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LOW POWER FILTER COEFFICIENT ADAPTATION CIRCUIT FOR 
DIGITAL ADAPTIVE FILTER 

Reference to Related Patent 

This patent is related to commonly assigned U.S. Patent Application 
Serial No. 07/936,761 filed on August 27; 1992, now U.S. Patent No.· 
5,381,359 issued on January 10, 1995, for "Adaptation and Training of Digital 
FIR Filter Within PRML Class IV Sampling Data Detection. Channel". 

1 O Field of the Invention 

The present invention relates generally to adaptive filters for use in 
reading data from disk drives and is _more particularly directed to adaptation 
circuitry used in adjusting filter coefficient values controlling the 

15 characteristics of the filter. 

Backwund of the Invention 

In a magnetic disk storage system information is recorded on a disk 
20 having magnetic properties by inducing a pattern of magnetic variatiQns on the 

disk encoding the information. The magnetic variations, sometimes referred 
to as magnetic flux changes or transitions, are recorded along concentric 
circular tracks on the disk. To satisfy the increasing demand-for disk storage 
space, the computer industry is constantly striving to increase the recording 

25 density, i.e., the linear density with which the magnetic flux changes may be 
recorded along a track as well as the radial density of tracks on the disk. As 
the recording density is increased, however, the magnetic readback signal 
from the disk becomes more and more difficult to read and interpret due in 
part to so-called intersymbol interference resulting. from the increased .. 

30 proximity of neighboring magnetic flux patterns along individual tracks and 
on adjacent tracks and due to other influences as well. For floppy disk drives 
and other drives with removable interchangeabie disks, each disk may 
introduce its own irregwarities into the readback signal due to naturally . 
occurring variati<?ns within the manufacturing tolerances. Moreover, the 

35 irregularities are not uniform even over an individual disk, but depend to 
some degree on the.radial position.on the disk at which the data is being read. 

The increased data densities on the disks have prompted the use of 
digital signal processing techniques to extract the data from noisy, distorted or 
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otherwise irregular readback signals. In 011~ c()mmon tecbnique a sequence of 
consecutive raw data samples read from the. disk is passed through a filter that · 
keeps on-going track the expected error in the signal and corrects the data 
samples accordingly. A pQpular class of filter for this purpose comprises the 

5 adaptive, finite-duration impulse response (FIR) filters. These filters may be 
viewed as time-varying signal process()rs that adapt t):ieir filter characteristic 

. in real time to a sensed error measure. The filter characteristics are defined 
by time-v:arying coefficients, the values of which are adjusted at regular 
intervals in real time to. minimize the on-gding error measure. An adaptive 

1 O · FIR filter may be thought of as having tW()· parts: a filter structure that 
processes the data stream in accord with the values of the filter coefficients, 
and an adaptation circuit that updates the values of the coefficients in the filter 
structure. Known implementations of such filter structures and adaptation 
circuits are subject to a number of drawbacks and compromises under the 

· 15 practical constraints of commercial disk drive systems, such as the following. 

20 

The dynamic power dissipated iii conventional filter circuit 
implementations (assumll!g CMOS integnited-circuit technology commonly 
used for commercial disk drive electronics) is · 

p = C· V2-f N gate (1) 
where C is the average loading capa.Citance of a gate in the integrated-circuit 
chip, V is the power supply voltage level, f is the operating frequency, and 
N gate is the number of gates that are switehing. Because improved 

performance is generally realized with a higher operating frequency f, the 
25 higher power dissipation levels associated with higher frequency are usually 

tolerated as a necessary tradeoff. 
As may be seen from Eqn. (1), power consumption also goes up in 

direct proportion to the mimber of gates used in the particular 
implementation. A co01mon illtegrated~circuit embodiment of the above 

30 filters is the tapped delay litie, in which each of the coefficient characterizing 
the filter corresponds to a separate "tap'' along a delay line.· The number of 
gates goe$ up in proportion to the nuIJiber of taps. A larger number of taps 

· (i.e., filter coefficients) also leads to· a greater delay for data to pass through 
the filter and thus limits the frequency at which the filter can operate. To 

35 compensate for this delay, data pipelining·is often introduced to increase the 
filter operating frequency and the effective system throughput. However, 
pipelining calls for more gates, resulting in even ·greater power consumption. 
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In addition to the power demand, conventional filter coefficient 
adaptation circuits can_'iiJ:J.troduce a bottleneck, constraining the system 
throughput. To provide' updated filter coefficients in successive clock cycles 
as new data clocked through the filter, conventional adaptation circuits require 

5 that the necessary computations be performed within one clock cycle. This 
limitation makes it difficult as a practical matter to increase the overall speed 
. of the filter and of the data detection system as a whole and places ·a practical 
limitation _in. the circuitry. and the algorithms that may be employed to update 
the coefficients. 

