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FREQUENCY CHANGING APPARATUS AND METHODS 

BACKGROUND OF THE INVENTION 
For a great number of years many musical instruments have 

been employed with electronic ampli?cation means to provide 
additional volume and in some cases electronic apparatus has 
been employed to alter the frequency range over which the in 
struments normally operate; Techniques have been previously 
disclosed for changing, for example, dividing, the frequency of 
the sounds produced frommusical instruments. 
When the source is of ?xed known frequency (such as one 

note of an electronic organ) prior art frequency division has 
been accomplished by synchronizing a subharmonic oscillator 
with the source. A sinusoidal output is thereby obtained. 

Alternatively, the source sinusoid has been modi?ed into a 
square wave whose alternate zero crossings are used to trigger 
a ?ip-?op. The ?ip-?op output is, thus, at half frequency and 
can be made sinusoidal by tank circuit ?ltering. 

This later method of frequency division provides a tone 
generation system in which output tones are derived from the 
normal sound of the instrument but in which such output 
tones may have an entirely different quality so that the known 
instrument may be used to generate tones sounding complete 
ly different from those characterizing the instrument.- How 
ever, assuming that the musician might like a frequency di 
vided tone thatsounds not different from but rather as much 
as possible like that of the normal tone of his chosen-instru 
ment, then the square wave flip-?op technique has major dis~ 
advantages. ‘ I 

First, proper operation of this type of frequency divider de 
mands that the original note of the instrument be stripped of 
most all its (distinguishing) overtones by acoustical or electri 
cal ?ltering so that a relatively pure sinusoid may be fed to the 
square wave (clipping) circuit. Thus, even before the frequen 
cy division is begun the brilliant tone of the flute the mellow 
tone of the saxophone or the characteristic tone of the guitar 
are reduced to the dull sounding sinusoid of an audio oscilla 
tOl‘. 

Secondly, even if a small amount of highly attenuated 
(distinguishing) overtones done 't interfere with proper opera 
tion, these too are completely removed by the square wave na 
ture of the output of the dividing ?ip-?op. The resulting elec 
tronic sound may indeed be “different,”'but it is much more 
aesthetically preferable to have a divided output from a guitar, 
for example, that still sounds like a guitar played an octave 
lower or, on low notes, as a bass. 
Another disadvantage concerns preservation of the original 

amplitude envelope in the divided tone. This has been done in 
the past with‘a modulator, or with a bias control of an ampli? 
er, or using a built-in dynamic volume control to automatically 
match sound level of extra octaves with the octave being 
played. Assuming no time constant problems (e.g., instantane 
ous detection of amplitude envelope so that the sharp initial 

0 

2 
zero or average level line 14. The positive going zero crossings 
‘of the squared or clipped wave (not shown) trigger the divid 
ing ?ip-?op whose output waveform 16 is shown and is obvi 
ously at half frequency. - 

In FIG. 18, however, the “indentations" 18 do cross the 
zero line. The resulting “false"'zero crossings in the squared 
wave (not shown) cause the “dividing” ?ip-?op to cease 
dividing. Its output 20 is at the original fundamental frequency 
of the input. > 

Wind instruments such as the ?ute, trumpet, saxophone, 
clarinet, etc., have waveforms considerably more complex 

20 
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transient of a plucked guitar string, for example, is retained in - 
the divided output) these methods probably work. However, 
they, of necessity, consume extra hardware and cost to do a 
job which is done inherently in the halving (and doubling) 
techniques to be described hereinafter. 

It‘may be appreciated that musical instruments do not put 
out “pure" (i.e., sinusoidal) waveforms. It is well known that 
the considerable overtones or harmonics are what distinguish 
one instrument from another, all instruments from audio oscil— 
lators and one musician's or one instrument's “ tone“ 
from another‘s “poor tone." 
For example,‘ many people refer to a ?ute as "pure“ and 

might expect its waveform to be sinusoidal. Such people have 
probably not heard a good ?ute tone with a “sharp edge“ 
while watching its waveform on an oscilloscope. The complex 

3 waveform is far from being sinusoidal. 
The effects of even a slightlycomplex input waveform to a 

square wave ?ip~flop type divider is shown in FIG. 1. In FIG. 
1A, the “indentations" 12 of waveform 10 do not cross the 
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than those shown in FIG. 1B and, unless ?ltering to sinusoidal 
shape is accomplished, render the prior art dividers useless. 
lndeed,~the “false” zero crossings cannot only render frequen 
cy division of this type impossible but may actually make the 
“divider” ?ip-?op run at a rate higher than the input frequen 
cy...and not necessarily by an octave. 

For electric guitar applications it has been observed that the 
higher notes near the 12th fret of each string do tend to be 
reasonably sinusoidal and the prior art dividers can work 
without input ?ltering. However, the open string and 'notes at 
the lower frets have a complex waveform which require con 
siderable ?ltering to remove “false" zero crossings. A particu 
larly obnoxious occurrence is termed the “BEEP effect." 
When a guitar string is ?rst struck the wave may look like 
wave 10 of FIG. 1A and the divider output is at half frequency 
as shown by the middle C in FIG. 1C. Then, possibly because 
of standing waves, traveling waves or body or neck structural 
resonances (even with solid body guitars) the waveform‘can 
change to a type as illustrated by the wave of FIG. 1B and then 
quickly back to that of 1A again. The resulting short “BEEP" 
as the divider goes from half frequency to original frequency 
and back to half is very annoying and objectionable. This is il 
lustrated in FIG. 1C. ' 

The prior art has solved this problem by capitulating to 
it...?ltering out the valuable, pleasing and distinguishing over 
tones of the source note. 
The loss of tonal quality caused by severe ?ltering of over 

tones is very objectionable. It results in a very “electronic" 
sound which resembles an electronic organ perhaps more 
than, for example, a guitar. There have even been attempts to 
add overtones to get electronic instruments to sound more 
realistic. 

Dividers for use with wind instruments use acoustical ?lter 
ing provided by the instrument itself, for example by special 
internal microphones. The location of such a microphone is 
such that it receives the almost perfect sinusoidal sound neces 
sary for the prior art dividers. The disadvantages associated 
with such microphones are fairly obvious. The musician either 
has to purchase a whole new instrument, drill a hole in his own 
instrument, or buy the appropriate part of an instrument 
which contains such a microphone. 0f more serious con 
sequence is the very significant loss of tonal quality due to the 
removal of overtones. And, with such a microphone, tonal 
quality is sacri?ced not only on the divided signal but on the 
straight-through signal. For example, such a microphone 
makes an expensive ?ute sound like a child’s toy whistle. 

In addition, to (undesirable) severe ?ltering, the prior art 
also depends on a “masking" effect by which a fairly loud 
straight-through signal tends to mask or cover up imperfec 
tions in the divided signal. 

