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EDITORIAL

E
veryone is aware of the tube 
versus transistor, feedback, and 
other debates that have existed 
for decades. Only recently have 

I seen papers that actually attempt to 
test and explain the results with real 
data, such as the Nelson Pass paper on 
negative feedback. I believe audioXpress
printed an article on perceived differ-
ences in harmonic structure of ampli-
fiers. That article made a lot of sense to 
me; I have noticed that 1% of second 
harmonic is not audible to my ears, yet 
I seem to notice lower levels of higher 
order harmonics that seem common in 
many commercial transistor amps!

Now, I am not an audio engineer; 
I’m an RF Tech by trade, and maybe 
the AES has all kinds of data on these 
things and prefers to keep secrets from 
the common masses. In RF, we do ex-
tensive testing on devices: harmonics, 
intermod, behavior over varying temps 
and load impedance, even transient ef-
fects such as “ghosting.” Transistors can 
do strange things under the right con-
ditions! But try and find anything past 
harmonic distortion on the web if you’re 
not an AES member. Kudos to National 
Semi for giving lots of hard data on their 
amplifier chips, but what happens when 
you put a reactive load on it, such as, a 
speaker?

A few years ago, I decided to try 
building a tube amp—just out of cu-
riosity—even though there’s no way it 
could be better than an LM3886, right? 
It was a cute retro project that was fun 
to build (just 2W), and brought back 
some memories. I hooked it up and 
played something. . . WOW! It sounded 
cleaner, more dynamic even. One engi-
neer said it was just some “Euphonic” 
artifact. . . how can an artifact be cleaner 
and more detailed, more like live acous-
tical sound? When pressed for details, 
these guys can’t explain why, so it’s clear-
ly not a rational argument.

Sadly, neither side seems capable of 
proving and explaining the differences; 
doesn’t that seem odd? I think that per-
forming the following tests would help, 
and none of these should be unusual or 
very time consuming:
1. Harmonic and two-tone intermod 

tests into a real two-way or three-
way speaker. I would think the vary-
ing phase angles from a reactive load 
must have some effect in the feed-
back loop!

2. Waveform test (time domain) of 
transients, again, with real speaker 
load. I am convinced that transient 
peaks come through better in my tube 
amp. . . the LM chip sounds dull and 
lifeless in comparison. I can imagine a 
possible reason for this: the combina-
tion of low source Z of the amp with 
higher reactive load is providing an 
over-damped condition. Or I might 
be wrong—but I believe my ears.

One experiment I have tried is listen-
ning to clean acoustical music through 
both amps, then trying processed and 
compressed studio-produced music. The 
chip amp does well with compressed 
music, but not as well with uncom-
pressed quality recordings. In other 
words, transistor amps are great for the 
music that kids listen to with their sub-
woofers. They would see no benefit with 
anything else. But if you know the sound 
of acoustic guitar or drums, high-feed-
back transistor amps seem to consis-
tently fail to sound right. My tube amp 
does a surprisingly good job.

There are other tests that should be 
done. Some types of tests have been 
done on the human ear, but do we know 
what level of distortion is audible for any 
given harmonic, or for intermod levels? 
There are complications to doing this, 
but a well set up and documented test 
could be very instructive. Out of my 
own curiosity, I would love to do these 

tests, but I don’t have the equipment. I 
thought that someone would have done 
this long ago.

Perhaps I am looking at this all wrong. 
Maybe AES knows all this stuff, but 
needs to cater to the current market of 
compressed music. (Isn’t it funny how 
overly compressed music “sounds dy-
namic” to the kids? They really have no 
idea what the term actually means—
ignorance is bliss!) And maybe the au-
diophile market has worked too hard 
at being magicians—they believe being 
scientific about it will destroy the magic.

Yeah, that’s it. . . clearly, the audio mar-
ket is even more insane than politics. I 
think I will just try to ignore it, and enjoy 
the music on my good-sounding system.

Kent Smith
Wylie, Tex.

POSTSCRIPT
As a follow-up, I just did a test with 
my son who plays drums, as a sanity 
check. Musicians know the sounds of 
their instruments and will notice things 
the rest of us don’t. I used music from 
Sheffield Labs that is compression free. 
He immediately noticed that the drums 
sounded correct with the triode amp (no 
feedback).

With the LM3886 amp, the “overtone” 
(he described it as a sustained tone from 
the drum cavity) of the bass and toms was 
overemphasized (as in an over-damped 
system response). He also noted that the 
high-hat was muted, especially the effect 
you hear as the cymbals open and close. 
He said that both of these effects are 
common problems in recorded music, in 
spite of efforts to damp the drum over-
tones with absorptive materials.

I just don’t believe now that all of 
the problem is in the recording. Fur-
ther, I am sure that if I can hear this 
effect, it can be measured, if someone is 
willing to specifically test for this.    aX

Amplifier Differences 
and Lack of Tests
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W
hen studying geography in 
grammar school, you learned 
that the Great Divide was 
the North American moun-

tain range separating the watersheds that 
drain into the Pacific Ocean from those 
that drain into the Atlantic. Sometimes it 
feels as though we have a similar divide in 
the audio world, with the choice between 
balanced and unbalanced equipment in-
terconnections.

T h e 
home mar-
ket has been 
using unbalanced 
connections because 
they are less expensive 
and work well in most situ-
ations. You see an increasing number of 
pro-audio products with balanced connec-
tions that are reasonably priced and attrac-
tive alternates for home audio use. I use 
Behringer equalizer and speaker control 
units along with several amplifiers that all 
have balanced connections. They need to 
be integrated with the unbalanced devices 
that make up the rest of my system. The 
key is to use the proper method for those 
connections.

My interest in the balanced/unbalanced 
scenario was piqued by Gary Galo’s excel-
lent article1 about noise in audio circuits. It 
was based on information from a seminar 
that he attended given by Bill Whitlock. 
This article, a concise description of noise 
problems and their solutions, mentioned 
devices from IC-manufacturer THAT 

Corporation (Milford, Mass.) that were 
based on Whitlock’s work. It also included 
an analysis of passive devices that can be 
employed in the quest for lower noise.

DEFInITIOnS
There seems to be confusion regarding 
what constitutes a balanced circuit. People 
talk about two signal-carrying conductors 
instead of one, opposite signal polarities in 
a balanced configuration, and so on.

Bill Whitlock (president and chief of 
engineering, Jensen Transformers)2 has 

accurately defined “unbalanced”: 
“An unbalanced input or out-

put connects one of its 
signal conductors to 
ground and has a 
non-zero impedance 
at the other signal 
conductor.”

His correct defi-
nition of “balanced” 
is: “A balanced input 

or output uses two 
signal conductors 
which have equal 

impedances to ground.”
Note that the key difference 

in these definitions is the impedance be-
tween each signal line and ground. The 
unbalanced circuit does have two signal 
lines and current does flow in opposite di-
rections in the two lines, but one of them 
connects to ground. Therefore, the imped-
ances are neither the same nor balanced. 
The balanced circuit has equal impedances 
to ground from each line. 

Also note that there is no mention of 
equal voltages, because it is the impedance 
balance that is critical. Failure to maintain 
impedance balance on the signal lines is 
the root cause of common-mode failures 
with some circuit configurations.

An understanding of this is important 
because a true balanced circuit has a great-
er ability to reject common-mode signals, 
which are of the same polarity and mag-
nitude on both signal lines. These signals 

represent unwanted noise interference that 
will degrade signal quality. Reduce those 
and you will have less noise to interfere 
with your signal. 

A great introduction to the subject 
of noise, grounding, and safety in audio 
connections is the Journal of the Audio 
Engineering Society v43n6 ( June 1995), 
which includes papers and reports by Neil 
Muncy, Bill Whitlock, Charles Atkinson, 
Philip Giddings, Stephen Macatee, John 
Windt, Cal Perkins, and Kenneth Fause 
that are a gold mine of important infor-
mation. There are also citations to addi-
tional references. Copies of the individual 
papers in PDF form are available from 
the AES website: www.AES.org/journal/
search.cfm. You can search for any articles 
by the volume and number, title, or author.

