
·The Optimized 
GRAPHIC EQUALIZER 

Part.t-New design approach provides sharper 
frequency control in the all-important audio midband 

G RAPHIC equalizers are ·pop
ular audio accessories nowa

days. They enable hi-fi buffs to ad
just the frequency response of a 
stereo system to compensate for 
loudspeaker errors, room acoustic 
problems, and unsuitably balanced 
recordings and broadcasts. In es- , 
sence, they are super tone controls 
that allow one to change small por
tions of the audio spectrum. 

The 10-band graphic equalizer is 
the most popular type for home use. 
But a new design gives improved ' 
performance at low cost. It's called 
the Optimized Graphic Equalizer. 
Now, instead of equalizing one-oc
tave bands, half-octave control is 
available for the ten important mid
range bands. Although bass and 
treble suffer somewhat (there are 
just three controls for these), the 
overall design allows for better con
trol of frequency response. Addi
tionally, an optional real-time ana
lyzer can be incorporated into the 
circuit for equalization setup. 

By Joe Gorin 

Design of the Equalizer. Human 
hearing is relatively insensitive to 
frequency response errors of less 
than Ya of an octave (called the 
"critical bandwidth"). This"is why 
professional equalizers have 24 to 

' 31 bands at approximately 1/ 3 -oc
tave spacings. But the critical band
width is actually narrower in the 
midrange than in the bass or high 
treble. Also, because the vast 
amount of musical information oc
curs in t\te midrange, this is the 
most important area for high-reso
lution (close band spacing) equal
ization. Normally, equalizers de~ 
signed for home use have 1-oct.ave 
spacings. In order to create an eco
nomical, but very effective equaliz
er, the Optimized Equalizer uses 
~-octave spacing of bands in the 
midrange (for five octaves), a rela
tively wide band in the treble range, 
and two in the bass. 

The most important function of 
an equalizer is the . taming of two 
kinds of resonances-those with 
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gain and those with loss. But a giant 
"hole" in the frequency response of 
a system (for example, a - 20-dB 
"suckout" in a typical second-or
der speaker crossover) is practical
ly inaudible. This is because the in
formation in a narrow notch is 
small and masked by nearby sig
nals. Furthermore, it isn't feasible 
to equalize a narrow notch. Practi
cally speaking, you can't set the fre
quency and bandwidth close 
enough, and the phase relation
ships of the notch are so poorly con
trolled that, even if the frequency 
response were right, the actual sig
nal waveforms wouldn't sound 
right. 

On the other hand, resonances 
that boost the frequency response 
are painfully obvious to the listen
er. A + 3-dB resonance adds more 
signal to a system than a - 20-dB 
notch removes, and since it is an er
ror of commission rather than 
omission, it "pops out" at you. 
Also, the sound from such a reso-

tape monitor~ out out 5 equalizer 
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Fig. 1. Block diagram of the Equalizer. Midband frequency selection is made by filter bank. 

nance continues in the room long 
after the signal to the loudspeaker 
has stopped. An equalizer elimi
nates this problem, even if it isn't 
"right on" the frequency of the res
onance, by reducing the energy that 
drives it. 

Thus, it's more important for an 
equalizer to cut signals than to 
boost them. We chose to allow only 
+ 3 dB of boost in the midrange 
bands, but a full 12 dB of cut. This 
is enough range to tame the worst 
resonances. 

The bottom bass band of the Op
timized Equalizer is just the oppo
site in range. It goes from - 3 dB to 
+ 12 dB, with the hinge freque"ncy 
of the band moving higher with 
more boost. This band is thus opti
mized to improve the bottom useful 
octave of home loudspeaker re
sponse, usually stretching it from 
45 to 65 Hz downward. 

The mid-range band is placed at 
about 140 Hz in the Optimized 
Equalizer. This covers the space be
tween the other bands and coin
cides with the typical midbass 
hump (the one that helps speakers 
sell so well in the hi-fi stores). Most 
persons will need to reduce the gain 
slightly at this frequency for im
proved accuracy, but a full ±8 dB is 
allowed because boosting this band 
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can be fun, even if it is unrealistic. 
The treble band covers the range 

above the last midrange band. Be
cause of the large variations in 
loudspeakers and recorded materi
al, ± 10 dB is allowed on this band. 

Circuit Operation. Figure 1 is a 
block diagram of the Optimized 
Equalizer. The midpand frequency 
selection is done by the filter bank. 
Since the filters have gain, the sig
nal is attenuated at the input. This 
prevents even the largest signals at 
the tape monitor terminals of your 
amplifier from causing clipping of 
the filters. By subtracting three
quarters of the signal using the fil
ter outputs, the result is a gain of 
-12 dB at the filter center frequen
cy. Next, a variable amount of the 
filter output is added back to the 
signal. When the control is set to 0 
dB, the added signal cancels the 
subtracted signal exl).ctly for flat 
frequency response. 

An important point about this 
block diagram is that the arrange
ment of the input attenuator and 
filter bank is exactly that required 
for a real-time analyzer (which will 
be discussed next month). 

The signal from the adder (which 
has gain to make up for the input 
attenuator) goes to a three-band 

circuit that is similar to those found 
in preamplifiers. The controls ad
just the amount of feedback, and 
thus gain, in a particular frequency 
region. 

