44057507 D43

SYNCHRONOUS READ CHANNEL

BACRGROUND OF THE INVENTICN

In the storage or transmission of'digital information,
the bits or symbols of the user data are actually transmitted
or stored via a physical media or mechanism whose responses
are essentially analog in nature. The analog write or
transmit signal going intc the storage/transmission media or
channel is typically modulated by channel bits {(typically run-
length limited or RLL bits) that are an encoded versicn of the
original user-data bits (non-return-to-zero or NRZ bits). The
analog read or receive signal coming from the media is
demodulated to detect or extract estimated channel bits, which
are then decoded into estimated user-data bits. Ideally, the
estimated user-data bits would be an identical ccpy of the
original user-~data bits. In practice, they can be ccrrupted
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by distortion, timing variations, noise ancd flaws in th
and in the write/transmit and read/receive channels.

The process of demodulating the analog read signal into a
stream of estimated user-data bits can be implementced
digitally. Digital demodulation in magnetic mass stcrage
systems reguires that the analog read signal be sampled at a
rate that is on the order of the channel-bit rate. Maximum-
likelihood (ML) demodulation is a process of constructing a
best estimate of the channel bits that were written kased on
digitized samples captured from the analog read signal.

FIGURE 1 shows an exemplary read signal 100, which is a
positive-going pulse generated by an inductive re=ad head, for
example, from a single media transition such as transition 1C3
from North-South toc South-North magnetization of track 104 on
a rotating disk. Typically, the write signal modulates'a
transition in the state of the media to write a channel bit of
1 and modulates the absence of a media transition to write a 0O
channel bit. Thus, transition 103 corresponcés to a single

channel bit of value 1 in a stream of 0's.



It is common to use run-length-limited (RLL) encoding of
the original user data bits, which are arbitrary or
unconstrained, into an RLL-encoded stream of channel bits. It
may be desirable that there be no less than d zerces between
ones; that is, that the media transitions be spaced by at
least d+1 channel bit times. This constraint can help keep to
a managegble level the interference effects among the pulses
in the analog read signal. On the other hand, because media
transitions provide timing information that must be extracted
from the read signal to ensure synchronization of the
demodulator with the pulses in the read signal, it may be
desirable that there be no more than k zeroces between ones;
that is, that there be a media transition at least every k'th
channel bit time. An RLL(4,k) code is a code that can enccde
an arbitrary stream of original user-data bits into a stream
cf channel bits such that the encoded channel bit stream
satisfies these two constraints. An RLL code has a
thecretical capacity which limits the number of user bits
which can be represented in a given number of RLL bits. The
capacity is a function of the d and k constraints with &=0 and
k=infinite being the limiting {(unconstrained) case with a
capacity of exactly one. The capacity of an RLL (1,7) code
for example is just slightly greater than 2/3 and is exactly
2/3 for any practical implementation, meaning that every pair
of user bits will map to exactly three RLL bits.

FIGURE 1, sample set 101 shows the values of four samples
in the case of side sampling of read signal 100; i.e. C.333,
1.0, 1.0, and 0.333. Sample set 101 is equivalernt to the set
1, 3, 3, 1; that 1s, only the ratios among samples are
significant. A signal model gives rise to an expected samp:ie
sequence for a single or isolated transition in media state.
Typically, only a few samples of an isolated media fransition
are non-zero; in this case, four are ncn-zero. In a side-
sampled signal model such as 1, 3, 3, 1, timing circuitry in
the demodulator attempts to maintain a lock on the incoming

signal such that two adjacent samples cn opposite sides of the



peak of an isolated pulse have egual amplitudes and samples
are taken at roughly equal time intervals, each a single
channel bit time. Synchronization of the samples with the
spacing of the bits written on the media is maintained by a
timing recovery loop which is in essence a phase-locked loop.
Other sample timing arrangements may be useful. In center
sampling, the timing circuitry tries to lock the sample times
to the read signal pulses such that one sample occurs at the
peak of each pulse. Sample set 102 shows the values of four
samples in the case of center sampling of a similar read
signal 104; i.e., 0.5, 1.0, 0.5, and 0.0 (oxr 1.0, 2.0, 1.0 and
0.0 depending on the arbitrary normalization used). An
expected sample segquence c¢f 1, 2, 1, 0 corresponds to the
signal model known in the prior arxt as Extended Partial-
Response Class IV (EPR4). Such sample sequences are samples
of a continuous-time analcg read-signal waveform such as may
be produced in the readback circuitry of a magnetic storage
device. For a system that is bandwidth limited to 1/(2T),
where T is the sample spacing in time, the sampling theorem
declares that the continuous time waveform must be
superposition of sinc functicns (sinc{x) is defined as
sin{x)/x for x<>0, and as 1 for x=0), with one sinc functicn
centered at each sample point and of amplitude egual to that
sample value and with zerc crossings at all other sample
points. A3 an example, in saturation magnetic recording, the
current in an inductive write head takes on values of +1 and
~-1. The basic excitation applied to the recording channel is
a step in current from +1 to -1, vice versa, in the analog
write signal. This step in write current produces a
transition in the magnetization state of the media as it moves
past the head. When an inductive read head is passed over
this magnetic media transiticn, a voltage pulse is induced by

the bandwidth limited differentiating interaction of the head
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with the magnetization of the media. By suitable filtering or
equalizaticn, the seguence of samples on an isolated
transition response pulse can be made to (..., 0, 0, 1, 2, 1,



0, 0, ..., in which case the recording or transmissicon
channel matches the EPR4 signal model. Another sample
sequence well known in the prior art is the Partial Respcnse
Class IV signal model (PR4), which'corresponds to an expected
sample sequence of 0, 1, 1, 0. Further, as one is designing
or taking measurements on a write/media/read channel, it may
be desi;able to take into account the exact response, ncise
and distortion characteristics of the channel in selecting the
signal model to be implemented in the demodulator. Thus,
there is a need for a demodulator that is programmable as to
the signal model, or expected segquence of sample values for an
isolated media transition. In situations such as mass
information storage in magnetic media, significant storage-
system speed and capacity gains can be realized if the
information bits can be closer together in positicn/tims co
the media. further, as media transitions are mo s
positioned, the writing and reading processes become more
sensitive to the distertion, timing variations and ncis
are inevitably introduced in the processes of writing,
storing, and reading. Also, as the transitions bkeccms clesar,
the ability of the media to fully transition from, say, Norih-
South magnetization to South-North magnetization may be taxsd.
Also, as the media transitions become closer, interference
effects increase among adjacent or nearby transitions. FIGURE
2 shows how positive-going pulse 200 from first medic
transition 201 combines with negative-going pulse 202 frecm
second transition 203 to produce analog read signal 204, which
can be viewed as the interference of the two pulses. ~Adjace
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media transitions always give rise to read pulses of ccpos

vy

polarities because they always are created by transitions ct
opposite types, for example North-South changes to Scuth-Nortn
in transition 201, so adjacent transition 202 must be South-

North changing back to North-South. Read signal 204 might

give rise to a seguence of samples such as 0.333, 1.C, 0.8357,
-0.667, -1.0, 0.333. To the extent that the read prouesss is

linear (and it may not be entirely linear), the voltage



waveform induced in the read head will be the superposition cf
a sequence of pulses, where each pulse is the response to an
isolated magnetic transitien on the media. Clearly,
engineering a high-performance read channel is a complex
challenge given the combined effects of the limited sampling
rate in a digital demodulator, possibly incomplete transitions
in the media, interference among read-signal respornses to
media transitions, and distortion, timing variations, noise
and flaws in the media and in the write and read channels.

The prior art uses a method known as partial-response
signaling to increase media transition rates. Partial-
response signaling is described in the book "Digital
Transmission of Information", by Richaré E. Blahut, 1890, pr.
139-158 and 249-255. This method allows the analog response
of the storage/transmission media and of the write/transmit
and read/receive circulitry to a media transition to overlap
with the response to adjacent transiticns associated with
subsequent informaticn bits. If properly implemented, this
method can achieve higher informaticn bit rates/densities than
the alternative or reguiring the media transitions tc ke
spaced such that the read signal responses do not overlap.
Such a method requires a sequence detector which can meke 1its
decisions not on a bit-by-bit basis but by examining the
context of the surrounding read signal.

In a magnetic disk drive, the surface of the magne:zic
media is logically divided into concentric rings called
tracks. The distance around the track varies as a functicn c¢f
the radius at which the track lies. Since it is cdesirable to
keep the rate of revclution of the disk constant to avoid
mechanical delays in accelerating and decelerating the disk,
it i1s necessary to either store an amount of data on each
track which is proporticnal to the length of the track (this
requires a different data transfer rate for each track) or to
vary the physical transition spacing on the media so that
pulses are widely separated at the cutside diameter and

crowded very close at the inner diameter of the recording
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surface (this is wasteful of the magnetic media which 1s only
sparsely used at the outer diameter). A practice known as
zoned recording is a popular compromise between these two
extremes. In zoned recording, a group of tracks (a zone) is
established in which every track in the zone holds the same
amount of data. Thus each zone requires a different data
transfer rate, but the number of data transfer rates which
need be'supported is reduced (more coarsely cuantized). This
still leaves a variation in the physical spacing of
transitions between the inside and outside diameters of each
zone resulting in a variation in pulse shape.

Partial-response signaling has just recently been
incorporated into mass storage devices and then in a limited
form. One prior-art magnetic disk drive using partial-
response signaling only supports PR4 (pulses with the samples
of ..., 0, 1, 1, 0, ...). PR4 signaling has only very limited
inter-symbol interference evidenced by only two non-zero
samples in the pulse. To increase the capacity of the media,
the user of a PR4 read channel must increase the equalization
cf the pulses (slim the pulses) in order to limit the inter-
symbol interference of adjacent pulses so that any pulse only
affects two read signal samples. The increased equalization
also enhances the noise accompanying the signal, making the
detection task more Gifficult and errors more likely. U.S.
Patent 4,945,538 by Patel covers a similar situation but with
EPR4 signaling and an RLL(1,7) code. This improves the
allowed amount of inter-symbol interference, increasing 1t to
three non-zero samples of (..., 0, 1/2, 1, 1/2, 0, ...). Bc
of these technigues will allow an increase in capacilty but are
limiteé in the variety of pulse shapes which can be detected
and therefore limited by how much equalization (pulse
slimming) may be performed before the effect of equalizing the
noise (noise enhancement) becomes intolerable.

Thus, there is a need for a flexible read channel which

can accommodate a wide variety of pulse shapes as will be seen
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in each zone. There is also-a need to allow larger amcunts C



controlled inter-symbol interference between pulses (pulses
with more than two or three non-zero pulses) in order tc

continue increasing the capacity of the recording media.



SUMMARY QF THE INVENTION

A synchronous read channel having a single chip
integrated circuit digital portion which provides digital gain
control, timing recovery, equalization, digital peak
detection, sequence detection, RLL(1,7) encoding and decoding,
error-tolerant synchronization and channel quality measurement
is disclosed. The integrated circuit accommodates both center
sampling and side sampling, and has a high degree cf
programmability of various pulse shaping and recovery
parameters and the ability to provide decoded data using
sequence detection or digital peak detection. These
characteristics, together with the error-tolerant sync mark
detection and the ability to recover data when the sync mark
is obliterated, allow a wide variety of retry and recovery
strategies to maximize the possibility cf data reccvery.
Various embodiments, including an embodiment incorporating the
analog functions as well as the primary digital functions of
the read channel in a single integrated circuit, and preferred
embodiments utilizing a reduced complexity, programmablie
modified Viterbi detector supporting a broad class of partial

response channels are disclosed.



BRIEF DESCRIPTION OF THE DRAWINGS

FIGURE 1 shows a state transition on a medium such as a
track of a disk drive and its associated pulse in an analog
read signal. It also shows two digitized sample models of

such read-signal pulses.

FIGURE 2 shows two adjacent medium transiticns andéd their

individual and combined read-signal pulses.

Figure 3 1s an overall block diagram of the present

invention.

Figure 4 is a block diagram illustrating the details of

the gain control circuit 32 of Figure 3.

Figure 5 is a block diagram illustrating the details of

the timing recovery circuit 34 of Figure 3.

Figure 6 is a block diagram illustrating the details of

u
the spectrum smoothing filter 42 of Figure 3.



DETAILED DESCRIPTION OF THE INVENTION

There is attached hereto as Appendix 1 a preliminary data
sheet entitled Sample Amplitude Digital R/W Channel, Part
Number CL-SH4400 (hereinafter the CL-SH4400), the contents of
which data sheet are incorporated herein by reference. This
data sheet provides substantial information with respect to a
preferred embodiment of the present invention as embodied in
integrated circuits about to be introcduced. Therefore,
portions thereof will be referred to herein from time to time,
either as providing support for the description to follow, or
a specific example of the application of the descriptions
provided herein and in other co-pending applications also
incorporated herein by reference.

The CL-SH4400 is a specific embodiment of the present
invention designed to work with a companion analog integrated
circuit and a disk contrcller to form a state of the art high
density magnetic disk drive. In that regard, the unigueness
of the present inventicn, while used in a digital read-write
channel, is primarily related to its read capability and
versatility.

The companion integrated circuit with which the CL-SH4400
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is specifically intended tc operate implements a VGA (Variable
Gain aAmplifier), a tunable analocg filter, an analog to digital
converter, a timing VFO (Variable Frequency Cscillatcr), wrize

pre-compensation and servo demodulation functicns.
Accordingly, in a read operaticn, the CL-SH4400 does not
receive an analcg signal but instead recelves already
digitized read information in the form of digitized analcg
read channel samples. Further, while the timing Variable
Frequency Oscillatcr and the variable Gain Amplifier are cn
the ccmpanion integrated circuit and are not part of the
present invention, the timing VFO and the Variable Gain
Amplifier are each digitally controlled through digital
control signals generated in the CL-SX4400. Accoxdingly., in

the specific embodimant to ke described, digital control



feedback signals for both the VFO and the VGA are generated in
the CL-SHE4400 even though the contrcl loops for the timing
recovery and the automatic gain control functions are actually
closed within the companion analog integrated circuit.
that regard, it should be particularly noted that the
automatic gain contrel signal may alternatively be generated
on the analog companion integrated circuit, as the same may be
readily.generated in the analog domain rather than in the
digital domain. Accordingly, particularly the generation of
the digital gain control to be described as part of the CL-
SH4400 is an optional design choice readily relegatecd tc the
companion integrated circuit if desired.
Figure 3 provides a block diagram illustrating the
general organization of the CL-SH4400. This diagram is
similar to the blcck diagram on page 1 of Appendix 1, tiicugh
expanded somewhat to show additional details
be seer in Figure 3, the digitized reacd data
is provided in an N-bit parallel form as digitized reac date
n D

DRDO and DRD1. Each of these two signals 1

embcdimens: disclosed is a 6-bit digitized read cata signal
These two N-bit signals represent digitized samples cf a read
o4 e Iter
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signal directly frem a read head of the storage device &
g. Those skille:

analog amplification and analog filterin
the art will recognize that the purpose of the analog
amplifier and the analog filter is to scale the signals tc the
input range of the digital to analog ccnverter anc to
attenuate frequencies above the Nyquist freguency (1/2 the
sample frequency) to avoid signal disteortion cdue to allasing.
In general, the analog filter will perform pulse shapinz as
well. The digitized read data signal DRDO is a digitized r=ad
signal sample effectively taken near the center oI a channel

bit time (defined by the VFO freguency), subject howsver toc 2

small amount of timing errcr or intentional timing set coint
cffset in the VFO. The digitized read data signal DRD1 Is
the corresponding digitized read sample effectively taken n=zar

the center time of the previous logical channel bit, suziest



of course to similar timing errors and timing set point
offsets. These two digitized read data signals are processed
in the CL-SH4400 in a parallel or simultanecus manner so that
ultimately in the CL-SH4400, two successive bits of digital
read data will be derived from one set of DRDO and DRD1
signals which together with successive bit pairs are decoded
by a run-length limited (RLL) decoder and derandomized if
applicéble {e.g. if initially randomized) to provide the NRZ
data output stream of the device. The processing of two
digitized read data samples simulteneously doubles the
throughput of the CL-SH4400 for a given clock rate without
doubling the circuitrv required, particularly in the sequence
detector, though the present invention is not specifically
limited to processing of two digitized read data sample at a
time. One could process one digitized read data sample at &
time, or alternatively process more than two digitized read

data samples at a time, if desired. 1In that regard, the
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number of N-bit digitized read data sample connections to th
chip normally will equal the number of samples processed at a
time, though such signals coulé ke multiplexed so that the
number of N-bit digitized read data samples connections to the
chip is less than the number of samples processec together.

In one mode of cperation, multiplexer 28 couples the DRIO
and DRD1 signals directly to a transition detector 22 which
processes the successive samples tc detect the presence of

transitions in each of the two digitized read data signals.
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In the preferred embodiment, the transition detectocr 22 is
the type disclosed in co-pending U.S. application for patent
entitled Digital Pulse Detector, filed May 8, 1992 as Serial
No. 07/879,938, the disclosure of which co-pending appl

is incorporated herein by reference. The Background, .
Specification and Drawings from that application are attached
hereto as Appendix 3. The output of the transiticn cdetectcocr
is a low or high level during the respective bit times
(delaved as described in the co-pending agplicaticn) depending

upcn whether a transition (providing a high level output) or



no transition (providing a low level output) was detected.
The output of the transition detector 22, the peak detected
signal PKDET, in this mode would be coupled to multiplexer 24
and through a sync mark detector 26 to provide a sync byte
detected output SBD if a sync byte was in fact detected, and
to couple the two bits to the RLL decoder 28 which decodes the
bit stream to provide the NRZ data out digital data. In the
preferred embodiment run length constraint violaticns are
detected and optionally multiplexed onto the NRZ data out
lines. These may be used by an error correcting system within
the disk controller. In the preferred embodiment, an error
tolerant sync mark detector 26 is used. This detector,
described more fully in paragraph 4.9 on page 27 of Appendix
1, is designed to achieve a level of error tolerance for the
synchronizaticn funcction equal to that achieved fcor the data
field by the error-correction code implemented in the disk
controller. This is achieved in part by emplcying an error-
tolerant Synchrenizaticn Mark pattern for minimum cross-
correlation with the preamble and for minimum auto-
correlation, and by making the number of four-charnnel-bit
groups which must be detected programmable. As described in
paragrapn 4.¢ on page 27 of Appendix 1, the synchronization
mark recovery procecdure may be used to recover data when a
severe defect has destroyed the entire synchronization mark.
When using this mode, the CL-SH4400 first goes thrcugh a
normal timing and gain acquisition procedure while counting
channel bits. The svnchronization mark is assumed to have
been detected when the count matches the synchronizaticn marx
recovery count. By varying the synchronization mark recount,
the microcontroller can vary the assumed starting pcint of a
header or data area until the correct starting point is tried,
whereupon the sector will be recovered if there is no other
error beyond the capability of the error correcticn code in
the disk controller.

In the CL-SH44C0, the NRZ data output is user selectable

h t

as a serial bi- stream, a 2-bit parallel stream cr charas



wide (8-bit wide) digital data. If the data was randomized
prior to storage, the data randomizer 30 may e enabled to de-
randomize the data from the RLL deccder 28 belore being
provided as the NRZ data output.

The output of the transition detector 22 in this mode is
alsoc provided to the gain control circuit 32 and the timing
recovery circuit 34. Also the N-bit digitized samples DRDO
and DRD1 are coupled through multiplexer 20 to the gain
control circuit 22 and the timing recovery circuit 34. The
gain control circuit 32 is shown in more detail in Figure 4.
The gain errors (the difference between the programmable
desired signal level referred to as the Gain Set point, and
each digitized data signal) are determined for each digitized
read data sample by the gain errcr circuit 32. The cutputs
PKDET of the transition detector 22 provide rsierences to
contrcl the multiplexer 35 of the gain ccntrol circuit 32, as

the gain adjustments are determined by the sign
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of transitions and not the signal levels betwe
The automatic gain contrcl signal VGAC (5-bits in the
preferred embcdiment) for coupling kack to ths ccmpanion
integrated circuit fcr analog amplifier gain control
provided by the digitael gain locp filter 37, tha de
which are shown in paragraph 4.5.2 on page 18 ¢
As shown therein, the gain loop filter incl

:ées a lccp filter
n

ic
coefficient which is independently programmabls for tra

cking
and acqguisition. The manner of actual calculaticn of the gain
error in tne CL-SH4400 is set forth in deteil in paracraph
4.5.1 on page 17 of Appendix 1. The indiv:idual gain errors
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are also coupled to a channel quality circuit 46 as the
signals GERR so that gain control performance can be measured
to determine the best choice of loop filter ccefficientcs . and
other parameters of the channel with- -respec: to the
performance of the automatic gain control locp.

The timing recovery circuit 34 in the CL-SH4400 1s shcwn
in greater detail in Figure 5, and is generally in accordance

with the timing reccvery circuit disclosed in 2 c¢s-pending



U.S. patent application entitled Timing Recovery Circuit For
Synchronous Wave Form Sampling, filed September 30, 1282 as
Serial No. 07/954,350, the disclosure of which is also
incorporated herein by reference. The Background,
Specification and Drawings from that application are attached
hereto as Appendix 4. Timing recovery and maintenance of
synchronization, of course, can only be done upon the
detection of a transition, as the absence of transitions
contains no timing information. The timing recovery circuilt
controls the read clocks which are synchronized to the read
wave form. In the timing recovery circuit, a phase detector
39 digitally computes the phase error in the sampling instants
of the analog to digital converter on the companion chip frem
the digitized sample values during transitions, as indicated
by the signals PKDET. Providing timing error correcticns Only
at transition times reduces the noise (jitter) in the timing
loop. The sequence of measured phase errors is digitally
filtered by filter 41 to produce a freguency control s
which is fed back to the companion chip, in the prelerred
embodiment as the S5-bit frequency control signal FCTL.

The timing recovery circuit has two modes of operation,
acquisition and tracking. The appropriate range anc
resolution of the frequency control signal FCTL to the analcg

companion part is not the same for the two modes. 1In

T
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acquisition mode, the necessary frequency control range is
larger (wider range of possible frequency settings) than in
tracking. Conversely, in tracking the required resolution
(minimum step of frequency) is finer. To meet thess
conflicting requirements without unduly increasing the number
of bits in the FCTL interface, the resolution and range are

is
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made to depend on the mode of operation, and a signal &C
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used to communicate to the analog companion part which m
operation is being used. When the operating mode is switchad

from acquisition to tracking, the last frequency s=tting
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during acgquisition is stored in the companion analcg part an

the value on the FCTL bus during tracking is taken as an



offset from the stored setting. In the preferred embodiment
(CL-SH4400) the range and resolution are decreased bv a factor
of 8 between acquisition and tracking.

In addition to the co-pending application just referred
to, this is also described in paragraph 4.6.1 of page 19 of
Appendix 1, with the digital filter for the compensation in
the timing recovery loop being described in paragraph 4.6.2
thereof: The timing recovery circuit 34 also includes a
programmable timing set point. The timing set point permits a
wider range of sampling strategies which enables the support
of a wider range of pulse shapes. The timing set point is
useful on retry in the event of the detection of an
uncorrectable error. Also the digitel filter includes two
coefficients which are independentlv prcgrammable for
acqguisition and tracking. These are also usable in a retry
strategy to change the bandwidth and hence the response time
of the timing loop. Like the indivicdual gain errors GEZRR, the
individual timing errors TERR are alsc coupled to the channel
guality circuit for contribution tc the gquantitative analysis
of the channel guality with respect to tLiming reccvery. Cne
alternate embodiment of the timing recovery block includes =z
frequency error detector. The freguency error detector is
used to decrease the time required for the timing locp teo lock
to the channel bit frequency and phase during the acguisiticn
reriod before encountering data.

As variations on the mode of operation just described,
the two N-bit digitized read data signals DRDO and DRD1l may L=
passed through a pulse shaping filter 38 prior to being
coupled to multiplexing block 20. The pulse shaping fil:ter
prcvides digital filtering at the cost of a small amount of
delay with two user selectable coefficients PCl and PCZ,
incdependently programmable in the filter structure of Figur
4.7-1 on page 21 of Appendix 1. This pulse shaping filcer, cf
course, 1s in addition to any filtering done in the analcg
dcmain, and is an example of the flexibility and adaptability

cf the present invention. In particular, the effect cof the
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pulse shaping filter may be eliminated by multiplexing block
20, or alternatively, the pulse sharing filter may be used
with coefficients user selected, and thus variable, to provide
the best performance of the overall storage system read
channel with the flexibility to accommodate changes in pulse
shape when changing from one recording zone to another, andé to
allow coefficient variations as part of overall device
parameter variations for systematic retries upon the detection
of uncorrectable errors in the subseguent error detection and
correction (EDAC) operations. The pulse shaping filter of the
preferred embodiment is a finite impulse response digital
filter which means that the output is a function of the
current and past inputs but not a function of its own past
outputs. The delays necessary for the filter to remember the
past inputs are shared by delay 3¢ to prcvide a separate delay
path to multiplexing block 20. The cdelay path through delay
36 provides an amount of delay equivalen:t to the delay of
pulse shaping filter 38 (Figure 3 hereof differs from the
functional block diagram on page 1 of Appendix 1 in that the
delay cixcuit 36 is shown tc alsc connect to the pulse shapirg
filter to illustrate the sharing of memory elements between
the delay and the pulse shaping filter in the preferxred
embodiment .) Multiplexing block 20 is proviced to give a
maximum of flexibility in modes ¢f usage, by providing a
separate source of input for the transition detector and the

of
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group of blocks ccmprising the sseguence detector 40 (by way
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spectrum smoothing filter 42), the gain control circuitry
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and the timing recovery circuitry 34. The multiplexing
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is designed so that all blocks may operate upon the raw inpu
uls
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samples provided by DRD0O and DRD!, or alternatively the
shaping filter may be placed in orne of the multiplexing
block's output paths with the delay placed in the other path.
The delay 1s necessary in this case so that the transition
detector's outputs are synchronized with the sample values

reaching the gain control circuitry and timing recovery

O
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circuitry. Finally. the pulsa sheping filter may fead koth



the multiplexing block's output paths. In general the
multiplexing block could be designed so that by programming
the multiplexing block each block at the multiplexing block's
outputs (transition detector 22, gain control 32, timing
recovery 34, and sequence detector 40 by way of spectrum
smoothing filter 42) could receive raw input samples, delayed
raw input samples, or filtered input samples independent of
the data received by the other blocks. In the preferred
embodiment of the present invention however, the gain control
circuitry and the timing recovery circuitry have the
capability of compensating for the pulse shape in an effort to
increase the accuracy of the gain and timing recovery loops,
and to reduce the amount of circuitry, the gain control
circuitry and timing recovery circuitry assume the same pulse
shape for which sequence detector 40 is programmed. This
basic pulse shape received by the sequence detector is only
marginally affected by the addition of the spectrum smocthirg
filter, which is designed to reduce only the head bumps at the
tails of the pulse and does not seriously affect the center ci
the pulse except to correct for head bumps due to neighboring

pulses. In that regard, the present invention includes a
he

cr

channel quality circuit 46 for measuring the guality of
read chanrel as earlier described. This provicdes rnot only

quantitative channel evaluation, but in addition allicws

selection of read channel parameters such as, but not limited
to, the coefficients PCl and PC2 in the pulse shaping filter
to best adapt the read channel to the characteristics of the

e}

storage medium and the pulse form and characteristics bein
read therefrom.

The present invention further includes a seqguence
detector 40 which receives as its input the two N-bit digital
read data signals DRDO and DRD1l as may be modified by the
pulse shaping filter 38 and as may be additicnally modified by
the spectrum smoothing filter 42. In that regard, the
spectrum smcothing filter 42, as shown in Figure € hereof anc
-

n
Figure 4.7-3 on page 22 of Appendix 1, contains two delavs FD.
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and FD2 and four coefficients SCl, SC2, SC3 and SC4, all of
which are independently programmable. The delays may be
programmed from 0 to 23 channel bit intervals. The entire
spectrum smoothing filter, or just its precursor correcting
portion 43 (SCl, SC2 and SD1 in Figure 4.7-3 of Appendix 1),
can be disabled. The spectrum smoothing filter is designed to
reduce the undershoots from the finite pole tips of a thin
film head, or to reduce the bumps from the secondary gap of a
single or double-sided MIG head. In the frequency domain, the
filter acts to smooth out undulations caused by head bumps.

If the precursor is disabled, the delay of the filter is
disabled, whereas if a head which is not subject to head bumps
is used, the post-cursor may be disabled.

The pulse shaping filter and the spectrum smcothing
filter together form a digital ecqualizer which can modify the
equalization done in the analog filter of the companion
integrated circuit, and along with the companion integrated
circult provides support for changing equalization needs frcm
head to head and zone to zcone of the magnetic storage device.
The parameters for the pulse shaping filter and the spectrum
smoothing filter are loaded and/or varied by microcontrcller
44 on initialization and during head seeks.

The sequence detector 40 is a partial response seguence
cdetector. This allows the analog response of the read channel
to a storage medium transition to overlap with the response to
adjacent transitions associated with subsequent information
bits. In comparison to most prior art read channels for
magnetic storage medlia, the use of a partial respcnse detector
allows higher information storage densities 1in comparison to
the prior art alternative of requiring the mecdium transitions
to be sufficiently spaced from each other so that the read
signal responses do not overlap significantly, thereby
allowing each transition to be individually detected
irrespective of the nearest neighboring transitions.

The particular sequence detector used in the presentc

invention is a uniquely modified form of Viterbi detector



which substantially preserves the full performance of the
Viterbi algorithm in a substantially reduced complexity
sequence detector. The basic Viterbi algorithm is described
in the book "Fast Algorithms for Digital Signal Processing" by
Richard E. Blahut, 1985, pages 387-399. 1In accordance with
the Viterbi algorithm, a Viterbi detector does not attempt to
decide whether a medium transition has occurred immediately
upon reéeipt of the read sample or samples that correspond to
that transition. Rather, as samples are taken from the read
signal, the Viterbi detector keeps a running tally of the
error between the actual sample sequence and the sample
sequence that woulé be expected if the medium had been written
with a particular sequence of transitions. Such an error
tally is simultaneously kept for several possible transition
sequences. As more samples are taken, less likely choices Ior
transition sequences are pruned from consideration. IZ a set
of possible sequences of medium transiticns is apprcpriately
constrained, then the location of each medium transition
becomes known with a high degree of likelihood within a
reasonable time after taking the samples corresponding to that
transition. Because of the time delay between a sample
acquisition and the dstermination of whether that sample
represented a transition or an absence of a transition, the

2 -

gain control circuiz 32 and the timing recovery circuit 34 ar

1]

both still referenced to the output of the transition detec:ior
22, which has a more immediate response to the occurrence of
a transition. Also, while in general the output of the
sequence detector, when used, should be more accurate in
ultimately determining whether a transition occurred at a
particular bit time, an error in the output of the peak
detector will have little effect on gain and timing.
Specifically, failure to detect a transition will only
slightly delay gair control and timing error corrections, anc
an isolated false dstection of a transition will only slight
perturb the gain control and timing accuracy. This should be

more than made up by the increased accuracy of the bit stream



detection by the sequence detector's consideration of whact
comes before and after a particular digitized reacd data
sample.

If the present invention is realized in an embodiment
wherein digitized read data is processed a single bit time's
worth at a time, a Viterbi detector of a conventional design
may be gsed, or if two or more bit time's worth of samples are
to be processed simultaneocusly, as in the preferred emtodiment
of the present invention, a conventional Viterbi detectcr
could be modified for that purpose. However, in the preferred
embodiment of the present invention, the uniquely modified
form of Viterbi detector used is that disclosed in a co-
pending application for patent entitled "Method and Arparatus
for Reduced-Complexity Viterbi-type Sequence Detectors" £il
March 16, 1992 as Serial No. 07/852,015, the disclecsur=z of
which is incorporated herein by reference. The RBackground,
tached

T

a
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Specification and Drawings from that application ar
hereto as Appendix 5.
In a typical Viterbi detector implemented using the ADD,

COMEBARE, SELECT (ACS) method, each state in the expecte

L

sample sequence mcdel is associated with a hardware mcdule to
perform the functions of adding new branch error metrics to
path error metrics, comparing path errcr metrics, and
selecting the path having the lowest path metric. In the

sequence detector used in the preferred embodiment in
accordance with the co-pending application, an ACS mcdule may
have two or more sequence model states dyvnamically asscciat=d
with it such that at some times, one seqguence mocdel state 1s
asscciated with it, and at other times, another sequence model
is associated with it. This reduces the numbexr of ACS mcdules
required and alsc reduces the size and complexity cf the,
detector path memories which must store one path fo
module. Groups cf sequence model states may be chosen to
share an ACS module without significant loss in performance as
compared to the ccnventional Viterbi detectcr. Thess

detectors support a wide range of sample models



expected sample sequence of an iscolated medium transition
programmable through control 44. By way of specific example,
the sequence detector used in the CL-SH4400 disclosed herein
will support the PR4, EPR4 and EEPR4 sample models, among
others. In addition, the alternating polarity of pulses is
enforced, as is a minimum run length constraint of d=1l.

The d=1 constraint in the RLL(4,k) coding is an important
constraint in the present invention, especially for
applications where the storage system uses thin-film magnetic
media. For thin-film magnetic media, there is an effect known
as partial erasure which puts a practical limit on how close
two magnetic transitions may be written. The effect is due to
a ragged (or zig-zag) boundary between regions of opposite
magnetization. As the transitions become too close, the zig-
zags begin to overlap and the area of opposite magnetic
polarity between two transitions starts to disappear. The
result is that as the read head flies over the partially
erased transitions, the amplitude of the corresponding read
signal pulses is diminished. This is a non-linear, data
pattern dependent effect which is difficult to compensate for.
The d=1 constraint remedies this situation by preventing
magnetic transitions in two consecutive channel bit times.

The drawback is that the d=0 constrained code may typically
represent 8 NRZ bits with 9 RLL bits (rate 8/9) while the d=1
constrained code can only represent 6 NRZ bits with 9@ RLL kits
(rate 2/3). For example, to store 8 NRZ bits, the d=0

11l store 9 channel bkits while the d=1

-3

constrained code
constrained code will store 12 channel bits in the same amcunt
of space, hence the d=1 channel bit interval is 3/4 the sice
of the d=0 channel bit interval. Fortunately, the magnetic
transitions have a minimum spacing of 2 channel bits and
therefore the minimum distance ketween two transitions has
increased by 3/2 with respect to the corresponding d=0
constrained code. This makes the d=1 constrained read channel

a good solution for increasing storage capacity in



applications where the minimum transition spacing is close
enough for partial erasure effects to be noticeable.

As noted on page 26 of Appendix 1, the sequence detector
utilized in the CL~SH4400 can be programmed to operate on any
channel response which can be well represented by sequences in
‘the form of a, b, 1, ¢ wherein the selection of a, b and c
allow the ability to accommodate pulse asymmetry which might
otherwise require that the read signal pass through an analog
or cigital phase equalizer prior to entering the sequence
detector. The levels a, b and ¢ also give the ability to
select between center and side sampling. Center-sampled
pulses are notably those for which the sample levels a, b, 1,
and ¢ are selected such that 1 is very near the peak cf the
pulse, b and ¢ are roughly halfway down their respective sides
of the pulse, and a is near zero, for example, the sample
levels 0, 1/2, 1 and 1/2. Side-sampled pulses ars notably
those for which the sample levels are selected such that 1 anrngd
b (which is about 1) straddle the peak of the pulse, for
example the sample levels 5/16, 1, 1 and 5/16. This choice ¢f
side versus center sampling also affects the manner in which
gain error and phase error are calculated in the gain contrcl

timing recovery loop (the details of this appear i:

‘] ']

loop an

1). The option to choose between side and center
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sampling allows the user a wider range of possible trade-
between the amount of equalization (filtering) used to shape
the raw pulse shape into the target pulse shape of the

sequence detector and the amount of noise enhancement whi
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arises as a consequence of shaping the raw pulse. Ken
read channel can be more suitably matched to the storage
medium to provide better performance.

Referring again to Figure 3, for writing information to
the storage medium, the NRZ input data 1s provided tc a run
length limited encoder 48, in the CL-SH4400 through a user
selectakzle serial line, a two bit parallel form or an eight
bit bvte parallel form. The run length limited enccder

provides the desired run length limited coding, in the



preferred embodiment an RLL (1,7) coding, randomized kefore
encoding or not, depending upon the enabling of the data
randomizer 30, with the encoded data being provided to
multiplexer 52, in the preferred embodiment in a two~bit wide
form. In the case of writing to the storage medium, the
éerial enable signal SER_ENA will be deasserted so that the
multiplexer 50 and 52 will provide the encoded data bits 1
{the most significant of the two parallel data bits) and 0
(the least significant of the two parallel data bits) to the
companion integrated circuit to write the same to the storage
medium.

When not writing, the serial enable signal SER_ENA may be
asserted, at which time multiplexers 50 and 52 are switched so
that serial control address and data may be transferred on the
SER_DAT line to the companion integrated circuit synchronous
with the associated serial clock signal SER_CLK as the output
signals of the two multiplexers 50 and 52. Multiplexing of
these two chip pins of the single chip CL-SH4400 integrated
circuit helps reduce the pin count without loss of performance
or flexibility. This serial interface is provided to
eliminate the need for the companion integrated circuit to
interface with the bus of the microprocessor and eliminates a
potential coupling ketween the noisy micrecprocessor bus and in
the sensitive analog circuitry of the read channel in the
companion integrated circuit. This also provides a benefit 1in
pin count since the microprocessor bus interface would require
numerous additioneal pins on the companion integrated circuit.
Each of the control registers of the companion integrated
clrcult are mapped to corresponding register addresses in the
integrated circuit of the present invention, when one of these
registers is written to, the serial interface initiates a
serial transfer write operation, sending the data to the
appropriate register in the companion integrated cixcuit. The
preferred embodiment of the present invention includes two
modes, one in which a status bit which can be read to

determine whether or not the serial transfer write operation



is complete and another in which the integrated circuit of the
preferred embodiment forces the microprocessor to pause while
the serial transfer write operation is in progress.

Similarly, a read of a register in the companion integrated
circuit is performed by reading the corresponding register in
the integrated circuit of the present invention. This
initiates a serial transfer read operation. In the first of
two serial interface read modes, the integrated circuit of the
preferred embodiment will signal the microprocessor to pause
until the serial transfer read operation is complete at which
time the serially transferred data will be accessible at the
pins of the integrated circuit of the present invention. In &
second mode, the integrated circuit of the preferred
embodiment will return the data left over from the previcus
serial transfer read operation, and once the current read
operation is completed, it will initiate a new serial
interface read operation with the address just supplied. The
preferred embodiment includes a status bit which can be read
to determine whether or not the new serial transfer read
operation is complete. Once complete, the microprocessor may
initiate a second read operation to retrieve the data
originally desired and to initiate another serial transfexr
read operation at a new address for future use i1f desired.
Summarizing the two modes, in one mode the microprocesscxr is
made to walit, in the second mode the microprocessor must read

the register twice, once to supply the register address and

(!

second time to retrieve the data and possibly supply the nex
register address.

2lso attached hereto as 2ppendix 2 is a preliminary cata
sheet for another embodiment of the present invention, rnamely
part number CL-SH3300, which data sheet is also incorporatec
herein by reference. This integrated circuit incorporates t
essential functions of the CL-SH4400 and the companion
integrated circuit in a single integrated circuit.

In the embodiments hereinbefore described, numerous

parameters were described as being programmable, and as such,



as being useful for varying on retries in the event of the
detection or repeated detection of an uncorrectable error.
Obviously additional programmable or fixed parameters may also
be incorporated, such as by way of-example, additional filter
coefficients in the pulse shaping and other filters. It
'should be noted that particularly certain parameters, such as
the parameters of the pulse shaping filter 38 and the spectrum
smoothing filter 42, may be made adaptive, or a combination of
adaptive and programmable. By way of example, coefficients
may be made adaptive, while the time constants of the adaptive
characteristics and perhaps offsets, wave shapes, asymmetries
and compensation for nonlinearities are made programmable. In
that regard, it should be noted that given an uncorrectable or
repeated uncorrectable error, there is no harm in further
attempts at a successful read with different parameters, side
versus center sampling, filtering versus different, less or no
filtering, etc. Further, normally one would use the seguence
detector on read for its supericr detection capabilities over
a peak detector. However in the case of haré errors wherein
the errors in the output of the sequence detector exceed the
error correction capability of the EDAC code used, a further
retry strategy may include switching to an output derived from
the peak detector, as previously described, rather than the
sequence detector. This will add noise errors characteristic
of transition detection effectively within the single bit-time
of the possible transition, but will eliminate whatever
additional propagation of the hard errors {for example media
defects) may be caused by the sequence detector. The effect
of the noise errors may be substantially eliminated by
multiple reads, followed by a majority vote to cancel all or
most of the effect of the noise errors, yielding an )
opportunity for a successful error correction when the same
could not be achieved with the sequence detector in the path.
Here again, pulse shaping filter characteristics may be varied

and multiple retries of the peak detector multiple reads



executed, as reasonable exhaustion of all opportunity for a
successful read is better than a fatal error.

There have been disclosed and described herein preferred
and alternate embodiments of a new and unique synchronous read
.channel which include a sequence detector with a flexible
architecture capable of implementing a broad range of partial
response polynomials. While an embodiment of the present
invention which supports only one or tweo partial response
channels would be highly useful, the detector used in the
preferred embodiment of the present invention supports a broad
class of partial response channels, including but not limited
to PR4 (1,7), EPR4 (1,7) and EEPR (1,7). While the sequence
detector is normally operative upon a read, the output of a
digital peak detector may be enabled as the output o the read
channel if desired. These and other inventive features of the
invention will be apparent from the preceding description.

Thus while a preferred and alternate embodiments of the
present inventicn has been disclosed and described in cetail
herein, it will be obvious to those skilled in the art that
various changes in form and detail may be made therein without

departing from the spirit and scope thereof.
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OVERVIEW

The CL-SH4400 Samplad-Ampiitude Digital Chan-
net Is a VLS! component designed to work with a
companion analog part and & Disk Controller to
provide the majonty of drive and controtler harg-
wara necessary to build a siate-ol-the-ar, high-
densily, magnesc disk drive. The CL-5H4400 m-
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The CL-SH44C0 Sampled-Amplitude Digital Channel provides the digital core of & highty flexibls, high-
performance sampied-ampitude mad/writs channel which provides data rates up to 84 Mb/s. A compan-
fon analog part, the VMB400, implements the fraquency synthesizar, variabla gain ampiifisr, iming VFQ,
tunabile anaiog filter, analog-to-digital converter, write precompensaticn, and servo demodulation func-
tions. Tha CL-SH4400/VME40Q chip sel supports hard-sactorad magnetic disk drive applications employ-
ing embeddad servo techniques and zone bit recording. Tha functional partition of he CL-SH440/
VMB400 chip sel is shown in Figure 1.

——

VME400 CL-SH4400
DIFFERENTIAL
READ DATA | GAIN CONTROL VGA & DIGITAL QAIN CONTRCL
PUvT—— &
TIING RECOVERY VRO 7: DIGITAL TIMING RECOVERY
TUNASLE ANALDG FILTER TRANSITION DETECTOR
8T A-TO-0 CONVERTOR ,: PROG DIGITAL EQUALIZER
PROG SYNTHESRER SEQUENCE DETECTOR -
DIFFERENTIAL .
WIITE DATA - | WRITE PRECOMPENSATION —r ALL(1.7) ENDEC oyt
[ Se— 2 L.
SERVO DEMODULATOR CHANNEL QUALITY
4G22 AT
iy OIFF s
Flgure 1 CL-SH4400/VME400Functional Partition

The CL-SH4400 provides digital gain cantrol, timing recavery, equafization, sequence detecticn, RLL.
{1.7) encoding and decoding, eror-lolerant synchronization, and channel quality measuramant The hign
degree ol programmability of each of these lunctions allows the CL-SH4400 to support highly adagtve
channats taidorad for sach drtve, head, and zone.

Tha formal of a typical sector conlaining one embeddad sarvg arsa is shown In Figum 2. During a
read(writa) operation, the Disk Controller raads tha offset of the servo area from the 1D. it deassers
Read{Write) Gate alier the specified numbaer of bytes have been processed and raassarts It after & pro-
grammed number of bytes equal (o tha length of the servo area. The VME4CQ and extamal circultry read
and decoda the servo bursts and servo data. Durdng a rsad operation, the CL-SH4400 fraezes its gan
control and Uming recovary states while Read Gates is deasserted.
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Figure2 Typica! Seclor Format
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of individual sarnples and allaws significant intersymbol interfarence without negative conseguences.
Detector supports a broad class of partlal response channels including PR4 (1,7), EPR4 {1,7) ang
EEPR4 {1,7).

Error tolerance features support the higher soft error rates and higher cefact dansaties encouniered
at highar recording densities.

One/Two/Bight-bit NRZ Data interfaca connecss o a broad range of Disk Controliars.

intaifigen! pawar management minimizes operational and idle power consumption.
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One-bit, two-bit, or sight-bit NRZ Data interface

Rata 2/3 ALL (1,7) recording code

Digital Gain Controt

Digital Timing Racovary

Digital Equalizer

ScfTarget™ Sequence Datactor

Eror-tolerant synchronization

Programmable gain, iming, equalzation, sampiing, and detaction altamatives
Channal quality circuit for fillerfequalizer/detecior cafibration and error rale estimaticn
Erasure pointsr generation
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Intalligant power management
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1.7 PIN INFORMATION

Tha CL-SH4400 ts avallable in & 100-pin Plastic Quad Flat Pack (PQFP) package. The pin dlagram below
shows this package.

Pin Diagram for the 100-Pin Plastic Quad Flat Pack (PQFP) Packags
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2. PIN ASSIGNMENTS

The fouowfng conventions are used in the pin assignment tables. Asterisk {*) danoles a negative true sig-
nal. (i) indncgte:s an input pin. (O) indicates an output pin. (OD) indicates an open-drain cutput pin. (VO)
indicates g bidiractional pin. All unused inputs must ba tiad to the inactive state, Ve or GND.

2.1  Microcontraoller interface Pins
TYPE

SYMBOL PIN

DESCRIPTION

RST*

RESET: Assertion of this signal stops all operatlions witin
the CL-SH4400 and deasserts all outpul control signals. Al
bidirectional signals are set 10 the high-impedance stale.

INTEL/MOTOROLA: This signal selects the micreconiraller
interface to be used. When this signal is high, it selests the
Intel bus control interface. When this signal 1s law, it selects
the Motorala bus control inlerface. An intermal pullun aliows
this signal 1o be legally “floated” to salec! the defaull Intel
bus control interace.

MUNM®

MULTIPLEXED/NONMULTIPLEXED: When tus signal is
hign, AD<T:0»> is the multiplexed address/data bus anc
A<7:0> is the latched address output bus. Whan this signal
Is iow, AD<7:0> is the data bus and A<7:0> is the adzress
Input bus. An intemal puilup allows this signal to be legally
“floated” to saelect the default multipiexed bus mode of cper-
ation.

SHAL®

STROBE HIGH ACTIVE/LOW ACTIVE: This input selezts
the polarity of the DS (Data Strobe) and AS (Address
Strobe) input #f in Motorola moda. A high on the inpul wiil
select high active DS and AS whila & fow on the inpu! wil
select low active DS and AS. An intemal pullup allows s
signal o be legally ‘floated” to select the default ugh acave
mods of operation.

CHIP SELECT: This signal must be assened for all mzro-
controller accesses (o the CL-SH4400's reg:sters.

ADDRESS LATCH ENASLE/ADDRESS STROEBZ: On the
trailing edge ol this signal, the CL-SH4400 fatches the
address present on the AD or A bus, as selected by M/NLL.
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SYMBOL  PIN TYPE DESCRIPTION

WR'R-W* ! WRITE STROBE/READ_WRITE: When UMC™ is high, this

signal 18 WR*; whan CS" and WR" are asserted, the data
on the AD bus will be willten to the specifisd ragistar. When
YMC* g low, this signal ks R-W", which delamines the
direction of data transfar when accessing the CL-SH4400's
registars. Whan CS° and DS are asserted and R-W" is
high, & registar read aperation is in progress. Whan CS*
and DS are asserted and R-W" is iow, & ragister write aper-
ation Is in prograss.

RO"DS 1 READ STROBZ/DATA STROBE: When UMC™ is high, this
signal is RD*; when C$° and RAD" are asserted, the data
from the spacified ragister will ba dnven onto the AD bus.
When UMC” ig low, this signal is 0S, which detemines the
data timing of a register access. When CS° is asseried ang

{ R-W" Is high, the leading edge of DS indicates when the
CL-SH4400 may stant ¢nving data onto the AD bus. When
C5° is assartad and R-W" Is low, the trailing edge of DS
indicates whan the CL-SH4400 may iatch data from the AD
bus.

