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A MESSAGE FROM THE PRESIDENT
Dear Aphex Customer,
Congratulations on your purchase of the Model 230 Master Voice Channel.
Discriminating people have successfully and happily used a combination of Aphex microphone preamplifiers and processing for years even
though it required using different boxes and additional interconnections. The Model 230 combines the proprietary circuits and features that
made those individual products so effective and great sounding along with powerful new proprietary circuits. All these circuits make the
Model 230 the best sounding and most flexible, yet easy to use, voice processor on the market. On air or in the production room voices will
be more intelligible, have greater presence and fullness, and have more consistent levels- all while retaining their unique characteristics.
As with all our products, we are extremely proud of the ingenuity of design and the manufacturing quality of the Model 230. We love to
hear from you, our customers, about your experiences with any of our products. Our customer support is unmatched in the industry, so
please do not hesitate to contact us.

Sincerely,

Marvin Caesar

Safety Declarations

TO PREVENT FIRE OR SHOCK HAZARD DO NOT EXPOSE
THIS DEVICE TO RAIN OR MOISTURE. DO NOT REMOVE
THE COVER. NO USER SERVICEABLE PARTS INSIDE.

SHOCK HAZARD REFER SERVICING TO QUALIFIED PERSONNEL ONLY.
DO NOT OPEN ATTENTION: AFIN DEVITER DES CHOCS ELECTRIQUES.
. N'ENLEVEZ PAS LE COUVERCLE. IL N'Y A AUCUNE
AVIS: RISQUE DE GHOC ELECTRIQUE PIECES DENTRETIEN A L'INTERIEUR. REFEREZ LES
NE PAS OUVIR REPARACIONES A UNE PERSONNE QUALIFEE.

CAUTION: For protection against electric shock, do not remove the cover. No user serviceable parts inside.

WARNING: This equipment has been tested and found to comply with the limits for a Class A digital device pursuant to
Part 15 of the FCC Rules. These limits are designed to provide reasonable protection against harmful interference when
the equipment is operated in a commercial environment. This equipment generates, uses, and can radiate radio frequency
energy and, if not installed and used in accordance with the operating guide, may cause interference to radio communica-
tions. Operation of this equipment in a residential area is likely to cause interference in which case the user will be required
to correct the interference at his own expense.

The user is cautioned that changes and modifications made to the equipment without approval of the manufacturer could
void the userds authority to operate this equipment.

It is suggested that the user use only shielded and grounded cables to ensure compliance with FCC Rules.

wW
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1.0 Controls and Indicators with Quick Setup

POWER INDICATION
The Aphex logo above the power switch glows yellow during the
tube preampis warmup time and green when the unit is ready.

LOW NOISE MIC PRE

The 230 works with all professional microphones. The clean and
stable 48V phantom supply is suitable for even the most expen-
sive microphones. The 12dB/octave low cut filter starts at 70Hz
to effectively reduce wind blast without diminishing voice body.
Included is a selectable phase rotator following the principles of
the Spectral Phase Refractor (SPR) circuit used in our Type Il Aural
Exciter and Model 661 Expressor. This helps to make spiky voices
more symmetrical while also adding clarity and bodly.

COMPRESSOR

The 230 includes a special version of Aphexis patented EasyriderE
Compressor which has proven to be outstanding for voice work.
It is very simple to use with only two controls: Gain/Drive and
Release. To get deeper compression, turn up more Gain. To
manage the density and loudness, work with Release. Faster is
louder and denser. Slower is more natural and open.

LOGIC ASSISTED GATEE

Another Aphex patent, this noise gate is the most stable gate on
the market. It never hesitates or chatters. Once triggered, even
by a microscopic transient, it progresses fully through the attack,
hold, and release sequence. The attenuation depth and gating
threshold are user adjustable to allow for varying requirements.
The attack, hold, and release timing are internally set to function
optimally on voice waveforms.

POWER INDICATOR

Logo glows yellow during power

on warmup. Preamp output is held
muted. Turns green after warmup
interval. Preamp becomes operational.

48V

When pressed,
turns on the
microphone phan-
tom 48V power

DE-ESSER

This de-esser is unlike any other. It is more effective and flattering to
voice. Using a split-band technique with Linkwitz-Riley crossovers,
the voice remains bright and sharp, never losing presence while
de-essing. The de-ess threshold control lets you chose the essing
level that you want. Because of sophisticated technology, sibilance
is trapped for all voices. No frequency tuning is necessary.

EQUALIZATION BLOCK

Other voice processors give you several bands of parametric eq
that you must fuss with to find a suitable setting, usually not really
flattering to voice. Instead, the Model 320 gives you the popular
Aphex Big Bottom and Aural Exciter that are proven to not only
flatter voices but increase power, punch and intelligibility. As a real
plus, they are also very easy to adjust. A fully parametric equalizer
band is also provided to handle those annoying frequency anoma-
lies that some voices can contain, or for special effects.

REAR INSERT JACK

Allows you to insert any kind of line level audio equipment into
the signal path between the 2303s dynamics processing and the
equalizer section. The operating level at this jack is in the vicinity of
0dBu. You should set up your inserted outboard gear accordingly.

METER

Either peak output level (relevant to both analog and digital head-
room at 0dB = max before clip) or the compressords gain reduction
will be shown according to the position of the Meter switch. The
bar graph will move upwards indicating level, and downwards
indicating gain reduction.

GATE THRESHOLD

When the sound is higher than this
level, the gate opens up instantly. No
ochatteringd thanks to the patented
Logic Assisted Gate.

CLIP/MUTE

Flashes yellow when the
preamp is muted by the
cough switch. Flashes red
indicating clipping.

PAD

When pressed,
turns on the 20dB
input pad.

I L L_
I RPA TUBE PREAMP|& EASYRIDER™ COMPRES LO[GIC ASSISTE
GAIN/DRIVE . RELEASE THRESHOLD
£ L8V Pad
q) 0 Y —— \\\III/ METER \\\III/
Invert | Phase N \7. VU/GR N 7
Lo Cut Polarity | Rotator N - N
’/\ < ’/\
~N
Nl N

SLOW FAST -40dB 0

AY SELECT

POWER GAIN/DRIVE Lo Cut Invert

SWITCH Adjusts Switches on Polarity

Turns power preamp gain the 70Hz Low When

on and off. and drive into Cut filter. pressed,
the compres- inverts the

Sor.
ity (phase)
of the mic
input.

relative polar-

Phase Rota- Compressor Meter RELEASE GATING

tor Turns on the Indicates Controls the Shows when
Enables the Easyrider peak output density of the gate
Spectral compressor level or gain compres- is closed
Phase circuit. reduction of sion. Slow or closing.
Refractor the compres- for natural When the
to improve sor. leveling and light is off,
speech sym- fast for more the gate is
metry. loudness. fully open.
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Rear Panel Analog Connections QUiCk SEtUp

o EFFECTS _— LINE OUTS COUGH SWITCH
. CAUTION SEND RETURN +4dBu| |-10dBV TS Closure Mutes
o 08U
OUTPUT CONTROL v -

Once all processing and equal- 8

ization is set where you want it,
the output level may need to be

adjusted. Do not let the peak
level frequently exceed -6dBFS. | BA'-TAFE“SCED 4 coUsh Switeh
This will m'ake SLIJII‘eh the ﬂlgltti)il \'x/ICkINPL‘irT\ st Allows you to
- 0rks with all standar . il

output carries we throug su e e o Line Level +4dBu -10dBYV silently mute the
sequent mixing and processing. ol output on the
Wh ) h | powered or passive. Processor, Balanced Unbalanced fly using a hand-

hen using the analog output, Phantom power acti- ie Output Output e, Gt @i
adjust the level to produce the vated from front panel. ' floor switch.