Figure 2 is the complete sche
matic for the Optimized Equalizer. 
The power supply is a full-wave 
bridge rectifier (D201-D204) with a 
wall-plug transformer. The use of a 
remote transformer obviates the 
need for coaxial cables (without the 
penalty of hum pickup). Power to 
1C2-IC6 is unregulated because the 
power-supply noise rejection of 
these ICs is so good that huni pick
up is trivial. However, power to 
ICJ imd IC7 is ·passed through an 
RC filter to reduce hum by 18 dB 
because the circuits that use these 
two ICs are more sensitive to sup
ply noise. 

Resistors R202-R204 and capac
itors C203 and C204 bias the ICs at 
15 V. This double filter reduces the 
hum from the power supply · to 
about 1 p, V. The circuit could not 
be any quieter even with dual, fully 
regulated, power supplies (which 
would be much more expensive 
than the single supply used here). 

Resistors Rl and R2 form the in
put attenuator. Capacitor CJ re
duces the attenuation at high fre
quencies where the filter bank 
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Photo of the author's prototype showing internal arrangement of the boards. 

cannot clip because the filters have 
low gain. Reducing the attenuation. 
here allows the reduction of the 
gain, and thus noise, later on. Ca
pacitor C2 couples the attenuated 
signal to ICJA, a gain-of-one stage 
that presents a high input imped
ance, but can drive the low imped
ance of the filter bank. 

Op amps IC2A through IC4B are 
ten parallel filters. All have a 
bridged-T configuration. Let's · ex
amine IC2A as an example. At low 
frequencies, the input signal from 
R22 is blocked from IC2A by the 
high impedance of C22. At frequen
cies much higher than the filter's 
center frequency, the low imped
ance of C21 bypasses the signal 
from R22 into the low output im
pedance of IC2A, preventing its 
amplification. At the center fre
quency, though, the stage has a 
high gain. The signal from R22 is 
coupled through C22 to be ampli
fied and inverted by IC2A. The out
put of IC2A is coupled back 
through C21. Due to the phase shift 
of the capacitor circuits and the op 
amp's inversion, this feedback sig
nal is in phase with the direct sig
nal. Resistor R23 controls the gain 
and positive feedback. 

The signals from R55 and the 
even -numbered resistors, R34 
through R52, are added at the input 
to ICJD. The filter outputs are all 
inverted at their center frequencies, 
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which forms the subtractor in the 
block diagram . Controls R24 
through R33 adjust the amount of 
signal added back in ICJC, which 
implements the adder. The feed
back around ICJ C rolls off the gain 
at high frequencies to make up for 
rolling off the attenuation with CJ. 
It thus allows better signal-to-noise 
ratio with flat response. 

Op amp ICJB adds the last three 
bands to the equalizer. Consider 
first the bass band, controlled by 
R60. If it is set to full boost, then at 
low frequencies the input signal is 
applied to ICJB through relatively 
low-valued resistor R59, for little 

TECHNICAL 
SPECIFICATIONs
OPTIMIZED EQUALIZER 

Frequency Response: 1 0 to 80,000 Hz 
+1/ - 3dB 

Gain: 0 dB nominal 
Distortion: Less than 0.02%, from 20 to 

20,000 Hz at rated output 
Rated Output: 0.5 V 
SIN per IHF-A202: 82 dBA ref: 0.5 V 
Maximum Input/Output: 9 V rms 
Input Impedance: Approx. 1 00 

kilohms in parallel with 390 pF 
Output Impedance: Less than 600 

ohms 
Total controls: 13 bands per channel 
Range: 

Midrange: + 3 to - 12 dB nominal 
Bass: - 2 to + 10 dB nominal 
Midbass: ± 8 dB nominal 
Treble: ± 10 dB nominal 

II 

attenuation. Feedback comes from 
R62, R61, and R60; very large val
ues imply little feedback and thus a 
large gain. If R60 is set to the other 
end, there is more attenuation and 
more feedback, for a net attenua
tion. At high frequencies, the bass 
control is bypassed by C26 and C27 
and the midbass control is coupled 
in through C28. Above the midbass 
frequencies, C29 and C30 bypass 
the midbass control, and C31 cou
ples the high-frequency control to 
ICJB. 

The output of ICJ B is coupled 
through C32 to eliminate the 15-V 
de bias from the output. Resistor 
R 72 increases the output imped
ance to about 600 ohms and pre
vents possible oscillation of ICJB 
due to highly capacitive connecting 
cables. 

Construction. The Optimized 
Equalizer, except for the power 
supply input connectors and op
tions, is built on two pc boards. The 
foil patterns for these boards are 
shown in Fig.3, and the parts place
ment diagrams are given in Fig. 4. 
By placing all the controls on one 
board (the vertical board) and most 
of the remainder of the unit on the 
horizontal board, front panel space 
requirements are minimized. This 
makes for an efficient, compact as
sembly. The boards are connected 

(Continued on page 90) 
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I' L \ 

I. I 

INTERFACE BOARD 

R201 
IOfi 

+ 
C201 
IOOO~F 

Jl 
MONITOR 

IN 

J2 
RECORD 

OUT 

J3 
IN 

+ 

Horizontal Board 

C202 
1000)JF" 

f 

C1 ,C1 01-390-pF, 5% capacitor 
C2,C32,C1 02,C123,C24,C124,C132, 

C203, C204,- 10-J.LF, 25-V aluminum 
electrolytic 

C3 through C22,C1 03 through 
C122- 0 .0022- J.LF , 5% polyeste r film 

capacitor 
C25,C125- 0.001 -J.LF, 5% polyester film 

capacitor 
C28,C128- 0.22-J.LF, 10% polyester film 

capacitor 
C31,C131 - 0.01-J.LF, 10% polyester film 

capacitor 
C206,C207- 0 .1- J.LF, + 80 / - 20 % ce

ramic disc capacitor 
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PARTS LIST 