ROY/DTACK" on READY/DATA ACKNOWLEDGE: Whan YMC” is high, tfus
signal is the microcontrolier Ready ling; when this signal is
deasseantad, e local microcontroller shall insert wail states
to aliow time for the CL-SH4400 to complate tha requested
access. When UMUC” is low, this signal is the Data Acknowl-
edge signal; this signal is assened when the CL-SH4400
has completed the raquested access.

AD<T:0> To) MICROCONTROLLER ADDRESS/DATA BUS: Whan M

NM” ig high, AD<7:0> is the multiplexed address/data bus.
When M/NM" is low. AD<7:0> is the data bus.

A<T:0> vo MICROCONTROLLER ADDRESS: When M/NM® is high,

I A<7:0> is the lalched address output bus; it presents the

eight address bits laiched by ALE. These signals ams pro-

vided for general system use and are available regarciess

! of the state of CS°. Whan M/NM™ Is low, A<7:0> Is the
address input bus.
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22 VMB400 intarisce Pins
SYMBOL PIN TYPE

DESCRIPTION

DRDP<5:0> {
DRDN<S:0>

DIGITIZED READ DATA: This differential bus camies the
sampled read signal in two's-complemant formn. These
Inputs must be driven 1o a logic ‘0’ when not in use or when-
evar the sample value is invalid.

RDCLKP !
| RDCLKN

READ CLOCK: Both edges of this difierential signal clocks
DRD into the CL-SH4400. RD_CLK is one-half the chasne!
bit rate. This clock must be gliten free and dnven to a va.z
state when not In use.

F3CLK® |

Ff3 CLOCK: This signal is used n generaling RS
RRCLK and NCLK. F3CLK is one-third cor two-thirds te
channel bit rate. This clock mus! be glitch free and driven 12
& valid state when not in usa.

WRRACLK® |

WRITE REFERENCE CLOCK: This sigral clocks the ALL
eacodar of the CL-SH4400. WRACLK is one-half the chan-
nel bit rate. This clock must be glitch free and driven 12 a
valid state when not in usa.

ENDAT<O»/SER_CLK O

ENCODED DATA BIT O/SERIAL CLOCK: Whie
SER_ENA is deasserted, this signal cames the leasi-sign.l-
lcant RLL-encoded write dala bil to the VMB400 and is wni-
{fem to the disk afer the moest-significant bit. Whiie
SER_ENA Is asserted, this signal clocks SER_DAT
between the CL-SH4400 and the VMB400.

ENDAT<1>/SER_DAT vo

ENCODED DATA BIT 1/SERIAL DATA: While SER_ENA
ts deassertad, this signal carries the mosl-significant R_L-
encoded write daia bit to the VMBE400 and is wntten (2 the
dgisk belore the ieast-significant bit. Whila SER_ENA s
asserted, this signal transfers control snfomaton between
the CL-SH4400 and the VMB400.

SERIAL ENABLE: This signal is asserted for senal contrzl
interface operations.

FREQUENCY CONTROL: This bus conirols the VMB4CT's
variabla {requency oscillatoriming recovary circuitry.

ACQUISITION MODE: Controls the range and precision ¢f
the FCTL bus.

| SER_ENA 0
FCTL<4:0> Q
ACQ o]
VGAC<4:0> 0

VARIABLE GAIN AMPLIFIER CONTROL: This bus con-
trols the fine qain of the VGA in tha VME4C0.
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2.3- Preamp interface Pins
SYMBOL PIN TYPE DESCRIPTION
P_Cs” (o] PREAMP CHIP SELECT This signal is assanted while RG/
RG* or WG/WG" is assertad.
RGO" o] READ GATE QUT: This signal is asserted while RG/RG" is
assarted.
wGo* 0 WRITE GATE QUT: This signal is assernted while WG/WG*
is assened.
2.4 Disk Controller Interface Pins
sYM80L PIN TYPE DESCRIPTION
RG/RG® 1 READ GATE: When this signal is assarted, tha read path
circultty Is snabled.
WGWG" I WRITE GATE: When this signal is assertac. the write path
circuftry is enabled.
NRZ<(>/NRZ o NON-RETURN TO ZERQ BIT WNRZ Data: in Eight-Bit

NRZ Mode and Two-8it NRZ Made, this signal iransmits(re-
ceives) the least-signiticant unencodead read (write) gata it
to{from} the Disk Controlier. in Cne-Bit NRZ Mode, this bit
serally transmits{recaives) the unencoded read{wrlte) data
o{from) the Disk Controiler. Tha ti-stats driver is snablad
by assertion of RG/RG".

NRZ<1> vo NON-RETURN TO ZERO BIT 1: in Eight-Bit and Two-3it
NRZ Modes, this signal transmits{receres) the sscond-
least-significant unencoded read(write) data bit to{from) the
Disk Contoilar. The tri-state driver is enabled by asseruion
of RG/RG". This signal is not used in One-Bit NRZ Mode.

NRZ<7:2> vo NON-RETURN TO ZERO BITS «T:2»: in Eight-Bit NRLU
Mode, thaese signals transmit{receive) the six most-signifi-
cant unancaded raad({writa) data bits to{irom) the Dk Con-
grollar, These signals are not used in Two-Bit NRZ Mode or
One-8it NRZ Mode. .
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SYMEOL PIN

TYPE

DESCRIPTION

NRZP

Vo

NON-RETURN TO ZERD PARITY: in Eight-bit NRZ Mode,
this signal transmits{receives) the parity bit for the NRZ
data byte on NRZ<7:0>. When the parity of NRZ<7:0> is
evean and Evan NRZ Parity mode Is selected, NRZP is low.
This signal is not used in Two-BRt NRZ Mode ar One-Sit

NRZ Mode. '

WPERR

WRITE DATA PARITY ERROR: in Eight-bit NRZ Mode,
this signal is asserted when a parity error is detected on e
NRZ interface {NRZ «7:0> and NRZP). This signal is nc!
usad in Two-Bit NRZ Mode or One-8it NRZ Mode.

s80°

SYNC BYTE DETECTED: in Eight-bit NRZ Mcde, this s:3-
nal is asserted to quality the hex ‘03' byle on the NAZ bus
as the synchronization byte. This signal is also valid in Two-
Bit NRZ Mode or One-8it NRZ Mode.

NCLK

NIBBLE CLOCK: In Eight-Bit NRZ Mode, this signal is pre-
sented for use by tha Disk Controflar. This signal is farced
high In Two-Bit NRZ Mode or One-Bit NRZ Mode.

RECLKRRCLK

AEFERENCE BYTE CLOCK/READ REFERENCE
CLOCK: in Eight-Bit NRZ Moda, this signal is used {o cack
out NRZ<7:0.P> to the Disk Controller. In One-8it or Twe-
Bit NRZ Mode, this signal is used to clock NRZ cr
NRZ<1:0>, respectively, to and from the Disk Cantroller,

WECLK

WRITE BYTE CLOCK: In Eight-Bit NRZ Mode, this signal
ts used to clock th NRZ<7:0,P> fram the Disk Controller.
This signal Is not used in One-8it or Two-3it NRZ Mode.

SEQ_OUT

SEQUENCER QUTPUT This signal ts connecled to the
Sequencer Qutut of the Disk Controller. It 1s useg o con-
trol the Synchronization Mark Recovery Moce, Path iem:
ory Length and Channel Cuality measurement.
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2_.5 Powar, Ground, and Misceiianeous Pins
SYMBOL PIN TYPE DESCRIPTION

] 5V N/A POWER SUPPLY (Vo).
Vss NA GROUND
] NC NA NO CONNECT
ENA { ENABLE: Deassertion of this signal places the CL-SH44(0
in & powar-down stats.
CLKIN | CLOCK IN: This signa! is used t¢ develop the clock for the

i VME40Q sarial control interface.
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3. REGISTER TABLES
<TBD>
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4. FUNCTIONAL DESCRIPTION

An overview of the interaction of the CL-SH4400, VMS400, and the Disk Controfier during wrtte and read
sperations Is given teiow, lollowed by more detailed descriptions of Individual functional blocks.

The major functional blocks of the CL-SH4400 indlude:

+ NRZ Data interface

«  Transftion Detector

Gain Control

» Timing Recavery

Digital Equalizer

SolTarget™ Sequenca Detactor
Synchronization Mark Detector
RLL Encoder/Decoder

Pointar Genaration

«  Channat Quality

« Seral Control intarface

4.1 Write Operation

When Wiite Gate Is asserted, the Disk Controller must first emit zercs on the NAZ Data interfaca for the
desired length of the preambla, The RLL Encoder in the CL-SH44C0 creates the preamble pattam spec-
ified by tha Preamble Select bits (*1010...7, *100100...", or "10001000..." ) and emits It on the Encoded
Data interface. The Disk Controliar must then amit a number of hex "FC" bytes on the NRZ Data interface
equal to the Synchronization Mark Length, during which tha CL-SH4400 emits the Synchronization Mark
Pattem on the Encoded Data interface. if necessary, the Synchronization Mark is delayad by ong or two
channel bits to aliow the tast *100" or *1000° preambie group to be completed. After it has transiene_d the
proper numbar of synchronization bytes, the Disk controfier must arnit data bytes on the NARZ Data inter-
face. i the Data Randomizer is enabled, the data bytes are randomized (0 equalize the probabliity of oc-
currance of worst-case pattems. The RLL Encoder in the CL-SH4400 encodes the data bits and the en-
coded data bits are emifted on the Encoded Data interface. The preambie bits, Synchronization Mark Dis.
and encoded data bits ars all processed through the VME400's wrile precompensation circuitry and trans-
mitted {0 the wrile heacl.

*

4.1.1  Wirits Precompensation

Due to the nature of the SofTarge!™ Sequance Detactor, which takes linear intersymbol interference into
account whan calculating path metrics, write precompensation {or lingar intersymbol interference is nat
required. However, demagnetizing effects during write can cause a shilt in the location of a transition
which Is vary close to the preceding transition. Tha VM6400 provides write precompensation 10 counter
this effect.

4.2 Read Opearsation

During a read operation, the VMB400 passes the signal from the reac/write preamplifier through a van-
able-gain amplifier and a tunabie active filter, then emits digital samples irom a six-bil flash analog-to-aig-
ltal convener. The sampies ara passed {0 tha CL-SH4400 at tha rale of ona sample every channel bit in-
tarval, in the CL-SH4400, the samples ars fed to the programmable digital equalizer which further
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conditions the signal. The sample peints of the analeg to digitai converter are determinad by an osciliator
intemnal to the VM6400 whosa fraquency/phase Is controliad by the CL-SH4400 to maintain proper sam-
pling. The digitally-equalized sampies are {ed lo the SoiTarget™ Sequence Detacior in the CL-SH44D0.
The output of the SofTarget™ Sequence Detector is usad to detect the Synchronization Mark and {6 feed
the RLL Decoder, whose output is the NRZ data which is transmitted to the Disk Controler on the NARZ
Data interface. If the data rancomizer is enabled, the data is de-randomized (o restore the original user
data before being sent to the disk controiler.

4.2.1 Number Representation and Arithmetic

The two's complement number system Is usad wherever negative and pasitive numbers must bath be rep-
resented. The input signal samples from the analog-lo-digital converter are six-bit two's complement num-
bers interpreted as having a binary point alter the second most significant bitt SX. XSO Thus the range
of representable numbers is from -2 10 +31/16 in steps of 1/18. Note that the binary paint is *virtual”, having
ng existenca In silicon.

Reunding and trunzation are performed as considered appropriate in each intemal operation on a case-
by-cass basis. in some cases, intermediate resulls are carried with greater precision than the final resull.
Overtlow is guarded against by saturaiing summers, by algonthmic bounds, or Dy probamility af ocour-
rence as appropriate in each internal operation.

4.3 NRZ Data interface

The Eight-Bit NRZ Mode aflows the CL-SH4400 to connect 1o a disk controlier which uses an eighi-bit
NRZ data interface. When in the Eight-Bit NRZ Mode, the YMB400 provides the FICLK signal as a 1/3
channel rate clock which the CL-SH4400 divides by two in frequency In developing NCLK and divides by
four in developing RBCLK, which tha Disk Coatrolier retums as WBCLX.

The Twe-bit NRZ Moda gliows the CL-SH4400 to connect to a disk controfler which uses a two-bit NRZ
data interface. When in the Two-8it NRZ Mode, tha VMB400 provides the FICLK signal as a 1/3 channel
rate clock which the CL-SH4400 uses 10 develop RRCLK.

The One-bit NRZ Mode allows the CL-SH4400 to connect to a disk controller which uses a one-bit senal
NRZ data interface. When in the One-Bit NRZ Mode, the VME400Q provides the F3CLX signal as 8 273
channei rate clock which the CL-SH4400 uses 10 develop RRCLK and divides by two to developed s in-
temal two-bit NRZ clock. Data rate in this moda is limilad tg 40Mbits/sac.

4.4 Trangition Detector

Gain Controt and Timing Recovery both require Information about the locations of transion responses in
the sample stream. Because the gain and timing loops cannol tolerata the detay of the SofTarge!™ Se-
quence Detector, a simpie transition detector is provided. This transition detector is nol normally used for
data recovery, although its output may be selectad in place of the SofTarget™ Sequence Detector cumu?
by setling a control register bit. The peak qualification threshold, V, Is also stored in a control register. Ta-
bie 4.4-1 shows the conditions which must be satisfied to detect & transition during sample period n under
varnious conditions, whare:

Y is the signal sample for period |, and
V is the Qualification Threghoid.

For an isolated transition response sample sequence of {a.b.1,c), the transition detector indicales a tran-
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sition pattem. Condition (3b) is intended for use with & “10001000...’ acquisition pattem. Either condition
might be usad for & *100100...° acquisition pattem.

Yable 4.4-1  Transition Detection Rules

Acquisition Acguisition Tracking Tracking
SAMPLING | SGN(Y_ )= 1 SGN(Y, ) =-1 SGN(Y, )= 1 | SGN{Yp.q) =-1

Side sampied | 1)Y . >Y nY, <Y, NY,>Y, NY,,<Y,
Y, ,>Y, 4 Y <Y, DY >Yey (DY <Yy
AY, >Y, . AY, <Y, . [y, >V Y, <V

f::;;d NY, . >Y, VY, <Y, Ny, >Y, Ny <Y,
Y, 1>Ys Y <Y, (DY, >Y., (DY <Y,
3a)Y, ,>Y, . 3a)Y, <Y, [3Y >V Y _ <V
30) Yoz> You 30) Y2 < Yau

| Figure 4.4-1 lliustrates centar sampling and side sampling for an isolated putse.

<

a b 1 ¢
Center Sampling

] b 1 4]
Side Sampling

fFigure 4.4-1
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4.5 Gain Control

The differential variable gain ampiifier (VGA) in the VM8400 amplifies the differential input signal from the
read praamp to a consistent level which Is fed to the tunabie active fiiter, The VGA gain is controlled by a
dightal 1o analog converter {DAC) with coarse gain statically controifed by a regisier in the VMB400 anc
fina gain dynamically controlied by the Gain Control circuit of the CL-SH4400 through the VGAC bus. The
Gain Control clreuit is designed for symmetrical attack and decay. The VGAC bus will saturate instaad cf
overfiow or underfiow,

The Gain Control ciroult provides three modes: acquisition, tracking, and hold. in acquisition mode, whic:
is sutomatically entered on the leading edge of Read Gate, the loop should be prograrmmed (0 respond
Quickly In order o aliow fast acquisition.

Proper gain is assumed to have been established a programmabie number of clocks after the leacing
edge of Read Gate. Tha Gain Conlrol circuit then swilches (o a tracking mode in which tha loen shoutd
be programmed 10 respond maore slowly in order o minimize gain errors over dala dua o noise. This
change in response is accomplished by switching to anather set of loop filter coefticients. ILis also pass.-
ble {o freere the gain durnng tracking mode by setting the loop gain 1o zaro.

in hold mode, which is entered while Read Gate is deasserted, Gain Control action is suspended, allowing
the VGAC bus to “coast” at its current gain level, .. over gaps or servo bursis. Gain does nat “croop” i
hoid mode due 1o the digital natura of the gain controi loop.

4.5.1 Gain Detector

The Gain Detector calculates the ditterence in amplitude between tha desired and actual signal levels. A
gain update is made whenever s transition is detected. The gain upcate is negative whan e gain is toa
high and positiva when the gain is too low. Tadle 4.5-1 shows how the Qain error is calculated when a
transition is detected during sample perdad n, where

SGN(x)is +1forx20.-1%orx <0,

Y, is the signal sample for pericd |,

Q3 is the acquisition Gain Set Polnt value,

Q1 is the tracking Gain Set Point value,

a, &, and ¢ are Detector Levais 1, 2, and 3.

and Tjis 1 when a transition is detecisd during sampte

period i and pulss shape compeansation is enabled, 0 otharwisa.

The nominal value cf the Gain Set Point for side sampling is (1 + b); {or center sampling. it is (1). The
approprate value of the Gain Set Point for nomal operation Is determuned dunng calibraton. Varying the
Gain Sat Point may be a suitable tooi for retry strategies. For example, a larger Gain Set Point could De
used to hold the gain artificially high, which might tend to compansate for drop-out arrars (at some o5t .43
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signal-io-noise ratio). Nots that the Gain Set Point affects the loop gain and gain margin of the Timing
Recovery circult

Table 4.5-1 Gain Error

Acquisition Tracking

i Siie Sampied | -SGN(Yn.1{Yn.1+Yn.2) + gx - (& + ) T2 SGNYn1 ) Y1t 2+ - (0 +C)Th o

| Center Sampied | <SGN{Yn.1)¥n.1 + 0a - 8Tpn2 SGN{Yp.1) Y1+ G- 8Th2

452 Gain Compensation

Compensation In the Gain Control ioog Is accomplished with & digital filter whosa structure may be rep-
resented by Figure 4.5-1. The adder is designed 10 saturata rather than wrap on gver/undar flow.

Laacad ]
QA
L___...—r' = - VGAS

Figure 4.5-1 Gain Contral Loop Compansation

Tha z-domain transfer function of this filtar is

Fo]
J——
Fy(z) 303

cq s the loop filter coefficient and 2 °1 represants & delay of two channei bit intervals (2/15) because this
igitai filter operates at one-half the channel sample rate. Coefficient cgls independently programmadie
for acquisiton and tracking.

A linear discrate-time approximation to the open-loop transfar function of the Gain Control lcop is
K‘,K.lz::‘7
Lz-1)

where K, is the gain of the gain delectar (equal to 2 for side sampling. 1 for canter sampling), K is
the control gan of the VGA (equal to 0.46), ¢y is the gain of the compensation filtar, and nls the number
of (214) ciock delays [n the loop. This modal Zan be usext to predict the acquisition settling tme, tracking
bandwidth, and other properties of the lcop {or & given fiiter coefficient cy

Gg(Z) =

4.6 Timing Recovery

The Timing Recovery circult controls the Read Clocks, which are synchronized (o the read waveform. The
Read Clocks are generated in the VMG400 from a clock produced by a variable frequency osciltator (VFO)
which is used to clock an analog-to-digital converter (ADC). The frequency synthesizer in the VME4C00
establishes the center fraquency of the VFO. A phase detector circuit in the CL-SH4400 digitally com-
restae tha nhaca arror in tha ADC sampling instants (rom the sampla vaiues. The sequence of measured
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phase errors s digitally filtered in the CL-SH4400 to produce a frequency control signal which is {ed bad
to the VME400 over the FCTL bus. in the VMB400, the digital value from the FCTL bus Is converted via ¢
DAC ta an analoeg signal which acts 1o offset the VFQ from its center frequency to establish the correc
sampling iraquency and phase. The phase detector, fiter, VFO, and ADC together form a phase-iocked
loop. The Timing Recovery circult is designed so that the FCTL bus will saturate instsad of overfiow o
undarflow.

The Timing Recavery circuit provides four modes: lock-to-reference, acquisition, tracking, and hold. In
lock-to-reference mode, a digital frequency datector is used ta lock the read VFO to the irequancy syn-
thesizer clock, ensuring small frequency enor when acquisition mode is antered.

In acquisition mode, which is automatically entered on the leading edge of Read Gate, the loop should te
programmed to respond quickly in order to ailow fast acquisition over the preamble. To further decrease
acquisition tima, the VM8400 provides a zero-phase start.

Timing trequency and phase are assumed 1o have been acquired a programmable number of clocks after
the leading edge of Read Gate. The Timing Recovery circuil then swilches (o a tracking mode in which
the loop should be programmed ta respend mare slowly in order o muinimize liming ermors over data cue
to noise. This change in response is accomplished by switching to another set of loop filter coafficients.

in hoid mode, which Is entered while Read Gale is deasseried, Timing Recovery action is suspendec,
allowing the FCTL bus 1o “coast” alits current {requency, €.9. over gaps or §8rvo DUrsts.

4.6.1 Phaza Detactor

The Phasa Detector calculates the diflerence In phase between the desired and actual sampling instanis.
A timing update is made whenever a transition is detected. The timing update value is pasitive when tne
ADC is strobed late, incicating that the VFO frequency should be increased. The liming update value is
negative when the ADC Is strobed early, indicating that the VFQ frequency should be decreased. Table
4.6-1 shows the equations used to calcutate the phase eror when a transition is detecied dunng sampie
penod n, wners

SGNix)is +1 forx 20, -1 forx <0,

Y;is the signal sample for pariod |,

ta Is the acquisition Timing Set Point,

1t is the tracking Timing Set Point,

a. b, and ¢ are Detectar Levels 1, 2, and 3, and

Tiis 1 whan transition is detected during sampie

penad | and putsa shape compansation s anailed, G otherwisa,

The Timing Set Point ks used (o accommodate pulse asymmelry. Tatig 4.6-2 shows the nominal values
of 1y and ;. The appropdate values of the Timing Set Point for normal operation are detemmined dunng
calibration. Varying the values of tha Timing Set Point may be a sultable ool lor retry strategies.

Table 4.6-1 Phasse Error

Acguisition Tracking

Side Sampied | SGN{Ya 1} (Y2 Yt + 1a SGN(Yr 1} (¥ - Yret) + &+ €Tz - #8702

Canter SGN(Y1)(¥ 2 - Y +tg SGN(Yn )Yz« Yn) + 4 +6Te2 Y APRT Y
Sampled
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Table 4.6-2 Nominal Timing Set Paint
Acquisition Nominal ty Nominal t
Pattern
Side Sampied | 1010..... {-b+c-a
100100...... 1-b i-b
10001000.... i1-b
Centear 1010..... 2ic-b)
Sampied 100100.~... c-b-a ¢c-b
10001000.... c-b

4.6.2 Timing Compensation

Compensation in tha Timing Recovery loop is accomplished with a digital filter whose structura may te
represented by Figure 4.6-1.

Figure 4.6-1 Timing Recovery Loop Compansation
The z-domain trans{ar funclion of this fiter is

cyz{(z—-1) + Gy

Fl2) =
12 Z(z-1)

whera 7~ represants a dalay of two channel bit Intervals (2/15) because this digital filter operates at one-

hali the channel sample rate. Coefficients ¢y and ¢z are independently programmabis for acquisiton anc

tracking.

A linear discrete-ima approximation (o the open-ioop transfar function of the Timing Recovary loop is

Kch(c1zz— €yZ+Cy)
zﬂ-o 1 (z- 1)2

where K, Is the gain of the phasa dstector (1 to 2 depending on puise shape), K, is the control gain of
the VFO (salectable in VM6400) and n is the number of (2/1g) clock delays in the oop. This modei can be
used to predict the acquisition settling time, racking bandwidth, and other properties of the loop for a giv-
en pair of filter coefficients ¢y and cp. Given detactar {eveis a, b, and ¢, the Qain of the phase detecior
may be computed as K, =1 + b -3(a + cV? for side sampiing. For center sampiing, the gain of the phase
detectoris K« 2 -2a/3 < (b + cV2.

G,(z) =

PCT/US94/01084
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4.6.3 Lockio Reference

The center frequency of the read VFQ in the VMB400 tracks the frequency synthesizer automatically, This
ensures that the frequency control range provided by the FCTL bus is approximately centared around the
neminal irequency for each zone. However, the automatic canter frequency tracking is not precise enpugh
to facilitate fast, reliable lock to a data preambls. To fine tune the initial frequency of the read VFO and
ansure small iraquency errors at the start of a lock to preamble, ths CL-SH44CYVMBAT0 chip sel proviges
a Lock to Reference (LTR) mode in which the frequancy of the read VFQ is adjustad to match the frequen-
cy synthesizer. LTR mode should be used whenevar the VFO fraguency is subject to emor, induding at
power on, after periods of idle time, after & data rate ¢hange (inler-zone seek), and after any lailure to
achieve lock as indicated by failura to delect the synchronizalion mark.

Lock to Referenca (LTR) moda is invoked by setting a bit in a control register in CL-SH4400. LTA moce
should not be invoked during any read, write, or serv0 operaiuon. Whan the lock is completed the conuzt
it must be manually cleared to retum to nomal operayon.

The CL-SH4400 signals the VMB400 to enter LTR mode by asserung the ACS line while RGD" is deas-
seried. The VMB8<30 then generates a sinusoical sigral with reguensy equal 10 1/4 of the synthesizer fre-
Quency, ang samples that signal with the 8-bit flash A'D convener. The CL-SH4400 uses the sample se-
quencs fo compute the frequency error between the reas VFQ {which clocks the A/D conventer) and tha
frequency synthesizer. The trequency errar signal is fec hack Mwough the digital iming laap filter to dave
the error to zaro. The direct path coefficient in the timing loop Slier (2,) is sel to zero for LTR sinze inpuss
regrasent frequency error measurements rather than the usual shasa aror measurements. A register is
provided (o program the value of the accumulaicr path coeticent {z2) for LTA mode. By suitable cnoie
of this coefficiant, frequency lock limes of 100-20C channe! it inlervals shouid be achievable.

4.7 Digltal Equallzer

The digital equalizer zan modify the equalization dona in the analog filter of the VM8400 and, along with
i, provices suppor for changing equalization neecs from nheac (0 head and zone to zone. The digizal
equalizer is compeses of two specialized digital filters, called the Pulse Shaping Filter and the Spectrum
Smoottung Filler. The digital equahzer parameters are loaded bty the microcontroller at initialization ang
dunng seeks. Using the Channel Cuality arcuit, a procedure 1s provised whereby the microcontrofier can
adap! the digrtal equatizer parameters. The infent of this leature is 1o allow the microcontrolier to fing the
best parameter sets (those which produce the mirmum error rate) for each disk drive, head. and zane.
Since parameter opumizalon s 3 slow process, it ts gone anly gunng manufasiunng test and dunng e
timas.

Figura 4.7-1 shows the structura of the Pulse Shaping Fiter. Ths two coefficients PC1 and PC2 gre ince-

pandently programmabie.
™ '
L

Figure 4.7-1  Pulse Shaping Filter Structurs
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Figure 4.7-2 shows the Pulse Shaping Filter ampiitude response vs. fraguency for PC1 = (0, £1/16,21/8,
+1/4) and PC2 = (3/4, 1, 5/4).

12 Availabie Srequency respaases of digital squalizer
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Figurs 4.7-2  Pulss Shaping Fliter Rasponse
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The spectrum smoothing filter is designed tc reduce the undershools from the finite pole tips of a thin-film

head, or to reduce the bumgs from the secondary gap of a single or double-sided MIG haad. Other uses

may also be pessible. in the frequency domain the fiter acts to smooth out the undulation caused by the
| "Head Bumps®, hence tha nama “Spectrum Smoothing Filter”.

Figure 4.7-3 shows the structure of the Spectrum Smoothing Filter. The two dalays SD1 and SD2 and the
four coefficients SC1, SC2, SC3, and SC4 ame independently programmabie. The delays may be prc-

{ grammed from Q to 23 channei bit intervals. The entire Spectrum Smoothing filler or fust its pracursor-
correcting portion {SC1, SC2, and SD1) can be dsabied.

LR EE T
GO CD COMCD,

b § Y ki b 4
1 . 4
| S———Y

Figure 4.7-3  Spectrum Smoothing Filter Structure
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4.8 SofTarget™ Sequence Detector

Partial responsa Is a communications and recording technique used to recover, 8s mich as Is practical,
the loss associated with intarsymbol interference {ISI). Partial response models for magnatic recording
channels are typically defined by potynomials of the form

(1-0)(1+D)N

where D represents a unit detay. The {1 - D) factor rapresents differentiation by the transducer and the
{1 + DN factor defines the Intersymbol interference. N would be zem for 8 recording channe! withou! in-
tersymbat interference. N is one for Partial Responsa Class [V (PR4) and two for Extended Partial Re-
sponse Class [V (EPR4). Higher onders of (1 + D) are also possible. The expansion of (1 + DN defines
the sampie points of an isolated puise. Note that when N is even there is a sample at the center of the
isolated pulse and that when N is-odd all sampies are on the sides ol tha Isolated pulse.

Table 4.8-1
AR
0 (1.0 Dicoce gt1c
1 {(1-D}{1+0) PR« ct11¢
2 (1-D} (1= DF EPR4 0121120
3 (1-01(1-0}3 EEPR4 0311130

{1+ D) (85D« 0F D) SofTarge™ [0 ab 1cO

We can (aks a more general view of the polynomial by varying coefficients. For example.
replace the side coefficients of [1/2 1 1/2] with K to obtain [K 1 K]. As K vares from 0 10 1/2, the re-
sponse changes from thal associated with the polynomial (1 - D) to that associated with (1 - D)(1 « D).
The corresponding time and frequency responses are shown in Figure 4.8-1 and Figure 4.8-2, respectve-
ky. Similarty, replace the side coefficients of [1/3 11 1/3] with K to obtain [K 1 1 K]. As K varies irom 0
to 1/3, the response changes {rom that associated with the potynomial (1 - D)(1 + D} to that assoaatec
with (1 - D}(1 « D}3. The corresponding time and frequency respanses are shown In Figure 4.8-3 ang
Figure 4.8-4, respectively. We need not equalize sirictly to a target definad by (1 - D)1 + D)N; a pulse
shape in between may be a better match to & particular channel. Additional variability of the coefficen:s
can accommodate asymmetric pulses, randering phase equalization unnecessary.

Al significant user densities, the signal-lo-noise ratio required {or SofTarge(™ Sequence Detector to pro-
duce a given error rale Is generally severai dB lower than that required for digital peak detecucn.
Figure 4.8-5 shows repraesentative bit eror rates achieved by the Cirrus Logic SofTarget™ detector pro-
grammed for EEPR4 and a digital peak detector as a function of signal-to-noise ratio. Alsg shown is the
performance of sach detector with and without the Spectrum Smoothing Filtar {S5F).
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Figure 4.8-5

Figure 4.8-6 shows the SofTarge!™ Sequence Detector, which reconstructs the channel-bit stream from
the analog- and digitally-equalized samples not on a bit-by-bit basis from each sample in turn but rather
with regardg to both the cument sample and the surrounding sequence of samples according o & decision
rule which produces near maximum likelihocd detection performance. The detaction algonthm deter
mines the best saquenca of ALL 1's and 0's comesponding to the pattem of samplas.

gou;LLzso gk"r A
AMPLES COMPUTE SELECT PATH SELECT
it BATH SURVIVOR FINAL [
5 METRICS PATH MEMORY PATH ]

Figure 4.8-6 SofTarget™ Saquence Detector

The SofTarget™ Sequence Detactor can be programmad to operate on any channs! responsa which can
be well represented by sequances of the form [ab 1 ¢l Center-sampled puises nominally have
a <b = ¢« 1; side-sampled pulses nominally have a< 1, b= 1, and ¢ < 1. Pulse asymmetry is accom-
modated by specifying a # 0 and b # ¢ for center-samplad puises, a # ¢ and/or b # 1 {or side-sampled
buises. Using the Channet Quality circuil, & procedurs is provided wheraby the microcontroller may adact
the detector sample levels. The intent of this feaiure is to aliow the microcontrolier to find the best detecicr
sampig level sels (those which produce the minimum error rate) ior each disk driva, head. and zone.
Since parameter optimization is a slow procass, # is done only dunng manufaciuring test and dunng idle
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The state machine model for the SofTarget™ partial respanse detector Is shawn In Figure 4.8-7. Note that
the mode! embodies several kinds of information. First, the isolated puise sampie values a, b, 1, and c are
included. Second, the aitemating polarity of pulses is enforced. Third, the minimum run-length constraint
of d=1 is enforced.

Figure 4.8-7

To program the SofTarget™ detector for PR4, seta=0,b= 1, andc = 0. For EPR4 seta =0, b= 0.5, and
¢ = 0.5. For EEPR4 one would set a = 1/3, b = 1, and ¢ = 1/3, although the implementation requires tha!
1/3 ba approximated by 5/16 or 6/18.

4.9 Synchronization Mark Detector

Tha error-tolerant synchronization strategy implemented in the CL-SH4400 Is designed to achievs a level
of error wlerance for the synchronizancn function equal to that achieved for the data field by the combi-
nation of the SofTarget™ Sequence Dalecior in the CL-SH4400 and the arror-correction code implement-
ed in the Disk Coentrailer. This strategy employs an error-tolerant Synchronization Mark pattem which is
selected for minimum cross-correlation with the preamble and for minimum auto-correlation. The length
of the emor-lolerant Synchronization Mark and the numbar of four-channel-bit groups which must be de-
tected are programmabie.

| When Read Gate is asserted, the CL-SH4400 begins to emit all snes on the NRZ Data interface. When
the CL-SH4400 enters tracking mode as specified by the Acquisition Length, it begins to attemnpt to detec
the Synchronization Mark Threshold. When the Synchronization Mark Threshoid is met, the CL-SHCC

| asserts Sync Byte Detected and emuts g single hex *FC* byta over the NRZ Data interlace, followed =y
decodad data bits. Windowing 6! the datection of the Synchronization Mark is parormed in the Disk Con-
trolter using the known length of tha preamble and Synchronization Mark.

The Synchronization Mark Recavery procadura may be used (o recover data when a severe defect has
destroyed the entire Synchronization Mark. To use this moda, the Disk Controller asserts the Sequence’
Qutput signal before Read Gate. The CL-SH4400 first goes through a nommal gain and timing acguisiticn
procedure while counting channei bits. The Synchronization Mark is assumed {0 have been detected -
when the count matches tha Synchronization Mark Recovery Count. By varying the Synchronization Mark
Recovery Count, the microcontroller can vary the assumed starting point of a header or data area unt!
the correct starting point is tried, whersupon the secior will be recovered if them is no other arror beyond
the capability of the eror correction coda in the Disk Controlier. A conservative strategy to limit the prot-
ability of miscorrection would be fo limit arror corection to a single burst when the Synchronization Mark
Recovery procedure Is used.
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4.8.1 Synchronization Mark Pattern

The RLL-bit pattem of the error-tolarant Synchronization Mark is programmed by the user In ths Synchro-
| nization Mark Pattem registers. Cirrus Logic recommends the pattems shown in Table 4.9-1.

Table 4.3-1 Recommended Synchronization Mark Patterns

Acquisition Synchronization Mark Pattern

I pattam 47 0
1010..... 10070010 100011001 0G010001 01010010 10000100 10101010
100100...... TBD
10001000... | TBD

| When the Synchronization Mark Length is programmed for one, two, or three NRZ bytes, the first twelve,
twenty-four, or thirty-six bits, respectively, of the patiern are used. When the Synchronization Mark Lengin
Is programmed for ane, two, three, or four bytes, the Synchronization Mark Threshold should be pro-
grammed {0 require emor-ires detection of three, four, six, or eight four-channel-bit groups, respactiveiy.
In nomnal operation.

4.10 RLL EncoderfMacodar

Ouring Writa operations, NRZ cata bits are input from the Disk Controfier and encodad according 1o the
rules of a rata 2/3 ALL {1,7) coge. The encoded ALL channsl bits are then transmitted two at a tme o the
VME400 lor write precompensaton and transmission (o tha write head.

During Read operations, channel bits are output from the SofT, arget™ Sequance Detector and decodes
© accoing to the rules of the ALL {1 .7} code. The decodad NRZ bits are then output to tha Disk Controlier.

The RLL (1,7) code is ancoded using one data-word iook-ahead and one channel-bit loak-back, and is

decoded using one channel-word look-ahead, Table 4.10-1 shows the encoda/decode mapping: x means

the complement of the praceding channal bil. The maximum length of an NRZ error burst caused by a
| single RLL drop-out, drop-in, or bit-shift error is fivea NRZ tits.

Tabie 4.10-1  RLL {1,7) Encoda/Decode Mapping

NRZ ALL

0C 010

10 xC1

11 x00

0100 010001
0101 010000
0110 x00001
o111 x00000 ]
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- 4.10.1 Data Randomizer

The RLL Encoder/Decoder also includes a Data Randomizer which processas unencoded user data to
ensure hat channel bit pattems with worst-case pattam sensitivity ocour no more fraquently than would
be expecied from random user data. The Data Randomizer empioys two inear feedback shift registers
{LFSR's). One generates a 83-bit sequence which is EXCLUSIVE-OR-ed against the M58 of each pair
of data bits. The other generates a 127-bit sequance which is EXCLUSIVE-OR-ad against the LSB of
each pair of data bits. The combination of the two LFSR’s generates a 8001-bit sequence. The Data Ran-
domizer does not affect aror propagation. When the Data Randomizer is enabied, the probability of en-
caunterng any specific pattem of length n channel bits at a randomiy saelectad location within encoded
gata is approximately 1/20.

During both read and write operations Saquencar Qutput must be deassarted over user data and asseried
over haaders.

4.11 Polnter Genaraticn

Nomnally, NRZ data bits are transmitled over the NRZ bus. When erasure pointer generation is activates,
erasure pointer bits are transmitied, Erasure pointer bits ara generaled by the detection of @ maximum
run-length censiraint violaticn in the RLL Decoder. An erasure pointer bit In a given byte could indicats
the existence of an error in that byte, a previous byte, or 3 foliowing byte. Whan the Channal Quality Mode
bit is set and the Channe! Qualty input source bits are *Oxx”, threshold pointer bits are transmitted.
Threshald pointer bits are generated by the detection an input sample which differs from its nominal value
by maors than the Channe! Quality Threshold,

4.12 Channel Quallty

The nature and quality of the channel comprising the head/disk interface, preamp, tunable active filter,
ADC, and digital equalizer can be measured with the Channe! Quality circult, which is provided so that the
variable channel parameters (e.g. analeg and digital equalization parameters, gain and liming set points,
gain control and timing recovery coefficients, and detector levels) may be adjusted to provide the lowes!
possible error rate. The Channel Quality circultis a very powerlul and flexible measurament tool, providing
fiumerous options to facilitate ditferant kinds of measurements of the channel. By selecting approprate
options it is possible io measure mean squared eror {MSE), determine equalized pulse shape, charac-
terize asymmetnes between positive and negative pulses, perdorm margin testing, scan the media for de-
fects, measure DC offset, and measure the perfarmance of the Gain Control and Tuning Recovery loss
and tha zern phase restarl. Many of these measuraments require that the sequance thal was wniten L
the medium be known as the sequence is read. This is accomplished by blocking data input to the CL-
$H4400 during a Channet Quality write and generating the written sequence entirely within the Data Ran-
domizer. Then on Channel Quality read, the same sequence can be generated and used in controlling the
Channe! Quatity circuit. Channel Quality measuraments may be made using either a pseudo-random data
sequence Or a programmable two-byle repeating pantem by leaving feedback within the Dala Randomzer
anabled or disabled, respectvely. '

For detailed informalion on the use of the Channe! Quallty circult In its various modes, consult CL-SH4400
Application Nota xx. ’
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413 Path Deiays
4.13.1 Write Path Delay
The path deiay for the Baacon during a write is given in Table 4.13-1

Table 4.13-1
From To Delay in CRRCLK's
NRZ<1:0» §| ENDAT<1:0> T80

4.13.2 Read Path Delay
The path delays for the Beacon during a read are givan in Tabis 4.13-1 with parametars of Path Memory

Table 4.13-1
From To ouL g0t pse | RocLKs
ORD<S:0» | FCTLcd:0» TBOD
DRD<S:0» | VAAC<&0» T8D
ORD<S:0> | NRZ<Y:0» 8  Owadisd Enebled T80
DRO«S:0» | NRZ<1:0» 12 Osadbled Ensdisd 180
ORD<5:0> | NRZ<1> 12 2 Enadled T8O
DRO<S:0» | NRZ<1:0» 1?2 F Cwabled T8O

Langth (PML), Spectrum Smoothing Delay 1 (SD1) and Pulse Shaping Filter (PSF).
4.14 Control intarface

When the microcontrolier accesses any of the VMB400 Registers, the CL-SH4400 asserts SER_ENA Enc
tha register address and data bits are lransfamed between the CL-SH4400 and the VMB400 ovar the EN-
DAT bus. Raler to the Elactrical Specification for detalls.

4.15 Powar Managaement

Deassartion of the Enable input disables afl data and clock input recaivers. Wiiting ‘0’ o the Power Man-
agement Made bit disables all non-microcontrolier data and clock receivers, Deassertion of the Read gate
input disables the RDCLK input recaiver, thereby disabling all read ciscuitry. Deassertion of the Write Gate
Input disables the WRCLK input receiver, thereby disabling afl write circuitry.



PR RPH. = ST
atmsetibems

WO 94718670 PCTIUSI4/01084

-- 5§ -
CL-SH4400 —_—
Sampled Amplitude Digital RIW Chasnnel =="CIRRUS LOGIC

5. OPERATIONAL DESCRIPTION

5.1 Calibration

The sampled-amplitude channel technology empioyed in the CL-SH440(/VME400 chip-set makes # pos-
sibie to Implement highly calibrated channeis. These channels are calibrated in manufacturing and during
idle times and therelore accommodate greatar variation in head/media paramaters.

In a CL-SHA4DD/VMB400 implementation, many equaliization and delection parameters are under user
control. Thase include:

ln YME400

+ Tunable Filter Cutof!
« Tunable Filter Boost
» Zero Phasa Start Delay
+  Wiita Precompansation Dalay
*  V(GA Coarse Gain
-GH44

*  Gain Set Point

= Tuning Set Paint

»  Gain Controd Loop Coefficients

+  Timing Recovery Loop Coafficients
+ Digital Equalizer Paramatars

« Center/Sida Sampiing

« Detector Levels

* Transition Detector Thrashold

There are many possible tradeofis; tha user decides which parameters are fixed during development,
which ara (0 be calibrated during manufacturing, which are to be re-calibrated during Idle times, and which
are to be varied during retries. Note that a diffierent set ol parameters, inciuding the choice of center sam-
pling vs. side sampling, may be used for each head and zone on a given dave. Note alsg that diferent
sets of parametars may be used within a zone; zones dafined by changes in data rate need not care-
spond with zones definad by parameter changes.
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6. REGISTER DESCRIPTIONS

6.1

0CH Control/Status Register

Bit7

Chip Reset: Assertion of this bit piaces the CL-SH4400 in a reset state, deassans all cantrzl
outputs and tri-states alf bi-directional signais. The CL-SH4400 should be programmed before
this bit is written with zaro.

8it 8

Power Management Mode:
0: Power-down Mode
1: Operational Mogs

gits

Reserved

Bit 4

Clock In to Seriat Clock Ratio: These bits specify the divider used [o generate Sena! Cizcx
from Clock in.

0: One

1: Two

Bit 3

Ready Enable (Write)/Serial interface Busy (Read):

0: When written with a zero Ready is Disabled. This bit Is read as 0’ when a Seria! Centrzi
interface access s allowed. After a Serial Control Interface operation is (nitiated, tus bit is
read as "1 untl the operation is completed. After a Serial Control Interface raad operaticn 1s
completed, the microcontrofier obtaing the data bits translerrad from the VM6400 by reading
any VMB400 Mapped Ragister, which will initiate another Sarial Control interface read oper-
ation.

1: When written with & one Ready is Enabled. This bit is read as *1'. The CL-SH4400 deassearts
RDY/DTACK® during Serial Control Interfaca accesses of VME400 registers. The deasser-
ton of RDY/DTACK® during 2 Serial Control Intarface write operation forcas the microcon-
troller t0 wait until the data bils have been transfarred to the VMB400. The deasserucn cf
RDY/DTACK during a Seral Control Inlerface read operation forces the microcontrotler tc
wail until the data bits have bean transterred from tha VMS400 and presented on the micro-
controtier data bus.

Gain Control Register Saturation (Read only): This tit is set If the Gain Conltrol regisier sa!
urates. It is reset when the control status registar is writtan,

Acquisition Timing Recovery Register Saturation (Read only): This bitis set f e Accuis.-
ton Timing Recovery register saturates. It is resel whan the control status ragister Is wniten.

Tracking Timing Recovery Register Saturation (Read only): This bit is sat if the Tmciung
Timing Recovery ragister saturates. i is rese! when the controi stafus register is written,
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6.2 01H NRZ Control
Bit7  Read/Write Gate Polarity Select:
0: RG/RG" and WG/WG* am positive-true,
1: RG/RG" and WG/WG" are negative
| &g Endec Bypass:
0: Normal oparation. ]
| 1: The ALL EncoderDecoder is bypassed. Bits on the NRZ interface are treated as ALL bits
which are passed directy ta the VME400 during write operations and directly from the Viterz
Sequence Detector or Transition detector during read operations. Gain Control, _szm;
Racovery, and the Viterbi Sequence Detector will operate propery only if the RLL bits can-
form 1o & minimum run-length constraint of one. F3CLK must be & full channel-rate cacx
when the NRZ Made select bits are ‘00", a one-half channel-rate clock otharwise.
8il 5 Oata Randomizer Feedback Disabie:
0: Data Randomizer leadback is enabled. . _
1: Data Randomizer feedback is disabled; the initial contents of the DataRandomizer consalute
a two NRZ-byle rapeated pattemn. This bit should be sel only when the Channel Quality
Moda bit is sal.
Bit4 Data Randomizxer Load Enable:
0: initialize Data Randomizer tg zero.
1: Initialize Data Randomizer to Data Randomizer Seed.
Bit3  NRZ Parity Mode: This bit is meaningful only if the Eight-bit NRZ Mods Is selectec.
0: Even NRZ parity is generated and, if NRZ Parity Enable is sal, checkad.
1: Odd NRZ parity is generated and, if NRZ Parity Enable is set, checked.
8it2 NRZ Perity Enable: This bit is meaningful only Hf the Eight-Bit NRZ mode is selected.
0: NRZ Panty is not checked.
1: NRZ Parity is checked.
Bits 1-0 NRZ Mode Select:

00: One-bil NRZ Moda is used.
01: Two-bit NRZ Moda is used.
10: Eight-bit NRZ Mode is used.
11: Resarvad




WO 94/18670

!

|
s

o———

PCT/US94/01084

CL-5H4400
Sampled Amplitude Digital RIW Channel

024 Synchronization Mark Contral

Preambie Pattern Select
o0 1010...
01: 100100 ...

. 10: 10001000.. ..

11: Reserved

Bits5-4

Synchronization Mark Length: These bits specify the iength of the Synchronization Marx.
00: One NRZ byte {tweive channal bits).

01: Two NRZ bytes {twenty-four channei bits).

10: Three NRZ bytes (thirty-six channel its).

11 Four NRZ bytes {forty-eight channel bits).

Bits 3-0

Synchronization Mark Threshold: Thess bits specity one less than the number of four-cnan-
nel-bit groups In tha Synchronization Mark Pattemn which must be detected withouwt errsr in
order 1o detect the Synchronization Mark. Rangs is O to three tmes the Synchronzalisn Mark
Langth minus one. Recommended values are 2//5/8 for a 1/2/3/4 NRZ-byle Synchronizaton
Mark,

03H Synchronization Mark Recovery Count

Bit7

MUX4 Control: This bit controls the output of MUX4.
0: Qutput of Saquence Datactor.
1: Cuiput of Transhion Deatector.

8its §-0

Synchronization Mark Recovery Count: These bits specily the numbar of channel-drt pen-
ods to wait alter the end of acquisition before assuming that the Synchronizaton Mark has
been detscted and beginning to decoda data. This is done only if Sequencar Out was assened
belore the leading edge of Read Gate.

