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ADAPTIVE VIBRATION CONTROL FOR 
SERVO SYSTEMS IN DATA.STORAGE DEVICES 

Technical Field 

tie present invention relates to data storage devices. More particularly, the 

presenfhvention relates to techniques for correcting the ad:verse effects of vibrations 

on Serf systems in data storage devices. 

Backg~Wld of the Invention · 

With increases in track densities of Hard Disk Drives C'HDDs''), vibration 

se111itivity has become an acute problem. Present generations ofHDDs· at densities 

of 10,000 tracks per inch ("TPf') already exhibit poor settleout and/or track-follow 
.,..·· 

characteristics when subject to external vibrations. fu computer servers or. arrays, 

where n;ull.tiple disk drives are mounted in a frame, vibrations from one drive may 

substantially affect neighboring drives. At least three types of external vibration 

. sources are known: 1) periodic with relatiyely constant peak amplitude ansing from 

spindle imbalance; 2) non-periodic arising from reaction torque generated by an 

actuator seek motion; and 3) random vibrations resulting from other unpredictable 

external events. For exaII,1.ple, CD-ROMs are known to produce vibratiQns which 

are periodic with gradually changing periodicity. 

Conventional servo systems can reduce the track-follow error by about 20 to 

· · 30 dB using the ·basic servo loop error rejection property, but this level of error 

rejection is no longer sufficient to make HDDs immune from adverse vibration 

effects. This problem is expected to get worse with the accelerated growth of track 

densities in future products. 
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Present generation 2.5" and 3.5" direct access storage devices ("DASDs") 

are designed to operate in both portable and desk-top/server environments. In 

portable computers, the 2.5" DASDs are subject to harsl;i non-operating conditions, 

and moderate operating conditions. On the other hand, desk-top 3.5" DASDs are 

not subject to as much non-operating shock. However, desk-top/seI"Ver DASDs 

often operate in the presence of multiple vibration sources associated with other 

drives in a single computer frame. 

Mechanical components such as spindle motor assemblies are not perfectly 

mass balanced, and may produce harmonic vibrations duriiig operation. Harmonic 

vibrations produce both a linear and a rotational oscillatory motion of the entire 
. . . 

system. At the 10 k1PI design point, a rotational oscillatory motion of a track with 
. . . 

respect to the actuator pivot of about 0.01 thousandth of an inch (0.25 micrometer) 

corresponds to 10% of the track pitch. When not compensated, a 1fack-follow error 

of 10% of track pitch can be detrimental to a drive's soft and hard error rate 

performance. 

~ HDD with a rotary actuator system is highly sensitive to rotational 

vibrations of the base plate. Using special shock and vibration isolation mount 
. 

designs, the rotational oscillatocy components due to internal spindle forcing can be 
. -

i¢riimized as disclosed in U.S. Patent No. 5,400, 196. · A mount design optimized for 

internal spindle vibration decoupling as in U.S. Patent No. 5,400,196 is still 

susceptible to external vibrations. By deploying isolation mounts along a polygon 

satisfying a particular set of criteria (as taught by Japanese Patent No. 2,565,637) the 

externally generated vibration can also be decoupled. However, it is often a 

challenge to convince customers to implement special mount designs to compensate 

for manufacturing imperfections of IIDDs. 
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As discussed above, present track dep.sitj is about I 0 k1PI, and is expected 

to grow exponentially with time. Positioning the read/write elements over small 

tracks is therefore a major challenge, especially in the pr~sence of vibrations. Servo 

systems are used for positioning. and per.form three critical t&;sks: 1) they move the 

head to the vicinity of a target in a minimum time using a velocity servo under s~k . 

mode; 2) they position the head on the target track with minimum settleout time 

using a position controller without an integiating eleln.ent m it; and 3) the servo 

sys~ enters the track-follow mode with a proportional-integral-derivative type . . 

("PID") position controller. 

Magnetically recordable tracks are set to mo~ at a constant tangential 

velocity during operation of an HDD by the !!Jpindle motor system. Due to bearing 

imperfection as well as mechanical vibra~on of the IIDD platform, the tracks lna.y 

tend to move in the radial direction as well. The read/write ('RN/") elements are 

transported primRrily along the radial direction of a disk platter thus providing an 
. . . 

ability to follow the radial movement of the tracks. The position error signal 

("PES") generated from the servo sectors of a disk by the read head represents the 

relative error between the two mechanically moving-objects" i.e., the track and the 

RIW head The PES contains repeatable and non-repeatable components. The 

repeatable component caD. further be classified into short term repeatable and long 

term repeatable categories. Feedback or feedforward solutions take advantage of the 

repeatable property of the PES to formulate innovative servo solutions. A feedback 

(U.S. Patent No. 5,608,586) or feedforward (U.S. Patent No. 4,536,80?) solution can 

be considered to compensate for repeatable track-follow error components. When a 

repeatable run out component frequency is known a-priori, a digital servo algorithm 

can be designed and embedded in a product servo microcode to suppress the position 

error component at the vibration frequency. The run out at this frequency can result 

from either a physical shift of a disk with respect to its axis of rotation or from self 

vibration created by spindle.motor mass imbalance. As described in U.S. Patent No. 
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5,608,586, a robust servo solution, including optimum initial condition setup to 

operate a digital filter, solves the disk shift problem with minimwn settleout time 

penalty. A disk shift due to shock can be considered long term repeatable as it is 

affected by the occasional shock. · 

However, when a frequency of cross vibration is unknown, such as that 

as~ociated with another HDD in the same frame, a servo algorithm according to U.S. 

Patent No. 5,608,586 cannot be designed and embedded in the drive prior to 

shipment. This probleni must-be addressed in any effective cross vibration solution. 

Further, any solution should be implemented without major computatio~l 

requirements since the cost co~ti:aint;s of HDDs usually preclude the use of a 

dedicated digital signal processor ("DSP") to perform complex 0r long arithmetic . . 
functions. 

What is required, therefore, are techn:iques to compensate for vibrations 

encountered in disk drives, which are adaptive to the frequencie$ of the vibrations, 

and which can be implemented without using complex computjng hardware. 

Summaey of Invention 

The present invention solves the periodic, cross vibration problem by 

implementing a two step algorithm which first detects the dominant cross vibration 

:frequency, and then configures an optimal servo feedback solution. The information 

gathered during the detection process is used to configure a digit.al peak filter. The 

filter coefficients are tuned to compensate for the detected periodic vibration induced 

error. The servo algorithm uses a frequently updated initial condition vector to 

minimize the settleout time encouD.tered due to the transient dynamiqs of the digital 

filter. Advantageously, no trigonometric oomputations, such as FFTs, are invoked in 

one aspect of the present invention, during the determination of the cross vibration 
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frequency. Hence a low cost implementation-in a microprocessor-based or 

specialized chip-based HDD servo control system is provided by the present 

invention. 

In that reg~d, the present invention relates, in one aspect, to techniques for 

reducing the effect of a vibration on a position signal in a servo system of a data 

storage device. The servo' system controls the position of all access element with 

respect to a medium ·mounted for movement in the data storage device. The 

technique involves detecting, during operation <>f the data storage device; a frequency 

of the vibration. An exemplary detection filter scans the position signal across a 

range of frequencies, and, at each respective scanned frequency, records an 

. amplitude associated therewith. The recorded amplitudes are then examined to 
. . 

determine whether any exceed a threshold, thereby locating the corresponding 

frequency of the vibration. 

Once the frequency· of vibration is determined, a corrective filter is 

configured to reduce the effect of the frequency of the vibration on the position 

signal. The corrective filter is configured to operate at the detected frequency of the 

vibration, in aceordance with a plurality of filter coeffi.ciep.ts determined as a 

function of the detected fr:equency of the vibration. 

In one exemplacy embodiment, the corrective filter may be of the form 

Y(n) = Ap(n) + Bp(n-1)+ Cp(n-2) -EY(n-1)- FY(n-2). 

To ensure that the intermediate nodes of the filter operate within the 

allowable dynamic range of the processing, various filter structures are disclosed 

herein. 
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The filter may be used alone, or in addition to other _filters, which may correct 

for, for example, self-vibration from the data storage device. Since the filters may 

only be engaged during settle-out/track follow mode, tec~ques for accessing the 

filter state vectors, as initial conditions, milst be provided. In that regard, the present 

invention relates to, in another aspect, repeatedly engaging the filters, including 

repeatedly accessing filter state vectors as a fimction of the frequency of :the vibration 

from the sources internal or external to the data storage .device. These filter states 

may be·refreshed periodically ~th corresponding outputs from the filter (in one 

example, about every S to I 0 periods of the vibration). Separate counters ma:y be 

maintained-(M and N) to access the respective filter state vectors. The counters 

wrap at an index corresponding to the deteeted frequency of the vibration;-thereby 

allowing the filter to access its filter state vectors, as initial conditions, as the fUter is 

repeatedly engaged d.Uring settle-out/ti:ack-follow. 

To account for changing vibration conditions, the present invention relates to, 

in ·another aspect, repeate4J.y detecting, during operation of the data storage device, a 

frequency of vibration and repeatedly configuring the corrective filter to operate at 

the detected frequency. 

By utilizing the dtlal approach of first detecting, and then correcting for 

frequ~cies of vibration, and by providing the novel filter implementation structures 

herein, the present invention provides a solution for vibrations in data storage 

devices. These vibrations are often unpredictable, and the frequencies of vibration 

must therefore be detected and accounted for during real-time operation of the 

system. Further, the present invention provides low processing cost solutions to 

these problems, i.e., avoids FFT processing techniques, for the detection and filtering 

processes disclosed herein. 