IC1 through IC7- RC4136 quad op amp 
' The following are 1 I 4-W, 5% carbon-film 

resistors unless otherwise noted: 
R1,R101 ,R202 through R204-100 

kilohms 
R2,R102- 8.2 kilohms 
R3,R5,R1 03,R1 05- 82 kilohms 
R4,R104- 2.7 kilohms 
R6,R109- 3.9 kilohms 
R7,R107- 120 kilohms 
R8,R1 08-5.1 kilohms 
R9,R109-160 kilohms 
R10,R110- 7.5 kilohms 
R11 ,R111 - 240 kilohms 
R12,R112- 11 kilohms 
R 13, R 11 3-330 kilohms 
R1 4,R11 4- 15 kilohms 

+ 
C204 

liO~F 

Rl 02 
:oaK 

R203 
lOOK 

R204 
lOOK 

+ C203 

JIO~F 

R1 5,R11 5- 470 kilohms 
R16,R116-20 kilohms 
R17,R117- 620 kilohms 
R18,R118-30 kilohms 
A19,R119-91 0 kilohms 
R20,R120-43 kilohms 
R21,R121-1 .3 megohms 
R22,R122- 56 kilohms 
R23,R1 23- 1.8 megohms 
R54,R154- 16.2 kilohms, 1% metal film 
R55,R155-1.62 kilohms, 1% metal film 
R56,R156-24.9 kilohms, 1% metal film 
R57,R157-36 kilohms 
R58,R158-3 kilohms 
R64,R71 ,R164,R171-5.6 kilohms 
R72,R172- 560 ohms 
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RI8,30K-CI8) l CI7-RI91 910K-IC2C(5A) 
RIG, 20K-CI6 CI5 - RI7, 620K-IC20(5B) 

=:~: :~~=g:~ .0022JJF g:~==:;: :~g~=~g;~~;g~ 
R26 I R38 ) R39 ) R27 R40 R4 1 

R28 50K R42 33K R43 33K 
- - ----, 

R24 
50K 

R25 
50K 

{FOR INTERMEDIATE CIRCUITRY 
SEE UPPER RIGHT} 

Vertical Board 

R32 
50K 

R33 
50K 

R34 
33K 

R35 
33K 

R36 
33K 

R37 
33K 

R50 
33K 

R51 
33K 

R52 
33K 

R53 
33K 

C23-1 0-JLF, 25-V aluminum electrolytic 
C26,C27,C126,C127-0.1-JLF, 5% poly

ester film capacitor 
C29,C30,C129,C130-0.022-JLF, 5% 

polyester film capacitor 
The following are %-W, 5% carbon-film 

resistors unless otherwise noted: 
R24 through R33,R63,R66,R69,R124 

through R133,R163,R166,R169-50-
kilohm slide potentiometer 

R34 through R53, R 134 through 
R153- 33 kilohms 

R59,R62,R65,R67,R159,R 162,R165, 
R167- 5.6 kilohms 

R60,R160- 22 kilohms 
R61,R161 - 9.1 kilohms 
R68,R70,R168,R170-1 .5 kilohms 
81 ,82- Dpdt nonshorting switch 
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RIO, 7.5K-CIO C9 - Rll, 240K-IC3C(6A} 
RS, 5.1K-C8 C7 -R9, 160K-IC30(6B) 

R29 R44 R45 
R30 R46 R47 
R31 R48 R49 

HORIZONTAL BOARD VERTICAL BOARD 

.o~~~F Fig. 2. The schematic of the Equalizer 
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I 
I 
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~~ZONTA..:.!~D ___ ----

VERTICAL BOARD 

r-------..---1 
R68 
1.5K 

R69 
50K 

,--.---------

is shown here and on the facing page. 
The left channel and power supply 
are shown. Part numbers for the 
right channel are the same but in 
the tOO's or are shown in parenthesis 
on diagram (switches, ICs, etc.). 

C28 

1 .---------~ 
I 
I 

(B) 

Power Supply 

R72 
sson 

C201 ,C202-1 000-JLF, 35-V aluminum 
electrolytic 

C205-0.1-JLF, + 80/ - 20% ceramic disc 
capacitor 

D201 through D204-IN4002 (or 
equivalent) 

R201 - 10-ohm, V4-W, 5% resistor 
J1 through J4, J1 01 through J1 04-

Phonojack 
T201-24-V, 170-mA wall-plug transform

er (Dormeyer P814201 or equivalent) 

Misc.-No. 20 AWG bus wire (6'), ribbon 
cable (14 conductor, 7Vz"), angle 
bracket ( # 6-32 threaded, one side, 8), 
#6 x 3fa" sheet metal screw (11), #6-
32 x V4 " machine screw (8), chassis, 
16-pin DIP socket, 14-pin DIP socket. 

