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METHOD AND APPARATUS FOR REDUCING NOISE 
.. 

CORRELATION IN A PARTIAL RESPONSE CHANNEL 

BACKGROUND OF THE INVENIION 

1. FIELD OF THE INVENTION 

5 The present invention relates to the field of signal processing in a 

channel, and, in particular, to signal processing in a partial response channel. 

2. BACKGROUND 

10 In magnetic recording devices, such as magnetic disks and tapes, a 

recording head is used to read and write information to and from a magnetic 

surface. In a typical rotating medium-based storage system, data: is stored on 

magnetic disks in a series of concentric "tracks." These tracks are accessed by a -

r_ead/write head that detects variations in the magnetic orientation of the disk 

15 surface. The read/write head moves back and forth radially on the disk under 

control of a head-positioning servo mechanism so that it can be selectively 

positioned _over a selected one of the tracks. Once in position over a track, the 

servo mechanism causes the head to trace a path that follows the center line 

of the selected track. 

20 

Generally, the inductive recording head consists of a slit toroid made 

up of high permeability magnetic material and wound by several conductor 

turns. The toroid contains a gap which is positioned over the data tracks on 

the magnetic recording surface. To record, a current is generated through the 

25 conductor windings, altering the magnetic field in the toroid. At the location 
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of the gap, the amplitude of the magnetic· field is large enough to record on 

the magnetic material of the storage device to a sufficient depth. The 

amplitude of the magnetic field falls off sharply away from the gap. 

5 By manipulating the current through the conductor windings, the 

magnitude and direction of the magnetic flux at the location of the gap can be 

modulated in such a fashion as to encode information Into the magnetic 

surface of the storage device. A pattern of external and internal fields are 

created as the head and recording surface are moved relative to each other. 

10 These patterns are similar tQ a series of bar magnets of changing polarities. 

The polarity transitions are then readable as transitions in the magnetic flux 

at the recording surface. In read mode, as the magnetic storage surface moves 

across the gap in the head, the magnetic field of the storage surface is detected . 

at the gap, and a voltage is induced in the coll proportional to the rate of 

15 change of the flux. The read channel then processes this analog voltage 

signaL typically converting the flux transitions into a series of-pulses, and 

converts the analog signal into digital data. 

Magnetic storage devices sometimes use analog peak detection to 

20 process incoming read signals. However, as recording density, or "user 

density" (Du), increases the analog peak detection scheme becomes unreliable 

because of the large amount of inter-symbol interference (ISi) between 

adjacent pulses. Alternatively, a partial response maximum likelihood 

(PRML) channel can be used to increase the user density. However, this 
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method requires very good equalization of the read signal to shape the read 

sig~al into the desired partial response (PR) target waveform. 

User density (Dul is a me~ure of how the pUlse width relates to the 

5 data rate in the form of a ratio of the analog signal pulse-width at _50% 

magnitude over the length of the data period. A higher user density means 

that signal pulses· resulting from read transitions are spread over. a larger 

number of dock cycles, _incre~irlg the int~ction or overl~p of adjacent 

pulses, and resµlting in greater ISL 

10 

A partial response channel does not remove ISI from the channel 

signal. lnstea~ the siSnat is equalized to provide a target pulse waveform 

having pr~efin~d values at specific sampling instants. The effects of ISi on 

the target pulse waveforin ate ·predic:~ and inCO"rporated into. a pulse 

15 detection scheme which determines the occurrence of a signal p~e based on 

the sample history of the· waveform: and model wavefo~ prediction. The 

history of the sample waveform is ~atched to a set of model waveforms, and 

the most likely model w~veform is used to decode the signal into binary data. 

Hence, it is often referred .to as "maxim~ likelihood" detection. 

20 

Partial r~ponse channels are therefore more robust than analog peak 

detectors in the presence of ISi. However, as described below,. a problem exists 

in PR channels due to the equalization required to generate the target pulse 

waveform, as well as the process used to generate a signal metric fo:r; 

25 determining the most likely waveform. The PR equalizer and ML estimator 
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us<!d Lo generate the signal metric each serve to correlate noise in the channel. 

As a result, ML detector performance is impaired by a reduction in signal-to­

noise gain. 

5 · The most eommonly used ·maximum .likelihood (ML) detector is the · 

Viterbi detector, which is optimized for detection of signals in the presence of 

white nois_e. It is, however, somewhat complicated to implement especially 

for higher orders of PR~ (e.g. EPR4, BBPR4) and very inefficient for 

parallel/ pipeline implementation architectures~ Furthermor~, its 

10 performance· degrades as the noise become correlated. Look-ahead ML 

detector hardware requirements are usually les~ .than that for a Viterbi 

det<.oetor, and look-ahead detectors are more suitable for parallel/pipeline 

15 

· implementation. However, the performance of look-ahead ML_ detectors is 

usually inferior ~o a Viterbi detector. 

Look-ahead detectors are described in A:- M. Patel's article "A New 

Digital Signal Processing Channel of Data Storage Products," Digest of the 

Mru.~etic Recording Conference, June 1991, pp. ~B7; in A.M. Patel, et al., 

"Performance Data for a Six-Sample Look-Ahead (1.7) ML Detection 

20 Channel," m Tran5actions on Magnetics. vol. 29, no. 6, pp .• 4<>12-4014, 

November 1993; and in Patel's US. Pal No. 4,945,538. A look-ahead detector 

is also desaibed in U.S. Pat. No. 5,311,178 to T. Pan and R. G. Yamasaki. 

The Patel and Pan/Yamasaki channels use partial response signaling to 

25 litnil the number of isolated pulse non-zero samples. The Patel channel is 
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equalized to EPR4 with three non-zero samples, and the Pan/Yamasaki. 

channe~ is. equalized to BBPR4 (or E2PR4) where the four non-zero samples, ex, 

''· (J and a, are 1, 3, 3 and 1, respec~vely. Both channels use the (1,7) RLL code 

to simplify signal detection. 

