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ABSTRACT

In this thesis, we propose an infinite-impulse response (IIR) equalizer for shaping the partial
response (PR) targets and a modified per-survivor iterative timing recovery (MPS-ITR) scheme,
in the perpendicular magnetic recording channels. The equalizer is employed to shape the
readback signal to a predetermined target before performing a maximum-likelihood (ML)
equalization by the Viterbi detector.

First, a method of desighing the infinite-impulse response (IIR) equalizer in the perpendicular
magnetic recording channels will be designed and discussed. Based on a minimum-mean squared
error (MMSE) approach, the coefficients of the IIR equalizer are explicitly derived. We compare
the performance of the designed IIR filter with that of a finite-impulse response (FIR) equalizer in
the presence and absence of the media jitter noise. Results indicate that for a small number of
equalizer taps, the proposed ITR equalizer outperforms the FIR equalizer at moderate to high jitter
noise levels. When compared with an 11-tap FIR equalizer, the proposed IIR counterpart can
achieve a similar bit-error rate (BER) performance, but it requires fewer equalizer taps.

Then, we will describe the MPS-ITR scheme, which exploits a new split-preamble strategy in
conjunction with a per-survivor processing soft-output Viterbi algorithm (PSP-SOVA). The
conventional split-preamble strategy places a preamble at the beginning of a data sector and uses
it to run a phase-locked loop (PLL) during acquisition to determine an initial phase/frequency
offset. However, the MPS-ITR scheme splits the preamble into two parts. The first part is placed
at the beginning of the data sector, whereas the second part is divided into small clusters, each of

which is then embedded uniformly within the data stream. This split preamble is utilized to
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adjust the branch metric calculation in PSP-SOVA to ensure that the survivor path occurs in a
correct direction. Results indicate that the MPS-ITR scheme yields a better performance than the
conventional receiver, the full complexity per-survivor iterative timing recovery (Full PS-ITR),
and the reduced complexity per-survivor iterative timing recovery (PS-ITR) scheme, especially
when the timing jitter is large. Then, we also show that the MPS-ITR scheme can automatically
correct the cycle slips much more efficiently than the others. In addition, all the iterative timing
recovery schemes will be investigated in the realistic magnetic recording systems for
perpendicular recording channels and then compared with the conventional schemes.

Finally, we propose a reduced-complexity modified per-survivor iterative timing recovery
(MPS-ITR-M) scheme. This scheme is obtained by applying the M-algorithm to the modified
PSP-SOVA to make it more implementable in read channel chip. The numerical results indicate
that when all schemes have same complexity, the MPS-ITR-M scheme yields better performance

than other schemes.
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CHAPTER 1

INTRODUCTION

1.1 Literature Review

In the previous generations, the hard disk drive technology is based on the longitudinal
magnetic recording (LMR) in which the medium magnetization is parallel to the disk plane. The
quest to increase the areal density as well as the need to combat the super-paramagnetism causes
the shift of the longitudinal recording to the perpendicular recording. As the arcal density
increases, the signal processing becomes more complex in order to maintain the acceptable
performance and reliability. Therefore, highly efficient signal processing systems for read-
channel chip in hard disk drive is necessary. Equalizer and timing recovery are very important
parts in the read-channel chip. A target-shaping equalizer is placed after the A/D converter and is
used to shape the overall channel response to a desire response. Timing recovery, on the other
hand, deals with the raw analog readback signal and it is employed in a synchronization process.
Some previous works have investigated equalizer design and invent the new timing recovery
schemes, which can be summarized as follow.

Partial-response maximum-likelihood (PRML) technique [1] is widely used for data detection
process in the perpendicular magnetic recording channels. In practice, this technique employs a
finite-impulse response (FIR) equalizer to shape the readback signal to a predetermined target
before performing a maximum-likelihood (ML) equalization by the Viterbi detector [2].

An infinite impulse response (IIR) equalizer has previously been studied in the literature [4],
and references therein. For instance, the IR modeling was considered in the decision feedback
equalizer design [5] to reduce the number of filter taps. Also, in [6], the performance of
employing the continuous-time adaptive IIR equalizers for EPR4 channels was investigated. An
algorithm for the approximation of FIR filter by IIR filter and the direct method for converting
FIR filter with low non-zero taps into IIR filter using the predetermined table are proposed in [7 —

8], respectively.
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Figure 1.1 A conventional timing recovery system.

In practice, a conventional timing recovery in magnetic recording systems employ with a 2nd-
order phase-locked loop (PLL), which consists of a timing error detector (TED), a loop filter, and
a voltage controlled oseillator (VCO), as illustrated in Figure 1.1. A number of timing recovery
systems have been proposed in the literature [3], [9], [10]. Most of them can be categorized into
two types, namely deductive timing recovery and inductive timing recovery, depending on where
the embedded timing information in the received analog signal is extracted [3].

Specifically, the deductive (or feed-forward) timing recovery extracts the timing information
before the sampler, whereas the inductive (or feedback) one extracts the timing information after
the sampler. However, both timing recovery architectures utilize a PLL to search for the location
to sample the received signal. Since the inductive timing recovery is widely used in many
applications [3], it will then be referred to as conventional timing recovery, of which the
architecture is shown in Figurel.1.