Brief Description of the Drawings 
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Fig. la depicts a computer frame having two disk drives with 

differen~ respective revolution speeds; 

Fig. ~b is a time plot of the position error signal ("PES") of 

one of the drives of Fig. la; 

Fig. 2a· depicts a drive of interest 10 having digital peak 

filters for self and cross vibration frequency oomponents, respectively; 

-Fig. 2b is a time plot of the iniproved·PES for the drive of 

Fig. 2a; 

Fig. 3 depicts an exemplary computation sequence for the 

generation of digital peak filter coeffici~ts A, B, C, E and F as ~ 

function of the frequency of interest ro, in accordance with the present 

invention; 

Figs. 4a-g depict different digital filter structures proposed to 

correct cross vibration frequency components in accordance with the 

present invention; 

Figs. 5a-g are spectral plots for first and second stages of 

each of the filter structures of Figs. 4a-g, respectively; 

Fig. 6a depicts a series, cascade configuration for a vibration 

filter in the servo loop; 
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Fig. 6b depicts a parallel configuration for a vibration filter in 

the servo loop; 

Fig. 7a is a flow diagram of the steps necessary to detect the 

vibration frequency of interest ID, in a~ce with the present 

invention1 · 

Fig. 7b depicts an eX.emplacy configuration of the system for 

detecting the vibration frequency of interest ID, in accordance with the 
present invention; 

Fig. 7c is an amplitude vs. frequency plot of the results of the 

detection process used to detect the vibration frequency of inter~st ID; 

Fig. 8 depicts five repeated measurements for a sample 

detection process carried out in accordance with the present 

invention; 

Figs. 9a-b are 5, coinciden~ spectral plots of frequency 

detections in accordance with the present invention wherein the 

amplitude measurement was delayed by 1-5 revolutions, respectively; 

Figs. lOa-b are amplitude and phase spectral plots for a 

vibration filter implemented in accordance with the present invention; 

Figs. lla-b are amplitude and phase spectral plot:S for a 

vibration filter, and a second vibration filter implemented at the 

second harmonic of the vibration, ill accordance with the present 

invention; 
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Fig. 12 is a time plot of a PBS during both the detection and 

correction phases, in accordance Vl-rith the present invention; 

Fig. 13 illustrates an addressing scheme used to address the 

initial conditions of the digital peak filter implemented in accordance 

with the present invention; 

Fig. 14a-c depict measured self and cross vibration filter 

states used to determine an optimum refresh rate for the initial 

conditions of the cross vibration filter, according to the present 

invention; 

Fig. 15a-c are time plots of the PES associated with a zer<? 

filter initial state, an optimally initialized filter state, and an optimally 

initialized, running averaged filter state, respectively; 

Fig. 16a a computer frame with a single disk drive therein 

s-qbject to self vibration frequency components; 

Fig. 16b is a time plot of the PES associated with the drive of . 

Fig. 16a; 

Fig. 17a depicts the placement of a peak filter at the self 

vibration. frequency of interest having an optimal initial condition 

applied thereto; and 

Fig. l 7b is a time plot of an improved PES in accordance 

with a self vibration cancellation teehnique in accordance with the 

present invention. 
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De~iled Description of the Preferred Embodiment(s) 

Fig. la depicts two disk drives 10 and 10' with distinct rotational 

frequencies. located in the same _computer frame. The drive 1 Q of interest to the 

designer is located in position A and is subject to self-vibration at 75 revolutions per 

second ("rps'') spindle speed. A second drive 10' at location B, which may be 
• 

supplied by another vendor, o~tes independently, and the drive 10 designer 

cannot be expected to have any prior knowledge of its frequency components. Drive 

10' generates a 90 rps cross vibration_~mponent in the computer frame due to its 90 

rps spindle speed. and therefore disturbs ·the track follow performance ·of drive 10. 

The disturbed PES trace of drive 10 is depicted vs. time in Fig. lb, and contains 

both 75 Hz and 90 Hz components. as well _as a beat component 

The vibratio;n errors in track-follow mode can be addressed by implemen'.ting 

first and second sets of digital filters in tlie servo loop designed to have peak gains at 

75 and 90 Hz. respectively. Fig. 2a-shows such a system having two fixed 

frequency peak filters 40 arid 50 simultaneously running in parallel to each other. but 

together in series with the servo. controller 20. Filter 40 is designed with peak gain 

of 30 dB at 75 Hz, and filter 50 has a similar gain at 90 Hz. The resulting.PES trace 

·of Fig. 2b demonstrates that the variability is reduced by this servo oonfi_guration 

without causing any control system instability. 

Two.roam challenges to the realization of a solution to periodic cross 

vibrations in such a product environment exist. First, the designer of drive I 0 has no 

a-priori knowledge of the vendor drive 10' that may be placed in location B of the 

computer frame. Therefore the information about its spindle rotation speed (here 90 

rps) is not known witil the customer con.figures the system. Second, the 

characteristics ofthe cross vibration component are no longer locked to the self 

rotation frequency of drive IO in location A. Therefore, a technique to address 
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the filter initial condition value as a ftmction of_drive lO's sector number is required. 

Further, it was found through experiments that the filter state continuously drifts 

with time at a rate much faster than that corresponding to the self vibration case. 

The sensitivity of the filter ·state to the cross vibration environment is also affected by 

the filter properties. 

· In accordance with the presentinvention, the solution to these cross vibration 

problems involves the following technique: 

SWp 1: Off-Line Design of a Programmable Digital Peak Filter: 

In accordance with the present invention, during the development phase of an 

IIDD (i.e., off-line), the servo system .is designed with the requh-ed flexibility so that 

when it is embedded into the product microcode and shipped to the customer, it will 

have on-line adaptive capabilities. A fixed second order digital peak filter is 

proposed herein which has 5 fixed coefficients~ The objective is to design a filter 

formulation that will represent the 5 coefficients ~s a function of a single parameter 

assoc,iated with thetargeted peak gain frequency. A particular peak filter · 
. r 

characteristic should ~ chosen which is effective for cross ·vibration cancellation. 

Through experimental studies it was determined that a second.order peak filter with 
. . 

a 30 dB peak ~ue and a· half-gain bandwidth of about 5% of peak frequency was 

the most robust. Higher bandwidths are even better, but they may produce.excessive 

phase lag detrime~tal to servo stability .. 

The proposed fixed frequency second order digital filter has the following, 

exemplary structure: 

Y(n) = Ap(n) + Bp(n-1)+ Cp(n-2)-EY(n:..l) -FY(n-2) (1) 

where the fixed coefficients A, B, C, E and. F detennine the properties of the filter, 

Y(n) is the filter state (as well as the output) corresponding to a servo sector number 
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n, and p(n) is the input The filter's coefficients may be computed by ih:e servo 

system designer off-line and programmed into the microcode prior to the product 

shipment. However, in accordance with the present in~tion, the filter coefficients 

A, B, C, E and F are analytically derived to be ftmctions of a single parameter 

represented by the cross vibration frequency of interes4 ID. Therefore, the digital 

peak filter is represented ·as follows: 

Y(n) = A(ID)p(n).+ B(ID)p(n-1) + C(ID)p(n-2)-E(ID)Y(n-1) -F(ID)Y(n-2) (2) 

where the coefficients A(fil), B(fO), C(fO), E(ID) and D(ID) are represented as a 

function of ID, and where the parameter ID is selected according to .the frequency of 

cross vibration, i.e., the frequency at which the peak gain is desired. (The terms f, ' ·· 

ID, f*, and the term "frequency" itself are broadly used herein to denote either ac1l:Jal, 

physical frequencies of interest, or parameters which bear some sort of relationship 

to the actual, physical frequency of interest) In choosing the analytical functions~ 

the goal is to avoid any 1rigon<>me1ric or exponential computations so that a low cost 

MPU or _special semiconductor chip can be employed, rather than a high 

performance (and high cost) digital signal processing chip. 

The parameter ID will in practiee have a minimum value faun and a maximum 

value ~depending upon the anticipated cross vibration environment. For example, 
. -

present generations of disk drives have spindle speeds anywhere from 3600 ipm (60 

Hz) to 10,000 (166 Hz).· Hence a conservative·range for ID can 

correspond to a peak frequency located between about 50 Hz and 180 Hz. In certain 

mount configurations, the second harmonic can also become substantial, and t:nax can 

be extended to cover this component as well. 

Using an exemplaiy, bilinea,r transformation method of obtaining a digital 

filter from an analog filter, it was found ~tone could develop a non-trigonometric 

function for each of the coefficients ofEq. (2). Th.is is a key step towards archieving 



-13-

a programmable filter for a low cost HDD implementation. In a DSP environment, a 

designer will be tempted to use an FFT method to detect the peak frequency, which 

would be very computationally burdensome to a· low cost lv.fi>U-based servo system 

since it involves many sine and cosine computations. The objective herein is to 

avoid such complex computations. 

A tested example is as follows: 

Peak filter h(s) is proposed where s is the standard Laplace 

variable and where: 

where 

w. =2nf. 
wb=2Ttfb 
fa= undamped natural frequency of numerator 
fb = undamped natural frequency of denominator 
z. = damping term for numerator 
~ = damping term for denominator 

Using ~ bilinear transfonriation of the form 

(3) 

(4) 

where z is the delay operator and T is the sampling time, the analog domain transfer 

function can be transformed to a discrete domain form. Note that the frequency 

parameters ~ and fb are related to the desired peak frequency. The simplest case is 

where fb=fa=ID. In certain cases the dependency of fa and fb on ID can be set to a 

linear or high.er order function of ID or else offset by an appropriate number. So long 

as trigonometric relationships or fractional exponential factors are not used, the 

transformation will produce a low cost JMPU implementation. 
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Once the transformation is completed, the new discrete domain transfer 

function equivalent is represented as: 

H(z) = [ A(ID) + B(ID) z·1 + C(fil) '£2 ] I [I + E(ID) z·1 + F(fil) z·2 
] (5) 

(For simplicity a single delay operator z·1 may be denoted herein as zl and double 

delay operator z·2 as z2.) It can be proved through substitution or"Eq. (4) into Eq. (3) 

that the coefficients of Eq. (5) are as follows: 

Let: 

then 

fs = Sampling frequency (Hz) (=In) 
f* = ID/fs (Normalized peak frequency) 
al=2TCZaf* 
a2 =(TC f*)2 
bl = 21t Zi,f* 
b2 = (1t f*)2 

D = [ I + b 1 + b2 ] 
A= [ I +al + a2] ID 
B = [-2 +2(a2)]/D 
C=[l-al+a2]/D 
E ="[-2 +2(b2)] /D 
F=[l-bl+b2]/D 

where each coefficient A, B, C, D, E and F is now an explicit function of ID. The 

natural frequency for the numerator (fa) and denominator (fb) are set to ID. If a 
. -

(6) 

general formulation is desired, then a I, a2, b I and b2 can be represented as distinct 

parameters of damping as well as natural frequency in Eq. (6), and the formulation 

for the filter coefficients still remains the same as in Eq. (7). 

