






The speed of sound is approximately 1,130' per 
second in air, depending on the actual air tem-
perature. Therefore, if you have a 1,130 Hz tone 
it will complete one full cycle in one 1'.

Now suppose that you have a tone generator feeding a 
speaker, with two microphones as shown below (image A). 
Distance affects the phase. If the mics were both the same 
distance from the speaker, they would be in phase and would 
add together. The resulting tone would be twice the level 
(6dB) of either tone (image B). Similarly, if the second mic 
was 1' further away from the speaker, the two sources would 
still be in phase and would again add together. If the second 
mic was only 6" further away from the speaker than the first 
mic, the two sources would now be out of phase. This would 
cause the tones to cancel (image C). For the next section 
return to the previous setting, mic #2 is 1' further away from 
the source than mic #1. 

Frequency also affects the phase. At 565 Hz  (1,130 hz/2) 
the tone will now complete a full cycle in 2'. As seen in the 
following example, the two tones now arrive out of phase 
and thus cancel (image D). At 1,695 Hz  (1,130 Hz x 1.5) 
the two tones also arrive out of phase and cancel. However 
at 2,260 Hz (1,130 Hz x 2) the two tones arrive in phase and 
thus add. This effect, known as comb filtering, can be shown 
to repeat all the way up the frequency band.

The following graph shows the resultant gain verses 
frequency (image E). Note that when the two signals are 
equal, if they are exactly in phase they add 6dB, but if they 
are exactly out of phase, they totally cancel. In an actual 
situation, the effects would probably not be as pronounced, 
since the levels from the two mics would seldom be exactly 
equal. One good example of this situation is when two mics 
are (mistakenly) placed on each side of a lectern, with the 
idea that they will pick up the audio regardless of which way 
the speaker turns. This will result in poor sound quality. As 
the speaker turns his head, one mic can be closer than the 
other, thus introducing the comb filtering. Comb filtering 
will produce a hollow, diffuse, and thin sound. 

Pick up the February issue of PS for Audio Phasing: 
Part II.

Al Whale is a Broadcast Technologist and Assistant Chief Engineer at 
CHBC-TV. He has also set up and operated sound systems and taught 

sound in many church settings. Reach him at awhale@chbc.com.

Audio Phasing: Part I

by Al Whale
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For the best snare drum sound, using a properly tuned and professional drumkit is 
paramount. Whether the band is Death Metal From Saskatoon or The Polka Pals 
‘n’ Gals, the drums will be the backbone of the recording.

Start with a dynamic mic, as it can handle the high transient levels of the snare drum and 
a solid, stable mic stand. Position the mic off-axis with the rest of the drums to minimize 
leakage. Aim the mic directly at the point of impact – where the tip of the stick makes 
contact with the drum. Look down the barrel and line up the placement.

Of course, place the mic where the player can’t accidentally whack it. Expecting a 
drummer not to hit a poorly placed mic is like asking a record producer not to order sushi; 
sooner or later, it’s going to happen. It’s your fault if the drummer hits the mic with the 
drumstick, not his.

For more crack, maybe place a second mic with a different quality, such as a crisper 
high end, alongside the first. Keep these two mic capsules as close together as possible 
because two mics on any one source can create phasing issues. Perhaps add a third (switched 
out-of-phase) mic underneath the drum aimed up at the snares. Get the best sound using 
mic choice, placement, and level before reaching for the equalizer.

If possible, record the individual snare drum tracks on your digital recorder, and analyze 
the sound waves. Work on moving the mics around so, when recorded, all the drums are 
in total phase. Good luck!

Tim Crich is a recording engineer/writer living in Vancouver. His credits include The Rolling Stones, John 
Lennon, Billy Joel, Bon Jovi, KISS, and lots more. Watch for Tim Crich’s Assistant Engineers Handbook 2nd

Edition coming soon. Reach him at tcrich@intergate.ca, www.aehandbook.com.

As the great bulk of television produc-
tion begins to make the transition to 
HDTV, and casts a wary eye on the 

notion of 5.1 surround sound – we’re faced 
with a quality versus quantity dilemma.

On one hand, virtually all of the cameras 
that we’re likely to employ in the acquisi-
tion of HD pictures feature excellent digital 
PCM audio recording. That’s a “check” in 
the quality column. On the other hand, 
even the most expensive HD field cameras 
have a disturbing number of audio connec-
tors on the back … two! Even on cameras 
that utilize videotape formats that natively 
feature four (and more) audio channels, the 
default configuration of the camera usually 
features only two inputs! That leaves us with 
a significant quantity problem.