Probably the least effective method to 
connect balanced and unbalanced devices 
is to make adapter cables. This is generally 
not a good solution, but there are adapter 
cable designs that take into account the 
type of connectors and the direction of 
the connection (balanced-to-unbalanced 
or unbalanced-to-balanced). One of the 
best explanations of interconnects, with a 
table of different connections, is in a paper 
from Rane™ Corporation3. I have built 
cables using their tables and have obtained 
effective results in situations where noise 
is not a major factor.

SOLVIng ThE nOISE PROBLEM
With noise, reality sets in when two prob-
lems are introduced: improper connections 
of an XLR’s pin-1 to ground [AES14, 
SMPTE RP134, EBU R50-1988, and 
IEC 268 part 12 all standardized that an 
XLR connector’s pin-1 is ground, pin-2 is 
the positive signal connection, and pin-3 is 
the negative signal connection—David J. 
Weinberg], and differences in the imped-
ances of the two signal lines in a balanced 
circuit. This article does not address the 
pin-1 problem, which is covered in several 
articles in the previously-mentioned AES 
issue.

Building a better converter box to handle balanced/unbalanced devices.

Maintaining Your Balance, Part 1
so l i d  s t at e By Thomas M. Perazella

terconnections.

T h e 
home mar-
ket has been 
using unbalanced 
connections because 
they are less expensive 
and work well in most situ-
ations. You see an increasing number of 

a balanced configuration, and so on.
Bill Whitlock (president and chief of 
engineering, Jensen Transformers)2

accurately defined “unbalanced”: 
“An unbalanced input or out-

put connects one of its 
signal conductors to 
ground and has a 
non-zero impedance 
at the other signal 
conductor.”

His correct defi-
nition of “balanced” 
is: “A balanced input 

or output uses two 
signal conductors 
which have equal 

impedances to ground.”
Note that the key difference 

in these definitions is the impedance be-
tween each signal line and ground. The 

PHOTO 1: The completed bal-
anced/unbalanced converter box.
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To reduce susceptibility to noise, high-
quality transformers can retain common-
mode rejection even with relatively high 
levels of impedance mismatch, due to their 
high common-mode input impedances. In 
addition, they can provide a high degree 
of voltage isolation where offsets exist be-
tween devices. Unfortunately, they are not 
inexpensive, and less-expensive versions 
often have severe performance limitations. 
As a result, many attempts have been made 
to develop active circuits that can be used 
as balance inputs and outputs.

At first blush, some of these active de-
vices seem to offer ideal solutions. The 
Analog Devices AMP03 precision unity-
gain differential amplifier has a common-
mode rejection ratio (CMRR) of 100dB 
at 0Hz (= DC), and a respectable 70dB 
at 20kHz. The amp has internal resistors 
balanced to within 0.002% to make this 
performance possible and free the equip-
ment manufacturer from having to select 
precisely matched external resistors.

However, any output impedance dif-
ferences from the driving equipment can 
destroy the performance improvement 
achieved by this precise on-board resis-

tor matching. It does not take much of 
an imbalance to produce a large drop in 
CMRR4. A balanced system acts like a 
Wheatstone bridge, with the driver output 
impedances and receiver input impedances 
forming the legs of the bridge. If any of 
the impedances become out of balance, 
rejection drops. For example, for an input 
impedance of 5kΩ, a 1Ω imbalance in the 
output of the driving circuit can cause a 
60dB drop in CMRR. 

The severity of the problem is mini-
mized if the impedances of the bridge’s 
output and input sections are very differ-
ent. The impedances in each line of the 
driving side, and of the receiving side, must 
still be closely matched for the rejection to 
be maximized. Low output impedances are 
common in driver stages, but high com-
mon-mode input impedances in receiv-
ing stages are not, generally due to noise 
concerns. Transformers are an exception, 
routinely having common-mode input im-
pedances in the tens of megohms.

The products from THAT Corporation 
include newly developed input line receiv-
ers based on Whitlock’s work. Balanced-
output drivers were also mentioned. There 

are two device families:
• The “InGenius”™ family of line receiv-
ers uses a bootstrapping technique devel-
oped by Whitlock to feed common-mode 
signals back to the input to increase the 
common-mode input impedance while 
maintaining lower DC impedances5. These 
devices can provide many of the benefits of 
transformers without the cost penalty or 
extreme low-frequency losses.
• The “OutSmarts”™ family of line drivers 
uses a dual-feedback-loop design described 
by Gary K. Hebert6 that prevents excessive 
ground currents when clipping into single-
ended loads. In cross-coupled output stag-
es, that can lead to difficulties in the power 
supply and additional distortion7.

PROJECT IDEA
These devices seemed to be the perfect 
solution for a project I was formulating 
for copying many of my LPs to CDs. 
Part of the setup included the use of 
an equalizer to correct recordings that 
were either not tonally balanced to my 
taste, or used equalization curves other 
than RIAA. You can find a reference 
to EQ curves of old records at www. 
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Geocities.com/midimagic@sbcglobal. 
net/mixcurve.htm. You can find the 
settings needed when using an RIAA 
phono section to correct for the non-
RIAA curves at: www.Geocities.com/ 
midimagic@sbcglobal.net/mixcompn.htm. 

First look up the code for the equal-
ization curve of your recording (such as 
500C-16 for Columbia LPs). Then look 
up that code in the second resource. In 
this example you need these corrections:
20Hz -8.0dB
40Hz -5.0dB
62Hz -4.5dB
100Hz -2.0dB

The plan was to run the output from 
my custom stand-alone RIAA phono 
preamp through my Behringer DEQ2496 
equalizer into my computer’s sound card. 
In the analog domain, the Behringer only 
has balanced inputs and outputs. It would 
be fed from an unbalanced preamplifier 
and would feed an unbalanced computer 
audio card.

Therefore, the signal would undergo a 
transformation from unbalanced to bal-
anced and then back to unbalanced in its 
journey from the phono cartridge to the 
computer sound card. Instead of using 
adapter cables to convert between unbal-
anced and balanced, as I had done in the 
past, it seemed time to “kick it up a notch.”

This application was a good way to 
test the circuits from THAT Corpora-
tion. The concept was to build a box that 
could take the unbalanced output of the 
phono preamp, convert it to balanced 
(using two THAT 1646 differential line-
drivers) for the equalizer inputs, and then 
convert the equalizer output back to un-
balanced (using two THAT 1206 bal-
anced line-input receivers) to feed moni-
toring headphones and the computer.

Starting the Project
Any electronics project I have built start-
ed with an idea, moved to a schematic, 
then layout, construction, and testing. The 
concept part was made easy with these 
new ICs and their supporting datasheets.

Usually I draw the schematic by hand 
and then do the layout and build the proj-
ect using perfboard and terminals. This 
time I tried another approach—find an 
easy-to-use PC software package that 
would enable me to produce a printed 
circuit board onscreen.

A web search led me to www. 

ExpressPCB.com, an Oregon-based com-
pany offering free tools that allow you to 
produce a schematic, check it for errors, 
link the schematic to a board-layout pro-
gram, complete the layout, and electroni-
cally ship the results to them for circuit-
board production.

Their schematic program (Ex-
pressSCH) comes with a library of device 
components. You can also produce your 
own components either by modifying one 
of their existing components or by pro-
ducing your own and storing them in a 
custom component library. 

Although reasonably intuitive, it took 
a while for me to understand the pro-
duction of a device from scratch, espe-
cially the placement of leads, connections, 
and the numbering scheme. Their man-
ual will guide you through the process 
of producing a schematic. One subset 
of that manual is a guide to help you 
when making schematic components to 
use in the program (that part is avail-
able from them in PDF format at www.
ExpressPCB.com/ExpressPCBBin/ 
ExpressSCHComponentGuide.pdf ).

In addition to the library of compo-
nents, the program also comes with a 
library of symbols. As with components, 
you can make custom symbols and store 
them in a custom symbol library. I es-
pecially liked the use of ports, which are 
symbols indicating a connection that can 
be for signals, power, grounds, and so on. 
Using them eliminated the need to show 
a lot of repetitive connecting lines on the 
schematic. 

