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Introduction dbx 160XT

KL-type Input and Ouiput Connectors — b
cause the 3-pin X1 connector has been necog
nized as the most durable and widely used
connector for professional applications.

Balanced Eu?ut —can drive a 6000} oad 1o
-\\_ +M4dBu and provides common-mode rejec-
- thon of unwanted noise in the audio path
Zt!:r & “:@'_{:ﬁ _&;E‘-:Hmm_l | such as RF and 60Hz components.

True Power Summing — When two 1680XT unifs
are slaved together, the BMS energy of the sig-
nal presented o the slave unit is summed
with the RMS energy of the signal presented
tor the master unit to Ip.re'l.rmrphnn cancella-
tiom of the two signals from causing unmusi-
cal compressor action. Mote: a 160X unit can
Congratulations on purchasing the dbx Model also be used with the same results as long as

H60XT Compressor/ Limiter. We recommend you the 160XT s used as the master unit.

take a moment and read through the mamual as it Input Ground-Lift Switch — for isolation be-

provides information that will assist you from sys- S i o rsn sz

: i ; ; ; tween shield ground and sign nd. Use-
temn insdallation to operation to special applica-
tions. For a basic understanding of the terms used .Full;:fheﬁ ) ﬁ-&hmtmg hum t C line
in this manual, there is 4 Glossary of important TR

terms located in the hack of the manual

e have added i few new features o the dibx
Model 160XT while maintaining the performance
and ease of operation of its predecessor, the dbx
160X, We have added:




Infroduction

Cither features imchede;

OVER EASY®/Hard Knee Selection - allows
selection between our famous Over Easy com-
pression curve and the classic “Hard Knee™
CUrve arized by the orignal dibx 160,
161 and 162

True RMS Level Detection - senses the power
in the program in 8 musical manner, much as
the ear does, giving results superior to peak
or average detection.

Hardwire System Bypass Switch — allows the
andio to pass even if the unit is unplugged,
and is also useful for comparing the pro-
cessed and unprocessed signal.

Front Panel Stereo Coupling Switch — couples
two 160XTsora 1 and a 160X
for stereo operation at the push of a bulton.

1% Segment Display - for high resolution mon-
itoring of True RMS input and output levels.

12 Segment Display - indicating GAIN
o

REDU
Meter Calibration - input/output meter cali-
bration, 5o the 1 can be used in a varicty

af siinatons where the “07 referonce 15 not
comsisient.

14" Input and Cutput Connectors -~ we
the 14" phone jacks from the 160X, with

Front Panel

uu%m capable of driving its own additional
load (single-ended) in addition to any

lpad at the XL outpat.

Detector Input - useful for special applications
including frequency cOnScIpUS CoMpression
in which an external equalizer is used,

DC<controlled Parameters - the signal does
not pass thru any of the controls.
Instead a DC voltage controls all functions

which eliminates any possibility of potenti-
pmeter noise as the controls age.

Thee dbax 160XT is capable of handling a wide
range of applications. In the studio, the 160XT can
be used om everything from vocals o 55100,
In live sound reinforcement, the 1 can allow
the engineer to get that "fat studio sound™ out of
the drum kit or ide protection limiting for the
speakers. In radio or television broadcast, the
IHIXT will produce stable voice levels, even with

non-professional subjects.

dox 160XT
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Figune 1z Front Panel

A, BYPASS switch and indlcator
ing the BYPASS button creates a “hand-
wire bypass” of the 160XTs circuitry by con-
necting the input directly to the output; If the
160XT is being provided with AC power, an
LED above the switch tums ON in Bypass
mnde

B, SLAVE switch and indicator
Depressing the SLAVE button on one 160XT of
a steren pair determines that the ofher 160XT
will be the Master (the controlling unit). The
LED above the SLAVE button urms OM when
the 160XT is in Slave mode, indicating that the
front panel functions {with the exception of BY-

PASS and DISPLAY select switches) are deact-
vated and under control of the Master 160XT,
When neither 160KT is in Stave mode, sach will
operate normally as a single channed compres-
sor/ limiter,

. THRESHOLD control

Adjusting this knob sets the threshold of com-
Fﬁﬁiﬂﬁm ~404Bo (7 BrnVms) o +XdBa
(7 BVrms).



Front Panel

Figure 2: Front Panel

0. OVER EASY swiich
Depressing this button selects the Over Easy®
comipression characteristic. The amber
THRESHOLD LED turns ON when the signal
i8 in the Over Easy region. When this button is
otil, the TRIXT operatés as & hard-knee com-
pressor/ limiter,

In hard-knee compression mode, the threshold
is defined as that point above which the output
lewel no longer changes on a 1:1 basis with
changes Iinrﬁne lnputﬁd. In Chver Easy mode,
the threshold of co sion is defined as the
middle of the Over Easy threshold reglon, that

Front Panel

. COMPRESSION EATICO control

Rotating this control clockwise increases the
amount of compression from 1:1 (no compres-
shon) up o infinity:] {no increase in output
level, repardless of input level increases above
ﬂxmﬂhlmj; further clockwise motation increases
comprission into the INFINTTY + region, up 1o
a macimum of =1:1 {ie., a 1dB incresse in in-pjl
level above threshold causes a 1dB decrazse in

eratput bevel). Inthe INFINITY + region, the
160KT inverts the program dynas for spe-
cial effects,

. DUTPUT GAIN control

Adjusting this control varies the amount of
fixed gain (up to £20d48) in the 160XT"s oukput
amplifier stage. The OUTPUT GAIN control
does not interact with the threshold of compres-
siomn.

 DISPLAY switch and indicator

Depressing this button causes the upper LED

array to display the INFUT level to the 160XT.

With the button out, the OUTTLT level is dis-

Blirﬂli. A pair of LEDs immediately above the
1SPLAY switch indicates the selected display

status.

i, "half-way" into compression; as shown in
Figurn: (See Figure 13),

E. THRESHOLD indicators
These three LEDs indicate the relationship of
the input signal level to the threshold of com-
pression, The “BELOW™ LED is ON
when the signal is below threshold and the red
“ABOVE" LED is ON when the signal 1s above
threshold, When the 160XT is switched o Over
Easy mode, the amber LED is ON when the sig-
nal is in the Over Easy region (See Figure 13),

cbox 160XT

LEVEL and GAIN REDUCTION displays
The upper row of 19 LEDs :li.'.pli]m-r;'iﬂ'l-l.'rt'!'*
IMPUT or DUTPUT level, 25 selectod with the
DISPLAY switch, This display is factory set so
that (dB is equivalent to +4dBu input or cutput
level (1.23%rms), bul may be reset with the rear
nel METER CALIBRATION trimmer. (See fol-

Dwing pages.)
The lower row of 12 LEDs up to 4048
of GAIN REDUCTION caused by the 160XT.

{Fixed gain changes due to the OUTPUT GAIN
contml are not displayed by the GAIN REDUC-
THON LEDs but are reflected in the OUTPUT
level display.)
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Figure }: Rear Panel

A. SIGMNAL INPUT jacks
The Tip/Ring /Sleeve phone jack and XL
connector are wired in parallel; cither Signa
Input will accept an andio signal for processing
by the 160XT. phone jack accepts a stan-
rdd TRS W phone plug for a balanced input
sOUrce, or a 2-circuit (Tip/Sleeve) 4™ phone
plug for an unbalanced source. The XL-type
E'[Sg connector is wired pin 3 HOT (+), pin 2
LD (-} and pin 1 GROUND.

B DETECTOR INFUT
This Tip/Ring /Skeeve phone jack a &
standard 14" phone plug, and is of the

Rear Panel

D. SIGNAL OUTPUT - phone jack
Thie 160XT hasa rate single-ended (unbal-
anced} output amplifier nlmca];:ai{- of drving
a 600 obm (or greater) load o -+24d Bac. In por-
mal operation the Tip/Ring/Sleeve phone jack
15 internally wired with the TIP HOT (4], and
the RIMNG and SLEEVE connected to circuit
round. In BYPASS mode, however, the RING
s connected to the COLD (-) leads of the input
pcks, o allow for 1:1 connections.

E. GROUND (GND) Lift switch
This switch allows for troubleshooting hum
{line interfercnoe) caused by ground | In
the “GNDX position, pin 1 of thcinpulcwu?—pnz)h!l,-
cotmector is connieched to the 160XT s i
. In the "LIFT” position it is discon-
nected. This is not a chassis-Bsolate switch. The
circuit ground is floating with the respect to the
chassis.
F. METER CALIBRATION control
This screw-driver-adjustable trimmer may be
used to isely calibrate the front i's
LED display s0 a 0d B INPUT or OUT-
PUT indication is equivalent o any signal from
—13dBu (138mVrms) to-+10dBa (245Yrms).

“mormalling™ type. That is, when a phone plu
EEH:I‘I}T input is no ﬂ:ﬂw Elmng

is Inserted, the
nected in paraliel with the andio input.

C. SIGNAL OUTPUT - XL-type connector

The 160XT has an active-balanced amplifier ca-
pable of driving a &0 ohm (or greater) load to
+24dBu. Pin 3 is the HOT (+) lead, pin 2 is the
COLD (-} lead and pin 1 is circuit ground. Do
not short either pin 2 or pin 3 1o ground, unless

have installed the optional transformer.

is will not damage the unit, but may increase
distortion. (5ee page 28 for transformer balane-

ing options.)

dbx 160XT

- STERED 5TRAFPPING jack

When a TRS (Tip/ Ring/ Sleeve) 14° phone plug
patch cable is inserted between two 160Xs, ste-
reo strapping, can be achieved by depressing
the SLAVE switch on one unit only. This will

provide accurate processing for a stereo pro-
gramming,

- AC line voltage requirement indicator

This recessed indicator displays: the nominal
AC line voltage for which the 160XT has been
set at thi: factory.

