3600 rpm which

corresponds to a 60 Hz fundamental frequency. The uncorrected disk runout

error at the fundamental frequency is 200 microns [4] and the corrected error

is 0.346 microns as shown in Table 2.3.

T hi 23 D' k t if ta e . IS runou speer tea IOns
DISK RUNOUT SPECIFICTIONS

DESCRIPTION NOTATION VALUE
Uncorrected error Euc@ fl ±200J.Ull
Corrected error Ec@fl 0.346 urn

Mechanical tolerance Tolm ±200J.Ull
Disk rotation speed fl 60Hz
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To estimate the servo bandwidth, the amount of error rejection is first

calculated. The error rejection is the ratio of the corrected error to the

uncorrected error. For a closed loop servo with open loop transfer function

Gt(s) this ratio is given by [2],

1
(2.6 )

where E, is the corrected error (the continuous time equivalent of e(k) shown

in Fig. 1.2 ). Eue is the total disk runout (Xdisk shown in Fig. 1.2), and Gt(s) is

the open loop gain of the servo system. The ratio of Ee and Eue is called error

rejection Er [2],

I
E (s)----

r 1+ Gt (s) .
( 2.7 )
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The IEr(s)1determines the amount of error reduction at any frequency.

The error rejection Er(s), gives the fraction of the incoming disturbance

(uncorrected error) which remains as a residual error (corrected error) after

feedback.

The system gam of the focus servo Gt at the fundamental

frequency fl (60Hz) can be derived from Eq. ( 2.6 ). The necessary open

loop gain to obtain the desired error rejection is

G = G (s)1 = Euc(j27ifr) -1
tl t s= j2tif.. E c (j27ifr) ,

(2.8 )

where Gtl is the product of the focusing sensor, the lead compensator and

integrator circuit response, and the actuator response at the fundamental

frequency. By substituting the values for E, and Eucat fundamental frequency

into Eq.( 2.8 ), we obtain a value for Gtl of 55.2 dB.
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The system gain at high frequencies is estimated to be proportional to

1/s2 ( S = j2nf). Gt(s) at the fundamental frequency, f1, and the crossover

frequency, f2, is,

1
GJj21ifJ oc It 2 ,

(2.9 )

( 2.10 )

At the open loop crossover frequency f2, GtCj2m2)is equal to one. The ratio of

Eq. ( 2.9 ) and Eq. ( 2.10 ) allows us to roughly estimate the crossover

frequency f2 as,

( 2.11 )

Using a value of 60 Hz for fl and a Gt(j2nf1) of 577 (55.2 dB), we

obtain f2= 1441 Hz.
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The actual servo bandwidth is obtained by also considering the effect

of the lead compensator. The compensator depresses the slope of 1/S2of Gt( s)

to approximately 1/s around the f2 region which causes the 1/s2 slope to be

shifted to the left. If we consider f2 obtained by Eq. ( 2.11 ) as the crossover

frequency for the compensator, the whole Bode plot for the cascade

combination of the actuator and the compensator will shift to the left and it

will reduce the gain at the fundamental frequency. To compensate for this, the

crossover frequency of the compensator is obtained by gradually increasing or

shifting to the right by means of iterative calculation to achieve the target

error rejection Er(s) at the fundamental frequency. The resulting crossover

frequency is

t,= 1.874· 12 = 2700Hz ( 2.12 )

The compensator is inserted into the system in cascade to meet the design

target specifications in Table 2.4. The transfer function for the compensator is
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( 2.13 )

where a is the ratio between the pole and the zero frequencies, Tc is the time

constant and is obtained from the frequency at which the maximum phase

lead occurs [5],

1
T= .
c 21ifc-Ja

( 2.14 )

The phase lead at the crossover frequency is [5],

a-I(A = a sine )
a+l

( 2.15 )

The lead compensator has gain Gmcat fc. The value for Gmcis obtained

by substituting Tc from Eq. ( 2.14 ) into the compensator transfer function and

setting K, and s equal to one and 2nfc, respectively. We have,
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( 2.16 )

T bl 24 D . t t if t tI th I ta e . esign arge speer tea IOns or e ana og servo sys em.
FOCUS SERVO DESIGN TARGET

DESCRIPTION NOTATION VALUE
Peaking TCL ~peaking 1.7 dB

Overshoot - 10%
Phase margin 8to 60°

Alpha a 15
Resulting bandwidth BW 2.7 kHz

The gain constant K, is determined by the requirement for unity gain at

fc for the cascade combination of the actuator and compensator. To obtain

unity gain for the cascade combination of the actuator and compensator, we

need to divide the gain of the actuator at fc by the gain of the compensator at

f, (Gmc).The gain of the actuator at fc is obtained from Eq.( 2.11 ). The gain

constant K, is,



36

(
2Jifc] 2

OJnaK =----
c G

mc

( 2.17 )

The amplitude and phase Bode plots for the lead compensator are

shown in Fig. 2.4. Fig. 2.4 shows that the maximum phase of the compensator

is located at the crossover frequency f, as expected. The pole and zero

separation, the gain constant Gmc, and the phase constant 8c are dependent on

the value of o. u is determined by the phase margin requirements of the

design as shown in Table 2.4.
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Fig. 2.4 Bode plots of the lead compensator

An integrator is necessary to reduce the steady state error. A practical

integrator has a nonzero pole as opposed to the ideal integrator which has a

single pole at the origin. Also the purpose of the integrator is to increase the

gain at low frequencies resulting in improved error rejection at low

frequencies. The frequency response of a real integrator is shown in Fig. 2.5.

