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ABSTRACT 

An interest in the application of two-dimensional modulation codes to the coding 

of information in magnetic recording has lead to an investigation of symbol synchro­

nization for these channels. Binary data storage in magnetic recording systems is 

accomplished by mapping sequences of O's and l's into patterns of magnetic flux 

changes along a track. With two-dimensional modulation codes, data is encoded in 

a manner such that clocking information can be derived from any number of those 

tracks while ensuring against intersymbol interference in each track individually. In 

this thesis, timing extraction for multiple parallel tracks in the presence of additive 

white Gaussian noise through a square-law device is studied and the design of the 

synchronizer circuitry is also presented. Finally, extensive simulations are carried out 

to determine the performance of the system. 
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CHAPTER 1 

Introduction 

Modem communication theory has played a major role in increasing the efficiency 

and reliability of digital recording systems. A great deal of recent research has been 

devoted to the application of coding techniques to the improvement of system per­

formance. Wolf and Ungerboeck [1] have considered trellis coding techniques for 

improving the reliability of digital transmission. Kobayashi and Tang [2] have mod­

eled the magnetic recording process as a partial-response communication channel [3] 

[4]. Calderbank, Heegard and Lee [5] have suggested a method of designing codes 

for channels with intersymbol interference, while Fredrickson and Wolf [6] have intro­

duced various coding techniques using multiple block (d, k) codes. However, many of 

the techniques which have been successfully implemented in communication channels 

have not yet found their way into magnetic recording systems. 

Much of the recent work in magnetic recording research has been focused on 

increasing the storage capacity, that is, the amount of data that can be stored in a 

unit area of a magnetic media. This can be achieved by increasing the linear density 

(i.e., the number of bits per inch along a track) and/or by increasing the density of 
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the tracks (i.e., the number of tracks per inch). All of this must be done without 

sacrificing the reliability of the retrieved data. 

Although the storage capacity of digital recording on magnetic media has been 

steadily increasing over the last decade, most of these gains have been achieved by 

means other than coding and modulation. Improved magnetic heads, media technol­

ogy, actuator, and tracking systems have been some of the methods used to achieve 

these increase [7]-[9]. Despite the fact that researchers believe that advanced coding 

techniques have tremendous potential for providing further improvements in data 

transfer rate, storage capacity, and reliability of data storage systems [10]—[13], the 

possibility of increasing the storage capacity even further by using multi-track mod­

ulation techniques seems to have been over-looked until the birth of two-dimensional 

modulation codes [14]. 

With two-dimensional modulation codes, several tracks are encoded, written, and 

read in parallel. Since encoding each track independently is a special case of encoding 

multiple tracks in parallel, it is clear that the maximum achievable storage capacity 

will not be decreased by this method. In fact, storage capacities that are significantly 

greater than those obtainable by systems that operate on each track individually can 

be achieved. 

Two-dimensional modulation codes are motivated by, and should prove to be 

very useful for, magnetic tape recording where multiple tracks are written and read 

in parallel and self-clocking is desired at the same time. We shall concentrate on 
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magnetic recording channels in which signals are modulated two-dimensionally. As a 

result, the detector must be able to perform the decision process on multiple tracks in 

parallel. This implies that timing information hits to be recovered from these tracks 

as a whole. 

Generally, symbol timing or synchronization is concerned with the problem of 

determining a clock for periodically sampling the received signal for the purpose of 

recovering the transmitted information. There are two important factors that must 

be considered in implementing a coherent communication system requiring symbol 

synchronization. First, it is necessary to maintain a high efficiency in the data de­

tection process; inaccurate symbol synchronization directly reduces the probability 

of making correct decisions. Second, for a given amount of power available for trans­

mission of data, the synchronization scheme should require as little of this power as 

possible. 

There are two schools of thought with regard to providing symbol synchronization. 

One approach is to transmit a clock signal along with the information-bearing signal, 

in multiplexed form, to the receiver. There are at least two major drawbacks with 

this approach. One is that a portion of the transmitter power is allocated to the 

transmission of the clock signal. A second disadvantage is that the two signals must 

be adequately separated at the receiver so that the clock signal does not interfere with 

the demodulation of the information-bearing signal and vice versa. An alternative 
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approach is to derive the clock signal from the information-bearing signal. We confine 

our attention to the latter. 

Before going into the details of our research, a review of the principles of run-

length-limited codes, magnetic recording, timing recovery, two-dimensional modula­

tion codes, and phase-locked loops is given in Chapter 2. Chapter 3 presents a method 

to make sure that signals from neighboring tracks are time-synchronous, while Chap­

ter 4 is devoted to the discussion of the timing recovery scheme actually employed 

in our study. At the end of that chapter, simulation results are presented to illus­

trate the sensitivity of the system to noise. Also, the performance of a double-track 

system is compared with that of a traditional single-track system and the results are 

graphed. Finally, Chapter 5 serves as a summary. 
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CHAPTER 2 

Background 

2.1 The Digital Magnetic Recording Channel 

2.1.1 System Development 

The notion of treating the magnetic recording process as a communication channel 

is not a new one. This process essentially consists of two distinct operations; data 

writing and data reproduction (read-back detection) [15]. Figure 2.1 shows a general 

block diagram of such a system. 

The source generates binary sequences which are to be recorded. Since uncoded 

binary symbols generally are not suitable for direct storage, source sequences require 

MODULATION 
ENCODER 

WRITING 
CURRENT 

DRIVER 

WRITING 
HEAD SOURCE 

i MAGNETIC ! 
1 SURFACE • i i 

«(0 MODULATION 
DECODER 

READING 
BEAD 

DESTINATION 
SYNCHRONIZER 

DETECTOR 

Figure 2.1: A general digital magnetic recording system. 
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transformation into new sequences which are suitable for storage in the media. The 

modulation encoder fulfills this requirement by mapping the source sequences into 

new binary sequences chosen to inhibit intersymbol interference while ensuring that 

synchronization can be maintained. 

