
4;-CT R FF ER TIMIN:_. RECO\!E;``v FOP, READSA ;K SIGNAL  Fieldo;';
tint invention 5 The present invention relates to a sector based read
channe' and method  esnec;ally ., although not exc'Iusiveiy, useful for data
storage devices such as  magnetic and optical storage media. e.g. in low
signal-to-noise ratio (SNR)  applications such as perpendicular recording.
It also finds use In software or  hardware cnannel characteristic tools, for
example to synchronise a readout  10 signal to a model putout.
Background of the Invention Perpendicular recording records `magnetic
'bits` vertically onto the magnetic  15 coating or a disk, rathe:-tnen
horizontally as with conventional longitudinal  recording. Actually, there
are two basic modes of peroendicuiar recording.  One uses a single pole
head for recording onto a double-layer perpendicular  medium with a soft
underlayer. The second mode uses a conventional  longitudinal ring head
and a medium without a soft underlayer. 2U Perpendicular recording has
been proved to work at low SNR. However, it  has been found tha
conventional.tming recovery method does not work well  at low SNR
i13-18,. Therefore, practical methods for timing recovery for low  SNR
become very imocrtant as the transition from longitudinal recording
towards perpendicular recording progresses. To the knowledge of the
inventors, nitherto no sector-based timing recovery  techniques for
acquisition and tracking, and no sector-based gain control  methods, have
bee;, proposed in the magnetic recording literature, 30 Phase and
frequency estimation has oreviousiy been used in methods for fast  timing
L1c gl'Sition. To no, en aampie length and to incr. Se the  acuu:siticn
speed ` a data storage systeim It is common, tJ estimat  phase and to
Initiate a p.,ase cck. 1000 from a chase that close to the. 3-lull. 



phase of the sampled preamble signal, This is commonly referred to as
zero- onase restart. There are several reported studies in this area The
methods described in references [5,8] employ an estimation of Phase
using the following principle: estimate the phase angle r.. of the preamble
at  instants k, by computing tine DFT at a frequency f tt , which the
frequency of  the preamble, For example if the preamble is a sequence
y(k) which is the  repeating sequence +;__+T_- , is 1 4l where T is the
symbol interval.  The DFT uses the preamble sequence y(k) to produce an
estimate ik the  10 phase angle-, as follows: nnzag(f r.Jnoon jj  zk = arctan
` /i nnm reali (Jnum)J j  where imaa[Y~f is the o ~ noni u rnaginary part of
Yr { ~J hum % i and YE'al[Y(J nom )~  length r' preumhie is the real part of
Y, (f ) a ~kn~. "tttt" and 1 f"nm)=~Y(k)e is the DFT k=i  of y(k) at f nOm  15
The methods described in references [3, 13-16) employ joint estimation of
phase and frequency. They all adopted the following principle: Assume
the phase angle satisfies: S;, = zo +k-f , where  r ! ttctua/ J nor  ~f = 2.
Estimate the phase angle of the preamble at instants k, by computing  the
DFT at frequency ;,,,, using two samples of the preamble  



sequence v(k for estimate the Tl. as follows. -"ZIXo ~Tr, f E ~i  ?; --
-alCfan~ o .not., !.i vO ~, where imae [ ti ,Jr r l the Imaginary baar o'i and  I
is the real par of 0. ?r: a no ~ lnmri. ~.~ y(]c)e ~ y(r +J)C~ 5 the DFT Oi
Y(h' at dn,m  calculated using two samples. ?. Using the estimation of the
phase angle to do a linear curve fitting to  equation ='rc. +kAf to estimate
z, and o It is also known that the best phase can be obtained by
minimizing mean  1Q square error (MSE) between a predetermined signal
and the preamble.  Summary of the invention he present invention aims to
provide a new and useful method for obtaining  the timing of a readback
signal, and a system for performing inc method. A first aspect of the
present invention provides a method of converting an  asynchronous
discrete-time signal to a synchronous discrete-time signal, the  method
comprising applying sector-based timing recovery. 2% A second aspect of
the present,, invention provides a timing recovery unit for  converting an
asvn.cnronous discrete-tim Signal to he 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.
in 'both cases, the sector based timing recovery may be performed by (ii
alignng a first portion of the asynchronous discrete-time Slg"ldl to a  first
portion of a predetermined signal, and "~(" (ii) al Whir,^y a second porno i
fill d VII II!oncus discret.'e-floe signal 