Note that the pole and zero frequencies of the practical integrator are 0.1 and

30 Hz, respectively. At low frequencies, the departure of the practical

integrator from the ideal integrator is due to the nonzero pole. The ideal
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integrator has its pole at zero frequency which will result in zero steady state

error. The smaller the practical integrator's pole frequency, the smaller the

resulting steady state error. At high frequencies the departure is due to the

practical integrator's zero response at 30 Hz. The practical integrator's zero

is selected at 30 Hz to minimize the reduction in the phase margin by the

integrator. A phase margin loss of 0.60 results which provides the required

phase margin of 600 for stability. If the integrator's zero becomes larger than

30 Hz, it will reduce the phase margin and the stability of the system.
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Fig. 2.5 Bode plots of the practical integrator

The transfer function of the practical integrator is,

39

--Gain, dB

-Phase, Degree

( 2.18 )

where (oz, (Op are the zero and pole frequency at 0.628 and 188.49 radian/see,

respectively.
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The compensated open loop transfer function with the integrator for the

analog system is,

( 2.19 )

The Bode plot is shown in Fig. 2.6. Fig. 2.6 shows a maximum servo gain of

approximately 138 dB at low frequencies. This maximum gain is effective for

reducing steady state errors attendant to the mechanical precision and the

stability of the drive and media tolerances. For example with a gain of

138 dB, if the mechanical tolerance, Tolm, at the rest position is

±200 urn (see Table 2.3), the focus error is ±25·10-6 urn during closed loop

operation of the servo at low frequencies. The gain of 138 dB at low

frequency produces a negligibly small steady state error of ±25·10-6urn.
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Fig. 2.6 Bode plots of the compensated open loop transfer function

The compensated closed loop transfer function is,

(2.20 )

The Bode plot is shown in Fig. 2.7. Fig. 2.7 shows a gain of 0 dB up to

100 Hz and also at the crossover frequency (2700 Hz). The peaking between

1 kHz and 2.7 kHz is attendant to the phase margin produced by the lead
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compensator. The peaking at 1.22 kHz is 1.7 dB. The peaking of the closed

loop response is in agreement with our design target shown in Table 2.4.
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Fig. 2.7 Bode plots of the compensated closed-loop transfer function

The error rejection for the compensated system is equal to

( 2.21 )
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The amplitude and phase Bode plots for above equation are shown in

Fig. 2.8. Fig. 2.8 shows a very good error rejection (:=:i 10-8) at very low

frequencies (0 to .001 Hz). The error rejection ability reduces as the

frequency increase until it reaches Odb at the crossover frequency. Any error

at frequencies higher than the crossover frequency will not be corrected. The

error rejection at the fundamental frequency is -55.49 dB. lfthe disk runout at

the fundamental frequency is ±200 urn, the resulting focus error attendant to

the disk runout is ±0.336 urn. This calculated focus error is approximately

equal to the amount that we budgeted in Section 2.3 as shown in Table 2.3.

We can conclude that the designed servo bandwidth (2700 Hz) is adequate to

reject the disk runout during closed loop operation. In the next section, we

will examine the effectiveness of the servo control system with this servo

bandwidth of 2700 Hz to reject the errors due to shock and vibrations.
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2.4 External Shock and Vibration

The design of the focus servo is now examined based only on external

shock and vibration excitation to the system independent of the media lateral

displacement. The external shock and vibration is applied to the device

through a range of frequencies from 5 to 500 Hz. The applied interpolated

power density spectrum [6], Vib (G2 per Hz) is shown in Fig. 2.9, where one
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G (gravitational force) is equal to 9.8 meter per see". The integration of the

input power density spectrum over the frequency range of 5 to 500 Hz will

result in a root mean square (RMS) of 0.67 Gs.

Our objective is to calculate the RMS value of the resulting displacement

error. To accomplish this objective, first we need to model the shock mount

and the actuator transfer function for shock and vibration. Next, with the input

power density of the shock and vibration, the corrected displacement error

can be calculated. The calculation of the resulting displacement error is

presented in Section 2.5.
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Fig. 2.9 External shock and vibration profile [6]

2.5 Shock and Vibration Requirements

The shock mount and actuator body assembly is modeled as a spring-

mass-dashpot system as shown in Fig. 2.10. Notice that the force with

displacement Xi is applied to the base of the spring-mass-dashpot, not to the

mass M, as shown in Fig. 2.l. This means that the force has to pass through

the lead network of the spring and the damper. From inspection of Fig. 2.10,

the transfer function representation of the shock mount model is
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0}
-s+ 0}2

XO(S) Q
Shock(s,Q,O}) = Xes) = ----==:.-O}--

I S2 + -s + 0}2

Q

( 2.22 )

where Q is the quality factor (Q = l/2~). The Bode plot for the transfer

function given by Eq. ( 2.22) is shown in Fig. 2.11, for a Q of 0.5 and a

resonant frequency, (0, of 70.0 Hz [6].