All other things being equal, I can read-
ily suggest several microphone techniques, 
or microphone systems which will do a 
great job of capturing multi-channel sound. 
Even after accounting for the requirement 
that these systems be rugged, simple to use, 
and field-portable – there’s still a number 
of options to choose from. Alas, in the 
world of factual TV production – all is not 
equal. While the last few years have seen 
an increasing number of multi-track loca-

tion recorders appear on the market, their 
use assumes as a prerequisite that double-
system recording is easily accommodated 
by the production. Unfortunately, most 
television production (that isn’t dramatic 
in nature) still relies on a single-system 
workflow (where the camera is the only 
recording device on location, responsible 
for recording both picture and sound) and 
therein lays the challenge. Until producers 
are adequately convinced of the merit of 
authentic surround production, most will 
be unwilling to undertake the cost and com-
plexity of changing the way they normally 
work. The alternative is for manufacturers 
to start making camera systems which have 
native multi-channel audio capabilities, 
which will allow us to honour the tradition 
of single-system production, while still 
satisfying our requirement for higher track 
counts from the field. 

Either way, the thing we need most is 
for the audio community to become much 
more vocal in lobbying for change in the 
world of TV. Those of us who love sound 
and understand the crucial role it can play 
are already convinced … we need to stop 
preaching to the choir, and start educating 
everyone around us.

Miking The Snare Drum

by Michael Nunan

by Tim Crich

Challenges In Recording 5.1

Michael F. Nunan is the Post Sound Supervisor at CTV Television Inc. Reach him at mnunan@ctv.ca.



Comb filtering, which produces a hollow, diffuse, and thin 
sound, will occur with one microphone receiving the 
same sound from two sources. A common example of 
this is shown below. If the microphone had been closer, 

the difference in the direct path and the reflected path would have 
been greater, thus the reflected path’s reduced level would have 
had less effect. Also the reflected source volume would have been 
less if the floor had been carpeted.

Methods of correction:
1. Keep the vocal audio mix low into the monitor.
2. Handhold or place the microphone closer to the singer.
While the monitor helps the singer, as the monitor’s gain is 

increased, the resulting vocal will be more muffled. Many profes-
sionals use in-ear monitors to eliminate this effect. Although not 
popular with the performers, using music only on the monitors (no 
vocal) will also minimize comb filtering. Often, the house audio suf-
fers when trying to improve the monitoring for the performers.

This article was prompted after I attended several performances 
in which the music was excellent, however the dialogue was dif-
ficult to understand. Most of the production crews knew the script 
so well that they were unaware of the problems. If you asked the 
audience, they would probably say that they thoroughly enjoyed 
the music. If you were more specific and asked them about the 
script, they probably would be unable to answer. The comb effect 
of excessive use of stage monitoring would mush the dialogue so 
that the audience (which doesn’t know the words) would be unable 
to understand them. If the performers are trying to tell a story, they 
basically miss the goal and only provide enjoyable music.

Ideas to reduce comb filtering:
Reduce the number of paths from the same audio source.
Fewer microphones.
Reduce the possibility of reflections.
Reduce the relative amplitude of the additional paths.
Increase the difference in path lengths, thus the secondary 

   path will have more attenuation.
Use absorbent material.
Use directional qualities of the microphones.

The following sites assisted in this article: Calculations of 
attenuation over distance www.mcsquared.com/dbframe.html; 
calculations of distances www.pagetutor.com/trigcalc/trig.html.

Rich’s Rights To Recording Electric Guitar
by Richard Chycki

Audio Phasing: Part II

I’ve been fortunate enough to record 
a number of legendary-status guitar 
players like Aerosmith’s Joe Perry and 
Rush’s Alex Lifeson. Watching them 

work is truly an inspiring and educational 
opportunity; artists like these have accrued 
a wealth of real-world experience in mani-
festing instantly recognizable guitar tones. 
Being the captor of these tones, I’ll share 
some tips about recording electric guitars.

Right tools for the job: This is a no-
brainer but is a common miss. Select gear 
and tone that works for the song and put 
your individuality into it. Want to get the 
right tone? Listen to it. Really. That means 
pointing the speaker right at your head, not 
blowing across your knees while you stand 
in front of a half-stack. Off-axis settings are 
brittle and don’t sit well in a mix. 