SUMMARY OF THE INVENTION 

Accordingly, it is an object of this invention to provide im 
proved frequency dividing circuits. 

It is another object of this invention to provide frequency 
dividing circuits having amplitude preservation capability. 

It is a further object of this invention to provide frequency 
dividing circuits which retain in the output many of the input 
harmonics. 

It is yet another object of this invention to provide improved 
frequency dividing circuits for multiple input applications. 
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It is yet a further object of this invention to provide frequen 
cy dividing and frequency multiplying circuits. 

It is still another object of this invention to provide stringed 
instrument pickups having electromagnetic pickup cancella 
tion capability. 

It is a further object of this invention to provide stringed in 
strument pickups having improved sensitivity adjustments. 

It is another object of this invention to provide a novel 
clamping technique. 

It is a further object of this invention to provide improved 
frequency dividing circuits for use with musical instruments. 

It is yet another object of this invention to provide means 
for reducing the frequency of voice. 

It is yet a further object of this invention to provide frequen 
cy dividing techniques not using zero crossings. 

Brie?y, in one embodiment, a frequency dividing technique 
is disclosed in which signals are generated having their peaks 
?xed at zero volts by DC restoration, for example. The two 
signals comprise the input signal after DC restoration and the 
inversion of that signal. The DC restored input signal is used to 
trigger a switch to alternately pass the DC restored signal and 
the inverted signal which are combined to provide a divided 
signal. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. I A-C, a series of sketches illustrating the effects of 
complex input waveforms on prior art ?ip-?op dividers; 

FIG. 2 A-D, a series of sketches illustrating the improved - 
frequency dividing techniques herein disclosed; 

FIG. 3 is a block diagram of one embodiment of a frequency 

divider; 
FIG. 4 is a block diagram of another embodiment of a 

frequency divider; 
FIG. 5 is a sketch illustrating another embodiment of a 

frequency divider; 
FIG. 6 is a sketch illustrating another frequency dividing 

technique; 
FIG. 7 is a sketch illustrating another frequency dividing 

technique; 
FIG. 8 A-D, a series of sketches illustrating frequency divid 

ing of relatively complex waveforms; 
FIG. 9 A—G, a series of sketches illustrating frequency divid 

ing of relatively complex waveforms having “double peaked” 
characteristics; 

FIG. 10 is a sketch of one embodiment of a frequency di 

vider; 
FIG. 11 is a schematic of a frequency divider circuit; 
FIG. 12 is a schematic of a circuit for providing f, 2f, and 

f/2, and combinations thereof; 
7 FIGS. 13A and 13B are sketches of guitar pickups having 
electromagnetic interference cancellation; 

FIGS. 13C and 13D are sketches of a multipickup for 
guitars having isolation between pickups for preventing cross 
talk; . 

FIGS. 14A-l4C are sketches of U-magnet pickups; 
FIGS. ISA-15G are sketches of various arrangements for 

providing sensitivity adjustment; 
FIG. 16 is a schematic of a circuit for providing f, 2f, and f/2 

and combinations thereof for a multipickup guitar; 
FIG. 17 is a sketch and waveforms for an improved clamp 

ing method; 
FIG. I8 is a sketch illustrating a frequency divider for 

human voice; and 
FIG. 19 is a schematic of a frequency counter. 

DESCRIPTION OF PREFERRED EMBODIMENTS 

The techniques set forth hereinafter for dividing complex 
electrical signals pertain to any electrical signal, however, for 
illustration purposes the examples set forth relate to the com 
plex tones of music instruments. 
The basic concept of this novel frequency division will now 

be described in conjunction with the waveforms of FIG. 2. 
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The basic key to this new frequency division technique is 

generation of one or two signals whose peaks are ?xed at zero 
(by addition of voltage, clamping, DC restoration, etc. Varia 
tion embodiments employing this basic idea will be discussed 
hereinafter. 
Waveform 22 of FIG. 2A is an input signal Ecoswt. In FIG. 

2B the input signal 22 is shifted so that its lower peaks just 
touch 0 volts, giving wave +e. A “mirror image" signal —e is 
also generated. This can be accomplished by phase inversion 
of the input wave 22 and shifting the inverted wave downward 
so that its upper peaks touch 0 volts. Or, the +e wave can itself 
be inverted to give —e. ‘ 

When the +2 signal touches 0 volts a switch signal 24 is 
generated. Of course, alternatively, switch signal 24 could be 
generated when the —e signal touches zero. The switch signals 
trigger a ?ip-?op so that it is in one of its stable states from one 
“zero touch” to the next at which time it is triggered to its 
other stable state, as shown by waveform 26 of FIG. 2C. 
The ?ip-?op, obviously at half frequency, controls two 

switches which alternately pass either +e or —e to give the half 
frequency output 28 shown in FIG. 2D. The Fourier series for 
this signal is given by KE [1. cos wt/2+0.2O cos 3/2wt—0.029 
cos 5/2wt+...]. 

It may be noted from the waveform 28 and its Fourier series 
that the output is not perfectly sinusoidal, but is a lot closer to 
a sinewave than the half frequency square wave 26 (or than 
are the square waves generated by prior art methods). 

It may also be noted that switching is done when both +2 
and —e are zero so that no sharp switching “steps” are in 
troduced into the output waveform. _ 
There are various ways of generating the waveforms of FIG. 

2, which are the key to the new halving technique. One em 
bodiment is illustrated in FIG. 3. 

In FIG. 3, the input signal is applied to a phase splitter 30 
which can comprise a single transistor stage with the signals 
derived from the collector and emitter thereof. The output 
signals from phase splitter 30 are shifted by combination with 
DC voltages —AE-DC, and +AE-DC2 in summers 31 and 33 
respectively to give clamped waves —l-e and —e. A zero sensor 
32 which can be, for example, a clipping ampli?er stage, a 
Schmitt trigger etc. delivers a switch signal pulse when signal 
+e touches 0 volts. Alternatively, zero sensor 32 could sense 
when -e touches 0 volts. The output from zero sensor 32 trig 
gers a ?ip-?op 34 opening alternately on successions of trig 
gers, switches 36 and 38, thus, alternately passing the +e and 
—e signals to a summer 35. The half frequency output signal 
from summer 35 is KE [1 cos wt/2-l-0.2 cos 3/2wt—0.029 cos 
5/2wt+...]. 

In FIG. 4, —e is generated not by a DC shift but rather by 
direct coupled inversion of the (already) generated +e 
waveform. The input signal is applied to a summer 40 where a 
DC voltage +E is added thereto to provide signal +e. Signal +e 
is phase inverted in a phase inverter 42 to provide the —e 
signal. The +e signal is zero sensed to trigger ?ip-?op 34 and 
control switches 36 and 38 in the samemanner as described 
with respect to the embodiment of FIG. 3. 