Compressor, EQ

desired average output level
(0OVU) as seen on the outboard
equipmentis meters.

DIGITAL AUDIO Rear Panel Digital Connections

The 230 supplies industry standard stereo

AES/EBU, S/PDIF, and TOSLINK digital audio DIGITAL AUDIO OUTS SAMPLE RATE WORD CLOCK
outputs. The single mic channel appears X AES3  S/PDIF OPTICAL

on both stereo channels as a mono signal.

Sample rate and word clock options are all X1 X EXT
available at the rear panel. There is no olockd W
indicator per-se, but word clock lock is indi-
cated by the presence of digital audio at the
output. 0No output means no lock.6

SOURCE

AES/EBU S/PDIF & SAMPLE RATE SWITCHES WORD CLOCK

OUTPUT OPTICAL Jack Functions & Signals

Digital 110 OUTPUTS Rate Base  Mult

Ohm cables All outputs are 44.1 44.1 X1 Mode | IN Signal OUT Signal

only. (Do not active at the 88.2 44.1 X2 INT NONE INT CLK OUT

use regular same time. 48 48 X1

audio cables.) 96 48 X2 EXT EXT CLK IN [ PASS THRU FROM IN

Why You Shouldnit Connect a 230is Output to a Mic Level Input.

DEPTH . PARAM,ETNC EQ . The bottom line: you will get an unsatisfactory noise level. The Model 230 is designed to generate a line
Lets you set how much attenuation the Works like a standard parametric band level output from a mic level input. It optimizes the signal to noise ratio by giving you a strong signal far
— gate will deliver. Use the lowest attenu- with tune, Q, and boost/cut controls.

above the preamplifieris basic self noise level. This strong output signal can be up to 65dB higher than
the mic signal. It is perfect for a standard line input of a mixer or console but will overload a mic input. If
you turn down the 230is output level enough to stop overloading the mic input of your mixer, then your
mixerds preamp gain will amplify the natural noise floor far too much, causing a noisy signal.

ation thatis needed to reduce room
wetness, breath, or background noise.
Usually 6 to 15dB is sufficient.

D GAJE™ DE-ESSER BIG BOTTOM® PARAME[TRIC EQ AURAL EXCITER® OUTPUT

144, PEAK/DIP
. d8

MIX | LEVEL
BB/EQ/AX vy,
\\ 7

DEPTH THRESHOLD TUNE MIX TUNE

Vi Vi
\ I/ N 4

+24,dB[OFF]

°—10dB

ATING l DE-ESSING

DE-ESSING DE-ESS BIG-BOTTOM BIG-BOTTOM AURAL EXCITER AURAL EXCITER BB/EQ/AX OUTPUT
Shows when THRESHOLD TUNE MIX TUNE MIX ON Adjusts the
the the de- Lets you set Adjusts the Adjusts the Adjusts frequency Adjusts the Switches the final pro-
esser is work- the level frequency strength above which strength (boost) of equalizing cessed output
ing. When where you below which (boost) of the enhancement the Aural Exciter chain in and level as seen
the light is want your enhancement Big Bottom takes place. effect. out. Provides on the VU

on, sibilance esses to level takes place. effect. full true meter.

is being off. Helps mainly bypass of the

controlled. male voices. circuits.
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HAVING AN EDGE

Talented people arenit totally perfect. Well, of course,
you are, but letis face it -- who else really is? Some-
times it takes an edge for even the best talent to grab
a top position in the industry. Other than having a
well connected agent and a pretty good set of pipes,
the Model 230 might just give you the edge you
need.

GETTING BIG

As you probably already know, getting a really sweet
voice track requires more than the right mic or expert
mic technique. A plain recorded voice can sound very
good alone, but not dhave ité when put into the mix.
Voice artists are constantly asked for a more compel-
ling, louder track. TV promos, film trailers, even radio
production voices need to be dense, fat, consistent
and loud. The body of the voice needs to be fuller
- somehow bigger than life. If this is your goal, you
need a Model 230.

WORK, DONIT TWEAK

At some point as a professional you want to stop
fooling with the equipment and concentrate on
reading, talking, and expressing. The Model 230 will
help you do that by giving you easy to use voice pro-
cessing that works incredibly well without constant
fidgeting.

ARE YOU GEARED OUT TO THE MAX?

For many voicing pros, getting bigger means gather-
ing up countless compressors, limiters, equalizers and
other audio tools in a quest for that certain osoundo.
Managing all that gear can be overwhelming. It
seldom gets used to its full potential. Thatis why you
need the comprehensive, easy to use Model 230. It
combines a whole array of proven voice processing
effects with a super quality mic preamp in an easy
to use package. It even gives you digital audio thatds
ready for your hard disk or recorder.

BOOST YOUR ELOQUENCE

For live on-air talent, preachers, lecturers, or anyone
speaking into a microphone, the Model 230 can
make voices at all times clear, compelling and able to
be heard over a world of background chatter. It may
not bestow upon you any new talent of eloquence,

2.0 oMaster Voice Channel6 - What?

but it can give a boost to whatever youive already
got.

STAYING IN CONTROL

Radio and TV stations frequently need to better
control live originated voice quality. Making news
anchors, drive-time jocks, spot producers, and every-
one else sound more intimate, clear, and regulated is
a big presentation booster.

HANDLING MANY VOICES

When the news team is on the air, or the morning
zoo is hamming it up, all of the voices need to be
balanced and adjusted automatically to make sure
they are heard at a constant level. A Model 230 used
on each microphone will take care of this problem
perfectly. The Logic Assisted Noise Gate will reli-
ably attenuate background noises, crosstalk, and
reverberation when multiple mics are open but not
spoken into.

DE-ESSING, DIGITAL, AND ALL THAT STUFF

There are various channel strips and other processors
with mic preamps on the market. Most contain the
same basic array of effects and controls, but are not
easy to operate effectively. The Model 230 is different.
It contains unique and proprietary effects innovated
by Aphex engineering that are specifically excellent
for maximizing voice quality for both air and produc-
tion. Plus, it was engineered with intuitive controls
that do not have critical settings. You will find it easy
to understand and use.

Exclusive Aphex Features:

A RPA Tube PreamplifierE

A EasyriderE Compressor

A Logic Assisted GateE

A Big BottomE

A Aural ExciterE

A SPR Spectral Phase RotatorE

Custom Engineered Functions:
A Low Distortion Parametric EQ
A Split Band DE-ESSER

A High Resolution A/D Converter

Page 6
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3.1 INSTALLATION

3.0 Installation & Interfacing

The Model 230 occupies a single rack space (45mm or 1-3/4 inches) of a standard EIA equipment rack.