Right mics: While there are a myriad 
of possibilities for miking an amp, I’ve had 

great success with a few favourite mics. First 
is the venerable Shure SM57. I’ve tried the 
Shure Beta 57 and, while it sounds similar, 
the polar pattern is so tight that finding the 
sweet spot in front of the speaker can be 
quite a mission. Other mics I commonly use 
include the Sennheiser 421, the Sennheiser 
409, and the Earthworks SR30. Special 
mention goes to the Royer 121 ribbon 
mic. This workhorse mic sounds amazing 
for almost any electric guitar purpose from 
country to metal and the specially designed 
ribbon element won’t fry from the high SPL 
of close-miking an amp on 11.

Right place at the right time: Person-
ally, I prefer to record guitars in more of 
a dead environment, although I’ve been 
known to track in extremely live environ-
ments (Joe Perry’s tiled bathroom for one) 
for effect. In all situations I have the amp 
lifted well off the floor to avoid troublesome 
reflections, and I don’t use anything hollow 

that could resonate (like a roadcase).

Right phase: For multi-miking, it’s 
important that the phase relationship be-
tween the mics remain consistent. Liberal 
testing of phase using the console’s phase 
flip button is a necessity when blending 
mics. For mics placed at various distances 
from an amp, comb filtering can result from 
the phase shift due to the longer time the 
sound takes to reach the more distant mic. 
Fortunately, a small company in the Los 
Angeles, CA area called Little Labs has a 
device called an IBP (In-Between Phase). It 
can shift the phase to any degree from 0 to 
180 so it’s a simple task of dialing the mics 
into exact phase.
Happy recording!

Richard Chycki is currently recording a new CD for 
Rush and has worked with Aerosmith, Mick 

Jagger, Seal, Pink, and many others in the past. 
Reach him at info@mixland.ca.

by Al Whale

Al Whale is a Broadcast Technologist and Assistant Chief Engineer at CHBC-TV. 
He has also set up and operated sound systems and taught sound in many church settings. Reach him at awhale@chbc.com.

The reflected source is -3dB 
of the direct source.

The comb filter effect 
will be present.



SOUND ADVICE

Employing Sound Traps and Baffles is much 
like hunting. 
1. Know your hunting grounds: Before the 
hunt, know and understand your acousti-
cal environment. Once you bound a space 
with walls, a floor, and a ceiling, you’ve 

committed acoustics. The boundaries of 
your space define the low frequency modal 

response and set limitations for the ambient 
decay time. Wonderful programs and countless texts have been 
written that clearly describe the process for analyzing, predicting, 
and managing acoustical boundary conditions. 

Once you understand your environment you will better know 
how rogue sounds behave in the space; you can better identify 
where problems might lie and devise a trap to capture the prob-
lem.
2. Put the traps where the beavers are: Place traps to capture rogue 
sound much like you’d place traps for beavers. Placing beaver traps 
on the ceiling will do you little good, just like placing acoustical 
traps where the sound you want to capture doesn’t exist. Beavers 

pretty much live their lives along the floor plane. But rogue sounds 
live in the three dimensional world, so successful hunting can be 
achieved if the traps are placed in proximity to boundaries and 
intersections.
3. Be sure your passive trap is big enough to capture your game.
Lower frequencies require larger and deeper traps to control and 
manage long wavelength rogue sounds. 
4. Know how many you want to trap: Trapping one beaver vs. an 
entire colony will require different methods. The effective trap 
absorption efficiency is proportional to the area of coverage. 
5. Conceal the trap: A good looking studio always seems to sound 
a little better. Integrate your traps into the architecture and along 
with those rogue sounds you’ll catch new clients.

by Neil A. Muncy

GroundinG, ShieldinG, humS, BuzzeS, & ThinGS
ThaT Go zap! in Your Sound SYSTem

Tips
by Russ Berger

Bonus Tip #6: go to www.RBDG.com – Russ Berger is Owner of Russ Berger 
Design Group (RBDG), which is a design and consulting firm that combines 

expertise in acoustics, architecture, and interiors to create technical 
environments and buildings for recording studios, broadcast facilities, 

creative production spaces, and home.
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systems must have something to do with grounding, what else 
could it be?” The bad news is that the short answer to this question 
would fill up this entire issue many times over. The good news is 
that on the Professional Sound website, www.professional-sound.
com, a long list of reference material will be found. In addition, 
the June 1995 issue of the Journal of the Audio Engineering Soci-
ety, entitled “Shields and Grounds,” includes seven papers which 
directly address this matter. Go to www.aes.org, and look up “Spe-
cial Publications.” It’s available as freeware to anyone for $15 US, 
less if you’re an AES Member … it may also be downloadable. It 
won’t take you long to realize that the conventional mythologists 
just might be wrong!