C32 
IOJIF 

Note: The following are available from 
Symmetric Sound Systems, 856 
Lynn Rose Ct., Santa Rosa, CA 95404 
(707-546-3895): complete Optimized 
Equalizer kit (EQ-4) with unfinished 
walnut end panels at $100; complete 
Optimized Analyzer kit (AN-1) at $60. 
Also available separately: horizontal 
and vertical pc boards for Equalizer 
(EQ-4PC) at $17.; Analyzer and inter
connect pc boards (AN-1PC) at $13.; 
slide potentiometers #EQ-4SP, ·$.95 
each. Quad op-amp IC #4136, $1.75 
each. Set of IC's for the analyzer 
# AN-1/C, $6.00. Wall plug transform
er #EQ-4PT, $7.50. Minimum order 
$10.00. All prices include shipping on 
prepaid orders in the U.S. Canadians 
add $4.00 shipping and handling. Cal
ifornia residents add sales tax. 
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... EQUALIZER 

Fig. 3. Foil patterns for 
the Equalizer pc boards 

together with #20-A WG bus wire 
between adjacent pads. The bus 
wire is stiff enough to make a rigid 
assembly of the boards, with easy 
access to both sides of boards for 
testing and experimenting. 

Components should be soldered 
to the horizontal board first,"in or
der of resistors; capacitors, 
jumpers, ~nd ICs. Be careful to ob
serve the index marking on the ICs 
and the polarity of the electrolytic 
capacitors. Next solder compo
nents to the vertical board- slide 
potentiometers first; then resistors, 
capacitors, and switches (observe 
the polarity on Cl23). 

To connect the boards, push 
#20-AWG bus wire or solid tinin
sulated wire through the pads in the 
long line on the vertical board from 
the back side, and solder to the 
pads. Taper the length of these 
pieces of wire from 3/4" on one end 
to 3" on the other end. Starting on 
the long end, and with the copper
clad sides of both boards facing 
each other, push the leads through 
the matching pads on the horizon
tal board, working your way to the 
short end. Bend the horizontal 
board, and thus all the wires, until 
it is perpendicular to the vertical 
board and flush against it. Solder 
all the wires. 

Wire the switches, jacks, and 
boards together according to the 
schematic (wires A through E, M, 
and V through Z). Wire the power 
supply on a terminal strip, and con
nect it to the horizontal board 
(wires J through L). A foil pattern 
for an interconnect board is given 
in Fig. 5. "One 16- and one 14-pin 
DIP socket are wired to this board. 
The sockets are used to connecf to 
the real-time analyzer, which will 
be covered in Part 2. 

Because of · the compactness of 
the pc-board assembly, many me
chanical configurations are possi
ble. In the prototype, the vertiCal pc 
board was attached to two pieces of 
walnut. The rear of an inverted 
" U" chassis was also attached to 
the walnut. The chassis provides 
marking for all the controls, 
switches, and jacks. Grounding the 
chassis to circuit ground shields the 
circuit from radio-frequency inter
ference and electrostatic pick-up of 
60 Hz and its harmonics. 
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Fig. 4. Component layouts 
for the pc boards. 
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Installation. Most component 
high-fidelity systems can accom
modate signal processors, such as 
the Optimized Equalizer, through 
the tape-moriitor loop. Connect the 
"tape out" or "tape record" output 
of your amplifier to the equalizer's 
input. Then connect the equalizer's 
output to the "tape in," "tape mon
itor," or "tape play" jacks of your 
amplifier. Switch the amplifier's 
tape monitor switch to "on" to en
able the equalizer. The tape moni
tor function is replaced on the 
equalizer. Connect your tape deck 
to the equalizer as it had been con
nected to the amplifier. 

Some amplifiers have separate 
tape source switches to enable you 
to play one source while recording 
another. In this case, you will have 
to use your tape source switch as 
your selector. Switch the selector 
switch to tape, so that the signal al
ways passes through the equalizer. 

Equalizer Adjustment. There 
are a number of different tech
niques available to adjust your 
equalizer; these vary in conve
nience, cost, and accuracy. Audio
philes with very good familiarity 
with live music can adjust the 
bands by ear to match their idea of 
the way the music should sound. A 
different technique is to use a test 
record, perhaps with the aid of a 
sound-level meter, to adjust the 
bands for flat response. 

An easy way to adjust an equaliz
er is with a real-time analyzer. Al
though this can be a costly audio 
accessory, it's not in this case. The 
equalizer was designed to inherent
ly contain much of the circuitry of 
the analyzer. In Part 2, we will de- . 
scribe the design, construction, and 
use of the analyzer. 

With the high performance and 
build-it-yourself economies of the 
Optimized Equalizer/ Analyzer, 
you can anticipate an impressive 
improvement in the sound of your 
system. <> 

Fig. 5. Foil pattern for the 
connector board to the analyzer. 
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The Optimized 
GRAPHIC EQUALIZER 

Part 2-An integral analyzer for 
accurately setting up the audio equalizer 

I N THE first part of this article, 
we presented a new kind of 

equalizer circuit that offers high 
performance at an economical 
price. This month we will construct 
the Flatness Analyzer, an accessory 
used to adjust the equalizer rapidly 
and accurately. 

Circuit Operation. Figure 6A is a 
block diagram of the equalizer/ 
analyzer combination (part of 
which is identical to Fig.)). The an
alyzer plugs directly into the equal
izer. Figure 6B is a block diagram of 
the equalization test procedure. 

Here's how the Flatness Analyz
er tests one channel (the right) of 
the Optimized Equalizer. Pink 
noise is applied to the right-channel 
input of the equalizer. The equal
ized output of the right channel is 
then fed through an amplifier and 
speakers into the room. From here, 
the microphone picks it up. 