6.5

04H-03H Synchronization Mark Pattern 1-6

Bits 7-0

Synchronization Mark Pattam Bits:

Appiicable to
0gH 70 47-40 4 NRZ bytes
08H 74 38-36 4 NRZ bytes
08H 30 35-32 3 or 4 NRZ bytes
o 74 31-24 3or4 NRZ tytas
064 70 2316 2.3, 0r 4 NRZ bytes
O5H 74 15-12 2, 3. or 4 NRZ bytes
OSH 390 11-8 All

04H 70 7-0 All
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. 10. ORDERING INFORMATION

CL~ SH3300~40 VC - A
Cirrus Logic, tnc.]_ ]— -LRwisbn'

Mazs Storage Ternperatize Range:
C « Commarcial

Sv Part Nrbie!  cvendd

Package Type: V
Data Rate: ackage Type: VOFP

40 MHz

CL-SH3303-32VC-A
Cirrus Logic, Inc.:r j— ' I_Rcvision '

Masz Storage Temperature Range:

G = Coavnercial

3.3v Part Numbe! e

Package Typs: VOFP
Duta Rate: e type

32 Mz
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FEATURES

Channe! Fiexibility

+ The CL-SH4400 provides the digital cora of a
highly flexibie, high-performance sampled-am-
plitude read/write channel al channe! rates up
to 86 MHz.

Compiete RLL Detactor

*+  Rate 2/3 RLL (1,7) recording code

+ Programmable digital equalization

+ Programmable SofTarget™ sequencs detec-
tion

« Digital gain control

« Digital iming recaovery

Error Tolerance

+ Ermor-tolerant synchroaization

« Channel guality circuitry for error rta testing
and filtar/detector calibration

« Erasura pointar generation
Head Support
+  Monalithic, compasite, thin-film, MIG and MR

NI
A ——
a—————————

0l9

=== CIRRUS LOGIC

Sampled Amplitude
Digital R/W Channel

OVERVIEW

The CL-SH4400 Samplad-Amplitude Digital Chan-
neal is & VLS! componean! designed (0 wark wath a
companion analeg part and a Oisk Controtler 12
provide the majority of drive and controiler harg-
warg necessary to build a state-ol-ihe-an, high-
dansity, magnetic disk drive. The CL-5H44CC im-
plements the digital poruon of a sampled-ampli-
tudae read/write channel employing advanced par-
tial response polynomials and SofTarge!™
sequence datecton technology. It suppors data
ratas up to 64 Mb/s.

Functional Biock Diagram
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6.10  12H Tracking Gain Set Point
Bits 7-6 Transition Threshoid Bits 3-2; These bdits specify the two most-signiticant bits of the four-bit
l Transition Threshold (V) used to qualify transitions during tracking. Rangs is 0 to +15/186.
8its 5-0 Tracking Gain Set Point; These bits spacify the valus (g} used in computing gain errors dur-
ing tracking. Rangea is 0 to +63/16.
§.11 13H Gain Control Coefficiant
8.12

Bits 7-4 Acquisition Gain Control Coefficient Thesa bits determine the value of the coeflicent (cga)

usaed by tha Gain Control compensation loop during acquisition. Those values marked with *
are likely to be useful only in side sampied mode. Those values marked with ™ are not recom-
mended o be used in side sampled mode.

0000: Reserved  0100: Reserved  1000: 1/16 1100 14
0001: Resarved  0101: Resarved 1001 332 1101 I8~
C010: Resarved 0110; 1732 1010: /8 1110 127
0011: Reservad  0111: Y/64° 1011: 318 1111: Resarvad

Bits 3-0

Tracking Gain Contral Coefficient: Thess bits determune the value of the coefficient (cgt)
used by the Gain Control compensation loop during tracking. Those values markad with © are
likely to be useful only In side sampied mode. Those values marked with ™ ars not recom-
manded to be used in side sampled mode.

o000 O 0100: 1/64 1000: /18 1100: Resarved
0001: 0 0101: ¥128 1001: 32~ 1101: Ressrvad
0010: 1128° 0110: 1/32 1010 8~ 1110: Reserved
0011; /258 0111: 64 1011: Reserved  1111: Rasarved

€.13

14H ACQ Timing Set Poln¥Coafficiant 1

8its 7-5

Acquisition Timing Recovery Coefficient: These tits detarmina the value of coethiciant 1
{c1,) usad by the Timing Recovery compensation ioop during acquisition.

000: Reservad 100: 1/8

001: Reserved 101: I8

01Q. /18 110 144

011 332 111: 3B

Bits 4-0

Acquisition Timing Set Point: Thesa bits specity the vaue (i) usad In computng phase
enors during acquisition. Range is -1 to +15/186,
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€.14  15H TRK Timing Set PoinyCoaetficient 1
Bits 7-5 Tracking Timing Recovery Coefficient 1: Thess bits determine the vajue of coefficient 1 (c,)
used by the Timing Recovery compansation loap during tracking.
000: 132 100: V8
001: 364 101: J16
010: 118 110 14
011: 3232 111: 38
Bit4 Sample Phase Mode: .
O: Generale samples for a centar-sampled pulse, L.e. # < b= ¢ < 1; timing Is recoverad using
adjacent-but-one samples. )
1: Generate samples for & side-sampled puisa L.e, a = ¢ < b~ 1; timing Is racovered using adja-
cant samples.
Bits 3-0 Tracking Timing Set Point: These bits specity the valua {4) used in computing phase enors
during tracking. Range is -1/2 to +7/16.
6.15 16H ﬁmlng Recovery Coefficient 2
8its 7-4 Acquisition Timing Recovery Coefficient 2: These bits determine the value ol coefficien! 2
{Ca4} used by the Tuning Recovery camgpensation loap during acquisition.
0000 1512 0100: 1/128 1000: 1732 110Q; Resarved
0001: /1024 0101: 37258 1001: ¥64 1101: Reserved
0010 /256 0110: 1/64 1010: 1/16 1110: Reserved
0ot11: 512 0111 3128 1011 332 1111: Reserved
Bits 3-0 Tracking Timing Recovery Coefficient 2: Thesa bils determine the value of coefiicient 2 ()

used by the Timing Recovery compansation loop dunng tracking.

0000: 14096 0100: 151024 1000: 17256 1100: Resarved
0001; 38182 0101: 32048 1001: 3512 1101: Reserved
0010: 172048 0110: 1/512 1010: 1/128 1110: Reserved
0011: 3/4096 D119 C24 1011: 37258 1111: Resarved
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§.18 17H Pulse Shaping Cosfficients
Bit?7 Spectrum Smoothing Coefficients 3&4 Sign:
0: SC3 and SC4 am positive # nonzero.
1: 5C3 and SC4 are negative if nonzero
8ite Spectrum Smoothing Coetficients 142 Sign:
0: SC1 ant 5C2 are positive if nonzero.
1: 8C1 and SC2 ara negative if nonzam
8itS Acquisition Transition Detection Option: L
0: Condition {3a} in Table 4.4-1 is used during center sampled acquisition.
1: Condition (3b) in Table 4.4-1 s used during center sampled acquisition.
Bits 4-3 Pulse Shaping Coefficiant 2 (PC2):
00: Resarvad
01: V4
1001
11: 54
Bits 2-0 Pulse Shaping Coefficient 1 {PC1):
0o O 100: Reserved
001: 1118 10 -6

010: +/8 110: <1/8
011 +4/4 111: -1/4
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When SC1 = SC2 = 00", the precursor-correcting portion of the fiiter is dicabled and the pipeline delay of
the Spectrum Smoothing filter is minimized. When SC3 = SC4 = *00°, the postcursor-corracting portion
of the filter Is disabled. The sign of SC1 and SC2 is determined by Spectrum Smoothing Coefficients 182
Sign. The sign of SC3 and SC4 is determined by Spectrum Smoothing Coefficiants 344 Sign.

Bits 7-6 Spectrum Smoothing Coefficient 4 (SC4):

o0

01: £1/32

10: 21418

11: Resawved

Bits 5-4

Spectrum Smoothing Coetficient 3 (SC3):

00: 0
01: 21732

10: 21/16

11: Resarvad

Bits 3-2

Spectrum Smoothing Coetficiant 2 (SC2):

00: 0

01: 21732

10 21/18

11: Reserved

Bits 1-0

Spectrum Smoothing Coefficient 1 (SC1):

00: 0
012132
10: 21716

11: Reserved

6.18

19H Spectrum Smoothing Delays

Bits 7-4

Spectrum Smoothing Delay 2: Range is 010 15. SD2 is equal to the value programmed here
plus eight additional bits of delay if the Additional Spectrum Smoothing Delay 2 Enable bilis

sal.

8its 3-0

Spectrum Smoothing Delay 1: Range is 0 to 15. SD1is eqdal to the value programmed h_er_e
plus eight additional bits of delay i the Additional Spectrum Smoothing Delay 1 Enable bit is

set.




WO 94/18670 PCT/USS4/61084

N CL-SH4400
"‘..""’""....--—-""CIRRUS LOGIC Sampled Amplitude Digital RIW Channel

§.19 1AH Lock-To-Referance Control

Bit?7 Lock-To-Reference Enable:
0: Nomal Operation.
1: Lock-To-Reference Mode is enabled.

{ Brb Erasure Pointer Enable;
0: Normali operation; data bits ars output on NRZ bus.
1: Erasure pointers ars output on NRZ bus.

Bits Additianal Spectrum Smoothing Delay 2 Enable:
0: Normal Operation.
i 1: 5D2 is increased by eight additional bits of delay.

Bit4  Additional Spectrum Smoothing Delay 1 Enable:
0: Normal Operation.
{ 1: SD1 is increased by eight additional bits of delay.

Bits 3-0 Lock-To-Reference Coefficient: These bits delermine the vaiue of coefficient 2 (cpg) used by
the Timing Recavery compensation loop during lock-to-raference.

0000: 1/512 0100: 1/128 1000: W3R 1100 178
0001: 31024 0101: 3258 1001: 3764 1101: 1B
0010: 17256 0110: /64 1010: 1116 1110 174
i ot 3512 0111: 3nas 1011 32 1111 38

6.20 18H Datector Laveisa & ©

Bits 7-4 Detector Level ¢: These bits specity the last sample valus (c) for a nominal pulse. Supported
range is O to «12/16.

Bits 30 Detector Level 8: Thase bits specify the first sampie vaius {a) for & nominal pulse. Supporied
range is 0 to «&/18.




WO 94/18670

CL-SH4400
Sampled Amplitude Digital RI'W Channel

PCTUS94/01084

H

§
Gy
A1

]

H

J

|
g
;

s ——

6.21

1CH Detector Level bYMUX Controi Registar

Ba7

MUX3 Control: This bit coatrols the output of MUX3 during tracking; during acquisition, MUX3

selscts raw input samples.

0: Raw input samples. .

1: Delayed or Pulse Shaping Filtered Input samplas, as controlled by the MUX1 Control and
MUX2 Control bits.

Bits

MUX2 Controi: This bit controls the output of MUX2. Note that the cutput of MUX2 15 nct used
during acquisition.

0: Puise Shaping Fiiterad input samples.

1: Delayed input samples.

Bits

MUX1 Control: This bit controls the output of MUX 1. Nota that the outpul of MUX1 is not uses
durning acquisition.

0: Pulse Shaping Filtered input samples.

1: Delayed input sampies.

Bits 4-0

Betector Level b: Thessa bits specify the second sample value (b} for a nominal pulse. Suz-
ponad range is 0 to +24/16.

10H Gain Control Loop Reglistar

8its 7-0

Gain Control Locp Register: Tha value read and watien hare is the eighi mosl-signifizant oits
of the Gain Control Loop ragister. Whan this regisier is wnnien, the ramaining dits of the Gan
Control Loop register are cleared.

8.23

1EH ACQ Timing Recovery Loop Register

Bis 740

Acquisition Timing Recovery Loop Register: The value reac anc wnien here s e eght
mast-significant bits of the Acquisition Timing Loop Recovery Loop register. When this regisier
Is writlen, tha remaining bits of the Acquisition Timing Recovery Loop reqister ara clearez.

6.24

1FH TRK Timing Recovery Loop Register

Bits 7-0

Tracking Timing Recovery Loop Register: The valua read and wnltten herg s tha eight most-
significant bits of the Tracking Timing Recovary Loop register. When this regisier is wrtten, the
remaining Dits of the Tracking Timing Recovery Loop regisier are ctearec. All bits of the Track-
ing Timing Recovery Loop register ara automatically cleared at the end of acquisiion,
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6.25 20H Channel Quality Control 1

jo8sit? Channel Quaiity Mode: When this bit is written with '1’, the Channe! Quality Count and Chan-
nai Quality Qutput registers are cieared.

0: Normai Operation.

1: Channet Quality Mode. During user data write operations, the NRZ sequence 10 be encaded
and written, after the Synchronization Mark, is generated in the Data Randomizer, NRZ
input from the Disk Controller is ignorad. During Read Operations, the Daia Rangomuzer
must be configured to generata the same sequencs.

Bit& Acquisition Quality Enable: .
Q: Data Quality Mode. The Channel Quality circuitry Is active from datection of the Synchroni-
| zaton Mark to the leading edge of Sequencer Qut.
1: Acguisition Quality Mode. The Channel Quality circuilry is active from the leading ecje ¢!
Read Gate to the end of Acquisition.

Bit 5 Channel Quality Test Mode: This bit must be ‘0’ for normal operation.

Bits 4-0 Channe! Quality Threshald: When the Channe! Quality input Source bits are “0xx”, these bits
specily the anor which must be exceedad in order for & sample {0 be counted. Range is 0 ¢
+31718.
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6.26  21H Channal Quality Control 2

Bit7 Odd Synchronization {Read Only):

0: The iast bit of the praviously-detected Synchronization Mark was detected during the secang

sampie of a pair of sampies.

1: The last bit of the previously-Gatected Synchronization Mark was detected during the firss

sample of a pair of samples.

Bits 6-4 Channe! Quality input Source: This bit controls what is countad or accumulated in the Chan-
ael Quality Qutput registers.

I 00C: Tha events whare the recaived bit does not compara to the expected bit are countec.

001: Samples which are less than their nominal vaiues by mars than the Channe Quatity
Threshold are counted.

010: Samples which ara greater than their nominal values by more than the Channe! Quality
Threshold are counted.

011: Samples which are less than their nominal values by more than the Channe! Quaiity
Threshold are counted and samples which are greater than thewr nominal values by mcre
than the Channel Quality Threshold ars counted.

100: Unsquared samples are accumulated.

101: Squared sample errors are accumulated.

110: Squared Timing arrors are accumulated.

111: Squared Gain errors are accumulated.

Bits 3-2 Header Detector Path Memory Length: These bits specify the lengm cf the path memery in
the Vitarbi Sequence Detecior over headers. Sequencer Qutput must be deasserted over user
cata and asserted over headers.

00: Six channe! bits

01: Twetve channal bits

10: Eighteen channal dits

11: Twenty-four channel bits

8its 1-0 Data Detector Path Memory Length: These bits soecify the length of the path memory in the

Viterbi Sequence Detector over user data. Sequencer Output must be deasserled over user
data and asserted over headers.

00: Six channel bits

01: Twelve channel bits

10: Eighteen channal bits

11. Twenty-four channel bits
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§27  22K-25H Channe! Quality Sample Control 1-4

These registers control which samples congibute o the Channel Quaiity Count and Channel
Quality Qutput registars. For further information, cansult CL-§H4400 Application Note xx.

Samols Begister 22H Register23H  Beqister24d  Bagister 284
0 befora +a 40 oQ 40 40
+a 41 40 40 08
+b 40 18 8A 00
1 78 o0 80 82
+& 60 02 61 04
0 after «¢ 60 04 40 00
0 before -a 80 00 40 40
-8 61 40 60 c8
- &0 18 4A (8.4}
-1 S8 00 40 a2
< 40 o7 41 04
0 aher¢ 40 04 80 o0
0 befora =a [+.9] 00 00 40
3 0t 40 00 08
& 00 18 oA 9.9}
%t 18 00 00 82
P 00 (74 01 04
0 after == 0o 04 oc 00

628  26H Channel Quallty Count LSB

Bus 7-0 Channel Quality Count LSB: This vaiue is the eight least-significant bits of the total number ol
samples which satisfied the critaria specified by the Channal Quality Sample Control ragisters
{ since tha Channe! Quality Mods bit was last writtan with '1",

62%  27H Channel Quality Count MSB

Bits 7-0 Channel Quality Count MSB: This value is the eight most-significant bits of the tolal number
of samples which satisfied the criteria specified by the Channet Quality Sampte Control regis-
} ters since the Channet Quality Mode bit was last written with 1",

630  28H Channe! Quality Output LSB

Bus 7-0 Channel Quality Output LSB: This valus is the aight least-significant tits of the Channel
Quality Output word counted or accumulated sinca the Channel Quality Mode bit was 1ast wril-
H tan with '1°.
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6.31

2SH Channal Quality Output MID

Bits 7-0

Channel Quality Output MID: This vajue is the second eight least-significant bits of the Chan.
nel Quality Qutput word counted or accumulated since the Channel Cuality Mods bit was last
written with *'1°,

6.32

2AH Channe! Quality Qutput MSB

| Bis7-0

Channel Quality Qutput MSS: This value is the eignt most-significant bits of the Channel
Quality Qutput word counted of accumulated since the Channel Quality Moda tut was last wri-
tan with ‘1°,

8.33

6.34

2EH Resarvad

2FH Ravislon Ragister

| Bits 7:0

Revision Code {Read only): For Rev. A parts “FFH" will ba read.

30H-3FH VME400 Mapped Registers

VMB400 Mapped Register:

When one of the addresses mapped 1o the VMB400 is wnttan, a Sertal Control Intertace write
operation is initiated in which the data to be written is latched from the microcontrolier data bus
and transmitted to the mapped register in the VM8400. I the Ready Enable bil has been wnien
with '1", the CL-SH4400 deassers RDY/DTACK" until the Senal Contro! write aperation is cor-
pieted. if the Ready Enable bit has been written with ‘0, the microcontroliar must wait unal tie
Ready Enable bit is read as 0’ bafore initiating another Serial Control Intarface operation.
When one of the addresses mapped to the VMB400 is read, a Sernal Contro! interface read
operation is initiated in which the data (o be read is transmittad {rom tha mapped register in the
VMEB40Q. f the Ready Enabla bit has been written with '1", the CL-SH4400 deassers RDY/
DTACK untif the Seral Controi read oparation for the mapped ragistar is completed and the
data bits are presented on the microcontroller cata bus. ! the Ready Enable bil has been wn!-
ten with '0’, the CL-SH4400 presents the data bits transierrad for the previous Serial Conuol
interface read operation on the microcontroller data bus and initiates a Serial Control Interface
read operation for the current mapped register. To obtain the data bits transferred for the cur-
rent mapped register. the microcontrolier must wait until the Ready Enable bil is read as '0" and
then read the same or another VME400 Mapped Registar.
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7.. PERFORMANCE SPECIFICATIONS

7.1  Gain Control
Acguisition Tima: 48 10 372) fig Typical: 48-84
Tracking Bandwidth: 0 7.5e3) kg

where [g is the sampling mate.

72 Timing Recovery
Acquisition Time: (481t0 372} At Typical: 84-108

Tracking Bangwidth:  (1e-3to 2.56-2) g

where g Is the sampling rate.
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8. INITIALIZATION CONDITIONS
8.1 Registers

When the RST" input is assarted the follawing register Is affecied. All athar registers remain either unde-

finad or as previously written,
Begistar Yaiys
00H 10xxbocx
8.2 Outputs

When the RST™ input Is asserted or tha Chip Reset bit is set the outputs are deasserted per the foliowing
table. If the entry does not have an 'x' entered in the column then that output is unaffected,

SER_ENA x X
ACQ X x
P _Cs X x
RGO X X
WGEO" X b 4
WPERR b3 X
s80 X X
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8. ELECTRICAL SPECIFICATIONS

8.1 Absoiute Maximum Ratings
Parametsr Miniznum Maximum Units
Artiant Targersturs Under Siss 0 7 °c
Storage Terrperwiurs 85 150 Sc
Votage On Any Pin Q.8 Veeesd.5 v
Power Dissipation <TBO> w
Pawer Supply Vokage 7.0 v

NOTE: Siresses above thosa fisted may cause parmanant damage 1o the device. This is & siress rating
only, and functional operation of the davica at these conditons, or any conditions outside those
indicated in the oparational sections of this spacification, i¢ not implied. Exposure to absochte
maximum rating conditions {or axtanded periods may affect davice reliability.

$2 DOC Characteristics

Symbol Parametar Minimum Maximum Units
Ve Supply High Vottage 45 55 v
Vo Otterernal input Volage I v
Va Input VoRage Range-Otterenual Inputs Veo? Vee0.5 v
Ve input Low VoRage Q.5 0.3 v
Vo Input MiIgh Voltage 20 Vere0.5 v
Vo Cutpus Low Vorage @10 w 2.0 mA 0.4 v
Vo Output High Voltage @ IOH = ~400 uA 24 v
e Suppty Current <TBO> mA
L inprst Leaxage Current -10 10 wA
Vo, VO Leskage Current -t0 10 wA
Cwe Input Capacance 10 of
Cour Cutput Capaciance 10 oF

NOTE: Al unused inptts must be tied to GND of Ve
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* 9.3 AC Characteristics
Uniess otherwise specified, the following timings assume that all cutputs will drive one Schottky TTL load
in parailel with 50 pF and all inputs are at TTL level. Tha Min. and Max, imings conform to the operating
ranges of power supply vottage (5V £10 percent) and ambiant tamperature (0 to 70 ° C). All clocks ame

80/40 percent maximum/minimum duty cycia. Rise and fall times should not exceed 3 ns.
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Symbol

Paramwter

Minimum Maximum Units

Trpwt

AST" puine wicth low

e ——=

932 Microcontrolier interface Timing Parametars

Symboi Paramater Minimum Maximum | Units
Te ALE witth 15 ns
Taw Address valid to Wil or DST 20 m
Tar Address vald 18 RO or DST 15 ™
Tao AD«<7:0> valid 1o A<?:0n 20 ns

Mulipiexad mode)
Tah RO T, WR'T or DS to Ac7:0% invaine 5 ns

(Nonmuttiplaxed Moda)
Tw WR* wiith 80 s
T RD® wicth 80 r
As Address valid 1 ALE + 5 L]
An ALEL 10 address invakid o na
Cs S imAp b wrrdorDs T o ™
cn RD* T.WR'Tor DS+ 105" T 5 na
Wes Wrrte data valnd to WR'T or DS & 20 e
Wan WR'T or DS+ to Write dxta inmveld 10 na
Tda RD* or DST 1o Read dute vasid 50 n
Ten AD"T or DSL 1o Read data invalia 10 r
Tax AD"T or DS to Reud dats undrven 15 s
Tos DS wen 80 e
Tan DSTw OTACK T 20 na
Torey ALE+ e RDY ¢ 30 ns
Tarw A_W vakdio DS T 20 ns
Thew 05+ 10 AW mvaid 20 ra

Note: T indicates rising sdge.d indicates fafling edge.

When I/MC* is high, the intel bus controf intertace Is selected, The timing diagrams in Sections
9.3.2.1 - §.3.2.4 depict register read and wrile oparations with this intarlace selectad.
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" When UMC" is low, the Motorola bus control interface is selected. The timing diagrams in Sactions 5.3.2.5
- 8.3.2.8 depict register read and write operations with this interface selected.

$.3.2.1 Register Read Operation in intel Multiplexed Mode

w_

As Ah T
AD<7:0> g j______.(
N
, Teo . Tz
AcTOn .
]
. e
cs \\ W
Tar Tda
Cs Ir
RD" “‘\ //Ch

1 Td
ROY 1 /
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§3:2.2 Register Read Operation in intel Nonmuttipiexed Moda

Ta
" ___JF::\‘\
Tan
AD<T:0> :
Tex
{ Tan
AcT0» )Q | 1
. "
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$.3.2.3 Register Write Operation in intel Multiplexed Mode
Ta '
e __/F:::\
As Ah Wds  Wdh
A'——.—-—-“L y, -—j._____.__—_
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T
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8324 Ragister Write Operation in intel Nonmuitiplexed Mode

Te ‘
s _—/F::\
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"8.3.2.5 Register Read Operstion in Motarala Multipiexed Mode

As | _An_, . Tdn
v T
1 ‘ Tz

Yoo
A<T:0> , 1
!

’ 4

bt 1
Terw e e Thew
R U

OTACK" \, l

| Note: if the DSH/L® input is ‘0" then the polarity of DS and AS is inverted.
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8.3.2.6 Register Read Operation in Motorols Nonmultiplexed Made

. Tdh
3
AD<7:0» {
Tdz
Tah
cse \\
Tar - Tcla
Ca Tds Ch
_r hatlh 1
as /V \\
Terw e Thrw
Rw :L_____
Toath

OTACK" N 1’

l Note: I the DSH/L® input is '0’ then the polarity of DS and AS is nvertad.
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8.3.2.7 Register Write Cparation in Motorols Hui:}plexed Mode

'™ Te
AS
_____/k—__—-\x
As | an Wds | wan
s 221 R R, g P jL—"—-——'—-
Te
AT 1
cs* N,
Taw
Cs Yde | Ch
i
s _/’ )
Tarw e Thrw
- N
Tdth

OTACK®

i Note: If the DSH/L" input is ‘0’ then the polarity of DS and AS Is Inverted.
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The CL-SH4400 Sampled-Amplitude Digltal Channel provides the digital core of a highty flexibla, high-
performance sampled-amplltude read/write shanne! which provides data rates up to 84 Mb/s. A compan-
lon anaiog par, the VMS400, impiements the frequency synthesizer, variabig gain ampiifiar, ming VFO,
tunable snalcg filter, analog-to-digital convertsr, write pracompensation, and servg demodulation func-
tons. The CL-SH4400/VME400 chip set supports hard-sectored magnetic disk drive applications employ-
ing embedded sarvo technigues and zone bit recorting. The functional partition of the CL-SH4400/
VMEL0Q chip set is shown In Figurs 1.

CL-SH4400
Sampled Amplitude Digital RTW Channel

|

VM6400 CL-SH4400
DIFFERENTIAL
READ OATA | QAN CONTROL VGA 4 DIGITAL GAIN CONTROL
wartnanseodfiuy ‘
TIMING RECOVERY VFO fagommmarls DIGITAL TIMING RECQVERY
N}
TURABLE ANALOG FILTER TRANSTTION DETECTOR
8-8IT A-TO-D CONVERTOR ,f PROG DIGITAL EQUALIZER
PROG SYNTHESIZER SEQUENGE CETECTOR
DIFFERENTIAL poT
WRITE DATA | WRITE PRECOMPENSATION -t RLL (1.7) ENDEC  aaar caned
B e | H i3]
SERVO DEMODULATOR CHANNEL QUALTY
8MHE DIFF ST WO
31T SAMPLES AR ors

Figure 1 CL-SH4400/VM6400Functional Partition

The CL-SH4400 provides digtal gain controd, iming recovery, squalization, sequence datsction, RLL
{1.7) encoding and decoding, arror-tolarant synchmnization, and channel quality measuremant. The high
degree of programmability of each of these functions allows the CL-SH4400 to support highly adaptive
channels taslored for each dnva, head, and zone.

The format of a typical sector containing ane embedded servo araa is shown in Figure 2. Dudng a
read(wnte) oparation, the Disk Controfler reads the offset of the servo area from the 0. It deasserts
Read(Write) Gate after the specified number of tytes have been processad and reasserts i alier a pro-
grammed number of bytes equal to the length of the sarva area. The VMB400 and extemal circultry read

d decade the sarvo bursts and servo data. Durng & read operalicn, the CL-SH4400 treezes s gan
control and iming recovery states while Read Gate is deassartad.

LWIMIOJWIMJWim{mulmjmez]meu [ e

}

Figure2 Typical Sactor Format
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ADVANTAGES
Benefits

-

Flexible architecture implements broad range of partial response polynomiais.

Provides significant implementation and performance benefits over conventional peak detaction.
RLL (1,7} coda raduces nonlinear sffects associated with closely-spacad transitions.
Programmable equalization, sampling, and detection altamatives provide optimum matzh to channel
characteristics and parmit implementation of adaptive channals.

SofTamet™ sequence detection accommodates a lower signal-io-noise mtio than hard threshoiding
of individual samples and aliows significant intersymbol interference without negative consequences.
Detector supports a broad class of partial response channels Including PR4 (1,7), EPR4 (1,7) anc
EERPR4 (1,7).

Error tolerance features support the higher soft amror rates and higher defect densities encountersd
at highar recording densites.

One/Two/Eight-bit NRZ Data interfaza connects to & broad range of Disk Controllers.

intefligent power management minimizes operational and idle powar consumption,

Key Features

One-bit, two-bit, or eight-bit NRZ Data interface

Rate /3 RLL {1,7) racording code

Digital Gain Controd

Digital Timing Recovery

Digital Equalizer

SofTarget™ Sequence Detector

Error-tolerant synchronization

Programmable gain, iming, equalization, sampiing, and detecaon attamatives
Channal quality circuit for filler/equalizer/datector calibration and emror rate esimaton
Erasure pointer generation

Suppert for monclithic, composite, thin-fim, MIG and magneto-resistive haad technologies.
intelligent power management
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8.3.2.8 Registar Write Operation in Motorols Nonmultiplexed Mode

As Wls Wan
AD<7:0> <" ">._...__........_.......
] Tah |
> X
AT J( 1
s -
Taw
Cs Tda ch |
Wt i
0s /‘/ \\
Terw e e o Thirw

L /l/v

Teith

OTACK” N\ 1‘

Note: it the DSH/L” input Is ‘0’ then the polarity of DS and AS is invertad.
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Symbai Parameter Minimum Maximum Units
T RACLX period 25(31) ns
TRIL RRCLX iow time o2 0.8V 10(12) ns
Tr2(H) RRCLX high time &2 2.0V 1{12) ns
Te, Tt RROLX rise and fall tine 3 ne
Os NRZ invalisto RRCLK T 5 ™~
on RACLK T 1o NRZ in invalid 5 ns
Ov RACLK T to NRZ out vahd s 18 ns

Note: T indicatas rising edge.+ indicates faling edge.

RRCILX

NRZ (Raad)
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Sampled Amplitude Digital
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CL-SH4460
R/W Channel

Symbal Pasrumeter Minimum Maximum Units
Tw WBCLX period 125 s
Twi WECLX low time 15 ns
Tt WBCLX high time 13 nt
Ds NRZ in setp to WBIIX T 20 ns
on WBCLX T to NRZ in hold 20 ns
Pv WBCLX T 1o WPERR valit 20 ns
Ph WBCLK + to WPERR hoid 20 ns
T NCILX penod a2 ns
™ NCLK low trme 20 ns
™ NCLX high teme 20 na
Tira NCLX to RECLX skew 5 5 ns
Te RBCLK periad 125 ns
Dv ABCIK T to NRZ valxd 5 20 ns
Tev RECLXK T to 580" valid § 20 ns

Nota:

T indicates nsing adge.  indicates falling edge.

™
NCLX l,_m
™
gt oo THru
WBCLX 4 \ /
Ov
NRZ<T:0,P»
Tev
80" \4\
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$.3.3.1 Disk Write Timing {One/Two Bit NRZ interface)
O T Tr
™7
RR o N\
K e’ 7 D]
NRZ (Write) _{l- D
Dnr Dh
8.3.3.2 Disk Write Timing (Eight Bit NRZ interface)
Yw
WBCLK Tod

Twh

I De Dh
NRZ<70.P>»
X J(
Pv L. P
WPERR L
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[ 934 VM6400 Interface Timing Parameters
input
Symbol Parameter Minimum Maximum Units
Tw WRRCLX period 20 ns
Twi WRACLX * iow trne 8 ns
Twhn WRRCLX® high ome 8 ns
T FICLK® penod 31 ns
™ F3CLX" sw trme 12 ns
Th FICLX" high tme 12 ns
Tr ROCLXPN pencg 20 ns
A1) RDCLXPN low tme ) ns
Trh ROCLKPMN high tere ] ns
Ds DRDPN setup time 3 ns
Oh DROPN hoki time 5 ne
Tw -
Twt , Twi
WRRCLK® /_—__L____J/_‘——_——\-————
hai
T ™
" N\ —
Tr
Teh ™
ROCLKP 4/_‘_————\~ Yy
Ds h 1..D0s on g
DRDP<§:0» £ .Qh k
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. Qutput
Symbol Parametsr Minimum Saximum Unitx
1 | Dev RADCLKP T to FCTINVGAG/ACK vasd 15 ns
i | Ow WRRCLKs + to ENDAT valid 15 as
ROCLKP
ey
FCTL<d:0>
or VGAC«<4: (>
ar ACQ
WRRCLX® / \
Dwy
ENDAT<1:0~ X
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815 Serial Controi Interface Timing Parameters
Symbol Parameter Minimum Maximum Units
{ Te CLXIN period 25 ns
1§ Tzt CLKIN low tme ] ns
{ Ter2{H} CLXIN high trme & ns
1t in SER_CLX period a0 n3
I Ta2{L) SER_CLK iow tyre 15 nx
1| T2 SER_CLK high time 15 ns
Ov SER_CIX T to SER_DAT vasd 15 ns
Ovz SEA_CLX T 1o SER_DAT undrven 20 na
Dxv SER_CLX Tio SER_DAT arwen Frool nz
O SER_DAT Tio SER_CLX setup tme 10 ns
i Oh SER_DAT Tt SER_CUK hold trrw 10 ns

8.3.5.1 Serial Control Timing

SER_DAT
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R - % - CAH Data Randomizer Seed LSB

Bits 70 Data Randomizer Seed LSB: These ara the eight least-significant bits of the Data Random-
izer sead.

8.7 0BH Data Randomizer Seed M5B

Bits 7-0 Data Randomizer Seed MSB: These are the eighl mest-significant bits of the Dala Ranzem-
izar seed,

6.8 1CH Acquisition Length

Bu? Puise Shape Compensation Disabla: This txt controis wnether the Gain Centrol and Timung
Recovery circuits use Detector Levels & b, and ¢ lo compensate for inlersymbol intererence.
This bil does not afiect the use of Detectar Laveis a, &, and ¢ by the SofTarget™ Seguence
Detector.

0: Pulss Shape Compensation is snabled.
1: Puise Shaps Compensation is disabled.

Bgil b Header Precursor 151 Compensation Disable: This tit conirols whether the Spec::\_;m

Smoothing Filtar compensates for precursor intersymbol interfarence during headers. Seding
i this bit has the effect ol forcing SD1 to zero when Sequencer Output is assarned: SC1 and sc2

are ignored and the pipeline delay ol the Spectrum Smoothing Filter is minimized. This may te

usefu! for decreasing tha delay between DRO input and NRZ output for headers, at the cos! ¢t

a small Increasa in arror rate.

0: Header Precursor 1581 Compensation is enabled

1. Header Precursar [St Compensation is disabled.

Bils 3-0 Acquisition Length: This value controls the duraton, in incraments of fouf channel-bit pen-
ods, of acquisition {or Galn Control and Timing Recovery. The minimum valua which shoulc be
wntten here is 12, which corresponcs (o 48 channel-bil penods. The maximum value which
should be written here should correspond to at least 12 channel-bit panods fess than the tolal
length of the preamble excluding the length of the Synchronization Mark. The total length ct the
preambie is determined by the Disk Controflar during write.

8.9 11H Acquisition Galn Sat Point

Bits 7-6 Transition Threshold Bits 1-0: These bits specify the two least-significant bits of the lour-3it
Transition Threshold (V} used to qualify transitions during tracking.

Bits 5-0 Acquisition Gain Set Paoint These bits specily the value {g,) used in computing gain erors

during acquisition. Range is 0 1o +83/16.
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CRAGLK s TSN sy IO s SRS S

L

FCTLS:0> ¥y TN

X sy X JFy 4 Lé]

Note:  F = Oirect path » Acquisition Tuning Recovery Loop Accurmuistor
Fy w Acquisain Timing Recovery Loop Accumutstor
Fy = Drect path + Tracking Timing Recovery Loop Accumuiator

8.3.6.4 Serial Control Write Register Operation

SER_ENA _ T

 ——

R S R R SR RN N SR NS ————
LU i C OO D C) CRCD CH CCE G D G,

apy 'Lal
(

I

oTAcK:

| S——N
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8.3.6.5 Serial Control Read Register Operation
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SER_ENA .

L S N I T 1 U O O 6 S
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10. GLOSSARY

Aliasing - The phenomenon wharaby energy at frsquencies above one-half the sampling rate appears as
enargy at fraquencies below cne-halt the sampling rata in a samplad signal.

Antialiasing Fliltar - A filter which attenuates signal energy above a fraquency of one-half the sampling
rate.

Autocorrelation Function - The integral 4{t) of the product of a funcion x(l) and x{t+:) eg
#(2} = Efx{t): x{1+7}}. For a binary sequence, this can be treated as the numbsr of bits matching between
two copies of a sequence as a function of the offset between the sequencas,

Calibration - The process whareby the analog and digital parametars of tha channel and the detecior are
matched for best perfcrmance.

Channel Constraint - A limitation placed on the sagquence of channel bits. For example, an BLL (d.k) chan-
nel constraint aniorces a minimum (d) and maximum (k) numper of coasecutive '0's betwaen "1's,

Channe! Quality - A measure of how well matchad are a channel and detactor,

Channel Code - A set of rules goveming the encoding of data bits to channel bits. Channel codes typically
enforee a minimum run-langth constrant (1o fimit non-linear effects) and/or a maximum ue-length con-
straint (o &aid In timing recavery).

Code Rate - The ratio of the numoaer of us in the data-bit stream to the numbar of bits In the channei-bit
stream. For an RLL {1,7) coda, the coda rats is 2/3.

Coding Gain - The product of the code rate and the munimum distance of the encoded sequences of a
code.

Convolution - The convolution y(k) of sequences u(k) and h(k) s given by
y{k) = X u(m) hi{k -m)

where the summation is over all m. When u(k) is the input (o a fitter whose impulse responsa is h{k), the
filker culput is the convolution y(k).

Correlation Function - The axpected value of the product of two random variablas, which may be scalars
OF VECIOrs.

Dicode - Anathar nama for Partial Response Class | {PR1),
Distanca - A measurs of the “dilfarancs’ batween two veclors.
Duobinary - The partial responsa channet cormesponding to the polynomial (1 + D).

Eror Propagation - The process wharein a channe! decodaer amits mora than ons srroneous data bit due
10 & single channel bit In error or more genarally a burst of erronaous data bits which Is langer. (alter ac-
counting for code rata) than the causanve channei-bit error burst.

Error Tolerant Synchronization Mark - A synchronization mark which can be datected in the presencs ol
arror with an acceptabls {atse detection probabllity.

PCTIUS94/G1684



WO 94/18670

PCT/USI4/01084
-- 8 -~
CL-SH4400 ]
Sampled Amplitude Digital RIW Channel ‘”‘——MCIRRUS LoaIc

Euclidean Distance - The sgquare root of the sum of the squares of the differences in each dimansion be-
tween two a-dimansional vectors.

Excess Bandwidth - Signal enargy passed by a filter at frequencies above one-halt the sampling rate.

Extendad Partial Response Class IV (EPR4) - The partial responsa channe! comesponding ta the payng-
migl {1 - D)1 + D2,

Extended Extendsd Partial Response Class IV (EEPRJ) - The partial response channel corespoading .
the polynomial {1 - D){1 + D},

Eye Diagram - A graphlcal reprasentation of the effects of intersymbo! Interference. 1t llustrates the rypizal
of maximum excursion of a signal from its ideal sample lavels at its ideal sampling instants. Itis imporant
1o note tha! Viterbi Sequence Detection is not dependant on the eye being open In the sams way L
sample-by-sample detection is.

Least-Mean-Squara Algorithm - A procedure used in adanting the coefficients of a digital filter in wruzn
tha gbjective is ta minimize the mean-squara anor of the filter oupul.

Maitched Filtar - A filter whosa impulse response is the time reversal of the channsl to which it is connex:-
ed.

Maximum A Paostarior Probability Sequenca Detaction (MAP) - A dacoding mathod in which the crannel
bit sequence emifted irom the detecior Is that which, given the channel sampls sequancae, is the mes!
probable written sequence. MAP maximizes the probability density function of the datecior output gven
tha detacior input.

Maximum Likelihood Sequence Detection (MLSD) - A decoding method in which the channel bt se-
quence emitted {rom the detector is that with the highest prabability of having procuced the channel sam-

.

pie sequence Input to the deteclor. MLSD maximizes the probability density function of the detecterinzut
given any possible channet inpul. MLSD is equivalent to MAP if the probabilities of all possible written se-
quences are equal or if they ara assumed (o be equal when no inforrnation is available concering the
probanifities of wntten sequances.

Mean-Square Errar - A measure of arror in which the ditference between each sample and its ideal sarm-
ple level is squared and summad, The sum divided by the number of samples is the mean-square errss
of the sequence.

Metric - A function of two vectors satislying carntain properties that aliow it o be inlemprated as a measure
of distance.

Minimum Distance - The smallest distance between any two vectors in a set of vectors.
Modified Duabinary - Ancther name lor Partial Response Class IV (PR4).
Noise Types:
Caoherent Noise - Noise which is comelated with the signal; a.0. transition noise.
Colared Naise - Noise which is correlated between ona sampla instant and anothar.

Gaussian Noise - Noisa whosa amplitude has a normal probabliity distribution.
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- Misequalization Noise - Amplitude errars which remain at the output of an equaiizar dus to #ts Imper-
tect pulse-shaping. This is something of a misnomer, as this “noise” sourca Is prediciable for a given
channet transition response, equalizer, and transilicn sequence.

Offtrack Noise - When tracking s not perfect and the head deviates from the center of a track, the
ampiltude cf the signal from the target track is reduced and the head picks up signal energy dus io
transitions on the adjacent track. .

Out-of-band Noisa - Noise with enargy at frequencies above one-half the sampiing rate.

Cverwrite Noise - in thin fiim media the magnetic fisids of previously written transitions affect the lo-
cation and shape of transitions written ovar them.

Preamp Noise - Electronic nolsa arising in the first stage of the head preampiifier. Due to the fow sig-
nal ampiitude present at the input to the preamp and the correspondingly high gain required, Ht is pos-
sible for preamp noise to be the dominant noise source in a read channel,

Quantization Noisa - Eror introduced by a finite reprasentation of a real number through A/D conver-
sion of inlemal rounding.

Synchronous Nolse - An interfening source with 8 frequency equal to the sample rate or & muftiple
thersol. The energy of such a sourca is aliased ta DC and can be canceled by adjusting the VGA DC
Otiset of the VMB40Q.

Timing Error - Incorract timing of the aid sampling process due to VFQ jitter and cthar noise passed
through the timing control icop.

Transition Noise - Coherent noise caused by “zig-zag” transitions oczumng on thin-film mecdia.
White Noisa - Noisa which Is not correlated batween one sampie instant and anothar.

Nonlinear Transltion Shift - Movement In the sffective location of a transition toward a very nsar pre-
ceding transition. This is caused by demagnetization during write.

Norm - A particular method of measunng the lengths of vectars: related to a metric.
NRZ - Non-Retum to Zaro rafars to a bit sequenca to which no run-length consiraint applies.

NRZI - Madified Non-Ratum to Zaro relars 1o a it sequance to which no run-langth constraint appiias but
in which each "1’ or ‘0" represant the presence or abisence, respectivaly, of a transition. NRZJ sequences
can be produced from NRZ sequences via a precoding process equivalent to dividing by {1 + D).

Pantial Response Channel - A channei In which controliad intarsymbol interferencs Is allowed. In such a
channel, symbols (8.9. transitions in a magnatic racanding channal) are so closely spaced that the channel
begins to respond to the next symbol when only part of its responsa to the current symbol has occurec.

Partia Response Class | (PR1) - The partial response channel cormasponding to the polynomial (1 - D).
Partlal Response Class IV (PR4) - The partial response channel corresponding to the polynomial
(1-D){1+D).

Path Metric - A cumulative measure ol eror maintained for a path through a decoder’s state machine
based on a oarticular norm.
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Preambie - A spacial repetitive pattem which is used to allow gain 10 be adjusted 1o an approprate level
and fraquency and phase lock 10 be acquired. The CL-SH4400 can use 8 preambie pattem of *1010...° or
*100100..." or *100010000...".

Pracoding - The process of encoding a sequence to account for some known property of a channel e.g.
the differantiating nature of a magnaetic reconding channel,

Raised Cosine - A form of equalization which is a more-realizable modification of the *brick wall® filter
which would produce a sinc pulse. it Is characterized by a transfer function H{f) defined as:
H(f) « 1forQ << (1 - a)fe/2
x (122){1 + cos(rAed i - (1 -a)tg/2]] for (1 - a2 S {5 (1 + Qg2
=0fort> (1 +ajief2
where {, Is the sample rate and o s a parameter in the range zero {o ona.

Run-Langth Limited Coda - A code in which the minimum and maximum aumbers of consecutive ‘C's ana
or't’s Is constrained by a systematic rule. The notation RLL (d.k) means thal no less than d and no more
than k consecutive "0's are allowed In the encoded bit stream, where ‘0" and "1’ usually represent the ax-
sence of gresence, respectively, of a (magnetic) transition.

Run-Length Violation - An case in which a defect or noisa even! has caused the occummenca cf a sequence
of ‘0’'s and '1's which violates the run-length constraints of the code.

Sofit Fiald - A recording scheme In which the data/redundancy area of a sector Is divided into two or more
areas, typically by one or more areas used [or tracking contol in an ambedded-servo disk dnve.

Siate Machine - A circuit in which the present state of a channal or system is rapresented by & number gf
bits whosae values are contralled by the present valyes of tha bits and the values of extemal signal lavels
of e occurrance of extemal signal transitions.

Synchronization Mark - A pattem, pralerably unique and different from any valid encoded channel-b« se-
quence, used to signify the star of a header or data arsa. A good synchronization mark nas low cross-
correlation with the preamble and small autocomelation function values al non-zero offsels, implying aiow
faise detecson probability.

Vilersi Sequence Detector - A sequence datector which Is a maximum-likalihood sequence detecisr un-
der the condilions cf matched-filtered input and additive white Gaussian noise.
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11. ORDERING INFORMATION
CL-SH4400~-64 PC-A
Cirrus Logic, inc.j_ ]— L Revision!
Masz Storage Tempersture Range:
C = Comumernial
Past Number ce—d
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SH3300 SAMPLED AMPLITUDE
DIGITAL READ CHANNEL

Product Description

The SH3300 sampled amplitude synchronous
channel is a mixed-signal CMOS integrated circuit
that impiements a highly flexible synchroncus
channel.

Partlal response schemes such as PR4 and EPR4
may be impiemented, and the SofTargel ™ se-
quence delector provides a user specilic pantial re-
sponse scheme that allows the detaction strategy
{0 be customized for a specific pulse shape.

Additionally, the degree of fiexibility in the SH3300
architecture allows for more precise malching of
HDA and channe! electronics.

The SH3300 ofiers a wide amay of power down
modes, aliowing the disk dnve designar {o achieve
extremely low average power consumpion.

The SofTarget ™ technclogy, together with an on-
chip filter specifically dasigned to mm:mxz%;ole-txp
eflects or seconcary gap etfects make
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Posupnnster =t

—=== CIRRUS LOCIC

FEATURES

The SH3300 provides a highly flexible, sampleg-
ampiitude reawrite channei at channel rates up
o 60 MHZ .

Complate Read Channal Detector

Rate 2/3 RALL (1.7} Recording Code empleying
SofTarget ™ petaction Technology

Completaly impiements synchronous channel with
only 4 off-chip non-pracision passives

VGA with digital gain control

7th order Equi-rippie phase fliter with variabie cut-
oft angd vanabia boost using fwo symmaelncal reai
axis 18res

Programmable sequance detachon
Digital iming recovery and ofise! control
Error Tolerancs

Error-loferant synciwonization

Channel quality crcuitry for error rate testing anc
channel calibraton

compatibie with manatithic, coqqc i, Technoio
MIG and magnelo-resisitr &héa&s‘&% \L \1 gy
\,{ N \\\\ 0.8 micron double matal CMOS / 64 pin VOFP
N package
Functional Block Qﬁgmm L..)\\ {_ '
1
‘\_\
g~ [ == -
;V aharerned yre
;’#.::fb” o quality dewtncr!
- gy 4 ’
) AL PRI ene
- Analo £ RLLLT) bt MRZost
vea 1743 i TW } Sitar detester H
A
phaae bewing RLL(1.7] Lt~ NRZn
rostasT] o ooche
Reterecae pye—, recevery v |snoodw |
Cloat W requency | 1000 '°~—-—-"-J wrrie Write AMP
synthesil . s
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OVERVIEW

The SH3300 Sampled-Amplitude Digitali Channel is a VLSI component designad io work with a Disk Con-
troilar and pre-amp to provide the majority of drive and controlier hargware nacessary to bulld a state-of-
the-art, high density magnetic disk drive. The SH3300 implements a sampled-amplitude read/write chan-

nel ampioying advanced partial response polynomials and sequence detection technology. 1t supports
user data ratas up to 40 Mbits/s. Additionaity, a8 3.3v varsion of the SH3300 will be ofiered as the SH3303.