One of the major characterizing features of storage systems, which differentiates 

them from conventional communication systems, is their operation mode. The writing 

current driver generates current pulses which induce a magnetic field in the writing 

head to record the information on a magnetic surface in the form of polarity changes. 

The reading process is the opposite of the writing process. When it comes to data 

reproduction, the entire mechanism discussed above is reversed by the reading head, 

synchronizer, detector, and modulation decoder. In the following subsections, we 

review these ideas in a more in-depth fashion. 

2.1.2 Run-Length-Limited (RLL) Codes 

Most magnetic storage devices in use today employ saturation recording to store 

data, this means that binary data is written on a track by magnetizing the media in 

one of two (opposite) directions. The transition between two adjacent areas, magne­

tized in opposite directions, is called a flux change. For this thesis, we assume that 

non-return-to-zero-inverse (NRZI) encoding method is used, so that a 1 is represented 

by a flux change and a 0 is represented by no flux change. Generally, considerations 
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such as self-clocking and reduction of intersymbol interference require that the se­

quences to be recorded have special binary properties called channel constraints. 

A constraint on the minimum distance between flux changes is necessary to control 

intersymbol interference. On the other hand, a constraint on the maximum distance 

between flux changes is needed to ensure that the read-out waveform contains enough 

transitions to recover timing information [16]. In order to fulfill these channel con­

straint requirements, the modulation encoder maps the source sequences into code 

sequences by employing run-length-limited (RLL) codes. These codes were pioneered 

by Franaszek [10] in the late 1960's. One particular variant of RLL codes is char­

acterized by two parameters (d,k), which represent, respectively, the minimum and 

maximum number of '0' symbols between consecutive '1' symbols. 

The problem faced by the coding theorist is the construction of a simple, efficient 

correspondence, or code mapping, between the arbitrary binary strings that a user 

might want to store on a magnetic disk and the (<f, k) constrained code strings which 

the modulation decoder can more easily recover correctly. We now give the term 

"efficient" quantitative meaning by introducing a third important code parameter, 

the code rate. 

The conversion of arbitrary strings to constrained ( d , k )  strings can be accom­

plished as follows [17]. Pick a code word length n and list all concatenable strings 

of length n which satisfy the (d, k) constraint. If there are at least 2m such strings 

(or code words), assign a unique code word to each of the 2m possible binary input 
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words of length m. This kind of code mapping is commonly referred to as a block 

code. The ratio, m/n, of input word length m to code word length n is called the 

code rate. Clearly, there are only 2n unconstrained binary strings of length n, and 

there can be no more than this number of constrained code words. Therefore, the 

rate must satisfy m/n < 1. Also, there is a maximum achievable rate, called the 

Shannon capacity C(d, k), which we now discuss. 

Shannon [18] proved that, as the code word length grows, the number of con­

s t r a i n e d  c o d e  w o r d s  a p p r o a c h e s  2 C n  f r o m  b e l o w ,  f o r  s o m e  c o n s t a n t  C  =  C ( d ,  k )  

which depends on the code constraints. This result implies that the rate m/n of any 

code mapping for that constraint must satisfy m/n < C(d,k). Roughly speaking, 

a code is called efficient if the rate m/n is close to C(d,k). Shannon's proof also 

showed that a block code is possible at any rate m/n < C(d,k), provided that long 

enough code words are used. 

When using a ( d , k )  code, the minimum distance between flux changes is d + 1 code 

b i t  intervals. Hence, we can write these digits on a track at a density of (d+ l)F code 

bits per inch without violating the condition that there will be no more than F flux 

reversals per inch. This suggests that we can increase the recording capacity by a 

factor of d + 1 with (d,k) codes. Unfortunately, this is not the case since the average 

number of source bits per code bit is upper bounded by C(d,k) < 1. The maximum 

possible recording capacity is thus (d+ \)FC{d, k) in units of source bits/inch where 

d, k, and F are fixed constants defined by the channel. Hence, for a given channel, 
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Figure 2.2: A (1,3) finite-state transition diagram. 

the maximum possible storage capacity depends only on the capacity of the code. It 

i s  t h e  t a s k  o f  t h e  d e s i g n  e n g i n e e r  t o  f i n d  a  c o d e  a t  a  r a t e  c l o s e  t o  t h e  c a p a c i t y  C ( d ,  k ) .  

One can employ a finite-state transition diagram (FSTD) in order to conveniently 

represent the binary strings satisfying the (d, k) constraint. In general, it is a dia­

gram in which each of the meaningful past histories of the channel inputs are dis­

tinguished by a node called a state. We imagine a number of possible states labeled 

So, Si,..., Sk• Each state corresponds to one or more of the possible patterns that 

the recent input sequence has passed through. Loosely, we say that the channel is in 

one of these states, but to be precise, we must say that the channel input history is 

in that state. Paths in the graph show how the state may change with time. 

For each state, only certain symbols from the set {0,1} may be transmitted next. 

At each point in time, one of the allowed input symbols is transmitted and the channel 

moves to a new state, depending both on the old state and on the particular symbol 

transmitted. Figure 2.2 shows an FSTD for an RLL code with (<f, Ar) = (1,3). In 

this figure, state Sj denotes that j 0's have occurred since the most recent 1. Hence, 

when the system is in state So, a 0 must be the next symbol transmitted to satisfy 

the d — 1 constraint. In this case, the next state is Si where either a 1 or a 0 
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may be transmitted to cause a transition to either state So or S2, respectively. The 

transitions from the other states are easily deduced in the same way. 

