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BRIEF OPERATING INSTRUCTIONS

PILOT This L.E.O,
ight emitting diode),
abova the POWER
swatch, glows when the
28X is O,

GAIN CHANGE L.E.D.s Thasa
twwo roas of L E.O.'s indicate

the amount of gain change
creatad in aach of the 2BX s two
frecjuency bands. The red L.E.D."s
Indicats upward expansion
volume increasel, the yallow
L.E.D."s indicate downward
expansion [voluma decrease).

TRANSITION LEVEL When an
incoming signal is above the level st

by this contral, the 28X expands upe

wards; when an incaming signal s

below the level set by this eontral, the

28X pxpands downiwand, Set the
control so that red GAIN CHANGE

L.E.D. s glow during loud portions of

tha program and yellow GAIN
CHANGE L.E.D.'s glow during the
guiet portions of the program.
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SOURCE Push this
switch ard the PRE
switch toexpand
PFOGrormE corming
from your phono-
graph, FM tunér or
ather ausiliary
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POWER Push this switch
ance (IMN) to turn the 28X
ON; push again (OUT)
for OFF,

EXPANSION Adjust this siide

eantrol for the desired smount of
expangion, A "1.4" satting means
that an input signal with a 4048
dynamic range will be expanded to
S6dB, or that an input signal with

a B0dBE dynamie rangs will be

expanded 1o TOIB. A 1.2 satting

would result inoa 20% increasa

in dynamics; o 1.4 setting would

requit In a 0% increasa in
dynamics, eic.

TAPE Push thia
switch and the
POST gwitch 1o
Expand programs
coming from yaur
tape racorder, |f
wiodl do not have o
tape rocorder, push
the SOURCE swiwch,

PRE Push this switch
1o expand o program
befare recording it.®

POST Push this
switch and the TAPE
switeh to expend a
program playved back
fromm your tape
recorder,

(PRE/POST Summary] The PRE switch expands the signal befare the tape recordeér
input [PRE places the expandar before the tape recorder input); the POST switch
gxpands the signal from the tape recordar's autput (POST places the expander affer
thie tape recorder output), Pushing both PRE and POST switches simul tansously

bypasses the expander functions,

*Expansion will, in most casas, increass the dynamic range of 8 program beyond the
capabilitios of your tape recorder. To capture this increased oy namic rangs o6 (35
requines 8 dbx nolge reduction system, which allows recording at fevels below the
tape or tape head’s satuvation point. To expand a program and then record it, we
recommend using any obx taps noise reduction system and cerefully setting record
and expangion fevelt If you do nor have a odbx tape noise rduction sysiem, we
moommend expanding a program upon playback (place the Tbx in TAPE and POST

mode).



RECORDER OUTPUTS® Connect RECORDER INPUTS® Connect

the cabdes from these putputs to tha the esbles Irom your tane
Line inputs of your tape recardar, recorder Line ur?h'lunitn:r outpULS
¥ ¥ou do not iave  § TEpA-recorder, to these inputs. 1T you do not
do not connect any cables 1o thewe have o 1ape recorder, do not
auipus. connect any cables to thess nputs.
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/ / AC POWER CABLE In the U.5.A,
connect this cabde taa 117V AC, 50 ar
INPUTS Connect the cables from OUTPUTS Connect the cables from B0Hz AC power source, The 28X
the Tape Outputs of your receiver, thesa outputs 1o the Tape Inputs, or requires & maximum of 20 watts of AC
preamiglifler, oF integratsd amplifis Manitor Inputs of your recolver, pre- power. Modals for use with power
to thess inputs. amplifiar, or integrated amplifiar, sources outside the United States

are auailabile, Contact the dbs factory
far information,

*If you have a dhx fape moiss reduction sremem (such ax any of
our 120 or 15 series] see Page B for connection diagrama



INTRODUCTION

If you're @ music lover or an sudiophile {or both), you
have probably noticed that much of the excitement of a
live performance s missing in a recorded or broadcast per-
formance. The primary reason for this |loss of excitement is
that the dynamic range of the recorded or broadcast per-
formance has been purposely restricted to fit the dynamic
range limitations of the recording or broadeast medium.

The 2BX is a sophisticated expander that can restore the
dynamic range and excitement to a recording or radio
broadcast, adding considerably to your listening enjoyment,
By expanding dynamic range, the 28X lowers the
characteristic noise lavels of a tape, phonograph record, or
FM broadcast. It restores the "punch’ of loud passages, and
the whisper of quiet ones. |t can add new life to an old
record collection, and make FM broadcasts worth listening
to. The use of a 2BX with a dbx tape noise reduction
system (such as our 120 or 150 series), lets you make tape
copies of records, FM broadcasts or other tapes that actually
sound better than the original. With these capabilities, the
2BX will become one of the most valued componants in
your home music system.

CONNECTIONS

AC POWER
Connaect the 2BX to a 117V AC, 50 or 60Hz power
source only. The 2BX requires 20 watts of AC power
[maximum). As a precaution, do not connect the AC
power cable until all signal connections have been made.
(Models for use with foreign power sources are available.
Contact the dbx factory for information.)

SIGNAL CONMECTIONS

NOTES:
1. If you do not have a tape recorder, do not connect

anything to the TO TAPE RECORDER, or the FROM
TAPE RECORDER jacks,

2. With the setup in Figure 2, changes in preamp volume
will require adjustment of the 2BX transition level.

3. if you do have a tape recorder and wish to expand
before you record, use the connections shown in Figures 1,
2or 3.

5 4. If you have a dbx tape noise reduction system, see

ge 9.

Connect the 2BX to your system according to one of
the following diagrams:
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Fig. 1 = How to Connect the 2BX to Your Receiver, Preamplifier
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tape manitor loop is available,
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Fig. 2 — How to Connect the 2BX if a tape monitor loop is
unavailabla and you are using a separaie preamp and power Bmp
{or betwean preamp out and main amp in jacks),
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OPERATION

NOTES:

1. For a description of control functions, see the BRIEF
OPERATING INSTRUCTIONS at the front of this manual,

2. if you do not have a tape recorder connected as shown
in Figures 1 through 3, press IN the SOURCE and PRE
buttons.

3. To avoid repetition, we will use the word “amplifier”
to refer to your receiver, preamplifier or integrated '
amplifiar,

EXPANSION
To Expand an FM Broadcast or a Conventional Phonograph
Disc

1. With yvour amplifier's master volume control all the
way down, turmn on the AC Power for your entire system,

2. Select the desired source (FM or disc) on your
amplifier's selector switch.

3. Place 2BX in SOURCE and PRE mode (SOURCE
and PRE buttons IN).

4, Set the EXPANSION RATIO and the TRANSITION
LEVEL (threshold) controls to approximately mid position.
& With the music playing, readjust the TRANSITION
LEVEL control until red LLE.D, GAIN CHANGE indicators
glow on loud passages, and the yvellow L.E.D. GAIN

CHANGE indicators glow on quiet passages”.

*The L.E.D. GAIN CHANGE indicatory show the refative smount
of expansion produced by the 28X in each of its two freguency
barrds. When one or more ced LLED. Nght In a given band, the
28X iy raizing the pregram level in that band, When ane or moere
of the yellow L E.D. 7 light, the 28X iz lowering the program
feval in that band, The numier of L.E.D. s that light correspond
fo the ralative amouni of expansion up o the makimum ois-
playabie range, More upward or downward expangion can be
achieved than iz shown an the display.