A widely used TED is the Mueller and Miiller (M&M) TED [11]. In practice, the M&M
TED performs well at a high signal-to-noise ratio (SNR). However, at low SNR, the system is
plagued by cycle slips and a severe timing jitter. To solve this problem, the maximum a
posteriori (MAP)-based timing recovery has been proposed in [12], which uses a new TED
algorithm. This TED employs maximum a posteriori and minimum mean-squared error
techniques to estimate the timing information. Results have indicated that it can reduce a cycle-
slip rate when compared with conventional timing recovery at the expense of increased
computation complexity. It has been shown in [12] that the complexity of this new TED is about
4 times higher than that of the M&M TED.

Timing recovery normally performs in two modes, namely, acquisition and tracking modes

[3]. The acquisition mode is performed to acquire the initial timing offset with an aid of a



preamble (or a training sequence of known symbols), whereas the tracking mode is performed to
refine the timing estimates based on a user data sequence (unknown symbols). To improve the
performance of acquisition mode, Hwang et al. [13] proposed an extended Kalman filter (EKF) to
estimate and correct possibly large initial timing errors. This proposed method converges faster
than a conventional timing recovery scheme, thus allowing us to reduce the length of the
preamble used during acquisition mode.

It should be noted that all timing recovery architectures mentioned above performs timing
recovery and maximum-likelihood (ML) equalization separately, thus performing unreliably
when operating at a low SNR and a severe timing jitter. To improve their performances,
Kovintavewat et al. [14] proposed a per-survivor timing recovery architecture, which performs
timing recovery and ML equalization jointly. Furthermore, Zeng et al. [15] also proposed a
trellis-based optimal baud-rate timing recovery loop based on a Markov model, whose structure is
similar to [14]. This scheme has been shown to perform well at the expense of high complexity.
Nonetheless, both schemes have been proposed for partial-response (PR) channels without error
correction codes (ECCs).

The large coding gains of iterative ECCs enable reliable communication at very low SNRs.
This means that timing recovery must be performed at an SNR lower than ever before. A
conventional receiver performs timing recovery and turbo equalization [16] separately.
Specifically, conventional timing recovery ignores the presence of ECCs and thus fails to work
properly when the SNR is low enough. To improve the performance of the conventional receiver,
Kovintavewat et al. [17] proposed a full-complexity per-survivor iterative timing recovery (Full
PS-ITR) scheme, which jointly performs timing recovery, equalization, and error-correction
decoding. It is realized by first applying the per-survivor processing (PSP) technique [18], to the
Bahl, Cocke, Jelinek, and Raviv (BCJR) algorithm [19], resulting in a per-survivor BCJR
equalizer, denoted as “PSP-BCJR” [17]. Then, PSP-BCIJR iteratively exchanges soft information
with a soft-in soft-out (SISO) decoder. Because of the PSP-BCJR has very high complexity, a
reduced-complexity per-survivor iterative timing recovery (PS-ITR) scheme has been proposed
[20], where a soft-output Viterbi algorithm (SOVA) [21] is used to instead of BCJR, resulting in a
per-survivor SOVA equalizer, denoted as “PSP-SOVA”. As investigated in [20], at low to
moderate complexity, the PS-ITR performs better than both the Full PS-ITR and the conventional
receiver. This is because the PS-ITR can automatically correct a cycle slip [3] with only a small

number of turbo iterations.



Generally, to have good timing estimates before the user data sequence starts, the
conventional split-preamble strategy places all known symbols at the beginning of a data sector
[22]. Nonetheless, in [23] - [24], the known symbols are arranged in small contiguous clusters
and are placed periodically in the data stream, subject to the power constraint on training.
Additionally, Nayak et al. [25] proposed the optimal training symbol placement strategy to
minimize a Cramér-Rao bound by splitting the known symbols into two halves and placing them
at the beginning and at the end of a data sector. This split-preamble arrangement leads to a

reduced frequency estimation error variance and greatly reduces the occurrence of cycle slips.

1.2 Significant of The Research

At high recording densities, the FIR equalizer with a large number of taps is required to
function properly. Nevertheless, the total number of equalizer taps is practically limited by the
maximum allowable loop delay in the timing recovery loop because a small loop delay provides
more robust phase locking [3], which in turn improves the overall system performance.
Furthermore, the benefits of the equalizer with fewer taps are three folds: (1) a smaller area on the
silicon chip, (2) a shorter optimization time of read-channel chip during the production, and (3)
there is a small delay in the timing loop. Consequently, in this paper, we directly design the
digital IIR equalizer based on the minimum mean-square error (MMSE) approach to reduce the
number of equalizer taps, and then compare its performance with the conventional FIR equalizer
in a full turbo equalization setting.