For example, you could use a symbol 
on the schematic for a +15V DC supply 
connection wherever you needed one, 
without running a line back to a single 
supply point. Because the schematic will 
later be linked to a PCB layout program, 
the ports will indicate connections that 
need to be made on the board without 
actually showing the connecting links 
as lines. This resulted in a very clean 
schematic that looked more like a group 
of functional blocks than my freehand 
drawings. It also allows you to save your 
frequently used components and symbols 
in a library called Favorites that mini-
mizes search effort when drawing the 
schematic. Once learned, the program 
was quite effective. An additional bonus 
is a tool that checks for netlist errors such 
as pins that were not connected.

 THE WINGS OF MUSIC 

The Airborne line of drivers was developed to 
fill the gaps left by the industry in the use of 
exotic and unconventional material to 
reproduce sound. For example the use of real 
wood as a cone material gives you very
natural and worm sound, the use of Bamboo 
which is very light and strong which translate 
in very fast reacting driver and the use of 
Carbon Fiber which is extremely light and 
strong gives you a very analytic and very
detailed sound. 
12cm Midrange 

 Wood Cone 88db 
HR124B8-10L                 $31.62 
15cm MidBass 

 Wood Cone 86db 
FR148B6-11L                  $59.84 

Wood Cone 85db 
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FR148B6-18L                  $45.90 

Carbon Fiber 87db 
FR148B8-10M                 $59.50 
17cm MidBass 

Wood Cone 89db 
FR173B6-16L                  $79.90 

 Carbon Fiber 90db 
FR173B8-10M                 $79.90 
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Circuit Description
Figure 1 shows my completed schematic, 
including the power supply but less the 
power transformer (which is not mount-
ed on the board). The power supply sec-
tion takes the secondary output of a 34V 
AC center-tapped transformer, uses four 
diodes (D1 – D4) in a full-wave bridge 
configuration to rectify it, and filters it 
using capacitors C1 and C2. That DC 
voltage then passes through two IC regu-
lators (V1 for the positive bus; V2 for the 
negative bus), and is further filtered using 
capacitors C3 – C6. 

Diodes D5 and D6 provide protec-
tion for the regulators against reverse 
bias. Resistor R1 feeds power to a chas-
sis-mounted power indicator LED. The 
transformer secondary’s center tap is con-
nected to the circuit board’s ground.

For this project, where high levels of 
RF interference would not be a problem, 
I used a basic configuration for the un-
balanced-to-balanced and the balanced-
to-unbalanced sections. If RFI is a prob-
lem, the ICs’ datasheets detail methods to 
reduce RFI without materially affecting 
common-mode rejection.

The active sections of the circuit are 

simple, as shown in the schematic. The 
unbalanced-to-balanced section of the 
left channel consists of U1 (the balanced-
line driver), power supply bypass capaci-
tors C7 – C10 mounted right at the IC 
leads, and two capacitors C11 and C12 
that serve to reduce the output DC com-
mon-mode voltage to zero. It is repeated 
for the right channel using U2.

The balanced-to-unbalanced section of 
the left channel consists of U3 (the bal-
anced input line receiver), power supply 
bypass capacitors C20 – C23 mounted 
right at the IC leads, and capacitor C19 
that provides the bootstrapping current 
to generate a very high AC common-
mode impedance.

Again, these are simple circuits. If the 
circuits will be subjected to very high 
RFI or the possibility of electrostatic dis-
charges, refer to the datasheets for sug-
gestions on how to reduce those risks 
with minimal impact on common-mode 
rejection.

Also note the ports for power, signal, 
and ground leads. The signal and some of 
the ground ports are connected to stand-
alone holes with descriptions indicating 
the functions of each port. The power 

FIGURE 1: Unbalanced/balanced converter circuit.
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supply positive and negative ports are directly connected to 
components, because no external input or output connections 
are needed.

Next month, we’ll tackle construction and testing of this 
converter box.         aX
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Schematic
Designation                          Description
D1-D6..........................................................1N4003 diode
C1–C2.........................................................2,200µF/35V DC electrolytic capacitor
C3–C4.........................................................470µF/16V DC electrolytic capacitor
C5–C6.........................................................1µF/50V DC film capacitor
C7, C9, C13, C15, 
  C20, C22, C25, C27................................3.3µF/16V DC tantalum capacitor
C8, C10, C14, C16, 
  C21, C23, C26, C28................................0.1µF/50V DC ceramic capacitor
C11, C12, C17, C18.....................................10µF/25V DC non-polarized capacitor
C19, C24 ....................................................220µF/10V DC electrolytic capacitor
V1................................................................UA7815 +15V DC IC regulator
V2................................................................UA7915 -15V DC IC regulator
U1–U2	 THAT Corporation 1646 balanced line 	
 	   driver
U3–U4	 THAT Corporation 1206 balanced line 	
	   receiver
Power transformer ...................................Tamura PF24-34 34V AC at 700mA.
Fuse.............................................................Buss MDL 3/10A at 250V
Chassis.......................................................Hammond Manufacturing 1590 EFL 7.38″ 	
                                                    × 4.70″ × 3.07″
RCA connectors.........................................Vampire CM7F
XLR connectors..........................................Neutrik NC3FD-L-1-B and NC3MD-L-1-B

Suppliers
Digi-Key
701 Brooks Avenue South
Thief River Falls, MN 56701
800-344-4539
www.Digikey.com

THAT Corporation
45 Sumner Street
Milford, MA 01757
508-478-9200
www.ThatCorp.com

Parts List

Vampire Wire
203 Flagship Drive
Lutz, FL 33549
813-948-2707
www.VampireWire.com

Markertek Video Supply
1 Tower Drive
Saugerties, NY 12477
800-522-2025
www.Markertek.com
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T
he True RMS Audio AC Volt-
meter is a portable unit based on 
the Analog Devices AD636JH 
true RMS to DC converter and 

on the ICL7106 A/D converter and 
LCD driver. It measures the true RMS 
value of an audio signal up to a level of 
100V RMS in four scales: ×1mV RMS, 
×10mV RMS, ×100mV RMS, and 
×1000mV RMS.

A rotary switch in the front of the meter 
lets you display either volts or dBs. For the 
dB measurement, the 0dB level is set at 
774.6mV RMS (0dBm = 1mW at 600Ω). 
The voltmeter is powered by a 9V battery. 
Photo 1 shows the complete meter.

The AD636JH True  
RMS to DC Converter
The Analog Devices AD636JH, on 

which the voltmeter is based, is a low-
power monolithic IC that performs true 
RMS to DC conversion on low-level 
signals from 0mV to 200mV RMS. The 
AD636 includes an auxiliary dB output 
derived from an internal circuit point 
that represents the logarithm of the 
RMS output. An externally supplied cur-
rent sets the 0dB reference level and cor-
responds to an input level of 774.6mV 
RMS. According to the manufacturer, 
the frequency response ranges from 
1.2MHz at 0dBm to greater than 10kHz 
at −50dBm.

The AD636 computes the true root-
mean-square of a complex AC (or AC 
plus DC) input signal and gives an 
equivalent DC output level. The true 
RMS value of a waveform is a more use-
ful quantity than the average rectified 
value because it measures the power in 
the signal.

An averaging capacitor is the only ex-
ternal component required to perform 
measurements to the fully specified ac-
curacy. Its value optimizes the trade-off 

This voltmeter design gives you the opportunity to add a useful tool to your workbench.

A True RMS Audio AC Voltmeter
so l i d  s t at e By George Danavaras

PHOTO 1: The True RMS AC Voltmeter.

FIGURE 1: The electronic diagram of the voltmeter.

danavaras3074.indd   12 5/28/2009   2:21:13 PM



audioXpress  July 2009    13

between low-frequency accuracy, ripple, 
and settling time.

The 200mV full-scale range of the 
AD636 is compatible with many pop-
ular display-oriented ADCs. Also, the 
low-power supply current requirement—
typically 800µA—permits use in battery-
powered hand-held instruments. 