When rack mounting, use appropriate cushioned rack screws. Never restrict air flow through the deviceis vents.
When installing the units into a rack, distribute the units evenly. Otherwise, hazardous conditions may be cre-
ated by an uneven weight distribution. Connect the unit only to a properly rated supply circuit. Reliable earth-

ing (grounding) of rack mounted equipment should be

maintained. Try not to position the 230 directly above

devices that generate excessive heat such as power amplifiers (unless adequately ventilated) or near equipment

with heavy transformer hum fields.

3.2 REAR PANEL VIEW

o LINE OUTS COUGH SWITCH
u TS Closure Mutes

DIGITAL AUDIO OUTS SAMPLE RATE WORD CLOCK
AES3  S/PDIF OPTICAL

3.3 AC LINE CONNECTION
Use only a power cord that carries approvals for use

in your location. The 230@s internal power supply is

designed to operate from all nominal power sources from 100 to 240 volts a.c. at 50/60Hz without requiring
the user to change any settings. In case of failure, do not attempt to change the internal fuse because it will
never blow unless the power supply fails catasrophically. The power supply will need to be serviced by a com-

petent service technician in such a case.

3.4 MIC INPUT CONNECTION

The microphone input connector is located on the
rear panel. It is the standard XLR-3F type. Use only
properly wired balanced mic cables.

PROPER MICROPHONE CABLE WIRING

CAUTION Female XLR Male XLR
ﬁ 1 2 2 1
48V Y \E

CAUTION: Beware that 48 volt PHANTOM POWER
may be applied to the microphone input, creat-
ing a potential shock hazard. Standard practice
dictates shutting off the phantom power before
plugging or unplugging microphones. Wait at
least 10 seconds for the voltage to fall sufficiently.
This is not only for safety, but for protection of
sensitive microphones against power inrush.

3.5 INSERT JACKS

The Model 230 allows you to insert additional signal
processing between the 230is front-end dynamics
processing and the aft-end equalizer block. Both
Send and Return jacks are balanced and run at
approximately 0dBu. This is a perfect place to insert
an external reverb unit or profanity delay. Other than
that, we can think of no external processing that
would be necessary, but you have the option to put
anything there that you wish as long as it returns a
nominal level.

Direct feed-through occurs with the normalling con-
tacts of the jacks. If you plug into either the SEND
or RETURN jack, the internal path is interrupted. You
need to be sure you have a viable send-return circuit
externally or there will be no audio output from the
230.

There is no insert bypass switch. Once plugged in, the
insert is always inserted. If you canit get any output
from the 230, make sure the inserted gear is operat-
ing before you assume the 230 is defective.

Aphex Systems Ltd. Model 230
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Installation & Interfacing

3.6 OUTPUT CONNECTORS

There are two output connectors located on the
rear panel: one 1/46 TRS phone type and one XLR-
3M type. They can be used at the same time to feed
separate equipment.

The output level at the XLR is +4dBu impedance
balanced, while the phone jack runs unbalanced at
-10dBV (consumer level).

If you intend to make an unbalanced output from
the XLR jack, simply take ohoté from pin 2 and
use pin 1 for ground. Leave pin 3 unconnected or
grounded. Never ground pin 2.

Refer to Appendix C & D for more information on the
proper wiring of balanced and unbalanced lines.

DIGITAL OUTPUT DEFINITIONS

XLR:[AES/EBU 11000 @ 5Vp-p
RCA:|S/PDIF 750 @ 1Vp-p
OPTICAL:|Toslink S/PDIF encoded for optical fiber.

3.7 DIGITAL AUDIO OUTPUTS

The processed mic signal is converted to digital in
both channels at equal level as a mono signal. There
is no provision to externally drive one of the A/D Con-

verter inputs.

3.8 WORD CLOCK

3.8.1 INT/EXT

Synchronization is selected by the INT/EXT switch
on the back panel. With external clock, the 230 will
sync to frequencies between 32kHz to 96kHz. With
internal clock, you get the four frequency selections
of 44.1, 48, 88.2 or 96kHz.

3.8.2WCIN

This BNC jack is provided to receive your master clock
source. It will accept industry standard Word Clock,
from less than 1 to over 5Vp-p pulse amplitude. It
does not accept AES/EBU or Superclock.

The Model 230 can operate equally well from a
typical obrute forceé 5V word clock output or from
a matched impedance master clocking distribution.
Please refer to the appendix for a thorough discus-
sion of clock wiring and distribution systems.

When the Model 230 is operating in external clock
mode, the WC IN jack is tied directly to the WC OUT
jack through a metal relay contact. The input imped-
ance is high enough to daisy-chain up to four units
by looping straight through. The final daisy-chained
unit should have a 75 ohm BNC terminator plug
inserted in its WC OUT jack to properly terminate the
transmission line. If only one unit is connected, then
simply place the terminator plug on the single unitis

Figure 3-1 Daisy Chaining Alternatives for External Master Clock

Universal Technique

230 #1 230 #2

230 #3 230 #4

In  Out In Out

¢ L7

In  Out In Out
1&——Terminator

Clock Source J \—J

T ¢ ¥
/) U

Ok For Closely Co-located 230is

oo 230 #1 230 #2 230 #3 230 #4
&
Terminator In  Out In  out In  out

Clock Source

Page 8
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WC OUT jack.

3.8.3WC OUT

This jack is directly tied to the WC IN jack to facilitate
daisy-chaining multiple units to a master clock source
when the unit is operating in external clock mode.

When the Model 230 is operating in internal clock
mode, the WC OUT jack is disconnected from WC IN
and instead is connected to the unitds internal clock
source. Thus, any Model 230 operating in internal
clock mode can serve as a master clock source when
required. The internal clock is derived from a low jitter
crystal oscillator and is fully competent as a master
clock.

3.8.4 Local Clock Mastering

In the absence of a suitable external clock source, you
can use one Model 230 as a clock master and slave
everything else to it. For example, to synchronize a
group of Model 230ds, simply set the first unit to
internal clock mode and all the others to external.
Daisy-chain the WC OUT of the first unit through the
WC IN and WC OUT of the remaining units. This way
all digital audio outputs will be locked together to the
first unitds clock reference. You can also loop the clock
output of the last unit in line to your digital recorder
or workstation, but remember to terminate the last

unit in line.

3.9 POWER SUPPLY

The 230 is internally powered from a standard IEC
power receptacle on the rear panel. Be sure you use a
power cord that is approved for use in your jurisdic-
tion.

ACCEPTABLE POWER RANGE

85 to 265V—, 50 to 60Hz

Soft-start, overload foldback limiting, and accros-
the-line voltage spike protection is incorporated to
protect the power supply from damage that might
be caused by component failure or power line distur-
bances. If the internal fuse blows out, a catastrophic
failure has occurred and simply replacing the fuse will
not fix the problem. Due to the extensive protective
measures used, it is highly unlikely a catastrophic
power supply failure will ever occur. However, if it
does, you should contact the factory or a competent
service technician to affect repairs. There are no user
serviceable parts inside.