B. Slowly bring up your amplifier's master volume
control to the desired listening level.

7. Readjust the EXPANSION control for the desired
amount of expansion. This will depend on the program
being expanded. For a good classical phonograph disc, an
expansion ratic of 1:1.1 or 1:1.2 (settings of 1.1 or 1.2}
may be optimum. For a highly compressed FM broadcast,
an expansion ratio of 1:1.4 or 1:1.5 (settings of 1.4 or 1.5]
may produce better results, |f you're not sure where to
sat the EXPANSION control, start at a low setting, and
move it higher until it sounds extreme, then move the
contral back so the sound is natural again,

The degree of expansion desired also depends on the
mood of the listeners. Generally, you will desire larger
amounts of expansion whan you are totally involved with
the music.

To Expand a Tape During Playback

Follow the instructions above for expanding an FM
broadcast or conventional phonograph disc, except place
the 2BX in TAPE and POST mode (TAPE and POST
buttoans IN). It is not necessary to expand a dbx-encoded
tape after decoding (during playback) if the tape has already
been 2BX-expanded prior to recording.

If you have two tape recorders only one TAPE input, and
you use one recorder primarily for playback, plug it into your
amplifier's AUX INPUTs; then follow the directions for Ex-
panding an FM Broadcast or a Conventional Phonograph Dise
{as already described).

How to Expand and Tape Record a Program

NOTE: Expanding a program and then recording it may
cause the dynamic range of the program to exceed the
dynamic range of your tape recorder. This could add
distortion and/or excessive tape noise to the recording.



{An exception would be for very highly compressed
programs, where expansion prior to recording adds only a
modest margin to the dynamic range.] To avoid these
problems, dbx recommends the use of a dbx tape noise
reduction system when expanding before recording

(see next page for how to connect your system).

1. With your amplifier's master volume control and your
recorder’s input level controls all the way down, set your
recorder 1o the “record ready”™ {RECORD and PAUSE].

2. Select the desired source on your amplifier's
selactor switch.

3. Place the 2BX in SOURCE and PRE mode (SOURCE
and PRE buttons IN).

4. Play the source (start the phonograph disec or listen to
the FM station you will be recording). Set the TRANSI-
TION LEVEL control so that the red L.E.D. GAIN
CHANGE indicators glow on loud passages, and the yellow
L.E.D. GAIN CHANGE indicators glow on guiel passages.
Set the EXPANSION control for the desired amount of
expansion, If you're not sure where to set the EXPAN-
SION CONTROL, start at a low setting, and move it higher
until it sounds extreme, then move the control back untl
the sound is natural again.

B. Bring up the amplifier's master voluma control to the
desired listening level.

6. Now adjust the input level controls on your tape
recorder for normal VU meter readings. You may find that
slightly lower record levels are necessary when recording
an expanded program in order to avoid tape saturation.

7. Restart the program and record it normally.

If yvour tape recorder has tapa monitoring provisions
(a three-head machine), and you wish to monitor the
recording as it is being made, place the 2BX in TAPE
mode (TAPE button IM). This fonitors the signal coming

from the tape recorder’s outputs without changing the
axpander’s input to the tape recorder.

SIMPLE PRECAUTIONS WHEN USING ANY
PROGRAM EXPANDER

The 2BX lor any expander) places greater demands.on
yvour power amplifier and speakers. Whether or not a given
amplifier is of adequate power rating is not always easy to
determine; it depends partially on the sensitivity of the
speakers, and partially on the distortion characteristics of
the amplifier.

Set for 1:1.5 expansion, the 2BX will expand a good
G0dB classical recording to about 9048 of dynamic rangs.
Full realization of the benefit of this dynamic range
requires both a hefty power amplifier and speakers that
can take the high power. If you have such equipment, the
results will be breathtaking. Fortunately, such componants
are not mandatory for full enjoyment of the 2BX.

The most important point is this: if the speakers and
amplifiar cannot handie wide dynamic range, and if the
expander “tries’” to drive them to a wide dynamic range,
exgessive clipping distortion (overdrive) may occur, To
avoid this unpleasant effect, use good speakers and a reason-
ahly large amplifier. If distortion still occurs, it will probably
be noticed only with programs that have a good dynamic
range to bagin with, and which do not need expansion to

much greater dynamics. In such cases, a reduction in the
transition level and the expansion ratio setting will avoid
distortion. A good expander is a powerful tool, and, as
with any powerful tool, it can be used to excess. Used
properly, the expander can turn an old record collection
into a treasure of new listening enjoyment, and it can turn
a boring selection of compressed and limited FM broad-
casts into an exciting new source of listening pleasure.
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HOW dbx EXPANDERS WORK

Dynamic Range

Dynamic range is the difference in level between the
loudest and the guietest portions of a program, expressed
in dB®. Since the quietest parts of a recorded program are
usually restricted by noise, the dynamic range of a recording
is usually defined as the difference in level (in dB) between
the loudest parts of the program and the noise level.

Restricting Dynamic Range

The loudest sounds in a live performance may reach
12048 SPL. The quietest sounds, however, will not be
heard if they are much guieter than the ambient room
noise (people coughing, air conditioning or other noises).
The ambient room noise in a very quiet auditorium {5 some-
what over 30dB SPL. The useable dynamic range of a live
performance is therefore derived by subtracting the room
noise (30dB SPL) from our tolerance of extremely loud
sounds (120dB SPL), giving a maximum of about 90dB,
Recording studios have less room noise and a dynamic range
of over 100dB can be realized.

The dynamic range of & recorded program is purposely
restricted to far less than 100dB in order to fit within the
dynamic range limitations of the recording or broadcast
medium. For example, the dynamic range of a studio
guality tape recorder is about 65dB. Tape noise restricts
the quistest sounds that can be recorded, and tape

*The “d@" or “decibai™ is a unit of exprossion for sound level or
Intenglty of sound. One decibel (s usually described as the smalles)
detectable change in sound level, The threshold of human hearing
fthe fafntest sound you can parceive at 8 midrangs freguency of
1000Hz] s approximately “0d8 SPL™ (Sound Pressure Level] and
the threshold of pain (the point at which you instinctively put
yaiir hands over your earsl i about 12008 SPL. Some peoplé can
rtolerate 13008 SPL. others leave the room when the souna lavel
reacher 11048, The difference between the “threshold of human
hearing” and the “threshold of pein™ iy the dynamic range of
himan hearing (12048,
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Fig.5 — Dynamic Range Limitations of the Taps Recording Process.
NOTE: The waveform is not a sinewave signal; it is the “envelope”
describing the program’s volume changas,

saturation (distortion) restricts the loudest sounds that
can be recorded. Home tape recorders, espacially cassette
and cartridge recorders, have an even more restricted
dynamic range . . . often pnly B0dB, {dbx tape noise
reduction systems can nearly double the dynamic range
capabilities of any tape recorder.

