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METHOD AND APPARATUS FOR ADAPTIVELY PROCESSING THE READBACK 

SIGNAL IN A READ CHANNEL DEVICE FOR DIGITAL STORAGE 

CROSS-REFERENCE TO RELATED APPLICATIONS 
This application relates to the co-pending 

application serial no. 08/693.587 (Attorney Reference 
Np: M-3712), filed August 1, 1996, entitled "METHODS 

AND STRUCTURE FOR SAMPLED-DATA TIMING RECOVERY WITH 
REDUCED COMPLEXITY AND LATENCY" of Shih-Ming Shih, 

Tzu-wang Pan, and Jenn-Gang Chern, owned by the 

assignee of this application and incorporated herein by 
reference. 

This application relates to the co-pending 

application serial no. 08/695,327 (Attorney Reference 
No: M-3711)~ filed August 1, 1996, entitled "METHODS 
AND STRUCTURE FOR SAMPLED-DATA TIMING RECOVERY WITH 
REDUCED COMPLEXITY AND LATENCY" of Shih-Ming Shih, 
Tzu-wang Pan, and Jenn-Gang Chern, owned by the 
assignee of this application and incorporated ·herein by 

reference. 

BACKGROUND OF THE INVENTION 
Field of Invention 

This invention relates to a method and system for 
equalizing a readback signal to a partial .response 
target. More specifically, this invention relates to a· 
method and system for optimizing a combined 
equalization and receive filter with programmable ·or 

adaptive parameters that can be adjusted for multi-rate 
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operation and for slow time-varying channels. 

Description of Related Art 

Digital magnetic and optical storage applications 

involve the recording of digital sequences onto the 

media and the retrieval of such sequences from an 

analog signal, sensed by the readback head and 

'=corrupte~ by noise, interference, and distortion. The 

fundamental design goal is to achieve the highest 

recording density per unit area while maintaining an 

acceptable probability of error between the recorded 

sequence and the retrieved sequences. In order to 

achieve the· design goal, read/write channels use a 

coft!bination of coding and equalization approaches. 
Each of these functions are reviewed below. 

Run-Length Limited (RLL) Codes 

Digital magnetic and optical storage devices use 

RLL codes to improve signal detectability or insure 

frequent updates to the timing and gain loops, or both. 
i 

The RLL codes are generally characterized by two 

parameters, d and k, which control, respectively~ the 
minimum and the maximum number of symbol inter'V~ls 

between successive transitions in the binary input 
signal. For a given value of d, the RLL code insures 

that there are at least (d+l), and at most"(k+l), 

symbol intervals between successive transitions. 

Commonly used codes in magnetic and optical storage 
products include codes with (d,k) constraints of (1,7) 

and (2,7). These codes are typically used with the 
peak detection method. The k constraint insures that a 

non-zero channel output is produced with some minimum 
frequency to maintain robust operation of timing and 
gain loops. The d constraint helps signal 
detectability with peak detection. With the growing 
interest in Partial Response Maximum Likelihood (PRML·) ·· 
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techniques, d=O codes are gaining in popularity because 

of their inherently higher code rates. 

Partial Response Signaling 

One of the fundamental effects that limits the 

recording density in magnetic and optical recording 

systems is intersymbol inte:r:ference (ISI) .. This effect 

=is due to the bandlimited nature of the head/media 

~ombination and results in the overlap of responses due 

to sequentially recorded transitions on the media. 

That is, at a given instant in time, the output signal 

from the medium is composed of not only the response 

due to. the ~nput symbol at· that instant, but also the 

re~ponses from some previously recorded symbols. The 

amount and the span of this overlap inc~eases as the 

linear recording density is increased, giving rise to 

overlap patterns among symbols that.are generally very 

complex and difficult to unravel with a simple device. 
. . 

In order to reduce th~ complexity required to 

unravel the ISI effect, the readba~k signal is first 

equalized to a prescribed Partial Response (PR) signal. 

PR signals have the feature that allows _for controlled 

overlap (or interference) of responses in the output 

signal due to successive· input symbols. The a priori 

knowledge of the controlled ISI after the equalizer 

results in a significant reduction in the complexity of 

the required detector relative to that for the 

unequalized signal. 

As shown in FIG. 1, analog readback signal on 

output terminal 104 of head/media/preamp 102 is sent to 

an input terminal of equalizer 106. Equalizer 106, 

also known as the PRML receiver, equalizes the readback 

signal to create an equalized signal on output 

terminal 108 of equalizer 106. The equalized signal 

should be a suitable PR signal. 

A commonly-used PR target ·signal iri data 
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communications and in digital magnetic recording 

systems is characterized by the transfer polynomial 

P(D) ~ 1 - D2 , where D represents the transform of the 

unit symbol delay operation. This PR signal is 

commonly referred to as "Class IV PR" or modified 

duobinary signaling. The noise-free output response at 

a suitably prescribed sampling instant for ~lass IV PR 

=is given by y(kT) = a(kT) - a[{k-2)T], ·n=2,3, .... ,. 

where a(kT) is the input symbol at time instant kT, 

usually picked from a binary alphabet, {0,1}. or {1,-1}. 

That is, the output sample at time instant nT involves 

the overlap of two input .symbols, a (nT) and a [ (n-2) T] ·. 

The equalized signal· on output terminal 10~ of 

equ.alizer 106 is detected using ~ sequence detector 

such as Viterbi detector 110, which is based on the 

Viterbi algorithm. This combination of Class IV 

partial response with Viterbi detection is commonly 
referred to in the magnetic recording community by the 

acronym PRML for "Partial Response Maximum-Likelihood". 
The choice of the PR target signal is not unique, 

but dictated by the operating linear density. Many 
well known PR targets exist for the magnetic recording 
application. These targets are now commonly re~erred 

to as the "Extended Class IV" family of PR signals. 

The Extended Class IV family of signals is defined by 
the polynomials P(D) = {1-D) {l+D)n, where n is a 

suitably chosen non-negative integer. Note that n=l 

yields the standard Class IV PR signal; ·n=2 is commonly 

referred to as EPR4; and n=3 is referred to as E2PR4, 
and so on. 

Equalization Methods 
As shown in FIG. 2, typical methods to implement 

equalizer 106 use continuous-time filter 210 as a 
receive filter which performs anti-aliasing and 
11 coarse 11 equalization in conjunction wit.h linear ... ··.· 
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discrete time filter 230 as an equalizing filter, which 
performs equalization to the desired target response. 
Quantizer 220 is used to convert the output of 
continuous-fime filter 210 into a discrete time signal. 
The readback signal from head/media/preamp 102 is 
applied to continuous-time filter 210 to band limit the 
input noise. If. sampled-analog signal proc.essing is 

=used qu~ntizer 220 is a sample-and-hold circuit. For 
digital signal processing techniques quantizer·220 is 
an analog-to-digital converter. Linear discrete-time 
filter 230 perf?rms the actual equalization function, 
which is a key processing step _in PR receivers. Linear 
discrete-time filter 230 can be implemented by various 
means, including finite impulse response (FIR) filters, 
tapped-delay-lines, or transversal filters. 
Increasingly, PRML read channels for magnetic 
disk-drives have used an FIR filter for equalization. 
The FIR filter takes a pre-determined number of 
successive sample values of readback signal 104, scales 
each sample value by a prescribed amount, and then sums 
up the scaled values to form the filter output. The 
scaling factor is often ref erred to as the tap weight 
or the filter coefficient. 

The FIR struc~ure allows the filter response to be 
changed easily by changing the filter coefficients. 
Indeed, the coefficients may be changed in 
near-real-time or in real-time using an adaptive 
algorithm. This feature renders the FIR struct-ure 
well-suited for applications involving multi-rate 
signal processing and "time varying" channels, as is 
the case in magnetic disk-drive systems. 

The complexity of the PRML read channel depends 
heavily upon the implementation of equalizer 106. If a 
FIR structure is used the complexity of the PRML read 
channel depends upon the number of tap weights 
required, which depends on the operating linear density 
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for a given head/medium combination and the transfer 
function of continuous-time filter 210. 

Typically, continuous-time filter 210 is chosen to 
- be a low-pass filter and linear discrete-time 

filter 230 is a sampled-analog FIR filter. Thus all of 
the equalization is performed in the sampled-analog FIR 
filter with up to 10 tap weights. In order to reduce 

=the number of tap weights, the equalization function 
may be partitioned between the continuous-time filter 
and the FIR filter. 

