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B
rian, who hangs around my 
shop, tells the story of the first 
time he made a batch of guitar 
cables. Some of them sound-

ed fine, while others did not. He had 
just discovered cold solder joints. After 
he re-soldered the bad cables, some of 
them still did not sound right. He fi-
nally replaced the plugs to get the high-
end brilliance that his ears told him to 
expect. He has been curious since then 
about why bad soldering had appeared 
to have damaged a plug.

Soldering today is even more difficult 
with the effort underway to remove haz-
ardous materials from the environment. 
Much solder used today is lead-free. I 
decided to test the different types of sol-
der to see which one works and sounds 
best to me.

YELLOW SPEAKER
There seems to be controversy over what 
testing means in audio. Measuring a 
difference does not mean you can hear 
it. For example, if you paint your loud-
speakers yellow, it would be a great sur-
prise to hear a difference in a blind test. 
You could certainly measure and docu-
ment the change in color. If you asked a 
panel of listeners to indicate their pref-
erences, there would probably be a sig-
nificant difference of opinion about the 
sound quality if they were looking at the 
loudspeakers. 

I personally would ignore this data. 
Even with identical components, there 
are differences. The evidence that color 
changes sound quality would need to be 
almost overwhelming before it would 
even be worth considering.

On the other hand, if my ears tell 

me there is a difference between two 
audio chains and I cannot measure it, 
that does not mean it is not there. The 
color change in the previous example 
probably is the wrong method to deter-
mine audio differences. I could measure 
frequency response, distortion, or other 
parameters to find the difference. Even 
if all the measurements were exactly the 
same, but my ears told me there was a 
difference, then it would be a question 
as to where my measurements failed or 
whether there was something else that 
should be measured.

TEST SETUP
Starting with a simple experiment 
seemed the way to proceed with inves-
tigating solder. I used a setup with two 
lead-free printed circuit boards and two 
matching paths, pads connected by 54 
jumpers. The jumpers were made from 
the cutoff tinned copper leads of lead-
free precision resistors. Low temperature 
coefficient resistors also have low coef-
ficient leads!

I soldered one set of jumpers with 
Kester .031″ 62% tin 36% lead and 2% 
silver rosin core, a second with Kester 
.031″ 63% tin and 37% lead rosin core, 
the third with Radio Shack .032″ 60% 
tin 40% lead rosin core, and the final 
path with Radio Shack .032″ 96% tin 
4% silver rosin core solder. All rolls were 
new and clean, the idea being to keep 
everything the same except for the solder 
used. I cleaned the variable temperature 
iron tip and re-tinned it with the solder 
under test before making the joints.

I did all the joints myself. For the 
lead-free solder, I turned up the heat a 
bit and got nice smooth melting and 

good flow. I noticed the joints changed 
color and lost shine as they cooled. This 
happened very rapidly compared to the 
solders I am used to using. Also, some-
times the flux was still smoking after the 
joint had solidified. 

The problem with solder joints is great-
er at low signal levels. A cold solder joint 
may require millivolts before reaching the 
break-over point and allowing current to 
flow. That is why some find tapping a bad 
microphone sometimes will turn it back 
on. The higher voltage will temporarily 
punch through the obstacle.

Using an Audio Precision System 2 to 
sweep each solder test path for harmon-
ic distortion showed all paths were as 
good as the instrument. To make things 
more difficult, I lowered the levels by 
feeding the joints under test through a 
100K metal film resistor terminated by a 
49.9Ω resistor in the preamp. I inserted 
a battery-powered LM4562-based two-
stage preamplifier with a gain of about 
200 in the return path.

I attached the preamplifier with BNC 
connectors, while connecting the circuit 
card under test with low-end gold-plated 
RCA connectors. A single input fed both 
circuits, although with different 100K 
resistors. Each output was connected 
separately. I ran multiple sweeps for har-
monic distortion to be sure that random 
noise would have less of an effect.

