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CHAPTER 1

Documentation & Support

UAD Documentation Overview

ReadMe

Windows
Mac

Operation
anvals

This section describes the various instructional and technical resources that
are available for installing, using, and troubleshooting UAD Powered Plug-
Ins. Documentation for the product line is available in written, video, and on-
line formats.

The ReadMe contains information that may not be available in other loca-
tions. Please review all the information in the ReadMe before installing or us-
ing UAD Powered Plug-Ins. The ReadMe.rtf file is presented for viewing dur-
ing the software installation process, and installed to:

e Start Menu>All Programs>UAD Powered Plug-Ins
e Startup Disk/Applications/Universal Audio

Documentation for UAD-2 and Powered Plug-Ins are separated by areas of
functionality, as described below. The user manuals are on the software disc,
and also placed inside the Powered Plug-Ins Documentation folder on the
hard drive during software installation.

All manuals are in PDF format. PDF files require a free PDF reader application
such as Adobe Reader (Windows) or Preview (Mac).

UAD System Manval

The UAD System Manual is the complete operation manual for UAD function-
ality and applies to the entire UAD product line. It contains detailed informa-
tion about installing and configuring UAD devices, the UAD Meter & Control

Panel application, how to use UAD Powered Plug-Ins within a DAW, obtain-
ing optional plug-in licenses at the UA online store, and more. It includes ev-
erything about UAD except Apollo-specific information and individual UAD

Powered Plug-In descriptions.

UAD Plug-Ins Manval

The features and functionality of all the individual UAD Powered Plug-Ins is de-
tailed in the UAD Plug-Ins Manual. Refer to this document to learn about the
operation, controls, and user interface of each plug-in.
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Windows

Mac

Manual
Conventions

Platforms

Windows

Mac

UAD
Nomenclature

Screen Shots

Direct Developers

UAD Powered Plug-Ins includes plug-ins from our Direct Developer partners.
Documentation for these 3rd-party plug-ins are separate files that are written
and provided by the plug-in developers themselves. The filenames for these
plug-ins are the same as the plug-in names.

Installed Locations

The UAD and Direct Developer manual files are copied to the hard drive by
the software installer to the following locations:

e Start Menu>All Programs>UAD Powered Plug-Ins>Documentation

e /Applications/Universal Audio/Documentation

UAD Powered Plug-ns is a cross-platform solution for both Windows and Mac
computers. The UAD hardware device can be installed into either platform; it
is the exact same hardware for both platforms. Operation of the plug-ins is

practically identical regardless of the host system platform and application.

However, certain platform-specific instructions will differ according to the host
system you are using.

Instructions in this guide that are platform-specific are indicated with a head-
ing in red letters. Instructions that are identical regardless of platform are not
differentiated.

Instructions specific to the Windows platform use this red Windows heading.

Instructions specific to the Mac platform use this red Mac heading.

Unless specified otherwise, for descriptive purposes within this manual,

“UAD-2" means all UAD-2 family products (SOLO, DUO, QUAD, OCTO,
UAD-2 Satellite, and Apollo audio interface).

Screenshots in this manual may be taken from the Windows and/or Mac ver-
sion of the software, and are used interchangeably when the content and

functionality of the screenshot is the same on both platforms. Slight variations
in the appearance of a screenshot between operating systems are inevitable.

When the content of and function of the software represented in a screenshot
is identical on both platforms, no differentiation is made in the screenshot title.
If there is a significant difference between platforms, screenshots from both
platforms are included.
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Online
Documentation

Support Website

Videos

Users Forum

The technical support pages on our website offer a wealth of helpful informa-
tion that is not included in the documentation contained within the software

bundle. Please visit our support pages for important technical information in-
cluding the latest release notes, host application notes, and more. The main

UAD Powered Plug-Ins support website is:

* www.uaudio.com/support/uad

Our support website contains many helpful videos that explain how to install
UAD hardware and software, register and authorize the products, obtain op-
tional plug-ins, and more:

* www.uaudio.com/videos

Our online magazine is published regularly and contains lots of useful and in-
teresting information. How-to pages, artist/producer/engineer interviews,
support Q & A, detailed scientific notes, and other fascinating articles make
the Webzine a great place to routinely visit:

e www.uaudio.com/blog

The unofficial UAD Powered Plug-Ins users forum, for the exchange of tips and
information, is on the world wide web at:

¢ www.uadforum.com
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Customer Support

Support Hours

Phone Support

Online Support

Factory Address

Main Website

Feedback

Customer support is provided by Universal Audio staff to all registered UAD
Powered Plug-Ins users.