The maximum dynamic range of only the very best
phonograph discs is about 65dB, and this is seldom achieved
{see footnote on next page). The gquietest sounds on a disc
are restricted by the “grain® of the vinyl, and other surface
irregularities that create noise; the loudest sounds are
restricted by the maximum excursion of the groove. Loud
levels are also restricted by the ability of the phonograph
needle to "track" the record. To allow more playing time
per side, the dynamic range of many records is often
restricted to less than 50dB.



The dynamic range capability of a radio program is
about 60dB for FM broadcasts, or 50dB for AM broadcasts.
The quiestest sounds are restricted by broadcast interfer-
ence and noise, like FM hiss; the loudest sounds are
limited by the maximum allowable modulation of the
transmitter (100%). Above 100% modulation, the trans-
mitted signal would be distorted, and the station would
interfere with adjacent radio stations, near the same radio
frequancy. Compression is used to prevent overmodulation
and to raise the average level, thus raising apparent [oudness,
so that most broadeasts have much less than 50 or 60dB
dynamiec range . . . popular AM stations often compress the
program to average less than 10dB dynamic range.

NOTE: By using dbx 1l noise reduction during the manu-
facture of phonograph discs, the dynamic range can be
extended to 100dB. Surface noise is reduced to inaudibility
and the full dynamics of a performance can be captured.
dbx-encoded discs are commercially available, and can be
decoded with any of the dbx 120 and 140 series noise
reduction systems.

Compression and Limiting
Compression and limiting are the electronic techniques
used to reduce the dynamic range of a live program to fit

within the restrictions of the recording or broadcast medium.

A compressor may be a LINEAR COMPRESSOR: such a
device incraases the level of guiet passages, and decreases
the level of loud passages. The COMPRESSION RATIO is
the ratio in dB of the compressor's input dynamic range to
fts output dynamic range. For example, if the compression
ratio is 2:1, the output level will only change 1dB for every
Z2dB change at the input (thus restricting, or “compressing”
the dynamic range). The THRESHOLD is the level at which

the compressor decides to increase or decrease levels. The 11
compressor decreases the level of input signals that are
above the threshold, and increases the level of input
signals that are below the threshold. Those which act only
on levels that are above the threshold level, and let any
signal that is below the threshold pass unchanged are called
ABOVE THRESHOLD COMPRESSORS. A LIMITER is an
above threshold compressor that has a compression ratio of
10:1 or higher. The threshold of a limiter is usually adjusted
so that it acts only on musical peaks, preventing them from
exceeding the threshold by more than a very small margin.
Tha restriction of dynamic range created by compression
and/or limiting is undesirable because it removes much of
the excitement from a recorded performance. However,
without this restriction, the quietest parts of the program
could be lost in noise, and the loudest parts of the program
could be severely distorted. Fortunately, there are ways to
overcome this dynamic range restriction, by restoring
"lost"” program dynamics.
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Fig. & — Linesar Compression Lingar compression reduces the entire
dyramic range of the music irrespective of input signal level,
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Fig. 7 — Above Threshold Compression Abpve threshold com:
prossion has no effect on low Jevel signals. When signal leval reaches
thie adjustable threshold, the dyrnamic content of the music i
decreased but only above that threshold. Higher comprassion retios
may be used in above threthold compression than in linear com-
pression; however, all ratios are evailable, This is known as limiting
if the compression ratlo is 10:1 or higher,

dbx Expanders
An EXPANDER is a device that decreases the level of

quiet musical passages, and increases the level of loud
musical passages. |t is the opposite of a compressor. The
EXPANSION RATIO is the ratio of the expander's input
dynamic range to its output dynamic range. An expander
with & 1:1.4 expansion ratio will have an output level
change of 1.4dB for an input level change of 1.0dB.
Given an expander with an expansion ratio of 1:1.4, and
an input program that has a dynamic range of 608, the
output dynamic range will be (60 x 1.4 = B4) or B4dB,
The TRANSITION LEVEL (threshold) is the level at which
the expander decides whether to increase or decrease

program levels. When an input signal is above the threshold,
the expander increases its level; when an input signal is
below the threshold, the expander decreases (s level.

All expanders have a level detection circuit. This
detection circuit is used to sense the input signal level
and to determine whether it is above or below the threshald,
However, the method used to detect input signal level is
different on various expanders. The detection technique is
vital, as detailed below,

Peak Detection

Some expanders sense musical peaks in the input signal
to determing whether the input signal leve! is above or below
the threshold. The effect of this peak detection is that the
axpander acts somewhat erratically, and may expand the
program when it detects a noise spike or brief musical
transient that isn't really representative of the program level,

Average Detection _

Some expanders sense the average level of the Incoming
program to determine whether the signal is above or below
the threshold. Average detection circuits will not overreact
on musical peaks, but may respond too slowly to accurately
expand a program. The expander may respond too late to a
rapid increase in program level after the actual input signal
has begun to decrease again, causing an unnatural or swishing
sound.

RMS Detection

The ZBX uses RMS detection, which acts on the RMS
[Root-Mean-Square) value of the input signal. RMS
detection is different from elther peak or average detection.
An RMS detection circuit will not overreact on musical
transients or noise spikes, yet it responds quickly to
significant musical transients. In fact, the human ear judges



sound levels by their RMS values, which means that the
RMS detection circuit in the 2BX electronically parallels

the way the human ear hears music. Until recently, however,
RMS detection was very complex and costly. dbx has
pioneered the development of moderately priced RMS
detection circuitry, and has led the industry in applying
RMS detection to expanders, comprassor/limiters and

tape noise reduction systems.

Linear dB Expansion

Once the signal has been “detected,” the expander
knows when to increase or decrease its level, The circuit
that sctually performs this level change is known as a
“voltage controlled amplifier” or “VCA."” The “AYVC"
{sutomatic volume control), and "ALC" (automatic level
control) on many cassette recorders are examples of
voltage controlled amplifiers, as are the level changing
gircuits in any modern expandar, compressor or limiter.
The voltage from the detection circuit increases or
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Fig. 8 — Linsar Expansion Linear Expansion oparates over the
gntire dynamic spectrum of music irrespective of input signel lewel,
making loud passages |ouder and guist passages quieter, reducing
oudible noise, Expansion ratios sre adjustable. For exomple: 1.0 =
0% incremse in dynamic range; 1.2 = 20%; 1.5 = 50%:; 2.0 = 100%.

decreases the gain of the VCA which increases or
dar:rqasas the level of the program, While some expanders
may increase or decrease the program level by a fixed
amount, the 28X increases or decreases the level of the
program on a "linear decibel® basis. This means that the
output dynamic range and the input dynamic range arg
|II‘!EB-I'F'|||:' related by the “expansion ratio" over the entire
d'ﬁ’ﬂigllﬂ range (as described earlier) for a smooth, natural
Soun

Artack and Release Timos

The expander must decide how fast 1o react to changes
in program lavel, The length of time between an increase
in input signal level and its corresponding expansion is
known as the ATTACK TIME. After the expansion of an
input signal, the expander allows the input signal to return
to its normal level, The amount of time to return to
normal is known as RELEASE TIME. These terms also
apply for compressors and limiters.

Different attack and release times are desirable for
different types of music. For example, a smooth classical
string guartet may sound best when expanded with a slow
attack and release time, Other programs may sound best
with faster attack and release times. The point 15 that the
attack and release times should be allowed to vary according
to the program content for the most natural sound. The
2BX does just that.