RESULTS
The first sweeps showed a major dif-
ference. To be certain what was being 
measured was accurate, I swapped the 
test leads and jacks around. Turns out 
my first measurement was not what it 
seemed to be. The difference measured 
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was accurate, but it was the difference in 
the contact of the RCA jacks. One jack 
allowed the test lead to insert fully, but 
the other, being slightly out of round, 
did not allow the same contact.

The difference was almost immeasur-
able, after I forced in the plug. There 
seemed to be a slight advantage to one 
of the solders, but not enough to be de-
finitive. The difference between a very 
tight plug and a tight plug was at least 
ten times more of a difference than the 
110 solder joints! Basically, all I was see-
ing was noise levels.

SETUP
The next step was to make an even 
more sensitive measurement. After 
some experimenting with measuring 
very low level distortion, I was build-
ing a digital scale. This required me to 
use a Wheatstone bridge and instru-
mentation amplifier. Applying these 
designs and using the Audio Precision 
to measure the difference between two 
cables showed much better results. So 
I decided to build a stand-alone instru-
ment for easy use and have an output 
for a spectrum analyzer to give more 
detailed results.

Based upon the previous experiments, 
the method would be to measure the 
intermodulation distortion of a low-level 
signal. If you have two sine waves, one 
of a high frequency and one a bit lower 
passing through the same connection, 
you get two sine waves out, if everything 
is perfect. At times one sine wave may 
be going positive when the other goes 
negative. Regularly these two different 
sine waves will collide and cancel each 
other out. But as long as the circuit path 
is perfect, you just get two sine waves 
out.

If there is a small dead zone around 
zero volts, then this cancellation will 
occur longer than it should. This will 
appear to produce a new sine wave at 
the difference in frequency between the 
two test sine waves. The same can hap-
pen when the system clips or even is 
nonlinear. It also will occur at the sum of 
the two frequencies. The bad news is the 
smaller the error, the lower the voltage 
of the new frequency. That is why the 
spectrum analyzer by itself did not show 
the difference.

It is generally accepted that inter-

modulation distortion adds a grungy, 
low-frequency, muddy sound to music 
and conceals a great deal of low-lev-
el detail. To test your connections, you 
need the two test signals to be low 
enough that they will be the typical 
audio signal level.

Brian’s experience indicates that he 
heard the effect at guitar levels, which 
is about 100mV. Also, note that the 
output impedance of a guitar pickup 
is low rising with frequency and the 
input impedance of a guitar amplifier is 
high. Classic models of guitar amplifiers 
have two inputs, one a megohm and the 
other 100K.

A good choice seemed to be to use 
a source impedance of 100Ω. This is 
about the output impedance of much 
consumer gear. This type of output is 
usually loaded by a 10K or higher im-
pedance. Here the aim is to produce at 
least 100K or a megohm of input im-
pedance. 

What frequencies to send posed an 
interesting question. They should be 
close enough to each other to pro-
duce a difference error in a region 

where hearing is acute. The frequencies 
should also be far enough away from 
this distortion beat frequency to be 
easily separated.

I decided to excite my test connec-
tions with signals around 100kHz. These 
are high enough that it is possible to dis-
criminate between the test signals and 
the distortion or noise that they produce. 
It is also at a low enough frequency that 
there should be little worry about RF ef-
fects. Although this frequency is outside 
the normal audio band, there is energy 
like this presented to much audio equip-
ment, and a difficult test signal makes 
measurement easier.

Ordinarily I would just look at the 
difference frequency. My earlier mea-
surements hinted that this by itself was 
not enough. The noise from the test 
path seemed to be increasing in the pres-
ence of signal.

The normal noise can be the always 
present thermal noise, or flicker noise, 
which is inversely proportional to fre-
quency, or it could even be outside noise 
sources being radiated into the system. 
Lots of other possible noise sources 
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exist, but these are the big three. A noise 
that only occurred or increased in the 
presence of signal would, of course, be 
a form of distortion. If this noise var-
ied with different test paths, you could 
begin to believe it was the device under 
test that was producing it.