The capacity C ( d , k )  of the RLL ( d ,  k )  constrained channel is directly related to 

the structure of the FSTD. The state transition matrix T associated with the FSTD 

with states So,-..,Sk has elements given by Uj, which is the number of arrows in the 

FSTD starting in state S; and ending in state Sj. For the (d, k) = (1,3) case, 

T  =  

r 0 1 0 0 
10 10 
1 0  0  1  
1 0  0  0  

The capacity C ( d , k ), in units of source bits per code bit, was shown by Shannon to 

be 

C ( d ,  k )  = log2 A (2.1) 

where A is the largest eigenvalue of T .  In the (1,3) case, A « 1.465, so that C ( d ,  k )  ss 

0.5515. Hence, any code with rate close to 0.5515 can be considered efficient. 

2.1.3 The Writing and Reading Process 

Once the source sequences are encoded, they are ready to be processed by the 

writing current driver which creates a magnetic field to record the information on the 

magnetic media. In Figure 2.1, i(t) is the writing current generated by the writing 

current driver, m(t) is the magnetization pattern created by the writing head, and 

w(t) is the read-back voltage which is proportional to the time derivative of the 

magnetic flux through the read transducer's core. 
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Input data 0 0 1 0 0 0 1 0 1 0 1 0 0  

Writing current i(t) 

Magnetization pattern m(t) 

Read-back voltage w(t) A. 

Figure 2.3: The waveforms at various stages for NRZI encoding method. 

The writing current waveform is constant in magnitude and alternates in polarity. 

The reading head output voltage for a step change in writing current is a pulse. 

Since a writing current waveform is composed of a succession of alternating step-like 

changes in current, the associated output voltage waveform will inherently consist of 

an alternating pulse sequence. Relationships among a sample of coded binary data, 

i(t), m(t), and w(t), for NRZI encoding method, are illustrated in Figure 2.3. 

A digital storage system is fundamentally characterized by its step response g ( t ) .  

It plays the same role in magnetic recording systems as the impulse response does 

for conventional linear systems. The output voltage response of the read circuit, due 

to a step input current to the write circuit, is a voltage pulse which can be modeled 

by a Lorentzian pulse. This pulse is given by 

1 
(2.2) 
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0(t)(V) 

Figure 2.4: A Lorentzian pulse. 

where T50 is referred to as the pulse width at half amplitude. Figure 2.4 shows an 

isolated Lorentzian pulse. Justification for the use of the Lorentzian pulse comes 

from the fact that it is the derivative "of the arc-tangent function, which has been 

widely accepted as a good representation of the magnetization distribution in an 

isolated transition region [19]. 

Clearly, the shape and amplitude of the read-back pulse is very important to the 

recovery of the recorded data. At low bit densities the output pulses are resolved 

with no difficulty. As the density of the recorded bits is increased, several problems 

are encountered. The first is the reduction of amplitude of read-back pulses as a 

result of intersymbol interference. The second problem, which imposes the most 

severe limitation on the performance of digital magnetic recording systems, is the 

peak-shift problem. Peak-shift is defined as the outward displacement of the peaks 

of the read-back signal when there are two successive flux reversals preceded and 

f o l l o w e d  b y  n o n r e v e r s a l  s i t u a t i o n s  [ 2 0 ] .  A t  t h i s  p o i n t  t h e  n e c e s s i t y  o f  t h e  u s e  o f  ( d , k )  

codes to ensure that flux reversals are sufficiently separated should be obvious. 
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2.2 Timing Recovery 

2.2.1 Problem Statement 

In coherent digital communications, accurate synchronization of the transmitter 

and receiver timing is a necessity. Timing information is typically supplied to a 

receiver in one of two ways: 1) by transmission of a reference signal with the in­

formation waveform, or 2) by derivation of synchronization information to generate 

a local clock from the incoming waveform itself. Generally, the first represents a 

means of simplifying receiver hardware at the cost of increased transmitter power. 

The second is used where transmitter efficiency is of prime importance and receiver 

complexity of secondary concern. 

In magnetic recording, signals are read from a magnetic media using the usual 

type of read heads. A flux reversal on a track causes a pulse at the output of the 

reading head. A detector circuit must decide on the presence or absence of a pulse 

for each time interval that may contain such a pulse. Therefore, an accurate timing 

circuit is required as part of the detector. In order to guarantee that there is a steady 

stream of pulses from which timing can be derived, we must ensure that there is not 

a long period of time during which there are no output pulses. Again, this justifies 

the use of (d,k) codes. 

In general, the signal read from the magnetic tape can be expressed as 

"KO = ]C ak9-kT-r) + n(t) (2.3) 
k 
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"(0 Hard 
Limiter Rectifier PLL •  c ( t )  

Figure 2.5: A peak detection synchronizer. 

where g ( t )  is the Lorentzian pulse, T  is the code bit period, n ( t )  is a white Gaussian 

noise process contributed by the read/write electronics, and ajt takes on values — 1, 

0, or 1, corresponding to a negative-going transition, no transition, or positive-going 

transition of i(t), respectively. Notice that w(t) contains a constant r. This constant 

is the (unknown) time-shift of the writing head time axis relative to the reading head 

time axis. In order to retrieve the information a*, we typically sample the recorded 

signal every T seconds at the instants when the amplitude of the pulse is maximum. 

The knowledge of timing information required to accomplish this can be achieved by 

using a synchronizer. 

