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_ i Pedal Flanger, Part I

FJOR MUCH OF 1979, THIS COLUMN focused on material related to
A" pedalhoards, switching tricks. and multiple—cffects systems. Now it’s time
In get back into constructing some new effects, and we'll start off the 80s
with a flanger.

Many of you have asked why I haven't covered a flanger in the past. Aside
Irom complexity, the biggest problem was limited availability of Reticon’s
[910 Benecia Ave.. Sunnyvale, CA 94086] SAD-i024 analog delay 1C, the

 heart of the flanger. Now that this part is available from at least four or five
different sources (which 11l mention later), we're ready to go.

First. we need 10 investigate how analog delay-line systems work. since
Nangers are analog delays. Actually, analog delays are very versatile systems:

, With short delays you get flanging: with slightly longer delays you pet
doubling: and with even tonger delays you get echo effects. The principle of
operation is so radically different from other effects devices that any time
spent learning how they work will make construction, troubleshooting, and

. applving the flanger just that much easier.

Basic analog-delay eircuitry. Fig. | shows a block diagram of a typical

' analog-delay system. If the delay time is shert (from a few microseconds to
five milliseconds or so). welt hear flanging effects. A 10- to 30- millisecond
dcla) causes a doubling or thickening effect. while a delay that's greater than

, about 30 milliseconds appears as echo. There are a number of delay-tine ICs

i m the market. unfortunately, only a few of them are available to hobbyists

'lnr experimentation. The SAD-1024 iz intended for short delays, which

: makes it ideal for flanging. while other chips like the Matsushita/ Panasonic

| MN 3005 are more suitable for longer delays and echo effects.

i Before considering the peripheral circuitry needed to support the delay

i line, let’s consider how the delay line itsell works. [t still amazes me that an
clectronic circuit can actually sit there and produce time delays: however, by

 ahalyzing the delay-line circuitry well be able to de-mystify the process,

’ How delay lines work. Fig. 2 shows a simplified block diagram of an
analog-defay chip with eight stages of delay (in practice, delay chips can have

) anywhere from dozens to thousands of delay stages). The clock shown in

| Fig. I is a timing reference whose usage will become clear as we go along,
| The clock operates at a very high frequency, usually above the range of
human hearing. Like most clocks, this one goes “tick-tock ™, however, these

‘are not audible clicks. Instead. they are voltages that swing between a

‘ maximum and a minimum value.

During the “tick™ of the clock, the delay line *samples™ the input wave-
form. Sampling is a process whereby the analog detay line stores the instan-
tancous amplitude value (level) of an output signal (see Fig. 3). If the signal

I at the moment of the sample is 1.1 volts, then the delay line stores 1.1 volts in

slagc I. During the “tock™ of the clock, the delay line stops sampling the

| input and transfers the voltage held in the first stage over to stage 2.

When the next “tick" happens. the delay finc takes a second sample of
the input signal and stores that sample in the first stage. During the “tock.”
this sample moves into the second stage, and the 1,1 volts we had stored in
the second stage moves along to the third stage. As this process of moving
samples down the delay line continues, you can see what happens: Even-
tually. the first sample will be shifted down the line far enough so that it
appears al the output of the delay line, followed by the second sample, the
third sample. and so on. So we have reconstructed our signal, but it is now
delayed in time. In essence, we've broken the input signal down into a
number of sampled voltages and passed these sampled voltages down the
delay line.

Disadvantages of analog delay. This all looks good on paper. but there
are some problems. First of all, in order to accurately represent the input
signal. we need to take Jors of samples—-maybe one every 50 microseconds
or s0. This is like the connect-the-dots games that kids play; the more dots,
the greater the resolution of the drawing. Our delay lines resolution works
in much the same manner. However, as we increase the sample rate, we're
also shifting our samples down the delay line at a faster rate, which gives us
less delay. So. while we can get a pretty accurate output signa! with short
delay times, at longer delay times our sampling rate goes down and the
:|gnal becomes increasingly distorted.

One solution to this problem is to increase the number of stages so that
we can maintain a fast sampling rate but still get reasonably long detays.
However. there is a flaw in this reasoning since each stage of delay creates a
linite amount of noise, transfer inefficiency. and high-frequency loss which
degrades the audio quality of the delayed signal. We therefore need to
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choose enough stages to give us the delay we want, consistent with a high
enough sampling rate to give us good fidelity when we reconstruct our signal
at the output of the delay line. If the clock goes low enough in frequency so
that it's in the audio range, we now have an additional problem since we also
hear the clock signal mixed in with the audio signal.

In addition, we have to figure out a way to change the delay. But thisisnt
too difficult: By making the clock frequency variable, we can change the
overalt delay by changing the clock frequency. As we slow down the rate at
which the signal gets transferred from stage 10 stage down the line. the signal
will take longer to appear at the output.

Peripheral circuitry. To minimize the problems associated with analog-
delay lines, we can add the additional circuitry shown in Fig. |. The input
low-pass filter is not that critical; it's designed to keep high-frequency audio
input signals from modulating the clock frequency. The output low-pas
fiter. however. is far more important: It removes the high-frequency cloch
signal from the audio, theoretically leaving us with the audio signal only at !
the output of the delay line. This filier also helps smooth the sampled signal
into something that more ctosely resembles a “real” audio signal (see Fig. 3).