To generate a low noise, low dis-
tortion, stable in frequency test signal 
should not be too hard. My choice is a 
transversal filter oscillator. I can use a 
crystal-controlled clock oscillator, shift 
registers, and resistors to produce my 
test signals.

A catalog search showed I could get 
clocks that after processing would yield 
96kHz and 93.75kHz test signals. At 
this resulting difference frequency of 
2.25kHz, there are good choices for op 
amps that are low noise and low distor-
tion to use for the detector filters.

The crystal-controlled clock signal 
tells my discrete time, delay line when 
to shift the data, which is just the clock 
signal divided by the number of shift 
register stages. Either it is high (5V) or 
low (0V). Because the input signal is a 
binary divided square wave, the level is 
very stable. I use a common inexpensive 
counter IC—type 74AC4020—to give 
me my data signal.

This square wave feeds the delay line, 
which is made up of 74HC164N serial-
in parallel-out shift registers. CMOS 
process logic tends to include very nicely 
controlled output impedances, and use 
almost no power.

OSCILLATOR CIRCUIT
The way this circuit works is at first all 
of the outputs are low giving zero volts 
out. Then at the next clock cycle the 
first output goes high to 5V. The rest 
stay at zero. The first resistor causes 
the output to move up a bit. Then at 
the next clock cycle outputs 1 and 2 
are high giving a greater output. This 
continues until all the outputs are high 
and the peak of the sine wave is reached. 
Output 1 goes low starting the down-
ward journey.

Selecting the right resistor values 
gives me a good approximation to a sine 
wave. Note that the voltage reference is 
the actual power supply voltage. Here I 
use a common 7805 type regulator. My 
experience tells me that although many 
manufacturers make them, they are not 

all equal. I will not use the cheapest part 
here. By using a clean 12V source to 
feed the regulator, the regulation and 
noise seem to be adequate.

If you use all CMOS logic devices, 
much of the current draw is used by the 
regulator chip. Both my oscillators com-
bined drew only 45mA.

The classic transversal filter works 
by multiplying each output by a care-
fully calculated constant to produce a 
filter. Because the resistor values are only 
within 1%, it seems reasonable to use 
around 100 steps for the filter. My good 
binary choice was 128, which was easiest 
to implement.

The results of all of these multiples 
are summed to form the correct value 
(voltage) by a single op amp. The result 
should be a sine wave made up of 128 
segments.

The distortion of this waveform will 
be mostly determined by the lack of ac-
curacy in my multiplier. In other words, 
the resistors’ tolerance determines the 
distortion. Using 1% resistors for the 
values under 1MΩ and paralleling them 
reduces the individual contribution to 
the total error. I would expect this dis-
tortion to be less than .25% for the val-
ues used here. A simple low-pass filter in 
the feedback of the op amp should make 
sure this distortion is lower.

The same filter taps are used for both 
the positive- and negative-going excur-
sions of the waveform. As a result, the 
even-order harmonics are very effec-
tively cancelled. The second-order prod-
uct is almost 95dB down. The highest 
distortion product is the third harmonic, 
which is down by 55dB. This is a dis-
tortion of .18%. There is also a bit of 
clock noise that comes through but it is 
even lower and way out of the bands we 
are looking at. You could add a filter to 
lower this, but I wouldn’t bother.

Figure 1 is the actual oscillator circuit. 
You will need two of these.

COMPONENTS
I used a golden oldie for the op amp—
an LM318, which has the slew rate to 
work for these levels and frequencies. 
One limit of this op amp is the power 
supply rejection ratio (PSRR), which is 
typically 80dB.

Each oscillator was fed through a low 
noise, low distortion 1K resistor to a 

common 100Ω mixing resistor giving a 
source impedance of 80Ω. This is close 
to some guitar pickups and to the 75Ω 
design impedance of an RCA connec-
tor. At this point you already have some 
distortion just from the very small bit of 
nonlinear or non-ohmic behavior that 
is in all resistors. This is related to the 
temperature coefficient of resistance but 
is also influenced by other factors. The 
parts list shows the exact critical parts 
used for my meter.

