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I
’m well aware of the controversy 
surrounding blind instant-A/B 
versus normal (extended) listen-
ing comparisons. However, this 

box (Photo 1) serves both purposes. For 
normal listening, the unit can function 
as a simple (but high quality) buffered 
line stage with two selectable inputs, 
and a moderate power (but also high 
quality) headphone amp. But my rea-
son for designing it was to be able to 
instantly and accurately compare the 
“sound of ” (more properly, the sound 
of music through) two components, or 
compare a component’s output versus 
input signals. The latter I refer to as an 
“intrinsic fidelity” test.

FUNCTIONAL DESCRIPTION
A double-pole (for stereo) relay selects 
between the “A” and “B” inputs, each 
with a precision level-matching pot. 
The selected outputs are buffered by the 

high-quality OPA627 op amps, which 
can drive the 300Ω Sennheiser HD650 
headphones to 114dB peak, 100dB typi-
cal average SPL.

For intrinsic fidelity testing, the ste-

reo music source is connected to the 
“A in” jacks (Photo 2). Paralleled with 
these are the “I out” jacks, which con-
nect to the component’s inputs. Then, 
the component’s outputs connect to the 
“B in” jacks. After level matching, A/B 
switching allows direct and instant lis-
tening of the component’s output versus 
input signals.

Switching is performed two ways:
Automatic: A low-frequency oscilla-

tor toggles the relay between “A” and “B,” 
with adjustable times from one second 
to one minute spent in each A/B posi-
tion. A blue LED emits a quick flash 
at each switching transition. Two status 
LEDs (red for “A,” green for “B”), when 
switched on, let you know which source 
is on. But by leaving these off, and not 
listening (nor looking at the blue light) 
for a while, then you can listen with-
out knowing which source is connected. 
The blue light tells you when the source 
changes, but you can listen for differ-
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PHOTO 1: Switch box for testing.

PHOTO 2: Rear of switch box.
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ences without preconceived expectations.
Manual: Here, the relay stays in one 

position indefinitely, until you push the 
“MAN A/B” switch, which flips the 
relay to the opposite selection. The three 
lights function as just described.

CIRCUIT DESCRIPTION
Figure 1A shows the audio path. The 
op amps have a gain of 2 (6dB) to ac-
commodate the level-matching pots P1-
4 (linear taper 10-turn), initially set to 
their midpoints. R1 and R7 provide a 
ground path for the op amp inputs dur-
ing the 3mS break-before-make relay 
switching times. R2, C1, and C2 (left) 
and R8, C5, and C6 ensure HF stabil-
ity of the op amps. (C3, 4, 7, 8 must be 
grounded close to them.)

LEVEL MATCHING POTS
Do not use 10-turn wirewound pots 
greater than the 20k value specified. 
These have much higher capacitance 
than continuous-element pots; this 
would produce rotational-dependent 10-
20kHz errors. With the 20k pots, 20kHz 
error is ±0.1dB.

SWITCHING CIRCUIT
As shown in Fig. 1B, U3 implements 
the conventional “workhorse” triangle/
square wave oscillator, when switch S1 is 
set to “Auto.” An integrator (U3A) and 
positive-feedback latching comparator 
(U3B) are interconnected in the famil-
iar “tail-chasing” circuit. Assume that 
initially the output of U3B is somewhat 
negative, and C9 is discharged.

This is fed through R15 to the non-
inverting input of U3B; the resulting 
positive feedback (FB) makes the out-
put quickly saturate at about –10V. R14 
isn’t needed for the “Auto” function; I’ll 
describe that later. This –10V, through 
P3 and R16, makes the integrator cap 
C9 start to linearly charge (U3A output 
rises in a positive direction).

When the U3A output voltage 
reaches about +5V, this through R13 is 
enough to overcome the negative volt-
age (through R15) so that U3B pin 5 
(non-inverting input) becomes positive. 
This quickly flips the U3B output to 
about +10V, making the integrator out-
put (U3A pin 1) start ramping nega-
tively, reversing and indefinitely repeat-

ing the cycle. The output of U3B is thus 
a square wave of about ±10V amplitude, 
with frequency adjustable by P5.

