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[57] ABSTRACT 

A pulse shaping network for the read circuitry of a 
floppy disc memory system in which encoded digital 
data is recorded in a double density format. The pulse 
shaping network processes an uncompensated input 
read signal in order to substantially eliminate cross talk 
between the bivalent pulses of the read signal, thereby 
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correcting the peak phase shift and peak amplitude 
distortion that characterizes intersymbol cross talk. The 
resulting phase and amplitude corrected read signal can 
then be accurately decoded in order to retrieve the 
information contained in the peak phases of the read 
signal. The pulse shaping network includes a sine pulse
forming filter comprised of a capacitively terminated 
parallel cascade of series LC sections characterized by 
respective half-period harmonic transfer functions 
whose impulse responses are substantially finite time 
duration sine pulses of a successively odd multiple of 
half cycles. The input read signal pulses are applied to 
the sine pulse-forming filter, and a buffer circuit is used 
to separately tap the responses of the first two LC sec
tions. These responses, which correspond to the convo
lution of the read signal pulses with the first and third 
half-period harmonic transfer functions of the filter, are 
then scaled and applied to a difference amplifier that 
provides the corrected read signal output of the pulse 
shaping network. An equalization analysis of the read 
signal pulses yields the optimum harmonic content, 
including scaling factors, for the combined network 
transfer function of the filter so as to substantially elimi
nate intersymbol cross talk by effectively narrowing in 
time the pulses of die input read signal. Since the net
work transfer function is formed of only lower order 
harmonics, the response of the pulse shaping network is 
band width-limited so that the signal-to-noise ratio is 
not seriously degraded. 

22 Claims, 5 Drawing Figures 
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PULSE SHAPING NETWORK FOR DISC READ 
CIRCUITRY 

2 
cording medium. The digital data can be straightfor
wardly written onto the recording medium by applying 
to a magnetic head a waveform (such as waveform B) 
that is substantially rectangular, i..e., one having abrupt 

BACKGROUND OF THE INVENTION 5 step transitions at precisely controlled intervals, thereby 
The present invention relates to devices for reading causing sudden reversals of the magnetic condition of 

encoded digital information recorded at high densities the recording medium according to the same precise 
as bivalent states of a moving recording medium, and timing sequence. Considerable difficulty, however, is 
more particularly to networks that function to reduce . encountered in accurately retrieving the timing se-
cross talk between the bivalent pulses of a read signal in 10 quence of the recording code transitions. As noted 
order to correct the peak phase shift and peak amplitude above, reading double density encoded data requires 
distortion that characterizes intersymbol cross talk, that the precise intervals between the transitions, and 
thereby facilitating the accurate decoding and retrieval not just the occurance of the transitions, be detected. 
of the information. . Thus, referring to FIG. 1, the information encoded in 

Digital information is commonly stored in the form of 15 waveform B can be accurately retrieved only if the read 
a bivalent state of a moving magnetic recording medium circuitry can detect transitions occuring at times to, tJ 
such as a floppy disc, disc or magnetic drum. The infor- (after an interval of approximately two microseconds), 
mation is typically written onto the recording medium t2 (after an interval of approximately two microsec-
in accordance with either of two encoding techniques, onds), t3 (after an interval of approximately four micro-
the so-called single density (standard) and double den- 20 seconds), t4 (after an interval of approximately three 
s~ty (self-cl~cking) rec?rding formats. In the ca~e <;>f the microseconds), and so on. 
smgle denSity recordul:g form~t, each dat~ bit IS re- The difficulty in accurately detecting the precise 
c?rded onto t~e r~cordmg medn~m alo~g. Wlt~ an asso- sequence of the recording code transitions arises be-
<:lated cloc~ ~lt, .wlth the clo?k bit provldml? bit separa- 25 cause, unlike the write signal waveform used to record 
tlon an~ facdltatmg data ~etneval. T.he. reqU1remen~ of a the data, the read signal waveform is not at all rectangu-
~~ock bit ~or each dat~ bit can b~ elumnated by usm~ a lar. Rather, due to the transfer characteristics of the 
19h.denslty se!f-clocking reco~dm~ ?ode. Current high recording medium and the magnetic head, each transi-

denSity recor?mg codes permit. digital. data to b.e en- tion is translated during the write/read process into an 
coded and wntten onto a recordmg medium at typiCally . ... . 
d bl th d 't f th . 1 d 't . d' fi 30 amphtude vanatlOn havmg a Gaussian shape. Thus, the ou e e enSl y 0 e smg e enSl y recor mg or- d' l' fiG 

t · th b't 11' tal' d bl d't d' rea signa compnses a sequence 0 e ementary aus-ma , I.e. e 1 ce m erv m ou e enSl y recor mg . h d . . 1 hi' . f h' h 
is half the duration of the single density bit cell. As Slan-s ape .transltl?n pu se~, t e. po antles. 0 ~ lC 
conventionally used in the computer arts, a bit cell is a alternate, With the mformatlOn .~emg contamed m the 
binary information element occupying a fixed interval phase of the. peaks of th~ .transltlOn ~ulses. Such a se-
of time over which a digital bit can be recorded as a 35 quence of bl~alent transltlOn pulses IS represented ~y 
bivalent magnetic flux state of a moving recording me- waveform C m FIG. 1. In the case of data recorded m 
dium. a double density format, an effect known as pulse 