The use of an FIR filter creates many 
difficulties. For example; a digital FIR requires a 
large area on an integrated circuit which reduces the 
le~el of integration possible. Furthermore, the 
digital FIR has high power usage making it unsuitable 
for use with power constrained devices such as portable 
computers. In addition, to obtain the necessary 
resolution, a large number of tap weights is required. 
Optimization of all of the tap weights is very complex 
and time consuming, which renders a FIR filter 
unsuitable for real time adaptive uses. 

The conventional continuous tif!\e filter and the 
conventional linear discrete-time filter can be 
replaced with an equalization and receive (ER) filter, 
which is a single continuous-time filter performing the 
functions of the conventional continuous time filter 
and the conventional linear discrete-time filter. By 
using the ER filter, the FIR filter used in previous 
architectures to equalize the readback signal is 
eliminated, thereby simplifying the method and system 
of generating the EPR4 signal. 

The ER filter is characterized most generally by 
the transfer function, H(s): 

(1) ··-=- ...... 
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where s is the complex Laplace variable (=jw), and z 1 

and P; are, respectively~ the zeros and the poles of the 

transfer function. The number of zeros, usually two to 

four, is typically smaller than the number of poles, 

usually six to eight. 

The ER filter design problem involves the 

determination of the poles and.zeros to ac~ieve the 

:EPR4 target output. It can be solved by choosing a 

suitable optimization technique to minimize an error 

measure. For example, one can minimize the mean 

squared-error between H(jw) and the desired trans~er 

function, D(jw), given by 

D(jca>) = T(j6>) 
. C(jca>) 

(2) 

where T(jw) is the target EPR4 pulse response spectrum, 

given by 2sin(wT)cos(wT/2), and C(jw) is the overall 

pulse response spectrum of the channel 

(head/medium/preamp/VGA) at the input of the ER filter. 

The function C(jw) may be determined using a suitable 

channel identification method. 

In disk-drive applications, the function C(jw) is 

generally not available and .it is also not feasible to 

explicitly determine C(jw) during manufacturing. 

However,· the simplified means of generating the EPR4 

signal using a single continuous-time filter still 

applies with a modified procedure for determining the 

poles and zeros of the transfer function in near 

real-time. 

FIG. 3 shows a system capable of optimizing ER 

filter 310, having a transfer function H(s) given in 

equation (1). A known signal a(kT) is wri~ten to the 

storage device, which could be for example a disk 

drive. Known signal a(kT) is a discrete time signal 

having an interval T between samples. Known sign.al 

a(kT) should be aperiodic and relatively ~andom to 

... -=. - ... 
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provide a diverse range of samples. A pseudo random 

signal can be created using a shift register and a 

generating polynomial such as X7ffiX 4ffil. Known signal 

a(kT) is converted to known signal d(kT) by the 

appropriate Class IV PR transfer function. For example 

in EPR4 d(kT) is given by the equation: 

d(kT) = a[kT]+a[(k-l)T]-a[(k-2)T]-a[(k-3)T] (3) 

Known signal a(kT) is read from the storage device 

as a known unequalized signal on input terminal 305 of 

ER filter ·310. The unequalized signal is equalized by 

ER filter 310 to produce an equalized signal on output 

tei:;minal 315 of ER filter 310. The equalized signal is 

received on input terminal 321 of analog to digital 

converter 320. The equalized signal is sampled and 

digitized by analog to digital converter 320 to pr~duce 

a discrete time digital equalized signal on output 

terminal 325 of analog to digital converter 320. The 

discrete time digital equalized signal is also called 

digital equalized signal y(kT) and has the same 

interval T between samples as known signal a(kT) and 

known signal d(kT). Adder 330 subtracts known ~ignal 

d(kT) on negative input terminal 331 of adder 330 from 

digital equalized signal y~kT) on positive input 

terminal 332 of adder 339 to produce error sign~l e(kT) 

on output terminal 333 of adder 330. 

Error signal e(kT) is used by optimizer.340 to 

calculate the mean square error of digital equalized 

signal y(kT). Optimizer 340 then optimizes the 

location of the poles and zeros of ER filter 310 based 

on the mean square error using standard gradient 

methods. Alternatively, optimizer 340 can optimize the 

coefficients of the polynomials of the numerator and 

denominator in equation {l) . Initial estimates of the 

poles and zeros (or coefficients) are given to 

•· .• -... =.. -
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optimizer 340 on input terminals 342 of optimizer 340 
to initialize the optimization of ER filter 310. The 
initial estimates of the poles and zeros depend on such 
factors as media characteristics, head characteristics, 
and the: data rate. The same conventional methods used 
to set the poles and zero locations in nonadaptive 
systems can be used for the initial estimates of an 

:adaptive systems. 
Optimizer 340 calculates the new poles and zeros 

(or coefficients) and sends the new estimates to a Bank 
of digital to analog converters (DAC) 350 on output 
terminal 345 of optimizer 340. Bank of DACs 350 
converts the new poles and' zeros (or coefficients) to 
analog signals to move the poles and zeros of ER 
filter 350. Adder 330, optimizer 340, and bank of 
DACs 350 can be implemented completely in hardware or 
firmware, software with a microcontroller or a 
microprocessor, or any combination thereof. 

Regardless of how·the optimization procedure is 
implemented, the ER filter parameters, namely, the 
poles and zeros, can be customized for a given channel 
(head/media combination) and data.rate using the above 
approach. Thus, the system given in FIG. 3 can be used 
in multi-rate applications, such as magnetic 
disk-drives with constant density recording. 

The design of a typical ER filter according to 
Equation (1) has two major shortcomings. First, the 
number of variable parameters might become too ~rge. 
Eight to twelve parameters (2-4 zeros + 6-8 poles) are 
required in the ER filter for each data zone and each 
head/media combination. Even for the simplest 
disk-drive configurat~on with one disk/two heads and 
sixteen data zones, the determination and storage of so 
many parameters is time-consuming and expensive. 
Therefore, conventional systems are not suited to adapt 
to changing conditions of the disk drive· during actual. 

.. ·•-::... .- ..... 
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operation of the disk drive. 

In addition, the optimization procedure used to 

determine the filter parameters does not, in general, 

exhibit a global minimum for the cost function, 

typically chosen to be the mean squared-error (MSE) . 

The initial pole/zero values must therefore be chosen 

carefully to avoid getting stuck in a local minima 

duri~g parameter optimization. 

Furthermore, the ER filter is required to be 

independent ·of environmental cha~ges, specifically 

changes in the positive.supply voltage V" and 
temperature. Unfortunately the devices typically used 

to implement circuits in an integrated fashion have 

voitage and temperature dependencies. Therefore, 
simple integrated filters have responses dependent on 

voltage and temperature. To overcome this problem two 

main compensation schemes are used. One uses a master 

slave approach whereby the required filter is slaved to 

a separate master filter which.is in turn controlled by 
a tuning loop with a constant input. The ~isadvantages 

. i 

of master slave tuning include the extra circuitry and 
power required for the master filter, generation of the 

known input signal, and temperature dependent 

mismatches between the master and slave filter 
characteristics. 

The other compensation scheme often employed 
requires knowledge of the filter response as a function 
of voltage and temperature. The filter tuning -
variables are then distorted as an inverse.function of 
temperature and voltage. The overall filter 
characteristic then becomes largely independent of 
voltage and temperature. The problem wi.th. this method 

is in achieving the appropriate distortion of the 

tuning variables in a simple fashion. 
Thus there is a need for a system or method of 

processing the readback signal of a read channel device 

, ··"":"~ -
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which is accurate, easily optimized, and self adaptive 

during actual operation of the storage device. 

Furthermore, the system should compensate for 

variations in temperature and voltage supply levels. 

SUMMARY 

In accordance with this invention, the ER filter 

: of a readback system of a storage devic_e is optimized. 

Typically the storage device is a magnetic disk drive; 

however, the readback system can be applied to other 

storage devices. The ER filter equalizes an input 

signal to create an equalized signal which ideally 

matches the characteristics of a target signal. 

Therefore, optimization of the ER filter reduced an 

error measure between the characteristics of the target 

signal and the characteristics of the equalized signal. 

Optimization of the ER filter is accomplished by 

reading sample values from the storage device and 

calculating an error measure between the sample values 

and ideal values. In one embodiment, a pole parameter, 
i 

such as the cutoff frequency, is modified to minimize 

the error measure. Other embodiments also modify the 

zeros of the ER filter to minimize the error measure. 

Furthermore, the optimization can occur over several 

samples and use the mean square error of the samples as 

the error measure. 