The signal is then amplified by 
the microphone preamp and ap
plied to the left-channel input of the 
equalizer, as well as two filters in 
the analyzer. The outputs of these 
12 filters drive simple biased-diode 
detectors and a bank of 12 meters to 
show the deviations from flatness. If 
the system response is flat, all me
ters will have equal deflections. The 
output of the left channel is ground
ed to prevent the amplified micro
phone signal from passing back out 
through the left speaker and per
turbing the measurements or caus
ing oscillations. 

To test the left channel, the inter
connecting plug is reversed and off
set in its socket, and the above pro-
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By Joe Gorin 

cedure is repeated with left and 
right channels reversed. 

Figure 7 is the schematic of the 
analyzer. Integrated circuits IC2 
and IC3 constitute a digital white
noise generator. The circuits in 
IC3A and IC3B form a square-wave 
oscillator with an output frequency 
of about 100 kHz. This clocks 18-
stage shift register IC2, which keeps 
shifting the output of IC3D, the ex
clusive-OR function of the 14th and 
17th stages of the shift register. 
These taps ( 14 and 17) are chosen so 
that the register outputs random 
ones and zeroes; it only repeats after 
going through all but one of the 217 

possible states. This is called a pseu
do-random sequence generator 
(since it repeats, it isn't truly ran
dom). Its output spectrum is very 
white if you pass the digital output 
through a low-pass filter. Integrated 
circuit IC3C and its associated com
ponents ensure that IC2 cannot get 
locked up in the all-zeroes state. 

Components R29 through R32 
and C20 through C23 are a pinking 
filter. The gain vs. frequency of this 
network falls off at 3 dB per octave 
on the average, about half as fast as 
a single RC filter. The noise is am
plified by IC4B and rolled off at 
high frequencies to compensate for 
the increased gain of the testing 
channel at high frequencies (due to 
the reduction in input attenuation 
as explained previously). 

The output is ac coupled with 
C25, and its level is controlled with 
R32. The level could be controlled 
with the stereo's master volume 
control, but having a control on the 
analyzer is a real convenience. The 

signal from the level control now 
passes to the channel under test. 

The stereo speakers convert the 
noise to sound, which comes back 
for analysis through the micro
phone, MICJ. A small electret is 
used here, which has typical accura
cy of ± 1 dB with help from the 
preamp, ICJ B. This stage provides 
a gain of 27, and C33 and R44 tame 
an upper-midrange peak that is 
common to most inexpensive elec
tret microphones. 

The microphone signal is further 
amplified in !CIA and passed 
through R48 and C32 to the testing 
channel's filters. Resistor R48 is 
provided as protection in case the 
input to the equalizer 1s not 
disconnected. 

Besides the ten filters in the 
equalizer, ICJC and ICJD filter the 
frequencies around 40 to 100 Hz 
and 140 Hz to help adjust the bot
tom bands of the equalizer. 

The filtered signals from the 
equalizer are ac-coupled by CJ 
through CJO (to remove the de com
ponents) and detected by D3 
through Dl2. To minimize the er
rors due to the on voltage of these 
diodes, a small current is passed 
through Dl5 and buffered by IC4A 
to offset the positive side of the me
ters by approximately the diode on 
voltage. As a result, the meters re
spond to the average value of the 
noise level, which is a much more 
accurate parameter than the peak 
response frequently used in such an 
analyzer. 

The outputs of ICJC and ICJD 
are passed through RC filters Rl8, 
Rl9, R24, and R25 and Cl2 and 
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CHANNEL UNDER TEST 
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TAPE 
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Fig. 6A. Block 
diagram of 

the equalizer 
and analyzer 
combination. 

SWITC HING 

NOISE SOURCE EQUALIZER 
(CHANNEL UNDER TEST) 

ME TER 
BANK 

DETECTOR 
BANK 

OTHER 
EQUALIZER 

~-_......:....:....:.....:.....:.....:_;_-1 CI RCUI T S 

OUTPUT 

EQUA LIZER CHANNEL USED FOR TESTIN G 

LISTENING ROOM 
r------ -- - -- 1 
: SPKR 1 

I . ~ : . r::=:-::1 ' CAL 
I ~ ~ 
I I 

OUTPUT 
SHORT ED 
TO GROUND 

I 
I 
I 
I 
I 

FILTER BANK (10) 
(IN TESTING CHANNEL 

OF EQUALIZER) 

L----------- ~ ~_j~~--T1----~ 
'--------------v-------------/ 

CHANNEL UNDER TEST 

Fig. 6B. Block diagram of the equalization 
test procedure with the analyzer and equalizer connected. 

C16 to reduce the fluctuations of the 
bottom band meters and to reduce 
the gain, in order to make up for the 
effect of the attenuator at the input 
of the testing channel on the ten 
other bands. 

Resistor R 17 and diode D 16 pro
vide a + 9-V supply for the micro
phone and white-noise generator, 
and also supply bias for IC1. 

Switch S1 allows the response of 
the analyzer to be observed without 
the speaker-microphone link, to see 
how flat it is. This calibration per
mits adjustments to be made that 
will provide compensation for com
ponent tolerance errors, especially 
in the meter sensitivities (± 1 dB) 
and pinking-filter components. 
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Construction. Figure 8 is the foil 
pattern for the analyzer pc board, 
and Fig. 9 is the foil pattern for the 
interconnection pc board. A com
ponent-placement diagram for the 
analyzer is given in Fig. 10. 

