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GAIN CONTROL CIRCUIT FOR SYNCHRONOUS
WAVEFORM SAMPLING

' TECHNICAL FIELD
This invention relates to computer systems and more particularly to data
5 storage and data communication devices within such computer systems. Even
" more particularly, the invention relates to apparatus for controlling the signal
level of an analog waveform being read. from a recording medium of a data

storage device or being received from a data communication device.

BACKGROUND OF THE INVENTION
10 In a magnetic disk or tape data storage device, data is commonly stored
on a magnetic medium by saturation recording in which each portion of the
. medium is magnetized to the point of saturation in one of two directions. The
data to be stored is typically encoded to satisfy certain constraints aﬁd the
encoded data is used to modulate the direction of magnetization. In a coded

15 representation known as NRZI, each "one" bit of the encoded data causes a
transition in the direction of magnetization, while each "zero" bit of the encoded
data causes the magnetization direction to remain unchanged. A clock signal is
used to write a sequence of encoded NRZI bits as a recording head moves along
a track on the medium such that one bit is written at each clock tick.

20 ' When a read head is passed over the recorded data track, a voltage pulse
is produced at each transition in magnetization. Successive voltage pulses have
opposite polarity since successive magnetic transitions are in opposite directions.
The NRZI data sequence that was written may be reéonstructed from the
resultmg voltage waveform by associating a "one" bit with every clock tlck at

25  which a pulse occurs and a "zero" bit. with every clock tick at which no pulse

‘ occurs. The original user data may then be decoded from the NRZI data.

Similar waveforms composed of pulses someﬁmes occur in other
appliéatiohs, including data storage on optical media and data communications
via modem, network, radio, or fiber-optic link.

30 To recover the written or transmitted data sequence, the receiver must-be



Th| s invention rel atlﬁ?Sﬁth er stems and nore pasticularly to data 5

st orage aWD #i187%0

s within such conputer sPETAISE4/0T008

nore particularly, t Iates to apparatus for ctontrolling the
signal - |evel of orm b ing read froma recordi ng nedi um
of a data storage deV|ce or being received froma data conmuni cation
devi ce. BACKGROUND OF THE | NVENTI ON 10 In a
magneti ¢ di sk on a

magnetic mediu
medi umi s magn
The data t

ikl S e chne Sopilicsrend, ARismaBierbRoRE ARPLGHE pthe

ﬁ%etd&ngaﬁe@% ﬂfat et 100e [dBteBih @ fé‘ﬁr}} [t ﬁetﬁ‘ﬁlhgns

e stored I's typlc encoded to satisfy c

constrai nts andretdnery c1rcmnhasieatoﬂasmntl lev¢elsed to nodul ate the direction of

magneti zati on.

5

10

15

20

25

30

In a coded
nter-symbol interference (ISI) occurs when pulses are placed so close

together in a wavefqr_m that they overlap sxgmﬁcantly. The position of a peak
in a waveform can be shifted by ISI from other nearby pulses. Thus the
recording density of a peak detection channel is limited by the fact that ISI must
not be permitted t6 move a peak from one window to another. ISI also causes

amplitude variations that must be adjusted for by a gain control circuit.

DISCLOSURE OF INVENTION

It is an aspect of the present invention to control the amplitude of signal
pulses caused by bit transitions within data being read from a data storage device
or data communications device. _ '

It is another aspect of the invention to compensate the amplitude
measurement to adjust for nearby pulses. . '

A further aspect of the invention is to adjust the amplitude by controlling

the gain of a variable gain amplifier. 1

The above and other aspects of the invention are accomplished in the
preferred embodiment in a mixed analog and digital gain control circuit for
controlling the amplitude of an analog input signal. The circuit has a variable
gain amplifier that receives the signal from a read/write recording head
preamplifier. The output of the variable gain amplifier is connected through a
multiplexer and equalizei' to an a'palog to digital converter for converting the
analog sfgnal to digital sample values at cox_xtrolled sampling times. The digital
values are then passed to a pulse detector which detects pulses in the digitized
signal and also passed to a timing recovery circuit which adjusts the timing of
the analog to digital coriiferter to coincide with the pulses.

A gain control circuit receives the digital values and the output of the

'pulse detector indicating when a pulse has occurred. A gain error detector within '

the gain control circuit determines the amount of error in the amplitude of each
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5 DESCRIPTION OF THE DRAWINGS

" The above and other asj)ects, features, and advantages of the invention will be
better understood by reading the following more particular description of the
invention, presented in conjunction with the following drawings, wherein:

Fig. 1 shows a block diagram of the environment of the invention and
- 10 illustrates the read channel that contains the invention;
Fi_g. 2 shows a block diagram of the analog and anmalog to digital
éonversio_n circuitry of the read channel containing the invention;
Fig. 3 shows a block diagram of the digital circuitry of the read channel
containing the invention; _ o
15 Fig. 4 shows a signal wavéfor'm'and illustrates center sanipling of the
puises; _ '
Fig. 5 shows a signal waveform and illustrates side samplilxg of the
pulses; . | o '
Figs. 6 aﬁd 7 show signal waveforms to illustrate overlapping'pulses;
20 Fig. 8 shows a block diagram of the gain control circuit of Fig. 3;
* Figs. 9 and 10 show a detained block diagram of the gain error detector
of Fig. 8; and |
Fig. 11 shows a detailed block‘ diagram of the loop filter circuit of Fig.
8.

25 " BEST MODE FOR CARRYING OUT THE INVENTION
The following description is of the best presently contemplated mode of
) carrying out the present invention. This description is not to be taken in a
limiting sense but is made merely for the purpose of describing the general

principles of the invention. The scope of the invention should be determined by
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referencing the appended claims.
Fig. 1 shows a block diagram of a typical environment of the invention.
Referring now to Fig. 1, a computer system 100 contains a processing element
102 which communicates to other elements of the computer system 100 over a
5 system bus 104. A keyboard 106 and a display 108 allow a user of the computer
system 100 to communicate' with the computer system 100. A memory 110
contains programs and data’ which cause the computer system 100 to perform
operations- desired by the user. '
A disk data storage system 112 is connected {o-the system bus 104 for
10  storing data and programs within the computer system 100. A disk controller
114 within the disk device 112 cominunicates to the system bus 104 and contrels
- the operatiohs 'of a disk drive 118, possibly in -conjunction with a local
microprocessor (not shown) within the disk data storage system 112. The disk
. drive 118 performs the storage function, typically storing the data on magnetic
15 | media.. A bus 116 connects the disk controller 114 to the disk drive 118,
specifically connecting to a write channel 120 to write data onto the disk through
write heads and amplifiers 128. When data is being read from the disk through
the read head and amplifiers 128 the data comes back through the redd channel
_ 122 which contains the gain control circuit of the present invention. The read
20 and write heads may be physically the same heads. The data first passes through
the analog section 126 of the read channel 122 and then through the digital
section 124 of the read channel 122 before being sent on the bus 116 to the disk
controller 114. After being processed by the disk controller 114, the data is then
sent over the sj(stem bus 104 to the memory 110 and/or the processing element
25 102. | |
The disk controller 114 also connects to other circuits, not shown, within
the disk drive 118, such as acircuit which moves the read/write heads over the
surface of the data storage media.
Although not .shown in Fig. 1, the gain control circuit of the present
30 _ invention can be used for controlling the amphtude of pulses within data received

from a transmission line, such as a telephone line or local area network, in a data
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| NVENTI ON Fig. 2 shows a block dlagram of the analog c1rcu1try 126 of the read

channel 122. Referring now to Fig. 2, when a read head is passing over a track
5 of the data storage medium, it picks up a signal which is amplified by a
preamplifier, not shown. After this preamplification, the signal 201 is passed to
" a variable gain ami)liﬁer 202.. The signal is further amplified by the variable
gain amplifier 202 and passed through an analog multiplexer 203 and then to an
analog equalizer circuit 204, which filters the signal as desifed, for example, so

10 asto remove unwanted high frequencies and shape the remaining spectrum. The '
output of the analog equalizer 204 is connected to an Analog to Digital converter
206. The A to D converter 206 converts the analog signal into a sequence of
digital values, providing six bits of digital information per sample in the
- preferred embodiment, and then the data is passed to a register/de-multiplexer
15 207. In the preferred embodiment, the digital section 124 of the read channel
122 processes two samples in parallel. To create these two samples, the
reglster/de-mIﬂUplexer 207 stores every other sample taken by the A to D
converter 206, After the second sample is taken, the data from the twd samples

is passed to the data bus 230. The bus 230 is clocked by a single half-frequency

20 clock signal. |

The timing necessary for converting the data, also called taking a sample
in the A to D converter 206 is supplied by a variable frequency oscillator 222
which is controlled by the output of a digital to analog converter (DAC) 220.

The input to the DAC 220 comes from the digital section of the read channel 124 _

25 as timing feedback signal 234. |

The gain or attenuation of the variable gain amplifier 202 is controlled
through a gain feedback signal 232 whicfx originates in the digital portion 124 of
the read channel 122. The gain feedback signal 232 is input to a summing
junction 210 which has a coarse gain control value as its other input. The coarse
30 gain control can be set by the disk controller 114, or a local microprocessor (not

shown) within the disk drive, to provide a nominal gain level which is then
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5 by separate DACs and the summing 210 done on the analog signal output of the

DAGCs. -Because of the nature of many digital to analog converters, the output
of the DAC 212 may contain glitchés when it is changing values. Therefore, the
filter -214 may be necessary to remove these glitches in the feedback signal.
After being filtered, the signal is exponentiated by the exponential converter
10 block 216 and then copnected to the variable gain amplifier 262 This
conversion makes the small-signal gain control dynamics independent of the iriput
'~ signal amplitude. '

Fig. 3 shows a bk;ck diagram of the digital section 124 of the read
channel 122 (Fi'g. 1). Referring now to Fig. 3, the digital data signal 230 from
15 Fig. 2 is input to a delay circuit 304 and a digital filter circuit 302. The outputs
-of these two circuits are connected to .multiplexers 306 and 316, whose outputs
are connected to multiplexers 310 and 318 respectively. Multiplexers 310 and
318 also receive signal 230. Multiplexers 306 and 316 may bé selected
indepeﬁdently, however, multiplexers 310 and 318 are always selected together.
20 In this manner, either the digital data signal 230 or the filtered/delayed signals
may be selected for input to both a pulse detector 312 and a gain control circuit
330. If the filter signal is selected for eitﬁer the pulse detector 312 or the gain’
control circuit 330, either the filter signal or the delay signal must be selected for
input to the othgf of these circuits. ‘The filter 302 inserts a delay into the digital
25 data signal 230, so if one circuit selects the filtered signal, the other circuit input
must be delay-compensated by selecting the delayed 81gnal from circuit 304 or

by also selecting the filter signal from filter 302.
The output of the pulse detector 312 is connected to a gain control circuit
330 which provides the gain feedback 51gnal 232 that connects to Fig. 2. The
30 output of the pulse detector 312 is also connected to the timing recovery circuit