2.2.2 Synchronization by Peak Detection 

In a magnetic recording system, it is essential to have timing information indi­

cating the proper time instants to operate the sampling device which samples the 

recorded signal, and the timing error must be held to a small fraction of the pulse 

repetition interval for satisfactory performance. A timing recovery scheme frequently 

used for magnetic recording is based on peak detection [21]. Figure 2.5 shows a mech­

anism which converts input signals into a clock signal with zero-crossings occurring 

at the proper sampling instants. 
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Assuming that NRZI encoding method is used, the input signal w ( t )  can be de­

fined by (2.3). This signal is then rectified and differentiated. The output of the 

differentiator is a signal whose negative-going zero-crossings are indicators of mag­

netic transitions. The positive portions of this signal are suppressed to zero by the 

hard-limiter with the characteristic as shown. The resulting signal has negative-

going square pulses corresponding to l's in the original code sequence. At this point 

a phase-locked loop (PLL)1 is used to generate a sinusoidal timing wave, which is 

in turn hard-limited to form a square wave clock c(t) to provide the detector timing 

information to recover the code sequence. 

2.2.3 Synchronization by Nonlinearity 

The schemes utilizing peak detection are commonly used for derivative equaliza­

tion channels. For waveform restoration channels, a practical and popular method 

is the square-and-filter approach which produces a "timing wave" which ideally has 

some periodic attribute, such as uniformly spaced zero-crossings [21]. 

It is possible that the timing circuit might be simply a narrow-band filter tuned 

to a harmonic of the pulse repetition frequency. This scheme works in the situation 

where the signal has discrete spectral components. This situation occurs only when 

the data sequence has a nonzero mean value and the Fourier transform of the data 

pulse shape does not vanish at some multiple of the pulse repetition frequency [22]. 

In general, it is often desirable to design a system where neither of these conditions 

'The principles of the PLL will be reviewed at the end of this chapter. 
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Figure 2.6: A symbol timing recovery circuit for baseband PAM signal. 

hold in order to meet power and bandwidth requirements. It has been recognized 

that the above scheme will still work if a square-law device is inserted before the 

narrow-band filter [23]. 

From (2.3), we see that the output of the reading head can be treated as a PAM 

signal. This suggests that a reasonable approach to timing recovery is the square-

and-filter method which has been widely used in PAM systems. In the discussion to 

follow, we shall first study the noise-free case for ease of terminology and notation. 

The effects of additive noise will be studied in Chapter 4. 

Figure 2.6 shows a general square-law symbol timing recovery circuit. For 

simplicity, we assume that no equalization or prefiltering is done so that with an 

uncoded data sequence, the input signal to the square-law device is given by 

w(0 = ~ kT -t) (2.4) 
k  

where <Zfc is a zero-mean stationary sequence with independent elements in{—1,0,4-1} 

and g(t) is the signaling pulse. We assume that g(i) is so defined that the best 
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sampling instants are at t  =  k T +r. The objective here is to recover a good estimate 

of r. 

It is easily shown that w ( t )  is a zero-mean cyclostationary process with no periodic 

components present. However, the output of the square-law device can be interpreted 

as a new signal with modified pulse shape and a new pulse amplitude sequence which 

has a nonzero mean value. Since £[afcam] = 0 for k ^ m, 

£[u;2(*)] =  E  E [ a k a m ] g ( t  -  k T  -  r ) g ( t  -  m T  - r) (2.5) 
k  m  

=  k T  - t )  ( 2 . 6 )  
k  

where <r^ = E [ a l ] .  Using the Poisson Sum Formula [24] 

(2.7) 

where b ( t )  and B ( f )  are a Fourier transform pair, we can express (2.6) in the more 

convenient form of a Fourier series whose coefficients are given by the Fourier trans­

f o r m  o f  g 2 ( t ) ,  

= (2.8) 
1  I  

where 

i4' = /-lG(?:~A)G(A)<W (2.9) 

and G ( f )  is the Fourier transform of g ( t ) .  

Now if the data pulse has a bandwidth in excess of the minimum required band­

wi d t h  o f  1 / ( 2 T ) ,  t h e n  £ [ u > 2 ( / ) ]  h a s  p e r i o d i c a l l y  v a r y i n g  c o m p o n e n t s  d u e  t o  t h e  1 ^ 0  

terms in (2.8). If the bandwidth in excess of the minimum required bandwidth is less 
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than 100%, then G ( f )  = 0 for |/| >  1 / T  [25]. This means that E [ w 2 ( t )] contains a 

sinusoidal component at a frequency of 1/T. This suggests that an effective timing 

recovery circuit can be implemented by the previously discussed square-and-filter ar­

rangement, where the center frequency of the narrow-band filter is tuned to the pulse 

r e p e t i t i o n  f r e q u e n c y ,  1 / T .  

Due to the nonzero phase of any implementable narrow-band filter, there is an 

offset in the zero-crossings of the timing wave from the desired sampling instants, 

which must be compensated for by the clocking circuitry. After proper adjustment, 

the positive-going zero-crossings of z(t), the filtered timing wave, can be used as indi­

cators of the proper sampling instants for the detector to recover the code sequences. 

2.3 Two-Dimensional Modulation Codes 

In existing magnetic tape recording systems, each track is encoded independently 

with the same run-length-limited modulation code being used on each track. The 

idea of two-dimensional modulation codes was recently introduced by Marcellin and 

Weber [14]. With two-dimensional modulation codes, multiple tracks are encoded 

simultaneously. 

With this technique, it is possible to achieve substantial increase in storage capac­

ity. The reason for this is that the clocking constraint k can be somewhat relaxed. 

The d constraint must be satisfied in each track independently to avoid intersymbol 

interference, however, the k constraint can be satisfied in a "joint" manner. Since 
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multiple tracks are read out in parallel, it is not necessary for each track to provide 

complete clocking information as long as timing information can be recovered from 

some subset of the tracks being read. 

As an example, consider grouping tracks into pairs and designing a single two-

dimensional modulation code that will be used for each pair of tracks. The code 

must be designed to satisfy the d constraint in each track, but the k constraint can 

be satisfied in a joint manner. That is, there should not be more than k code bit 

intervals during which both tracks contain a 0 bit simultaneously. This requirement 

will ensure that no more than k code bit intervals pass without a transition in at 

least one track of the pair. 