Solder all components to the 
board, except the slide potentiome
ters. Don't forget the two jumpers. 
Carefully orient the ICs, diodes, 
and electrolytic capacitors accord
ing to pin number or polarity. Inte
grated circuits IC2 and IC3 are 
CMOS, and thus static-sensitive; so 
don't remove them from their con
ductive packaging until you are 
ready to install them. Then dis
charge yourself, your soldering 
iron, and the pc traces to ground. 

Connect the microphone ele
ment, MIC1, to the shielded pair 
cord and solder the cord to the ap
propriate pc board holes--red wire 
for positive, white for signal, and 
shield for ground. Connect a stiff 
piece of wire over the shield and sol
der to the two holes right behind it 
to act as a strain relief. 

The connection to the equalizer is 
through a DIP plug. Cut a standard 
DIP-plug to DIP-plug 16-wire ca
ble in half and solder the unterm
inated wires to the appropriate pads 
of the DIP pattern on your board 
(the wires will alternate sides). Or 
just install a whole DIP-plug right 
in the pattern. Pass the wires across 
R35's position, and then mount R35 
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PARTS LIST 
C1 through C1 O,C12,C13,C16,C17, 

C24,C30,C32-10-fLF, 25-V 
aluminum electrolytic 

C11 ,C28,C29-0.1·fLF, 50-V ceramic disc 
capacitor 

C14-0.0047 ·fLF, 5% polyester capacitor 
C15,C18,C19,C25-0.1-fLF, 5% polyester 

capacitor 
C20-0.022-fLF, 5% polyester capacitor 
C21-0.0068-fLF, 5% polyester capacitor 
C22,C26,C34-0.0022-fLF, 5% polyester 

capacitor 
C23-0.001-fLF, 5% polyester capacitor 
C27-24-pF, 5% capacitor 
C31-Not used 
C33-390-pF ceramic disc capacitor 
01-015-1 N4148 
016-9.1-V zener (1 N5239 or 1 N960) 
IC1-RC4136 quad op amp 
IC2-CD4006 18-stage shift register 

January1983 

I CI:RC4 13 6 
I C2:C04 006 
I C3:CD4 070 
I C4 " LM359 

CI - CIO= IOJ.!F 

RI-RIO = 470fi 

01-0 15= IN4148 

IC3-CD4070 quad ex-OR gate 
IC4-LM358 dual op amp 
M1-M12-200-fLA 1-kilohm edgewise 

meter 
MIC1-Eiectret microphone element 
P1-16-pin DIP plug 
The following are 114-W, 5% carbon-film re-

sistors unless otherwise noted: 
R1 through R1 O,R40-470 ohms 
R 11 ,R39,R46,R49-1.5 megohms 
R 12 through R 16-Not used 
R17,R20,R26,R28,R48-2.2 kilohms 
R18,R19,R50-8.2 kilohms 
R21-300 kilohms 
R22,R34,R43-3.9 kilohms 
R23-39 kilohms 
R24, R25-11 kilohms 
R27-62 kilohms 
R29-270 kilohms 
R30,R37,R38-150 kilohms 
R31,R41-47 kilohms 
R32,R33,R36,R44,R47-15 kilohms 
R35,R45-50-kilohm potentiometer 
R42-1 00 kilohms 

Fig. 7. Schematic of the circuit in the analyzer. 

S1-Spst slide switch 
Misc.-Pc board for analyzer, press-on 

rubber feet (4), 16-wire ribbon cable, 
jumper wires, etc. · 

Note: The following are available from 
Symmetric Sound Systems, 856 Lynn 
Rose Ct., Santa Rosf;l, CA 95404 (707-
546-3895): complet~ Optimized 
Equalizer kit (EQ-4) with unfinished 
walnut end panels at $100; complete 
Analyzer kit (AN-1) at $60. Also 
available separately: horizontal and 
vertical pc boards for Equalizer (EQ-
4PC) at $17; analyzer and intercon
nect pc boards (AN-1PC) at $13; slide 
potentiometers (#EQ-4SP) at $.95 
each; quad opamp IC #4136 at $1.75 
each; set of ICs for analyzer (#AN-
11C) at $6.00. Wall-plug transformer 
(#EQ-4PT) at $7.50. Minimum order 
$10.00. All prices include shipping on 
prepaid orders in the U.S. Canadians 
add $4.00 shipping and handling. Cal
ifornia residents, add sales tax. 

R49 
1.5M 

0 14 

6 15 R23 
.1,111=" 39K 

R28 
2.2K 
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over them as a strain relief. Also 
mount the other slide potentiometer 
in its proper location. 

In the prototype, the bases of the 
edgewise meters were glued to the 
pc board and wired with short 
jumpers. It is a good idea to use 
stick-on rubber feet to prevent 
shorting to the chassis of the equal
izer or scratching it during use. 

Since the analyzer is a sophisti
cated accessory and not for display, 
to save effort and expense, you need 
not put it in a fancy chassis. 

Adjustment and Use. Using the 
Optimized Equalizer and the Ana
lyzer combination is easy because 
all the information you need is right 
in front of you at all times. 

With the power off, connect the 
equalizer outputs to your stereo. Do 
not connect the equalizer inputs to 
anything. Connect the analyzer to 
the equalizer and turn the slide pots 
to OFF. Set the TEST switch to EQ 

and the EQUALIZER switch to IN. 

Set all the equalizer controls to 0 
dB. Place the measuring micro
phone at your favorite listening lo
cation . Apply power to the 
equalizer/analyzer and your stereo. 