c a second oortlon of the predetermined signal. in general terms the
;or;sent invention enables implementation of a sector  based r:af
channe.with sector b wed tim n , recovers b', a ju-:iing rte initial  phase
and the sampling frequency so that the first portion and the second
portion of the processed readback signal best match a pre-determined
signal. 3 Specifically, there is realised a sector-based processor which
does not require  an AGO or a timing recovery loop. Generally, the first
portion of the asynchronous discrete-time signai is an  "initial portion" of
the signal, where as the second poi-,ion is an "ending  IC! portion". It
snouid be understood that the term "initial portion" is not used here
necessarily to mean the very beginning of the readback signal. indeed, in
some forms of the invention the signal conitains a preamble (as in
conventional systems) before the "initial portion" of the readback signal.
Simiiariy, it is conceivable that the "ending cordon" might not be at the
very,  end of the asynchronous discrete-time signal. Rather the terms
initial portion  and ending portion are used here to mean that these
portions are preferably  located respectively before and other a section of
user data in the readbackk  signal. 20 In order to have a reference signal
that has ideal timing and gar and  approximates the readback signai,
preferably 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: signal towards
the gain of the reference signal that is 25 predetermined. it then aligns the
phase of the initial portion of the readbacr  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- determined signal, it
optimizes the sampling frequency of the readback signal  by re-sampling
the readbacs signal so as to align the end portion of the 30 readback
signal to the enc Dorton of the pre-determined signal The  



alignment criterion can be any of minimizing mean squared error, axlmi
ir.c  the cross correlation, or minimising tires measured mane error
between t-,e  eadbacrr Signal and the pied eterrilineo signal usin any
chase en-or  wneasurernen- methods m the literature. mere are, several
metil h,a whtct -er phase r liar' to ,Ilan ti'" I tidal  portion of the rata
coarsely, and further acquisiboln of the phase Is done by a  phase looked
iooo "I -lu . However, as far as is kno?N,wn, no method for sector based
timing recovery, gain control. or DC removal for recording slrstems has
previously been disclosed. Brig Description of the Drawings C The present
invention will now be explained in more aetail by way o the  following
description of preferred embodiments and with reference to the
accompanying drawings, in which: Fig. 1 (a) shows a first application of a
timing recovery unit; 1> Fig, 'I(b) shows a second application of the timing
recovery unit;  Fig. 1 (c) snows the data format of.a sector: Fig. 2 shows
(a) a readout signal from hard disc; drive, y(k), (b) a pre- determined
signal for the second application, d(k), which was generated by
convolving a(k) with a model; 20 Fig. 3 shows synchronization results at
(a) the beginning portions of  y(k) and d(k); (Id') the ending portions of y(k)
and d(k); Fig, 4 shows a histogram of introduced phase error and the
residue  phase error after compensation: and -ig. 5, which is composed of
Fig. 54, and 5(b), shows sample results  25 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 3G We will
shortly describe timing recovery units wnicn are embodiments of the  n
reset inve.nti n and "w ji,-, ore ab e to receiv - ynchronc us discrete  



tir'le S gnat, and convert it into a synchronous dtscr Tr? time s lariat. As
d:scussed in detail the timing recovery units wnich are embodiments of
the 6  Invention. may optionally a Iso nave toe junction of secroi bas c
pain Control  and s.-cror^bass-c removal of [. ~. o,mponents. Figure 1(a)
illustrates a first system in which a timing recovery unit which is an
embodiment of the invention may he used: a system for characterizing a
onanne;. In this system user data wnicn has been encoded (typically usnc
run-length limited (RLL) and error correction code (ECC) encoding) is
transformed into a data sequence of the As shown in Fig. 1(c). This data
is  denoted here as a(k), k_ se,, _ ;1, 2. L., , Len} where Len is an positive
integer 1U that denotes the length of the entire section. it optionally
includes a preamble 31 which may be of any length, and may be  periodic
as in known prearnoles. However, it will be noted that the  embodiments
of the invention described below do not make use of the 15 preamble
(unlike the conventional devices described above, which use it or  phase
recovery). It further includes a first known non-periodic pattern 33. It then
includes the  encoded user data 35. Finally, it induces a second
non-periodic pattern 37.  20 The total number of encoded 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 whicn allows an acceptable bit error  25 rate or sector failu re
rate Let o(k) denotes the entire sector of data with the encoded use, data
to be  replaced by Zeros it can be noted that b(k) consists of the preamble
(if any)  and the two Known data Cafterns C, 