As for timing recovery, it is the process of synchronizing the sampler with the received
analog signal. Sampling at the wrong times can have a devastating impact on overall system
performance. Therefore, the quality of synchronization is very important for all applications. To
improve the performance of conventional timing recovery, a simple timing recovery architecture
which consists of two timing recovery blocks running in parallel is proposed. We refer to this
timing recovery architecture as “bi-directional timing recovery”. It can be seen in simulations that
the bi-directional timing recovery can help improve the system performance when compared with
conventional timing recovery.

In general, the PS-ITR uses the conventional split- preamble strategy, which places a
preamble at the beginning of a data sector and uses it to run a PLL [3] during acquisition to find
the initial timing offset. To further improve the performance of the PS-ITR, The modified per-

survivor iterative timing recovery (MPS-ITR) scheme has been proposed. In essence, the MPS-



ITR performs same as the PS-ITR, except that a modified PSP-SOVA is utilized instead of PSP-
SOVA. This modified PSP-SOVA employs a new split-preamble strategy, which splits a
preamble into two parts. The first part is placed at the beginning of a data sector, while the
second part is divided into many small clusters, each of which is therefore embedded uniformly
within the user data sequence. This split preamble is utilized to adjust the branch metric
calculation in PSP-SOVA to guarantee that the survivor path occurs in a correct direction. It can
be shown that the MPS-ITR scheme not only yields a better performance than a conventional
receiver with separate timing recovery and turbo equalization, and the iterative timing recovery
scheme proposed in [17, 20], especially when the timing jitter is large but also automatically
correct the cycle slips much more efficiently than the others.

However, it is apparent that both the PS-ITR scheme and the MPS-ITR scheme have very
high complexity. Therefore, to make it more implementable in real-life applications, we apply
the M-algorithm [26] to the MPS-ITR so as to reduce its complexity. This reduced-complexity
scheme will be referred to as reduced complexity modified per-survivor iterative timing recovery
(MPS-ITR-M) algorithm. It can be shown that there is a tradeoff between the parameter M and
the system performance. In addition, in the PR2 channel, for same complexity, the (reduced-

complexity) MPS-ITR-M performs better than the (full-complexity) MPS-ITR.

1.3 Objective and Confinement of Thesis

The purpose of thesis is to propose a new digital IIR equalizer and new timing recovery
schemes for the perpendicular magnetic recording channels. The digital IIR equalizer is directly
designed based on the MMSE approach to reduce the number of equalizer taps. The new timing
recoveries are proposed to develop the process of synchronizing the sampler with the received
analog signal. The bi-directional timing recovery is proposed for uncoded partial response
channels, while the MPS-ITR scheme and the MPS-ITR-M scheme are proposed for coded partial
response channels.

The substances in detail of this thesis are provided as follows:

In Chapter 2, we provide an overview of the backgrounds on digital magnetic recording
systems, basic communication channel models for magnetic storage, write and read processes. At
the end of this chapter, we describe the noises and magnetic recording channel model.

In Chapter 3, we discuss a method of designing an IIR equalizer in perpendicular recording

channels. Based on a MMSE approach, the coefficients of the IIR equalizer are explicitly



derived. Its performance will be shown by comparing with a FIR equalizer in the presence and
absence of media jitter noise.

In Chapter 4, we discuss the concept of timing recovery to explain the principles of
conventional timing recovery. To increase the efficiency of conventional timing recovery system,
bi-directional timing recovery is proposed and described. Then, we will explain how to design
the parameters of the phase locked loop using a simulation of a phase locked loop of a linearized
PLL model. The performance of both methods will be shown and discussed at the end of this
Chapter.

In Chapter 5, we will describe the MPS-ITR scheme and the modified PSP-SOVA. The
performance comparison among the different iterative timing recovery schemes is provided.
Then, we describe all iterative timing recovery schemes which will be investigated in realistic
magnetic recording systems for perpendicular recording channels.

In Chapter 6, we propose the MPS-ITR-M scheme which is more implementable in real-life
applications and their numerical results are also given and investigated at the end of this Chapter.

Finally, conclusions are provided in Chapter 7.



CHAPTER 2

BACKGROUNDS ON DIGITAL MAGNETIC

RECORDING SYSTEMS

Digital magnetic recording has been employed in various storage applications, including hard
disk drives (HDD), floppy disk drives, and tape drives. Magnetic recording typically involves a
magnetic head and a recording medium for example in HDD, as shown in Figure 2.1. An
inductive head consists of a horseshoe-shaped soft magnetic material with low coercivity and
high permeability [27] around which coils are wound, and a recording medium that is normally
comprised of a hard magnetic material with high coercivity.

There are two existing modes of magnetic recording, namely, longitudinal recording system
[3] and perpendicular recording system [28]. In the previous generation, the HDD technology is
based on longitudinal recording in which the medium magnetization is parallel to the disk plane
as shown in Figure 2.1. Recently, the perpendicular recording is employed instead of longitudinal
recording. To increase the areal densities in the longitudinal recording and boost the overall
storage capacity, the data bits must be horizontally shrunk and packed more closely together.
However, if the bit becomes too small, the magnetic energy holding the bit in place may also
become so small that thermal energy can cause it to demagnetize, a phenomenon known as
superparamagnetism.  To avoid superparamagnetism, disk media manufacturers have been
increasing the coercivity (the field required to write a bit) of the media. However, the fields that
can be applied are limited by the magnetic materials making up the write head.