328 whose output 234 connects to the digital to analog converter 220 of Fig. 2.
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detector 322 and an RLL decoder 320, as shown in Fig. 3, or a more
sophisticated data detector (not shown) may be connected to the sync mark
detector 322 and the RLL decoder 320. The output of the RLL decoder 320 and

5 the sync mark detector 322 are connected to the disk controller 114 (Fig. 1)
through the bus 116.
" The pulse detector 312; the timing recovery circuit 328, and the gain
control circuit 330 are designed to process pulses using one of two types of
sampling methpds, selected by the user. The first sampling method is called
10 center sampling wherein one of the samples taken will airive at or near the
center, or peak, of a pulse as shown in Fig 4. The location of the sampling is
controlled by the timing recovery block 328. In the.other method of sampling,
called side sampli.ng, the timing recovery block 328 will adjust the timing of the
VFO 222 (Fig. 2) such that two consecutive samples are taken wherein one of |
15 the two samples appears on one side of the peak of the pulse .and the other of the °
two samples appears on the other side of the peak as shown in Fig. 5. The user
of the system determines whether center s_émpling or side _sémpling is used by
setting a bit in a control register through the interface 116 (Fig. 1). 1 |
For either center or side sarnpling, sampling can occur during two
20 different time segments within a data record being read from the dlSk niec_lia.
The first time segment during which sampling occurs is called acquisition mode,
because it occurs when the gain control and timing control are acquiring the gain
and timing relationships of the pulses. This occurs when the read head is passing
a preamble portion of the data record which always has a known data pattern to
25 facilitate acquisition of the timing and gain. When data is being transferred, a
_different mode is used for the pulse detector and timing recovery, called tracking
mode, since data has an irregular and a priori unknown pattern of pulses.
Therefore, the pulse detector, timing recovery circuits, and gain control
circuits are designed to process pulses under four seiJaratel conditions. The first
30 condition is acquisition mode using side sampling, the second is acquisition mode

using center sampling, third is tracking mode using side sampling, and fourth is
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tracking mode using center sampling.

Fig. 4 shows a signal waveform of an isolated pulse and illustrates center
sampling of the pulse. Referring now to Fig. 4, a signal waveform 402 is shown
having four samples taken with the sample identified by reference 412, at time

5 n, being the most recent sample. Sample 410, at time n-1, is the sample just
prior to the most recent sample, sample 408 is the next previous sample and
sample 406 is the oldest of the four samples shown. Negétive pulses would

" appear as a mirror image of Fig. 4. The samples taken of the pufse are also
id_ehtiﬁed as "a", "b", "1", and "c". Sample "a" occurs at time n-3 of each pulse,
10 sampie "b" occurs at time n-2 of each pulse, sarhplga "1", occurs at time n-1 of
each bulse, and sample "c" occurs at time n of each pulse. The sample labeled
"1" is so labeled because the gain control circuit adjusts the level of this sample
to a nominal value of 1.
~ Fig. 5 shows a signal' waveform of an isolated pulse and illustrates side
15 sampling of the pulse. Referﬁng now to Fig. 5, a signal waveform 502 is shown
as a positive level above a baseline 503. Four samples are shown, with the most .
recent sample being sample 510. Sample 508 is the sample previous to the most
' re'cenf, 506 is the next previous sample and sample 504 is the oldest df the four
'-samples shown. These samples are also identified by the time references n
20 through n-3. _ | _
Figs. 6 and 7 show waveforms and sample times for a typical pulse for
* side and center sampling, respectively, and will be used to illustrate the'equations
shown in Table 1.
~ Referring now to Fig.. 6, a waveform 602 is shown with side sampling
25 mode, with the four samples of the waveforms, "a", "b“', "1", and "c", being'
identified. for the value of the waveform at sample times n-3, n-2, n-1, and n,
respec;.tively. Because of the 1ypé of data recording code being used, pulses can
never occur at two successive sampling times, thus pulses must be separated by
at least two sample times. Therefore, the pulse illustrated by dashed line 604 is
30 the closest a pulse could oc,cur_' prior to the pulse 602 and the pulse identified by
dashed line 606 is the earliest another pulse could occur after the pulse 602.
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for acquisitioh mode or g, for tracking mode. Since y,, is nominally equal to-1,
the gain set point g, or g, should nominally be set to (1 + b). |

Since pulse 604 might have occutred two sample times earlier than pulse
602, and pulse 606 might occur two sample times later, the effects of these

- pulses must be considered in the equations: The term "-(a+ c)P_," accounts for

the ISI effects of the pulse 604 and the pulse 606. Sample "c" of pulse 604
occurs at the same time as sémple "b" of pulse 602. Therefore, if there was a
peak detected at time n-2, i.e. p,, is one, the gain is corrected by subtracting a
constant value ¢ to offset the "c" sample of pulse 604. This constant value is
determined by calibration of the device and is input to the circuit through' the
interface 116 (Fig. 1). ' |

Similarly, a pulse could occur two sample times after pulse 602,
represented in Fig. 6 by pulse 606. For this pulée, the "a" sampie occurs at the
éame time as the "1" sample of pulse 602. Therefore, the gain error iskorrected
by subtracting a constant a if there is a pulse at time n+2, i.e. if P,, is one.
Rather than wait two additional sample times to determine whether a pulse occurs

at time n + 2 before making a gain error measurement, subtraction of the

- constant is simply delayed two clock times. This is possible because of the small

effect resulting from the pulse 606. This constant value, a, is also determined by
calibration of the device and input to the circuit thrdugh the interface 116 (Fig.
1). _

Fig. 7 shows waveforms when center sampling is being used. Table. 1
shows the center sampling equations, and the centef sampled equations are very
similar to side sampled equatiohs, except that in center sampling only the "1"
sample of each pulse is used to determine gain error. Therefore, the center
sampled equations remove the y,, term from the side sampled equations. Thus

for center sampling the nominal value of the gain set point g, or g, is 1.
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pulses 704, 706, and 708 can overlap the pulse 702, and if this occurs, the "
sample of pulse 706 overlaps the "1" sample of pulse 702. Therefore, the center
sampled tracking équation adds the term "-a * P_," to compensate for the pulse
706, where a is the same constant described for the side sampling equations.

Fig. 8 shows a block diagram of the gain control circu.it 330 of Fig. 3.
Referring now to Fig. 8, a gain error detector circuit 802 receives the input
digital value§ over the bus 320, and the output 314 of the pulse detector. The
gain error detector 802 applies the equations of Table 1 to create an amplitude
error signal 810 which is connected to a loop filter 804.‘ The loop filter 804
divides the amplitude error by a programmable value and integrates the result
before returning the VGAC Signal 232 to the circuit of Fig. 2.

Figs. 9 and 10 show a detailed block diagram of the gain error detector
of Fig. 8. Referring now to Fig. 9, the circuit surrounded by dashed line 901
partially solves the equations of table 1, to produce the result of: '

- (a+c)P,,, or '

g, - a*P,,, or 1

g, - (@ + Q)P Or

g, - a*P,
depending upon whether side or' center sampling is being used and whether
acquisitioh or tracking mode is being used. AND gate 902 inputs the "c" term
to the adder 904 if side sampling is being used, and the adder 904 combines the

shq}g@hégﬂligsgggﬁ [flw am of the gain c«p"trol ¢f/ﬂfﬁ§4/6’foof'
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ne" and "a" terms, or outputs only the "a" term if center sampling is being used..

AND gate 906 passes the output of adder 904 to adder 910 if there was a pulse
at time n-2. Multiplexer 908 selects the g, term or g; term, depending upon

‘whether the system is in acquisition or tracking mode, and adder 910 subtracts

this term from the output of AND gate 906 and sends an output 926 to an adder
918. '
The circuit surrounded by dashed line. 900 completes the solution by

adding in the terms:
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-SGN(Yo)(Y o1t Yos) or -SGN(Y,.) Y,
depending upon whether side'or center sampling is being used. Multiplexer 914

. selects the sum of Y,, and Y,, if side sampling is being used, or just Y., if

center sampling is being used. This value is made negative by XOR gate 916
and the input 932 to adder 918 if the sign of Y,,, is negative as indicated by bit

5 of Y, (since 6-bit two’s complement arithmetic is béing used). Adder 918

completes the equation and sends the result to Fig. 10 as signal 930. -

Fig. 10 solves the same equations, however, it solves them for the -

previous sample. The circuit of dashed line 1001 performs the same function as
the circuit in dashed line 901, and the circuit in dashed line 1000 performs the
same function as the circuit in dashed line 900, however, both work with the
previous sample. The difference between the circuits of Figs 9 and 10 is in the
inptits 946 (1046), 942 (1042) and 944 (1044) where Fig. 9 uses the current

sample and Fig. 10 uses the previous sample.

NAND gates 1062, 1064, and 1066 combine the results of Figs. 9 and 10,

depénding upon whether a pulse occurred in the previous or current sample.
Because of the data encoding method used for recording data, two successive
pulses cannot occur, so NAND gates 1062, 1064, and 1066 select Ane or the
other, or neither in the case where no pulse occurred in either sample. The
output of Fig. 10 s the amplitude error 810 discuésed above, which is connected
to the loop filter 804. |

Fig. 11 shows a block diagram of the loop filter 804. Referring now to
Fig. 11, the circuit surrounded by dashed line 1100 multiplies the amplitude error
810 by a loop filter coefficient value, and the circuit surrounded by dashed line
1101 éccumulates, the adjusted amplitude error into a register without letting the
value overflow or underflow. '

Multiplexer 1140 selects either the acquisition or tracking loop filter
coefficient. Register 1102 stores the amplitude error signal 810. Divide by two
circuit 1104 and adder 1106 multiply the amplitude error signal by 3/2, and
multiplexer 1108 selects either the amplitude error or the 3/2 value, depending
upon bit zero of the loop 'ﬁlter coefficient selectéd by multiplexer 1140.
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within the di sigdevdee e QTFHN £RE OPI U0 (106 TP, OB Of AN BRDL T Of S

the operations of "a possi bl'y "I’'n"corj unction W

m cr opr ocessormaliply themutputwifthultipleer Ul 08byl #t12851/64a0825V46eWM81 12, ofhe
di sk . drive_ 118 perforns the storage function, typically storing the
data on nagnetl/?. basedgpenabity thige, twe andesetof thadoap dlterppeffacienty 1ng to

the disk drive /i il I i t e VW channel, .120 {o

write data oncSaRom gps g mhliiBteker FRRAIN e el b R G40 %

data is being ZepRdofdlRW tHeegalh s refaRii6bhstant. Register 1124 stores the adjusted
amplitude error for an additional clock cycle before passing the value to adder

1126.