For characterization a nl 'Ions; the predetermined signal dlr can. be
produced by convolving b(k) or a(k) with th ~irst m_-)del since use data is
known.. -17  The osts a(ll) is written onto a sectof of the recorolrc device a
n a Then  readbac". The operation of the constructing The data, recording
it arid reading  it back is Illustrate:, schematically in Has. 1(a) as the
recording channel -2. 5 The output of the recording chhanne'' 3 is passed
to a ow Hass filter d and  from there to a unit whicn is an AID converter or
which perrorrns sample and  cold operation. The sequence of the
recording channel 3, low pass filter 5 and  the AID converter or
sample-and-hold` unit can he regarded as a discrete time  recording
channel 7, which produces an asynchronous discrete-time readback  10
signal. The timing unit 1, which is an embodiment of this invention
converts the asynchronous discrete-time readback signal into a
synchronous readback- signal by performing a timing recovery in the
manner described below. in the application of =IC. 1(a), the system further
employs a first approximate  model 9 (such as a Lorentzian model for
longitudinal recording, or a tanh  model for perpendicular recording) as an
initial model to produce the  predetermined signal for synchronization. The
model 9 can be a linear filter, a 2Q Volterra filter, a data dependent AR
model, or any othe- model in the  literature, !Ater the timing recovery unit 1
has produced the synchronous  readback signal, it is fed to a unit ` which
suntracts from it the cutout of a  second model 12, to Produce a feedback
signal which ;s fed back to the  seconc model '12 to improve it. The
feedback mechanism can be any  optimization algorithm in the literature,
such as least squares method. The input to the model 12 is the data a(k).
The model 12 may again be a  linear filter, Volterra filter, data deoenden
AR model, or any other model in the  literature Obtaininc the second
model 12 is the purpose of this embodiment. 



C Note that variations are r.. sihie VJ.; ich t e-e is only one m"`od idle
equivalent oy model 9), and a :e dcacc. loon '.. insteac use-: to improve .I
at second sty stem 1ri which the timing recovery unit 1 of the invention
may he  used i : illustrated in Fig. ~ (bj, which is a receiver sys:ein. Thi
system too  includes a discrete-t.irne recording channel 7 (with the same
meaning as  described above with reference to Fig. 1(a)). The output of
the discrete-time 5 recording channel 7 is input to a discrete-ttime
equaiizei 13 to produce an  asyncrironous discrete-time readback signal.
The recording channel  introduces noise, distortions and tinning variations.
The equalizer shapes the  channel in such a way that it shortens the
channel response. The  asynchronous discrete-time readoack signal is
inpu. no the timing rccoveni 1C unit 1, to produce a synchronous
discrete-time readback signal After  obtaining the synchronous readback
signal (i.e. the output of the equalizer  without timing error), any detector
15 can be used to regain a signal &(k)  which includes the detected RLL,
and ECC encoded data. 1` The target can be chosen from the literature
Or can be designed from a  channel model. The resulting response of the
channel and the equalizer  approximates the response of the target.
Similarly, let the readback signal sequence be denoted by  20 where 6.eh
set. The key operating principle of the unit I is to modify the asynchronous
readback signal to have similar timing alignment as a predetermined
signal  d(k) (where it a k_ ,net) which is constructed using b(k) and which
has perfect  timing. The first known data pattern can be used as
synchronization mark anc  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 po+'<ior o  the readback signal. 30 d(k) is
also adjusted to have also perfect gain, ano no DC errors, and toe'  



timing recovery unit 1 of naiiy aisO ensured that thoe signal it output obey
one o both. of thes _ it a too I this way the readback signal can be
processed' as a simulation signal. G  in the y the synchronous :na
ac,terizer ste!ml predetermined signal d(k' Is generated by passing the
h(Y; lc t le Initial C oo s!  P., where ne model ;s. a filter that, approximates
the channel response. In the case of the receiver system of Fin. I (b, the
PredetermT fined siC7nal d(k i5  generated Dy convolving h(k) with a
tamoet. Note that the readback signal can be a symbol rate sample
sequence or al- l C oversampled-rate sample sequence. In the latter case,
when the  oversampling-rate is not an integer, the sequence will be
resampied to convert  the sequence tc an integer-sampling rate sequence.
Let the integer-sampl,ng  rate be denoted by i_. As above lei the symbol
interval be denoted as T. The  sample interval is denoted as T, where T =
%i.. An '- times oversampiing  rate predetermined signal will be generated
in the case that the readback  signal is a L times oversampled sequence,
First embodiment of the timino recovery unit "i 20 In a first embodiment of
the timing recovery unit .'I, the initial portion of the  readback signal is
aligned to the predetermined signal by maximizing the  cross correlation:
he synchronization can be done with the following steps a. Low pass filter
the readback signal to remove the cu-of-'nand  noise. b. Adjust the gain of
the readback signal so that the readback  signal has si.nikar gain as the
predetermines signal. Thl do (?'_ lone p. gnu ltipi`~I rim /kl "', ;; 'orr  wnere
G, is given by 10  