If we vary the clock frequency and listen to the output of the delay line.
well hear pitch shifts and vibrato effects. In order to get flanging sounds, we
need to mix the non-delayed signal and delayed signal together in exactly the
same proportion, This causes cancellations and peaks in the response that
give us the charactenstic flanging sound.

Design tradeoffs. By keeping the clock speed fairly fast to make an
adequate sampling of the input signal, and by being careful with our design.
an incxpensive analog delay will stilt give us a reasonably good flanging
effect. However. you should not expect miracles or performance rivalling
expensive manufactured units—I think this column has probably shown just
how complex the process of crealing a time delay can be. You will get some |
noise, and you may hear the clock feeding through into the audio signal at
long delay times. [n addition, the high-frequency response will be limited by |
the response of the output low-pass filter. The unit wel be building can be ‘
improved through the addition of extra peripheral circuitry. which well 1
describe later on in this series,

In the meantime, start looking for the SAD-1024. This part is carried by
Radic Shack. Adva Electronics {Box 4181, Woodside. CA 94067]. and |
E-Systems [Box 5305. Berkeley, CA 94705}, PAIA [Box 14359, Oklahoma !
City, OK 73114] also offers an experimenter's kit that includes the SAD-1024
with a matching circuit board. so finding this part shouldn present a

problem. See you next month with a schematic, [ {
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HIS MONTH WE present the majority of

the Nanger circuitry (we'll show the
clock circuit that connects to points A and
B next month) and the parts list. This
flanger started out &s three pages of sche-
matics and needed a well-equipped test
bench for calibration; ! realized that was a
bit much to put in a me th!" column, so |
published that design in issu  1:9 of Device
[12304 Scribe Dr., Austin, TX 78759).

This new design is a considerably sim-
! plified version, yet it still offers excellent
performance: The noise level is quite good
(even without companding), there is a choice
of positive or negative flanging sounds, it
includes variable flanging depth and vibrato
option, and, best of all, you can create a
working flanger with a tota) of only three
ICs. {You can get much simpler than that
! and still have a unit with decent perform-
"ance.) By the way, this unit is specifically
\ designed to accept low-level inputs, but by
! changing one resistor, line levels can be
! arcommodated.
! Finding parts. I'm sorry 1o say there is
no parts kit available for this project. How-
cver, we mentioned parts sources for the
SAD-1024 last issue (Radio Shack stores
for one}, and the other parts are guite com-
mon. You'll note that ] specified 11k resis-
tors insiead of 10k types; that's because "1k
' 1 a 5% value, and this degree of precisia
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required for the best flanging sound. You
can use 10k types in place of the 11k resis-
tors if you check a batch of them with an
ohmmeter and sort out the ones that are
within 5% of each other.

Level of difficulty. This is not a simple
circuit, but it’s not impossible to build,

cither, You'll need to build an AC supply
since batteries aren't really suitable, and
you'll need to perform some careful calibra-
tions to get the best possible performance.
But if you're patient and foliow the pre-
cautions given next month, everything
should turn out all right. See you in Aprit. Ifi

Flanger parts list

All resistors are Y/, W, 5% {preferred)

R1 100 ohms

R2 1k trim pot

R3 4.7%

R4 - R6 10k audio or linear
taper pot

R? 10k trim pot

R8 - RI6 1k

R17 - R20 22k

R21, R22 39k

R23, R24 100k

R25 220k

R26 500k linear taper pot

All capacitors rated 15 or more working
volts

Cl 10pF ceramic disc

2 560pF ceramic disc

C3-C5 1000pF (polystyrene
preferred, disc
acceptable)

Cé 22uF disc or mylar

C7 1uF, electrolytic or

C8-ClI 2uF, electrolytic or
tantalum

Cl12 5uF, electrolytic or
tantalum

Ci3-CI15 10uF, electrolytic or
tantalum

Semiconductors

‘1C1 RC4136 or XR4136
quad op-amp
(Raytheon or Exar)

1C2 SAD-1024 serial analog-

delay line (Reticon)
Mechanical paris

§1, 12 Mono open circuit 4"
phone jacks

51 DPDT toggle switch
(controls feadback
phase)

52 SPST toggle switch

Miscellaneous parts: one [6-pin socket,
one l4-pin socket, knobs, wire, solder,
etc.
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AST MONTH WE PRESENTED the delay

and audio ssctions for a good sounding. bun
simple-to-build, flanger. This month, we'll fin-
1sh our discussion,

Clock eircuitry. If the function of the clock
is not ciear, refer back to part 1 of this series,
which appeared in the February 80 issue of GP.
Fig. | shows the basic clock, based on a CMOS
pari called the CD4047. Points A and B connect
ta points A and B on last month's schematic;
these wires should be as shorr and direct as pos-
sible. Points C and D can connect to one of the
two auxiliary circuits shown in Figs. 2and 3. Fig.
2 ullows you 10 vary the flanging effect with a
single pat; this is the best circuit 1o use when the
| pot can be mounted close to the board {say, with-
; in 57). However, this option is most useful in
studio and PA applications since it does not
allow for easy {ootpedal control.