The 2BX's attack and release times automatically and
continuously follow the rate of change of the “envelope™ of
the program.” In fact, because they are not fixed, the
2BX"s release times are specified as rates which change in
response to different program envelopes. Furthermaore, the
attack and release rates are scaled differently in each of the

EThe pnvelope (5 a graph of the program fevel versus tima.
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28X s two frequency bands, to provide an expansion

characteristic that best suits the music. The result is a
smooth action that does not alter the character of the
miusic 85 dynamics are expanded and noise is lowered,

dbx Tape Noise Reduction

dbx tape noise reduction systems allow a program of up
to 100dB dynamic range to be recorded on tape (or on an
encoded phonograph disc) without losing the quiet passages
in the noise or distorting the loud passages. Professional

recording studios throughout the world are using dhx
professional tape noise reduction systems, and dbx has
become the new established leader in the field, dbx 11 noise
reduction systems, such as our 120 series, are available for
use by the audiophile and home recordist. Like the original
dbx tape noise reduction system, dbx |1 noise reduction
systems make it possible to tape record up to 100dB of.
dynamic range, and in addition, dbx 1| noise reduction
systems also facilitate playback of special dbx encoded
discs (see footnote, page 11),
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Fig. 9 — dbx Tape Moise Reduction Loud passages are decreased in level allowing them to be recorded
balow the level of tape saturation; very guiat signals are placed on tape significantly above the tape nolsa level,



SPECIFICATIONS

EXPANSION RATIO

1.0 te 1.5 (0 10 50% incraase), linear in decibals

DYMNAMIC RANGE

1108 {peak signal to waighted background nolse ratia)

TRANSITION LEVEL RANGE

30mV to 3V (threshold]

ATTACK AND RELEASE RATES

Variable, determined by program loudness and rate of change

FREQUENCY RESPOMSE

10548, 20Hz to 20kHEz at an expansion ratio of 1:1.0

TOTAL HARMONIC

0L1% typical a1 1.0 expansion, 20Hz 1o 20kHz

DISTORTION
IM DISTORTION 0.15% typical
INPUT IMPEDAMNCE High 50 kohma)

QUTPUT IMPEDANCE

Low [the 2BX is designed to feed a taps monitor input or tape deck with long cabiles)

MAXIMUM OUTPUT LEVEL

6 wolts RMS st 1TkHz

CONTROLS

Interiocking Tape & Source switchas, Interlocking Pre B Post switches,
Power ON/OFF, Tramsition Level, Expansion

INDICATORS Power ON L.E.D., {10} Gain Change L.E.D.'s for asch of 2 bands (20 oral)
CONMECTORS FROM PREAMP TAPE OUTPUT [x 21
IPhona jacks) TO TAPE RECORDER AUXILIARY OR LINE INPUT (x 2
FROM TAPE RECORDER OUTPUT {x 2}
TO PREAMP TAPE OR MONITOR INPUT [x 20
FOWER REQUIREMEMNTS 117V AC, 50 ar BOHz,

POWER CONSUMPTION

20 watts, maximurm

DIMENSIONS 17-3/4" Wx 3-3/4" Hx 10-1/2" D
45.1em W x 9,5cm H x 26.7cm DY
WEIGHT 8 1bs., 5oz, (3.8 kg)

Specilications subijeet 1o change withaut notice or abligatlon,

13
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dbx PRODUCT WARRANTY

All dbx products are covered by a limited warranty.
Consult your warranty card or your local dealer for full

details,

FACTORY SERVICE

The dbx Customer Service Department is prepared to
give additional assistance in the use of the product. All
questions regarding interfacing dbx agquipment with your
system, service information or information on special
applications will be answered. You may call during normal
business hours — Telephone: 617-964-3210,

Telex: 82-2622, or write to:

dbx, Inc.

71 Chape! Street

Newton, MA 02195

Attn: Customer Service Department

Should it become necessary to have your eguipment
factory serviced:

1. Please repack the unit, including a note describing
the problem along with the day, month and year of

purchase.
2. Send the unit, freight prepaid, to:
dbx, Ine.
224 Calvary Straet
Waltham, MA 02154

Attn: Repair Departmeant

3. We recommend that you insure the package and send
it via United Parcel Service wherever possible.

4. Please direct all inguiries to dbx Customer Service
Departmeant.

Outside the U.S.A, — contact your nearest dbx dealer for
the name and address of the nearest authorized repair
center.



SCHEMATIC

17

following U.5. patenis: 3,681,618,
3,714,462, 3,768, 1403, 4,101,848,

Oiher patenis pending.

Manulaciured under one or more of tha

4,087 TAT.
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GLOSSARY

Asperity Moke

This is & swishing 1vpe of background noite that occurs with wmpe
recordings in the presence of strong low frequency signals, especially
whan there are no high frequency signals to mask the higs, Asperity
noize 4§ eaused by minute imperfections in the surtace of the tapa,
including variations in the magnetic particle size in the tape's oxide
coating. The imperfections increme or decreass the strength of the
magnetic lield passing tha play head in a randam manner, resulting
in audible noise, Asperity noise may be presant aven when no
program 5 recorded, When a program i recorded, ssperity noise
becames superimposed on the signal, creating madulated asperity
nome, or “modulation noise.” Using high-guality tape with a
calenderid surface halps reducs asperity and modulation nolse
icalendared tape is pressed smooth by high-presiure rollers),

Atrtack Time

Attack time may mean different things, depending on the
context, In music, the time it takes lor a note 1o reach its Tull
volume is the attack time of the note, Percussive instruments hiove
short attack times {reach maximum volume guickly) and wind
instrumants have long srieck times (reach maxirnum volume mora
grociuaily ).

When a compressor {or expander) changes the level of an Incom-
ing signal, the circuitry actually requires & finige amount of time to
comiplate that changs. This time s known as the attack time. Mare
precisely, the attack time |8 the intarval (usually measured in mill-
stconds or microseconds) during which the compressing or expand-
ing amplifier ehanges its gain fram the initial value 1o B3% al tha
final valus,

Aux Input (Aux Level)

Aux nputs, an abbrevistion for auxillary inputs, are low
sensitivity jacks: provided on most hi-fi end semi-professional
eguipmeant, Aux (nputs ([also known os “aux level™ or “line lovel™
inputs) have “flat" frequency response and are intended to be used
with preamplified signals, Aux-devet (line-level] signels are medium.
level, hagher than microphong ievels, but not nough power o
drive & speaker. The sdvantage 1o these levels & that they are less
susceptible to hum and noise than ere microphone levels, Typical
iterms which might be connected to aux inputs are tape maching
“play" outputs, tuner outputs, snd dbx “play"™ outputs. Mielew|
o phono-leve] signils are considerably loweer in lavel than aux inputs
lapprox. 60 to -40dBV], 10 they will not produce adeguate volume
when connected to an aus input. Moreover, phono cartridge autputs
regquire AIAA equalization which is not provided by aux inputs,

Bandwidih

Bandwidth refars to the “space™ betwesn two wpecific
frequencies which are upper and lower limits; alteroately, band-
wildih refers 1o the shsolute valus al the range of fraquencies
bartwon those limits, Thus, a filter which passes lrequencies from
1, 0600Hz 1o 10,000Hz may be aaid 10 have a bhandwaidth of 1kH::
10kHz, or it may be said 10 have n 9k He bandwidth {10kHz minus
1kHz eguals Bk Hz),

Bandwicth is not necessarily the same a8 frequency respanse.
Bandwidth may b meosured ot low levels, and frequency response
gt higher levais, Moreower, bandwidth may refer anly o certain
partiony of the cirewitry within o plece of eguipment, wherens
frequency response may refer to the overall performance of the
eguipmant. Thus, while the owersll input-to-output freguency
responsy of dbx type 11 eguipment is 20Hz o 20kHz, the band-
widih ol the RMS deteotion cirouwitry within that equipment is
30z 1o 10kHE,

Bass

The low audio frequeancy range below approximately S00Hz.
For the purpose of discussion or analysis, the bass range may be
further divided into upper bass (250 1o 500Hz], mid bass
(100-200Hz), low bass {60-100Hz), and ultra-low bass {20-50Hz).