48

M Displacement, x,

Force, X.
1

Fig. 2.10 Mechanical free body of the shock mount
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Fig. 2.11 Magnitude Bode plot of the shock mount

The shock mount transmits the external shock and vibration to the disk

and actuator as shown in Fig. 2.12. In this report we modeled the body of the

actuator and the disk as one rigid body as shown in Fig. 2.12. The lens and

moving parts inside the actuator is the mass (Mj) shown in Fig. 2.12. Our

objective is to find the relative displacement of the lens compared to the disk

displacement when a force with displacement Xi is applied to the system

through the shock mount. First, we know the displacement of the lens is equal

to the displacement of the actuator body multiplied by the actuator transfer
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function. The disk displacement is equal to the displacement of the actuator

body, because the disk is modeled as a rigid body attached to the base as

shown in Fig. 2.12. With these assumptions, the disk will move by the same

amount as the actuator body. The relative displacement of the lens compared

to the disk is,

( 2.23)

The resulting transfer function for relative displacement of the lens is

1-Tactuator.

The transfer function of the lens relative to the disk, Gb, is,

Gb ( S) = (1- ~ctuator ( s)) . (2.24 )

For the mechanical model of the actuator as shown in Fig. 2.10, the transfer

function is,
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Fig. 2.12 Mechanical free body of the shock mount and the
actuator
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( 2.25 )
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The amplitude Bode plot of the actuator transfer function given by

Eq. ( 2.25 ) with resonant frequency, cona=8 Hz and damping factor, sa=O.25

and the relative displacement of the lens transfer function for the shock and

vibration are both shown in Fig. 2.13.

For the relative displacement transfer function at low frequencies, the

gain increases as the frequency increases up to the resonant frequency. This is

because for very low frequencies the lens moves with the base, and a very

small displacement difference between the lens and the base results. As the

frequency increases, the displacement difference increases because more

force is required to move the lens. At resonance the displacement difference

reaches its maximum value. At high frequencies the lens is almost stationary

relative to the disk surface so the relative displacement approaches unity. The

mean applied force for shock is constant (RMS value of 0.67 Gs).
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Fig. 2.13 Magnitude Bode plot of the response of the actuator and relative
displacement of the lens for the shock and vibration.

The total transfer function of shock and vibration is equal to the

cascade combination of the shock mount and the relative lens displacement

transfer function. The amplitude Bode plot of the cascade combination of

shock mount and actuator model is shown in Fig. 2.14.
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Fig. 2.14 Magnitude Bode plot of actuator and shock mount

We can determine the response of the system (uncorrected acceleration

error) without servo control by multiplying the input power density and the

total transfer function of shock and vibration. This response is our

uncorrected acceleration error, ai. The uncorrected acceleration error in terms

of displacement Xi can be represented as S2 -x, The corrected acceleration

error, <10, to shock and vibration using our designed servo system transfer

function for error rejection Te(s) is,
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(2.26)

Eq. ( 2.26) in terms of displacement is,

( 2.27 )

As the above equations show, the corrected displacement error ("0) is

obtained by double integration of the error rejection transfer function with

respect to frequency. For an acceleration input, we define the error rejection

function, C(s) as,

C(s) = I:~s)
s

( 2.28 )

The amplitude Bode plot ofC(s) is shown in Fig. 2.15.
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Fig. 2.15 Bode plot of the accelerated error rejection

At low frequencies, the error rejection ability increases as the frequency

increases up to the resonant frequency (8 Hz). At frequencies higher than the

resonant frequency, the error rejection ability decreases quickly until it

reaches an almost constant value of -158 dB.

The power density spectrum of the corrected error rejection is equal to

the input power density multiplied by the squared multiplication of the

absolute value of the shock, the relative displacement of the lens Gb( s) and

the error rejection function C(s),
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PSD(s) = Vib- (3 .106
• 9.8'1 (Shock(s) . Gb(s)· C(S))1)2 ( 2.29 )

The factor of three is to evaluate 3cr, the factor of 9.8 converts G's of

the input power density to meter per second squared and 106 converts meters

to microns. The total RMS value of the 3cr corrected error for the shock and

vibration of the response focus servo is,

500

Error = f PSDdj
5

( 2.30 )

The corrected error from Eq. ( 2.30) is 0.217 microns which is less

than our specification (0.346 um). This concludes that our focus servo design

is capable of reducing the shock and vibration disturbance to an acceptable

amount. The plot of the power density versus frequency is shown in Fig. 2.16.

Fig. 2.16 shows that a large part of the error is accumulated in the frequency

range of 45 to 65 Hz. The error in the frequency range from 40 to 65 Hz is,
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65

Error = f PSDdj = 0.173,urn
40

( 2.31 )
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Fig. 2.16 Power density spectrum for closed-loop system
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2.6 Summary

In this chapter we provided FMR specifications, disk runout

specifications, and design target specifications for our proposed focus servo

control system. We established a total FMR budget. We presented models for

the focus actuator and the shock mount. The frequency domain analyses of

these models were developed to study resonance and their effects on the

performance of the control system. The details of the modeling work and the

specific parameter values that were used for the controller design were given.

We determined the required servo bandwidth by using a compensator and

integrator controller to reduce the focus error to our design target in the

presence of the disk runout disturbance. We showed that our servo design

with the specified bandwidth can also reduce the disturbance due to shock

and vibration to an acceptable amount.
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CHAPTER 3

3. DIGITAL CONTROLLER DEVELOPMENT

In this chapter, we explore the design compromises imposed by digital

controllers. Section 3.1 presents the issues that arise when implementing

digital control designs that are of no significance when designing analog

controllers. Section 3.2 contains the discrete models of the actuator,

compensator, and integrator. Section 3.3 describes the transient response and

the steady state error of the focus servo loop. In Section 3.4 we summarize

our work.