The SH3300 offers digitally controiled loops to control gain, timing and channet offset. Furthermore the
gain and offset loops can be configured with control coefficients {or both acquisition and tracking and the
loops will reconfigure with the cormrect coefficients under control of the acquisition and tracking moces.

The SH3300 also includes an analog servo gain stage to pravide demodufaton of recovered servo burst
informaton.
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ADVANTAGES

Flexible architecture implements broad ranga of partial rasponse polynomiais,
intglligent power management minimizes operational and idie power consumption.
RLL (1,7) code reduces nonlinear effects associaled with closely-spaced transhions.

Programmabie equalization, sampling, and detection altematives provide optimum maitch 1o channel
characteristics and permil implementation of calibrated channaels.

Sequence detection accommodates a fowar signal-to-noise ratio than hard thresholding of Indivicual
sampies and allows significant inter symbot Interferenca without negative consaquences.

Detector suppons a broad class of partial response channels including PR4 (1,7) and EPR4 (1,7).
Error toleranca leatures support the higher soft error rates and higher defect densilies encounteres
at higher recording densities.

Provides significant implementation and performance benefils over conventional peak deteciicn.
One/Two bit NRZ Data interface connects to a broad range ol Disk Controllers,

Channel Quality circuit allows automatic calibration of HDA and channel.
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1. INTRODUCTION

1.1 Overview

The SH3300 Sampled-Amplitude Digital Channel pravides a highly flexibie, highly integrated sampleq
ampiitude nad/write channe! which supports NRZ data rates up o 40 MBits/sec. The SH3300, imple-
ments the fraquency synthesizer, vanable gain amplitier, tunable analog filter, analog-to-digital converter,
write pracompensation, and servo demodulation functicns in the analog domain, and provides digital gain
and offset control, timing recovery, equalization, sequence detection, RLL {1,7) enceding and decoding,
error-tolerant synchronization, and channe! quality measurement in the digital domain.The SH3300Q is
compatibie with hard-sectored magnetic disk drive applications employing embedded servo techniques.

The high degree of programmability of each of these functions altows the SH3300 1o suppon highly acap-
tive channals tailored {or each dnve, head, and zone.

The format of a typical sector containing one embedded servo area is shown in Figure 1.1-1. Dunng a
read{wrile) operation, the Disk Controlier reacs the ofiset of the servo area from the 1D. I deasserts
Read(Wnte) Gate alter the specified number of bytes have been processed ang reasserns it after a pro-
grammed number of bytes equal [0 the length of the servo area. The SH3300 , together with an external
servo decoder reads and decode the servo bursis and servo dala.

A NG 1 Ul cAMBLE [SYNG [DATA jSeRVD TSPUCE lFﬁENABLE]SYNC TOATA 5PUCE )

Figure 1.1-1. Typical Sactor Format

The format of a typical six-byte 1D & shown in Figure 1.1-2. The Flag/MS_Sofit byte contains bits control-
ling splil-field operations, end-of-track, and defecuve secior, and the most-significant bits of the split field
count. The LS _Spiil byte contains the least-significant tils of the split fietd count. The spiil field count
specifies the number of bytes between the stan of dala and the stan of the embedded servo area.

[ CYLINDER HIGH [ CYLINDER LOW | WEAD rsecronj FLAGMS_SPLIT ] x,s_sm.rr_J

Figure 1.1-2. Typical ID Format

1.2 Key Featuras

*  One-bit or two-bit NRZ Data interfaca

*  Rate 2/2 RLL (1,7) recording code

« Dightal Gain Control

«  Digital Timing Recovery

* Digital Otiset Control

*  Digital Equalizer

* Sequance Detector

= Digitally controlled VGA with separate ofiset canceliaton control
*  Tih order Equi-nipple filtar with programmable cut-off and boost
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* E0Msamples/s 8-bit flash A to D conventar

» Write precompensation support for 101 pattern

* Standard servo paak demoduiator supports up 10 4 servo bursts

+ Emor-tolerant synchronization

+ Programmabie gain, timing, ofiset, equalization, sampling, and detection attematives

¢ Channel quality circuit for channe! calibration and error rate estimation

*  Erasure pointer genaration

*  Support for monolithic, composite, thin-film, MIG and magneto-resistive head technologies
* Iintelligen! power management
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2. PIN INFORMATION

The following conventions are used in the pin assignment tables. Asterisk (*) denoles a negative true
sngna}. n éncica:gs an input pin. (O} indicates an output pin. (QD) indicates an open-drain output pin,
{UC) indicates a bidirectional pin. All unused inputs must be tiad to the inactive state, VDD or GND.

2.1 Microcontrollar interface Pins
SYMBOL PIN TYBE DESCRIPTION

AST | RESET: Assertion of this signal stops all oparations within
the SH3300 and de-asserts all cutput signals. All inputout-
put signals are sef to the high-impedance stata,

cs | CHIP SELECT: This signal must be asserted {or all micro-
controiler accasses to the SiH3300's registers.
2oy ! INTZLMOTOROLA, This signal selects the microcontros-

ler mierface 10 be used. Whaen this signal is high, it selecis
the intel bus sontrol interface. Whaen this signal is low, it
selec:s e Motorola bus controd intarface. An intemal puk
lup allews this signal lo be legally “floated” to selact the
ceiault intsl bus controf intarface.

WR*/R-wW* | WRITE STROBE/READ_WRITE: When UMC™ is high, this
signal s WR"; when C3° and WR" ars assertad, the data
on the AD bus will be wrilten {0 the speciflied ragister. When
IMC is low, this signal is R-W", which determines the
direcuon ol data transfar whan accessing the SH3300's
regisiers. When CS° and DS are asserted and R-W" is
high, 8 register read operation is in progress. When CS°
and DS are assartad and R-W" is low, a register write oper-
210N § N Progness.

ALE/AS ' ADDRESS LATCH ENABLE/ADDRESS STROBE: On the
traiing ecge of this signal, the SH3300 fatches the address
presen! on the AD or A bus, as selecled by M/NM",

RD/DS | READ STROBE/DATA STROBE: When YMC" is high, this
signal is RD"; whan C8” and RD" are asserted, the dala
from the specifiad register will be driven onio the AD bus.
Whaen UMC" is fow, this signal s DS, which determines the
data trmung of & reqistar access. When CS” Is asserted and
R-W* is high, the rising edge of DS Indicales when the
SH3300 may start driving data onto the AD bus. When CS
is assened and R-W" is iow, the traifling edge of DS indi-
catas when the SH3300 may latch data from the AD bus.

MNM® ! MULTIPLEXED/NONMULTIPLEXED: Whaen thus signal s
high, AD<7:0> is the multiplexed address/data bus and
A<7:0» 5 the latched agdress output bus. When this signal
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is low, AD<7:(> is the data bus and A<T:0> is the atidress
input bus. Aninternai pullup allows this signal to be legally
“fioated” to select the dafault muitiplexed bus mode of oper-
ation,

ROY/DTACK

o]n)

AEADY/MDATA ACKNOWLEDGE: When UMC’ is hign, mus
signal Is the microcontroller Ready line; when this signal s
deassarted, the local microcontroller shall insent warnt states
to ailow time for the SH3300 to complete the requesied
access. When I'MC® is low, this signal is the Data Acknowt-
edge signal; this signal is asseried when the SH3300 nas
completed the requested access.

AD<7:0>

vo

MICROCONTROLLER ADDRESS/DATA BUS: When M
NM® Is high, AD<7:0> is the multiplexed address/data dus.
When M/NM® is low, AD<7:0> is the cala bus.

AcT 0>

vo

MICROCONTROLLER ADDRESS: A<7:0> iis the address
input bus used to determine the register location to be
accessed. In demultiplexed mode register location shoulc
be input on A<Q:7>. In multiplexed mode A<7:0> are rct
usad and should be tied to ground. Naote that in multiplexed
mode tha SH3300 does nol provide & & laiched address

output.

MCLK

MASTER REFERENCE CLOCK: This Input I usec to
darive the synthesized cock output and WCLK dunng a
write

2.2 Preamp Interface Plns/Diagnostics

SYMBOL PIN TYPE DESCRIPTION

N+ [ Pasitive tnput from pre-amp

IN- l Negative input {rom pre-amp

woo 0 Positive output to write amp

#CS o} pre-amp chip seiect

P RW o} pre-amp readiwrite

DOUT » 0 Under register control this pin, togethar with DOUT- wil
provide VGA outputs or filter outputs for developmer! pur-
poses. A register bil sets the source for this output.

pouT 0 See DOUT-
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2.3 Serve interface Ping

SYMBOL PIN TYPE DESCRIPTION

SVENC<3:0> i SERVQ ENCODE: Encoded servo commang field. This
field contains encoded servo commands {or gating the
burst sample and hoids, indicating the presence of the
sarvo figids, causing the servo sample and holds to reset
stc. See the section on servo gperation for a list of
encodes..

SVCLK I SERVO CLOCK: Used to clock the SVENC bits into Lex-
ington.

SBA/SAMB 8] SERVQO BURST A QUT: Peak detected A burst or, under
register control, will output A-B

S88 0 SERVD BURST 8 QUT: Peak datected B burst

SBL/SCMD 0 SERVO BURST C QUT: Peak detected C burst, or undar
register control will output C-0

SBD o) SERVO BURST D QUT: Paak detectad D burst

s8IT 0 SERVO BIT : will outpul peak detectad serve inlormation
out of SH3300. Typicalty, this Information would include
sarvo preamble, sarvo address mark, servo syng mark,
index and track number

SBITP ] SERVO BIT POLARITY. determines it the transition thal
caused the SBIT output is positive or negativa.

SVREF * vo SERVO REFERENCE: This pin serves eithaer as an input

for an extamal refarence or it will provide a referenca that
can be used externally. The ABCD vaiues will be miar-
enced 1o this voltage and will aiways be above ths voitage.
If tha burs! outpul pins are used in tha A-8 and C-D modes,
than the levels on thesa pins will be above or below the ral-
arence.

2.4 Disk Controilar interface Pins

SYMBOL PIN TYPE DESCRIPTION

RG/RG” ] READ GATE: Wnaen this signal is asserted, the read path
circyitry is enabied.

WG/WG* ! WRITE GATE: When this signal is asserted, the write patn
cirtuitry is anabled.

NRZ<O> vo NON-RETURN TO ZERO BIT 0:  in One-Bit NRZ Mode,

this pin sedally transmits(receives) the least-significant
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unencoded read{write) data bit to{from) the Disk Controi-
ler, In Two-Bit NRZ Mode, this signal transmits{receives)
the laast-gigniticant unencoded read {write) data bit to{from)
the Disk Controfler. This pin is in the high impadance mode
if RG/RG" is inactive.

NON-RETURN TO ZERO BIT1: in One-Bit NRZ Mcde,
this pin is driven into the high-impedance mode. In Two-Bit
NRZ Moda, this signal transmits(recaives) the most-signifi-
cant unencoded read {write) data bit to{from) the Disk Con-
trolier. This pin is in the high impedance mode if RG/RG" is
inactive.

READ REFERENCE CLOCK: This signal is used 1o clocx
NARZ to and from the Disk Controller. During a disk reaz
operation, the RRCLK signal is used by tha disk controlier
10 strobe read data from the SH3300 Into the controller,
During a write operation, the RRCLX signal is used to cocx
data out of the disk controiler.

WRITE CLOCK: During a disk write oparation this signal is
usad lo clock data into the SH3300. WCLK can aither be
generated directly from the RRCLK output lied back into the
WCLK input, or from 8 WCLX i one is supplied Dy the disk
controiier.

NRZ<1> vo
RRCLK 0
WCLK !
SEQ_QUT |

SEQUENCER OUTPUT: This signal is connected to tie
Sequancer Outpu! of the Disk Controiler. it is used to con-
troi the Synchronization Mark Recovery Mode and the Pan
Mamory Length.

2.5 Powar, Ground, and Miscellaneous Fins

SYMBOL  PIN TYPE DESCRIPTION

vDD N/A DIGITAL POWER SUPPLY
DGND N/A DIGITAL GROUND

VDDA N/A ANALOG POWER SUPPLY
AGND N/A ANALOG GROUND

2.6 Pin Diagram
64 Pin VQFP pinout is <TBD>.
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3. REGISTER TABLES
<TBD>

4. FUNCTIONAL DESCRIPTION
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The major funclicnal blocks of the SH3300 include:

NRZ Data intarface
~Yransition Detector
Gain Control and Variabie Gain amp
Timing Recovery and VCO
flash AJD convernter

Anaicg equalizer

Sequance Detector
Synchronization Mark Detector
RALL Encoder/Decoder

Serial Control Interface
Channel Quality

4.1 Write Operation

Digital Equalizer/Spectral Smoothing Filter

When Write Gata is assertad, the Disk Controier must first emit a number of bytes on the NRZ Data in-
terface equal to the desired length of the preamble. When fed with repeating hex ‘88", FF', or '03' NRZ
bytes, the RLL Encoder in the SH3300 encodes them lo create a ‘1010...", "100100...", or "100010C0.."
preamble pattem, respectively, which it amits o the Encoded Data interface. After it has transterred the
desired number of preambile bytes, the Disk Controller must emit 8 number of hex ‘00" bytes on the NRZ
Data interface equal {0 the Synchronization Mark Length. After it has transferred the proper number of
synchronization bytes, the Disk controlier must emit data bytes on the NRZ Data interface. !f the Data
Randomizer is enabled, the data bytes are randomized to equalize the probability of occurrence of worst-
case pattems. The RLL Encoder in the SH3300 encodes the data bits and the encoded dala bits are emit-
ted on the Encoded Data interface. The preambia bits, Synchronization Mark bits, and encoded data bits
are all processad through the SH3300 write precompensaton circuilry and transmitied o the write head.

4.1.1  Writs Precompensation

Oue to0 the nature of the Sequence Detector, which takes linear intersymbol intarference Into account
when calculating path metrics, write precompensation for tinear infersymbol interierence is not required.

Howevar, demagnetizing eflects dunng write

can cause a shift in the location of a transition which s very

close o the preceding {ransition. The SH3300 provides write precompensation 10 coqnze_r this affect. It
examines the sequence of RLL-encoded bits for '101' and retards the second {ranslition in all such se-

quences by a programmabis amount.
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4.2 Read Operation

During a read operation, the SH3300 passes tha signal from the read/write preampiifier through a van-
sbie-gain amplifier and a tunabie active filter, then generales digital samples from & six-bit flash anaiog-
to-digital converter. The samples are fed (o the programmable digital equalizer which further conditions
the signal. The sample points of the analog o digital converter are determined by an oscillator inlemal to
the SHI300 whose irequency/phase s controlied to maintain proper sampling. The digitally-equatizes
samples are fed to the Sequence Detector in the SH3300. The cutput of the Sequence Detector is useq
1o detect the Synchronizalion Mark and {o feed the RLL Decoder, whose output is the NRZ data which is
transmitted o the Disk Controller on the NRZ Data Interface.

4.2.1 Number Representation and Arithmetic

The two's complement number system is used wherever negative and positive numbers must both be rep-
resented. The oulput signal samples from the analog-to-digital converter are six-bil twos compiement
numbers interpreted as having a tinary point after the second mest signiticant bitt SX. XXX, Thus the
range of representable numbers is from -2 to +31/16 in steps of 1716. Note that the binary point (s “vinual®,
having no existence in silicon.

Rounding and truncation ars performed as considered appropriate In each intemal oparaton. In some
cases, intermediate resuits are carned with greater precision than the final result. Qvertlow Is guaries
against by saturating summars, by slgodthmic bounds, or by probability of ocsurrance as apprapnate in
sach intemal operation.

4.3 NRZ Data Interface

The SH3300 NRZ interlace can be operated in one bit or two bit NRZ mode, via the NRZ<C> and NA2 1>
lines. In one bit mode the NRZ<C> line is used, and the NRZ< 1> line is in 8 high impedance mode. . The
One-bit NRZ Mode allows the SH2300 to connect to a disk controller which uses & one-pin senal NRZ
data interface. When in the One-Bit NRZ read Moda, the SH3300 outputs & 2/3 channel rale cocx
{(RRCLK) synchronous 10 the recovered read data. This RRCLK signal is typically connected 1 the
RRCLK input of the disk controller. in two-bil NRZ read moda, the RRCLK is a 1/3 channel rate clock, and
two dits of NRZ data (on NRZ<1> and NRZ<O» are clocked each cycle.

A WCLK signal input is provided 1o clock write data into the SH3300 during a write cycle, The WCLK signal
be used in two ways.

First, It can be connected 10 the RRCLX developed by the SH3300. It is the resonsibility of the designer
to ensure that the time taken for the disk controlier to output wnte data {reiative to the RRCLK input), cces
not violate the write data in to RRCLK setup and hold specifications of the SH3300.

Some high performance disk controflers supply & WCLK which is used to strobe data out of the controller

dunng a writa. Connecting this WCLK (o the WCLK input of the SH3300 can provide timing advaniages
In the dasign, since the WCLK out 1o wrile data out timing refationships of the conltroller can be mona Jre-
icisety controlied, easing the timing constraints at the SH3300 inputs. In one-bit NRZ write mode. Te
SH3300 accepts NRZ data on NRZ<0>, clocked by WCLK. In two-bit NRZ write mode, the SH330C ac-
cepts NRZ data in paratlel on NRZ<ti» and NRZ<> clocked by WCLK
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4.4 Transition Detector

Gain Control and Timing Recovery both require information about the locations of transition responses in
the sampie stream. Becausa the gain and timing loops cannot tolerate the delay of the sequenca detac-
tor, a simple transition detector is provided. This transition datector is not normally used for data recovery,
although its output may be selected in place of the sequence detactor output by setting a control register
bit. The peak qualification threshold, V. is aiso stored in a control register. Tabie 4.4-1 shows the condi-
tions which must be satisfied to detest a transition during sample paricd n under various conditions,
where:

Y; is the signal sample for pericd i, and

V is the Qualification Threshold.

The qualification threshold should be set high, after which its appropriale valug can be determined by cal-
Dration.

For an isolated transition response sample sequencs of (a,5,1,c), the transition detector indicates a tran-
sition when it receives the fourth sampls (c). The choice of either condiion (3a) or (3b) during center-
sampled acquisition is determined by a control ragister bit. Condition (3a) must be used with a *1010..."
acquisition pattem; condition (3b) is intended for use with & "10001000..." acquisition pattem, Either may
be used witha 100100..... acquisition patiam.

Table 4.4-1 Transiton Detection Rules

Azquisiion{«puise) | Acquisiton (- pulse) | Tracking (= puise} Tracking (- puisa)
SGN(Yn.q) = 1 SGN(Yp.1) = -1 SGN(Yp.1) = 1 SGN(Yq.q) = -1
SAMPLING
Sie samoied | 1) Yp.o> Yy 1) Yn2 < Y 1) Yao2 > Yn 1) Yp2 < Yq
2) Yn1>Yn3 2) Yn.1<Yn3 2} Yn.1 > Yn3 2) Yn1<Yn3
3) Yo > Yo 3) Y2 < Yna 3) Ypq>V 3) Ypq <V
Center sameied | 1} Yy > Y, 1) Y1 € Y 1) Yp1 > Y 1) Yn1<Yn
2) Y.t > Yn2 2} Yn1<Yp2 2) Yn-1>»Yn2 2} Yp.y<¥Yn2
3a) Yn2>Yn.3 |3 Yno<Yn.3 3) Yp1>V 3) Yy <V
) Yoo > Yo 4)Yp2< Yoy
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8.3.5 Operstional Timings _ .
8.3.5.1 Read Synchronization Operation {Eight Bit NRZ Interface)
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9.3.6.2 Writa Synchronization Operation (Eight Bit NRZ interface)
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Figura 4.5.1. Gain Loop for data and servo
l &, b, and ¢ ara Detector Levels 1,2, and 3,

and Ty is 1 when a transition is datected during sample

period | and pulise shapes compensation is enabled, 0 otherwise.

The nominal valus of the Gain Set Point for sida sampling ts {1 + b); for center sampling, it Is (1). The
approprate value of the Gain Set Point for normal operation is datemnined dusing calibration. Varying the
Gain Set Point may ba a suitabla loo! for relry strategies. For exampie, a larger Galn Set Point could be
used to hold the gain artificially high, which might tend to compensata for drop-out errors (at some cost
in signal-to-noiss ratic}. Note that the Gain Set Point affects the lcop gain and gain margin of the Timing
Recovery circult,

Table 4.5-1 Gain Ervor

Acquisition Tracking

side campled | SGN(Y.1)*{Yn.1+Yn-20aH8+) Tn2 | SGN(Yn. 1) (Yn.1+Ynalgr-{a+c).Tn.2
certer nampiad SGN{Yn.1) Y1 -Ga + 8.Tn.2 SGN(Yn 1) Y.t - 0t + &Tn.2

452 Gain Compensation

Compensation in tha Gain Control tocp {or dala reads Is accomplished with a digital filter whose structure
may be represented by Figure 4.5-1. The adder is designed to salurate rather than wrap on over/uncer
flow.
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from gain to VGA

detector DAC

Figure 4.5-1 Gain Control Loop Compensation

The z-domain transiar function of this filter is

¢
Fgl{y = E_-_-Ll-

cg is the loop filter coetficient and 7} rapresants a delay of two channel bil intervais {2715} because this
dgital filter operates at one-halt the channel sampie rate. Coefficient & is independenty programmable
for acquisition and tracking and fot servo and dala.

A linear discreta-time approximation to the cpen-ioop transfar function of the Gain Control loop is

k -kaoc‘

e (z-1)

Gg(z) =

whers Kg Is the gain of the gain detector (equal to ane), K is the control gain of the VGA (equai fo 0.2508/
LSB. cg is the gain of the compensation filtar, and n Is the number of (Y15) clock delays <TB_O’ in tha
loop. This model can be used 10 predict the acquisition setting tima and the tracking bandwidin ol the
loop for a given filter coetficient cg. '
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4.6 Timing Recovery

The Timing Recavery circuil cantrols the Read Clocks, which are synchronized to the read waveform.
The Read Clocks are generated from a clock produced by a variable frequency osdillator (VFO) which is
used to clock an analog-to-digital converter (ADC). A phase detector circuil digitaily computes the phase
arror in the ADC sampling instants {rom the sample values. The sequence of measured phase errors is
dightally filtered In the SH3300 to produca a frequengy control signal which is fed back (o the VFQ. The
digital value is converted via a DAC to an analog signal which acts to offsat the VFO irom its center fre-
quency to establish the corract sampling frequency and phasa. The phase detector, filter, VFO, and ADC
fogether form a phase-locked-loop. The Timing Recovery circuit is designed so that tha digital control will
saturate instead of overflow or underiow.

The Timing Recovery circult provides four modes: iock-to-reference, acquisition, tracking. and hold. in
lock-to-reference mode, a digital phasestrequence datector is used (o lock the read VFQ to the fraquency
synthesizer clock, ensuring small irequency error when acquisition mode is entered.

in acquisition mode, which 1s sutomatically entered on the feading edge of Read Gate, the loap has been
programmed {0 respond quickly in order 10 aliow fast acquisition over the preambie. To further decrease
acquisition time, 8 zero-phase sian capability is included. Timing frequancy and phase are assumed {0
have been acquired a programmadle number of clocks after the leading edge of Read Gate. The Timing
Recovery circuit then switches to a low-Bandwidth tracking mode in which the ioop has been programmed
10 respond more siowly in order 1o minimize liming errors over data due o noise. This change in response
is accomplished by swilching to another sat of loop filtar coefficients.

In hoid mode, which is entered while Read Gata is deasserted, Timing Recovery action is suspendec,
allowing the digital conirol 10 “coast” at its current frequency e.p. over gaps.

Figure 4.6.1 Timing Recovery Locp
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- 4.8.1 Phase Detector

The Phase Detector calculates the ditference in phase between the desired and actual sampling instants,
A iming update Is made whenever a transition is detected. The timing update value Is positive when the
ADC is strobed late, Indicating that the VCO frequency should be increased. The timing update value is
negative when the ADC is strobed early, indicating that the VCO frequency should be decreased. Tanle
4.6-1 shows the equations used o caicuiate the phase error when a transition is detected during sample
period n, whare

SGN(x}is+1forx GTEQ, -1 forx LT O,
Y; Is the signal sample for period i,

14 Is the acquisition Timing Set Point,

ty is the tracking Timing Set Point,

a, b, ang ¢ are Detector Levels 1, 2, and 3, and

T; is 1 when {ransition is detected during sample perod i and pulse shape compensation ls anabled, 0
ctherwise.

The Timing Set Point is used o accommodate pulse asymmetry. Tabie 4.6-2 shows the nominal values
of 1 and ty. The appropriate values of the Timing Set Point for normal operation are datermined duning

caiibration. Varying the vaiues of the Timing Set Point may be & suitable tool {or retry strategies.

Table 4.6-1 Phase Error

Acguisition Tracking

ede campled | SGN(Yn.1)" (Y2 Yn-1h+la | SGN(Yn.1 (Y02 -Yn.1)+k + € Tn.28 a2
cantar sarpled | SGN(Yn-1)"(Yn.2- Ynl +la | SGN(Yp.1)(Yn-2 - Ynl+l + CTr.2-aTh3
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Table 4.6-2 &aminai Timing Set Point
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Acquisition patiem Nominal tg Noeminai
wce tampied | 1010..... i-b+c-a
100100...... 1-b 1-b
100010040.... i-b
canter sarrpied | 1010..... 2%{c-b)
100100...... c-b+a c-b
10001000.... c-b

4.62 Timing Compensation

Compensation in the Timing Recovery loop is accomplished with a digital filter whose structure may be

repraesanted by Figure 4.6-1.

from phase
det

Figure 4.6-1 Timing Recovery Loop Compensation
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The z-domain transfer function of this filter Is

creze {(z—-1} +&y
ze {z—-1)

F (2) =

Where z°1 represents a delay of two channel bit intervals (2/;) because this digital filler operates at one-
half the channel sample rate. A linear discrete-time approximation to the open-loop transfer functicn cl
the Timing Recovery foop is

2
k -k {cleg —c1-z+c2)
G, () = 22 3
Zz

n+l.(z__1)

where K, is the gain of the phase detector (1 to 2 depending on puise shape), K, Is the contral gain of
the VCO (eftectively 172 for this model), and n is the number of (21} clock delays <TBD> in the loop. This
model can be used {o predict the acquisition settling time and the tracking bandwidth of the loop for & given
pair of fiiter coefficients ¢4 and cp. Given detector levels &, b, and ¢, the gain of the phase datector may
be computed as Kp =1+ b-3(a « )2 for side sampling. For center sampling, the gain of the phase
detector is Kp =2.2°8/3-(b+cye.

The coefficients ¢t and £2 can each hava two valuas, for acquisitionftracking. Additionally, the filter accu-
mutator can be initialized at the start of acquisition with either an initial coeift. or the previously saved ac-
cumuiator value al the end of the iast data field.

4.7 Offset Loop

The offset loop in SH3300 is a closed loop system that acts at the VGA {o minimize offsets at the outphut
of the A/D. The offsel is controlled by a coarse DAC set stalically through registers.. The closad loop con-
trol is through a fine DAC that is conirolled by averaging the digital samples to ensura that positive and
negative transitions are forced {0 be equal. Any difference in positive and negalive transition ampiituges
will be interpreted as an offset The loop may be disabled by setting the filler parameter Cofisal to zero.
The loop aiso sarves to lessen the effact of 1/ noise in the VGA.

Figure 4.7-1 shows the structure of the offsat loop

Tha coefficient Cofiset can be Independently set {or acquisttionftracking. Additionally the filtar accumula-
tor can be initialized at the star of acquisition with either an initial coefiL or the previously saved accumu-
fator value at the end of the ias! data fieid.
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4.8 Digltal Equalizer

The digital equalizer can modify the equalization done in the analog filter and, along with i, provides sup-
por for changing equalization needs from head to head and zone to zona.

The equalizer parameters are loaded by the microcontroller at initialization and during seeks. Using the
Channe! Quality circull, a procedure is provided wheraby the microcontrolier can adapt the equalizer pa-
rameters.

The intant of this feature is to allow the microcontroller o find the best parameter sets (those which pro-
duce the minimum error rate) for each disk drive, head, and zone. Since parameter optimization is & slow
process, lLIs done only during manufacturing test and/or during idle imes. During servo processing, under
controd of the SVEN input, the filter coefficients will become those praviously programmaed (n the servo
coeffl. registers
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- Figure 4.8.1 shows the structure of the Digital Filtar,
4 i \
side center side
R

+
Furthermore, the digital filter cutputs go into 8 programmabie gain stage (re-scaler) which ofiers program-

mable gain values of 0.5, T and 2. Again these values can be sel independently {or data and servo. Each
ot the side coefficients can bs independently sel.

Table 4.8.1 Digital filter coefficients

side coefficlents center tap coeflicien
416 10 «8/16 10 1716 stept 0.5
0.75
1.00
125

] Figure 4.8-2 shows the Digital Filler amplitude responsa vs. frequency
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Figure 4.8.2 Digita! Filter Response

4.9 Spectral Smoothing Filter

PCT/US94/01084

CL-SH3300
Sampled Amplitude Digital R/W Channel

The Spectral Smoothing fiiter is designed to lessen pole-tip effects when using thin-film heads, or second-
ary gap effects when using MIG heads. The fitler employs a center tap and two groups of side coefficients
separaled by programmable delays. The entire filler or just its precursor-correcting portion can be dis-
abled. Fig 4.7.2 shows the Spectral Smoothing Filter. The delays nt and n2 can be independently set from

210 23 delay instances.

e
—

C1 C2

C3{|C4

3
-]
—

Figure 4.9.1 SFiter

The coefficients C1 and C2 have the samae sign, + of -,

The coefficients C4 and C5 have the sams sign + or -

each coefficien] can be independantly programmed 0, 1732, 1116

4.10 Analog Equalization

The analog equalizer is & 7th orger equi-ripple filter with 0.05 degrae phase ripple. The filter has program-
mable cut-off and boos!l. The cut-off frequency is determined by two parameters. First, an extamal crystal
reference that will typicaily be at the inside diameter NRZ rate, and secondly, by an 8-bit register that pro-
grams the unboosled cui-off frequency ol the filler elative (0 the crystal irequency. The crystal frequency
{fc) may be set between 10MHz to 30MHz, and the cut oft may be varied in two ranges. The flrst range is
from 310 15 MHz and the second range from & to 30 MHzc. Ths high frequency boost capability is a max-
imum of 12d8, above the DC amplitude value. This boost can be varied by programming a 4-bil register.
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Figure 4.10.1 Analog Filter response

4.11 Sequence Detector

Partial response is a communications and recording lechnique used to recover, as much as is praciical,
the ioss associated with inter-symbol interference (151). Partial response models for magnetc recording
channels are typically defined by polynomials of the form

{1-Dy(1 + DN

where D represents a unil delay. The (1 - D} facior can be associated with differentiation by the transduc-
er and the (1 + D)N factor defines the intersymbol interfarence. N would be zero lor a reconding channe!
without intersymbol interference. N is one for Panial Response Class iV (PR4) and two {or Extended Par-
tial Response Class 1V (EPR4). Higher orgers of (1 + D) are also possible with SH3300 and are tabulated
below. . The expansion of (1 + DN defines the sample points of an isolated puise. Nole that when N is
even there is a sample at tha center of the isolated pulse and that when N is odd all samples ars on the
siges of the isoiated pulse.

PARTIAL RESPONSE NORMALIZED SAMPLE
N POLYNOMIAL NAME YALUES
0 (1-D) Dicode 010
1 (1-Dy(1+D) PR4 0110
2 (1-Dr(1+0p2 EPR4 012112 0
3 (1-Dr(1+DR EEPR4 0311 W30
(1-D)(a+bd+D?+cD? ) SofTamet 0 ab1cO

We can take a more genaral vigw of the polynomial by varying coefficients. For exampls, replace the side
coefficients of [1/2 1 1/2)with Ktoobtain{K 1 K]. As K varies from Qto 1/2, the response changes from
that associated with the polynomial (1 - D) to thal associated with (1- D)*(1 + D)2, The comesponding
time and {requency responses are shown in Figures 4.8-1 and 4.8-2, respectively. Similarty, replace the
side coefficients of [1/3 1 1/3]withKtoobtain[K 1 1 K]. As Kvaries fromn 0o 1/3, the response chang-
es from that associaled with the polynomial {1 - D)*(1 + D) to that associaled with (1 - D)*(1 + D)3. The
corresponding time and frequency responses are shown in Figures 4.8-3 and 4.8-4, respeclively. We
need not equalize sinctly to a targel defined by (1 - D)'(1 + D)N; a pulse shape in between may be a better
maitch (o a particular channei. .
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At significant user densities, the signai-to-noise ratio required {or the sequence delector to produce a giv-
en error rate Is generally several dB lower than thal required for digital peak detection. This advantage
is generally greater for negatively-correlated noise, which is enhanced when high-frequency boost is em-
ployed to slim the puise shape, and generally less {or positively-correlated noise.

Figure 4,11-1
Figure £.11-2
Figure 4.11.3

Figure 4.114

Figure 4.11-5 shows the Sequance Detector, which reconstructs the channel-bit stream {rom the analog-
and digitally-equaliized sampies not on g bit-by-bil basis irorn each sampie in tum but rather with regard
to both the current sample and the surrounding sequence of samples according lo a decision rule which
produces near-maximum-likelihood detection. The delaction aigorithm determines the best sequencs of
RLL 1's and O's corresponding to the patiern of samples.

Figure 4.11-5 Sequence Detector

The Sequence Detector can be programmed to operate on any channel response which can be well rep-
resented by sequencas of the form [a b 1 ¢].

center sampled pulses nominally have
a<hmc<]

side sampled pulses nominally have
a<l b=l cxl

Puise asymmetry is accommodaled by specifying:
for center sampling:

ew(

and
bwc

for side sampling
ave

and/ or

bwl
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Using the Channel Quality circuil, a procedure is provided whereby the microcontrolier may adapt the de-
tector sample levels. The intent of this feature is to allow the microcontrofier (o find the best detecior sam.
ple level sets (those which produce the minimum error rate) for each disk drive, head, and zone, Since
parameter optimization is a slow process, It is done only during manufaciuring test anc/or during idle
times.

4.12 Synchronization Mark Detection

The error-iolerant synchronization strategy implemented in the SH3300 is designed to achieve a level of
error tolerance for the synchronization function equal {o thal achieved lor the data field by the combination
of the Sequenca Detector in the SH3300 and the eror correction code implemented in the Disk Controtier.
This strategy employs an error-folerant Synchronization Mark pattem which Is selected for minimur
cross-correlation with the preamble and for minimum autc-correlation. The length of the error-tolerant
Synchronization Mark and the number of four-channel-bit groups which must be detecied are program-
mable.

Whan Read Gate is asserted, the SH3300 begins to emil all zeros on the NRZ Data interface. When the
SH3300 enters fracking mode as specified by the Acquisition Length, it begins 1o attempl to detest the
Synchronization Mark Threshold. When the Synchronization Mark Threshold is met, the SH3300 emits
& hex ‘0D’ byte over the NRZ Data intedace [followed by decoded data bits after the synch fleld.. Win-
dowing of the detection of the Synchronization Mark is performad in the Disk Controller using the known
length of the preamble and Synchronization Mark.

The Synchronization Mark Recovery procedure may be used to recover dala whan a severe defec has
destroyed the entire Synchronization Mark. To use this mode, the Disk Coatrollar asserts the Sequencer
Output signal belore Read Gate. The SH3300 first goes through & normal gain and timing acquisition pro-
cedure while counting channel bits. The Synchronization Mark is assumed to have been detected when
the count matches the Synchronization Mark Recovery Count. By varying the Synchronization Mark Re-
covery Count, the microcontrofler can vary the assumed starting poinl of a header or data area until the
correct starting point is tried, whereypon the sector will be recovered If there is no other error beyont the
capabulity of the error correction code in the Disk Controller. A conservative strategy to imit the probability
of miscorrection would be to fimit error corraction to a single burst when the Synchronization Mark Recov-
ery procedure is used.

4,12.1 Synchronization Mark Pattern

The RLL-Dit pattern of the error-tolerant. Synchronization Mark is programmed by the userin the Synchio-
nization Mark Pafttern registers. Cinus recommaends the patiems shown in Table 4.9-1,
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| Tabie 4.9-1 Recommended Synchronization Mark Pattems

Acqguisition | Synchronization Mark Pattem
pattem

1010..... 10010010 10001001 00010001 01010010 10000100 101010101
100100...... T8BD
10001000... { TBD

When the Synchronization Mark Length is programmed for one, two, or three NRZ bytes, the first twelve,
twenty-four, or thirty-six bits, respectively, of the pattem are used. When the Synchronization Mark
Langth is programmed lor one, two, three, or four bytes, the Synchronization Mark Threshold should be
programmed 10 require error-{ree detection of three, four, six, or nine four-channel-bit groups, respective-
ly. in nomnal operation.

4.13 RLL Encoder/Dacoder

Ouring Wiite operations, NRZ data bits are input from the Disk Controlier and encoded according {o the
tules of a ratg 2/3 ALL (1,7) code. The encoded RLL channel bits ara then transmitted afier write pre-
compensation 1o the write head.

During Read operations, channel bits are output from the Sequence Detecior and decoded according to
the ruies of the RLL {1,7) code. The decoded NRZ bits are then output to the Disk Controlier,

The RLL {1,7) code can be encoded using one data-word iook-ahead and one channel-bit look-back, and
can be decoded using one channel-word iock-ahead. Table 4.10-1 shows the ancode/decode mapping;
x means the complement of the preceding channel bit. The maximum length of an NRZ error burs!
caused by & single RLL drop-out, drop-in, or bit-shilt emror s five NRZ bits.

Table 4.10-1 RALL {1,7) Encode/Decnde Mapping

NRZ RLL
00 010
10 X01
11 xX00
0100 010001
0101 010000
0110 X00001
0111 x00000
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Note that '1010...", "100100...", and "1000100Q..." acquisition pattems are encoded from repaeated hex 28",
FF, and ‘DI bytes, raspectively.

4.13.1 Data Randomizer

The RLL Encoder/Decoder also includes a Data Randomizer which processes unencoded user data to
Insure that channel bit paiterns with worst-case pattam sensitivity occur no more {requently than would
be axpected from random user data. The Data Randomizer employs two linear feedback shift registers.
One generates a 63-bit sequence which is EXCLUSIVE-OR-ed against the MSB of each pair of data bits.
The other generates a 127-bit sequence which Is EXCLUSIVE-OR-ed against the LSB of each pair of data
tits. The Data Randomizer does not affect error propagation. When the Data Randomizer Is enablec,
the probability of encountering any specific pattem of length n channel bils at a randomily selected location

within encoded data is approximatety 1720,

4.14 Erasure Pointers

Normally, NRZ data bits are transmitted over the NRZ bus. Whan srasura poinler generation is activated,
erasure pointer bits are transmitted instead. Erasure pointer bits are generated by the detection of max-
¥mum run-fength constraint violation in the RLL Deccder. An erasure pointer bit in a given byte could in-
dicale the existence of an error in thal byte, a previous byts, or a following byte.

4.15 Channsl Quality

The nature and quality of the channel comprising the hsad/disk Inlarface, preamp, tunable active fiter,
ADC, and digital equalizer can be measured with the Channe! Quality circuit, which is provided so that the
variable channel paramalers (e.Q. analog and digital equalization parametars, gain and timing set ponts,
gain control and timing recovery coefficients, and delector levels) may be adjusted to provide the lowes!
possible error rate. The Channel Quality circuit provides two modes of operation: Pulse Maasurement
and Metric Measurement. Each mods requires that the sequence that was wrilten o the medium be
known as the sequence Is then read. This is accomplished by generating the writien saquance entirely
within the SH3300 Data Randomizar. Then on read, the same sequence can be generated and used in
controfling the Channel Quality circult. Either a pseudo-random of a repeating sequence can be gener-
ated by leaving feedback within the Data Randomizer enabled or disabied, respectivaly.

in the Pulse Measurement Mode, as the known sequencs is read the Channe! Quality circult measures
the cumulative squared ditferences of those samples comresponding to one of the combinations of the
nominal sample points {e.g. &, b, 1, ¢, c-8, 1-b, b-c). The source used for pulse maasuremant is selectable
between the sampled data cutput of the A/D , the output of the Digital Filter, and the output of the spectral
smoothing filter. The cumulative squared diffarences can be used {0 determina the pulse shape produced
by a given sel of channel parameters and {o adapt the channel paramaetars to produce & desired puise

shape.

in the Metric Measurement Mode, as the known sequence is read, the Channel Quality circult measures
the cumulalive metric of the final state of the sequenca. The source used for metric measurement is se~
lectable between the sampled data output of the A/D, the output of tha Digital Filter, or the output of the
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spectral smoothing filter. The cumutative metric can be used 1o adapt the channel parameters and to pre-
dict the enor rats.

4.16 Power Management

The SH3200 has thrae basic power down modes. in idle mode, all elements are switched off. The SH3300
would typically be in idle mode when the disk has been spun down. As the disk spins up SH3300 shouid
be switched out of idie mode.

In frack following mode, some elements are stitl powered down, but other elements are powered up 10
process sarvo bursts. The SVEN and SVRD signais are used (o deterrnine the arrival of & servo field.

Normal mode s used for tull reading or writing.

Tablae 4.16.1 shows the differant elements of SH3300 and indicates if the slement Is off, on or undar the
control of an external signal,

Tabie 4.16.1 SH3300 Power Down Modes

clreult idie track follow normal note
VGA off SVEN SVEN + RG
anaiog fater oft SVEN SVEN« RG
AD off SVRD SVRD + RG
vCo oft SVEN on
SYNTH off off on
Zero phase restant off scquisition scquetion
write-geecomp oft off WG
sarvo rectiiers oft SVEN SVEN
track & hokis oft on on
SoRal fhee oft SVRD dconfigursd (SVRD + RG} & configured | 1
Specual Smocth fker off off TRX & corfigured 2
sequence detectol off oft TRX
sarvo bit recovery off track SVEN & TRACK
transtion detecior off SVRD RG « SVRD
oin ioop KRec/tletect oft SYRD RG + SVRD
trmung loop fi/detect oft SVRD RG « SVRD
arcocer oft off WG
decocder oft oft TRX
sync datact off oft TRACK
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clroult iile track foliow normai nots
FF detect oft oft WG
VGA Common Mode oft SVEN WG 3
VREF oft SVEN ON
Notes:

1} Configured means the particular element has been configured active by muxing

2) TRK means that the SH3300 is in tracking {versus acqusition) mode

3) Atter WG goes inactive, VGA remains active for a specified time to allow read amp to recover (squlelch)

417 Error Budget

When designing a recording channel with the SH3300 , an error budget must be astablished. An ermor

budget might inciuda the following:

* Maedia Noise

* Non-lingar Write Transition Shift

* Partial-Erasure Amplitude Non-linearity
+  QOvearwrite Noise

« Offtrack Noise

¢ Preamp Electronics Noise

»  Amplifierffiiter Electronics Noise

« ADC quantization Error

*  Misequalization Noise

s Gain Error
* Tiuning Error
*  Mamin

4.17.1  Media Noise

4.17.2 Non-inear Write Transition Shift

4.17.3 Partial-Erasure Amplitude Non-linearity
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gircult idle track foliow normal nots
£F detect off  jof wa
VA Common Mode ot | SVEN WG 3
VREF of | BVEN on
Notas:

1} Configured means the particular element has been configured active by muxing

2) TRK means that the SH3300 Is in tracking (versus acquisition) mode
3) After WG goes inactive, VG A remaing actve for a specifiad time to aliow read amp 1o recover {squiaich

£.17 E€rror Budget

Whan designing & ceconding channe! with ths SH3300 | an error budge! must De established. An ermo

buoget might include the foliowing:
e Media Noize

-« Non-Enasr Write Transition Shift

*  Partlal-Erasure Amplitude Non-linearity
*  Ovarwrite Nolss

* Offirack Noise

*  Praamp Electronics Nolse

«  Amplifier/fiiter Electronics Nexse

«  ADC quantization Erroe

«  Missualization Noise

«  GainEmor
*  Timing Error
- M‘rw

4.17.1 Hedia Noiss

4.17.2  Noninear Write Transition Shift

4173 Partial-Erasure Amplitude Non-iinearity
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4:17.4 Overwrite Noise

4.17.5 Offtrack Noise

4176 Preamp Eiectronics Noise

4.17.7 Amplifier/Filter Elecironics Noise

4.317.8 ADC Quantization Error

4.17.9 Misequalization Noise

4.17.10 Gain Error

4.17.11 Timing Emror

41712 Margin
4.18 Servo Subsystem

Tha sarvo subsystem in SH3300 is designed 1o provide a standard interface 10 the servo decoder and
servo A 1o D system. The SH3300 servo system is rasponsitia for peak datecting the sarvo preambls, 1D
field and track number, and passing this peak datected digital dala oul to the servo deconder.

The $H3300 is switched cut of data mode and into serve mode by the assertion and strobing of the SVEN
command on SVENC<3:0>. This command should be darived {rom a timer that estimates the occyrence
of the curren{ sernvo burst from the time of the previous servo burst. On the assartion of this encode, the
analog fiter will switch to the appropriate servo coefficients. Likawiss, VGA control will be switched from
data {0 servo.

The sarvo preamble is acquired by the sarvo decoder, &t which point the servo decoder should strobe in
the SYRD command. This assertion of the SVRD command replaces those coaflicients appropdate (o the
acquision phase of the servo burts with the set of cofficients appropriate (o the servo tracking phase.

Figure £.18.1 shows the sarvo data recovery biock diagram

.The servo burstinformation is peak detected in the analog domain, and oulput can be captured by 4 sam-
ple and hold circults which drive 4 oulput pins. The BSAMP command controls the sampling of the peak
detectad output, and additionalty, a DUMP command is providad {0 allow the usar fiexibility on when the
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sampie and hold circuits will be reset. tn this manner, different servo burst schemes can be accommodat-

ed.

The peak detsct biock for the analog servo burst is fed from the output of the anaiog filter. Four sampie
and hofd circuits are used to capture the outpul of the peak delect, under the control of ditferent 8SAMP
arguments. These commands can be strobed as appropriate from the external servo timing logic.

SVENCO:0> ssrvo tunction
0000 swiich into scquiston mode
0001 sweach into servo mode
0010 switch into tracking mode
0011 sarngie A burst
0100 Sampie B burst
0101 sampie C durst

sarroie D burst

Enable yervo burst durrp

swrch off afl sarrple and hokls

hekd AGC

Swich 0wt of servo mode (Nt dals mods)

pavesr down serve block

powar O servo block
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Fig 4.18.1 Servo Detection
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419 Calibration

The sampled-amplitude channe! technology employed in the SH3300 makes # possible to implement
adaptive chianneis. These channels are calibrated in manufacturing and/or during idie times and therefore
accommodate greater variation In head/media parameters.

in a SH3300 implementation, many equalization and detection parameters are under user conlrol. These
include:

+  VGA DC Ofiset

¢ Tunable Filter Cutof!

¢  Tunable Filter Boost

e Gain Set Point

+ Timing Set Point

* Gain Control Loop Coefficients

»  Timing Recovery Loop Coefficients
« Digital Equalizer Parametars

+ Center/Sige Sampling

* Detector Laveis

There are many possible tradeolis; the user decides which parameters are {ixed during development,
which are 1o be adapted during manufacturing, which are to be re-adapled during idie times, and which
are {o be varied during retries, Note thal a different set of parameters, including the choice of center sam-
pling vs. side sampling, may be used for sach head and zone oa & given dnive.
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Figure 4.4-1 iflustrates center sampling and side sampling for an isolated puise. The a, b, and ¢ labels
refer 10 programmable Detector Levels 1, 2, and 3, respectively.

Figurs 4.4-1.

4.5 QGain Controil

The difizrential variable gain amplifier (VGA) in the SH3300 amplifies the diffarential input signal from the
read preamp to 8 consistent level which is fed to the tunable active filter. For data read operation, the
VGA gain is controffed by a digital to anaiog converter (DAC) with coarse gain statically controlied by a
regisier and fine gain dynamically controlied by the Gain Control circult of the SH3300 . The Gain Controt
circuit is designed for symmetrical attack and decay, and is aiso designed to ensure that the digital gain
control will saturate andg not overliow or underflow. Furthermore, the coding of the DAC control is ther-
momeler coding, ensuring that a samll change in value cannot lead 1o DAC glitches in the VGA circuit.