The high density codes used to encode digital infor- crowding causes. intersymbol cr~s~ talk. That is, be-
mation are able to designate sequences of digital infor- cause the Gausslan-sh~ped tranS[tl?n pulses ~u~ce~d 
mation in terms of at most one transition i.e. one 40 each other at smaller mtervals, their superposltlOn m 
change in the magnatic flux state of the rec~rdin~ me- time causes the peak amplitUdes of the transition pulses 
dium, per bit cell. For example, in one commonly used to be. ~educed (see waveform C). lF~rthermore,. s~nce a 
self-clocking code modified frequency modulation transl~lon may occur nearer to the adJa~~nt translt~on on 
(MFM) a logic one is represented by a transition in the one Side. or the o~her, the superposltlOn of adJace~t 
center of a bit cell, while a logic 0 is represented by a 45 symmetncal Gaussian waveforms can be nonsymmetn-
transition at the beginning (i.e., the leading edge) of a bit c~, wit~ the res?lt t~at the peak of a transition P?lse is 
cell unless the immediately preceeding information was shifted m the dlrectlOn of the larger of the adjacent 
a logic 1, in which case the transition is omitted. Thus, intervals. Thus, the transition pu[se peak in the read 
any sequence of digital information can be represented signal waveform C that should occur at time t2 is shifted 
in terms of step transitions at intervals corresponding to 50 to the right, away from the preceeding single bit cell 
either I, n, or 2 bit cells. Referring to FIG. 1, a se- interval and in the direction of the succeeding two bit 
quence of double density bit cells (each, for example, cell interval. Similar peak phase shifts occur at the suc-
two microseconds in duration) is shown on line A, ceeding intervals. 
while waveform B represents the indicated digital infor- While the problem of unequal peak amplitudes of the 
mation in terms of a sequence of step transitions at inter- 55 transition pulses greatly complicates the design of an 
vals prescribed by the MFM encoding technique. The automatic gain control network for the read circuitry, 
digital information represented in wavefore B is desig- amplitude equalization is not critical to the accurate 
nated not only by the presence of a transition (as in the recovery of the data. However, since accurate informa-
single density recording format), but also by the precise tion retrieval requires that the precise intervals between 
timing of the transitions. Accordingly, in order to re- 60 recording code transitions be preserved to recover the 
trieve information recorded in a double density format data clock, phase shifts in the peaks of the transition 
the reading process must preserve the intervals between pulses can result in decoding errors. Specifically, if 
transitions so that the encoded transition sequence can intersymbol cross talk results in the phase of certain 
be recognized thereby enabling the data clock to be transition pulse peaks being shifted more than one quar-
recovered. 65 ter of a bit cell (0.5 microseconds), ,errors in the recogni-

The use of a double density recorciing format for tion of the timing sequence ofthe recording code transi-
encoding digital data does not present a problem from tions, and thereby errors in the detection of the informa-
the standpoint of writing the information onto the re- tion contained in the peak phases of these transitions, 
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4 
and the information may be difficult to recover. Fur
thermore, if the peaks are shifted a significant fraction 
of 0.5 microseconds, the decoding process becomes 
significantly more susceptible to noise. 

In order to achieve a reliable double density record- 5 
ing capability, various techniques have been used to 
counteract the intersymbol cross talk caused by the 
above described superposition effects and restore the 
proper phase of the transition pulse peaks. For instance, 
it has been suggested that a tapped delay line be utilized 10 
to obtain a number of time-delayed read signals, which 
are then scaled and summed in a manner to narrow the 
width of the Gaussian-shaped transition pulses of the 
read signal, thereby reducing the superposition effect of 
each transition pulse on the adjacent transition pulses. 15 
This technique has the disadvantage that, since it uses 
time-delayed reproductions of the complete read signal, 
including superimposed high frequency noise, the sum
ming process tends to enhance the noise signals to the 

tion by processing the read signal, without the necessity 
of altering the manner in which digital data is written 
onto the recording medium. 

A further object of the present invention is to provide 
a pulse shaping network that can be readily adapted to 
effecting peak phase shift and peak amplitude distortion 
corrections for a variety of recording media, each ex
hibiting unique transfer characteristics. 

Another object of the present invention is to provide 
a band width-limited pulse shaping network that signifi
cantly reduces intersymbol cross talk while avoiding 
significant degredation of the signal-to-noise ratio. 

Still another object of the present invention is to 
provide such a pulse shaping network whose response 
to a particular read signal can be readily adjusted with 
only minor component alterations and/or additions in 
order to optimize read signal correction. 

SUMMARY OF THE INVENTION 

extent that the reliability of the technique is severly 20 Briefly, to achieve these objects and others that will 
limited. be apparent to those of ordinary skill and the art, the 

The most prevalent approach to the peak phase shift- present invention provides a pulse shaping network for 
ing problem of intersymbol cross talk uses phase locked the read circuitry of a disc memory system that includes 
loop (variable frequency oscillator) data separation and a filter having a substantially finite time duration net-
write pre-compensation. The VFO, once sychronized, 25 work transfer function derived from a plurality of sepa-
tracks the data and generates clock and data windows rate, lower order half-period harmonic transfer funo-
improving bit shift tolerance. Simultaneously, write tions, with the response duration of the network trans-
pre-compensation circuitry is used to provide peak shift fer function being less than or substantially equal to a bit 
correction by introducing a compensating phase shift as cell interval. Such a filter can comprise a sine pulse-
the data are being recorded onto the disc. That is, the 30 forming filter formed by a parallel cascade of tuned 
phase of the transitions of the write signal waveform are reactance sections characterized by respective half-
shifted in a direction opposite to the peak phase shift period harmonic transfer functions whose impulse re-
which is introduced by reason of the transfer character- sponses are substantially finite time duration sine pulses 
istics of the recording medium and the nonsymmetrical of a successively odd multiple of half cycles. An input 
superposition of the Gaussian-shaped transition pulses 35 read signal is applied to the sine pulse-forming filter and 
of the read signal. Thus, if a certain data pattern would a buffer circuit is used to tap the response of a predeter-
cause a particular transition pulse peak to be shifted to mined number of tuned reactance sections. These re-
a later position in time than nominal, the write pre-com- sponses, which correspond to the convolution of the 
pensation circuit causes the associated coded transition bivalent transition pulses of the read signal with the 
to be recorded on the recording medium earlier in time 40 associated half-period harmonic transfer functions, are 
than nominal, thereby compensating for the unavoida- then scaled and summed to obtain a corrected read 
ble distortion that results from the read process. signal output of the pulse shaping network. An equaliza-