AC power cable

. Connect this cable to any 50Hz or 60Hz AC

source of the cormect line voltage, as
shown by the AC LINE VOLTAGE requiremient
inedicator above. The Model 160XT consumes a
macimum of 12 watts AC power.

WARNING: Be sure to verify both your actual

line voltage and the voltage for which your
Model 1805T was wimd, as indicated on the

rear panel of your unit. Connection to an inap-
propriate power source may result in extensive
damage which is not covered by ihe warranty.

AN



Connecting The 160XT To Your System
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Figurme 4: Connecting & 160XT to & Mixing Baard

A. Mixing Board:
If you wish to compress a particular track of a
mulki-track recording or one channel of a live
performance mix, the 160XT output can be di-
recily connected o a line inpul jack (balanoed
or not), or wined to an Insert point. In the latter
case, the signals will most likely be unbalanced.,

The 160XT has balanced inputs and pulputs,
and can be used with any line-level device. Some
commian examples include mixing consoles, mus-
cal instruments, paich bays, and other kignal pro-
LS50S,

Connecting The 160XT To Your System dbx 160XT

il

Figure 5: Connecting a 160XT to a Guitar

but this is no problem for the 160XT (see Figune
5k

Musical Instruments (Le,, Electric Guitar,
HBass, Keyboardsk

The outpul of an electric guitar 15 not usually
“hot” encugh to drive the 160XT"s input. There-
fore you must use the “TREAMP DLIliI"‘ of your

guitar amp (if s0 equipped), or the output of

Microphones and bass gultars, like guitars, also
typically have lpw-level outputs,

some other device that is designed to accept
low-level instrument inputs (including variouws
xes and rack mount audio products,
mm dbx Performer Series ssing units).
Suich sources can be balanced or unbalaneed,

[natruments like keyboards vp
line-bevel signal and can be mrmertt-:rdiredjy
from the instrument’s cutput to the 160XTs
input (see Figum &),



Connecting The 160XT To Your System

POIWER Al

)

Figure &: Connecting a 160XT to a Keyboand

C. Patch bay: which will allow grounding of either pin 2 or 3
In the studio, the 160XT may be connected to a of the XL-type output {(see page 28),
patch bay to allow it to be used anywhere in
the studio system. Do not ground Pin 2 {or 3) of
the XL-type dutput connector (distortion can ne-
sult. If your studio is not fully balanced, you
should leave pin 2 disconnected or use the 147
phone jack output, which is single-ended. An-
other option is to install an output transformer,

Connecting The 160XT To Your System dbx 160XT
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Figune: 7: Connecting 160XTs for Sound Reinforcement

D Sound reinforcement: pagek [ limitations require that you use a sin-
To compress a live mix or to protect loudspeak- ghe 160XT before a crossover, adding an equal-
ers, connect the 160XT between the source (mix- izer to the side chain may provide some
ing board or distribution amp) and the power additional protection to your high frequency
amp{s}. If multi-way loudspeakers with low- component (see “Specific Applications,” page
level electronse crossovers are used, the ).

160X T{s} should go after the crossover{s}. Fig-
ure 7 shows three 160XTs used in a tri-amped
(ralti-weay} setup. For a stered syshom, you can
separately stereo couple the two high band
crossovers, low band crossovers, ete. (soe next

"
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Connecting The 160XT To Your System

Multi-Channel Connectlions
MASIER TELAVE'
160XT 160XT
R TV
LM L
LT = our
hiel P T oo

Figure 8 Multi Channel Connections

The 160XT can be “strapped™ to another 160XT
for 2-channel stereo operation. This will force one
of the unita (SLAVE) to track the other (MASTER)
0 proserve proper stereo imaging. A W' sterep
phone cable is-required to connect the two 160XTs
together.

To operate in stereo, designate one of the two
units to be & “MASTER" (SLAVE button OUT) and
switch the other unit to "SLAVE” mode (SLAVE

The master 160XT will now to the com-
bined inputs of the 160XTs. The master’s contmls
will adjust the amount and nature of the compres-
sion and the slave will track accurately.

When the SLAVE switches on both units are not

deprossed, the 160XTs operate completely indepen-
dently.

The W" strapping cable may be keft in place
when both 1 are 1o be used independently
{i.e., both as MASTER)

button [N, SLAVE LED ON),

Special Connections (OPTIONAL) dbx 160XT

Using External Level Detector Inputs

To control the compressor by signals other than the audio input (via an auxiliary device), connect the aux-
iliary device’s output to the SIHJ)(“IE:. Detector [npul jack, and feed the auxiliary device's input with the same
signal fed to the 160XT's Signal Input (for example. using a delay o create “negative” atlack times} {Figure
16}

In certain situations, the auxillary device may need (o be inserted in the signal path, not in the detector
path. In such cases, signal is fed to the iJ'LFutu-f that device, and also to the detector input, and the auxiliary
device's outpul is fed to the 160XT signal input (Figure 9).

L i

I -] Bl i
EQ or CELAY PARNCR

& KigCry JRITRUT

Figure %: Using the 160XT with a Sampler



Basic Operation (Control Descriptions)
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Basic Operation (Control Descriptions)
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Figure 13: Threshold LEDs and Over Easy
Compression Curve
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Figure 12: Hard-Knee Compression Curve

. THRESHOLD control {and LED indicatorsh:
[n hard-kiee mode this control sets a referenoe
level above which input signals will be pro-
cessed by the 16001 gain change circuitry in
the manner defined by the setting of the RATIO
control. Input signals which fall below this
Tevel will pass through the 160XT unprocessed
[E:{‘Eplfurfixcdﬂn changes directed by the
putput control). See Figure 12,

In Over Easy Mode, signals begin to gradually
gctivate the 160XT's gain change orouitry as
approach thi ESHOLD reference
hewel and they do not get fully processed in the
manner defined by the RATIO control until
they have ed somewhat above the
meﬁlhd-itﬁﬁmfmm level. In Over Easy
mide there is no distinet point at which pro-
pessing ires, and the Tfl‘E:ESHﬂLD setking
cormesponds to a point on the imput,/output 16
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Basic Operation (Control Descriptions)

transfer curve midway between the onset of
processing and that point at which the transfer
curve corresponds to the setting of the RATIO
control (Figure 13.13.L Figure 13, also shows
how the 160XT s THRESHOLD indicator LEDs
comrelate with the compression curves.

MNOTE: The THRESHOLD settng medates to the
signal fevel seen by the DETECTOR input. In
normal operation, the program input signal
input is connected directly to the detector
imput. If this is not the case, the signal actually

tat the detector input will determine
wiw thi 160XT the signal coming
into its SICMAL INPUT.

B COMPRESSION RATIO control:
When an input signal ks above the THRESH-
OLD reference level, the setting of this control
determines the number of decibels by which
the input signal must change in level o pro-
duce o 1dB increase in the signal Tevel at the
output of the 16T, A setting of 2:1 indicates
an infulrnulpu! ratio wherein a 2dB increase in
signal labove threshold) will produce a 1dB in-
crease in output signal. A setting of =1 indi-
cates that an infinite incroase in input lovel
;wduﬁu]d be required to raise the output level by

The 160XT"s RATIC control covers the entire
range from 1:1 to =1 and, in addition, goes to

Basic Operation (Control Descriptions)

Infinity+ {negative) mdios. Ata setting of -1:1,
the abowve threshold input signal must increase
by 1dB in level o decrease the signal at the out-
put of the 160XT by 1d8. See Figure 14.

Thee control curve of the RATIO potenBometer
has been designed 1o provide total operator
contrpl, with scale expansion al the subtle

lower ratins for easy, repeatable settings.

[ mm i1

A8 <0 A 0 5 SRR a0
FEUT LEVH. (oD

Figure 14: Ratio Control and Infinity+ (Negative)
Ratins

dbx 160XT

€, SLAVE button {5tereo Operationk:

Twao channels of progriem material do not nees-
sarily constibube a steren memm. A stored pro-
gram is one where the two channels are
recorded and /or mixed to croate the illusion of
a single unified “panorama” of sound. The sta-
bility of the psychoaconstic “image” of each
sonand spurce within the stereo program de-

nds wpon its ability 1o maintain a specific
E:HSL" a.rfldn nurnp]itl.ul:lr:.!r relationship from left o
right channel,

If two independent compressors ane used 1o

the steron army, @ boud sound oocur-
ring in one chanmnel will cause a gain reduction
only in that channel. This gain reducHin woald
cause the perosived i of any sound spread
botween the bwi channels to move towand the
side which had not been compressed, because
the spread signal would be momentarily softer
in the compressed channel. This can be avoided
by linking the two compressors in such a way
that both channels receive the same amount of
compressicmn. On the 160XT, this is accom-
plished by means of the STRAPPING jacks; a
cahble between these hchfa!;ermiﬁ the RMS de-
tectors of both units o "talk” 10 one another —
but only when poe of the units’ SLAVE buttons
is depressed. Thi: SLAVE unit then sends its sig-
nal to the MASTER, where the RMS power of
the MASTER and SLAVE signals are combinad
tn generate a control voltage. This contrel volt-

age 15 then used 10 com both the MASTER
and SLAVE units cquﬂljy.

When compressing a stereo program with a
patr of 160Ts, only the MASTER unit controls
need to be adjusted.

. METER CALIBRATION control:

The INPUT OUTPLUT LEVEL DISPLAY in the
160XT is factory-calibrated o indicate “0° when
the signal is +4dBu (1.23Vrms) at either the
imput or output of the 160XT, depending on thie

SPLAY function switch position, (The
METER CALIBRATION control does not affect
the GAIN CHANGE LEDs:)

To recalibrate the LEVEL DISPLAY, depress the
DISPLAY button to meter the INPUT LEVEL,
and foed a TkHz signal at the selected norminal
operating level (the level desired fora "B
meter indication) to the 160XT"s SICNAL
INPUT. Then adjust the rear panel METER
CALIBRATION control until the meter indi-
cabes “DdB."