Adjust the mike gain upwards 
until there is significant deflection 
of some of the meters. This point 
shows how large the room noise is. 
Back down on the gain until there is 
no more than 10% deflection on 
any meter. Now slowly advance 
your noise-level control and stereo
volume control until you are getting 
an average of over 70% of full de
flection on your meters. Depending 
on the ambient levels in your room, 
this is likely to be relatively loud. 
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Adjust the bands of the channel 

Fig. 8. Foil pattern for the 
analyzer pc board. 

Fig. 9. Foil pattern for 
connector board to equalizer. 

WHAT'S WRONG WITH THE 
FLATNESS ANALYZER? 

According to traditional thinking, there is 
quite a bit wrong with the analyzer. First, its 
output devices are meters. Unlike bar
graph LEOs, meters cannot be easily read 
from far away. They are also slow and can
not show the dynamics ofmusic well, due 
to mechanical inertia. But we are not build
ing a music analyzer; we are building a flat
ness analyzer. It is designed to be placed 
next to the equalizer so that the controls 
can be adjusted while watching the me
ters. Only the microphone needs to be us
able from a distance, and it comes with a 
long cord. 

The slowness of the meters is in fact de
sirable because it evens out the 
fluctutations in the noise levels. Actually 
the meters act as filters without extra com
ponents to do that filtering (except in the 
lowest bands, where the fluctuations are 
slow enough that additional filtering is de
sirable). However, the most important rea
son for using meters is that they give better 
resolution and "feel" for that signal level. 
Their fluctuations can be averaged visually 
much faster and more accurately than 
LEOs, especially in designs with 2.5 
dB/step LED resolution. 

Next, the Flatness Analyzer will not ana
lyze music. Since the signal levels in the 
testing channel must be adjusted to drive 
the meters appropriately, this channel 
cannot be used to process music. This 
precludes the fascinating light-shows of 
some analyzers, but it is necessary for the 
economy of reusing the equalizer's filters. 
We're out for performance here, not a 
show. , 

Finally, the Flatness Analyzer does not 
have a top-end meter to help adjust the 
equalizer's 10-kHz control. One is easily 
added, but it is not worthwhile for a number 
of reasons. First, a microphone that has 
even marginally predictable response in 
the top octave will cost more than the en
tire equalizer/ analyzer combination; using 
it would produce the worst kind of dimin
ishing return on your investment. Second
ly, recorded music in the top octave is no
toriously variable in relative level due to 
varying microphone techniques and engi
neer's tastes. Finally, all speakers, micro
phones, musical instruments and ears are 
extremely directional at high frequencies. 
Unlike the situation at lower frequencies 
where most of the signal you equalize has 
been reflected from room boundaries; at 
high frequencies, you would be equalizing 
the direct signal from the loudspeakers. 
The desired ratio of this signal level to the 
reverberantly measured levels at other fre
quencies is not well controlled. 

Thus, no one equalizes for a flat high 
end. Rather, they try to accomplish some 
smooth roll-off. The author strongly rec
ommends setting this band by ear and re
setting it (and perhaps the top two or three 
narrow bands slightly) according to the 
particular piece of music being played. <> 
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under test by reducing the level of 
the band corresponding to the me
ter with the highest deflection. Af
ter you have adjusted a few bands 
this way, continue by moving the 
bands either up or down to come as 
close as possible to uniform deflec
tion of all bands. Adjust the noise 
level as necessary to keep the aver-

Fig. 10. Componentlayout 
on analyzer pc board. 

January1983 

TESTING THE EQUALIZER/ ANALYZER 

FREQUENCY (Hz) 

Boost and attenuation effects of the ten filter points. 

The concept of having the analyzer use 
some of the circuits in the equalizer is an 
interesting one and makes for economy in 
achieving both analysis and equalization. 
In addition, the recognition that a limited 
amount of boost and much more " cut," are 
required for room/speaker equalization is 
something we have not seen discussed 
before. It differs sharply from conventional 
practice, which provides symmetrical 
(more or less) boost. 

The measured characteristics of the 
various filters in the analyzer and equalizer 
confirm the statements made in the article. 
It is interesting to note that using only the 
extreme controls (40 Hz and 10 kHz) one 
can simulate quite well the effect of a con
ventional tone control system. The distor-

age deflection at about 70%. 
The noise source, being pseudo

random, audibly repeats every 1.5 
seconds, and the meters will show 
this periodicity. When fine tuning, 
visually average the motion during 
this interval. When the result is 
close to flat, switch the TEST switch 
to CAL, adjust the MIKE GAIN for 
70% average deflection, and ob
serve the errors of the test system. 
Then switch back to EQ and fine-

. tune the equalizer to match the CAL 

response, which will be slightly dif
ferent than truly flat. Then turn ev
erything off, switch the connection 
from the analyzer to the equalizer, 
and repeat for the other channel. 
Then remove the analyzer and con
nect the equalirz:er normally. 

Hints on Equalizing. Over the 
long term, the sound from your sys
tem will be exceptionally smooth 

tion of the equalizer was negligible and 
well within the stated limits. The noise 
(which was below our measurement limit) 
appeared to meet the claimed perfor
mance comfortably. 