For footpedal or remote control applica-
| tions, Fig. 3 represents a better option. The CD-
! 4007 acts like a voltage-controlled resistor, with

Lihe voltage fed into pin 10 varying the flanging
|dft:ct Although the 4007 should be mounted
‘ close 10 the 4047, the pot may be mounted re-

{ motely from the rest of the 4007 circuit without
i degrading the circuits performance. Some com-
» ponent juggling might be necessary for optimum
. performance; if the flanger effect doesn't go high
i cnough in frequency. lower the value of the 27k

resistor, If the flanging effect doesn't go low

~cenough, lower the value of the 47K resistor.
t Singe these two parts interagt, if you change one
you may have to change the other. But in most

, tases, these resistors will nol have 1o be changed.
Fower supply. For best results, the powet

Im the flanger should come from a welk-regu-

lated. 215 volt DC bipolar supply. Suitable kits
1.1[; available from Bill Godbou Electronics
|Bldg 725, Oakland Airpert, CA 94614] and
| ftom PAIA Elec:run:ca[l020 W. Wilshire Blvd..
| Oklahoma City, OK 73116 (stock #4771)]. Also,
| Bernie Hutching has published several suitable
designs for do-w-yourseMers in Efectronotes [

I'heasant Lane, [thaca, NY 14850).

Construction tips. Here are several tips, in
no particular order:

. The 47pF capacitor in the clock circuit
,'(F‘:g. 1) should be-a stable polystyrene type for
minimum flanging variations with changes in
temperature.

2. The clock circuitry creates very high-ampli-
| ude, high-frequency signals. They can be picked
: up by sensitive electronie circuits (such as preamps
and fuzztones), and could possibly cause problems
by coupling into these stages. or into the preamp
or mixer siages of the flanger. Therefore, use
shielded cable to connect JI (o the input of the
flanger, and also run shielded cable between 52
and pin 14 of IC1, Actually, your best approach is
to carefully consider the circuit board layout
before you start wiring: The clock circuitry
| should be mounted as close as possible to the de-
| tuy hine, but away from the audio stages based

around 1CI as well ay the various switches and
teanttals,

While 1he Yayout isnt critical, any extra care
spent in layout will pay off dividends in improved

| perlormance Avoid long power and ground lines;
Luse a single-point grounding system as much as
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possibie: and keep ull audio Jines as short us pos-
sible, If you arc pewering other modules along
with 1he flanger, connect a 10uF to 100uF capa-
citor {at 15 working volis DC) across the power
supply lines connecting to the 4047 (the plus end
of the capacitor connects 10 pin 14, while the
minus end connects to pin 7). Again, this may not
be necessary-—but it certainly can't hurt.

3. 1C handling: The clock 1Cs 2nd delay-line 1C
may be destroyed by improper handling due 1o
their sensitivity 10 swatic electricity charges. For
best results, and s0 you don’t have to kiss an $11
chip goodbye, use sockets for these ICs and keep
them in their protective foam until just before it's
time 10 test the circuit, Then, touch something
grounded or metallic {to drain off any residual
charge which you may have accumulated, say, by
walking across a rug on a dry winter day) and pop
the 1Cs into their sockets.

Calibration. Begin by opening 82 (vibrato
position). This will alow you 1o hear only the
delay section, thus simplifying calibration. Turn
R4 up all the way: then turn RS, R6, and R26
down all the way. S{ can be in either position,
and the 100k control used for the clock should be
a1 the approximate halfway point.

Next, plug your instrument into JI, hook up
J2 to your amp, turn on the power supply, and
turn up R6 haliway. Play some loud chords with
R26 wurned up just a little bit; you may or may
not hear anything. Now rotate R7 until you get
the least distorted sound out of the {langer. In-
crease R26 until you get jusy distortion, then re-
adjust R7 for the least distorted sound. Continue
increasing R26 and readjusting R7 until you can-
not get a clean sound anymore; then back off a bit
on R26 until the sound cleans up. This is the
optimum setting for R26. If you encountes dis-
tortion when playing, make sure R7 is properly
calibrated; if it is, turn down R26 a bit further, If

est (least fuzzy} looking waveform. Otherwise.
leave R2 at the halfway point,

Using the flanger. Close 52, turn up R4 all
the way, adjust R6 to suit, and vary the 100k
clock control: You should now hear that {amiliar
flanging sound. Next, ingrease RS wntil iv’s just
short of the oscillation (squealing) point; this
should dramatically increase the intensity of the
flanging. Be forewarned-- when the flanger goes
into ascillation from turning RS up toa high, it
cun get loud, so keep your amp volume down a
bit lower than normal as you experiment with
different settings of RS. Change S) 1o its other
position; again, experiment with the setting of
R5. 1n the {+) position of S1, the flanging sound s
sharp and metallic, while the (~) position gives a
more tubular and round sound.

Madifications;

1. If you want more output level. double the
value of RI5 and halve the value of C2.

2.  you want to use the flanger with line-
level signals. change R26 10 100k {preferred meth-
od) or increase R23 1o 470K (this is easier, but
alsa contributes a little more noise).