3.9 Cough Switch

Voice artists/actors often find it nec-
essary to clear the throat, sip a bev-
erage, or cough during narration.
To hide the fact, a convenient mute
and unmute is needed. Here it is, the
model 230is Cough Switch! Any type of switch wired
to a mono phone plug will work. Usually, a desktop
box mounted silent pushbutton is preferred, as it can
be accessed most readily. Aphex does not presently
supply the cough switch itself, but one can be easily
fabricated by the installer.

COUGH SWITCH
TS Closure Mutes

Figure 3-2 Daisy Chaining the Local Master Clock
Internal External External External
Clock Clock Clock Clock
230 #1 230 #2 230 #3 230 #4
In Out In Out In Out In Out

|

1«——Terminate here or continue

—/

coax cable to digital recorder/
daw using a 750 termination.

Aphex Systems Ltd. Model 230
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4.0 Using the 230

FRONT PANEL VIEW

RPA TUBE PREAMP & EASYI

™ COMPRESSOR LOGIC ASSISTED GATE™ DE-ESSER

BIG BOTTOM® AURAL EXCITER®. OUTRUT,

LA B HE

IVE
2,

THRESHOLD

FeeTeR vOICE Cor e en

PARAMETRIC £0

TUNE X F/
v

4.1 USING THE MICROPHONE INPUT

The Model 230 is perfect for all types of microphones,
either powered or not. We encourage you to try every
mic you own with the 230.

Many features of the 230 are standard with all profes-
sional preamps - polarity - pad - etc. Some features
are unique and we hope you will fully exploit them.

4.2 USING PHANTOM POWER

Active microphones that take power through the
standard mic cable fall into a class called ophantom
poweredd mics. The power is called ophantomo
because it rides the mic cable invisibly, without
interfering with the audio signal carried on the same
Wires.

The industry standard phantom power source is posi-
tive 48 volts d.c. supplied to pins 2 and 3 through
precision low noise 6.81KO0resistors. You may note
from spec sheets that many mics rated for phantom
power actually run at something less than 48 volts.
For example, the Audio Technica AT3031 small dia-
phragm condenser mic is rated for 11 to 50 volts at 3
milliamps. On the other hand, the Neumann TLM193
spec sheet states only that the supply voltage should
be 48 +/- 4 volts and the current consumption is not
stated. Donit let these specifications confuse you.
They all run perfectly well off the standard 48V phan-
tom power source.

For the technically interested, hereis why. The 6.81K!
resistors mentioned are shown in figure 4-1 below.
Since the power to the microphone is carried equally
(a requirement carefully observed by all mic manu-
facturers) on pins 2 and 3, it is like powering the
mic through a single series resistance equal to the
two resistors in parallel, which is a resistance of half,
or 3.405KOI A voltage drop will occur across the
series resistance equal to the microphoneis current
consumption times the series resistance. In the case
of the AT3031, consuming 3mA, the drop is .003 X

3405 = 10.22 volts. That means the voltage actu-
ally appearing on pins 2 and 3 is 48 - 10.22 = 37.78
volts. That is why, if you use a voltmeter to check
phantom power while the mic is plugged in, you will
always see something less than 48 volts. This is not a
fault with the mic preamp.

Plugging and Unplugging a microphone when
phantom power is switched on can sometimes be
dangerous. Some microphones can be damaged by

48 V.D.C.
SUPPLY

PREAMP

Figure 4-1 Phantom Powering

power inrush. Good practice calls for switching off
the phantom power before changing or inserting a
microphone. Wait long enough to hear the mic go
silent before unplugging.

You should be aware of the shock hazard with the
phantom power system. Long, open mic cables that
are disconnected from the preamp while phantom is
on can hold a d.c. charge for long periods of time,
sometimes days, weeks or months. They will act as
a storage capacitor and you can get shocked most
rudely by holding the XLR plug and touching the
pins inside. Also beware of microphone patch bays
that may carry phantom voltage. Donit hold the
patch cord by the metal parts, only the plastic shell.
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4.3 USING THE POLARITY SWITCH

There will be times when you need to reverse the
polarity (phase) of a mic signal. Vocalists monitor-
ing themselves on headphones will hear a different
sound when the phase is reversed. The reversed
phase may sound fuller and more truthful or hollow
and far away. That is because there is a cancellation
of frequencies within the ear when the external sound
from the headphone mixes with the sound directly
conducted to the ear. OFlipping the phase6 can make
the problem either more or less noticeable.

Another time when phase reversing can be helpful is
in mixing multiple microphones that are within each
otherds coverage areas. The dcrosstalko between mics
may come through different delays due to the dif-
fering distances from the sound. These sounds may
tend to cancel out in the mix. You may get a onasal6
or hollow effect when all mics are on. Changing the
polarity of one or more mics will often clear up the
problem. It is always worth the time to experiment
with mic polarity.

1 Distance |

to Mic2

Distance
to Micl

N2\ Sound

AN~ ~ Cancelled

Figure 4-2 Phase Cancellation Effect

4.4 USING THE PAD

An input pad is nothing more than a resistive
attenuator that drops the level coming from the
microphone. Its purpose is to give you a way of
preventing overload of the preamp when incoming
signals become excessive.

In the 230, we provided a pad of 20dB. That means
when the pad is on, the net gain of the preamp is
20dB lower than normal. You will almost never need
the pad for voice work. However, if you have brought
the GAIN all the way down and you still have an
excessive level then switch on the pad. You can then
readjust the gain as desired.

4.5 USING LOW CUT

In the practical world, mics pick up all sorts of
unwanted low frequencies such as hand noise, wind
rumble, or lectern thumps. We designed into the
230 a very effective way of cutting out these low
frequencies while maintaining a sense of normal low
end response. Switching on the LOW CUT FILTER rolls
off all frequencies below 70Hz at 12dB per octave
but places a slight compensation around 120Hz to
improve the low end phase distortion and perception
of remaining bass. We first offered this cutoff shape
with our Model 107 tube mic preamp and it received
tremendous acclaim from vocalists and recordists
alike. So, not wanting to waste a good thing, we car-
ried it forward to the Model 230.

Figure 4-3 LO CUT Response
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4.7 USING THE PHASE ROTATOR

The 2300s phase rotator is designed to help reduce
high assymmetric peaks that often occur with voice
waves. By reducing the amplitude of assymmetric
peaks, and making the wave more symmetrical,
the voice can ride louder through compressors and
limiters. This is accomplished by displacing the time
relationship of even harmonics to their fundamen-
tals. Thus, it is called a 0Phase Rotator6 or a 0Phase
Scramblero.