17



Specific Applications

Smoothing out variations in microphone levels

When the distance between a vocalist and a mi-
changes, variations in signal level oocur,

Ti amooth out these variations, start with the
I6OXT adjusted for a low COMPRESSION RATIO
{e.g, 41} and adjust the THRESHOLD control for
optimum results, then increase COMPRESSION
RATIO if necessary. Due to the gentle Over Easy
charecteristic of your 160XT you will find that even
fairly high ratios are handled transparenily,

Smoothing out variations in musical instrument
lewvels

To achieve a smoother electric bass sound, com-
press the instrument’s output with a ratio of about
21 (the COMPRESSION RATIO control set at ap-
proximately 12-00). Compression lessens the loud-
ness varations among the strings and increases the
sustain. Cther instrumenits, such as horns, vary in

loudness depending on the note being played, and
benefit similarly,
MOTE: Whin oo N 3 SiEneD Program

with a pair of 160XTs, the factors affecting a com-
prission curve and the actual compression ratio
and threshold settings, anc like those proviously
covered with reference to single chanmels of

gram material. However, it will generally be found
that large amounts of compression are mone audi-
ble in a mixed steréo program than they might be

specific Applications

Preventing tape saturation
With programs of widely varying levels, com-
on can prevent recording kevels from saturat-
ing tape tracks (see Frequency-weighted
compression, page 200,
Speaker protection

Com n:aﬁunamhu:lrnmll used o prevent ox-
OCssIvE Eru m levels trom J;nugingl:;; VErs ina
sonanicl-ref 1 system Limiting also benefits
intelligibility by allowing low-level input signals to
b reproduced Ihmuﬁwsﬂltm at higher vol-
urmse. In & mussical ormance, this provides addi-
tomal inti as the vocalist's whispers are heard
clearly at every seat in the house. The Over Easy
curve available with the 160XT permits a very high
amount of COMTRESSION (10:1 or greater) to be
used in many situations, Vocalists and musicians
don’'t get the sense of being held back, but high av-
erage levels can be maintained without speaker
damisge due to excessive heat buildup,

In circumstances where the 160XT is expected to
cause no change in gain unless an cmergency
arises {wildly excessive levels) some operators set
the COMPRESSION RATIO to ==:1, the THRESH-
OLD o the highest permissible level, and o e
the unit in hard-knee mode. Asa %IEMHJ rule, the
c should be as close to the anmplifiers as

in the signal chain. If the 160XT i# placed

before the EQ, for example, a potentially damaging

om the separate tracks that were mixed 1o create the
program.

Raising a signal out of a mix

Since reducing dynamic range increases the auer-
age signal level by a small amount, a single track
can be raised out of a mix by boosting its level
slightly and applying compression. 1t is also possi-
ble mgerpintecﬂ'tail ; vocals or instruments. from a
IO m already mixed ﬁequ .
wﬂghlp:-:g]u_‘mm:mr{ﬂe pa:glzm. 2]

Using your EQ to reduce feedback in live settings.

Youx can use your 160XT and EQ to reduce feed-
back in clubs or halls by placing the 160XT at =1,
Hard Knee, and a low threshold. [ncrsase control
gain until the first feedback “ring” occurs. The
THOXT will catch i, and hobd it as a constant tone
50 you can adjust your EQ to minimze it. Continue
to increase your console gain and set your EQ) until
the 3 or 4 “ring” frequencees have been compen-
sated for

dbx 160XT

boost in BCQ won't be seen by the 160XT and the
speakers may be damaged. (see Multi-way speaker
systems, 12). For maximum sound pressure
leveds, large sound reinforcement .'.}'mﬂrtahl'm-

uently use a separale COMPRessoT on oratput
gl‘ mﬂmnmm For a stereo sound-re-
inforcement system, stereo strapping cables should
be run between the 160X TS in cach band {low-low,
rmid-mid, etc.).

The 160XT as a line amplifier

To use the 160XT as a line amplifier, adjust the
COMPRESSION ratio control to fully counterclock-
wine (1:1 position), THRESHOLD to full clockwise
position {+10) and OUTPUT GAIN to whatever set-
ting is required for the application. Remember that,
as with any amplifier, excessive gain may lead to
outpul clip

£ the COMPRESBION raio and the

Wm:ﬁ controls to the desired settings.

b



Specific Applications

Side-chain applications
Frequency-weighted compression

It is possible o separate certain vocals and in-
struments from a mix
pression, With an equalizer inserted ahead of the
detector inpul (but not in the audby path), the
equalization settin
quiency response of the audio s
alter the threshold response of t

“frequency-weighted™ basis {(see Figure 15},

. They menely

(&= B DEIECITH
——

W AUDD BT

—

Figure 15: Frequency-Weighted Compression

With this arrangement, mising
cies on the equalizer causes them 10 be su
in the audio signal. A relatively high
setting can allow normal scunds to be unaffected

certain fregquen-

while solo and very loud sounds are held back. (Of
course, when compression does occur, the level of

the entine

m is affected.) Depending on the
THRES

Specific Applications

De-Essing

To apply de-essing to vocals (e, a reduction of
sibilance), use a parametric equalizer in the level
detector circuit and set it for high frequency boost
in the specific frequency range where the vocal
“hiss" or lisp ooours by in the 4-6kHz ne-
gion). This pre-emphasizes the already “hissy™
vocal input bo the detector. Used in confunction
with a moderate to high threshold and compres-
sion ratio, this arma t greatly attenuates the
“pgsing” without a the basse sound quality
or balance of the voice. While it is true that all fre-
guencies are lowered in bevel when the compressor
i5 tri , generally the “sas” sound occurs
alone, before or after the dominant tone in the
YOHCE-

Increasing Sustain

To increase the sustain of a musical instrument
{e.g., @ guitar or bass), use an izer in the level
detector circuit and Boost the EQ in the dominant
frequency range of the instrument, along with a
fairly low threshold and a moderate compression
ratin,

Using a Filter in the Level Detector Circuit

The results of inserting a filter in the level detec-
tor circuit are baskcally the same as obtained with
an equalizer, as previously described. Those fre-
quencies passed by the filter ane subject o compres-
sion {or at least they an: subject to considerably

frequency-weighted com-

div mist shift the Hmbre o fre-

CUHMPTERair on &

|l

-t T}
LD

LD setting, lower level fundamentals or

harmanics will not cause oo
gram is not subject to the phase shift normally

caused by program equalization.
During the necording of

b adjusted for boost with a peak of about SkiHz,
causing the cymbal to be compressed on a very
loud crash, stopping tape saturation at high fre-
quencies, where there is less headroom.
gentle tapping of 8 drumstick or brushing of the
cymbal will not bé held back. Assuming the tom-
tom is a lower frequency instrument and can be
better tolerated by the tape, it has less nead for

on. The equalization in the detector cir-
cuit means that the co is not triggered as
roadily by a loud tom-tom beat as by an equally
leud cymbal crash.

The converse of the above EQ technique may be

used; d the equalizer bands causes any
sound with dominant
ter to pull the level up because the T60XT will de-
tect a need for less compression,

dbx 160XT

more compression than those o6 putside
the passband). Because a passive filler can have in-
sortion loss, it may be necessary to lower the
160XT's THRESHOLD setting to maintain a given
amount of gain reduction within the filter
passhand; this can be determined by monitoning
the 160XT's threshold indicator LEDs.

Multi-way speaker systems
Ifa r.inE: compressor is to be used witha mult-

Wi system (i.e., before the crossover, after
Eﬂ'{ the system tor is faced with the problem
of keeping levels below the point of destruction of

the most sensitive part of the system. If, for exam-
ple, mid-range drivers are frequently damaged, the
whole systemn must be operated at a lower sound-

sure level, or additional mid-range drivers
must be added. By inserting an i2er b the de-
tector path to the 160XT, it can be made more sensi-
tive to encies in the range handled by the
sensitive drivers. The system can then be run at
higher levels and will only be dropped back when
damaging signals are present.

Pri~emphasis for broadcast applications

By inserting a pre-emphasis filter network in the
detector path of a 160XT processing pre-empha-
stzed audi, higher levels can be nun within the
headroom limdtations of the broadceast chain.

iom, and the pro-

and tom-ioms,

a compressor with an equalizer in the detector path
can hnlp prevent tape saturation. The equalizer can

WEYLT,

in thie affechsd meris-

21



Specific Applications

Anticipated compression

By feeding the am dinesctly to the T60NTs
Mot Ao duies & Lyding the audic signal iy
through a delay line before the audio input, the
unit can “anticipate” the need for a gain change. Tl e | [ :
See Figurn 16, With sarme éxperimen tation e of- K] = =
fect can be that of “zern® attack time at a given fre- AT
quency. Additional sipnal delays beyond this
"rere” time will then cause the ¢ o fim=
ish reducing the gain mmﬁuming edge of the Figune 16 Anticipated Compression
loud passage even enters the signal input. This will
suppress the pro material ng; this boud

passage, The 1 wﬂlﬂmbeq‘;mrdmn{re-
cover from compression) before the loud

has dro back down toward the set threshold.
This will cause the output level to surge higher as
the note or passage should be decaying. The pro-
duced effect sounds like reverse plavback of a tape

recording. When coupled with Infinity+
sion, highly unusoal effects can hti.c:ﬁ'ies'ed

Installation Considerations dbox 160XT

Power Considerations

Connect Power
&, Check the line voltage.