A source impedance of 80Ω also has 
an internal thermal noise source equal to 
the square root of a constant times the 
absolute temperature times Boltzmann’s 
constant times the resistance times the 
bandwidth. The calculation at room 
temperature is SQRT(1.61 E-20 × R × 
BW). This is often expressed as nV√Hz 
½. For our source this would be 1.14nV 
for a 1Hz bandwidth.

I chose a low-noise op amp—the 
National Semiconductor LME49740, 
which typically has 2.7nV√Hz ½ of 
noise around 2250Hz. At first I tried a 
higher noise op amp, which just did not 
work.

The random noise in a circuit adds 
up according to the square root of the 
voltages present. You can build a circuit 
with more than one amplifier on the 
input signal. All of the outputs will be 
summed together. The signals add as 
they are all in phase, with the noise fol-
lowing the square root rule. As a result, 
there is an improvement in the signal-
to-noise ratio equal to the square root 
of the number of amplifiers used. With 
four amplifiers the noise drops in half.

The feedback resistors also make 
noise. So keep these values as low as 
possible, but not so small the op amp 
cannot drive them.

Another area of concern is removing 
any RF interference. I did not do this at 
first, and even some passing cars would 
cause the meter to clip. I used small 
film capacitors here along with a small 
inductor. I just wound 12 turns of 26 
gauge high-quality magnet wire around 
a 1/8″ Allen wrench. This was about the 
same size as a resistor when finished. 
The difference this filter made was quite 
impressive.

The first four op amps of U1 and U2 
are just the first stage of an instrumen-
tation amplifier. I used surface-mount 
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tantalum nitride .1% resistors for this 
stage. U3’s first op amp sums these sig-
nals and in effect gives a gain of 50 for 
the target signal. A balance trim resistor 
R18 is provided to tweak in the balance. 
The second op amp of U2 is a 50× gain 
stage and sources the lightly bandpassed 

signal for the filter stage and for the 
analyzer output via J3.

The first filter reduces the bandwidth 
of the signal I will actually measure. This 
stage does most of the filtering. It uses 
the last two op amps of U3. The resistor 
and capacitor values are critical for the 

center frequency of 2250Hz. No tuning 
is necessary if the resistors are 1% and 
the capacitors are 5%. The filter also 
provides a gain of about 10 to the center 
frequency.

This filter stage is followed by a sim-
pler second bandpass filter consisting 

FIGURE 1: Transversal oscillator.
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FIGURE 2: Analyzer section.

FIGURE 3: Circuit card interconnections.
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of two more op amps in U4. This stage 
also provides about 100× gain. It is fol-
lowed by a plain vanilla gain stage with 
just a bit of high frequency rolloff. This 
is where you can use any desired scaling. 
This is the last op amp used in U4 and 
provides voltage gain of 2 to 11×.

In the last stage a high-pass capacitor 
feeds a resistor used as a voltage to cur-
rent converter. This feeds a THAT 2252 
true RMS detector chip, which gives an 
output voltage of 6.2mV per dB. This 
can be positive if you are above zero 
reference level, or negative if you are 
below it. You can use R59 to adjust for 
an accurate zero reading. R68 and R82 
convert the output voltage back into a 
current to feed the 50µA panel meter. 
R82 is a thermistor used to provide tem-
perature compensation. The values used 
give a 25dB meter range.

I used an analog meter on the out-
put. With the distortion component 
so close to the noise level, the meter 
swings a bit, and it is much easier to 
read an analog meter with noise than a 
digital one.

Because I went to a bit of trouble 
keeping noise out of the circuit de-
sign, it is vital to keep the power sup-
ply quiet. With the oscillator having 
a PSRR of only 80dB typical and the 
analyzer ICs only 60dB at test frequen-
cies, this could be an issue. Batteries are 
among the quietest source. Lead acid is 
among the best of the batteries. Noise 
on the power supplies will show up in 
the output. I know! I used two com-
pletely isolated supplies. For the ana-
lyzer board capacitor multipliers, isolate 
the gain stages.