Our support specialists are available to assist you via email and telephone
during our normal business hours, which are from 9am to 5pm, Monday
through Friday, Pacific Standard Time.

Customer Service & Technical Support
USA toll-free: +1-877-698-2834
International: +1-831-440-1176

To request online support, please visit our support page, then click the “Sub-
mit Support Ticket” button to create a help ticket:

* www.uaudio.com/support/uad

Universal Audio, Inc.

4585 Scotts Valley Drive
Scotts Valley, CA 95066-4517
USA

* www.uaudio.com
Your feedback on the performance and features of UAD Powered Plug-Ins is

very important to us. Please send your comments and suggestions to us. Com-
ments (not technical support issues) may be sent to info@uaudio.com.
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CHAPTER 2

Ampex ATR-102

Mastering Tape Recorder

History

It's Not a Record Until it's Mastered on an Ampex® Tape Machine.

For more than three decades, the two-channel Ampex ATR-102 Mastering
Tape Recorder has turned music recordings into records. With its cohesive
sound, punch, and ability to provide subtle-to-deep tape saturation and color,
the Ampex ATR-102 is a fixture in major recording and mastering studios —
and is considered by many engineers to be the best-sounding tape machine
for final mixdown. The perfect complement to the workhorse Studer 800 Mul-
tichannel Tape Recorder, the Ampex ATR-102 plug-in can provide the final

“analog polish” on your music, turning songs into albums.

Impeccably modeled in the renowned UAD engineering tradition — and in-
corporating presets from noted Ampex ATR-102 users Chuck Ainlay, Richard
Dodd, Buddy Miller, Mike Poole, and more — the Ampex ATR-102 Mastering
Tape Recorder plug-in emulation for UAD-2 faithfully replicates the unique dy-
namics, frequency response, and saturation characteristics of the original
hardware. Scrutinized and fully authenticated by the Ampex Corporation, the
sound of the Ampex ATR-102 plug-in for UAD-2 is virtually indistinguishable
from its analog cousin.

Introduced in 1976, the Ampex ATR-102 2-Track Tape Recorder was a
near-instant hit, thanks to its revolutionary servo-controlled reel motors and
capstan, which provided smooth, continuous tape tension and handling. The
large capstan, and absence of pinch rollers, provided nearly non-existent
speed drift and ultra-low flutter. The clever ATR-102 design allowed users to
change out heads and guides in mere minutes, with a 1” head being a very
popular “hotrod” modification in more recent years — especially when run-
ning at 15 IPS (inches per second). The ATR’s role in modern recording history
is so prevalent, that it would be easier to list classic albums that weren’t mixed
down on this machine, rather than to try to list all those that were.

All visual and aural references to the Ampex Product and all use of Ampex’s trademarks are being
made with written permission from Ampex Corporation. Any references to third party tape formula-
tions are used solely for identification and do not imply any endorsement by, or affiliation with, any
tape manufacturer.
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Ampex ATR-102 Screenshots

Figure 1. The UAD Ampex ATR-102 plug-in window

Figure 2. Ampex ATR-102 secondary controls in “open” mode
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Operational Overview

Famous Tape
Sound

Mixdown Tape
Deck

Mvultiple Tape
Types

Mvultiple Tape
Heads

Multiple Tape
Speeds

Multiple
Calibration
Levels

The UAD Ampex ATR-102 provides all of the original unit’s desirable analog
sweetness. Like magnetic tape, users can dial in a clean sound, or just the
right amount of harmonic saturation.

The primary purpose of the UAD Ampex ATR-102 is to obtain tape mixdown
sonics within the DAW environment. To obtain the classic tape mixdown
sound, instantiate the plug-in as the last insert on the output bus, after other
processing is applied (or possibly as the second-to-last insert, before a
brick-wall processor such as the (UAD Precision Limiter). Of course, creative
“non-standard” results can be obtained by placing the Ampex ATR-102 in
any channel insert or on busses in a send/return configuration.

The UAD Ampex ATR-102 models seven popular magnetic tape formulas.
Each type has its own subtle sonic variation, distortion onset, and tape com-
pression characteristics. The tape types that can be selected depend on the
active tape speed and head type; all tape types are not available for all tape
speeds and head types. Lower fidelity types are included to facilitate more
signal coloration options.