It is understood that the analog peak frequency when transformed into digital 

domain undergoes a frequency waip. This waip effect is well known and can be 

accounted for using a table lookup, or it may not even be relevant. It was found that 

normalizing the frequency ID by a fixed frequency term fu, the numerical sensitivity 

of implementing the desired filter characteristics could be improved. With 16-bit 



-15-

arithmetic, I_l.Ormaliz.ation was not necessary. Fig. 3.shows an example of the 

computational sequence required to set the digital peak filter coefficients, A, B, C, E 

and F, as described above, in an exemplary custom chip :with associated memozy and 

MPU .. Because there may be some a-priori knowledge about the range of . 

frequencies over which the corrective filter may operate, it may be preferable to pre­

calculate and store a set of coefficients for each frequency within the range, and, 

during operation, when a particular cross vibration frequency is detected, selecting 

the corresponding set of coefficients, in a look-up table fashion. 

Ste_p 2: Optimum Corrective Filter Structure for Low Cost 
Implementation: 

The corrective filter designed with the coefficients A, B, C, D, E and F 

. compµted by a low cost JvlPU or a specialized integra~ c~p ~ust now be 

structured in an optimal configuration. The peak filter not only needs to reduce the 

PES error at a desired frequency but also should allow free flow of control signals · 

generated by the track-follow controller a.Iid/or any other filter operating 

simultaneously on the mtennediate control .signals. This requirement imposes 

constrain~ on internal DC/AC gains and computational ranges of the 

implementation of the filter. 

Internal DC gain of a filter determines the bias value of the filter state for a 

DC input. One purpose of the track-follow control signal is to provide a bias 

commarid through a voice coil motor ("VCM') current drlver so that the actuator can 

be placed at various track positions against the forces generated by the flexible cable, 

aerodynamic diag, and pivot hysteresis. Therefore, the peak filter should allow the 

bias current command to remain continuous without any delay or 

distortion during seek to settle mode switching. At a minimum, the overall 

input/output DC gain must be unity. If this property is not assured, then transients 

in the settleout phase are introduced thereby producing prolonged settleout 
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dynamics. The intemalDC can therefore become exceedingly high, sometimes on 

the order of 1000, if the structure is not optimally selected. This means that a 1-bit 

bias command will require the filter to have an internal ~tate equivalent to 1000 bits. 

In a typical product the bias cwrent command is about 30-bit maximwll. Therefore 

the filter will have to reach an internal value of 30,000 bits jlist to allow the DC 

value to pass through without distortion resulting from intemal arithmetic saturation 

or overflow. Such a condition can be easily reached when fh.e intema.1 AC 

component is superimposed on the DC value.· 

Since the filter's main function is to provide a compensating periodic control 

signal at the :frequency of cross vibration, it can be expected to have a substantial 

amplitude on its output signal as well as on its internal state. Since it is a 

requirement to keep the fixed point arithmetic precision to the minimum number of 

bits to save chip or lv.IPU cost, it is necessary to select a filter structure that will have 1 

not only a low internal DC gain but also a moderate AC gain on itS internal state 

without modifying the filter's peak characteristics. A moderate AC gain is required 

so that the internal states are properly handled in the computation process: too high 

of a gain .~an cause numerical overflow ap.dtoo low of a g~ cai1 cause underflow. 

In Figs. 4a-g, seven second order potential digital filter structures are. 

disclosed, respectively, in accordance with the present invention, which all provide 

the same Y(n) output, discussed above. However, these structures differ in their 

handling of DC bias, and internal gains, as discussed further below. The first three 

structures, Case-A, Case-Band Case-C, are "Direct Form" realizations I, II and III 

in which the transfer function parameters are directly associated with the filter 

structure. The last four structures, Case-D, Case-E, Case-F and Case-G, are "Bias 

Free Direct Forms" I, II, III and IV. In these structures, the filters have an explicit 

parallel path with unity gain which allows the DC and all other frequency 
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components to pass through without any distortion, and.the peak filter portion that 

forms the parallel branch enhances the input signal at the targeted peak frequency 

only. Therefore the filter internal states are not critical ~ preserve the bias value. 

This is potentially an advantage with regard to :MPU computational range 

requirements. Figs. 4a-g have associated therewith the following ·transfer functions, 

respectively: 

Case A: Direct Fonn I (Fig. 4a) 
Q(n) = Ap(n) + Bp(n-1) + Cp(n-2) 
Y(n) = Q(n)-EY(n-1)-FY (n-2) and 

Q(z)/p(z) = [A+ Bz-1 + ez-2] 
Y(z)/Q(z) = 1 /[1 + Ez"1 + Fr2] 

Y(z)ip(z) = [Y(z)/Q(z)][Q(z)/p(z)] = [A + :Bz·1 + CZ.2]/[l + Ez-1 + Fz·2] 

.Cruie B: Direct Form Il (Fig. 4b) 
R(n) = p(n) - ER(n-1) -FR(n-2) 
Y(n) = AR(n) + BR(n-1) + CR(n-2) and· 

. R(z)/p(z) = I / [1 + Ez-1 + Fz-2] 

Y(z)/R(z) = [A.+ Bz-1 + C~] 
Y(z)/p(z) = [A+ Bz·1 + Cz-2]/[l + Ez-1 + Fz-2] 

Case C: Direct Fonn m (Fi& 4c) 
R(n) = Ap(n) -ER(n-1) -FR(n-2) 
Y(n) = R(n) + (B/A)R(n-1) + (C/A)R(n-2) and 

R(z)/p(z) = A/[l + Ez·1 + Fz"2] 

Y(z)/R(z) = [l + (BIA) z·1 + (C/A)z-2] 

Y(z)/p(z) =A [l +(BIA) z·1 + (C/A)z"2]/[l + Ez·1 + Fz-2] 

Case D: Bias Free Direct Form I (Fig. 4d) 
L(n) = (A-l)p(n) + (B-E)p(n-1) + (C-F)p(n-'2) 
W(n) = L(n) - EW(n-1) - FW(n-2) 
Y(n) = p(n) + W(n) and 

L(z)/p(z) = [(A-1) + (B-E)z·1 + (C-F)z-2] 

W(z)/L(z) = [1/(1 + Ez·1 + Fz-2
)] 
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= [1 + W(z)/p{z)] = [l + {W(z)IL(z)} {L(z)/p(z)}] 

= [l + {1/(1 + Ez-1 + Fz-2)} {(A-1) + (B-E)z-1 + (C-F)z-2}] 

=[A+ Br1 + Cr2]/[1 + Ez-1 + Fz-2] 

Case E: Bias Free Direct Form II (Fig. 4e) 

M(n) = p(n) - EM(n-1) - FM(n-2) 

V(n) = (A-l)M(n) + (B-E)M(n-1) + (C-F)M(n-2) 

Y(n) = p(n) + V(n) and 

M(z)/p(z) = 1/[l + Ez"1 + Fr2] 

V(z)/M(z) = [(A-1) + (B-E)z-1 + (C-F)z-2] 

Y(z)/p(z) = [l + V(z)/p(z)] = [1 + {V(z)/M(z)}{M(z)/p(z)}] 

= [1 + {(A-1) + (B-E)z"1 + (C-F)z"2} {l/[1 + Ez-1 + Fr2]}] 

= [A+ Bz-1 + Cr2]/[1 + Ez-1 + Fz-2] 

Case F: Bias Free Direct Form m (Fig. 41) 
M(n) == (A-l)p(n) - EM(n-1)- FM(n-2) 

V(n) = M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)/(A-l)]M(n-2)] 

Y(n) = p(n) + V(n) and 

M(z)/p(z) 

V(z)IM(z) 

Y(z)/p(i:) 

= (A-1)/[l + Er1 + Fz-2] 

= (1 + (B-E)/(~-l)z"1 + (C-F)/(A-l)r~] 
= [I + V(z)/p(z)] = [l _+{V(z)/M(z)} {M(z)IP(z)}] 

= [1 + {l+(B-E)/(A-l)Z'1+(C-F)/(A-l)r2}{(A-l)/[l+Ez·1 + Fz-2]}] 

= [1 + {(A-1) + (B-E)z"1 + (C~F)z-2}/[l.+ Ez-1 + Fz-2]] 

= [A+ Bz·1 + CZ-2]/[1 + Ez-1 + Fz-2] 

Case G: Gain Balanced Bias Free Direct_ Fonn IV (Fig. 4g) 
M(n) = k(A-1 )p(n) - EM(Ii-1) - FM(n-2) 
V(n) . = M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)l(A-l)]M(n-2) 
Y(n) = p(n) + (l/k) V(n) and 

M(z)/p(z) = k(A-1)/[1 +'Ez-1 + FZ-2] 

V(z)IM(z) = [1 + (B-E)/(A-l)z-1 + (CF)/(A-l)z-2] 

Y(z)/p(z) = [1 + (1/k)V(z)/p{z)] = [1 + (1/k){V(z)/M(z)} {M(z)/p(z)}] 
= (1 + (l/k){l+(B-E)/(A-l)z-1+(C-F)/(A-l)r2}k{(A-l)/[1 + E z-1 + Fz-2]}] 

= (1 + {(A-1) + (B-E)z-1 + (C-F)z"2}/[1 + Er1 + Fz-2] . 

= [A+ Bz-1 + cz-2]/[l + Ez-1 + Fz-2] 

Here, k is a predetermined constant, preferably an integ~r power of 2 to 

simplify computation, (e.g., 1116 $ k $ 16). 
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By carefully constructing the intermediate node(s) .to assume the values Q(n), 

R(n); L(n), W(n), M(n) and V(n) as set forth in the above cases A-G, the filter gains 

can be designed thereby allowing the filter to operate wit;hin a suitable dynamic 

range. The various filter structures presented above can each be respectively 

characterized by the value assumed by its intennediate node(s), and the niost 

suit:able structure can then be implen:iented. The estimation of filter gains at various 

· intermediate stages are now presented as a function of the filter design parameters 

for each structure shown in Figs. ·4a-g. Table 1 swnmarizes the parametric DC 

gains. The net DC gain of the filter is compo~ed o~two internal stages. The first 

stage (Stage.:. I) is. composed of an internal state from input and. the second stage 

(Stage-2) is composed of the output from the internal state as well as the two· delayed 

·outputs. 