The 160XT is shipped for 115or 230V, 50 or 60Hz
operation. Fafer 1oy s ufit's rear paned ko verify

yorur uhii’s procise line voluge.
B. Connectthe 160XT's power cord toan appropriate AC power source.

Mounting the 1&60XT in a Rack (OPTIONAL)

Mount the 160XT in a 1U rack space (1.75 inches,
4.45 am).

Mounting the unit directly over large heat-producing devices (such asa vacuum-tube pOWer & ifierh
may shorten component life and is not recommended. Ambient termperatures should not exceed 113°F (45%C)

when equipment s powened.



Installation Considerations

Input Cable Configurations
A RS Sl - -3
pliseeaassay T

= s

T

STEREQ PHONE PLUGS TO BALE X1L-TYVPE

-

§
X L 1% 1

EOWAET F RHIID M W e

STERED PHOMNE PLUG TO SIERED PHOME PLUG

RO BCNEE] 3 uae
£l e

FEMALE XL-TYPE TO MALE XL-TYPE

Figure 17: Input Connections (Balanced Lines)

Connect Audio Inputs

The 160XT has an actual input i nce of 100k(] in balanced configuration or 50kLD if unbalanced. This
makis the 160XT andio input suitable for use with virtually any source impedance, low or high. The 160XT's
input connectors are wired in parallel. That is, the phone jack TIT {+) connection bs intemally wired o the XL-
type pin 3, the RING {-) is wired to pin Z, and the VE {shield} is wired to pin 1, Note that pins 2 and 3
are the reverse of certain other manufacturer’s equipment, but if the same connection is used at the output,

the signal will be correctly polarized ["in phasa”),

Installation Considerations

1'_"IF;E i S{TOED ¥ R el

MOfD PHONE PLUG TD STERED PHONE Pl

e BORAETT (GEVACT 0

o
WOMD PHONE PLLE 10 MALE XL-TVPRQ
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Sl Ol S WECE il

= -
cEpephi ¢ E@elel M Bl sl

PHOMD PLUG TO STERED PHONE PLUG

FER WAEED STEER LegE

4 P - =

PHOND PLUG 10 MOND PHONE PLUG

LR T
PHOND PLUG 1O MALE WL-TYPE

Figure 18: Input Connections (Uinbalanced Lines)

Eeversing the inpu
site of the input signal ("180° out of phase”),

t wines to the input terminals will result in the output signal polarity being the oppo-

The 160XT has a rear-panel GROUND LIFT switch, This switch disconnects the i.;r"n&p_ut XL-type pin 1 from
I

the 160XT’s circuit ground. This is to allow troubleshooting of hum and other grou

nﬁ problems withoat

having to change the cabling. We advise starting with the switch in the LIFT position (shigld disconnected at

the T60XT inputh.



Installation Considerations

Output Cable Considerations
SRl |E0NT o O SO PR W 0 ] S
"""""" (sl I L“""""""""""‘n i
4 L%' 3 ——1
BT vl DOeeDT F MDD B0 WOMCD Rl WP bl T AL sl ¥ WS W BT e
FEMMALE XLTYPE TO MALE KL-TWPE FEMALE XEL-TYPE TO SVERED PHONE PLLNG

Figure 19: Cutput Connections (Balanced Lines)

Connect Audio Dutpuls
Thee model 160XT has two seperate outputs: one aln le-ended amplifier driving the 14" stereo phone jack,
and a separate a::l:we—l:ahn:ed amplifier driving Ihe -type cutput connector. is capable of driving &
600 ohm load to +24dBu. The XL-type 60%' (balanced) can be transformer-coupled by installing an op-
tiomal outpul transformer inside your 1 (sec page 28).
Installation Considerations dox 160XT

SEGED PHONE UG TO FMOND PHONE FLLEG

T s . e oyl A B
ey @ EFD M EER CEwsicy ¢ R W Sl =l
MOMD PHOME PLUG 10 SIERED PHONE PLUG MERED PEONE PG 10 STERED PHONE PLUG
e B i O e e ¥ T R
| - <l SEN=
MOMD ONE PLUG 1D PHOND ALUG STERED PHONE PLUG 10 PHOMOD PLUG

Figure 20 Chatput Connections {Unbalanced Lines)
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Installation Considerations

Transformer Balanced (OPTIONAL)

s .
Ty at

| AT I T

1A 0 ', :
i

_______

- Y -

Figure 21: Transforméer Mounting Ares on 160XT Board

The 160XT main circuit board is drilled to accept an output transformer o provide a balanced, ﬂuamgbl
output stage. dbx recommends installing transformers only when an isolated output is needed. Compatable

transformers are currently available from two sources:

Baner Commmunicaticons, Inc Jerien Transformers
BEAT Fasmudale Ave., 1z HIFAS Parbapk Boulevard
Morth Hollypwiood, CA ¥TES Marth Hallywood, CA 51K
TEL (8000 637.-7277 TEL (13 Hnb-0059
ar [A1A) §51-9985
A, Unplug the 160XT from the AC Mains,

8. Toopen the unit for access to the main crouit board, first remove the screws securing both rack ears,
and =t them aside.

C. Next, remiove the remalning screws, which secure the top cover 1o the chassis,

Installation Considerations dbx 160XT

D Referring to Figure 21, note the mounting logtion of the transformer on the 160XT circudl boand.
Within the transformer mounting area ane two jumpers (Y5 and ¥7). Cut or unsolder these jumpers.

E  Insert the transformer from the top side of the board, pressing its pins firmly into the socket cups pro-
vided, These transformers are symmetrical {primary and seco windings are identical), 5o onen-
tation on the 160XT circuit board is not critical; if the pins line up, are correctly nstalled.

F Reverse (he disassembly procedure (Steps A and B) o attach the top cover and rack ears.

&, The 160XT output is now balanced and floating, since there is no ground reference. We recommiend
you label the near panel sccordingly, indicating that-a balanced, floating output is installed,

Grounding
TEEKT
L O— ~F|
HGHAL FLOW e

Figure 22: Signal Flow (Balanced Connection)

NOTE: For maximium hum rejection, avoid commoen grounding at the 160T"s input and output. The best
starting point is bo ground the shield of the input cable at the source devioe (leaving it unconnected at the
160XT) and to ground the shield of the outpat cable to the ground terminal of the 160XT (leaving it uncon-
nected at the recetving device).



Maintenance and Technical Support

Mainfenance and Troubleshooting

The 160XT is an all-solid-state product with components chosen for performance and excellent ridi-
ability. Each 160XT is tested, burned in and calibrated at the factory and should nequire no adjustment of any
type throughout the life of the unit. We recommend that your 160XT be rdumed o the factory should cir-
curmatances arise which necessitate repair or recalibration, The 160XT requires no special preventive mainte-
Nance.

Technical Support

If you require technical support, contact dbx customer service. Be prepared to accurately describe the
problem. Know the serial number of your 160XT — this is printed on a sticker attached 1o the rear panel.

Telephome: (1} 415/351-3500 or Write: Customer Service

o Fiu (13413, 351 -(500 dbx Professional Products

or Telex! 17-1480 a division of AKC Acoustics Ine.
1525 Alvarado Sirest

San Leandro, CA 94577 USA

Faclory Service

Always contact Costomer Service before mhlrmr?‘: product 1o the factory for service. Often, a problem is
refatively simple and can be quickly fixed after telephone consuliation.

Products can be returned 1o the factory for service only after Customer Service has issued a Retumn Autho-
rization number, This number flags the returned unit for priority treatment when it amives on our dock, and
ties it to the appropriate informa file.

Please refer to the erms of your Limited Two-Year Standard Warranty, which extends to the first end-user.
After expiration of the warranty, a reasonable charge will be made for parts, labor, and packing if you choose
to use the factory service facility. In all cases, are responsible for transportation charges to the factory:
dbx will pay return shipping if the unit is stll under warmanty.

Maintenance and Technical Support cibox 160XT

Shipping Instructions

Use the m‘i&lrgal packing material if it is available or a sturdy, double-walled carton no smaller than 22 «
12 x 5 inches (35.75 x 31 ﬁ?-cmh Flace the unit in a plastic bag to protect it from modsture and to protect the
fimish, then pack it in the carton with at least 1.5 inches (3.75 em) of cushioning on all sides of the unit, Use
endugh packing to prevent the module from moving during shipment, Scal the carton with 3-inch (7.6 cm)
reinforoed fiberglass or polyester sealing tape.

Mark the package with the name of the shipper, and with these words in red:
DELICATE INSTRUMENT, FRAGILE!

Insure the package properly. Ship prepaid, not collect. Do not ship parcel post.

)|



specifications

Input Characteristics

Rear Panel Input Impedance:
Balanced = 10§42 / Unbalanced = 50k

fefaximum Input Level:
#24dBu (12,5 I

Rear Panel Cnrmutnr‘ly;r
1" TRS Phone Jack and XL-type Connecior

Detector Input Impedanoe:
Balanced = 4604k(/ Linbalanced = 2304{1

Maximum Detector Input Level:
#284Bu [19.5Vrms)

Detector Connector Type:
%" TRS Phone Jack

Qutput Characteristics

Cutput Source Impedance:
Balanced, 2200, XL / Unbalanced = 440 "'hone

Minimum Load Impedance;
Creater than or equal to 600

Maximum Cutput Level:
Balanoed and Unbalanoed, +24ddBa (12.3%rms)
into &L}

Connechor i
¥4" TRS Phone Jack and XL-type Connector

Specifications

Controls, Indlcators, Meters

Controls:

Threshold Knob, Ratio Knob, Cutput Gain
KEnob, Over Easy/Hard Knee Switch, Slave
Switch, Bypass Switch, Input/Output Switch

Indicators:
Bolow: Green: Threshold: Yellow: Above: Red:
Skave: Yellow; Bypass: Red; In/Cutpul: Red

Metering: -

19 Segment LED Bargraph Displa scating
Input/Cutput Level; 13 Sr.-g;mr.'nt 1'Lr:'E‘D Bar-
,r,raph Display indicating Gain Reduction

Calibration: Factory presetat 0VLU = +4dBu
(1.23Vrmsk; rear panel potentiometer sets
VLU for any level from —10d0Bu (7.EmVrms) in
+10dBu (245 rms).