In another embodiment, the pole parameter is 

converted into a tuning current which is then adjusted . 

into a bias voltage. The bias voltage is then applied 

to the tail transistors of the ER filter to modify the 

pole location of the ER filter. 

The characteristics of components used to create 

the ER filter typically vary with temperature a_nd 

supply voltage. The temperature dependency impede the 

optimization of the ER filter. Therefore, in some 

embodiments of the readback system, a 
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temperature/voltage compensation circuit is used to 
generate a bias voltage which compensates for 
temperature and supply voltage dependencies in the ER 
filter. 

One embodiment of the temperature/voltag·e 
compensation circuit receives a tuning current and a 
voltage input and outputs a bias voltage. The circuit 

=comprises two current mirrors with the tuning current 
entering the first current terminal of the first 
current mirror. The second current terminal of the 
first current mirror is coupled to a third current 
terminal of the· second current mirror. A fourth 
current ·terminal of the second current mirror is 
coupled to the first power terminal of a matching 
transistor which is biased by the input voltage. The 
control terminal of the matching transistor is coupled 
to the first terminal of the first current mirror. The 
bias voltage is taken from the· control terminal of the 
matching transistor. 

Functionally, the matching transistor is biased to 
match the biasing conditions of a target transistor in 
the ER filter. The current mirrors force the tuning 
current through the matching transistor. The vpltage 
at the control terminal of the matching transistor is 
then forced.to the voltage of necessary to force a 
current equal to the tuning current in the target 
transistor. Therefore, the voltage at the control 
terminal of the matching transistor is used as the bias 
voltage output. 

BRIEF DESCRIPTION OF THE DRAWINGS 
Figure 1 shows a very high level block diagra~ of 

a partial response. ·maximum likelihood (PRML) read back 
system. 

Figure 2 shows a block diagram of a conventional 
equalizer. 

-... ~~ 
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Figure 3 shows a block diagram of a conventional 

equalizer optimization system. 

Figure 4 shows a detailed block diagram of a PRML 

readback system. 

Figure 5 shows a block diagram of an ER equalizer 

optimization system for initialization mode. 

Figure 6 shows a contour plot of the mean square 

·: error as a function of z. and we. 

Figure 7 shows a block diagram of an ER equalizer 

optimization system for tracking mode. 

Figure 8 shows _a block diagram of an ER filter 

block such as ER Filter block 410 in FIG. 4 and FIG. s. 
Figure 9 shows. a.circuit diagram of a portion of a 

GmC filter. 

Figure 9 (a) .shows a circuit diagram of one 

embodiment of a Gm Block. 

Figure 10 shows a transistor level circuit diagram 

for a conventional temperature/voltage compensation 

.circuit. 

Figure 11 shows a gate level circuit diagra~ for a 

conventional temperature/voltage compensation circuit. 

Figure 12 shows a circuit diagram for a novel 

temperature/voltage compensation circuit. 

Figure 13 shows a transistor level circuit diagram 

of a novel temperature/voltage compensation circuit. 

Figure 14 shows a transistor level circ~it diagram 

of a novel temperature/voltage compensation circuit. 

DETAILED DESCRIPTION 

According to the principles of this invention, the 

limitations imposed by conventional processing of 

readback signals have been overcome. An E.R filter is 

optimized with a minimal set of parameters so that the 

optimal values of the parameters can be determined in 

real time during actual operation of the storage 

device. The parameters are chosen so that no localized 

-- ... 
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optimal points are present. Therefore, the 

optimization method is able to determine the global 

optimal values for the parameters of the ER filter. 

Furthermore, temperature and voltage compensation for 

the ER filter is provided with a novel compensation 

circuit for the ER filter. 

The ER filter used to generate the pa~tial 

=response signal is a single continuous-time filter. 

The filter transfer function of the ER filter can be, 

for example: 

H(s) = s 2 +(~a-Zb)s-ZaZb. 
N 

TI (s-pn) 
D•l 

(4) 

where z. and Zb are non-negative and Pn are the po~es of . 

a low-pass filter transfer function. H(s) can be 

viewed as a cascade of an Nth-order low-pass filter 

with a second-order all-zero filter. The value of N 

may be selected to achieve a prescribed stop-band 

attenuat.ion characteristic. 

Assuming unit de gain, an N-th order low-pass 

filter is. commonly characterized'. by N parameters. In 

order to reduce the design complexity, the low-~ass 

filter may be chosen from a variety of .available 

filters, including Butterworth, Chebyshev,· or 

Elliptic. Such filters are commonly characterized by 

one or two.parameters, independent of the order of the 

filter. For example, any N-th order Butterworth filter 

is characterized by two parameters: the cutoff 

frequency We and the passband roll-off. By prescribing 

the roll-off value, one only needs to then determin.e 

the cutoff frequency to specify the filter.response. 

The overall design problem is, in this way, greatly 

simplified. 

Using this principle, "the implementation of the ER 

filter for generating a EPR4 partial response becomes 

. -.. -~ 
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easier to optimize. For the magnetic recording 
application, the head/media phase response is almost 
linear. To satisfy the overall linear phase response 
requirement of the EPR4 channel, a lowpass structure 
with a relatively linear phase response as well is 
used. Specifically, in one embodiment of the present 
invention, the ER filter is a 7-th order, 0.5 dB 

~equiripple filter having a transfer function P(s) 
given by 

P(s) = 1 I c (L) 7 +d& { L) &+4; (°L) s+ds ( L) 4+ 
~c ~c ~c ~c 

d3 cL>3+d2 cL>2+d1 <L> +d~ 1 
· ~c ~c ~c 

(5) 

where di are known constants. The transfer function in 
Equation (5) requires the determination of only one 
pole parameter, ~c• the cutoff frequency. Based on 
Equation (4) and P(s), the ER filter design and 
optimization problem is reduced to the optimization of 
three parameters: z., Zb, and ~c· These parameters can 
be determined using an optimization procedure described 
below. 

Optimization of Z2 • Zb. and we 

The Optimization of the ER filter parameters is 
performed in two modes. Initialization mode, which 

.. 
uses a known data signal, can be performed, for 
example, during manufacturing of the storage device, at 
prescribed intervals after manufacturing, at power on, 
or at prescribed intervals after power on. Tracking 
mode, which uses unknown user data, is performed in 
real time during normal operation of the storage 
device. 

FIG. 4 shows the block diagram of an EPRML 

... -.·.·:··· 
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readback system which incorporates one embodiment of 

the present ~nvention. The EPRML read.back system is 

ideally suited for magnetic disk drive systems. Read 

head 403 reads data off of media 404 to provide an 

analog read ~ignal. The analog read.signal is received 

on input terminal 401 of variable gain amplifier 

(VGA) 405. A VGA output signal on output t~~inal 406 

:of variable gain amplifier 405 is sent .to 

Equalized/Receive (ER) filter block 410, which creates 

an equalized signal on output terminal 412 of ER filter 

block 410. Sample and hold circuit (S/H) 415 samples 

the equalized signal on input terminal 414 of Sample 

and hold circuit 415 to provide a stable signal on 

out:put terminal 416 of sample and hold circuit 415 for 

flash comparators ~20. The output of flash 

comparators 420 is decoded.by analog to digital (ADC) 

decoder 425 to produce a discrete time digital 
equalized signal on output terminal 426 of analog to 

digital decoder 425. · The discrete time digital 

equalized signal is also represented as y(kT) where T 

is the interval of sampling and k is an integer. 
Digital equalized signal y(kT) is used by filter 

optimization block 433 to provide filter optimi.zation 
parameters to ER Filter block 410 on output 

terminals 434 of filter optimization block 433. In one 

embodiment the optimization parameters are ~c• z., ~nd 

zb. Viterbi Detector 495 performs the maximum 

likelihood detection required to transform the--digital 

equalized signal into user data. 

Analog gain acquisition block 430, gain loop 
filter 490, digital gain acquisition circuit 450, 
digital gain tracking circuit 455, digital. to analog 
converter 465, and digital to analog converter 470 form 

an automatic gain control loop to adaptively tune 

variable gain amplifier 405 to regulate the amplitude 
of the VGA output signal on output terminal 406 to a 

::.·:··. : -
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prescribed level. Methods, circuits, and techniques 
for facilitating operation of the automatic gain loop 
are described in copending, commonly filed, arid 
commonly assig_ned U.S. Patent f.pplication serial 
No. I entitled "METHODS AND STRUCTURE FOR 
COMBINED ANALOG AND DIGITAL AUTOMATIC GAIN CONTROL IN 
SAMPLED-DATA RECEIVERS" of Shih-Ming Shih, _James W .. 