The combined VFO and write pre-compensation tion analysis of the input read signal yields the optimum 
technique has a number of disadvantages. First of all, harmonic content, including scaling factors, for the 
because write pre-compensation results in the transition 45 network transfer function so as to substantially reduce 
pulses of the read signal being crowded together more intersymbol cross talk. As a result, nonsymmetrical 
than is the case without pre-compensation, the signal- superposition effects are significantly reduced, correct-
to-noise ratio of the read signal is significantly de- ing peak phase shift and peak amplitude distortion and 
graded. Secondly, the crowding together of the Gaus- enabling the accurate retrieval of the digital informa-
sian-shaped transition pUlses, and the resulting increase 50 tion. 
in superposition effects, causes a further disparity in the A preferred pulse shaping network includes a sine-
peak amplitudes of the transition pulses. Finally, the pulse forming filter comprised of a parallel cascade of 
amount of write pre-compensation to be used in record- series LC sections terminated in a correcting capaci-
ing the digital data onto the recording medium must be tance. The buffer circuit taps the convolution responses 
decided beforehand, with the result of this decision 55 ofthe first and second LC sections corresponding to the 
being permanently recorded on the disc. Inasmuch as first and third half-period harmonic transfer functions. 
the several manufactures of disc recording equipment i.e., those sections characterized by sine pulses having, 
do not have a general agreement on how much write respectively, one and three half cycles. After introduc-
pre-compensation is to be used, the interchangeability ing the scaling factors prescribed by the equalization 
of discs and disc drives is severely limited. 60 analysis, the two convolution responses are subtracted 

It is a general object of the present invention to pro- by a difference amplifier to obtain the corrected read 
vide a pulse shaping network that substantially reduces signal corresponding to the response of the network 
intersymbol cross talk between the bivalent transition transfer function to the input read signal. Since the 
pulses derived from the process of reading information preferred pulse shaping network utilizes only the re-
recorded in a high density format on a moving record- 65 sponses to the transfer functions corresponding to the 
ing medium. To this end, a specific object of the present lower order first and third half-period harmonics, the 
invention is to provide such a pulse shaping network corrected read signal response to the network transfer 
that corrects peak phase shift and peak amplitude distor- function is band width-limited. So limiting the fre-
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quency spectrum of the network transfer function in
sures that the filtering process does not result in any 
significant amplification of the high frequency noise 
superimposed on the read signal waveform. Accord
ingly, the signal-to-noise ratio is not significantly de- 5 
graded by the pulse shaping function. 

BRIEF DESCRIPTION OF THE DRAWINGS 

The invention can best be understood by reference to 
the following portion of the specification taken in con- 10 
junction with the accompanying drawings, in which: 

FIG. 1 is a timing diagram in which line A presents a 
series of bit cells containing a representative sequence 
of digital information; waveform B designates the digi-
tal information according to a double density recording 15 
format; waveform C is representative of the read ob
tained in reading data recorded according to waveform 
B; and waveform D is representative of a corrected read 
signal obtained from the pulse shaping network of the 
present invention in which intersymbolcross talk has 20 
been substantially eliminated, thereby equalizing peak 
amplitudes and correcting peak phases; 

FIG. 2a indicates schematically the synthesis of a 
network transfer function for the pulse shaping network 
from separate half-period harmonic transfer functions; 25 

FIG. 2b diagramatically illustrates certain steps in the 
equalization analysis used to synthesize a network trans
fer function; 

FIG. 3 is a schematic block diagram of the pulse 
shaping network; and 30 

FIG. 4 is a circuit diagram of the pulse shaping net
work according to the present invention. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENT 35 

The following is a detailed description of a pulse
shaping network for the read circuitry of a floppy disc 
memory system such as the 1842 Dual Diskette Drive 
manufactured by Datapoint Corporation. This memory 
system has the capability of storing digital information 40 
onto, and retrieving the information from, a rotating 
disc recording medium according to either a standard 
single density format (with a four microsecond bit cell 
interval) or a double density format (with a two micro
second bit cell interval). For double density recording, 45 
the system uses the well-known MFM format (dis
cussed previously in conjunction with waveform B in 
FIG. 1), to encode the digital data. The above notwith
standing, those of ordinary skill in the art will readily 
appreciate that the present invention has direct applica- 50 
tion in any information storage system in which digital 
data is stored onto a moving magnetic carrier at a den
sity sufficiently high that the information write/read 
process results in such a degree of intersymbol cross 
talk that the read signal waveform is significantly dis- 55 
torted by peak phase shift and/or peak amplitude in
equality. 

As noted in the background portion of this specifica
tion, due to the transfer characteristics of a disc record
ing medium and the magnetic head, the process of read- 60 
ing the digital information stored on the disc as a se
quence of magnetic flux transitions results in a read 
signal that is comprised of a sequence of bivalent, sub
stantially Gaussian-shaped transition pulses, with the 
encoded information being contained in the phases of 65 
the transition pulse peaks. When a high density code, 
such as MFM, is used to write the information, the 
transition pulses of the read signal are crowded together 

to the extent that intersymbol cross talk (i.e., nonsym
metrical superposition in time) causes a peak phase shift 
effect that distorts the peak phase relationships of the 
transition pulses (see waveform C in FIG. 1). 

In order to effect the reliable recovery of digital 
information recorded in a double density format, a read 
signal correction technique must satisfy two interlated 
conditions: 

(1) Intersymbol cross talk must be reduced by, in 
effect, narrowing the Gaussian-shaped transition pulses 
of the input read signal so as to reduce nonsymmetrical 
superposition effects and, thereby, recover the proper 
peak phase relationships; and 

(2) Band width limitations l11ust be observed so that 
the pulse-shaping can be effected without augmenting 
the high frequency noise superimposed on the read 
signal, thereby avoiding any significant degradation of 
the signal-to-noise ratio. 

The read signal correction technique embodied in the 
pulse shaping network of the present invention com
prises: 

(1) Applying the read signal to a substantially finite 
time duration sine pulse-forming filter comprising a 
plurality of transfer functions whose impulse responses 
are sine pulses of a successively odd multiple of half 
cycles, each with a duration of approximately the bit 
cell interval; 

(2) Selecting convolution responses corresponding to 
the convolution of the transition pulses of the read sig
nal with the first and third half-period harmonic transfer 
functions (i.e., those sine pulses of respectively, one and 
three half cycles); and 

(3) Scaling and combining the selected convolution 
responses to achieve a corrected read signal corre
sponding to the response of a combined network trans
fer function to the input read signal; 
such that the two conditions indicated above are satis
fied. An equalization analysis of the input read signal 
provides the optimum harmonic content, including scal
ing factors, for deriving the network transfer function 
for the pulse shaping network. The result of the read 
signal correction technique, then, is a corrected read 
signal, such as represented by waveform D in FIG. 1, 
wherein the peak phases of the transition pulses are 
corrected so that the peaks occur at intervals corre
sponding to the encoded sequence of transitions (i.e., at 
times to, h, t2, ... ts), and wherein all peak amplitudes 
have been equalized. 