Neil Muncy has been around since the days when recorded sound was analog mono and vacuum tubes ruled the audio landscape. He has been a consultant 
in the audio field for many years, and can be contacted by email at: nmuncy@allstream.net.theaters.

Schematic diagram of generic audio signal processing system 
showing interconections between equipment, building power, and 

ground. Copyright by Neil A. Muncy all rights reserved.
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Noise susceptibility (or the lack 
thereof) in audio systems is a 
function of two principal fac-
tors: shielding, and the “pin-1 

problem.” The endless conversations 
concerning this matter inevitably involve 
earth “grounding,” a subject which has been 
around for so long (200+ years) that it has 
devolved into a sea of confusion, misinfor-
mation, and mythology, even though it is completely dictated by 
easily understandable, basic physics.

Conventional grounding mythology would have one believe 
that electronic systems of all kinds must be robustly connected to 
earth ground in order to properly function – audio signal processing 
systems in particular. The grounding reality is that airplanes, mo-
tor vehicles, laptop computers, blasters, etc. seem to work just fine 
without connections to earth ground. Nevertheless, A/V systems 
of all kinds are considered exempt.

According to the conventional mythologists, “noise in audio 



s o u n d  a d v i c e

The basic building block in 
audio is the amplifier. When 
the word is mentioned most 
of us have the image of a 

power amp pop into our heads. They 
get all the press because they are the 
largest and most glamorous of the 
species, but what about the myriad of 
smaller and forgotten gain stages that 
occurred before the signal arrives at 
this last power stage? They are largely 
anonymous and taken for granted, 
but determine the quality of recorded 
sound.

Almost every knob on a piece of au-
dio equipment is controlling a specific 
amplifier stage. And the farther we get 
away from the basic understanding of 
this simple entity, the farther we get 
away from knowing how to maximize 
its sonic potential. 

The steady advancement of tech-
nology has served to obscure their very 
existence. Amplifiers have become so 
small and commonplace that they have 
virtually disappeared from human con-
sciousness. Just look at the iPod nano 

– that thing is loaded with amplifiers, all 
crammed onto a little chip and powered 
by another sliver of technology. 

The implementation of each gain 
stage, individually, and then as a com-
plete amplifier, determines the sound 
quality of a piece of audio equipment. 
This fact seems to have been largely 
lost in the mysteries of time. Most 
people don’t even realize the devices 
they use even contain an amplifier. It 
just works.

In recent years, there has been 
an onslaught of multi-function units, 
recording channels, and the like. With 
the recording business moving from 
a professional to a consumer market, 
manufacturers are trying to offer the 
most features for the price. This looks 
great on the outside, but there is a 
large cost on the inside. The quantity 
of functions within a unit is usually 
inversely related to its sound quality. 
Fundamentally, it is difficult to design 
a good-sounding, multi-function unit, 
because every gain stage comes with the 
constraints of its implementation. 

Everything Is An Amplifier Part I
by Bryan Martin

Bryan Martin owns Sonosphere Mastering. 
Over his 20+ year career he has worked with 
David Byrne, Rufus Wainwright, Max Roach, 

Run DMC, and White Zombie. He can be 
contacted via e-mail at bryan@sonosphere.

ca or on the web at www.sonosphere.ca.

Tips
Engineers spend more time getting drum sounds than any 

other instrument. I’ve seen situations where days have 
been spent getting a drum sound. Kits are changed, 
heads are changed, cymbals are changed, heads are 

taped up or un-taped, mics are selected and changed, the kit is 
placed in various parts of the studio, head damping devices are 
used, mini pads are cut up and placed on heads, and on it goes. 
The poor drummer keeps hitting his kick, snare, and toms … 
by the end of this, he or she is back in rehab.