From Table 1 it is evident that for the direct forms of Cases ~ B and C, the 

in~_DC gains are non-zero at both Stage-1 anq Stage-2. For the bias free Cases 

D, E, F and G, the internal gains are identically zero either· at Stage-1 or Suige-2. 

More importantly, the intemal gains are either directly or inversely proportional to 

the second power of the normalized· frequency (f*). For example, when the peak 

frequency is separated from the sampling freqiiency by about two orders of 
. . 

magnitude (i .. e., lO= 90 HZ and fs = 7920 Hz), the internal DC gain can reach above 

103 which is not a desirable condition for a 16-bit fixed point realization~ Therefore 

m the direct forms ofCase-B (Fig. 4b) and Case-C (Fig. 4c), the internal state is 

likely to exceed the 16-bit arithmetic range in an MPU or in a special. chip. In 

Case-A (Fig. 4a), the Stage-I gain is low but the Stage-2 gain is still high which 

may give rise to excessive arithmetic underflow and potential computational 

quantization noise in the output stage. However, if.the peak frequency and sampling 

frequency are kept within a factor of 10 to 20, the 16-bit implementation of the first 

three configurations can be accommodated' without concern. Therefore, the 
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separation of ID with respect to fs ~n1ributes significantly to the internal gain 

values, and the farther fs is from· ro, the greater the gain values will be. 

A similar situation occurs in Case-E (Fig. 4e), where the Stage-I DC gain_ 

can reach high values but the Stage-2 gain is identically zero thereby blocking any 

DC signal from appearing in the parallel branch output V(n). For Case-D (Fig. 4d), 

even though the Stage-I gain is low, the output gain is higli. The presence of the 

(A-1) factor in the DC Stage-1 gain of Case-F moderates the maximum value. 

Therefore in situations where sampling ra~ are high due to product design 

parame~ or due to requirements of the chip design, then Case-F (Fig. 4f) is a 

preferred structure. However, the factor (A-1) can becom~ so.low. at.high sampling 

rates that it CilD. push the 16-bit numbers to less than a bit thus producing 

insensitivity at low signal levels. 

To provide protection against such condition; a gain balanced structure 

shown in Case-0 (F_ig. 4g) is disclosed. Case-0 requires an ~ditional mutiplier at 

the output stage, but. offers more ~om to optimize the filter performance at both 

high and low signal levels. While bias handling is important, the-main purpose of 

the peak filter is to provide ~AC gain at the peak frequency. The AC performance 

optimization is considered .further below. 
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Table - 1 Internal DC Gain of Each Filter Structure 

STRUCTURE STAGE-1 GAIN STAGE-2 GAIN 

Case-A Direct Form -I Q/p = 4{1tf*)2/ D Y/Q =PI [4(1tf*)2 ] 

Case-B Direct From -11 Rip= DI [4{1tf*)2] Y/R = 4(1tf'*)2/ D 

Case-C Direct Fonn-m Rip = A I [ 4( 1tfl')2 ] Y/R = 4{1tf")2/ A 

Case-D Bias Free Form-I Up =O VIL =DI [4{1tf*)2] 

Case-E Bias Free Fonn-11 Wp = DI [4(xf*)2
] V/M=O 

Case-F Bias Free Fonn-m . Wp = (A-1) I [4{1tf*)2 ) V/M=O 

Case-G Bias Free Form-IV .M/p=k(A-1)/ [4(1tf*)2 ) V/M=O 

In Table 2, a numerical estimate of internal AC and DC gains for Stage-1 

and Stage-2 are computed for the case in which fs = 7920 Hz, ID=90 Hz. The . 

example filter exhibits a peak gain· of 20 dB (Za = 0.08 and~= 0.0058), and the 

respective filter coefficients are given as: 

A= 1.0052, 
B =-1.9940, 
C=0.9938, 

D = 1.0016, 
E = -1.9940, and 
F=0.9992. 

Table 2 - AC/DC Gains for a ZO dB Peak Filter at tu~O Hz & fs=7920 lh. 

STAGE-1 AC STAGE-2 
.. 

AC 
STRUCTURE DCGAIN. GAIN DCGAIN.. GAIN 

Case-A Direct Form -I Q/p=0.005 =0.0008 Y/Q = 1964.89 = 12240 

Case-B Direct From -II Rip = 1964.89 = 12240 YIR= o:oos· =0.0008 

Case-C Direct Form -III Rip= 1975.28 = 12305 YfR= 0.005 =0.0008 

Case-D Bias Free Form-I Up =0.0 =0.0007 VIL = 1964.89 = 12240 

Case-E Bias Free Form-II Mip = 1964.89 = 12240 VIM= 0.0 =0.0007 

Case-F Bias Free Form-III M/p= 1.039 =64.740 VIM= 0.0 =0.141 

Case-G Bias Free Form-IV Mlp = 10.39 =647.40 VIM= 0.0 =0.0141 
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The filter transfer functions are summarized, respectively, in the spectral 

_ plotS of Figs. 5a-g. (All filter structures have the same overall spectral 

characteristic, i.e., an output at the peak frequency of interest ID; however, Figs. 511:-g 

show the spectra of the internal stages thereof.) It can be concluded by comparing 

the numerical values of Table 2 as well as· the graphical results of Figs. 5a-g, that 

the filter structure of Case-G (Fig. 4g) provides the best balance between AC/DC 

_gains of input Stage-I and output Stage-2, while ensuring sensitivity to low signal 

levels with 16-bit arithmetic. 

It can also be observed that in th~ bias free structures of Case-D (Fig. 4d), 
. . 

Case-E (Fig. 4e), Case-F (Fig. 4f) and Case-G (Fig. 4g)·the-coe~cient (B-E) = 0.0, 

and therefore a multiplication block is not required. Nevertheless, for a general 

second order filter case in which undamped natural frequencies fa and fb are not 

eqWtl, the term B is not zero, and it is therefore d~irable to reserve a multiplier 

corresp<>nding to the B term. The the coefficient (C-F)/(A-1) is identically equal to 

[-1] in the case when fa=fb. 

Step: 3 Co~siderations in Locating the Peak Filter in the Servo Loop: 

The selected peak filter can be inserted at various points in the track-follow 

servo loop. There are at least two possible location options. The first option is a 

cascade (series) location in Which tlie track-follow controller 20 output is fed to the 

peak filter 140 input (Fig. 6a). In this case, all seven cases of filter structures 

disclosed above can be considered as candidates even though Case-F _or Case-G is 

··recommended because of their internal range handling capabilities. The second 

location option is a parallel location in which the track-follow controller 20 output 

and the peak filter 140 output are computed from identical PBS inputs and then 

summed (Fig. ~b). For this configuration, the peak filter should have near zero gain 

at all frequencies except at the desired peak frequency. The parallel portion of the 

bias free cases Case-D, -E, -F and-Gare suitable for this parallel configuration. 
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Even though the cascade configuration and the parallel configuration will not have 

identical open loop peak gains at the cross vibration frequency, the filter peak gain 

will dominate at the cross vibration :frequency, and at all_ other frequencies it will 

behave as a zero gain path. To mjnjmiz.e servo computational delay (due to the 

presence of multiplier/adder units), the parallel ®nfiguration, with common PES 

input of Fig. 6b is preferred. 

Multiple peak filters can be configured in parallel, with a single unity gain in 

parallel to all filters, and the entire filter set can be positioned in cascade (series) 

with the track-follow controller, similar to the approach of Fig. 2a. 

Step 4: Peak Fregµency Detection: 

Preferably, the product should be programmed such that the cross vibration 

filter's required coefficients~ B, C, E, and F (discussed above), can be computed 

without any human intervention. As discu8sed above with reference-to Fig. 3, 

_ coefficients ~ B, C, E and F are determined as a function of fil, the frequency of 

interest However, the frequency of interest must be detennined. hi accordance with 

the pres~t invention, and as set forth in the flow diagram of Fig. 7 a, the present 

invention involves the determination of the frequency of vibt;ation using an automatic 

detection technique. Fig.· 7b depicts the arrangement of a scanning filter 240 placed 

outside of the servo loop in an open loop configuration to detennine the frequency of 

cross vibration. 

During the calibration period, the self vibration filter can be placed in the 

loop to eliminate any self vibration component appearing in the PES stream. A 

digital peak filter 240 (the eventual cross vibration filter, or any other available 

filter), is co~gured in an open loop with the PBS as its input as shown in Fig. 7b 

(step 1010). The peak filter's coefficients are computed for a selected minimum 

frequency value <W offil (step 1020), and the peak filter's output is analyzed for its 



-24-

maximum (a(fO)). Once the maximum output of the peak filter has been determined 

by the MPU, this value, and the selected ID is stored for subsequent use. The peak 

frec¥.Jency value is then incremented by an amount "df," ·and the process of setting 

new peak filter coefficients, extracting the maximum filter output value, and 

retaining the pair of values is repeated N times (steps 1030, 1040 and 1050) until the 

maximum value (t:n.x = t:mn + (N-l)*dt) for fO is reached. Typical values for a single 

frequency scan are t:nm = 50 Hz, df = I Hz and f:nax = 180 HZ. After engaging the 

digital filter in the open loop mode, a minimum wait period is allowed for the filter 

output to reach a steady sinusoid-like amplitude before estimating the amplitude, 

a(fil). The coefficients may be pre-computed (and stored) for each frequency step, or, 

in the alternative, be calculated real-time, for example, using. the coefficients as 

discussed above. 

After the frequency range t:nm-to-f:nax has been scanned, there should be N 

pairs of frequencies and corresponding amplitudes (ID and a(fO)) retained in memory 

as depicted in the ex.em.plm:y graph of amplitude vs. frequency of Fig. 7c. The 

frequency point at which a(fO) reached a global peak value can now be ascertained. 