Run-length limited (RLL) codes are useful because they place upper 

and lo~er bounds on the number of dock cycles o~g between 

~ransitions~ The. upper bound is. very import$nt beca.lise clock recovery is 

based on the· occurrence of these transitio1:'5. For example, a long train of 

10 zeros in a data sequence produces no transitions and the dock recovery circuit 

has no input pulse with whi~ to synchronize! Us tracking. In this situation, 

the data ~ecovery. timing might drift out of phase. RL~ codes ~ure that 

sufCident transitions occur for the dock reco~ circuit. to maintain ~e 

correct timing phase and frequency. Also, by maintaining the lower bound 

15 on the number of zeros ~etween consecut1v:e ·ones, s~ pulses in the read 

channel are separated to reduce tbe intersymbol interference asn caused by 

interaction between adjacent signal pulSes. 

The (1,7) RLL code is characterized by ·a mhumum of one "O" and ·a 

20 maximum of seven "O's" between consecutive "l's". In the modified non­

retum-to-zero (NRZI) format, where each .. 1" is represented by a transition, 

and each "0" is represented by the lack of a transition, the (1,7) RLL code is 

sufficient for clock recovery purposes. Further, by maintaining the 

minimum of one "O" between consecutive "l's", transitions are separated so 

25 as to be differentiable from one another. 
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FiJ~ure 1 illustrates, with solid curve 100, an isolated Lorentzian pulse 

equali:1.crl and sampled for EEPR4, and a minimum distance error event 

showu ,\:• a dashed curve 101. The pulse is the result of apl'?lying a positive 

S unit Sl•!p transition, e.g. a transition from a magnetic read head, to a (1-

D)(l+l>f' channel (EEPR4). The circles on solid waveform 100 show the 

i.c;ol.lt<·.f pulse samples for EEPR4. Samples of minimum distance error event 

101 arc• indicated by diamonds. Minimum distance error event 101 is 

·,. equiv••lcnt to the isolated pulse (100) shifted by one code period in time. 

10 

ll\ most ML detectors, including the Viterbi detector, the square of the· 

Eudid••an distance between two sequences is often used as the signal metric. 

Thl· Euclidean distance is defined as the square root of the sum ·of the squared 

errur lc•rrns between two waveforms at each sampling instant. The squared 

15 Buclid•·•m distance error of a sample combination is defined as: 

H 1 = (yo -ya )2 + (y t - }b )2 + (y 2 -ye )2 + (y 3 -yd )2 + (y 4 -ye )2 

. k 2 
= Ld1 

l=O (1) 

wlwn· y.1, yb, ye, yd and ye are the expected values for the model waveform; 

20 yo, Vt, v1, y3 and y4 are consecutive sample values; and dt is the sample error 

atyi· 

111 Figure 1, the isolated pulse waveform 100 and the minimum 

disl:at1Ge error event 101 have sample errors of values 0, 1, 2, 0, 2 and 1 for 
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samples YMt, yo, yi, y21 y3 and f4' respectively, where YMl is referred to as a 

look-back sample. The squared Euclidean distance between sampled 

waveform 100 and the minimum distance error event 101 is labeled dMJN2. 

dMIN2 is equal to the sum of the squares of these values, which adds up to a 

5 value of 10. 

In the ML detector of U.S. Patent #5,311,178, thresholds for each 

decision function are determined by minimizing the error between an 

expected sample model waveform and th~ nearest valid sample model 

10 waveform. For this reason, the thresholds for each function are dependent 

on the present state, as the next valid states are determined by the present 

state. 

In the calculation of the Euclidean distance for use as a signal metric, 

15 for a first model :waveform to be selected over a second model waveform, 

where E12 is the squared Euclidean distance between the first model 

(Z] 

20 waveform and the sampled signal, and Er is the squared Euclidean distance 

between the second model waveform and the sampled signal. The squared 

terms of the sampled signal are canceled out to yield a linear decision 

function. This will generate the following threshold decision: 

25 Cya2 - ya1)yo + <yin -yb1)y1 + (yC2 - yci)}'2 + (yd2 -yd1)}'3 + (fe2 - ye1)y4 
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. [3] 

where yo, y1, Yu y3 and y4 are the actual sample v~lues; yai, yb1, yci, yd1 and 

ye1 .tw the expected valu~s for the first model waveform; and ya2t yb2, yc11 yd2 

5 and y(!2 are ·the expected values for the second model waveform. 

For the sample points at which the model waveforms are equal, the 

products including the factor (yk2-ykt), where k is the associated sample 

point, are canceled. In the negative phase, i.e .. for negative transitions, the 

10 thre!;holds are the same, but the inequalities are reversed and the decision 

functions are multiplied by "-1". 

The peak check decision functions from Figure SA of U.S. Pat. No. 

5,311, 178 are shown below for a=l and ~=3. Fw (Fz in the patent) is 

15 . normalized with a sign change. 

Fx = Fy = O.Syo + Yt -y3 

"· Fw = O.Syo + Yt - 0.5Y3 + 0.5y4 

20 yo. y1, n, Y3 and y4 are sequential code rate sample values. The linear 

eqm11ions Fx, Fy and Fw have sample values that are multiplied by 

cocff id~nts which maximize the detection threshold between all possible 

signal waveform patterns and their minimum distance error waveforms. 

For el(ample, each decision function (Fx, Fy, etc.) can be represented by the 

25 followi11g equation: 

[4] 

1.51 
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k 

F(n) = 2, ciy(n- i) = coY(n) + c
1
y(n- 1) + ... + cky(n -k) 

i=O (6) 

where q are the coefficients chosen to maximize detection, and k is the· 
' 

5 number of samples used in the ML detection scheme. 

From equation [6], it can be shown that each decision equation has the 

same form as an FIR filter. Therefore, the detected noise and the detector 

noise bandwidth are affected by the decision function. Further, in the prior · 

10 art, decision functions are designed under the assumption ~t the noise at 

the sampled input of the detector is additive white Gaussian noise (AWGN). 