Basz Boost
An acceniuation of the lower audio freguencies (bt Frecgusn-
cies), whereby they are mads louder than other fraquencies.

Biamplified

Descriptive of o sound system which utilizes o low lovel croes-
iver network to divide the full-spectrum audio signal into low and
high frequency ramges. Thess ranoes are then fed 1o saparate
powar amplifiers, which in turn feed low frequancy speakers
iwoofers) and high frequency speakers |twieters,

Bias

Bias, a5 the torm is used in tape recording, is o very high fris-
guency signal (ususlly over 100kHz] that is mixed with the
program being recorded in ordar 1 achieve lingar magnetization af
the tape. (F only the audio program were applied to the recording
head, & very distoried recording would resull because lower-snergy
portions of the program would not be able to overcorw thir initial
magnetization threshold of the tape (known as hysteresis],

The Irequency of the biss signal is not eritical, so long as the
record and erase bias are synehronized, Howewver, the bias



wnargy lewel has a divect effect an the recordad level, backgraund
nolse, and the distortion. It is sometimes nectissary 1o resel the bias
lgvel Tor optimum performanco with different tvpes of recording
tape, and professional tape machines are eguipped with continu-
ously warible bt controls; many consumer (0P machings ard now
aguipped with biss slecior switches,

Clipping

Clipping is 3 very distorted sound, It oceurs when (he oulput
capabilities of an gmplifier are excesded, and the amp con no longer
produce any more voltage, regardiess of how much sdditional gain
of how much moce input signal is present. Clipping s relatively sasy
o wre on an oscill iscope, and it i4 sometimes gudibile B8 an Incresss in
harmonic distortion, In sevene cases of clipping {hard clipping),sine-
wives bagin to nisembie sguare waves, and the sound guality s wery
por. Of ten, the maximum output lewl of an amplitier is defined
ag that lovel whers clipping beging o ooeur, There |5 a phenomenan
Enown as imput clipping, and this may ocour whare the input signal
is 30 high in level thei it exceeds the level-handling ability of the
transformer and/or of the Input amplifier, Clipping also oocurs
when tape is saturated by exdeessive record evels,

So-called “soft clipping” s usually the result of transformer
saturation, and it may be somewhat less objectionable than the
“hard clipping™ that ogcurs when output voltage limits arg reached.
Aside from degrading the sound quslity, clipping con damage oud-
spenkers. Dutput clipping may be avoided by reducing tha Tewsl of
the input signal, reducing the gain of the amplifier, or using a
larger amplifier, Inpul clipping may be awided by reducing the
lewel ol the meoming signal, and then increasing the gain of the
amplifier.

Clipping Leval

Thig is the signal el at which clipping just begns te aceur,
Clipping level is not always easy 1o defing, It may be a matter of
vigually judging the wavelorm on an oscilliscops as the level is
increased; alternately, clipping level may be definsd as the l=wel g
which hermonic distortion resches o given valui, Tape clipping, or
saturation, is defined as the 3% harmonic distortion fevel.

Compression

Compréssion & a process whareby the dvnamic rangs of program
material 1§ reduced, In other words, the difference between the
lowest and highest audio fevels is “squeesed” into a smaller dynamic
range. A compressed signal has higher average level, pngl therators
may have more Wparent [loudness thin an uncomprissed signal,
even though the peaks are no higher m level, Compression ia

achieved with 8 compressor, a special type ol amplifier thet
decremes (s gain as the level of the input signal increagies, The
amount of compression is expressed as a ratio of the input dynamic
range 1o the autput dynamic rangs; thus, & cOmpressor that takes

a program input with 100dB of dynamic rangs and vields an outpit
program of B0dB dynamic rangs may be said (o hove & 2°1 com-
pression ratia,

Compressor

A compressor s an amplifior that decreases its gain as the lavel
af the input sigral ingresses o recuce the dynamic range af the
program {see “compression’]. A comprissor may oparata over the
entire rangs of input levels, or (1 may operate only an tignals above
andior bafow a given level {the threshald lewel ).

Crogsowver Frogquancy

In loudspaaker systems and multi-emptifier audio systams, the
trangition frequency [actually o frequency range] between bass and
midrange or midrangs and treble speakers or amplifiers,

Crossover Natwork

A gircuit which divides the sudio spectrum into two or more
frague bands for distribution to dif ferent speakers {high leval
crossover) or different amplifiers which then fesd different
spaakers {low lave| crossover],

High lesval grossowvers are usually built into the speaker cabinet,
ond are passive (they reguire no power supplyl. Low linoel eross-
avers are used in blamplified or triamplified sound systems, They
aie weuslly salf-contained, and come belore the powsr amplifisrs.
Low level crossovers may be passiva or active; sctive low lovel
Crossovers are krown as electronic crossovers.”

Damping Factor

Thi ratio of loudspeaker impadance 1o the amplifher's output
source impadance. Domping describes the amplifier's ability to
prevent umsanied, résidusl speaker movement. The higher the
numarical value, the better tha damping.

DB (Decibel] siso, dBy dBY d8 SPL dBm &8

Cine B s the smellest changs in loudness the saversge human ear
can dotect. OdB SPL ig the threshold of human hasring wheress tha
thieshold of pain is between 120 and 130d8 SPL. The torm dB i on
abbreviation for decibel, or 1/10 of & Bel, The decibel is 8 ratio, not
gn sbsoiute number, snd iz used o #xpress the ditference betweesn
twis power, woltage or sound pressure levels. [dB is 10 times tho
logarithm of 8 power ratio or 20 times the logarithm of 8 voliags



or sound prassurn ratio,) if the number of “'dB% " are referenced
to & given level, then the value of the dB number becomag spe-
pifee,

dBY expresses o voltage ratio, DdBY s ususlly referenced 1o
1.0V AMS, Thus OdBY=1% RAMS, +GdBV=2% RME,
+20dBV=10V RMS, etc.

dB SPL expresses 8 Sound Pressure Level ratio, dB SPL s a
measura of scoustic pressura (loudness), not acoustic power,
which would be measured in scoustic watts. OdB SPL is
egus! to 0.0002 dynesfeguars centimater [the threshold of
huran haaring at 1kHz2). As with dBY, an Inerddde of GJB
SPL is twice the sound pretsere, and on incresss of 2008 SPL
b o Inerease of 10 times the sound pressure.