The original hardware machine was manufactured with an interchangeable
head block system which enabled the system to be quickly converted to use ei-
ther 1/4" or 1/2" tape stock by simply swapping out the heads and recali-
brating the electronics. As track width increases, subtle improvements to sta-
bility, fidelity, and noise become apparent. A popular custom aftermarket
tape head is available which enables the use of 1" tape stock, enabling even
higher fidelity with its greater track widths. All three tape head widths are ac-
curately modeled and selectable in the UAD Ampex ATR-102.

All four tape speeds in the original hardware are modeled in the UAD Ampex
ATR-102. Speeds of 3.75, 7.5, 15, and 30 inches per second (IPS) are avail-
able. Each speed provides distinct frequency shift, head bump, and distortion
characteristics. Higher speeds have higher fidelity; 3.75 IPS has a distinc-
tively “lo fi"” character.

Tape machines can be setup with different calibration levels, which entails set-
ting unity gain from input through output based on the magnetic flux (amount
of magnetic field) of a given tape formulation. Different calibration levels pro-
vide different tape response characteristics for a given level into the recorder.
Four selectable calibration levels are available in the UAD Ampex ATR-102.
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Ancillary Noises

Modeled
Transformer

Tape Delay

Automatic
Calibration

Tape recorders have inherent signal noises that are a by-product of the elec-
tro-mechanical nature of the machine. While “undesirable” tape system noise
is historically considered a negative and was an attribute that pushed the
technical envelope for better machine design and tape formulas (and ulti-
mately, “noiseless” digital recorders), noise is still an ever-present character-
istic of the sound of using tape and tape machines.

The UAD Ampex ATR-102 models the hum, hiss, wow, flutter, and crosstalk
characteristics of the original hardware. These noise components can be in-
dividually disabled, adjusted, and/or exaggerated for creative purposes
(even though the servo-controlled, direct-drive capstan tape transport of the
original hardware provides excellent wow and flutter specifications).

The original hardware was manufactured with isolation transformers, which
can color the signal. A common modification to the hardware tape machine
eliminates the transformers from the signal path to produce a (subjectively)
“cleaner” sound. UAD Ampex ATR-102 simulates the behavior of the trans-
formers in the hardware circuit, and can be optionally disabled in the plug-in,
providing both sonic options.

A popular application of multi-head tape recorders is to employ them for slap-
back tape echo effects. If the machine is running in record mode but the re-
corded signal is monitored from the repro head (as opposed to the sync
head), the physical space between these two heads results in a short delay be-
tween the signal sent to the recorder and the monitored signal. When these
signals are combined with mixer routings, the classic slapback echo is mani-
fest. The UAD Ampex ATR-102 implements the ability to reproduce this classic
effect with a simple set of controls, and expands the capabilities by extending
the available delay times beyond what is possible in the physical realm.

The ability of a magnetic tape recorder, which has inherently non-linear re-
sponse characteristics, to accurately reproduce an audio signal with a mini-
mum of noise and distortion requires precise adjustments to the system elec-
tronics. The calibration settings are based on the current tape speed,
formulation, emphasis EQ, and tape width. The hardware must be meticu-
lously re-adjusted each time a different tape, speed, emphasis EQ, or head
width is used (and for system wear and drift, even if these variables are not
changed). UAD Ampex ATR-102 has an automatic calibration feature that
tunes all calibration electronics with a single button.
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Low Level Tuning
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Even though automatic calibration is available, the individual controls that ad-
just calibration are exposed for sonic manipulation. Playback EQ, record
(tape) EQ, and record bias can easily be altered for manual calibration
and/or creative purposes.

UAD Ampex ATR-102 includes the full suite of tools required to manually cal-
ibrate the recorder. Manual calibration tools are provided so expert users can
calibrate the system to their preferred methods for obtaining desired results.
The manual calibration tools consist of a tone generator (with multiple test
tones and levels), a distortion meter with digital readouts, and a full suite of
Magnetic Reference Laboratory (MRL) alignment tapes, which are used to cal-
ibrate playback electronics.

While the UAD Ampex ATR-102 is a true stereo processor designed primarily
for use in stereo-in/sterec-out configurations, it will also operate in
mono-in/stereo-out and mono-in/mono-out modes.

When used in a mono-in/stereo-out configuration, the mono input signal is
sent to both channels of the processor, which can then be adjusted indepen-
dently. When used in @ mono-in/mono-out configuration, adjusting any left or
right control will change both the left and right controls (the left/right controls
are always linked in mono mode).

Set up the plug-in by first adjusting Tape Speed, Tape Type (tape formulation),
and Emphasis EQ, or simply select a factory preset. Note that as you lower
the tape speed, the tape “sound” becomes more audible. Once this basic
setup is made, adjust the L/R Record (gain) levels, for more or less tape/cir-
cuit coloration/saturation.