~II )'K) where M, and Mr are Integers, and Mr>M . M., is the  value- of k at.
the end Cif the first predetermined data  pattern, and M1 is the value of k
at the beginning of the  first known data 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 signa;. d d. Align
the initial portion of the readback signal to a predetermined  signal by
maximizing the cross-correiation between the  readback signal and the
predetermined signal. This can be  carried out as follows: The
crass-correlation signals can be calculated  according to cw(il- d(k)y(k-i;,
.nr. iv Find out the maximum 'Icor(i)I , where Ix'I, denotes the  absolute
operation. Le the corresponding i be denoted  by 25 The shifted vers,on o
the entire sector of readback  signal is_ multiolied by the sign of the
maximum cross- correiation SiCfflCi to produce a coarsely synchronized
readba ok signal j "_. k), ,i;. -'~ )si i or alma ), 11  in other- wolor. this sniffs
the readback signor by it , number of samples, and  mr akes tnh sign of
signal f ,,,iii ; the sane as that of E1;';, This sretr coarsely  synchronizes
the initial portion of the readback signai to the initial portion of  



the preaetermined signal to within one to two sample intervais depends, e.
Search for the best pinase within one to two sample intervals.  This step
refines the synchronization of the beginning portion o  the readback signal
to the beginning portion of the  predetermined signal. it is performed as
follows, i0 Shut the entire sector of readback signal by a fraction of  Ts
usinc a filter. The shifted readback signal is given by  y'urs(k,f!)=
v(k-m)w(n,At,,, for all kek_set (2) 15 where w(n,,u)is an interpolation filter
that shifts the  entire sequence- L)'c~o s<(tr~3 by Ny,, is the length o`the
filter. 2C For each value of n , compute the cross-correlation (o'  mean
squared error) between the shifted readbackk  Cigna; and the
predetermined signal, The cross- correlation cor(u) can be calculated
according to where set is a set that contains many phases, FOF  example
it may be chosen to  oe Li _2 .?) r, Il. C.O I ._ ^.m Finn the maxim urr'I; of
Q, , Let the corresooKng c be  denoted by p,, 12  The shifted veerslon of
ti_-e entire ,section, o' readhach  Signal, v arse t;~, t'`'>it:: j , wli be Taken
to be the readback signa: that is synchronized to the predetermined signal
in the portion of the sector Whicn is the firs`. known data  pattern and will
be further processed in step `. Align the final portion of the readback
signal to the  



predetermined signal, by searching for the resampling rate that
maximizes the cress-correlation (or minimizes the mean squared  error)
between the readback signal and a model output as  foliows: Resampie
the entire section of readback signal at ratics  15 close to I by using,
sampling rate converters in the  literature [18 and its references] Compute
all the cross-correlations between the  resampled readback signal and the
predetermined  20 signal d(k). The cross-correlation signals can be
calculated according to coriP;= }~ iY it f', Ct;Y.uan~~ed~t=K"a:,P, 'H1;~P
set(4)  e=M. where M3 and M4 are integers, and M4>M3. They define  the
window of the ending portion of the known data. R  denotes the ratios, and
Rset denotes the set of ratics.  R_set can oe chosen to be, for example, s
r = %.9901 0.990^ ... 1.0099% if the maximum  frequency error in the
readback signal is 0.99%, and  denotes the resam",]ieri readba^i<
resampled with ratio . R. rind ou: The maximum it`rL Let the }rresr -ndinq
P be denoted uy he resampled version of the entire section of readoack
signal i'.,c,m(t .L[ ~rr.~).. will be taken to the  rea dback signal that :s fully
synchronous to The  predeterminec`. signa. 



10 g. Fine-tune the gain of readback signal by minimizing the squared
error. This may be done by multiplying y(k) by Gc where G> is  given by d
%TV  where _ [y(M", ; y( r --11 L yUV,)]r and d -[d(_ dGv(1 +'..) L d(M,)]T .
It may be noted that both G2 may alternatively he computed using the
seconc  known data pattern, .Alternatively, it may be calculated using both
the known  ?0 data patterns. (In fact, in an alternative form of the
invention. GI also may have been calculated instead using the second
known data pattern or using  both known data patterns.) Second
embodiment or the timinn recover' unit Insteaa n: search ng and by
shifting Y(") to maximize ne cress i.1 anc Y(k) and can be obtained by
correlation between d mv,. Y'~aax this IC. =sa, `c. ee...crid embodiment
Can be derived. 1 4 Accordino to a secont embodiment, alternative hm
olementaTion OI the ice  can be given by ieplaclnc eoua{icn srieclively
with eauatlol -4a~  given heiow h*.  os(i'i ,e`_.W `L+i_ _.. 0.' 2 , .L (is)  A,
-1 _ a' ,!,~i tor 2'U k ai<_ (ke)  ot-(Li) = L, 1(I.. )?'wars-li; /u a u _ ser (3a)  