3. To experiment with slapback echo effects,
change C3 and C4 to .DfuF Mylar capacitors and
change the 47pF clock 1iming capacitor to 220pF,
Don’t expect any wanders in terms of pertorm-
ance, bul you might enjoy using the flapger in this
manner for some applicarions,

Final comments. In order 10 avoid taking up
another installment of the column, Pve tried to be
as concise as possible. 1 hope this doesn'tscare ot
100 many buildess: | have a lot of confidence in
this design, am extremely happy with the way it

‘saunds, and would like to make sure that any-

body who wants to build it has enough informa-
tion to do so. i there’s anything you don'tunder-
stand about this project, lcel free (o write me ¢/ o
GP. and well cover your yueries in the next

you have a scope, connect its probe to the mid- questions-oriented column. [ £
peint of R2 and adjust this trimpot for the clean-
Fig. 1. - Fig. 2.
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Build « CHO

RUSHUE

Chorus-Analog Delay-ADT Flanger Vibrats

=
By Craig Anderton

ANY GUETTAR PLAYER readers
have woitien 1o mig |L'qm“~!inp 2
chorus hox project, but the deviee

sl exvamine does a lot mere. By covering
the range frony 80 ms (miltiseconds, or thou-
sanelthe of a sceond) 1o 2 ms, o abso delivers
excellent flanging, stapback ccho, and AIYE
Gautomatic double tacking) cffects. Note,
however that this is not a simple cireuit, |
only recommend it for thuse of you who are
proficient at building cireuits from seratch, If
vou do have the requisite electronic chaps,
thouph, yvou will he rewarded with a wide-
range delay line that is not only quiet, but
alva more (lexible than many other chorus
Lty

This feature-length article s a departure
from my usual single-page column format.
However there is still more 1o say ibout 1his
device than can cven 1it m an article of this
length. So, in next months Fledtronic Gui-
tarist column I will continue this feature by
getting into some refatively esoteric modi-
hications und customizing,

How It Works

The Chorus! Delay has two major sub-
modules, the audio delay seation (Fig. 1yand
fhe madutunion seetion (Vg 23, The heart of
the audiodelay section « the Reticon SAL-
A0 merrated arenst, o member of he
bucket-brigade analog delay line fanuly (for
muore information about what makes delay
lines tick, refer to my column in the Feh. 80

tsstle ol Cuedtar Player). Tlis s an expensive
chip it Bists for about $500000 but ¢t can
give o 100ms €110 of a seeond) delay with
excelient fidelity, An added advantage of the
SAD-A0U6 s that it can be driven by a pulse-
gencrating ctock at very high speeds. piving
delays as short as 2ms (which puts vou right
in the langing tange).

However, like all delay lines the SAD-
4096 is inherently noisy and has poor high-
frequency response. We attack the noise
problem with 1€2, the NEST0:571 com-
pander from Signetics. The first half, IC2A,
v a compressor, which compresses the dy-
namic range of the signal going into the delay

Caution

The Chorus;Delay is a complicated pro-
ject with sensitive integrated circuits that
are relatively expensive. Do not attempt to
construct this cireuit unless you have had
previous experience building elecironic
effects.

Craig Anderton’s work has been published in
numerous electronics magazines, including
Device, Polyphony, and Modern Recording,
He v the author of Electronic Projects For
Musicians and Home Recording For Musi-
ctans [ Music Sales, 33 W.60th St., New York,
NY 100237, and « monthly GP column. He
has also weitten construction articles on prac
tice headphones[Jan. '75) and a treble boost-
er{ Apr. 73], and an overview of effects[ May
76). His Feb. 82 column will cover wavs to
use and modify his Chorus} Delay.

line, thereby maintaining a high average sig-
nal level threugh the SAT-096 and keeping
the signal out of the “noise floor™ of the chip.
The second half. 1C2B, is an expander, which
takes the delay lines output and restores the
signal to its normal dynamic range; the ex-
panding action also lowers the nease floor by
aronnd 25d8. The resudt is dead-quaict opuera-
tion up 10 about 50ms, and only mimmal
noise out to the Nl 80ms. This companding
type of noise reduction system is similar to
the fancy nowe reductton systems found in
recording studios.

To further reduce noise and improve the
high-frequency response as well, resistor R3
and capacitor C7 boost the highs going into
the compressor and delay. R6 and C6 cut the
highs by a complementary amount. both to
reduce any residual hiss and to compensate
for the boost created by R3 and C7. The rest
of the circuitry in Fig. 1 involves IC1D (a
buffer), 1CLA (which drives the detay line),
ICIB (which filters out most of the high-
frequency clock signal from the low-frequen-

ey audio signal), and 1C1C {the mixer that
combines delayed and normal sounds),

The modulation circuitry (Fig. 2y pro-
vides the high-frequency clock necessary to
drive the SAD-4096, and un 1L.FO (Jow-
frequeney oscillaton) to maodulate that clock
The SAD-A096 accepts a clock freguenes
from 8kHz to IMH,, Qur ctock circuit runs
from 25kHz to IMH7 to simplify the audio
filtering requirements. 1C1A and 1C1B make
up the LFO. while IC1D drives the two mon-
itor LEDs, which are connected back-to-
back. As the modulating triangle wave
produced by the L¥Q goes more positive, 13
gets brighter: as the triangle wave goes less
positive, D3 gets dimmer, then as the wave
goes below ground (0 volts) and starts turn-
ing negative. D2 becomes brighter. When the
wave starts turming positive again. 22
becomes dimmer until itextinguishes and 133
then stans getting brighter again. This pro-
cess repeats for every cyele of the mangle
wave. Watching these blinking lights s @
great way to monitor an LFO. You could
also use diffevent cotored 1EDs for D2 and
D3, or you may choosc a two-color 1LED
{which Radio Shack sells) for some even
more amazing cffects.