Here’s my approach for a great drum sound. My recom-
mendations for drum mics: Sennheiser MD 421s, Shure 57, 
and some Neumann 87s. I like using the Neve 1081 console in 
Studio 1 at Metalworks, so all frequencies mentioned here are 
from the 1081s. I find that padding down the preamp as low as 
you can go with the fader up gives me the best result. Having 
the mic pres all the way down gives me very little leakage from 
the cymbals to the toms and hi-hat to the snare. 
The Kick
Mic the kick drum with a Sennheiser 421, throwing a sandbag in 
the drum helps to dampen out any overtones. The mic should be 
placed right at the beater. I also use a Yamaha NS10 woofer as 
my second mic, placed where the front skin used to be. I record 
this flat since it has the perfect frequency response.

For the 421, give it +3 at 82 Hz for bottom and +4 at 6.8 K 
for added attack. 
The Snare 
For the snare drum, use the Shure SM57 at a 45- to 60-degree 
angle about an inch or two above the head pointing it at the 
centre of the snare.

+2 at 82 Hz, -2 to -4 at 820 Hz, and +4 at 6.8 K for crispness. 
If you like the idea of miking under the snare for some rattle and 
hum, use an AKG 414 in a tight pattern under the stands.
Toms
Mic all three toms with the 421s set at about a 45-degree angle 
to the centre of the tom. I usually add some 8.2 K. 
Overheads
For the overheads use U 87s. Place the mics about 16" over the 
cymbals’ centres and towed out at about 45 degrees. I usually 
record them flat.
Hi-Hat
An AKG 451, pointing at the centre.

On Getting Killer Drum Sounds

The requirements of a gain stage are:

1. Its gain coefficient. (With a coefficient of 
10,1 V input will give 10 V output.)

2. Bandwidth. For audio we generally want 
to double the range of human hearing (20 
Hz to 20 kHz) so that would be 40 kHz to 
insure good transient response.

3. Input impedance.
4. Output impedance. (Generally we want to 

have the output impedance of the previous 
stage low in relation to the stage that it 
is driving to minimize the losses in the 
coupling between the two stages.)

5. Maximum output signal before clipping.
6. Maximum input signal before clipping.

Pick up the August issue of PS for Part II.

by Nick Blagona

Nick Blagona has recorded The Bee Gees, Chicago, The Police, 
The Tea Party, Alexisonfire, Deep Purple, and many others. Please go to 

www.nickblagona.com for more details.



s o u n d  a d v i c e

Star grounding scheme, in which 
all equipment in an installation is 
bonded to a central ground hub, can 
be useful for minimizing low fre-

quency common mode voltages between various 
pieces of equipment if it’s properly implemented. 
If not properly implemented, star grounding can 
result in performance, which in some cases is actu-
ally worse than that resulting from a completely 
haphazard approach. 

Any secondary grounding system installed 
in parallel with already existing equipment U-
Ground conductors in an installation has the 
instant effect of causing far more potential ground 
loops between equipment than would otherwise 
exist. Sometimes it makes a difference, sometimes 
it doesn’t. The $64 question is whether it reliably, 
and without exception, makes noise go away per-
manently and completely. Not likely.

A popular Star Grounding practice involves 
using separate ground wires to bond all equip-
ment in the ensemble to a central hub, and then 
connecting this hub to a dedicated earth-ground-
ing terminal, which is not bonded to the main 
building ground system. This practice is very 
dangerous and is completely illegal in the context 
of North American Electrical Codes.

One connection between an ensemble of 
equipment and building ground is all that is 
needed to make the system safe in terms of both 
the letter and intent of applicable electrical codes. 
Most installations usually involve more than one 
AC power circuit, whether actually required due 
to the size of the total load or not.

What is not considered in such a scenario is 
how long and by what path(s) the power circuits 
and their respective equipment ground conduc-
tors take before they get back together at the 
breaker panel. Just because two outlets are within 
a few feet of each other does not necessarily mean 
that they are on the same circuit. 

Star Grounds, Loop Areas, & Electrical Safety In Project Studios, 
Edit Suites, & Other Compact Audio Installations Part II

by Neil A. Muncy 

Once all of the requirements of a gain stage are met [as outlined in the June issue], the designer will then select 
the ideal requirements for a specific stage, but achieving these requirements rarely happens in the real world. 
Attaining one design goal is often at the expense of another. There will be limitations imposed by the charac-
teristics of the gain device chosen, economics, physics, and a host of other factors. And as the number of stages 

increase, so does the difficulty in bringing them all into an optimum specification. 
Great sounding amplifiers require high-quality components. Transformers used in power supplies and for audio I/O are 

both large and expensive. Quality coupling capacitors, gain devices, and hardware all drive up equipment costs. The classic 
and highly sought after Neve modules have large, expensive power supplies, plenty of transformers, and build quality of 
impeccable craftsmanship. You will also notice that these Neve consoles have a far simpler layout and less options than the 
later generation Neve V Series, SSLs, and the like. Generally, a very well-implemented, simple gain path will always out 
perform a complex one – and negates the need for further processing. 