1 O Known filter adaptation circuitry used in disk also has the drawback that 
the updated coefficients are sometimes observed to wander away from their 
optimal values when the coefficient adaptation process is operated 
simultaneously with a "decision-directed" timing recovery loop. This 
wandering prevents a uniform and consistent convergence to the optimal 

15 . values and imp~des the filter performance. 

Summazy of the Invention 

The present invention provides an adaptive filter with coefficient 
20 adaptation circuitry that operates at a low power level, yet circumvents the 

above-mentioned problems and disadvantages prevalent in the prior art. A 
circuit according to the invention is able to achieve its reduced power 

. dissipation without compromising the performance gains associated with· 
higher system operating frequency f. In accordance with the above Eqn~ ( 1) 

25 the invention achieves its low~r power dissipation levels in part by reducing 
the frequency with which the adaptation circuitry operates and in part by 
reducing the number of Integrated-circuit gates ~vated at a time in the 
operation of the adaptation circuitry. An adaptive filter according to the 
invention overcomes the above-mentioned computational bottleneck associated 

30 with conventional adaptation circuitry. A filter according to the invention 
also minimizes the above-noted undesirable wandering of filter coefficients 
away from the optimal values. 

Briefly, the invention achieves its· advantages by independently clocking 
the adaptive filter and adaptation circuitry. In particular, the input data 

35 samples and the processed output data samples are clocked through the 
adaptive filter at a clock rate lff and the filter coefficients {wm(k+l)} are 
updated according to a prescribed algorithm at an update rate slower than the · 
lff clock rate. In particular, it has been found advantageous to update the 
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filter coefficients at a rate -equal to .1/JT, where J is an integer greater than 
unity and generally in the range of 2 to 8. In the embodiment disclosed: 
herein, the independent coefficient update rate is achieved.-by providing a 
separate filter coefficient adaptation clock ~rived from the system clock by 

5 dividing the system clock by a user-programmable parameter J. This division 
reduces the coefficient update rate, which reduces the; number of_gates 
activated per unit time, the number of pi~line stages, and, ultimately, the 
power .con~umption. Since the upda~e.rate is.decreased, the adaptation 
convergence rate will generally be slower that if the circuit were updated at 

1 O the bit rate. Notwithstanding the slower convergence ·rate; other aspects of the 
filter performance, such as the ability to handle interruptions from embedded 
servo fields, are not compromised. 

Other aspects, advantages; and.novel fe.atures of the invention are ,. 
described below or will be readily apparent to those skilled in the art from the ~ 

15 following specifications and drawing of illustrative embodiments. 

Brief Description of the Drawings 
. . . . 

In the Drawings: 
20 • FIG. 1 is a block diagram of a disk drive system incorporating an 

adaptive filter according to the invention. 
FIG. 2 is a generalized logic circuit diagram of an adaptive FIR filter. 
FIG. 3 is a circuit block diagram showing an embodiment of an f1R 

filter and coefficient adaptation. circuitry according to the invention. 
25 .FIGS 4A and 4B are circuit block diagrams showing the input and 

intermediate stages of the filter coefficient adaptation block of FIG. 3. 
FIG. 5 is a circuit block showing a coefficient calculating block from 

FIG. 4B in more detail. 
·FIG. 6 is a circuit block showing the output stage of the filter 

30 coefficient adaptation block of FIG. 3. · 
FIG. 7 is a circuit block diagram showing a coefficient.storage sche~e · 

used with the output stage of FIG. 6. . 
FIG. 8 shows a sample disk track format and as·sociated signals 

illustrating. filter coefficient switching. 
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Detailed.Description of a Preferred Embodiment 

An understanding of the environment of an adaptive FIR filter in a disk 
5 drive system is beneficial before discussing the structure and operation of the 

filter and its adaptation circuit according to the invention. FIG. 1 is a block 
diagram of a disk drive system including as adaptive FIR filter 10. Data is 
recorded on disk 11 through the section of _read/write head 12. Head 12 
operates by inducing magnetic flux transitions on the disk (in a write 