However, partial response channels comprise filter. and equalizer 

components for shaping the input waveform to the target PR pulse. The PR 

equalizer, in particular, tjrpically $upplies high frequency boost to provide 

15 pulse-slimming of the input pulse. 

The; filter and equalizer components in the PR channel shape the noise 

of the system in the same manner as the input pulse, thereby coloring, or 

.correlating, the input noise according to the filter and equalizer frequency 

20 response functions. The target pulse signal at the input of the detector thus 

. contains a noise component that is no longer white in nature, but has an 

effective noise bandwidth. For this reason, performance of the dedsi~n 

functions within the detector is reduced due to the correlation of noise. A 

partial response channel is desired that achieves opthrium decision 

25 performance in the presence of colored noise. 
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SUMMARY OF THE PRESENT INVENTION 

The present invention provides a method and apparatus for reducing 

noise correlation iri a partial response channel through optimization of a 

5 look-ahead maximum likelihood (ML) detector. In the method 9f the present 

invt?ntion, the ML detector is optimized in light of the noise correlation 

generated by the partial response channel The improved ML detector 

provides comparable performance to, or better performance than, a Viterbi 

delL-clor in the presence of colored noise. 

10 

In the present invention, a set of finite impulse response (FIR) 

transversal filters are used as the ML estimator for the look-ahead detector. 

The weighted sum outputs of the FIR filters are compared to a set of 

thrt~sholds based on previously detected data t~ make the decision for current 

15 detection. The present invention improves the ML detector's performance 

and r<:duces its complexity by optimizing the coefficients of the FIR filters in 

the pr,!sence of the correlated or colored noise. For a range of coefficient 

values, the SNR (signal-to-noise ratio) of each FIR filter is determined based 

on tht~ noise autocorrelation of the channel for a given user density, and the 

20 coeffidents providing the highest SNR_ are selected for each decision function. 

Thl• result is a noise whitening ML detector providing improved 

performance with lower complexity than prior art ML detectors. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

Figure 1 is a waveform diagram of an isolated EEPR4 pulse with a 

minimum distance error event. 

Figure 2 is a waveform diagram of a sampled worst-case EEPR4 

waveform with a minimum distance error event. 

Figure 3 is a trellis state diagram for a (1,7) RLL coded EEPR4 look-

10 ahead ML detector. 

Figure 4 is a simplified block diagram of a partial response (PR) 

detection channel. 

15 Figure S is a decision table for positive and negative phase BEPR4 

detection in one embodiment of a five sample look-ahead detector. 

Figure 6 is a state table for a ten state look-ahead ML detector. 

20 Figure 7 is a signal-to-noise gain table for various ML detectors at 

varying user densities. 

Figure 8 is a block _diagram of a ML detector comprising FIR transversal 

filters. 

25 
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Figure 9 is· a flow diagram of a method for optimizing a ML estimator 

in llw presence of colored noise. 

Figure 10 is a frequency response diagram illustrating the correlating 

5 prop·~rties of a partial response channel. 
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DETAILED DESCRIPTION OF THE PRESENT INVENTION 

A method and apparatus for reducing noise correlation in a partial 

response channel is described. In the following description; numerous 

5 specific details, such as EEPR4 channel detection and the variance of the noise 

power spectrum, are described in order to provide a more thorough 

description of the invention. It will be apparent, however, to one skilled in 

the art, that the present invention may be practiced without these specific 

details. In other instances, well-known features have not been described in 

10 detail in order not to unnecessarily obscure the present invention . 

. Prior art PR channels require complex look-ahead detectors to approach 

the signal-to-noise gain performance of Viterbi detectors under similar 

Clmditions. Thus, in prior art circuits, look-ahead detectors with fewer look-

15 ahead samples are implemented with an associated reduction in 

performance. Further, prior art ML detectors are predicated on the 

assumption. that noise at the input of the ML detector is additive white 

Gaussian noise. 

20 The method and apparatus of the present invention implement a look-

ahead detector of fewer look-ahead samples (e.g., four to six samples) in 

which the decision functions are optimized for the presence of colored noise. 

The expected correlation of the noise at the input of the ML detector is 

dett-rmined, and the ML detector is designed to maximize the signal-to-noise 

25 gain of each ML decision function in light of the noise variance at the ML 
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csliua.1tur output.·· Performance approaching, and in some cases exceeding, 

th.,l • •f ., Viterbi detector of the prior art is achieved. 

Figure 2 shows a "worst case" signal waveform 200 w.ith the associated 

5 miniinum distance error event indicated by dashed curve 201. As shown in 

Fi.r,un! I, dM1N2 (minimum squared distance) for an isolated EEPR4 pulse is 

equal tu ten. However, ten samples (yo-y9) are required to achieve a reading 

of clMrN2=10 for the worst case waveform of Figure 2 due to the effects of ISI on 

non-bolated .pulses. Thus, assuming AWGN (i.e., uncorrelated noise), a ten 

10 sample look-ahead detectoi: is required to achieve the maximum detector 

sii~nal-lo-noise· (S/N) gain, which is accomplished by maximizing the 

minimum distance between waveforms. 

A ten sample look-ahead. detector is much more complex than the 

15 prior .1rl four to six sample look-ahead detectors. However for pmctical user 

derndhes (Du), the noise at the detector input is not AWGN, but is correlated 

(colored) by the frequency boost equalization required to achieve the desired 

partial response (PR) target pulse signal Correlation of noise in the channel 

acf$ to rHduce the actual signal-to-noise gain of detectors operating under the 

20 nsm11~1prion of AWGN. Greater actual signal-to-noise gain is therefore 

possible with a less complex look-ahead detector when the detector accounts 

for noi5e correlation. 