The Intersil ICL7106  
and the LCD
The Intersil ICL7106 is a low-power, 3½ 
digit A/D converter with seven segment 
decoders, display drivers, a reference 
voltage, and a clock. The ICL7106 is de-
signed to interface with a liquid crystal 
display (LCD), and for this reason in-
cludes a multiplexed back-plane drive. It 
also features auto zero to less than 10µV, 
zero drift of less than 1μV/°C, input 
bias current of 10pA (maximum), and 
rollover error of less than one count.

The display that I used for the meter 
is a typical 3½ digit LCD with ½″ char-
acter height. I don’t have the exact part 
number of the LCD that I used because 
I had it in my stock for a long time, 
but I believe that the LCD available 

from Digi-Key with the part number 
67-1789-ND is suitable.

THE ELECTRONIC DIAGRAM
The voltmeter is based on the block di-

agram of Figure 17 (Portable, High-Z 
Input, RMS DPM and dB Meter Circuit) 
of the Analog Devices AD636 datasheet. 
The complete electronic diagram of the 
voltmeter is shown in Fig. 1.

PRAXIS audio measurement system

Liberty Instruments, Inc.

customizable measurement 

online.

Visit our website for additional information, downloadable demos and freeware:   www.libinst.com

FIGURE 2: PCB.
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A brief description of the operation of 
the meter is as follows: 

The 1MΩ input attenuator allows full-
scale range for signals up to a maximum 

of 100V RMS in four positions: ×1mV 
RMS, ×10mV RMS, ×100mV RMS, 
and ×1000mV RMS. After the attenua-
tor, the signal is coupled through a 47nF 

capacitor and a 47kΩ protection resistor 
to the AD636 buffer amplifier, which is 
connected in an AC bootstrapped con-
figuration to minimize the loading of the 
input attenuator by increasing the input 
impedance of the buffer.

Then the buffer amplifier drives the 
6.7kΩ input impedance of the AD636. 
The LINEAR or the dB outputs of the 
AD636 are driven through the S2 switch 
to the input of the ICL7106. The COM 
terminal of the ICL7106 provides the 
false ground required by the AD636 for 
single-supply operation.

An AD589 1.2V reference diode is 
used to provide a stable 100mV reference 
for the ADC in the linear RMS mode 
by using the trimmer R17 (500Ω); in 
the dB mode, the trimmer R18 (100k) is 
used to set the 0dB indication. A diode 
1N4148 is inserted in series to provide 
correction for the temperature coefficient 
of the dB scale factor. The trimmer R19 
(10k) is used to adjust the scale factor of 
the dB scale. 

The PCB 
The construction of the voltmeter 
is complicated, so I designed a PCB 
using the demo version of the Eagle 
Layout editor. You can download this 
demo version of the program free of 
charge from the Cadsoft website (www. 
cadsoftusa.com). The demo version is 
fully operational, except for a limitation 
on the maximum dimensions of the PCB, 
which was not a problem for this project.

The PCB is shown in Fig. 2, while 
the placement of the components on 
the PCB is shown in Fig. 3 and Photo 
2. The two rotary switches (S1 and S2) 
are placed directly on the PCB to facili-
tate the construction of the meter. The 
ICL7106, the resistor R22, the capacitor 
C1, and the jumper J7 are placed below 
the LCD. The LCD is not soldered di-
rectly to the PCB; two 20-pin sockets are 
used. This also permits some extra space 
between the ICL7106 and the LCD.

For the correct operation of the LCD, 
use two cables to connect pin 2 of the 
LCD with pin 20 of the ICL7106 and 
pin 3 of the LCD with pin 19 of the 
ICL7106 as shown in Photo 3. Figure 
4 shows the front plate that I used for 
the meter. I printed this diagram to a 
self-adhesive transparent paper, which I 
then put on the front face of the metallic 

FIGURE 3: PCB assembly of the voltmeter.
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box of the meter. This gave a very nice 
look for the meter as shown in Photo 1. I 
used the same diagram as a guide for the 
opening of the two holes for the rotary 

switches and the hole for the LCD.
 

CALIBRATION OF THE VOLTMETER
For the calibration of the voltmeter, I 

used a Hewlett-Packard HP 3478A 
multimeter. This digital multimeter of-
fers 3½ to 5½ digit resolution for mea-
suring DC volts, true RMS AC volts 
up to 300kHz, two-wire and four-wire 
ohms, and DC and true RMS AC 
current. The input impedance of the 
HP3478A is 1MΩ shunted by a capaci-
tance less than 60pF. The accuracy of the 
HP3478A multimeter for the measure-
ment of the AC voltage as given by the 

PHOTO 2: The PCB assembly of the voltmeter.
















PHOTO 3: The additional connections on 
the PCB of the voltmeter (see text).
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manufacturer is shown 
in Table 1.

I performed the cali-
bration of the voltmeter 
as follows: I connected 
a sine-wave generator at 
the input of the RMS 
voltmeter with the fre-
quency set at 1kHz 
and the level at 180mV 
RMS. Then I adjust-
ed the trimmer R17 
(500Ω) until the voltme-

ter display was exactly the same as the 
HP3478A multimeter display.

For the calibration in the dB range, I 
set the level of the generator at 774.6mV 
RMS and adjusted the trimmer R18 
(100k) until the meter indicated exactly 
0.0dB. Then I reduced the level of the 
generator to 7.74mV RMS and adjusted 
the trimmer R19 (10k) until the dis-
play indicated -40.0dB. The total battery 
current required for the operation of the 
voltmeter is about 2.8mA.

ACCURACY MEASUREMENTS
After the calibration of the meter, I per-

formed some measurements in order to 
compare the indications of the meter 
against the HP 3478 multimeter. The 
accuracy of the HP multimeter as given 
in its operating manual is shown in 
Table 1. The accuracy is specified only 
for a sine-wave input with a level greater 
than 10% of the full scale.

For the accuracy measurements, I used 
sine-wave and square-wave inputs in the 
range from 5mV RMS up to about 25V 
RMS. This was the maximum level that 
I could have from the power amplifier I 
used for the tests.

Note that when the meter is set in 
the dB range, the LCD display should 
always be kept less than 0dB; otherwise, 
the accuracy of the meter is not good. 
When the indication goes above 0dB, 
the higher voltage range should be used.

I connected both voltmeters to the 
same signal and checked the voltmeter 
displays. The results are shown in Table 
2 for the sine-wave and in Table 3 for 
the square-wave.

The first column gives the results of 
the HP multimeter, and the second col-
umn shows the AC voltmeter results. 

FIGURE 4: The front face of the voltmeter.

TABLE 1: Accuracy of HP multimeter.

TABLE 2: Sine-wave accuracy measurements.
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In the third column, the relative error 
between the two displays is computed. 
The fourth column shows the results of 
the voltmeter when it is set in the dB 
scale with the same signal as before. In 
the fifth column I computed in dB the 
indication of the HP3478 in reference 
to 774.6mV RMS. The sixth column 
shows the difference between the fifth 
and the fourth column.

By examining the results for the volt-
age range of the meter, you can see that 
for signals in the frequency range from 
20Hz to 10kHz the differences are less 
than 2%, except in the measurement at 
a level of 5mV RMS at 1kHz, which is 
3%. With the voltmeter set in the dB 
scale, the differences are very small and 
below ±0.3dB.

When the frequency is set to 20kHz, 
the differences are also below 2%, except 

at the level of 25V, where the difference 
is about 4%. When the measurements 
are performed in the dB scale, the results 
are good except at the 5mV RMS range.

CONCLUSION
This is a very useful piece of test 

equipment. It measures the true 
RMS value of an audio signal both 
in volts and dBs with very good ac-
curacy. It is also portable and very re-
liable. If you don’t have such equip-
ment in your lab, this is a good op-
portunity to build one.          aX

TABLE 3: Square-wave accuracy measurements.