3.1 Issues of Importance in Digital Controller Implementation

Although many of the design concepts from the analog setting extend

into the digital setting, there are additional issues that must be addressed
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when designing digital controllers. These additional issues, which are not

found in the analog design, serve to make the digital controller design more

challenging than the analog controller design. The issues that arise in the

digital setting consist of: (i) sample rate selection, (ii) determination of the

anti-aliasing filters, (iii) selection of AID and D/A converters, (iv) addressing

computation time delay, and (v) scaling control law variables. The remainder

of this section will address each of these issues

3.1.1 Sample Rate Selection

The sampling period was chosen based on the stability and overall

performance of the digital control system. The choice of the sampling rate

depends on many interrelated factors, such as the closed-loop speed of the

process to be controlled, the choice of anti-aliasing filter, the high frequency

unmode1led dynamics of the system, and the cost of the digital hardware used

to implement the control law such as DSP, AID, and D/A. The sampling rate

has an effect on the phase margin, a faster sampling rate produces a smaller
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phase delay which increases the phase margin. Typically, the sampling rate is

selected to be 10 to 20 times faster than the closed-loop bandwidth [7]. The

sampling period needs to be large enough to encompass the control law

computation time and other DSP operations.

The Nyquist theorem requires that at a minimum, the sampling rate

must be greater than two times the system bandwidth. If this condition is not

met, the result will be an aliased version of the closed-loop roots which may

lead to unwanted response characteristics [7].

The controller usually has been designed to increase the damping in

high frequency (resonant modes) unmodelled dynamics, then the sampling

rate should be selected to be at a rate that is greater than twice the resonant

frequency under consideration.

The determination of anti-aliasing filters is closely related to selection

of a sampling rate. To select a sampling rate for our servo loop, we designed

an anti-aliasing filter that met our design specification for phase

margin ( ::::! 45° ).
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With all of the above considerations, the slowest sampling rate that met

all of the performance specifications was determined to be 100 kHz

(see Section 3.1.3 and 3.1.4).

3.1.2 Determination of the Anti-Aliasing Filter

The anti-aliasing filter bandwidth is related to the sampling rate and for

an ideal low pass filter the cut-off frequency is equal to half of the sampling

frequency. The impact of the anti-aliasing filters upon the control design is

mainly through the additional phase-lag introduced into the system.

The anti-aliasing bandwidth is selected to be 50 kHz (COI) with a

damping factor, sI=0.5. This analog filter bandwidth results in approximately

30 of phase delay at 2.7 kHz, which is acceptable for our design. Any

bandwidth less than 50kHz results in an unacceptable phase delay. The anti-

aliasing filter specifications are shown in Table 3.1. The transfer function for

the anti-alias filter is,

( 3.1 )



64

The amplitude and phase Bode plots of the anti-aliasing filter are

shown in Fig. 3.1 The digital representation of the anti-alias filter is

determined from the pole zero mapping technique [8]. To have the true

representation of the analog filter during the digital frequency domain

modeling, the filter is digitized in the model at a rate that is 100 times faster

than the sampling rate. If we were to digitize the filter at 10 MHz, there

would not be any difference in the phase response between the analog and

digital representations. In Section 3.2.3, we will simulate the digital model of

the whole focus servo system with a sampling rate of 10 MHz to find the

phase margin of the control system. With such a fast sampling rate, we will

represent the true behavior of the two analog components, actuator and low

pass filter in the digital frequency domain.

T bl 3 1 An' l' . fila e . n-a rasing ter
DESCRIPTION NOTATION VALUE

Bandwidth BW1 50kHz
Damping factor ~I 0.5

Phase loss 81 (iiJ 2.7 kHz 3°
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Fig. 3.1 Bode plots of the anti-aliasing filter

3.1.3 AID and DIA Converters

The selection of the AID and DIA converters centers around two

issues. One is the time required to perform the AID conversion process and

the other is the amount of resolution that is required from the converters. The

conversion time for the AID and the DIA converters is not addressed in this

report because it is a cost versus performance issue.
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In general, the DIA converter can be modeled as a hold circuit that

holds the converted value constant for one sampling period. The DIA

converter is commonly modeled as a zero-order hold. It accepts a unit pulse

sample at some multiple of the sampling rate, t = kt., and holds its output

constant at this value until the next sample is sent at t =kt, + ts. The amplitude

and phase Bode plots of the zero-order hold in the analog domain are shown

in Fig. 3.2. The phase delay produced by the zero-order hold with a 100 kHz

sampling rate is 4.8° at a servo bandwidth frequency of 2.7 kHz. A slower

sampling rate would result in a larger phase delay for the zero order hold. For

example, a 10kHz sampling rate would result in 48° phase delay at the servo

bandwidth frequency. The servo bandwidth requires us to use a sampling rate

of 100 kHz or greater, in order to achieve an acceptable phase delay of 4.8°,

for the zero-order hold.