During servo read operation, the VGA is controlied through an analog gain ioop that bypassas the DAC
control of the VGA.

The Gain Control circult provides three modes: acquisition, tracking, and hold. in acquisttion mode, which
Is automatically entered on the leading edge of Read Gate, the lcop has been programmed o respond
quickly In order {0 aliow fast acquisition.

Proper gain is assumed 10 have been established a programmable number of ciocks afier the leading
edpe of Read Gate. The Gain Control circuit then swilches 10 & iower-bandwidth tracking moda in which
the loop has been programmaed to respond more slowty In order to minimize gain errors cver dala due 1o
noisa. This change in response is accomplished by swilching to another sat of loop filter cosliicients.

in hold mode, which is entered while Read Gate is deassarted, Gain Control action Is suspended, sllowing
the VGAC bus to "coast” at its current gain level, e.g. over gaps. Gain does not “droop” in hold mode due
fo the digital nature of the gain control icop.

45.1 Galn Detector

The Gain Detector caicuiates the difierence in amplitude batween the desired and actual signal levels. A
gain updala is made whenever & transition is detected. The gain update is negative when the gain is 100
high and positive when the gain is too low. Tabie 4.5-1 shows how the gain eror is calculated when a
transition is detected during sample pericd n, where

SGN{z)is +1forx >= 0, -1 forx <0,
Y is the signal sample for period i,
Oa Is the acquisition Gain Set Point value,

ot is the tracking Gain Set Point value,



WO 94/18670 PCT/USS4/01084

-~ 140 -- :
CL-SH3300 . ===
Sl ot el s o ==crs 1oac
) Anslog Parameters
Parameter IV | 33v | day Y 1 14
min typ max min typ max units
npUt resstance [differantial) squekch 400 400 ohme
input resistance (ciffsrential) resd 4000 4000 ohrs
Inpwt capacitance {diterential) 10 10 pF
Pt signal laveis (PP diffsrantial) 10 320 1] a0 mv
nput noise {Q 1MHZ, max gam) 15 15 AVisan v
channel trequency(fs} s 43 12 80 MHZ
bandgap vokage 1.23 1.23 v
bandgap tempco 200 200 poMYdagret
VGA bandwidth 84 80 Mtz
VGA gein range 1.0 32.0 10 R0 [-.)
VGA gain resolstion 02 0.2 &
VGA distecion 1 1 %
Anaiog filer cutof! frequency o2 1.0 02 1.0 3
Analog fiter cutoff accuracy i0 10 %
Ansiog fiter cutoff frequency temco 200 00 pprTVdegTes
Anaiog fiter distortion 1 1 *
A 10 D resolubon [ ] ] bax
Ato D conversion rate 43 L] MSampies
A to D neanty 1.0 1.0 LS8
At D inout range (differentiaf) 012 032 | 032 +032 |. v
VCO fraquency mngs L] 43 § 80 MHz
VO pain constant G.1 0.1 /5B
VCO phase jitter 850 50 ps RMS
Synthesizer freq range 4 43 3 60 Mz
Synthesizer AcgsXion thre 50 50 recro sac
Wrie & wrie precomp resoivtion 1732 1132 s
servo burst S/H output vollage range 0.0 2.0 0.0 2.0
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" 8.3 AC Charscteristics

Untess otherwise specified, the following timings assumae that all outputs will drive one Schottky TTL bead
in parailel with 50 pF and all inputs ars at CMOS levels. The Min and Max limings confomm to the oper-
ating ranges of power supply voltage (+/- 10 percent) and ambient temperaturs (0 10 70 ©L). All clocks
are 60/40 percent maximum/minimum duty cycle. Rise and fall imes should not exceed 3 ns.
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5.3.1  Rese! Assertion Timing Parameters
Symbol Parametsr Mintrmum Maximum Units
Trpwd RST puise wicth low 500 na

5.3.2 Microcontroller interface Timing Parameters

Symbol Parametsr Minimum Maximum Unlts
Ta ALE width 18 na
Taw Address valid o WR™ _or DS _ 20 ns
Tar Address valid to RD" _ ot DS 18 LY
Tao AD<7:0» valid to A<T:0> 20 ns

(Muttpiexed mods)
Tah RD* _, WR" _ o7 DS _ 1o Ac7.0> wwvains 5 ns
{Noamultiplexed Mode)
Tw WR® waeth sons
T RD"* wicth 80ns
As Address vald to ALE H) ns
Ah ALE _ to address invakdl ¢ n
Ca CS" . twRD" _WR _oDS ¢ nt
Ch RD" __WR" _orDS _t0CS _ Bns
Wos Wirte cata valito WR® _or DS _ 20 ns
Wdh W _or DS _ to Wrxe deta iovalid 10 ne
Tda RD° _or DS _ to Aead data vaid 8 na
T ROD® _ 07 DS _ to Rend data inwvasd 10 ry
Taz RD* _or DS _ to Read data undrven 1] ns
Tos DS wictth 80 ns
Tah DS w0 DTACK" 20 ns
Tordy ALE _to RDY _ ns
Tarw A_W walidto DS _ 20 ns
Thrw DS _to R_W" invabd 20 n

Note:  _indicates rising edge, _ indicates {afling edge.

When /MC” Is high, the Intel bus conirol interface is selected. The timing diagrams In Sections §.32.1 -
8.3.2.4 depict register raad and write operations with this interface sefected.
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When I/MC* is low, the Motorola bus controlinterface is selected. The timing diagrams in Sections 6.3.2.5
- £.3.2.8 depict register read and wnie operations with this interlace selected.

5.3.2.1 Register Read Operation in inte! Multiplexed Mode

. —___/F*___:_:\
AS | AH_, L tDH
]
70> Ve
o G S
tAQ L, wz
ATl
cs* /'
- tAR L tOA
[ . ®
Ro* N N

|_ woRDY
RDY -—_—L—/
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5.3.2.2 Register Read Operation in intel Nonmultiplexed Mode
tA
e __—/F:;\
DH
AD<T:0> 0<
i, 102
| tAH
s X J(
cs AN A
AR ol DA,
cs tR
Ro* \1\ Aen

| woRDY
RDY ——_:L____/
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5.3.2.3

Register Write Operation in intel Multiplexed Mode

A
" —__/F:::{\
AS AHI wDS WDH
-— - >
o D T G i S—
o SO S
AD
A<T:O» :
. P —
cs N A
HW
s W
wR* N /f on_
RDY
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53.2.4 Register Write Operation in intel Nonmultipiexed Mode

tA ‘
" __‘/F:::::\'\A
WDS; -
oo e
B0

A

AT0> )(
e
s N v
AW
Joes i, w
wR N pa
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5.3.2.5 Register Read Operation in Motorola Multiplexed Mode

as | AH_ oy
RS, S—
AD<70> el >..___O<
N
"0‘ 7
A<TO»
cs \\
_ MR 1A
=3 ws | ed
|
os A 1 N
tERW R P HRW
L
tOTH
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53286

Register Read Operation in Motorols Nonmultipiexed Mode
tA
aie ﬂ
AS

1 1OH
AD<7:0>

| wz.
AH
AcT:0> )( i
cs" M
AR WOA
es__ 1,108
D

3

:

i

!
Iy [k

DTACK®
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5.3.2.7 Register Write Operation in Motorola Multiplexed Mode

u {
“E_F\&

_ AS AH Wi WD
4 e
AD<7:0> <\ 3-—< v&—_—_——
tAQ
AT 0>
. ~
s N
AW
[ 10S CH
gt |
08 /’ \\
tERW TR HHRW
_/P—
tOTH
DTACK® N\, 1
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§.3.2.8 Register Write Operation in Motorola Nonmuitiplexed Mode

1A
”*F:\

AD<T:0>

A0 )Q

. e
cs M y,
AW
cS s oH -
os A 1N
tSRW o SR AW
tOTH

OTACK”
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532 Disk Read/Write Timing Parameters
One{Two) Bit NRZ Interface
Symbaoi Paramater Sv Min SvMax | 3.3vMin | 33vmax ! Unis
T RRCLK pericd 25(50) 31(82) ns
Trv2(l) RRCLX low fime &1 0.5V 10(23) 13(28) s
Trv2(H) RACLX high tme a1 2.40V 10{23) 13(28) e
Tw WCLK pearod 25 {50) 31{82) ne
Twr2 WCLK low time a1 0.8V #20) 11{25)
Totv2 WCLK fugh time &t 2.0V 820) 1125}
Ter, Tet RACLK rse and tall urne 3 3 ns
Tt Twi WCLK nse and {all uma 4
. 13 NRZ out valid to RRCLK out_ 5 5 r
oY RRCLK oul_ to NRZ out invalxd 5 & ~
Caw NRZ in vald to WCLK in 5 5 ™
Dhw WCLK in to NRZ 0 nvalid 5 1 ns |
Disk Write Timing (One/Two Bit NRZ Interface)
Read
! 1
RACLKout pLc
Ry R .- N’
KRI owt 4\_—_ k
o8 d it
Wrile
p—— P
P
NAZ In - ‘L
o]
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" 6. SPECIFICATIONS

6.1 Gein Control

Acquisition Time (48w 372)° 11g Typical: 48-84

Tracking Bandwidth (Oto 7.5e-3) " g '

where l¢ Is the sampling rate,

6.2 Timing Recovery

Acquisition Time {4810 372) * 1/ Typical: 84-108

Tracking Bangwigth {1e-310 2.5¢-2) " fg

where fg i the sampling rate.

7.

INITIALIZATION CONDITIONS

<TBD>
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534 Servo Bus Parameters
Symbol Parameler Sv Min SvMax | 3.3vMin | 33vmax | Units

Ts SCLX penod e

Ta2(L) SCLK low umw ol 0.5V ns

Tatvai{H) SCLK high tane a1 2.40V ns

Tee Tsl STLX rise and 1all me ne

Daw SVENC<3:0> vatid to SCLK in s

Dhw SCLX in 1o SVENC«<3:0> n invalid ns

te Teh2 > taf te7
L]
sCLX 4 N -
.._......._—-/ " Tai? \.—.—-——-—/ ;
SVENC<3:0> - D
Dew| Dh
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0100: /64 1100: Reserved

0101: /128 1101.  Reserved

o1l 132 1110: Reserved

0111 84 1111:  Reserved

8.4 Acquisition Timing Set Point/Coefficient 1

Bits 7-5:

Acquisition Timing Recovery Coeflicient 1, These bits determine the value of coel-
ficient 1 (Cygg) used by the Timing Recovery compensation joop during data
acquisition,

000: Reserved 100: 178

001: Reserved 101: Y16

010: 1116 110; 174

011 32 111: 8

Bits 4-0;

Acquisition Timing Set Point. These bils specify the value (i) used in computing
phase arrors during data acquisition. Range ts -1 10 +15/16.

8.5 Tracking Timing Set Polnt/Coefficlant 1/Sample Phasa Mode

Bits 7-5:

Tracking Timing Recovery Coefficient 1. These bils determine the value of cosih-
cient 1 {Cqq) used by the Timing Recovery compansaten ioop during data track-
ing. .

000 1732 100: 178

001: 64 101: 16

010: 118 10: 1/4

0113 /32 11 8

Ba 4:

Sampie Phase Mode

(24 Generate samplas for & canter-sampled data pulse, le. a<b _c < 1; tim-
ing is recovered using adjacen{-but-one samples.

1: Generate sampies for & side-sampled data pulse l.e. 8 _Cc<b _ 1; timing
is recovered using adjacent samples.

Bits 3-0r

Tracking Timing Sat Poinl. These bits specity the value (lg) used In computing is

8.8 Timing Recovery Coefficient 2

Bils 7-4:

Acquisition Timing Recovery Coefiicien! 2. These bits delermine the value of coel-
ficient 2 (cpqa) used by the Timing Recovery compensation loop dunng data
acquisition.

0000: 1/512 1000 W32
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8. REGISTER DESCRIPTIONS

8.1 Acqguisition Gain Set Point

Bits 7-6:

Transition Threshold Bits 1-0. These bits specily the two least-significant bis of
the Transilion Threshold (V) used to qualify transitions during data tracking.
Range is 0 to +3/16.

Bits 5-0:

Acquisition Gain Set Point. Thesa bits specily the value {Da) used in compuung
gain erors during data acquisition. Range is 0 1o +63/186.

8.2 Tracking Gain Set Point

Bits 7-8:

Transition Threshold Bits 3-2. These bits specify the two most-significan! tis of
the Transition Threshold (V) used lo qualify lransitions dunng data tracing.
Range is Q to +3/4.

Bits 5-0:

Tracking Gain Sel Point. These bits specify the valus (g) used in computing gain
arrors during data tracking. Range is 0 10 +83/16.

8.3 Gain Control Coefficient

Bits 7-4: Acguisition Gain Control Coefficient, These biis detarmineg tha vaiue of the coelfr~
cient {Caya) used by the Gain Control compensation koop during dala acguisition.
Those values marked with * are likely to be usafut only in side sampled mode.
Those values marked with *~ should not be used in side sampled mode.
0C00: Reserved 1000:  1/16
0001: Ressrved 1001: 332
0010: Reserved 1010 1/8
0011: Reserved 1011 16
0100: Reserved 1100: 1/4
0101. Resarved 1101: 8™
(R TONE Frc vy e v
0111: /64° 1111:  Reserved
Bits 3-0: Tracking Gain Control Coefticient. These bits determine the value of the coefli-

cient (ngt) used by the Gain Control compensation loop during data trackng
Those values marked with * are likely {0 be uselul only in side sampled mode.
Those values marked with ** should not be used in side sampled mode.

0000: 0 1000: 118

0001: 0 1001, 332~

0010: 1/128° 1i010: B~

0011: 3v256° 1011: Ressrved
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0001: 311024 1001: 84
0010: 17256 1010: 116
0011 35512 1011 332
0100; 11128 1100: Reserved
0101: 256 1101:  Resarved
o110: 1764 1110:  Resarved
O111; 3128 1111 Reserved
Bits 3-0: Tracking Timing Recovery Coefficient 2. These bils determine the value of coett-
cient 2 {coqt) used by the Timing Recovery compensation loop dunng data trac-
ing.
0000: 1/4096 1000: 17256
0001: 38182 1001: 37512
0010: 172048 1010: 17128
0011: 4086 1011 37256
0100: 111024 1100: Resarved
0101: 372048 1101:  Reserved
0110 1/512 1110:  Resarved
0111: 31024 1111:  Resarved
8.7 Timing Accumulator initlal Vaiue
Bits 7-0: The value set In this register will be relcaded into the accumulator of the timing

loop fiiler al the siatr ol aach dala acquisition.

8.8 Timing Accumulator read register

Bits 7-0: The maost significant bits of the timing loop accurnulalor are loaded into this regis-
ter at the and of acquisition. They can be lcaded al other imes by command

8.8 Galn Accumuiator initia! value

Bits 7-0: initial value of gain accumulator MSB's 10 be used at stanl of every cata acquisi-
tion

8.10 Gain Accumuiator read only

Bits 7-0: The most significant bits of the data gain loop accumulator are kaded into this
register at the end of aquisition. They can be taoded at other times by commanc)

8.11 Offset Loop coefficiant

Bil 7-4: initial value of coefficient for offset filter for data acquisition mode.

8it 30 initial valus of coefficient for offsat filter for data tracking mode
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8.12 Oﬂsei Accumulator initial value

Bit 5-0:

initial value of offset filter accumulator at start of data acquisition

8.13 Offset Accumuiator - read only

8it 5

The most significant bits of the data and servo offset iloop accumulator are loaded
Into this register at the end of aquisition. They can be iacded al other timas by
command)

8.14 Dlgital Fliter Coefficients: Taps 1 and 3

Bit 7-4:

Data Coefficient for tap # 1. May be vaned from -&/16 to +&/16

8it 3-0:

Data Coeflicient for tap #3 . May be varied from -6/16 to +&/16

8.15 Digltal Filter Coefliclents: Tap #2 and gain

Bits 7-6: Data Tap # 2 coeflicient . May be sat o 172, /4, 1, 5/4.
Bits 5-4:, Data Filier gain. May be set to 1/2, 1,2,1

Bits 3-2: Servo Tap # 2 coefficient . May be sel to 172,3/4,1,5/4
Bits 1-0: Servo Filter gain . May be satfor 1.2,1,2,1

Resarved 111:  Reserved

8.16 Spectral Smoothing Fliter/Path Memory Control 1

Bits 7-6:

Header Deatector Path Memory Length. These dits specify tha langth of the path
memory in the sequence detector over headers. Headers are distinguished from
data by the assertion of the Sequencer Qutput signal.

00: Six channal bits

01:  Twelve channal bits

10; Eighteen channe] bits

$1: Twenty-four channel bits

Bit 5:

acquisition transition detector option 3a,3b for data

Bit 4:

sign of coeflicients tand 2

bt 3-2:

coefficient 2. May be set {0 0,1/16,1/8
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bits 1-0: coetfiicient 1. May be set to 0,1/16,1/8,1/8

£.17 Spectral Smoothing filter/Path Memory Control 2

Bits 7-6:

Data Detector Path Memory Length. These bils specify the length of the path
memory in the sequence detector over data. Headers are distinguished from cata
by the asseriion of the Sequencar Output signal.

00:  Six channet bits

01:  Tweive channel bits

10:  Eighteasn channe! bitg

11:  Twenty-lour channel bits

Bit 5:

acquisition ransition detector option 3a,3b for servo

Bit 4;

sign of coelficients 3 and 4

bit 3-2:

coefficient 4. May be sst 10 0,1/16,1/8

bits 1-0:

coefficient 3. May be sstto 0,1/16,1/3,1/8

8.18 Spectral Smoothing filter Delay 1

8its 4-0:

Spectral smoothing Filter Delay 1 (PD1). Range is 2 10 23.

8.19 Spectral Smoothing filter Delay 2

Bits 4-0:

Spectral smoothing Filter Delay 2 (PD2). Range is 2 10 23.

8.20 Detector Control {

Buts 7-4.

Detector Level 3. Thase bits specfy the last sample valua (c) for a normunal puise.
Range is 0 to +15/186.,

Bits 3-0:

Detactor Leve! 1. Thesae bits specify the {irst sample valua (a) for & nomunal pulse.
Range is 0 o +15/186,

8.21 Detector Control 2

Bt 7

Reserved

Bits 6-5:

MUXS Control. These bits spacify the source of the signal fed to the Sequence
detector and Channel Quality circult.

Ox:  Output of MUX3

10.  Oulput of the SS Fifter configured to handle only postcursor 1S



WO 94/18670 PCT/US94/01084

-=- 139 --
e CL-5H3300
CIRRUS LOGIC Sampled Amplitude Digital R/W Charnel
- 11 Qutput of the SS Filter configured (o handle both precursor and postcursor
1Sl
Bits 4-0: Detector Level 2. These bits specify the second sample value (b) for a nominal

puise. Rangeis 0 1o +31/18,

8.22 Acquisition Length/Multipiexer Control

Bit 7: MUX4 Controi. This bit controls the output of MUX4.
o Output of Sequence Detector.
1i: Cutput of Transition Detector.
8i 6; MUX3 Control. This bit controls the output of MUXJ dunng tracking; duang acqui-

sition, MUX3 selects raw input samples.

o Raw input samples.

1: Delayed or Filtared input samples, as conirolled by the MUX1 Control and
MUX2 Control bits.

B8it 5; MUX2 Control. This bit controis the output of MUX2. Nots thal the output of
MUX2 is not used during acquisition.
o Filtered input samples.
1 Delayed input samples.

Bit 4: MUX1 Control. This bit controls the output of MUX1. Note that the outout of
MUX1 is not used during acquisition.
o Filtered input sampies.
1: Delayed input samples.

Bits 3-0: Acquisition Langth for data. This value controls the duration, in NRZ byte times, of
acquisition for Gain Control and Timing Recovery. The minimum value which
shouid be used is four. Note that tha total lengih of the preamble is controlied by
the Disk Controlier and should be ionger than the Acquisition Length by at leas!

one byte,

8.23 Mux control Acquisition mode

Bit 7: MUX3 Control for data acquisition.
Bit &: MUX2 Control for data acquisition

Bit 5: MUX1 Control {or data acquisition.
Bit 4: MUX3 Control for servo acquisttion

8it 3: MU X2 control for sarvo acquisttion
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8it 2: MUX 1 control for servo acquisition

Bits 1-0: Reserved for {uture use

8.24 Control/Status Register

Bit 7 Chip Reset. Assertion of this bit places the SH3300 in a reset state. This bil mus:
be written with zero befora the SH3300 can be programmed or used.

git &-5: Power Management Modes: Read Wiite, track {cliowing, idie

Bit4: Reserved - should be set {0 zers on wnte - value undefined on read

Bits 3: Reserved - should be sel to zero on wnte - value undefined oa raad

Bit 2: Gain loop saturation flag. Set to ona if saturation occurs, reset when this reg:ster
is written.

B 1 Timing loop saturation flag. Set to one If saturation occurs, resetl when tus register
is written,

Bt 1: Acquisition Timing Recovery Register Saturation. This it is sel i the Acquisition
Timin g Recovery register saturates. ilis resat when this register is written.

8it O Tracking Timing Recovery Register Saturation. This bit is set if the Tracking Tim-

ing Recovery register saturates. it is resel when this registar is written.

8.25 Endec/NRZ/Gate Control

Bit 7:

Read/Write Gate Polarity Salact
o RG/RG* and WE/WG” are positive-true.
1: AG/RG" and WG/WG™ ara nagatuve-true.

Bit 6.

Erasure Pointer Enable
0 Normal operation; data bits are output on NRZ bus.
1 Erasure pointers are output on NRZ tus.

Bits 5-4;

Data Randomizer Control

x(r Data Randomizer {eedback is snabled.

x1: Data Randomizar feedback is disabled; the Inftial contents of the Data
Randomizer consitute & two NRZ-byte repeated pattem. This bil should be set
only when the Channel Quality Mode is sat.

Ox:initialize Data Randomizer 1o zero.

1x:initialize Data Randomizer to Data Randomizer Seed.

g 3-2:

Reserved for future use

Bits 1-0:

NRZ Mode Salect
00: One-bit NRZ Mode is used.
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01 reserved
10: Two-bit NRZ Mode Is used.

11 reserved.

8.26 Synchronization Mark Control

Bits 7-6; Resarved.

Bits 5-4. Synchronization Mark Length. These bits specify the length of the emor-tolerant
synchronization mark.
01: One NRZ byte {twelve channel bits).
10:  Two NRZ bytes (twenty-four channst bits).
14: Three NRZ bytes (thirty-six channel bits).
00:  Four NRZ bytes {lorty-eight channel bits).

Bits 3-0: Synchronization Mark Threshold. These bits specily the number of {our-channel-
bit groups In the Synchronization Mark Pattem which must be dalected without
error In order {0 detect the Synchronization Mark. Range is 0 {o three times the
Synchronization Mark Length.

8.27 Synchronization Mark Recovery Count

Bits 7-0: Synchronization Mark Recovery Count, Thesa bits specily the numbar ol channel
bits to wait before assuming that the Synchronization Mark has been delected and
beginning to decode data.

8.28 Synchronization Mark Pattern 1

Bits 7-0: Synchronization Mark Pattem 1.These bils specify the {irst eight channel bits of
the Synchronization Mark Pattem.

8.28 Synchronization Mark Patlern 2

Bits 7-0 Synchronization Mark Pattem 2. These bits specily the second eight channal s
of the Synchronization Mark Pattam.
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8.30 Synchronization Mark Pattern 3

Bits 7-0: Synchronization Mark Patiern 3. These bits specify the third eight channel bus of
the Synchronization Mark Pattem.

8.31 Synchronization Mark Pattern 4

Bits 7-0: Synchronization Mark Pattemn 4. These bits specify the fourth eight channe! tus of
the Synchronization Mark Pattem.

8.32 Synchronization Mark Pattern §

Bits 7-0: Synchronization Mark Pattem 5. These bils specity the fifth eight channe! bits of
the Synchronization Mark Pattem.

8.33 Synchronization Mark Pattern 6

8its 7-0 Synchronization Mark Pattemn 6. These bits specify the sixth sight channe! bits of
the Synchronization Mark Pattem.

8.34 Data Randomizer Seed LSB

Bits 7-00 Data Rangomizer Sead LSB. Thesa ara the eight least-significant bits of the Daza
Randomizer seed.

8.35 Data Randomizer Seed MSB

Bis 7-0: Data Rangomizer Seed MSB. These are the eight mosti-significant bits of the Data
Randomizer seed.

8.36 Channel Quatity Control 1

Bit 7: Channel Quality Moda. Whan this il is written with *1*, the Channel Quality Count

and Output registers ars cleared.
0: Normal Operation,
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1: Channet Quaiity Mode.

Bit & Reserved.

Bit 5. Channe! Quality Sign Enable
o Channel Quality Sign State bits are ignored.
1 Channel Quality Sign State bits ara used to qualify Channe! Quality accu-
mulation. When this bit is set, one and only one of the Channel Quality Errar Input
Control bits should be sal. The purpose of this option is 0 allow independent
measuramant of the properties of positive and negative transitions.

Bits 4-0- Channel Quality Sign Stata. Thesae bils defina the sign state of the MLSD usec o

qualify Channel Quality accumulation. The mapping between each of the pesitive
and negative combinations described by the Channel Quality Error Inpul Cantrel
bits and the Channel Quality Sign State is <TBD».

8.37 Channel Quality Control 2

Bits 7-5; Channel Quality input Sourca. This bil contrals whether squared sample errors or
squared gaintiming errors, o unsquared samples are accumulated by the Chan-
nal Quality circuit,
00x: Squarad EVEN sample enors plus squared QD0 sample errors are accy-
mutated.

010 Sguared Gain errors are accumuiated.

011:  Squared Timing erors are sccumutated.
1x0:  Unsquared EVEN samples are accumutatec.
i1x1: Unsquared ODD samples are sccumulalec.

Bits 4-0: Channal Quality input Control 12-8. These bits independently enabie Channel
Quality accumutation when the given comtxnation of nominal sample values (anc/
of the comresponding negative combination, as controlied by the Channel Quality
Sign Enable bit) are expectad.

EYEN QD0
200X 1: 4 A
xee1x: b 1-a
xX1xx: b-c 1-a
x1xxx: b 1
1xoee: Hc 1

8.38 Channael Quality Control 3

Bits 7-0r Channel Quality Error input Control 7-0. These bits independently enable sam-
ples corresponding 0 the gven combinalion of nominal sample values (ant/or the
corresponding negative combxnation, as controlled by the Channe! Qualty Sign
Enatile bit) to be accumuiated i the Channet Quatity Qutput,

EXEN QDD
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vooxxe!: 0 g
wooooex1x: 1 e
xooxXixs: ¢ 4]
nxxico:  a b
e ixoex:  c-a B
wixooex: 1-a ch
xTxoooox: O a
1ooooox: 1 ca
8.3¢ Channel Qualily Count LSB
Bits 7-0: Channel Quality Count LSB. This value is the eight least-signiticant bits of

number of clocks over which the Channel Quality Qutput was accumulates.

8.40 Channel Quality Count MSB

Bits 7-Q: Channel Quality Count MSB. This valua is the mast-significant bits of e numpe
of clocks gver which the Channel Quallty Qutput was acsurnulated.

8.41 Channel Quailty Output LSB

Bitg 70t Channe! Quality Qutput LSB. This value Is the eight least-significant bits of ine
Channei Quality Outpu? word,

8.42 Channel Quality Output MID

Bits 7-Or Channel Quality Output MID. This value is the second eight least-significant bits of
the Channel Quallty Output word.

£.43 Channe! Quality Output MSB

Bits ?-0: Channal Quality Qutput MSB. This vatue is the most-significant bds ol the Chan-
ne! Quality Output word,

8.44 Gain Control Loop Register

Bits 7-0: Gain Control Looo Reqistar. The value read and wnttan here is the et mosi-sia-

P V.



WO 94/18670

PCT/US94/0108+4

¢
i
}_.l
(33
i
t
[

caamnncostpemniiOn
CL-SH3300
—=—==CIRRUS LOGIC Sampled Amplitude Digital R/W Chaninel

nificant bits of the Gain Control Loop register. Whan this register Is written, the
remaining bits of the Gain Control Loop register are ceared.

8.45 Acquisition Timing Recovery Loop Registar

Bits 7-0:

Acqussition Timing Recovery Loop Register. The value read and wniten here s
the sight most-significant bits of the Acquisition Timing Loop Recovery Locp regis-
tar. When this register is written, the remaining bits of the Acquisiucn Timing
Recovery Loop ragister are cieared.

8.45 Tracking Timing Recovery Loop Register

Buts 7-0:

Tracking Timing Recovery Loop Register. The value reac and written here 3 the
eight most-significant bits of the Tracking Timing Recovery Loop registar. Al s
ot this ragister are automaticaily cleared at the and of acquisition. When this reg-
ister is wnttan, the remaiming bits of the Tracking Timing Recovery Loop ragisier
ara cleared. All bits of the Tracking Timing Recovery Loop register are automag-
cally clearad at the end of acquisition.

8.47 Synthesizer Numaerstor

Buts 7-0:

Synthesizer Numemtor. This is the m value used in syntheszing the relarence
clock traquency as mvn times the REFCLK {requency.

8.43 Synthesizer Denominator

Buts 5-0:

Synthesizer Denominatar.. This is the n vaiue used in synthes.zing the refarence
clock frequency as mvn times the REFCLK frequency.

8.49 Fraquency VCO Control

Bits 7-4;

VCO Center Frequency. This valua contmls the center frequency of tha VCO ot
cata, .

Bits 3-0r

VCO centar Frequency. This vaiue contols the centar frequency of the vCO tor
sarvo.
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8.50 Anaslog Fliter Boost Control

Bits 7-4: Analcg filter bocst controt in steps of 0.75d8 up to 12d8B.1or use with data

Bits 3-0 Analeg Filter Boost control in steps of 0.75¢8 up to 12dB for use with servo

8.51 Analog Filtar Cutotf Controi {data)

Bits 7-0: Anralog filter cutoff control for data

8.52 Analog Fliter Cuto!f controi (servo)

Bits 7-4: Analog filter cutoff control for servo

8.53 VGA Control

Bits 7-4; VGA Coarse Gain. This vaiue conirois the coarse gain of the VGA,

Bits 3-0: VGA DC Offsat, This vaiue is fed to a DAC which genera!es an offset bias current
for the VGA. Nominal value is <TBD>.

8.54 Comparator Control

Bits 7-4: Reserved - should be set 10 2ero on write - value undafinad on read

Bits 3-0: Hysteresis Comparator Data. These bits control the hysleresis comparator dunng
data operations.

8.55 Precompensation Control

Bits 7-0: Whnta Precomp Tune Unit. These bits daetarmina tha time delay unit used for write

pracompensation.

NOTE: The write precompensation sirategies requirad for & minimum rnun-length constraird ol Z@rO arm MOre oM.
plex than those required for & minirmum run-length constraint of one.
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-8.56 Power Control

git 7: Test Mode Enable
o Norma! Operation
1: Test Mode

8it 6: -Reserved

8it 5: Praamp {dle Mode
o The preamp is enabled for normal operation.
1: The preamp is disabled to allow proper VGA DC Ofsal 1o be determined.

Bit 4: Write PLL (Synthesizer) Power On.

Bit 3 VGA/Filter Powar On.

Bit 2: VGA/Filter Power On if Read Gale is asseried or $8rvo burst mooe 1§ acuvae.
Bit 1: ADC/Read VCO Power On.

Bt O ADC/Read VCO Powar On il Read Gate 1s asserted.

8.57 Mode Control

Bits 7-6: . VGA Disable Time. Thasa bits specily how long the VGA inputs remain ted
togathar after the tralling edga of Write Gate.
(¢ 3 O raferance dock pencas.
o1 8 relerence clock periods.
11 16 reference ciock panods.
11 32 reference clock perods.

Bit &: Write Precompensation Enable
C: Write precompensation is disabled.
1: Write precompensation ls anablec.
8it 4: Wiite Pracompensation Linsarity

o Linear wrile pracompensation is salected.
1: Non-linear write precompensation is selacted.

Bit 3 Wiite Precompensation Constraint
o Write pracompensation for run-length constraint of zero is selectad.
1: Write precompensation for run-length constraini of one is selectac.

Bt 2: Sample Phase Mode '
o Controlied-phase start s enabled for center-sampied putses, le.
ach_c<1.
1: Controlled-phase start is enahied for side-sampled pulses. l.a. a_c< 1,
b1

B 1 Servo Output Select
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5. ELE('.:TRICAL SPECIFICATIONS

5.1 Absolute Maximum Ratings (For 5v and 3.3v devices uniess stated otharw'ise)

Parameter Minimum Typlcal | Maximum Units

Amrtwnt Temparsture Under Sias ] ° c
Storage Terpersiure &5 180 .
Vokage On Any Pn 0.5 VCC+0.5 \
Power Duiganon SHII0O 400 mw
Powsr Dusoanon SHII03 170 mw
Power Supply Voage (Sv deve) 7.0 v
Power Supply Votage [3.3v Sevica)

NOTE: Stresses above those listed may cause permanant damage (o the denca. This & a stress rating only, and
functional operation of the davice at these candions, or any canditions outside those indcated in ihe op-
srational sections of this specification, i not implied. Exposure 1o absolute maximum rating conditions for
axtanded periods may aflect device reliabilry.

5.2 DC Characteristics (digital)

[ 17 Sv 3v 3v Units
Paramater Min Max Min Max Units
Supply Volage 4.5 8.5 3.0 3.83 v
nput Low Vorage 05 os 0.3 0.8 v
Input High Voxage 20 VCC3.5 20 Veoe0.3 v
Oupnat Low Volzgs @KL = 2.0 mA c.e 0.45 v
Output High Volage 10 « 400 zA as Vee-0.2 v
Swopty Currem «TBO» <TBD» mA
Input Laskage Currernt ~10 «10 10 10 BA
Output Lesakage Current 15 PYRY A
input Capactance 10 10 pF
Output Capacrtance 10 10 pF

NOTE: Al unused inputs must be hed to GND or VOO
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§. GLOSSARY

Aliasing - The phenomenon whereby energy at frequencies above one-hatl the sampling rate appears as
enargy at frequencies below one-half the sampiing rate in a sampied signal.

Antisliasing Filter - A filter which attenuales signal energy above & fraquency of one-half the sampling
rate.

Autocorralation Function - The integral _(\) ol the product of a function x(t) and .x(t*_): e
00 = Bix(ty_x{t»_3}. For a binary sequence, this can be treated as the number of bils matching between
two copies of 8 sequence as a function of the ofisat between the sequencas,

Calibration - The process whereby the anaiog and digital parametars of the channe! and the detector are
malched {or best performance.

Channe! Constraint - A limitation placed on the sequence of channe! bits. For example, 8 RLL (d.k) chan-
nal constraint enforces a8 minimum (g) and maximum (k) number of consacutive ‘0's between '1's.

Channet Quality - A measure of how well matched are a channa! and datector.

Channal Coda - A set of rules goveming the ancoding of data bits to channel bits. Channel codes typically
enforca a minimum run-lengih constraint {to mil non-linaar effects) anc/or a maximum run-leagth con-
straint {10 aig In timing recovery).

Coxie Rate - The ratio of the number of bits in the data-bit stream to the number of bits in the channel-bi?
stream. Fora RLL {1,7) code, the code mate is 2/3.

Coding Gain - The product of the code rate and the minimum distance of the encoded sequencas of a
oda,

Convolution - The convalution y(k} of sequencas u(k) and h(k) &s given by

y{k} = _u{m}° h(k -m) _
whare the summation is over all m. Whan u{k) is the input to a filter whosa unpuise response is h(k), the
filter output is the convolution y(k).

Corratation Funcuon - The axpected vaiue of the product of two random vanabies, which may be scatars
or vaciors.

Dicoge - Another namae for Partial Response Class | (PR1).
Distance - A measure of the “dilfarence” between two vectors.
Duobinary - The partial respoase channei comesponding to the potynomial (1 + D).

Enor Propagation - The process whersin a channel decoder emits mora than one amonaous data bit due
to a single channal bit in arror o¢ more generally a burst of erroneous data bils which is lonuaf {aftar ac-
counting for coda rate) than the causative channel-bit error burst,

Error Tolerant Synchronization Mark - A synchronization mark which can be detected in the presencs ol
error with an acceptable (atsae detaction probability.

Euclidean Distance - The square root of the sum of the squares of the differencas in sach dimension be-
tween twd n-dimensional vectars.,
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Excess Bandwidth - Signal energy passed by a filter at frequencies above one-halt the sampling rate.

Extended Partial Response Class IV (EPR4) - The partial response channel comresponding to the poyyro-
mial (1 - D)°(1 + D)2,

Eye Diagram - A graphical representation of the effects of intersymbol interferance. it liustrates the -
ical or maximumn excursion of a signal from its ideal sample levels al its ideal sampling instants. t is im-
portant to note that MLSD is not dependent on the eye being open in the same way that sample-by-sam-
ple detection is.

Least-Mean-Square Algorithm - A procadure used in adapting the coeflicients of a dighal filtes in wrien
the objactive IS {o minimize the mean-square arror of tha filter cutput.

Maximum A Posteriort Probability Sequence Detection (MAP) - A decoding method In which the channe!
bit sequence emitted from the detector is that which, given the channel sample sequence, is the most
probabie wrilten sequence. MAP maximizes the probability density funclion of the detecior output grven
the detector Input.

Maximum Ukeilhood Sequence Detection (MLSD) - A decoding method in which the channel bit se-
quence emitted from the detector i that with the highest proBability of having produced the channel sam-
ple sequence Input to the detector, MLSD maximizes the probability density funclion of the datector myxa
given any pcessible channel input. MLSD Is aquivalent to MAPR H the probabliities of all possible wrizen
sequences are equal or if they are assumed to be equal when no information is available conceming the
probabiiities of writlen sequences.

Mean-Square Error - A measure of error in which the dilferance between sach sampla and its Ideal sam-
pin leved is squared and summed. The sum divided by the number of samples is the maan-square enor
of the sequencs.

Matric - A function of two vectors satisfying cartain properties that aflow i to be intarpreted as a measure
of distanca.

Minimum Oistance - The smallest distance batween any two vectors in & sat of vectors.
Modified Duobinary - Another name for Partial Response Class v [PR4),

Noise Types:

Conerant Noisa - Noise which i comrelatad with the signal e.g. transiton nose.
Colored Noise - Noise which is correlated between one sample instant and ancther.
Gaussian Nolsa - Noise whose amplitude has a normal probability distnibutica.

Misequalization Noise - Amplitude errors which remain at the cutput of an equalizer due to its impertec:
pulse-shaping. This is something of & misnomer, as this *noise” source is prediciabla for 8 given channel
transition response, squalizer, and transition sequencs.

Ottrack Noise - When tracking is not perfect and the head deviates from the center of a track, the ampl-
tude of the signal from the targe! track is reduced and the head pcks up signal energy dug 10 transiuons
on the adiacent track,

Qut-of-band Noise - Noise with snergy at frequencies abova one-half the sampling rata.
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- Qverwrite Noise - When erasure of previousiy written transitions is not parfect, the alignment of magnatic
domains is not complete and uniform and the head responds 10 the deviations.

Preamp Noise - Electronic noise arising in the first stage of the head preampiifier. Due {0 the low signal
amplitude present al the input to the preamp and the correspondingly high gain required, it is possibte for
preamp noise to be the dominant noise source in a read channel,

Synchronous Noise - An interfering source with a frequency equal to the sampie rate or 8 multiple thereal.
The energy of such a source is aliased to DC and can be canceled by adjusting the VGA DC Qtiset ol the
Galaxy-A,

Transition Noise - Coherent noise caused by “zig-zag® transitions occurring on thin-film media.
White Noise - Noise which Is not correlated betwean ona sampie instant and another.

Nonlinear Transition Shift - Movemaent in the effective location of a transition toward & very near precading
transition. This is caused by demagnelization dunng write.

Norm - A pasticular method of measuring tha lengths of vectors; related to a metric.
NRZ - Non-Retum to Zerg refers {0 & bit sequences to which ng tun-iength constraint applies.

NRZI - Modified Non-Retum to Zero refers to & bit sequence to which no run-length constraint applies but
{n which each *1* or ‘0’ rapresent the prasence or absenca, respeciively, of & (magnaetic) transition. NRZI
sequances can be produced from NRZ sequances via a precoding process equivalent to dividing by (1
D).

Partial Response Channel - A channel in which controlled intarsymbol interfarenca is allowed. In such a
channel, symbols (e.g. ransitions in a magnetic recording channel) are so ciosaly spaced that the channal
begins 10 respond 1o the next symbol whan only pant of its response 10 the current symbol has occurred.

Partial Response Class | (PR1) - The partial response channel comasponding to the polynomial (1 - D).

Partial Response Class 1V (PRA4) - Tha partal response channel corresponding to the polynomial (1 -
Dyt + D),

Path Metric - A cumulative measure of armar maintained for a path through a decoder's slate machine
based on a partcular norm,

Preambie - A special repetitive pattem which is used (o aliow gain to be adjustad 1o an appropriate level
and frequency and phase lock to be acquirad. The SH3300 can use a preamble pattem of "1010..." of
*100100..." ar "100010000...".

Pracoding - The process of sancoding a sequence to account for some knawn property of & channel e.g.
the dilferentiating nature of a magnatic recording channel.

Raised Cosine - A form of equalization which is & more-reafizable modification of the “brck wall® filter
which would produce a sinc pulss. i1is charactarized by a transfer function H(f} defined as:
M =1 forOct<(l-_)ly2
= 1271+ cos{/L 1T T - (1 - )"ty/2D) for (1 - _Jlg2 _ 1 _ {1+ Jig?
=0 forf> (1 +__J'!SI2
where lc is the sampie rate and _ is a parametar in the ange zero to one.
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Run-Length Limited Code - A code in which the minimum and maximumn numbers of consecutive '0's ang/
or *1's is constrained by & systematic rule. The notation RLL (d.k) means that no less than d and no more
than k consecutive "0's are allowed in the encoded bit stream, where Q' and 'Y’ usuaily represent the ab-
sance or presence, respectivaly, of a {(magnetic) transition.

Run-Length Violation - An case in which a deiect or noise event has caused the occurrence of a sequence
of 'U's and *1's which violates the run-length constraints of the code.

Spiit Fleld - A recording scheme in which the data/redundancy ares of a sector is divided Into two or more
areas, typically by one or more areas used for tracking coatrol in an embedded-servo disk drive.

State Machine - A circult in which the present state of a channel or system Is represented by a number of
bits whose vaiues are controlled by the present values of the bils and the valuas of extemal signal ievels
or the occurrence of extemal signal transitions.

Synchronization Mark - A pattern, preferably unique and differant from any vaiid encoded channel-ba se-
quence, used to signify the start of 8 header or data area. A good synchronlzation mark has low cross-
Cosrelation with the preamble and small autcearrelation function values at non-zarg offsets, impiying a low
faise detection probability.
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Samﬁled Amﬁlitude Digital R/W Channel CIRRUS LOGIC

11. PACKAGE INFORMATION

SH3300 will be available in a 64 pin SQFP package. Package drawing TBD
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In a computer data storage device, data is typically stored on
magnetic media by reversing the maénetic flux at each "one" bit
iocation, and maintaining the same flux direction at each "zero
bit lécaticn, called NRZI recording. When these flux reversals
pass.a read head they cause a voltage change in the read head. The
voltage from the various flux reversals along a data track appears
as a varying signal level on the output of the read head, with the
voltage caused by each flux reversal appearing as a positive or
negative voltage pulse. These pulses must be detected by the
electronics connected to the read head, typically by detecting the
peak of each pulse to determine the pulse location.

Similarly, the voltage from a data transmission line appears
as a varying signal level on the input to a data communication
device, such as a modem, with the voltage of each bit change often
appearing as a positive or negative voltage pulse.

In order to separate the voltage pulses from noise in the
signal, the voltage may be compared tc a predetermined threshcld,
and only peaks whose magnitude exceeds the threshold are considered
toc be possible pulses. If the peaks are too small with respect to
the thresheld, the signal gain must be adjusted higher, and if the
peaks are too high the gain must be adjusted lower. To properly
determine the gain setting, pulses must be detected so that the
gain adjustment can maintain the proper level for a pulse peak.

Because the rotational speed of a disk may vary, & phase

locked loop is used to synchronize a detector to the times of the
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pulses. The peaks of the pulses caused by bit transitions must be

detected in order to correct for any timing deviations.

Several methods have been used to detect the pulses and thus
the transitions within the data. 1In the prior art, peak detection
circuifry has ordinarily been analog in nature, while digital
detectors have ordinarily been seguence detectors such as those
implementing the Viterbi method, disclosed in Application Serial
Number 07/852,015, filed March 16, 1992, of Richard T. Behrens,
Kent D. Anderson and Neal Glover, entitled "Method and Apparatus
for Reduced-Complexity Viterbi-~Type Sequence Detectors”, which is
incorporated herein by reference for all that is disclosed and
taught therein. However, most digital pulse detectors analyze the
context of the pulses, and do not detect a pulse until several
sanples have been taken beyond the peak of the pulse. This latency
in detecting pulses is a disadvantage when the location of a pulse
needs to be known in order to make timing and/cr gain corrections.

It is thus apparent that there is a need in the art for an
improved apparatus which digitally detects pulses at the earliest
possible time after the peak of the pulse occurs. The present

invention meets these and other needs.
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SUMMARY OF THE INVENTION

It is an aspect of the present invention to detect signal
pulses caused by bit transitions within data being read from a data
storage device.

It is another aspect of the invention to detect signal pulses
within signals received by a data communications device.

It is another aspect of the invention to detect the pulses
using samples of the signal wherein one of the samples occurs at a
peak of the pulse caused by a bit transition.

Ancther aspect of the invention is to detect such pulses using
samples of the signal wherein samples occur on each side of a peak
of the pulse and wherein no sample occurs at the peak.

A further aspect is to detect a pulse within one half tc one
and one half sample periods from the peak of the pulse.

A still further aspect is to use signal level moving averages
of two samples for detection.

The above and other aspects of the invention are accomplished
in a digital pulse detector that uses four samples of a read signal
to detect a data transition as socon as one sample beyond the time
of the peak of the signal level at the bit transition. The pulse
detector detects peaks by sampling at the center of the peak or by
sampling at each side of the peak. The pulse detector detects
pulses while tracking, where the pattern of pulses is nbt known in
advance, or while acquiring timing lock on the signal in a
preamble, where the data pattern is fixed. Thus the pulse deteclor

provides four combinations of detection to detect in tracking or

r
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acquisition mode, using either center or side sampling in either
mode. The detection rules are summarized in Table 2.

In an alternative embodiment, the detector uses a moving
average of two adjacent samples, as well as individual sample
signai levels, to perform the detection. The alternative
embédiment uses the sampled signal levels directly to determine
peaks in side sampled acquisition mode, and in center sampled
tracking mode. In the other twec of the combinations, the
alternative embodiment detector uses two-sample moving averages to
determine peaks. The preamble pattern for acquisition in the
alternative embodiment is restricted to be a repeating seguence of
alternating polarity pulses with a period of four sample intervals.
This is more restrictive than the pattern handling capability oI
the first embodiment, however, it permits the alternative
enbodiment to perform earlier detection of the pulses in the side
sampled acquisition case and it uses simpler rules in acquisition.
The detection rules for the alternative embodiment are summarized
in Table 1.

Both embodiments avoid using a signal threshold to qualify the
pulses during acquisition. This aspect prevents the gain at the
beginning of the acquisition from affecting acquisition, since the
gain may be incorrect at the beginning of acquisition. During
tracking, where the pulses may be more widely separated, 2
threshold is used to qualify pulses. This qualification prevents

the detection of small noise-induced pulses as data pulses.
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BRIEF DESCRIPTION OF THE DRAWINGS
The above and other aspects, features, an& 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 invention and the
environment of the invention;
Fig. 2 shows a block diagram of the circuitry that provides
data samples to the invention:;
Fig. 3 shows a block diagram of the digital circuitry of the
read channel containing the inventicn;
Fig. 4 shows a signal waveform and illustrates center sampling
of the pulses;
Fig. 5 shows a signal waveform and illustrates side sampling
of the pulses;
Figs. 6, 7, and 8 show a high-level logic diagram of the pulse
detector of the present invention for the equations of
Table 1; and
Figs. 9, 10, and 11 show a high-level logic diagram of the
pulse detector of the present invention for the equations

cf Table 2.
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SCR o) FERRED

The following description is of <the best presently
contemplated mode of carrying out the present invention. This
description is not to be taken in a2 limiting sense but is made
nerelf for the purpose of describing the general principles of the
invention. The scope of the invention should be determined by
referencing the appended claims.