The remaining op-amp, IC1C,1s s simple
filter that turns the triangle wave into more
of a sine wave at {aster LFO speeds. It also
mixes the imtial delay and modulation con-
trol voltages.

Circuit Board Construction Tips

Remember, this is a complicated circuit
that uses radio, as well as audio, frequencies.
You must pay attention to the following
instructions, or you may end up with 1 unit
that works poorly-—if at all.

1. Use single-point grounding for each
circuit board wherever possible. Ideally, you
should return all grounds to a singl. point on
the PC (printed circuit) board. Since this
may not be practical, you should at least
return the grounds for cach stage (compres-
sor, expander, delay, bufler, mixer, etc.) to
one ground point. The ground points for
cach board should return scparately to the

LU 1A NOF RH SOFOH.
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Audio Delay Board Parts List
Resistors (all 1055, 1/4 walt) 4 A3 pb {3nd metric), polystyrene preferred
k1 10 ohms L8] 3900 pl (3InY metric), polystyrene prefereed
k1 250 whm trimpol [symmetry i Ch, C7 005 gk (5 b miric), mylar prelerred
RI-Re 2.2k (2K mewnc) (K, 9 01 w7 (1 nF metric), disc or mylar
H7 4.7k (4kT metrich (L] Il (100 nk metricy, dise or mylar
LT O [ CHCTE 22 pb {220 nl metic), mylar preferred
KI5 1k ramepot {ollset trim] ClE-C17 1 el analum prelered
Bif [0k pol, Lo tuper preferred [inpu bevel] CUE-CH 2.2 pb (202 metric), wntalum or cleetrolylic
%17 ik pot, Linesr taper preferred [regencration] C2-025 5 pb tantalum or clectrolytic
1218 10k pot, log preferred [delay level)] LR 10wk wntalum o clearalytic
Ry Wik pot, log preferred [output bevel]
K20 22k Semiconductors
B2 ik 10, 132 IM9ES smaib-signal silhcor diode
k12 R 1l RCa130 or XRA136 guad op-amp
RIM K24 47k 2 NESTE or NESTI compander
|25 1Mk Hwa SAL-0E0 analog delay line
K26 470k LE} 2MIG06 PN transiston
R27 | Mieg
Ain. K29 10 Mep Mechancinl paris
_ ) s1 SPST switch [hiss cut]
(.i.pltlmn [l hlll."d al 15% or ml.‘tf_? 52 SPET swatch [vibrato onfoli]
{.L 180 pF. polystyrene preferred J1-14 Monag open-cireai 14% jack
2 WG pE {1 nF metric), polystyrene prefered, see tear Maw Kook, solder, wire, sockets, power supply Goe bypass
3 000 pF {1 nF metric), polystyrene preferred capiers, ot




BUILD A CHORUS/DELAY

power supply or main chassis ground

2. Keep leads as short and direct as
possiblc.

3. Add the power supply bypassing
shown in Fig. 3 where the power supply lines
enter the board. and check on the audio
delay board tht C11 is mounted as closely as
possible to pins 13 and 4 of 1C2A. It’s also
good practice 10 solder some .| uF ceramic
disc capacitors right from the power supply
pins of the 4046, 4041, and SAD-40% to
ground. If you're making your own PC
board, do not drill holes for these capacitors
in the board; rather, solder them directly to
the IC socket pins on the foil side of the
board, keeping the capacitor leads as short as
possible.

4. Arrange the boards so that pads A
and B from the audio delay board can con-
nect to pads A and B on the modulation
board by the shortest possible length of wire.
When you connect these points, use heavy-
gauge wire to minimize inductance and resis-
tance cffects (the 4041 power bufler has to
overcome the SAD-4096s clock line capaci-
tance—about 1000 pF!). And while we're on
the subject of wiring, use shielded cable on
any audio lines that run for more than a few
inches.

S. Power both boards with a well-
regulated £15 volt DC power supply, such as
the kind used for keyboard synthesizers.
These higher voltages are required for opti-
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Resistors (all 10%, 1/4 watt)

Chorus Unit Modulation/Clock Parts List

Capacitors (all rated at 15V DC or grester)

47 pF, polystyrene

.22 uF (220nF metric), mylar preferred
5 uF tantaium or clectrolytic

Rl 270 ohms Cl

R2,R3 1k C2,C3

R4 4.7k (dk7 metric) C4, C5

R5-R8 10k

RY 10k pot, log preferred {initia} delay) Semiconductors
R10 10k pot, log preferred [LFO width] DI

Rt 10k pot, log preferred [LFO speed] D2, D3

R12 12k ICt

RI3, R14 47k 1C2

RI5 100k 1C3

R16-R18 150k

RI9 220k Mechancial parts

Y|
Misc,

IN914 or IN4OOI diede

LED (see text)

RC4136 or XR4136 quad op-amp
CD4046 CMOS phase-locked loop
CD4041 CMOS quad buffer

SPST switch [LFO fast/slow]
Knobs, wire. IC sockets, power line bypass capacitors,
115V power supply, €tc.

mum operation of the Chorus/ Delay.