FIG. 5 is yet another embodiment of a frequency halver. In 
this embodiment the +AE cos wt+DC2 output of phase splitter 
30 can be DC restored by DC voltage subtraction as shown in 
FIG. 3 or alternatively, as illustrated, the signal is applied to a 
network comprising a capacitor 44, a resistor 46 and a diode 

‘ 48 where the signal is DC restored to provide signal +e. The 
65 

70 

75 

—AE cos wt+DC, signal is applied to a network comprising a 
capacitor 50, a resistor 52, a transistor 54 and a resistor 56 
where capacitor 50, resistor 52 and the diode input of 
transistor 54 provide DC restoration and the output taken at 
the collector of transistor 54 provides the zero sensing signals 
to switch ?ip-?op 34. The negative switch signal pulses 57 
going to ground occur when —e touches 0 volts (actually when 
it goes slightly positive since perfect DC restoration actually 
does not take place). 
A slight variation which eliminates one switch is shown in 

FIG. 6. A resistor 58 having twice the value of resistors 60 and 
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62 combined attenuates the —-Ae signal twice as much as re 
sistors 60 and 62' attenuate the +Ae signal. Thus, when 
transistor 64 is open, the output =+2e——e=+e. When transistor 
64 is shorted, the output =0—e=*——e. Thus, the output wave is 
identical to that of FIG. 2 even though only one switch is used. 
Another very practical variation is illustrated in FIG. 7. 

Only one switch and only one “clamped” signal are required 
to give a half frequency output signal identical to that of FIG. 
2. 

This is made possible as follows: 
The “switched signal” eI consists of a train of “pulses” of 

the form E( 1+ cos wt). Noting that (1+ cos wt )=2 cos2w/2t by 
trigonometric identity, it follows that e, consists of a train of 
cosine squared “pulses.” The Fourier series for e, is e,=DC [ 1. 
cos wt/2-l-O.59 cos wt-l-O.2 cos 3/2wt—0.029 cos 5/2wt.+...]. 

This series is identical to that of the output signal series of 
FIG. 2 except for the 0.59 cos wt term in e, It follows that e, 
can be made identical to the FIG. 2 series by cancellation of 
0.59 cos wt. 

This is accomplished, as shown in FIG. 7. This subtraction 
method is advantageous for reasons mentioned and because 
its source (-AE cos wt) impedance can be considerably 
higher than that required by DC restorers. The +AE cos wt 
signal is applied to a DC restorer and switch signal generator 
67 similar to that of FIG. 5. The +e output is then applied to a 
single switch arrangement as in FIG. 6. The —AE cos wt signal 
is applied to a resistor 69 to cancel out the 0.59 cos wt term. 

Several of the embodiments already shown are obviously 
employable for use with sources of nonconstant amplitude as 
well as sources of constant-amplitude. 
For example, in the embodiment of FIG. 5, the amplitude of 

the —e signal is perforce identical to that of the input signal 
(except for a constant gain factor which may be necessary to 
raise weak signals to the several volts required for good DC 
restoration). Similarly in FIG. 5, if the diode restorer is em 
ployed to achieve the restored +e signal, +e follows amplitude 
variations of the input exactly. _ 

In the same manner the +Ae and —Ae of FIG. 6 track input 
amplitude exactly if obtained through’ DC restoration. 
Similarly, the two vital signals of FIG. 7 (e, and the cancelling 
—O.59 cos wt) track input amplitude exactly. 

Thus, this new technique provides for exact and inherent 
amplitude tracking between half frequency output and input 
signal. ' ' 

Due to the manner in which the output signal is “made 
from” the input signal, the amplitude tracking is perfect on a 
cycle by cycle basis. There are no time constants nor non 
linearities involved as may be the case with prior art methods. 
Additionally the “extra” hardware needed in prior art 
methods for amplitude tracking is eliminated by the new 
technique...a considerably saving in a multicircuit applications 
such as dividers for a six string guitar. 

This inherent, instantaneous, exact and perfect amplitude 
tracking is another feature of the new circuit which attempts 
to retain as many as possible distinguishing characteristics of 
the input signal in the half frequency output. The key to this, 
of course, is the DC restoration process. The previously 
described frequency halving techniques have been described 
as used with sinusoidal sources. However, some of these em 
bodiments can be employed with complex input signals, 

In FIG. 8A there is illustrated a complex waveform 70 hav 
ing a fundamental frequency as indicated by the dashed line 
72 and having “indentations" 74 which are caused by over 
tones or harmonics. Whereas this waveform is signi?cantly 
different from the well ?ltered waveforms necessary for prior 
art dividers, it by no means exaggerates the complexity of the 
“authentic" (before acoustical or electrical ?ltering) tones of, 
for example, windinstruments or electric guitars. 

Obviously, a waveform such as illustrated in FIG. 8A would 
wreak havoc with prior art dividers which depend on the zero 
crossings of the “squared" wave to ?ip their “dividing " ?ip 
?op. 
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But, in examining operation of the new divider technique it 

is found that the switch signal provided by the restorer/switch 
signal generator, transistor 54 of FIG. 5, occurs only once dur 
ing each cycle of the input wave (when ——e of FIG. 8B touches 
zero..;actually when it goes slightly positive turning transistor 
54 on). 

Thus, output from ?ip-?op 34 of FIG. 5 is indeed at half 
frequency. Therefore, there is already a signi?cant improve 
ment over the prior art techniques. For, if one is content with 
a square wave half frequency signal, the ?ip-flop‘output gives 
reliable operation with much more input waveform complexi 
ty (less ?ltering) than prior art methods which not only cease 
dividing but may actually erroneously multiply frequency (and 
not necessarily by an octave) when confronted by extra “fal' 
se” zero crossings caused by overtones. 
However, not settling for a square wave output, for good 

tonal characteristics the switched +e and -e restored waves of 
FIG. 8B are combined, as described previously, to achieve the 
half frequency output of FIG. 8D. (Obviously, either of the 
“one-switch” methods described previously can also be used 
even with complex waves.) 

Examination of the waveform FIG. 8D shows that the “in 
dentations” 76 caused by overtones are retained in the output 
waveform. I 

As described above, the disclosed technique of frequency 
halving is superior to the zero crossing methods of the prior art 
when complex input waveforms are considered. However, the 
solution of one remaining problem carries it considerably 
further ahead. 

Consider the “double peak” waveform of FIG. 9A which 
can occur as a “transient” condition in an un?ltered plucked 
guitar note and as a sustained condition in an un?ltered note 
from a wind instrument. 