The effects of the PR equalizer on the additive channel noise is best 

25 illusr,..ated in the frequency domain where the effects on the noise bandwidth 
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can be clearly seen. Figure 10 is a graph of the frequency responses for a 

seven-pole equalizer function, a five-sample. decision function (FIR filter), 

and the combined response for the series connection of the equalizer function 

and the decision function. The horizontal axis represents frequency in tens of 

5 megahertz. The vertical axis represents gain. 

Curve 1000 is the frequency response for a seven-pole, two-zero filter 

representing the equalizer for a PR channel. The form of curve 1000 is that of 

a lowpass filter with high frequency boost. Noise in the PR channel is colored 

10 or correlated by this frequency response so that the noise power spectrum 

takes the shape of the equalizer response where the gain magnitude is 

squared. Curve 1000 is therefore representative of the noise spectrum at the . 

output of the PR equalizer. 

15 Curve 1001 is the frequency response for a ML estimator decision 

function having coefficient values of [ 0.5, 1~ 0, -1, -0.5]. Bach decision function 

has an associated frequency_ response determined by its coefficients. The fomt 

of curve 1001 for this example iS that of a bandpass filter centered near 7.5 

MHz with a reduction in gain in the frequency region corresponding to the 

20 high frequency boost of curve 1000~ Any signal processed by the ML estimator 

decision function is shaped by this frequency response, including noise. The 

form of curve 1001 can therefore be used as a whitening filter with respect to 

colored noise at the input of the ML estimator. 
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Curve 1002· is the combined frequency response generated by the PR 

equalizer and ML estimator in series. The shape of the curve is determined 

by lhc product of the magnitudes of curves 1000 and 1001 at each frequency. 

The~ noise power spectrum for the PR channel including the PR equalizer and 

5 the ML estimator is therefore shaped by the square of the magnitude of curve 

1002. For this example, the combined frequency response is a bandpass 

function with a center frequency near 10 MHz. By altering coefficients of the 

MI. estimator, the effective noise bandwidth associated with the combined 

frec1ucncy response can be reduced. Therefore, the present invention 

10 optimizes the coefficients of the ML estimator to reduce the effective noise 

bandwidth at the ML estimator output, thus whitening or decorrelating the 

correlated noise component. As the minimum distance error is also 

dependent on the ML estimator coefficients, decorrelation of noise must be 

balanced with maintenance of the minimum distance error to achieve the 

15 highest signal-to-noise gain. 

In the following description, a (1,7) RLL code EEPR4 channel ideally 

equalized for a series of Lorentzian pulses is used as an example. The 

invention is described in r.elation to a (1,7) EBPR4 look-ahead detector 

20 embodiment. It will be apparent that the present invention can be applied to 

othP.r partial response channels as well. Further, a trade-off exists between 

de\f'ctor performance and complexity. So as not to obscure the invention, a 

simpler five sample look-ahead detector will be described. 
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Figure 4 shows a block diagram of the PR channel. Automatic gain 

control (AGC) amplifier 401 sets the input signal amplitude so that input 

signal 400 is sampled at preset levels. AGC amplifier 401 provides the gain 

control signal 402 to PR equalizer 403. Signal 402 comprises µ,rentzian pulses 

5 generated from signal transitions, sue~ as those in a magnetic read channel. 

PR equalizer 403 equalizes the signal to the desired partial response 

waveform, performing pulse slimming on the input waveform by providing 

high frequency boost. Ideally, equalized si~ 405 generated by PR equalizer 

403 contains pulses whose sample values conform to expected waveform 

10 values .. Signal 405 is provided to maximum-likelihood (ML) estimator 407 

within ML detector 406. 

Within ML detector 406, ML estimator 407 processes the sample values 

through a set of decision functions to generate a set of detection values, or 

15 metrics, labeled as signal 408. These detection values are provided to decoder 

409 for comparison with state dependent detection threshold values. Decoder 

409 determines the detected data value and provides the detected data as 

output signal 410. Concurrently, decoder 409 p~vldes update signal 411 to 

state foed~ck block 412 to update the detection state of the decoder. State 

20 feedback block 412 provides the new state as signal 413 to decoder 409 for use 

in determining the detection thresholds for the next set of detection values 

408. 

Figure 8 illustrates a ML detector wherein the ML estimator comprises 

25 several FIR filters used to provide the linear decision functions, Fx, Fy, etc. 
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·A:; :;hown, the equalized signal 405 is provided to the input of each FIR filter 

OUK) .mci 801 shown). The outputs of these filters, labeled Fx and Fw, make up 

sii~n.•l 408 which is provided to decoder 409. Within decoder 409, each value 

in :d•~ncil 408 is compared with a state determined threshold'. Further, a sign 

5 invl'n;ion is performed between positive phase and negative phase 

com1 •arison operations. 

Hach linear.decision function in ML estimator 407 may be 

imph·mcnted as shown for FIR filter 800. A tapped delay line provides 

10 su,:ct·ssive samples of the input~ yo through y4. Bach tap is multiplied by a 

ccwfficic!nt value, Co through 4,, respectively. Some of these coefficient 

valuc·s may be zero. After multiplication by the respective coefficients, the 

tappc·d :;ignals are summed to provide the decision function estimate, e.g., Fx. 

Au extr•t delay element and coefficient multiplier CMt are shown to indicate 

15 lhc· _optional inclusion of a look-back sample in the decision function of some 

c~mbodiments. 

ML. d,etector 406 consists. of several function calculators embodied in 
• 

ML eslirnator 407, and several comparators and a state machine embodied in 

20 decoder 409 and state feedback block 412. The transition rules between states· 

of the ~•ate machine depend upon the logic resultS of comparisons between 

tht' h1iu tion values of the data samples and certain state-dependent 

thresholds. Because there are four non-zero samples in the equalized 

rdponse of a single transition, four bits are required to represent the state of 

25 dt"Coder 409. The state of the decoder is defined as the last four binary logic 



19 

lt•vc•ls of the detected signal current, and is stored in state feedback block 412. 