Adder 1126 adjusts the value of register 1130 by the output of register

| 1124, and SAT circuit 1128 énsu;'es that the output of adder 1126 does not

10 overflow or underflow. Instead of overflowing or underﬂowing, the SAT circuit
1128 causeé the adder 1126 output to saturate. The output of register 1130 is the

gain feedback signal input to the adder 210 of Fig. 2.

| Having thus described a presently preferred embodiment of the present |
1invention, it will now be appreé:iated that the aspecis of the invention have been

15 fully achieved, and it will be understood by those skilled in the art that many
changes in construction” and circuitry and widely differing embodiments-and
applications of the invention will suggest themselves without departing from the
spirit and scope of the present invention. For instance the inventiod could be
implemented with analog circuitry in place of much of the dig‘ital circuitry of the

20 preferred embodiment. The disclosures and the description herein are intended
to be illustrative and are not in any sense limiting of the invention, more

preferably defined in scope by the following claims.



the- read head and anplifiers 128 the data cones Ck- throu
channeWO 94/18712 yiis Shaet lasBean Replacdde gai n cont r ol b@:rcui t. O?E':[r ?B@g@gm
i nvention. The rea i heags may be physically the sanme heads.
The data first pas - the anal og section 126 of the read
channel 122'and then rough the digital section 124 of the read
channel 122 before being sent on the bus 116 to the disk controller
114. After being processed by the disk controller 114, the data is then
sent over the systembus 104 to the WALy 1110 and/ or the processing
el ement 25 102. The di Sk controller 114 al so connects to
other circuits, not showinididh the disk drive 118, Teaekiagy a
circuit which noves the read/wite heads over the surface of the data
storage nedi @ige -SGN & Lhough,_Rsi, Iheyn i ASEN v, .3 * (Yherwgai) rgeont r ol
. Circuit of thampnesent. 30 inyent)®), can be used for edawcoPB,ng the
anplitude of .pulses within data received

Center ~SGN (Y1) * (Ya1) +#9a-8*Py;  -SGN (Y1) * (V) +9e-

a*P, , :

Sampled
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What is claimed is:
1. A gain control circuit for adjuéting_ the gain of a variable gain amplifier that

receives an analog signal, to cause an output of said variable gain amplifier to

" have a predetermined signal level at an occurrence of a pulse, said gain control

circuit comprising:
amplitude sampling means for rc;.ceiving said analog signal and for takirig
a plurality of amplitude samples of an amplitude of said analog
signal, said amplitude samples being taken at times determined by
a clock signal; | |
pulse detection means connected to receive said plurality of amplitude
samples, wherein said pulse detection means determines whether
a pulse occurred coincident with each of said plurality of
amplitude samples; ‘ 1
_ sample selection means connected to an output of said a-mplitude
sampling means and an oﬁtput of said pulse demcﬁon means, said
~sample seiection means for selecting, for each pulse detected by
said pulse detection means, at least one of said plurality of |
amiplitude samples, wherein said at least one ampiitude éarnple has
a predetenﬁined relationship to a location of said pulse;
arithmetic means for comparing said at least one selected amplitude
| sample to a pr'edetermined value and for creating an amplitude

error measurement signal representative of a difference in

amplitude between said at least one selected amplitude sample and



. and- detect pul ses within a signal. ' Fi,g.‘ 2 shows_a bl ock di agram
of the WOMAFTRi rCTIB eeyfReplaeed r ead channkl 122. Re?@’pﬁ?%‘“ﬂ% to
Fig. 2, when a read ﬂ ng oygr a track 5 of. t he data storage
medium it picks up h IS arrpllfled by a——p#eampﬁ—m—er——not
shown. After this prearrpllflcatlon the si rmlp

vari b gain am ;L;fgéﬁggé&gg;ﬁggggﬁ < rercner e AN L

203 and %%ento an 0g équ cuit 204, which filtérs the
signal as desired, for exanple, so 10 as to reane unwant ed hi gh

. frequenc?‘bs and sﬁ%‘@ril%m@#ﬁlcﬁ%t@pWP%ﬁa“W@ letic FeaRs and R g3 anal og
equal i zer 204 is connected to an,Analog to Digital convert er 206. The
Ato D c2hiverter 206 coonteslt inpuh‘mfasaiﬂ oarisblgngdini arhplifiers esqide covension

. digital values, providing six bits of digital information per sanple in the
preferregg embodi ment,  afdnd AGrebdifingdhfd AfiplRads 84 of Melsurement signal and

regi ster/de- nultlplexer

27 co,nverting said amplitude error measurement signal into a gain

- 28 control signal connected to said gain control input.

1 2. The gain control circuit of claim 1 wherein said sample selection means

2" further comprises:

3 " means for selecting two of said plurality of amplitude samples for eacﬁ
4 - : puls;e cietected by said pulse detectioq means; and

5 means for selecting a first of said two amplitude sax;lples from amplitude
6 samples occurring prior to said pulse, and a Isecond of said two
7 amplitude samples from amplitude samples occurring 1after said

8 pulse.

1 3. The gain control circuit of claim 2 wherein said arithmetic means further

2  comprises:

3 means for adding said first amplitude s#mple to said second amplitude
4 | sample to create a sum signal; and |

5 means for sﬁbtracting said predetermined value from said sum signal to
6 | create said amplitude error measurement signal.

1 4. The gain control circuit of claim 1 wherein said sample selection means



15 207'W@Bi/@%ﬁ{)?f'ﬁﬁfﬂﬂaeﬁmimﬁl&ed the digital segtton 129@? Sb&}ﬁp&gad"

channel oc es in parallel. To create ese
sanpl es, the regi

| exer 207 stores e-w%
taken by the Ato D nverter 206. After the second sanple 15 ,
the data fromthe two sanples - I s passed to the dat ﬂ"[m”mm
230 is clocked by a single half-frequency 20 :clock sig ,I” n’ ,the
timng neckssfurther eomppissserti ng the data, also called ‘taKi nf at samplse, = '
in the Ato D converter 206 is supplied by a variable frequency oscillator

1222 vhich i's ggh the; : asg'l | t tQ. copverter

( DAC) 220\.@l The m%gélj tgt%e‘{a%g %EE%EQZBHI i’%ﬁ%‘s rg%’t%émd%éilg’%%cg on of
o . . K . Th

gai n o atd enuat i on of -PRELA4E PABPIESORF FaHEl PR BSBAXS control [ed

t hr ough asgai n feedback signal 232 which orjginates in the digital portion

124 of means for selecting said single amplitude sample as an amplitude sample

6 ' that occurred coincident with said pulse.

1 5. The gain control circuit of claim 1 further comprising:

2  atleast 6ne neighboring pulse compensation value correspoﬁding to each
3 neighboring pulse that, if preéent, would be sufficiently close to
4 | R each of said pulses to change a shape o'f c_:ach of said pulses; and |
5 arithmetic means for combining said at least one neighboring pulse -
6 compensation value with said amplitude érror measurement signal
7 when' said corresponding neighboring pulse is present. |

i

1 6. The gain control circuit of claim 1 wherein said conversion means comprises:

2 filter means connected to said amplitude error measurement sjgnﬁl for
3 | producing a gain error signal; and

4 sub conversion means for converting. said gain error signal into said gain
5 control signal.

1 7. The gain control circuit of claim 6 wherein said sub conversion means further
2  comprises:
3 - coarse gain value storage means for storing a constant value; and

4 arithmetic means for adding contents of said coarse gain value storage



. the-read channel 122. e gain feedback signal 1S 1 nput
junct i 8¥P 34/@8%7Bi ch hai(Th gai n control vaI u as its &‘#Té?gﬂ“?mms The
coarse 30 gain control can be set by 14 he di sk controller 114, or a | ocal

n croprocessor (not shown) within the disk drlve—t—e—pr—ew—de—a—ﬁem—nal

o Tever " b5 ter AR
AR

5 means to said gain error signal.

1 8. The gain control circuit of claim 6 wherein said filter means further comprises:
2 ~ filter coefficient value storage means for storing a constant vali_:e;

3 arithmetic means for multiplying contents of said filter coefficient value
4 stdrage means by said amplitude error measurement signal;

5 accumulator means for accumulating outputs of said arithmetic means to
6 produce said gain error signal.

1 9. The gain control circuit of claim 8 wherein said accumulator means further

2  comprises saturation means whereby an output of said accumulator means is

3 prevenied from overflowing or underflowing.

1 10. The.gain control circuit of claim 6 wherein said sub conversion means

2  comprises:

3 coarse gain value storage means for storing a constant value;
4 arithmetic means for adding contents of said coarse gain value storage
5 means to said gain error signal to produce an adjusted gain error
6 signal;
7 - digital to analog conversion means connected to rgceivé said adjusted gain
8 ' “error signal and convert said adjusted gain error signal to a digital
9 “value; and
10 exponentiation circuit means for converting said digital value to said gain
11 control signal. - —

eet Has Been R laced

\\\\\\\\\\l\\\\\\\ Tl



ady ust ed %or down by the i n feedback signal 232. Art—er bei ng sumed -
with 948%878e gain control value, the feedback slgnal i FCIEFIH0IP0F
digital to anal og converter 212 and t¥en to a filter 214, In another
enbodi mrent (not shown), the COaNMENDED! CLAAME and gain feedback 232 may
each be converpeskivedaalthe MabtwstibnabBusenpbat B ks 1904 t(He.88ud4)ng 210
done on the anabeigifhbrelkhin8 Améndekd ; t FanmainingDACsimsBenchargedf( 1t pagejdt ure of

many digital to anal og converters, the output of the DAC 212 may ——
contain gli®ches when it megngiy gain omonsignal.Ther ef ore, the filter 214

‘may be necessary to renove these glitches in the fe’edg mmmlmmmum fter
being filtered, the signal is. exponentiated by the e m ik er
10 bl ock 216 and then connected to the variable gaihn dTrpI‘ifiLer“ZOSZ. Thi s

.ngvtef si on {rak@sThdgaif EBAtrolTidhR of 8RR 6GMkrEiR said IR fetind AFAREENAPHsR!  he
| u .