Following the instructions, we used the 
system to equalize a stereo music system. 
It would be helpful if the meters could be 
marked to match the corresponding slider 
controls; we had to use some "cut and·try" 
methods in doing the qualization, but the 
end result seemed to be reasonable. Ac
cording to a spectrum analysis of the " pink 
noise" from the system, it is not quiet pink. 
However, since one uses the meters to 

• read the noise spectrum as well as the 
qualized acoustic spectrum, this error is of 
no importance. -Julian Hirsch 

and accurate. But be wary of short
term reactions. After listening so 
long to the errors that your system 
and room make, your mind gets ac
customed to these distortions of re
ality and expects them. Thus, any 
change toward either more or less 
realistic sound is initially perceived 
as unnatural. Also, the equalization 
technique given will reduce the 
overall level somewhat. Unless you 
compensate by increasing the vol
ume control setting, you are likely 
to initially consider the sound to be 
poorer when equalized. 

But give yourself about 15 min
utes with your de-resonated stereo 
and then switch to unequalized. 
You will notice a hollow, boxy 
sound that you missed before be
cause you were so used to it. Now 
simply switch back to equalized 
sound and you will find some really 
fine listening. 0 
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LEIIERS 

SMALL TALK 

what they call "general accessibility" is 
that it be available only to those rich 
enough to be able kl buy a Zerox Star or 
on one of those other $14,000 + 
"workstations" made by one of the rela
tively few large corporations allowed to 
have Smalltalk. If your readers would 
like to express their opinions on the lack 
of a version of Small talk they can have, 
they should write to: Adele Goldberg, 
Manager, Learning Research Group, 
Xerox Palo Alto Research Center, 3333 
Coyote Hill Rd., Palo Alto, CA 94304. 
Maybe if we show interest in Small talk, 
Xerox will have to publish the books on 

In your February Editorial ("Beyond 
Pac-Man"), you mentioned "Small
talk," which was developed by Xerox. 
You said that is "is reputed to be a pow
erful, flexible language that should be 
simple enough for novices when canned 
software becomes available." It is obvi
ous, at least to me, that Xerox's idea of 
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over $300 Free Professional Software 
when you buy a Commodore 64 computer 

COMMODORE 64 · 

PROFESSIONAL SOFTWARE 

Name List Sale 
word processing pack $89.00 $69.00 
complete Data Base pack 

(includes Mailmerge) $89.00 $6900 
Electronic spreadsheet pack 

(like visicalc) $89.00 $69 00 
Accounting pack 

(personal & business) $59.00 $49.00 
Programmers Helper $79.00 $59.00 
Programming Reference guide $20.95 $18.95 
Basic Tutor $24.95 $19.95 
Typing Tutor $24.95 $19.95 

80 column BOARD 
80 characters per line on the screen at one time. In
cludes word processing pack (list $89.00) , compl ete 
data ·base pack (list $89.00) , Electronic spreadsheet 
pack (list $89.00). ALL FOR ONLY $275. 

We have over 300 Programs for 
the Commodore 64 Computer 

• 10 day free trial • We have the lowest pri ces 
• One day delivery express mail • Free Catalogs 

WE LOVE OUR CUSTOMERS 

PRDTECTD 
ENTERPRIZES (FACTORYOIRECT) 

BOX 550, BARRINGTON, ILLINOIS 60010 
Phone 3121382·5244 to order 

CIRCLE NO. 68 ON FREE INFORMATION CARD 

it that they promised over a year 
ago.-Diana Blackhawk, Chicago, IL. 

IN THE RIGHT DIRECTION 
I like the new direction you have tak

en with your editorial content. I think it 
is well timed-not "bandwagon" and 
"me too." The long-standing integrity 
of the POPULAR ELECTRONICS editorial 
quality has been maintained.-Perry 
Trunick, Kent, OH. 

PHONEMES AND 
ELECTRONICS 

I have been studying your recent arti
cles on speech synthesizers with avid in
terest. I can't fault your authors on the 
electronics but it appears they have cer
tain misconceptions about phonemes. 
The word does not refer to a single uni
versally definable entity. It is a purely 
theoretical concept used for conve
nience in the formal analysis of lan
guage. It describes a set of phonetic bun
dles that may or may not be similar in 
all occurrences and supposed by the an
alyst to be subjectively interpreted as 
equivalents. 

What the Votrax chip produces are 
limited approximations of some Ameri
can English phonemes. The sounds are 
not sufficient to accurately reproduce 
what I call General Western American. 
The handling of the vowels leads me to 
believe that the table of sounds must 
have been worked out by someone from 
New England or the Midwest. The vow
el surrogates combine phonemic dis
tinctions with nonphonemic distinc
tions of length that depend on position. 
This is a sensible approach to one of the 
more characteristic features of English, 
but it should be remembered that these 
are phonetic representations, not pho
nemes pure and simple. 

It is unfortunate that English has a 
particularly unique and complex pho
nology that poses a very severe chal
lenge for anyone attempting to synthe
size it adequately by electromechanical 
means. Anyone interested should con
sult the writings of Block and Trager. 

An alternative approach to speech 
synthesis seems to me to be the use of a 
chip such as the SN76477 along with ex
ternal oscillators and filters under mi
croprocessor controi.-B.R . Pogue, 
Bowie, AZ 

OUT OF TUNE 
In "The Optimized Graphic Equaliz

er" (Dec. 1982 and Jan . 1983), in Fig. 4, 
R64 and C28 should be reversed; in 
Figs. 5 and 9, pads P and R should be re
versed; in Fig. 7, C23 should be 0.001 
/)-F, C34 should be 0.0022 /)-F, and pin 
14 of ICJC should be pin 9; and Fig. 10, 
left side of C24 should be marked with a 
plus sign. 
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