Bcc..·.,use of this format, state feedback block 412 can be implemented with a 

four-bit shift register. The four bits can represent up to sixteen states. 

5 For a (1,7) RLL code EEPR4 channel, there are ten legitimate NRZ (non-

rdu rn-to-zero) states as shown in Figure 3, wherein each transition indicates 

a tmnsition from "0" to "1," or vice versa. However, due to the (1,7) R~L 

coding minimum for transition spacing,. only six of the states require a 

decision to determine their next transition state and the decoded data. For 

10 example, state "0001" can only progress to state •0011.• States "0010," ·0100," 

"0101," "1010," "1011," and "1101" are invalid NRZ states for (1,7) RLL coding. 

The task of ML decoder 409 is to determine whether a peak exists 

b1~tween clock cycle 1 and 2, which in tum determines the next state. Figure 5 

15 dc~s<'.ribes the decoding algorithm for the detector. ML estimator 407 first 

computes the results of several linear functions (Pa, Fx, Py and Pw) with the 

sample.values yo, y1, Y2' y3 and Y4t and, in one embodiment, look-back value 

YM I· The results of these functions are compared with an· equal number of . 

st.are-dependent thresholds in decoder 409. The logic results of these . r.:· 

20 ccm\parisons are assigned to the decision variables, A, X, Y and W. Based on 

the values of these decision variables and the current state, aobocodo, the 

dPt--c•dt?r determines what the next state and the decoded data are, according to 

the rules in Figure 6. The decisions for states 0001, 1001, 1110 and 0110 are not 

given in Figure 5 because_ their ne~t state is constrained by the (1,7) coding 

25 ::;che.me. 
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Sample value y2 does not appear in equations [4] and [5] because it is 

common to both the signal and the minimum distance error waveform (as 

shown in Figure 1). Thus, including the y2 sample would not increase the 

5 det<·clion threshold, but would increase the total additive white Gaussian 

noh;c < AWGN) by adding the noise of another sample. However, the y2 

sampl•! does affect the noise correlation and the noise bandwidth. Therefore, 

including y2 in the ML estimator for th~ apparatus of the present invention 

improves the detector performance. 

· 10 

Further, a "look-back" sample ()'Mt) can be included as well to help 

canc·cl noise correlation. This look-back sample can also compensate for non­

ideal equalization where the actual sample value is non-ideal (e.g., not zero). 

If YMt is included, the four data state threshold feedback is optimally increased 

15 to five data states to set the proper comparator thresholds. The ~e1lis diagram 

of'Figure 3 increases from ten states to sixteen states, which is equivalent to 

increasing the partial response order to E3PR4; 

ln Figure 5, function Fa is a baseline checking function. It determines 

20 whether the sample values represent a signal that exceeds the minim.um 

magnitude threshold needed to indicate a peak caused by a transition. 

Spurious peaks due to noise in the channel are thus ignored. Function Fa 

must be true if a peak is to be detected. 
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Functions Fx, Fy and Fw are responsible for determining whether the 

sample values fit a predetermined peak model. Fx performs a test for 

satisfaction of minimum conditions to distinguish a peak from the nearest 

valid sample model which does not form a peak. Fy performs the same test 

S as Fx, but with a more stringent threshold value. Thus, for Fy to be true, the 

sample model must be sufficiently dose to an ideal peak model so as to 

differentiate it from any other possible combination. Even a peak distorted by 

a subsequent peak will not pass this strict test. 

10 Fw tests for sample combinations typical for a peak distorted by nearby 

peaks. Thus, for an undistorted peak, Fx and Fy will be true, and for a peak 

distorted due to a nearby transition, Fx and Fw will be true. Therefore, the 

resulting "peak detected" binary decision is A&: X &: CY + W). If this binary 

decision is true, then a transition will be indicated at the output and in the 

15 state machine, unless such a tr~ition is prohibited by the (1,1) coding. 

The decoded data indicates whether there is a transition at dock cycle 

zero, that is; whether there is a transition from state bit q (note, ct=do) to state · 

bit di. This decoded data is compatible with most of the (1,1) RLL decoders. 

20 The threshold values listed in Table S are considered nominal for an ideal 

isolated EEPR4 pulse that is "normalized" to have the sampled sequence 

25 

" value of 0, 1, 3, 3, 1, O. Performance can be improved by fine-tuning these 

thresholds to give maximum margins in all conditions. This tuning could 

reduce the effect of non-ideal equalization. 
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Yi denotes the sampled signal value at the ith clock cycle, and aibiCidi 

rcpr•·5ents the state of decoder 409, where_ai, bi, q, di are the last four binary 

lo1~k levels of the data. In the following description, yo represents the current 

sample value that is being decoded, corresponding to the clock cycle i = o. y1, 

5 y2, y·, and y4 are four look-ahead samples. aobocodo represents the current sta_te 

(lf the! decoder and a1b1ctd1 i:S the n~xt state. From the state value aobocodo, 

dct..-ocler 409 determines what the next state and the decoded data are, 

acc-ording to the rules in Figure 6. A phase check function is not shown. If a 

wrong polarity signal is detected, the detector is reset to look for the proper 

10 ph..tSt~. 

As previously described, a set of FIR filters maximizes the detection 

threshold between all possible signal waveform patterns and their minimum 

distas\cc error waveforms. ~e weighted. sum. outputs of the FIR filters are 

15 comparc!d to a ·set of thresholds decided by the previously detected data to 

makt• the decision for the current detection. The use of the previously 

dclt..'t."led data is analogous to the operation that occurs in a decision feedback 

L-qualizc.od detector (DFB). In fact, the detector performance approaches that of 

Cixfld delay tree search (FDTS) With decision feedback. The advantage of a PR 

20 channel over a DFE is that it is easier and less complicated to equalize to a PR 

target shaped pulse than to remove ISI. The disadvantage of PR is that its 

equalization correlates noise. 