If the a(fO) value exceeds a preset threshold value (e.g., 1110), a peak filter 

corresponding to the particular frequency parameter fO can be configured in the servo 
. . 

loop by calculating the coefficients A, B, C, E and F as a fbnction of fil (step 1060), 

as discussed above. 

Fig. 8 shows an experimentally measured plot of a(fO) vs. ID .. Tue 

measurements were repeated 5 times to check the consistency of convergence to a 

clearly defined peak value. As explained below, 2 revolutions of the spindle were 

used to allow the filter to settle, and 2 revolutions of filter state samples were 

collected to obtain the data set per frequency point. The scan rate in this test was 

about 1 Hz per 4 revolutions. The peak frequency parameter reaches a value of 93 

Hz. The actual cross vibration frequency in the test was 90 Hz, and the frequency 
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shift of 3 Hz can be attributed to the rate of scanning (2 Hz) 8!J.d warping (l Hz). 

Adjusting for the scaii-rate dependence of the filter peak a(fO), the vecy peak filter 

that produces the maximum a(ID) value in the open loop configuration will also 

reject the cross vibration error coi:µponent when placed in the feedback 

configuration. Therefore the warp induced frequency shift is not required to be 

known for this purpose of this application. 

There is a -time penalty involved in the frequency detection phase. It is 

important to minimiz:e the detection time by scanning through the frequency range 

quickly. Experiments oonducted show that after each filter updat~, about 2 

revolutions of the spindle should be,allowed for the peak filter to reach its steady· 

value. After a 2 revolution delay, the estimate of the peak amplitude ~ter state can 

be recorded anywhere from 1 revolution worth of samples to any arbitraty number of 

revolutions. A test was performed to determine the sensitivity of this frequency 

scanning tecbniqlie to the number of revolutions. The same m~surement wa~ made 

for 1 through 5 revolutions. The resultant plots of Figs. 9a-b show that fewer 

revolutions lead to a higher frequency estimate. At 5 revolutions worth of samples, 

the peak frequency parameter reached a value of 92 Hz. If 20 revolutions ·were 

allowed, ~e estimated frequency was 91 Hz. Therefore the true frequency warp in 

this case is about 1 Hz (-·--1 % oft) and the frequency shift due to shorter sample 

length is about I Hz 'for the S revolution case and 2 Hz for the 2 revolution case. It 

can be concluded that with about 2% error, using a 2 revolution delay and 2 

revolutions for the amplitude estimate, the detection process can be r~sonably 

··carried out for each ID. For an HDD having a spindle rotation of90 rps, a 100 Hz 

scanning at 1 Hz steps with 4 revolutions per sample, the detection process will take 

only 4.5 (400/90) seconds. To improve the estimate of the peak frequency 

parameter, a second detection operation can be performed and compared with the 

previous detection. If the results correspond, then the accuracy of the first pass is 

confirmed. Such a situation may be useful in the presence of operating shock. 
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The detection process can be further refined to minimize the required time. 

For example, a coarse scanning at larger frequency step, e.g., Of= 5 Hz, can be 

conducted to approximate the peak. Then a finer resolution,. slower scan can be 

conducted to detect the peak with smaller frequency steps~ and therefore higher 

accuracy. Memory space requirements can also be reduced by storing the a(fil) 

values in consecutive locations without explicitly storing th'.e corresponding ID values 

during the scanning process. 

The decision to use a single peak filter or multiple peak .filters can be ba.sed 

· · · on the a(fil) distribution. If several ·a(fil)s are found to exceed the threshold value, .. · 

then multiple filters can be configured. In situations where a server has several 

HDDs "in the same computer frame the likelihood of more than one substantial cross 

vibrati~n peak frequency is high. The number of filters that can be set to run in 

either parallel or cascade mode is governed by the amount of phase margin required 

for the HDD to operate robustly. Typically a phase margin of 25-30 degrees is 

preferred. 

In the experimental studies it was found that excessive IIDD imbalance not 

only produced a 90 Hz oomponent but also ex;cited a second harmonic vibration at . 

180 Hz~ The amplitude and phase spectral plots of Figs. lOa-b-depict an example of 

a measured open loop transfer function with a cross vibration filter set at ID= 90 Hz. 

A self vibration peak filter at fil=75 Hz is also configured, but the mea,surement 

·noise due to pivot hysteresis prevents any visible peak at 75 Hz. In Figs. lla-b an 

open loop transfer function including a third filter set at fD= 180 Hz demonstrates the 

possibility of including multiple filters to suppress higher harmonic components 

present in the vibrations. 
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In one experiment, the frequency detection process des~bed in this previous 

section was employed to detect the dominant cross vibration frequency, and then a 

servo control system including a cascade peak filter con1'.lguration was implemented. 

Fig. 12 is a PES time trace obutjned during the detection phase and servo control 

phase for this experiment 

Prior to the filter operation (during the detection prutse), a strong periodic 

sigilal is present Once the frequency detected properly and a peak filter engaged, 

this periodic cross vibration was com~ated properly and its presence could not be 

observed in the PES trace. 

Hence m steady track-follow mode it is possible to detect an~ compensate for 

single or multiple frequency vibration sources. The next challenge involves 
' 

perfonnlll:g seek operations using this configuration without any settleout time 

penalty. 

Step 5: Filter Initial Condition Update and Addressing: 

rn·u.s.- Patent No. 5,608,58~,. a method of storing the filter state to initialize 

the filter for minirilum settleout transient dynamics was presented. This _patent 

addresses the problem related to physical shifting of a disk from its center of 

rotation. This component is lrn.own to be stable during a power ON cycle, and the 
- . 

peak filter state has to be configured and stored only once .. Once co~gured, the 

· ·addressing of the filter state is locked to the servo sector number of the disk itself 

However, in the case of cross vibrations from another disk (e.g., 10') the 

amplitude and phase of the vibration components are subject to variation during the 

entire operation of the drive, and the filter state should be periodically updated to 

preserve optimal seek and settle characteristics. Also, the filter's addressing scheme 
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should take into consideration the fact that the frequency of rotation of the first drive 

(10) and the frequency of the cross vibrations from the other drive (10') are not 
. . 

coupled, since each spindle is .controlled by independent. electronics. Further, since 

· the filter may not be activated during seek, but only during settle-out/track follow,. 

the appropriate filter state must be addressable when the fil~er is reactivated during 

settle-out 

Fig. 13 depicts an example Qf a filter state addressing scheme in accordance 

with the present invention. Two coWlters M, N, are employed, which are used to . 

access corresponding values in the cross, arid self vibration filter state vectors, 

respectively, as the·filter(s) are repeatedly engaged for each settle-out/track follow 

activation. ;prive 10 has Nmax = 48 sectors, and the detected cross vibration has a 

period corresponding to Msnax = 40 sectors (of dri\re I 0). (In this example, Muiax = 
Nmax (15 Hz/ID)). To be able to 09rr~tly access the cross vibration filter's state 

vector when the filter is activated, the counter M wraps around when M = Muiax-i 
(here, 39). The co:unter Mis updated in drive lO's microcode continuously every 

time a servo sect~r is encountered. The. counter value Mat any given ~tant is 
. . 

associated with.an address pointer tO corresponding value(s) in the stored filter state, 

which are used for initial conditions every time the "filter(s) are activated. Though 

two filters are shown, this principle applies to any single operational filter also. 

Since the cross vibration due to drive 10' may drift in phase and magnitude, 

it is important to refresh the stored filter state (i.e., initial ccindition ~ctor) routinely. 

··Figs. 14a-c are time plots of the actual filter states of self and cross vibration filters, 

the error between the cross vibration filter and a predicted state assuming a fixed 

periodicity for about 40 revolutions, and the same plot (expanded along the time 

axis) for about 10 revolutions, re_spectively. It can be observed from Fig. 14c that 

the error is less than 20% of the peak amplitude for about I 0 revolutions of the drive 

10. The filter state can therefore be refreshed immediately, but, to save processing, 
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can be refreshed about every S to 10 revolutions of the drive 10. B_eyond that limit, 

using "stale'·' initial conditions can be more damaging to the optimal settle-out 

characteristics of l:he actuator system than using nulls as~the initial conditions. 

Figs. 15a-c are time plots of the PBS for three, respective cases of ID:ultiple 

seeks. In all cases a cross vibration filter is engaged as the track-follow mode is 

entered. In ~g. 15a, the filter is engaged with quieting (e.g., null) initial conditions. 

The arrival trajectories are somewhat dispersed. In Fig. 15b, the initial condition 

update was used as des~bed in the ~revious sections, i.e., _using the output filter 

state to update the initial condition vector, preferably every revolution, but at least 

every·5 to··l 0 revolutions. The trajectories are m~chmore closely packed, indicating 

robust arrival cb8racteristic8. In Fig. 15c, the filter sta~s are a~ged over two 

cycles, showing further improvement in the PES trajectoiy. 

Th,e stored initial condition values ideally represent the <;letected cross 

vil>ration against which the peak filter is operating. During the frequency detection, 

the disk may also be subject to other forms of disturbance, and the resultant initial 

condition.values may·not truly represent the cross vibration condition. It is therefore 

important to protect the filter from excessive transients resulting from improper 

initialimtion due to such spurious effects. Since the steady maximum amplitude and 

rate of amplitude change of the filter states are short term stable (i.e., within I 0 

revolutions), an upper limit on the filter state ap.d filter rate of change can be 

imposed. This operation is referred to as smart clipping. Use of smru:t clipping to 

··limit the filter's internal state to an upper bound offers an improvement to settle 

time, over a zero initi~l condition approach. The designer has the choice of keeping 

the initialization process simple and incurring a settleout penalty, or maintaining an 

elaborate initialization process and achieving the optimal settleout property. 
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Continuous Snooping and Adaptation Mode: 

In Step: 4 above, the process of cross vibration :frequency detection was 

discussed in detail. the issue of peak frequency shift during the operation of an 

IIDD also needs to be considered in the case of peripherals such as constant linear 

velocity CD-ROMs. Under such conditions, the servo microcode should run 

continuous sweeps to track the peak frequency component(s) by probing the PES 

while the established peak filters are already in the feedback loop. This is a form of 

nonirivasive "snooping'' of the operational servo system for any change i1:1 its . 

characteristics. When a sulJstantW. ari.tplitude peak in the PES is de~ted, then a 

· ·· - ·-decision can made on-line to either shift·the established filter's peak frequency, or to-· 

introduce an, additional peak filter as appropriate. 