6. Take your time and work carefully.
Impatience, more than ignorance, scuttles
otherwise successful projects.

7. Use sockets for alt 1Cs, and follow all
specifications given in the parts list (if it says
a mylar capacitor is preferred, do your hest

10 find a mylar cap instead of a cheaper
ceramic disc type).

Packaging Tips
The photo shows my prototype, which I
mounted in a standard 13" high, 197 wide
rack-mountable panel. You could also house

the Chorus/Delay in a large floor box. In
any case, make sure it’s a sturdy enclosure
(preferably melal). Arrange the controls,
switches, and jacks so that they connect lo
the circuit boards through the shortest pos-
sible lengths of wires.

After completing circuit construction,
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mount both PC boards 10 the front pancl.
Next, wire the board connections tothe pots,
switches, and jacks; conneet points A and B
lrom both boards, and finally, connect the
ground and power supply wires. Check your
wiring over carelully, and prepare for cali-
bration by studying the next paragraph.

Calibration

Cahlbration is fairly simple, and only
involves making two adjustments on the
audio delay board. Sct all controls as fol-
Jows: L.FO speed. 10 widih, and regener-
ation completely counterclockwise; initial
delay and output up halfway: input fevel and
delav level fully clockwise: vibrato switch
open (an position): hiss cut switch open; and
fast/ slow switch apen. Plug your guitar inte
the inputy JUis the input of choice, sinee it
direet-couples your signal into 1C10 1 you
cxperience problems using this input, plug
into J2 instead. Chances are, you will either
hear no sound at all or a highly distorted
sound. Take heart; relict s only a trimpot
away.

Start varying offset tnmpot R15. At one
position in its rotation, the distortion will
disappear; as you move away in either direc-
tion from this magic space, thedistortion will
return, i distortion happens at all scttings.
then set the impot where distortion is feast,
trim back a bit on the input Jevel control, and
try again. The SAD-4096 can only accept

BUILD A CHORUS/DELAY

sound will resemble banshees in heal: con-
versely, if you use as little modulation for
flanging as you do for chorusing. the flanging
effect will be barely noticeahle. So, be patent
not only with respect to construciing the
Chorus Delay, but also during the checkout
as well.

Begin by sciting all controls and switches
as mentioned m the section entitled “Calibra-
tion,” Mow, close the vibrato switch (vibrato
*ofl™) and play. If yvou hear distortion, either
hick off on the input fevel control or check
that the offsel timpot is properly calibrated.
Ment, adjust the cutput control for a pleasing
kevel and you're ready 10 go

Vary the ininial delay control. As vou turn
the control clockwse, you get into the flang-
INE FAREE. @ YyOu 1L W counlercl ook wise,
vioun start hearing echo effects. At extreme
counterclockwre positions, you may nice
wome hiss, Im this case, close the hiss ot
switch. However, lor maximum high-{re-
YUETHCY Fesponses its best 1o keave this swiltch
open uiless the hiss hothers yvouw

Mest, try advancing the regenciation
controd; it gaverns the amount of signal feed-
back. In the Bangng range, this will give a
more metalhic sound, In the echo range,
v hear multiple echa repeats. Node alsa
that mn the ccho range you'Tl probably want to
urn the delay level control down o bit for a
more realisiic cllect—alier all, natural

Top view of the Chorus{ Delay shows the clock/modulation board (1) and the signal processing board. All
switches, pois, and jacks are mounted 1o a single 19"-wide panel.

about a Z-volt peak-to-peak signad, as the
input levet allows vou to reduce the level of
strong signals going to the delay line.
There are two ways 1o calibrate tnimpot
R2. The preferred method is to monitor the
middle terminal of this trimpot with an escil-
loscope: you will observe two thick lines
{possibly along with somc thinner lincs)
when you're not playing. Rotate R2 until the
two thick lines converge into one If you
don have an osciliescope, short out R2 on
the moedulation board with a jumiper wire
that has alligator clips on both ends. Now,
adjust the initial defay control until you hear

a very high frequency whine (the highest you
can hear), then adjust R2 for the prnimum
amount of this whine.

Learning The Controls

First, a warning: Unlike most chorus
boxes, which are optimized for the chorusing
cffect and therefore have very few controls.
the Chorus/ Delay has lots of controls. This
gives you the capability of making some very
beautiful sounds, but it also gives the free-
dom to make some really ugly ones as well,
For example. if you use as much modulation
for chorusing as you do for flanging. the

Boacroen view oyl e © Ssnes! Pheferc: BeRine cosrtiey-fioers hiresd P ens siiord ann peevaifalis dee preverel s

echos aren't s boasd as the pomiiry soandd
sOuIce

Mow 1" Lirfe Lo cxperiment with modu-
Litiom. ¥ou will wunt o mded the decpest mod-
ulation in the fanging range. Turn the widil
voptrel wp Dull, then adjust the innl deday
clockwise for the widest vweep range. You
meay ned want this much modulation at all
timecs, but s nice to know i's there when
vivr meed i In the echo and chorusing
ranges, even mosdeoate amounts ol masdu
Latiom will ad protesgone piich-hoending, <o
vou may want to keep this control suhdued.