MANUAL OPERATION
With S1 in "MAN," there's no negative 
FB from the integrator, so U3B stays 
latched wherever it was (+ or -10V)  be-
fore opening S1. Assume it’s at +10V. 
R20 and C10 form a lowpass filter with 
a 0.1 second time constant, fast enough 
for C10 to charge close to the square-
wave levels of U3B output even at the 
fastest (1 second) auto-switching rate. 
Depressing the push-button S2 dis-
charges C10 into R18 + R19 quickly 
(1.8mS time constant).

This lasts long enough to flip the 
latching polarity of U3B output from 
+10V to –10V. It does this by develop-
ing about +5.5V at the inverting input 
(pin 6). The purpose of R14 (mentioned 
previously) is to attenuate the positive 
FB voltage at pin 5 (from R15) to about 
+2.5V (when U3B output was +10V), 
so the +5.5V at pin 6 can reverse the op 
amp output polarity.

Pushing S2 appears to activate nega-
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FIGURE 1B: Switching circuit.

FIGURE 1A: Audio path circuit.
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tive FB that could stabilize the op amp 
output to near ground. However, the 
1MΩ value of R20 is much too high 
(in regard to R18) to develop enough 
steady-state negative FB to overcome 
the latching positive FB of R15 and 
R14. The capacitive discharge action of 
C10 ensures reliable A/B toggling of S2, 
immune to contact bounce or holding 
S2 on.

STATUS AND 
SWITCHING LIGHTS
With S3 on, a negative output from 
U3B (corresponding to selection “A”) 
turns on the red LED1; a positive out-
put (“B”) turns on the green LED2. R22 
equalizes the brightness of LED2 (it 
is brighter than LED1 with equal cur-
rents). When the output of U3B switch-
es polarity, a current pulse through C11 
and R23 is full-wave-rectified by diode 
bridge D1-4 to make the blue LED3 
flash. While the C11/R23 time constant 
is 18mS, the ever-increasing resistance 
of the LED (as its current decays) pro-
longs its flash decay to about ¼ sec-
ond, which I find more pleasing than an 

abrupt turn-off.

POWER SUPPLY
A 24V DC “wall wart” is used, with 
ground-isolated input jack ( J10). This 
is passively split into an (approximately) 
±12V ground-referenced supply by D5, 
biased through R24 and LED4. This 
simple supply is more than adequate 
because of the audio op amps’ 120dB 
power supply rejection ratio (PSRR). 
Nevertheless, large filter caps (C12, 13) 
bypassed with film caps (C14, 15) are 
used.

A note on the violet “Power” LED: 
These are available from Bivar (949-
951-8808). Glowing a deep purple, they 
look beautiful in the dark. The datasheet 
says “Caution—ultraviolet.” However, 
the wavelength is 405 nanometers (nm), 
which is at the violet end of the (obvi-
ously) visible light spectrum. Any ac-
tual ultraviolet sideband power is far 
less than that entering a window even 
on a cloudy day (near-UV is transmitted 
through window glass), and much less 
than that emitted by nightclub fluores-
cent “blacklights.”

You can substitute other LEDs, but 
with the approximately 20mA bias cur-
rent, you should use a low-sensitivity 
LED to avoid being too bright. Or, you 
can eliminate this “frivolous decoration” 
by changing R24 from 470 to 680Ω, 
½W, grounding its lower end.

CONSTRUCTION
Figure 2 is a bottom view of the relay 
connections. Figure 3 is the panel com-
ponent hole layout. I used a 6 ⁵⁄₈˝ × 3 
⁷⁄₈˝ piece of solid copper (unetched) ¹⁄₁₆˝
PC board material, with holes drilled to 
match the top panel holes. The panel 

FIGURE 2: Relay connections, bottom view.
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pots and switches then hold the board in 
place. I soldered and wired the parts on 
this ground plane board. You can make 
a conventional PC board with this same 
hole layout.