The only common connection is at 
the ground point of the mixing resistor. 
A trickle-charge circuit is active when 
you switch the meter off. I did not de-
sign this unit as a regularly used gizmo. 
A better charging system would be 
required if you plan to keep it plugged 
in.

A 16-gauge steel case housed my in-
strument. There are internal partitions 
shielding the oscillators from the detec-
tor amplifiers and the power supplies. 
Even with the shielding there is some 
leakage!

For the most sensitive uses you may 
wish to place the instrument and the test 
item inside a Faraday shield. For input 

and output connectors I first used a 6-32 
threaded brass rod in a plastic insulator. 
But later for ease of use I changed these 
to Neutrik RCA connectors.

To tune the meter you can use a short 
silver jumper and a spectrum analyzer. 
Insert the jumper and adjust R59 until 
the panel meter is at half scale. Then ad-
just R18 for a minimum reading. 

Using the spectrum analyzer, see 
how many dB the spike at 2250Hz is 
above the background noise and adjust 
R59 until the meter reads twice that. 
(I did not replace the meter’s scale, so 
50µA equals 25dB of distortion above 
the noise floor.) If you do not have 
a spectrum analyzer, test all of your 
RCA cables and set the best one to 
read 10µA or 5dB—you will not be 
far off. Figure 2 is the finished analyzer 
circuit.

LESSONS LEARNED
This instrument is difficult to build and 
make work reliably. I have provided parts 
lists. The ground wiring is most impor-
tant to prevent contamination of the 
signals. My prototype showed me that 
some of the components I used were 
not good enough, so I needed to replace 
them. I used IC sockets on the first ver-
sion. The second time I did not use them 
on the input ICs.

The ground wire that goes from the 
measurement card to the mixing resis-
tor changed from 18 gauge wire to a 
piece of ½″ wide copper foil. Finally, this 
became a piece of silver wire. The input 
leads are both silver wire the exact same 
length. One goes to the send jack, the 
other to the receive one.

Be sure to turn the meter on before 
you connect a new test cable. The turn-
on spikes will change the path measure-
ment if you do not do this! The op amps 
do heat a bit, so allow the meter five 
minutes of warmup to get more consis-
tent readings.

As to the actual use of the instru-
ment, I do not get a perfectly clean 
reading. The meter jumps a bit even 
when the connections are working well. 
Bad connections and cables give nice 
high readings. Computers, radio trans-
mitters, passing cars, and just about 
any electrical noise source may cause 
the meter to jump. I use it on a wood 
table away from the AC outlets with 
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the lights out and wait for the meter 
to settle. With some patience you will 
find you can get repeatable and reliable 
readings. Looking at the results with a 
spectrum analyzer shows more insight 
into what is going on in the cables. 
Some have more noise, others more 
distortion.

If you build one of these testers, I 
hope you will find as I did that the read-
ings do seem to correspond with what 
you hear. If you are curious as to some 
of what I learned, one of the first lessons 
was if you twist a brand new connector 
around after inserting it, the reading will 
go down.

That may explain why every time you 
connect a new piece of gear your sys-
tem sounds better. A simple experiment 
you can try is to listen to your system, 
then unplug and re-plug everything five 
times. This should make your system 
sound better!

The second lesson concerns Caig 
Deoxit, which I have used to fix many 
noisy or even bad volume controls, touch 
switches, and even remote controls. I ap-
plied a bit to a noisy patch cable under 
test and nothing happened! I left to do 
a bit elsewhere and when I returned the 
noisy cable had become much better. So, 
Deoxit works, but it takes a bit of time 
to react!

I decided to test some inexpensive 
RCA-RCA cables I had on hand. Figure 
4 shows three different cables. One is 
a short silver jumper with decent gold 
RCA plugs. It reads 6.25dB above the 
noise floor on the meter and has the 
lowest noise and distortion.

The second is a video coax with cheap 
gold RCA connectors. It has much more 
noise and distortion and reads 11dB on 
the meter.