As noted previously, the read signal correction tech
nique of the present invention embodies an eqUalization 
analysis of the transition pulses of the input read signal. 
Essentially, the system of writing encoded data onto a 
recording medium and then reading the data off the 
medium can be considered as a delayed recording trans
mission link characterized by a write/read transfer 
function. The intersymbol cross talk that causes the 
distortion of the read signal results because the write/
read transfer function is a Gaussian-shaped waveform, 
i.e., its response to an impulse function (the write signal) 
is Gaussian-shaped. The function of the pulse shaping 
network is to provide a corrected read signal comprised 
of, in effect, narrower transition pulses, thereby reduc
ing intersymbol cross talk, while at the same time limit
ing the band width of the network response. Thus, the 
pulse shaping network of the present invention provides 
a. network transfer function that substantially equalizes 
the impulse-spreading effect of the write/read transfer 
function. 
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According to well known methods of equalization 
analysis, the first step is to sample a Gaussian-shaped 
transition pulse corresponding to the response obtained 
in reading recorded data (i.e., the response of the wri
te/read transfer function), at intervals symmetrical 5 
about the peak of the transition pulse. Thus, in wavefore 
E of FIG. 2b. a transition pulse TP is designated by 
sample values a-2, a-I. 3,0, al and a2, occuring at, re
spectively, times T -2, T -I, To, TI and T2. These mea
sured sample values of the transition pulse form the 10 
coefficients in the following equalization matrix: 

(I) 

8 
Such a band width-limited network transfer function 

can be obtained by means of a Fourier approximation to 
the equalizer transfer function represented on line F of 
FIG. 2b (impulse functions F _ \, Fo and F I) in which the 
frequency spectrum of the network transfer function is 
confined to lower order harmonics. Straightforward 
Fourier analysis indicates that the equalizer transfer 
function (F_I, Fo, FI) can be approximated using only 
first and third half-period harmonics in accordance with 
the following relationship: 

F(t)=Kl sin 1Tt-K3 sin 3m (4) 

where the first term corresponds to a finite time dura-

lao al a21 II-II Ie-II a_I ao al X 10 = eo 
a_2 al ao II el 

15 tion sine pulse of one-half cycle multiplied by the scal
ing factor KI, and the second term corresponds to a 
finite time duration sine pulse of three-half cycles multi
plied by the scaling factor K3. The scaling factors KI where f -I, fo and fl correspond to the tap weights of an 

equalizer transfer function and e_ \, eo and el corre
spond to a vector representation of an ideal corrected 20 
read signal output. The equalizer transfer function cor
responds to a transfer function that can equalize the 
pulse spreading effect of the write/read transfer func
tion, i.e., that can effectively narrow the transition 
pulses of the read signal to eliminate intersymbol cross 25 
talk. An ideal corrected read signal output (e_ \, eo, el) 
would correspond to an impulse at time To, i.e., eo equal 
to one and e_1 and el equal to zero in a normalized 
example. 

Substituting into equation 1 the normalized values for 30 
the ideal corrected read signal (e_l, eo, el), along with 
typical normalized sample values of a transition pulse, 
yields: 

I
I 0.75 0.

375 1 II-II 10 I 0.75 I 0.75 X 10 = I 
0.375 0.75 I II 0 

(2) 35 

Solving the matrix equation (2) provides the following 
values for the equalizer transfer function: 40 

I-I 
to II 

-3.0 
5.5 

-3.0 

(3) 

and K3 are chosen so that the corresponding ratio of the 
first order half-period harmonic (sin 'ITt) and the third 
order half-period harmonic (sin 3 'ITt) provides the best 
approximation to the equalization impulse functions 
F -I, Fo and F I having the normalized respective tap 
weight values L I, fo and fl derived above. That is, the 
ratio of the scaling factors KI and K3 is chosen so that 
the Fourier approximation represented by equation 4 
incorporates the tap weights LI, foand fl' of the equal
izer transfer function. The result of this band width
limiting Fourier approximation is represented schemati
cally at line G of FIG. 2b, where the dotted line repre
sents the approximating network transfer function. 

Those skilled in the art will recognize that the above 
described equalization analysis could readily be ex
tended to yield a network transfer function including 
any number of half-period harmonics. For example, the 
equalization analysis could use a five tap weight ap-
proach to obtain a Fourier approximation to the result
ing equalizer transfer function comprised of first, third 
and fifth half-period harmonics. While providing a net
work transfer function with a higher order harmonic 
content could result in an increased pulse slimming 
effect, the correspondingly wide frequency spectrum of 
the network transfer function unavoidably augments 
high frequency noise. For a preferred embodiment, the 

45 pulse shaping network embodies a network transfer 
Such an equalizer transfer function can be represented function comprised of only first and third half-period 
by three impulses F_I, Foand FI, indicated at line F of harmonics in order to effect an optimum degree of pulse 
FIG. 2b. having magnitudes corresponding to the tap slimming, and thereby an optimum reduction in inter-
weights L \, fo, and fl. For a more detailed exposition of symbol cross talk, without significantly degrading the 
equalization analysis, reference may be had to Lucky, 50 signal-to-noise ratio. 
Salz and Weldon, Principles of Data Communication To summarize, in order to reduce intersymbol cross 
(McGraw Hill, 1968), pp. 130 to 136 and 147 to 151. talk while at the same time providing band with limita-