2 filter coefficient value storage means for storing a constant value;

3 _' arithmetic means for multiplying contents _of said filter coefficient valﬁe
4 storage means by said amplitude error measurement_signa];

5 : accumulator means for accumulating outputs of said arithmetic means for
6 - muliplying to produce said gain error signal.

Pk

9. The gain control circuit of claim 8 wherein said accumulator means further
2 comprises saturation means whereby an output of said accumulator means is

3 | prevented from overflowing or undgfﬂowing.

1 10. The gain control circuit of claim 6 wherein said sub conversioh means

2  comprises:

3 coarse gain value storage meané for storing a constant value;
4 arithmetic means for édding contents of said coarse gain value storage
5 " means to said gain error signal to, produce an adjusted gain error
6 . 'sigi}al;
7 | digitai to analog conversion means connected to receive said adjusted gain |
8 error signal and convert éaid adjusted gain error signal to a digital -
9 - | valﬁe; and
10 exponentiation circuit means for converting said digital value to said gain
11 | control signal.

AMENDED SHEET (ARTICLE 19)



. sigmal anplitude’ F-g—3 shows a bl oc] diagramof the digital -
sect i o'WWQI4/18F73t hey r hannel 122 (Fig. 1) Referri WW‘(‘B"& g. 3,

d
the digital data si %ﬁet B opd, F%ﬁ' 2 is input-to a delay circuit 304
and a digital fil;ﬁﬁ 1 m The pputs of these two circuits
are connected to I |1k and 316, whose outputs are connected
to multiplexers 310 and 318 respectively. Miltiplexers 310 and 318

al so receive signal 230. Multiplexers 306 and 316 may be sel ected
i ndependent|y, however, nmultiplexers 310 and 318 are al ways sel ect ed

t oget her. 20.. TRIThils ‘manner..ekther..the.di'gi'tal "dat’a 'si'gnal 230 or the
. filtered/ dekayed si'gnars """ may be sel'ecied for input to both a pulse
detector 312:and a gaifreomrolfircuit :: 330~JIf the filter signal is
selected fot:gither tHe putseg@etector 312:or tpe|lg@ n control circuit
. 330, eitherithe filter] sigral war] the del ay: si gngl be s¢l écted for
i nput t.o the:ether of jtkgse c{tcuits. The: filterl 3021~nsert( a delay into
the digital :::  © N 0o i > :
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25 .data signal 230, so if one ci rcuit selects the~filtered signal, the
ot her o¥@ ®4i18778 NP This Sheet HasB&dn Raglacd@! ay- conpensat ed by sel e®CT 94194008 e | ayed
si gnal from(;ircui't ﬂll mlll y al so selecting the filter signal from

filter 302. ut oR/ie pul se detector 312 is connected
232 that connects to Fig. 2. The 30 output of the pul se detector 312 is

to a gain control circui 30 whi ch provides the gain feedback signal

al so connected to the tining recovery circuit. 328 se output 234
-connects to the digital tto anal o@c verter 220 of Fig. (%2
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YA The output of the pul se detector 312 %ay so be connected to a
sync nmewl 94/18718et G‘htsShee&’l’éBaéidt ReeRLL decoder 320{ as showpCTrussigioos, or a

nor e sophlstlc tor (not shown) nay be corinected to the
sync mark detec e RLL3g@coderi320. The output of the RLL
decoder 320 and 5 t detector 322 are connected to the disk
controller 114 (Fi-g. 1) t hrough the bus 118.. The pul se
detector 312, the timing recovery circuit 328, ugnd the gain *contro
circuit 330 are dBSJgned"LQ"QLQQQ§§"QHL§§§"M§LD9"99§u91“£MD types of
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sarrpl ing methods, selected by the user. The first ling net hod is called
centiQ SYIFHIB i ng‘hm/sgereﬁqég];ggﬁ wjhe sanples taken will aPAUHSIAOIWE near .
the center, rﬁmm Se as, Bovvn in Fig 4. ThHe 'l ocation of the
sdnpling is #[u tim recovery block 328. In the other
. nmethod of sanpli ng, de sanpling, the timng recovery bl ock

328 will adjust the timng of the - VFO 222 (Fig. 2) such that two
consecutive sanples are taken wherein one of 15 the two sanpl es appears on
one side of the peak of ¢ he pul s and the Pther of &he two sanpl es
appears on the other si of the peak as shown in R g. 5. The user of

the system.determ nes et her center sanplling or sijde sanpling is used by
setting a bit in a contrfol registjedQdr e interface 116 (Fig. 1). 1

For either center or side sarrpllrjnp’ cur, during two 20 ,
r fromthe disk
ing occurs is called

different time segnents mgpE n a
medi a. The first tlwe segnerjt
acqui sition node,

402

404
o ay

506
/\/.




- +etau ur mhen t he galn “control and tim (g contro gl i NQ
_the ggﬁlb&/lé)ﬁf his IWSBedn plass hi ps of the pul ses. Thi Igcg‘?:tgsl??@%en t he

read head is pass bl e gygpti on of the data record which
always has a kno to 25 facilitate acquisition of the timng
and gain. Wen data is belng transferred, a different node is used for
the pul se detector and timng recovery, caIIed tracki ng - nmode, since
data has an irregular and-a priori unknown pattern of pul ses.

Therefore, the pul se détector, tining recovery circuits, and gain control
circuits are designed to process thses under four separate conditions. The
first 30 condition is acquisitiog node using side sanpling, the second is
acqui sition node usi ng centgk sanpling, third is tracking node using

side sanpling, and fourth is N o ™
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. $racki
wavef o
pul se.

four sanpl es taken
being the nost
prior to the nobst

gﬁqiﬁyfégg Ce”ter

Referring no

recent sanple

I|n

si gg

Sanpl e 410, at time n-1,
recent sanpl e,

|de

maveforn1402 i's shown

SES o L L

Wq Iustrates cen

havi ng

|f|ed by reference 412, at tine n,
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Is the sanple j ust
sanpl e. 408 is the next previous sanple and

/



ampl e 406 is the ol dest of the four .sanples sho Negati ve pul ses woul d

' appearwas!:m!irr'ﬁrorTh a%d The sanples t ken of t RETAIN9Y/B81MBe al so
identified as "a" H c". Sanple "a" occurs dt tinme n-3 of each

pul se, 10 sanple " |ne AW of each pul se, sanple "1", occurs

at time n-1 of - - each pulse and sanple "c" occurs at tine n of each
pul se. The sanple | abel ed . "1" is so Iabeled because the gain control
circuit adjusts the level of this sanple to a nom nal value of 1.
Fig. 5 shows a signal waveformof an isolated pulse and illustrates side 15
sanpling of the pulse. Referring nowto Fig. 5, a signal waveform502 is
. Shown as a positive | evel abdye a baseline 503. Four sanples are
" shown, with the nost recent ggnpl e being sanple 510. Sanple 508 is the
sanple previous to the nost recent, 506 is the next previous sanple
, and sanple 504 is the ol dest df th& four ~ sanpl.es shown. These sanpl es
are also identified by the tine references n :
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o i gs. 6 and 7 show avef or ns tinmes
for %‘?9},83?3 puITjl S}iﬁ‘rﬁir“i‘m&d and center sarr(mprlar ng, Eﬁﬁ&@%ﬁk‘) and

“will be used to il quatgggf shown in TabIe 1.
*Referring now t.o orm is showmn with side sanpling 25
node, with the four sanples of the waveforns, "a", "b", "1", and "c", being

identified for the value of the waveformat sanple tinmes n-3, n-2, n-1, and"

n, - respectively. Because of the type of data recording code being
used pul ses can. never occur at two successive sanpling tinmes, thus
pulses must be separated by at |least two sanplg tines. Therefore, t he
pul se illustrated by dashed line 604 is 30 the clogest a pulse could
occur prior to the pulse 602 and the pulse identified by dashed |ine

606 is the earliest another pulse could occur after the pul se 602. .
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S

mul tiplying by -1

when a-pul se is detected at tine

and Y[err],

the sanples Y[err]

Referring now to Table 1,
error for side sanpled (both acquisition and tracking)

det ef ni'ned by addi ng

the gain
"f the pulse detected at tine.nis a
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» positive pulse (as indicated by the sign of Y[err]l), and adding the gain
. set poyplesalessr] S fgf acquisition nmode or g[err¥ for tracRCTVySHIRIB08 Si nce

Y Y[err] is nomnally equal to 1, the gain set point g[éerr] or g[err]

* should nominally be set to (1 + b). 10/10 Si nce pul se 604 m ght have
occurred two sanple tinmes earlier than pul se 602, and pul se. 606—m-ght—
occur two sanple tines later, the effects of these " pul ses .nust l@

considered in the equations. The term"-(a+ c)P[err] Naccounts for 108
ISl effects of the pulse 604 and the puI se 606. Sarrplce

‘3 . peaK"dé‘t'é‘(:'f'é'd"'é't"'t‘i"rﬁé"'ri“z ........ o PIH” i..q. ............ t' é’"g’fif'n’ i cor&ﬁd
' by subtracting a consan| &3 to of f sét t§ nple of pu
604. This idonstant val ue i® de erhj ned icalleBrjati on of the de r:e:'
and is |nput to the ci rcuﬂ:""%wqggh t he, 15 terf —
* Simlarl y :a pul se coul d occut two ganple tireg af : 2, 2=
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Toaro1-%
represented in Fig. 6 by pulse 606. For this pulse, the "a" sarrpl e oc®irs
at the sane time as the "1" sanple of pul se 602. Therefore the gain
error_isilcorrected by subtracting a constant a if there is a puI se at
time h+2, i.GAINC Ii CIRCUITHORRYNEHRONOUSWA . npl e
times to determ ne whether a pul se occurs at time n + 2 before ITB.kI ng
a gain error neasurenent, subtraction of the constant is sinply
del ayed two glpg ﬁgHgEequsTrBtgml s possjipsgrigeguse of ‘the small ef fect
resulting fram enl ﬁ(ﬁﬂ This constant value, a, is also determ ned by
calibration dit Eew ce-and-iinput to the circuit through the interface
116 (Fig. 25 1) Fig. 7 shows Waveforms when center sanpling
is being used. Table 1 shows the center r%l i ng equations, and.the

center sanpl ed Aegixediaalogand d&'ﬁal/galn °°nt§‘?1rﬁ11°‘élﬁ (126) &orrontrgling dhe @Hﬂ&t‘i’%ﬁ%aﬂ
- except t hg{'n gnmﬁ)gf%l al S P ki Taﬁﬁ'tﬂe g?lh amghﬁ?r (2§2”)nc’ﬂ£tq'e&fwe§ ?fféklé’:’tﬁll #6m &