Stereo Coupling:
True Power Summing; 14" TRS Phane Jack

Performance Characteristics

Frequency Response:
20Hz-20kHz [_lEI.SdH!

THD Dristortion:
<(1.2%, Any amount of compression @ 1kHz

IMD Distortion:
<F% SMIPTE

Equivalent Input MNoise:
—494Bu

Dymamic Range:
11348

Dutput Gain:
Vardable from 2048 1o = 20dB

Threshobd:
Compressor —40dBu to +20dBu

Threshold tics
Selectable Over Easy ™ or Hard Knee

Compression Hatio:
Variable 1:7 - =21 thre to-1:1; =6048 Maximum
Compression
Attack Time:
m-Dependent; 15ms for 1048, Sms for
201 B, Ims for 3048

Helease Time:
m-De t; Ama for 1dB, B0ms for
104 B, 400ms for 5048, 12548/ sec Rate

dbx 160XT

General

Fower Line Requirements:
90 - 13VALC, 50/80Hz, Switchable to 220 -
240WAC

Power Consumption:
12w

Dimenslona:
175" (H) = 197" (W) x 9257 (D)

Rack Space:
1 Back Linil
Weight:
6.5k, ¥lbs shipping weight
Warranhy:
Two-year, parts and labor: Subject to limita-
Hons set Fnrr‘r.h in our Standand Warranty, Fac-

tory assistance and service will be available
throughout the life of the product

Specifications are subject to change.



Schematic (160XT Main Board)
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Glossary dbx 160XT
This section offers a brief discussion of Attack Time
directly related to the 160XT"s features and func- Attack time has different meanings in different
tions (e.g., mkmﬁ,ﬂmptmjun. Limmnit- contexts. In music, it 15 the Bme it akes fora
ing, Thres and ing} as well as other note o reach its full volume is the attack time
common audio concepts (e.g., Moise Reduction). of the note. Percussive instrurments usually
Kead this section if any of concepls an new have short attack times maximum
or unclear. Understanding the behind the volume v) and wind instruments tend to
160KT and other audio equipment will help you to hawve long attack times {reaching maximuom vol-
get the most productivity for all your audio appli- e more gradually).
catinns.
A compressor or expander requires a finile Hme
Asperity Moise _ tor respond to changes in level, This time is
This is a swishing type of ba nd noise known as altack time. More precisely, the at-
that occurs with tape recordings in the presence tack time is the interval (usually measured in
of strong low to mask the milliseconds, or microseconds) during which
huﬁ_.ﬁwl}’ﬂujﬂ'ﬁﬂllﬂdhrmlnuwm e i““"“"ﬂ"f““ﬂ“"" ifier changes
fections in the surface of the tape, includi its gain from the initial value to %0% of the final
variations on the magnetic particle size in the value.
tape’s oxide coating. The imperfections in-
crease or decrease umm?th of the magnetic Aux Input {Aux Level)
firdd passing the play head in & random man- Aux inputs, an abbreviation for auxiliary in-
ner, resulting in audible noise. Asperity noise ts, are low sensitivity jacks provided on most
may be present even when no ts e fi and semi-professional equipment. Aux in-
c-nrdnd.f‘lhnn program is recorded, a puts {also known as “aux level” or “line-hevel”
noise becomes superimposed on a signal, croat- inputs) have “flat” response and are
ing modulated ity noise, or “modulation intended to be used with lified signals.
notse” Using hig ality tape with a Aux-level (line-level) si ane medium i
calendered surface helps reduce asperity and higher than microphone levels, but not enough
modulation noise (calendered tape is prossed power to drive a speaker. The advantage to
smooth by high-pressure rollers). these levels is that they are less susoe s 0
hum and noise than ane mi i &, Typ-
ical items that might be connected o aux in- a5
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puts are fape machine “play” outputs, tuner
outputs, and dbx “play” outputs. Mic-level or
hono-level signals are considerably lower in
| than aux inputs (approx -60 to <40dBu), so
they will not produce adequate volume when

connected to an aux inpul. Moreover, phono

cartridge outputs require RIAA equalization
that is not provided by avcinpats.
Bandwidih

Bandwidth refers to the “space™ between two
specific frequencies that are upper and Tower
limits; alternately, bandwidth refers 1o the abso-
lute value of the range of frequencies between
those limits, Thas, a filber that 505 mﬁm-
cies from 1kHz to 10kHz muyfuia.lm e i
bandwidth of TkHz - 10kHz, or it may be said

to have a SkHz bandwidth (10kHz minus 1kHz
equals 9kHz).

Bandwidth is not necessarily the same as fre-
quency response. Bandwidth may be measured
al low levels, and frequency response at higher
levels. Moreover, bandwidth may refer only to
certain portions of the drouitry within a piece
of équipment, whereas frequency response
may refer 1o the overall ormance of the
equipment. Thus, while the overall input-to-

Hass

The low audio frequency range below approxi-
mately S0Hz. For the purpose of discussion or
analysis, the bass ange may be further divided
into upper bass (250 to 500Hz), mid bass (100 o
200Hz}, low bass (50 to 100Hz) and ultra-low
bass (20 to 50Hz).

Bass Boost

Emluaﬂan of the lower audio frequendies
{bass frequencies), whereby they ane made
louder than other frequiencies.

Biamplified

ptive of a sound system that utilizes a
Tow level crossover network to divide the full-
upuemmaucﬁn_:%gmlhm low and high fre
quency ranges. These ranges are then fed to
separale power amplifiers, which in turn feed

low Frequency speakers {woofers) and high fre-
quency speakers (bweeters), &
Hias

Bias, as the term used in tape recording, s a
wery high frequency signal {usually over
100kH ) that is mixed with the program being
recorded in order to achieve linear magnetiza-
tom of the tape. If only the audio program were
applied to the recording head, a very distorted

output frequency res of dbx Type 1l squ
S Tl T g
RMS detection circuitry within that equipment

is B0Hz to 10kHz.

Glossary

The frequency of the bias signal s approxi-
mately 4 times the highest frequency of the
tape recorder’s Record /Reproduce response.
The bias energy level has a dinect effect on ne-
cordied level, background noise and the distor-
tion. For optimirm performande, it is
recommiended that the tape recorder be cali-
bratied each time a different tape type is used.
Moad, if not all professional tape reconder manu-
facturers featune bias presets to accommodate
the different tape types. Many consumer ta
machings n[lerpﬁn mkdswrm!mhnphnﬁﬂ
for most of the High bias cassette tapes avail-
able koday

Clipping :

Clipping is a very distorted sound. It occurs
when the output capabilities of an amplifier are
exceeded, and the amplifier can no longer pro-
duce anymore voltage, regardless of how much
additional gain or how much more input signal
is present. Clipping is relatively easy to see on
an pscilloscope, and is sometimes audible as an
increase in harmonic distortion. In severe cases
of clipping (hard clipping), sine waves begin o
resemble square waves, and the sound quality
is very poor, Often, the maximum output el
of an amplifier is defined as that level where
clipping begins to oocur, There is a phenome-
non known as t clipping, and this rrmj'y'
occur whene the input signal is so high in level
that it exceeds the level-handling ability of the

recording would mesult use lower
portions of the program would not be able 1o

pyvercomee the initial magnetization threshold of

the tape (known as hysicresis),

dtox 160XT

transformer and /or of the input amplifier. Clip-
ping also ocours when tape is saturated by ex-
cessive record bevels,

So-called “soft clipptng” is usually the result of
tranaformer saturation, and it be sorme-
what less objectionable than the “hard clip-
ping” that occurs when oulput voltage limits
are reached. Aside from degrading the sound
ity, clipping can damage loud speakers.

t clipping can be avoided by reducing
the level ﬂt?ﬂpﬂl signal, reducing the gain
of fhe amplifier, or using a larger amplifier.
lnputll.':li ing may be avoided by reducing the
input -

Clipping Level
This is the signal leved at which clippang just be-
ins o occur. U.ﬁiru; level is not always easy
to define. 1t may be a matter of visually I3
the waveform on an oscilloscope as the is
increased; afternately, clipping may be defined
as the level at which harmonic distortion
reaches & given value. Tape clipping, or satura-

Hon, is ¢4l as the 3% harmonic distortion
lewed,
Compression

Compression is a process whereby the dynamic
range of m material is reduced, [n other
words, the difference betwoen the lowest and

highest audio levels is “squeczed” infoa

aw
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smaller dymamic range. A comprossed si
has higher average bewel, and t gt:l
have morne a.]:rparlz:lﬂl loudness than an un-
compressed signal, even though the peaks ame
mhpg}mrmm [ it lﬁmﬂpﬂ
with a compressor, a special type of amplifier
that decreases its gain as the kevel of the input
signal increases. amgunt of compression is
expressed as a ratio of the input dynamic range
to the output dynamic range; thus, a com gm.—
sor that takes a program input with 10048 of
dymamic ¢ and yields an output program
ﬂﬂﬂdﬁmmﬁmyh;?umh:w;
211 compression ratio.