Before installing the board and panel 
components, I spray-painted the box 
with three coats of Krylon ultra flat 
black, then two coats of Krylon Crystal 
Clear. Because this insulated the top 
panel f rom contacting the pots and 
switches, I soldered board ground wires 
to three of the audio jack ground lugs. 
Note: If you use the specified gold-plat-
ed RCA jacks, don’t use the chassis-in-
sulating washers.

I hand-lettered the box with a Pilot 
gold marking pen (available at Rite Aid). 
I also used this on the box cover’s rim, 
visible on the bottom.

COMPONENT CONNECTION 
METHODOLOGY
When two components are being A/B 
compared, their inputs are paralleled to 
the music source, and only their outputs 
are switched. In addition to avoiding the 
need for a second relay, there’s an addi- FIGURE 3: Hole layout on Hammond 1590D box.
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tional advantage: Both components are 
continuously “exercised” with the music. 
If the components are sensitive to power 
supply sag, or exhibit slow-acting signal 
compression for any reason, then switch-
ing their inputs on and off at random 
intervals (possibly unequal) could un-
fairly bias their evaluation. Driving both 
components’ inputs continuously (as in 
normal usage) allows any “warmup” or 
other long-term effects to stabilize.

Table 1 shows the measured data. 
Table 2 is the parts list.

USING THE SWITCH BOX 
FOR A/B COMPARISONS
Note: When testing power amps, make 
sure the input pots on the switch box 
(P1-4) are at zero gain—fully counter-
clockwise (CCW)—initially. The pots 
can handle over 100V RMS (corre-
sponding to 2500W into 4Ω), but not 
the op amps! The following procedure is 
generalized for A/B comparing compo-
nents; some specific notes follow.
1. Connect an audio oscillator (or CD 

player with a test tone CD) to all four 
(L and R, both components) inputs in 
parallel (“Y” cables, and so on).

2. Adjust the tone source to 1kHz and a 
level that produces a typical-use com-
ponent output level (e.g., 1V RMS 
for a preamp, a medium power out-
put from a power amp). With power 
amps, be sure to load the outputs with 
at least a resistor (a reactive load rep-
resentative of a speaker is preferable).

3. Switch off the components’ AC 
power.

4. Connect the components’ outputs to 
the switch box’s “A” and “B” inputs. 

Turn all four switchbox pots (P1-4) 
fully off (CCW).

5. Apply AC power to the box’s “wall 
wart,” set S1 to manual, and S3 on. 
Push S2 if necessary to select “A.”

6. Connect an AC voltmeter to the box’s 
left “A” output.

7. Turn on the two components. Slowly 
turn up P1 (“A,” left) until the meter 
reads about 1V RMS. The exact volt-
age isn’t important, but watch it until 
any drift due to component warmup 

stabilizes, preferably to within 0.5% 
(e.g., ±0.005V for a value around 1V). 
Record the stabilized reading.

8. Move the meter to each of the other 
three output jacks, adjusting the re-
spective input pots (and A/B selec-
tion with S2), and re-checking the 
first reading at “A,” left, until all four 
output voltages are matched to ±0.5% 
(±0.04dB).