The fact that the above equalization analysis yields tion, the pulse shaping network of the present invention 
equalizer impulse functions F -I, Fo and FI indicates embodies a network transfer function that, in accor-
that the effects of the write/read transfer function can 55 dance with equation 4, corresponds to the scaled sum-
be at least partially counteracted by employing an mation of first and third order half-period harmonic 
equalizer transfer function. In other words, the response transfer functions whose impulse responses are finite 
of the equalizer transfer function (F_I, Fo, FI) to a time duration sine pulses of, respectively, one-half and 
Gaussian-shaped transition pulse of the input read signal three-half cycles. The synthesis of such a network trans-
would be an effectively narrower pulse, resulting in 60 fer function is represented schematically in FIG. 20. A 
significantly reduced intersymbol cross talk. However, filter 10 comprises a plurality of sections characterized 
such an equalizer transfer function, composed as it is of by transfer functions whose impulse responses are finite 
impulse functions having an extremely wide frequency time duration sine pulses of successively odd multiples 
spectrum, would not be sufficiently band width-limited of half cycles. Thus, the impulse response of a transfer 
to satisfy the band width requirements of the pulse 65 function TFI is a sine pulse of one-half cycle, the im-
shaping network. Accordingly, the pulse shaping net- pulse response of a transfer function TF3 is a sine pulse 
work must embody an equalizing network transfer of three-half cycles, the impulse response of a transfer 
function' exhibiting a narrower band width. function TF5 is a sine pulse of five-half cycles, and so 



9 
4,276,573 

10 
on. By mUltiplying the transfer functions TFI and TF3 seconds could be incorporated by appropriate compo-
by, respectively, scaling factors KI and K3, as specified nent selection. 
by equation 4, arid subtracting the resulting products, a Referring to the block diagram of FIG. 3, the pulse 
network transfer function, indicated generally at'10', shaping network of the present invention comprises, in 
can be derived for the pulse shaping network of the 5 addition to sine pulse-forming filter 10, a buffer circuit 
present invention. In accordance with the equalization 20, a scaling circuit 30 and a difference amplifier AI. As 
analysis described above, the harmonic content, includ- described previously, sine pulse-forming filter 10 com-
ing the scaling factors KI and K3, can be determined so prises a parallel cascade of series LC sections character-
that the equalizing network transfer function given by ized by respective transfer functions TFI, TF3, TF5, 
equation 4 (and indicated schematically at 10' in FIG. 2) 10 and so on. A read signal RD(t) is applied to sine pulse-
can be derived and implemented by a finite time dura- forming filter 10, and the responses of the first two LC 
tion sine pulse-forming filter. Accordingly, intersymbol sections of the filter (transfer fUilictions TFI and TF3) 
cross talk between the transition pulses of the read sig- are separately tapped by the buffer circuit 20. The re-
nal is reduced, while at the same time the band width of . spective outputs from the buffer circuit 20 correspond 
the network response is limited so as to prevent any 15 to the convolution of the input read signal RD(t) with 
significant degradation of the signal-to-noise ratio. the transfer function TFI and with the transfer function 

A sine pulse-forming filter for use in the pulse shaping TF3. 
network of the present invention is described in an After the scaling factors KI, andl K2 are introduced by 
article published by one of the present inventors entitled the scaling circuit 30, the convolution responses are 
Trignometric Pulse-Forming Networds Revisted, pub- 20 subtracted by means of the differelllce amplifier AI. The 
lished in the July, 1972 issue of IEEE Transactions on output from difference amplfic;;r Al corresponds to the 
Circuit Theory, which is hereby incorporated by refer- corrected read signal CRD(t), which can be repre-
ence. Disclosed therein is a method for synthesizing a sented by the following convolutnon relationship: 
multi-section filter such that each section approximates 
a half-period harmonic transfer function whose impulse 25 
response is a substantially fmite time duration sine pulse 
of an odd number of half cycles. These sine pulses (nor
malized to have a unit time duration) can be expressed 
by the following relationships: 

fit) 
fit) 

sin k1rt 
o 

0< t < I 
t < I, t < 0 

(5) 
(6) 

30 

where k is an odd integer. (Only sine pulses with an odd 35 
number of half cyCles are considered because of the 
symmetrical nature of the Gaussian-shaped transition 
pulses of the read signal). The half-period harmonic 
transfer functions corresponding to these sine pulses can 

(S) 

where the term 

(9) 

corresponds to the network transfer function of the 
pulse shaping network as given in equation 4. The cor
rected read signal CRD(t) is characterized by Gaussian-
shaped transition pulses that have been effectively nar
rowed by convolution with the equalizing network 
transfer function represented in equation 9, thereby 
substantially eliminating intersymbol cross talk. Ac
cordingly, the peak phases of the read signal transition 
pulses are corrected (and the peak amplitudes are equal-

be characterized by their Laplace transforms: 

K1T 
Fk(s) = 2 2 2 

S + K 1T 

2 
1+ tanhS/2 

(7) 

40 ized) so that the peaks occur at intervals corresponding 
to the transition intervals of the recorded data, as indi
cated by the waveform D in FIG. JI. having peaks occur
ring at times to, tl, h ... ts. 

where, again, k is an odd integer. 45 
The accurate approximation of these. transfer func

tions can be accomplished utilizing tuned reactance 
functions (i.e., functions corresponding to circuit ele
ments composed of inductors and capacitors) termi
nated by a correcting reactance function. Specifically, a 50 
sine pulse-forming filter can be synthesized from a par
allel cascade of series LC sections terminated by a ca
pacitor. Through the proper choice of the component 
parameters and the total number of sections, the LC 
section can be characterized by respective transfer 55 
functions whose impulse responses are sine pulses of an 
odd multiple of half cycles having a substantially finite 
time duration corresponding to the double density bit 
cell interval (two microseconds). In particular, the 
proper choice of a terminating reactance function (such 60 
as a terminating capacitor) significantly improves the 
convergence of the sine pulses to zero, thereby permit
ting a substantially finite time duration sine pulse-form
ing filter to be formed by a fewer total number of cas
caded LC sections. A duration of two microseconds is 65 
chosen for the preferred embodiment because that rep
resents the minimum interval between recording code 
transitions. However, a duration of less than two micro-

FIG. 4 indicates a circuit diagram for the pulse shap
ing network .of the present invention. The read signal 
RD(t) from magnetic recording head is coupled 
through a resistor Rl to the sine pulse-forming filter 10. 
Sine pulse-forming filter 10 comprises a parallel cascade 
of five LC tuned sections formed by, respectively, in-
ductor Ll in series with capacitor Cl, inductor L3 in 
series with the capacitor C3, inductor L5 in series with 
the capacitor C5, inductor L7 in series with the capaci
tor C7, and inductor L9 in series with the capacitor C9, 
with the pw..allel cascade being terminated in a parallel 
connected capacitor CI0. From the foregoing analysis 
of sine pulse-forming filters, the component parameters 
for sine pulse-forming filter 10 are chosen so that the 
L/C sections are characterized by respective transfer 
functions having impulse responses that are finite time 
duration sine pulses of, successively, one, three, five, 
seven and nine half cycles. 

