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1 *159159* SECTOR BASED TI M NG RECOVERY FOR A READBACK
" SIGNAL Field of the Invention 5 The pre on
relates to a sector based read channel a Bmmll mml l‘“l
especially, although not exclusively, us
storage devices such as nagnetic and opti cal® éft orage

medirR TORIBAISED FYMRNERE CH/ERY SPoRN IREA |§§ K SIGNAL

applrication
finds use in software or hardware channe

characteristjc tools, for exanple to synchronise a
ﬂﬁ@@ﬁM@Mnal to a nmodel output. Background of
the I nventi on Perpendicul ar recordi ng records
"magnetic bits" vertically onto the magnetic 15

Th@afethV@tmmJateatm ersetctmrbahmdl readtc&idrmeaanwmélthod
Actual |y, there

esfé)egc\llq a’o agﬁgp%h 1’?8 &dgﬁlr\}glé/ H rségr@,gg,qﬁjncescﬂéch as
mdgAsti@ apltPptieaPSopadtertbdifre § e’ﬁ%W ﬂgnﬂ%%&?e ratio (SNR)

doubl e-l ayer perpendi cul ar Tredi um
appligatipay stch Asepegpendidulan decardirgy. dt atsovfimds osain soﬁware or

ea medi um W t hout, a sof
2 S ReLErEe Ry Bileriof Beariel RLchsaaRes madou
sigmaMpramdidel eutpshiR. However, it has been found that
conventional timng recovery nethod does not work well
at low SNR [13-18]. Therefore, practical methods for

09 Mal | ow SNR becone very inportant as
B%%Hearggg&ﬁ]g? Ieﬁ[IrX/I F‘géu | ongi tudi nal recording 25 towards
per pendi cul ar recordi ng progresses. To the know edge

t hitherto no sector-based tim ng
PSoEhI AT Eee g (RS magnale b Yerdaai peisMha Tagnetic

cdé@ng Qﬁtaoﬂrshaﬁﬁﬁergtﬂbﬂ }ﬁ)‘?fibﬁfallg agmﬂ%{mer a Y$ha % itudinal

osed e naghetic rec ure.
repﬁ iRg. aﬁ@tlfaﬂe!qti@ﬁewegwo rbasmnodas ob perpendityiabesoording.

ON3 e SRaR e ERBA P oot 8 S W A pdpendicuiar
Mg Withi D8ofs Dﬁ@érlé;ﬂera T Seddrd MdBe Vs bohlertdnal

commn to estimate the
longitudinal ring head and a medium without a soft underlayer

-Perpendicular recording has been proved to work at low '_SNR. However, it

“has been found that conventional timing recovery method does not work well

at low SNR [13-18]. Therefore, practical methods for ti'ming récovery for low

SNR become very important as the transition from longitudinal recording

towards perpendicular recording progresses.

To the knowledge of the inventors, hitherto no sector-based timing recovery
technlques for acquisition and tracking, and no sector-based gain control

methods have been proposed in the magnetic recordlng literature.

Phase and frequency estimation has previously been used in methods for fast
timing acquisition. To shorten the _preamble length and to increase the
acquisition speed in a data storage sysfem, it is common to estimate the

phase and to initiate a phase lock loop from a phase that close to the actual
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phase and to initiate a phase |ock | oop froma phase
that close to the actual ~Il~~~~ L1111 11LID T1HELE TTM
11121 1111 ~I'1~ *000002 * 2 phase of the sanpl ed
preanbl e signal. This is comonly referred to as zero-
phase restart. There are several reported studies in
this area [1-16]. The nethods described in references
[5,8] enploy an estinmation of phase 5 using the
prfaﬁlel cofwhagsamnpladimEambdassngmﬂ eThibds cphaaenbynrli]yf@rrécﬂt tofas zero-
the preaphle at instants conputing the DFT at a
PRASEREIREl Tesmere FRVEIR {20 1o EHRY M eiea r Bainbl o
For exanple if the preanble is a sequence y(k) which -
is the repeating sequence ++--++- fnan, is 4T where T
Thes methody resicribad einvaferentes [BFE] esptoyt he pstiraatibe of phase
sequence y(k) to produce an estimate fk the 10 phase
U%Ffée fallondng <5>|r'|n6wée gstimatethetphase aagleves ebihg prea(mble at
;;~om L real ‘anoEﬁf mhenalnagrﬂfnom)] is th
'n$fﬁabﬁ ey CoPULiag the Hiohpt 2 feaquansyl /L.y ihieh he fr@ﬁgerhcy of

nbl is the r part Y(fno , and Y(fnom .
th (RFRTD (For SRS B RirAqDlg e THUANES THE. WAIH is the
met hods described in referenceﬁ [3, 13-16] enpl oy

repeatirig sstjuente er--of+-- phage dnd—frepeendyis Hewyatol interval.

adopted the follow ng principl4 1. Assune the phase
tist 7K =
Tr%a@'fﬁ'apgessfh%%ﬁeaens\gle %%‘i“fq%eeyfbet%ﬁég%u%ape%fm?tﬁe 7, the

s a nts k, by conputing the DFT at -
ph%rsga%ngrh%@‘ LSWOL\J‘% ng two sanples of the preanble
sequence y(k) for estimate the Ek as _fall O\j/s. 1 img

[Y(fnom 3 k)] 25 rk = imagY (f,om)]
‘ reall¥ (o))

)] is the imaginary part of Y (f,

nom

nom

where imag[Y(f. ), and real[Y (Srom)]

nom

length of preamble )
Zy(k)e"z’f - is the DFT

Y ok=l

is the real part of - Y(f

nom

), and Y(f,

nom )

of y(k) at 1. .

The methods described in references [3, 13-16] employ joint estimation of

phase and frequency. They all adopted the following principle:

1. Assume the phase angle 7, satisfies: 7, =7, +kAf, where
Af = f;zcmal _.f;mm ' |
2. Estimate the phase angle of the preamble at instants k, by computing

the DFT at frequency f

nom

~using two samples of the preamble

sequence y(k) for estimate the 7, as follows.

e v )
7T from real[Y(fwm, )]
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27r fnomreal [Y(fnam k)] 3 where imag[Y(fnomKk)] is
the imagi nary part of Y(fnomk), and real [Y(fnom
k)] is the real part of Y(fno,n, k) , and Y(f"on,,Kk)
= y(k)e-j2rf,mk + y(k+l)e-j2sj,,,,k+ is the DFT of
y(k) at fnom calculated usirg two sanples. 5 3. Using
the estimation of the phase angle to do a |linear curve
fitting to equationr k =ro +kAf to estimate ro and

O . wheté rrsagaps(g;amggmg hite tiftRghRsy Baﬁs%fcar’\‘g’s(g/?m,k), and

obt ai ned by 'mnhimzing nmean 10 square erro:mi(,

bet reggt er md ne ign and e prea .

Sum\i\rﬁ%[o "'i’"ﬁgﬁl nvg%ni grqéThe?ébarlese tEHl nvéﬁti on&él‘l’”fr@h’t o and
rovi azne j2e5ef U hotksf o1 .Qbjai M 15 e

? i m er”‘?rwe(g ack sﬁ‘g%glelf)e and a slgs{h%mﬁ#gg of yUE) at from

per f @418118¢d 0OSin mpidsl r st aspect of the present
i nvention provi des a nethod of converting an

asynchronous di screte-tinme si gﬂald to a _sy_nchronolus_
discrete-rinme sigpal, .the nmethod conprising applying.
sgzt QS' aé‘l?deﬁs”ﬁlgﬁan roéégeequﬁsezé“wes@c%& B%%C@U'Uﬁ.f%“”g to
the phesRSH 1 Dventl hges_abihm g recovery unit

for @aonvertf‘f n\gé"egr?Ath)?g%%ﬁ%%uTs’ 8.5{3,::2-& e-time signal

to be a synchronous discrete-tinme signal, the timng

recovery unit conprising a processor arranged to
It dpAlso daevay thatshe besti phasec@nebg oktaimiddby minimizing mean

(ol te-ti 25 sighal. |In th cases,
SR Sl S SRR b Uy el ehst Pech et
(i) aligning a first portion of the asynchronous
di screte-tinme signal to a first portion of a
m&iﬁb—%@b@ﬂ@ﬁal , and 30 (ii) aligning a second
portion of the asynchronous discrete-tinme signal to a

second portion of the predeterm ned signal. _
The present invention aims to provide a new and useful method for obtaining

the timing of a readback signal, and a system for performing the method.
A first aspect of the present invention _provides a method of converting an
asynchronous discrete-time signal to a synchronous _disorete-time signal, the

method comprising applying sector-based timing recovery.

A second aspect of the present invention provides a timing recovery unit for

“converting an asynchronous discrete-time signal to be a synchronous

discrete-time signél, the timing recovery unit comprising a processor.arranged
to apply sector based timing recovery to said asynchronous discrete-time

- signal.