9. Turn off the components to prevent 
a large re-connection transient, then 

Ref Description Size Mfr Mfr.P/N Dist. Dist. P/N
C1,2, 5, 6 cap, 47pF
C3, 4, 7, 8 cap, 10nF, film 100V   DK PS1103J
C10, 14, 15 cap, 100nF, film 100V   DK EF1104
C9 cap, 1µF, film 100V   DK EF1105
C11 cap, 10µF NP 50V
C12, 13 cap, 2200µF 25V   DK 433-1306
D1-4 diode   1N4148
D5 zener, 12V 1W  1N4742A DK 1N4742ADICT
D6 diode, 1000V   1N4007 DK 1N4007DICT
F1 fuse, 1A FB
J1-8 RCA jack, gold    PE 091-1120
J9 stereo phone jack    DK     SC 1094
J10 DC input jack 2.5mm   must be ground isolated M 163-4303-EX
LED1 LED, red    DK 67-1612
LED2 LED, green    DK 516-1358
LED3 LED, blue    DK P466
LED4 LED, violet  Bivar opto LED 5-UV-405-30
 LED lens, red    DK L30001
 LED lens, green    DK L30005
 LED lens, blue    DK L30006
 LED lens, clear    DK L30002
P1-4  pot, 20k, 10 turn  7/8˝   Vishay Spectral  534-1-1-203  M   594-53411203
P5 pot, 100k, Rev. Log    DK KB1041S28
Q1 transistor, NPN   2N2222
Q2 transistor, PNP   TIP30CG DK TIP30CG0S
R24 Res, 470Ω ½W
R29, 30 Res, 5%, 15Ω ¼W
R31 Res, 100Ω ¼W
R23 Res, 1k6 ¼W
R22, 26, 27 Res, 2k2 ¼W
R21, 28 Res, 4k7 ¼W
R19 Res, 8k2 ¼W
R18, 25 Res, 10k ¼W
R14 Res, 33k ¼W
R20 Res, 1M ¼W
R5, 6, 11, 12 Res, 1% MF, 200Ω ¼W
R2, 8 Res, 1k00 ¼W
R17 Res, 1% MF, 1k69 ¼W
R3, 4, 9, 10 Res, 10k0 ¼W
R13 Res, 49k9 ¼W
R15 Res, 100k ¼W
R1, 7, 16 Res, 1M00 ¼W
S1, 3 Switch, DPDT  Alco A201SYCB N 46F2991
S2 Switch, pushbutton  Alco MSPS103C DK 450-1110
RY1 relay, DPDT  Omron G5V-2-H-DC24 DK 2772
T1 wall supply, 24V, 400mA  CUI DPD240040-PSP-SZ DK   T971-P6P
U1, 2 op amp   OPA627AP DK OPA627AP
U3 op amp   TL082CP DK 296-1780-5
 8-pin dip socket    DK A9408
 box, 7.38˝ × 4.70˝ × 2.05˝  Hammond 1590D DK  HM154
 rubber bumper (4)  Voltrex 2567 N 92N4782
 knob, 0.750˝ (4)  Kilo JD-75-4-5 DK 226-4011
 knob, 0.925˝  Kilo JD-90-4-5 DK 226-4012

TABLE 2 Parts List

DK: Digi-Key, PE: Parts Express, M: Mouser, N: Newark

Frequency response: DC coupled, –3dB at 250kHz
 ±0.1dB at 20kHz
crosstalk, 1kHz, both inputs from 1kΩ source:
 A to B, B to A = –83dB
 L to R, R to L = –75dB
Maximum output, 20kHz sine: 8.6V RMS, no load  
 4.5V RMS, 300Ω load
 1.3V RMS, 50Ω load
ZIN: 20kΩ//203pF
ZOUT: 200Ω, line and phone
output DC offset: –0.3mV
output noise (input term. with 1kΩ, 
maximum with pot at 50%):
 4.06µV RMS (-107.8dBV), 20Hz – 20kHz
 3.25µV RMS (-109.8dBV), “A” weighted
DC supply: 24 to 30V, 40 to 112mA must be 
ground isolated
Level pot resolution: 0.005dB

TABLE 1 Measured data
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connect their inputs to the music 
source. Parallel the two components’ 
left inputs to the source’s left out-
put; the same with the right chan-
nels. Connect the box outputs to your 
music system and/or headphones. 
Switch on the components.

LISTENING
1. Turn off the A/B lights (S3), switch 

S1 to “auto,” and initially set P5 to 
1 second switching time. Turn the 
music system’s volume off, or if using 
phones don’t listen yet.

2. Don’t look at the blue switching light 
for at least one minute (so you won’t 
know the A/B position when you start 
listening).

3. Start the music source and adjust 
playback volume to the desired level, 
or put the phones on.

4. Adjust the switching time (P5) as de-
sired, or switch it manually.

5. Listen carefully (but while enjoy-
ing the music rather than thinking). 
One useful technique is to re-start 
the music track each time the blue 
light flashes, with a switching time of 

about three seconds, and a music track 
that “starts with a bang.”