Pick up the October issue of PS for Part III.

by Bryan Martin

In smallish installations in which all equip-
ment is in one area/room and the longest audio 
cables are perhaps less than 100' in length, and 
assuming that the breaker panel is somewhere 
else in the building, a very effective approach is to 
arrange to have all of the power circuits end up at 
a point in one box in the middle of the equipment 
ensemble. Very often, this middle point would 
be in the floor trench under the tabletop of the 
producer’s table equipment cabinet behind where 
the engineer/producer sits.

Install as many circuits as you think you need. 
What this scheme buys you is that by bringing all 
circuits into one multi-gang outlet box, all of the 
associated equipment ground conductors (one per 
circuit) also end up in the same box, all bonded 
together as prescribed by code. This star point 
becomes your one connection back to building 
ground, with the added advantage that now you 
have a demonstrably lower impedance path back 
to building ground by virtue of having X paral-
leled equipment ground conductors.

From this central box, 3-wire branch circuits 
are then run out to each grouping of equipment. 
If at all possible, all of these circuits should be in 
one continuous raceway/conduit, so that the as-
sociated equipment ground conductors are daisy 
chained throughout the facility. This ensures 
that the total length of the equipment ground 
conductors between different equipment loca-
tions within the room is as short as possible. For 
only a few circuits, series-connected power bars 
are acceptable for this application, but use good 
ones and try to stay away from conventional 
“Surge Protected” ones, which employ Metal 
Oxide Varistors (MOVs) – they have been known 
to start fires when they ultimately outlive their 
service life. This ensures that the total length 
of the equipment ground conductors between 
different equipment locations within the room is 
as short as possible. As simple as this seems, this 

approach may eliminate enough residual noise so 
as to end the effort to go any further.

“OK wise guy, so what happens when I then 
run shielded audio cables all over the place?” you 
ask. “Don’t I end up with a big bunch of ground 
loops anyway?” Yes you do. Minimize the areas of 
the resulting ground loops by selectively cutting 
cable shields at one end or the other, the One-
End-Only (OEO) approach. This is a simple way 
of smothering the symptoms of Pin-1 problems, 
and while in larger systems it may be required 
for other reasons, it’s usually not necessary in a 
small installation – besides which, it’s a pain in 
the ass and you can’t do it anyway in unbalanced 
single-conductor shielded cable installations for 
reasons which should be obvious. What you can 
do to minimize these loop areas is to simply run all 
of the low-level audio cables parallel and adjacent 
to your new branch power cables.

Be sure to pick up the October issue of PS
where Muncy delves into the Pin-1 problem and 
other RFI solutions.

Neil Muncy has been around since the days when recorded sound was analog mono and vacuum tubes ruled the audio landscape. 
He has been a consultant in the audio field for many years, and can be contacted by e-mail at: nmuncy@allstream.net.

Bryan Martin owns Sonosphere Mastering. Over his 20+ year career he has worked with David Byrne, Rufus Wainwright, Max Roach, Run DMC, and White Zombie. 
He can be contacted via e-mail at bryan@sonosphere.ca or on the web at www.sonosphere.ca.

EvErythInG IS An AmPLIfIEr PArt II

A



Star Grounds, Loop Areas, & Electrical Safety In Project Studios, 
Edit Suites, & Other Compact Audio Installations • Part III

by Neil A. Muncy

Every amplifier has a sound. Mankind is still searching for the 
audio grail of a “straight wire with gain.” What a great amplifier 
does is transfer the maximum amount of the information from its 
input to its output with as little damage as possible. This translates 
into full bandwidth, wide dynamics, and undamaged transients: the 
essentials of great sounding reproduction. 

In the brave new world of the 21st century, technology has 
brought powerful tools to the everyday. Recording studios live in 
a laptop, and declining are the great temples of sound recording 
and the monks who populate them. We take music and technol-
ogy for granted. We want it all in a bundle. And very few people 
have the privilege of experiencing music in an ideal listening en-
vironment. Ear-buds, iTunes, and laptop speakers are a pale copy 
of a breathtaking audio system. As the audio chain gets dumbed 
down, there is all the more reason to give recorded sound the 
best possible vehicle on its way to immortality. Because after it is 
committed to a stream of digits, the road it takes back to sound 
will be challenging. 