In both cases, the sector based timing recovery may be performed by:

(i) aligning a first portion of the asynchronous discrete-time signal to a
first portion of a predetermined signal, and _

(i) aligning a second portion of the asynchronous discrete-time signal

to a second portion of the predetermined signal.
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4 In general terms, the present invention enables

i mpl enent ati on of a sector based read channel with
sector based timng recovery by adjusting the initia
phase and the sanpling frequency so that the first
portion and the second portﬂon of the processed

readback signal best match a pre-determ ngd signal. 5
as

BRSSP, e Bl B2 Bl s
bawzbvmd/ chanpe! \ﬁetm%eafdr}bas’eﬂehrﬁlrfgsﬁeo%@éw B\? a‘?iﬁus”tf\@ the initial

nchronous dlscrete time si is an
pas § @5d ther sampling g‘Fﬁﬂuef\ﬁMe&Ce%w thieefirsé pomtion @odt ihensecond

pbﬁnoﬂrbf tﬁ@?ﬂrBQessfleg t%%ﬁf)la&?s na'i b%ggﬁ?g?hbascggd é’rtéﬁ)med signal.

erm por _
Speclﬁsalalr ithgretis re&lafedtdneeuter—&)abed Pwd:mdpfwm&@ dbéé‘ﬁ%ﬂﬁé‘quure
deed, in sonme forns of the invention
fggglor@&HPQQH@CQV%WéQ%I e (as in conventional
systens) before the "initial portion" of the readback
signal. Simlarly, it is conceivable that the "ending

Gpaetallan therifyst podiorbef ahet dmynoenrcynd&s eiigtrefe-fife signal is an
Rat her the terns

" PARRACT ST e ST 58D opeoRs osken Heran rending

parEen”. tlhﬁﬁodlb%‘éeumrktdéﬂsthaf ﬁ‘leofe?rﬁweﬁﬁﬁéb/po#ﬁﬁaker%é used here
respectively before and after a section of user

nerC‘r?StSﬁ@'yrtsamﬁafktheuvgnalbegmwm Q‘Srtberrelamiblaakwgnal Indeed in
d
Sdrﬁéef&%e g qﬁ%e reaélBQ?Ehés?%ﬁhﬁ ?ﬂ’ﬂ%@ggkﬂ rPﬁ "%Ia(aé in

"appr ox1 mat es
cawentionalt bpstenss) ebefore | thastinkiab pRATIONYDf Ofhek AOMb AR Signal.

t.th ni g rtion and one at the ending
S'BB'%('?OH IS %QIé‘CI?lé’It?Elﬁ ﬁ'l?é§€@ ?EQWQCMQGI migbhnothed at the very

erﬂﬂbﬂﬁéa&ﬂﬁ:f?@h%iﬁ:gg@sllé éc H?x?gtﬁﬂ'@f tB«% g%% der{. ?qg%ortion

ain of t

' arth endiag Qﬂm@lﬂ@rﬁ h@egHwe tofmeae thaﬁ theae pmtnbn@@r@fpréfé%bly

oS AR BGH A Bhih8 AL AREP LB LSS, b repgc

' sugrmdback Si gnal is aligned to the initial portion of

the pre- determined signal, it optimzes the sanpling
frequency of the readback signal by re-sanpling the

GOS80 el it s ERF S e G anc
apprexinatesr ti'lmeeiadi)ag:ka‘slgné"h@referably in a data sector, there are at
least two periods of known data. One at the initial portion and one at the
ending portion. The sector-based read channel front-end adjusts the gain of
the readback sig’hal towards _the gain of the reference signal that is
predetermined. It then aligns tﬁe phase of the initial portion of the readback
signal to the beginning portion of the predetermined signal. Once the initial
portion of the readback signal is aligned to the initial portion of the pre-
determine(_i signal, it optimizes the sampling frequency of the readback signal
by re-sampling the readback signal so as to align the end portion of the
readback signal to the end portion of the pre-determined signal.' The
alignment criterion can be any of minimizing mean squared error, maximizing

the- cross-correlation, or minimizing the measured phase error between the

readback signal and the predetermined signal using any phase error

measurement methods in the literature.
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alignment criterion can be any of m nim zing nmean
squared error, maximzing the cross-correlation, or

m ni m zi ng the nmeasured phase error between the
readback signal and the predeterm ned signal using any
phase error neasurenent netfods in the literature. 5
There are several nethods which use zero phase restart
to align the initial portion of the data coarsely,
and further acquisition of the phase is done by a

TR B0, B B e e
pertiohidflthe datdeos RN Andf fQHhé?_ﬁ@?l‘}‘iEfﬂ@)nﬁ:}fﬁ‘tF\é ?rf;\a%?ﬁ% done'by a

previ ously been disclosed. Brief Descripti
phgsaniorlyed 1@oprie 16} dtavevearnas fian amiskridwmave besthod for sector

o T A, bbb B oS b S st s
preefotisBniseen dischesedacconpanyi ng drawi ngs, in which:

Fig. 1 (a) shows a first application of a timng
recovery unit; 15 Fig. 1(b) shows a second application

j 1T . nit; Fig. 1 (c) shows the
&géaft%&é tion bt h Taid éj Fig. 2 shows (a) a readout
signal fromhard disk drive, y(k); (b) a pre-
determ ned s for the second application,

i.gnal _ , . d(k),
THiP PSR VGBHEP A AW b eXRIANGA Ingmar fietait by waymfahe
Ei : i j Lt s t h
T T e e g L R
ageompanyingfrawikysaindvibick) ; Fig. 4 shows a hi st ogram of
i ntroduced phase error and the residue phase error
after conpensation; and Fig. 5 which is conposed of

Fi 9.Fi§ gﬁm ' I ..t he
begi H%fﬁxagﬂgoﬁ? st g Sgra?pé%sﬁrﬁwy'%%fvéﬁ'd&m’k),
r es a1 1(ba Isfowst » seconch @pplicationayfitheitiniing sacofery hait;

res Iy Iﬂ:}@ o)l )f Preferred Enbodi nents
30 ﬂgwjl1 I?%gs ot T%@é@c@f@gp?ﬁ?nsﬁﬁ%(écovery units
whi thga2 sheWeqdb aehdoof sighal from hard disk drive, y(k); (b) a pre-
determined signal for the second application, d(k), which was generated by

convolving a(k) with a model:. _ _
Fig. 3 shows synchronization results at (a) the beginning portions of

| y(.k)'and d(k); (b) the ending portions of y(k) and d(i();

Fig. 4 shows a histogram of introduced phase error and the residue
phase error after compensation; and |

Fig. 5, which is composed of Fig. 5(a) and 5(b), shows sample results
at the beginning and the ending portions of y(k) and d(k), respectively before

and after optimization of the resampling rate.

Description of Preferred Embodiments

‘We will shortly describe timihg recovery units which are embodiments of.the

present invention, and which are able to receive an asynchronous diScrete-

time signal, and convert it into a synchronous discrete time signal. As

discussed in detail the timing recovery units which are embodiments of the
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‘present invention, and which are able to receive an
asynchronous discrete- tine signal, and convert it

into a synchronous discrete tinme signal. As discussed
in detail the timng recoverygunits which are :
enbodi ments of the r,. 6 invention may optionally

al so have the functlon of sector-based gain contro
l@mtmmaym@eally elm/laaveoﬁwemncbomoﬁemtsr-bﬁsgd rgairl Cantrol

ustra em.in vvhlchatlmngrecovery
%W‘FI §e%r-%ﬂs§ re‘mov%l Cgﬁécﬁo.%l?ﬂ” ¥t he invention may be
used: a systemfor characterizing a channel. In this

system user data which has been encoded (typically '
Fuginegl (29 illustratrp A firstsystam imwhichhadingng cﬁecca‘(frryennh which is an

f
R0ty B BV An e, hE RARECR B8te] Pk hdBharizingee
dbhenﬁéﬁtﬂn ties systenalisgr ditaswhich Hak been éncodéﬂ‘%t ypieafy ﬁsmg
is an Foswlve integer 10 that denotes thé length

fB'f' lengtndim qde(%lelatarmqerrpt copesintherde (ReCh@asoding) ns

tr%rn%?cﬂ:ﬁ'}egd rgﬁ;rolggi Meﬁg% n‘E @Mnbb \AQ}maﬁS ﬂicm JPEI@ data is .

dwbeau heas a$ bek), &mz@da:r{@mt L. OLerdhavhereandri @,nardEé§|hv@ﬁqeger
bel ow do not make use of the 15 preanble (unli t he
teatenates the langih ebthedentiei seotioabove, which use it for
phase recovery). It further includes a first known
non-periodic pattern 33. It then includes the _
lteoystiutedy issludeabapraamblé Balwhich intay be lordag |@n§tﬁ 8nd may be
non-peri odi c pattern 37. 20 The total nunber of
PEREEIgs aknown pseambles: ouveveRdt wilob® Rotes that she
¥ 1 [

eﬂ?ﬁng{)o?ﬁw‘é%tésg the 'Hgé’ét#ﬁ’ 8é§%ﬂfetoeﬁ§1bﬂ/gc§j% QH{;@%\%(FHS% éf JEﬁ
prémhbteh@rihhe\t\m\e patventithahdeviset idestabéd ybbosgwhizh WWeviefor

00d synchroni zati on accuracy which allows an
pggggﬁ?%%\?/eéy it error 25 rate or sector failure rate,
Let b(k) denotes the entire sector of data with the
encoded user data to be replaced by zeros. It can be

Itfgetbar inehudas(« first snowat rorppetindicpastendi38. (It theamippludes the

encoded-user data 35. Finally, it includes a second non-periodic pattern 37.

The total number of enbode_d data bits 35 between‘the two known data_ _
patterns-33, 37 is a pre-determined number. This number may be chosen to

be as long as possible such that the known patterns are sufficiently long to

- give a good synchronization accuracy which allows an acceptable bit error -

rate or sector failure rate.

".Let b(k) denotes the entire sector of data with the encoded user data to be

replaced by zeros. It can be noted that b(k) consists of the preamble (if any)

and the two known data patterns.

For characterization applications, the predetermined signal d(k) can be

produced by convolving b(k) or a(k) with the first model since user data is

-kpown.
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and the two known data patterns. 30 For
characterization applications, the predeterm ned
signal d(k) can be produced by convolving b(k) or
a(k) with the first nodel singe user data is -known.
7 The data a(k) is witten ohto a sector of the
recordi ng device, and then readback. The operation of
the constructing the data, recording it and readi ng

it back is illustrated schematically in Figs. 1(a) as
THrEedamca)(inlsﬂwnttbammd) adechoridfeheuéeurdinyf délige! 8@ HEMY

[ assed to a low pass filter 5, an from
f@ﬁagéc‘f ﬁ}f greRtigRiafihe §°aﬂfwtlgcf@w%at@efewdmltc&nd reading
PRI AL AR R PSS e FETeBSBlRREFpthr o
Rieoutpur of ther remordiagmihanaati impaissmi o @ fow pask dittar 8ednd

di screte.t

wh
A Ruels A e iR 55 VG SRy EHE B wolchohamaiine sample and
ﬁdl@ dpkratibhe Th'e'@é&ﬂJeW&btofth &Bldﬁs%r?dhn%'@ofﬂv%ﬁgs Akter 5 and

his invention, converts th ronous
taeédDeqcmveme or sadWanngIhdalumtruam\ lzes yegeTded aissa discrete time

BREREE K PR B e fnaend et eadback

' digal. 1(a), the systemfurther enploys a first

approxi mate nodel 9 (such as a Lorentzian nodel for
Iongltudl nal recording, or a tanh nodel for
r 0 |

TR BT Gt F RS AT b BT s Ty R, converts the
asynchromouz atisarete-filne readbhciPsigaal into a:dyinehedndud fe@tibadk-
20 lterra filter,. a data dependent AR nodel , or any

’h%(% rming @htgmnﬂu regpvany i thexmanner deseriped pelow.
recovery unit 1 has produced the synchronous readback
signal, it is fed to-a unit 11 which subtracts fromit
In flRe ggpb@ﬁtm@fofac |gsa;(a)ntﬂ1emysmm mrtheroerpnpmymf est approxxmate

98 P hish 0 oSt B Tov B AL Frecifine o5 Ay st

m@delrszpénp@ndaimrﬂebbmm@ ddgn ||m{|§lrrﬂbéléleto Fealcashe
st squares net hod.