Assume DC restoration to ——e, FIG. 9B, and switch signal 
generation FIG. 9C, as achieved by transistor 54 in FIG. 5. 
Now, if peaks p1 and 123 are greater than peaks p2 and 124 a 
switch signal is generated by transistor 54 only by p1 and 
p3...when —-e of FIG. 9B touches zero and normal ?ip-?op divi 
sron occurs. 

Similarly, normal operation occurs if p2 and p,I are greater 
than p, and p3...i.e., normal operation occurs if the “true" 
peak is greater than an immediately preceding or following “ 
false” peak. 

Cases occasionally arise with un?ltered musical tones where 
immediately adjacent “true” and “false" peaks are of identi 
cal amplitude, as shown by the equality of p, and p2 of FIGS. 
9A and 93. 
Such a condition results in improper operation of the 

technique of FIG. 5. The ?rst zero touch of ~—e on peak p, gives 
a switch signal p, which slips the ?ip-?op of FIG. 5. Another 
switch pulse is not desired until peak pa occurs. But, it is obvi 
ous that the “false" second switch pulse at zero touch p2 trig 
gers the ?ip-?op of FIG. 5 erroneously. 

This “double peak” problem could obviously be eliminated 
if only pulses p2 and p3 were allowed to trigger the ?ip-?op, 
pulses p, and p4 being rejected. The solution of this problem 
requires one key “extra” ?ip-?op 78 (see FIG. 10). The “nor 
mal” switch signal pulses generated by zero touches of —-e in 
FIG. 9B are now called “Set Pulses.“ Phase inversion of the 
input signal in phase splitter 10 of FIG. 10 followed by DC 
restoration and “switch signal generation at 82” as in FIGS. 
9D and 9E results in “Reset Pulses” which occur at the most 
negative peaks 0 of the original wave of FIG. 9A. 
The set pulses are fed to one side of ?ip-?op 78, the reset 

pulses to the other side. Thus, after a reset pulse occurs, only 
the ?rst of the two set pulses shown as pI and p2 can trigger 
flip-flop 78. ' 

The output of ?ip-?op 78 is shown in FIG. 9F. 
The positive going switchings of ?ip-?op 78 trigger ?ip-?op 

34 whose output FIG. 96 is seen to be reliable at half frequen 
cy as desired. Thus the “double peaks“ no longer cause any 
trouble. It may be noted also that “double peaks" on the bot 
tom of the waveform have no ill e?ect either. Only the ?rst of 
the resulting pair of reset pulses can reset ?ip-flop 78. 
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The resulting advantages associated with being able to di 
vide an un?ltered signal or tone still rich in its original “distin 
guishing” overtones have been discussed previously and need 
no further elaboration. 

Slight variations in the method of FIGS. 9 and 10 (such as 
restoring waveform 9A positively in order to generate reset 
pulses without inverting waveform 9A will be discussed 
hereinafter. 
A detailed circuit for use with instruments which produce 

only one note at a time (e.g., ?ute, saxophone or guitar if only 
one string is struck at a time) is shown in FIG. 11. In this em 
bodiment the circuit set forth was employed with a ?ute. 
A small crystal microphone 84 is attached externally to a 

?ute (not shown) in back of the mouthpiece thereof. The out 
put from the microphone 84 is applied to a ?ute preamp 86. In 
the reduction to practice of this embodiment the microphone 
output varied from about 0.02 volts peak-to-peak on low C to 
about 0.08 volts on the higher C two octaves up (a slope of 
l2db. octave). A 008 microphone resonance on high G gave 
output of 0.5. volts. This large variation was unpleasant from 
an aesthetic musical standpoint due to the over emphasis of 
higher harmonics as well as the loudness of higher notes. 
Therefore, several low pass cuts were employed in the preamp 
to give a ?at response over the ?ute’s three octave range. That 
is, the higher frequencies were attenuated to provide a ?at 
response. If a better microphone is employed the cuts may be 
eliminated. 
The output from preamp 86 is connected to a dual output 

ampli?er 88. Other instruments such as the louder and lower 
saxophone (used with the same microphone as for the ?ute), 
trumpet, guitar, etc., would be connected to amplifier 88 
without coupling through preamp 86. 

Circuit operation is similar to that shown in FIG. 6. The —e 
restore signal is attenuated by a resistor'90 twice as much as 
the +e restored signal so the output labeled f/2 is either +e-e/2 
=e/2 when the switch transistor 100 is open or 0—e/2=i—-e/2 
when the switch is shorted. ' 

The f/2 signal and the “straight-through” f signal are con 
nected to an output pot 92 so that the user can have them 
singly or in any desired combination. 

Set and reset pulses and an “extra” ?ip-?op 94 (similar to 
?ip-?op 78 of FIG. 10) already discussed are employed as 
shown. Of special note are the diode coupling of set and reset 
pulses to ?ip-?op 94 by diodes 96 and 98 and the common 
emitter resistor 97 of ?ip-?op 94. Sometimes small “false" set 
and reset pulses not going all the way to ground are generated 
by “false” peaks in the input waveform lesser in magnitude 
than the “true" peaks. This effect is especially severe on lower 
notes where the RC time constant of the DC restorers is 
somewhat too small and tends to “restore” false peaks. (When 
covering close to three octaves for musical instruments the “ 
best" RC time constant is perforce a compromise. It cannot be 
small for reasons just mentioned. It cannot be made too large 
because then any circuit noise causes some of the peaks of 
higher notes to “miss being restored" with subsequent loss of 
set and reset pulses. ). - 

If capacitor coupling of the pulses to ?ip-?op 94 were used, 
the ?ip-?op could be triggered erroneously by the smaller “ 
false" pulses. This problem is overcome by the diodes 96, 98 
and the emitter resistor 97. The emitters of ?ip-?op 94 (in the 
embodiment shown) are about +2 volts (one side or the other 
always being “on”). Thus the set and reset pulses must be of 
sufficient magnitude to get below +2 volts before they can 
pass through the coupling diodes. In this way, smaller “false" 
pulses are blocked. 