In the perpendicular recording, the magnetization of the disk, instead of lying in the disk’s
plane as it does in the longitudinal recording, stands on end, perpendicular to the plane of the
disk. The bits are then represented as regions of upward or downward directed magnetization (in
longitudinal recording, the bit magnetization lies in the plane of the disk and flips between
pointing in the same and opposite directions of the head movement.). The media is deposited on
a soft magnetic under-layer that functions as part of the write field return path and effectively
produces an image of the recording head that doubles the recording field, enabling higher
recording density than with longitudinal recording. This thesis only focuses on perpendicular

magnetic recording because it is adopted in all commercial magnetic recording systems now.
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Figure 2.1 An illustration of the two modes of magnetic recording (a) longitudinal recording and

(b) perpendicular recording.

2.1 Basic Communication Channel Model for Magnetic Storage

Design and analysis of coding and signél processing techniques require a suitable
communications channel model for magnetic storage systems. Such a model should correctly
reflect the essential physics of the read and write processes of magnetic recording, but must also
provide a system-level description that allows convenient design, analysis and simulation of the
communications and signal processing techniques under study.

Consider a general block diagram of a magnetic recording system for HDD as depicted in
Figure 2.2. The massage bits are encoded by the ECC encoder to protect information bits from
random noise. Currently, the Reed-Solomon (RS) [29, 30] code is a standard ECC in HDD.
Then, the RS-encoded sequence is encoded again with the modulation encoder to control
minimum and maximum distances between consecutive magnetic transitions [31]. The minimum
distance constraint mitigates local medium noise and nonlinearity associated with crowded
magnetic transitions, while the maximum distance constraint ensures that the signal arises often

enough in the readback signal (the data sequence were not part of the d.c. component).
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Figure 2.2 Simplified block diagram of a magnetic recording system/storage system.

The run-length limited (RLL) code [32] is often used for modulation encoding. The data
sequence from the modulation encoder will be written in medium, called “recording bits”. The
modulated bit stream is converted into a rectangular current waveform (write current waveform)
by the modulator and then stored in the medium in the form of a magnetization waveform.

During the read process, the data in the medium will be sensed by read head and then
converted into the electrical signal. After preamplification, we obtain the readback signal. The
readback voltage waveform will be created when the read head move through in response to a
written transition. The readback is then passed through what is generally called the read channel
in the data storage community. The read channel consists of a low pass filter (LPF), a sampler
driven by a phase locked loop or analog-to-digital converter, an equalizer and a symbol detector
(in a broader definition the read channel also includes the modulation encoder/decoder and,
possibly, some auxiliary inner error correction or error detection encoder/decoder). The detected

bit sequence is then sent to the modulation decoder and finally to the error correction decoder.

2.2 Write and Read Processes

2.2.1 Write Process

During the write process, the data bits are converted into a rectangular current waveform
called a write current (as shown in Figure 2.3). This write current is applied to the windings of
the write head to produce a magnetic write field in the medium near the head gap. The write field
must be larger than the medium coercivity to magnetize the medium along the field direction. By
switching the direction of the write field (or the write current), magnetization transitions can be

written in the medium.
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Figure 2.3 Illustration of the principle of magnetic recording.

Commercial digital recording systems normally employ binary saturation recording, i.., the
magnetization saturated on the medium in only one direction or the opposite. This is because if
more than two data levels were recorded, nonlinearities would cause a major problem and signal-

to-disturbance ratios would diminish considerably [3].

2.2.2 Read Process

During the read process, the read head senses the change in the flux via the transitions of the
magnetization pattern, resulting in an induced voltage pulse in the coil because of the Faraday’s
law. For an isolated transition, the read head produces a read voltage pulse, g(r) . or its inverse,
~g(t), depending on the direction of the transition (see Figure 2.3). - The pulse g(r) is
commonly known as the transition response [3], which has finite amplitude and a finite half-
amplitude pulse width. The transition response for longitudinal recording (also known as the

Lorentzian pulse) is given by [3]

|
g (1) —— 2.1)

2% Y
1+
Ex

where PW, determines the width of g(r) at half of its peak value. For perpendicular recording,

we are interested in a transition response of the form [33]

2.
PW,, 22

g(t) = erf{zt\/l—n—i] ;
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2 %
where erf(+)is an error function defined by erf (x)=—= |e™" dt [34], and PW_, determines
NS 50
0

the width of the derivative of g(r) at half its maximum. In the context of magnetic recording,
the ratio ND = PW, /T (where T is the bit duration) represents a normalized recording density [3],

which defines how many data bits can be packed within the resolution unit PW,.

Amplitude

Amplitude

Figure 2.5 Transition responses for perpendicular recording.
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The transition responses of longitudinal and perpendicular recording channels are plotted in
Figure 2.4 and Figure 2.5, respectively, for different NDs. Clearly, the transition response spans
many symbol intervals as ND increases. This implies that the effect of intersymbol interference
(ISI) becomes more severe as ND increases.