All resistors ¼W
Part	 Value
C1, C8................... 100n
C2.......................... 100p
C3.......................... 100µ, 16V, electrolytic
C4.......................... 2.2µ, MKT
C5-C6.................... 6.8µ, 16V, electrolytic
C7.......................... 10n
C9.......................... 470n
C10........................ 220n
C11........................ 22n
D1.......................... AD589JH
D2-D5.................... 1N4148
DIS1...................... 3½ digit LCD with ½″ character height
	   (see text)
IC1......................... ICL 7106CPL
IC2......................... AD636JH
J1.......................... Jumper 25mm
J2, J8, J14........... Jumper 20mm
J3, J7................... Jumper 30mm
J4, J6................... Jumper 15mm
J5.......................... Jumper  5mm
J9, J13.................. Jumper 10mm
Q1.......................... BC547C
R1, R12, R20........ 100k
R2.......................... 430k
R3, R4.................. 180k
R5, R14................  10k
R6.......................... 4.7M
R7.......................... 470k
R8.......................... 4.3M
R9, R10................ 1M
R11, R16............... 20k
R13........................ 2.4k
R15........................ 1k
R17........................ Trimmer 500Ω, multi-turn
R18........................ Trimmer 100k, multi-turn
R19........................ Trimmer 10k, multi-turn
R22....................... 47k 
R23........................ 47k/1W
S1.......................... Rotary switch 
	   1 pole × 12 positions
S2.......................... Rotary switch 
	   4 poles × 3 positions 
	   2 × 20 pin IC socket for the LCD
	   2 × 20 pin IC socket for the 	
	   ICL7106 9V battery with clip

Parts list for the True RMS Voltmeter
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T
his article shows how you can 
use network analysis programs 
to optimize feedback loop gain 
and associated compensation 

networks to achieve good damping and 
stability margins without peaking, when 
feedback is applied on an amplifier. The 
amplifier used to illustrate this is the 
Mullard 20W tube amp1. The circuit 
diagram used to set up the amplifier 
model is shown in Fig. 1. 

Amplifier Model
The amplifier model has been set up 
using the ESACAP network analy-
sis program2. You can use other net-
work analysis programs, but a copy of 
the model as developed in ESACAP 
is available at www.audioXpress.com. 
The ESACAP model includes the fol-
lowing:

section $$DES—amplifier descrip-
tion

sub-section $FUN: limit (x, min, 
max);—defines the limit function

sub-section $FUN: pwrs(x,y)—de-
fines the power function

sub-section $CON:—provides input 
signal parameters, tube parameters, core 
geometry, OPT magnetic parameters, 
and topology

sub-section $NET:—describes the 
complete amplifier network.

Demystifying feedback loop gain and compensation networks optimization.

Setting Feedback  
On the Mullard 20

t ubes By Pierre Touzelet

FIGURE 1: Circuit diagram of 20W amplifier.
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Nyquist Diagram
The feedback loop transfer function is 
graphically represented in the Nyquist 
plane (Fig. 2) with the following addi-
tions: 

The critical point A (-1, 0)
The circle R=1, centered on point A, 

which defines the area of positive feed-
back

The circle Q=2.3dB, having limit 
points A and O, which defines the mini-
mum stability margins

The vertical line x=-0.5, which defines 
the peaking conditions

Feedback Loop Transfer 
Function Optimization 
To be acceptable, the feedback loop 
transfer function must be warped in such 
a way that it stays: 

—Outside the circle Q=2.3dB, to 
achieve good stability and damping 

—On the right-hand side of the verti-
cal line x=-0.5, to avoid peaking at both 
ends of the frequency bandwidth. 

These conditions define the strategy 
for the optimization of the feedback loop 
transfer function. It is generally achieved 
using an optimum feedback loop gain 
and additional compensation networks. 

Gain Optimization
The feedback voltage is defined using 
a voltage divider across the output load 

 (Fig. 3). Its transfer function (as-
suming that ) is

	
where: 

	 resistance set to  in the 
Mullard 20W amplifier

	 	resistance to be determined to 
define the feedback loop gain

With the value of Rt set to 9k, the 
Routh’s criterion for the Nyquist dia-
gram of the feedback loop (Fig. 4) is 
not fulfilled. As a result, the amplifier is 
unstable. However, this choice is main-
tained because it provides an important 
feedback loop gain, and I will show that 
the present amplifier instability can be 
overcome properly using dedicated com-
pensation networks. 

Differential Compensation
The first compensation network is ob-
tained using a bypass capacitor across 
the resistor  of the voltage divider 
(Fig. 5). The transfer function of the 
compensation network is: 

	

FIGURE 3: Voltage divider.

FIGURE 2: Nyquist diagram.

ACCUTON

MADISOUND SPEAKER COMPONENTS, INC.
8608 UNIVERSITY GREEN

P.O. BOX 44283
MADISON, WI 53744-4283 U.S.A.

TEL: 608-831-3433  FAX: 608-831-3771
e-mail: info@madisound.com

Web Page: http:/www.madisound.com

Madisound is pleased to offer
diamond and ceramic dome drivers
by Thiel GmbH of Germany.  The
Accuton inverted dome tweeters,
midranges and
woofers have a
high reputation for 
accurate impulse
response and
clarity without coloration.  The
stiffness to weight ratio of these
membranes is unsurpassed.  And the

balanced
concave shape
yields wide
and uniform
energy
distribution. 

Drivers with an "N" have powerful
neodymium magnets for increased
efficiency.

Madisound can assist you in
choosing the appropriate product for
your speaker and provide crossover
design using the Leap software.

Diamond Domes
Unit Ø dB Price Ea.

D20N-6-31 3/4” 89.5 $2,900
D30N-6-31 1.2" 90 $5,000

Ceramic Dome Tweeters
C25-6-12 1” 89.5 $226

C25N-6-13 1" 92 $297
C30-6-23 1.2” 89.5 $262

C30N-6-24 1.2" 92 $345
Ceramic Dome Midranges

C50-8-44 2” 88.5 $276
C90-6-79 3” 88.5 $339

C90-T6-89 5" 89.2 $368
Ceramic Dome Woofers

C153-T8-82 5" 87 $275
C173N-T6-90 6.5” 93.2 $614
C173-T6-95 6.5” 89.1 $368

C173N-T6-96 6.5” 93.3 $563
C220-T6-220 8” 89.6 $564

C220N-T6-220 8" 93.2 $839

All speakers 
have protective
grills.
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with: 
	 and 

You can recognize3 the transfer func-

tion of a differential or phase lead com-
pensation giving the maximum phase 
lead

    for the angular 
frequency

   . Applying these results

to the Mullard 20W tube amplifier, and 
using the value defined for  in section 
5.1, you get 

	 	

 must be adjusted to have 
, where is the angular fre-

quency resonance of the feedback loop 
after the phase lead compensation effect. 
A value of fulfills this re-
quirement as it is shown on the Nyquist 
diagram of the compensated feedback 
loop given in Fig. 5.

The main effect of the phase lead 

FIGURE 7: Feedback loop gain with a phase lead comparison.

FIGURE 4: Feedback loop Nyquist diagram with a voltage divider.

FIGURE 5: Phase lead compensation 
network.

FIGURE 6: Feedback loop Nyquist diagram with a phase lead compensation.
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compensation on the feedback loop 
transfer function is that you achieve 
stability for the amplifier. However, if 
the amplifier is now stable, the damp-
ing is not sufficient because a part of 
the feedback loop transfer function 
is entering into the circle Q=2.3dB. 
And if no peaking appears at the low 
end of the frequency bandwidth—be-
cause the transfer function stays on 
the right-hand side of the vertical line 
x=-0.5—it is unacceptable at the high 
end of the frequency bandwidth, be-
cause a part of the transfer function 
is on the left-hand side of the vertical 
line x=-0.54,5. This situation is better 
shown on the diagrams in Figs. 7 and 
8 giving the feedback loop gain and 
phase shift versus the frequency and 
in Figs. 9 and 10 giving the closed 
loop gain and phase shift versus the 
frequency.

As a result, to achieve a better optimi-
zation of the feedback loop, it is neces-
sary to improve the present situation 
by using an additional compensation 
network. 