Crossover MNetwark

A circuit that divides the audio spectrum into
twoo OT mioTE bands for distributibon
to different s Eﬁlgh level crossover) or
different amplifiers that then feed different
speakers (low level crossover),

High level crossovers ane usually built into the
speaker cabinet, and are passive (they require
no power supplyl. Low level crossovers are
wsexd in biamplified or triamplified sound sys-
tems, They are usually self-contained, and
come before the power amplifiers. Low level
crossovers may be passive or active; active low
level crossovers ane known as "electronic cross-

Compressor

A COMVPIESROT 18 an .m-TII.Em that decreases its
gain as the level of the input signal increase to
dynamic range of the program {sce
“Com fon® ) A compressor may operate

OveT entire range of input levels, or it may
is above and for below 4

meduce the

(4 b only on signa
gtF:.-E;: level (the threshold leved).

Crossover Frequency

In loudspeaker h:rruind multi-amplifier
:hy:u'umnmn frequency actu-
} between bass and mid-

audio systems,
ally a frequency range
range or midrange and treble speakers or

amplifigrs.

Glossary

ar Wo of a Bel. The decibe] ts & ratho, not an ab-
solute number, and is osed o express the differ-
ence between two power, viol Or sousd
pressure levels. (dB is 10 times the logarithm of
a power ratio or 20 times the logarithm of a
vidtage or sound pressure ratio.) If the mamber
of "dBs” are referenced o a given level, then
the value of the dB number specific:

dBu expresses a voltage ratio. OdBu i5 usually
referenced to 0,775V rms. Thus, dBu = 0775V,
+6d Bu = 1,55V (kwice OdBu), +20dBu = 7.75V
(ten times OdBul, efe,

dBv expresses a voltage ratio that is often used
interchangeably with dBu.

dBY expresses a voltage ratio and is similar to
dih, but 0dBY is usually referenced to 1Vims.
Thus G BV 43 2. 22d B higher than OdBu.

dB 5L ewpresses a Sound Pressure Level ratio,
dBSPL is a measure of acoustic pressure (houd -
messl, not acoustic power, that would be mecas-
ured in acoustic watks OdBSPL is egqual 1o
0.0002 dynes/ square centimeter {the threshold
of human hearing at 1TkHz), As with dBY, an in-
criase of 6dB 5PL is twice the sound pressure,
and incresse of 2008 SPL iz an nenease of 10
ks the sound pressure,

overs"”

Damping Factor

The ratic of loudspeaker impedance to the

amplifiers output source

describes the amplifier's ability to ]:nmmt

wanbed, esidual speaker movement. The
higher the numerical value, the better the

damping.

dB (Decibel) also dBv, dBV, dB 5PL, dBu,
dBm, dB

One dB is the smallest change in loudness the
average human ear can detect. (dB SPL is the
threshold of husman hearing, whereas the
threshald of pain is between 120 and 13048

SPL. The term dB is an abbreviation for decibel,

diox 160XT

dlim expresses a power ratio. OdBm is 1 milli-
walt (001 watts), or 775V rms delivered o a
fAl-ohm load. +3dBm = 2 milliwatts, or 1.55V
et &K obims (heeice DdBm), +20dBm = 100 mil-
liwatts, or 7.75Y into 600 ohims (1en times
OdBm), etc. dBu and dBm are numerically

al when dealing with 800-ohm arouits.
WJWLTE% whien the impedance is other than
&) chims, the value of dBu remains the same af
the voltage is the same, whereas the value of
dBm decreases with increasing impéedance.

dB alone, without any suffix, doesn't mean any-
thing unless it is associated with a reference. [t
may the difference bitween bwo levels,
Thus, the differenice between 10dBY and

1548V, the difference betweon OdBm and
SdBmi, and the difference bebween B304 B SPL
and 95d8 STL are all differences of 5dB.

Drecay Time

Decay time has different mea in different
contexts. A com ‘s decay hme is aldo
known as its release time or recovery ime. Al-
ter a comipressor {or Ef:FHIHﬂ.E‘}d"IiI‘IEEEle gain
to accommaodate an incoming signal, and the
signal is then removed, ﬂ'ﬁ‘.‘{Fl:tﬂ]l' e id the
amount of time ired For the crculiry o re-
turn 1o “normal.” More precisdy, the decay
tme is the interval (usually measured in micro-
seconds) during which the compressing or ex-
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panding amplifier returmns to %0% of the normal
gain.“'ﬁry fast decay imes can cause "pump-
ing" or “breathing™ effects, whereas very slow
decay times may cause moderate-level pro-
gram that follows high-level pﬁFrl.mur pro-
gram peaks tp be oo low inlevel.

Decoder ;

When a circuit restores an onginal program
iroven a specially treated versi:ﬁmf that pro-
gram, the circuit may be said o decode the pro-
gram. The equipment or cirouit which performs
this function is known as a decoder. Decoders
mist only be used with rams which have
been encoded by complimentary encoding cir-
cuitry. Typical decoders include: FM tuners that
use multiplex decoders to extract left and right
stereo signals from beft-plus-right and left-
minus-right signals, matrix qu.idr.llphum de-
coders that extract four channels of program
frovm the steren ram on record-
ings, and dbx rs that retrieve wide-dy-
namic range programs from the compressed
programs on dbx-encoded recondings.

De-emphasis and Pre-emphasis

De-emphasis and pre-emphasis are related
Cesses Imunu!;ll}rdu-:wh:avuid nudinptﬂ_
nise in some storage or ransmission miecioTm.
Pre-emphasis 1s a boost at specific higher fre-
quencies, the encoding part of an encoding /de-
coding system. De-emphasis is an attenuation

at the same ies, a redprocal decodin
that counteracts the preemphasis. In dbx noise
reduction, de-ermphasis is performed by the de-
coder (the circuitryl, The de-emphasis al-
enuates F‘:};mqunnlga.ﬂﬂebfmmmng
tape modulation noise and restoring the ongi-
nal frequency rgzpon:‘-e of the program before it
wias dbx encoded. There are other types of pre-
emphasis and de-emphasis. For example, in FM
tuners, de-emphasis 5 used to compensate for
special equalization (known as 75-microsecond
pre-emphasis) applied at the station’s transmit-
ler.

Dynamic Range
The ratio betwoen the loudest (greatest ampli-
tudel signals and thi softest (east amplitude)
signals that either are contained in a certain
woe of music or can be reproduced accurated
a certain piece of equipment. Dynamic
range is normally expressed in decibels {(dB)
wheme each mtio of ten in power cormesponds
to & dynamic range of tﬂdgu{f.g. a ratio of 100
in power corresponds o a dynamic range of
I'IHPE.. a ratio of 10040 in wﬁyn:mpnr%da o a
dynamic range of 30dB)L A program with wide
dynamic range has a large variation from the
sofbest to the loudest ,and will tend to
be more life-like than programs with namow

dynamic range.

dbx 1607
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Encoder

When a circuit processes an original program
i create a specially treated version of that pro-
gram; the droutt may be said o encode the pro-
gram. The equipment or circuit which Orms
this function is known as an encoder. Encoded
programs must be decoded only with comple-
memntary decoding circuitry. Tipi:a] encoded
programs include: FM multiphe broadcasts, ma-
trix quadraphonic mcordings, and dbx encoded
recordings.

Envelope

In music, the envelope of a note describes the
change in average signal level from initial at-
tack, ko peak level, to decay time, (o sustain, to
release time. [n other words, the envelope de-
scribes the level of the note as a function of
time., Envelope does not refer to frequency.

In fact, any audio signal may be said 1o have an
envelope. While all audio fi ies rise and
fall in instantaneows level from 40 to 40,000
timiss per second, an eénvelope may take many

rmilliseconds, seconds, or even minutes to mAse
and fall. In dbx processing, the envelope is
what "cues” the rms level detection circuitry io
compress and expand the si i the peak or av-
erage Jevel of individual s of @ note would
be useless for level detectton because the gain
would change much too rapidly for audibly

pleasing sound reproducton.,

EQ (Equalization) .
EQ or equalization, ks an intentional change in
the frequency response of a circuit. BQ may be
used for boosting (increasing) or cutting (de-
creasing ) the relative level of a portion of the
audible T:Imm. Some EQ is used for achiev-

sound to suit personal listening tastes,

ile other types of EQ are specifically de-
signid to correct for non-linearities in the sys-
tem; these corrective EQ “curves™ Include tape
(NABE or CCIR) equalization, and h
(RIAA) equalization. [n a sense, the pre-empha-
sis and de-emphasis used in dbx processing are
special forms of equalization.

EQ) is performed by an lizer, which may be
a bruilt piece of equl or it

1o g e g e
amplifier. Graphic equalizers have many con-
trols, each affecting one octave, one-half octave,
or one-thind octave of the audio [An
pctave i the interval between a given tone and
its repetition eight tones above or below on the

-1
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rriusical scale: & node which i2 an ectave higher
than another note is twice the frequency of the
first note.

Expander

An expander is an amplifier that increases its
gain as the level of the input signal increases, a
characteristic that “stretches™ the dynamic
range of the program (see “expansion”™). An ex-

pander may operate over the entire of
mput levels, or it may operate anly ;:Enw
ahl.'r'::“:j'ldfur below a given level (the thresh-
ol I

Expansion

Expansion is a process whereby the dynamic
b
words, the difference between the lowest and
highest audio level is “stretched” into a wider
dynamic range. Expansion is sometines used
1o restore dynamic range that has been lost
through compression or limiting done in the
original recording or broadcast; expansion is an
integral part of compander-type noise reduc-
tion systems, including dbax. Expansion is
achieved with an expander, a special type of
amplifier that increases its gain as the level of
the input signal increasies. amount of gx-
pansion is expressed as a ratio of the input dy-
namic range to the output dynamic range; thus,
AN expa that fakes a program input with
S0dB of dynamic mnge and yields an output

Glossary

Harmonic Distorton

Harmonde disiortion consists of E-IE;[‘IHI COMmpo-
nonts appearing at the output of an amplitier or
other arcuit that wene not present in the input
signal, and that are wiole-number multiples
(harmonics) of the input signal, For example,
an amplifier given a pure sif-wave fnput at
10Hz ma I_frndum I;;JHE, A00Hz,

SO0k z, # and even TO0Hz mergﬂuu
100Hz, at its output (these being the 2nd, 3rd,
4th, 5th, 6th and 7th order harmonics).