The last is a cheap audio cable with 
cosmetic gold-plated connectors. It reads 
12dB on the meter. So there really is 
a correlation between how you build 
cables and the test results.

If you look closely at the test results 
in Fig. 5, you notice the effects of cable 
directionality. Sometimes, after taking 
a reading, I turned the cord around and 
read a different value on the meter. The 
spectrum analyzer shows why.

Surprisingly, audio cables really do 
work better one way! To see whether 
this difference really was there, I used 

FIGURE 4: Comparing RCA cables.

FIGURE 5: Same cable forward and reverse.

FIGURE 6: Comparing solders.
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a two-cable switch on my test setup: 
a Sony CD player through a custom 
resistive volume control to my custom 
class A amplifiers into my corner horns. 
There was a noticeable difference in the 
apparent high end. Even my secretary 
noted one sounded louder than another! 
(Of course, I used the cable that tested 
for the most change.)

Here are some of the lessons learned:
• Solder connections were at least 50 
times better than the best plain mechan-
ical connectors.
• Gold connectors mating to gold con-
nectors work best.
• Shiny (chrome, nickel?) connectors 
mating to gold are not quite as good—
when clean and newly inserted—but 
become worse within hours.
• Shiny plugged into shiny is not as 
good as gold on gold.
• Some gold cords made for video and 
audio were horrible.
• Putting a surge through a cable lowers 
the distortion for a time, but it comes 
back. (Maybe the needle drop noise was 
good for hi-fi!)

As a test of these results, you may 
choose to replace internal connectors 
in your gear with straight solder joints, 
or at least put in a drop of Deoxit. IC 
sockets in your projects may not be 
a good idea; at the very least use the 
gold-plated ones. When doing listen-
ing tests, be sure you are not just lis-
tening to connector changes. I found I 
could hear differences of five units on 
this scale, which is less than the dif-
ference between clean and dirty con-
nectors.

The distortion that is being measured 
is at low signal levels. Pro gear works 
at level of 0dBm, which is higher than 
consumer gear, meaning the percentage 
of distortion will be lower. The load im-
pedance is also lower. You may prefer to 
try higher levels out with your gear and 
lower power amplifier gain.

The final results on solder are shown 
in Fig. 6. I just don’t see any significant 
differences. 110 solder joints and it still 
is better than 6″ of silver wire!

It may be too late for Brian, but I 
suspect that if he had cleaned his 
overheated connectors and removed 
the oxide that had built up on them, 
they may have sounded fine.           aX

Transversal filter resistors
Part #	 Value	 Part #	 Value	 Part #	 Value	 Part #	 Value
R1	 Open	 R17	 287k	 R33	 200k	 R49	 287k
R2	 8.2M	 R18	 274k	 R34	 200k	 R50	 301k
R3	 2.7M	 R19	 261k	 R35	 200k	 R51	 324k
R4	 1.6M	 R20	 249k	 R36	 205k	 R52	 340k
R5	 1.1M	 R21	 243k	 R37	 205k	 R53	 365k
R6	 909k	 R22	 237k	 R38	 210k	 R54	 402k
R7	 750k	 R23	 226k	 R39	 210k	 R55	 442k
R8	 634k	 R24	 221k	 R40	 215k	 R56	 487k
R9	 549k	 R25	 221k	 R41	 221k	 R57	 549k
R10	 487k	 R26	 215k	 R42	 221k	 R58	 634k
R11	 442k	 R27	 210k	 R43	 226k	 R59	 750k
R12	 402k	 R28	 210k	 R44	 237k	 R60	 909k
R13	 365k	 R29	 205k	 R45	 243k	 R61	 1.1M
R14	 340k	 R30	 205k	 R46	 249k	 R62	 4.6M
R15	 324k	 R31	 200k	 R47	 261k	 R63	 2.7M
R16	 301k	 R32	 200k	 R48	 274k	 R64	 8.2M