Periodic vibrations can include both self and cross vibration components. and 

it is critical to address both problems to achieve high trackdens.ities. The above 

discussion was ~ted to an exemplary. cross vibration problem, however. the 

pr~sent invention is broadly directed to any type of vibration, such as self vibration. 

. and all of the techniques diScussed above are equally applicable thereto. 

Fig. 16b is an amplitUde vs. time graph of the position error signai C'PES") 
. -

of the HDD 2010 of Fig. 16a subject to a self-vibration component when it is 

·mounted in a computer frame 2030, and controlled by servo controller 2020. The 

J?DD's spindle speed is about 75 revolutions per second ("rps"). Th~refore, as 

· shown in Fig. 17a, the system can be modified by adding a peak filter 2040, 

centered about 75Hz, to reduce this component in the servo loop, using initial 

conditions 2042. 

The amplitude and phase parameters of the run out corresponding to a shock 

induced disk-shift generally remain fixed during a power ON cycle of a mobile HDD 
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product, and the filter ·initial conditions 2042 can be obtained from a taple lookup as 

disclosed in U.S. Patent No. 5,608,586. The servo sector number is associated with 

the address of the initial condition in the table list The filter state is measured and 

stored at the begining ofa power ON cycie .. However, the self-vibration components 

can be affected by time dependent environmental effects such as temperature. Thus 

the amplitude and phase of the filter state drift during operation of the HDD. 

Experiments show that the self-vibration components remain relatively fixed on a 

time scale of minutes. An additional enhancement to the ~hniqlie of U.S. Patent 

No. 5~608,586 is possible, i.e., the filter state that is stored.in the MPU m~ocy to 
initialize the peak filter Can. be updated several.times within a power ON cycle of the 

· HDD in-accordance with the update techniques discussed in Step 5 above. Fig•·l 1b 

sI?.ows an improved PES af:ler having iniplemented the techniqires· of U.S. Patent No. 

5,608,586 wi~ the above-mentioned enhancement to the update of initial condition. 

The techniques described herein can be implemented in.program code, and 

therefore may be included in an article ~f manufacture (e.g., one or more computer 

program products) having~ for instance, computer useable media. The media has 

embodi~ therein, for example, comj>uter readable pro~ code means for 

facilitating the techiiiques of the present invention in a processor in the data storage 

devi~. The article of inanufa.cture can be included as ·part of the data storage device . 

or sold separately. 

While the invention has been particularly shown and described with 

reference to preferred embodiment(s) thereof, it will be understood by those skilled 

in the art that various changes in form and details may be made therein without 

.departing from the spirit and scope of the invention. 
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CLAIMS 

I. In a data storage device having a medium mounted for movement 

relative~ an access element, and a servo system for controlling a position of the 

access element with respect to the medium, a method fo~ reducing the effect of a 

vibration on a position sjgnal in the servo system, comprising: 

detecting, during operation of the data storage device, a 

frequency of the vibration. 

2. The method of claim 1, wherein said detecting includes: 

· ~- - configuring a detection filter to scan the position,signal across 

a range·of frequencies, and, at each respective scanned frequency, 

recording an amplitude associated therewith; and 

determining whether any of the recorded amplitQ.des exceeds 

a predetermined threshold, thereby locating the correspon,ding 

frequency of the vibration. 

3. The method of claim 2, wherein said configuring a detection filter 

includes, for each respective scanned frequency, using a plurality. of fi:lter coefficients 
-

· ·detennined primarily as a function of each respective scanned frequency. 
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4. The method of claim 1, further comprising: 

using a corrective filter to reduce the eff~t of the detected 

frequency of the vibration on the position signal. 

5. The method Qf claim 4, wherein said using a corrective filter 

compnses: 

· configuring the corrective filter to operate at the detected 

frequency.of the vibration. 

6. The nietb.od of claim 5, wherein said configuring the corrective filter 

includes determining a plutality of filter coefficients as a function of the-detected 

frequency of the vibration. 

7. The method of claim 6, wherein the ·coi;rective filter is of the form 

Y(n) = Ap(n) + Bp(n-1)+ Cp(n-2) -EY(n-1) -FY(n-2), where: 

n denotes a sampling time index; 

-
p(n) is said position signal at each sampling time index n; 

Y(n) is the corrective filter output at each sampling ~e 

indexn; and 

A, B, C, E and F comprise the plurality of filter coefficients. 
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8. The inethod of claim 7, wherein said determining a plurality of filter 

coefficients as a function of the detected peak frequency of the vibration includes 

using the relationships: 

where: 

A=[ 1 +al +a2]/D; 
B = [-2 +2a2] ID; 
C = [ l - al + a2] ID; 
E = [-2 +2b2] /D; and 
·F=[l-bl+b2]/D, 

al = 2xZaf*; 
a2 = (xf*)(xf*); 
bl= .2 xZbfl'; 
b2 = (xfl')(xf*); 
D= [l +bl +b2]; 

Za, Zb are damping eoefficients; 

fl' is related to the detected peak frequency-of the vibration. 

9. The method of claim 7, wherein an mtermediate node of the filter 

assumes the value: 

Q(n) = Ap(n) + Bp(n-1) + Cp(n-2); and 

the output Y(n) = Q(n) - EY(n-1) - FY (n-2); and 

wherein A, B, C, E and F comprise the plurality ~f 

coefficients. 
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10. The method of claim 7, wherein an intermediate node of the fil~ 

assumes the value: 

R(n) ·= p(n) -ER(n-1)-FR(n-2); and 

the output Y(n) = AR(n) + BR(n-1) + CR(n-2);·and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

·11. The method of c~ 7, wherein an intermediate node of the filter 

assumes the value: 

R(n) = Ap(n) - ER(n-1) - FR(n-2); and 

the output Y(n) = R(n) + (B/A)R(n-1) + (C/A)R(n-2); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

.. 
12. The method of claim 7, wherein a first intermediate node of the filter 

assumes the value: 

L(p.) . = (A-l)p(n) + (B-E)p(n-1) + (C-F)p(n-2); 

a second intermediate node assumes the value: 

W(n) = L(n) -EW(n-1) -FW(n-2); and 

the output Y(n) = p(n) + W(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

-···-···-----···-··----
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13. The method of claim 7, wherein a first intermediate node of the filter 

assumes the value: 

M(n) = p(n) - EM(n-1) - FM(n-2); 

a second intermediate mode assumes the value: 

V(n) = (A-l)M(n) + (B-E)M(n-1) + (C-F)M(n-2); and 

the output Y(n) = p(n) + V(n); and 

· wherein A, B, C, E and F comprise the plurality of 

coefficients. 

14. The method of claim 7, wherein a first intermediate node of the filter 

assumes the value: 

M(n) = (A-l)p(n) '.'" EM(n-1) -FM(n-2); 

a second intermediate node of the filter assumes the value: 

V(n) = M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)/(A-l)]M(n-2)]; and 

the output Y(n) = p(n) + V(n); and 

wherein A. B, C, E and F comprise the plurality of 

coefficients. 

-----------------------
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15. The method of claim 7, wherein a first intermediate node of the filter_ 

assumes the value: 

M(n) = k(A-l)p(n) -EM(n-1) -FM(n-2); 

a second intermediate node assumes the value: 

V(n) = M(n) + [(B-E)/(A-l)]M{n-1) + [(C-F)/(A-l)]M(n".'2); and 

the output Y(n) = p(n) +(Ilk) V(n); and 

wherein~ B, C, E and F comprise the plurality of 

coefficients, ·and k is a predetermined constant. 

----------------
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16. In a data storage device having a mediwn mounted for movement 

relative to an access element, and a servo system for controlling the position of the 

access element with respect to the medium, a method fo~ reducing the effect, on a 

position signal in the servo system, of a vibration from a source external to the data 

storage device, comprising: 

using a. first corrective filter to reduce the· effect of the 

vibration on the position signal. 

17. The m~od of claim 16, wherein using the first corrective filter 

includes: 

configuring the first corrective filter to operate at a frequency 

of the vibration from the source external to th~ data storage device. 

18. The method of claim 17, wherein using the first corrective filter 

includes: 

repeatedly engaging the first corrective filter, inclUding 

repeatedly accessing a filter state vector as initial filter conditions as 

the first correcti'\:'e filter is repeatedly engaged. 

19. The method of claim 18, wherein using the first corrective filter 

includes: 

refreshing the filter state vector periodically with 

corresponding outputs from the first corrective filter, or with quieting 

values. 

-- --- ----------------·--
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20. The method of claim 19, wherein the filter state vector is refreshed 

less than about eveiy 5 to 10 periods of rotation of the mediwn of the data storage 

device. 

21. The device of claim 18, wherein the.repeatedly accessing includes 

using a wrapping counter (M) to control access to corresponding values in the filter 

state vector as initial filter conditions as the first corrective filter is repeatedly 

engaged, wherein the wrapping counter (M) wraps at a value corresponding to a 

period of the vibration from the source eXterna.1 to the ~ta storage device. 

22. The method of claim 16,-further comprising: 

us~g a second corrective filter to reduce ~e effect, on the 

position signal,. of a vibration from a source internal to the data 

storage device. 

23. The method of claim 22~ wherein using the s~nd corrective filter 

includes: 

configuring the second corrective filter to operate at a 
-freq.uency of the vibratioi:i from the source internal to the data storage 

· device. 

24. The method of claim 23, wherein using the first and second corrective 

filters includes: 

repeatedly engaging the first and second corrective filters, 

including accessing first and second filter state vectors as initial filter 

conditions as the filters are repeatedly engaged. 