: pre etermined signal for synchronization. The model 9 can be a linear filter, a

Volterra flter, a data dependent AR model, or any other model in the
literature. After the timing recovery unit 1 has produced the synchronous
readback signal, it is fed to a unit 11 which eubtracts from it the output of a
second model 12, _to produce a feedback signal which is fed back to the
second model 12 to i'mprove it. The feedback mechanism can be any

optimization algorithm in the literature, such as least squares rr_iethod.

The input tothe model 12 is the data a(k). The model 12 may again be a
linear filter, Volterra filter, data dependent AR model, or any other model in the

literature. Obtaining the second model 12 is the purpose of this embodiment.

Note that variations are possible in which there is only one model (the

equivalent of model 9), and a feedback loop is instead used to improve that.



10

15

20

30 . d

The input to the nodel 12-is the data a(k). The nodel
12 may again be a linear filter, Volterra filter,
dat a dependent AR nodel, or any other nodel in the
literature. Cbtaining the second nodel 12 is the

pur pose of this enbodi nent. 80 Note that variations

are possible in which there is only one nodel (the
oop i s instead

AR S0 aMEER £ it iRy Spicent P owantion may be
ubkdiig BlusBaREENFIYN b)), 1wﬁlzcht1'§9a iél:\éﬁfétr s%témyﬂlﬁg slyglsé‘?ﬁj too

|S|Ilustrated|n Fi g recel ve
Wﬂ%ﬁﬁ Ssretesimedaceorsiing Chamm&iés(valtfdthmsahe -héaming as

es i r%ﬁ@o&%%@%ﬂqrﬁgw%ﬁcg F{&h eléaﬁn?ﬁgg)%?aletagf)the fligcrete-time
remmollmg cifarinee7ds fpeteatd |§@'e5eJt|ﬁfé3é AV bef h@ﬂgﬁl rodute an

npyt to a discrete-tinme equalizer 13 to produce an
MEHP%%G@C@'@MB@@WW sgaakdikesegording Thannel

intiRRREEs PSide! @ms}tlonggr{oofﬂﬂgqu\é%?étf‘%gp i’bsiq?gréjt i gg Sﬁ%des the

timng variations. The equ
Clhannﬂlcmn sechaywa tatiit skdrteriseihe dHmne psYHInsEeFRENS .

|
TN RrSRR M CatEntiee Ak tys'lggalﬁgﬁr?pbﬁéttéég%w@mw
usly NCHY priRluse & §§?n’ Snéué‘&sf:?é}%bacé rSAGAc ?@tn%l AftgL,

obtalnlng t he sy ronous rea Sigha
obfgining the Sym@rqum reastbacki digrait(i.&j thiensutput 6f the dylizer

wifp ool smlnPler ucd Belinackotosniometanin),
whieh T bEL 4 dERUAPRENAMRNELIOINLOgLd hhglat ure of can

desi gne roma _ ul ting
response of the channel and the equali zer

f .th t. Simlarly
T R L B SRotsy T 8. eEE S donen e spslanpck fiom a
chann20 rabgsle Thee résal§h re-E Bn&E YooY %Ha'?\geprdngic 'tl'iukeeq?fahzer

the unit 1 is to nodi %/ e asynchronous rea

apsqrawmat%th%@pgnﬁemrt e targel al i gnnent as a
predeterm ned signal d(k) (wherek E k_set), which is.
constructed using b(k) and which has perfect 25

Sitriilatpg- leend | FeddsRRWLiGtI2 RRLERED SR B389 5° (o),

synchroni zati on mark an
wherek ek _set.

The. key operating principle of the unit 1 is to modify the asynchronous
readback signal to have similar timing alignment as a predetermined sign'al
d(k) (wherekek_set_). which is constructed using b(k) and which has perfect

timing. The first known data p_attern. can be used as synchronization mark and

can also be used for alignment of-the initial portion of the readback signal. The

second known data pattern can be used for alignment of the ending portion of

the readback signal.

(k) is also adjusted to have also perfect gain, and no DC errors, and the
timing recovery unit 1 optionally also ensures that the signal it outputs obeys
one or both of these criteria too. In this Way, the readback signal can be
processed as a simulation signal. '
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can al so be used for alignnment of the initial portion
of the readback signal. The second known data pattern
can be used for alignnent. of the ending portion of

t he readback signal. 30 d(k) és al so adjusted to have
al so perfect gain, and no DC Brrors, and the
timng.recovery unit 1 optionally also ensures that
the signal it outputs obeys one or both of these
criteria too. In this way, the. readback signal can be

Ipr teescemet af thesisynthtonoussichasdctefizer Bybfeen C@fSGF@f 1(a),
nchr onous Hsracterlzer systemof Fig. 1(a t he
g%@; %@”éié lIs gergrated by r@ﬁ%ﬂ%tfwbgﬁégrthg initial model
j I
S{}fvﬁer&%% Moddliié baHier Rl a{%ﬁe’oxr L§ tﬁg‘éhgﬁrﬁéé’es%om%e.

er that approxi nmates annel T és

t he case of the recei ver system of Fig. 1(b) t he
generated by convol vi ng

det d
I8R5 Shrt o IS st sutath on o B 11B6 Fneateamipen siaad (o) i
dé‘he@at%ﬂrﬁi%oﬁ\ﬁil\ﬂnéw\ﬁnﬁgqg e or an 10

over sanpl’ed-rate seque ce. In the latter case,

when t he oversarrpl i ng- rate is not an integer, the
resanp to convert t-he see quence to

°qgﬁﬁ?§§ber r%%qppﬁcik gP%lt%a’%Q (R iryabgl date gample’sequence or an
nY §
ovetgapledanipd | RAGmplat &sdiRieheBOt ¢4 tiMe'— Iaﬁér aQQ%’@ | Ghen  the

the synbol interval be denoted as
oVRisAIRINg-Eatadn Aok an integes thwsquenree wmrbe resamplerd to convert
I n.ned si
1 SEBENEE 38 3R hihet 3ahP Pentee ReBh e e e eierisampling.
ratelbé idemstenl/by $amd ablowse it @he &ynibdlShtepval At FBAGtedl as T. The
the tim ng recovery unit 1 20 I'n a first enbodi nent of
Sﬁﬁwl@l”ﬁﬁeﬁ‘ga r'écdﬁf@@d @i Ts, V!heltehé’ #di/th .aAn dotitiesnowérsampling
dback g a]I E gned to.the predeterm ned

f%ﬁegﬂzﬁ SRR nFORAg W b8 99aSEted ib dhaloase tetethe: readback
s?r‘mtyé”ﬂ_'tﬁﬁéé@()eﬁ‘s%‘?‘n;ﬂ@d@@ BBeWtéh the follow ng steps

a. Low pass filter the readback signal to remove -

t he out-of -band
First embodiment of the timing recovery unit 1

In a first embodiment of the timing recovery unit. 1, the initial portion of the

- readback signal is aligned to the predetermined 'signal by maximizing the

cross correlation:
The synchronization can be done with the following steps

a. Low pass filter the readback signal to remove the out-of-band
noise.
b. Adjust the gain of the readback signal so that the readback

signal has similar gain as the predetermined signal.

- This can be done by multiplying y(k) by a gain factor G;
where G is given by
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noi se. b. Adjust the gain of the readback signal so
that the readback signal has simlar gain as the
predeterm ned signal. 30 * This can be done by
multiplying y(k) by a gain faggor G where G is
given by 10 M Z d2(k) _ k=M G M Z y2(k) k=M
where ML and M2 are integers, and M2>ML. M2 is the
val ue of k at the en first predeterm ned data
pattern, and M is t va(pe of k at the beginning of
the 5 first kno d pattern. c. Renove the DC

of fset fromthe gt:i ‘&, sector of readback signal by
subtracting the nea K entire sector of the _
readback signal frdmthe readback signal. 10 d. Align

the initial portjipn of,the,readback signal to a _
predetermined s{'ghdl %ya_ﬂgﬁﬁiaﬁdateﬁ?gs' and Mz>M;. M is the
cross-correl at i ofnlBgtarermMit i eheaéibﬁfé(_fﬁ%tggﬁétdegé‘ﬁnih% data

predeterm ned signal. Thi.s can be carrie -
fol lows: 15 ~ Theattarosgnddir i thiel \alusiajriadtstheavedinning of the

cal cul ated accafg) feh k9 ¥k pattern.

c. Remove the DC offset from the entire sector of readback signal
by subtracting the mean of the entire sector of the readback
signal from the readback signal.-

d. Align the initial portion of the readback signal to a predetermined
signal by maximizing the _cross-correlation between the
readback signal and the _predétermined signal. This can be

carried out as follows:

*» The cross-correlation signals can be calculated

according to '

M, ] )
cor(i)= Y d(k)y(k-i), i={~N,,-N,+LL -1,0,1,2,L N} (1)
k

=M,

= Find out the maximum [cor(i)|, where |x| denotes the -
absolute operation'. Let the corresponding i be denoted

by i, .