Integral Compensation
A second compensation network is ob-
tained using a high-frequency step cir-
cuit across the loading plate resistance of 
the input stage of the amplifier, as shown 
in Fig. 11. 

where: 
	 is the internal resistance of the 

input tube, and
	is loading plate resistance 

The transfer function of this compensa-
tion network is: 

	

with: 
			

You can recognize3 the transfer function 
of a gain reduction or integral compen-
sation. To match this compensation net-
work, it is necessary to have

 

FIGURE 9: Closed loop gain with a phase lead compensation.

FIGURE 8: Feedback loop phase shift with a phase lead compensation.
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For the Mullard 20W tube amplifier, 
you have:  

 and must be adjusted so that

, 

where is the angular frequency reso-

nance of the feedback loop after the 
integral compensation effect.  Values 
of  and  fulfill 
this requirement, as it is shown on the 
Nyquist diagram of the compensated 
feedback loop given in Fig. 12.

In conjunction with the differen-
tial compensation, the additional ef-
fect of the integral compensation on 
the feedback loop transfer function is 
that it allows achieving the required 
damping and stability margins with 
practically no peaking4,5. The trans-
fer function has been warped enough 
to avoid entering into the circle 
Q=2.3dB and the left-hand side of 
the vertical line x=-0.5. This situation 
is again better shown in Figs. 13 and 
14 giving the feedback loop gain and 
phase shift versus the frequency and 
in Figs. 15 and 16 giving the closed 
loop gain and phase shift versus the 
frequency. 

commeNts
With the defined feedback loop gain 
and associated compensation networks, 
the objective was to warp the feed-
back loop transfer function so that it 
stays outside the circle Q=2.3dB and 
on the right-hand side of the vertical 
line x=-0.5. This has been achieved. 
As a result, a feedback loop gain of at 
least 20dB from 30Hz to 6kHz and 
15dB from 15Hz to 15kHz is avail-
able. These results are interesting if you 
consider that the amplifier shows no 
peaking at both ends of the frequency 
bandwidth, with excellent damping and 
stability margins. 

FIGURE 12: Nyquist diagram with a phase lead compensation 
and an integral control.

FIGURE 10: Closed loop phase shift with a phase lead 
compensation.

FIGURE 11: Integral compensation 
network.
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CONCLUSION
Applying a certain amount of feedback 
on an amplifier is a difficult exercise ac-
cording to the predefined optimization 
requirements. From that point of view, 
it is clear that using a network analysis 
program is helpful, as I have shown, be-
cause it allows you to define simply and 
surely feedback loop gain and associated 
compensation networks.                       aX
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FIGURE 14: Feedback loop phase shift with a phase lead 
compensation and an integral control.

FIGURE 15: Closed loop gain with a phase lead compensation 
and an integral control.
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pensation and an integral control.

FIGURE 13: Feedback loop gain with a phase lead compensa-
tion and an integral control.

touzelet3029.indd   23 5/28/2009   2:27:05 PM



24    audioXpress  7/09				    www.audioXpress .com

DIGIstrobo
HIFI4Music is a small audio company 
based in Italy whose products are dis-
tributed in the US by Ultra Systems. 
DIGIStrobo is a hand-held device with 
a digital readout for measuring turntable 
speed (Photo 1). The DIGIStrobo mea-
sures turntable speed by reading the re-
flection off a piece of reflective tape once 
per revolution. The device is supplied 
with a 3½″ disc with one piece of tape 
attached. You can also attach a short 
length of the tape to your own turntable 
platter—a 6″ piece that you can cut to 
the desired length is also supplied.

To operate the DIGIStrobo, sim-
ply press the side button and point the 
red light beam at the revolving reflec-
tive tape. After reading multiple rota-
tions, the memory switch on the side 
of the device will toggle the last speed 
measured, followed by the maximum 
and minimum speeds. The manufac-
turer claims that “This should give you 

a sense of the wow and flutter you are 
experiencing.” 

I beg to disagree! Measuring wow 
and flutter is a far more complex pro-
cess than measuring once-around varia-
tions in speed, as any turntable designer 
will tell you. The DIGIStrobo will give 
you an idea of once-around changes in 
speed over time, but it will not mea-
sure wow and flutter. Wow and flutter 
measurements require sophisticated test 
equipment costing far more than the  
DIGIStrobo.

In theory, digital readout would seem 
to be the best way to measure turntable 
speed. Unfortunately, the DIGIStrobo’s 
resolution is only 0.1-rpm, which pre-
vents it from accurately measuring two 
of the most common turntable speeds: 
33.33 and 78.26-rpm. When I try to 
measure 33.33, the DIGIStrobo has a 
habit of wandering back and forth be-
tween 33.3 and 33.4. You also must hold 
the device absolutely still in order to 
obtain the most accurate readout. If you 
aren’t steady, you’ll have difficulty ob-
taining repeatable measurements. I dis-
agree with the manufacturer’s claim that 
“HIFI4Music’s DIGIStrobo measures 
the actual speed of the platter at any 
moment in all its decimal variations.”

I also find that a digital readout that 
makes only one measurement per revo-
lution renders adjustment of turntable 
speed difficult and time consuming. 
That, combined with the fact that you 
never know exactly where you are be-
tween 33.3 and 33.4, or 78.2 and 78.3, 
means that you can never be sure of 
the exact speed of your turntable. The 
manual notes that “a variation of around 
0.1%-0.5% is acceptable therefore a 
measurement fluctuating from 33.1 and 
33.5 rpm (for example) would not in-
dicate any problem” (sic). The manual is 

describing these variations as “wow and 
flutter,” but whether they really mean 
wow and flutter or steady-state errors, I 
again disagree. 

A turntable operating at steady-state 
speed of 33.5-rpm is actually running 
0.6% high. Ask any musically astute col-
lector whether an error of 0.6% is of no 
consequence! A 78.26-rpm record being 
played 0.6% high is actually being played 
at nearly 79-rpm, which most pitch-sen-
sitive collectors will find unacceptable. A 
once-around wow of 0.6% could make 
for less than pleasant listening. 

KAB SpeedStrobe
KAB is a familiar company to audioXpress 
readers—I reviewed their excellent EQS 
MK12 Disc Remastering Preamplifier 
in the October 2002 issue. The EQS 
MK12 contains many interesting and 
unique design concepts, all the work of 
company owner and designer Kevin Bar-
rett. The KAB SpeedStrobe is another 
unique product (Photo 2). Superficially, 
it looks like another strobe disc and AC 

MEASURING 
TURNTABLES

Product Review 

By Gary Galo, Regular Contributor

PHOTO 1: HIFI4Music’s DIGIStrobo, 
distributed in the US by Ultra Systems. 
The device measures turntable speed 
by reading the reflection off a piece 
of reflective tape once per revolution. 
Unfortunately, the readout has only 0.1-
rpm resolution, making precise read-
ing of common speeds like 33.33 and 
78.26-rpm impossible. 

PHOTO 2: KAB’s Speed Strobe takes 
old-fashioned strobe technology a step 
further by digitally generating a precise 
60Hz light source independent of your 
power line frequency. The SpeedStrobe 
makes turntable adjustment extremely 
easy and accurate, and 78 collectors 
will find the 12 common “78-rpm” 
speeds extremely useful. 

KAB Speed Strobe 
Turntable Speed Tester
KAB Electroacoustics 
PO Box 2922 
Plainfield, NJ 07062  
908-754-1479 (Voice) 
908-222-3442 (Fax)
www.kabusa.com
info@kabusa.com
List price: $99.95

HIFI4Music DIGIStrobo
Ultra Systems
127 Union Square 
New Hope, PA 18938
800-724-3305 or  
215-862-6570 (Voice)
215-862-4871 (Fax)
www.ultrasystem.com
ultra@ultrasystem.com
List price: $159.95
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light source. But, Barrett has taken the 
concept a step beyond the typical turn-
table strobe.