The FIR filter coefficient values effect the number of thresholds and 

25 he"ce the detector complexity. Coefficient values also affect the complexity of 
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;\ digital implementation. For example, multiplying by 0.5 is accomplished 

wilh a digital shift operation, and multiplying by 0.75 is accomplished with 

l wo shift operations and an add operation. The number of equations may 

;tlso affect the complexity. These constraints are considered during the 

5 optimization of the coefficient values by, for instance, confining the allowable 

cOt!fficient combinations under consideration to those meeting the 

c.:onstraints. 

The optimization of the FIR filter coefficients of ML estimator 4C17 is 

10 illustrated in the flow diagram of Figure 9. The optimum coefficients are 

achieved by maximizing the signal-to-noise ratio (~ at the output of the 

Ml. estimator FIR filters individually. The signal value is repr~ented by the 

minimum distance error value for the respective FIR filter, whereas the noise .. 

value is represented by the square root of the noise variance at the output of 

15 the FIR filter. Both of these elements, the signal value and the noise value, 

arc functions of the FIR filter coefficients. Whereas the signal value may be 

calculated directly, determination of the noise variance requires analysis of 

the PR charinel frequency response. 

20 In block 900 of Figure 9, the t;ransfer function of the PR channel, 

ind uding elements between the input of the Lorentzian pulse and the output 

ot the target PR pulse, is determined. Once the transfer function of _the PR 

d\iumel is determined, in block 901, for the required user density, the noise 

a1-1tocorrelation coeffidell:ts are calculated from the equalized noise power 

25 <1ttnsity {i.e., the power spectrum of white noise filtered by the transfer 
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function required ·to shape the Lorentzian pulse iilto a targeted PR pulse). In 

b_h .ck 902, using either an exhaustive· search or qualified selection process (e.g., 

'' ~;~arch limited to coefficient values requiring only shift and add functions, 

etc.>,., set of coefficients is selected for analysis. 

[n blocks 903 and 904, in any order, the noise variance at the output of 

lh« ML estimator and the minimum. distance error value are calculated using 

lhc• St•lected set of coefficients. Next, an SNR gain value is determined from 

tlw minimum distance error value and the noise variance value in block 905. 

10 If, in subsequent block 906, sufficient coefficient sets have been analyzed, the 

sel of coefficients providing the largest SNR gain value j.s selected in block 

90·1. tf further coefficient combinations remain to be analyzed, the process 

returns to block 902. 

15 The autocorrelation coefficients require that the variance of the noise 

pow~r spectrum a2 and the noise autocorrelation function ct(t) be calculated. 

Tlw dcri vation of al and ct>(t) follows. The Lorentzian pulse spectrum is 

1~i vun .by the following equation: 

20 (
ffPW ) •PW so 

H( co) = 2 so e - 1 
171 

25 

and l I 1e ideal equalized wave spectrum from the partial response equalizer is 

givein hy: 

C ;(CJ>) = Ts(l + D )" = Ts(l + e - jo>Ts)n [8] 
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where mis the frequency, PWso is the pulse-width at fifty percent magnitude, 

and Ts is the sample period of the waveform. 

5 Applying e<Juati.ons [7] and [8] to the additive white Gaussian noise at 

10 

15 

20 

the input of the PR channel, the spectral density of the colored noise at the 

output of the PR equalizer is: 

2 

I 1

2 ~w~ n 
G(O>) 2Ts i - ja>Ts 

N(m) =No E(m) =No ttPW 
50 

e (1 + e ) 

The variance of the noise power density at the input of the ML estimator is 

derived from the above equation as follows: 

f91 

· Y- ~ aPW 50 1
2 

al = _L 1 N(m)dco = ..!.. JN o 2Ts e 2 (1 + e-je1T1)n dm 
2x o 2x o KPW so [10] 

where x/Ts is the bandwidth of G(m)/E(m). The variance integral can be 

reduced to the following summation: 

2 4No ~ (-1)
1
e"K -1 G = L, S _.___.__ __ 

x3TsK i =O i K2 + i2 

where for n=O (dicode), So=0.5; 

for n=l (PR4), So=l, di=l; 

(11] 
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for n=2 (EPR4), So=3, S1=4, ~=1; and 

for n=3 (EEPR4), So=lO, li1=15, ~=6, &.4=1, and 

whtm! K = PWso/Ts. For the (1,7) RLL code wherein the sample period or 

5 code period, Ts, is equal to two-thirds of the output NRZ data period (i.e. 2/3 

bit.-. pt?r symbol), K is equal to 1.5 times Du, the us~ density. 

10 

15 

20 

The noise autocorrelation function is given by the following inverse 

Fouril?r transform integral: 

which can be solved to ob~ the following summation: 

n 
2No ""' 

e"K(Kcos xr1 +T1 sin xTt)-K 

K1+Tt2 

<ll(t) = 3 2 Lt&, 
Tsx K l=O eKK(Kcos itT +T sin 2fi' -' -K + . 2 2 v 

K
2 +T;

1 
(13] 

wh~re T1 = ((t/Ts) + i], and T1 = ((t/Ts) -l). The autocorrelation coefficients are 

obfa"int!d from equations (11] and [13] by dividing the autocorrelation function 

by ttw voriance of the noise power density, p(t) = tf>(U/a2. 
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From the autocorrela.tion coefficients and the variance of the colored 

noise signal at the input of the ML detector, the noise variance at the output 

of each decision function is calculated based on the FIR coefficients of the 

respective decisions. The noise variance at the output of th~ FIR filter is 

5 given by: 

n n n n 

= L L cic ;COV(Ni,N ~ = L L cic jcr2p(li-JTs) 
i=-lj=-1 i=-lj=-1 

10 

[14] 

where a2 is the noise variance prior to the FIR filter, p(t) is the 

autocorrelation coefficient at time "t, 11 and q is the FIR filter coefficient for the 

15 jth sample. The FIR filter is of sample length "n," but the range of "i" begins 

at "-1" to include the look-back sample (c~uYMt> of one embodiment. 