As a specific example, consider a two-dimensional (1,3) code for a pair of tracks. 

In each track there should be at least one 0 between consecutive l's. Also, if the two 

tracks are logically "OR"ed together bit-by-bit, the resulting sequence should have 

no more than three O's between consecutive l's. An example of a pair of sequences 

satisfying the two-dimensional (1,3) constraints is shown below. 

Track 1 001010000000100100101000 

Track 2 010000010001010000000001 

Each sequence satisfies the d = 1 constraint independently, but neither sequence 

satisfies the k = 3 constraint. However, the sequences satisfy the constraint (as a 

pair) that no more than three bit intervals should occur without a 1 in at least one 

of the sequences. 
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Figure 2.7: A finite-state transition diagram for the two-dimensional (1,3) code. 

We now derive the capacity of a system satisfying the two-dimensional (1,3) con­

straints described above. Following the formulation of Blahut [17], we derive an 

FSTD representing all possible code sequences. Such a diagram is shown in Fig­

ure 2.7. In this figure, the state transitions are labeled with output bit pairs of the 

code. The first bit of each pair specifies the code bit for track 1 and the second bit 

specifies the code bit for track 2. As an example, consider the state labeled S4. Close 

examination of this state will show that the previous code bit pair was 01. Clearly, 

the next code bit pair must be either 00 or 10. If the next code bit pair were 01 or 

11, there would be two consecutive l 's in the second track which would violate the d 

constraint. Hence, only two arrows leave state S4; one labeled 10 and one labeled 00. 
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The state transition matrix for the FSTD of Figure 2.7 is given by 

T = 

0  1 0  1 1 1  
0  0  1 1 1 1  
0 0 0 1 1 1 
1 0 0 0 1 0 
10 0 10 0 
1 0 0 0 0 0 

and the capacity is C*2(l, 3) « 1.360 where the subscript 2 indicates that the capacity 

is per pair of tracks. The improvement in storage capacity of this scheme over one in 

which a (1,3) code is used independently for each track is given by 

Ci"2C(i,2r3ixioo%KMK 

One can see that this scheme yields a better storage capacity, and it should be obvious 

that the efficiency can be further improved by encoding more than two tracks in 

parallel. 

The capacity for a very specific example of a two-dimensional modulation code 

was given to demonstrate the potential to increase the storage capacity. This example 

was concerned with encoding data in a manner such that timing information could 

be derived from any pair of tracks. In [14], capacities are derived for arbitrary (d,k) 

constraints for recording n tracks in parallel. 

2.4 Phase-Locked Loops 

As mentioned in previous chapters, with two-dimensional modulation codes, mul­

tiple tracks are encoded simultaneously. Therefore, when it comes to detection of 

these tracks, the detector must be able to handle multiple tracks in parallel. In other 
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Figure 2.8: A general structure of a phase-locked loop. 

words, timing information has to be recovered by some kind of operation which is 

able to take care of more than one track at a time. A practical way to attack this 

problem is by using a weighted sum of these tracks to extract timing information. 

This is possible because a weighted sum of these PAM look-alike signals is just an­

other PAM signal, provided that signal transitions occur at the same time. Clearly, 

we need a way to make sure that these tracks are in phase before any timing recovery 

scheme takes place. 

The idea of how to align the transitions of these tracks is inspired by the principle 

of the phase-locked loop (PLL). Figure 2.8 shows a basic PLL. It is a feedback 

system which consists of a voltage-controlled oscillator (VCO) (which is a sine-wave 

generator whose frequency is determined by a voltage applied to it from an external 

source), and a phase comparator (which consists of a multiplier and a low-pass filter). 

The basic aim of a PLL is to lock or synchronize the instantaneous phase of the VCO 

output to the instantaneous phase of the input signal. For this purpose, the PLL 

must perform phase comparison. 
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We assume that initially we have adjusted the VCO so that when the control 

voltage v2(t) is zero, the frequency of the VCO is precisely set at /c, the nominal 

frequency of the input signal. Suppose that the input signal applied to the PLL is 

defined by 

V i n (t) = A in  cos(2tt/c< - 6 in) (2.10) 

where Ain and 0,n are the amplitude and the constant phase of the signal, respectively. 

Also, let the VCO output be defined by 

t>0(<) = j40cos(27r/ci — 0O(<))- (2.11) 

With a control voltage u2(0 applied to the VCO input, we have 

60(t) = 2irk0 f t>2(t)dt (2.12) 
Jo 

where k0 is the frequency sensitivity of the VCO. The incoming v,-n(/) and the VCO 

output v0(t) are then applied to the multiplier, producing a high frequency compo­

nent given by (l/2)kmAinA0 cos(Airfct — 0,n — 0o(t)), and a low frequency component 

given by (\/2)kmAinA0 cos(0in — ^o(0)i where km is the multiplier gain. The high 

frequency component is eliminated by the low-pass filter. Therefore, discarding the 

high frequency component, the input to the low-pass filter is given by 

ui(*) = ^mAinA0cos(e(<) -90°) (2.13) 

= !fcmj4»i4osin(e(<)) (2.14) 



32 

where e(t) = 0,n — 60(t) + 90°. We interpret e(t) as the phase error, which is a critical 

parameter in a PLL. The low-pass filter then operates on v\(t) to produce the output 

v2C0 = / vi(\)h(t — X)d\ (2.15) 
J— OO 

where h(t) is the impulse response of the filter and v2(t) is applied to adjust the 

frequency of the VCO output for continuous phase comparison. 

For example, suppose we have a situation in which «,•„(<) is leading v0(t) by less 

than 90 degrees; in other words, 0 < 60(t) — 0,n < 90°. This implies that e(<) is 

positive and will generate a positive t>i(£) which will in turn generate a positive v2(t). 