Equalization, compression, and the like are often reached for 
in an attempt to correct a sound source that is lacking. I have 

always been baffled by manufacturers who 
package a mic preamp, EQ, and compressor 
all in on package. If the mic preamp was good 
in the first place, then why the need for the 
compressor and EQ to fix the sound coming 
out of it? Note: Manufacturers spout specs 
and tech-speak, which may sound impressive, but to the educated 
reader is often contradictory or plain rubbish. 

Audio specs are like accounting: you can make them look like 
whatever you want. But specs don’t translate into good sound. 
There are plenty of horrible-sounding units out there with amazing 
specs. To cheaply achieve good bandwidth, hideous mechanisms 
are employed in the signal path. Using a large amount of negative 
feedback will drive the bandwidth into the nether regions of the 
sub and supersonics, and also completely kill the sound quality. 
People listen with their eyes these days, not their ears. How often 
do we find ourselves staring at the waveform while it plays back 
out of a workstation? It’s become a reflex almost totally associated 
with the listening experience. The box looks great; it has to sound 
great. But that is not always the case.

Neil Muncy has been around since the days when recorded sound was analog mono and vacuum tubes ruled the audio landscape. He has been a consultant 
in the audio field for many years. E-mail: nmuncy@allstream.net.
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Bryan Martin owns Sonosphere Mastering. Over his 20+-year career he has worked with David Byrne, Rufus Wainwright, Max Roach, Run DMC, and White 
Zombie. E-mail: bryan@sonosphere.ca,  www.sonosphere.ca.

Still have noise left? If you’ve reworked your power as described 
in previous issues, you’ve done everything you need to do to make 
your power and grounding system safe and legal. 

The Pin-1 problem is a term coined to describe the almost 
universal practice employed by most audio equipment manufactur-
ers, in which the old-fashioned (pre-1970) method of connecting 
cable shield terminals (Pin-1s) on I/O connectors directly to the 
chassis at the point of entry has given way to connecting Pin-1s to 
some convenient nearby ground circuit trace on the motherboard. 
The consequence of this practice is that the moment you con-

nect a cable, you have just 
attached an antenna to the 
most sensitive inner work-
ings of your equipment! See 
the AES publication [1] for 
how to do a Pin-1 test, and 
suggestions on how to deal 
with the consequences. 

Once you uncover Pin-1 
problems, send the manufac-
turer a letter/e-mail outlining 
your observations. Surveys 
conducted by the author 

suggest that only about 10 per cent of all the equipment presently 
in use in the audio industry is demonstrably free of Pin-1 problems. 
If the manufacturer in question doesn’t respond, or implies that 
you’ve gone bonkers, tell them that you are going to sell off the 
offending equipment and buy an equivalent unit from another 

manufacturer who has seen the light. That should get their atten-
tion. If not, you now know whom you’re dealing with.

If you still have RF Interference (RFI) problems, start looking 
for equipment with less than major Pin-1 problems. Just because 
a piece of equipment doesn’t exhibit a significant Pin-1 problem 
at powerline frequencies doesn’t guarantee that it will not be sus-
ceptible to RFI. A piece of ground wire a couple of inches long 
inside a piece of equipment, which is employed to internally chassis 
ground Pin-1(s) can be a very effective re-radiator from well below 
100 MHz to the upper limit of the RF spectrum. An RF signal 
generator can be utilized for this type of Pin-1 test.

This scenario will make your system virtually immune to 
farfield magnetically coupled interference. Wall warts, line lumps, 
and power transformers in your gear are all sources of strong ex-
treme nearfield magnetic field energy, which will also cause hum 
problems if you aren’t careful. Locate wall warts, line lumps, and 
anything else that has big power supply as far away from your low 
level equipment as practical. Make use of the Inverse Square Law, 
which dictates that as you increase the distance between a source 
of interference and the “victim” equipment and cables, the strength 
of the interference decreases as the square of the distance. In other 
words, in this case an inch is (almost) as good as a mile.

Pick up the December issue of PS for Muncy’s conclusion and his 
invaluable tips on MOV surge suppressors.