Additionally, the response of the head to an isolated bit is commonly known as the dibit

response [3], which is expressed as

m(t)=g(t)-g(t-T), (2.3)

as shown in Figure 2.6 for longitudinal recording and perpendicular recording, respectively.

It is easy to show that the frequency response of m(t) for longitudinal recording is given by
M(Q) = exp(-7|QND)+{1 - exp(-,27Q)} (2.4)

whereas for perpendicular recording it is

D 7O’ ND?
exp| —
Inl6

j-{l —exp(—j27Q)} . (2.5)

where Q = fT' is a normalized frequency variable, f isa frequency variable in Hertz, |x| takes
on the absolute value of x, and j = /=1 is an imaginary number.

Figure 2.7 shows the normalized frequency responses of the dibit responses for different
ND’s. Apparently, the signal energy becomes more concentrated at low frequencies as ND
increases for both channels. Furthermore, a longitudinal recording channel exhibits a spectral

null at d.c., while a perpendicular recording channel contains a d.c. component.
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Figure 2.7 Frequency responses of the dibit responses for (a) longitudinal and (b) perpendicular

recording.
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2.3 Noises in Magnetic Recording System
In practice, the readback signal which is obtained from read head will be distorted due to the
many factors such as noise, distortion, and interference. These events occur during the recording

process, which can be summarized as follow.

2.3.1 Medium Noise

The magnetic medium is a main source of noise in magnetic recording system. The readback
signal in magnetic recording is directly related to the medium magnetization distribution.
Therefore, medium noises are due to the fluctuation or uncertainties in the medium

magnetization. Generally, the medium noise can be classified in to the three main types:

2.3.1.1 Transition noise

Transition noise occurs from the magnetization fluctuation concentrated near the
recorded transition centers. It is the dominant noise source in the thin film disks. The transition
noise depends on the recording pattern.. Normally, the severity of transition noise will be
increased when the capacity of hard disk drive is higher. Transition noise can be analyzed by
numerical micro-magnetic modeling [35, 36]. Due to the “Zigzag” nature of the magnetic
transitions in the thin film disks, the transition center, defined as the average transition center
across data track, becomes uncertain. This uncertainty is normally called transition position jitter.
The transition position jitter will lead to transition noise. - The zigzag nature also causes

fluctuation in read pulse shape, resulting in additional transition noises.

2.3.1.2 Particulate or granularity noise

Particulate or granularity noise occurs due to the random dispersion of magnetic particles
or grains in magnetic medium. This is the dominant noise source in magnetic tapes, floppy disks
and particulate thin film hard disks. The particulate noise in magnetic media is typically

stationary, meaning that the noise is independent of the locations along the data track.

2.3.1.3 Modulation noise
Modulation noise occurs due to the magnetization fluctuation proportional to recorded
magnetization between magnetic transitions, which can be observed in both particulate and

continuous thin film disks. The modulation noise in magnetic media is also non-stationary.
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2.3.2 Magnetic Head Noise

When a magnetic read head is electrically activated, far from magnetic disks, it can still
generate considerable noise, there are noises from head itself and from head preamplifier
(electronic noise) which may magnify read voltage. Head noise occurs from the fluctuations of
magnetic domain walls of the head core material (Barkhausen noise), or may also occurs from the
resistive dissipation in the head (Johnson noise) [27].

The electronic noise occurs due to the random fluctuations in time of electric carriers.
Normally, the preamplifier generates the dominant electronic noise in data detection circuitry. In
magnetic recording system, thermal noise and shot noise often dominates electronic noise. Both
thermal noise and shot noise might be more or less than white noise, which depend on frequency.

In other words, the white noise spectrum density is a constant at all frequencies.

2.3.3 Nonlinearity Distortion
Nonlinearity is a phenomenon that causes nonlinear superposition. In the magnetic write
process, nonlinearities include partial erasure, nonlinear transition shift, and hard transition shift.

Nonlinearities are described as following.

2.3.3.1 Partial Erasure

The percolation occurs at high density recording as shown in Figure 2.8. The regions
across the track become partially erased and the amplitude loss results from an effective
trackwidth narrow.  Numerical micro-magnetic modeling and experimental observations
confirmed that large exchange coupling produces large, but few, percolation regions while low

exchange coupling produces many percolation regions [27].

0 0 1 0
DISK

LINEAR MOTION
PARTIAL ERASURE SUPERPOSITION

<

Figure 2.8 Partial erasures of two closely spaced transitions (dibit).
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Figure 2.9 Illustration of the NLTS effect.

2.3.3.2 Nonlinear Transition Shift (NLTS)

Nonlinear transition shift or bit shift refers to the transition shift due to the
demagnetizing field from previously written transition. Since the magnetizing field drops quite
fast with the distance, the location of the transition is shifted mostly by the perturbing
demagnetizing from the nearest-neighbor previous transition.