used to d error. Bre
read/write recordmg head preamplifier (128). The output of the variable gain amplifier (202) is

connected through a multiplexer (203) and equalizer (204) to an analog to digital converter
(206) for converting the analog signal to digital sample values at control sampling times. A gain
control circuit (330) receives the digital values and the output of a pulse detector (312)
indicating when a pulse has occured. A gain error detector (802) within the gain control circuit
(330) determines the amount of error in the amplitude of each detected pulse, and this error
amount is filtered (804) and sent through a digital to analog converter (212) and then throu;
exponentiating circuit (216). The output of the exponentiating circuit is connected to 4 g;in-'
control input of the variable gain amplifier (202). A
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! Thus
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sanpl ed equations renove the y[err] termfromthe side sanpled
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The center. sanpl ed equations incorporate the sanme type of adjustnent forqm 4

| SI that was incorporated into the side sanpled equations. As shown in ﬁﬁi
7, pul ses 704, 706, and 708 can overlap the pulse 702, and if this
occurs, the "a" sanpl e of pulse 706 overlaps the "1" sanple of pul se
702. Therefore, the center 5 sanpled tragging equation adds the term"-a *
Plerr]" to conpensate for the pul se 706, where a is the sanme constant
‘described for the side sanpling equations. Fi 8 | ock
i agr am of |t GATGCONBROLoLIRCLI KOBAVREERQNOPS WAvIRaRM SAMB1 iy
'Fig. 8, a gain error detector circuit 802 receives the input di gi tal

val ues over the bus 320, and the out pABSIRAQGT t he pul se detector. The 10
gain error detector 802 applies the equations of Table 1 to create an

anpl i tude error signal 810 which is connected to a loop filter 804.
The loop filter 804 di vides the anplitude error by a programmabl e

val ue and i nt egy afieesl aratog mslidigital gain wehtroleciraitu(l26) fort domtrolting the gmaplit@iz2of

to the circuit, of Fig, 2,
an analog input signal.

from a read/write recording head preamplifier (128). The output of the variable of the
variable gain amplifier (202) is connected through a multiplexer (203) and equalizer (204) to

The circuit has a variable gain amplifier (202) that receives the signal

an analog to digital converter (206) for converting the analog signal to sample values at control
sampling times. A gain control circuit (330) receives the digital values and the output of a
pulse detector (312) indicating when a pulse has occurred. A gain error detector (802) within
the gain control circuit determines the amount of error in the amplitude of each detected pulse,
and this error amount is filtered (804) and sent though a digital to analbg converter (212) and
then through an exponentiating circuit (216). The output of the exponentiating circuit is

connected to a gain control input of the variable gain amplifier (202).
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',.Fi'g‘s.' 9 and 10 show a defat| ed bl ock diagram of the gal n error det®einialdps
of Fig. 8. Referring now‘to Fig. 9, the circuit surrounded by dashed |ine

901 partially solves the equations of table 1, to produc e result

of : glerr] - (a + c)P[err], or g[err]e\Lg*\PW‘r-]\
or . e N N - Plerr], or 20 . g[err]

dependi ng Lﬂéﬂﬁm Henter sarrpl ing is being used a }cﬂl

acqui sition or ; ClEg node}jis being used. AND gate 902 i nputs” trfe

term THe adder—964 side sanpling is being used, and the adder

904 conbines the - "c" and "a" ternms, or outputs only the "a' termif

.center sanpling is being used. 25 AND gate 906 passes the output of adder
904 to adder 910 8 f Ther gaias coniyiade circuit of claim 6 wherein said

filter means further comprises:

filter coefficient value storage means for
storing a constant value; -

arithmetic means for multiplying contents of said
filter coefficient value storage wmeans by
said amplitude error measurement signal;

accumulator means for accumulating outputs of

said arithmetic means for wmultiplving to

produce said gain error signal.
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at tiag n-2. Miltiplexer 908 selects the g[err]IP”§er(a
f
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upon whet her the systemis in acquisition or t le, . ANd §¢ age; i.;;’
910 subtracts . this termfromthe output of AND ’;’éﬁdiﬁ;_e:fd'_s_" noagea ...
out put 926 to an adder 918. 30 The circy ﬁnd'eﬁ""’fb‘g"da Bgged .=
| ine 900 conpl etes the solution by addi ng |.r_1‘.tII DtAeI[ErrBOF RECEIPT . 22bom7
GAIN CONTROL CIRCUIT FOR SYNCHRONOUS
WAVEFORM SAMPLING
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This invention relates to computer systems and more particularly to data
storage and data communication devices within such computer systems. Even
more particularly, the invention relates to apparatus for controlling the signal
level of an analog waveform being read from a recording medium of a data

storage device or being received from a data communication device.

BACKGROUND OF THE INVENTION

In a magnetic disk or tape data storage device, data is commonly stored
on a magnetic medium by saturation recording in which each portion of the
medium is magnetized to the point of saturation in one of two directions. The
data to be stored is typically encoded to satisfy certain constraints and the
encoded data is used to modulate the direction of magnetization. In a coded
representation known as NRZI, each "one" bit of the encoded data causes a
transition in the direction of magnetization, while each "zero" bit of tif encoded
data causes the magnetization direction to remain unchanged. A clock signal is
used to write a.sequence of encoded NRZI bits as a recording head moves along
a track on the medium such that one bit is written at each clock tick.

When a read head is passed over the recorded data track, a voltage pulse
is produced at each transition in magnetization. Successive voltage pulses have
opposite polarity since successive magnetic transitions are in opposite directions.
The NRZI data sequence that was written may be re(':onstructed from the
resulting voltage waveform by associating a "one" bit with every clock 'tick at
which a pulse occurs and a "zero" bit with every clock tick at which no pulse
occurs. The original user data may then be decoded from the NRZI data.

Similar waveforms composed of pulses sometimes occur in other
applications, including data storage on optical media and data communications
via modem, network, radio, or fiber-optic hnk

To recover the written or transmitted data sequence, the receiver must be



-SCN(Y[err])(Y[err]+Y[err]). or -SGN(Y[err])Y[err] dependi ng upon

whet her side or center sangling is being used. Miltipl éxer 914 sel ects
the sumof Y[err] and Y[err] if side sanpling is being used, or just Y[err]
i f center sanpling is being used. Thizs value is nmade negative by XOR
gate 916 5 and the input 932 to adder 918 if the sign of Y[err] is
negative as indicated by bit 5 of Y[err] (sinte-6-bit two's conpl enent
arithnetic is being used). Adder 918 conpl etes the equati on and sends

the result to Fable tgglegpgt eng time Heulses read. This requirgs th0 tho hmplitudecofsthee
of dashed |1 ne. Pagts BerraiERshdSelihe el aentn de et SR04 B fimagched
line 901, and t peovkrycsitduid Raschaehiasbedrt 16veL000 performs the
Inter-symbol interference (ISI) occurs when pulses are placed so close
5 together in a waveform that they overlap significantly. The position of a peak
in a waveform can be shifted by ISI from other nearby pulses. Thus the
recording density of a peak detection channel is limited by the fact that ISI must
not be permitted to move a peak from one window to another. ISI also causes

amplitude variations that must be adjusted for by a gain control circuit.

10 DISCLOSURE OF INVENTION
It is an aspect of the present invention to control the amplitude of signal
pulses caused by bit transitions within data being read from a data storage device

or data communications device.

It is another aspect of the invention to compensate the amplitude
15 measurement to adjust for nearby pulses.
A further aspect of the invention is to adjust the amplitude by controlling
the gain of a variable gain amplifier. 1
The above and other aspects of the invention are accomplished in the
preferred embodiment in a mixed analog and digital gain control circuit for
20 controlling the amplitude of an analog input signal. The circuit has a variable
gain amplifier that receives the signal from a read/write recording head
preamplifier. The outpﬁt of the variable gain amplifier is connected through a
multiplexer and equalizer to an analog to digital converter for converting the
analog signal to digital sample values at controlled sampling times. The digital
25 .values are then passed to a pulse detector which detects pulses in the digitized
signal and also passed to a timing recovery circuit which adjusts the timing of
the analog to digital converter to coincide with the pulses.
A gain control circuit receives the digital values and the output of the
pulse detector indicating when a pulse has occurred. A gain error detector within

30 the gain control circuit determines the amount of error in the amplitude of each



.sane function as the circuit in dashed |ine 900, however, both work with

t he previ ous sanpl(e. The difference between tHe circuits of Fi gs 9 and
10 is in the i nputs 946 (1046), 942 (1042) and 944 (1044) where Fig. 9
uses the current sanpl e and Fig. B uses the previous sanple. 15

NAND gates 1062, 1064, and 1066 conbine the results of Figs. 9 and 10,
dependi ng upon whet her a pul se occurred in the pfew ous or current sanple.
Because of the data encodi ng method used for recording data, two successive
pul ses cannot deteetd, pulse, aDthigemer amenyt B0Blered add ea6thsougica digitaloto t he

other, or neither in_the case,where no | se occurred i.n either sapple. The
20 out put of | B pgljf:ﬁnygg?i?él AR :afrﬂﬁéh %‘?E@m’gﬁﬁmﬁ}%‘é‘@%ﬁ B oyput Rﬁﬁt"n i's
connect ed ex &énﬂﬁtih%@&cﬁi't li§ @5ni#etkd to a gain control irpuf Elf éﬂe ?Wﬁgag ock

diagram of the Toop filter 804. Referring now to rcuit
surrounded by amplifsd | ine 1100 multiplies the anplitude error

5 DESCRIPTION OF THE DRAWINGS
The above and other aspects, features, and advantages of the invention will be
better understood by reading the following more particular description of the
invention, presented in conjunction with the following drawings, wheréin:
Fig. 1 shows a block diagram of the environment of the invention and
10 illustrates the read channel that contains the invention; |
Fig. 2 shows a block diagram of the analog and analog to digital
conversion circuitry of the read channel containing the invention;
Fig. 3 shows a block diagram of the digital circuitry of the read channel
containing the invention;
15 Fig. 4 shows a signal waveform and illustrates center sampling of the
pulses;
Fig. 5 shows a signal waveform and illustrates side sampli‘x‘xg of the
pulses;
Figs. 6 and 7 show signal waveforms to illustrate overlapping pulses;
20 Fig. 8 shows a block diagram of the gain control circuit of Fig. 3;
~ Figs. 9 and 10 show a detained block diagram of the gain error detector
of Fig. 8; and
Fig. 11 shows a detailed block diagram of the loop filter circuit of Fig.
8.