6. If you hear a consistent alternating A/
B difference, turn on the A/B lights 
(S3) and try both manual and auto 
switching. If you have a clear prefer-
ence for one of the components, espe-
cially with a variety of music, now you 
know which one it is! At this point, 
it’s a good idea to try the component 
in normal, extended use, and then 
change to the other component. Now 
that you know what sonic character-
istics to listen for, normal extended 
comparisons will be more informa-
tive. Instead of debating the merits of 
blind testing versus normal listening, 
you can benefit from both.

7. One of the most sensitive methods I 
use is to have the A/B lights off and 
use the manual push button. With the 
music playing, I can’t hear the relay 
clicking A/B difference, so I push the 
button randomly until I don’t know 
whether it’s A or B. Then I wait for 
a steady or repeated musical tone and 
switch repeatedly. If I hear a differ-
ence I turn on the A/B lights.

SPECIFIC NOTES ON  
A/B COMPARISONS
1. Power amps: It might seem strange 

to test power amps this way, but the 
advantage is that you can drive the 
amp to full power without concerns 
about speaker distortion. You can hear 
the amp’s clipping characteristic at a 
comfortable volume, on headphones 
or a third power amp driving speakers 
without danger of damage. Of course, 
the ultimate test of a power amp is 
with normal use driving your speak-
ers.

2. CD/SACD/DVD players: You can 
instantly compare two such music 
source components if you have two 
copies of the same music. You should 
match the levels in the switch box 
with test-tone discs.

3. Phono preamps: You can compare 
these two ways. First, by driving the 
two preamps in parallel f rom the 
turntable (the lowered cartridge load 
impedance can be compensated if the 
preamps have adjustable loading; the 
ideal for an MM cartridge would be 
for each preamp to have a 100kΩ load 
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and half the recommended capaci-
tance, accounting for the cables). But 
even with non-ideal loads, the two 
preamps receive the same signal. The 
second method is to precede the par-
alleled preamp inputs with a stereo 
pair of inverse RIAA networks, then 
drive these with CD or (preferably) 
SACD music. Ordinary 16/44 CDs 
are not recommended because of their 
graininess and loss of detail resolution 
that make a good vinyl setup superior.

4. Interconnect cables: You can A/B-
compare these with great sensitiv-
ity. The switch box’s input imped-
ance is 20kΩ. Such a test can resolve 
the great cable audibility controversy. 
If you hear no difference between 
ordinary RCA cables and kilobuck 
“interconnects,” you can save a lot of 
money!

I highly recommend that you spray 
all connectors with Caig Deoxit Gold 
G5 (available from Parts Express for 
much less money than some distributors 
charge). A cheap tin-plated RCA plug, 
if clean and sprayed with G5, makes a 
better contact than a dirty gold-plated 
one!

INTRINSIC FIDELITY TESTING
Here, the output and input signals of a 
component are directly compared. This 
has the significant advantage that you’re 
not listening for a two-component pref-
erence, which is influenced by many 
other variables such as the source music 
and your other associated components. 
In this test, any perceived in/out dif-
ference is undesirable, unless you value 
some euphonic coloration that might 
compensate deficiencies elsewhere, or 
is simply pleasing (the “expensive tone 
control” effect).

The procedure:
1. Connect the music source to the 

switch box’s “A” inputs.
2. Connect the “I out” jacks (“I” for “in-

trinsic”) to the component’s inputs. 
The “I out” jacks are connected to the 
“A” input jacks and feed the “A” level 
pots.

3. Connect the “B” inputs to the com-
ponent’s outputs.

4. Temporarily replace the music source 
with a 1kHz sine wave source and 
match all four levels to within 0.5% 

(±0.04dB) as described in the “A/B 
Comparison” section.

5. Listen as described in that section.

As discussed in the “A/B Compari-
son” section, exercise caution with power 
amps by starting with the pots control-
ling the amp outputs set to zero gain 
(fully CCW), then making sure that 
with the amp clipping, these pots are 
set for no greater than 5V RMS or ±7V 
peak at the switch box outputs.