Usually, only the first fow harmondcs are signifi-
cant, and even-order harmonics (i.e., 2nd and
4th) are less objectionable than odd-order har-
monics (i.e., 3rd and Sthl; higher harmonics

be negligible in compartson to the funda-
ﬁul N ) output. 'lji:::rrlum, rather than
specifying the level of each harmonic compa-
nent, the distortion is usually expressed as
TH.I, or Total Harmonic Distortion. While
TH.D. is the total power of all harmonics gener-
ated by the circuitry, expressed as a percen
of thewmul nurpu:?:nwﬁ'r, the "mixueem" uft;-:;f?
ferent harmonics may vary in different equip-
mamnit with the samwe T.H.D. rating,

*Hard Knee” Compression
“Hard Knee" compression refers to the com-
ion characteristic cunne of & COMpressor.
a sigrmal crosses the threshold, the com-
pﬁﬁdun‘ﬁ;um}r responds to the signal almist

of program material is increased. In other

program of 100dB dynamic range may be said
to hawve a 1:2 compression ratio.

Fundamental

A mustcal note is usually comprised of a basic
hﬁluenry, us one or more whole-number
v HFEﬂElﬂﬂlhﬂqlﬂi‘}hﬂ‘Ehaﬂﬂ'm'
quieency is known as the fundamentat, and the
multiples are known as the harmonics or over-
tones., A pure tone would consist of only the
fundamenial.

Gain Reduction Display:

Indicator of current amount of com bom or
limiting. Om the 160XT, this display is.a 12 seg-
mient LED display.

Ground Compengated Output

Thisisa sophisticated output circuit that senses

the potential difference betwisen the ground of
the dbx unit and the shield ground of unbal-
anced inputs to which the dbx unit is con-
nected, Ideally, the dbx unit and the input of
the following device should be at the same
lewel {potential). However, where grounding is
not “right” (where so-called “ground loops"”
exist), the circuit calculates the ground error
and adds a correction signal to the high side of
the output, thereby cancelling much of the
Rairm, baizs and that might otherwise
have been introduced by ground loops.

dbox 160XT

instantanesusly, creating an %:mpt im.r-_;i
change at the audio r. This type of com-
T £5 TSt dn;m for spesker protec-
tion, transmitier protection from overmodula-
tion and protection from saturation on digital
or analog tape recorders and producing popu-
lar instrument “sounds” (particularly drums).,

Harmonics
Ohvertones which ame integral multiples of the
fundamental.

Headroom

Headroom refers to the “space,” usually ex-
pressed in dB, between the nominal nﬁ:hﬁ
signal level and the mﬂmumal.gnal L, The
input headmoom of a crouit that 15 meant to ac-
cept nominal <104 B levels, but can accept up o
+18dB {from ~10dB to +18 equals 2848B), Simi-
larly, the output headroom of a circuit that is
meant to y nominal +4dBm drive x !Hl::;'
but that can e +24d B before cli is
2dB. A-l:imﬂpﬁfut h.chadeqmﬂl‘a‘.‘acm:umh
mare likely to distort by clipping transient
peaks, since these peaks can be 10 to 20dB
above nominal operating levels.

IM (Intermodulation Distortion)
Intermodulation distortion consists of
components appearing at the output of an am-
plifier or other circuit that were not present in
the input signal, that are not harmonically re-
lated to the input, and that are the result of in-

LK)
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teraction between two or more inpat frequen-
cies. IM distortion, like harmonic distortion, is
usually rated as a percentage of the total output
;:!:]'HE:‘Y-:I{ th dewice, h"J'EIEEmn'-L- types of h.-a?—u
monic distortion ane musical, and not particu-
larly objectionable, most IM distortion is
unpleasant b the ear.

Impulse Response

Related to the rise imae of a circuit, the impulse
response i 3 measurement of the ability of a cir-
cuil 1o respond 1o sharp sounds, such as percus-
sicen nstruments or plucked strings. A circuit
with good impulse response would tend to
have good transient nesponse.

Leveling

The process of taking a passage that varies in
loudness and using a compressor 1o even out
the sound. For instance, if a bass guitar has a
few notes that for some reason resonate louder
than others, the sor will knock them
down a bil. If the ratio s set to infinity, it will
try b make all the notes exactly the same kevel,
as long as they are above lhle-s{uld- Leveling re-
quires careful sdjustment of the threshold and
compression ratio, and usaally raquines adjus-
ment of the output gain to compensate for over-
all level changes produced by the compression.

Level Match

The dbx noise reduction system fs unlike com-
pettive svitemns in that there is no one thresh-

Glossary

Limiting
A specific type of compression where the pro-
gram output level of the audio Is itk

o below some abaolute level (see Threshold).
Generally, limiting occurs with compression ra-
tos of 11 or greaber,

Line Level (Line Input}

Line level refers to a preamplified audio signal,
i contrast o mic level, which describes a
lower-level audio signal. The actual signal lew-
els vary. Generally, mic level is nominally
~50dBu (with typical dynamic range -&4dBu to
+10c B, Ling signals vary, iTig on
the audio system. Semi-pro ling levels are nomi-
nally —10dBu, whereas pmdessional line levels
are nominally +4dBu or +8dBu (with l'}"g"'-'-'l dy-
namics ranging from -50dBu to +24dBu).

Lime inputs ane simply mputs that have sensitiv-
ithes intended for line level (preamplified) sig-
nals. Often, the nominal impedance of a line
level inpat will be different than the nominal
impedance of a mic leve input.

Modulation MNaolse

Modulation noise is a swishing type of back-
ground hiss |h’.::|_ occurs with lape recondings in
the presence of strong low frequency signals.
The noise depends |:|£|J'r the beve nfml}?l:! m%':ﬂzd
signal; the igher the rmecorded signal leviel, the
higher the modulation noise. Modulation noise

oibd &t which compnession or expansion begins.
Instead, comipression oocurs | s with re-
Eﬁ:{ to decibels, over the full dymamic range of
¢ program. By necessity, there is an arbitrary
signal level which through the encoder
and decoder without being changed in level.
‘|:1'h13 level is EMWSI;;S the bevel match point
transient point). e dbx equi t
VRiee T anc i tnent of AL et sl
point, for monitoring purposes only. Although
this not necessary for proper encode/ decode
performance, by setting the level match point
to be approximately equal to the nominal (aver-
age) signal level, there will be no increase or di-
crease in level as you switch from monitor
“live” program to monitoring dix-p
 Sghth sl

Limiter

A limiter is a type of compressor, one with a in-
finity:1 or greater compression ratio, A limiter
with a I'Iip;Er::rrq:lmﬁuhn ratic (1201} can be set
s that no amount of increase in the input sig-
nal will be able to raise the output level beyond
a preset value, The difference betwoen limiting
and 'l:ﬂd'l'lfrﬁih:m i that compression gentl
“shrinks” dynamic range, wlﬂ*ﬁuﬁ ltmg.itl.i“hgrla- i
way to placea fixed "ceiling™ on maximom
leved, without changing the dynamic af
program below that “ceiling” nﬂhmhmg-
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has typically been “masked,” hidden by the
dominant signal and /or by the ba nd
hiss of the tape. However, when the back-
ground hiss is removed, as with dbx process-
ing. modulation noise could becomi audible.
This would primarily with strong, low
frequency signals, but in fact it is mindmized by
dbx’s pre-emphasis and de-emphasis. See As-
perity MNoise,
Chctave
In music or aodio, an interval between two fre-

uencies having a ratio of 211; 20Hz, 40Hz,

z are said to be octaves of each other.

Output Gain

Control for increasing or decreasing the

gram level, In the 160XT, the gain control is o-
cated after the compressor, so the output gain
does not affect the amount of compression or
the dymamic range. For example, when a fixed
amount of gain is added al the out t of a com=
pressor, tike the 160CT, the level of the loudest
passages can be restored, and the soft

will be brought up to a level greater than e
the compression.

Owver Easy® Compression

dbx Oiver Easy compression permits extremely
smooth, almost inaudible compression due to
thie gracdlual change of compression ralio
aroendd the threshold, instead of the customary
sharp (Hard-Kneel threshold.



44

Glossary

Owvershoot
When a compressor or expander changes its

in in to a fast increase or decrease in
E':a:;, the maximum gain change should be di-
nectly proportional to the actual signal level,
Huw;_lv:llr.. in mha compressors the level detec-
tion in changing cirouitry develop a kind
of "inﬂﬂﬁ?‘ w-er—nrﬂcnﬁng b -rnl-gngu in level,
increasing or decreasing the gain mone than the
fixed ratio asked for. This over-reaction i
known as overshoot, and it can cause audibly
non-linear compression (distortion). dbx cir-
cuits have minimal overshoot, so they provide
highly linear compression and expansion.

Feak Level
An avdio signal continuousty varies in level
{strength, or maximum voltage) over any pe-

rind of time, but at any instant, the level may
b higher or lower than the . The maxdi-
mum instantaneous value ma-dwg by a signal
is its peak level (see RMS level )

Phase Inversion

“FPhase inversion” refers to the swapping of po-
larity. This use of the term “phase,” refers to the
polarity of the Eiﬁtnf:f and differs from the defi-
nition of phase s w.

Fhase Shift

“Time shift” is another way to describe phase
shift. Some circuitry, such as record electronics
and heads, will delay some frequencies of an

Glossary

b a separate co t, or part of an inte-
grated amplifier or receiver,

Pre-emphasis
(2ee De-emphasis)

Receiver
A stngle unit that combines tuner, preamp and
power amplifier sections.