Fig. 1 shows a block diagram of the invention and a typical
environment of the invention. Referring now to Fig. 1, a computer
system 100 contains a processing element 102 which communicates tc
other elements of the computer system 100 over a 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 to the systen bus
104 for storing data and programs within the computer system 100.
A disk controller 114 within the disk device 112 comnpunicates to
the system bus 104 and controls the operations of a disk drive 11Eg,
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 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.

wWhen data is being read from the disk through the read head and
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amplifiers 128 the data comes back through the read channel 122

which contains the pulse detector of the present invention. The
read and write heads may be physicaily 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 where it is processed.

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 pulse detector of the
present invention can be used to detect pulses within data received
from a transmissicn line, such as a telephone line or local area
network, in a data communications receiver. It may also be used in
any other device that must 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 of the data storage medium, it picks up a
signal which is amplified by & 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 equalizer circuit
204, which filters the signal as desired, for example, so as to
remove unwanted high frequencies and shape tﬁe femaining spectrumn,

to an Analog to Digital converter 206. The A to D converter 206
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converts the analog signal into a digital value, providing six bits

of digital information in the preferred embodiment, and then the
data is passed to a register/de-multiplexer 207. In the preferred
embodimeﬁt, the digital section 124 of the read channel 122
procesées two samples in parallel. To create these two samples,
the register/de-multiplexer 207 stores every other sam?le 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 clock signal.

The timing necessary for converting the data, also called
taking 2 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 as
timing feedback signal 234.

The gain 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 gain control can be set by
the disk controller 114, or a local microprocessor within the disk
drive (not shown), to provide a nominal gain level which is then
adjusted up or down by the gain feedback signal 232. #fter being
summed with the coarse gain control value, the feedback signal is
sent to a digital to analog converter 212 and then to a filter 214.

Because of the nature of digital to analog converters, the output
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of the DAC 212 may contain gligch;; 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
converted to an exponential value by the exponential converter
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 Fig. 2 is input to a delay circuit 304 and a
digital filter circuit 302. The digital data signal 230 is also
input to a multiplexer 306 whose output is connected to a second
multiplexer 310 with an output that feeds the pulse detector 312 of
the present invention. 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 output of the
pulse detector 312 is also connected to a timing recovery circuit
328 whose output 234 connects to the digital to analog converter
220 of Fig. 2. The output of the pulse detector 312 of the present
invention may also be connected to a sync mark detector 322 and an
RLL decocoder 320, as shown in Fig. 3, or a more sophistica;ed 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.

The pulse detector 312 of the present invention is designed to
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detect pulses using cne of two types of sampling methods, selected

by the user. The first detection method is called center sampling
wherein one of the samples taken will arrive at or very near the
center, or peak, of a pulse. The location of the sampling is
controlled by the timing recovery block 328 of Fig. 3. 1In 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 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. The user of the systen
determines whether center sampling or side sampling is used by
setting a bit in a control register through the interface 116 (Fig.
1}.

For either center or side sampling, sampling can occur at two
different times within a data record being read from the disk
media. The first time sampling occurs is called acquisition,
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 1is being
transferred, a different mode is used for the pulse detector,
called tracking, since data has an irregular and a priéri unknown
pattern of pulses.

Therefore, the pulse detector of the present invention is

designed to detect pulses under four separate conditions. The
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first condition is acquisitf:;n ln?:fde-hsing side sampling, the seccnd
is acquisition mode using center sampling, tﬁird is tracking mode
using side sampling, and fourth is tracking mode using center
sampling.

The pulse detector analyzes the current sample of the
amplitude of the signal as well as the previous three samples of
the signal amplitude. Using these four samples, Table 1 shows
equations for cne embodiment of the pulse detector, and Table 2
shows equations for anocther embodiment.

In Tabkle 1, y, is the current sample, Y.y 1S the first previous
sample, and y, ., is the second previcus sample. The third previous
sample is used only through the moving averages, (1+D)/2 (described
below). The equations of Table 1 will be further described below
with respect té Figs. 5 and 6. Also, the equations of Table 1 show
pulse detection of a pulse whose peak occurs at time Y.y for center
sampling, or between Y.y and y,, for side sampling tracking mode,
or between y and y , for side sampling acquisition mode. The
circuits of Figs. 6-8 processes two signal samples simultaneously.
The equations for the second sample are the same as the equations
of Table 1, with one time delay. Thus, for example, y, in Table 1
would be replaced by y,,, Y., would be replaced by y,,, and Y,,
would be replaced by Yo3-

Fig. 4 shows a signal waveform of an isclated pulse and
illustrates center sampling of the pulse. Referring now to Fig. 4,
2 signal waveform 402 is shown having a positive level above a

baseline 404. Four samples of this waveform have been taken with
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the sample identified by reference 412, y,, being the most recent

sample. Sample 410, y,,, 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. A threshold wvalue 414
is also shown and the signal value of sample 410 must be greater
than the threshold 414 for the pulse to be detected in tracking
mode. Negative pulses would appear as a mirror image of Fig. 4.

Fig. 5 shows a signal waveform of an isolated pulse and
illustrates side 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 of the
four samples shown. These samples are also identified by the
reference y, through y .. Alsc, a threshold 512 is illustrated, and
sample (y,, + Y,,} / 2 must be greater than the threshold 512 to
be considered a pulse during tracking.

Figs. 6, 7, and 8 show a high-level logic diagram of the pulse
detector 312 of the present invention. Referring now to Figs. 6,
7, and 8, signals 610 and 632 are received from the register/de-
multiplexer 207 of Fig. 2 through digital data signal 230. As
discussed above with respect to Fig. 2, the analog section 126
sends two samples at a time to the digital section. Signal 610,
also designated y,, is the digitized value for the signal level of
the most recent sample. Signal 632, also designated y,,, is the

digitized value for the signal level of the next prior to the most
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recent sample. In the preferred embodiment, these two signals are

each six bit digital values stored in two's complement number
representation, with one of the bitslbeinq the sign bit. Signal
610 is fed to a multiplexer 608 and signal 632 is fed to a second
nultipiexer 640. These multiplexers are controlled by an
exclusive~OR gate 606 which has two signals 602 and 604 as its
inputs. Signal 602 determines whether the pulse detector is in
acquisition or tracking mode, as described above, and signal 604
determines whether the pulse detector is in center or side sampling
mode, as discussed above. When the pulse detector is in
acquisition and side sampling mode, or the pulse detector is in
tracking and center sampling mode, signals 610 and 632 will be
selected by the multiplexers 608 and 640 respectively. When the
pulse detector is in acquisition mode center sampling or in
tracking mode side sampling, the multiplexers 608 and 640 will
select signals 631 and 639 respectively.

Signal 631 is called a (1+D)/2 signal and is formed by adding
signal 610 to signal 632 in summing junction 628 and then dividing
this sum by two with a divide by two circuit 630 to produce signal
631. The summing junction 628 is a six bit add circuit and the
divide by two circuit 630 is a shift. The signal 631 represents
the sum of the y, signal and y_, divided by two, therefore, it is
the average of y, and Yo1+

Circuits 634, 636, and 638 produce a (1+D)/2 signal for the
previous samples. That is, delay circuit 634, whieh is a set of D

flip flops, is used to delay the y signal 610 by one clock cycle
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(two sanmple times), so it béabéég.ifgnal Y.z, which is sent to the
summing junction 636. Summing junction 636 sﬁms Y, with y., and
divides the result by twoc to produce the average at signal 633. Aas
disclosed in Table 1, these (1+D)/2 signals are used in two of the
four cases that the pulse detector can decode.

After passing through multiplexer 608, y, signal 610 is sent
to Figs. 7 and 8 over y, signal 613. This signal is also delayed
by delay circuit 617 to become Y., Signal 614. 1In addition, y,
signal 613 is connected to a sign-bit circuit 616 which extracts
only the sign-bit from the six-bit digital value. This sign-bit is
connected to an exclusive~OR circuit 618 along with the other bits
of the digital value 613. Also, the sign-bit 616 is connected to
another summing Jjunction 620 along with the output of the
exclusive~OR circuit 618 and a threshold value 656. The circuits
616, 618, and 620 convert the value of Y, to an absclute wvalue,
that is, y, is negated if it was originally a negative value to
produce a positive value and is unchanged if it was originally a
positive value. The threshold signal 656 is then subtracted from
the absolute value to produce a non-negative value if the absolute
value of y, is greater than or egual to the threshold. The sumaing
junction 620 produces a negative value if the absolute value of ¥,
is less than the threshold 656.

The output of the summing junction 622 is passed ﬁo another
sign-bit circuit 624 which extracts the sign bit from the result
and inverts it. This will indicate whether the absolute value of

Y, is greater than or equal to the threshold value 656. The
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inverted sign-bit is then sent through a delay circuit 626. The

output signal 627 of the delay circuit 626 has a value of cne if
the absolute value of y, delayed by one clock cycle, that is, ly .|,
is greater than or egqual to the threshold value, and is zero if it
is les; than the threshold.

In a similar manner, y,, signal 642 is sent to a sign-bit
circuit 644, an exclusive-OR circuit 646, and a summing junction
648. The ocutput of the summing junction 648 indicates whether the
absolute value of the y, , signal is greater than or egual to the
threshold value 656, This result is passed through a sign-bit
circuit 650 and then inverted to indicate whether the absolute
value of y_ , is greater than or equal to the threshold value 656.

Fig. 7 shows a high-level logic diagram of the section of the
pulse detector 312 that detects pulses during data tracking.
Referring now to Fig. 7, comparator circuits 702 and 704 compare
the results of the last three samples taken of the signal. ¥
signal 613 is the most recent sample, y,, signal 642 1is the
previous sample, and y,, signal 614 is the sample prior to signal
642. The outputs of the comparator 702 and 704 are connected to a
number of AND gates and delay circuits to implement the tracking
eguations shown in Table 1.

AND gate 706 determines whether a positive pulse is detected
at time n (with the peak at time n-~1). Output 736 of comparatoXx
702 is a logical one if Y, is less than vy ,, and output 740 of
comparator 704 is a logical one if y, is less tﬁan §m1. These

signals are ANDed together with the inverted sign of the signal
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level of y,., to produce a logical one from AND gate 706 if a

positive pulse has been detected at time n. )

AND gate 708 determines whether there is a negative pulse at
time n (with the peak at time n-1). Output 738 of comparator 702
is 2 iogical one if y , is less than y_ ,, and output 742 of
comparator 704 is a logical cne if y,, is less than y . These
signals are ANDed together with the sign of y,, to produce a
logical cne from AND gate 708 if a negative pulse is detected at
time n.

AND gates 716 and 718 determine whether a pulse is detected at
time n-1 (with the peak at time n-2). Output 736 of comparator 702
indicates that y _, is less than y ,. Output 740 of comparator 704,
after being delayed by delay circuit 710, indicates that y_, is
less than y, - Signal 744 indicates that vy, is negative,
therefore, the ANDing of signals 736, 748, and 744 indicate there
is a negative pulse detected at time n-1.

Signal 738 indicates that Y., 15 greater than y ,. Signal
746, the output of delay circuit 712, indicates that y_, is greater
than y.,. By ANDing signals 738, 746, and the inverted signal 744,
AND gate 718 indicates that a positive pulse is detected at time n-
1.

The output of OR gate 714 indicates that a pulse, either
positive or negative, is detected at time n, and the output of OR
gate 724 indicates that a positive or negative pulse is detected at
time n~1. AND gate 720 determines whether the magnitude of the

pulse at time n was greater than the threshold value and it also
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determines whether the pulse detector is in tracking mode. AND
gate 726 determines whether the pulse at time.n—l was greater than
the threshold and whether the detector is in tracking mode.
Because of the recording code used in writing data to the storage
media in this application, a pulse can never occur at time n and
also at time n-~l. Therefore, the outputs of and gates 720 and 726
are cross-coupled toc AND gates 728 and 730 to prevent detection of
pulses in both locations at once. Thus, the output of gates 728
and 730 will indicate that a pulse accurred either at time n or at
time n-1 but not both. These outputs are connected to the circuit
of Fig. 8.

Fig. 8 shows a high level logic diagram of the portion of the
pulse detector that implements the acquisition egquations shown in
Table 1 for acquisition mode. Referring now to Fig. 8, signal 602
indicates whether or not the detector is in acquisition mede.
Sign-bit extractor circuit 802 and sign~bit extractor circuit 804
extract the sign bits from the values y, and Y., respectively.
These two sign bits are exclusive NORed in XNOR circuit 808, whose
output indicates whether the sign of y, is equal to the sign of y_,.
Circuit 810 indicates whether the sign of y,, is not equal to the
sign of y_,. If both these conditions are true, the output of AND
gate 816 will indicate that a pulse is detected at time n (with the
peak between time n and time n-1) in acquisition mode. This output
is ORed with output 732 from Fig. 7 which indicates whether a pulse
is detected at time n in tracking mode, therefore, signal B24

indicates whether a pulse is detected in one of the modes at time



P

10

is

20

25

W0 94/18670 PCT/USY4/0108+4

t

i
=
(Xe
}-t

{

t

The sign-bit output of circuit 804 is delayed cne clock cycle
to indicate the sign of signal y,,. This signal is exclusive ORed

with the sign bit of y,_, by circuit 814, whose output indicates

. whether the sign of y,, is not equal to the sign of y .. The

output of exclusive-OR circuit 810, after being inverted at the
input of AND gate 818, indicates whether the sign of y,, is equal
to the sign of y_.. Therefore, the output of AND gate 818
indicates whether a pulse is detected in acquisition mode at time
n-1 (with the peak between time n-1 and time n-2). This output is
ORed with the output 734 of Fig. 7, which indicates whether a pulse
is detected in tracking mode at time n-1. Therefore, output 826
indicates whether a pulse is detected at time n-1, either in
acquisition or tracking mode.

Figs. 9 through 11 show a circuit that implements the
equations of Table 2. This circuit, and the eguations of Table 2,
provide an implementation of the pulse detector that allows the
preamble section of the data to contain different types of
patterns. For example, the circuit of Figs. 6-8 works well for a
preamble having a 2T pattern, which is an alternating 1-0 pattern
(10101010...), where a 1 indicates presence of a pulse, a zero
indicates absence of a pulse, and pulses alternate in polarity.
The circuit of Figs 9-11 allows a 2T pattern, a 3T pattern
(100100...), and an 4T pattern (10001000...). Thus, the circuit of
Figs. 9-11 and equations of Table 2 are the preferred embodiment

and the best mode.
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In all cases except ;?Ld]égzl;;:pling acquisition mode, the
egquations of both Tables 1 and 2 detect p.ulses with the same
latency. For side sampling acquisition, the equations of Table 1
detect peaks one sample sooner that the eguations of Table 2.
Howevér, the equations of Table 2 are consistent in the amount of
latehcy in both acquisition and tracking modes, while with the
equations of Table 1 for side sampling, the latency in acguisition
mode is one sample shorter than the latency in tracking mode.

The equations of Table 2 show detection of a pulse at time y,.
As with the circuits of Figs. 6-8, the circuit of Figs. 9-11
processes two signal samples simultaneously. The equations for the
second sample are the same as the equations of the first sample
shown in Table 2, with one time delay. Thus, for example, Y, in
Table 2 is replaced by y,.,, Y,, is replaced by ¥, ,, etc., for the
second sample.

Referring now to Figs 9-11, Fig. 9 shows a series of
comparators, 912-922, that compare the values of V., Y.+ Ya2r and
Y..y. and compares y_ and y_ , to the threshold value. Most of the
comparators have a delay circuit, 924-938, on their output to also
provide a comparison of Y, ,, Yasr Ynuir 80d  Y,s. These circuits
thus provide all the inputs necessary for the eguations of Table 2,
and the equivalent equations for the second sample as discussed
above.

Fig. 10 implements the equations of Table 2 for the current
sample, and Fig. 11 implements the equations of Table zifor the

first previous sample. Therefore, in the following description,
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Figs. 10 and 11 will be described together. _

In Figs. 10 and 11, NOR circuits 1002 and 1102 determine if
the absolute value of the signal is greater than the threshold. As
shown in Table 2, this comparison is done in tracking mode, but not
in acéﬁisition mode. Multiplexers 1020 and 1120 select side or
center sampling mode. Multiplexers 1008 and 1108 select positive
or negative pulses in center sampling mode, and multiplexers 1018
and 1118 select positive or negative pulses in side sanpling mode.
NAND circuits 1004, and 1104 implement the egquations for center
sampling positive pulses, and NAND circuits 1010 and 1110 implement
the equaticns for center sampling negative pulses. Multiplexers
1006, 1106, 1012, and 1112 allow a user to select one of two
equations during center sampling. These eguations are shown in
Table 2, equation 3, for positive and negative pulses of center
sampling. This provides flexibility to the user of the circuit.
NAND circuits 1016 and 1116 implement the equaticns for side
sampling, positive pulses, and NAND circuits 1022 and 1122
implement the equations for side sampling, negative pulses.
Condition 3 of Table 2 may be omitted during tracking mode when
condition 4 is used.

Because data recorded on a magnetic storage medium is recorded
using small magnets having alternating north-south poles, the
signal detected by the read head will always have alternating
positive and negative pulses. Therefore, for detecting signals
read from a magnetic recording medium, the equations of Tables 1

and 2 could be easily modified to detect a pulse only if the pulse
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is opposite in polarity to ££;:§¥L4zbus pulse detected. This could
provide additional noise immunity.

Having thus described a presently preferred embodiment of the
present invention, it will now be appreciated that the aspects of
the invention have been fully achieved, and it will be understood
by theose 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. The disclosures and the
description herein are intended to be illustrative and are not in
any sense limiting of the inventicn, more preferably defined in

scope by the following claims.
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applications, including data storage on optical media and data

communications via modem, network, radio, or fiber-optic link.

To recover the written or transmitted data sequence, the
receiver requires a clock signal synchronized with the received
waveform. At each tick of this synchronized clock signal the
receiver or read circuitry generates one bit of the NRZI data
sequence by processing the surrounding waveform. It is often
impossible or at least undesirable to store or transmit a separate
synchronized clock signal with the data waveform. Instead,
constraints are applied to the encoded NRZI data seguence to ensure
that timing information may be extracted from the data waveform
itself and used to "recover" a synchronized clock signal. Such a
systenm is referred to as "gelf clocking®.

Prior art magnetic disk drives typically use a data detection
system known as peak detection, in which ;nalcg circuitry
determines the time instant of each peak in the waveform. Peaks
that meet a gqualification requirement, such as exceeding a
threshold amplitude, are considered to have been caused by a
magnetic transition and are therefore associated with an NRZI "cne”
bit. The recovered clock divides the waveform into bit cells or
windows where the nominal position of a peak is at the center of a
window. A "one" bit is output for each window that contains a
qualified peak and a "zero" bit is output for each other window.
The phase and frequency of the recovered clock are adjusted in a
phase locked loop so as to keep the windows properly aligned with

the peaks.

R ——————————
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Inter-symbol interference (ISI) occurs when pulses are placed

so close 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. Peak shift
due to ISI also causes apparent timing errors that affect the
performance of the clock recovery circuit.

To achieve higher recording densities and/or greater noise
immunity than peak detection channels, another class of detection
methods is based on amplitude sampling of the signal waveform.
Many such sampling detection methods can be implemented using
either analog or digital signal processing devices. In either
case, a synchronized clock signal is required to control the sample
timing and a means must be provided to recover such a clock signal
from the data waveform. Thus there is a need for new timing
recovery methods suitable for use with sampled amplitude detectors
at high recording densities. The present invention meets this and
other needs.

This Application is related to Application Serial Number

07/852.015, filed March 16, 1992, of Richard T. Behrens, Kent D.

Anderson and Neal Glover, entitled "Method and Apparatus for
Reduced-Complexity Viterbi-Type Sequence Detectors", and

Application Serial Number 07/879,938, filed May 8, 1992, of Richard

T. Behrens, Trent Dudley, and Neal Glover, entitled npigital Pulse

Detector™, both owned by the same entity. Each of these
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applications is incorporated herein by refercnce for all that is

disclosed and taught therein.
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It is an aspect of the present inventicn to detect signal
pulses caused by bit transitions within data being read from a data
storage device or data communications device.

Ii is an aspect of the invention to measure a phase error
between each pulse in a signal waveform and a clock signal used to
sample the waveform.

It is another aspect of the invention to compensate the phase
error measurement for asymmetry of the pulse being detected and to
compensate for nearby pulsés.

It is another aspect of the invention to adjust the frequency,
and thereby the phase of the clock signal so as to drive the phase
errcr measurement toward zero.

It is another aspect of the invention to measure a frequency
error between a fixed frequency pulse train and a clock signal used
to sample the pulse train and adjust the frequency of the clock
signal so as tc drive the fregquency error measurement toward zero.

The above and cther aspects of the invention are accomplished
in the preferred embodiment in a mixed analog and digital timing
circuit for timing the conversion of an anﬁlog signal to a digital
signal. The circuit has an analog to digital converter for
converting the analog signal to digital sample values at controlled
sampling times, and a variable frequency oscillator for.controlling
when the analog to digital converter performs the conversion. A
pulse detector detects pulses in the digitized signal. A phase

error circuit subtracts one of two sample values for each pulse
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from the other to create a digital phase error measurement value.
The two sample values occur on either side of the peak of the pulse
detected by the pulse detector. ~ The digital phase error
measurement value is filtered using a digital filter whose output
is connected to the variable fregquency oscillator to adjust the
sample timing to cause samples to be taken at the desired time
instants.

The system alsoc contains a set point register that contains a
value used to adjust the desired sample phase. The set point may
be used to compensate for the pulse being asymmetrical. This value
is always added to the digital phase error measurement value.

In addition to the set point register, the system contains
compensation registers for pulses that occur at two sample times on
either side of the detected pulse, since these pulses are close
enough to the detected pulse to change its shape. These values are
only added into the digital phase error value if a pulse is also
detected at these sample times. A third compensation register is
also present for pulses that occur three sample times after the
detected pulse, and the value of this register is added to the
digital phase error value if this pulse is detected.

The system also contains a lock to reference mode that
includes synthesizing a fixed frequency data pattern, inserting the
data pattern in place of the read signal and locking the variable

frequency oscillator to the synthesized freguency.
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BRIEF DESCRIPTION OF THE DRAWINGS
and other aspects, features, and advantages of the

will be better understood by reading the following more

particular description of the invention, presented in conjunction

with the following drawings, wherein:

Fig.

Fig.

Fig.

Fig.

Fig.

Figs.

Fig.

Figs

Figs.

Fig.

1 shows a block diagram of the environment of the
invention and illustrates the read channel that contains
the invention;:

2 shows a block diagiam of the analog and analog to
digital conversion circuitry of the read channel
centaining the invention;

3 shows a block diagram of the digital circuitry of the
read channel contéining the invention;
4 shows a signal waveform and illustrates center sampling
of the pulses;

S shows a signal waveform and illustrates side sanpling
of the pulses;

6 and 7 show signal waveforms to illustrate overlapping
pulses;
8 shows a block diagram of the timing recovery circuit of
Fig. 3:;

9-10 show a logic block diagram of the acquisition
circuit of the phase and freguency detector of Fig. 8:
"11-12 show a logic block diagram of the tracking circuit
of the phase and frequency detector of Fig. 8; and

13 shows a diagram of the loop filter circuit of the
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timing recovery block of Pig. 3.
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DESCRIPTION OF THE PREFERRED EMEODIMENT

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
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 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 to the system bus
104 for 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 media. A bus 116 connects the disk controller 114 to the
disk drive 118, specifically connecting to a write channel 120 to
write data ontc the disk through write heads and amplifiers 128.

When data is being read from the disk through the read head and
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amplifiers 128 the data comes back through the read channel 1232
which contains the timing recovery circuit of the present
invention. The read 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 102.

The disk controller 114 alsoc 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 digital timing circuit of
the present invention can be used for synchronizing a clock tc
pulses within data received from a transmission line, such as a
telephone line or local area network, in a data communications
receiver. It may also be used in any other device 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 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 vafiable 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



15

20

25

WO 94/18670 PCT/USS4/01084

-~ 213 aa

Lo -

as desired, for example, so as to remove unwanted high frequencies
and shape the remaining spectrum, to an Analog to Digital converter
206. The A to D converter 206 converts the analog signal into a
sequence of digital wvalues, providing six bits of digital
information per sample in the preferred embodiment, and then the
data is passed to a register/de-multiplexer 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 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 as
timing feedback signal 234. Alternatively, the DAC 220 may be an
integral part of the variable frequency oscillator in such a way
that the digital input controls the frequency directly.

A reference signal 236 is created by a frequency synthesizer
240 running at the fregquency used for writing data, and dividing
this frequency by four in the divide by four circuit 238. The
output of the divide by four circuit 238 is a square wave with
period 4T which is connected to the analog multiplexer 203. The

filter 204 passes the fundamental fregquency of the square wave but
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rejects the higher harmonics, thus converting.the reference signal

into a sinusoid with frequency 1/4T. This sinusoidal reference
signal 1is eguivalent to the data signal typically produced bY-zn'rz

e s . n -3
alternating transitions and spaces, i.e. 101010... ig NRZIT;Z ;4

representation. It is often called a "2T" pattern because the
2T .3
distance between transitions is 2 bit cells. The xsiarence pattern:lg-:_
Tb L

is a pulse pattern often used for a preamble signal at the start of G F-.
a data record. The reference pattern signal 236 is used to set the
VFO 222 to 2 nominal fregquency before locking to data preamble.

The gain of the variable gain amplifier 202 is controlled
through 2 gain feedback signal 232 which originates in the digita
portion 124 of the read channel 122. The gain feedback signal 232
is input to a summing junction 210 which has a coarse gain contrcl
value as its other input. The coarse gain control can be set by
the disk controller 114, or a local microprocessor (not shewn)
within the disk drive, to provide a nominal gain.level which is
then adjusted up or down by the gain feedback signal 232. After
being summed with the coarse gain control value, the feedback
signal is sent to a digital to analog converter 212 and then to a
filter 214. Because of the nature of many digital to analog
converters, the output of the DAC 212 may contain glitches 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 converteXr
block 216 and then connected to the variable gain amplifier 202.

This conversion makes the small-signal gain control dynamics
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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 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 cutputs are connected
to multiplexers 310 and 318 respectively. Multiplexers 310 and 318
also receive signal 230. Multiplexers 306 and 316 may be selected
independently, however, multiplexers 310 and 318 are always
selected together. 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 timing recovery circuit 328. If
the filter signal is selectea for either the pulse detector 312 or
the timing recovery 328, 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 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.

One circuit suitable for use as the pulse detector 312 is
disclosed in U.S. Patent Application Serial Number 07/879,938.

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 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. The
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ocutput of the pulse detector 312 may alsc 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.

The pulse detector 312 and the timing recovery circuit 328 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 arrive 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 sanples 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).

For either center or side s;mpling, sampling can occur during
two differeﬁt time segments within a data record béing read fron
the disk media. The first time segment sampling occurs is called
acquisition mode, because it occurs when the gain control and
timing contreol are acquiring the gain and timing relationships of

the pulses. This occurs when the read head is passing a preanile
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portion of the data record which always has a -known data pattern to
facilitate acquisition of the timing and gain. Wwhen data is being
transferred, a different mode is used for the pulse detector and
timing recovery, called tracking, since data has an irregular and
a priori unknown pattern of pulses.

Therefore, the pulse detector and timing recovery 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 tracking mode using center
sampling.

The timing recovery circuit analyzes the current sample of the
amplitude of the signal as well as the previous two samples of the
signal amplitude. Using these three samples, Table 1 shows
eguations for the timing recovery circuit 328.

In Table 1, n is the time of the current sample, n~1 is the
first previous sample, n-2 is the second previous sample and n-3 is
the third previous sample. Y, is the sample value for a sample
taken at time x. SGN is the arithmetic sign of the sample value.
P, has a value of 1 if a pulse is detected during sample x, and P,
has a value of 0 is a pulse is not detected during sample x. t, is
the acquisition timing set point, and t, is the tracking timing set
poeint. a, b, and ¢ are constants used to adjust for neérby pulses.
The equations of Table 1 will be further described below. Also,
the equations of Table 1 assume pulse detection at time n of a

pulse whose peak occurs at time Y.; for center sampling, or between
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Y,; and ¥,, for side sampling. The circuits of Figs. $-12

processes two signal samples simultanecusly. The equations for the
second sample are the same as the equations of Table 1, with one
time delay. Thus, for example, y, in Table 1 would be replaced by
VAR Yh; would be replaced by ¥,.,, and y,., would be replaced by ¥, .5.

-Fig. 4 shows a signal waveform of an isoclated 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 n, being the mcst
recent sample. Sample 410, at time n-1, is the sample just prior
to the most recent sample, sample 408 is the next previous sanmple
and sample 406 is the cldest of the four samples shown. Negative
pulses would appear as a mirror image of Fig. 4. The samples taken
of the pulse are alsc identified as "a", "b", "1", and "c". Sample
"a" pccurs at time n-3 of each pulse, 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 circuit adjusts the level cf this
sample to a nominal value of 1.

Fig. 5 shows a signal waveform of an isoclated pulse and
illustrates side 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 sémple 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 of the

four samples shown. These samples are also identified by the time
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references n through n-3.

Figs. 6 and 7 show waveforms and sample times for a typical
pulse for both side and center sampling, 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 mode, with the four samples of the waveforms, "a", "b",
w1% and "c", being identified for the value of the waveform at
sample times n-3, n-2, n~l, 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 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.

Considering the side sample tracking equation of Table 1, if
pulse 602 is a symmetric isolated pulse, that is, neither pulse 604
nor pulse 606 occurs, the phase error will be zero if the value of
the sample taken at n-2, that is, the "b" sample, is equal to the
value of the sample taken at n-1, that is, the "1™ sample. This
result is shown in the side sample tracking equation as Y. ., = Y.
where y, represents the sample value at time x. Since pulses can

occur in both positive and negative directions, the sign of y , is

multiplied into this equation to account for negative sample

values. That is, the equation

SGN (Ypq) * (¥Yn2 = Yyl

will give the phase error for a symmetric isolated pulse. This
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phase error will be zero if the peak of the pulse occurs exactly at
the center between the "b" and "1" samples, an& will be non-zero if
the peak is offset from the center. if the peak is cffset left of
center, the "b" gample value will be higher than the “1" sample
value,-resulting in a positive phase error value, and if the peak
is offset right of center, the "b" sample value will be lower than
the "1" sample value, resulting in a negative phase error value.
There are many factors that may cause a pulse to Dbe
asymmetric, including magnetic, geometrical, and electronic
factors. Because of this possible asymmetry, the term t, 1is
introduced into the equation. The value for t, will be established
by calibrating the device, however, Table 2 shows nominal values
for t, for different types of data patterns used during

t

acquisition. Therefore, the eguation

SGN (Yoq) * (Yop = Yoo) *+ t,
gives the phase error eguation for an isolated, possibly
asymmetrical, pulse.

Since pulse 604 might have occurred two sample times earlier
than pulse 602, the effects of this pulse must be considered in the
equations. The term “+ c * P_," accounts for the effects of the
pulse 604. Sample “c" of pulse 604 occurs at the same time as
sample "b" of pulse 602. Therefore, if there was a pe;k detected
at time n-2, i.e. p , is one, the phase error is corrected by
adding 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).
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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 ﬁhe *1" gample of pulse 602.
Therefore, the phase error is corrected by subtracting a constant
®a® if there is a pulse at time n+2, i.e. if P_, is one. This
consiant value is alsc determined by calibration of the device and
input to the circuit through the interface 116 (Fig. 1).

The equation for side sample acquisition mode is similar to
the side sample tracking mode equation, except that the corrections
for the pulses 604 and 606 need not occur. These corrections are
unnecessary, because in acquisition mode the data pattern is known,
since the same preamble is written before every data record.
Therefore, the entire compensation for asymmetry and intersymbol
interference can be accomplished with a2 single term t,. Table 2
shows nominal values for t, for the three types of acguisition
patterns used in the present invention. This constant value is
also determined by calibration of the device and input to the
circuit through the interface 116 (Fig. 1).

Fig. 7 shows waveforms when center sampling is being used.
Table 1 shows the center sampling equations, and the center sampled
acquisition equation is very similar to side sampled acquisition
equation, except that in center sampling the "b" and “cf samples of
each pulse are used to determine phase error. Therefore, the
center sampled aéquisition equation substitutes y,  for the y_ , in
the side sampled acgquisition equation.

The center sampled tracking equation incorporates the same
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kind of adjustments that were incorporated into the center sampled

acquisition equation, but the details differ. As shown in Fig. 7,
a pulse 704 can overlap the pulse 702, and if this occurs, the "cn
sample o©of pulse 704 overlaps the "b" sample of pulse 702.
Therefore, the center sampled tracking equation adds the term 5+ c
* P ," to compensate for the pulse 704, where ¢ is the same
constant described for the side sampling equaticns. Similarly,
pulse 706 can overlap pulse 702 and the center sampled tracking
equation adds the term "~ b * P.,;" to compensate for the pulse 706,
where b is a constant value determined by calibration of the device
and input to the circuit through the interface 116 (Fig. 1).

In center sampling, a third pulse, 708, can also overlap the
pulse 702. One possible way to compensate for the pulse 708 would
be to subtract a constant "a" times P,y. However, this requires
that the detector wait at least three sample times before
determining the phase error for the pulse 702. As shown in Fig. 7,
the value of the "a" sample for pulse 708 will typically be very
small for center sampling. Because it is very small, this term of
the equation can be deferred to a later clock cycle without much
consequence. When deferred by three sample times, the correction
"- a * P_" may be included in the phase error equation for the
next pulse (at time n+3), at which time it is included as "- a * P__
3" - Therefore, the center sampled tracking equation includes the
term "~ a * P_." to provide compensation for pulse 708.

Fig. 8 shows a block diagram of the timing recovery circuit

328 of Fig. 3. Referring now to Fig. 8, the timing recovery
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circuit 328 is shown having a phase/frequency detector 802 which is
connected to a loop filter 808 to provide the timing feedback
signal 234. The phase/frequency detector 802 receives the output
314 of the pulse detector 312 (Fig. 3). As discussed above and
shown in the equations of Table 1, this is the signal "P". The
phase/frequency detector 802 also receives the data samples 320
which may have been selected from the raw data samples 230 or after
being delayed by the delay 304 or filtered by the digital filter
302. In addition, the phase/frequency detector 802 receives an
acquisition/tracking signal 810 which tells the phase/frequency
detector 802 whether acguisition or tracking mode 1s being used.
Also, a read/lock signal 812 tells the phase/fregquency detector
whether data is being read from the system, or whether the detector
is in lock to reference mode.

Lock to reference mode is used to set the frequency of the VFO
222 (Fig. 2) at a nominal frequency when data is not being read and
thus minimize the initial frequency error when reading of data is
started. This is accomplished by creating a periodic reference
signal at a precisely controlled frequency equal to one fourth of
the nominal sample rate. This signal is connected through analog
multiplexer 203 (Fig. 2), into the normal data path. Thus, when
not reading data, this reference signal may be used to set the VIO
at the nominal frequency. |

Table 3 shows the equation for the frequency detection, when
the phase/frequency detector 802 is acting as a frequency detector.

This equation is very similar to the center sampled acquisition
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phase error equation, except that the sign of y, is reversed and
the t, term is absent. If the VFO 222 is saméling at the correct
frequency, every other sample will have the same magnitude, but
opposite in sign. Therefore, if the VFO 222 is sampling at the
correcé frequency, Y, + Y,, Will be zero. if the VFO is low in
frequency, the result is negative, and if the VFO is high, the
result is positive.

Figs. 9-12 show a logic block diagram of the circuit for the
phase/frequency detector 802. Figs. 9%-10 éhow the circuit for
determining phase and frequency errors during acquisition mcde, and
Figs. 11-12 show the circuit for determining phase errors in
tracking mode. Frequency errors are only determined during
acquisition mode. In the preferred embodiment of the present
invention, twe samples are processed simultanecusly. Fig. 9 shows
the processing of the first sample in acgquisition mode, Fig. 10
shows the processing of the second sample in acquisition mode, and
Fig. 10 alsoc combines the results of Fig. 9 and 10 for acquisition
mode. Similarly, Fig. 11 shows the processing of the first sample
in tracking mode, Fig. 12 shows processing of the second sample in
tracking mode, and Fig. 12 alsoc combines the results of Figs. 12
and 13 for tracking mode.

Referring now to Fig. 9, the circuits surrounded by dashed
line 917 partially solves the equations for side and center
sampling acquisition mode and frequency detection to produce the

result of:

SGN (Yn-1) * yn-Z * tn
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for phase error detection and

SGR (¥ ¢) * Ya2
for frequency detection.

Multiplexer 312 selects either y, or the inverted value of y_
based on the sign of the data input y_,,. Adder $14 then adds this
result to t, for phase error detection or zero for fregquency
detection, and delay circuit 916 delays the result by two time
periods so that signal 918 becomes SGN (y,,) * Y., + t, or SGN (y,.,)
*y ,+ 0.

The circuit surrounded by dashed line 931 produces the other
part of the equation:

= SGN (Yp.q) * Yo
For side sampled acquisition and:

= SGN (y,) * vy,
for center sampled acquisition mode and:

+ SGN (Y. * ¥,
for frequency detection.

If side sampling read mode is being used, AND circuit 923 and
multiplexer circuit 928 select y, , for input to the EXCLUSIVE OR
circuit 930. If center sampling or lock to reference mode is being
used, these circuits select y, for input to the EXCLUSIVE OR
circuit 930. EXCLUSIVE OR circuit 927 uses the sign bit, that is,
bit five, of y , and the READ/LOCK signal 812 to determine whether
the output of multiplexer 928 should be inverted and a sign bit of
one input to adder 934. If read mode is being used and the sign of

Y is positive, the output of multiplexer 928 is inverted and a

n1
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sign bit of one is input to adder 934. If frequency mode is being
used and the sign of Yoy 18 positive, the multiplexer output is not
inverted, and a sign bit of zero is input to adder $34. The output
of EXCIUSIVE OR circuit 930 and the output of inverter %32 are
input to the adder 934 which adds the output of EXCLUSIVE OR
circuit 930, and carry bit 933 to the signal 918 to produce the
phase error or frequency error value on signal 936. Because of the
EXCLUSIVE OR circuit 930 inverts the output of multiplexer 928, and
inverter 932 creates a carry bit 933, adder 934 sometimes performs
subtraction.

Fig. 10 performs the same function as Fig. 9 to produce a
phase or freguency error signal 1036, however, it uses the previous
sample as input, and then it combines the phase/frequency error
outputs 836 of Fig. 9 and 1036 of Fig. 10.

The previous sample inputs to multiplexer 1012 are Y..q rather
than the y, inputs to multiplexer 912, as are the inputs to
multiplexer 1028 and EXCLUSIVE OR circuit 1027. The result is that
signal 1036 is the phase/frequency error for the sample previous to
the sample processed by Fig. 9. The circuits of Fig. 9 and Fig.
10, in combination, process two samples simultaneously.

After the two phase/frequency errors are determined, the NAND
circuits 1038, 1040, and 1042 combine the signals to produce the
output 1044 which is sent to Fig. 12 to be combinéd with the
tracking mode signals before being sent to the loop filter 808.
The NAND circuits 1038, and 1040 select either the output 936 fron

Fig. 9 or the output 1036 from Fig. 10 depending upon whether a
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pulse occurred at time n or at time n-l. These outputs are then
connected to NAND circuit 1042 which produces.the output 1044.

Figs. 11-12 show the phase/fregquency detector circuit for
tracking mode. Referring now to Fig. 11, NAND circuit 1106 provides
the term "-a * P_s" for center sampling. For side sampling the
output of NAND circuit 1106 is zeroc. Multiplexer 1114 selects "t,
+ c *p " if a pulse occurred at time n-2 or "t." alone if a pulse
did not occur at time n-2. There are separate set points for
acquisition mode and tracking mode. The term “a * P _," is
subtracted from the output of multiplexer 1114 by using the output
of NAND gate 1106, which inverted the value of "a", and inserted a
sign bit of one into the adder 1118 through signal 1107 as well as
a carry bit of one through signal 1147. Therefore, signal 1120
represents "t + c * P, - a * P _.", although the term "~-a * P ."
will only be present for center sampling.

Multiplexer 1124 selects the value Yy, for center sampling and
Y,1 for side sampling and inverts the value before sending it to
adder 1122. A carry bit of one is input to the adder 1122 through
signal 1121 to cause either y, or y,, to be subtracted from y,,,
signal 1020. EXCLUSIVE OR circuit 1126 adjusts for the sign of vy _,
and adder 1128 combines the result with signal 1120 to produce the
partial equation:

SGN Yoy * (Ypp = ¥,) * E, + C* Py - a* Py
Although the term "~a x P_," will only be present for center
sampling. Delay circuit 1130 delays this result by two sample

times and then adder circuit 1138 subtracts either the constant "a"
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BACKGROUND OF THE INVENTION

In a magnetic disk or tape data storage device, data is
commonty 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. 1In 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 the encoded data causes the magnetization
direction to remain unchangéd. 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 written NRZI
data sequence may be reconstruccted 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 froz the
NRZI data.

Similar waveforms composed of pulses sometimes occur in other
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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 invantion. For instance the invention
could be implemented with analog circuitry in place of much of the
digital circuitry of the 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.
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Tadble 1
Acquisition ~ Tracking
Side SGN (Yn-1) * (Yn-z—yn-‘l ) +t¢ SGN (yn-1 ) * (yn-z"ynﬂ) +tt+c*Pn-2
Sampled ~a*pP
Cent_er SGN (yn-‘l) * (sz—yn) +ta SGN (yn-1 y* (Yn-z"Yn) +t:+c*Pn-2
Sampled --!:ul'Pl,,._z---a*"Pﬂ,3
Table 2
ACQUISITION PATTERN NOMINAL t, NOMINAL t,
1010... 1 ~-b+c¢c ~-a
Side
Sampled 100100... 1-Db> 1-b
10001000... 1l -b
1010... 2 * {(c - Db
Center
Sampled 100100... c -b+ a c~Db
10001000... c ~-Db
Table 3

Frequency Detector = SGN{Y ,)*(Y +Y_ )
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This invention relates generally to detection, demodulation
and decoding of digital information in data storage and/or
communication systems, and to the efficient implementation of such
circuits. More particularly, the invention relates to seguence-
pased demodulation of partial-response signals and to sequence-

based decoding of convolutional codes using a Viterbi-like

algorithm.

2. Pyrime a*"‘-

In the storage or transmission of digital information, the
tits or symbols of the user data are actually transmitted or stored
via a physical medium or mechanism whose responses are essentially
analog in nature. The analog write or transmit signal going into
the storage/transmission medium or channel is typically modulated
by channel bits that are an encoded version of the original user-
data bits. The analog read or receive signal coming from the
medium is demodulated to detect or extract estimated channel bits,

-
e

which are then decoded into estimated user-data bits. Ideally,
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estimated user-data bits would be an identical copy of the original
user—-data bits. In practice, they can be corrupted by distortion,
timing variations, noise and flaws in the medium and in the

write/transmit and read/receive channels.

The process of demcdulating the analog read signal into a
stream of estimated user-data bits can be implemented digitally.
Digital demodulation irn advanced mass storage systems requires that
the aralog read signal be sampled at a rate that is on the order of
the channel-bit rate. Maximum~-likelihood (ML) demodulation is a
process of constructing a best estimate of the channel bits that

were written based on digitized samples captured from the analog

read signal.

FIGURE 1 shows an exemplary read signal 100, which is a
positive-going pulse generated by an inductive read head, for
example, from a single medium transition such as transition 103
from North-South to South-North magnetization of track 104 on a
rotating disk. Typically, the write signal modulates a transition
in the state of the medium to write a channel bit of 1 and
modulates the absence of a medium transition to write a 0 channel
bit. Thus, transition 103 corresponds to a single channel bit of

value 1 in a stream of 0's.
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It is common to use run-length-limited (RLL) encoding of the
original user data bits, which are arbitrary or unconstrained, into
an RLL-encoded stream of channel bits. It may be desirable thas:
there be no less than d zeroes between ones; that is, that the
medium transitions be spaced by at least d+1 bit times. This
constraint can help keep to a manageable level the interference
effects among the pulses in the analog read ;ignal. On the other
hand, because medium transitions provide timing information tha:
must be extracted from the read signal to ensure synchronizaticn cf
the demodulatcr with the pulses in the read signal, it may be
desirable that there be no more than k zeroes between ones; tha=<
is, that there be a2 medium transition at least every k'th bit time.
An RLL(d,k) code is a code that can encode an arbitrary stream of
criginal user-data bits into a stream of channel bits such that the

encoded channel bit stream satisfies these two constraints.

For example, the following table shows a commonly used

RLL(2,7) code:

cer r iT s 11 ~Fn e ape} Riw
000 000100
0010 00100100
0011 00001000

010 100100
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011 001000
10 0100
11 1000

Note that this RLL({2,7) code requires that the information bi:
rate available for channel bits be twice the bit rate provided for
user-cdata bits. Other RLL codes enforce the constraint that d=1
{(i.e. that no adjacent channel bits both be 1). RLL(1l,k}) encoding

is also called one-constraint encoding, or encoding with a minimum

run length of 1.

In FIGURE 1, sample set 101 shows the values of four samples
in the case of side sampling of read signal 100; i.e. 0.333, 1.0,
1.0, and 0.333. Sample set 101 is eguivalent to the set 1, 3, 3,

»

1; that is, only the ratios among samples are significant. A
signal model gives rise to an expected sample sequence for a single
or isolated transition in medium state. Typically, only a few
samples of the respon;e to an isolated medium transition are non-
zero; in this case, four are non-zero. In a side-sampled signal
model such as 1, 3, 3, 1, timing circuitry in the demodulator
attempts to maintain a lock on the inceming signal such that there
are two adjacent samples on opposite sides of the peak of an

isolated pulse. Other sample timing arrangements may be useful.

In center sampling, the timing circuitry trys to lock the sample
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times to the read signal pulses such that one sanmple occurs at the
peak of each pulse. Sample set 102 shows the values cf four
samples in the case of center sampling of a similar read signal
105; i.e. 0.5, 1.0, 0.5, and 0.0 {or 1.0, 2.0, 1.0 and 0.0
depending on the arbitrary normalization used). An expected sample
sequence of 1, 2, 1 corresponds to the signal model known in the

prior art as Extended Partial-Response (Class IV (EPR4).

Such sample sequences are samples of a continuous-time analog
read~signal waveform such as may be produced in the receiver cf a
commmunications system or in the readback circuitry of a storage
device. For a sysiem that is bandwidch limited to 1/(2T), where T
is the sample spacing in time, the sampling theorem declares that
the continuous time waveform must be a superposition cif sinc
functions (sinc{x) is defined as sin(x)/x for x<>0, and as I ZIcr
x=0}, Qith one sinc function centered at each sample point and of
amplitude equal to ﬁhat sample value and with zero crossings at all
other sample points. As an example, in saturation magnetic
recording, the current in an inductive write head takes on values
of +I and -~I. The basic excitation applied to the recording
channel is a step in current from +I to -I, or vice versa, in the
analog write signal. This step in write current produces a
transition in the magnetization state of the medium as it moves

past the head. When an inductive read head 1s passed over this
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magnetic medium transition, a voltage pulse is induced by the
bandwidth limited differentiating interaction of the head with the
magnetization of the medium. By suitable filtering or
equalization, the sequence of samples on an isoclated transition
response pulse can be made to be (..., 0, 0, 1, 2, 1, 0, O, ...},
in which case the recording or transmission channel matches the

EPR4 signal model.

Another sample sequence well known in the prior art is the
Partial Response Class IV signal model (PR4), which corresponds to
an expected sample sequence of 0, 1, 1, 0. There are numerous
other known signal models. Further, as one is designing or taking
measurements on a write/medium/read channel, it may be desirable to
take into account the exact response, noise and distortion
characteristics of the channel in selecting the signal model to be
implemented in the demodulator. Thus, there is a need for a
demodulator that is programmable as to the signal model, or
expected sequence of sample values for an isolated medium

transition.