1 O operation) and by reading those transitions (in a read operating) as it moves 
across the surface of the disk. 

Data to be written onto disk 11 enters the disk drive system through 
interface 13. After passing through a sequence 14, and having error 
correction coding information appended to it, the data then passes to an 

15 encoder/decoder, serializer/deserializer unit 16 (ENDEC/SERDES), which . . 
gener{ltes a stream of binary data. From ENDEC/SERDES 16 the binary data 
stream is applied to precoder 17, which precodes the data in accordance with a 
prescribed algorithm. As implemented, the present disk drive system employs 
a class IV partial response coding algorithm, although other coding algorithms 

20 may be used with the invention. The precoded binary data stream from 
precoder 17 is applied to write driver 18, which the binary data to a two-level 
(positive or negative) write current, which in tum is applied to head 12 
through head select/read preamplifier mechanism 19. Head 12 induces the 
magnetic flux changes on the storage disk in response to the two-level write 

25 current. 
To read the data from the disk, head 12 senses the flux changes as it 

moves over the disk and provides a positive or negative peaked signal 
iJ:!.dicative of the head's response to those flux changes. That signal is 
preamplified at head select/preamplifier unit 19 and is subjected to several 

30 extra stages of controlled amplification 21-23 before passing to a preliminary 
analog filter 24, which shapes the analog signal and enhances the signal-to­
noise ratio. Flash AID converter 26 then quantizes and samples ·the signal at 
intervals spaced by time T and produces a data stream at its outptii: in the form 
of a sequence of raw digital data samples { Xk}. The sampling rate in AID 

35 converter 26 is governed by a timing signal from ICO 27 that is properly 
synchronized and phase aligned with the incoming data stream. 

The data samples from flash AID converter 26 are applied. to adaptive 
FIR filter 10 that is the subject of the present invention. Filter 10 filters and 
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conditions the raw data samples { Xk} in accordance with the desired response 
characteristic of the data channel (e.g., class IV .partial response characteristics 
in the present-example). The output of filter 10 is applied to a Viterbi 
detector 28, which extracts the data sequence and provides a binary data 

5 stream at its output. At this stage the binary data stream.from Viterbi detector 
28 in an ideal system reproduces the binary data stream. that was written on 
the disk. Post-coder 29 ·then undoes the coding action that pre,..coder 17 
performed during the write operation, and the• unprecoded data then passed 
through the decoder section of ENDEC/SERDES 16 and through sequencer 14 

1 O to interface 13 in the reverse of the path followed in the write operation. 
An exemplary Class IV PRML sampling data detection channel is 

described in greater detail in commonly assigned U.S. Patent No. 5,341,249 
issued on August 23, 1994 and entitled: "Disk·Drive Using PRML Sampling 
Data Detection with' Digital Adaptive Equalization", the disclosure thereof 

15 being incorporated herein by refe~nce thereto. 
FIG. 2 shows a generalized logic circuit diagram of an adaptive FIR 

filter 10~ The filter comprises a delay line with N taps 31 and N-1 delays ·32 
·connected progressivelr in tandem from the filter input line 33. N multiplier 
stages 34 are connected to the taps 31 progressively taken along the delays 32. 

20 N programmable multiplier coefficients designated 
wo, ... , WN-1 are also fed to the multiplier stages. These coefficients control 
the characteristics of the FIR filter 10. A value for each coefticient·is held in 
a register feeding each multiplier stage. 

The tilter data stream { Yk} is linearly to the input data stream { Xk} . by 
25 · the filter coefficients{ wm(k)}: 

N-1 . . 
Y k = I, Xk-m w<.!> (2) 

m=O 

where wm (k) is the value of the filter coefficient Wm at time k as measured 
30 by the clock governing the data input rate at input33, which will generally 

equal the sampling rate 111' of flas~ AID co~verter 26. The ability to modify 
the w coefficients permits the filter to be adapted to changing data channel 
conditions resulting, for example, from fly height variations, from 
temperature variations~ from differences in tracks on a disk or differences in 

35 interchangeable disks in removable disk drive systems, or from defects in a 
disk developing over time. 
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Update unit 36 provides updated coefficients wm(k+l) adapted for 
conditions at time k+ L ·The updated coefficients are· derived according to a 
prescribed algorithm. The embodiment illustrated here used· the well known 
least-mean-squares. (LMS) algorithm, and in particular uses a variation known 

5 as the "signed-: LMS" algorithm.. The adaptation method of the present 
invention is not limited to this algorithm, however, and may readily be 
adapted for use with other algorithms. 