] T_he shifted version of the entire section of readback
signal is. multiplied by the sign of the maximum cross-

correlation signal to produce a coarsely synchronized

readback signal: { Yeoarse (R} = {y(k - e )S1E(COF (i 1)} -
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cor(i) I d(k)y(k-i), i={-N,,-N+1,L -1,0,1, 2,L , N2}

(1) k=M 20 ™ Find out the maximumlcor(i)l, where

I xI denotes the absolute operation. Let the
corresponding i be denoted Hy inp 25 ~ The shifted
version of the entire section of readback signal is.
multiplied by the sign of the maxi mum cross-

Irc othrerlvedridenthis ghidts the readithrlesignalay sg| ynusybertofaaingsds, and
readback signal: {ycoarse (k)} ={ y(k - inp

makegrthewsign of 3ignal 11, (kh tbe semenss tlsgt afhd (&) sfihiststep lcearsely
readback signal by irax nunber of sanples, and makes.
sypehrenizesdhe dnijighpoiticnaek thecjeadhackasignalstor gt ingtal portion of

: . . Dot

s Plecislpingd S BT Ao 0T R RIS RafEe e deftns,
of the predeterm ned signal to within one to two :
SR e ot B B ot b e 5 thhagedptoras
refines thgjg §ﬁé‘bclkéfﬂﬁab¥ﬁé's9ﬂﬁﬁ’rfonﬁé?ioﬁe&" tha! irﬁ’rﬂﬁ%}p%?tion of

of the readback signal to’the beginning portion
the predéher readback gaignal | toi gheerbeginsihgaspbdionowst the

fraction BeoSeTEEHPE i PoriBd R fola Canbnck.

signal is given by N, -1 y-oarse(k,,u) y(k - n)
w(n,,u) , for al | k E Kk set (2) n=0 15 where _
win,jt) is an"i nekift3ee entighsestor ef readhackisignal byrfraction of

entire sequence +fyeHa4 ﬁefﬁt%}.}T_llﬂé/sMﬂeWeBébé&esibﬁQﬂgtbi\fgn by

the -

N,-1 ’
Veouse (ks 1) = Y, y(k—n)w(n, 1), for all k e k _ set 2

n=0 .

where w(n,u)is an intérpolation filter that shifts the'
entire sequence {y,,...(k)} by z. Ny is the length of the
filter. ' '

= For each value of u, compu_te the cross-correlation (or

mean squared error) between 'the shifted readback
signal and the predetermined signal. The cross-

correlation cor(u) can be calculated according to

- My .
cor(p)= D dk) Y.y (ks p1), Ve pu_set (3)
k=M,
where y_'set' is a set that contains many phases. For
example, it may | be chosen _' to

be u_set ={-21,,-1.997,,L 0,0.01T,, L ,2T,} .

* - Find the maximum |cor(x)|. Let the corresponding x# be

denoted by x__ .
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filter. 20 » For each value of 1u , conpute the
cross-correlation (or nean squared error) between the
shifted readback signal and the predeterm ned signal.

The cross- correlation cor(p) can be cal cul at ed

according to M= cor(,u) _ l,4d(k)ycoarse(k,p), Vp E

p_set (3) k=M 25 where p_s is a set that contains
many phases. For exanple, it may be chosen to be set

= {-2Ts, -1.99Ts,L O, 0.01 Ts, L, 2T}. Find the

maxi mum lcor(,u)l. Let the corresponding u be 30

denot ed by ~m . The sHifidthevesbioht efl theresitve sdctiome of readback
entire section of readback signal, t\)/eoorse(k~rrax% Wil |

be taken to be $HB3} chabdbkimai gl D& Hakem go be the readback

synchroni zed to_.the predetermined signal 5 in the )
portion of the @88?'0&‘%%% @MnF@rotnl'?é"—‘G“ ?9 gie Rredefetaingd signal

pattern and wil;j ; R -
Align the final 'hgﬁ?t‘f%*ﬂz"@?* tﬂﬁéégregg’zgvg?:'kﬁsfugtéﬁ%ﬁ“t'{%wt"‘h”edata

predet er mi ned spaftern, angywildze tutthey grocesde inestep] i ng
rate that 10 maxi m zes the cross-correlation (or
m nimzes the nean squared error) between the readback

i gnalf. amign el fidlt 8tiaR  dfol theWsreatibBER Byl S the
entire section of readback signal at ratios 15°close
to 1 by R5Rfervings siagal &vesemyehing tarsherresampling rate that
literatu : Egnﬁii ' sl. 2~ Conpute all the
Cross- co?ﬁraae é?zl ons_ebéezrﬁa%g%%%g%%r@gg?fﬁlr%'gg%%lﬁé%ﬁ{‘ squared
signal aedothdepwedrt thaTireadbackO sigritahnd () modBE output as
Cross- co%"%lwast_l on signals can be

. Resampl_e the entire section of readback signal at ratios
close to 1 by using. sampling rate converters in the

literature [18 and its references].

» Compute all the cross-¢orrelations between the
'resampled ‘readback signal and the predetefmined
signal d(k). The cross-correlation signals can be
calculated according to | .

M,

cor(fg) = k_% AE)Y resampiea ks Mgy s R), VR € R_set (4)

where M3 and M, are integers, and M,>Ms. They define
the window of the ending portion of the known dat’é. R
denotes the ratios, énd R_set denotés the set of ratios.
R_set. can be chosen to be, for example,
R _ser={0.99010.9902 ... 1.0099} if the maximum
frequency error in the readback signal is i0.99%, and

Yresamplea (K> Mo » R)  denotes the resampled readback

signal resampled with ratio R.
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correlation between d(k) and y(k), i

cal cul ated according to-M4 cor(R) = Z d (k)yrcsanpred
“(k,,u.. ; R, VRER set (4 k=M3 where MB and M4
are integers, and MA>MB. They define the w ndow of
the ending portion of the known data. R 25 denotes
the ratios, and R set denote he set of ratios. R set
can be chosen to be, for exanple, R -set= {0.9901
0.9902 ... 1.0099} if the maxi mum frequency error in

t he readback gi ' .99% .- Yr / k, [ .
max, R) denot gsqﬁﬂé é@sﬁﬁpﬁ%@%lrﬁg&ﬂ,cgéﬁlg‘)?ggeg%gprrespondmg
resanpled with rgtjyo R 13 . " Find out the maxi mum
lcor(R)I. Let t'hg %%FFQQ%E&%Y r{gm'R be denoted by Rmax

. N The resanpl ed version of the entire section of
readback 5 signal, yvsQ ,,ped(k,PmRm), wll be

taken to be the Theezmopledivgnsibntdfdhe iehtifelsbytion of readback
synchronous to the predeterm ned signal. 10 g.

Fi ne-tune the gdi@Ndf Y.eadbfokn.si8nal, Wl iheitakenntp be the

the squared error. ™ This may be done by multiplying
y(k) by & wher de@gback gigpah thatvisr fullylsyagheongme to the

wh = [y(M - T, and - d =[d(M
d((l\e/lre+y1) [Ly((j( )r?ér%rrﬁﬁeﬁt@%ég@]ot od t hat bth(Gz) Ry

alternatively,. be conmputed using the second known
data. pattern. Alternatively, it may be cal cul ated
usi ng both the known

g. Fine-tune the gain of readback signal by minimizing the squared

error.

. This may be done by multiplying y(k) by G, where Gais
given by
G=Y4
Yy
where  y=[y(M,) y(M,+) L y(M)f,  and
d=[d(M,) d(M,+1) L du,)Y.
It may be noted that both.Gz may alternatively be computed using the second
known data.pattern. Alterhatively, it may be calculated using both the known
data _pat_terns. (In fact, in an alternative form of thé invention, G; also may
have been calculated instead using the second known data pattern, or using
both known data patterns.)

Second embod_iment of the timing recovery unit 1

Instead of searching i, and p,, by shifting y(k) to maximize the cross-
and u_. can be obtained by

2x

shifting d(k). Based on this idea, a second embodiment can be derived.
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20 data patterns. (In fact, in an alternative form of
the invention, G also may have been cal culated

i nstead using the second known data pattern, or using
bot h known data patterns.) Second enbodi nent of the
ti m'ng recovery unit 1 25 Ingtead of searching 'nmax
and i "max by shifting y(k) to maxi m ze the cross-
correlation between d (k) and y(k), imx and JUmax

' A@gﬂrdyag dotaisesandyembhndinentg aite(matlve Baplemelnaﬁdm of thé idea

0 enmbodi menpt e deriyve
ccor%l'eﬁéeq%' 'Q%I%%E%ﬁaug ?ﬂgﬁtresgﬁqtgp aw;tbéaquatlons (1a-4a)
givepl=siewt ati on of the |dea can be given by replacing
equations (1-4) respectively vvith equat i ons (I a- 4a)

i)z 2Z d -N, +1, L
B S B NS 1 T Wt S o, T A e
n)vv(n p), for all k E.k-set (2a) n=0 M2 cor(e) =1 d
(k,,u)Xcoarse (k), Vu E _set (3a) k=M M cor (R

d2k,qr) s dal(Rd H¥(n, B) y fd¢. aIIUkTé)k, ¥R E R - set (4a) k=p3,)
10 Becazbise the invention ains to renove timng
variatjons from y(k) the timng error that described

vt 0 be removed fromy(Kk).
%é‘ efgg’g ?‘ﬁga’f”o ng/ét—éffs need to be performed(3a)
1. Upon finding |rmx by maxi mzing lcor(i)l,
Ycoarse(k) is also given by 15 {Ycoarse (k)} _{ y(k
- im)xc,{i gn(cor (im,))}

cor(R)= Z Qresampiea (s R)Y(Ky ), VRER_set (45)

k=M,

Because_the invention aims to remove timing variations from y(k), the timing

error that described by i, and p,, need to be removed from (k).

Therefore, the fdllowing steps need to be performed.

1. Upon finding i, by maximizing [cor(j)], ycoa,:e(k) is also given by

(Voo (B3} = { (k=1 )sign(cor i)}

2. U'pon finding u_ by maximizing lcor(,u)], we need to compute

N,-1

Y ) = D Veoame K =m)w(n, 1), for all kek _ser for further
n=0

processing. This shifts the y,,..(k) by u_. . Therefore, the beginning

portion of y(k,u_.) is phase synchronous to the beginning portion of

d(k).