The dynamic range of the DIA converter is based on the disk runout,

Euc=± 200 f..UI1, and the system tolerance, Es=± 200 f..UI1. Therefore, the total

dynamic range is ± 400 f..UI1. The quantization level or resolution of DIA is

selected to one tenth of the corrected error for the disk runout, Ec=O.346 f..UI1.
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We have the total number of quantization steps to be equal to

40010.0346= 11560. This number of steps can be represented with 14 bits.

From this reasoning the DIA is determined to use 13 bits plus 1 sign bit.

Fig. 1.2 shows that the signal out of the focusing sensor is input to the

AID. The "S"-curve for the focusing sensor is defmed as a change in the

focus error signal as the objective lens is moved through focus [3]. The

"S" -curve for the focusing sensor converts the actuator displacement ("0) into

a voltage signal which is sampled by the AID. The total dynamic range of the

focusing sensor is ± 20 J.UIl with a 20% tolerance yielding a total of ± 24 J.UIl.

The quantization level (resolution) of the AID is selected to be 0.01 J.UIl which

results in 24/0.01=2400 quantization steps. A 12 bit AID converter can

represent the total dynamic range of the focusing sensor. We determined to

utilize a 12 bit AID converter with sampling capability of 100 kHz.
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Fig. 3.2 Bode plots of the zero-order hold

3.1.4 Addressing Computation Time Delay

We selected the computation delay for the DSP and AID converter to be

equal to 80% of the sampling period (Tcompute= 8 us). This leaves 200/0 of the

DSP's operation time to perform communication and other overhead

operations. The loss in phase margin due to finite computation time of the

DSP is,
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T
() () = compute. 360

loss S T(s)
( 3.2 )

The above equation is derived from setting the ratio of the phase loss at

the frequency of interest, s, to the phase of one period (360°) equal to the

ratio of the computation time to the period of the frequency of interest, T(s).

A plot of the phase delay due to computation as a function of frequency is

shown in Fig. 3.3. With a sampling rate of 100 kHz, Fig. 3.3 shows a phase

delay of 7.8° at the servo bandwidth frequency. A slower sampling rate will

produce a larger phase delay because Tcompute is assumed to be a fixed

percentage of the sampling period.
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Fig. 3.3 Computation delay phase for a sampling rate of 100 kHz

3.1.5 Scaling the Control Law Variables

The scaling of signals into and out of the DSP may not be as important

to the designer if the DSP has floating point arithmetic. However, most

control applications can be realized with a fixed point DSP if the signal

scaling is adequately addressed. A fixed point DSP will be less expensive and

typically allows for faster processing speed, which are two significant

features that favor its use.
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The overall goal of the scaling operation is to have all of the signals

inside the control law bounded between ±l (where the value of 1 is

represented by the maximum word length plus a sign bit in the DSP) to

minimize the occurrence of an overflow condition. In Section 3.2.1, we will

describe the discrete models of the compensator and integrator with

coefficients less than 1 for scaling purposes.

3.2 Discrete Models of the Controller and the Actuator

In this chapter, we will present the discrete models of the

compensator, the integrator, and the actuator in the frequency domain. We

will also look at the digital modeling of the whole system. In Sections 3.1.2

and 3.1.3, the design of the anti-aliasing filter and zero order hold system

provided insight into how the digital implementation issues such as sampling

rate and phase delay influence the closed-loop system performance.

A block diagram of the digital focus servo for the actuator motion is

shown in Fig. 1.2. The analog components, actuator and anti-aliasing filter,
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and the digital component, DSP, are interfaced through the AID and DIA

converters. The DSP controller implements the lead compensator and the

integrator.

3.2.1 Discrete Models of the Compensator and Integrator

The digital transformation of the compensator Eq. ( 2.13 )without the

constant gain K, is

( 3.3 )

where al and b2 are calculated using pole zero mapping techniques and bo for

scaling purposes is set to 0.5. b2 is given by,

b -2·1!'·/·f b2=e :WS. 0 (3.4 )



and a, is given by,
73

( 3.5 )

fpwand fzw are the prewarped critical s-domain frequencies [8]. The defmed

prewarped pole and zero frequencies are,

2 r.,
f = -tan(-),

pw t 2
s

and

2 f/sf zw = t tan(-2-) ,
s

where fp is 10.5 kHz, and fz is 700 Hz for the analog lead compensator.

( 3.6 )

(3.7 )
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The sampling period, t, is 10 MS. The block diagram of the digital

implementation of the compensator is shown in Fig. 3.4. For the software

implementation of the digital compensator, its z-transform needs to be

converted to a difference equation [8]. The difference equation for the

compensator is,

( 3.8 )

where Xc(k)is the difference between the FES reference input and the discrete

output of the AID. y(k) is the discrete output of the DSP that is sent to the

actuator according to the block diagram shown in Fig. 1.2. For this design,

the coefficients are given in Table 3.2.

T bl 32 C t ta e . ompensa or parame ers
CONWENSATORPARAMETERS
PARAMETER VALUE

b2 0.945
al 0.319
bo 0.5
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The Bode plots of gain and phase of the compensator for the analog

and digital implementations are shown in Fig. 3.5 and Fig. 3.6, respectively.