--- ------·--
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25. The method of claim 24, wherein the accessing includes: 

using a first wrapping counter (M) to control access to 

corresponding values in the first filter state vector as initial filter 

conditions as the "first oorrective filter is repeatedly engaged; and 

using a second wrapping counter (N) to access corresponding 

values in the second filter state vector as initial filter conditions as the 

second corrective filter is repeatedly engaged. 

26. The method of claim 2~, wherein the first counter (M) wraps at a 

value corresponding to a period of the vibration from the source external to the data 

st<?rage device, and wherein the second collll.ter (N) wraps at a different value 

corresponding to a period of the vibration from .. the source intenial to the data storage 

device. 

: 27. The m~th<>,d of claim 24, wl;lerein the source of the frequency of 

vibration internal to the _data storage device comprises rotation of the medium about 

a spindle th~f. and the source of the freqilency of vibration external to the data 

storage device comprises rotation of a second medium about a spindle of a second 

da:ta storage device external to the first data storage device. 

28. The method of claim 17 wherein said configuring the first corre~tive 

filter includes determining a plurality of filter coefficients as a function of the 

frequency of the vibration. 

··--···---. --J·-·-·---- ----
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29. The method of claim 28, wherein the first corrective filter is of the 

form Y(n) =Ap(n) +Bp(n-l)+Cp(n-2)-EY(n-l)-FY(~-2), where: 

n denotes a sampling time index; 

i 

p(n) is said position signal at each.sampllng time index n; 

Y(n) is the corrective filter output at each sampling time 

index ti; and 

A., B, C, _E and F comprise the plurality of filter coefficients. 

30~ · · The method of claim 29, wherein said determining a plurality of filter 

coefficients as a function of the detected peak frequency of the vibration includes 

using the relationships:· 

where: 

A= (1 +al+·a2] /D; · 
B = [-2 +2a2] ID; 
C=[ 1_-al +a2] ID; 
E = [-2 +2b2] ID; and 
F=[l-bl+b2]/~, 

a I = 21tZaf*; 
a2 = (1tf")(1tf*); 
bl = 21tZbf*; 

. b2 = (1tf*)(1tf*); 
D = [l + b I + b2]; 

Za, Zb are damping coefficients; 

f* is related to the frequency of the vibration. 

-----~---
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31. The method of claim 29, wherein an intermediate node of the first 

corrective filter asswnes the value: 

Q(n) = Ap(n) + Bp(n-1) + Cp(n-2); and 

the output Y(n) = Q(n) - EY(n-1) - FY (n-2); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

32. The method of claim 29, wherein an intermediate node of the first 

corrective filter asswnes the value: 

R(n) = p(n) - ER(n-1) - FR(n-2); and 

the output Y(n) = AR(n) + BR(n-1) + CR(n-2); and 

wherein A, B •. C, E and F comprise the plurality of 

coefficients. 

33. The method of claim· 29, wherein an intermediate node of the first 

corrective filter assumes the value: 

R(n) = Ap(n) - ER(n-1) - FR(n-2); and 

the output Y(n) = R(n) + (B/A)R(n:..1) + (C/A)R(n-2); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 
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34. The method of claim 29, wherein a first intermediate node of the first 

corrective filter assumes the value: 

L(n) = (A-l)p(n) + (B-E)p(n-1) + (C-F)p(n-2); 

a second intermediate node assumes the value: 

W(n) = L(n) .- EW(n-1) - FW(n-2); and 

the output Y(n) = p(n) + W(n); and 

wherein~ B,. C,. E and F comprise the plurality of 

coefficients. 

35. The method of claim 29, wherein a first intermediate node of the first 

corrective filter assumes the value: 

M(n) =p(n)-EM(n-1)-FM(n-2); 

a second intermediate mode assumes ·the value: 

V(n) = (A-l)M(n) + (B-E)M(n-1) + (C-F)M(n-2); and 

the output Y(n) = p(n) + V(n);_ and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 
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36. The method of claim 29, wherein a first intermediate node of the first 

corrective filter assumes the value: 

M(n) = (A-l)p(n) -EM(n-1) - FM(n-2); 

a ·second intermediate node of the filter assumes the value: 

V(n) ~ M(n) + [(B-E)/(A-l)]M(n-1) + [(G-F)/(A-l)]M(n-2)]; and 

the output Y(n) = p(n) + V(n); and 

wherein A, B, C, E and F comprise the plurality.of 

coefficients. 

37. The method of claim 29, wherein a first intermediate node of the first 

corrective filter assumes the value: 

M(n) =k(A-l)p(n)-EM(n-1)-FM(n-2); 

a second intermediate node assumes the value: 

V(n) = M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)/(A-l)]M(n-2); and 

the output Y(n) = p(n) +(Ilk) V(n); and 

wherein A, B, C, E and F .comprise the plurality of 

coefficients, and k is a predetenTiin.ed constant. 

3 8. The method of claim 16, further comprising: 

detecting, during operation of the data storage device, a 

frequency of the vibration from the source external to the data storage 

device. 

-----
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39. The method of claim 38, wherein said detecting includes: 

configuring a detection filter to scan the position signal across 

a range of frequencies, and, at each respective scanned frequency, 

· recording an amplitude associated therewith; and 

determining whether any of the recorded amplitudes exceeds 

a predetermined threshold, thereby locating the corresponding 

. frequency of the vibration. 

40. The method of claim 38, further comprising: 

;configuring the first corrective filter to operate at the ~tected 

frequency of vibrati~n from the source external to .the data storage 

device. 

. 41. The method of claim 40, wherein the same filter is used for. the 

detection filter and the first corrective filter. 

42. The method of claim 38, further comprising: 

repeatedly detecting, during operation of the data sto~ge 

device, the frequency of the vibration from the source external to the 

data storage device; and 

repeatedly configuring the first corrective filter to operate at 

the detected frequency of the vibration. 
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43. In a data storage device having a medium mounted for movement 

relative to an access element, and a servo system for controlling the position of the 

access element with respect to the medium, a method for reducing the effect, on a 

position signal in the servo system, of a vibration. comprising: 

using a first corrective filter to reduce the effect of the 

vibration on the position signal; 

repeatedly engaging the first corrective filter, including 

repeatedly accessing a filter state vector as initial filter conditions as 

the first corrective filter _is repeatedly engaged; and 

refreshing the filter state vector periodically with 

corresponding outputs from the f4'st corrective filter, or "'1i.th quieting 

·values. 

44. The method of claim 43, wherein the filter ~ta~ vector is ref!es~ed 

.less than about 5 to 10 periods of rotation of the medium of the data storage. device. 

-
45. The method of claim 43, wherein said refreshing occurs during a 

power-on cycle of said data storage device. 
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46. A data storage device, comprising: 

a medium mounted for movement relative to an access 

element; 

a serv~ system for controlling a position of the access element 

with respect to the medium; 

a system for reducing the effect of a Vibration on a po~ition 

signal in the servo system, including 

a detector for deteCting, dUring operation·of the data 

i storage device, a ·frequency of the vibration. 

4 7. The device of claim 46, wherein. said detector includes: 

a detection filter; 

means for configuring the detection filter ·to scan the position 
-

signal acros~ a .range of frequencies, and, at each respectiw scanned 

frequency, recording an amplitude associated therewith; and 

means for determining whether any of the recorded 

amplitudes exceeds a predetermined threshold, thereby locating the 

corresponding frequency of the vibration~ 

- - -- --- - --------
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48. The device of claim 47, wherein said means for configuring the 

detection filter includes, for each respective scanned frequency, means for using a 

plurality of filter coefficients determined primarily as a fi:mction of each respective 

scanned frequency. 

· 49. The device of claim 46, further comprising: 

a corrective filter to reduce the effect of the detected frequency 

of the vibration on the position signal 

50. The device of claim 49, further comprising: 

means for configuring the corrective filter to operate at the 

detected frequency of the vibration. 

51. 'the device of claim 50, wherein said means for configuring the 

·corrective filter includes means for determining a plurality of filter coefficients as a 

function of.the detected frequency of the vibration. 

52. The device of claim 51, wherein the corrective filter is of the form 

Y(n) = Ap(n) + Bp(n-1)+ Cp(n-2) -EY(n-1) -FY(n-2), where: 

n denotes a sampling time index; 

p(n) is said position signal at each sampling time index n; 

Y(n) is the corrective filter output at each sampling time 

indexn; and 

A, B, C, E and F comprise the plurality of filter coefficients. 
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53. . The device of claim 52, wherein said means for determining a · 

plurality of filter coefficients as a function of the detect~ peak frequency of the 

Vibration includes means ~or using_ the relationships: 

where: 

A= [ 1 +al + a2 ] ID; 
B = [-2 +2a2] ID; . 
C=[ I-al +a2]/D; 
E = [-2 +2b2] ID; and· 
F=[ 1-.bl+b2]/D, 

al = 21tZaf*; 
a2 = (1tfl')(1tfl'); 
bl= 21tZbfl'; 
bi= (1tf*)(11:fl'); 
D.= [l +bl + b2]; 

r' 

Za, Zb are damping coefficients; 

fl' is related to the detected peak frequency of the vibration. 

54. The device of claim 52, wherein an intermediate node of the filter 

assumes the value: · 

Q(n). = Ap(n) + Bp(n-1) + Cp(n-2); and 

the output Y(n) = Q(n) -EY(n-1)-FY (n-2); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

--- ---- - -----·-· ------
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55. The device of claim 52, wherein an intermediate node of the filter 

assumes the value: 

R(n) = p(n) -ER(n-1)-FR(n-2); and 

the output Y(n) = AR(n) + BR(n-1) + CR(n-2); and 

wherein A, B, C, E and F comprise the plunllity of 

coefficients. 

56. . The device of claim 52, wherein an intermediate node of the filter 

assumes the value: 

R(n) =Ap(n)-ER(n-1)-FR(n-2); and 

the output Y(n) = R(n) + (B/A)R(n-~) + (C/A)R(n-2); and 

. wherein A, B, C, E and F. comprise the plurality of 

coefficients. 