Although the intent of phase rotating is to sym-
metrify a voice wave, we have also discovered a
psychoacoustic effect that can take place. By using a
certain tuning of a 4th order all-pass filter, we found
that not only can voice symmetry improve, but sonic
clarity also improves. Itis like adding an extention to
the top and bottom end of the sound spectrum. We
introduced this effect with our SPR (Spectral Phase
Refractor) in previous Aphex products. Many people

Aphex Systems Ltd. Model 230
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Using the 230

have remarked about how much better voice tracks
ride over the mix, and how much fuller and deeper
they seem with the SPR. There is no actual frequency
response alteration. It is all in the ear, but it works.
The amount of effect varies from none to a lot
depending on the voice and the sound medium. You
just need to try it to see.

Some words of advice: When doing voice work
while wearing headphones, the Phase Rotator will
affect how you hear yourself far more than it actually
alters your voice. Thatls because the body-conducted
sound mixes with the sound from the ocansé. When
the two sounds are out of phase, there will be partial
to full cancellation at various frequencies. Just as you
experience the effect of switching polarity, turning
on the phase rotator will have a pronounced effect.
You should evaluate the phase rotator by auditioning
recorded tracks made with and without the rotator
effect.

4.8 USING THE COMPRESSOR

The 2303s compressor is probably the simplest one
to use that you will ever see. Nevertheless, it is more
sophisticated than compressors with many more con-
trols. The Easyrider compression algorithm automati-
cally adapts to voice waves in a manner that greatly
reduces any pumping effect while it tightens the
average level very flatteringly.

There is only one obvious control: RELEASE. However,
the mic preds GAIN control doubles as the compres-
sion drive adjustment. To get more compression
depth, run up more gain. The RELEASE control allows
you to chose the aggressiveness of the compression.
For thick and loud, go faster. For more natural and
oopeno, go slower.

The gain reduction is displayed on the 2306s 10 seg-
ment bargraph meter when the METER switch is
depressed.

When considering how much gain reduction you
should use, take into account your purpose. If the
230 is used for close-miked production, then set up
the gain reduction as lightly as is needed to get a
punchy track. If the 230 is for the on-air studio, then
you might want to max out the gain reduction to
allow for wandering jocks that donit constantly stay
oon micd. Running higher GAIN/DRIVE will, of course,
raise the background noise when the compression is

released. This can be somewhat mitigated by using
the Gate, but donit expect too much. The Gate does
its best work when the compression drive is moder-
ate, as with close-miking uses.

4.9 USING THE LOGIC ASSISTED GATE

If youive worked with gates before, you probably
know how frustrating they can be, especially with
voice work. Finding the threshold and attack set-
ting that doesnit clip the first sound and still reliably
gates out the noise is usually difficult and the settings
are unstable. Aphexis Logic Assisted Gate solves all
that for you very simply. The 2300s gate trigger is
absolutely positive because itis independent from
the energy content of the sound peak. The slightest
tickling of the threshold by the soundwave triggers
a chain reaction that forces the gateis attack-hold-
release sequences to perform completely and repeat-
ably. That makes finding the right threshold fast and
easy. The attack, hold, and release timing have been
pre-optimized for voice. All you need to set are the
threshold and depth of gating.

You will probably find the depth of gating is not really
critical for most purposes. However, here are a few
suggestions about setting it. If you want complete
silence between phrases, then use the maximum
depth. However, if you simply want to bring down
ambience pickup as with multiple open mics in a
room, then use minimal depth. That will guaran-
tee that at least some of the talkeris voice will get
through even if the talk level is too low to trigger
the gate. When the gate is closed or closing (block-
ing), the LED indicator is lit. When it is open (passing
audio), the LED is dark.

4.10 USING THE DE-ESSER

Sometimes you really need this function. Certain mics
are too harsh in the upper range and some voices
tend to whistle or splatter. We have found that the
sibilance frequency range centers around either 6kHz
or 10kHz depending on the voice. Conventional de-
essers simply detect the presence of any frequency
above some tuning point and duck the whole voice
signal accordingly. This technique is readily adaptable
to a standard limiter, and that is why you generally
find de-essers associated with another limiter func-
tion, and not standing alone.

The 2300s de-esser is different. First, it is not associ-
ated with another limiter. It stands alone. Secondly,
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it uses split band techniques to attenuate only the
sibilance, while leaving the body of the voice alone.
Operation of the de-esser is simple. Just set the
threshold to the point where you want the esses to
limit out. Reducing the threshold setting brings down
the level of the esses dynamically. In other words, itds
like an automatic downward shelving equalizer. It
stays flat until the ess level gets too high and then
introduces the shelf at the level needed to limit the
sound to the threshold level. It has internally set
attack and release characteristics that are optimum
for voice sibilance control. When there is de-essing,
the LED is lit.

4.11 USING THE EQUALIZER BLOCK

Once the voice signal passes through the dynamics
processing, i.e., the compressor, gate and de-esser,
it encounters the three equalizer elements. The first
element of is the Big Bottom low frequency enhancer.
Next is a parametric peak/dip section, and last is the
Aural Exciter top end enhancer. The whole block is
bypassable by the BB/EQ/AX on/off pushbutton.

4.11.1 Big Bottom
Some voices have no low bottom end. In such cases,
the Big Bottom wonit synthesyze a new low end for
you and should not be used. However, voices that
contain a deep chest resonance can be augmented
by the Big Bottom.

Start by turning up the BB Mix to 12:00. Then adjust
the BB Tune to find a frequency that lifts the bottom
without adding a muddy quality. Last, reduce the BB
Mix until just the right touch of bass enhancement
is felt.

4.11.2 Parametric Equalizer

This is a familiar and conventional EQ section. You
can vary the peak/dip frequency, bandwidth and
magnitude. Parametric Equalizers are best used to
dip out annoying sounds rather than trying to peak
up whatds lacking. The Big Bottom and Aural Exciter
are much better at augmentation.

Usually the easiest way to use the parametric is to
first set the Q to a high value (narrow bandwidth)
and set the boost to full up. Then, sweep the fre-
quency until you identify the sound that is annoying.
Then, dip the sound out. You may need to widen the

bandwidth by lowering the Q to properly reduce the
annoyance.

4.11.3 Aural Exciter
Clarity, presence, and loudness can all be enhanced
by the Aural Exciter.

First start with the AX Mix at 12:00. Next, sweep
the Tune to find the best tonal balance. Presence is
best augmented with lower tunes. Air is added with
higher tunes. Finally, readjust the AX MIx for just the
right amount of brilliance. Always err on the con-
servative side. Use the in/out switch to compare the
plain signal to the enhanced in order to keep from
getting carried away with the effects.

4.12 USING THE LEVEL CONTROL

Once all the processing is adjusted the way you want
it, the output level may be a little high or low. Switch
the front panel meter to PK and adjust the LEVEL
control to obtain peaks that donit go above -6dBFS.
Alternately, set the LEVEL for OVU on your console or
recorderfs analog meter.

4.13 CLIP/MUTE LIGHT

If the LED is flashing RED, then the internal operating
level is too hot. This can only occur if the insert return
signal is too hot or if the parametric equalizer is
boosted way too much. This same LED will also flash
yellow while the model 230 is in the MUTED state
activated by the COUGH SWITCH (rear panel jack).