dBm sxpregies a power ratio. OdBm i 1 milliware (001
waattsl, or 0,775V rms delivered to &8 G00-0hm foad, +3
dBm=2 milliwatts, or 1.096Y |nta 600 chms V2 times BdBm),
+10dBm=10 milliwatis, ar 2.449% into B00 obhms [3.76 times
OdBm |, etc. dBV and dBm differ by 2.21 whaen desling with
600-ohm circuits. However, when the impedance is other
than G0 ohms, the vafue of dBY remains the same if the
voltage |s the same, whersas the value of dBm decreases with
incredaging impedancs,

g8 olone, without sny suffix, dossn™t mesn sy ihing unless
it Is assooiated with & refarence. 1T may express the differ-
gnce botwedn two levels, Thos, the difference betwesn
10d8Y and 1548V, the difference betweaen OdBm and
SelBmn, end the difference betwesn S0dB SPL and 9548
SPL aro all differences of 648

Decay Time

Dechy tirme may mean differant things, depending an the con-
prxt, A comprassor s decay time is also known as its reloase time
or recovery time. After a comprassor [or expander) changes its
gain 1o sccommaodsts an incoming signal, and the signal is then
romowird, the decay time is the amount of time required for the
circuitry to return o "normal,” More precisely, the decay time
is the intorval (wsuaslly messured in microseconds or milliseconds)
during which the compressing or expanding ermplifier returng to

80% of the normal gain, Very fost decay times can cause “pumping™

or "bredathing™ #ftects, whereas very slow decsy Times may cause
moderaie-iavel program which follows high-lavel program or pro-
gram paaks 10 be oo low in b,

Decodar

When & eireuit restores an ariginal program rom a specially
treated wersion of that program, the circuit may be said to decode
the program. The eguipment or circuit which performs this
fumetion & known as & decoder, Decoders must e usad anly with
programs which have be#n encoded by complementary encoding
circuitry, Typical decoders incliede; FM tuners that use multiples
decoders to extract left and right stereo signals from left-plus-right
and laft-minug-right sipnals, matriz guadraphonic decoders that
extract four channel of program from the steres program on
anooded recordings, and dbx decodors that retriove wide-dy namic
range programs (rom the compressd programe on dba-encoded
recordings.

De-emphiasis & Pra-emphasis

De-emphasis and proe-emphasis are ralated procegsés that e
usually doans ta Bvoid budio nolde [H some SWrege or brEnemissian
medium. Pre-emphasis is a boost at specific higher freguenciaes, the
gncoding part of an encoding/decoding system, De-emphasis s an
attenuation at the ssme frequencies, o reciprocal decoding that
counteracts the pre-amphasis, In dbx nole reduction, de-ampheaiy
is performed by the decoder (the play circuitryl. The do-smphasis
attenuates high froguencies, thareby reducing tope modulation
noise and restoring the original frequency response of the program
befor it was dbe encoded. Thare are othar types of pre-emphasis
and de-emphayls, For examgpile, in FM tunens, de-emphasis is wsed
ta compensate for special egualization (known as 75-microsecond
pre-emphasis) applied a1 the station’s transmitter,

Dymamic Ranga

The dynemic range of 8 program @ the renge of signal levels
from the lowest to the highest lewvel, In eguipment, the dynamic
range i the “space.” in dB, between the residual noke lewe| angd
the maximum undistorted signal level, A program with wide
dynamic range has a large variation from the softést to the loudest
passages, and will tend to be more lifelike than programs with
narrow dynamig rings,

Encodor
Whan a gircuit procosses an ofiginal program 1o create 8
spectally treated version of that program, the esreult may be sild
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b eénende the program, The squipment of direult which performs
this function Is known as an encoder, Encoded programs musl
dacaded anly with complementary decoding circultry, Typical
ancoded programs include: FM multiplex broadcasts, matrix
quadraphanic recoreings, and dbs encoded recordings.

Envelops 1

in musie, the envelope of a note I
dascribes tha change in average signal |
level from initial attack, to peok level, a'n'-'-l.'||,'1

to decay tima, 1o sustain, t0 releass
tirmt. |0 other words, the sl ope
describes the level of 1he note a1 &
funetion of time. Envelops doss not
refar ta freguency .,

In fact, any avdio signal may be said to have an envelope, While
ol audio frequencies riss and @l in ingtantaneous level from 40 1o
40,000 times per second, an anvelope may take many milliseconds,
seconds or Bven minutes to risg and fall, |n dbx processing, the
ervelope s what “oues” the rms level detection elrculiry to com-
prigs and expand the signal; thie peak or average lewl of individual
cycles of @ note vwould be useless for lews| detection hecause the
gain would chamgs much too rapidly Tor audibly pleasing sound
riproduction.

EQ [Equalization]

EQ or equalization, s an intentional change in the frequency
ragpongs of & gircuit, EQ may be used Tor boosting (increasing) ar
cutting (decreasing) the relative level of a portion of the audible
spactrurme. Same EQ i used for achieving sound 1o sult persocnal
ligtening tastes, while other types of EQ are specifically designed
to carrect for nan-linearities in the system: these corrective EQ
“wurves” include tape (NAB or CCIR} equalization, and phono-
graph (RIAA) equalization, In g sensa, the pre-emphatis and de-
emphatis used in dbx procassing are special forms of egualization.

Thers ara two commaon types of EQualization curves
|characteristics) : PEAKING and SHELVING, Shalving EG is
used in mest Hi-Fi bass and trable rone controls, Peaking EQ is
used in Hi-Fi midrange tone eantrols, in graphic aqualizers, and
many types of professional sound mixing equipment,

EQ is performad by an equalizer, which may be a specially buili
plece of equipmant, or it may be no more than the tone control
section of an amplifier, Graphic eguslizers have many controls,
sach affecting one octave, one-half octave, or one-third octave of
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the audio speatrum. (An octave is the interval between a given 1one
and its repetition wight tomes above or below on the musical scele;
g note which s an octave higher than anather note is twice the
fraquency of the limt note,)

Expander

An pxpandar s an amplifies that incresses its gain & the level of
the input signal increases, & characteristic that “stretches™ the
dynamic range of the program {see “expansion™}. An expander may
operate over the entice range of input levels, or it moy operate only
an signals above and/ar below a given level [the threshold level),

Expanzion

Expansion 15 a process whoreby the dynamic ronge of program
material s increased, In athes words, the difference batwean the
lowest and highest audio levels is "stretehed” into a wider dynamie
range, Expansion & sometimes used to restofe dynamic range that
has baen logt through compression or limiting dons in the ariginal
recording or broadcast; expansion i an infegral part of com-
pander-type noise reduction systems, indluding dbx, Expansion &
achigyed with an expander, a special typa of amplilier that incresees
its gain os the level of the input signal increases, The amount of
expansion is expressed as a ratio of the inpit dynamiic range to
the output dynamic range; thus, an expander thal takes a program
imput with B0OdB of dynamic range and vields an outpul program
of 100dB dynamic range may b sald to have a 1:2 compression
ratec,

Fundamental

A musical note is useslly comprised of 8 basic freguancy,
plus one or mora whole-number multiples of that frequency,
Tha asie frequancy B known as the fundameantal, and the
miftiples ara known oy harmaonics or owertongs. & purs tona
would congist af only the fundamemntal.