Similar performance between the analog and digital implementation is

observed up to the sampling rate, t;
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The block diagram of digital design of the integrator is shown in

Fig. 3.7. Half of the output of the compensator goes into the integrator and the

other half sums up with the output of the integrator. The integrator is designed

to allow the DSP to bypass the output of the integrator every other sample for

computation efficiency. The z-transform of the integrator shown in Fig. 3.7 is,

(3.9 )
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where Xi is the output of the compensator (input to the integrator) and Yi is the

output of the integrator. The coefficients of the integrator in Eq. ( 3.9) are

given in Table 3.3.

a·1

Xi -1
Yi

b Z ~ 1121

~112

Fig. 3.7 Block diagram of the integrator

The digital transfer function of the integrator derived from Eq. ( 3.9 ) is,

. l[z-(i -bt
)]

G (z) =~=- .
t X. 2 a,, z--

2

(3.10 )
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The pole, a/2 of the z transfer function of the integrator using the pole/zero

transformation technique from the analog to the digital domain is,

az' -2'1['/ t- == e pI S

2
(3.11)

where fpi is the corresponding analog domain pole (0.1 Hz). For low

frequencies, the prewarped frequency correction is not necessary. With a,

calculated, the zero, (~ - hi ), is used to determine b., thus

b. = ai _ e -2·;rIzls
12,

(3.12 )

where fziis the corresponding analog domain zero (30 Hz). The Bode plots of

the gain and the phase of the integrator for the analog and digital

implementations are shown in Fig. 3.8 and Fig. 3.9, respectively. Similar

performance between the analog and digital implementation is observed up to

the sampling rate.
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Fig. 3.8 Magnitude Bode plot of the integrator
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Fig. 3.9 Phase Bode plot of the integrator

The cascade combination of the compensator and the integrator is

( 3.13 )

where the multiplication by the factor of two is necessary because only half of

the output of the compensator is utilized by the integrator. The inputs to the

last summing junction shown in Fig. 3.7 are each scaled by a factor of Y2 to



82
prevent an overflow condition (IYil >1) from occurrmg. From the block

diagram shown in Fig. 3.7 we can see that Yi is equal to only one half of the

output of the compensator when Yii is equal to zero. Yii is equal to zero if the

steady state error is zero or if the integrator is disabled by the DSP. From this

reasoning the factor of two shown in Eq. 3.13 is justified. The magnitude and

phase Bode plots for both the analog and digital implementations are shown

in Fig. 3.10 and Fig. 3.11, respectively.
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3.2.2 Discrete Model of the Actuator

The actuator is an analog component of the digital focus servo control

system. Fig. 1.2 shows that the actuator is placed between the DAC and the

ADC. We wish to fmd the discrete transfer function Ga(z) of the actuator,

when the continuous transfer function is Ga(s). For the digital frequency

domain modeling of the whole system, which consists of analog and digital

components, we need a simulated sampling rate, T, that is 100 times faster

than our real sampling rate, ts, in order to achieve an accurate representation

of the actuator as we did for the anti-aliasing filter.

One issue that we need to be concerned with is that a faster sampling

rate will result in a smaller phase delay for our digital components such as the

zero-order hold. This will not represent the real behavior of our system during

digital modeling. For digital modeling with a faster sampling rate, T, we need

to delay the zero-order hold by the same integer factor (100 times) to

compensate for the increased sampling rate. This allows us to achieve the same

phase delay for the digital components that the real operating system has.
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The D/A converter accepts a sample pulse u(kT) at t = kT. To delay its

output, we need to hold it constant at this value until the next sample is sent at

t = 100·kT + T. Therefore the output of the DIA converter is a pulse of width

100·T seconds and a height of u(kT). Mathematically, this pulse is given by,

u(t) - u(t - 100·T). The response is the difference between the step

response ( to u( t ) ) and the delayed step response ( to u(t - 100·T) ). The

Laplace transform of the step response is GaCs)/s. Thus in the frequency

domain, the transfer function between the actuator and the zero-order hold is,

Xo (s)
e(s) (1 _ e-IOO.T.S) • Ga(s)

IOO·s
( 3.14 )

and the discrete transfer function of the actuator and zero-order hold is,

( 3.15 )
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We now consider computing the discrete transfer function of the

computation delay. Tcomputeis 80% of the sampling interval. The computation

transfer function in the s-domain is,

Gcompute ( S)
- ~ompute·se ( 3.16 )

Tcomputeis defmed as,

~ompute l-t =m-ts s ,
( 3.17 )

where I is an integer (1=1) and m is a positive number less than l.0 (0.2).

With these definitions we can write,

G () -[·t -s m.t -s
compute S = e s • e s ( 3.18 )
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Substituting for t, in Eq. ( 3.18 ) we obtain,

G () -lOO·f.T-s 100·m·T·s
compute S = e .e (3.19)

Taking the z transform of Eq. ( 3.19 ),

G ( ) = -1001 Z { 100.m.T.s}
compute Z Z e (3.20)

Because I is an integer, the term e-1Ts reduces to z' when we take the

z-transform. Because m < 1, the transform of the other term is quite direct.

The discrete transfer function of the actuator, zero-order hold, and

computation delay, Gad(Z), is,

( 3.21 )



88

We know the actuator transfer function Ga(s) Eq. ( 2.2 ) and, after the partial

fraction expansion of GaCs)/s,we have,

(3.22)

where COaland COa2are the complex poles of the actuator. The coefficient Mo,

( 3.23 )

KaM, = --2---=-----

COal - COal· COa2
(3.24 )
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( 3.25 )

where Ka is the normalized gain of the actuator. Ka is 2527/sec2,

To complete the transfer function, we need the z-transforms of the

inverses of the terms in the braces. The first term is a unit step shifted left by

100mT seconds ( 2 us ), and the last two terms are exponential fimctior;s

shifted left by the same amount. Because lOOmTis 2 JlS, these shifts are less

than one full period of the real sampling period (10 us), and no samples are

picked up in negative time.