Release Time or Release Raike

{5ee Decay Time and Attack Time)

Rise Time {Attack Time)

This is the ability of a circuit to follow (or

*track™) o sudden increase in signal level. The

shurlzr the rise ime, the better the frequency re-
- Rise time is usually as the in-

lm-'nl {in microseconds) reguined to respond to

the leading edge of 8 square-wave inpul.

RMS Level
EMS leved (Root Mean Square) s a measune-
ment oblained by mathematically squaring all
the instantaneous voltages along the wave-
form, adding the squaned values together, and
taking the square root of that number. For sim-
I sine waves, the EMS value is approximately
U7 tirmwes the peak value, but for complex
audio signals, RMS value is more difficult o
calculate. RMS level is similar to average level,
although not identical {Average level is a
slower measurerment).

audio program with respect to other portions
of the same In other words, phase
shift increases or decreases the dela
the frequency increases. On an lbﬁﬂ{utctmm.
phase shift cannot be heard, but when two sig-
nals ane red to one another, one having a
ﬂl&;ﬂlﬂftmhﬂm‘: to the other, the effects can
very noticeable, and not very desirable. Ex-
cessive phase shift can give a tunnel-like qual-
iab Ihl:auund Phase shift also can degrade
performance of compander type notse ne-
duoction systems which depend on peak or avir-
age level detection circuitry.

Power Amplifier

A unit that takes a medium-level signal (eg.,
from a preamplifier} and amplifies it so it can
drivea :I ker, Power amplifiers can oper-
ale into very load impedance limtu i4-16
ohmsl, u.rhﬂms lifiers operale only info
low nee ohms) or high i nce
ﬁ,ﬂﬂm or higher loads). Also h‘nwnmna
main amplifier, the power amplifier may be
built into an integrated impll.ﬁer OF @ receiver,

Freamplifier

A device which takes a small signal (e.g., from
a microphone, record player), or a ium-
level signal (e.g., from a tuner or tape recorder),
and amplifies it or roules it o it can drive a
power amplifier. Most preamplifiers incorpo-
rate tone and volume controls. A preamp may

diox 160XT

HMS Level Detector
Iry thee e 160T, the RMS level delector senses
the power in the cﬁmgmmma musical manner,

much as the ear giving results superior to
peak or average detection.

Sub Harmomic

A sub-multiple of the fundamental frequency.
For example, a wawve thcﬁ'nq of which is
hali the fundamental another
wave is called the !.uhharrnuml:n[tht
Wavi,

Sub Woaler

A loudspeaker made specifically to T
thie lowest of audio frequencies, usually be-
twrenn 20Hz and 100H=.

Synthesizer
An Electrondc Music Synthesizer is an audio
Frocmmr that has a built-in sourkd generator
oscillator) and that alters the envelope of the
controlled drouitry. Syn-
thesizers can uce familiar sounds and
serve as musical instruments, or they can crsate
many unigue sounds and effects of their own,
Asu Symthesizer is a device which
is ot used to create music, but o enhance an

existing audio It creates a new signal
Mm’ponx‘?mrmm signal, but is 14
the frequency.

sound with volta

a7
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Tape Saturation

There is & maximum amount of energy that can
be mcorded on any given ty?c-ﬂfnugnﬁh:
tape. When a recorder “tries™ o recond more eni-
ergy, the signals become distorted, buk are mot
reconded at any higher levels. This phenome-
non is called tape saturation because the mag-
netic pxide particles of the pe are literally
saturated with energy and cannot acoopt any

LT r- T_I
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mare magnetization. Threshold and Compression Ratio Settings
THD {Total Harm {How they define compression and limiting):
Sop H ' T.‘-'i:rlk' l}iiﬂ.turlin.ull When the level of an audio signal is at or below

ST L) threshold, the input and putpuot levels will be
Threshaold unchanged. Above Hﬁlﬁl'lﬂ[zn ahnnm-
Threshold is the level at which a ror curs at a level defined by the
limiter ceases to have lincar gain, and begins to ratio - If the ﬂ'ﬂ'ﬂ' is 2:1, then Wi'lmlﬂ

its gain-changing function {i.e., where above-threshold input goes up 10dB, the out-

the: outpul level no rises and falls in di- put will go up 5dB. When the input goes down

10dB, the output will go down 5dB {unless it
gois below threshold). [f a signal with a dy-
MATTic rlu'rg-e of 60d B input through a 2:1 com-
i"“ nge of the uu:g:t signal
w!ll be MdB. If the ml:lu 15 mﬁnll}rl output
level is constant regandbess of the input level,
onee the input signal exceeds the se
threshold. A compression ratio of abowve 10k1 is
commonly called limiting,

rect proportion to the input level). In most s
terns, the threshold is a point above which ti":

level cha ,although there are compressors
that raiseng;u] 1E".I'dEthhWH threshald point.
Somi companger-type nodse reduction systems,
such as Dalby™, have upper and lower thresh-
old between which the gain ¢ ; these sys-
tens ire careful level calibrabon for
encode/ decode nce. dbx noise reduc-
thon aystems have no threshald at which com-

48

pression or expansion factors change, so level
calibration i not critical.

Glossary

Tracking Accuracy

Tracking refers to the ability of one circuit 1o
"follow™ the changes of another arcuil. When
been wolume controls are adjusted in exactly the
same way, the cormesponding “samencss” of the
output levels can be expressed as the tracking
accuracy of this controls.

The level detection circuitry in a dbx encoder
seniies the signal level, changes the gain, and
creales an encoded signal. The corresponding
"sameriess” of the original signal and the en-
ooded /decoded si ?ﬂ]‘l be as the
tracking accuracy n{’ the noise reduction sys-
tem. {dbx systems are non-critical for the opera-
tor, and are built to close tolerances, so that
tracking accuracy i excellent, even if the en-
coder and decoder are in different pleces of dbx

equipment.)

Transition Level (see Level Match)

Wher a circuit has uniform compression or
compression throughout iks full dynamic range,
there must be some level which passes through
the unit without being raised or lowered
{where gain is unity), The unity gain level is the
transition level or ransibon point. The transi-
Hen poing is 8 “window™ 1dB wide, In a dbx oni-
coder (compressor), all signats sbove the
transiton point are lowered in level, and all sig-
nals below the point ame mised in level. Con-
wersehy, in o dbx decoder (expander), all signals

ciox 160XT

above the transition point are increased in
bevel, and all signals below the tare de-
creased in level, The transition 115 simdlar
i 4 “threshold,” except it does not refer to a
point at which compression or expansion fac-
fors ;

Triamplified
Stmilar to blamplified. A sound system where a
crossover nefwork creates three frequency

;- and feeds three power armnplifiers: one
for bass, one for mid, and one for high frequen.
cies, The amplifiers are connected directly to
the woolers, midrange drivers and twecters
witr::_mta. passive, high-level crossover nei-
WIOT

Tweeter

Aloudspeaker which reproduces onlby high fre-
quencies, usually from 8kHz up o 20kHz,

VCA Voltage-Controlied Amp |I.ﬂ!ﬂ-
Traditionally, amplifiers have bﬂ:n :I

Increase signal levels (bo provide giin F:n
amplifier were required to decrease Lh.n levied (bo
atbenasate], it could become unstable, and midghi
even decillate, The gain (amount of amplifica-
tion} of these tradibwonal amplifiers wouold be
adjusted by one of three methods: (1) attenuat-
ing the audio signal fed o the input of the am-
plitier, (2} attersating the audio cutput of the
amplifier, or (3) changing the negative feedback
ifeeding more or less signal from the outpuot



Glossary

hack to the input, bul in reversed polamty).

The VCA is a special of fier that can
be used o increase or decrease Is over a
wide dynamic range. Instead of using signal at-
I-mu:l:i;*nr tive feadback, lhe?ikﬁnur
loss) is adjus mins of an external DT
control voltage. dbx has a unigque, patented
VA design that has extremsely low moise and
very wide dynamic range; the dbx VCA, is the
heart of many dbx processors and is used
widely by professional console manufacturers.

Woofer
Alpudspeaker which reproduces only low fre-
quencies.

Registration, Warranty, User-Feedback dbx 160XT

Registration Card
There ane two good reasons for returning the Registration Card shipped with this product.

1} It enables us to inform you of new applications,
performance improvements, and service aids

that are developed, and

21 It helps us respond promptly o claims under
wammtiy without having to request a copy of
vour bill of sale ar other proof of purchase.

Pleéase fill in the Registration Card, detach it from the Warranty Certificate, and send the card to us today.
T it iz Ins, please photocopy the duplicate on the following page, fill it in, and send it to the address on the
imsizde of the front cover,

Warranty

The warranty, which can be enjoyied only by the first end-user of record, is staled on the separate War-
ranty Certificate packesd with this manual. Save i for fulure reference. Details on oblaining factory service

are provided on page (0.

User-Feedback Form
W are very interested in your comments about this product.

Your suggestions for improvement to either the product or the manual will be welcome. A postpaid User
Feedback Form is provided in the 160XT package for your convenience. 1111 is missing, you can write 1o us
at the address on the inside of the front cover, or call or fax our offices at the numbers listed. We will be

happy to hear from you.
51
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Registration Card

Mool # Sl # Purchasa Dato

Your name Titka

Company Telaphara

St

City. Stain, Mall Code [Zipl, Courfity

Furchased fram Frice

et of paur prochict apgpheatan

Plaash ram tha foiowing from 1 1o 10 (whors 10 5 Sw Bent pokeibs rating, and 1 & Sio lowesd),
Purrmanee _ Esseofuse _ Documenintion  Cosmetes  Sowviosabdity
Cammenis

Ploase |t the magadfines you read most often, in arder of prigrify

AR (i, 1]
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