In this embodiment, the switch transistor 100 could be 
removed and a diode used instead. The diode would come 
from transistor 103 of ?ip-?op 102 and connected to the junc 
tion of a pair of resistors 104, 106 pointing away from this, 
junction. When transistor I03 was at 0 volts the +e voltage 
would be shorted to ground through the diode and the con 
ducting transistor 103. When transistor I03 was at B+ volts 
the diode would be reverse biased and the +e signal would 
pass. 
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In the preferred embodiment, germanium transistors and a 

germanium diode are used in the restorers since they are su 
perior to silicon in terms of restoring low level signals (such as 
at the end of a “decaying” guitar note). 
Due to the false peak restoration problem on low frequen 

cies and “missed peak" problems due to noise at high frequen 
cies, the resistors in the restorers should be selected to give the 
optimum restorer time constant for each speci?c class of in 
struments. 
Another embodiment of the frequency halving technique is 

shown in FIG. 12. In this embodiment, the need for a dual out 
put ampli?er is eliminated by restoring above B+ to generate 
the set pulses. This affords larger dynamic range with a given 
supply voltage and a given number of ampli?er transistors. 
The output from the preamp 86 is applied to an ampli?er 108. 
The output from ampli?er 108 is applied to a DC restorer 

reset pulse generator as described above and also applied to a 
circuit 110 for restoring the signal above 8+ to generate the 
set pulses. This circuit 110 generates set pulses at the bottoms 
of the wave applied thereto. The resultant positive going set 
pulses are coupled to the same side of ?ip-?op 94 as the nega 
tive going reset pulses. Whereas the +2 volt thresholding ac 
tion of emitter resistor 97 of flip-?op 94 does not now apply to 
the positive going set pulses, a resistor 112 is added in series 
with the set pulse coupling diode 114 to prevent smaller “fal 
se” set pulses from triggering ?ip-?op 94. g 

It may be noted that in this embodiment, the half frequency 
signal (?2) is obtained by the cancellation technique 
described with respect to FIG. 7. 
The fundamental frequency f is applied to an inverter 115 

and the output from the inverter is subtracted from the 
switched signal in a summer circuit 116. 
A double frequency output is also generated by this circuit. 

The output from ampli?er 108 is applied to a half wave recti? 
er 118 to give an output of 1. cos wt+0.424 cos 2wt...Cancel 
lation of the fundamental by the +xf subtraction in a summer 
120 leaves the second harmonic. As with the f/2 signal, the 
amplitude of the double frequency signal tracks that of the 
input perfectly without variable gain as needed in the prior art. 

The 2f output from summer 120, the f output from inverter 
115, and the f/2 output from summer 116 are applied to 
potentiometers 122, 124, and 126, respectively, with the out 
put signals therefrom being combined in a summer network 
129. In this manner, the 2f, f, or f/2 signals can be obtained 
separately or in any desired combination. The three pots per 
mit a vast selection of “tonal gradations” since the relative 
amplitudes of f/2, f, and 2f can be set in many different com 
binations. The 2f signal adds a certain “brightness" of tone. 

Small feedback capacitors 128, 130 in the 2f and f/2 
summing stages, respectively, remove small spikes (due to the 
?ip-?ops) which are coupled by stray pickup. The capacitors 
do not affect the ‘2f or f/2 signals themselves. 
The embodiments illustrated in FIGS. 11 and 12 can be 

used for frequency changing with an electric guitar if only one 
string is plucked at a time. 

In a “good” environment, no special modi?cation of the 
guitar is required. However, if the guitar is played near a 
?uorescent light, for example, the electromagnetic power 
frequency noise induced in the guitar pickup may interfere 
with the frequency division process, especially on the higher 
notes where the “compromise" restorer time constant is too 
large. If division is desired only on the lower strings to trans 
form a guitar into an electric bass, the noise is no problem. 
However, for division over the 3% octave range of the guitar, 
certain pickup modi?cations may be desirable to reduce elec 
tromagnetic pickup. 
One solution is to use a double pickup guitar with its selec 

tor switch set to center position, summing the signals from the 
two pickups. If the pickup coils are phased properly, “hum 
bucking" will be achieved offering a large improvement in 

' signal to noise ratio. 
Another solution employs a single pickup I31 phase wound 

as shown in FIG. 13A to minimize electromagnetic pickup. 
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The winding is wound in one direction about three of the per 
manent magnets 132, 134, and 136 associated with three 
guitar strings‘ (not shown) and in the opposite direction about 
three of the permanent magnets 135, 140, and 142 associated 
with the other three guitar strings (not shown). The magnets 
132, 134, 136, 135, 140 and 142 can be individually raised or 
lowered with respect to their associated strings for providing 
sensitivity adjustment. ' 

This technique is also applicable to pickups employing only 
a single magnet whereby the winding would be wound one 
half cw and one-half ccw. For example, in FIG. 13B a single 
magnet pickup 190 is shown having six adjustment screws 191 
(one for each string) and the coil 192 is wound as shown. If it 
is desirable to perform electrically modi?cations (frequency 
halving, frequency doubling, tone change, etc.) on the output 
from a guitar where more than one note is struck at a time 
then separate pickups must be employed for each string with 
an output from each pickup being coupled to its, individual 
electronic circuit for performing the desired electronic 
modi?cation. ' ‘ 

This is illustrated in FIGS. 13C and 13D where a separate 
pickup coil 144,-1446 is used for each permanent magnet 
1461-1466 making up individual electromagnetic transducers 
for each string 1481-1486. With this embodiment it is possible 
to employ different AGC time constants on melody and base 
strings so as to have the melody notes for example, “hang on" 
longer than the has notes or vice versa. With separate trans 
ducers a stereo effect can be derived by employing two or 
more speakers (even to the extent of having a separate 
speaker for each string). To prevent crosstalk between ad 
jacent strings, magnetic shields 150 are employed. If this 
shielding isabsent, an interesting effect occurs on certain 
combinations of notes. A frequency modulation of the f/2 
notes similar to a vibrato at the beat frequency between the 
two notes occurs. This is not unpleasant. However, with other 
combinations of notes, the crosstalk results in erratic opera 
tion of the f/2 circuitry. Shielding the pickups as shown solves 
this problem. ' 

Various other'pickups constructed according to the inven 
tion are illustrated in FIG. 14. In FIG. 14A U-magnets are em 
ployed as the individual magnets, one magnet 200.for each 
string 201 (only one being shown for illustration purposes). 
Each magnet 200 has an associated pickup coil 202. Using a 
U-magnet, greater magnetic coupling is achieved with the as 
sociated string. ‘ 

If the U-magnets are arranged as shown in FIG. 14B cross 
talk between adjacent coils will be minimized since adjacent 
?uxes will be repelled. In FIG. 14C the same theory is applied. 
However the magnets are staggered to provide additional 
room in which to place their associated coils 199. In the em 
bodiments of FIGS. 14B and 14C no shielding as shown in 
FIG. 13C is required. 

FIGS. ISA-15G show various sensitivity adjustment ar 
rangements. In FIG. 15A a longer U-magnet 203 is ?tted 
within a cover plate 204 and raised or lowered with respect to 
string 205 to make the output from that string louder or softer. 
In FIG. 158 a screw adjustment is provided to change sen 
sitivity of a bar magnet. The screw 206 is made of, for exam 
ple, soft iron. An iron piece 207 is placed adjacent bar magnet 
208 to give improved coupling to string 209. In FIG. 15C two 
screws 210 are used and the coil 211 is placed about one of 
the screws. Adjustment of the screws 210 cause more or less 
magnetic coupling to the string 212. 