25 BEST MODE FOR CARRYING OUT THE INVENTION
 The following description is of the best presently contemplated mode of
carrying out the present invention. This description is not to be taken in a
limiting sense but is made merely for the purpose of describing the general

principles of the invention. The scope of the invention should be determined by



810 by a loop filter coefficient value, and the circuit--surrounded by
dashed line 25 1101 accumil ates the adjusted anplitudé error into a

regi ster without letting the val ue pverfl ow or underfl ow.

Mil tipl exer 1140 selects either the acquiSition or tracking loop filter
coefficient. Register 1102 stores the anplitude error signal 810. Divide by

t wo circuit 1104 and adder 1106 mul tiply t ha-anpl i tude error signal
by 3/2, and 30 I tl xer G‘i‘fpeg ‘ﬁel ects either the anplitude error or the
3/ 2 val ue, depeﬁ aMSr 0 of the loop filter coefficient

sel ected by mul tipl exlq&. f-%ﬂg’ws a block diagram of a typical environment of the invention.
Referring now to Fig. 1, a computer system 100 contains a processing element
102 which communicates to other elements of the computer system 100 over a
5 systembus 104. A keyboard 106 and a display 108 allow a user of the computer
system 100 to communicate with the computer system 100. A memory 110
contains programs and data which cause the computer system 100 to perform
operations desired by the user.
A disk data storage system 112 is connected to the system bus 104 for
10  storing data and programs within the computer system 100. A disk controller
114 within the disk device 112 communicates to the system bus 104 and controls
the operations of a disk drive 118, possibly in conjunction with a local
microprocessor (not shown) within the disk data storage system 112. The disk
drive 118 performs the storage function, typically storing the data on magnetic
15 media. A bus 116 connects the disk controller 114 to the disk drive 118,
specifically connecting to a write channel 120 to write data onto the disk through
write heads and amplifiers 128. When data is being read from the disk through
the read head and amplifiers 128 the data comes back through the redd channel
122 which contains the gain control circuit of the present invention. The read
20 and write heads may be physically the same heads. The data first passes through
the analog section 126 of the read channel 122 and then through the digital
“section 124 of the read channel 122 before being sent on the bus 116 to the disk
controller 114. After being processed by the disk controller 114, the data is then
sent over the system bus 104 to the memory 110 and/or the processing element
25 102
The disk controller 114 also connects to other circuits, not shown, within
the disk drive 118, such as a circuit which moves the read/write heads over the
surface of the data storage media.
Although not shown in Fig. 1, the gain control circuit of the present
30 invention can be used for controlling the amplitude of pulses within data received

from a transmission line, such as a telephone line or local area network, in a data



12 - Mul ti pl exer cjxrcuits 1110, 1112, 1114, 11316, 1118, 1120, and 1122

further mul tiply the output of nultiplexer 1108 by 1/128, 1/64, 1/32,
1/16, 1/8, 1/4, or 1/ 2, based uponné)its three, two, and one of the | oop
filter coefficient. In addi tion, orme input to nultiplexer 1116 allows
the anplitude error to be set to 5 zero, to allow the gain to remain
constant. Register. 1124 stores the adjusted émp-lljfjude err(irlzgor an
additional cl ggrﬁrrf%féa%ogse ;e%reglegalstsnlxar;'galgohge I\J/Sildulg a}1§) o%er celévice that must time

and detect pulses within a signal.

Fig. 2 shows a block diagram of the analog circuitry 126 of the read
channel 122. Referring now to Fig. 2, when a read head is passing over a track
5 of the data storage medium, it picks up a signal which is amplified by a
preamplifier, not shown. After this preamplification, the signal 201 is passed to
a variable gain amplifier 202. ‘The signal is further amplified by the variable
gain amplifier 202 and passed through an analog multiplexer 203 and then to an
analog equalizer circuit 204, which filters the signal as desired, for example, so
10 as to remove unwanted high frequencies and shape the remaining spectrum. The
output of the analog equalizer 204 is connected to an Analog to Digital converter
206. The A to D converter 206 converts the analog signal into a sequence of
digital vaiues, providing six bits of digital information per sample in the
preferred embodiment, and then the data is passed to a register/de-multiplexer
15 207. In the preferred embodiment, the digital section 124 of the read channel
122 processes two samples in parallel. To create these two samples, the
register/de-multiplexer 207 stores every other sample taken by the A to D
converter 206. After the second sample is taken, the data from the two samples
is passed to the data bus 230. The bus 230 is clocked by a single half-frequency
20 clock signal.

The timing necessary for converting the data, also called taking a sample,
in the A to D converter 206 is supplied by a variable frequency oscillator 222
which is controlled by the output of a digital to analog converter (DAC) 220.
The input to the DAC 220 comes from the digital section of the read channel 124

25 as timing feedback signal 234.

The gain or attenuétion of the variable gain amplifier 202 is controlled
through a gain feedback signal 232 which originates in the digital portion 124 of
the read channel 122. The gain feedback signal 232 is input to a summing
junction 210 which has a coarse gain control value as its other input. The coarse

30 gain control can be set by the disk controller 114, or a local microprocessor (not

shown) within the disk drive, to provide a nominal gain level which is then



Adder 1126 adjusts the val ue of register 1130 by the output of register
1124, and SAT circuit 1128 ensures that the output of ‘adder 1126 does not
10 overflow or underflow. Instead of overflow ng or underflow ng, the SAT
circuit 1128 causes the adder 1126 output to saturate. The output of
register 1130 is the gai n feedback signal input to the adder 210 of
Fig. 2. Havi ng thus described a presentdy preferred enbodi ment

of the present i nvention, it will now be appreciated that the aspects
of the inventi 3AIVEIIPRS stby#mga}n b%ﬁ}‘eﬂg“aiﬁaz-i ﬁfWFImeBéum@M'god by

Ci e try and ry=aBr ARl eRbe, the fof AR fhoal s"GAT1d §S04iE 46 Bhalos,

invention will congges21Rhadabéy &sa HtthP14. HeamthdrehHodahedtN ot showxﬁpﬂ-{?i t
and scope of the present invention. For instance the invention coul’d be

i mpl enent ed wi AR ZRBG2Q8 andgainfeqdbagk 332 may sack he sonvdrteddb ginakdg lwesui t ry
of the 20  Rrefgrecbat-ABAERA e JiSnilsl PaMcch BU%9nbidg SESFLLEL: SPate el N
DACs. Because of the nature of many digital to analog converters, the output
of the DAC 212 may contain glitchés when it is changing values. Therefore, the
filter 214 may be necessary to remove these glitches in the feedback signal.
After being filtered, the signal is exponentiated by the exponential converter
10 block 216 and then connected to the variable gain amplifier 202. This
conversion makes the small-signal gain control dynamics independent of the input
signal amplitude.
Fig. 3 shows a block diagram of the digital section 124 of the read
channel 122 (Fig. 1). Referring now to Fig. 3, the digital data signal 230 from
15 Fig. 2 is input to a delay circuit 304 and a digital filter circuit 302. The outputs
of these two circuits are connected to muitiplexers 306 and 316, whose outputs
are connected to multiplexers 310 and 318 respectively. Multiplexers 310 and
318 also receive signal 230. Multiplexers 306 and 316 may bt selected
independently, however, multiplexers 310 and 318 are always selected together.
20 In this manner, either the digital data signal 230 or the filtered/delayed signals
may be selected for input to both a pulse detector 312 and a gain control circuit
330. If the filter signal is selected for either the pulse detector 312 or the gain
control circuit 330, either the filter signal or the delay signal must be selected for
input to the other of these circuits. The filter 302 inserts a delay into the digital
25 data signal 230, so if one circuit selects the filtered signal, the other circuit input
must be delay-compensated by selecting the delayed signal from circuit 304 or
by also selecting the filter signal from filter 302.
The output of the pulse detector 312 is connected to a gain control circuit
330 which provides the gain feedback signal 232 that connects to Fig. 2. The
30 output of the pulse detector 312 is also connected to the timing recovery circuit

328 whose output 234 connects to the digital to analog converter 220 of Fig. 2.



to be illustrative and are not in any sense |imti of the invention,
*preferably defined in,@cope by the follow ng cl ai rs.
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The output of the pulse detector 312 may also be connected to a sync mark
detector 322 and an RLL decoder 320, as shown in Fig. 3, or a more
sophisticated data detector (not shown) may be connected to the sync mark
detector 322 and the RLL decoder 320. The output of the RLL decoder 320 and
the sync mark detector 322 are connected to the disk controller 114 (Fig. 1)
through the bus 116. i

The pulse detector 312; the timing recovery circuit 328, and the gain
control circuit 330 are designed to process pulses using one of two types of
sampling methods, selected by the user. The first sampling method is called
center sampling wherein one of the samples taken will atrive at or near the
center, or peak, of a pulse as shown in Fig 4. 'The location of the sampling is
controlled by the timing recovery block 328. In the other method of sampling,
called side sampling, the timing recovery block 328 will adjust the timing of the
VFO 222 (Fig. 2) such that two consecutive samples are taken wherein one of
the two samples appears on one side of the peak of the pulse and the other of the
two samples appears on the other side of the peak as shown in Fig. 5. The user
of the system determines whether center sampling or side sampling is used by
setting a bit in a control register through the interface 116 (Fig. 1). 1

For either center or side sampling, sampling can occur during two
different time segments within a data record being read from the disk media.
The first time segment during which sampling occurs is called acquisition mode,
because it occurs when the gain control and timing control are acquiring the gain
and timing relationships of the pulses. This occurs when the read head is passing
a preamble portion of the data record which always has a known data pattern to
facilitate acquisition of the timing and gain. When data is being transferred, a
different mode is used for the pulse detector and timing recovery, called tracking
mode, since data has an irregular and a priori unknown pattern of pulses.

Therefore, the pulse detector, timing recovery circuits, and gain control
circuits are designed to process pulses under four separate conditions. The first
condition is acquisition mode using side sampling, the second is acquisition mode

using center sampling, third is tracking mode using side sampling, and fourth is

nor e



Table 1 Acqupsition

Tracki ng -Sides: -SGM (Y[err]) * (Y[err]+Y[err])’JrQ[err] -SGN -
(Y[err]) * (Y[err]+Y[err]) +g[err] Sanpl gd -(a+c).Plerr]
-(atc)*P[err] Center . -SCGN (Y[err]) * (Y[err]+g[err]-a*P[err] -SGN

(Y[err]) * (Y[err]) +g[err]- a*P[err] Sanpl ed

-

tracking mode using center sampling.