cor;(Rj= > d i1t,R)y(k;umui, VP P set (4a)  x=nr, 0 Because the invention
aims to remove timing variations from the timing  error that described by 0.
and i<a,a need to be removed from y(k,  Therefore, the foliowino steps
need to he performed. 1. Upon finding %~mr by maximizing cor(i)J,
;,.oorr(&) is also given by  15 7,. i~~)- :J _ -'~ ( 1_J'oaarra -1.~-i11z,.
)si~n(cor(ia;~}Il Upon finding f!mo, bye maximizing Foor(Lz) we need to
compute  y(l:, Llmar./_ Tmarsr(k -n)lti(7:;,~`mx<i for all kek.-set for further
n=n processing. This shifts the a r(; by u, . Therefore, the beginning  20
portion of y(k,u) is phase synchronous to the beginning portion of  d(kj, In
(4aj; d 'r'i:, m)d:notes the resampled version -at' d(j.')samDier. at  rate
Upon finding m..,: (which in the sampling rate that maximizes  ilmti will be
resampied with rat f : the sultin'g my. denorec a_  nnn'z..d ~ i = VI IL r , I`_
1.11c^ Tlnal sequence that ha the same initial phase and the same
sampiing  frequency as sequence c/(2' in this ernbodirien;, c!(k , et and r,
ai  >e.  be pre-computed and stored in table, Third and fourth
embodiments of the invention can be derived from the first  10 and second
embodiments changing the criterion from maximizing cross- correiation to
minimizing mean squared error in searching for any one or more  



Furthermore, to make the sign of y(k.) to be the same as d(k), one may
adopt 15 the same steps giver, in' Embodiments and 2. Alternatively, one
car- determine whether we shouia chance the poiarity o= y(k) by
comparing the  squared error or ivMSE between y(k) and d(k) and the
MSE between -y(k) and  d(k). .0 For example, if (y-d"mny-d) >:-y-d`(-y-d),
then fiir the sign of y(k)  sequence. where column vectors and 6 can be
vectors that include the  beginning poiuon o' the signals d I ](M,l d MM - ];
/.ij' Y;,1~'..)j" , and can be vectors that include ending  portion of the
slgnais. We now turn to discussing experimental results obtained using
one of the  embodiments o` the invention discussed aoove As will the
seen, whereas the  ce-nventicnai timin recovery II--op in a Convent ona:
read -nanne, fails at low  SPNR, by contrast with the present Invention.: -'i
ne cronosed sectcr nasec -ead channel from-end functions well at  born
low SN:F. ano nigh SNE:. 16  prooosec inor much sampler nan the
Iterative Cimino recovery 1471 aria joint. timing, recovery and oe e.ctlori
etnoe [181 in the  literature. EJxoerllTlental hesultS' Sianai sets used in
fhe exoerimental evaluation  10 In these studies, we use readback signal
from h arc disk drive that includes a  preamble. It should be noted that the
preamble in the signal is not required for  this method. The sampled
readback signal is an oversampled rate sequence  captured using an
oscilloscope. P, symbol-rate readback sequence is obtained by first
removing the out of  cane noise using a butterworth low pass filter, and
then downsamaling the  



oversarnpie rate sequence. 20 Furthermore, the write data of the entire
sector is known so that we can  arbitrarily choose certain portion of data at
the beginning for phase alignment  one certain portion of the data at the
ending portion for frequency adjustment.  This illustrates that the proposed
idea has the flexibility to use arbitrarily  chosen data at the beginning and
ending porno s for phase and free no`r  optimization. Figure 2 depicts tiie
readback signal and the predetermined signal after Cain  adjustment. 30
in the folio Ving case studies, the folio Ving Caranlete `s are USed. ~. = 2s
-_ OT ? G (r _ T~ . This setting means that the ''vase  11 will be searched
within with step size J.0'I i, 17  h c. 'l:.90O f7, 99(12 .. .0C9x' ni Sett;
means that the esampiing rate  will se saarcneu within 1G.9901, ..00991
with stet size 0.000;. At - mot.. 1 =700, 1v 393G, li =4 {5 This setting
rrisanE ; v(351;, ... y(700)] are used in the phase aiigninent, and samoie
[y(3936) y(393T,... ,x(4935)] are used in the resamaiing rate optimization
Note that It is flexible to use the differeent samples at the beginning and
endino  portions for phase and frequency alignment. This setting is an
example:  10 choice. The readoack signal and the predetermined signal
are aepicted in rig. 2The predetermined signal shown in Fig. 2 does not
have timing error. It is  15 generated using Lorentzian pulse. The
predetermined signal is give by r,=o where  a(t? n( and 7(n) h1i =nTl.  2r 