Ground Compensated Output

This is a8 sophisticated output eireuil that sensed the potential
difference batween the ground of the dbx unit and the shisld
ground of unbatanced inputs to which the dbx umit i3 connected,
idealiy, the dibx unit and the input of the following davice should
be at the same level (potentiall, Howeser, wheére grounding s not
“right"™ lwhere so-called “ground loopa™ exist), this cincuit calculates
the ground error and sdds a correction signal to the high side of the
aoutput, thersby cancelling much of the hum, buze and noisa that
might otherwise have bein introduced by ground l6ops.,



Harmenie Distortion

Harmaonic distortion cansiis of signal componenis appearing
at the output of an amplifier o other cipcwlt that were not present
i the input signel, and that are whole-number multiples (hermonicsh
of the input signal. For exampdle, an amplifier given o pure sing-
wave input at 100Hz may produce 200Hz, 300Hz, 400Hz, 500Hz,
GO0OHz and aven 700z energy, plut 100H:2, 81 ite output (kese
baing the Znd, 3rd, 4th, Sth, Bth and 7th order harmonics).
iUtsually, onty the Tirst lew harmonics are significant, and even-arder
harmonics (e, 2nd and 4th) are legs objectionable than odd-<onder
harmaonics [i.e. Ird and Bth); higher harmanica may be
negligible in comparisan 1o the fundamental {100Hz] output,
Therelore, rather than spacilying the level of ssch harmonie caim-
porent, this distortion 1 Sually sxpressed | T.H.D, or Total
Harmonie Distartion. While T.H.D. is the total power of &l
harmonics generated by the circultry, expressed as & pevcentage
of the total cuiput power, the “mixture™ of different harmaonics
iy vary in different eguipment with the same TH.D. rating.

Harmonics
Civartones which are Integral multiples of the fundamantal,

Headroom

Headroom refers to the “space,” ususlly expressed in dB,
btween the nomingl operating signal lewel and the maximum sanal
lewel, The input headroom of a circuit that is meant 1o acoept
nomingl <1048 lewvels, but cen accept up 10 +1BdB  without
overdrive or excessive distortion, is 2848 {from <10 10 +18 eguals
ZBdB). Similarly, the output headrosm of a cireuit that Is meant
to supply nominal S3dBm drive levels, but that can produce
+24dBm before clipping is 2048, A circuit that lacks sdegquane
headroom is mord likely to distort by elipping translent peaks,
since these peaks can be 10 1o 2008 abowve nominal operating
sigraal gvies.

1.0, {Intermodulation Distortian]

Intermodulation distortion consists of signal components
appearing at the putput of an amplifier or othee circuit that were
not present in the input signal, that are not harmeonically related to
tha input, and that aré the result of intéraction Betwaen bwa or
more inpul frequenciel, LM, distortion, like harmonic distortion, is
usually rated as a percentage of the total output power of the
device, While some types of hermonic distortion are musical, and
not particllarly abjectionable, most 1M, distertion is unpleasant
to the ear,

Impulse Responsa

Related 1o the rise time of & cirewld, the impuls response 4 8
measuremient of 1he ability of a gircuit o respond to sharp sounds,
such gs percussion inatrumants or plucked strings. & circuit with
good impulse response would tend to have good transient responss.

Laval Mateh

The dbx potse reduction system 5 unlike competitive gy siems
in that ther is no ane thréshold at which comprassion o xpansion
beging, Ingtead, compression occies linearly, with respect 1o
decibiels, aver the full dynamic range of the program. By nocessiy,
thiere s an arbitrary aignal lewel swhich passes through the sncodir
and decoder without baing changed in bevel, This Bevel is known as
the level match point {transition pointl, Some dbx eguipmant
provides for user adjustment af the level match point, far manitor-
ing purposes only, Alihough this is not necessary for proper encode
decode perfarmance, by setting the level match point 10 be approxi-
mgtiely #gual 1o the nominagl (average] signal level, there wall be no
increase or decrease in level as you switch from monitoring “live™
progrem o monitanng dbx-procesied program.

Lirmiiur

A limiter o6 lype of eompressor, ong with g 10:7 of grester com-
pression ratio, A& limiter with a high comprassion ratio [120:1) can
be 581 50 that no amount of increase n the input signal will be abie
1o raise the output level bevond a proset value, The difference
between limiting and compression is that compression gently
“ghrinks"” dynamic renge, whereas limiting is a way to place o fixd
“piriling" on maximum el without changing the dynamic range
of program below that “ceiling,'” or threshold,

Lina Laval {Line Input)

Line bevel relers to & preamplified audio signal, in contrast to
mic level, which describes g lower-lavel sudio signal, The sctusl
signal levels vary, Generally, mic level i3 nominally -50dBm (with
typical dynamic range of -GddBm 1o +10dBml. Ling leval signals
vary, depending on the audio system., Hi-Fi line levels are nominally
A5dBY, whereas profesional line levels ore naminally +ddBm or
+Bd B [with typical dynamics ranging from -50dBm to +24dB8Bm).

Lin# inputs are simply inputs that have sndltivities inended for
lime tevel [preamplified) signats, Ofton, the nominal impedance of o
line level input will be dil ferent than the nominal impedance of a
mig lewitl put,
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Maodulation Moise

Modulation noise is 8 swishing type of background his that
oecurs with tape recardings in the presence af strong low fraquency
signals. The noise depands on the level af the recorded signal; the
higher the recorded signal level, the higher the madulation noise.
Modulation maise has typically been “mmked " hidden by the
dominant signal and/or by the background hiss of the tape. How-
ewir, when the background hiss s removed, 84 with dibx peocessing,
maduiation noise could ecorme audible. This would happen
primardly with strong, low-fregusncy signals, bt in lact it s
minimized by dbx s pre-emphasis and mphatis.

Oetave
In mutic or audio, an interval betvaen two freguencies having
a ratio of 2;1.

COhvershoat

Whaen & compraasor o expandear changes (s gain in responss 1o
& fast Incréase of decrame In lavel, the maximum gain changs should
be directly proportional 1o the ectual stgnal level, Hoveever in some
compressors the levael detection and gain changing eircuitry develop
0 kind of "inertia,” ovér-reacting to changes in level, incréasing or
decressing the gein morg than the fixed ratio asked for, This over-
repction s known 55 ovarshoaot, and it con cause o bly non-linsar
compression [distortion), dbx circuits have minimal overshoot, so
thoy provide highly linesr compression and expansion,

Peak Loval

An audio signal continuwously varies o leval [srength, or
maximum voltage] over any period of time, but 8t any instant, the
level may be higher ar lower than the average, The maximum
instantansous walue reached by o signal i its peak level (sea
RMS level).