3. In (4a), d,,,....(k, R)denotes the resampled version of d(k) sampled at
rate. R. Upon-finding R, (which is the sampling rate that maximizes

lcor(R)|), y(k,u,,) will be resampled with rate R_... Let the resulting
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2. Upon finding ,umby maximzing lcor(,u)l, we need

to conpute N'-1 y(k, um) =1 ycaane(k-n)w(n,,um)

for all k E k set for further n=0 processing. This

shifts the ycoorse(k) by Pmax Therefore, the

begi nning 20 portion of y(k"um) is phase synchronous

to the beginning portion of d(k). 3. In (4a),

dres uaGhcle, R) denot es  t resanpl ed v [ -of d(k) _
sanplageﬁg1 at rate R Uponbféi ndi ng Rm (%eﬁlgﬁéq s the as
sanpl ¥Hgrale) t ek - imx i 285, )si2a(dor QL DR ¥, ). V(4. I Me final
will be resanpled with rate R.. Let the resulting 15
sequéiRckiepeeddadt kap dke sampecinittahi preaxek)and. $Hek-sarmx sampling
Pmax, ¢ Lan(cor(im) ysynchroni zed(k) is the

fi nalf@%@%& ?%cﬂ{er}?gs&@kﬁe same initial phase and the
sane sanpling frequency as sequence d(k). 5 1In this

enbodi ment, d(k,1lu), V,u E, u_set and dresanp(ed(k, R

IVRhIE dinbetincamt, d1@, Py, evopaputed and st or ] :

Third and fourthdlenﬁ{)di nments of the i"ﬁi"/’é“%?f)gjrl tgg%geset can
beepreveamputea amksfored in table.and second enbodi ment s

changing the criterion from maxi m zi ng cross-

correlation to mnimzing nmean squared error in

Te@ar &hd F8utOT i id , r

U e TABYARRME of B nvehiid By ing s i the firt
agdneeaand)(xbodineentaychanging the (chiteriadrarh ep@axBhizghly cross-

' - ' ; 2. Alternatively, .one can

chftelasioR BT o Ginelied BRBLh Sl umatarighioane or more
ofGK), py cerparing the squared error or MSE between

y("kmg. and d(Kj° and the MSE between -y(k) and d(k). 20

For exanple, if (y - d)T (y -d) > (-y - d)T (-y -d),

then flip.the sign of y(Kk) .sequence. where colum
FBBReperd thifake B S0 Ykiw i Deiihe samé aa(Khene may adopt
the same steps given in' Embodiments 1 and 2. Alternatively, one can
determine whether we should change the polarity of y(k) by comparing the-
squared error or MSE between y(k) and d(k) and t;'he MSE between —y(k) and

d(k). |

' For_éxample, if (y~ad)" (y-d)>(-y-d) (-y—-d), then flip the sign of y(k)

sequence. where column vectors y and d can be vectors that include the
beginning portion of the signals d=[dM,). dM,+1) L dM)T,
y=[y(M) y(M;+1) L yM)I", and can be vectors that include ending

pbrtion of the signals.

We now turn to discussing experimental results obtained using one of the
embodiments of the invention discuss_ed above. As will be seen, whereas the
conventional timing recovery loop in a conventional read channel fails at low

SNR, by contrast with the present invention:

e The proposed sector based read channel front-end functions we.ll at
both low SNR and high SNR.
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begi nning portion of the signals d=[d(M). d(M+1) L
dM)]T, Y=[y(M) y(M +1) L y(M)] T, and can be
vectors that include ending portion of t he signal s.
25 W now turn to discussing experinmental results
obt ai ned using one of the enfgodi ments of the
i nvention discussed above. As w || be seen, whereas
the conventional timng recovery loop in a
conventional read channel fails at low S, NR by

The proposed

t t th t esent i nvention
St I8, plholsas BliREas Ugh, SunBler Jfhan dhe' erativer timing

bOt h réélWeﬂNﬁ Athd ot tnﬁ'\‘i’ﬁ? rél-éover-yr he\PIORRRES n@hFQi 8Fin the

h sinpler than the itefative timng recover

and jitsirature.i mi ng recovery and detection method [18] in

the Iliterature. 5 Experinental Results: Signal sets

used.in the experinental evaluation 10 In these

studi es, we use readback signal fromhard di sk drive

t hat |ncludes a preanble. It should be noted that the

i lj :signal is not required for this

met hod. The sanpl ed readback signal is an oversanpl ed

rate sequence captured using an oscilloscope. 15 A
Signab sbts @der] incthemglernnstitgnemlistionpt ai ned by first

renmovi ng the out of band noise using a butterworth

| ow pass filter, and then downsanpling the oversanple

C t ‘

] HEReSABECHre B FIAIRATar) 10 MU oD R PBiuces o

prelapusie. lteshbaldwb@obted)thabthellatearabletlh&hé@@rﬁaﬂI@Gof fHquired for

thphasethal I?Re sampled readback signal is an ¢versampled rate sequence

captured using an oscilloscope.

A symbol-rate readback sequence is obtained by first removing the out of
band noise using a butterworth low pass filter, and then downsampling the

oversample rate sequence.

Furthermore, the write data of the entire- sector is known so that we can
arbitrarily choose certain portion of data at the beginning for phaée_ alignment
and certain porfion of the data at the ending portio?n for frequency adjustment.
This illustrates that the pro.poséd idea has the flexibility to use arbitrarily
chosen data at the beginning ahd ending portions for phase and frequency

optimization.

Figure 2 depicts the readback signal and the predetermined signal after gain
adjustment.

In the following case studies, the following parameters are used.

H_ set ={-2T, -1.997,L 0,0.01T, L ,2T}. This setting means that the phase
will be searched within +27 W|th step size 0.01T
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ahd certain portion of the data at the ending portion
for frequency adjustnent. This illustrates that the

~ proposed idea has the flexibility to use arbitrarily
chosen data at the begi nning and endi ng portions for.
phase and frequency 25 optinfzation. Figure 2 depicts
t he readback signal and the predeterm ned signal after
gain adjustrment. 30 In the follow ng case studies, -
the followi ng paraneters are used. ,u_set = {-2T,

Rr%%’()% Oagged)l %ﬁ?&lb-eli %dgg ﬁgif ﬁﬁ;:r%haﬁgg%%\ﬁ?%ﬂnfglaegésgg%mg rate
B Erone Tt 600 B 08009 o bR,

setting neans t
searched within [O. 9901 1.00991 with step size

8881 1\%93 350, M2 = 700, MB=3936, M =4235. This

ng ﬁ@asd‘ﬁpFéQ% I[ yf(f35?06235y( ?215) Settlng y?é?ggé g)amples
n t se alig msnt and sa
[y@?gbsg‘ﬁ’%” ?Zgg}g)?r ean“é s'é‘d the, Rhaser gggﬁmem%gandt sample
0986 h |

it E’Z‘ﬁt%?; DB Lbed in thEidtafd i ite timization.
Nob%matdh'§ ff%@blgﬁgsléeathd differqonampies ghtinbegifhirg and ending

al

[ 10 c oi ce. readback signa
o, 1 BRadE, S Trdhariedn liShmente fhis @@ting s gart Joxample
chdhe.predetern1ned signal shown in Fig. 2 does not have

timng error. It is 15 generated using Lorentzian
pul se. The predeterm ned signal is give by N, -1 y(k)

Theré?%’(% ksn??mg dgﬂr},dﬁ’ ﬂéﬁ{fqlnﬁd{)s gr?aitarggepwg@g in Flg 2.

The predetermined signal shown in Fig. 2 does not have tirhing error. it is
generated using Lorentzian pulse. The predetermlned signal is give by o

N,-1

y(k)= Z b(k —n)h(n)

n=0

where

. p(t)=7, h(t)=p(t)-p(t~-T), and h(n)=h(t =nT).
1+ )

(PWSO

Note that in practical systems, the entire sector of write data may not be
known before detection, and therefore the unknown portions of data WEII be
replaped by zeros. The known portions of data may be defined while defining

the sector format.

Note that for perpendicular recording and optical recording a different model
should be used to generate the predetermined signal. For equalhzed readback
signal, the equalized channel or a target should be used for generatlng the
pre-determined signal.
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20 Note that. in practical systens, the entire sector
of wite data may not be known before detection, and
t herefore the unknown portions of data will be
repl aced by zeros. The known Egrtions of data may be
defined while defining the sector format. 25 Note
that for perpendicular recording and optical recording
I fh&sBNEVIREAEL, Shoul d be used to generate the
‘gnal For equal i zed readback signal,
t he equalized channel or a target should be used for

t i ned I

e Gihasr o (B, GRS SILGH e SmposEais thenyeptiae verkayvell t
riotrrie® rék&sra ém.ddgeuéuﬁg%éaea%wghél ¥ e, nor mal
recordi ng conditions usinhg read signal fromdrive.
5 One sarrpl e synchr oni zation result using nethod

d t di [ ho; Fi 3,
GiFE SHmBio s e zpligf resi BFnaBebeg dereAgedndhe istng
e ddimerls shewsinPy. .3, Wﬁé’ﬁ%hb%%'tﬁe aTPﬁ‘ e?ﬁgt\fsh%t l}fgéinning

the remaining are sinmlar. Fig.
anelending gopiian pbihe signal( @Spawvewkjrhemawlemr ke rerlaiming
aeggwﬁ”élhe endi ng portions of y(k) and d(k). It can be

served fromFig. 3 that although the phase alignnent
using only 15 part of the data, the phase of the

entjre sector of the readback signa synchr onous
i 4 0 STt e PRIBANGRATPNS o 40 arera(s), Wheras Riora()

SEBWSHHE%%POHL@H% &%gﬁ‘% anT)l s to evaluate the

performnce ow SNR.

It can be observed from Fig. 3 that although the phase alignment using only
part of the data the phase of the entire sector of the readback signal is

synchronous to the predetermmed sngnal

Experimental Evaluation:

The purpose of_this evaluation is to evaluate the performance of the method at
low SNR. |

To evaluate the performance of the phase and frequency estimation methods .

at low SNR, we define the signal to noise ratio (SNR) as

SNR =20log,, L

2
n

where o} is an additive white Gaussian noise added to the readback signal.