The neighboring magnetic transitions must have opposite magnetic charge sign, and their
mutual magnetostatic interaction is manifested by demagnetizing field. Since opposite charges
attract each other, the two magnetic transitions (dibit) must be shift closer. In other word, NLTS
always causes the transition to be written earlier than desired as illustrated in Figure 2.9. One
need not worry about the effect if the dibit is far apart, but it is very serious at high recording
densities. However, we can employ the write precompensation to manage the problem of NLTS,
i.e., to intentionally delay switching the write current so that the resulting transition centre is in

the desired location.

2.3.3.3 Hard Transition Shift

The erasure of old information in digital magnetic recording system is performed by
directly writing new data pattern over the old data pattern. In this process, a hard transition will
be written when the head field is opposite to the direction of the incoming magnetization, while
an easy transition will be written when the head field is in the same direction of the incoming

magnetization as illustrated in Figure 2.10.

TANYT
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Figure 2.10 Illustration of the example of the hard transition shift (HTS) and the easy transition

shift (ETS).

In practice, the hard transition is difficult to write because it requires more head field to
saturate the magnetization formed at the leading edge of the write bubble, while the easy
transition will not occur during the writing. The hard transition shift is similar to nonlinear bit
shift due to previous transitions, the demagnetizing field from the leading edge of the write
bubble leads to hard transition shift. The hard transition always gets shifted later than desired in
the absence of other nonlinear effects. The magnitude of the hard transition shift greatly
decreases with the increasing size of the writing bubble as the magnetic charges become farther
apart. Hard transition shift cannot be removed by the write precompensation since the incoming

magnetization direction is unknown during the write process.

2.3.3.4 Overwrite

In digital magnetic recording to erase the old information, the old data pattern will be
overwritten with a new data pattern. The basic requirement in overwriting is that the write field
must be sufficient to reduce any residual old information to the levels low enough to ensure that it
will not a cause any error while reading the new data.

The most commonly cited overwrite ratio is defined as follows [27]. First, write a square
wave pattern at frequency f;, then overwrite with a square wave pattern at frequency £, (most
often, f, = 2f,). The overwrite ratio (‘/;/ £, ratio) is the residual f; signal V() divided by the
original £, signal level V,(f)).

Normally, the overwrite ratio is given in decibels (dB): OW = 20 log V/,2 !/ V,. The

s
absolute value of the overwrite ratio is [OW] = 20 log V,, / V. Note that both signals are

measured at old frequency f;. For a typical magnetic recording system, the required OW is <-30

dB, or V, < 0.032 ¥,

o ;- The common sources of overwrite residual signal are listed in the

following.
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Residual recorded due to in complete erasure of the f, signal when the write current is no
sufficient, hard transition shift of £, signal at f, due to the demagnetizing fields from the incoming
/; pattern, and residual track edge effects due to incomplete erasure of track-edge magnetization.
The first two sources can be minimized by using a “good” write head with a sufficient write field,

and the second source can be reduced by a “write wide, read narrow” scheme.

2.3.4 Types of errors

There are mainly two types of errors that occur in magnetic recording system, that are single-
bit errors and bursts of errors. Normally, single bit errors occur caused a short-duration noise
event, which results in an extra pulse or a missing pulse as shown is in Figure 2.11 (a). Burst of
errors occur when a bit’s group is detected erroneously an example of a burst of three errors in
Figure 2.11 (b). The defect of magnetic medium such as a scratch of a defective spot spanning
over many bit periods might be the cause of burst of errors. However, burst of errors may also
occur at the output of the ML detector in a PRML channel. The ML detector decision contains a
group of channel bit. Any event in the ML detector will result in detecting a wrong sequence of

bits.

/7 Single bit error

¢~

Burst of three consecutive errors

(b)

Figure 2.11 Illustration of a single bit error and a burst of errors.
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Figure 2.12 An ideal magnetic recording channel model.

2.4 Magnetic Recording Channel Model

In general, the channel model of the magnetic recording system can be modeled as main two
types, there are an ideal channel model and a realistic channel model. The ideal channel model is
often used to study and analyze the basics of signal processing systems of the HDD, since the
model is redundant. While the realistic channel model has employed to investigate in many

researches on magnetic recording systems [37-38], which can be described as follows.

2.4.1 Ideal Channel Model

If we assume that the magnetic recording system is perfectly equalized (perfect equalization).
The ideal channel model can be illustrated in Figure 2.12. The binary input sequence a, e {*1}
with bit period T is modulated with ideal zero-excess-bandwidth Nyquist pulse,
q(t)=sin(zt / T)/ (721 1 T)[39]. Then, the signal is disturbed with noise. At the receiver, the
readback signal, p(t) is filtered by a low-pass filter (LPF) to eliminate the out-of-band noise and
is sampled at the instants controlled by the timing recovery block. Finally, the sampler output is
passed through the symbol detector to determine the most likely input sequence.