Part ID	V alue	 Part #	 Supplier
C1, C2, C5, C6	 .0015	 P3915	 Digi-Key
C3, C4, C7-C10, C13, C18, C19	 .1	 MKP1840410165	 Mouser
C11, C39	 .022	 P3917	 Digi-Key
C12, C14, C15, C17, C21	 .001	 FKP2-1000/100/2.5	 Mouser
C16, C20	 .0022	 FKP2-2200/100/2.5	 Mouser
C22, C32	 .012	 P3914	 Digi-Key
C23	 1/16	 UVR1H010MDD1TA	 Mouser
C24, C25, C27, C29, C31, C34, C36, C38 	 10/16 	 UVR1C100MDD1TA	 Mouser
C26, C28, C30, C33, C35, C37	 470/16	 UVR1C471MPD	 Mouser
C32	 .22	 P4667	 Digi-Key
C40	 3300pF	 P3907	 Digi-Key
J1	 Solder direct
J4	 friction header	 WM2701	 Digi-Key
J2, J3	 friction header	 WM2700	 Digi-Key
P4	 terminal housing	 WM2001	 Digi-Key
P2, P3	 terminal housing	 WM2000	 Digi-Key
P2 (2), P3 (2), P4 (3)	 terminals	 WM2312	 Digi-Key
L1, L2	 12T #26 1/8″ diameter	
Q1, Q2, Q3	 TIP120		  Mouser
Q4, Q5, Q6	 ZTIP125		  Mouser
R1, R21	 Open
R2, 6, 10, 14, 22, 26, 30, 34, 42 	 215 	 PFC-W1206LF-03-2150-B	 Mouser
R3, 7, 11, 15, 23, 27, 31, 35  	 2.49k	 PFC-W1206LF-03-2491-B	 Mouser
R4, 5, 8, 9, 12, 13, 16, 17	 4.02k	 PFC-W1206LF-03-4021-B	 Mouser
R24, R25, R28, R29, R32, R33, R36, R37	 4.02k
R18	 500	 490-3020	 Digi-Key
R19, R20	 392	 PFC-W1206LF-03-3920-B	 Mouser
R38, R39	 1k	 PFC-W1206LF-03-1001-B	 Mouser
R40, R41	 10.5k	 PFC-W1206LF-03-1052-B	 Mouser
R43, R45, R46, R48, R49	 140k	 271-140K-RC	 Mouser
R44	 127k	 271-127K-RC	 Mouser
R47, R50	 75k	 271-75K-RC	 Mouser
R51	 5.36k	 271-5.36K-RC	 Mouser
R52	 22.1k	 271-22.1K-RC	 Mouser
R53	 30.1k	 271-30.1K-RC	 Mouser
R54	 274k	 271-274K-RC	 Mouser
R55	 6.2k	 271-6.2K-RC	 Mouser
R56	 40.2k	 271-40.2K-RC	 Mouser
R57	 51.1k	 271-51.1K-RC	 Mouser
R58	 464k	 271-464K-RC	 Mouser
R59	 10k pot	 329*6W-1-103LF	 Mouser
R60	 1k	 271-1K-RC	 Mouser
R61, R81	 10k	 271-10K-RC	 Mouser
R62	 22k	 271-22K-RC	 Mouser
R63	 20	 CF1/4C200J	 Mouser
R64	 560k	 CF1/4C564J	 Mouser
R65	 1k	 CF1/4C102J	 Mouser
R66	 2.2m	 CF1/4C225J	 Mouser
R67	 22M	 CF1/4C226J	 Mouser
R68	 62k to 100k	 271-62K-RC	 Mouser
R69, R70, R71, R72, R73. R74	 3.3k	 CF1/4C332J	 Mouser
R75, R76, R77, R78, R79, R80	 27k	 CF1/4C273J	 Mouser
R82	 3.3k thermistor	 NC12MC0332KBA	 Mouser
U1	 LME49740		  Digi-Key
U2	 LME49740		  Digi-Key
U3	 LME49740		  Digi-Key
U4	 LME49740		  Digi-Key
U5	 THAT 2252L08-U		  Mouser
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