In‘FIG. 15D the magnet 213 is attached to a pair of mem 
’ bers 214 made of, for example, soft iron which members are 
slidably ?tted within a plate 215 for movement up and down 
to vary magnetic coupling to the string 216. The magnet 213 is 
preferably rectangular or cylindrical‘and the members 214 are 
preferably rectangular. These concepts can also be used with 
other shaped magnets. For example, FIG. 15E illustrates using 
a horseshoe magnet 217' with adjusting screws 218 coupled 

' thereto at the poles of the magnet. 
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In FIG. 15F the U-magnet 219 has screw portions 220 at 

tached thereto within a coverplate. A spring 223 is situated 
below the magnet- whereby variable magnetic coupling to 
string 224 is achieved by turning the screws, the whole as 
sembly being raised or lowered thereby. In FIG. 15G variable 
coupling to the string 225 is achieved by turning screw 227. 
Alternatively, a pair of screws could be employed. Suitable 
sp'rings, not shown, lower the magnet as the screw or screws 
are withdrawn. 

Of course, sensitivity could be achieved electrically by, for 
example using potentiometers at the ampli?er inputs or el 
sewhere. It may be noted that electrical sensitivity adjustment 
cannot be provided for in conventional single coil pickups. 
The individual coils can also be alternately phased for mag 

netic pickup reduction of a summed “straight through" signal. 
Using a multiple pickup as described, and six circuits similar 

to that of FIG. 12 gives a high performance system producing 
f/2, f, and 2f for a six string guitar. 

This circuitry is shown in FIG. 16 with that portion lying 
within the dashed lines 161 being repeated six times. 
The outputs from the guitar pickup coils 144,-1446 are ap 

plied to a plurality of ampli?ers 160. The outputs from am 
pli?ers 160 are summed in a summer 162 with the summed f 
signals fed to a potentiometer 163 where the desired amount 
of f signal can be obtained and summed with the desired 
amount of f/2 and 2f signal in a summer 164. 
The outputs from ampli?er 160 are also applied to a cor 

responding plurality of 6db. per octave ?lters.165, attenuating 
the second harmonic which may be generated by certain of 
the guitar strings. Occasionally, a decaying guitar note can go 
through a brief period of being almost perfect second har 
monic. The f/2 circuitry, even though working perfectly, di 
vides this back to only f and not f/2. The ?lters alleviate this 
problem. The output from the ?lters 165 are applied to the 
circuits for generating the ?ip-?op reset and set pulses as 
described above. The outputs from the ?lters 165 are also ap 
plied to doubler 118 where 2f+xf signals are generated. The 2f 
+xf signals are summed together with a -—xf signal in a summer 
166 to provide the 2f signal at potentiometer 167. The f signal 
outputs from ?lters 165 are summed and inverted in summer 
168 to generate the —-xf signal which is subtracted in summer 
166 as described above. The f/2 signals are generated in the 
same manner as described in FIG. 12 and summed in a 
summer 169. 

In some situations the f signal can be obtained at the output 
of ?ip-?op 94 and the f/2 signal at the output of ?ip-?op 102. 
The sound produced will be of constant amplitude with no 
decay and will sound very much like an organ. For special ef 
fects, these outputs can be combined with the other f, f/2, etc. 
outputs. 
Another method of DC restoration or clamping is shown in 

FIG. 17. Input signal e, is inverted in inverter 170 to provide c2 
and applied to a half wave peak detector 172 to give ea. As 
shown by the arrows, the peaks of (33 are identical in mag 
nitude to the negative peaks of e,. Obviously, addition of e, 
and e3 in summer 174 gives a clamped signal e4 whose lower 
peaks are exactly at ground (not going below ground as must 
happen in a conventional restorer while the C is charging). 
Half wave rather than full wave detection is required for com 
plex wave shapes whose positive and negative peaks may 
differ in magnitude. A full wave peak detector can be used in 
stead of half wave peak detector 172 for symmetrical 
waveshapes. 
The techniques hereinbefore described can also be used to 

generate an f/4 sub/sub octave (also f/8, etc.). The output of 
the dividing ?ip-?op, for example, ?ip-?op 34 of FIG. 10, can 
trigger another ?ip-?op making it run at 174. This ?ip-?op con 
trols a switch which shorts out alternate cycles of the f/2 
waveform. Techniques already discussed then give f/4 from 
this switched f/2 wave. 
The dividing technique can be useful in “?xed tone" musi 

cal systems such as electronic organs. Where amplitude en 
velope is of more importance, possibly in electronic pianos, 
the advantages of the new circuit may make it quite useful. 
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As shown, frequency division circuits can handle relatively 
complex input waveforms. However, those produced by the 
human voice are “too much for it” except on the simpler 
vowel sounds. 

The simple addition of band-pass filters 180,480,, as shown 
in FIG. 18 adapts the system for use with the human voice. 
Each f/2 circuit 182 handles a segment of the audio spectrum 
and, consequently, a less complex input waveform. The cir 
cuitry is similar to that of FIG. 16. With singing, the effect 
produced by f and f/2 is rather pleasant‘. For talking, the f/2 
can make a woman’s voice sound like that of a man. Possibly 
useful for greater intelligibility under certain conditions, the 
f/2 technique also lowers transmission bandwidth by a factor 
of two. For voice instructions to computers, a simpler problem 
is presented if woman ’s voice is lowered, to the rang of man ‘s. 
With band-pass ?ltering recorded or radio music can be 

lowered an octave. 

For special effects, a tape can be played at double speed and 
its output divided to be at the original frequency. (For music 
and speed listening). 

Similarly, the f/2 output can be recorded and then played 
back at double speed. The resulting output will be twice as fast 
as recorded but at the original pitch. Again, this could be used 
for special musical effects or for “speed listening” e.g., similar 
to speed reading but for blind people). 

In certain electronic applications (e.g., FM altimeters and 
depth ?nders) it is desired to determine the fundamental 
frequency of a complex waveform by use of counting 
techniques. With waveforms such as that of FIG. 83, prior art 
counters based on counting zero crossings obviously yield an 
erroneously high count. 
With the “extra” ?ip-?op scheme of FIG. 9, the output of 

?ip-?op 78 can be counted to yield. an accurate count by 
which the fundamental frequency of a complex waveform can 
be determined much more accurately than with prior art zero 
crossing techniques. This is illustrated in FIG. 19. The com 
plex input signal is applied to phase splitter 30 with an output 
therefrom applied to transistor 54 to generate set pulses for 
?ip-flop 78. The other output from phase splitter 30 after DC 
restoration and switch signal generation results in reset pulses 
for ?ip-?op 78. The output of ?ip-?op 78 is applied to a digital 
counter 240. The positive zero crossings of the square wave 
output of ?ip-?op 78 when counted and divided by the time of 
the count give the frequency of any complex wave applied at 
the input thereto. 