·without a look-back sample, the range for "i" is between zero and "n.'' 

The signal-to-noise gain obtained by altering the FIR coefficient values 

20 can be measured by calculating the ratio of the minimum distance error, 

dMJN, div~ded by the square root of the noise variance at the FIR filter output. 

SNR = dMIN(Fx) 
-"--ji::V=A=R=- [15] 
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where 

l\ 

dMIN(Fx) = IFxCSl)- Fx(S2)( = L c/ {Yi,Sl -y i, s2) 1 
i=-1 [16] 

and 51 and 52 are pulse signal waveforms for a minimum distance 

event. For relative comparison of SNR values, multiplicative constants (e.g., 

·· a2 in VAR) can be ignored. 

10 A larger value of dMIN signifies larger separation betWeen minimum 

15 

distance signal waveforms, providing more robust decisions. A smaller 

value of noise variance signifies a lower probability that a false detection will 

occur due to noise for a given dMINCFx>- Therefore, by .maximizing the SNR 

value above, performance of the ML detector is optimized. 

Because the number of coefficient values is large for the determination 

of a maximum SNR value through derivatives, it is more straightforward to 

perform a computer search for the optimal set of coefficients. A computer 

search program defining the range of coeffident values and the desired st:ep 

20 sizes can evaluate the SNRs for a large number of coefficient combinations 

quickly and accurately. The best combination of coefficients thus determined 

is tllen. implemented in the FIR filters of the ML estimator. Examples 9£ 

programs for accomplishing this type of search are provided as Appendix 1 

•md App<!ndix 2, where the routine of Appendix 1 determines autocorrelation 

25 t"oeffiden ts, and the routine of Appendix 2 determines the SNR values. The 
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maximum SNR value can be determined from the SNR values using a 

software sorting routine, or by reviewing the list of SNR values manually. 

For Du ranging from 1.5 to 3;0, a five-sample or six-sample ML look-

5 ahead detector with optimized coefficients approaches or outperforms Viterbi 

detectors, especially in the higher user density range. The detector 

performance can be optimized at a given Du. However, if a fixed set of 

coefficients is optimized for Du =2.0, the SNR performance is virtually the 

same as that for a Viterbi detector for Du ranging from 1.6 to 3.0. If the look-

10 ahead samples are increased, detector performance will improve. Also, the 

detector linear equation coefficients can be optimized to compensate for noise 

coloring from sources other than partial response equalization. 

Several variations of performance versus look-ahead sample length 

15 and linear equation complexity are presented in Figure 7. Figure 7 shows 

detector signal-to-noise (S/N) gain versus Du when a Lorentzian pulse shape 

·is ideally equalized to EEPR4. The gain of an ideal Viterbi Detector is shown 

as a refer~ee for the other detector arrangements. At Du=O, th~ noise is 

AWGN. 

20 

Detector I is a five sample, three equation look-ahead detector 

optimized for AWGN. Detector II adds the y2 sample to compensate for 

correlated noise. y2 improves its performance by 0.56 dB at Du=2.0 and by 0.64. 

dB at Du=2.5. Detector ~I is a more complex five sample, three equation look-

25 ahead detector whose performance is within 0.3 dB of an ideal Viterbi detector 
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for Du ranging from 1.5 to 2.5. Detector IV is a five sample, three equation 

detector that utilizes the lookback sample and sixteen stat~. Detector V is a 

five sample, four equation look-ahead detector whose performance exceeds 

the Viterbi detector over a wide range of Du. Detector VI is a. sµc sample, four 

5 equation detector with even greater potential performance improvement. 

A sample computer routine in BASIC for generating autocorrelation 

coeffidents is provided as Appendix 1. Further, a sample computer routine 

in BASIC for generating a list of signal-to-noise gain v~lues is provided as 

10 Appendix 2. 

Thus, a method and apparatus for reducing noise correlation in a 

partial response channel has been desaibed. 
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APPENDIXl 

10 'Partial Response Noise Autocorrelation Coefficient 
· 20 PI=3.14159 
30 'PR Selection 
40 'N=O :A(0)=.5 
50 'N=l :A(O)=l :A(l)=l 
60 'N =2 :A(0)=3 :A(1)=4 
70 N=3 :A(0)=10 :A(1)=15 
80 INPUT "K=";K :I<2=K"'K 
90 B=EXPCK"'Pl) 
100 'Variance 
110 V=O 
120 FOR I=O TON 

:A(2)=1 
:A(2)=6 :A(3)=1 

130 V=V +A0)"2"'(B"'(K-COSO"'P0+1-SIN0"'PI))-K)/ (1<2+1"'1) 
140 NEXT 
150 'Autocorrelation Coefficient 
160 INPUT "T=";T 
170 P=O 
180 FOR l=O TON 
190 T1=T+I:T2=T-I 

'DICODE 
'PR4 
'EPR4 
'EEPR4 

200 P=P+A(I)"'(B•K"'COS(Tl *PI)-K+B"'Tl *SIN(Tl "'Pl)) I (K2+ Tl -Tl) 
210 P=P+AQ)•(B•K-<:OS(T2•PI)-K+B"T2*SIN(T2•PI)) I (K2+ T2"T2) · 
220 NBXT 
230 PRINT P /V :GOTO 160 
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APPENDIX2 

10 '1,7 EEPR4 ML 5/N Gain Search 
20 'Five Sample Look-Ahead Channel With Colored Noise 
30 'Ideal EQ Filter 
40 '(YO,Y1,Y2,Y3, Y4)=(A,B,C,D,E) 
50 'Signal=(l,3,3,1,-1)-(0,1,3,2,-2)=(1,2,0,-1,1);5=A 1''A+4•B•B+D•D+E•E 
60 FOR A=.O TO 1 STEP .1 
70 FOR B=.5 TO 1.5 STEP .1 
80 FOR C=-.5 TO 1.5 · STBP .1 
90 FOR D=-1 TO .O STBP .1 
100 FOR B=.S TO 1.5 STEP .1 
110 5=A•A+4•B•B+D•D+E•E 
120 Rl=.4826 :R2=-.1722 :R3=-.18 :R4=-.0312 'Du=l 
130 V=A •A+B•B+C-C+o•o+E•B+2•((A•B+Bit<:+e•o+o•B)•R1 