10 

According to the signed-LMS algorithm the vector of filter coefficients 
at time k+l, ~ (k+l), is related to the coefficients at the time k as follows: 

w(k+l) = w(k) - µeksgn ~(k)) (3) 

where µ is a programmable (i.e., scalable) step ·size and ek is the difference 
15 between the observed and desire~ filter responses: 

(4) 

determined in FIG. 2 at summingjunction 37. Here Yit is a normalized 
20 desired response, i.e., a normalized in desired filter output value at time k, 

and this value scaled by the reference level a. This form is particularly useful 
where the reference levels are programmable, i.e., may be set by the user. 
The function sgn(X) is a vector with components defined by: 

25 { 
l, Xi~ 0 

sgn(xk)= 
-1,Xi<O 

(5) 

where x (k) = [Xk, Xk-1, ... t Xk-N+ll is a vector of delayed filter input 
values, assuming as N-tap filter, and Xi is the i-th component of x!kl. For . 
pipelined filter circuits a delay "L" is built into the above algorithm as follows 

30 to allow for the pipelining: 

w(k+l) = w(k) - µek-Lsgn ~(k-L)) (3') 

· 35 The input data stream { Xk} is clocked through filter 10 at rate l!T so 
that at the k-th clock period the filter uses the vector x(k) of the last N input 
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values to determine the k-th processed output value Yk· In the_past, 
implementations of adaptive filters used in disk drive systems. have found it 
convenient to continue clocking the output values Yk through error generator 

37 and.update unit 36 and to update thew coefficients with each clock cycle. 
5 The present inventor have discovered that update unit 36 may be slow down 

considerably and that the w coefficients may be updated significantly less 
frequently than every clock with no appreciable degradation.in filter 

_ performance. At the same time, a considerable saving in po~er dissipation is 
realized and an undesirable interaction of the filter with timing co_ntrol signal 

1 O ·on line 30 is greatly reduced. Apparatus for achieving these gains will now be 
described with reference to FIGS. 3-5. 

FIG. 3 shows an embodiment of adaptation circuitry according to the 
invention for adapting the coefficients of adaptive FIR filter 40. Filter 40 
receives data sequences { Xk} at data input 41. The values of the filter 

15 coefficients{wm(k)J are provided to the coefficients input 42. Error · 
generator 34 generates the error term ek in Eqn. (3) or (3') above. Quantizer 
block 44 receives the filter output values Yk along_ line 45 and quantizes those 
value into three levels (in accordance with class IV partial response assumed in 
the present example). Error generator 43 also receives the filter output values 

20 Yk along line 45 and receives the quantized values frQm quantizer block 44 at 
line 46. To generate the filter error signal, error generator 43 determines the 
difference between the filter output and the quantizer output. 

Shift register 47receives the input data stream {xk} and produce the 
vector X(k-L) = [xk-L' Xk-L-1' ... , Xk-L-N+l] of delayed inputs used to 

25 update coefficients {Wk}. In the illustrated case , L = 7. Filter coe:fficien~ 
adaptation block 48 receives the input xCk) from shift register 4 7 and 
implements the intermittent updating of coefficients according. to the 
invention~ In the illustrated embodiment the rate at which the filter 
coefficients are updated is controlled by a special filter coefficient adaptatio11 

30 clock signal (FCACI..K) provided by FCA.clock 49. As implemented here . 
FCA clock 49 merely divides the system bit clock signal (Bitclk) by a 
programmable (i.e., user selectable) integer J. If an integer J·is selected that is 
too high, so that the coefficients are updated too infrequently, degradation in 
the filter performance will be observed. Practitioners in the art will readily 

35 be able to deten$te empirically for any given filter implementation the 
acceptable upper limit on J that still yields acceptable filter performance. For 
the illustrated embodiment a value of J from 2 to 8 has been found acceptable. 
Adaptation block 48 receives the error signals { ek l from error generator 43 
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and receives the divicled clock signal from FCA clock 49 .. The output from 
. adaptation block 48 is tbe vector of updated coefficients w(k+ 1). 