4.14 USING THE DIGITAL OUTPUT
Refer to the installation guide for setting up the
sample rate and word clock options.

Aphex Systems Ltd. Model 230
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5.0 Warranty & Service

5.1 Limited Warranty

PERIOD
One year from date of purchase

SCOPE
All defects in workmanship and materials. The following are not covered:
a. Voltage conversions
b. Units on which the serial number has been defaced, modified, or removed
c. Damage or deterioration:
1. Resulting from installation and/or removal of the unit.
2. Resulting from accident, misuse, abuse, neglect, unauthorized product modification or failure to
follow instructions contained in the Useris Manual.
3. Resulting from repair or attempted repair by anyone not authorized by Aphex Systems.
4. Occurring from shipping (claims must be presented to shipper).

WHO IS PROTECTED
This warranty will be enforceable by the original purchaser and by any subsequent owner(s) during the warranty
period, so long as a copy of the original Bill of Sale is submitted whenever warranty service is required.

WHAT WE WILL PAY FOR
We will pay for all labor and material expenses for covered items. We will pay return shipping charges if the
repairs are covered by the warranty.

LIMITATION OF WARRANTY
No warranty is made, either expressed or implied, as to the merchantability and fitness for any particular pur-
pose. Any and all warranties are limited to the duration of the warranty stated above.

EXCLUSION OF CERTAIN DAMAGES
Aphex Systems liability for any defective unit is limited to the repair or replacement of said unit, at our option,
and shall not include damages of any other kind, whether incidental, consequential, or otherwise.

Some States do not allow limitations on how long an implied warranty lasts and/or do not allow the exclusion
or limitation of incidental or consequential damages, so the above limitations and exclusions may not apply to
you.

This warranty gives you specific legal rights, and you may also have other rights which vary from State to State.

5.2 SERVICE INFORMATION

If it becomes necessary to return this unit for repair, you must first contact Aphex Systems, Ltd. for a Return
Authorization (RMA number), which will need to be included with your shipment for proper identification. If
available, repack this unit in its original carton and packing material. Otherwise, pack the equipment in a strong
carton containing at least 2 inches of padding on all sides. Be sure the unit cannot shift around inside the
carton. Include a letter explaining the symptoms and/or defect(s). Be sure to reference the RMA number in your
letter and mark the RMA number on the outside of the carton. If you believe the problem should be covered
under the terms of the warranty, you must also include proof of purchase. Insure your shipment and send it
to:

Aphex Systems, Ltd.
11068 Randall Street
Sun Valley, CA. 91352
PH: (818) 767-2929 FAX: (818) 767 -2641
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6.1 GENERAL SPECIFICATIONS

6.0 Specifications

MIC INPUT
Connector: XLR-3F
Type: Transformerless, NPN active balanced, tube second stage
Input Z: 2KOInominal
Maximum Input Level (MIL): 0dBu
CMRR: Greater than 70dB @ 60Hz
Nominal Preamp Gain: 20 to 65dB
Phantom Power: +48VDC
Pad: 20dB
EIN: -127dBu (Input Shorted)
Tube Type: 12AT7/ECC81 Dual Triode
OUTPUT
Connector: XLR-38M and TRS 1/46 phone jack
Type: XLR is Impedance Balanced (may be used unbalanced); TRS is unbalanced.
Output Z Balanced: XLR: 6601
Output Z Unbalanced: XLR: 330I0ITRS: 60001
Nominal Level XLR: +4dBu; TRS: -10dBV
Maximum Output Level (MOL): XLR: +25dBu Unloaded; TRS: +11dBV
COMPRESSOR
Attack/Release: Program dependent, user variable release baseline.
Ratio: 4:1
Threshold: Fixed
Knee: Medium Hard
GATE
Attack: 0.1 millisecond
Hold/Release: 300 milliseconds/400 milliseconds
Threshold: Variable -50 to +20dB
Depth: Variable, 1 to 58dB
DE-ESSER
Attack: 0.1 millisecond
Release: 100 milliseconds
Threshold: Variable -20 to +20dB
Raio: 5:1
Active Band: 4. KHz to 20KHz Linkwitz-Riley 24dB/octave crossover
INSERT
Connector Type Send: 1/46 TRS Phone Jack, Balanced
Connector Type Return: 1/46 TRS Phone Jack, Balanced
Nominal Operating Level: 0dBu
Point of Insertion: Between dynamics processing and equalizers.
BIG BOTTOM

Frequency Tune:
Mix:

50Hz to 280Hz
OFF to +12dB

PARAMETRIC EQ

Frequency Tune:
Peak/Dip:
Q Range:

240Hz to 8KHz
+/- 12dB
05t05

AURAL EXCITER

Frequency Tune:

500Hz to 5KHz

Mix: OFF to +12dB
ANALOG AUDIO

THD: <.01% @ +4dBu Out

IMD: <.01% @ +4dBu Out

Freq Resp (FLAT):

18Hz to 24KHz +/- 1dB

DIGITAL AUDIO

Internal Sample Rates:
External Sample Rates:
Resolution:

Word Clock Input:
Word Clock Output:
Dynamic Range:

Noise Dither:

Level Equivalency:

44.1KHz, 48KHz, 88.2KHz, 96KHz

Automatically syncs to any word clock between 32KHz and 96KHz

24 Bits

BNC Jack, High Z, Captures <1Vp-p to 5Vp-p

BNC Jack, 75 Ohms, 5Vp-p

Digital dynamic range greater than analog front end.

Dithered by analog preamp noise floor. Equivalent to 16-bit digital audio dither.
-20dBFS Digital = +4dBu Analog

OTHER SPECS

Power requirements:

Power Consumption (maximum):
Dimensions:

Depth Behind Front Panel:

Net Weight:

Shipping Weight:

85 to 260V—, 50-60Hz
12 Watts

196 W x 1.756 H x 8.256 overall depth (482.6mm W x 445mm H x 209.6mm overall depth)

7.56 (190.5mm)
Rack-mounted: 6Ibs. (2.73kg)
9lbs. (4.1kg)

All specifications are subject to change without notice.

Aphex Systems Ltd. Model 230
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Specifications
6.2 ARCHITECTURAL SPECIFICATIONS

Basic Description

A single channel voice processor comprising a transformerless tube-type microphone preamp, a dynamics pro-
cessing section and a tone controlling section, in that order. An insertion path shall be provided between the
dynamics procesisng section and the tone controlling section.

The microphone preamp shall comprise the following selectable functions: 1.) +48VDC Phantom Power; 2.)
Polarity Reversal; 3.) Selectable 20dB Pad; 4.) Selectable 70Hz 12dB/Octave Low Cut Filter; 5.) Continuous Gain
Control; 6.) Phase Rotator.

The dynamics processing section shall comprise a voice adaptive dynamic range compressor, a logic assisted
noise gate, and a split-band de-esser.

The tone control section shall comprise a Big-Bottom bass enhancer, an Aural Exciter intelligibility enhancer,
and a single band parametric equalizer.

Physical Properties

The device shall be packaged in an all metal chassis measuring 196 (482.23mm) wide, 1.756 (44.42mm) high,
with an overall depth of 8.256 (210mm). Depth behind the front panel shall be approximately 76 (178mm).
The device shall have a net weight of approximately 6lbs. (2.73kg) and is capable of mounting in a standard
electronic equipment rack.