The generally accepted PR target [40] for longitudinal recording is of the form
H (D) = (1 - D)(l + D)" [3], whereas the PR target for perpendicular recording is
H(D) = (1 + D)" [41], where n is an integer. Apparently, the (1-D) is not needed for
perpendicular recording because the perpendicular recording channel contains a d.c. component.
Table 2.1 illustrates the typical PR targets for longitudinal and perpendicular recording. Figure
2.13 and Figure 2.14 compare the frequency responses of the different targets. It is clear that as
ND increases, a larger value of n is required because the effect of ISI becomes more severe at
high ND. Hence, at high ND, a longer target allowing more controlled ISI will provide a better

match to the channel response than a shorter target.



Table 2.1 The typical PR targets in HDD.

PR Target n=1 n=>2 n=3
Longitudinal 1-D? 1+D-D*-D’ 1+2D-2D* - D*
recording PR4[10-1] EPR4([11-1-1] EEPR4[120-2-1]
Perpendicular 1+D 1+2D+D? 1+3D+3D*+ D’
recording PR1[1 1] PR2[121] EPR2[1331]

Normalized magnitude

| —— Channel response (ND = 2)
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Figure 2.13 Frequency responses of different targets for longitudinal recording channels.
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Figure 2.14 Frequency responses of different targets for perpendicular recording channels.
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Figure 2.15 A realistic magnetic recording channel model.

2.4.2 Realistic Channel Model

A magnetic recording system can also be expressed, as depicted in Figure 2.15. This system
model will be referred to as a realistic channel model because it represents all the components that
are employed in magnetic recording read-channel chip architectures. A binary input data
sequence @, € {x1} with bit period 7 is filtered by an ideal differentiator 1 - D, where D is the
delay operator, to form a transition sequence, b, € {~2,0,2}, where b, & {#2} corresponds to a
positive or a negative transition, and b, =0 corresponds to the absence of a transition. The
transition sequence b, passes through the channel represented by the transition response g(l)
and is corrupted by the noise n(t). The readback signal, p(t) is filtered by a low-pass filter
(LPF) to eliminate the out-of-band noise and is sampled at the instants controlled by the timing
recovery block. Then, the sampler output is equalized by an equalizer so that the equalizer output
resembles the desired sample. Eventually, the symbol detector performs ML equalization to
determine the most likely input sequence.

A widely used ML detector in magnetic recording systems is a Viterbi detector [2]. Since the
complexity of the Viterbi detector grows exponentially with channel memory, the equalizer is
usually employed to shape the overall channel impulse response into a shorter response called the
target response [3, 42], H(D), thus reducing the complexity of the Viterbi detector. The technique
of using the equalizer in conjunction with the Viterbi detector is commonly known as a partial
response maximum-likelihood (PRML) technique [3, 43], which is practically utilized in magnetic
recording systems. This is done in two steps. First, the received signal is equalized to a PR target
whose response is as close to the actual channel response as possible. Then, the Viterbi detector

performs the ML equalization on the modified readback sequence based on PR trellis.
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2.5 Summary

In this chapter, we describe the backgrounds of digital magnetic recording systems and basic
communication channel model for magnetic storage, as well as principle process of writing and
reading process in the hard disk drives. The transition responses, dibit responses, and frequency
responses for both of longitudinal and perpendicular magnetic recording are shown. In addition,
we also explain the dominant noises which occur in a magnetic recording system. Finally, the
realistic channel model and the ideal channel model are described. The two models will be used

for the system simulation in the next chapter.



CHAPTER 3

TARGET-SHAPING EQUALIZER DESIGN

In this chapter, a method of designing an infinite impulse response (IIR) equalizer for turbo
equalization in the perpendicular magnetic recording channels will be designed and described.
Based on a minimum mean-squared error (MMSE) approach, the coefficients of the IIR equalizer
are explicitly derived. Then, we compare its performance with a finite-impulse response (FIR)
equalizer in the presence and absence of the media jitter noise. Results indicate that for a small
number of equalizer taps, the proposed IIR equalizer outperforms the FIR equalizer at moderate
to high jitter noise levels. Also if compared with an 11-tap FIR equalizer, the proposed IIR
counterpart can achieve a similar BER performance, but it requires a fewer number of equalizer

taps.

3.1 Introduction

The PRML technique [43] is widely used for data detection process in the perpendicular
magnetic recording channels. In practice, in this technique, an FIR equalizer is employed to
shape the readback signal to a predetermined target before performing an ML equalization by the
Viterbi detector [2].

The FIR equalizer with a large number of taps is required to function properly at high
recording densities. Nevertheless, the total number of equalizer taps is practically limited by the
maximum allowable loop delay in the timing recovery loop because a small loop delay provides a
more robust phase locking [3], which in turn improves the overall system performance.
Furthermore, the benefits of the equalizer with fewer taps are three folds (1) A smaller area on the
silicon chip. (ii) A shorter optimization time of read-channel chip during the production. (iii) A
small delay in the timing loop.

An IIR equalizer has previously been studied in the literature [4], and references therein. For
instance, the IIR modeling was considered in the decision feedback equalizer design [5] to reduce
the number of filter taps. Also, in [6], the performance of employing the continuous-time

adaptive IIR equalizers for EPR4 channels was investigated.
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Figure 3.1 System model for turbo equalization and target design.