In data storage it sometimes happens that a data record is not
read correctly on the first attempt. Such an event is usually

detected by an error detection scheme, but it may not be possible

W}

to correct the error(s). In that event the only hope of recoverin
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the data is to attempt another read of the gata record. On second
and subsequent reads (i.e. on retrys) it may be desirable to change
some parameters of the read circuitry in the hopes that such
changes will suppress or attenuate the error mechanism. Thus there
is need for read-channel electronics that can be easily changed for
retries. Additionally, in the case of data storage on rotating

isks, the constant angular velocity of the disk results in a
variable velocity of the recording medium with respect to the read
and write heads. Even if zones are used, in which the channel bit
rate varies among zones as the heads move in and out on the disk,
there is still a variation in signal shape within each zone from
its innermost track to its outermost track. Thus there is a need
for read-channel electronics that can be easily changed to

accommodate changes in system characteristics.

In situations such as mass information storage in magnetic
medium, significant storage-system speed and capacity gains can be
realized if the information bits can be closer together in
position/time on the medium. However, according to information
theory the sample rate must be at least as high as the channel bit
rate to utilize all available channel capacity. More precisely,
the Nyquist sampling criterion requires that the sample frequency
be at least twice the highest frequency contained in the signal, cr

else information is lost due to aliasing. This information loss
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could be prevented by introducing redundancy through appropriate
coding, but this would reduce the channel capacity for user
information. All the partial response signal models described
herein may contain frequencies up to one-half of the channel bit
rate, implying that the sample rate must be no less than the
channel bit rate to avoid aliasing. Sampling at exactly the
channel bit rate satisfies the Nyguist criterion when the sample
times are appropriately synchronized with the signal. Sampling at
the channel bit rate is also convenient for synchronization of the
demodulator circuits because the demodulator then produces one

estimated channel bit per sample.

Therefore, at least one sample of the analog read signal is
typically reguired per channel bit that is to be demodulated from
the signal. Digital decoders are typically complex circuits and
may require a slower processing or clock rate than can be supported
by analog-to-digital converters and simple buffers. Thus, there is
a need for demodulator circuitry that can process in real time
read-signal samples that are taken at a higher sampling rate than

the processing rate of the demodulator itself.

[

Further, as medium transitions are more closely positioned,
the writing and reading processes become more sensitive to the

distortion, timing variations and noise that are inevitably
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introduced in the processes of writing, storing, and reading.
Also, as the transitions become closer, the ability of. the mediunm
to fully transition from, say, North-South magnetization to South-
North magnetization may be taxed. Also, as the medium transitions
become closer, interference effects increase among adjacent or

nearby transitions.

FIGURZ 2 shows how positive-going pulse 200 from first mediur
transition 201 combines with negative-going pulse 202 from second
transition 203 to produce analog read signal 204, which can be
viewed as the interference of the two pulses. Adjacent medium
transitions always give rise to read pulses of opposite polarities
because they always are created by transitions of opposite types,
for example North-South changes to South-North in transition 201,
so adjacent transition 202 must be South-North changing back to
North-South. Read signal 204 might give rise to a sequence of
samples such as 0.333, 1.0, 0.667, -0.667, -1.0, -0.333. To the
extent that the read process is linea; (and it may not be entirely
"linear), the voltage waveform induced in the read head will be the
superposition of a sequence of pulses, where each pulse is the
response to an isolated magnetic transition on the medium.
Clearly, engineering a high-performance digital demodulator :s

a complex challenge given the combined effects of the limited
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sampling rate in a digital demodulator, possibly incomplete
transitions in the medium, interference among read-signal responses
to medium transitions, and distortion, timing variations, noise and

flaws in the medium and in the write and read channels.

The prior art uses a method known as partial-response
signaling to increase medium transition rates. Partial-response
signaling is described in the book "Digital Transmission of
Information™, by Richard E. Bléhut, 1990, pp. 139~158 and 249-255.
This method allows the analog response of the storage/transmission
medium and of the write/transmit and read/receive circuitry to a
medium transition to overlap with the response to adjacent
transitions associated with subsequent information bits. If
properly implemented, this method can achieve higher information
bit rates/densities than the alternative of requiring the medium
transitions to be spaced such that the read signal responses do no:
overlap significantly. A sequence demodulator is required for

partial~response signaling.

The prior art uses the Viterbi algorithm to implement sequence
detectors, including demodulators and decoders. The Viterbi
algorithm is described in the book "Fast Algorithms for Digital
Signal Processing”, by Richard E. Blahuz, 1985, pp. 387-39%. A

Viterbi demodulator does not attemp: to decide whether or not a
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medium transition has occurred immediately upon receipt of the
sample (s) that correspond to that transiticon. Rather, as samples
are taken from the analog read signal, the Viterbi demodulator
keeps a running tally of the error between the actual sample
sequence and the sample sequence that would be expected if the
medium had been written with a particular sequence of transitions.
Such an error tally is simultaneously kept for several possible
transition sequences. As more samples are taken, less likely
choices for transition sequences are pruned from consideration. If
the set of possible seguences of medium transitions is
appropriately constrained, then the location of each medium
transition becomes known with a high degree of likelihood within a
reasonatle time after taking the samples corresponding to that
transition. This effect is shown in FIGURE 5, which illustrates
the deferred decision making of a particular Viterbi demodulator in
the case of a particular actual sample sequence by showing how the
contents of the path memories evolve as additional read—signal.
samples are taken. A path memory of a sequence demodulator stores
information concerning a particular sequence of transitions that is
currently being considered as a candidate for the correct

transition seguence.

Two of the most significant decisions in designing a modulator

and cerresponding demodulator are the choice of encoding
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constraints and the choice of signal models. The encoding
constraints chosen may effect the complexity of the demodulator.
The filtering and sampling strategy used in the
read/receive/demodulate processes can be designed to generate a
pulse response to an isolated medium transition that corresponds
with the signal model chosen. A sample seguence model is a
particular finite-state machine, where the states and transitions
of the finite-state machine are determined by the encoding
constraints and the signal model chosen. A sequence of expected
read-signal samples can be viewed as being generated by a sample
sequence model. Viterbi demodulators keep track of one error tally

per state in the sample segquence model.

FIGURE 3 shows the sample sequence model for a stream of
RLL(1l,infinity) encoded channel bits as viewed by a demodulatocr
that uses the EPR4 signal model. Each sequence-model transition is
represented in FIGURE 3 by an arrow labeled both with the expected
values for the associated read-signal sample and with the current
RLL-encoded channel bit that generated the current medium
transition, or lack thereof, in the write/transmit/modulate
process. For example, sequence-model transition 301 is labeled
with expected sample value 302 (+0.5) and with estimated channel
bit wvalue 303 (1). Transition 301 cccurs upon taking the sample

that shows the leading edge of the positive-going read-signal pulse
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associated with an isolated medium transition, as might be produced
for example in the case of a magnetic medium transition from North-
South magnetization to South-North magnetization. Each sequence-
model state is represented in FIGURE 3 by a circle which, as an aid
to understanding, is labeled with a sequence of 3 digits (0 for
North and 1 for South) corresponding with the current medium state
and the medium states associated with the previous two samples
(from right to left). Accordingly, sequence-model transition 301
is the transition from state 000 (or North, North, North) to state
001 (or North, North, South). Note that these state labels do not
directly correspond to the sequence of channel bits. Often the
sequence-model states are referred to by the decimal equivalents of
the state labels used in FIGURE 3 as interpreted as three bit
binary numbers. All possible sequences of EPR4 signals that can be
read from medium written with an RLL constraint of d=1 may be
generated by traversing the state diagram of this sample seguence

model .

In general, the number of states in a sample sequence model
without RLL constraints is 2°N, where N is the number of samp.es
between the first and last nonzero samples (inclusive) of the

o~y
b

system response to its basic excitation. The imposition of codi

constraints, such as RLL constraints or other codes mapping from

user-data bits to channel bits, may change the number of states anc
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transitions between states. For example, in the case of FIGURE 3,

because of the RLL constraint of d=1 chosen, the 010 and 101 states
are impossible or prohibited states. To take another case, an RLL

constraint of k=7 that is incorporated into the sample sequence

model may increase the number of sequence-model states. If each

probability, then a sample sequence model is equivalent to a Markcwy

model for a source of expected samples.

The labels on the sequence-~model transitions shown in FIGURE 3
associate the presence (estimated channel bit value of 1) or

absence (estimated channel bit value of 0) of a medium transition

11
th

with the sample where the corresponding read-signal respons
appears. There are other ways to associate the estimated channel
bits to be output with the sequence-model transitions, e.g. the 1
values could appear on seguence-model transitions that correspond

to the peak of the read-signal response.

To understand this sample sequence model, consider a simgle
decoder for an ideal read signal without noise, distortion or
timing variations that is implemented according to the state
machine of FIGURE 3. This decoder makes one state transition per
each sample of the read signal. Assume that this decoder is

currently in state 000 (corresponding to a medium sequence of
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North-?outh, North-South, North-South, or NNN) and the demodulator
receives a sample value of +0.5. This sample indicate; the leading
edge of a medium transition from North-South magnetization to
South-North magnetization. This results in a next state of 001 (or
NNS) and a demodulator output or estimated channel bit of 1, which
indicates the presence of this medium transition. Because cf the
one~constraint encoding, the only sample that can be expected tc
occur next is +1.0, which is the sample that is aligned with the
center of the read-signal pulse due to this medium transiticn.

This sample results in a next state of 011 (or NSS) and a
demodulator output of 0, which indicates that another medium-
transition response does not start with this sample. Because we
have now satisfied the run-length constraint, ﬁhe next sample may
or may not be affected by the leading edge of a pulse due to a
second medium transition. Thus state 011 has two possible
transitions leading from it. If a second medium-transition pulse
is starting with the next sample, then the +0.5 trailing sample
that must be present due to the first transition would be offse- by
the -0.5 leading sample of the second medium transition, and the
expected sample would be 0.0. Therefore, receiving a sample value
of 0.0 results in a next state of 110 (8S8N), and an estimated
channel bit of 1 to indicate the second medium transition.
Alternatively, receiving a sample value of +0.5 indicates tha:

there is not yet another medium transition and results in a nex:
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state.of 111 (SSS) and a demodulator output of 0. If the state
machine is in state 111, then receiving a sample of 0.0 results in
a next state of 111 and an output of 0, i.e. no new medium
transition. The remaining transitions and states are symmetrical
with those in the above description. Given an ideal set of
samples, the output of a demodulator that directly implements this
state machine would exactly reproduce the channel bits written to

the medium.

In operation, a Viterbi demodulator can be thought of as
walking the trellis formed by taking each state of a sample
sequence model over each sample time. FIGURE 4 shows the
fundamental frame of the trellis of the EPR4 state machine shown in
FIGURE 3 between time T and time T+1. Each possible transition o=
the EPR4 state machine is represented as a branch in the trellis
frame. Let S(T) be the read-signal sample taken at time T. Let
the branch error metric of, for example, the branch from state 0Cl
to 011, be the guantity (S(T) - 1.0) sqguared, because +1.0 is the
expected sample value for that branch. Because there is only one
sequence~model transition leading into state 011, the path erxor
metric for state 0ll at time T+l is always the path error metric
for state 001 at time T, plus this branch error metric and the
associated estimated channel bit is always 0. To take a second

example, state 001 could be reached at time T+]l either from state
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000 with a channel bit of 1 and an expected sample of +0.5 or it
could be reached from state 100 with a channel bit of 1 and an
expected sample of 0.0. So for state 001, both branch error
metrics are computed, i.e. the guantity (S{(T) - 0.5)"72 and S(T)"2.
The first branch error metric is added to the path error metric for
state 000 at time T, and the second branch error metric is added tc
the path error metric for state 100 at time T. The Viterbi
algeorithm then compares these two metrics and the path with the
smallest distance from the actual sample sequence 1s selected as
indicating the most likely path along which state 0Cl might be

entered at time T+1.

For each sample time, the expected sample for each possible
state-machine transition, or trellis branch, is compared with the

reacd~signal sample to generate an error metric for that branch.

+3

his branch error metric is accumulated over multiple sample times,

hus forming a path error metric. A Euclidean distance metric may

.

¢t

be used; i.e. a branch error is the square of the difference
between the actual read-signal value and the expected value for
that state transition at that sample time. A Euclidean path error
would be the sqguare root of the sum of the branch errors along that
path, but since only comparisons among path error metrics are
significant, there is no need to compute a sguare root and the sun

oI the branch paths may be used as the path error metric. Other
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error metrics may be used, for example the absclute value of the
difference between the actual sample and the expected sample. For
each state at each sample time, the history of possible paths that
may have led to that state is reduced by assuming that the state

was entered by that path leading into it that has the lowest path

]

wetric. This simplification is justified by the fact that no
future samples will shed any further light on which path may have
led up to that state at that time. As an example of this
calculaticn, state 000 in FIGURZ 3 could be entered from either
itself or from state 100. In the former case, the expected sample
would be 0.0 and in the latter it would be -0.5. At each sample
time, the current sample is compared with each of these expected
sample values. Let S be the current sample and P (X) the current
path error metric associated with state X. If (S + 0.5)"2 + P(100)
is less than (S - 0.0)"2 + P(000), then the Viterbi algorithm
considers that state 000 would be entered from state 100 at this

time and not from the loop from itself. A similar computation is

performed for each state at each sample time.

At any sample time, the state that currently has the minimum
path error metric could be taken as the correct state and the
estimated channel bit could be taken directly from the seqguence-
model transition corresponding to the chosen branch into that

state. But instead, the Viterbi demodulator, like other seguence
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demodulators, defers this decision until a sequence of subsequent
samples has been taken. No attempt is made to determine which
state correctly models the channel bit sequence written into the
medium at the corresponding write times. Rather, the pruning of
unlikely past possibilities occurs only within each state for each
sample. Thus, path histories of estimated channel bits must be
kept for each state in the sample sequence model. If the modulatcr
and demodulatcr are designed appropriately for the characteristics
of the medium and the read and write channels, then after a
reasonable number of samples beyond sample T, the path histories
associated with all of the seguence-model states are very likely o
make the same estimate of the value of the channel bit

L)

corresponding to sample T.

FIGURE 5 illustrates the deferred decisions that a Viterbi
demodulator makes. This figure was generated by a software
implementation of a particular Viterbi demodulator operating on a
particular actual sample seguence. Signal 501 represents a
digitally sampled ideal read signal without noise, distortion or
timing variations. Trellis path 502 is the correct path, i.e. it
corresponds to the written channel bits and to ideal read signal
501. Signal 503 is a noise signal that is added to signal 50! to

produce actual sample sequence 504. Trellis 506 shows the paths

contained in the path memory, after the 10th sample has been takern,
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for each of the B8 states of the particular sample sequence model
used in this figure. Note that after the 10th sample, each path
estimates the same sequence-model state corresponding to the 1st
through the 5th samples, but that after the 5th sample, the
contents of the path memories diverge in order to find the most
likely path into the state that they represent at the 10th sample
time. Trellis drawings 507-510 show the paths contained in all
path memoxies as of the 1llth through the 14th sample time
respectively. In each of trellis drawings 506~510, the path
histories associated with all of the seqguence-model states make the
same estimate of all channel bits up to a reasonably recent time,

i.e. between 3 to 5 samples prior to the current sample.

In a mathematical sense, the maximum~-likelihood decision rule
says to choose as the estimate of the written channel bit seguence
that sequence, out of all possible channel bit sequences, for which
the conditional probability of receiving the actual sample seguence
is highest. A Viterbi demodulator sampling the analog read signal
at the channel bit rate satisfies this maximum-likelihood criterio=n
if the analog read signal contains white Gaussian noise added o
the expected read-signal pulse samples and the analog read signal
is passed through a filter with a frequency response matched to the

channel.
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For each state in the sample sequence model, the path
histories of estimated channel bits are kept in a path memory. The
path memory in a sequence detector stores the information necessary
to define each surviving path in the trellis., 1In a prior-art
Viterbi detector, there is one surviving path for each state of the
source model. The information in the path memory may be encoded
and managed in a variety of ways. One way is to simply store the
sequence of decisions from each ACS module regarding which cf its
input paths was chosen at each iteration. In this case the path
memory amounts to a set of shift registers, and some means must be
provided to trace the paths back through the trellis to determine
the estimated chénnel bit sequence that is the primary output of
the demodulator. The length of the path memory is the number of
frames back through the trellis for which each surviving path can
be reconstructed, counting the current frame. In well-designed
detectors, there is a high probability that the surviving paths
will all emanate from the same sequence-model state at some point
in the trellis within the length of the path memory, and thus share
a common path before that point. When this is so, any one of the
surviving paths may be traced back to determine the demodulator's

estimated channel bit output associated with the oldest frame in

the path memory.
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In practice; a path memory of 6 to 30 bits may be sufficien=.
That is, it may be large enough to ensure that there is a high
probability that the channel bits are identical in each state’s
path memory for the bits at the least-recent end of each path
memory. Path memory requirements depend on the signal model and on
the coding constraints applied. For example, a lower value for k
in the RLL{d,k) constraints on the channel bits can in some cases
lower the length of the path memory required because the occurrence
of medium transitions tends to force or expedite the Viterbi

algorithm to make significant decisions.

Path memoriés can be burdensome to implement. Thus there is a
need for technigues to reduce the number of path memories reguired
to implement a Viterbi-like algorithm.

In typical prior-art implementations of the Viterbi algorithm,
the signed add, square, add, compare and select computation
described above is performed for each sequence-model state. The
results of the signed add and square computation may be the branch
error metric for more than one branch. 1In this case, the output cf
some of the modules that implement the computation of the branch
error metrics may be used as inputs to more than one add, compare,
select (ACS) module. For example, FIGURE 6 is a block diagram ci

an implementation of these steps for the EPR4, d=l sample seguence
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model, which is shown in FIGURE 3. Branch error metric generators
600~604 implement the signed add and square computation for each of
the possible walues of expected samples, i..e. -1.0, -0.5, O,
+0.5, angd +1.0). ACS modules 605, 606, 608, and 609 implement the
add, compare, and select computation for states 000, 001, 111, and
110 respectively. Each also stores the current path error mezric
for the best path, at any given time, into the state it represents.
They also communicate, via selection indicator lines 611-614
respectively, to path memories 615 which of the two possible inpu:t
transitions they have selected as the most likely path into the
state they represent. A more detailed block diagram of the
implementation of two~input ACS modules 605, 606, 608, and 605 is
shown in FIGURE 7. Modules 607 and 610 are ACS modules for the

special case of states 011 and 100 which have only one seqguence-

model transition leading into them. Modules 607 and 610 implement

te

the add and store-path-error-metric functions only. In this prio
art Viterbi demodulator implementation, one ACS module is reguired
for each state in the sample sequence model. ACS modules can be

burdensome to implement.

As more samples are taken per each medium transition response
and as larger amounts of interference are allowed among pulses in
the read signal, more states are required in the sample seguence

model. Thus there is a need for a technigue that reduces the
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for side sampling, or the constant "b" for center sampling, before
sending the result to multiplexer 1140. Multiplexer 1140 selects
either the output of delay circuit 1130 or the ocutput of adder
circuit 1138 depending upon whether a peak occurred at time n.
Since delay circuit 1130 has delayed by two clock cycles, signal P,
1046 actually represents P,,, and therefore determines whether the
constant terms a or b should be added in. Therefore, output 1142
is the solution to the tracking equations of Table 1 for the
current sample.

Fig. 12 is identical to the circuit of Fig. 11 except that the
samples used are delayed by one, and additional circuitry exists to
combine the two phase errors. For example, the inputs to

multiplexer 1224 and adder 1222 are one sample behind the inputs to

the equivalent circuits in Fig. 11. Therefore, the output 1242‘95%99 v

provides the solution to the tracking equations of Table 1 delayed:;& 9

by one sample time.

Fig. 12 then combines the phase error results 1142 and 1242 of
Figs. 11 and 12, respectively, to provide the phase/frequency
detector output 816 to the loop filter. The NAND circuits 1244 and
1248 select the output 1142 of Fig. 11 or the output 1242 of Fig.
12 depending upon whether a pulse occurred at time n-~2 or time n-3.
This result is sent to NAND circuit 1246 which produces the output
1250 which is combined with the acquisition mode signals before
being connected to the lcop filter.

NAND circuits 1260, 1262, and 1264 select the acquisition

phase/frequency error signal 1052 or the tracking phase error
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signal 1250, depending upon the TRK/ACQ signal to create the
phase/frequency circuit output 816 whicﬁ is sent to the loop
filter.

Fig. 13 shows a diagram of the loop filter 808. The z-domain
transfer function of this filter is

F(z) = (c, *z* (z=1) +¢,) / (z* (z-1)
where z'' represents a delay of two channel bit intervals ( each
1/f,) because this digital filter operates at one-half the channel
sample rate. Coefficients ¢, 1302 and ¢, 1304 are independently
programmable for acquisition and tracking. For lock to reference
mode, ¢, is set to zero and ¢, is independently programmable. A
means 1s also provided to change the significance of the loop
filter output between acgquisition and tracking modes since the
appropriate range and resclution of frequency control depends on
which mode is used. Separate registers are provided for each mode
to facilitate this change. Delay element 1306 is used for
pipelining and has little effect on the filter response.

A linear discrete-time approximation to the open-loop transfer
function of the loop is

G (2) = (K, * K, * (c, * 22 = ¢, * z+c) / (27 * (z - 1)
where R% is the gain of the phase detector (which depends upon the
pulse shape), K is the control gain of the VCO and n is the number
of (2/f,) clock delays in the loop.

Having thus described a presently preferred embodiment of the
present invention, it will now be appreciated that the aspects of

the invention have been fully achieved, and it will be understood
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010000 with its squared path metric of 0.2402, over the channel-bit

sequence of 001000 with its squared path metric of 0.2602.

If one of the paths in FIGURE 8 is the correct path, i.e. the
path representing the sequence-model transitions that correspond to
the seguence of written channel bits, then the other path is an
error path. The selection by the demodulator of the error patl
instead of the correct path would constitute an actual error event,
and would result in one ox mofe erroneous estimated channel bits
being ouzput from the demodulator. The example of FIGURE 8 is a
closed potential error event beginning at time T+1 and ending at
time T+5 because the erroneous path and the correct path converge
to the same state at time T+5. In contrast, it would be an open

e trellis ended at time T+4, before the

e s

potential error event if ¢

paths had merged.

More generally, any path through the trellis may be the
correct path and any pair of paths in the trellis constitutes a

potential error event as long as they begin in the same state. A

[y
t3

potential error event is any two paths in the trellis that begin
the same state and diverge in their second state. The beginning oI
a potential error event is the point where any two paths diverge.

A codeword is the expected sample sequence associated with a

particular trellis path.
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The distance of a potential error event is the distance
between the codewords of the two paths of the potential error
event. Using the Euclidean metric, the square of this distance is
egual to the path error metric that would be built up in the errcs
path if the actual sample sequence corresponded to the ideal
sequence for the correct path. The minimum distance for a given

ignal model is defined as the minimum distance of any closed

potential error event or the minimum distance of any open potenzial
erroxr event of duration greater than the path length, whichever is
smaller. Since the error rate of the demodulator decreases wit
increased minimum distance, one is motivated to choose, if
possible, a path length sufficient to contain all open error even:ts
whose distance is less than the minimum distance of closed
potential error events. These considerations are analogous to

Hamming distance properties of error correction codes.

At relatively low bit error rates, the performance of a
Viterbi demodulator is almost entirely determined by the minimum
distance and by the signal-to-noise ratic. Actual error events of
distance larger than the minimum distance are quite improbable
compared with the minimum distance events and may safely be ignored
in the design of the demodulator without seriously affecting the

bit error rate. Thus there is a need for a technique that reduces
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the implementation complexity of the Viterbi algorithm without

sacrificing its ability to handle minimum distance error events.

Part 1 :a'l—apsansa DQ‘lanmw' al S

A partial-response information channel is ideally equivalent
to a2 finite impulse response (FIR) digital filter. For example, 1
the input to a magnetic disk recording channel is taken as a
sequence of write current levels taking values of plus and minus I,

then the unit pulse response of the digital filter is the response

to the write current seqguence

-I -I -1 -1+ -1-1-I -1

divided by 2I (the amplitude of the current pulse). The DC offse:

in the above unit pulse is immaterial if the channel response is 0
at DC. This is the case with magnetic disk recording channels

using inductive read heads. In other cases, the DC offset can be

&)
H
th

easily corrected for by subtracting the response to a DC current ©

1
49]
A3
I

-I from the response to the above current pulse. For an
channel the response to the current pulse above would be as

follows:
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...001 2 1 000 ... (response to first transition)
plus .00 0 -1 =2 -100 ... (response to second transition)
to give...0 01 1 -1 -100 ... (response to pulse)

Since an ideal partial-response system is equivalent to a
discrete~time filter, the analysis techniques used on discrete-time
filters can be applied to partial-response systems. One such
analysis technique is the Z-transform, in which the inverse of the
transform variable z represents a time delay by one sample
interval. A similar analysis technique commonly used in magnezi

isk storage is the D-transform wherein the transform variable D

represents the same delay as the inverse of z. The Z-transform (or

o
tne

¥R
W

D-transform) of the unit pulse response of a digital filter

transfer function of that filter, and may be used to reveal its

4

characteristics in the frequency domain. For a finite impuls
response filter, the D-transform is simply the polynomial in D
whose coefficients are the same as the unit pulse response
sequence. Ffor the EPR4 unit pulse response sequence of (1, 1, -1,
-1), the D-transform is the polynomial 1 + D - D"2 -~ D~3. Tkhis
polynomial is referred to as the EPR4 partial-response polynomial.
This polynomial factors to (1-D) (1+D)~2, which reveals thaz the
EPR4 channel has a spectral null at DC and a second order spectral

null at the Nyquist frequency of one half the sample rate.
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The response of a partial-response channel to a unit pulse can
be computed by taking the inverse D-transform of the partial-
response polynomial. This amounts to reading the seqguence of
polynomial coefficients and taking them as the sequence cf sample
values. It is also possible to determine the response to an
isolated transition, otherwise known as the step response cf the
system, from the partial-response polynomial. This is done by
dividing the polynomial by (1-D) and taking the inverse D-
transform. Dividing out the (1-D) factor from the EPR4 polynomial
leaves the polynomial (1 + 2D + D*2), which corresponds to the EPR4

isolated pulse of 1, 2, 1.

Conymliu+imnmal Codes

In addition to their use for demodulating partial-response
signals, Viterbi detectors can also be used to decode convolutional
codes. Viterbi decoding of convolutional codes is described in the
book "Error-Correction Coding for Digital Communications", by
George C. Clark Jr., and J. Bibb Cain, 1981, pp. 228-235. The
encoding process for a convolutional code may be described as a
convolution operation between the data symbol stream and an
encoding sequence, called a generaﬁor. This encoding process may

also be viewed as a filtering operation where the generator is the
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finite impulse response of a discrete time filter. The convolution

]

or filtering is frequently done with finite field arithmetic (ofte
binary). Redundancy may be introduced into convolutional ccodes in
order to allow error detection and/or correction capabilities by

using multiple generators. The encoding filters fcxr the generators

ved into a

[ ¢
(&1
w
3
o)
(Y3
o
44
’J
o}
ct
o
H
p—
o
w

operate in parallel and their outp
single encoded data stream. 3By combining mu}tiple generators with
decimation or subsampling of the output seguences from eac

encoding filter one can introduce redundancy in any desired amount.
For example, one could use three generators, tripling the number of
information symbels, but discard every second symbol from each
generator so that the encoder produces 3 encoded symbols for every

2 data symbols and the code rate is 2/3. Such a rate 2/3 encoder

4]

Ls illustrated in FIGURE 9.

A partial-response data channel is based on the fact that an
isolated step or pulse at the input to the channel produces a
particular response of finite duration in the sampled outpu:

seguence, and that the response to a sequence of input pulses 1is

(&1

the linear superposition of the responses to each individual inpu
pulse. This is eguivalent to a rate 1 convolutional code in which

the generator is the impulse response of the date channel.
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Thus there is a need for a technique for reducing the
implementation complexity of Viterbi detectors for decoding of
convelutional codes as well as those fot demodulation of partial-

response signals.
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A Viterbi detector, such as may be used to demodulate partial-
response signals or to decode convolutional codes, is modified to
reduce its implementation complexity. 1In the case of demodulation,
a partial-response signal may be viewed as a sequence of expected
samples generated from a finite-~state-machine model. In a typical
Viterbi demodulator implemented using the add, compare, select
method, each state in the expected sample sequence model is
associated with a hardware module to perform the functions of
adding new branch error metrics to path error metrics, comparing
path error metrics, and selecting the path having the lowest path
erroxr metric. In the pricr art, the required number of these add,
compare, select (ACS) modules is equal to the number of seqguence-
model states. In this invention, an ACS module may have two or
more sequence-model states dynamically associated with it, such
that at some times one seguence-model state is associated with it
and at other times another sequence-model state is associated with
it. The present invention reduces the number of ACS modules
required and also reduces the size/complexity of the demodulator's
path memories which must store one path for each ACS module.
Groups of sequence-model states may be chosen to share an ACS

module without significant loss in performance as compared to the

original, unreduced Viterbi demodulator. Further, the presen<
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invention supports a wide range of sample models by making the
expected sample se@uence of an isclated medium transition
programmable. Further, the present invention reduces the speed at
which the detector circuitry must operate relative to the sample
rate by allowing multiple samples to be processed simultaneously.
Further, several reduced detectors for specific sample sequence
models are presented for particular applications. The present
invention is equally applicable to other types of Viterbi

detectors, such as the case of decoders for convolutional codes.

It is an object of the invention to provide sequence
detectors, such as demodulators for partial;response signals and
decoders for convolutional codes, having reduced implementation
complexity. Implementation complexity may be taken to mean the
amount of processing required, whether that processing is embodied

in logic gates, analog circuits, or software.

Another object of the invention is to accomplish the
complexity reduction with minimal degradation of performance as
compared to a prior-art Viterbi detector, particularly with respeclt
to minimum distance errors and other errors of relati&ely high

likelihood or importance.
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A.still further object is to provide sequence detectors,
demodulators, and decoders that are well suited for implementazion

in digital integrated circuit form.

Yet another object is to provide sequence detectors,
demodulators, and decoders suitable for signals whose source models
contain more states than would otherwise be allowable within given

limits for detector complexity.

Another object of the invention is to reduce the path memcry
required to implement a Viterbi-like algorithm.

Another object is to apply these simplifications regardless c?
the convolutional code, the sample seqguence model, the channel bi:

encoding constraints, or the signal model used.

A still further object is to apply these simplifications zo
Viterbi-like demodulators for nonlinear'channels, as well as to

Viterbi demodulators for linear channels.

Another object is to implement a Viterbi-like detector,
demodulator, or decoder with a programmable expected sample
sequence for an isolated medium transition. A related object is o

support multiple, alternative expected sample seguences for re=rys
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or fof situations in which the medium characteristics change, e.g.
within or among zones of a disk storage device in which a constant
angular velocity of the disk results in variable velocity of the
medium with respect to the read or write heads. BAnother related
object is to develop programmable sample sequence models tha:
support multiple signal models that would require distinct sample
sequence models and distinct hardware architectures when

implemented with non-programmable sample sequences.

Another object is to apply these simplifications regardless of

the RLL or other user-~data-bit to channel-bit encoding used.

Yet another object is to implement a Viterbi-like detector,
demodulator, or decoder that can process two or more actual sample

values per detector cycle time.

Another object is to implement seguence detectors for several
specific sample sequence models and with several specific selected
subsets of potential error events by applying the general

techniques of this invention.
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FIGURE 1 shows a state transition on a medium such as a track
of a disk drive and its associated pulse in an analog read signal.

It also shows two digitized sample models of such read-signal

pulses.

FIGURE 2 shows two adjacent medium transitions and their

individuval and combined read-signal pulses.

FIGURE 3 is the state machine model of the expected seguence
of samples for the case cf an EPR4 signal model and a d=1 run-

length constraint.

FIGURE 4 shows the fundamental frame of the EPR4, d=1 trellis.

FIGURE 5 illustrates the deferred decision making of a
particular Viterbi demodulator in the case of a particular actual
sample sequence by showing how the contents of the path memories

evolve as additional read-signal samples are taken.

FIGURE 6 is a block diagram of a prior-art implementation oI 2

Viterbi demodulator for the EPR4, d=1 sample sequence model.
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FIGURE 7 is a more detailed block diagram of the
implementation of an add, compare, select (ACS) module for a

sequence-model state having two transitions that may enter the

state.

FIGURE B shows an error event on the EPR4, d=1 trellis.

FIGURE 9 shows a block diagram of a rate 2/3 encoder for a
convolutional code suitable for decoding using the Viterbi

algorithm.

FIGURE 10 is a sharing diagram where a line between states

indicates that that pair of states from the EPR4, d=1 sample
sequence model of FIGURI 3 can share an ACS module in the
demodulator based on the criterion that all error events of

distance less than or equal to 2 must be handled properly, i.e. :in

the same fashion as would a Viterbi demodulator with one ACS module

for each of the 6 states of the sample seguence model.

FIGURE 11 is a version of the sample sequence model from
FIGURE 3, showing how a reduced-complexity detector for that signal
may be constructed with only two ACS modules that each represent

one of three states at any given time.
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FIGURE 12 is a block diagram of a simplified implementation of
the demodulator shown in FIGURE 6 using only two ACS modules

selected according to the sharing diagram of FIGURE 10.

FIGURE 13 is a sample sequence model for a partial-response
class IV (PR4) signal without RLL constraints. The corresponding
partial~-response polynomial is (1 - D) (1 + D), and the expected

sample sequence for an isoclated transition is 1, 1.

FIGURE 14 is a sharing diagram for the sample seguence model
of FIGURE 13 under the condition that all error events of distance
less than or equal to the square roc: of 2 are resolved properl:

with a path length of P = 10.

FIGURT 15 is a sharing diagram for the sample sequence model
of FIGUREI 3 under the conditions that all error events of distance
less than or egual to 2 and all error events that correspond to
il

drop-outs or drop-ins are resolved properly with a path length of E

= 6.

FIGURE 16 is the sample sequence model for an extended
partial-response class IV (EPR4) signal without RLL constraints.

The corresponding partial-response polynomial is (1 -~ D) (1 + D) <,
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and the expected sample sequence for an isolated transition is 1,

2, 1.

FIGURE 17 is a sharing diagram for the sample sequence model
of FIGURE 16 under the condition that all error events of distance
less than or equal to 2 are resolved properly, with a path length

of P = 10.

FIGUREZ 18 is a sample sequence model for a partial-response
class IV (PR4) signal with an RLL constraint of d =~ 1. The

expected sample sequence for an isolated transition is 1,1.

FIGURZ 19 is a sharing diagram for the sample seguence model
of FIGURE 18 under the condition that all error events of distance
less than or equal zo the square root of 2 are resolved properly,
with a path length of P = 10. This same sharing diagram applies
when the added condition of proper resolution of drop-in and drep-
out error events is applied.

-

FIGURE 20 is a sample sequence model state diagram for an RLL
constraint of d = 1 and a signal model given by the polynomial (I -
D) (1 + D)~3. The corresponding expected sample sequence for an

isolated transition is 1, 3, 3, 1.
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FIGURE 21 is a sharing diagram for the sample sequence model
of FIGURE 20 under the condition that all error events of distance
less than or equal to the square root of 10 are resolved properly,

with a path length of P = 11.

FIGURE 22 is a block diagram of an implementation of a Viterbi
demodulator for the sample sequence model of FIGURE 20 simplified
to use only three ACS modules as taken frcm the sharing diagram of

FIGURE 21.

FIGURE 23 is a block diagram of an implementation of a Viterbi
demodulator for the sample sequence model cf FIGURE 20 simplified

to use five ACS modules as taken from the sharing diagram of FIGUREZ

FIGURE 24 is a sharing diagram like FIGURE 21 with the added
condition that all drop-in and drop-out error events are resolved

properly.

FIGURE 25 is a generic block diagram of a sequence demodulator
g q

with shared ACS modules.

a nonlinear

I
0
r

FIGURE 26 is a sample sequence model

write/medium/read system.
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FIGURE 27 is a sharing diagram for the sample sequence model

of FIGURZ 26.

Figure 28 illustrates a six state machine model with a

programmable expected seguence of samples.

Figure 29 illustrates a ten state machine model with another

programmable expected sequence of samples.

FIGURE 30 shows a six-state modified sample sequence model for
EPR4 with a minimum run length constrain:t of d=1, each sequence
model transition in Figure 30 representing the combination oI two

consecutive seguence model transitions in the unmodified sample

eguence model of FIGURE 3.

0

FIGURE 31 is a sharing diagram for Figure 30 for the conditicn
that all potential errcr events of distance less than or equal to 2

be handled properly.

FIGURE 32 is a diagram showing how states from FIGURE 30 may

be grouped to share two ACS modules.
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FIGURE 33 shows a ten-state modified sample sequence model for
partial response signals corresponding to the polynomial (1-
D) (1+4D)~3 with a minimum run length constraint of d=1l, each
sequence model transition in Figure 33 representing the combination
of two consecutive sequence model transitions in the original model

of FIGURE 20.

FIGURE 34 is a diagram showing how states from FIGURE 33 may

be grouped to share three ACS modules.

FIGURE 35 is a diagram showing how states from FIGURE 33 may

be grouped to share five ACS modules.

FIGURE 36 shows a modified four-state sample seguence model
for PR4 signals without run length constraints, differing from
FIGURE 13 in that each sequence model transition in this model
represents the combination of two consecutive sequence model

transitions in the original model of FIGURE 13.

FIGURE 37 is a diagram showing how states from FIGURE 36 may

be grouped to share two ACS modules.
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The present invention can be thought of as exploiting the fac:
that when, as in the prior art, a separate ACS module is associated
with each sequence-model state, then much of the time the ACS
modules are computing path error metrics for paths that are so far
away from the actual seguence of samples that their computations
are very likely to be irrelevant. The present invention
dynamically associates a particular ACS module (and its associated
path memory) with more than one sequence-model state. One key to
practicing the present invention is to determine which states can

share an ACS module without significant performance degradation in

terms of distinguishing the correct trellis path from those

rt
oy
fu
it

potential error events that are reasonably likely to occur, oz

are of special interest for whatever reason.

The following is a step-by-step procedure for determining
which states in a sample sequence model may share an ACS module in
a sequence demodulator without unacceptable performance
degradation. Following the formal description of each step is an
example of how that step is applied to the EPR4 d=1 sample seguence
model of FIGURE 3. Several of the steps are clearly well suited to

being carried out with the aid of a computer. Appendix A lists

computer software in MATLAB which may be used to help carry cut
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steps 3 through 5. MATLAB is a computing tool distributed by The

MathWorks, Inc. of Natick, Mass.

Step 1. Generate a finite-state-machine model for the
expected sample sequence from the read signal to be demodulated.

Number the states in some convenient fashion.

FIGURE 3 shows the result of step 1 for the EPR4 model with
the d=1 constraint. For convenience we shall refer to the states
by the decimal equivalent of their binary labels. For example, an
isolated pulse of positive polarity is produced by beginning in
state 0, moving to state 1, then 3, then 7, and remaining in stacte
7 via the self-loop. As this model traverses this sequence of
states, the expected sample labels on the paths traversed generate
the EPR4 sampled pulse, (0.5, 1.0, 0.5, 0, ...}, and the estimated

channel bit labels indicate a single 1 that excited the channel to

roduce this pulse.

Step 2. Choose a length, P, for the path memory in the
demodulatoxr. This path length may be only for analysis purposes,

and the path length implemented may be different if desired.

In general one should choose a path length no less than the

maximum duration of any open or closed potential error event at
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minimum distance. Other factors may also be involved in the choice
of path length, particularly in cases where there exist open
potential error events of infinite length at minimum distance. We
choose path length P=6 for our example, which is known to be

adequate for the EPR4, d=1 sample sequence mocdel.

Step 3. Make a complete list of all codewords, or legal
sequences of expected samples, that are of léngth P or less.
Include in the list the sequence of states that generates each
codeword. A codeword of length n is any sequence of expected
samples that can be generated by n consecutive state transitions of
the state machine from step 1. For this purpose, two codewords are
considered distinct if their state seguences differ, even if the
expected sample seqguence is the séme. In general, codewords of
length less than the path memory length, P, must be considered in

addition to codewords of length P.

It is not practical to include the exhaustive list of EPR4 d=1
codewords of length 6 or less in this document. AS an example we
list all sample seguences of length 4 that begin in state 0 (000) .
(In performing this step, all sample sequences of length 4
beginning in any state must be considered, only those starting in

state 0 being used herein for illustration purposes.) Note that
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the state sequences for length 4 sample sequences have 5 entries

because they contain both the beginning and ending states.

CODEWQRD STATE SEQUENCE
0000 00000
0001 00001
0012 00013
0121 00137
0120 00136
1210 01377
121-1 01376
120 -2 01364
Step 4. Consider all possible potential error events, both

open and closed, from the list of sample sequences generated in
Step 3. A potential error event is any pair of sample sequences of
equal length which have the same starting state but differ in the
second state in their sequences. It is possible for the firs:
sample sequence to be the correct (transmitted or stored) sample
sequence while the demodulator erroneously chooses the second
sample sequencé. An errox event is "closed"” if the two state
sequences ever return to the same state at the same time (even if

they do not remain together), otherwise it is "open”. Choose a
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number of ACS modules required to implement a Viterbi-like

algorithm.

Consider the following actual sample sequence: 0.0, 0.25,
0.75, 0.75, 0.25, 0.0 in the d=1 EPR4 partial-response model
described above. The trellis diagram shown in FIGURE 8 shows two
paths that could equally well, or equally poorly, have generated
such a sequence of samples (there are other such paths: the two
paths shown assume that state 000 was the initial state). The
channel bit sequences associated with these two paths are 010000
and 001000. They differ by one bit time in terms of where the
medium transition occurs. The expected sample sequence associated
with the first of these two paths is 0.0, 0.5, 1.0, 0.5, 0.0, 0.0,
while the expected sample sequence for the second path is 0.0, 0.C,
0.5, 1.0, 0.5, 0.0. The squared Euclidean metric for each path may
be computed for a given actual sample segquence by summing the
squares of the differences between the actual sample sequence and
each expected sample sequence. The result is that each_path
arrives in state 111 at time T+5 with a squared path metric of
0.25. This represents a case where the actual sample secquence lies
on a decision poundary, and some arbitrary choice must be made
between the two paths. More commonly, the sample values will favor
one path over the others, for example an actual sample sequence of

0.0, 0.26, 0.75, 0.75, and 0.24 favors the channel-bit sequence of
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. 121 -1 0137686 2 (closed)
Step 5. Build a sharing table with one row and one column for

each state in the state machine from step 1. Begin with each

th

[N

element cf the sharing table TRUE. An element is marked FALSE
the two states represented by its row and its column are ever
simultaneously occupied by the two state sequences of any error
event in the chosen set. This criterion applies at any position irn
each error-event state sequence for the subset of potential error
events selected iq step 4. In the sharing table, either the order
of the states can be taken both ways, or alternatively only the
upper triangle of the sharing table can be used. All remaining
TRUZ elements in the sharing table, if any, indicate tha:t the
corresponding pair of states may share an ACS module in the
demodulator without sacrificing the ability to handle every error
event in the chosen subset just as it would be handled in the full

Viterbi demodulator.

ta-
(R
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For the EPR4 d=1 example, we will build a sharing table w

rows and 6 columns. Each entry is presumed TRUE until shown to be

§3.

FALSE. Consider the first error event from the example list

$o-

step 4. The state sequence for the first sample seguence is

state 0 at the second clock cycle, while the state sequence for the
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second sample sequence is in state 1. This means that to
distinguish between these two paths and properly process this error
event we must not share an ACS module between states 0 and 1. Thus
mark the element in the sharing table in the row for state 0 and
the column for state 1 as FALSE. Also mark the element in the
sharing table in the column for state 0 and the row for state 1 as
FALSE. The remainder of the state sequences for the first example
error event imply that the pairs (1,3) and (3,7) are also unable to
share an ACS module. When this line of reasoning is continued
through all error events in the subset selected in step 4, the
following sharing table results (where 1 means TRUE and 0 means

FALSE) :

(C) (1) (3) (M (8) (4)
Q00 001 011 111 110 1QQ

(0) 000 1 0 1 1 1 0
(1) 001 O 1 0 1 1 1
(3) 011 1 0 1 0 1 1
(7)y 111 1 1 0 1 0 1
(6) 110 1 1 1 0 1 0
(4) 100 © 1 1 1 0 1

The above sharing table shows whether pairs of states can

share an ACS module based on both the error events listed as
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examples in step 3 and on the additional error events that must be
considered but were not listed in the example. When in a full
execution of step 3 one considers the sample sequences that star:
from state 7 (1ll) and the related error events of step 4, one
finds that the two pairs of states (0,4) and (4,6) cannot share an
ACS module. It happens that sample sequences that start from
states other than 0 or 7 do not yield any additional pairs of

sZates that c¢an not share.

FIGURZ 10 shows the information from the above EPR4 d=1
sharing table in a graphical way. Each circle represents one cf

~

e 6 states. Each pair of states that are allowed to shaze an AC

wn

module is connected with a line. A group of states may mutually
share an ACS module only if every pair within the group is allowed

L0 share.

Step 6. Decide how to group the states that are allowed to
share ACS modules, if any. The states may be grouped to obtain the
minimum number of ACS modules possible, or non-minimum groupings

may be cheosen because of other desirable properties.

PR4 d=1 sharing table from step 5 indicates that there is

+3
o g
®
71

only one grouping possible that uses only two ACS modules. In this
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grouping, one ACS module is shared by states 000, 011, and 110,

while the second ACS module is shared by states 001, 111, and 100.

Other groupings are possible using more than 2 ACS modules.

One of particular interest is to share in the pairs: 000 with 111,

; %he

t

001 with 110, and 100 with 0l11. With this sharing arrangemen
path labels have a fixed magnitude and only depend on the state ci
origin for their signs, potentially resulting in further

simplification of the implementation of the branch-error-metric

computation.

§-9

To prevent substantial performance loss one should include al
minimum distance potential error events in the chosen stbset.

Othe

H

potential error events may be included as desired. For
example, one could choose to include all the potential error events
whose distance was less than a specified threshold which is greater
than the minimum distance. Or one could choose to include all
potential error events that can be characterized as resulting from
a particular non-ideal aspect of the information channel, such as
dropouts from defects in magnetic medium. Potential error events
of length less than the path memory length, P, must be considerecd
in addition to error events of length P. This can be seen by firs:
considering error events of length 2. The 2.terminal states cf &

length 2 error event cannot share an ACS module unless the
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assoclated error event at length 2 has already exceeded the
threshecld distance. It may be possible that all length P
extensions of this length 2 error event exceed the threshold
distance, but the fact that all extensions exceed the threshold
distance is not sufficient for the 2 states to share an ACS module.
This argument can be extended to pairs of states on error events ol
any length less than P. Thus, if such a potential errzor event were
the only one to forbid sharing between a particular pair cof states,
and if one considered only potential error events of length P, one
would erroneously conclude that the pair of states in guestion were
able to share an ACS module. In reality, such sharing would force

a premature decision between two paths whose distance was still

=

d

b3

below the threshold at the time -he decision was made. This wou

H

reduce the effective minimum distance and increase the erxor rate

accordingly.

This completes the step by step process for determining which
states will share ACS modules in a sequence detector. This process
may be applied to any state-machine signal model to design a
reduced complexity Viterbi-like detector for that signal. By
suitable choice of the selected subset of error events, one can
control the performance degradation associated with the complexity
reduction. It is frequently possible to obtain substantial

complexity reduction with negligible performance degradation.
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Principles and examples follow which indicate how such detectors

may be implemented.

The sharing of ACS modules may be viewed as a dynamic
association of the source-model states with the ACS modules. The
sharing of ACS modules is implemented by adding one or more memcry
bits to each shared module to indicate which state the module
represents at any given time. The number of memory bits must be
sufficient to allow a unigque representation for each state sharing
the module, thus requiring the number of bits to be greater than or
equal to the base-2 logarithm of the number of states sharing the
module. At each processing cycle, the branch error metrics for all
input paths to a given ACS module are evaluated and added to the

corresponding path error metrics stored in other ACS modules. The

.
lecte

44
o}

new path error metrics are compared and the lowest one is se

129

as the surviving path for that ACS module. The new path erroc

metric for the surviving path is stored in the ACS module for use

ate from

rt

in the next clock cycle. In addition, the most recent s
which the surviving path comes uniguely defines which state the
current ACS module should represent at this time, so its memory
bits are set appropriately. The labels on the paths leaving the
ACS module, which will be used to generate branch error metrics
during theé next clock cycle, are determined by the memory bits

wizhin the ACS module.
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FIGURE 11 is a sample sequence model in which the sequence-
model states from FIGURE 3 have been grouped into two groups that
share ACS modules based on the sharing diagram of FIGURE 10. ACS
module 1100 is associated with one of states 000, 011, or 110 at
any given point in time. ACS module 1101 is associated with cne cI
the remaining three states at any given point in time. Transiticn
1102 either represents the transition from state 000 to ituself (2F
ACS module 1101 currently is in state 000), or it represents the
transition from state 011 to state 100 (if ACS module 1101

currently is in staze 01l). Transition 1102 can be described Dby

the following table:

Current Next: Expected Sample /

Srane Srase Estimazed Chanpel Rir

ooC Coo 6.0 /70

011 110 0.0 /1

For example, if ACS module 1100 internal state memory bits

indicate that it represents state 011 at a particular time, then
the self-loop on that module has an expected sample of 0.0, an
estimated channel bit of 1. Should that path be selected, then the
next state to be represented by that ACS module is 110. Note that

if the present state is 110, then the self-loop from ACS module
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1100 to itself does not exist and some means must be provided to

prevent its selection.