A phono preamp (preceded by an 
inverse RIAA network) should have 
a music source commensurate in res-
olution with the best LPs. The high-
est quality SACDs are recommended, 
because their 2+ MHz DSD (direct 
stream digital) is believed to be the clos-
est digital source to pure analog. You 
can use an LP for the source if you have 
a second phono preamp (besides the 
one being intrinsic-fidelity tested) for 
LP playback.

As I mentioned, intrinsic fidelity test-
ing is very revealing and useful if the 
goal is to have each of the system com-
ponents as neutral (tonally accurate, 
transparent, high dynamic range, dis-
tortion-free, and quiet) as possible. In 
contrast, using a given component as an 
“expensive tone control” to compensate 
anomalies elsewhere might result in a 
better sound with your present system 
and recordings. But with upgrades else-
where, that given component’s previ-
ously compensatory coloration won’t 
sound so good.

In this type of test, it’s only an in/out 
difference, not preference, that’s impor-
tant, for the reasons I discussed. There-
fore, it ’s best not to care which A/B 
(in/out) position the switch is in. So I 
recommend you have the A/B lights off, 
until (or if ) you hear a difference. Then, 
if you do, you can turn on the lights to 
establish how the component is affect-
ing the sound.

GENERAL DISCUSSION
With both types of testing (A/B com-
parison and intrinsic fidelity), the pre-
cise level-matched instant-switching 
facility enables extremely sensitive eval-
uation. If you’re listening with speakers, 
try to keep head movements to a mini-
mum (a 1˝ movement can produce more 
than a 1dB change at 10kHz). If you 

heard A/B (or in/out) differences, then 
it’s a good idea to move about as you 
do in normal listening; this could ren-
der minute differences insignificant. Or, 
conversely (though less likely), it could 
expose a room reinforcement that makes 
some A/B difference more audible.

The highest sensitivity is probably 
achieved with high quality headphones. 
You’re also free of room acoustics and 
position dependency.

Because of this testing’s high resolu-
tion, very small differences are likely to 
not be noticeable in normal listening 
usage. However, some believe that nor-
mal and extended listening can reveal 
sonic effects not noticeable in short-
term testing. To allow for this possibility, 
I don’t claim that the testing described 
here is a substitute for extended normal 
usage. 

Personally, I’ve not yet heard an effect 
in extended (over a year) listening that 
wasn’t revealed in an hour of very thor-
ough A/B comparison. The latter re-
quires a wide variety of excellent source 
music, and learning to listen non-ana-
lytically—that is, just become absorbed 
in the music. . . until you notice a dif-
ference. Then it’s time to analyze. But 
after that, when you continue listening, 
“remember to forget” the thinking, ana-
lyzing brain hemisphere.

However, regardless of my personal 
experience described, you should give 
the highest priority to your satisfaction 
with a component in normal listening. 
The A/B testing can give you a head 
start in knowing what to listen for in 
normal usage.

TWO TEST RESULTS  
(INTRINSIC FIDELITY)
First I tested a cascade of two circuits: 
a line-level bass booster (set for flat re-
sponse) and the “High Quality Solid-
State Headphone Amp” (aX Nov. '05). 
Both circuits use a TL082 op amp (at 
low gain and low enough output current 
to stay in Class A); the phone amp also 
has a discrete Class A push-pull output 
stage. Everything was interconnected 
with ordinary (but cleaned with G5) 
RCA cables. I listened with Sennheiser 
HD650 phones, at about 90dB SPL. 

For source music I used (among oth-
ers) two of my best SACDs, “Super Art-
ists on Super Audio” (Channel Classics 
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CCS SA SEL3404) and “The Very Tall 
Band” (Telarc CD-83443-SA), with Pe-
terson, Brown, and Jackson. The first 
has the most natural recorded violin 
sound I’ve heard; the second is live jazz 
(The Blue Note, 1998) with excellent 
vibraphone playing and sound.