The SpeedStrobe comes with a 10″ 
PVC disc with circular markings for 
three standard turntable speeds—16.66, 
33.33, and 45-rpm—plus a dozen for 
the most common “78-rpm” speeds. 
Most so-called “78s” were made at some 
speed in the ballpark of 78-rpm, and 
many discs made near the turn of the 
last century weren’t even close to the 
“nominal” speed. The twelve speeds cho-
sen by KAB are 70.59, 72.00, 73.47, 
75.00, 76.59, 78.26, 80.00, 81.82, 83.72, 
85.71, 87.80, and 90.00-rpm. 76.60 and 
75.00-rpm are the most common speeds 
for Victor acoustically recorded discs; 
Edison Diamond Discs were recorded at 
80.00, as were many Columbia acoustics 
(Edison was much more conscientious 
about regulating recording speeds than 
Columbia). 

Instead of the unlabeled circumfer-
ential markers found on most strobes, 
KAB prints the actual speeds (rounded 
off to whole numbers) on the strobe, in 
concentric circular rings, which makes 
identification of the speed you’re looking 

for extremely easy. The only unmarked 
lines on the disc are for 16.66-rpm, but 
because they occupy the outer ring, they 
are easy to separate from the rest.

If KAB wanted to sell just another 
strobe, they could have stopped right 
there and let the user view the disc under 
any 60Hz AC light source. What makes 
the SpeedStrobe unique is its hand-
held light source, a digitally generated, 
quartz-locked 60Hz oscillator accurate 
to 99.99% driving a bright red LED, 
powered by a standard 9V battery. The 
quartz-locked light source isn’t affected 
by variations in power line frequency, 
and will work anywhere, regardless of 
the turntable power source. There’s no 
need for separate 50Hz and 60Hz ver-
sions—the SpeedStrobe is a truly uni-
versal device.

As KAB points out, “Many Hi End 
turntables today still use hysteresis syn-
chronous motors which rely on the line 
frequency to achieve accurate rotation. 
Using a conventional strobe to mea-
sure these turntables reveals a flaw: If 
the line frequency is low, the turntable 
will run slow, but so will the fluorescent 
light used to illuminate the strobe disc. 

Result: the strobe may show the correct 
speed, even though it is wrong!” KAB is 
absolutely correct about this.

Operating the SpeedStrobe couldn’t 
be easier. Simply put the disc on the 
platter, power up your turntable, depress 
the red button on the hand-held light 
source, and point it toward the band that 
matches the desired speed. The large 
numbers on the disc and the bright LED 
make the SpeedStrobe extremely easy to 
read. In seconds you’ll know whether 
your turntable is running too fast (num-
bers moving slowly clockwise), too slow 
(numbers moving slowly counterclock-
wise), or dead on (numbers remaining 
stationary). You can tell how accurate 
your turntable speed is by timing the 
drift of the strobe display. If 10 digits 
pass a given point in 1 minute, the accu-
racy is 0.3%; 1 digit per minute is 0.03%. 
KAB correctly avoids calling this a “wow 
and flutter” measurement (in e-mail cor-
respondence I had with Kevin Barrett, it 
was obvious that he has a well-grounded 
understanding of wow and flutter). 

Which Is Better?
The digital readout on the DIGIStrobo 
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may be useful if you wish to know the exact speed of your 
turntable. Unfortunately, many nominal speeds require accura-
cy to 0.01-rpm, but the resolution of the DIGIStrobo is only 
0.1-rpm. A serious 78-rpm collector must be able to measure 
speeds such as 78.26 and 76.59-rpm, which the DIGIStrobo 
can’t do, and every LP collector needs to measure 33.33. In 
order to get a stable reading, you must hold the DIGIStrobo 
absolutely still. The SpeedStrobe isn’t affected by movement 
of the light source.

I find it difficult to adjust turntable speed using the DI-
GIStrobo—the once-around measurement is too infrequent 
to allow quick adjustment of turntable speed, and the 0.1-rpm 
resolution is not sufficiently accurate. With the SpeedStrobe’s 
continuous and easy-to-read display, you can adjust your turn-
table’s speed very accurately in a matter of seconds. The DI-
GIStrobo won’t measure wow and flutter, regardless of what 
the manufacturer tells you.

A digital readout of turntable speed may seem like the best 
approach. But sometimes the “old-fashioned way” still has its 
place. KAB has taken the “old-fashioned method” and laid it 
on a new ground by providing SpeedStrobe with an accurate, 
stable light source unaffected by changes in power line fre-
quency. The KAB SpeedStrobe is my first choice—every col-
lector of disc records should own one. 

MANUFActUrer’s respoNse:
I’d like to thank Gary Galo and aX for reviewing the KAB 
SpeedStrobe turntable speed measuring product. All the main 
points were covered nicely. I would only add that one test that 
is easy to do and meaningful, if you have adjustable speed, is 
dialing in the effect of static stylus drag.

If the drive system lacks servo feedback, then any added 
drag will slow the table down. Some tables lose nearly 2% 
of free spinning speed the moment the needle touches the 
groove, only to recover full speed at the end of the record. So 
it behooves these owners to average the speed at the center 
of the disc. This can be done by placing a 45 rpm 7″ disc on 
top of the KAB SpeedStrobe disc. Start the table and cue the 
needle into the start of the record.

Now set your speed. This will average the speed in the cen-
ter so it will not be too slow at the beginning nor too fast at 
the end. 

One correction in the text about the supplied strobe lamp. 
Strobe discs that rely on a fluorescent lamp are designed for 
120Hz. That is because a gas lamp actually flashes on each 
half cycle. The KAB SpeedStrobe disc will not work under a 
fluorescent. I chose 60Hz illumination because it allowed for 
only half as many marks around the disc, and that freed up the 
space to use speed numbers instead of tick marks. Because of 
this we had to develop the dedicated illuminator.

The KAB SpeedStrobe is not new. It was introduced in 
1994 and is very well known by audiophiles worldwide.

Kevin Barrett
President

KAB Electro-Acoustics

aX

Multi Media Manufacturer
PO Box 876, Peterborough, NH 03458-0876 USA
Phone: 603-924-9464  Fax: 603-924-9467 
info@multimediamanufacturer.com
www.multimediamanufacturer.com

Free to qualified industry 
personnel worldwide!

To subscribe, go to 
www.multimediamanufacturer.com 
and click on Subscribe. Your qualified  
subscription begins with the next issue.

Or call 
1-888-924-9465 
to find out more about the new digital magazine.

NOW AVAILABLE IN A  
DIGITAL EDITION
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OPTICAL DISK RECORDERS
Optical disk recorders can have short 
lives regardless of brand or type (CD or 
DVD). A warning sign is the player’s 
choking on a blank disk, and it’s close to 
the end when recordings abruptly stop, 
accompanied by the dreaded bad-disk 
message on the front panel. Purchase 
these units with extended warranties; 
out-of-warranty repairs are expensive be-
cause they basically replace the guts of 
the unit. 

Much has been made about the qual-
ity of third-party warranties (manufactur-
ers do not sell extended warranties), and 
you may achieve better satisfaction if you 
purchase the unit in a store. Often, you 
can order units online with the extended 
warranty from a brick-and-mortar store. 
This gives you the flexibility to return the 
unit to the store for repairs (assuming the 
recession has not downsized store loca-
tions or the store disappears completely). 
Amazon offered extended warranties, but 
stopped the practice after a few months. 
Most other online-only sites, including 
those that sell the semi-professional prod-
ucts, do not offer extended warranties.

Because units can often recover from 
their own mistakes, bad recordings may 
not be readily apparent unless you try 
the disk in a second machine. It is best 
to get into the habit of finalizing the disk 
and then playing it on another machine. 
Check all tracks. The higher-numbered 
tracks have the highest fault frequency. 
If you do not diligently follow this rou-
tine, black vinyl thought to be success-
fully archived on another medium may 
be thrown out when, in reality, it has not 
been copied.

Some recorders are more prone to disk 
errors than others, but I have found no 
player that is completely reliable. Semi-
professional equipment is not immune 
to these problems. Make sure you have a 
money-back guarantee on your units, and 
avoid stores that do not offer this option. 
We all know to scan for return-policy 
differences across stores, but exchange 
policies can also vary. For some policies, 
the window of opportunity may be no 

longer than seven days, which may be 
insufficient for identifying premature op-
tical drive failure.