Thus, it is to be understood that the embodiments shown are 
illustrative only, and that many variations and modi?cations 
may be made without departing from the principles of the in 
vention herein disclosed and de?ned by the appended claims. 
vl. Apparatus for dividing the frequency of an electrical 

signal comprising: 
means for shifting said electrical signal such that the peaks 
of one extremity thereof touch zero volts; 

means coupled to said shifting means for generating a mir 
ror image of said shifted signal; 

means coupled to said shifting means for generating switch 
signals when said peaks of said shifted signal touch zero 
volts; and 

means for coupling alternately to an output during the 
periods between said generated switch signals, said 
shifted signal and said mirror image of said shifted signal. 

2. Apparatus as de?ned in claim 1, wherein said coupling 
means includes a bistable device coupled to said means for 
generating switch signals and being triggered thereby; and a 
pair of switches coupled to said bistable device, said switches 
alternately coupling to an output said shifted signal and said 
mirror image of said shifted signal. 

3. Apparatus as de?ned in claim I, wherein said shifting 
means includes means for summing said electrical signal with 
a voltage. 

4. Apparatus as de?ned in claim 3, wherein said means for 
generating a mirror image of said shifted signal includes a 
phase inverter coupled to said summing means. 
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. 5. Apparatus as de?ned in claim _4, wherein said means for 

generating switch signals includes a zero sensor coupled to 
said summing means. 

6. Apparatus as de?ned in claim 5, wherein said coupling 
means includes a bistable device coupled to said zero sensor; a 
pair of switches, one coupled to each output of said bistable 
device; and a summer coupled to said pair of switches. 

7. Apparatus for dividing the frequency of an electrical 
signal comprising: 
means for shifting said electrical signal such that the peaks 
of one extremity thereof touch zero volts; 

means coupled to said shifting means for generating switch 
signals when said peaks touch zero volts; and 

a bistable device coupled to said switch signal generating 
means whereby the output of said bistable device is the 
divided signal. 

8. Apparatus for dividing the frequency of an electrical 
signal, comprising: 

a phase splitter having ?rst and second outputs with said 
electrical signal being applied to an input thereto; 

?rst means coupled to said ?rst output of said phase splitter 
for summing a signal from said ?rst output with a ?rst 
voltage such that the lower peaks of said signal from said 
?rst output will touch zero volts; 

second means coupled to said second output of said phase 
splitter for summing a signal from said second output with 
a second voltage such that the upper peaks of said signal 
from said second output will touch zero volts; 

means coupled to said ?rst summing means for sensing 
when the summed signal derived from said ?rst output 
touches 0 volts; 

a bistable device coupled to said sensing means; 
a ?rst switch coupled to said ?rst summing means'and to a 

?rst output from said bistable device; 
a second switch coupled to said second summing means and 

to a second output from said bistable device; and 
a summer coupled to said ?rst and second switches. 
9. Apparatus for dividing the frequency of an electrical 

signal, comprising: 
a phase splitter having ?rst and second outputs with said 

electrical signal being applied as an input thereto; 
?rst means coupled to said ?rst output of said phase splitter 

for DC restoring above a voltage level a signal from said 
?rst output; 

second means coupled to said second output of said phase 
splitter for DC restoring below said voltage level a signal 
from said second output; 

means coupled to said second DC restoring means for 
generating switch signal pulses when said DC restored 
signal from said second output is at its peak; and 

means for coupling alternately to an output during the 
periods between said generated switch signals, said 
signals from said ?rst and second DC restoration means. 

10. Apparatus as de?ned in claim 9, wherein said ?rst DC 
restoration means includes a capacitor; a resistor coupled 
from said capacitor to ground; said signal from said ?rst out 
put being applied to said capacitor; and a diode shunting said 
resistor. 

11. Apparatus as de?ned in claim 9, wherein said second 
DC restoration means and said switch signal generator in 
cludes a voltage source; a capacitor; a resistor coupled from 
said capacitor to ground, said signal from said second output 
being applied to said capacitor; and a transistor having ?rst, 
second, and third electrodes, said ?rst electrode being cou 
pled to ground, said second electrode being coupled to said re 
sistor and said capacitor, and said third electrode being cou 
pled to said voltage source whereby a DC restored signal is 
derived at the junction of said capacitor and resistor and 
switch signals are derived at said third electrode of said 
transistor. 

12. Apparatus as de?ned in claim 11, wherein said coupling 
means includes a bistable device coupled to said third elec 
trode of said transistor; a pair of switches, one coupled to each 



13 
output of said bistable device; and a summer coupled to said 
pair of switches. , - 

13. Apparatus as de?ned in claim 9, wherein said coupling 
means includes a bistable device coupled to said switch signal 
generating means; ?rst and second series coupled resistors 
coupled from said second DC restoration means to the output 
of said apparatus; a third resistor coupled from said ?rst DC 
restoration means to said apparatus output; and a switch cou 
pled from the junction of said series coupled first and second 
resistors to ground, said switch being operated by said bistable 
device, and said third resistor having an ohmic value twice 
that of said ?rst and second resistors combined. 

14. Apparatus for dividing the frequency of an electrical 
signal, comprising: i‘ 

a phase splitter having ?rst and second outputs with said 
electrical signal being appliedas an input thereto; 

means coupled to said second output of said phase splitter 
for DC restoring a signal from said second output; 

means coupled to said DC restoring means for generating 
~ switch signal pulses when said DC restored signal is at its 
peak; a , 

a bistable device coupled to said switch signal generator; 
?rst and second series connected resistors coupled from 

said DC restoration means to the output of said ap 
paratus; 

a third resistor coupled from said first ‘output of said phase 
splitter to said output of said apparatus; and 

a switchcoupled from the junction of said series connected 
?rst and second resistors to ground, said switch being 
coupled to and operated 'by said bistable device. 

v15. Apparatus for dividing the frequency of an electrical 
signal, comprising: 
a phase splitter having ?rst and second outputs with said 

I electrical signal being applied as an inputthereto; 
?rst means coupled to said ?rst output of‘said phase splitter 

" ' for DC restoring a signal from said ?rst output; 
second means coupled vto said second output'of said phase 

splitter for DC restoring a signal from said second output; 
, 16. Apparatus as de?ned in claim 15, wherein said means 

for generating switch signal pulsesduring only one peak-each 
cycle of said input signal. includes a'?rst bistable device; means 
coupled ' to said second output of said phase shifter for 
generating set pulses at each top peak of said input signal, said 
set pulses being applied to said ?rst bistable device; means 
coupled to said ?rst output of said phase shifter for generating 
reset pulses at each bottom peak of said input signal, said reset 
pulses, being applied to said ?rst bistable device. 