Power
The unit shall have a self contained power supply operating from the ac line. Primary voltage, connectorization
and agency listings shall be appropriate to meet local requirements.
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Appendix A: Balanced and Unbalanced
Lines and Operating Levels

Interfacing all types of equipment with balanced
and unbalanced lines and can sometimes be trouble-
some. First you have to somehow connect balanced
to unbalanced and then you have to deal with dif-
ferent levels. This tutorial will teach you about the
principles of balanced and unbalanced lines, wiring
standards, and how to effectively interface them.

Standards

Professional audio equipment usually comes equipped
with inputs and outputs that are balanced using
3-pin XLR connectors and sometimes 1/4 inch phone
jacks as well. This equipment most often is designed
to operate at +4dBu, a professional industry stan-
dard. That translates to a magnitude of 1.23 volts
RMS (Root-Mean-Squared).

Consumer gear has unbalanced I/O as standard, usu-
ally on RCA jacks. The normal operating signal level
follows the IHF (Institute of High Fidelity) standard of
-10dBV, or 0.316 volts (316mV) RMS. Converting to
dBu dimensions, this works out to be the same as
-7.79dBu. There is therefore a difference of 11.79dB
between pro and consumer operating levels.

Grounding

There is the notion that some king of earthly 6groundé
exists out there that sinks all the noise and acts as
some kind of a shield. You see wires connected to
ground rods and water pipes that are supposed to
get a good ground. This is not a correct interpreta-
tion of grounding from an audio standpoint. Proper
grounding of equipment and wiring is important and
you will gain a better understanding of that as you
read along.

Balanced -vs- Unbalanced

Every audio signal is connected through a circuit. The
circuit must contain two conductors to create a com-
plete return path. In other words, a signal voltage is
conducted to a piece of equipment by injecting a cur-
rent into a wire. That current has flow though to the
destination through the wire and return back to the
source through another wire. Since audio is an alter-
nating voltage, swinging through negative and posi-
tive polarity, the current through the two conductors
changes direction each alternate half cycle. Which

7.0 Appendices

wire is the source and which is the return alternates
accordingly. In this regard, balanced and unbalanced
lines are the same. They both need two conductors.

What makes a system unbalanced is when one of
the wires is formed into a tube that wraps around
the other conductor, without touching it, such that
the outer conductor can be said to oshield6 the inner
conductor. This describes all of the coaxial cable used

for video, cable-TV and radio as well as most of the
high fidelity audio cables.

797
717

Figure 1 Balanced Line Model

554
1557

Figure 2 Unbalanced Line Model

Balancing

If both conductors are identical insulated wires that
are twisted together, then they form a balanced line.
This describes telephone lines, microphone cables,
and most professional audio cables. Typical balanced
cables include an additional shield wrap around the
twisted pair, but this is not strictly required for bal-
anced lines to work properly.

Many people, because they have more experience
with unbalanced wiring, think that balanced is con-
fusing. Believe it or not, balanced lines are really
easier to understand than unbalanced. There is no
grounding issue with balanced, and the way it works
is perfectly natural and simple. Balancing naturally
rejects hum and noise and eliminates all sorts of com-
plications in interfacing.

Balanced transmission works something like this.

Aphex Systems Ltd. Model 230
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Appendices

Your balanced input stage looks at the two wires
and detects only the potential (voltage) difference
between them. Anything that is the same on the two
wires (for all practical purposes as seen measuring
from ground) is called a common mode signal and
is cancelled out by the differential amplifier. Figure
1 illustrates how the hum is induced into both wires
equally and therefore is cancelled out.

Since the balanced line has wires that are twisted
together, each wire tends to pick up the same amount
of induction from external sources. Induction will
create no significant voltage difference between the
wires, hence the noise (or hum) will not be picked up
by the differential input stage.

It can be seen that the signal generator driving the
twisted pair will cause a difference between the wires,
and that signal will be readily picked up by the dif-
ferential input stage. One of the beauties of the bal-
anced line is that it is completely independent from
ground. Nothing is connected to ground at all, nor
does it care about ground. Nevertheless, most pro-
fessional cable has an overall shield wrap that is
intended to be connected somehow to ground. You
may well ask why, and the answer is less than glo-
rious. Simply, nothing is perfect, not even balanced
cable. Under some circumstances the shield can over-
come extreme interference problems that canit be
adequately rejected by the twisted pair alone. Things
like 2-way radios, television transmitters, and light
dimmers can induce very heavy interference that may
be reduced by shielding. You are going to find virtu-
ally all balanced cables include a shield so you need
to deal with it, even if it is not actually needed. That
subject will be addressed a little later.

Unbalancing

Unbalanced wiring works a little differently. Figure 2
shows the basic plan. In this case, the wires are not
twisted, they are coaxial. The unbalanced input stage
is somewhat like the balanced input stage because
amplifies a difference signal, but this time it is the dif-
ference between two non-symmetrical conductors.
To make things even less symmetrical, the outer con-
ductor is connected to ground at both ends. The
principle is that the outer shield conductor shields
the inner conductor from induced noises. This can
only work well if the cable is relatively short and
the ground at each end of the cable is somewhat

equal, i.e., there is no ogrounding differenceé that
can cause current to flow through the shield con-
ductor. Grounding difference is a serious problem in
studios, because often the equipment grounds are
connected to power outlet grounds, and there can be
a significant difference of ac voltage between alter-
nating wall outlet grounds. For this reason, unbal-
anced systems can sometimes never be made hum
free, and just changing one piece of equipment in
a studio can cause hum to appear somewhere else.
When you are using unbalanced gear, it is a very
good procedure to power all your equipment from
one large power isolation transformer. At the very
least, make sure all equipment is powered together
off the same distribution panel circuit (same circuit
breaker).

Appendix B: Dealing With Grounds and
Hum

Ground Loops

Many people equate this term with hum, and thatis
just about the bottom line of it. If you have a ground
sensitive system, like unbalanced audio equipment
for example, then hum will result from ground
currents that flow from the ac power system. It is
sometimes very difficult to isolate and stop ground
currents between unbalanced equipment, but it is
quite easy to clean up balanced gear. Thatis why pro
gear is always balanced! The cost of balancing is that
of more expensive connectors, cable, and electronics
but the cost is worth it when you depend on your
audio quality. Thatis why the Model 230 is equipped
with a fully balanced 1/0. Now that weive sold you
on only using really expensive pro gear, lets show you
how to get away with the really cheap stuff! At least
from the standpoint of killing ground hum.

A ground loop is an ac current that has become
routed through your audio ground system. The cur-
rent comes mainly from ground potential differences
that exist between different wall outlets that return
to opposite phases at the power distribution panel.
Secondarily, however, many pieces of equipment con-
tain line filters and transformers that leak a small
amount of ac power into the chassis and ground
return.