Fig. 4 shows a signal waveform of an isolated pulse and illustrates center
sampling of the pulse. Referring now to Fig. 4, a signal waveform 402 is shown
having four samples taken with the sample identified by reference 412, at time

5 n, being the most recent sample. Sample 410, at time n-1, is the sample just
prior to the most recent sample, sample 408 is the next previous sample and
sample 406 is the oldest of the four samples shown. Negative pulses would
appear as a mirror image of Fig. 4. The samples taken of the pulse are also
identified as "a“, "b", "1", and "c". Sample "a" occurs at time n-3 of each pulse,

10 sample "b" occurs at time n-2 of each pulse, sample "1", occurs at time n-1 of
each pulse, and sample "c" occurs at time n of each pulse. The sample labeled
"1" is so labeled because the gain control circuit adjusts the level of this sample
to a nominal value of 1.
Fig. 5 shows a signal waveform of an isolated pulse and illustrates side
15 sampling of the pulse. Referring now to Fig. 5, a signal waveform 502 is shown
as a positive level above a baseline 503. Four samples are shown, with the most
recent sample being sample 510. Sample 508 is the sample previous to the most
recent, 506 is the next previous sample and sample 504 is the oldest df the four
samples shown. These samples are also identified by the time references n
20  through n-3. |

Figs. 6 and 7 show waveforms and sample times for a typical pulse for
side and center sampling, respectively, and will be used to illustrate the equations
shown in Table 1.

Referring now to Fig. 6, a waveform 602 is shown with side sampling

25 mode, with the four samples of the waveforms, "a", "b", "1", and "c", being
identified for the value of the waveform at sample times n-3, n-2, n-1, and n,
respectively. Because of the type of data recording code being used, pulses can
never occur at two successive sampling times, thus pulses must be separated by
at least two sample times. Therefore, the pulse illustrated by dashed line 604 is

30 the closest a pulse could occur prior to the pulse 602 and the pulse identified by

dashed line 606 is the earliest another pulse could occur after the pulse 602.



14 . CLAI M5 What is clainmed is:
1 1. Again comtrol ci ((_:uit for adjusting the gaint of a variable gain
anplifier that 9 .

Referring now to Table 1, when a pulse is detected at time n, the gain
error for side sampled (both acquisition and tracking) is determined by adding
the samples y,., and y,,, multiplying by -1 if the pulse detected at time n is a |
] positive pulse (as indicated by the sign of y, ), and adding the gain set point 2.

5 for acquisition mode or g, for tracking mode. Since y,, is nominally equal to 1,
the gain set point g, or g, should nominally be set to (1 + b).

Since pulse 604 might have occurred two sample times earlier than pulse
602, and pulse 606 might occur two sample times later, the effects of these
pulses must be considered in the equations. The term "-(a+ c)P_," accounts for

10  the ISI effects of the pulse 604 and the pulse 606. Sample "c" of pulse 604
occurs at the same time as sample "b" of pulse 602. Therefore, if there was a
peak detected at time n-2, i.e. p,, is one, the gain is corrected by subtracting a
constant value c to offset the "c¢" sample of pulse 604. This constant value is
determined by calibration of the device and is input to the circuit through the

15 interface 116 (Fig. 1).

Similarly, a pulse could occur two sample times after pulse 602,
represented in Fig. 6 by pulse 606. For this pulse, the "a" sample occurs at the
same time as the "1" sample of pulse 602. Therefore, the gain error iswcorrected
by subtracting a constant a if there is a pulse at time n+2, i.e. if P,, is one.

20 Rather than wait two additional sample times to determine whether a pulse occurs
at time n + 2 before making a gain error measurement, subtraction of the
constant is simply delayed two clock times. This is possible because of the small
effect resulting from the pulse 606. This constant value, a, is also determined by
calibration of the device and input to the circuit through the interface 116 (Fig.

25 1)

Fig. 7 shows waveforms when center sampling is being used. Table 1
shows the center sampling equations, and the center sampled equations are very
similar to side sampled equations, except that in center sampling only the "1"
sample of each pulse is used to determine gain error. Therefore, the center

30 sampled equations remove the y,_, term from the side sampled equations. Thus

for center sampling the nominal value of the gain set point g, or g, is 1.



2 receives an anal og signal, to cause an output of saie variable gain
anplifier to 3 have a prédeternined signal |evel at &n occurrence of a
pul se, said gain control 4 circuit congalslng:- 5 . anplitude
sanpling means for receiving said anal og”signal and for taking 6

a plurality of anplitude sanples of an anplitude of said analog 7
signal, said anplitude sanples being taken at times determ ned by

The center sampled equations incorporate the same type of adjustment for
ISI that was incorporated into the side sampled equations. As shown in Fig. 7,
pulses 704, 706, and 708 can overlap the pulse 702, and if this occurs, the "a"
sample of pulse 706 overlaps the "1" sample of pulse 702. Therefore, the center
5 sampled tracking equation adds the term "-a * P_," to compensate for the pulse
706, where a is the same constant described for the side sampling equatidns.
Fig. 8 shows a block diagram of the gain control circu.it 330 of Fig. 3.
Referring now to Fig. 8, a gain error detector circuit 802 receives the input
digital values over the bus 320, and the output 314 of the pulse detector. The
10 gain error detector 802 applies the equations of Table 1 to create an amplitude
error signal 810 which is connected to a loop filter 804. The loop filter 804
divides the amplitude error by a programmable value and integrates the result
before returning the VGAC signal 232 to the circuit of Fig. 2.
Figs. 9 and 10 show a detailed block diagram of the gain error detecfor
15 of Fig. 8. Referring now to Fig. 9, the circuit surrounded by dashed line 901
partially solves the equations of table 1, to produce the result of:
g -(@a+c)P,, or
g, - a*P_,, or 1
g.-(@a+c)P,, or
20 g, -a*P,,
depending upon whether side or center sampling is being used and whether
acquisition or tracking mode is being used. AND gate 902 inputs the "c¢" term
to the adder 904 if side sampling is being used, and the adder 904 combines the
c" and “a" terms, or outputs only the "a" term if center sampling is being used.
25 AND gate 906 passes the output of adder 904 to adder 910 if there was a pulse
at time n-2. Multiplexer 908 selects the g, term or g, term, depending upon
‘whether the system is in acquisition or tracking mode, and adder 910 subtracts
this term from the output of AND gate 906 and sends an output 926 to an adder
918.

30 The circuit surrounded by dashed line 900 completes the solution by
adding in the terms: '



.8 . a clock signal; 9 pul s(ef‘det ection neans
connected to receive sfaid plurality of anplitude ™10

sanpl es, wherein said pul se detection ans determ nes whether 11
a pul se occurred coincident with each of said plurality of 12

anplitude sanples; 13 - sanpl e selection nmeans connected to an
out put of said anplitude 14 sanplY'mg neans and an out put of

sai d pul se detecti %Wﬂﬁ(\'faq‘iﬂ.z or -SGN(Y,.) Y,
depending upon whether side or center sampling is being used. Multiplexer 914
selects the sum of Y, and Y,, if side sampling is being used, or just Y, if
center sampling is being used. This value is made negative by XOR gate 916

5 and the input 932 to addef 918 if the sign of Y, , is negative as indicated by bit
5 of Y,, (since 6-bit two’s complement arithmetic is being used). Adder 918
completes the equation and sends the result to Fig. 10 as signal 930.

Fig. 10 solves the same equations, however, it solves them for the
previous sample. The circuit of dashed line 1001 performs the same function as

10 the circuit in dashed line 901, and the circuit in dashed line 1000 performs the
same function as the circuit in dashed line 900, however, both work with the
previous sample. The difference between the circuits of Figs 9 and 10 is in the
inputs 946 (1046), 942 (1042) and 944 (1044) where Fig. 9 uses the current
sample and Fig. 10 uses the previous sample.

15 NAND gates 1062, 1064, and 1066 combine the results of Figs. 9 and 10,
depending upon whether a pulse occurred in the previous or current sample.
Because of the data encoding method used for recording data, two successive
pulses cannot occur, so NAND gates 1062, 1064, and 1066 select 3ne or the
other, or neither in the case where no pulse occurred in either sample. The

20 output of Fig.'IO is the amplitude error 810 discussed above, which is connected
to the loop filter 804.

Fig. 11 shows a block diagram of the loop filter 804. Referring now to
Fig. 11, the circuit surrounded by dashed line 1100 multiplies the amplitude error
810 by a loop filter coefficient value, and the circuit surrounded by dashed line

25 1101 accumulates the adjusted amplitude error into a register without letting the
value overflow or underflow.

. Multiplexer 1140 selects either the acquisition or tracking loop filter
coefficient. Register 1102 stores the amplitude error signal 810. Divide by two
circuit 1104 and adder 1106 multiply the amplitude error signal by 3/2, and

30 multiplexer 1108 selects either the amplitude error or the 3/2 value, depending

upon bit zero of the loop filter coefficient selected by multiplexer 1140.



15 sanpl e selection nmeans for selecting,~for each pul se

~detected by 16 { sai d pul se detection neans, at |east one of
said plurality of 17 arrpl i tude sanpl es, wherein said at
| east one anplitude sanple has 18 a predeterm ned
rel ationship to a location of said pulse; 19 arithmetic neans for
conparing said at |east one selected arrpl I tude 2'0 - sanpl e

to a predeterm_ned val ue ,and for _creati nlgl an anplitude
Multiplexer circuits 1110, 1112, 1T14, 1116, 1118 1120 and 1122 further

multiply the output of multiplexer 1108 by 1/128, 1/64, 1/32, 1/16, 1/8, 1/4, or
1/2, based upon bits three, two, and one of the loop filter coefficient. In
addition, one input to multiplexer 1116 allows the amplitude error to be set to
5 zero, to allow the gain to remain constant. Register 1124 stores the adjusted
amplitude error for an additional clock cycle before passing the value to adder
1126.

Adder 1126 adjusts the value of register 1130 by the output of register
1124, and SAT circuit 1128 ensures that the output of adder 1126 does not
10 overflow or underflow. Instead of overflowing or underflowing, the SAT circuit
1128 causes the adder 1126 output to saturate. The output of register 1130 is the

gain feedback signal input to the adder 210 of Fig. 2.
Having thus described a presently preferred embodiment of the present
invention, it will now be appreciated that the aspects of the invention have been
15 fully achieved, and it will be understood by those skilled in the art that many
changes in construction and circuitry and widely differing embodiments and
applications of the invention will suggest themselves without departing from the
spirit and scope of the present invention. For instance the inventior could be
implemented with analog circuitry in place of much of the digital circuitry of the
20 preferred embodiment. The disclosures and the description herein are intended
to be illustrative and are not in any sense limiting of the invention, more

preferably defined in scope by the following claims.