In order to insure that the seri.es LC sections of the 
sine pulse-forming filter 10 are ch~lracterized by transfer 
functions that are substantially finite time duration sine 
pulses, the value of resistor Rl and the values of each of 
the inductors and capacitors that form the sine pulse-
forming filter 10 must be carefully chosen. By perform
ing the analysis disclosed in the hereinbefore referenced 
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work of the present invention selectively taps the re
sponses associated with, respectively, the L1/Cl sec
tion (at PI) and the L3/C3 section (at P3) correspond
ing to the convolution of the input read signal RD(t) 

article, it can be established that the normalized compo
nent values (i.e., the component values that yield trans
fer functions whose impulse responses are sine pulses of 
a duration of one second) are designated by the follow
ing relationships: 5 with the transfer function TF 1 and the transfer function 

TF3· 
1 
0.25 

1 
k21T2 

0.02047 

(10) 
(11) 

(12) 

(13) 10 

where k is an odd integer. The value of the terminating 
capacitor CIO is derived by means of the curve fitting 
techniques disclosed in the article. While other termi
nating reactance functions (such as a terminating series 15 
LC section) can be utilized, providing sine pulse-form
ing filter 10 with a single terminating capacitor results 
in adequate convergence. 

The normalized component values can be translated 
into actual values for a preferred pulse shaping as fol- 20 
lows. Rl can be arbitrarily chosen subject to the limita
tions that its value not be so high as increase noise, and 
not be so low as to make it difficult to drive the sine 
pulse-forming filter 10. For a preferred embodiment, 
the value of Rl is set at 200 ohms. Once the value of Rl 25 
has been specified, the actual component values for the 
inductors and capactors of the sine pulse filter 10 are 
chosen in accordance with the following relationships 
to provide a substantially finite time duration of two 
microseconds (the bit cell interval): 30 

Tactual Ractual 
Lactual = Lnormal TnormaJ Rnormal 

In order to selectively tap the responses of the L1/Cl 
and L3/C3 sections, the buffer circuit 20 is coupled to 
the point PI in the L1/Cl section and to point P3 in the 
L3/C3 section. The point PI is coupled through a resis
tor R21 to the base of a buffer transistor Ql, while the 
point P3 is coupled through a resistor R23 to the base of 
a buffer transistor Q3. Buffer transistors Ql and Q3 
permit the sine pulse-forming filter responses at PI and 
P3 to be tapped without effecting the sine pulse-forming 
filter 10. The collectors of transistors Ql and Q3 are 
both coupled to a positive bias supply + V, while the 
convolution responses associated with points PI and P3 
(i.e., the responses associated with the convolution of 
the read signal RD(t) and, respectively, transfer func
tion TF 1 and TF 3) appear on the emitters of, respec-
tively, buffer transistors Ql and Q3. 

The convolution responses appearing on the emitters 
of buffer transistors Ql and Q3 are scaled by scaling 
circuit 30 and then applied to the inputs to difference 
amplifier AI. The emitter of transistor Ql is coupled 
through a resistor R31 to the inverting input to ampli
fier AI, and through a resistor R32 to a negative bias 
supply - V. The emitter of transistor Q3 is coupled 
through a resistor R33 and a resistor R34 to the nonin
verting input to difference amplifier AI, and through a 
resistor R35 to a negative bias supply - V. The nonin
verting input to difference amplifier Al is coupled 

Tactual Rnormal 
Cactual = Cnormal Tnormal Ractual 

35 through a resistor R36 to ground, while the inverting 
input to the difference amplifier is coupled to its output 
through the parallel connection of a resistor R37 and a 
capacitor C37. The output of the difference amplifier 
Al comprises the corrected read signal CRD(t) output 

where LI/ormal and CI/ormal are the normalized values of 
inductance and capacitance given by equations II, 12 
and 13; Tactual and T I/ormal are, respectively the actual 
duration of two microseconds and the normalized dura- 40 
tion of one second; and Ractual and RI/ormal are, respec
tively, the actual impedance of 200 ohms and the nor
malized impedance of one ohm. 

The number of LC sections in the sine pulse-forming 
filter 10 (along with the choice of terminating capacitor 45 
CIO) determines the degree to which the respective 
responses of the LC sections are damped outside the 
pulse duration interval of two microseconds, and 
thereby determines the effectiveness of the pulse shap
ing network in eliminating intersymbol crosstalk. Ac- 50 
cordingly, the total number ofLC sections incorporated 
into sine pulse-forming filter 10 is a matter of design. 
For the preferred embodiment, a parallel cascade of five 
LC sections is disclosed. Specifying fewer LC sections 
would decrease the convergence to zero of the transfer 55 
functions associated with the remaining LC sections 
while additional LC sections would increase the con
verging effect. 

The response for a given LC section appears at a 
point between the inductor and the capacitor of the LC 60 
section. Thus, the response of the Ll/Cl section char
acterized by transfer function TFI appears at PI, the 
response of the L3/C3 section appears at P3, the re
sponse of the L5/C5 section appears at P5, the response 
of the L7/C7 section appears at P7, and the response of 65 
the L9/C9 section characterized by the transfer func
tion TF9 appears at P9. In accordance with the above 
described equalization analysis, the pulse shaping net-

of the pulse shaping network of the present invention. 
From above, the corrected read signal CRD(t) corre
sponds to the response of the equalizing network trans
fer function (equation 9) to an input read signal RD(t). 
This equalizing function effectively narrows the Gaus-
sian-shaped transition pulses of the read signal, thereby 
substantially eliminating intersymbol cross talk and 
permitting accurate and reliable information retrieval. 