The [mal z-transform of the actuator including the zero-order hold and

computation delay is,
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(3.26)

The magnitude and phase Bode plots of the actuator transfer function

including the zero-order hold and the computation delay in analog and digital

domain are compared in Fig. 3.12 and Fig. 3.13, respectively. The magnitudes

of the analog and digital domain of the actuator transfer function are the same

up to the sampling rate. As we expected, the digital representation of the

actuator has a phase delay of 12.6° at the crossover frequency which is the

same as the analog representation. 12.6° is the summation of the zero-order

hold delay (4.8°) and the computation delay (7.8°) at the crossover frequency.
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3.2.3 Digital Modeling of the Whole Focus Servo System

In Section 3.2.3, we derived the discrete transfer function of the

actuator at the faster simulation sampling period T, of O.l JlS. The discrete

transfer function of the actuator and the anti-aliasing filter at this faster

simulation sampling rate will represent the true behavior of these analog
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components. The appropriate phase delay for the zero-order hold with the

sampling rate, t, is also accurately modeled.

The purpose of the digital frequency domain modeling of the focus

servo system at the faster simulation sampling rate is to represent the real

focus servo system and to determine itsphase margin. To evaluate the phase

margin, we need to calculate the open loop discrete transfer function. The

open loop discrete transfer function of the focusing servo loop is,

GT (z) = Gc (z) .2 . Gt (z) . Gad (Z) . GI (Z) ( 3.27 )

The magnitude and phase Bode plots of the open loop discrete and

analog transfer functions (Eq. ( 2.19)) are compared in Fig. 3.14 and

Fig. 3.15, respectively. Fig. 3.15 indicates a phase margin of about 60° for

the analog and 45° for the digital modeling representation. The loss of phase

margin in the digital representation is due to the zero-order hold and the

computation delay.
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Fig. 3.14 Magnitude Bode plot of the complete open loop transfer function
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The magnitude and phase Bode plots for the closed loop discrete and analog

transfer function are shown in Fig. 3.16 and Fig. 3.17, respectively.
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Fig. 3.17 Phase Bode plot of the complete closed-loop transfer function

The peaking between 1 kHz and 2.7 kHz in Fig. 3.16 is inversely proportional

to phase margin for the digital and analog representation [9]. Fig. 3.16 has

smaller peaking for the analog domain than the digital domain as we

expected. The digital representation has a 450 phase margin and 2.6 dB

peaking at 2 kHz (see Table 3.5).
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3.3 Transient and Steady State Response Analysis

In this section, we will discuss the transient and steady state error

response of the closed-loop focus servo control. The transient response refers

to the portion of the response due to the closed-loop poles of the system, and

the steady state FES response refers to the portion of the response due to the

poles of the input or forcing function. It is important to study the time

response of the digital control system, which consists of two parts: the

transient and the steady state response. To predict the dynamic behavior of

our digital closed loop system, we will subject the system to an input in the

time domain. The output of the focus servo system cannot follow the input

immediately, but exhibits an oscillatory transient response before a steady

state can be reached. If a transient response stays oscillatory, the control

system is unstable.

We will consider the response of the discrete-time system to time-

domain inputs such as a unit step and a sinusoidal with sweeping frequency

inputs.
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3.3.1 Transient Response and Steady State Error

The discrete closed-loop transfer function of the servo system is now

reevaluated at the real system sampling rate of 100 kHz. The transient

response of this closed-loop system to a unit step input applied at the FES set

point input is shown in Fig. 3.l8. The initial condition assumption is that the

system is at rest initially and that the output and all·its time derivatives are

zero.

The difference equation that is developed from the discrete closed loop

control is,

( 3.28 )

1
y(k) = -- {~y(k -1) + Asy(k - 2) + (B4 - A4)y(k - 3) + (A3 + B3)y(k - 4)+""

A7
(A4 + B4)y(k - 3) + (A3 + B3)y(k -4) + (A2 + B2)y(k - 5) + (AI + BI)y(k - 6)+-""

Bay(k -7) - B4X(k - 3)- B3X(k - 4) - B2X(k - 5)- BIX(k - 6) - Bax(k -7)}
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where y(k) is the discrete output of the AID in Fig. 1.2 and x(k) is the input,

FES. The difference equation shows that the closed loop system is a seventh

order system. The coefficients ofEq. (3.28) are given in Table 3.4,

Table 3.4 Difference equation coefficients
Al 0.684
A2 -4.32
A3 11.45
~ 16.25
As 13.02
~ 5.58
A7 1.0
Bo 2.89E-5
BI 1.67E-6
B2 -8.85E-5
B3 5.63E-5
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Fig. 3.18 Unit step, transient response and steady state error

The error signal is also shown in Fig. 3.18. The error is defmed as,

e(k) = FES - y(k). ( 3.29 )

FES is equal to one at all times ( unit step ). The steady state error signal is

very close to zero. The transient response has a delay time of 65 JlS , a rise

time of 36 JlS, a peak time of 160 us, a maximum overshoot of 59%, and a
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settling time of 280 us. The above transient response can be roughly

approximated by a second order model. The phase margin of our digital servo

system is 45° which corresponds to approximately a damping factor of 0.45

for the second order system. A second order system damping factor of 0.45

corresponds to a 20% overshoot [9]. The step response in Fig. 3.18 has an

overshoot of 59% which corresponds to damping factor of 0.17 or a phase

margin of 17°. This overshoot is not what we would expect from our design

specifications. This shows that a second order model does not adequately

describe the resulting transient performance of our system. This is because of

the large amount of phase delay produced in the digital system that reduces

our gain margin drastically compared to the analog case.