+(A •c+B•D+C•E)•R2+(A •o+B•E)•R3+A ·B·R4) 
140 SNI=SQR(S)/SQRM 
150 Rl=.2999 :R2=-.3907 :R3=-.1524 :R4=.0324 'Du=l.5 
160 V=A •A+B•B+c•c+o•o+E•E+2•((A •B+Bit<:+e•o+o•E)•Rl 

+(A •c+u•o+c•B)•R2+(A •o+B•B)•R3+A ·B·R4) 
170 SN2=SQR(S)/SQRM 
180 Rl=.1077 :R2=-.5348 :R3=-.0Z1 :R4=.086 'Du=2 
190 V=A•A+B•B+Cit<:+D•O+B•B+2•((A•B+B-C+c•D+D•B)•Rt 

+(A *C+B•D+C•B)*R2+(A •o+B•B)•R3+A •B•R4) 
200 SN3=SQR(5)/SQRM 
210 Rl=-.0726 :R2=-.5852 :R3=.1631 :R4=.0787 'Du=2.5 
220 V=A·A+B•B+c•c+o•o+E•E+2•((A•B+B*C+C•D+D•B)•Rt 

+(A *C+e•o+c•B)•R2+(A •o+B•B)•R3+A •E•R4) 
230 SN4=SQR(S)/SQR(V) . 
240 Rl=-.2286 . :R2=-5547 :R3=.3388 :R4=.0003 'Du=3 
250 V=A •A+e•e+e•c+o•o+B•B+2•cCA •e+e-c+e•o+o•a)•Rt 

+(A *C+B•o+c•B)•R2+(A •o+B•B)•R3+A ·B·R4) 
260 SN5=SQR(S)/SQR(V) 
270 PRINT USING "####.##";A;B;C;D;B;20•LOG(SN1)/LOG(10); 

2o•LOG(SN2)/LOG(10);20"'LOG(SN3)/LOG(10);20*LOG(SN4)/LOG(10); 
20"'LOG(SN5)/LOG(10) 

280 NEXT:NEXT:NEXT:NEXT:NEXT 
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CLAIMS 

1. A partial response channel comprising: 

an equalizer having a fust frequency response for shaping an input 

5 pulse signal into a target pulse signal, said first frequency response coloring an 

additive noise component of said input pulse signal and generating a 

correlated noise component of said target pulse signal; 

a detector receiving said target pulse signal and providing a binary data 

signal, said detector comprising: 

10 a plurality of detection decision circuits receiving said target 

pulse signal and providing a plurality of decision values, wherein at 

least one of said plurality of detection decision circuits comprises a 

finite impulse response (FIR) filter having a set of coefficients 

maximizing a signal-to-noise ratio; 

15 a decoder having a plurality of state dependent threshold values, 

20 

said decoder providing said binary data signal based on comparisons 

between said plurality of decision values and said state dep~dent 

thr~hold values .. 

2. The apparatus of daim 1 wherein said signal to noise ratio 

comprises a minimum distance error value of said target pulse signal divided 

by a square root of a noise variance at an output of said FIR filter. 

3. The apparatus of claim 1. wherein said FIR filter comprises a 

25 tapped delay line providing a plurality of tapped signals, each of said tapped 
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si1~nals being multiplied by a coefficient value from said set of coefficients to 

provide weigh~ed signals, said weighted signals being summed to provide 

om~ uf said decision values. 

4. The apparatus of claim 1 wherein said first frequency response is 

a lowpass function with high frequency boost. 

5. The apparatus of claim 1 wherein said decoder further comprises 

a :otale machine wherein a transition between a first state and a second state ·is 

10 dependent on said comparisons. 

6. The apparatus of claim 1 wherein said binary data signal is run-

length-limited (RLL) encoded. 

15 7. The apparatus of claim 1 wherein said FIR filter has a second 

Crc-quency. response, said second frequency response whitening said .correlated 

nois(' component of said target pulse signal. 

8. The apparat.us of claim 1 wherein said detector is a maximum-

20: lik"lihood (ML) detector. 

9. A method for reducing noise correlation in a partial response 

CPR) 'hannel comprising a noise correlating element coupled to a detector, 

~aici detector further co~prising a finite impulse response (FIR) filter coupled 

25 to a decoder, said method comprising the steps of: 
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determining noise autocorrelation coefficients for a correlated noise 

signal at an input of said FIR filter; 

determining a plurality of noiSe variance values at an output of said 

FIR filter for a plurality of FIR coefficient combinations; 

5 determining a plurality of minimum distance error values of said FIR 

filter for said plurality of FIR coefficient combinations; 

utilizing an optimal coefficient combination from said plurality of FIR 

coefficient combinations which maximizes a signal-to-noise ratio (SNR), said 

SNR comprising a function of said minimum distance error value and said 

10 noise variance value for each of said plurality of FIR coefficient combinations. 

15 

10. The method of claim 9 wherein said SNR is determined for each 

FIR coefficient combination by dividing an associated minimum distance 

error value by a square root of said noise· variarlce value. 

11. The method of claim 9 wherein said step of determining said 

noise autocorrelation coefficients further compris.es:· 

determining a variance of a noise power d~ity of said correlated 
. . 

noise signal based on a_ tr~~ function of said noise correlating element; 

20 dividing an autocorrelation funcuon by said variance of said noise 

power density. 

12. The method of claim 9 wherein said noise variance values are 

determined for a selected user density (Du). 

25 
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13. The ·method of claim 9 wherein said plurality of FIR coefficient 
cornl•inations are limited to coefficients requiring only shifts and adding 
oper ;1tions. 