17. Apparatus as‘de?ned in claim 16, wherein said second 
DC restoration means and said means for generating set pulses 
includes a voltage source; a capacitor coupled to said second 
output, of said phase splitter; a resistor .coupled from said 
capacitor to ground; and a transistor having ?rst, second and 
third electrodes, said ?rst electrode beingcoupled to ground, 
said secondelectrode being coupled to said resistor and said 
capacitor, and said third electrode being coupled to said volt 
age source whereby a DC restored signal is derived at the 

» junction. of said capacitor .and resistor and set pulses are 
derived at said. third-electrode; of said transistor. 

18. Apparatus as. defined. in ‘claim 17, wherein said means 
for generating reset pulseszincludesmeans coupled to said ?rst 
output of said phase. splitter for inverting the output signal 
from said ?rst output of said‘ phase splitter;~means' for DC 
restoring said inverted signal; and meansv for generating pulses 
at the-peaks of said inverted signal. 

19. Apparatus as de?ned in claim 18, wherein said coupling 
means includes a second bistable device coupled to said ?rst 
bistable device; a pair of switches, one: coupled to each.‘ output 
of said. second bistable device;and a summer coupled to- said 
pair of switches. ' 

20. Apparatusfor dividing the frequency of an electrical 
signaLcomprising: 

a phase splitter having, ?rst and second outputs with said 
electricalsignal:beingapplied'asan‘input thereto; 
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14 
?rst means coupled to said ?rst output of said phase splitter 

for DC restoring a signal from said ?rst output; 
' second means coupled to said second output of said phase 

splitter for DC restoring a signal from said second output; 
means coupled to, said: second DC restoring ‘means for 

generating switch signal pulses; and ' 
means for coupling alternately to an output during the 

periods between said generated switch‘ signals said ?rst 
DC restored signal with one-half saidisecond DC restored 
signal and one-half said second DC restoredsignal. 

21. Apparatus for dividing the frequency of an ‘electrical 
signal f, comprising: ‘i ' 

means for generating a signal f/2+kf wherein k is a constant; 
means for generating a signal —kf; 1 
means for summing the fl2+kf and —kf signals. 
22. Apparatus as de?ned in claim 21, wherein said means 

for generating a signal fl2+kf includes; means for DC restoring 
said electrical signal and for generating switch signal pulses, a 
bistable device coupled to said means for generating switch 
signals; a switch coupled to said bistable device and being 
switched thereby; and means for applying said restored signal 
to said summing means when said switch is open. 

. 23. Apparatus 'as de?ned in claim 22, wherein said means 
for generating a signal —kf includes means for inverting said 
electricalsignal; and means for applying said inverted signal to 
said ‘summing means. 

24. Apparatus as de?ned in claim 21, wherein said means 
for generating a signal f/2-l-kf includes a ?rst bistable device; 
means for generating set pulses; means for generating reset 
pulses; means for applying said set and reset pulses to said ?rst 
bistable device; a second‘bistable device coupled to said ?rst 
bistable device; means for DC restoring said electrical signal; a 
switch coupled to said second‘ bistable device and being 
switched thereby; and means for applying said restored signal 
to said summing meanswhen said switch is open. 

25. Apparatus as defined in claim 24, wherein said means 
for generating a signal ‘—kf includes means for inverting said 
electrical signal; and means for applying said inverted electri 
cal signal to said summing means. ' 

26. Apparatus for producing a multifrequency signal from 
an electrical signal f, comprising: 

apparatus as de?ned in .claim 21 for generating a divided 
signal; 

means for generating a‘signal 2f; and 
' means for combining the divided signal, the f signal, and the 

2f signal. : 
27. Apparatus as de?ned in claim 26, wherein said means 

for generating a divided signal includes a ?rst bistable device; 
.means for generating set pulses, means for generating reset 
pulses; means for applying said set and‘ reset pulses to said ?rst 
bistable device; a second bistable device coupled to said ?rst 
bistable device; means for DC restoring said electrical signal;.,a 
switch coupled to said second bistable device and being 
switched thereby; means for applying said restored signal to 
said summingmeans when said switch is openymeans for in 
verting said electrical signal; and means for applying said‘ in 
verted electrical'signalto said: summing means. 

28. Apparatus as de?ned in claim 27, wherein said means 
for generating a signal 2f includes a half wave recti?er to 
which said electrical signal is applied; and means for subtract 
ing from the output of said half wave recti?er a portion of said 
electrical signal. 

29. A method for dividing the frequency of an electrical 
signal, comprising the steps of: 

shifting7 said electrical signal such that its lower peaks touch 
0 volts; 

generating a mirror image of said shifted signal; 
generating switch signals when said lower peaks of said 

shiftedsignal touchesO volts; and 
alternately passing during’ the periods between said 

generated signals saidtshi‘fted signal and saidimirror image 
of said'shifted signal. 

30. A method‘ for dividing the frequency of an electrical 
signal,.comprising,the steps of: 
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splitting the electrical signal into two signals of opposite 
phase; 

summing one of said two signals with a ?rst DC voltage such 
that the lower peaks thereof will touch 0 volts; 

summing the other of said two signals with a second DC 
voltage such that the upper peaks thereof will touch 0 
volts; 

alternately applying to an output said summed signals. 
31. The method of claim 30, wherein said summed signals 

are alternately applied to the output at a rate equal to the 
frequency of said electrical signal. ‘ 

32. A method for dividing the frequency of an electrical 
signal, comprising the steps of: 

splitting the electrical signal into two signals of opposite 
phase; 

DC restoring one of said two signals; 
DC restoring the other of said two signals; 
alternately applying to an output said DC restored signals. 
33. The method of claim 32, wherein said DC restored 

signals are alternately applied to the output at a rate equal to 
the frequency of said electrical signal. 

34. A method for dividing the frequency of an electrical 
signal, comprising the steps of: 
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16 
splitting the electrical signal into two signals of opposite 

phase; 
DC restoring said two signals; and 
alternately applying to an output said DC restored ?rst 

signal plus twice as much of said DC restored second 
signal and said DC restored ?rst signal. 

35. The method of claim 52, wherein said alternate signals 
are applied at a rate equal to the frequency of said electrical 
signal. ‘ p 

36. A method for dividing the frequency of ‘an electrical 
signal f, comprising the steps of: 

splitting the electrical signal into two signals of opposite 
polarity; I 

DC restoring one of said two signals; 
generating a signal from said DC restored signal assuming 

the form E (1+cos wt) where wr-2-rrf; 
alternately applying to an output said generated signal plus 

the other of said two signals and the other of said two 
signals. 

37. The method of claim 36, wherein said alternate signals 
are applied at a rate equal to the frequency of said electrical 
signal, f. 
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