The transient response and error signal of the digital servo system to a

sinusoidal input with a sweeping frequency range of 0 to 10kHz is shown

Fig. 3.19. Fig. 3.19 illustrates what the output and error signal might look like

with a varying input frequency. At frequencies higher than our servo

bandwidth, the response to sinusoidal input is reduced to zero. It shows that

the servo system does not respond to any high frequency disturbances. The
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error signal is very small at low frequencies. At frequencies higher than the

cutoff frequency, there is no error rejection as expected.

We have summarized the design target and achieved specifications for

the digital servo control system in Table 3.5.

T bl 35 D .a e . esign target speer ications or t
Description Target Achieved

Phase margin 45° 45°
Peaking 2.6 dB 2.6 dB

Overshoot 20% 59%

f he digital servo control system
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Fig. 3.19 Transient response and error to the sweeping sine wave

3.4 Summary

In this chapter we have shown how the transfer function of analog

models represented using the Laplace transform can be described by

the z-transform discrete models. The Laplace transfer function of the actuator

and the compensator and the integrator are converted to z transforms by using

pole zero mapping techniques. The compensator and the integrator transfer

functions are normalized for scaling purposes.
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A minimum sampling rate was chosen to produce a minimum amount

of computation delay and zero order hold phase delay. To have a real

representation of the analog components such as the actuator and the anti-

aliasing filter, we simulated the whole servo loop at a 100 times faster

sampling rate. To achieve the correct zero-order hold phase delay and

computation delay during simulation, we delayed the zero-order hold and the

computation time by the same integer factor that we used to speed up the

sampling rate. We determined the phase margin of the digital system by

simulating the whole servo loop at the faster sampling rate. We compared the

peaking that we achieved from the simulation in the frequency domain with

the overshoot of the transient response in the time domain simulation. The

overshoot of the transient response was larger than expected based on a

second order model. Therefore we can conclude that the second order model

does not adequately describe the resulting transient performance of our

system.
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CHAPTER 4

4. Summary

In this report, we first analyzed the requirements for a focus servo

control system for use in an optical disk tester. We determined a FMR budget

that was composed of three dominant components, disk runout, shock and

vibration, and system noise. We established a design point for the dynamic

performance of the servo system that determined the required phase margin,

overshoot, and peaking.

To facilitate our design approach, the specifications of a commercially

available focus actuator and a shock mount were used. The frequency domain

models of these components were developed from frequency response

measurements and parameter estimation to understand their effects on the

performance of the control system. A complete analog model of the servo
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system in the frequency domain was established to determine an operating

design point. The optical disk displacement dynamics information was

obtained from ECMA standards associated with the commercial production

of magnetic optical disks. Chapter 2 gives the details of the modeling work as

well as the specific parameter values that were used for the controller design.

We analyzed our analog focus servo control system's ability to operate

properly in the presence of expected shock and vibration disturbances.

Since a primary objective of this report is to demonstrate the feasibility

of a digital focusing controller for an optical disk tester, some basics on

digital controller development and performance details using a frequency-

domain approach were given in chapter 3. In particular, certain issues of

importance that need to be addressed in the digital control implementation,

such as sampling rate, time delay from the zero-order hold model of the DIA

converter, and computation delay effects, were discussed. A digital focus

control system for use on an optical disk tester was designed based on

performance specifications. A digital controller design that met all of the

performance requirements was discussed in detail. Modeling and simulation

results showed that all of the important performance requirements were
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achieved (see Table 3.5) except that the step response overshoot was larger

that our design target. The overshoot response possibly could be reduced by

increasing the pole/zero separation of the lead compensator. Increasing the

pole/zero separation may cause an associated increase in high frequency

noise attendant to the increased gain at higher frequencies.

4.1 Future Work

We successfully demonstrated the design procedures for a digital

controller implementation for the focusing motion. Specific tasks that need to

be investigated in the future are more dependent upon the actual

implementation chosen for the servo control system. For example, in the

future the availability of less expensive, faster DSPs with less computation

time requirements will allow us to operate our focus servo control system

with a faster sampling rate. This is only possible if faster ADCs and DACs

also become available at lower costs.

Alternative approaches for realizing digital controllers such as hard

wired logic (Programmable Gate Arrays) are also possible. The disadvantage
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of hard wired logic is that changes or calibration procedures cannot be

modified easily. The implementation chosen is dependent upon the schedule

and budget requirements. If a DSP approach is chosen, then issues regarding

processor selection based on performance, cost, coding efficiency and

availability must be considered. In addition, the selection of the ADC and

DAC in conjunction with the level of electronic component integration in a

single package should be considered. We expect that, in the future, as

electronic parts become smaller that the level of integration will increase, thus

providing more components located on a single package. This will reduce

costs and allow the use of higher performance components.
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