Notice that from (2.12) a positive v2(t) will result in an increasing 0o(t) and thus a 

decreasing e(<). A similar analysis shows that, if v0(t) is leading u,„(<) then c(t) < 0, 

which yields negative values for vi(2) and v2(t), which in turn results in a decreasing 

0o(t) and an increasing e(t). Thus, the PLL will drive B0(t) toward the "locked" 

condition of e(t) = 0, provided that the initial value of |0o(O — ^m| is less than 90°< 

After studying the principles of the PLL, we see that its main characteristic is the 

ability to drive the phase difference between two signals to a predetermined value and 

lock the phase once this is achieved. The problem of track alignment we discussed 

previously is basically a matter of phase synchronization. Hence, the idea utilized by 

the PLL will be carried over. 
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CHAPTER 3 

Track Alignment 

3.1 System Operation 

For ease of terminology and notation, we shall consider only two tracks w\ (t) 

and w2(t) with phases 6i and 02, respectively. However, it should be clear that the 

discussion to follow can be extended to multiple tracks in parallel. 

We are going to achieve track alignment by operating on deterministic preambles 

of these two signals. The argument here is that once the preambles are in phase, the 

rest of the tracks with random data will also be in phase. It is obvious at this point 

that we are assuming that the phase offset between these two signals is constant 

everywhere. 

The actual code bit period T is an unknown to the synchronizer, but the nominal 

code bit period T' and its tolerance a are known. The circuit which is used to align 

the transitions of these tracks is designed in a way so that a fixed but unknown code 

bit period is allowed as long as the phase offset between wi(t) and W2(t) is less than 

or equal to Tv0 — (d + 1 )(T' — a)/2, where we assume that and u>2(<) satisfy 

(d, k) constraints. 
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The circuit which is used to align the transitions of the tracks is shown in Fig­

ure 3.1. tui(t) and w2(t) are deterministic preambles which can be written as 

v>i(t) = £}akff(t - kT-6x) (3.1) 
k 

^(0 = ^2akg{t-kT-62) (3.2) 
k 

where a* takes on alternate 1 and —1 separated by d 0's and g(t) is the Lorentzian 

pulse. Phase synchronization is achieved by passing W2(t) through a variable delay 

element. If W\(t) is initially lagging W2(t), we can always delay Wi(t) until they are 

in phase. What if wi(t) is initially leading u;2(0? Since there is no such thing as a 

negative delay, it is impossible to shift in the negative direction to align the 

transitions. This problem can be solved by initially delaying W\(t) by a fixed amount 

Tpj = (d+ 1 )(T" + a)/2, which is slightly bigger than the assumed maximum offset 

s o  t h a t  £ i ( < ) ,  t h e  d e l a y e d  v e r s i o n  o f  W i ( t ) ,  w i l l  a l w a y s  b e  l a g g i n g  u > 2 ( t ) .  

Our next task is to delay W2(t) by an appropriate amount. As mentioned above, 

this is achieved by using a variable delay element whose delay is a function of the 

input voltage u(J) which is assumed to be zero initially. The characteristic of such a 

device is shown in Figure 3.2. The linearity shown is actually not a necessity. The 

characteristic curve can assume any shape as long as it is monotonic increasing from 

0 to 2Tpj with y-intercept at Tpj. The reasons for these specifications will become 

clear shortly. 

The delayed versions of W i ( t )  and w 2 ( t )  can be expressed as 

x j ( i )  =  w i  ( t  —  T p f )  
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Figure 3.1: The circuit for track alignment. 
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r ( t )  

Figure 3.2: The characteristic of the variable delay element. 

= (3.3) 
k 

and 

x2(t) =  W 2 ( t - T ( t ) )  

= (* - OT - fc(t)) (3.4) 
k 

where 

^ = rp/ + 0, (3.5) 

and 

<A2(0 = T(0 + ̂ . (3.6) 

Our goal is then to alter r ( t )  until synchronization between X \ ( t )  and x 2 ( t )  is achieved. 

In other words, our task is completed when <f>2(t) = <f>i-

In order to generate a sinusoidal signal for the purpose of phase comparison, all 

harmonic components (except the fundamental) are removed from X\{t) and x2(t) by 
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(identical) low-pass filters to yield 

7(t) = A cos (2irfct — fa — 6) (3.7) 

and 

fl(t) = A cos (2txfct — fa(t) — 6) (3.8) 

where S is the phase and A is the amplitude of the low-pass filters at frequency 

fc = 1/(2(d + 1 )T). Since a traditional PLL locks the phase when the reference 

signal is 90 degrees ahead of the other, and we are interested in a zero phase difference 

between ii(tf) and x2(<), a 90-degree phase-shift is introduced into f3(t) to obtain 

(3'(t) = A sin (27xfct - <f>2(t) -  6). (3.9) 

The output of the multiplier can be expressed as 

y(t) = ^A2 [sin (<f>i - <j>2{t)) + sin (4irfct -fa- fa(t) - 25)]. (3.10) 

Again, since it is only the phase difference that we are interested in, another low-pass 

filter is used to get rid of the high frequency term to yield the control signal 

v'(t) = ̂ A2sin(fa - fa(t)). (3.11) 

Instead of using a VCO as in a traditional PLL, a combination of an integrator and a 

variable delay element is used at this point. The integrator performs the function of 

generating a signal v(t) whose nature (increasing, decreasing, or constant) depends 

on the sign (positive, negative, or zero) of v'(t). v(t) is then applied to the variable 

delay element to adjust the delay for ^(O-
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As an example, suppose x i  ( t )  is initially lagging ( t ) .  Then < j > \  is larger than 

^(0 which yields, by (3.11), a positive value of v'(t) and hence, an increasing u(2). 