Adaptation block 48 in FIG. 3 also receives reset signal INITFCA 
which is used to initialize the block, and control signal CNTLRF which is used 

5 to set the adaptation mode of the block. This control signal CNTLRF provides 
an extra measure of control that allows the coefficien~ to be set by altemativ~ 
modes of operation. 

. FIG. 4A and 4B show the input section of the adaptation block, referred 
to as FCAl in FIG. 3. The error values {ek} from error generator 43 (i.e., 

1 O' the signals labeled FCAEK) are stored for use in updating the filter 
coefficients. In the embodiment of FIG. 4A the error values are applied · 
through delay 51 along line 52 to ten-bit register 53 for storing the error 
values until needed in the update operation. Error generator 43 generates 
error values ek on every time step k from the bit clock driving the filter. The 

15 register 53 holds the error values until clocked through to barrel shifter 54 in 
response to the filter adaptation clock sigiial FCACLK. The FCACLK signal 
clocks every J-th value of ek through to barrel shifter54 where J is the 
integer value dividing the bit clock rate as explained above. Thus, the output 
of register 53 change only with every J•th time step of the bit clock. Barrel 

20 shifter 54 receives the error value ek and shift it to the right by a 
predetermined number of places specified by the value of µ from Eqn. (3) 
or (3'). Theµ value is selected by multiplexer 56, which provides either a 
larger or smaller step size µ corresponding to a faster or slower adapt mode. 
The µ values are three-bit value stored in register files (not shown) and 

25 provided to multiplexer 56 along the FCAR lines 57 and 58. FCAl ON is a 
control line for selecting the step size. H the value on this control line is zero, · 
then the top µ value along line 57 is selected. If the control line value is one, 
then the bottom µ value is selected. The output of barrel shifter 54 is the 
error value CUEK scaled by µ. 

30 FIG. 4B shows the next stage of adaptation block 48. The individual 
coefficient blocks 59 calculate the new coefficient values according to Eqn. (3) 
or (3'), which are then provided to the output stage of adaptation block 48 ·. 
labeled FCA2 in FIG. 3 and shown in more detail in FIG. 6. · 

FIG. 5 shows a coefficient block 59 in more detail. The inputs to FIG. 
35 5 have already been defined above. The diagrammatic gate 61 represents a . 

bank of eleven XOR gates. These gates flip the sign of the µek tenn from 
Eqn. (3) (or the corresponding term in Eqn. (3')). The total update value is 
then provided at the output of the bank of XOR gates 61. This value is 

9 



W096/20450 PCl'/US95/15849 

subtracted· from the old w value by adder. 62. A rounding bit is applied to 
adder 62 at the carry input CIN. Block 63 checks for overflow of adder 62. 
Multiplexer 64 selects either the saturated value arising from an overflow or 
the actual sum output. The multiplexer output MUXOUT is the new w 

5 coefficient. 
FIG. 6 shows the output stage FCA2 of adaptation block 48. A plurality 

of output registers 66 hold· the output values of the. filter coefficients to be sent 
to FIR filter 40. Multiplexers 67 select the c.oe~cients to·b~ sent to registers 
66 depending on the state of the control bits along control lines CNTLRFO a.ild 

1 o CNTLRFl. If the control bits are 00, then the· stored values in registers 66 
·continue to be sent. If the control bits are 01, then the servo mode settings 
SRVFIRA to SRVFIRE are selected. If the control bits.are 10, then a pre-
programmed ·value.from a register·file is selected. If the control bits are 11, • 
then updated coefficient values w(k+l) are sent-to registers 66~ ~ 

15 While reading data from disk .11, the coefficients are normally updated 
contit}ually and generany converge quickly to optimum value for-the 
particular track and disk.being read. When the coefficients are u~dated 
according to the invention at the slower ·FCACLK rate; the rate of . . 
convergence is correspondingly slower. This can present a problem when 

20 embedded servo data are -present on the disk. Jn. a common ·track format servo · 
fields or "wedges" are embedded at intervals along a track, the servo fields 
commonly defining and separating wedge-shaped areas on the disk for user 
data storage. If the embedded servo values are ;recorded at different rates than 
the effective user data rate, it becomes generally desirable to provide 

25 alternative predetermined filter coefficients-when reading the servo and 
identification information from the servo fields. Thus, in this case the filter 
coefficient updating mechanism is interrupted -when reading •the servo fields. 
With adaptive filter of the prior art ample. time is generally available between 
servo wedges on the disk for the. updated filter coefficients to converge to . 