~Rae, Richard A. Contrera, and Jenn-Gang Chern, with 
Attorney Docket No .. M-3712, which is incorporated 
herein by reference in its entirety. 

Digital to analog converter 440, digital timing 
tracking circuit 445, digital to analog converter 460, 
loop filter 475, zero phase restart circuit 480, and 
vo~tage controlled oscillator 435 form a phase lock 
loop to adaptively tune sample and hold circuit 415 so 
that the output of ER filter block 410 is sampled with 
a clock synchronized to the write.clock, which was used 
to place data on the storage device. Methods,. 
circuits, and techniques for facilitating operation of 
the phase locked loop are described in copending, 
commonly filed, and commonly assigned U.S. Patent 
Application serial No. , entitled "METHODS AND 
STRUCTURE FOR SAMPLED-DATA TIMING RECOVERY WITH REDUCED 
COMPLEXITY AND LATENCY" of Shih-Ming Shih, Tzu-wang 
Pan, and Jenn-Gang Chern, with Attorney Docket No. 
M-3711, which is incorporated herein by reference in 
its entirety. 

In one embodiment of the invention, the·v~rious 
blocks of FIG. 4 are implemented on a single integrated 
circuit with the exception of filter optimization 
block 433. In this embodiment, filter optimization 
block 433 can be implemented in hardware, ~irmwa~e, 

software with a microcontroller or a microprocessor, or 
any combination thereof. 

The initialization mode begins by.writing a known 
data signal a(kT) onto the storage device. Known data 

--,.. 
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signal a(kT) should be a pseudo random sequence. In 
one embodiment data signal a(kT) is created using 

generating polynomial X7E9X 4E91. Initial values for the 
ER filter parameters We, z., and zb can be chosen by 
conventional off~line characterization of the filter 
input signal to be fairly close to the optimum 
settings. The readback signal from the storage device 

~is obtained by an EPRML readback system such as the one 
illustrated by FIG. 4. In some embodiments of the 
invention, known data signal a(kT) is stored in· 
dedicated tracks on the storage media. In other 
embodiments portions of a set of tracks are reserved 
for the initialization mode. 

FIG. 5 shows a block diagram of the portion of 
filter optimization block 433 to optimize the ER filter 
using parameters "'c• z., and Zb during the initialize!:tion 
mode. The ER filter optimization problem may be solved 
in a variety of ways. In the embodiment of FIG~ 5, the 
minimum mean-squared error (MMSE) criterion is used as 
an error measure, which is commonly used for ad~ptive 

r 

digital signal processing, is used. Another embodiment 
might use the mean of the absolute value of the error 
difference for the error measure. 

The mean-squared error (MSE) is defined as 

M 
E = (1/M) 1} [y (kT) -d (kT)] 2 

k•l 
(6) 

where y(kT) the equalized sampled signal from ~nalog to 
digital converter 425, the d(kT) is the known ideal 
EPR4 response of the known data signal a(kT) on the 
storage device, and M is the number of sample points 
used in the averaging operation. Since equalized 
sampled signal y(kT) is generated from the equalized 
signal on output terminal 412 of ER filter block 410, 
equalized sampled signal y(kT) depends upon the 
optimizing parameters z., Zb, and 6'c. Therefore, 

... ·.··· • ... · ... 
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changing the values of Z1 , Zb, and we changes the values 
of the mean-squared error. 

Specifically in FIG. 5, known data signal a(kT) is 
converted into known ideal EPR4 signal d(kT) by EPR4 
generator 510. EPR4 generator 510 implements equation 
(3) given above. Adder 520 subtracts known ideal EPR4 
signal d(kT) on input terminal 521 of adder. 520 from 

~equalized sampled signal y(kT) on input terminal 522 of 
adder 520 to generate error signal e(kT) on output 
terminal 523 of adder 520. Square operator 560 squares 
error signal e(kT) for summing operator 570. Summing 
operator 570 takes the squared error signal and 
calculates the mean square error for M data samples. 
Pa~ameter scanner 590 receives the mean square error on 
input terminal 592. Control variables are provided to 
parameter scanner 590 on control input terminal 591. 
Various control variables include which parameter to 
modify, the range of the param~ter, or the scanning 
increments of the parameter.· Parameter scanner 590 
modifies the value of the para~eter by adding or 

I 

subtracting the scanning increment of the paramete~s 
from the parameters in order to minimize the mean 
square error. The new value of parameter We is written 
to storage element 530, the new value of parameter Z1 is 
written to storage element 540, and the new value of 
parameter Zb is written to storage element 550. The new 
optimizing parameters are then passed to ER Filter 
block 410. In a hardware implementation stora~ 
element 530, storage element 540, and storage 
element 550 could be for example latches or registers. 
In one embodiment the optimizing parameters are 
digitized to eight bits. 

In one embodiment of filter optimization 
block 433, only one parameter is optimized at a time. 
Specifically, We is optimized to minimize the mean 
square error on input terminal 592 while Z1 and Zb are 

... •. ·.· .. _. ... ··-
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held at the initial estimates of z. and zb. Then z. is 
optimized to minimize the mean square error on input 
terminal 592 while we and Zb are held constant. 
Finally, Zb is optimized to minimize the mean square 
error on input termina.l 592 While We and Z8 are held 
constant. The optimization can be performed by setting 
the value of the parameter to one low end qf a possible· 

~range and then increasing the parameter by a step size 
to the high end of the possible range. At each step, 
the error measure is computed. The value of the 
parameter producing the smallest error measure is 
selected as the optimal value. 

In another embodiment of filter optimization 
blqck 433 parameter scanner 590 is simplified to test 
only prespecified sets of the optimizing parameters. 
For example, the designer of the storage device ·can 
specify a few sets of parameters then parameter 
scanner 590 would test each prespecified set of· 
parameters to determine which prespecif ied set of 
parameters is optimal to produce the minimum mean 

i • square error. The preselected sets are determined by 
conventional methods based on such factors as 
characteristics of the media, characteristics of the 
head, and the data rate. 

FIG. 6 shows a contour plot of the mean square 
error values as a function of z. and We for a Lorentzian 
channel model under ~he assumption that Zb=Z.. Note 
that the MSE i·s a convex function of z1 and we. -.The 

.. 
optimum values of z. and we are defined to be the point 
where the mean square error is minimi~ed. These values 
may be found iteratively by choosing an initial 
starting point and then refining the values_; of z. and we· 

until the minimum mean square error is achieved. The 
slope of the mean squ.are error with respect to each 
parameter defines whether the parameter should be 
increased or decreased. When the slope.becomes zero, 

-....... 
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no change is made to the parameters, and their 

resulting values correspond to the minimum mean square 

error. The optimum value of Zb is determined similarly. 

During actual operation of the storage devi~e, 

also called tracking mode, the EPRML read.back system of 

FIG. 4 should compensate for slow variations in the 

read.back signal due to component aging, non-uniformity 

=in the media, or mechanical tolerances. Therefore, the 

ER filter should be made adaptive to changing 

conditions ·during actual use of the st_orage device with 

customer data during tracking mode. 

FIG. 7 shows .a block diagram of the portion of 

filter optimization block 433 to optimize ER filter 

par.ameters Ci>c, z., and Zb during tracking mode. The ER 

filter optimization problem may be solved by minimizing 

a variety error measures. In the embodiment of FIG. 7, 

the minimum mean-squared error (MMSE) criterion is used 

again. However, since tracking mode uses customer data 

instead of the known data signal a(kT), the calculation 

of signal d(kT) must be modified. Instead of a known 

ideal-EPR4 response, signal d(kT) is created as an 

estimated EPR4 response. 

As shown in FIG. 7, equalized sampled signal y(kT) 

is used by EPR4 estimation 710 to calculate estimated 

EPR4 response signal d(kT}. Specifically, each data 

sample y(nT) is rounded to the nearest ideal EPR4 

signal value. The ideal EPR4 signal values are -2, 

-1, O, 1, and 2. Adder 720 subtracts estimated. EPR4 

signal d(kT} from equ~lized sampled signal y(kT) to 

produce difference signal e(kT). Square op~rator 730 

squares error signal e(kT) for summing operator 740. 

Summing operator 740 ta~es the squared error signal and 

calculates the mean square error for M data samples. 

Storage· element 750 stores the mean square error for M 

sampling interval so that adder 760 can calculate the 

change in the mean square error signal for parameter 

--·· ~.'\ 
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update 770 every M intervals. 