An algorithm for the approximation of FIR filter by the IIR filter and the direct method for
converting the FIR filter with low non-zero taps into the IIR filter using the predetermined table
are proposed in [7 — 8], respectively. However, in this thesis, we directly design the digital IIR
equalizer based on the MMSE approach, and then compare its performance with the conventional
FIR equalizer in a full turbo equalization setting.

The rest of this chapter is organized as follows. After explaining our system model in
Section 3.2, we briefly explain the design of the conventional FIR equalizer, and also describe the
design of the IR equalizers for partial response channels in Section 3.3. Simulation results are

provided in Section 3.4. Finally, summary is given in Section 3.5.

3.2 System Model

Figure 3.1 illustrates the channel model of a perpendicular magnetic recording system with
jitter noise. A message input sequence u, 6{0,1} is encoded by a low-density parity-check
(LDPC) code [44] and is mapped to a binary input sequence X, € {il} with a bit period 7, Then,
the sequence x, is filtered by an ideal differentiator 1-D to form a transition sequence
B =[5 —xk_]) where ¢, =42 corresponds to a positive or negative transition and ¢, =0
corresponds to the absence of a transition. The sequence ¢, is then passed through the
perpendicular recording channel, represented by the transition response g (t) in equation (2.2).

The readback signal p(t) in Figure 3.1 can be expressed as

p(t)zzkckg(t—kT+Atk)+n(t), 3.1)

where n(t) is an additive white Gaussian noise (AWGN) with the two-sided power spectral density of

N,/2 (W/Hz). The jitter noise A, is modeled as a truncated Gaussian probability distribution



26

function with o (0,

c, |o-f) , where o specified as a percentage of 7' determines the severity of

the jitter noise.

The sampled output s, is equalized by a digital equalizer of the form
- k
Fi (D): Z JiD" s (3.2)
k=-K

where f, is the k-th equalizer coefficients, and 2K+1 is the total number of equalizer taps, such
that the output sequence y, resembles the desired target output sequence d,. Finally, the
sequence y, is fed to a turbo equalizer, which iteratively exchanges the soft information between

the soft output SOVA equalizer [21] and the LDPC decoder, respectively.

3.3 Target and Equalizer Design

3.3.1 MMSE FIR Equalizer
A typical MMSE FIR filter design is based on Figure 3.1. Consider a partial-response target

of the form
H(D)=) hD", (3.3)

where L is the target length, and A, is the k-th target coefficients. From Figure 3.1, the equalizer

output and the target output are expressed as

O il (3.4)
and

d, =x,*h,, (3:5)

respectively, where * denotes the convolution operator. Equation (3.4) and (3.5) can also be

written in the matrix form as
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v, =1's, (3.6)
and
d,=h'x, (3.7)

where fz[ﬁK’ﬁK-H""’fK—l’fK]T’ s:[Sk+K’Sk+K—1""’Sk—K]T > h:[hoahl"~vh1‘—1]T’
x:[xk,xk_l,...,xk_,/+1 ]T, and [O]T is the transpose operation. Note that in this thesis the bold
characters denoted as the matrix, and italic characters denoted as the parameter. The target and its
corresponding FIR equalizer can then be simultaneously obtained based on a minimum mean-
square error (MMSE) approach. The mean-square error (MSE) between the equalizer output y,

and the target output d, is given by [42]

B[ Al<E[ (a0, )]

=f"Rf +h"Ah-2f"Ph, (3.8)

where E[e] is the expectation operator, R=E [ssTJ is an N-by-NV auto-correlation matrix of the
sampled channel output s, , A= E[xxT] is an L-by-L auto-correlation matrix of the input sequence
x,,and P=E [sxq is an N-by-L cross-correlation matrix between s, and x, .

Given a specified constraint, the MSE in (3.8) can be minimized by differentiating (3.8) with
respect to h and f, and setting the results to zero.  For a fixed partial-response target h , the

equalizer coefficients can be computed from

f =R 'Ph, (3.9)

Alternative method to obtain the FIR filter coefficients is based on the neural network [45-
46]. The extended Kalman filter (EKF) algorithms based on the real-time recurrent learning
(RTRL) for the decision feedback recurrent neural equalizer (DFRNE) was proposed in [45] to
solve drawback of slow convergence rate. Then, a new design method of the simplified neural
network equalizer (NNE) with the noise whitening function was proposed in [46] for a

generalized partial response (GPR) channel is proposed.
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Figure 3.2 Block diagram for designing an IIR equalizer.

3.3.2 MMSE IIR Equalizer
The method for designing the proposed IIR equalizer can be described by a block diagram as

shown in Figure 3.2. An IIR equalizer F(D) is expressed as [4]

b, D"
F D :B(D):/\:Z—N
(D) 300) i st (3.10)
4

where a, and b, are the k-th coefficients of the denominator and the numerator of F (D)
respectively, and both N and M are integers. In our study, we consider the case where

M+1<2N+1. From Figure 3.2, we see that

NS T T (3.11)

which can be rewritten as

S ¥b =y,<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>