Similarly, transition 1103 can be represented by the following

table:
Current Next Expected Sample /
Scase Scare Esrimared Channel BIiZ
000 001 0.5/ 1
Ol 111 0.5 / 0
110 100 -1.070

Transition 1104 can be represented by the following rable:

Current Nex< Expeczed Sample /
Q*ara Srara Ferimarad (Channal BI-
11 111 0.0/ C

100 001 0.0 /7 1

Note that if the present state is 001, then the self loop dces
not exist and some means must be provided to prevent its selection.
Transition 11C5 can be represented by the following table:

Current Next Expected Sample /
s:a-e So—a:a Taor r ot mnal =B R



WO 94/18670 PCTIUSS4/01084

-~ 303 --
001 011 -1.0 / 0
111 110 ~0.5 / 1
100 000 -0.5 / 0

Each path in FIGURE 11 is now in effect labeled with a table
showing the expected sample labels and the estimated channel bitc
{to be output to the path memory) labels and tne next state for

each of the possible states that may be represented by the ACS

module from which the path originates.

The block diagram in FIGURE 12 shows an implementation of a

reduced-complexity Viterbi demodulator for EPR4 signals with d = 1

implified in accordance with the sharing diagram of FIGURZ 10 and

n

t—

the grouped sample sequence model of FIGURE 11. There are cnly Iwo
ACS modules, each having only two sequence-model transitions to
select between and each representing one of three states at any
particular time. There are only 4 branch error metric generators
even though there are 5 different expected-sample values as patd
labels. This is possible because the total number of paths in the
state machine of FIGURE 11 is only 4, implying that it 1is never tihe
case that branch error metrics for all 5 expected sample values .

will be needed simultaneously. The expected sample memory stcres
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the expected sample labels from the tables for each path in FIGURE

11.

FIGURE 13 is a sample sequence model for a partial-response
class IV (PR4) signal without RLL constraints. The corresponding

partial-response polyncmial is (1 - D) (1 + D), and the expected

14

*GUR

sample sequence for an isolated medium transition is 1, 1.

(V8]

[

14 is a sharing diagram for the sample sequence model of FIGURZ

t

under the condition that all error events of distance less than o
equal to the square root of 2 are resolved properly for a path
length of P = 10, i.e. are resolved as they would be by a full
Viterbi demodulator with one ACS mocdule per sequence-model state.
FIGUREZ 14 shows that there is a unique grouping for a gz-ouped
sample sequence model with a minimum number of ACS modules: i.e.

states 1 with 2; and states 3 with 4.

FIGURE 15 is a sharing diagram for the sample sequence model
of FIGURE 3 (EPR4, d=1) under the conditions that all errzcr event
of distance less than or equal to 2 and all error eventis that
correspond to drop-out or drop-in error events (more thorougnly
described later) are resolved properly with a path length oI ? = E.
FIGURE 15 shows that there is a unique minimum-ACS grouping foT

this case: i.e. states 100 witnh 001l; states 110 with 011; state

000, and state 111.
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FIGURE 16 is a sample sequence model for an extended partial-
response class IV (EPR4) signal without RLL constraints. The
corresponding partial-response polynomial is (1 - D)} (1 + D)"2, and
the expected sample seguence for an isclated medium transizion is
1, 2, 1. FIGURE 17 is a sharing diagram for the signal model orf

FIGURE 16 under the condition that all error events of distance

ih

less than or eqgual to 2 are resolved properly with a path length 2o
P = 10. There is only one ACS module that can be shared among twd

stazes in this case: i.e. states 3 and 4.

FIGURZ 18 is a sample sequence model for a partial-response

"o
ae

class IV (PR4) signal with an RLL constraint of d = 1. Th

3
~
H

expected sample sequence for an isolated medium transition Is

=~
-

F 19 is a sharing diagram for the sample seguence mode. ©

ban ]

GUR

L

8 under the condition that all error events of distance

&
[ ae ]
=4

fr

GUr

less than or egual to the sguare root of 2 are resolved properly

£

with a path length of P = 10. This same sharing diagram applies

when the added condition cf proper resolution of drop-in’and drop-
out error events is applied. Like FIGURE 14, FIGURE 19 shows thal
there is a unique minimum-ACS grouping: i.e. states 1 with 2; anc

states 3 with 4.
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FIGURE 20 is a sample sequence model for an RLL constraint of
d = 1 and a signal model having a partial-response polynomial of (1
- D) (1 + D)"3. The corresponding expected sample seguence £or an

isolated medium transition is 1, 3, 3, 1.

FIGURE 21 is a sharing diagram for the sample sequence model
of FIGURE 20 under the condition that all error events of distance
less than or equal to the sguare root of 10 are resolved as they
would be by the full Viterbi demodulator, with a path length of P =
11. The sharing diagram ¢f FIGUREZ 21 indicates that the states can
be grouped in the following three groups each sharing an ACS

module: 1, 3, 8, and 10; 2, 4, and 6; 5, 7, and 5. It is also

[14)

clear that no grouping can be made into less than three sharin
groups, since states 1, 2, and 5 have no connections with one

another and must end up in separate groups. FIGURE 22 is a bleck

diagram of such a three-ACS implementation.

There are many sharing arrangements for the sample seguence
model of FIGURE 20 that have four or more ACS modules. ' One of
special significance is the pairing: 1 and 10, 2 and %, 3 and 8, %
and 7, 5 and 6. This arrangement requires five ACS modules tO
implement, but has the advantage that the magnitude of all expe

samples within the same seguence-model transition is constant

regardless of the curren: sequence-model state within the seguence-
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model state group. This may allow the branch metrics to be
paxtially precomputed with minimal additional hardware, which may
reduce the time required for each iteration to be processed,

because only the sign of the expected sample depends on the curren:

7 e -

1
o

sequence-model state. FIGURE 23 is a block diagram of such a =

ACS implementation.

FIGURE 24 is a sharing diagram of the sample seguence model of

.

FIGURZ 20. It uses the conditions of FIGURE 21 wi

it
43
o3
3]
3]
&3
L
1]
(93

S are properly

rt

condition that all drop-in and drop-~out errcr even
resolved. One minimum-ACS groupings for this sample seguence model

e following 6 ACS modules: states 1 and 8, states 2 and

5]
11
e
[+
'.l
ty
[1:]
7]
rt

6; states 3 and 10Q; states 5 and 9; state 4; and staze 7.

v

URZ 25 is generiz block diagram cf a sequence demcdulazc:

]
Q

in which some or all of the ACS modules are associated with

multiple states. The state transitions block determines, for eac!
ACS mecdule at each iteration, which of its associated states i
should represent at the next iteration based on the selected branch

into that ACS module and the present state of the ACS module
which the selected branch originates. The branch label selection
block determines the appropriate branch labels for each branch

based upon the present state represented by the ACS module from

which the branzh originates.
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In general, trade-offs may need to be made between the
complexity reductions allowed by this invention and othex

considerations such as circuit timing. For example, the 5-ACS

less complex 3-ACS implementation of FIGURE 22.

- -t AT - -1 A wmr atont

One of the non-ideal aspects of some medium, of some magnetic
recording medium for example, is the presence of small regions on
the medium tha:t do not make transitions, e.g. magnetize, as

Such a mecdium defect can result in the attenuation cr

1

desire:

£

complete suppression of the analog read signal over a small time
interval. Or, it may result in spurious pulses in the analog reac

signal caused by the transition between a magnetized region and a

23

defect region. A drop-out error is an error in which a writte
transitzion is not detected, while a drop-in erroxr is an error i
which a transition is falsely detected where none was written.

a situation where medium defects tend to cause drop-out or drop-in
errors, it may be important for the sequence demodulator to han
drop ouzs and drop ins to the best of its ability. If so, drco-out

and drop-in errors need to be characterized and included in
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of errdr events for which the reduced~complexity detector performs

as well as the full Viterbi detector.

We characterize an error event as a drop-out if the estimated
channel bit sequence contains a 0 indicating no transition in every
position where the correct channel bit sequence contains a C, and

the estimated channel bit sequence contains zeros in one or morse

[
L2 1Y

positions where the correc:t channel bit sequence contains a 2
indicating that a transizion was written. An error event is
characterized as a drop-in when the same error event would be a
rop-out if the roles of the correct and estimated channel bic

sequences were reversed. Since either path in an error event is a

.~ choice for the correct path, the inclusion of all drop-cut

—

11
Bt

Y

error events in the subset of interest automatically includes all
drop-in erzror events. The events that are not included are thcse
that represent some combination of drop-outs and drop-ins withi

the same error event. The sharing diagrams in FIGURE 15 and FIGU

signal models when drop-out and drop~in error events are inciud

in addition to mirnimum distance error events.

Zinite Svave Models fo- Nonlinear Chanrpels
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éartial-response channels are linear systems, but the use of a
finite state machine model for a signal source does not necessazily
resuppose & linear system. Whether or not a state machine
represents a linear system, a Viterbi detector may be buil: tc
match the state machine model and select surviving paths through
the associated trellis. The present inventicn applies to such
detectors for nonlinear channels just as well as it applies to

Viterbl detectors for linear channels.

FIGURE 26 shows a sample sequence model for a system with a
nonlinear write/transmit channel, medium response, and/ox
read/receive channel. The type of nonlinearity described here is a
simplification of a nonlinearity actually exhibited by scme hazd
disk medium at high recording densities. The sampled response cf
this system to an isolated transition is C, 1, 1, 0, as would be
the case for a PR4 channel. But because of system nonlinearizies,
adjacent transitions mutually reduce the amplitude of the reachack
pulses for each transition by an amount greater than would be
predicted by linear superposition of the pulses. If a ﬁ:ansi:icn
has a neighboring transition in the adjacent bit positions on
either but not both sides, then its response pulse is reduced in
amplitude so that the sample values are 0, a, a, 0 for some a<l.
% a transition has neighboring transitions in the adjacent bit

positions on both sides its amplitude is further reduced to g:ve
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sample values of 0, b, b, O for some b<a. The binary state labels
may represent a four~bit record of the state of the medium. If the
location of a transition is associated with the first nonzero
sample of the resulting pulse, this state machine incorporates one
bir look-ahead in the sense that the rightmost digit in the state
label indicates the state of the channel in the bit position
following the one whose transition response is Jjust beginning.

This is necessary in order to determine whether or not the current

ct

n
“
it
}o-
8]
)

transition is reduced in amplitude by a succeeding tran
However, this look-ahead is only conceptual, since we could just 2s

well have associated each transition with the sample just before

its response pulse began.

The nonlinear behavior modeled in FIGURE 26 reduces the
minimum distance for this model as compared to the minimum distance
for the PR4 model, which is the sgquare root of 2. t also creates
a situation in which there are potential error events oI distance
slightly greater than minimum distance bu:t close enough tO minimum

-
S

distance that it may be important to include them in the. se

ct

considered to be of interest in Step 3 of the simplification methoc
above. Therefore, the optimal ACS sharing possibilities in t!
sample sequence model of FIGURE 26 depend on the nonlinearity
parameters a and b, as well as on the distance chosen as the

threshold for error events of interest. They may also depend Cn
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the coding constraints, such as RLL encoding, and the path-memory
length selected. FIGURE 27 shows a sharing diagram for the sample
sequence model of FIGURE 26 for the case of a=0.85, b=0.7, P=8, and
including all potential error events of distance less than or equal
o the sguare root of 2 (the minimum distance of closed potential
error events in this case is 0.85 times the square root of 2). The
sharing diagram of FIGURE 27 shows that a minimum~ACS detector for
this sample sequence model can be implemented by 10 ACS modules as
follows: states 0 with 13; states 1 with 12; states 2 with 15;
states 3 with 14, states 6 with 9; states 7 with B8; state 4, state

5; state 10; and state 11.

Simnlifiad Scisware Implemarntasicn nf Yisexhi Seguenne Davtectors

In situations where the information rate is low relative to
the instruction execution rate of an available processor, 1t 1is
passib;e to demodulate samples of an analog read signal using a
multipurpose processor executing appropriate software.  While such
an implementation does not have ACS modules, where a "module” is a
hardware unit, is does have ACS routines that perform, as a
sequence of instructions on the processor, a series of add,
compare, select functions that are equivalent to the functions oI 2

hardware ACS module. The techniques presented herein are
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applicable to reduce the number of executions of such ACS routines

required to process each sample taken, thus speeding up the maximum

sample rate that a given processor can support. It is possible
thaz this speed up could, in a particular situation, make a
software implementation of a Viterbi demodulator practical whereas
without the simplification of the present invention and its
associated speedup a hardware demodulator would have been reguirel.
Besides the potentially lower implementa:icn.cast of such a

software demodulator, a software implementation would provide

-
I
e

potentially very advantageous flexibility in the choice of sam

models and encoding constraints.

AammlaaMarda] Dwmerwammars 15 e

For some applications, it is preferable to implement a
sequence detector such that one can vary the sample sequence
expected due to an isolated transition. Figure 28 illustrates &
six state machine model with a programmable expected sequence ©I
samples a, b, ¢, and Figure 29 illustrates a ten state machine
model with another programmable expected seguence of samples a, o,
1, ¢. The sample sequence a, b, 1, c can fit any signal model of 4
or fewer samples per isolated medium transition. The values cI &,

-y e
cag

b, and ¢ should be allowed to range from, say 0 to 2, so that to2:

PR S Y
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can be-chosen such that the constraint that the third expected
sample is 1 is a mere matter of normalization. For example,
allowing a and ¢ to range from 0 to approximately 0.5 and allowing
b to range from 0 to approximately 2, allows the sequence &, b, 1,
C to cover any pulse shape that may reasonably be expected to be
produced by inductive magnetic read heads over a range of recording

densities.

A significant implication of the programmability of the 4-

sample detector involves combining some of the special cases that

were treated in the prior art as quite distinct. If one sets a, b,
1, ¢cto 0, 1, I, 0 one has a detector for PR4 If one sets a, b,
1, crto C, 0.3, %1, 0.5 one has a detector for ZPR4. The point is

that PR4 and EPR4 and 4-samples wculd ordinarily each have thelr

own distinct state machine model, and thus their own architecture
of ACS modules. The sample model programmability of the present

invention supports the PR4 or the EPR4 (or one of numerous other

signal models) cases with a single detector or demodulatcr

architecture.

The use of a programmable sequence detector allows a great
variety of retry strategies to be implemen- 'd. When used in

combination with a programmable equalizer, different equalization

t
th
tt

targets can be set for both the detector and the eguali:ze
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attempted rereads of a data record. For example, one could begin
with the detector set for a side-sampled isoclated pulse of 1, 3, 3,
1l and the equalizer programmed to provide such a pulse. Upon
failure to read a data record one could then switch to the center-
sampled pulse of 1, 2, 1, alter the equalizer to provide such a

zulse and attempt to read the data record again.

The use ol a programmazle sequence detector also has the
benefit that the optimum egualization target may not be the same
for every part of the recording medium. The inside track of a
magnetic disk may need a different pulse shape for best pexzformance

than the outside track. Also, for disks with multiple heads and

1]
iy
(3]
th
0O
ty

recording surfaces, the optimum pulse shape may be differ
each head. A programmable detector allows each track of each

surface to be read with its own optimal set cf

3]
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A programmable sequence detector may be built using the ACTS
sharing principles of this invention. 1In this case, caze should b
taken to insure that the chosen sharing arrangement is allo

all possible programmed values of the expected samples.

Multiple-Samples pex Seguenca-Model Staze Transition




WO 94/18670 PCT/US94/01084

subset. of potential error events for which you would like to
preserve the error-handing performance of the full Viterbi

demodulator.

For our EPR4 example, we choose to include the set of
potential error events whose distance is less than or equal to 2,

potential error

n
1
.

since 2 is the minimum distance of all clo
events and there exist no cpen potential error events longer than

ur path memory of distance less than or equal to 2. Using the

0

uclidean norm, the distance of an error event is the square roc:

i}

O

of the sum of the sqguares of the differences in each element
between the two codewords comprising the error event. From our
&

example list in step 3, the following 3 potential error events of

length 4 are selected:

CONEZwNaN STATE QrAnSNeD DISTANCE
0121 0137

1210 013771 2 (closed)
0120 00136

1210 01377 1.732 (open)

6120 00136
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handled properly. The longest potential error event at this
distance spans six frames of the original single—samplé trellis.
The same potential error event may span parts of four frames in the
double-sample trellis, so for this sharing diagram the path length
was taken as P=B8, meaning that potential error events up to eight
samples long were considered. Since the samples are processed in
pairs, only potential error events of even length are considered.
Note that the sharing allowed in this case is identical to the
shazing allowed when the same sample seguence model is applied one

sample at a time.

Both grouping of seguence-model states to share ACS modules
anc modification of sample sequence models to process multiple
samples per transition can be implemented in the same sequence
detecter. FIGURZ 32 is a diagram showing how states from FIGURI 30
may be grouped to share two ACS modules. Each ACS module handles
four input paths. Note tha:t there are parallel paths in the
figure. For example, if state 011 is currently represented by the
ACS module for the left-hand group of states, then branch 33
represents a branch from 011 to 100 with a label 0, -2/1, 0, while
branch B4 represents a branch from 011 to 111 with a label 1, 0/0,
C. Each of these branches represents a possible sequence model
transiticn and both must be considered when the surviving path Is

selected by the ACS module to which they go. IGURE 32 implies an
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architecture with which a sequence detector may be implemented for
EPR4 signals with d=l at a processing rate of one-half the sample

rate.

FIGURE 33 shows a ten-state modified sample sequence model for
partial response signals corresponding to the polynomial (1-
D) (1+D) "3 with a minimum run length constraint of d=1. This model
is modified from FIGURE 20 in that each sequénce model transition
in the modified model represents the combination of two consecutive
sequence model transiticns in the original model of FIGUREZ 20. The
labels in FIGURE 33 indicate pairs of expected samples and pairs of

corresponding estimated channel bits.

When the sample segquence model of FIGURE 33 is analyzed to
determine allowable sharing of ACS modules, the result i1s the same
as for the single-sample case. For proper resolution of all

potential error events of distance less than or equal to the sqguare

root of 10, the sharing diagram is as shown in FIGURE 21.

FIGURE 34 is a diagram showing how states from FIGURE 33 may

be grouped to share three ACS modules. Each ACS module handles

~

three input paths. 1In this case, no parallel paths are require
FIGURZ 34 implies an architecture with which a sequence detector

may be implemented for partial response signals corresponding to
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the polynomial (1-D) (1+D)~3 with d=1 at a ACS module cycle rate of

one-half the sample rate.

FIGURE 35 is a diagram showing how states from FIGURE 33 may
be grouped to share five ACS modules. Each ACS module handles two
FIGURZ

or three input paths, and no parallel paths are required.

34 shows how a sequence detector may be implemented for partial

response signals corresponding to the polynomial (1-D) (1+D)73 wizh

d=1 at an ACS module cycle rate of one-half the sample rate. AS in
+he unmodified or single-sample case, the branch labels in whi

architecture only depend on their state of origin for their signs,

allowing partial precomputation of the branch metrics.

FIGURZ 36 shows a modified four-state sample sequence mocel
for PRY signals without run length constraints. This model differ
from FIGURE 13 in that each sequence model transition in this mode .
represents the combination of two consecutive seguence model
transitions in the o;iginal model of FIGURE 13. The labels :in

FIGURE 3§ indicate pairs of expected samples and pairs of

corresponding estimated channel bits.

When the sample sequence model of FIGURE 36 is analyzed tc

-
—

T

he same

determine allowable sharing of ACS modules, the result is

as for the single-sample case. For proper resolution of all
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potential error events of distance less than or equal to the sguare

root of 2, the sharing diagram is as shown in FIGURE 14.

FIGURE 37 is a diagram showing how states from FIGURE 36 may
be grouped to share two ACS modules. Parallel paths are required,
and each ACS module handles four input paths. FIGURZ 37 shows how
a seguence detector may be implemented for PR4 at an ACS module
cycle rate of one-half the sample rate. Note that in the prior
art, sequence detectors for PR4 have been built by de-interleaving
the sample sequence into two sub-sequences, each of which is
demodulated independently using a Viterbi detector for a (1-D)
partial response signal. The prdcessing rate in each interleave is
one~half the sample rate. This de-interleaved demodulation is
possible for PR4 because the PR4 polynomial (1-D) (1+D) = (1 - 5°2)
contains only even powers of D, and therefore the dependence
between samples is restricted to samples in the same interleave.
The present invention gives an alternative way to achieve
parallelism and reduce the processing rate in PR4 sequence

demodulators.

In the claims to follow, the word detector is used in the
general sense to denote any sequence detector, whether used

demodulation, decoding or otherwise.
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ﬂhile preferred and alternate embodiments of the present
invention have been disclosed and described in detail herein, it
will be obvious to those skilled in the art that wvarious changes
form and detail may be made therein without departing from the

spirit and scope thereof.
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differing in the first transitcion).

of error events.
conditions that 2 or more samples

The matrix is square, and the i,j
path from state i to state j. If

cares).

Richazd T. Behrens, February 1992.
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Nmax = input ('Enter the decoder path length:
1f (rem(Nmax,nclock)~=0)

error{'Path length must be a multiple of
end

normtype = input ('Enter the desired norm {(use 2 for Euclidean):

Then it goes through all errox
events, screens them against some specified criteria, and determines
which states in the state machine can share an ACS unit and path memory
without compromising the detector's ability to handle the specified set
It can also analyze the allowable sharing under the
re processed per clock cycle.

The state machine is described by a combined transition/inpur matnxzi
element is the expected sample for the
there is no path from state i to state
j, the matrix A should contain a NaN in the i,3 position.
matrix O gives estimated channel bit for each transition spe
(the elements of O that don't correspond to transitions in A are don't

PCT/US94/01084

script file shareacs.m generates a list of codewords for a given state
machine and identifies all error events (starting in the same state and

-

riX, A'

A correspcnding

cified in

t)’.

disp('Now specify what typres of error events you want to include: ')

T

disp(® {1) Events with distance <= a given "critical
disp ('’ (2) Events that can be characterized as dropouts.
disp(' )

ritcdist = input('Enter the “critical" distance:
savedzop = input{'Include dropout errors (0/1)7?
if savedrop
dl = input({'Max number of dropped ou: bits to consider:
else
ropout

I)'.
I)‘.

-~ Q;
. - @

end

tellwhy = input (‘Do you want examples of why each share is

n = length(A); % number of stcates

discance.

')
')

l)’.

@

ERe |

forbidden (0.1

the number of samples per clock.')
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{T,I,D] = statconv(a,0,nclock):; $ convert the state machine to ancther
format”

sharetable =~ ones(n,n); % begin by assuming all states are shareable

for N = nclock:nclock:Nmax % for each length of codeword

disp(('Considering codewords of length ' int2scr(N)])

for i = 1l:n % for each starting state ...
disp({‘Working on error events that start in state ' int2acr{i) ]}
tidx = £find(T(:,1)==i); % find all tzansitions from state i
stateseqgs = T(tidx,:)*: % keep track of state sequences
cws = I(tidx,:)"'; % and codewords
outputs = D(tidx,:)'; % and channel bhits.

(dummy,M] = size{cws):;
for k = (2*nclock) :nclock:N
newstatesegs = [];
newcws = []:;
newoutputs = [];
for j = 1:M
tidx = find(T(:,1)==~stateseqgs(k/nclock,j)):
3tateseq =~ stateseqgs(:,j) *ones(l,length{tidx));
newstateseqs = [newstateseqgs [stateseq: T(tidx,2)'l]):
Cw = cws(:,j)*ones {1, lengzh(tidx)):
newcws =~ (newcws [(ow; I(tidx,:)']):
output = outputs(:,3)*ones(l,length(zidx)):
Newoutpuls =« [newoutputs [output; D{zidx,:)']]):
end
s3tateseqs = newstateseqs:
CW3 = newcws;
OUtPULs = newounputs;
(durmy,M] = size(cws); % codeworzds of length k from state i
end

¥ now we have a list of all M ccdewords that start from state i,
$ and we can investigate all the error events that begin in state i.

for § = 1:(M~1)
for k = (j+1):M
if (stateseqs(Z,j)~-stateseqs(2,k)) $ if pair is an error event
dist = norm{cws(:,j)~cws{:,k),normtype) ; % find distance
if saved:op % check for dropout/dropin event
ropoul = isdrop(outputs(:,j),outpurs(:,k).,dl);
Topout = dropout|isdrop({outputs(:,k),ouzputsa(:,j),al):
end
if (dist< ritdist) |dropout 3 if an event of interes<
Sti = % start at the beginning of the error event
while (sti<={N/nclock+1}) $ until the event closes

tj = stateseqs{szi,j):

tk = stateseqgs(s=i,x);

£ sharetable(stj,stk)
sharezable(stj,stk) = 0; % share not allowed
disp((‘'Marking nonshareable state pair: '

2
{
if (stateseqs(sti,j)~=szatesegs(s=i, k))
3
3
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end
end
end
end
end

cle

end
end
end

if

end
end
ATL -
else
break
end

PCT/USS4/01084

int2str{st3d) ', ' int2str{istk)])
tellwhy

disp('An error event needing this pair:

disp ('Codewords: ')
disp({cws(:,3J) cws{:,k}]1")
disp{'State sequences: '}
disp{[stateseqs{:,]) statesegs(:,k}]*)
disp{‘Qutputs: *)
disp([outputs(:,J) ocutputs(:,ki]")
disp{[*Distance = ' num2str{dist)])
if dropout

disp('This is a dropout event.')
end
pause
clc

sti + 1;

sharetable = sharetables (sharezable');

disp('Sharing t
disp({nan l:n;

able: ")

{(l:n)’ sharetable]])

)
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function dropout = isdrop(outl,out2,dl)

% dropout = isdrop(outl,out2,dl} returns a 1 if the error between
$ binary sequences outl and out2 can be characterized a2s a dropout,
% otherwise returns a 0. A dropout is indicated when:
% (1) every 0 in outl is 0 in out2 (no drop in or shifr)
% and {2) at least one 1 in outl is 0 in ocut2 (dropout)
§ and {3) not more than dl 1s in cutl aze 0 in out? (not too many)
%
$ If dl is not supplied, it is taken as infinity.
%
% Richazd T. Behrens, February 193%2.
%
1f nargin<3
dl = inf;
end

numdzop = sum({outle~=l)s (out2==0));
ropout = (~any({outl==0)& (out2==1))) & (numdrop>0) & (numdzrop<=~dl):
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function [T,X,D] = statconv{i,O,n)

[T,I,D] = statconv({A,0,n) converts a state machine from the input format
used by shareacs.m (and described therein) to a format suitable to
describe state machines that process n samples per clock cycle. The
new format consists of three matrices. T is a list of transitions, with
one row for every transition path in the machine, and two columns
containing the state numbers that the transition path comes from and
goes to. I is a list of input labels {expected samples}, with one row
for every row in T, and one column for every sample processed in one
clock cycle (n). D is a list of ocutput labels {channel bits) in the
same format as I.

Richard T. Behrens, February 19%2.

VP O P OP IR IP PR P P P W

ns = length(A): $ number of states

ox

—

1: T = {]1: D= {]:

l:ns $ for each starting state

15 = find(~isnan(A(i,:))); % find valid transitions

keep track of state sequences
and input labels ...

and outpuz labels.

o3

cran
stateseqgs = trans;
cws = A(i,trans):
outputs = O(i,trans);
M = length{cws):
for k = 2:n
newstatesegs = [];
newcws = []:
newoutputs = []:
for j = 1:M
trans = find(~isnan(A(stateseqgs(k~1,3),:)));

C ]

stateseqg = statesegs(:,j)*ones{l,length(trans));
newstatesegs =~ [newstateseqgs [stateseg; trans]]:
cw = cws{:,3j)*ones(l, leagth(crans)};:

newcws = (newcws [cw; A(stateseg(k-~1l),trans)]}):
cutput = ocutputs{:,3j)*ones{l,length{trans}):
newoutputs = {newoutputs [output; O{statesecq(k-1l),trans)]]l:
end
stateseds = newstateseqs:
CWS = nNnewews;
outputs = newoutputs:

([dummy,M] = size(cws): % number of codewords of length -k from state 2
enc
% add the length n codewords to the transition path list
I = (I; cws']:
T = [T; [i*onea(M,1) statesegs(n,:)']]):;
D = [D,; outputs'];

end
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Sometimes the required sample rate and corresponding channel
bit rate exceed the maximum ACS module cycle rate, i.e. the rate at
which a particular implementation of an ACS module can accept new
actual sample values and select surviving paths. When this occurs,
a means is needed to restructure the computations so that more
processing may be done in parallel. This can be accomplished in a
sequence detector by beginning with a suitably modified sample

seguence model.

Consider the case where a doubling of the rate at which an ACS
module processes read-signal samples is sufficient. In this case,
the sample seguence model is modified by considering each pair of
possible consecutive seguence model transizions as a single sta:ze
transition in the modified sample sequence model. All segquence-
model transitions of the modified sample seguence model represenc
all possible consecutive pairs of transitions from the original
sample sequence model. The modified detector accepts a pair of
samples of the analog read signal, generates branch metrics by
comparing the received sample pair to expected sample pairs for
each branch, adds the compound branch metrics to previous path
metrics and selects the surviving paths.. In effect, the sample

sequence model is modified to accept and process multiple samples

per state transition, and the fundamental frame of the



WO 94/18670 PCT/US94/01084

corresponding trellis is replaced by a modified fundamental frame
whose branches represent all paths through two consecutive

fundamental frames of the original trellis.

The advantage of this modification is that the add, compare,
select process can operate at cone half of the sample rate. The
cost of this modification is that the compound branch metrics are
more complex to compute and that there may, in general, be more
paths entering each ACS module. The comparisons among the greatex
number of path metrics may be carried out in parallel, as may the
computation of the compound branch metrics. As will be clear to

one skilled in the art, an analogous modification can be used to

process 3 or more samples in parallel per cycle of the ACS module.

FIGURE 30 shows a six-state modified sample sequence model Zors
EPR4 with a minimum run length constraint of d=1. This model
differs from FIGURE 3 in that each sequence-model transition in
this model represents the combination of two consecutive seguence
model transitions in the unmodified sample sequence model of FIGURZ
3. The labels in FIGURE 30 indicate pairs éf expected samples anc

pairs of corresponding estimated channel bits.

FIGURE 31 is a sharing diagram obtained when we require that

all potential error events of distance less than or equal to 2 be
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What is claimed is:

1. An integrated circuit synchronous read channel for
receiving digitized read signals representing samples of a
read signal of a magnetic storage device and recovering
digital data represented thereby comprising:

a transition detector for detecting amplitude pulses of
the digitized read signals indicative of storage media
transitions and for generating an output signal representative
of the amplitude pulses, said output signal being a seguence
of binary digital signals;

timing recovery circuitry responsive to the digitized
read signal and the output signal of the transition detector
to provide a timing control signal for controlling the timing
of digitized samples of the read signal;

a sequence detector responsive to the digitized read
signals for receiving as stream of the digitized read signals
and determining a corresponding sequence of binary digital
signals likely to be represented thereby, said sequence
detector including a path memory means for constructing
sequences of binary digital signals, a comparison means for
comparing the received read signai to a set of predetermined
ideal read signals, and a selection means for selecting one of
said set of ideal read signals which resembles the received
read signal and for selecting a sequence of binary digital
signals from the path memory means which corresponds to the
selected ideal read signal;

an RLL (d,k) decoder for providing a run lencth limited
decoded output by decoding the selected sequence of binary
digital signals from the sequence detector or for providing a
run length limited decoded output by decoding the sequence of
binary digital signals from the transition detector; )

control means for directing either the sequence of binary
digital signals from the sequence detector or the sequence of
binary digital signals from the transition detector to the

RLL (d,k) decoder.

Sheet Has Been Replaced

- T
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2. The integrated circuit synchronous read channel of
claim 1 further comprised of digital pulse shaping filter
circuitry for modifying the digitized read signals prior to
receipt thereof by at least one of (i) the segquence detector,
(ii) the transition detector and (iii) the timing recovery

circuitry.

3. The integrated circuit synchronous read channel of
claim 2 further comprised of delay means for delaying coupling
of the digitized read signals to the transition detector or to
the timing reciver circuitry to match a delay in coupling the
digitized read signals to the timing recovery circuitry or the
transition detector, respectively, imposed by the digital

pulses shaping filter circuitry.

4. The integrated circuit synchronous read channel of
claim 2 wherein the digital pulse shaping filter circuitry

includes variable filter parameters.

5. The integrated circuit synchronous read channel of
claim 2 wherein the digital pulse shaping filter circuitry
modifies the digitized read signals using programmable filter

parameters.

6. The integrated circuit synchronous read channel of
claim 1 further comprising the spectrum smoothing filter
circuitry for filtering the digitized read signals prior to

processing by the sequence detector.

7. The integrated circuit synchronous read channel of
claim 1 wherein the sequence detector processes two digitized
read signals at a time, the two digitized read signals’
respectively representing digitized samples of a read signal
of a magnetic storage device during two successive channel bit

times.
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8. An integrated circuit synchronous read channel for
receiving read signals responsive to transitions in magnetic
polarity stored in a magnetic storage device and recovering
digital data represented thereby comprising:

timing recovery circultry responsive to the read signals
to provide a timing control signal for recovery of the binary
digital.signal timing in the read signal; and,

a sequence detector responsive to the read signals for
receiving a read signal and determining the corresponding
sequence of binary digital signals likely to be represented
thereby said binary digital signals having a minimum run
length constraint of d»>0 and said sequence detector comprising
a path memory means in which sequences of binary digitel
signals are constructed, a comparison means to compare the
received read signal to a set of ideal read signals, and a
selection means which selects an ideal read signal which
resembles the received read signal and thereby also selects
the sequence of binary digital signals in the path memory

which corresponds to the selected ideal read signal.

9. The integrated circuit synchronous read channel of

claim 8 wherein d=1.

10. The integrated circuit synchronous read channel of
claim 8 wherein said timing recovery circultry comprises:

timing error measurement circuitry for providing a timing
error measurement signal responsive to the present guantity of
bit timing error;

timing correction circuitry for correcting the present
timing in response to the timing error measuremant signa}
received from the timing error measurement circuitry; and,

sensing circuitry for determining when the timing
correction circultry responds to the timing error measurement

signal.
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11. The integrated circuit synchronous read chamnnel of
claim 10 wherein the sensing circuitry is a transition
detector for detecting pulses in the amplitude of the received

read signal indicative of magnetic transitions on the storage

media.

12. The integrated circuit synchronous read channel of
claim 10 further comprised of control circuitry for selecting
either the sequence of binary digital signals from the

sequence detector or an output from the sensing circuitry.

13. The integrated circuit synchronous read channel of
claim 8 further comprised of an RLL(d&,k) decoder for providing
a run length limited decoded output by decoding the sequence

of binary digital signals from the sequence detector.

14. The integrated cirxcuit synchronous read channel of

claim 13 wherein the RLL(d,k) decoder is an RLL(1,7) decoder.

15. The integrated circuit synchronous read channel of
claim 8 wherein the timing recovery circuitry includes a

digital phase detector and a digital timing loop filter.

16. The integrated circuit synchronous read channel of
claim 10 wherein the timing error measurement circuiltry
comprises a digital phase detector and the timing correction

circuitry comprises a digital timing loop filter.

17. The integrated circuit synchronous read channel of
either of claims 15 and 16 wherein the timing corxrection
circuitry provides a digital frequency control signal
responsive to bit timing phase errors for direct control oI

the frequency of a clock determining bit timing.
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18. The integrated circuit synchronous read channel of
either of claims 15 and 16 wherein the coefficients of the

digital timing loop filter are programmable.

189. The integrated circuit synchronous read channel of
claim 8 further comprised of automatic gain control circuitry
coupled to the read signals to provide a gain control signal

responsive thereto.

20. The integrated circuit synchronous read channel of
claim 19 wherein the read signals are digitized read signals
representing digitized samples of the read signal of the
magnetic storage device and wherein the automatic gain control
circuitry includes a digital gain error detector responsive to
the digitized read signal samples and a digital gain loop

filter.

21. The integrated circuit synchronous read channel of
claim 20 wherein the digital gain loop filter provides a
digital gain control signal for directly controlling the gain

of a variabhle gain amplifier.

22. The integrated circuit synchronous read channel of
claim 20 wherein the coefficients of the digital gain loccp

filter are programmable.

23. The integrated circuit synchronous read channel of
claim 20 wherein the digital gain error detector provides a
digital gain error measurement signal responsive to the
difference between a programmable desired signal level and the

digitized read signal.

24. The integrated circuit synchronous read channel of
claim 8 further comprised of digital pulse shaping filter

circuitry for modification of the digitized read signals prior
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to receipt thereof by at least one of (i) the sequence

detector and (ii) the timing recovery circuitry.

25. The integrated circuit synchronous read channel of
claim 11 further comprised of digital pulse shaping filter
circuitry for modification of the digitized read signals prior
to receipt thereof by at least one of (i) the sequence
detector, (ii) the timing recovery circuitry, and (iii) the

transition detector.

26. The integrated circuit synchronous read channel of
claim 25 further comprised of delay circuitry for delaying the
coupling of the digitized read signals to the transition
detector or the timing recovery circuitry to match the delay
of the coupling of the digitized read signals to the timing
recovery cilrcuitry or the transition detector, respectively,

imposed by the digital pulse shaping filter.

27. The integrated circuit synchronous read channel of
either of claims 24 and 25 wherein the digital pulse shaping

filter circuitry includes programmable filter parameters.

28. The integrated circuit synchronous read channel of
claim 8 further comprised of spectrum smoothing filter
circuitry for filtering the digitized read signals to reduce
the effect of head bumps prior to processing by the sequence

detector.

29. The integrated circuit synchronous read channel of
claim 28 wherein the spectrum smoothing filter includes

programmable coefficients.

30. The integrated circuit synchronous read channel of
claim 28 wherein the spectrum smoothing filter includes

programmable delays.
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31. The integrated circuit synchronous read channel of
claim 8 wherein the read signals are digitized read signals
representing digitized samples of the read signal of the
magnetic storage device and wherein the sequence detector
processes two digitized read signals at a time, the two
digitized read signals representing digitized samples of a
read signal of a magnetic storage device during two successive

channel bit times.

32. The integrated circuit synchronous read channel of
claim 8 wherein the read signals are digitized read signals
representing digitized samples of the read signal of the
magnetic storage device and wherein the timing recovery
circuitry processes two digitized read signals at a time, the
two digitized read signals representing digitized samples of a
read signal of a magnetic storage device during two successive

channel bit times.

33. The integrated circuit synchronous reac channel of
claim 8 wherein the read signals are analog signals and the
read channel includes sampling circuitry to periodically

sample the analog signals.

34. The integrated circuit synchronous read channel of
claim 33 wherein the sampling circuitry includes cigitizing
circuitry to produce digitized read signals representing

digitized samples of the read signal of the magnetic storage

device.

35. The integrated circuit synchronous read channel of
claim 8 further comprised of a microprocessor interface and a

plurality of control registers.

36. A digital integrated circuit for receiving digitized

read signals representing digitized samples of a read signal
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of a magnetic storage device and recovering digital data
represented thereby comprising:

timing recovery circuitry responsive to the digitized
read signals to provide a timing control signal for
controlling the timing of digitized samples of the read
signal; and,

a sequence detector responsive to the digitized read
signals for receiving a read signal and determining a
corresponding sequence of binary digital signals likely to be
represented thereby said binary digital signals having a
minimum run length constraint of d>0 and said sequence
detector comprising a path memory means in which sequences of
binary digital signals are constructed, a comparison means to
compare the received read signal to a set of ideal read
signals, and a selection means which selects an ideal read
signal which resembles the received read signal and thereby
also selects the sequence of binary digital signals in the
path memory which corresponds to the selected ideal read

signal.

37. The digital integrated circuit of claim 36 wherein
the timing recovery circuitry is programmable to control the
phase of the digitized read signal such that the pulses in the
digitized read signal may be selectively side sampled ox

center sampled.

38. The digital integrated circuit of claim 37 wherein
the sequence detector is programmable to determine a seguence
of binary digital signals from a digitized read signal in
which the pulses are selectively side sampled or center

sampled.

39. The digital integrated circuit of claim 36 wherein
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40. The digital integrated circuit of claim 36 wherein
sald timing recovery circuitry comprises:

timing error measurement circuitry for providing a timing
error measurement signal responsive to the present guantity of
bit timing error;

timing correction circuitry for correcting the present
timing }n response to the timing error measurement signal
received from the timing error measurement circuitry; and,

sensing circuitry for determining when the timing
correction circultry responds to the timing error measurement

signal.

41. The digital integrated circuit of claim 40 wherein
the sensing circuitry is a transition detector for detecting
pulses in the amplitude of the digitized read signal

indicative of magnetic transitions on the storage media.

42. The digital integrated circuit of claim 36 wherein
said timing recovery circuitry comprises:

timing error measurement circuitry for providing a timing
error measurement signal responsive to the present guantity of
bit timing error;

timing correction circuitry for correcting the present
timing in response to the timing error measurement signal
received from the timing error measurement circuitry; and,

control circuitry responsive to an external transition
detector for determining when the timing correction circuitry

responds to the timing error measurement signal.

43. The digital integrated circuit of claim 40 further
comprised of controllable means for selecting either the.
sequence of binary digital signals from the sequence detector

or the output from the transition detector.

44. The digital integrated circuit of claim 36 further

comprised of an RLL(d,k) decoder for providing a run length
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limited decoded output by decoding the sequence of binary

digital signals from the sequence detector.

45. The digital integrated circuit of claim 44 wherein

the RLL(d4,k) decoder is an RLL({1l,7) decoder.

46. The digital integrated circuit of claim 36 wherein
the timing recovery circuitry includes a digital phase

detector and a digital timing loop filter.

47. The digital integrated circuit of claim 40 wherein
the timing error measurement circuitry comprises a digital
phase detector and the timing correction circuitry comprises a

digital timing loop filter.

48. The digital integrated circuit of either of claims
46 and 47 wherein the timing recovery circuitry provides a
digital fregquency control signal responsive to bit timing
phase errors for direct control of the frequency of a clock

determining bit timing.

49. The digital integrated circuit of either of claims
46 and 47 wherein the coefficients of the digital timing loop

filter are programmable.

50. The digital integrated circuit of claim 36 further
comprised of automatic gain control circuitry coupled to the
read signals to provide a gain control signal responsive

thereto.

51. The digital integrated circuit of claim 50 whe;ein
the read signals are digitized read signals representing
digitized samples of the read signal of the magnetic storage
device and wherein the automatic gain control circuitry
includes a digital gain error detector responsive to the

digitized read signal samples and a digital gain loop filter.
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52. The digital integrated circuit of claim 51 wherein
the digital gain loop filter provides a digital gain control
signal for directly controlling the gain of a variable gain

amplifier.

53. The digital integrated circuit of claim 51 wherein
the coefficients of the digital gain loop filter are

programmable.

54. The digital integrated circuit of claim 36 further
comprised of digital pulse shaping filter circuitry for
modification of the digitized read signals prior to receipt
thereof by at least one of (i) the sequence detector and (il)

the timing recovery circuitry.

55. The digital integrated circuit of claim 41 further
comprised of digital pulse shaping filter circuitry for
modification of the digitized read signals prior to receipt
thereof by at least one of (i) the sequence detector, (ii) the

timing recovery circuitry, and (iii) the transition detector.

56. The digital integrated circuit of claim 55 further
comprised of delay circuitry for delaying the coupling of the
digitized read signals to the transition detector or the
timing recovery circuitry to match the delay of the coupling
of the digitized read signals to the timing recovery circuitry
or the transition detector, respectively, imposed by the

digital pulse shaping filter.

57. The digital integrated circuit of either of cl@ims
54 and 55 wherein the digital pulse shaping filter circuitry

includes programmable filter parameters.

58. The digital integrated circuit of claim 36 further

comprised of spectrum smoothing filter circuitry for filtering
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the digitized read signals to reduce the effect of head bumps

prior to processing by the sequence detector.

59. The digital integrated circuit of claim 58 wherein
the spectrum smoothing filter includes programmable

coefficients.

60. The digital integrated circuit of claim 58 wherein

the spectrum smoothing filter includes programmable delays.

61. The digital integrated circuit of claim 36 wherein
the read signals are digitized read signals representing
digitized samples of the read signal of the magnetic storage
device and wherein the sequence detectcr processes two
digitized read signals at a time, the two digitized read
signals representing digitized samples of a read signal of a
magnetic storage device during two successive channel bit

times.

62. The digital integrated circuit of claim 36 wherein
the read signals are digitized read signals representing
digitized samples of the read signal of the magnetic storage
device and wherein the timing recovery circuitry processes two
digitized read signals at a time, the two digitized read
signals representing digitized samples of a read signal of a
magnetic storage device during two successive channel bit

times.

63. The digital integrated circuit of claim 36 further
comprised of an RLL encoder for RLL encoding digital data to

be written to a magnetic storage device.

64. The digital integrated circuit of claim 36 further

comprised of:
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a processor interface and a plurality of control
registers from which a processor may read information and to
which a processor may write information; and,

a serial interface having a serial data line and a serial

clock line.

64. The digital integrated circuit of claim 64 further
compriéed of:

multiplexing circuitry for providing as the output of the
integrated circuit;

i) the digital data to be written to a magnetic storage
device in 2 bit wide form during writing to the storage
medium; and,

ii) selectively providing the output of the serial data
line and the serial clock line when not writing to the storage

medium.

66. The digital integrated circuit of claim 64 wherein
the serial interface includes circuitry for reading in serial
form on the serial data line the contents of mapped external

registers.

67. The digital integrated circuit of claim 66 wherein
the serial interface includes circuitry responsive to requests
presented at the processor interface to selectively:

a) read in serial form on the serial data line the
contents of one of the mapped external registers and then
provide the contents of said mapped external register at the
processor interface; or

b) provide at the processor interface the contents of a
mapped external register specified in a previous request and
then read in serial form on the serial data line the contents

of a second mapped external register specified in the present

request.
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68. The digital integrated circuit of claim 66 wherein a
processor may write control information to a specified mapped
external register by writing to the mapped external register’s
address in the digital integrated circuit, and wherein the
serial interface includes circuitry for presenting in serial
form on the serial data line to the specified mapped external
registe; the data written to the mapped external register’s
address in the digital integrated circuit each time the

processor writes to the mapped external register’s address.

69. A digital integrated circuit comprising:

an RLL encoder for RLL encoding digital data to be
written to a magnetic storage device;

a processor interface and a plurality of control
registers from which a processor may read information and to
which a processor may write information; and,

a serial interface having a serial data line and a serial
clock line;

multiplexing circuitry for providing as the output of the
integrated circuit

i) the output of the RLL encoder in 2 bit wide form
during writing to the storage medium; and,

ii) selectively providing the output of the serial
data line and the serial clock line when not writing to the

storage medium.

70. The digital integrated circuit of claim 69 wherein
the serial interface includes circuitry for reading in serial
form on the serial data line the contents of mapped external

registers.

71. The digital integrated circuit of claim 70 wherein
the serial interface includes circuitry responsive to requests
presented at the processor interface to selectively:

a) read in serial form on the serial data line the

contents of one of the mapped external registers and then
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ﬁrovide the contents of said mapped external register at the
processor interface; or

b) provide at the processor interface the contents of a
mapped external register specified in a previous request and
then read in serial form on the serial data line the contents
of a second mapped external register specified in the present

request.

72. The digital integrated circuit of claim 69 wherein a
processor may write control information to a specified mapped
external register by writing to the mapped external register’s
address in the digital integrated circuit, and wherein the
serial interface includes circuitry for presenting in serial
form on the serial data line to the specified mapped external
register the data written to the mapped external register’s
address in the digital integrated circuit each time the

processor writes to the mapped external register’s address.