This causes r(t) to increase which in turn increases ^(0 (see (3.6)). Similarly, if 

^2(0 > <f>it then v'(t) < 0 which causes a decrease in v(t), r(t), and <j>2(t)- Finally, 

if <f>2{t) = <f> 1, v'(t) = 0 which results in v(t), r(<), and ^(0 remaining constant, as 

desired. The behavior of the circuit is summarized as follows: 

< j > 2 ( t )  <  < f > l  = >  v ' ( t )  >  0 
=>• v(t) gets bigger 
=• <f>2(t) gets bigger 

<fo(0 = 4>\ => V(t) = 0 
=$• v(t) stays the same 
=> <f>2(t) stays the same 

< t > 2 ( t )  >  4 > \  = >  v ' ( t )  <  0  

=>• v(t) gets smaller 
=» ^2(0 gets smaller. 

3.2 Example 

An easy way to further understand how the system operates is to examine a specific 

example. For the following demonstration, we assume that deterministic preambles 

of wi(t) and u>2(<) which satisfy a (1,3) constraint are used. Thus a* will take on 

alternate 1 and —1 separated by one 0. A Lorentzian pulse with T$0 =1.0 second is 

chosen to be the step response, along with a code bit period of T = 1.0 second and 

a tolerance of 10%. This yields a pulse density of 1.0 code bit/Tso. 
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Figure 3.3: The input signals. 

Let us assume that (t) is initially leading wi(t) by an amount equal to the 

maximum allowable offset, which is Tpo = 0.9 seconds. Figure 3.3 is a graph of these 

two signals for the first 8 seconds of operation. At time zero, u;i(<) and iy2(0 

are delayed by TPf = 1.1 seconds to obtain ii(f) and x2(0 35 shown in Figure 3.4. 

Each of these signals is fed into a low-pass filter to generate sinusoidal waves of the 

same frequencies for the purpose of phase comparison. (i(t) is further delayed by 90 

degrees to make sure that the phase of xj(<) will be locked when the phase difference 

between £i(2) and x2(t) is zero. 

Figure 3.5 shows the inputs and output of the multiplier. The signal v'(t) in 

Figure 3.6 is obtained by low-pass filtering y(t). The curve for v'(t) crosses the time 

axis at about the 47th second. At this point, the delay generated has become too 

large. As mentioned before, a negative v'(t) causes the integrator and the variable 

delay element to reduce the delay and eventually, the phase difference is driven to 
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Figure 3.5: The inputs and output of the multiplier. 



41 

ww (V) 
0.15 t-

0.10 -

0.05 -

0.00 
70.0 (0.0 90.0 100.0 10.0 20.0 30.0 

Figure 3.6: The output of the low-pass filter. 

zero. A graph of v(t) is shown in Figure 3.7. The curve is increasing until the time 

when v'(t) goes negative, then it starts to decrease to reduce the corresponding delay. 

Notice that the curve stays constant as soon as the tracks are in phase. 

We conclude this chapter with a graph of the control signal v'(t) for different 

initial offsets. In Figure 3.8, one can see that as long as the phase offset is within the 

assumed range, the system drives the phase difference to zero. 
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CHAPTER 4 

Performance of Timing Recovery Scheme 

Chapter 3 presented a method to align the transitions of two tracks during periods 

when known data sequences are read, such as during part of a preamble of a data 

packet. In this chapter, a timing recovery scheme for the resulting time-synchronous 

PAM look-alike signals will be presented. We shall employ the symbol timing recovery 

circuit discussed in Chapter 2. 

4.1 Synchronizer Circuit 

Figure 4.1 shows a diagram of the synchronizer used in our study. Xj(<) and 

x2(t) are signals whose transitions are aligned, and ni(*) and n2(<) are independent 

white Gaussian noise processes. The corrupted signals are multiplied by two different 

constants aj and 02. We have chosen a\ = 1 and 02 = 2 to make sure that the sum 

BPF 6(<) >\ sgn(-) 

Figure 4.1: The square-and-filter synchronizer. 



44 

Amplitude (V) 

2.00 r-

*.(«) 
MO 

1.00 -

0.00 2< -*+*• Time (S) 

-1.00 -

-2.00*-

Figure 4.2: The input signals and timing wave. 

will not be zero even when one signal is the exact opposite of the other. This ensures 

that the summing process does not destroy the self-clocking capability provided by 

the (d, k) code. 

The signal a(t) can be considered as a new PAM signal on which a square-and-

filter timing recovery scheme is employed. Finally, a hard-limiter is used on the 

timing wave b(t) to create a square-wave clock. The BPF in our simulations was 

phase compensated so that the positive-going transitions of b(t) correspond to the 

ideal sampling instants. Figure 4.2 shows two input signals (each encoded using the 

Modified Frequency Modulation (MFM) code, as described in the following subsec­

tion), and the resulting timing wave. 
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Table 4.1: Code rules for the Modified Frequency Modulation codes. 

Source bits Code bits 
1 01 

(1)0 00 
(0)0 10 

4.2 Simulation Results 

Often communication systems are too complicated to analyze completely by using 

only analytical techniques. In these cases, digital computer simulations are used to 

provide a practical approach to system design and analysis. 

Since uncoded signals are very vulnerable to intersymbol interference and timing 

jitter, they are seldom directly recorded on magnetic media. In our simulations, the 

Modified Frequency Modulation (MFM) code [26] is employed to encode the original 

source sequences individually, so that we can get an idea of deterioration due to 

having the synchronizer recover timing information from multiple tracks. The MFM 

code is a (1,3) code. Each source bit is separately encoded as two code bits. The 

specific code rules are listed in Table 4.1. A 1 is encoded as 01 while a 0 is encoded 

as 00 or 10, depending on whether it is preceded by a 1 or a 0. For example, the 

source sequence 1010011 will be encoded to become 01000100100101. 

xi(t) and £2(0 are then generated directly as the superposition of time-shifted 

versions of the step response given by 

X i (t) = '£^ ig(t-kT- T )  (4.1) 
k  
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where the random sequence a*. takes on values of —1, 0, and +1 (alternating +1, 

—1 for code bits taking a value of '1' and 0 for code bits taking a value of '0'). The 

code bit period T is chosen to be 1.0 second and we perform our simulations using 

sampled versions of all signals with a sampling frequency of 100 Hz. This value was 

chosen so that timing errors could be measured very precisely. Each simulation was 

performed using 25,000 source bits (50,000 code bits). 