Parameter update 770 calculates the operating 
parameters based on the difference between the current 
mean square error a~d the mean sql..iare error of the 
previous sampling interval. Specifically, the 
calculated parameters, denoted by wc[(n+l)T], 
z. [ (n+l) T] , and Zb [ (n+l) T] , which represent .the 

:optimizing parameters at time (n+l)T, are derived by 

the following formulas: 

<.i>c [ (n+l) T] =<a>c [nT] -Aea>c [ (n+l) T] * [EM (nT) -~ [ (n-l) T] ] {7) 
_Aea>c (nT) 

z [( +l)T]=~ .[ T]~Az [( +l)T]• [EM(nT)-EH[(n-l)T]] (8) 
a n a n a n · AZa (nT) 

Zb[ (n+l)T] =Zb[nT]-AZb[ (n+l)T] * [~(nT)-~[ (n-l)T]] (9) 
· AZb(nT) 

where eM(nT) is the mean square error at time nT, 
.&,,c(nT) is the value of a step size update function for 

we at time nT '· Az. (nT) is the value of a step size 
update function for z. at time nT, and .6.Zb (nT) is the 
value of a step size update function for Zb at t.ime nT. 
The step size update functions control the speed of 
convergence. In one embodiment the step size update 
functions are simply constant functions. Another 
embodiment can use a monotonically decreasing function. 

In another embodiment of the invention pa~ameter 
update 770· is simplified to calculate the operating 
parameters using the following formulas: 

<..>c [ (n+l) T] =<..>c [nT] - [ ACJ>c [ (n+l) T] * (10) 

sign[eH(nT) -eM[ (n-l)T] J"•sign{A<a>c(nT)) ] 

z.rcn+l)TJ=z.cnTJ - c ~z.ccn+l)Tl• c11> 

sign [eM (nT) -eM [ (n-1) T]] ~sign (AZa (nT) ) 1 
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Zb[(n+l)T] =Zb[nT] - [ .1.Zb[(n+l)T] * (12) 

sign [€H (nT) -€M [ (n-1) T]] *Sign (.1.Zb (nT)) ] 

where sign(x) is aefined as follows: 

sign(x)= 1 if x>O; 
s_ign (x) = O 

sign(x)=-1 

if X=O; 

if X<O. 

SinGe the ER filter must.be adapted in real time 
during tracking mode, the optimizing parameters are 
normally calculated in parallel. The new value of 
parameter ~c is written to storage element 530, the new 
value of parameter z. is written to storage element 540, 
and the new value of parameter Zb is written to storage 
element 550. The new optimizing parameters are then 
passed to ER Filter block 410. 

While the ER filter optimization procedure for the 
parameters can compensate for non~ideal effects due to 
process variations and circuit imperfections, . once the 
optimum parameter set is determined, the ER filter must 
still compensate for power supply and temperature 
variations over a prescribed range. 

FIG. 8 shows a detailed block diagram of ER filter 
block 410. The ER filter itself is formed by GmC 
filter 810, GmC filter 820, GmC filter 830, and GmC 
filter 840. Each of the GmC filters comprises multiple 
Gm blocks of conventional design and capacitors of 
conventional design. A pole of the ER filter requires 
two Gm blocks and one capacitor, while a zero of the ER 
filter requires one Gm block and one capacitor. 
However, in some embodiments a zero can share a 
capacitor with ·a pole. In the embodiment of FIG. 8, 
the ER filter is a seven pole two zero fil~er; 
therefore, 16 GmC filter blocks are required. The 
embodiment of FIG. 8, also uses shared capacitors for 
the zeros; therefore, only seven capacitors are 
required. Each Gm block receives the common mode 

•• • •• 1· 
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voltage VCM from biasing circuit 855. In addition the 
Gm blocks used for the poles of· the ER filter receive a 
biasing voltage Vbm from temperature/voltage 
compensation circuit 870 to set the cutoff frequency of 
the ER Filter represented by ~c· Each of the GmC filter 
blocks used for a zero receives a biasing voltage to 
control the location of the zeros. Details. of one 

:embodiment of the Gm blocks are described below and 
depicted in FIG._9. 

Input terminal 406 (FIGS .. 5 and 8) of ER filter 
block 410 is coupled to input terminal 801 of 
preamp 805. Preamp 805 further amplifies the VGA 
output signal received on input terminal 406 to provide 
a differential output voltage signal on output 
terminal 806 and output terminal 807 of preamp 805. 
GmC filter 810 has input terminal 811 coupled to output 
terminal 806 and input terminal 812 coupled to output 
terminal 807. GmC filter ~10 comprises five Gm blocks 
and two capacitors of conventional design. Each Gm 
block receives the common ~ode voltage VCM from biasing 
circuit 855. In addition the first four Gm blocks of 
GmC filter 810 receive a biasing voltage from 
temperature/voltage compensation circuit 870. The 
first four Gm blocks of GmC filter 810 are used to 
control two poles of the ER filter. The fifth Gm block 
of GmC filter 810, which is used to control a zero of 
the ER filter, is control1ed by digital to analog 
converter 890. 

GmC filter 820 also comprises five Gm blocks and 
two capacitors of conventional design. Input 
terminal 821 of GmC filter 820 is coupled to output 
terminal 813 of GmC filter 810. Input terminal 822 of 
GmC filter 820 is coupled to output terminal 814 of GmC 
terminal 810. The Gm blocks of GmC Filter 820 are 
configured similarly to GmC filter 810 except that the 
fifth Gm block of GmC filter 820 is controlled by 

. ·.·· . ; : . .... . . . 
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digital to analog converter 880. Therefore, each Gm 
block of GmC filter 820 receives the common mode 
voltage VCM from biasing circuit 855. The first four 
Gm blocks of GmC filter 820 receive biasing voltage Vbw 
from temperature/voltage compensation circuit 870 to 
control two poles of the ER filter. The fifth Gm block 
of filter 820 controls the second zero of the ER 

=filter. 

GmC filter 830, which is used to control two poles 
of the ER filter, comprises four Gm blocks and two 
capacitors of conventional design. Input terminal 831 
of GmC filter 830 is coupled to output terminal ·823 of 
GmC filter 820. Input terminal 832 of GmC filter 830 
is ~oupled to output termi,nal 824 of GmC terminal 820. 
Each Gm block of GmC filter 830 receives the common 
mode voltage VCM from biasing circuit ass. The Gm 
blocks of GmC filter 820 also receive a biasing voltage 
from temperature/voltage compensation circuit 870 to 
control two poles of the ~R filter. 

GmC filter 840, which is used to control a single 
pole of the ER filter, comprises two Gm blocks and one 
capacitor of conventional design. Input terminal 841 
of GmC filter 840 is coupled to output terminal 833 of 
GmC filter 830. Input terminal 842 of GmC filter 840 
is coupled to output terminal 834 of GmC terminal 830. 
Each Gm block of GmC filter 840 receives the common 
mode voltage VCM from biasing circuit 855. The Gm 
blocks of GmC filter 820 also receive biasing ~eltage 
Vbm from temperature/voltage compensation circuit 870 to 
control one pole of the ER filter. 

Output Amplifier 850, of conventional design, has 
input terminal 8Sl coupled to output termi~al 843 of 
GmC filter 840 and input terminal 852 coupled to GmC 
filter 850. Output terminal 8S3 of output 
amplifier 850 is coupled to output terminal 412 of ER 
filter block 410. The equalized signal ·is provided by 

-........ . 
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output amplifier 850 on output terminal 853. 

Biasing circuit 855 provides common mode voltage 

VCM on output terminal 856. Common mode voltage VCM is 

coupled to every Gm block so that every Gm block has 

the same reference voltage. Common mode voltage VCM is 

also used by temperature/voltage compensation 

circuit 870. The common mode voltage is typically tied· 

:to the supply voltage level; therefore, common mode 

voltage VCM varies with the supply voltage. For 

example, in one embodiment, the common mode voltage VCM 

could be set to the positive supply voltage minus one 

volt. Since biasing circuit 855 does not compensate 

for temperature variations, the common mode voltage VCM 

al~o varies with the temperature. 