Phase Shift

"Time shift" s another way to déscribe phase shift, Somé
cirouitry, such as record electronics and heads, will delay somae
frequencies of an sudio prograrm with respect to other portions of
the same program. In other words, phase shift increases or decreases
the delay time as the frequéncy increases, On an ebsolute basis,
phase shift cannot ba heard, but when two signals are cormpared 10
one another, one hoving a phase shift relative to the other, the
affects can be very noticeable, and not very desirable, E xcessivie
phase shift can give 8 tunnel-like quality to the sound, Phase shift
algn con degrade the performance of compander type noilse

refduation gystams which depend on peak or aversge level
detection circuitry.

Power Amplifier

A unit that takes a medivm-level sipnal (e, from & pre-
amplifiar] and amplifies it so it can drive @ loudspeaker, Powsir
armpliliers can operate into very low impedanca loads (4-16 ohmsl,
wharnas preamplifiers operate only into low impedance { GO0
ohmal or high impedance {5,000 ohms or highar] Ioads. Also
known as & main amplifier, the power armplitier may be built into
on integrated amplifier or 8 recejver,

Preampliliar

A dievice which takes a small signsl (e.g., from a microphone,
recard playar), or & medium-level signal (o.49.. from a tuner or tape
recorder] , ang amplifies 11 or rowtes it 50 1t can drive a powarn
amplifier. Most preamplifiors incorporate toneg and volume con-
trils. & preamp may be 8 separate component, or part of an
integrated amplifher or of a recelver.

Pre-Emphasis [See “de-emphasis™]

Aeceiver
& single unit that combines tuner, preamp and power amplitier

SRELiong.

Release Time or Release Rate |See “decay time®’ amd "attack thme"]

Risa Tima |Attack Tima)

Thix iz the ability of a circuit 1o follow (or “track™} & sudden
increasy in signal lewel, The shorter the rise time, the better the
freguency response, Rise time 5 usually specilied as the intereal
[in microsscondsl required to respond to the leading edge of &
BOLEITI-WENVE 1N Pu.

RMS Lavel

RMS level (Root Mean Square) is & measurement obiained by
gt hematicall y sgquaring afl the Instantaneous volteges elong the
winvoform, adding the squared values together, and taking the
square root of that numbar, For simple sine waves, the RMS value
is approximately 0,707 times the peak value, but for complix audic
sigrigls, RMS value &= more difficalt to cafculate. RMS level i3
simitar to avorage level, although not identical [Average lovel iv 8
slower medsurement),



Bub Harmaonic

A sub-multiple of the fundamental frequency. For example,
a wawe the Tregquency of which is half the Tundomental frequency
of another wave & called the second sub harmonic of that wave,

Sub Woofer
A loudspoaker made specifically to reproduce the lowast of
audio frequencies, usually betwean J0Hz and 100Hz,

Synthesizer

An ELECTRONIC MUSIC SYNTHESIZER iz an nudia
processar that has a built-in sound generator {oscillatar), and
that alters the envelope of the sound with voltage controlled
cireuitry, Synthesizers can produce familiar sounds and serve b
musical ingfrumants, or they can creats many unigue sounds
and affects of their own.

A SUB HARMONIC SYNTHESIZER it a device which is not
usod 10 croste music, but to enhance an existing audio program.
In the cese of the dbx Modal 100, the unit creates & new slgnal
that corresponds to the volume of the input signal, but isat
1/2 the fraquency ol the input signal.

Tape Saturation

Thare & & maxkimum amount of arergy that can be recorded on
any given [ypa of magnetic tape. When a recorder “tries™ to roord
mare energy, the signals become distorred, but are not récorded at
any higher lwvels, This phenomenan is colled tape saturation
because the magneiic oxide particles of the tape ore litarally
saturated with energy and cannot accapt any more magnet zation,

T.H.D, { Total Harmonic Distartion] (Ses “Harmonic Distortion®)

Thrashald

Threshald m the laval at which a eompressor or limiter ceases 1o
have lingar gain, and bogins to perform its gain-changing Tunction
{i&,, where the output level no longer rises and falls in direct
proportion to the input level}, In most systems, the threshold s a
point abave which the level changes, aithough there are gompressors
that raise signal levels below a threshald poing, .'.-:l:nrru compander-
type nolse reduction systems, such as Dolby®" have upper and
lower threshald between which the gain changes; these gystemsg
regquire cafeful level calibration for proper encode /decode perfor.
mance. dbx noise reduction systems have no threshold at which
compression ar expangion factors change, s0 level calibration is
not eritical.

*‘Dolby” is a trademark of Dolby® Laboratories, Inc.

NPT I—-I:H.I'Il"..l‘l —

Awiwa

Tracking Accuracy

Tracking refers to the ability of one circuit to "follow” the
changes of another circuit, When two wolume controls are sdjusted
i exactly the same wiay, the corresponding 'samenesg’’ of tha
outpul levels can be exprassed as the tracking accuracy of the
controls,

The level detection gircuitry in'a dbx encoder senses the signal
level, changes the gain, and creates an ancoded signal. The corre-
spanding *““samenass’” of the original signal and the encodid/
decoded signal can be expressed a5 the tracking sccuracy of the
noiss reduction system, [dhx systoms are non-critical for tha
operator, and are built to close rolerances, so that racking
accuracy 1§ excellent, even (f the encoder and decodes ara in
different pieces of dbx equiprmant. )

Transition Level (See Lovel Match)

When a cirewil has uniform compression or expansion throwgh-
out its full dynamic range, there must be some level which passes
through the unit without being raised or lowered (where gain is

unity], This unity gain level is the transition lovel or transition point,

The transition point is 8 “window™ 1dB wide, in 8 dbx ancoder
[compressar), all signals above the transition point are decreased in
fevel, and all signats below the point are increesed in level, Con-
wersely, in 8 dbx decoder {sxpander], all signals above the
fransition point are incraased m level, and all sgneks below The
point are decreasad in level. The transition level s similar to a
“throshold,” excopt it does not refer to o point at which
gompressnn or expangion fectors changs,

Vil



Vil

Triamplilied

Similar to blamplified, A sound system whore a passive cross-
over network creates three frequency ranges, and feeds three powaer
mrmpl|Tigrs: one Tar bass, one Tor mid, snd one for high freguencies.
The amplifiars are connectad directly 1o the woofers, midranga
drivars and twesiers without a passree, high-level crosover netwark

Tunér
A unit which recelvas radio broadcasts and converts tham
inta audia freguency signala. May be pari of & recelver,

VCA (Voltage Controlled Amplifier)

Troditionally, amplifiers hove been designed (o increase signal
Ipvely [to provide gain). If an amplifier ware required to decrease
the Izl (to atteruate), it could become unstable, and might even
psgitiate, The gam [smount of amplification] in these traditional
ampliflers would be scjusted by one af three methods (1) attenuar-
Ing the audio signal fad fo the input of the amplifier, {2} attenuating
the sudio output of The amplifier, or [3) changing the negative feagd-
back (Teading more or Iess signal from thie output back ta the input,
But in reversed polanity],

The VCA isa speciol type of amplifier that can be used to
inorease of decreate levals pver 8 wide dynamic range. |nstead of
using signal atrenuation or negative feedback, the gain {or loss) is
adjustod by means of an external do control voltage, dbx has a
unigue, patented VOA design that has extremely low nose and
very wide dynamic range; the dbx YCA b the heart ol dbx noise
reduction eguipmeant,

Woofer
A loudspeaker which reproduces only low freguencies.
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