Well, try as I did, I heard absolutely 
no difference. I heard no sonic degrada-
tion with the two 30+ year-old op amps, 
ordinary but good resistors and film 
caps, and “non-audiophile” cables (ex-
cuse me, interconnects).

The second test was on the “Audio 
Isolation Box” (aX Mar. ’07), using the 
Hammond 850H transformers. The box 
drove 100′ of Alpha 2466C shielded 
cable (43 cents per foot). I used the 
same phones and music as in the first 
test. 

I can hear some audiophiles thinking, 
“If this guy can’t hear the dielectric dis-
tortion and copper oxide molecules in 
100′ of 43 cents/foot cable, plus trans-
former effects, he must have copper 
oxide ears! Well, I’m sorry, but my good 
(not copper oxide) ears most of the time 
didn’t hear any difference. When I oc-

casionally thought I did, after much 
manual blind switching, the A/B lights 
revealed about 75% of the time that I 
preferred “B,” that is, with the trans-
formers and 100′ of cable in the path! 

Hmmm—“expensive tone control” 
effect? I should mention that the differ-
ences I might have heard were extreme-
ly small, if any. Things I’d never notice 
in normal extended listening (and I’ve 
tried).

THE PLACEBO EFFECT
If it’s real enough to make some people 
sometimes actually feel headache relief 
from a water pill, the placebo effect can 
certainly affect what you hear. Notice 
I said, “what you hear,” not “what you 
think you hear.”

Before building this box, many times 
I’d perform ordinary listening compari-
sons—precisely level-matched, but with 
some time between switching. Then, 
and when I first started using this box, I 
would watch what my mind was doing. 
More than a few times, I’d notice my-
self suddenly thinking about, say, “what 
is that output stage doing to that sig-

nal?”—and right then I’d notice some 
musical instrument or voice that I hadn’t 
paid attention to previously. Then I’d 
A/B switch, repeat the music, and focus 
like a mad detective. Sometimes there 
was a consistent difference, sometimes 
not.

The point is that any “mere” thought 
can trigger your increased attention, or 
distract it. And needless to say, any pre-
conceived beliefs can have a strong in-
fluence, not just on what you think you 
hear, but on what you actually hear. The 
only way to be free of these influences is 
to 1) have a very careful, level-matched 
test setup; 2) compare many ways, in-
cluding rapid switching, extended time 
switching, and normal listening; 3) be 
aware of or learn about the influence of 
thoughts, expectations, and so on; and 
4) when listening, forget about all the 
technical issues and just become com-
pletely absorbed in the music.

When not using the switchbox for 
testing, you still have a very high-qual-
ity headphone amp with a pretty purple 
light!     aX
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AROUND the DCX-2496...

I/O board ��
• Upgrade your DCX-2496 with this
I/O board. Completely transparent,
just Plug & Play. Uses top of the line
circuitry.

�� Precision analog power supply
• Decrease noise and improve stability

with this supply designed for DSP circuits.

Ultra-low jitter clock ��
• This clock circuit uses a high performance TCXO with
less than 10ps jitter resulting in extremely detailed sound.

• Highly transparent Technology uses pure "Class A"  I/O audio
J-FET buffers and special ALPS motorized pot • ±3dB level
adjustment on each channel • Infrared R/C •   Zin : 47kΩ
• Zout : 600Ω • Easy assembly • Compatible with any DSP or
5.1 system

• 6-channel R/C volume control

And MORE...

• Sequential mains switch

• Switch your audio installation on or off without noise,
thumps, or spikes • Turns on the various parts of your system
in a safe order • Avoids dangerous transients in your speakers

More information : www.dcx2496.fr / ww.selectronic.fr
Outstanding kits for the DIYer

byby

To improve on the audio performance of the DCX, Selectronic offers a range of high end
kits for the DIYer. Very easy to assemble (no SMD) and minimally invasive on your DCX.
The results are outstanding !

A DCX-2496 is THE affordable high performance audio DAC coupled with a powerful loudspeaker
management processor. It is the ultimate tool for those seeking the audio perfection.
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