It should be noted that the readback 3|gnal is not noiseless. The purpose of
using this definition here is for the ease of quantifying the noise introduced

into the readback signal. In this case study, SNR =7dB.
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20. To eval uate the performance of the phase and
frequency estinmation nethods . at |ow SNR, we define
the signal to noise ratio (SNR) as SNR =20 1o z o0.n
25 where o is an additive whiqige Gaussi an noi se added
to the readback signal. It should be noted that the
readback signal is not noi sel ess. The purpose of

Iusrder tolfiavedetomrsllednareunt dbfphare amefreasendy error, in this
e introduced inte the readback

uan the

8 3hydy WA o il 4BE sy OneiR reaita cktional chtamerdeam the
Odsehanmya. controlled amount of phase and frequency

error, |n this case study we begin with the

synchronous readback signal obtained fromthe Case

exam ne the ph al i nt capability
Vi s metBnd g ok nCeAP R, 2onihe e ePRE lienmbat
caﬁaainﬁ,t@ﬂtheaﬁefhoblsé\psratbﬁiw&)u@mgnm?nt 10 To eval uate
e robustness of the nmethod, we purposely introduce a
phase offset to the readback signal by shifting the
r r of the noisy readback signal by ,uong,
RS dighifife uniformdistributed within [-T, T]
IntU|t|ver, to get back the original synchronous
ead ack an the e re sector of readback signa
h?%ﬁ‘ Haft?e‘s“sehi %‘f pethod, wa RuTBOSRIY | iBlPAgce Rephase -
OFF8BSIcARE rEhEbIdk Qbﬁﬁpoysehiﬁingt ﬂh@tedtﬁé's)@b?gﬁ'%ftth‘gnmszf readback

cross-correl ati on” (Enbodi nent 1 and

signal WEu(nEnwefemn,% S unifora) disibuesh wi) (AT (Iuidgely, t

the estimations o :g. The notations are given in
gghhack] therasiginal: Sml’phals% reatiback reigmal| dhs. enfie sector of

readba%kdseigr?él sﬁtoulde bI nthrl é]lciJ ged hase t?thlffohgwinog tvipeeconSIder the

orig *
phase shift that maximizes_the_ cross-correlation (Embodiment 1 and 2) or
minimizes the MSE (Embodiment 3 and 4) between y(k) and d(k) as the

' estimations of 4, . The notations are given in Table 1.

Table 1: The phase offset notations.

1 Lo denotes the introduced phase shifts to the
readback signal

Heor denotes the phase shift that maximizes the cross-

correlation (given'in Embodiments 1 and 2.

L, | denotes the phase shift that minimizes the MSE

given in Embodiments 3 and 4.

A Monte Carlo simulation of 4000 trials for the alignment of the beginning

portion of the readback signal was performed. Since it cannot be ensured that

‘the phase error between the_beginning portion of the readback signal and the

pre-determined signal is exactly zero. The'refore, the variance of the
introduced phase'offset and the variance of residual phase offset was

measured. The residual phase offset is defined as the difference between



readback signal =cor denotes the phase shift
that. maxi m zes the cross- correlation (given in

Enbodi nents 1 and 2. denotes the phase shift that
mnimzes the MSE given in Bgbodinents 3 and 4. A
Monte Carlo sinulation of 4000 trials for the
alignnent of the beginning portion of the readback
15, Ardd itsvestimatibor Tieel restiliscareitabulatewin Peblerzsur ed t hat
t he phase error between the begi nning portion of the
readback signal and the 25 pre-determ ned signal is
exactly zero. Therefore, the variance of the

i ntroduced phase offset and the variance of residua
phase of fset was neasured. The residual phase offset
is defined as the difference between 20 bong and its
estimation. The results are tabulated in Table 2. 5
Tabl e 2: The residual phase offset after conpensation
at SNR=7dB. 10 Introduced Conpensation criterion
phase error M nimze MSE : Maxi m ze Cross-correl ation
/1ong (Porig luM E) Gong ACor ) Variance 0.3354 0.0078
0.0052 Standard 0.5792 0.0884 .0.0723 deviation It
can mlebwﬁwgm&u a}*é' Gfset HRE cb a'naﬂ‘%ﬁ SNRL7Ms.
phase error ‘i s re st gni fi1cant

conpensati on. Furthernnre it can be observed t hat

fAr Acc arraol ot a nr n\u dec hatt or

-

UT U3SJS \/UI T C1 C l \/I I%\_I I Ull uuuuuuuuu

estimation
than MSE crifd '8 fucad ki gure 4 ?9@%@%’8@%%@!" t he

i ntroduced ph%@séfefrﬁir aNfnirdiZe MSE AURIASE (%r‘”o[sé‘%forrelatlon
after conpensgation. |t |[can be observed that a

conpensation|the nost |of the phase prrors are | ess

than 0. 1T and al nost alfl yesidye phase errofs are
Horig (:uorig —#IVBES . (luon'g _:uCar)

Variance 0.3354 0.0078 0.0052

Standard 05792 |  0.0884% | 0.0723

deviation

It can be observed from Table 2 that the variance of the phase error is |
reduced significantly after compensation. Furthermore, it can be observed that

cross-correlation criterion provides better estimation than MSE criterion.

Figure 4 is a histbgram of theé introduced phase error and the residue phase
efror after compensation. It can be observed that éﬁer compensation the most
of the phase errors are less than 0.1T and almost ell residue phase errors are
less than 0.2T. This shows that the phase estimation and compensation
method described in this invention disclosure is effective in compensation
phase error at low SNR. ' |

Frequency alignment

To evaluate the p_erformance of the proposed frequency estimation methods,
we introduced frequency offset into the readback signal by resampling the
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| ess than 0.2T. This shows that the phase estimation
and conpensation .20 nmethod described in this

i nvention disclosure is effective in conpensation
phase error at | ow SNR. Frequgmcy alignnment 25 To
eval uate the performance of the proposed frequency
estimation nethods, we introduced frequency offset

' . silgnal, b esampling the 21 ,
bRUHRL Sick Bl RRPE, Sr 3t avhte, B Rop R Borih, shetisteyin [0.0005,
distribute in [-0.0065  Kong 010005] . Because we are
01600%]. B¥idaake swé AR BINGT gt it e

of f sg]t V\/niac her_ equi rggln? h“ghgaeﬂégégﬁgﬁg?erraﬁ“{r%% gl%requency

offset evirichneeqgirgsethei rasegepling Tatestanblel PYQL ehere P and Q are
-si_mul at4on, 1@ is further quantified with _

iBteg8 e %-r?'mgﬁéf. %‘805ﬂm%¥?ﬂqnvtFM@I'?,fUHBegétJaB&f@d witd resolution
d)éd't)gj nal synchronous signal, one needs to resanple it

Wi rTate Rorg . In the follow ng study, the

resanpling rate is estimated by finding the

resanpli n%er te that nmaximzes the cross-correlati on
IntEitysly. fe et back thg griginab synehonpye sigrab, oBEneeds to resample
p

TR, A BV L e, AP St o
<i K . ' . [ f.th
U 08Pl il o Al i

Ttanrd 2ysanpinimigesahe. MSEe(EraBodifiéra s anang t&ét@«@%ﬁf&tk) and the
are

devi atj on of ng., Rong -RCor and Ron, - Rn-~s
r?%ﬂ%é}t\é%fsfoﬁ ?P}oa)ﬁgé 3, where RCor denotes the

resanpling rate that maxim zes the cross-correlation
bet ween the ending portions of d(k) and y(k), and ' /
Ve caginst eut a Monte&iarlsl simylatiareot FiZd trils foritae alighemeMBBf the

R T B RO PR

orig )

VERARENSAN istihdHrd dANRTORRT R R,,—R., and R, - R are

tabulated in Table 3, where IQCO, denotes the résampling rate that maximizes

the cross-correlation between the ending p'ortioris of d(k) and y(k), and IQMSE
denotes the resampling rate that minimizé_s the MSE between the ending
portions of d(k) and y(k).

- Table 3: The residual frequency offset after frequency compensation at

SNR=7dB.
Introduced Compensation criterion
sampling Minimize MSE | Maximize Cross-correlation
rate error
Rorig | . (.Rorig —'RMS'E) (‘Rarig _jéCOr)
Variance 8.4x10° 0
Standard 2.89 x10*
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| ntroduced Conpensation criterion sanpling Mnim ze

MSE Maxim ze Cross-correlation rate error Rong (Kong
- h.E) (Rorig - RCor ) Variance 8.4x10" 0 O Standard
2.89 x10 0 0 22 deviation It2Zan be observed from
Tabl e 3 that the variance of the resanpling rate error
Is zero after conpensation. This shows that the

: C#@Ntﬁi@@ed invention works extrenely [1 at | ow SNR
for—recovering—the—tdeal—tim-nhrg—Fhezero—variance 5

Is al so because we introduced quantified frequency

Iﬁéérﬁbe%ﬂé@er\?&ﬁﬁbhﬁ TaPhle P ﬂgﬂ%e v%‘?i@n&‘@ o@@ﬁé %é&nghﬁ%\ﬂr?tﬁa error

resanpling rate by searching the resanplin
i3 Rere atier reosopensasion, Thlﬂoshcwsdbat ﬁ;sipemmos&dﬁurwemtlbh works

Rkl PRSKE fosaara Eths cledt Jipes e 29 variance

IDRiIEH Bodduee Wes Mtkbdubed %u%Hﬁﬁé&'f?é&déhc'S}' Sh'orl\glth resolutlon
u 5 depicts one sanple result beforé and afte
%‘g%hrﬁﬂ%‘gercﬂm@'z%ﬁw Fesampling rate bveﬂeé’tb@mgébemesamphng rate

r d 7 5 Th
R SRS BT L BIH husthnen BIC 54 Fpt bR ntowever,
tmevresuit e suﬁ‘lcmm ho cﬁiﬂﬁnhehhat It nvdtRod bR i ak@rerh8lyN@ell if the
cqQver and joint timng recovery and

OPEEt'%%tt rbr?S tﬁ@ds[sﬂ!ﬁ']Clerﬁb‘f@g nces 20 [1] US patent

no. 6,700,722, "High-speed zero phase restart of a _

mul ti phase clock". [2] US patent no. 6,587,529, "Phase
Fégtrec tiordepictsi oeet Lsramp‘ler regulls ebeforeorande saftevatresgmalilg rate

op? imiz fb%se {ecsatnaiaeen seen that the proposed method works well at

SNR=7dB.