You may once have had the experience of getting
zapped by touching two pieces of gear at the same
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time. That illustrated the ground loop effect - -
straight through you! No matter what you do, you
may not be able to prevent some of your equipment
from generating ground currents. The most likely
culprits are digital products because they use switch-
ing power supplies that require heavy line filters to
prevent conducted EMI from going out of the box.
Filters so employed very often take the ground leak-
age current right up to the UL safety limits. Although
it wonit kill you, that is a lot of ground loop current
for audio cables to handle.

There are basically three ways to attack the problem
of a ground loop. First is to eliminate it from its
source, and the second is to re-route it through
another path. The third is to balance out your unbal-
anced audio interfaces.

Identify the Sources

A good way to identify grounding problems is to use
a multimeter to check the ac voltage between the
chassis of your various gear when no audio cables are
hooked up and all gear is plugged in and switched
on. Just start touching the two probes to the metal
chassis of different pieces of gear. Ideally, you should
always see zero volts. Warning! You may see as much
as the whole line voltage between two different chas-
sis! It does happen. This voltage between chassis will
be responsible for your ground loop problems. If
you find there is more than about 1 volt between
equipment grounds, you should start looking for a
remedy.

Commonize the Power

Try plugging all of your equipment into the same
outlet strip. Get one that has enough outlets in one
strip or string more than one together. Of course, you
need to make sure you donit overload the one ac cir-
cuit your strip is plugged into. If the load is too great
for one circuit, use a second or third circuit that is
tapped off the same 120 volt phase in your distribu-
tion panel. That means all outlets should be on odd
or even numbered circuit breakers. Thatis because,
as you go down the column, the circuit breakers
tap into alternating legs of your incoming electric
power. Be sure youire always on the same leg. You
can tell youire on the same leg by measuring the ac
voltage between the hot slots of the different outlets
youbve chosen. It should be very low or zero. That will
remedy 50 percent of the cases.

6.0 Appendices

Check the Cord Polarity

For products that have 2-wire power cords, try revers-
ing one of the power cords in the socket. That may
reduce the ground current generated by the internal
electronics of the offending gear.

Redirect Ground Loops

Sometimes it just comes down to brute force ground-
ing. That means providing such heavy, low resistance,
ground current paths that little current is left to flow
through your audio grounds. You can try adding
heavy gauge, for example 12 gauge, copper wire
from chassis to chassis. You will need to locate a
metal screw that solidly binds to the metal chassis of
the gear. You may even need to drill a hole through
the chassis and install a screw yourself. Equipment in
rack shelves can have their chassis grounded to the
metal rack frame by a heavy wire and the frame itself
can act as a brute force ground. You just have to try
everything you can think of. Usually a combination of
all these methods will be needed to completely clean
up a badly humming audio system.

Balance Out the Audio

Remember, balanced lines are inherently hum free.
If you can balance out your unbalanced equipment,
you will be able to stop the hum.

Pseudo Balancing

You will find in Appendix D an interconnecting
method called Pseudo Balanced. This works when
connecting an unbalanced output to a balanced
input. This breaks up the ground loop by requiring
the shield to be grounded only at one end. For best
results always ground the shield only at the receiving
end.

Level Interface Units

Aphex manufactures the Model 124 Level Interface
box which is designed to electronically convert two
unbalanced inputs and outputs into two balanced
inputs and outputs, and at the same time translate
the -10dBV IHF unbalanced levels to the pro +4dBu
balanced levels. This cost effectively gives your non-
professional unbalanced equipment a fully profes-
sional I/O equal to the worldis best pro audio gear.
Seriously consider putting one of these on each
unbalanced piece of gear you use.

Aphex Systems Ltd. Model 230
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Appendices

Avoid Transformers

The use of balancing transformers is an option, but
you will invariably lose audio quality due to trans-
former limitations. Try everything else first.

Appendix C: Proper Wiring Techniques

A true balanced line should be used wherever your
equipment allows. Use otwisted pair6 shielded cable.
For unbalanced wiring you should use high grade,
low capacitance shielded wire for best results. If you
have an unbalanced output but have a balanced
input, the 0pseudo-balanced6 configuration may help
deal with ground loop hum. This method and others
are illustrated in Table 2.

CONNECTOR WIRING STANDARDS

The 3 pin XLR, 1/46 (63.5 mm) TS mono phone and
the 1/46 (63.5 mm) TRS stereo phone are the most
commonly used line level connectors in pro audio.
Less common is the use of the 0RCAS phono jack,
which is essentially a consumer type connector. The
XLR and the TRS are three conductor and are used for
balanced connections. The TS and the RCA are two
conductor and are used for unbalanced connections.

In addition to the three main contacts on an XLR
there is also a grounding lug contact. This lug is con-
nected to the connectoris case (shell). In all Aphex
products audio ground and chassis ground are one
and the same. Aphex products that use XLR con-
nectors tie Pin | to the XLR case automatically. There-
fore it is not necessary to use the XLR case-ground lug.
This also makes possible the use of XLR ground drop
adapters (see Note 3).

TABLE 1: The wiring convention shown is now stan-
dardized in 17 countries including the USA. Please
note that any equipment that still uses Pin 3 as posi-
tive on XLR connectors is not adhering to the stan-
dard.

THE PIN 1 DILEMMA AND HOW IT AFFECTS CABLE
SHIELD CONNECTIONS

The three main contacts on an XLR (or TRS) and
the accepted wiring assignments shown above are

only part of the picture. The standard for terminat-
ing ground is Pin 1 (Sleeve). But which ground? It
could be connected to audio signal ground or chassis
ground depending on the method of grounding used
by the equipment manufacturer. In all Aphex prod-
ucts audio ground and chassis ground are one and
the same at all I/O jacks. This is just good, common
sense engineering practice (which is what you would
expect from us, course). Unfortunately, many prod-
ucts are designed so that the noisy currents from
the shield drain into signal ground instead of chas-
sis ground. This practice creates a real hum and
noise problem for end-users. The appropriate overall
grounding scheme of an audio system would be a lot
easier to predict without this problem?.

The standard balanced line wiring recommendation
from Aphex Engineering is this: In the majority of
cases maximum noise rejection occurs when the
shield is connected to the input ground only (espe-
cially in locations with high levels of RFl). That means
the sending end shield should be left disconnected.

However, if you already have cables with the shield
connected at both ends, go ahead and try them
out. If you are connecting a fairly simple audio
system it may be fine as is.

A word on optional shield connections: Connect-
ing the cable shield of a balanced line at both ends
creates unnecessary ground loops which may carry
noise and hum currents that can be amplified. Con-
necting the shield only at the sending end (instead
of the receiving end) may exaggerate common mode
noises at the receiving input stage. It can actually
increase RFl and noise more than having no shield
at all. Because of the oPin | Dilemmaé (mentioned
above) you may be forced, in some situations, to
experiment with how the cable shield is connected
to ground to eliminate a pesky hum or radio interfer-
ence problem. It might be good to try XLR ground
drop adapters (see Note 3) as a method of trying
these conflicting methods out and being able to
change easily if necessary.

IMPEDANCE
Regardless of inaccuracies, it has become more or
less standard over the years to refer to balanced
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