As explained above, the ER filter can be tuned by 

adjusting only the three parameters "'c' z., and zb. The 
poles are controlled solely by the cutoff frequency 

parameter Cl.le, while parameter z. and parameter Zb each 
control one of the zeros of the ER filter. Parameter "'c 
is received by digital to analog converter 860 on input 

terminal 861. Digital to analog converter 860 is 

designed to be insensitive to temperature and supply 
voltage variations using well known conventional 

techniques. Parameter Cl.le is converted to an analog 

tuning current Im~ on output terminal 862 of digital to 
analog converter 860. In some embodiments of the 
invention several digital to analog converters are used 
for parameter we to create several tuning currents so 

that the load on each tuning current is reduced. 
Temperature/voltage compensation circuit 870 uses 

tuning current Im~ on input terminal 871 of 

temperature/voltage compensation circuit 870 and common 
mode voltage VCM on input terminal 872 of 

temperature/voltage compensation circuit 870 to 

generate a temperature and supply voltage compensated 

bias voltage Vbw on output terminal 873 'of 

~·· ... · .. 
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temperature/voltage compensation circuit 870. The bias 
voltage vbw is used to adjusts the poles of the ER 
filter based on the value of parameter we in the Gm 
blocks. The effect of bias voltage Vbw on the cutoff 
frequency of the ER filter is.explained below. Bias 
voltage Vbw is also used by digital to analog 
converter 890 so that input terminal 891 of digital to 

~analog converter 890 is coupled to input terminal 873 
of temperature/voltage compensation circuit 870_. 
Similarly, input termina~ 881 of digital analog 
converter 880 is coupled to·output terminal 873 of 
temperature/voltage compensation circuit 870 to provi~e 
bias voltage Vbm to digital to analog converter 880. 

Digital to analog converter 890 converts zero 
parameter Za on input terminal 892 of digital 
converter 890 into.a first filter zero bias voltage on 
output terminal 893 o~ digital to analog converter 890. 
The first filter zero.bias voltage adjust one of the 
zeros in the ER filter. Similarly, digital to analog 
converter 880 converts zero parameter Zb on input 

' terminal 882 of digital converter 890 into a second 
filter zero bias voltage on output terminal 883 of 
digital to analog converter 890. The second filter 
zero bias voltage adjust the other zero in the ER 
filter. Like digital to.analog converter 860, digital 
to analog converter 880 and digital to analog 
converter 890 are designed to be insensitive to 
variations in temperature and supply voltage us-ing 
conventional techniques. 

FIG. 9 shows a portion of GmC filter 810 in 
accordance with one embodiment of the present 
invention. Specifically, FIG. 9 shows fir~t Gm 
block 810-1 of GmC filter 810, one pole capacitor 910, 
and second Gm block 810-2 of GmC filter 810. Since the 
functionality of first Gm block 810-1 is identicai to 
second Gm block 810-2, only first Gm block 810-1 is 
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described in detail. Each Gm block is a differential 
transconductance amplifier of conventional design. 

First Gm block 810-1 can be divided into a head 
portion 920 and a tail portion 930. Head portion 
includes current source 930 coupled between positive 
supply voltage V= and first power terminal 961 of 
transistor 960. current source 930 is controlled by 

=voltage .bias circuit 950. Control terminal 962 of 
transistor 960 is coupled to first input voltage 
terminal 921. Second power terminal 963 of 
transistor 960 is coupled to second power terminal 973 
of transistor 970 ahd first power terminal 981 of tail 
transistor 980 in tail portion 930: Control 
tez:minal 972 of transistor 970 is coupled to second 
voltage input terminal 922. First power terminal 971 
of trans"istor 970 is coupled to posit:ive supply voltage 
V= through current source 940. Current source 940 is 
controlled by voltage bias cir~uit 950. The voltage 
level of first power terminal 961 of transistor 960 is 
controlled by voltage bias cir~uit 950 by adjusting the 

I . 

current through current source 930. Similarly, volta~e 
bias circuit 950 also controls the voltage level on 
first power terminal 971 of transistor 970 by a~justing 
the current through current source 940. Voltage bias 
circuit 950 also of conventional design is controlled 
by common mode voltage VCM on input terminal 951 of 
voltage bias circuit 950. Control terminal 982 of tail 
transistor 980 is coupled to bias voltage Vbw ~utput 
terminal 873 (FTG. 8) of temperature/voltage 
compensation circuit 870. Second power terminal 983 of 
tail transistor 980 is coupled to ground. The output 
of the Gm block is provided on first current output 
terminal 923, which is coupled to first power 
terminal 961 of transistor 960, and second current 
output terminal 924, which is coupled to first power 
terminal 971 of transistor 970. 

. . . .. 
.. . 
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In the embodiment of FIG. 9, transistor 960 is a 

bipolar transistor. Therefore, first power 
terminal 961 is a collector terminal, second power 
terminal 963 is an emitter terminal, and control 
terminal 962 is a base terminal. Similarly, first 
power terminal 971 is a collector terminal, second 
power terminal 973 is an emitter terminal, .and control 

: termina.1 972 is a base terminal. In the embodiment of 
FIG. 9, tail transistor 980 is a MOSFET; therefore, 
first power terminal 981 is a drain terminal, second 
power terminal 983 is a source terminal, and control· 
terminal 982 is a gate terminal. In other embodiments, 
the transistor types can vary. Furthermore other 
embodiments of amplifiers can also be used. Techniques 
used in and examples of suitable conventional filters 
are discussed in H. Tanimoto, M. Koyama, and Y. 
Yoshida, "Realization of a 1-V Active Filter Using a 
Linearization.Technique Employing Plurality of 
Emitter-Coupled Pairs," IEEE J~ Solid-State Circuits~ 
vol. SC-26, no. 7, pp. 937-945, July 1991 which is 

i 

incorporated herein by reference. 
A more detailed Gm block is shown in FIG. 9{a). 

In FIG. 9{a), transistor 960 {FIG. 9) is functionally 
replaced with block of transistors 960a. Specifically, 
block of transistors 960a contains transistor 964, 
transistor 965, transistor 966, and transistor 967 
within block 960a. Similarly, transistor 970 {FIG. 9) 
is functionally replaced with block of transistors 
970a. Specifically, block of transistors 970a contains 
transistor 974, transistor 975, transistor 976, and 
transistor 977 within.block 970a. Tail transistor 980 
is functionally replaced with block of tr~nsistors 
980a. Specifically, block of transistor 980a contains 
transistor 984 and transistor 985. Transistor 968 
having a control terminal coupled to first voltage . 
input terminal 921 serves as a buffer for the voltage 
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input. Similarly, transistor 978 having a control 
terminal coupled to second voltage input terminal 922, 
also serves as a buffer. Transistor 969 provides 
current drive and biasing to transistor 968. 
Similarly, transistor 979 provides current drive and 
biasing to transistor 978. 

The ER filter has a response, H(jw), that is 
= controll.ed as explained above by changing cutoff 
frequency, We, and zero positions via the parameters z. 
and Zb. The·cutoff frequency of the ER filter is 
directly proportional to the collector currents of 
transistor 960 (or transistor 970). Tail bias current 
Ibm• which is the current through the tail transistors 
of ~he various Gm bloc~s, is proportional to the 
emitter current of transistor 960; therefore, tail bias 
current Ibm is proportional to the collector current 
multiplied by the a parameter of transistor 960. 

Unfortunately the a parameter of a transistor varies 
with temperature which causes bias current lbw to vary 
with temperature. The variation of bias current .Ibw 
caused by temperature would cause a temperature 
dependence on the ER filter unless the temperature 
dependence of bias current Ibw is compensated fQr by 
removing the dependence on the a parameter. 

Digital to analog converter 860 generates tuning 
current Iw~ which is the appropriate tail current for 
the particular we received by digital to analog 
converter 860. Temperature/compensation circuit 870 
then creates bias voltage Vbw which is coupled to the 
control terminal of each of the tail transistors to 
regulate the tai~ bias current Ibw to be equal to tuning 
current Iw~· However since the a paramete~ varies with 
temperature, temperature/voltage compensation 
circuit 870 must compensate for a. Consequently, tail 
bias current lbw should be matched to tuning current Iw~ 
divided by a. A circuit to accomplish the matching is 

--·-·- ... · .. . · .·· 
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described in detail below and shown in FIG. 12. 