30 their optimum values~ When the update rate is slowed doWJI, however, 
convergen~e may not be· achieved between serv':l wedges~· This may . 
particularly be ·undesirable ·where a· data segtn.ent is too large to be stored in a 
contiguous field on the. disk, but is stored a split data field interrupted by a: 
servo wedge. Fiq 7 shows an implementation of circuitry associated with an 

35 individual register 66 and multiplexer 67 which selects the coefficients so as to 
tolerate the slow copvergence rate problem~ · , 

Block 68 in FIG. 7 shows a representative output register 66 and 
associated multiplexer 67 from the output stage FCA2 of adaptation block 48 
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in FIG. 6. Block 69 comprises a register file for holding alternative 
coefficient values. Register file 69 includes a servo latch 71 and coefficient 
latch 72 for each of th'.~;_·tegisters 66. Servo latch 11 ·.receives preprogrammed 
coefficients .at the data input D from microprocessor address/data bus 73. 

5 Coefficient latch 72 receives coefficient values from multiplexer 7 4 which . 
selects the values from microprocessor address/data bus 73, or from output 
register 66, depending on the value of the control ~ignal TRNDONE. · Write 
Multiplexer 76 provides write strobe signals for writing sei:vo or 
preprogrammed data values to the latches 71 and. 72. Read multiplexer 77 is 

1 o used to read out the coefficient values stored in latch· 71 and 72 allows .. one to 
tead the converged coefficient values. 

The various states of the alternative coefficient mechanism discussed 
above in connection with.FIG. 6 may now be better understood with reference 
to FIG. 7. When the control lines CNTLRFO and CNTLRFl are in the 00 

15 state, output register 66 merely holds the previous coefficient values. The 01 
· state selects the-servo coefficients held in servo latch 71. The 01 state is 

selected when the servo mode is enabled. When 10 is selected, output register 
66 receives data values from coefficient latch 72. Multiplexer 74 can select 
either preprogrammed data coefficients from microprocessor address/data bus 

20 73 or can select the last w coefficients that were present in output register 66. 
In operation, the arrangement of FIG. 7 functions as follows. When 

reading data on the disk, the TRNDONE signal is asserted at the end of the 
data segment to indicate that a sel'Vo wedge follows. TRNDONE causes 
multiplexer 7 4 to select the last values achieved from the adaptation process in 

25 · the immediately completed data field. The previously adapted values are 
saved in coefficient latch 72. If TRNDONE is de-asserted, then 
preprogrammed data coefficients are selected instead. In the servo mode the 
coefficients are selected from servo latch 71. When the system next returns to 
the read mode, the coeffic~ents in latch 72 are selected so that the adaptation. 

30 unit may continue adapting· these coefficients where it left off before the read 
mode was interrupted. When returning to the read mode, the system switches 
to state 11, which is the adaptive mode. The system then continues to select 
the new coefficients from FCAl (FIG. 4B) based ori the feedback values 
attained before the read operation was interrupted. 

35 FIG. 8 shows a sample disk track format and an associated READGATE 
signal and TRNDO~ signal illustrating this process~ The W segments 
represent servo wedges. · ID is an identification field immediately following a · 
servo wedge. D 1, D2, and D3 are data fields. D2 is a split data field that 
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corresponds to a data se~ent too long to fit into one field without being 
interrupted by a servo wedge and ID ·field. D2 is co;mposed of the non­
contiguous fields D2A andD2B. When TRNDONE is asserted,.indicated by 
the arrows 75, the latest FIR filter coefficients are saved into the coefficient 

5 latches 72 of register file 69. Servo ~oeffi~ients SRVFIR are loaded into 
register 66 from servo.latch 71. At th~ beginning of1the segment D3 
(indicated by the rising edge of the READGATE signal in FIG. 8) the 
previously trained FIR filter coefficients· from latch 72 are loaded back ~nto 
register 66. These coefficients then continue to train· by. setting CNTLRF to 

1 o · 11. This scheme achieves a continuous. training process with minimal 
microprocessor interruption notwithstanding the slower adaptation 
convergence rate occasioned by the slower FCACLK rate. 