Resistors R31, R32, R33, R34, R35, R36 and R37 
comprise a resistive voltage divider scaling network. 
The values of these resistors are chosen such that the 
convolution responses appearing on, respectively, the 
emitters of buffer transistors Ql and Q3 are scaled ac
cording to the ratio of the scaling factors K 1 and K3 
specified by the previously described equalization anal
ysis. For a preferred embodiment in which the tap 
weights of the equalizer transfer function (f _" fo, fl) are 
given by equations 3, an harmonic content ration 
KI/K3 of 1/0.45 provides a close Fourier approxima
tion (equation 4) to the equalizer transfer function. 
Thus, the resistor values for the scaling network 30 are 
chosen to incorporate a 1/0.45 ratio of the first and third 
half-period harmonic responses applied to difference 
amplifier At. Difference amplifier Al then subtracts the 
scaled convolution responses in accordance with equa
tion 4. Accordingly, the network transfer function 
(equation 9) of the pulse shaping network comprises a 
scaled combination in the above indicated ratio, of first 
and third half-period harmonic transfer functions. 
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As noted above, the harmonic content ration KI/K3 
for the qualizing network transfer function is optimized 
for the equalizer tap weights L I, fo and fl given in 
equations 3. Those skilled in the art will recognize that 
different recording media will embody different write/- 5 
read transfer functions, and that, as a result, an equaliza
tion analysis will yield slightly different equalizer tap 
weights LJ, fo and fl. The present invention permits 
different recording media to be accom.odated merely by 
altering the component values of the scaling network 30 10 
to obtain an equalizing network transfer function opti
mized for the particular recording medium. 

It should be noted that, because intersymbol cross 
talk is less pronounced when reading data recorded on 
the outer tracks of the recording medium, it may be 15 
desirable to vary the harmonic content ratio KI/K3 in 
order to selectively alter the. harmonic content of the 
network transfer function. Specifically, for processing 
data read off the outer tracks of the recording medium, 
it may be desirable to reduce the contribution of the 20 
third half-period harmonic (TF3) in the combined net
work transfer function by increasing the KI/K3 ratio. 
Such a selectable variation in the harmonic content 
ratio can be most readily provided by substituting a 
variable resistance for resistor R36.. Such a variable 25 
resistance could comprise a plurality of resistors, selec
tively coupled to the noninverting input to difference 
amplifier At as by a plurality of FET switches respon
sive to a control signal designating the tract being read. 
Alternatively, a continually variable harmonic content 30 
ratio KI/K3 could be provided by means of a voltage 
controlled resistor, such as a voltage controlled FET in 
which the gate control voltage is a signal designating 
the track being read. 

The present invention has been described in relation 35 
to a preferred pulse shaping network that utilizes a sine 
pulse-forming·fI1ter to provide a network transfer func
tion comprised of a scaled sum of first and third half
period harmonic transfer functions. The network trans
fer function effectively equalizes the write/read transfer 40 
function characterizing the magnetic head and the re
cording medium, so as to counteract the intersymbol 
cross talk that results when digital information recorded 
in a double density format is read off the recording 
medium. The response of the network transfer function 45 
of the pulse shaping network to an input read signal is a 
corrected read signal in which the peak phases of the 
read signal transition pulses have been corrected (and 
the peak amplitudes equalized), thereby permitting the 
digital information to be accurately decoded. 50 

While the invention has therefore been described 
with respect to a preferred embodiment, it is to be 
clearly understood by those or ordinary skill in the art 
that the invention is not limited thereto, but rather that 
the limits of the invention are to be intrepreted only in 55 
conjunction with the appended claims. 

The embodiments of the invention in which an exclu
sive property or privilege is claimed are as follows: 

t. In apparatus for reading encoded digital data re
corded at high density as bivalent states of a moving 60 
magnetic medium and providing a read signal formed 
by a sequence of bivalent transition pulses, a pulse shap
ing network for the band width-limited processing of 
the read signal in order to substantially decrease inter
symbol interference or cross talk without significantly 65 
degrading the signal-to-noise ratio, thereby obtaining a 
corrected read signal suitable for accurately decoding 
the information, said pulse shaping network comprising: 

pulse shaping means, characterized by a network 
transfer function, for substantially decreasing inter
symbol cross talk between transition pulses of an 
input read signal such that the response of the net
work transfer function is a corrected read signal in 
which peak phases are substantially corrected and 
peak amplitudes are substantially equalized; 

said network transfer function corresponding in har
monic content to a combination of a predetermined 
number of suitably gain-scaled half-period har
monic transfer functions, each having an impulse 
response that is a substantially finite time duration 
sine pulse of an odd multiple of half cycles, the 
predetermined duration of each sine pulse being 
less than or substantially equal to the bit cell inter
val of the encoded digital data; 

the harmonic content of said network transfer func
tion being sufficiently band width-limited that the 
corrected read signal response of said network 
transfer function is substantially band width
limited, and the signal-to-noise ratio is not signifi
cantly degraded. 

2. The pulse shaping network defmed in claim 1 
wherein the harmonic content of said network transfer 
function is optimized by incorporating gain-scaling 
factors derived according to an eqUalization analysis of 
the transition pulses of the read signal. 

3. The pulse shaping network defined in claim 2 
wherein said predetermined number of lower order 
half-period harmonic transfer functions comprises the 
first and third half-period harmonic transfer functions 
whose impulse responses are substantially finite time 
duration sine pulses of, respectively, one and three half 
cycles. 

4. The pulse shaping network defined in claim 1 
wherein said pulse shaping means comprises: 

a sine pulse-forming fI1ter, coupled to receive said 
read signal, comprising a cascade of a plurality of 
tuned reactance sections characterized by respec
tive half-period harmonic transfer functions whose 
impulse responses are substantially finite time dura
tion sine pulses of a successively odd mUltiple of 
half cycles, the predetermined duration of the sine 
pulses being less than or substantially equal to the 
bit cell interval of the recorded digital data; 

buffer means for selectively tapping a predetermined 
number of said tuned reactance sections to provide 
a corresponding number of tapped convolution 
responses, each of said tapped convolution re
sponses corresponding to the response of the asso
ciated half-period harmonic transfer function to the 
input read signal; 

scaling means for gain-scaling each of said tapped 
convolution responses; and 

summing means for summing the gain-scaled, tapped 
convolution responses in order to obtain said cor
rected read signal. 