PVS i Note that in practical systems, the entire sector of write data may
not be  Known oefore ^etection, and therefore the unKnowD portions of
rata will be  replaced by zeros. The known portions of data may be
defined while defining  the sector forma-. Note tra of pergendicuiar
recording acid optical reccrdin l a ;iii elent -node;  shook' he used to
Genera rh- o r e:erY on 'I To. eou3 Eec rcadbaCK  ,Ignal. the equalizcha l
or ; target snout n ' ~ i r used 1 rl .ne,,, ,.raLl;lg tn  ore-uetermin signal ?fi
xgerimeiuai Evaluafrno The purpose o l this case stucy is to demonstrate.
the ;nvendon works well at  normal recording conditions using readback
signal from drive. One sample synchronization result using method
described In the firs- embodiment is shown in Fig. 3, which shows the
alignment o*the beginnire  and ending portion of the signal, respectively.
The results for the remaining  are similar. Fia. 3 (ai shows the beginning
portions of y(k) and d('k), whereas Fig. 3(b)  shows the ending portions of
v(k) and d(k). It can be observed from Fig. 3 tnat although the phase
alignment using only  15 part of the data. the phase of the entire sector of
the readback sianal is  synchronous to the predetermined signal.
Experimental Evacuation., The purpose of this evaluation is to evaluate
the performance of the method a''.  low SNP.. To evaluate the
performance of the Dhase and freouencv estimation methods  a: low
SNR, we define the signal to noise ratio (SNR) as SNR = 20 io( T 



,u = 25 wher_, .-` is an additive white :.~'aussian noise audeo to the
readdack sianal.  11 should be ne ec that t readbac k sia.na s nor in, i ess.
The -)UrpOSe Of  this . 'sn'9 ano ac inio, IOrthC a 0U EN-7Vi the hD'se
introduced into the readback.'sig:nal, In till: case study, SNTk = dE, 19  in
order to have a controlled amount of phase and frequency error, in this c
0111dy we beam f i with the svnon'onous icadbaci tonal ObDIa 1I e. ?trot"'
the  Case Study ".. We examine the on ase alignment c apabiliiv and the
frequency alignment  capability of the method separately as follows.
phase allonment i0 To evaluate the robustness of the method, we
purposely introduce a phase  offset to the readback signal by shifting the
entire sector of the noisy readback  signal by a wherePory is uniform
distributed within [- T, f], intuitively, to  get back: the original synchronous
readback signal, the entire sector of  readbacK signal should be shifted by
uo ~. in the following, we consider the  phase shift that maximizes the
cress-correlation (Embodiment 1 and 2) or  minimizes the MISE
(Embodiment 3 and 4) between y(k) and dO t as the  estimations of uor;0'
The notations are given in Table 1. Table t: The Phase offset notations.
20 denotes the introduced prase shifts to the  cry readback signal denotes
the Phase sniff that 71aximizes the cross- correlation (given in
Embodiments I and 2. uus ~ denotes the phase shift that minimizes the
MSE-1  



given in Embodiments 3 and 4. A Monte 'Sarlo 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 opt the readback signal and the  Care-determined signal
is exactly Zero, ! hereforc the variant of t'he  introduced' on as e S_ and
`he variance of residual p ass of se, v vas  rmeasureC he residual .nase
offset Is de Inea the difference cerwee cif : _.. anC C" eat mono-l. The
resuhr, a-- tat u1 ted in Table ~'. Table 2. The residual phase offset after
compensation at SiyR-7dE3.  IP Introduced Compensation criterion phase
error Minimize MSE iMaximize gross-correlation:  j I ".: or"" i ~ ~arr~ _
liL75'i ~ i f'ong - L('~ o. j Variance C.335^. 0.0073 0.0052  Standard
0.5792+ f .03 34 C.Q723  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 MVISE criterion.  Figure 4 is a
histogram of the introduced phase error and the residue phase  error after
compensation, It can be observed tnat after compensation the most  of the
phase errors are iess tnan 0.'i T and almost all residue phase errors are
less than 0.2-. This shows that the phase estimation and compensation.
method described in this invention disclosure is effective in compensation
chase error at low SNP.. 