Some machine brands are unreliable 
and, in the case of a DVD-R, often make 
recordings that will not play on other 
machines or will play only part of the 
DVD-R. The title list format is often the 
bottleneck.

Sometimes, it is best to avoid exchang-
es of a unit that appears problematic out 
of the box, and simply buy a unit from 
another manufacturer. Price does not cor-
relate with reliability or the ability to play 
a recording on another machine. Internet 
reviews and blogs may give you clues 
about reliability, but there are few that 
have touched on the issue of transport-
ability of disks.

The quality control of the CD–R re-
cordable media is very important. If the 
media is defective, a bad disk error can 
occur in the middle of a recording. Once 
the error occurs, the machine stops. This 
means you are out of luck unless a back-
up machine is running as well. Semi-
professional recorders accept standard 
CD-R disks, but I have found CD-Rs 
can have non-trivial 5%+ defect rates. 
Maxell CD-R music disks almost never 
generate a bad disk error (less than 1%) 
in my experience.

You should check any optical media 
before you use it. Look for small holes 
or other defects on the surface. Check 
to make sure the disk is clean with no 
fingerprints or scratches, which happen 
most often with a disk that you did not 
fill up when you did the first recording, 
placed the CD-R aside, and then used it 
sometime later to make an additional re-
cording. It is important to remember that 
disk cleanliness is much more important 
during the record process than when a 
finalized disk is being played back. For 
DVD-R disks, I have not been able to 
determine a brand that differentiates it-
self with regard to minimizing bad disk 
errors from occurring. 

David Rich
darichpublic@mindspring.com

HELP
I want to build very tall line source rib-
bon loudspeakers. Despite reading Rib-
bon Loudspeakers by Justus V. Verhagen 
and other Speaker Builder articles on 
ribbon loudspeakers, I am at a loss as to 
how to properly orient the magnets (in 
the case of bar magnets). I really need 
descriptive drawings that are specific to 
orientation.

Just how are bar magnets oriented 
in relation to the gap the single strip 
of aluminum foil sits in? How are they 
stacked on top of one another in rela-
tion to the magnet below and above? 
How about in relation to the opposing 
stack of magnets?

I would love to hear back from ex-
perienced ribbon loudspeaker builders. 
Note: I am not referring to the pseudo-
ribbon, planar types, but the straight-
forward single strip of aluminum foil 

XPRESSMail
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running between two stacks of bar 
magnets.

Angel Rivera
speakerman@excite.com

JUNE ISSUE IS A HOME RUN!
I never write to say how much I enjoy 
an issue of anything, but the June issue 
was outstanding. I received it yesterday 
at my post office box. I came home, 
and after dinner I read it cover to cover. 
The only thing I didn’t read was the di-
pole microphone article. Not because it 
wasn’t good, but I’m just not interested 
in that subject.

Twice a year, I send out a music com-
pilation to my friends. Every now and 
then, I get a bunch of e-mails back say-
ing, “Thanks. This was the best one yet.” 
I’m sure they enjoyed that particular 
disc and are just being nice, but there’s 
a little voice in my head that says, does 
that mean all the rest of them were sh*t 
and they were just not saying anything?

So, I don’t want to insult you by this. 
All of the issues are good, and I usually 

find the majority of the articles to be 
interesting. That’s a great achievement 
when you’re trying to appeal to three 
diverse groups at the same time. But 
somehow, this issue just really hit it. All 
of the articles were interesting to me: 
solid state, glass, and speaker building.

Also, the reason I’ve never sent you a 
music compilation is that I don’t send 
them to audiophiles because they gener-
ally tend to not enjoy hard rock, which 
these compilations are mostly composed 
of, despite the fact that I’m way in my 
50s! My tastes run from rock and roll 
to classical. The only audiophile who 
I send one to is Noel Keywood from 
Hi-World in the UK. As a 20-some-
thing person, he actually followed the 
Sex Pistols around in a van with his 
friends. Hard to believe, until you see 
what music he uses today to test and 
review equipment.

To conclude this long-winded epistle, 
thanks for a great June issue. Keep up 
the good work and don’t get insulted!

Clayton Mitchum
aX

Any hi-f i enthusiasts who, like 
me, spend too much time on a 
certain popular Internet auction 

site can hardly have failed to notice 
the enormous inf lux of very cheap 
Chinese valve amplif iers in the last 
couple of years. Many of them boast 
suspiciously remarkable performance 
at mouth-watering prices. Against my 
better judgment this was enough to 
pique my curiosity, so I decided to buy 
the cheapest one I could find and see 
whether it would live up to my (under-
standably low) expectations. I found a 
tiny little “Mengyue Mini” push-pull 
EL84 stereo for £100 including ship-

Rebuilding a Cheap 
Chinese EL84 Amp

By Merlin Blencowe

A cheap and cheerful valve amp gets a 
lobotomy.

Specially formulated for polycarbonate, the new Esoteric 3D-X is designed 
to dramatically enhance surface transmittance and refractive characteris-
tics of CDs and DVDs. It also protects discs from common contaminants 
such as oils from your hands and accidental contact with water.

When a disc is treated with Esoteric 3D-X, an optical coating is created 
that acts similarly to the lens coating of a fine camera. The optical signal-
to-noise ratio is improved, and there is less jitter in the original datastream 
off the disc causing less frequent activation of your player’s error-cancella-
tion circuitry.

Although not designed to restore damaged discs, it will clean mild filth 
and most previously applied coatings from CDs, DVDs, and most SACDs. 

Available in a  2 oz. Mini Kit for the home user, the Estoteric 3D-X is also 
available in a 4 oz. standard kit featuring a handy metal carry case. Both 
kits include disc enhancer cream, non-latex applicator sponges, lint-free 
optical quality polishing pads, and a plastic box to hold applicator sponge 
when not in use. 
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ping (around $200 US).
About eight weeks later it arrived, 

astoundingly undamaged, and the 
box read “Aria Mini”—they seem to 
re-brand these little amps every few 
weeks. The power valves supplied were 
actually 6P14s, which are Russian 
EL84 equivalents. The outward fin-
ish was very good—much nicer than 
I was expecting, and I decided to go 
right ahead and plug it in; the taste-
less blue LED uplights came on and 
it actually played music as promised! 
To its credit it actually sounded quite 
pleasant—worth the money at least—
and managed to drive a pair of Leema 
Xero bookshelf speakers to a satisfac-
tory volume. I also made power, dis-
tortion, and noise tests.

Furthermore, after about five hours 
of continuous playing the transformer 
cover became very hot, and remov-
ing it revealed the power transformer 
sweating beneath—clearly being over-
run. On further investigation I found 
the EL84s were biased to a scorching 
15W each (3W above their rated max-
imum), the chassis had no safety earth 
and one of the screen-grid resistors 
also caught fire after being shorted 
by some glue near the PCB. Clearly it 
needed some internal reworking, by 
which I mean a complete overhaul!

REDESIGNING THE CIRCUIT
I decided to keep the same valve com-
plement of EL84s and 6N3Ps (similar 
to a 2C51 or 5670), and to reuse some 
of the PSU smoothing capacitors (I 
could find no replacements that were 
so small) but to redesign the circuit. 
Tracing the PCB indicated that the 
original circuit consisted of an input 
triode feeding one power valve and 
also a potential divider. The divider 
then fed a second, identical triode, 
which inverted the signal and fed 
this to the other power valve. Global 
negative feedback was applied to the 
cathode of the input triode from the 
speaker terminal, though the gain of 
the amp rose slightly with frequency, 
implying poor HF stability.

to continue reading
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Yard Sale
Wanted

I need nine more KLH 911B two-way 
speakers for a project. Brand new on sale 
they cost $10 each at Best Buy a few 
years back. Please contact me if you come 
across any of these. 
Angel Rivera angelluisrivera@excite.com

“Yard Sale” is published in each issue of 
aX. For guidelines on how subscribers 
can publish their free ad, see our 
website.
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