In the results to be described, relative root-mean-square (RMS) timing jitter is 

compared against signal-to-noise ratio (SNR) for different recording densities mea­

sured in code bits per T50. The relative RMS timing jitter is the ratio of the square 

root of the average value of (r — f )2 to the code bit period T, and the SNR is defined 

by 

SNR=101og,„^ (4.2) 

where Ea is the average energy per code bit and N0 is twice the (two-sided) power 

spectral density of the noise. 

A performance comparison is made between the traditional timing recovery scheme 

(single-track) and our proposed scheme (double-track) in Figure 4.3. This figure plots 

relative RMS timing jitter versus SNR for a system operating at 0.5 code bits/T5o 

and reveals the fact that we are indeed paying a price by having the synchronizer 

recover timing information from multiple tracks in parallel. This is because the 

signal a(t) fed into the square-law device looks like a 7-ary PAM signal (taking val­

ues in (—3, —2, —1,0, +1, +2, +3)) rather than a 3-ary PAM signal (taking values in 
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(—1,0,+1)) [27]. Figures 4.4 through 4.6 show timing recovery comparisons at 1.0, 

1.5, and 2.0 code bits/Tso, respectively. As might be expected, when the pulse density 

is increased, the intersymbol interference gets worse and the timing jitter increases. 

We have treated several aspects of the timing recovery problem. One aspect that 

has been omitted is the effect of timing jitter on system error probability. A discussion 

on this subject requires the design and evaluation of an optimal detector, which we 

have not attempted at the current stage of our research. However, if we assume a 

simple "sample-and-threshold" detector, we can get a feel for the performance penalty 

incurred by the use of our multi-track scheme. 

Figure 4.7 shows an eye diagram1 of the read-out waveform for a system using 

the MFM code at a pulse density of 1.0 code bit/Tso. For an idea of the scale in 

this figure, the dashed lines delineate a window that is 0.1 code bits wide. This 

window contains all sampling instants corresponding to a timing error of 0.05 or less. 

Since the envelope of the eye diagram is relatively flat near the optimal sampling 

instant, small timing errors do not significantly reduce the noise margin. Therefore, 

we expect that even the maximum increase in the relative timing jitter caused by the 

multi-track scheme (about 0.02) will not significantly affect system error probability. 

In cases where the increased jitter does create a problem, equalization can be used 

to widen the eye diagram [28]. 

'The presence of a small amount of intersymbol interference is apparent in the lack of a well 
defined '0' symbol. In a practical system, an equalizer would be used to further "open" the lower 
and upper "eyes." 
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Figure 4.3: Timing Jitter Performance at 0.5 code bits/Tso. 
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Figure 4.7: An eye diagram at 1.0 code bit/7so 
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CHAPTER 5 

Summary 

A digital magnetic recording system stores data in the form of binary symbols and 

then permits retrieval of information at a later time. There are only two unique states 

of magnetization which are required for the realization of different signals. This is an 

advantageous feature of digital recording which provides highly reliable performance 

for information storage. 

The magnetic recording process essentially consists of two distinct operations, data 

writing and data reproduction. The writing circuit records information on the media 

in the form of magnetic transitions and the reading circuit reads a degraded signal 

back from the media. In order to obtain reliable results, it is necessary to modify the 

data signal before it is written and again after it is read from the reading head. 

Modulation coding is the modification made to the data source to facilitate its 

passage through the media. Many frequently employed modulation codes can be 

classified as run-length-limited codes. These codes are binary codes in which the 

separation of adjacent magnetic transitions has an upper bound to provide suffi­

cient signal energy to recover timing information as well as a lower bound to control 

intersymbol interference. 
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In an effort to provide increased storage capacities, a new class of run-length-

limited codes was recently introduced. These codes are called two-dimensional mod­

ulation codes. Two-dimensional modulation codes provide substantial increase in 

data storage capacity for multi-track recording systems by operating on multiple 

tracks in parallel. The work reported in this thesis was an investigation into timing 

recovery schemes for two-dimensionally modulated signals. 

Because the signals are modulated two-dimensionally, the synchronizer must be 

able to recover timing information from multiple tracks. We used the fact that the 

output of the writing head could be treated as a PAM signal. Knowing that the sum of 

PAM signals is just another PAM signal (provided that these signals have transitions 

at the same time), a traditional square-and-filter timing recovery scheme can then 

be applied to generate a timing wave whose positive-going zero-crossings indicate the 

proper sampling instants for the detector to recover the coded information. 

In Chapter 3, we proposed a method which utilized deterministic preambles to 

align the transitions of these PAM look-alike signals based on the principle of the 

phase-locked loop, while simulations were employed in Chapter 4 to determine the 

performance of the square-and-filter timing recovery scheme for multi-track recording. 

Relative RMS timing jitter was calculated and plotted against various signal-to-noise 

ratios for the traditional single-track scheme and the proposed double-track scheme. 

In each case, the Modified Frequency Modulation codes were used to modulate each 

signal individually to investigate the degradation of timing jitter due to the summing 
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process alone. It was shown that the single-track scheme has better timing recovery 

performance than the double-track scheme. However, the increased storage capacities 

obtained by using two-dimensional modulation codes may be sufficient to offset this 

small penalty in timing jitter. 
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