It has been found that independently controlling the adaptation circuitry 
timing and the filter circuitry timing according t<> the invention also provides 

15 an effective solution to another problem associated with adaptive filters. 
When data is read from a disk, it is necessary for the clock signal for AID 
converter 26 to be synchronized. with the .clock· signal that was. used for 
writing the data in the disk initially .. · This can be problematic because the 
precise frequency with which the data was written to the disk is not generally 

20 known. To circumvent this problem, disk drive systems commonly include an 
adaptive timing loop to adjust the clock signal. The adaptive timing loop 
generally uses the same error signals ek that adaptive FIR filter 10 (or filter 
40 in FIG. 3) uses. The result is an interaction between.the two adaptive loops 
that.causes the FIR filter coefficient v~ues to wander away from the op~mum 

25 values instead of converging definitively to these vruues. The present . 
invention provides a·practical .solution.to this problem by updating the filter 
coefficients more slowly than the timing loop, wJ;lich is updated in every cycle. 
If coefficients are updated every 5th o.r 6th time, for example, then the 
wandering within one data sector time interval becomes small. enough to be. 

30 insignificant in practice. 
The above descriptions and drawiQgs discl()se illustrative.empodiments 

of the invention. Given the benefit of this disclosure, those skilled in the art 
. will appreCiate ·that various modifications, alternate constnictions, and . 
equivalents may also be employed t<> achieve the advantages of the invention. 

35 Therefore, the invention is not to be limited. to the above description and . . 

illustrations, but is defined by the appended .claims. 
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What is claimed is: 

1. In an adaptlte filter for processing data stored in a disk drive 
system, said filter receiving input data samples corresponding to data read 

5 from a disk in said disk system, and providing processed output data samples 
linearly related to a sequence of said· input data samples at time k by a 
pluraiity of filter coefficients {wm(k)}, and-including an adaptation unit for 
updati1'g said filter coefficients {wm(k)}, said adaptation unit providing. 
updated co~ffic~ents {wm(k+l)) at time k+l according to a prescribed 

1 O algorithm, the improvement characterized in that: 

15 

said adaptation unit is structured and arranged to provide updated 
coefficients { wm (k+ 1)} according to said prescribed algorithm whenever k is· 

equal to an integer multiple if a predetermined integer factor J greater than 
unity and structured and arranged not to update said coefficients otherwise. 

2~ The apparatus of claim 1, further comprising: 
a first clock providing a first clock signal governing the rate of 

operation of said filter; and 
an adaptation clock providing an adaptation clock signal governing the 

20 rate of operation of said adaptation unit, said.adaptation clock signal being 
derived by dividing said first clock signal by an integer J greater than unity. 

3. The apparatus of claim 2, further comprising: 
25 means providing an error value for use in updating said filter 

coefficients; and 
error value storing means for storing said error value, wherein said 

error value storing means provides a stored error value for use in said . 
updating in response to said adaptation clock signal, whereby. a new error 

30 value is provided and said coeffici~nts are updated at a rate slower than the 
rate defined by said first clock signal. 

. . 
4. The apparatus of claim 3, further comprising: 
a shift register receiving said stored error value in response to said 

SS adaptation clock signal ~d providing a scaled error value for use in said 
updating, said shift register scaling said stored error value by a varial;>le step 
size; and 
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means for selecting said variable step size, whereby a larger step size. is 
selected for a faster adaptation mode and a smaller step size is selected for a 
slower adaptation mode. 

5 5. The apparatus of claim 4 wherein said filter coefficients are 
updated according to a least-mean-square. algorithm. ! 

6. The apparatus. of claim 5 wher~in said filter coefficients are 
updated according to a signed least-mean-square algorithm. 

10 
7. The apparatus of claim 2 wherein said integer J is user selectable. 

8. A method of processing data stored in a disk drive system using 
an adaptive filter, said filter receiving input data samples corresponding to 

15 data read in said disk drive system, and providing processed output data 
samples linearly related to a sequence of said input data samples· at time k by a 
plurality of filter coefficients {wm(k)}, and including an adaptation unit for 
updating said filter coefficients {will (k)}, said adaptation unit providing 
updated ·coefficients { wm(k+l)} at _time k+ 1 according to a prescribed 

20 algorithm, said method comprising the steps of: 
clocking said input data samples through said adaptive filter and 

providing said processed output data samples at a clock rate llr; and 
updating said coefficients {wm(k+l)}, according to said prescribed 

algorithm at an update rate slower than said clock rate, wherein said update 
25 rate is at most one-half as fast as said clock rate. 

9. The method of claim 8 wherein said update rate is equal to 1/JT. 
w~ere J is an integer greater_ than. unity. 
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