5. The pulse shaping network defined in claim 4 
wherein said scaling means provides optimum gain-scal
ing factors derived in accordance with an equalization 
analysis of the transition pulses of the input read signal. 

6. The pulse shaping network defined in claim 5 
wherein said buffer means selectively taps the convolu
tion responses corresponding to the two of said tuned 
reactance sections characterized by first and third half
period harmonic transfer functions having impulse re
sponse sine pulses of, respectively, one and three half 
cycles. 
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7. The pulse shaping network defined in claim 4 
wherein said cascade of a plurality of tuned reactance 
sections comprises a parallel cascade of a plurality of 
tuned series LC sections each formed by a capacitor in 
series with an inductor, with the convolution response 5 
for each of said LC sections appearing at a point be
tween the associated capacitor and inductor. 

8. The pulse shaping network defined in claim 4 
wherein said cascade of a plurality of tuned reactance 
sections comprises: 

a parallel cascade of a plurality of tuned series LC 10 
sections each formed by a capacitor in series with 
an inductor; and 

a terminating capacitor in parallel with the said series 
LC sections; 

the convolution response for each of said LC sections 15 
appearing at a point between the associated capaci
tor and inductor. 

9. The pulse shaping network defined in claim 8 
wherein said scaling means provided optimum gain
scaling factors derived in accordance with an equaliza- 20 
tion analysis of the transition pulses of the input read 
signal. 

10. The pulse shaping network defined in claim 8 
wherein said buffer means selectively taps the convolu
tion responses corresponding to the two LC sections 25 
characterized by impulse response sine pulses of, re
spectively, one and three half cycles. 

11. The pulse shaping network defined in claim 10 
wherein said scaling means applies optimum gain-scal
ing factors to said first and third harmonic convolution 30 
responses derived in accordance with an equalization 
analysis of the transition pulses of the read signal. 

12. The pulse shaping network defined in claim 11 
wherein said plurality of series LC sections comprises 
five series LC sections characterized by half-period 
harmonic transfer functions whose impulse responses 35 
are finite time duration sine pulses of, respectively, one, 
three, five, seven and nine half cycles. 

13. The pulse shaping network defined in claims 6 and 
12 wherein said scaling means comprises: 

a resistive voltage divider network operable to apply 40 
a predetermined gain-scaling factor to each of said 
tapped convolution responses. 

14. In apparatus for reading encoded digital data 
recorded at high density as bivalent states of a moving 
magnetic medium and providing a read signal formed 45 
by a sequence of bivalent transition pulses, a pulse shap
ing network for the band width-limited processing of 
the read signal in order to substantially decrease inter
symbol interference or cross talk without significantly 
degrading the signal-to-noise ratio, thereby obtaining a 50 
corrected read signal suitable for accurately decoding 
the information, the harmonic content of said network 
transfer function, as determined by said gain-scaled, 
tapped convolution responses, being sufficiently limited 
said pulse shaping network comprising; 55 

a sine pulse-forming filter, coupled to receive an input 
read signal, comprising a cascade of a plurality of 
tuned reactance sections characterized by respec
tive half-period harmonic transfer functions whose 
impulse responses are substantially finite time dura
tion sine pulses of a successively odd multiple of 60 
half cycles, the predetermined duration of the sine 
pulses being less than or substantially equal to the 
bit cell interval of the recorded digital data; 

buffer means for selectively tapping a predetermined 
number of said tuned reactance sections to provide 65 
a corresponding predetermined number of tapped 
convolution responses, each of said tapped convo
lution responses corresponding to the response of 

16 
the associated half-period harmonic transfer func
tion to the input read signal; 

scaling means for gain-scaling each of said tapped 
convolution responses; and 

summing means for summing the gain-scaled, tapped 
convolution responses to obtain a corrected read 
signal corresponding to the response of a synthe
sized network transfer function to the input read 
signal; 

said network transfer function being synthesized such 
that intersymbol cross talk between transition 
pulses of the input read signal is substantially de
creased so as to substantially correct the peak pha
ses and substantially equalize the peak amplitudes 
of the corrected read signal; 

the harmonic content of said synthesized network 
transfer function being sufficiently band width
limited that the corrected read signal response of 
said network transfer function is substantially band 
width-limited, and the signal-to-noise ratio is not 
significantly degraded. 

15. The pulse shaping network defined in claim 14 
wherein said scaling means provides optimum gain-scal
ing factors derived in accordance with an equalization 
analysis of the transition pulses of the input read signal. 

16. The pulse shaping network defined in claim 15 
wherein said buffer means selectively taps the two of 
said tuned reactance sections characterized by first and 
third half-period harmonic transfer functions having 
impulse response sine pulses of, respectively, one and 
three half cycles. 

17. The pulse shaping network defined in claim 14 
wherein said cascade of a plurality of tuned reactance 
sections comprises a parallel cascade of a plurality of 
tuned series LC sections each formed by a capacitor in 
series with an inductor, with the convolution response 
for each of said LC sections appearing at a point be
tween the associated capacitor and inductor. 

18. The pulse shaping network defined in claim 14 
wherein said cascade of a plurality of tuned reactance 
sections comprises: 

a parallel cascade of a plurality of tuned series LC 
sections each formed by a capacitor in series with 
an inductor; and 

a terminating capacitor in parallel with the said series 
LC sections; 

the convolution response for each of said LC sections 
appearing at a point between the associated capaci
tor and inductor. 

19. The pulse shaping network defined in claim 18 
wherein said scaling means provides optimum gain-scal
ing factors derived in accordance with an equalization 
analysis of the transition pulses of the input read signal. 

20. The pulse shaping network defined in claim 19 
wherein said buffer means selectively taps the first and 
third harmonic convolution responses corresponding to 
the two LC sections characterized by impulse response 
sine pulses of, respectively, one and three half cycles. 

21. The pulse shaping network defined in claim 20 
wherein said plurality of series LC sections comprises 
five series LC sections characterized by half-period 
harmonic transfer functions whose impulse responses 
are finite time duration sine pulses of, respectively, one, 
three, five, seven and nine half cycles. 

22. The pulse shaping network defined in claim 16 
and 21 wherein said scaling means comprises: 

a resistive voltage divider network operable to apply 
a predetermined gain-scaling factor to each of said 
tapped convolution responses. 

* * * * * 