I Tinad my Tawoarite eliosrus selling by pok-
g SO e H-'rll'lﬂ\ o e "UJI:” Riy P
disce the shaipost possible gound. | thes et
thie il debivy conteald so fhEl there & @
dstinet, short echio gust st G appr. |
then retuen (b anitaal delsy chishwise o Bt
until the two cohoes barely fuse e onge
Finally | mdd modoblstion to sael. A little
regeneration adds a mice 1ousch for @ spageer.
i sei=0 cliorees sowmld

Frosm this prosst o, i e a0 yuur ok
Just remember that i will probebly ke vow
m Bonk ol Terme fo beanowhoe ol these contols
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do and how they interact. | his is very (lexible
unit.

Finding Parts

i've been itching to present some delay
line projects for a couple of ycars now, but
could not locate a reliable and inexpensive
source for cither the Panasonic delay line
chips or the long-delay Reticon chips (SAD-
10245 are casy (o find, but they aren’t suitable
for ccho). Luckily, PGS Flectronics [Box
735, Terve Haute, IN 47808) now carries Lhe
SAD-096 [or $31.00 plus $1.50 postage and
handling. Al my request. they also offer a
package of ali the 105 needed to complete
this project (4046, 4041, 5760, 4096, and two
4136s) at a discounted price to Guitar Player
readers of $36.00 plus $1.50 postage and
handhng foreign orders add $1.00 extra lor
air manl postage. PGS also has pre-ciehed
printed circuit boards (34.50 tor the modula-
tion section: $6.50 for the delay section: $2.50
for positive ur negative artwork. Add $1.50
per order for postage).

All other pants arc commonly available
through any ol dosens of mail-order chee-
tronics vutlets, most parts lor this progedt are
also available through Radio Shack. Inaddi-
tion, check the ads in the back of Radiv
Electronics and Popuedar Electronics maga-
sines 1o lind more parts sources. Note:
Please, don't write me and say you can't lind
the parts anywhere  I've given you a source

puwes supply H15

powet supply ground

—p———®  Chorus/Delay Power
1. Supply Filtering

10 uF

single point
ground from

circuit board
+

10 wr
power supply -H-—i——@

for the semiconductons and the other pans
urc not at all hard 10 find.

Conclusion

‘T here's much more that could be said about
the Chorus/ Delily  how (o apply it, studio
tncks. and soon. Here's one example: On the
audio delay board theres a C2, a 1000pF
capacitor that restricts the high-frequency re-
sponse of the compressor. This is designed to
filier out extieme high frequencics goinginlo
the delay line, but in practice you might not
need it at all. or you may be able to get by
with a lower value (such as 220pF), the lower
the value, the better the high-frequency re-
sponsc. | wanted a little more zing in the
sound mure highs and brightness - so 1 re-
moved Lhis capacitor; the Chorus/ Delay still
works just fine with instruments such as the
guitar, that don't have cutrageous amounts
of high freguencies,

There are other ways to customize the
performance of the chorus, and we'll discuss
them in my regular column next month. You
might also notice that the prototype in the

phate has eight jacks jnstead of the four
given ip the schematig. next month I ex-
pinin what they're all about as well.

80 far Jve stressed that this circuit is
complex. 1n a spirit of eyual time. here's
xome encouragement: After prototyping the
circuit on a breadboard. | drew up a sche-
matic and built the unit in the photograph.
Normally, you might expect that 1 would
have had to make & few adjusiments or
changes in the transition from breadboard to
rcal circuit; fortunately, the whole circuit
went together flawlessly and gave me no
trouble whatsoever. 1 hope it's as trouble-frec
for you!
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Y NOW YOU PROBABLY have Jast

menth’s Choruss Delay umit pecking along
and giving yourall kinds ol neat etfects. The next
step might be to add some modifications that
personaiize the unit then agan, you may be
muore expenmentally minded, and wondering
just whitt other games you can play with the
device. This column discusses these options, as
well o explains a little more about how the
dely works. Bean in mine. though. that this
discussion is intcuded Toy more advanced
experimenters

Modulation section modifications. The lirst
mndification invalves two extra jacks. Hreak
1he connection going between the width control
(RIOY and pin 4 of 10T as shawn o bige L
Next, insert 1wo jacks, one closed-cireuit and
une open-cirelit.