Conventional techniques can be used to create 
temperature and supply invariant circuits such as the 
digital to analog converters. -However, these 
techniques produce circuits that are very costly in 
terms of complexity and chip area. Therefore, the 
conventional techniques used in the digital to analog 

=converters are not feasible for controlling the large 
number tail bias currents used in the ER filter. 
Temperature/voltage compensation circuit 870 forces the 
tail bias currents of the ER filter to match tuning 
circuit Im~, which is insensitive to temperature and 
supply voltage· variation. In most embodiments of 
t.emperature/voltage compensation circuit 870, · tuning 
circuit 1_ is forced through a matching.transistor 
which has the same transistor characteristics of tail 
transistor 980. Furthermore, the drain to source 
voltage of the matching transistor is matched as close 
as possible to the drain to source voltage of tail 
transistor 980. The resulting gate to source voltage 
of the matching transistor is used as bias voltage Vbw 
at the gate terminal of tail transistor 980 to cause 
tail bias current Ibw to equal tuning current Im~. 

FIG. 10 shows a conventional design for 
temperature/voltage compensation circuit 870 coupled to 
first Gm block 811-1. Tuning current Im~ on input 
terminal 871 is forced through matching transistor 1010 

since drain terminal 1011 and gate terminal 10~2 of 
matching transistor 1010 are coupled together to input 
terminal 871. ·The voltage on drain terminal 1011 of 
transistor 1010 is held to the bias voltage Vbw on input 
terminal 872. Matching transistor 1010 is.created with 
similar transistor characteristics as tail 
transistor 980. Since, gate terminal 1012 is connected 
to the gate terminal of tail transistor 980 and source 
terminal 1013 of matching transistor 1010 is connected 
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to the source terminal of tail transistor 980, the gate 
source voltage VGs of matching transistor 1010 and tail 
transistor 980 are equal. Therefore, the tail bias 
current lbw through tail transistor 980 should equal 
tuning current Iw~ flowing through matching 
transistor 1010 if the drain to source voltage Vos of 
the two transistors are equal. 

However the drain to source -voltage of tail 
transistor 980 is common mode voltage VCM minus the 
voltage drop across tra~sistor 960 or transistor 970 
(FIG. 9) in head portion 920. If transistor 960 and 
transistor 970 are bipoiar transistors, the voltage at 
the drain terminal of tail transistor 980 is common 
mode voltage VCM minus the base to ~mitter voltage V8E·, 

which is temperature dependent. Furthermore, the 
embodiment of FIG. 10 does not compensate for.the a 
factor of transistor 960. Therefore, the conventional 
system of FIG. 10 can only be used if temperature 
compensation is not critical. 

FIG. 11 shows another conventional embodimen~ of 
temperature/voltage comparison circuit 870 1 which 
provides a better match between tuning current Im~ and 
tail bias current lbw than provided by the embo~iment of 
FIG. 10. Input terminal 872 is coupled to base 
terminal 1111 of transistor 1110 so that common mode 
voltage VCM is placed on base terminal 1111 of 
transistor 1110. The voltage at emitter terminal 1113 
of transistor 1110 is held to-a voltage of commen mode 
voltage VCM minus base to emitter voltage VBs of 
transistor 1110. If transistor 1110 is matched to 
transistor 960 and transistor 970 {FIG. 9), the voltage 
at emitter terminal 1113 should equal the voltage at 
the drain terminal of tail transistor 980. 

Emitter terminal 1113 of transistor 1110 is 
coupled to positive input terminal 1122 of op-amp 1120. 
Output terminal 1123 of op-amp 1120 is coupled to gate 

: :··}··.·: 
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terminal 1132 of matching transistor 1130. Negative 
input terminal 1121 of op-amp 1123 is coupled to drain 
terminal 1131 of matching transistor 1130. Since drain 
terminal 1131 is coupled to input terminal 871 and 
source terminal 1133 of matching transistor 1130 is 
coupled to ground, tuning current Io.me on input 
terminal 871 is forced through matching 

=transistor 1130. A feedl:?ack path is formed from output 
terminal 1123 of op-amp 1120 to gate terminal 1132 of 
matching transistor 1130 to d:i;:-ain terminal· 1131 of 
matching transistor 1130 to negative input 
terminal 1121 of op-amp 1120. Due to the feedback path 
op-amp 1120 causes the voltage at negative input 
tez:minal 1121 of op-amp 1120 to equal the voltage at 
positive input terminal .1122 of op-amp 1120, which is 
equal to the voltage at emitter terminal 1113 of 
transistor 1110. As explained above, the·voltage at 
emitter terminal 1113 is equal to the voltage the drain 
terminal of tail transistor 980. Therefore, the drain 
to source voltage, V~, of .matching transistor 1130 and 
tail transistor 980 are equal. Since tuning current 
1111~ is forced through matching transistor 1130, the 
voltage at gate terminal 1132 of matching 
transistor 1130 is at the appropriate Yos to allow 
tuning current Iwnc to flow through matching 
transistor 1130. Since the gate terminal 1132 is 
coupled to the gate terminal of tail transistor 980 the 
tail bias current lbw is equal to the tuning 
current I 111nc. However, as explained above the a factor·· 
of transistor 960 requires that tail bi?s current lbw be 
matched with tuning current I 111nc divided by·a. 
Furthermore, the feedback loops of the embodiment of 
FIG. 11, becomes unstable if the capacitance on output 
terminal 873 is large. Due to the large number of tail 
transistors in the ER filter output terminal 873 has a 
large capacitance; therefore, the embodiment of FIG. 11 
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is not well suited for an ER filter. 

FIG. 12 shows a novel embodiment of 
temperature/voltage compensation circuit 870. Input 
terminal 871 carrying tuning current Iniae is coupled to 
first current terminal 1232 of first current 
mirror 1230. First current mirror 1230 has a power 
terminal 1233 coupled to ground. First current 

=mirror 1230 also has second current 1231 coupled to 
first current terminal 1242 of second current 
mirror 1240. Second current mirror 1240 has power 
terminal 1243 coupled to positive supply voltage V~. 
Second current mirror 1240 also has second current 
terminal 1241 coupled to collector terminal 1211 of 
tr~nsistor 1210. 

Input terminal 871 is also coupled to output 
terminal 873 and gate terminal 1222 of matching 
transistor 1220. Output terminal 873 is coupled to the 
gate terminal of tail transistor 980. Since source 
terminal 1223 of transistor 1220 is coupled to ground, 
the source terminal of tail transistor 980 is coupled · 
to ground and gate terminal 1222 is. coupled to the gate 
terminal of tail transistor 980, matching 
transistor 1222 and tail transistor 980 have the same 
gate to source voltage. 

Input terminal 872 is coupled to base 
terminal 1212 of transistor 1210 so that common·mode · 
voltage VCM is placed on base terminal 1212. The 
voltage at emitter terminal 1213 of transistor -1.210 is 
held to a voltage of common mode voltage VCM minus base 
to emitter voltage V8E of transistor 1210. As ~xplained 
above with respect to FIG. 11,· the resulting voltage on 
emitter terminal 1213, which is coupled to.drain 
terminal 1221 of matching transistor 1220, matches the 
drain to source voltage of matching transistor 1220 to 
the drain to source voltage of tail transistor 1220. 

Since matching transistor 1220 and tail 

· .. ·.· .. • .. · ·:.-._·~: ..... . 
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transistor 980 have the same gate to source voltage and 
drain to source voltage, tail bias current Ibw equals 
the current flowing through matching transistor 1220. 
Since tuning current Iwac flows into first current 
terminal 1232 of first current mirror 1230, tuning 
current Iw~ is mirrored on second current terminal 1231 
of first current mirror 1230. Therefore, .tuning 

:current Iwac flows into first current terminal 1242 of 
second current mirror 1240. Consequently, second 
current mirror 1240 mirrQrs tuning current IIWll: on 
second current terminal 1241 of second current 
mirror 1240. Therefore, the· collector current of 
transistor 1210 is equal to the tuning ·curren_t I 111ac and 
the emitter current of transistor·1~10 is the tuning 
current I 111ac divided by the a of transistor 1210. Thus, 
the current flowing through transistor 1220 is tuning 

·current I 111ac divided by the a of transistor 1220. Since 
tail bias current Ibw is forced to equal the current 
flowing through matching transistor 1220, tail bias · 
current .Ibw is equal to tuning current Iw~ divided by 
the a of transistor 1220. By matching transistor 1220· 
with transistor 960 the a factors cancel out to 
properly tune the cutoff frequency of the ER filter. 
Furthermore, the embodiment of FIG. 12 is actually 
stabilized by increasing the capacitance on output 
terminal 873. 