57. The device of claim 52, wherein a first intermediate node of the filter 

assumes the value: 

L(n) = (A-l)p(n) + (B-E)p(n-1) + (C-F)p(n-2); 

a second intennediate node assumes the value: 

W(n) = L(n) - EW(n-1) - FW(n-2); and 

the output Y(n) = p(n) + W(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

----.. --·-·-·- ·····-·--···-------------··--·· 
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58. The device of claim 52, wherein a first intermediate node of the filter 

asswnes the value: 

M(n) =p(n) _.EM(n-1)-FM(n-2); 

· a second intermediate in.ode assumes the value: 

V(n) = (A-l)M(n) + (B-E)M(n-1) + (C-F)M(n-2); and 

the output Y(n) = p(n) + V(n); and 

wherein A., :i3, C, E and¥ comprise the plurality of 

coefficients .. 

59. -pie device of claim 52, wherein a first interm~te node of the filter 

assumes the Value: 

. .M(n) = (A-l)p(n) -EM(n~l) - FM(n-2); 

a second ·intermediate node of the filter assumes the value: 

V(n) · = M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)/(A-l)]M(n-2)]; and 

the output Y(n) = p(n) + V(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

J 

---------
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60. The device of claim 52, wherein a first intermediate node of the filter 

assumes the value: 

M(n) = k(A-l)p(n) - EM(n-1) -FM(n-2); 

a second intermediate node assumes the value: 

V(n) =M(n) + [(B-E)/(A.;l)]M(n-1) + [(C-F)/(A-l)]M(n-2); and 

the output Y(n) = p(n) +(Ilk) V(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients, and k is a predetermined const.ant 

.s 
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61. A data storage device, comprising: 

a medium mounted for movement relative to an access 

element; 

a servo system for controlling the position of the access 

element with respect to the medium; and 

a system for reducing the effect, on a position signal~ the 

servo system, of a vibration from a source external to the data storage 

device, including 

a first corrective filter for reducing the effect of the 

vibration on the position signal. 

62. The device of claim 61, further comprising: 

means for configuring the first corrective filter to operate at a 

frequency of the vibration from the source external to the data storage 

device. 

63. The device of claim 62, further comprising: 

means for repeatedly engaging the first corrective filter, 

including means for·repeatedly accessing a filter state vector, as 

initial filter conditions as the first corrective filter is repeatedly 

engaged. 

----------
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64. The device of claim 63, further comprising: 

means for refreshing the filter state vector periodically with 

corresponding outputs· from the first corrective filter,. or with· quieting 

values. 

65. The device of claim 64, wherein the filter state vector is refreshed less 

than· about every 5 to 10 periods of rotation of the medium.ofthe data storage device. 

. 66. The device of claim 63, wherein the means for repeatedly accessing 

includes means for using a wrapping counter (M) to control access to corresponding 

values in the filter state vector as initial filter conditions as the first corrective filter is 

repeatedly engaged, w4erein the wrapping counter (M) wraps at a value 
. . 

corresponding to a period of the vibration from the source external to the data storage 

device. 

67. The device of claim 61,. further comprising: 

a second corrective filter for reducing the effect,. on the 

position signal, of a vibration from a source internal to the data 

storage device. 

68. The device of claim 67, further comprising: 

means for configuring the second corrective filter to operate at 

a frequency of the vibration from the source internal to the data 

storage device. 

---------
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69. The device of claim 68, further comprising: 

means for repeatedly engag1ng the first ~d second ~rrective 

filters, including means for accessing first and second filter state. 

vectors as initial filter conditions as the filters are repeatedly engaged. 

70. The device of claim 69, wherein the means for repeatedly accessing 

includes: 

means for using a first wrapping counter (M) to control 

access to corresponding values in the first filter state vector as initial 

filter conditions as ~ first corrective filter is repeatedly engaged; and 

using a second wrapping counter (N) to aceess C9rresponding 

values in the second filter state ~tor as initial filter conditions as the 

second corrective filter is repeatedly engaged. 

71. The device of.claim 70, wherein the first counter (M) wraps at a 

value corresponding to a period of the vibration from the source external to the data 

storage device, and wherein the second counter (N) wraps at a different value 

~rresponding to a period of the vibration from the source internal to the data storage 

device. 

-----
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72. The device of claim 69, wherein the source of the frequency of 

vibration internal to the data storage device comprises rotation of the mediwn about 

a spindle thereof, and the source of the frequency of vibration external to the data 

storage device comprises rotation of a second medium about a spindle of a second 

data storage device external to the first data storage device. 

73. The device of claim 62, wherein said means for configuring the first 

corrective filter includes means for determining a plurality of filter coefficients as a 

fimction of the frequency of the vibration. 

74. The device of claim 73, wherein the first corrective filter is of the 

form Y(n) = Ap(n) + Bp(n-1)+ Cp(n-2)-.EY(n-i)-FY(n-2), where: 

n denotes a sampling time index; 

p(n) is said position signal at ~ch sampling time index n; 

Y (n) is the corrective filter output at each sampling time 

indexn; and 

A, B, C, E and F comprise the plurality of filter coefficients. 

-----·-----------------· 

\ \11\11\ "'"' Ill\\ \\1\1 \\ \Ill * C L M S * 



•, 

-57-

75. The device of claim 74, wherein said means for determining a 

plurality of filter coefficients as a function of the detected peak frequency of the 

vibration includes means for using the relationships: 

where: 

A=[ 1 +al +a2]/D; 
B = [-2 +2a2] /D; 
.C = [ 1 - al + a2] ID; 
E = [-2 +2b2] /D; and 
F = [ 1 - bl+ b2] ID, 

al= 21tZaf*; 
a2 = (1tf*)(1tf*); 
bl = 21tZbf*; 
b2 = (1tf*){1tf*); 
D =[I +b_l +b2]; 

I 

Za, Zb are damping coefficients; 

f* is related to the frequency of the vibration. 

76. The device of claim 74, wherein an.intermediate node of the first 

corrective filter assumes the val~: 

Q(n) = Ap(n) + Bp(n-1) + Cp(n-2); and 

the output Y(n) = Q(n)-EY(n-1)-FY (n-2); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 
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77. The device of claim 74, wherein an intermediate node of the first 

corrective filter assumes the value: 

R(n) = p(n) - ER(n-1) - FR(n-2); and 

the output Y(n) = AR(n) + BR(n-1) + CR(n-2); and 

wherein A, B, C, E and F comprise the pluriili.ty of 

coefficients. 

78. · The device of claim 74, wherein an intermediate node of the first 

corrective fil~ assumes the value: 

R(n) = Ap(n) - ER(n-1) - FR(n-2); and 

the output Y(n) = ~(n) + (B/A)R(n-1) + (C/A)R(n-2); and 

.• . 
wherein A, B, C, E and·.F comprise the plurality of 

coefficients. 

79. The device of claim 74, wherein a first intermediate node of the first 

corrective filter assumes the value: 

L(n) = (A-l)p(ri.) + (B-E)p(n-1) + (C-F)p(n-2); 

a second intermediate node assumes the value: 

W(n) = L(n)-EW(n-1) -FW(n-2); and 

the output Y(n) = p(n) + W(n); and 

wherein A, B, C, E and F eomprise the plurality of 

coefficients. 

·-------· ----- ·---·-----------------
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80. The device of claim 74, wherein a first intermediate node of the first 

corrective filter assumes the value: 

M(n) = p(n) - EM(n-1) -FM(n-2); 

a second intermediate mode assumes the value: 

V(n) = (A-l)M(n) + (B-E)~(n-1) + (C-F)M(n;.2); and 

the output Y(n) = p(n) + V(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

81. The device of claim 74, wherein a first intermediate node of the first 

corrective filter asswnes the value: 

M(n) = (A-l)p(n) -EM(n-1) -FM(n-2); 

a second intermediate node of the filter assumes the value: 

V(n) = M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)/(A-l)]M(n .. 2)]; and 

the output Y(n) = p(n) + V(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients. 

. ... 111111111111111111111111111111 
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82. The device of claim 7 4, where~ a first intermediate node of the first 

corrective filter assumes the value: 

M(n) =k(A-l)p(n)-EM(n-1)-FM(n-2); 

a second intermediate node assumes the value: 

V(n) =M(n) + [(B-E)/(A-l)]M(n-1) + [(C-F)/(A-l)]M(n-2); and 

the output Y(n) = p(n) + (l/k) V(n); and 

wherein A, B, C, E and F comprise the plurality of 

coefficients, and k is a predetemiined oonstant. 

83. The device of claim 61, further comprising: 

a detector for detecting, duilng operation of the data storage 

device, a frequency of the vibration from the source external to the 

data storage device. 

84. The device of claim 83, wherein said detector includes: 

a detection filter; 

means for configuring the detection filter to scan the position 

signal across a range of frequencies, and, at each respective scanned 

frequency, recording an amplitude associated therewith; and 

means for determining whether any of the recorded 

amplitudes exceeds a predetermined threshold, thereby locating the 

corresponding frequency of the vibration. 
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85. The device of claim 83, further comprising: 

means for configuring the fir~t corrective filter to operate at 

the detected frequency of vibration from the source external to the 

data storage device. 

86. · The device of claim 85, wherein the same filter is used for the 

detection filter and the first oorrective filter. 

87. The device of claim· 83~ further comprising: 

means for repeatedly detecting, during operation of the data 

. storage device, the frequency of the vibration from the source external 

to the data storage device; and 

means for repeatedly configuring the first corrective filter to 

operate at ~e detected frequency of the vibration. 

------- -- --------·· 
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88. A data storage device comprising: 

a medium mounted for movement relative to an access 

element; 

a servo system for controlling the position of the access . 
element with respect to the medium; and 

a system for reducing the effect, on a position signal in the 

servo system, of a vibration, including 

a first corrective filter to reduce the effect of the 

vibration on. the position signal; 

means for repeatedly engaging the first corrective 

filter, including means for repeatedly accessing a filter state 

vector as iI;rltial filter conditions as the first corrective filter is 

repeatedly engaged; ·and 

means for refreshing the filter state vector periodically 

with corresponding outputs from the first corrective filtef, or 

with quieting values. 

- -- ------------·-

89. The device of claim 88, wherein the filter state vector is refreshed less 

than about 5 to IO periods of rotation of the medium of the data storage device. 

90. The device of claim 88, wherein said refreshing occurs during a 

power-on cycle of said data storage device. 

* * * * * 
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