Tie LFO (fow-lrequency osciilator) euiput
jack taps off the 1LY outpot, Thus, if you build
two units and wish to dove them from the same
U140, you con pateh the 1 FO outp from onc
wnit to the OV iput on the other unit, This wd
sune the two together,

Phe OV {vomrol voliage ) mepul sccepis ox-
ternal control voltages, hke the kind penerated
hy sy nthesizers. Alsa, sowe ol the more sophis-
ticated elfeels have contrul-voltage outputs.
For example, some envelape followers include
an envelope output: You can patch this into the
delay’s OV input, and have the chorus teack
your dynanues. This is @ great cifect, and im-
parts what [ cun only describe as a “scintil-
Lating” sound to your instrument. In addion,
yert ean trim the overall response of this input
with the width contiol

Ansther very powerful use of these jacks is
with a footpedal, Pateh the LHFO-out jack to the
pedal input, and the pedal output 1o the CV-in
jck. s gives vou loot control over the degree
of modulation. While this s useful for chorus
and flanging effects, it is perhaps most useful
with vibrato. Publing back on the pedal gives no
vibrato. while pushing down all the way gives a
throbbing vibratw. {0 briween. you can vary the
vibrato depth trom subtle to dramatic. Remem-
bet, too, that uniike finger vibrido- —where you
can only vibrato onc or two strings at a lime--
electromc vibrio works on the entire instru-
ment. Chords with vibrato are sonwthing else
altogether’ Alie, using this clfeet with vocalists
who don't have natural vibrato can help the
character of the voice tremendously.

The two other jacks 1've added 1o the delay
are for svnchro-sonic applications. Without get-
ting too heavily into the theory behind synchro-
sonics, the basic premise is that in a fully
synchro-sonic system, alt rhythmic events —
including vibrato, tremolo, synthcsizer en-
velopes, LFOs, ctc.-- may be synchronized (if
desired) and traced to one master clock, By
adding the circuit shown in Fig. 2. between pins
4 and 6 of IC1B, a resel pulse at the synchro-
sonic input forces an LFO reset, and gives re-
wriggering. ‘Should this retriggering oceur too
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abruptly for your tastes, add 8 iow-valiie resis-
tor (100 ohms o 1K) in series with the collector
of the transister. Now 1 know ail this synchroni-
zation talk will mean absolutely nothing to
many readers, but the few who are into this type
of thing should find the synchro-sonic input
most valuahle. Incidentally, the reason for
using two jacks is so that a synchy o-sonic pulse
can be routed both to and from the detay
maodule.

There's one more modulation section
modification, and that's ncreasing the delay
time. Unfortunately, at these tong delay times
tht sound is going to be poisy, distorted, and
generally rotten; so, don’t say [didn't warn you!
But if vou're willing to preatly decrease the
high-trequency responsse fwe'll cover that later
w this column). the fonger delay time can be
useiud. Simply decrease R2 1o, say, 470 obns
for starters. The lower the value of this resistor,
the longer the delay you'll be abie 1o get. Onee
the resistor gets too low, though, the clock
sound will become uabearibie and eventually
the delay line will just poop out altogether. You
can also shift the defay tme lower by increasing
Gi 1o 100 pF.

Audio delay section modifications. I you
experiment with longer delay times, you'lt have
to reduce the bandwidth of the output smooth-
ing filter. This ipvalves increasing the values ol
€3 and C5. CS should be four times larger than
C3; for example. it C3 = 005 pF, then C5= .02
uF. For a quick and dirty way te cut high-
frequency response, just add a big capacitor in
parallet with C3 (try .01 »F), I you wantto add
echo to a bass deum, this will do the job.

The response of the regeneration control
has been altered by CI3, which rolls olf the
lower frequencics. This prevents boomy, bassy
“howls” and peaks that can occur with extreme
amounts of resonance. However, if you feel like
taking out some aggressions on & nearby woof-

Fig. 1. b 4

e, yau can ipcrease £13 19 1 wF and give the
regeneration cirgpit full bass bandwidth,

Another set pf modifications invoives the

re-emphasis/ de-emphasis circuit. R3. €7
Etoqﬂ the treble going into lC2AIRE, Choutthe
ireble hy a complementary amount coping ow
of 1C2B. However, the delay line contributes
sivme high-frequency rolloff {whether you want
it or nat), as does the output filter. If you want
10 inerease The precmphasis, decrease R3o Tk
This wili give you a brighter sound, Or, il these
extra high frequencies cause problems (such as
aliasing  glitches resulting from generated fre-
quencies oo high to be discreetly sampled by
the unit), you can cut the value of Cé instend to
002 1 F or kess, This will ereate foss ol o teeble-
cutting effect; the tradeot] s that the noise wall
appear more prominent.

Some instruments, such as guitar svnthe-
sizers, have a great deal of high-frequency re-
sponse, these might interaet with the delay line
clock to produce undesirable non-harmonically
refated sounds in the output, Should you
expenence this problem, remove the pre-
vaiphasis and decmphasis components. The
noise will be more apparent, but 1 think that a
little extra noise is preferable to aliasing sounds.
In exfreme cases, you <¢an also increase the
value of (2.

Finally, if you want a little more output
tevel, you can increase R21 to 47k, or even to
100k. On the other hand. if the chorus is Loo hot
and overloads your guitar amp, you an reduce
R2% 10 a lower value {such as 10k).

So much for the Chorus; Delay unit; | hope
yau enjay using (as well as modifying) it. I'd be
interested in any of your experiences: Did it go
together easily? Would you like more complex
projects like this? Write to me ¢jo Guirtar
Player.

Next month, we'll get back 1o basics— part
one of how 1o read schematics. See you then. I
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