Freauenm/ aiinnment evalu the performance of ti (-opoS C f e^.U c
eShmai or': methods.  we introduced trequencti' Offs-t into the readback
signal by esamphno: the u`ue, i: signal rafe whey- f" a ttni'to ~~ distribute
in [ 1 4L(l~,  00051 Because we are 1 sing 1Mauai a ,esarripler c
introduce the frequency  offset which requires the resarnplinc rats to ire
;Dl- , ifWher P and are  integers. is 5;m ify the siITlUlatlon, z` is further
quantified with resolution  .Juti1. lntuitlueiy, to get pack the original
synchronous signal, one needs to resamole  it with rate R,,,b in the
following study, the resampiing rate is estimated by  Finding the
resampiing rate that maximizes the cross-correlation (Embodiment 10 and
2) or minimizes the VISE (Embodiment 3 and 4) between d(ki and the
reampled version of y(k), We carried out a Monte Carlo simulation of 770
trials for the alignment of the  ending por8on of the readback signal by
ootirnizind the resampling rate. The  variance and standard deviation of R
R -B, and I o"d - LLL are  tabula ed in `, able 3, where R~.., denotes, 'the
resampiing rate that maximizes  the cross--correlation between the ending
portions of d(k) and y(k), and Izs.,,  denotes the resampiing rate that
minimizes the IMSE between the ending  portions of d(k) and y(k). 20
Tat)[e Tne residual frequency offset after frequency compensation at
SNP 7 dB. Introcuced Compensation criterion sampling InIrT 1Ze MS=
Maximize --roSS-00-Fre-la-tio-n-]  tale error __ -~tancarc PQ 



rev iatsorr H can be observed from Table 3 that the variance of the
resampi'rne rate error  is zero after compensation. d-his shows that, the
proposed invention works  extremely well at low SNR. for recovering the
ideal timing. The zero variance 3 is also because we ntroauced quantified
frequency error with resoi ution  1000:, and we optimize the resamplina
rate by searching the resampiing rate  with the same resolution. in
practical systems, this will not be true. However,  this result is sufficient to
confirm that the method works extremely well if the  optimization
resolution is sufficiently high. 10 Figure 5 depicts one samoie result before
and after resampiing rare  optimization. It can been seen that the
proposed method works well at  SNR=7d6. 15 Thus, it can be appreciated
that the method of the present invention is much  simpler than the iterative
timing recovery [iT and Joint timing recovery and  detection method `18].
References  1] US patent no. 6,700,722 "High-speed zero phase restart of
a  multiphase clock". [2] US patent no. 6,587,529 "Phase detector
architecture for phase error  estimating and zero phase restarting'. __ [3]
US patent no 6,566,922, "Zero phase and frequency restart PLL".  [4] US
patent no. 1307,696, "Digital zero-phase restart circuit". 5] JS patent no.
6.835,295, Zero phase recta` interpolated timing  recovery in a sampled
a,; piauae rear cnannel H r'6] U2 patent no. 5.506.001, "Zero pnase circuit
for sampled Bata phase  30 locked loop". [71 US caters no. 5.552.942, Z
'Zero phase star eptirmzation usin r mean  scuared error in a PRML
recording channel H". 



1 3 U patent no. ..,4.~~,...I.f A~Jeraginc ,ro prase ,ar. or pria i_.t"kec  00IS
H' [91 US pateni no. 5,06 6, `Zero prase restart compensation for VC O .
[10' US paten": no. 4.879.509, 'Zero-Dhase-sequence voltaae sensing
apparatus". US. palest no. 4.459.1; i "Phase 'o-ked loot: having infinite
gain at  zero phase error''. 12] US patent no. 4,167,696, "Zero phase
switching for multi-phase  systems 10 [13j Jingteng Liu; Hongwe'! Song;
Kumar, B.V.K.V.; "Symbol timing recovery  for iow-SNR partial response
recording channels", IEEE Globa!  Telecommunications Conference.
2002. GLOBECOMI '02. Volume: 2 . Nov 17  21, 2002,pages:1129 - 1 t
36. [14] Liu, J.: Song, Hi.; Kumar, B.'\I.KCV.; "Timing acquisition for
low-snr data  15 storage channels", IEEE International Magnetics
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Pages:DT-04 - DT-04 [15] Jingteng Liu; iongwei Song; 'Vijaya Kumar,
BV.K.; "Timing acquisition  for iow-SNR data storage c'nanneis", IEEE
Transactions on Magnetics,  Volume: 39 , Issue: 5 , Sept. 2003,
Pages:-7556 - 2560 0 [16 Jingteng Liu'. Hongwei Song; Kumar, 8.'V.K.V.;
"Dual segmented kalman  filters based symbol timing recovery for
low-SNR partial response data  storage manners", IEEE Global
Telecommunications Conference, 2003.  GLOBECOMM '03.. Volume: 7 ,
1-5 Dec. 2003. [17] J. Barry, A. Kav i , S. McLaughlin, A. Nayak, VV.
Zeng. "Iterative Timing  32 Recovery." to appear in IEEE Signal
Processing Magazine, January 2004.  [18] Wei Lang , P.. Kav i , MAP
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InsertioNDeietlon Channel;, Pro:. ISIT  200'2. 1^91 US patent no.
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30 conversion". LLOYD WISE  24 CLAIMS  1. A data readback system
including: 5 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 pattern,
spaced apart by encoded user  data, a predetermined signal generating
unit arranged to generate a  10 predetermined signal by convolving an
intermediate signal comprising the first  known pattern and the second
known data pattern spaced apart by zeros with a  target; and a timing
recovery unit for converting an asynchronous discrete-time one-
dimensional signal obtained from the readback signal into a synchronous
15 discrete-time signal, the timing recovery unit comprising a processor
arranged to apply sector based timing recovery to said asynchronous
discrete-time one- dimensional signal by: (i) aligning a first portion of the
asynchronous discrete-time one- dimensional signal to a first portion of
the predetermined signal, and 20 (ii) aligning another portion of the
asynchronous discrete-time one- dimensional signal to a second portion of
the predetermined signal. 2. A data readback system including: a channel
unit for obtaining a readback signal by reading a digital signal, the  25
digital signal being recorded on a data storage medium and including a
first  known data pattern and a second known pattern, spaced apart by
encoded user  data; a predetermined signal generating unit arranged to
generate a  predetermined signal by convolving an intermediate signal
comprising the first  