The particular implementation of first current 
mirror 1230 and second current mirror 1240 is 
unimportant so long as the implementation provides 
matching currents on the first current terminal and the 
second current terminal. FIG. 13 shows one embodiment 
of temperature/voltage compensation circui~ 870 with 
transistor level implementations of the current 
mirrors. Specifically, first current mirror 1230 
comprises NMOS transistor 1330 and NMOS 
transistor 1340. Gate terminal 1332 of.NMOS 

. :: 
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transistor 1330 is coupled to gate terminal 1342 of 

NMOS transistor 1340. Drain transistor 1331 of NMOS 

transistor 1330 is coupled to gate terminal 1332 of 

transistor 1330 and second current input terminal 1231. 

Drain terminal 1341 of NMOS transistor 1340 is coupled 

to first current terminal 1232. Source terminal 1333 

of NMOS transistor 1330 and source terminal. 1343 are 

~coupled to power terminal 1233, which is coupled to 

ground. 

Second current mirror 1240 comprises PMOS 

transistor 1310 and PMOS transistor 1322. Drain 

terminal 1311 of PMOS transistor 1310 and drain 

terminal 13"21 of PMOS transistor.i320 are coupled to 

po~er terminal 1243 which is coupled to the positive 

supply voltage V". Source terminal 1323 of PMOS 

transistor 1322 is coupled to first current 

terminal 1242. Source terminal 1313-is coupled to 

second current terminal 1241, gate terminal 131_2 of 

PMOS transistor 1310, and gate terminal 1322 ot' PMOS 

transistor 1320. 

FIG. 14 shows another embodiment of 

temperature/voltage compensation circuit 870 in which 

second current mirror 1240-14 incorporates casc9de 

transistors to increase· the output resistance of the 

transistors in current mirror 1240-14. D~e to the 

cascode transistors second current mirror 1240-14 

requires biasing terminal 1244 and second power 

terminal 1245. The basic function of second current 

mirror 1240-14 is to cause the current on first current 

terminal 1232 to be equal to the current on second 

current terminal 1241. 

In second current mirror 1240-14, first current 

terminal 1242 is coupled to source terminal 1453 of 

cascade PMOS transistor 1450. Drain terminal 1451 of 

cascade PMOS transistor 1451 is coupled to 1423 of PMOS 

transistor 1420. Drain terminal 1421 of PMOS 
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transistor 1420 is coupled to first power terminal 1243 

which is coupled to the positive power supply voltage 

V~. Second current terminal 1241 is coupled to source 

terminal 1433 of cascade PMOS transistor 1430, gate 

terminal 1412 of PMOS transistpr 1410, and gate 

terminal 1422 of PMOS transistor 1420. Source 

terminal 1431 of cascade PMOS transistor 1430 is 

= coupled to source terminal 1413 of PMOS 

transistor 1410. Drain terminal 1411 of PMOS 

transistor 1410 is coupled to power terminal 1243. 

Biasing terminal 1244 is coupled to gate terminal 1462 

of NMOS transistor 1460. Source terminal i463 of NMOS 

transistor 1440 is coupled to output terminal 1245 

which is coupled to ground. Drain terminal 1461 of 

NMOS transistor 1460 is coupled to source terminal 1443 

of PMOS transistor 1440, gate terminal 1442 of PMOS 

transistor 1440, gate terminal 1432 of cascode PMOS 

transistor 1430, and gate termi,nal 1452 of PMOS cascode 

transistor 1450. Drain terminal 1441 of .PMOS 

transistor 1440 is coupled to p,ower terminal 1243. 
I 

As explained above with respect to FIG. 12, the 

current on first current terminal 1242 should equal 

tuning current Im~i therefore, both cascade PMOS 

transistor 1450 and PMOS transistor 1420 must be biased 

to drive tuning current Im~· Furthermore, the current 

on second current terminal 1241 should also equal 

tuning current Im~i therefore, both cascade PMOS 

transistor 1430 and PMOS transistor 1410 must be· biased 

to drive tuning current Im~· The required biasing is 

accomplished by NMOS transistor 1460 and PMOS 

transistor 1440. Specifically, NMOS transistor 1460 

has matching transistor characteristics wit.h matching 

transistor 1220; furthermore, NMOS transis~or 1460 has 

the same gate to source voltage as matching 

transistor 1220. Therefore, NMOS transistor 1460 

begins to sink any charge that· may exist on gate 

.. . =~ ·: . . 
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terminal 1442 which will activate PMOS transistor 1440, 
cascode PMOS transistor 1430, and cascode PMOS 
transistor 1450. Eventually the currents through the 
various transistors will be equalized by the current 
mirrors so that the current through the transistors 
will equal tuning current Iru~ or tuning current Iru~ 

divided by the a of transistor 1210. 
The various embodiments of the structure and 

method of this invention that are described above are 
illustrative only of the principles of this invention 
and are not intended to limit the scope of the 
invention to the particular embodiments described. In 
view of this· disclosure~ those _skilled-in-the-art can 
def.ine other filters, error measures, partial response 
signals, current mirrors, Gm amplifiers, GmC filters, 
storage elements, gradients, hardware implementations, 
firmware, and use these alternative elements to create 
a method, circ~it, or system according to the 
principles of this invention . 
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CLAIMS 

We claim: 

1. A method for optimizing an ER filter having a 

pole parameter and a zero in a readback system of a 

storage device comprising: 

reading a sample value from said storage 

device; 

determining an ideal value;. 

calculating an error measure between said 

sample va~ue and said ideal value; and 

modifying said pole parameter to minimize 

said error measure. 

2. The method of .Claim 1, further comprising 

modifying said zero of said ER filter to 

minimize said error measure. 

3. The method of Claim 1, wherein said sample 

value is a customer datum. 

4. The method of Claim 1, wherein said pole 

parameter is a cutoff frequency parameter of said ER 

filter. 

5 An apparatus for optimizing an ER filter 

having a pole parameter and a zero in a readback system 

of a storage device comprising: 

means for reading a sample value frorQ -·said 
storage device; 

means for determining an ideal value; 

means for calculating an error measure 

between said sample value and said ideal value; 
and 

means for modifying said pole parameter to 

minimize said error measure. 
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6. The apparatus of Claim 5, further comprising 

means for modifying said zero of said ER 
filter to minimize said error measure. 

7. The apparatus of Claim 5, wherein said sample 
value is a customer datum. 

8. The apparatus of Claim 5, wherein said pole 
parameter is a cutoff ·frequency parameter of said ER 
filter. 

· 9. A method for optimizing an ER filter havin~ a 
cutoff frequency and a plurality of zeros in a readback 
system of a storage device comprising: 

determining a cutoff _value for said cuto.ff 
frequency and a filter zero value for each of said 
zeros to form a plurality of filter zero values; 

reading a plurality of sample values from 
said storage device, wherein said plurality number 
M; 

determining an ideal value associated for 
each of said sample values to form a plurality of 
M ideal values; · 

calculating a mean square error measure 
between said sample values and said ideal values; 

modifying said cutoff value and each of said 
filter zero values to minimize said mean square 
error measure; 

converting said cutoff value to a tuning 
current; 

transforming each of said filter zero values 
to a filter zero voltage; 

altering said tuning current to a bias 
voltage; 

applying said bias voltage and each of said 
filter zero values to said ER filter· to adjust 
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said cutoff frequency and said zeros of said ER 

filter. 

10. A temperature/voltage compensation circuit 

having a tuning current input terminal'· a voltage input 

terminal and a voltage output terminal, said 

temperature compensation circuit comprising: 

a first current mirror having a first current 

terminal coupled to said tuning current input 

terminal, a first power terminal coupled to 

ground, and a second current terminal; 

a second current mirror having a third 

current terminal coupled to _said second current 

terminal of said first current mirror, a second 
power terminal coupled to a positive supply 

voltage, and a fourth current terminal; and 

a matching transistor having a first power 
terminal coupled to said voltage input terminal 

and said fourth current terminal of said second 
current mirror, a control terminal coupled to said 
tuning current input terminal and said voltage 

output terminal, and a second power terminal 

coupled to ground. 

11. The temperature/voltage compensation circuit 

of Claim 10, further comprising a second transistor 

having a second control terminal coupled to said 

voltage input terminal, a third power terminal_coupled 
to said fourth current terminal of said second current 
mirror, and a fourth power terminal coupled to said 
first power terminal of said matching transistor; 

wherein said first power terminal of said matching 

transistor is coupled to said voltage input terminal 
and said fourth current terminal of said second current 
mirror through said second transistor. 
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12. The temperature/voltage compensation circuit 

of Claim 10, wherein said matching transistor is a 
MOSFET. 

13. The temperature/voltage compensation circuit 
of Claim 11, wherein said second transistor is bipolar. 
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