Thus, it can be appreciated that the method of the present invention is much

simpler than the iterative tlmmg recovery [17] and Jomt timing recovery and-

_detection method [18].
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filters based synbol timng recovery for | ow SNR

partial response data storage. channels", | EEE Q obal
"Tel econmuni cati ons Conference, 2003. G.OBECOM ' 03.,
Volune: 7, 1-5 Dec. 2003. [1F4J. Barry, A Kav i , S

McLaughlin, A Nayakl., W Zeng, "lterative Timng
.25 Recovery," to appear in | EEE Signhal Processing
s ne, January 2004. [18] Wei Zeng , A Kav i ,
MAP Det ection in Noisy Channels with Synchronization
Errors (Including the Insertion/Deletion Channel),
Proc."ISIT 2003. [19] US patent no. 6,487,573
"Multi-rate digital filter for audio sanple-rate 30
1convérmietinid oPdonv@rtd/Bn asyAchrsrimes discreteatiaid omg an
as nc:hronous di scretz}tl nme.one 5 di nensi onal signal

dispenginRd HgnalehiringdPyoisadinga paeoimnensional deeerding medium,

B et 05 A 0P 58l S S

secetoobasgd timisgirecasry thsaidoasy ndbhsomaiedistrate singh gignal .
The nmethod of claim1 in which the sector based tim ng
recovery is 10 perforned by: . (i) aligning a first

portrrﬂe rAétHoEofARXIRe 110 WMich fi1e9§é&b?bés@aft. dﬁg? 3&\/%@13

first portion of a predeterm ned signal,
parfogned§yanot her portion of the asynchronous

O SUEBIARES 408k B HEERIRA B st o

fidhpoetion oba predetemhinedaignali aadete-time signal  is
obt ai ned from a readback Si gnal obt ai ned by subjecting
a di gl @digningyapether pertiodi ofgha asypshranewardiserete- Lmetsegnal to

a%‘é@oﬁgigg{?&?o}({}%%}egg[érﬁ{,ﬁed §§q‘<‘a§ed apart by encoded

user 0 a one-di nension recordi ng channel
consisting of a 20 wite operation and a read

oper ion_perf data s: or nmedi u 4. The

3 et hote dneRod gh R S fefeh Sl ASdARuEROu gissretedime signal
isSHBidLdrdr? & readback signal obtamed by subjecting a digital signal
including a first known data pattern and a second known pattern, spaced apart .
by encoded user data, to a one-dimensional recording channel consisting of a

write operation and a read operation performed on a data storage medium.

4, The_method of claim 3 in which, the readback signal is subjected toa

low-pass filter.

5. The method of claim 4 in which the output of the low-pass filter is

digitized by an A/D converter to produce the asynchronoué signall.

6. The method of claim 4 in which the output of the low-pass filter is

5ubjected to a sample and hold operation to bfoduce the asynchronous

- signal.

7. - The method of claim 3, wherein the predetermined signal is obtained
by
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| ow-pass filter. 25 5. The nethod of claim4. in which
the output of the lowpass filter is. digitized by an
Al D converter to produce the asynchronous signal. 6.
The nethod of claim.4 in which the output of the

| owpass filter is "subjectegsto a sanple and hold
operation to produce the asynchronous 30 signal. 7.
The nethod of claim 3, wherein the predeterm ned

- si gn@l obtairihg aimpdermédiattdsighi) coRipisMg the?first known pattern
i nternmedi ate signal conprising the first known pattern

anghiher sreogddenavik Aatapatigra spacedrapashby. @draspart by i
_ > ; C Lo . Y
ar obl PRUBLRRP YRS thitdmedfers HEHAT IR § Bidrele ehide the
predéfeochiredd sigam 7 in which the asynchronous signal is

subject to a discrete-tinme equalizer before said
.alignment steps. 9. The nethod of claim3, wherein the
8.Pr e LIBREY of LR 7 i wARKABSSLy tRrdNads dighBi B1dEfkkt to

a secon igltal signal conprising efTirs NOWN
digereteetime exquilizhebefare sdidkaligwmelat stepst t er n spaced

apart by encoded data or zeros, (ii) convolving the

second digital signal with a first nodel approxi mating

9.2 ChEfleth88 RANEAIm BNFRD¥IN ﬂxésﬂﬁfe@ér%iheasi%nal_ is obtained
predeterm ned signal, 15 (iii) optionally adjusting
bt he gain of the equalizer output such that the

equali : u il ar i.n_as _the, predeterm ned

ot o 8565 Rtechiit Fof! SpodFhamPhsig R fiRE KRown Battem
arglythelsecond kndvscdetaepdtiors spagadlapaitisy éhcodidia® or zeros,
S gr}_l are ysed to i nprove a second nodel ) _
appr %%{q'wag tengrAeNd digitsbrignal pithaa firstmeodalappdomating
a %]%ﬂr‘ll@(l) ﬁesoq&e@,eméréey% JbRBrRE i pAUIgrmhSdT digidl,

(i) optionally adjusfing the gain of the equalizer output such that the

equalizer output has similar gain as the predetermined signal.
10. The method of claim 9 in which the synchronous discrete-time signal
and the digital signal are used to improve a second model approximating

channel response.

11, The method of claim 2, wherein said step of aligning the ﬁrst"portion of
the asynchronous discrete-time signal to a first portion of the predetermined

signal is performed by maximizing at least one cross-correlation function.

12.  The method of claim 11, wherein said step of aligning the first portion of
the asynchronous discrete-time signal to a-first portion of the predetermined
signal is performed by:

(i) maximizing- a first cross-correlation function with respect to an
integer variable k indicative of a symbol value, to obtain a first coarse
alignment; and |

(i) maximizing a second cross-correlation function with respect to.a

variable indicative of phase and taking values spaced apart by less than the

symbol interval.
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t he asynchronous discrete-tine signal to a first

portion of the predeterm ned signal is perforned by

maxi m zi ng at | east one cross-correlation function. 25

12. The method of claim 11, weerein said step of

aligning the first portion of the asynchronous

di screte-tine signal to a first portion of the

18r edethe matked ofclgimall2iis wWhich saitestepyaf alighingeariathai portion of

tfe | dsholldtolis” WikSERHR, | Y8Rl O b1 Rsicooh; eortip”of the

~ pebiaiermindd signat der orﬁfécﬁ'bygﬁ@ﬂﬁbzsr@“% tritd cross-correlation

maxi m zing a second cross-correlation function w
fupcipsrwith 633%19Ct¢%ﬁ|%43516 inglicedive\nd aoespmgdiegaatiot aki ng

val ues spaced apart by less than the synbol interval.

26 13. The nethod of claim 12 in which said step of

14l i gnihegmastieddhef claimtd, avhertin tie sQép’Ebel’@rﬁlﬁgSche first portion of
di screte-ti ma%s%nal to a second portion of

the as¥pehianqug disgria-time ﬂéf‘?b?om’écf'rﬁfyp%@nn@fzthﬁagp@determlned
o FERSESEY APy SHBSLAR el LERRES by hotn.
met hod of claim2, wherein said step of aligning the

s, discrete-tine

R L P R R S
the a@srhémfoﬁads bﬂsdfbfé fingi élgnélttd 83ndt e&%oﬁl’cﬂnth%qksﬂaﬁd%?ermmed

.error function., 10 15. Thé net hod of m 14

signad ispeowedbygni ng the fir st port| on of the
t
of 't K1 BB SUREY T Bl erle? Ly ifl rsestt to an

integemivariablea A iimditativeanf sajusyrebolealoe, ftbnébteﬁ’rﬁl &M it coarse

Ee'%)‘ec to, an integer variable k indicative of a
9 due to obtain a first coarse 15 alignnent;

and ()i phirfniifg 2l S¥tohdSReankqiRReY %%?rf@ﬁjct%rnr with h respect to a
function with respect .to a variable indicative

varakle laﬁ@at'aqmﬁ@haéem muauparapamdm;m blidess trean the:
symBBPInte ALEr val -

16.  The method of claim 15 in which said step of aligning another portion of
the asynchronous discrete-time 5|gnal to a second portion of the
predetermlned signal-is performed by minimizing a third mean-squared error

function with respect to a variable indicative of a resampling ratio.

17.  The method of claim 2 further including a step of adjusting the gain of
the synchronous discrete-time sig'nal by a gain factor obtained by a
comparison of a least one portion of the asynchronous discrete-time signal

and at least one corresponding portion of the predetermined signal.

18.  The method of claim 2 including a step of removing a DC component

from the asynchronous discrete-time signal.