30 known pattern and the second known data pattern spaced apart by
zeros, with  a first model approximating a channel response; and L OYiD
WISE  25 a timing recovery unit for converting an asynchronous
discrete-time one- dimensional 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 one- dimensional signal by: (i) aligning a
first portion of the asynchronous discrete-time one- dimensional signal to
a first portion of the predetermined signal, and (ii) aligning another portion
of the asynchronous discrete-time one- dimensional signal to a second
portion of the predetermined signal. 10 3. The data readback system of
claim 2, further comprising a second model  approximating channel
response, and a mechanism using the synchronous  discrete-time
one-dimensional signal and the digital signal to improve the  second
model. 15 4. The data readback system of claim 2, wherein the processor
is arranged  to align the first portion of the asynchronous discrete-time
one-dimensional  signal to a first portion of the predetermined signal by
maximizing at least one  cross-correlation function. 20 5. A data readback
system 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 pattern, spaced apart by encoded user  25 data; and 



a timing recovery unit for converting an asynchronous discrete-time one-
dimensional 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 one- 30 dimensional signal by: (a) aligning a first portion of
the asynchronous discrete-time one-dimensional  signal to a first portion
of the predetermined signal by: LLOYD WISE  26 (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 (ii) maximizing a
second cross-correlation function with respect to a  variable indicative of
phase and taking values spaced apart by less than the  5 symbol interval;
and (b) aligning another portion of the asynchronous discrete-tirrie
one-dimensional  signal to a second portion of the predetermined signal.
6. The data readback system of claim 5, wherein said processor is  10
arranged to align the other portion of the asynchronous discrete-time one-
dimensional signal to a second portion of the predetermined signal by
maximizing a third cross-correlation function with respect to a variable
indicative  of a resampling ratio. 15 7. A data readback system 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 pattern, spaced apart by
encoded user  data; and 20 a timing recovery unit for converting an
asynchronous discrete-time one- dimensional 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
one- dimensional signal by: 2 7 (a) aligning a first portion of the
asynchronous discrete-time one-dimensional  signal to a first portion of
the predetermined signal by: (i) minimizing a first mean-squared error
function with respect to an  integer variable k indicative of a symbol value,
to obtain a first coarse alignment;  and 30 (ii) 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; and
LLOYD WISE  27 (b) aligning another portion of the asynchronous
discrete-time one-dimensional  signal to a second portion of the
predetermined signal. 8, The data readback system of claim 7 wherein
said processor is arranged  5 to align another portion of the asynchronous
discrete-time one-dimensional  signal to a second portion of the
predetermined signal by minimizing a third  mean-squared error function
with respect to a variable indicative of a  resampling ratio. 10 9. A data
readback system 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 pattern, spaced apart by encoded user  data; and 15 a timing
recovery unit for converting an asynchronous discrete-time one-
dimensional 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 one- 



dimensional signal by: 20 (a) aligning a first portion of the asynchronous
discrete-time one- dimensional signal to a first portion of the
predetermined signal; (b) aligning another portion of the asynchronous
discrete-time one- dimensional signal to a second portion of the
predetermined signal; and (c) adjusting the gain of the synchronous
discrete-tulle signal by a gain  25 factor obtained by a comparison of a
least one portion of the asynchronous  discrete-time one-dimensional
signal and at least one corresponding portion of  the predetermined signal.