[1] The June 1995 issue of the AES Journal, Shields & Grounds re-
printed as a Special Publication by the Audio Engineering Society. 
On the web at: www.aes.org.
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In today’s digital audio recording 
environment there are a wide 
variety of plug-ins to choose from, 
ranging from homemade EQs to 

$1,000-plus bundles. All can be useful if 
used in the proper applications. 

The most consistently useful plug-ins 
for me seems to be in the WAVES bundle, 
including Renaissance Strip. The EQs and 
compressors are predictable and always do 

what you require without adding too much 
colouration to the sound. 

Another great plug-in I use a lot is 
Isotope Trash. It’s by far the most in-depth 
distortion plug-in I have ever heard. It takes 
a little more fiddling with the controls 
to get the sound you want, but will yield 
great results in the end. It works fine on 
bass as well.

For reverb, I still prefer the classical 

outboard digital reverbs like the Lexicon 
480 and 960, but Rverb and TLspace are 
also superior sounding plug-ins. I also have 
found Dverb is useful from time to time … 
but don’t tell anyone I said that.

So, basically, if you’re able to afford it, 
go with WAVES. If not, the Digidesign 
plug-ins can do you just fine. For cool 
effects and nice distortions, check out the 
Isotope series.

Star Grounds, Loop Areas, & Electrical Safety In Project 
Studios, Edit Suites, & Other Compact Audio Installations 

Part IV
by Neil A. Muncy

Neil Muncy has been around since the days when recorded sound was 
analog mono and vacuum tubes ruled the audio landscape. He has been a 

consultant in the audio field for many years, and can be contacted 
by e-mail at: nmuncy@allstream.net.

Chris’ Plug-in Script

Chris Crerar is an Engineer at Metalworks Studios. Visit www.metalworksstudios.com.

Surge Suppressors are widely ad-
vertised as the answer to noise and 
interference problems in all kinds 
of systems. Consider a few points. 

First, as mentioned in previous issues, 
conventional Metal Oxide Varistors (MOV) 
surge suppressors incorporated into power 
bars are in widespread use. Unfortunately, 
unless they are built to a robust standard, 
which many of the older ones weren’t, 
they may constitute a serious fire hazard, 
because when MOVs fail, they often get 
hot enough to melt the plastic housing of 
a typical power bar long before the fuse or 
circuit breaker operates. (Murphy at work!) 
Newer ones must meet a considerable more 
demanding UL/CSA specification, and are 
supposedly safer.

Let’s suppose the computer(s) in your 
installation are fed by a power bar with a 
built-in MOV. When a surge comes along, 
the “bad stuff” is diverted into the equip-
ment ground conductor and supposedly 
finds its way back to the service entrance. 
If the equipment ground path is more than 
a few feet in length, the natural inductance 
of the equipment ground conductor will 
be enough to significantly limit the flow of 
high-frequency noise current, which is what 
transients and surges are made of in the first 
place. Instead of getting rid of surge energy, 

what happens is that for the duration of the 
event the entire computer systems’ ground 
reference voltage goes up towards the level 
of the surge itself, which can be hundreds 
of volts – if not more.

If the computer is sitting there all by 
itself and is not connected to any other 
equipment, this problem may be more 
academic than real. But if the computer is 
connected to something else, and the rest 
of the studio equipment is either not on a 
MOV surge suppressor fed by the same 
power circuit, which feeds the computer, 
or worse yet, is fed by a different power 
circuit altogether, during a surge there can 
be sufficiently high voltages between the 
computer’s “protected” ground reference 
and an “unprotected” studio equipment 
ground reference to cause major noise and 
even permanent damage.

If you are absolutely convinced that you 
need MOV surge suppression, the best way 
to minimize this problem is to first config-
ure your studio power as described above, 
and then use the same kind of MOV sup-
pressor on each power circuit feeding the 
room. Connect all of them to the central 
hub of your power distribution system, and 
then run all branch circuits from there. A 
much better solution is a new Series Mode 
surge suppressor technology, which does 

not contaminate equipment grounds. A 
bit more expensive than good MOVs, but 
much safer and much more effective in the 
long run. You can find out about it at www.
surgex.com.

Getting rid of noise in audio systems is 
nothing more than applied Good Engineer-
ing Practice (GEP), the formula for which 
is: BP + GOCHS = GEP (Basic Physics + 
Good Old Common Horse Sense). The 
proponents of alternative esoteric grounding 
schemes would do well to keep in mind that 
Mother Nature wrote the original script for 
the show – and she don’t do re-writes!