19.  The method of claim 3, wherein the data storage medium is a magnetic

disc. .
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20 16. The nmethod of claim 15 in which said step of

al i gning another portion of the asynchronous

di screte-tinme signal to a second portion of the
predeterm ned signal is perfqrmed by mnimzing a
third nmean-squared error furMction with respect to a
vari able indicative of a resanpling ratio. 25 17. The
nmet hod of claim2 further including a step of
adjusting the gain of the synchronous discrete-tine

261 gndhehyethogieafreldiae t OF whbtein fiesinzignatic e@xsigrddepfedfora

| east ,or]e %(])rioi on of the asynchronous discrete-tine
PerRpndicuiarand jongitydinal rreardinges pondi ng portion of the
predeterm ned signal. 30 18. The nethod of claim?2
including a step of renoving a DC conponent fromthe
2asyndheonelmddifstaigt 20 t wherein treaencdded déer datbhoRL0for ECC

wherein the data storage nmediumis a nmagnetic.

cl ai
eapg%é]a é?"a-zo. The met hod of claim 19, wherein the

magnetic. disc is adapted for perpendi cul ar and
| ongi tudinal recording. 5 21. The method of claim 20,
Z@her & imingegresavydiniiios codwerding arRisynohr@elis discredetme

SF197% 2 BB SEREREmE N Gna s BB teshiaomits
cdmpeisizigea provessogarhngéd to applyrieciartaeethtiriingtrecdfery to

conpri sing a processqr arranged to apply sector baseéed
Sf”id%pﬁi'é‘ch é.n‘{lscfrﬁt%ﬁ'i“&_sé%@ﬂchr onous discrete-tine

signal. 23. Atimng recovery unit of claim22, in
whi ch the processor is arranged to apply sector based
28i mi Adimiagdeerveryainitofctlaigy 82 hinovitiol thi: posetssot isn@rranged to

Y I 5 aght.ai.ned by readi ng, a one-di nensj onal . .
a?é@%%&?%ébaﬁggi‘ms6??3‘(‘?9'. Q5P ?%CEFW?L& 3*ﬁ6ﬁt¢-ameo$lgna'
obtatnetbyy eduding 4sord-gipfigistoridl FBcSidHPmebfurg, b st

portion of a predeternined signal, and (ii) al i gni ng

anot HbR'gHPg adisidrorfing of dym apyriBoRowE disceate-timersignal to a

firsh BBﬁ!ontcgfoa BresReANtnBesignan A the predeterni ned
signal . 20 | |
(if) aligning another portion of the asynchronous discrete-time signal to

a second portion of the predetermined signal.

24. A déta readback systém 'including:

- a channel unit for obtaining a readback signal by reading a digital
signal, the digital 'signal being recorded on a data storage medium and -
including a first known data pattern and a second known pétte‘rn, spaced apart
by encoded user data, and '

a timing re’cove'ry unit for convérting an asynchronous discrete-time

signal obtained from the readback signal into a synchronous discrete-time

-signal, the timing recovery unit comprising a processor arranged to apply

sector based timing recovery to said asynchronous discrete-time signal by:

(i) aligning a first porﬁon of the async'hronou,s discrete-tifne signalto a
first portion of a predetermined signal, and |

(ii) aligning another portion of the asynchronous discrete-time signal to

a second portion of the predetermined signal.
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24. A data readback systemincluding: a channel unit

for obtaining a readback signal by reading a digital
signal, the digital, signal being recorded on a data
storage nedium and includingga first known data

pattern and a second known pattern, spaced apart 25

by encoded user data, and a timng recovery unit for
25.0NVERS idath ArhdbRCREYERIN GF c%iﬁ%@?ﬁﬂér%oluélr@n@iow- ass filter
obt ai ned fromthe réadback signal into a syn hronogs
fogifilerieg the reasibaskgignal. t he tining recovery unit

conprising a processor arranged to apply sector based
timng recovery to said asynchronous discrete-tine
26 gnhe byata3feddbacK isysichg of fdidind 2B rfurpBr Gheludthg an AD
\)/nchronous,dlscrete-tlrre Si toa first portion-

|
CQ?TS estes feudigdizing e memf.thsﬁgevcpags Hitergisi digitizadtthean A/D
. . " Ry e o
e Bl od B R I Ll e © 96 25

second p ned signal .
The data readback system of claim 24 further including

I ss filter for filtering_the readback signal.
2%, Wife Cala IPadRam BRI &1 Sl IBT 261 HItPD Br 06 @ Sample-and-
A Chinidi n I ff Wbk Zi tshe
P O OPRAIS B FE YRR o, € bbb s proriyce the
asxymenEINaHs i9NPr oduce t he asynchronous signal. 27. The
dat a readback system of claim25 further including a
sanpl e-and- hold unit for operating on the output of
28.he Tis dates feadbatkt eysteptuee tlagn 1A, asurfdt WtmiSrising a
Si gnal . QZQE; The , data readback ;%St em of cl ai m 24, )
PredeieRyineb pignALopRerating kv sang e tp SpRatate doe dredstagnined
. it . . t.h r . M . Gj
ST ARG o, BT e T PR 26 B Gdrern
arichihersgranddmowrl datarphttane spaeed mpakirtonze datwaitip attaeye.
spaced apart by zeros with a target. 29. The data
readback system of claim24 including a discrete-tine

2Rqualhe edathetempackheysBaN ST cldint 2anGhdll8ing! & Mkcrete-time
recovery unit, thereby equal.izing the asynChronous _

eqyadizer tetweeR: the gehanned unikiagdathesitiminar recovetye unit, thereby

equalizing the asynchronous discrete-time signal to a signal similar to the

predetermined signal.

30. The data readback system of claim 24, further comprising a
predetermined signal generating unit arranged to generate the predetermined
signal by convolving an intermediate signal comprising the first known pattern
and the second kn_own data pattern spaced apart by zeros, with a first model

approximating a channel response.

- 31.  The data readback system of claim 30, further comprising a second

model approximating channel response, and a feedback mechanism using the

- synchronous discrete-time signal and the digital signal to improve the second

model.

32. The data readback system of claim 24, wherein the processor is

arranged to align the first portion of the asynchronous discrete-time signal to a
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20 predeterm ned signal. 30. The data readback system
of claim24, further conprising a predeterm ned
signal generating unit arranged to generate the
predeterm ned signal by corz | ving an internediate
signal conmprising the first known pattern. 25 and the
second known data pattern spaced apart by zeros, wth
fr@t bbﬂﬁ:tn BPaed pragtePnine sy @b?yhﬁfﬁk%lzﬁrfbs@@ﬂéﬁst 8fe cross-
dat a readback system of cl ai'm 30, further
C%Eﬁi@ft‘(?%fqﬁ@tlﬁnsecond nodel approxi nmati ng channel
response, and a feedback nmechani smusing the 30
synchronous discrete-tine signal and the digital

3&i gribthe tdata Meadbatk heysteraoofl claimdal, vazerelh&attitprocessor is
of cl.aim24, wherein the processor is

r eadbac s
aréqr}%ggtgoal t&p-‘%ﬁt Qcp{yop,qulge Egy@qrt;ﬁng\ds pﬁsgrete-tlme signal to a
[ nal to a 29 first
T e Pl e b el by maxi mi 21 ng a
| ead(i) omaximizing -a dust arass-oorrélationi functid8. wkheredateat to an

nf R SRS A B By BPE i P B RERAY coarse
alRpyieHly gpus discrete-tinme signal to a first portion

of the predeterm ned signal by: (i) maxim zing a first
cr osd) ERRNIBIZIRG ¢h SEgaRd | FRsHeereladiopelunction awvith was@gnrto a

B WS B ol B, Y5l b A0 o e

sysetual ateevads s - correl ation function with respect to a

vari abl e indi cative of.phase and taking val ues spaced
apart by less than the .synbol interval. 34. The data

34 eadfic oty Skaabatk @y@téﬁ?’gf cifiRr 85N V\ﬁ%rgmpﬁgfaeiﬁ%eésﬁr is
15 arranged to align'the other portion o
@'Whﬁoé@@sihélcgbﬂep@filphmi te¢ g@sunchronous slisroete-toe tsigal to

f thir
2 Spsollf PRSI E IR Rl e o), Bl idd oL g oss-
carredatizat funetiod withrres pagt! toregvarithile indicdtiveTdter rexangslingf ratio.
claim 24, wherein said step of aligning the first

portion of
35. The method of claim 24, wherein said step of aligning the first portion of

the asynchronous discrete-time signal to a first portion of the predetermlned

~ signal is performed by minimizing at least one mean squared error function.

36. - The method of claim 35, wherein said step of aligning the first portion of
the asylnch_ronous-discrete-time signal to a first portion of the predetermined
Signal is performed by: | |
' (1) minimizing a first mean-squared error function with respect to an
integer variable k indicative of a symbol value, to obtain- a ﬂfst coarse
alignment; and |
(i) minimizing a second mean-squared error function with respect to a
variable indicative of phase and taking values spaced apart by less than the

symbol interval.

37. The method of clairfn 36 in which said step of aligning another portion of

the asyhchronous_ discrete-time signal to a second portion of the
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15

20 the asynchronous discrete-tinme signal to a first

portion of the predeterm ned signal is perforned by

m nimzing at | east one nmean squared error function.

36. The nethod of claim35, whgrein said step of

aligning the first portion of " the asynchronous

di screte-tine signal to a first portion of the
predsterimgdeignalls pedomhed HyPRIdiRIZRE P¥hird Mean-squared error
mnimzing a first nean-squared errof function wt 11!1
furelipncwith <5ewect|t<haeg?érab¢%mde@ate/ekoﬂ mssanpling ratioa

synbol value, to obtain a first coarse alignnent; and
(ii) mnimzing a second nmean-squared error function

38. t h Tresgeatat reladback sfPsteat obdlbim Izildlvﬂﬂiréi\fﬁth@fprﬁbé%raﬁ%rther
t aki ng val paced apart by less than t

af rr?t”@ Cg t'shﬁegaiﬁmdhe @Vnéhmnﬂtgedlsﬁre\tﬁn’ﬂme s@nal by a gain

t r.onou

A TG oy G
dizceetettimei reignali gemd &b least ooned dorraspoindiry NPoRion of the

t hird nean-s red error function with respect to a
P\&%‘??tﬁm‘@% n%ISE% ive of a resanpling ratio. 38. The

dat a readback system of claim 24, wherein the

processor is further 5 arranged to adjust the gain of
3Bhe Jhectatarreadbacis sysier of cleins 2gnathebginahgairocedsae tio further

B0 REt BvE BR BRhPlerd A S e S Stime
siyal.espondi ng portion of the pr edeterm ned signal. 10

39. The data readback system of claim 25, wherein the
processor is further arranged to renove a DC

400 ThE tetpLerubal SRR 28, ARk e MBS

‘nusdiamss & mggnefiSdivedi umis a magnetic disc. 41. The

dat a readback system of claim40, wherein the magnetic
disc is.. adapted for perpendicul ar and | ongitudi nal

~ 4nEeCOMRkethta readback system of claim 40, wherein the magnetic disc s, -

adapted for perpendicular and longitudinal recording.