21 . error. nmeasurenent signal representative of a difference

‘in 22
anpl i tude sanple and

Side
. Sampled

Centerxr
a*p, .,
Sampled

anplitude between said at | &ast one sel ected

13

Table 1
Acquisition

-SGN (yn_1) * (Yn-:.'*'Yn-z) +9,
-(a+c) P,

-SGN (Yna) * (Yn1) +9a-2* Py,
{

15

Tracking

-SGN (Yn.-l) * (Yn-1+Yn-2) +9,
- (a+c) *P__,

-SGN (Y1) * (¥a-1) +Ge-



23

said predeterm ned value; and 24 .- conver si on

means connected between sdid arithnetic neans and a géi n 25

control

i nput of said variable gain anplifier, said conversion
means for

receiving said anplitude errof4measurenent  si
converting said anplitude error measurengnt signal int omﬂ m '" 'I””m
control signal * ¢ oL ow g%

10

11

12

13

14

15

16

17

18

19

20

21

22

connected to said gain control input-

CLAIMS
What is claimed is:
1. A gain control circuit for adju;sting the gain of a variable gain amplifier that
receives an analog signal, to cause an output of said variable gain amplifier to
have a predetermined signal le\"rel at an occurrence of a pulse, said gain control
circuit comprising;:
amplitude sampling means for receiving said analog signal and for taking
a plurality of amplitude samples of an amplitude of said analog
signal, said amplitude samples being taken at times determined by
a clock signal;
pulse detection means connected to receive said plurality of amplitude
samples, wherein said pulse detection means determines whether

a pulse occurred coincident with each of said plurality of

1

amplitude samples;

sample selection means connected to an output of said amplitude
sampling means and an output of said pulse detection means, said
sample selection means for selecting, for each pulse detected by
said pulse detection means, at least one of said plurality of
amplitude samples, wherein said at least one amplitude sample has
a predetermined relationship to a location of said pulse;

arithmetic means for comparing said at least one selected amplitude
sample to a predetermined value and for creating an amplitude
error measurement signal representative of a difference in

amplitude between said at least one selected amplitude sample and



1 2., The gain control circuit of claim1 wherein sgrrd sarrpl e selection

‘means 2 further conﬁr-i ses: 3 nmeans selecting two of said
plurality of anplitude sanples for each 4 ——— pulse detected
by said pul se detection neans; and 53 means for selectin
first of said two anplitude sarrpl es from anplitude l'ul l II""'TII”"I
sanpl es occurring prior to said pulse, and a second of

23 said predetermined value; and
24 conversion means connected between said arithmetic means and a gain

25 control input of said variable gain amplifier, said conversion
26 means for receiving said amplitude error measurement signal and
é
27 converting said amplitude error measurement signal into a gain
28 control signal connected to said gain control input.
1

2. The gain control circuit of claim 1 wherein said sample selection means

2  further comprises:

3 means for selecting two of said plurality of amplitude samples for each
4 pulse detected by said pulse detection means; and

5 means for selecting a first of said two amplitude samples from amplitude
6 samples occurring prior to said pulse, and a second of said two
7 amplitude samples from amplitude samples occurring 1after said
8 pulse.

1 3. The gain control circuit of claim 2 wherein said arithmetic means further

"2 comprises:

3 means for adding said first amplitude sample to said second amplitude
4 sample to create a sum signal; and

5 means for subtracting said predetermined value from said sum signal to
6 create said amplitude error measurement signal.

1 4. The gain control circuit of claim 1 wherein said sample selection means



1 7 anpl }+ude sanples from anplitude -sanpl es occurring
after said- 8 pul se. 1 3. ain control circuit of
claim2 wherein said arithnmetic nmeans fgrther 2 conpri ses:.

means for adding said first anplitude sanple to s 'mﬁﬂﬂmﬂﬂfmﬁ” ude

2  further comprises:

3 means for selecting a single amplitude sample, from said 'plurality of
4 amplitude samples, for each of said pulses; and

5 means for selecting said single amplitude sample as an amplitude sample
6 that occurred coircident with said pulse.

1 5. The gain control circuit of claim 1 further comprising:

2 at least one neighboring pulse compensation value corresponding to each
3 neighboring pulse that, if pregent, would be sufficiently close to
4 each of said pulses to change a shape of each of said pulses; and
5 arithmetic means for combining said at least one neighboring pulse
6 compensation value with said amplitude error measurement signal
7 when said corresponding neighboring pulse is present.

1

1 6. The gain control circuit of claim 1 wherein said conversion means comprises:

2 filter means connected to said amplitude error measurement signal for
3 producing a gain error signal; and

4 sub conversion means for converting said gain error signal into said gain
5 control signal.

1 7. The gain control circuit of claim 6 wherein said sub conversion means further
2  comprises:
3 coarse gain value storage means for storing a constant value; and

4 arithmetic means for adding contents of said coarse gain value storage



4 .

“for subtracting said p@det erm ned value fromsaid

sanple to create a sum signal; a?d 5 nmeans
sumsignal to 6

create said anplitude error nmeasurenent signal. 1 “ml“‘“l
control circuit of claimi1 wherein saild sanpl e sel ecti on‘ ‘
: * c L M S *

fo—y

(V3]

Pt

10

11
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v .

means to said gain error signal.

8. The gain control circuit of claim 6 wherein said filter means further comprises:
filter coefficient value storage means for storing a constant value;
arithmetic means for mult{plying contents of said filter coefficient value

storage means by said amblitude error measurement signal;
accumulator means for accumulating outputs of said arithmetic means to

produce said gain error signal.

9. The gain control circuit of claim 8 wherein said accumulator means further
comprises saturation means whereby an output of said accumulator means is

prevented from overflowing or underflowing.

1

10. The gain control circuit of claim 6 wherein said sub conversion means
comprises:
coarse gain value storage means for storing a constant value;
arithmetic means for adding contents of said coarse gain value storage
means to said gain error signal to produce an adjusted gain error
signal;
digital to analog conversion means connected to receive said adjusted gain
error signal and convert said adjusted gain error signal to a digital

value; and

exponentiation circuit means for converting said digital value to said gain

control signal.



16 2 further conprises: -3 means for sel EC{I—I- ng
anpl i tude sample, fromsaitl plurality of 4

sanpl es, for each of said pulses; and 518 means fo wﬂﬂ MIMMH"I

single anplitude sanple as an anpl i fuiEES TRLK

10

11

[received by the International Bureau on 14 Jdune 1994 (14.06.94);
original claim 8 amended; remaining claims tnchanged (1 page)]

means to said gain error signal.

8. The gain control circuit of claim 6 wherein said filter means further comprises:
filter coefficient value storage means for storing a constant value;
arithmetic means for muftiplying contents of said filter coefficient value

storage means by said amplitude error measurement signal;
accumulator means for accumulating outputs of said arithmetic means for

muliplying to produce said gain error signal.

9. The gain control circuit of claim 8 wherein said accumulator means further

comprises saturation means whereby an output of said accumulator means is

prevented from overflowing or underflowing.

10. The gain control circuit of claim 6 wherein said sub convcrsio}'n means
comprises:
coarse gain value storage means for storing a constant value;
arithmetic means for adding contents Qf said coarse gain value storage
means to said gain error signal to produce an adjusted gain error
signal;
digital to analog conversion means connected to receive said adjusted gain
error signal and convert said adjusted gain error signal to a digital

value; and

exponentiation circuit means for converting said digital value to said gain

control signal.

AMENDED SHEET (ARTICLE 19)
|



.6 . t hat occurred coincident with saidd pul se. 1 5. The
gain control circuit of claim1 further conprising( 2 at | east
one nei ghboring pul se conpensati on val ue corresponding to each 3

nei ghboring pulse that, if present, wodl/d0be sufficiently close to 4
each of said pulses to change a shape of each otwsaid pul ses; and
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5 . arithnmetic neans for conbining said at least one nei ghboring
‘pulse 6 . conpensation value with said anplitude error
measur enent signal 7 when sai d correspondi ng nei ghbori ng
pul se i s present. 2/10 :
1 1 6. The gain control circuit of claim21l wherein said conversion .
nmeans conpri ses: 2 filter neans connected to said anplitude
error nmeasurenent signal for 3 pr oduci ng 3 gain error
signal; and o O
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4 sub conversion nmeans for converting said gain error signal into

said galn 5 g: control signal. - 7. The gain control
circuit of claim6 wherein said sub conversion means further - 2 conprises:
3 coarse gain val ue storage for .storing a constant val ue;
and 4 arithmetic nmeans for %@ing contents of said coarse gain
val ue storage _j -
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FIG. 5
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8. The gain control circuit of claim®6 wherein senfoiIter means further
" conpri ses: filtfer coefficient value storltage neans for

storing a constant val ue; arithnmetic means for nmultiplying contents
of said - filter coefficient $4lue storage nmeans by

said anplitude error neasurenent signal; accurnul ator neans for

accunul ati ng out puts of said arithmetyc-neans for multiplying to
produce said gain error signal
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1 .8. The gain contr?l. circuit of claim®é V\/nerei(r‘said filter means
further conprises: 2 ' filter coefficient value storage neans for

storing a constant value; 3 arithnetic means for nmultiplying
contents of said filter coefficient vdfi 4 st orage neans
by said anplitude error nmeasurenent signal; 5 accunul at or neans

for accunul ating outputs of said arithmetic nmeans for 6
mul i plying to produce said gain error signal.
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.1 9. The gain contrzL circuit of claim8 whereip—said accunul ator neans
further 2 conpri se§ saturation neans whereby ah out put of said. .
accurul ator neans is 3 prevented from overfl owi ng or underfl ow ng. 1

10. The gain control circuit of clai mBidherein said sub conversion neans
2 conpri ses: '
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’

-3 - coarse gain value storage neans for storing a constant value; 4
arithnetic neans for agdding contents of said coarse gain value storage 5
nme&dns’'to said gain error signal to produce an adjusted gain error 6

signal; 7 digital to analoq%%ﬁ$version means connected to receive

said adjusted gain 8 or signal and convert said
adjusted gain error signal to a digital 9 v

val ue; and
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val ue

-

si gnal .

10/10

contr ol

(o

ex;l)(i)nent lation circuit means for converting said digital

d gain

‘to sai
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