UAD Ampex ATR-102 includes artist presets from prominent ATR-102 users.
Some of the artist presets are in the internal factory bank and are accessed
via the host application’s preset menu. Additional artist presets are copied to
disk by the UAD installer. The additional presets can be loaded using the Set-
tings menu in the UAD Toolbar.

The graphical interface panel has two modes; open and closed. In closed

mode, the primary controls (those that are typically most used) are available
on the main panel interface and the tape reels are visible. Additional (typi-
cally less used) controls are available on the secondary panel in open mode.

The secondary controls panel (Figure 4 on page 31) is accessed by clicking
the OPEN button beneath the AMPEX label.
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Primary Controls

Meters

Input /Output

Peak/VU

The two Meters display signal levels of the plug-in for the left and right chan-
nels. Meter ballistics of the original hardware are modeled. The Meters can
be switched to display input or output levels in peak or VU modes.

Figure 3. One side of the Ampex ATR-102 “penthouse” showing meter and 1/0 controls

The plug-in operates at an internal level of =12 dBFS. Therefore a digital sig-
nal with a level of =12 dB below full scale digital (O dBFS) at the plug-in input
will equate to O dB on the Meters when Reproduce is in its calibrated position,
which is marked with the “red arrow sticker.”

When Path Select is set to Thru, the Meters indicate signal levels at the input
of the plug-in prior to processing.

Note: Although there are separate left/right Meter controls for VU/Peak and
Input/Output, these controls are permanently linked and cannot be switched
individually for the left and right channels.

These switches change the Meter to display levels at the input or output of the
plug-in. Input metering is a UAD-only feature which is unavailable in the orig-
inal hardware.

Input

When in Input mode, the Meter reflects the signal level after the Record (input)
gain when Path Select is set to Sync or Repro. In Input mode when Path Select
is set to Thru, the Meter reflects the pre-processed (raw input) signal level.

Output

When in Output mode, the meter reflects the signal level at the output of the
plug-in, which is just after the Reproduce (output) gain.

This switch is used to change Meter behavior between Peak or VU modes.
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Clip LED

Reproduce

Record

The left and right channels each have a Clip LED, just above the Meter. -
The Clip LED is not in the original hardware; it is a UAD-only feature. § %
dnnie

The Clip LED illuminates only when the machine’s audio electronics clip. The
Clip LED is not affected by the recorded tape signal, even if the tape is over-
loaded and distorting.

Reproduce adjusts the signal level coming off the virtual tape
before the signal is sent to the Meters. There are two Reproduce
controls, one each for the left and right channels. The left/right
Reproduce controls can be adjusted individually, or simulta-
neously adjusted when Link mode (page 25) is active.

The available range is — dB (off) to +9.48 dB. The default value of O dB is
the “calibrated position” which is marked with a “red arrow sticker.” Repro-
duce is not affected by Auto Cal.

Tip: Click the “REPRODUCE" label text to return Reproduce to O dB.

The Meters accurately reflect the output level (when set to Output mode) even
if Reproduce is not in its calibrated position. However, if Reproduce is moved
from the “cal” position, the Meters will no longer correspond to a particular
level being recorded onto the virtual tape. In this case, the Meters will not re-
flect the actual “operating level” of the tape because Reproduce changes the
signal level coming off the tape before it is sent to the Meters.

Note: The graphical interface panel values for Reproduce, which range from
0 - 10, are arbitrary and do not reflect a particular dB value.

Record adjusts the signal level into the plug-in and the tape cir-
cuitry. There are two Record controls, one for the left channel
and one for the right. These left/right Record controls can be
adjusted individually, or simultaneously when Link mode
(page 25) is active.

The available range is —© dB (off) to +9.3 dB. The default value is O dB. The
graphical interface panel values, which range from O - 10, are arbitrary and
do not reflect a particular dB value.

Tip: Click the “RECORD” label text to return the Record value to O dB.
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Open/Close

Link /Unlink

Record is a primary “color” control for the plug-in. Just like genuine magnetic
tape, lower Record levels will have a cleaner sound, while higher levels result
in more harmonic saturation and coloration. Higher Record levels will also in-
crease the output level from the plug-in. The Reproduce control can be low-
ered to compensate if unity gain operation is desired.

Reproduce/Record Controls Arrangement

Note that the Reproduce control is to the left of the Record control, which is
atypical of most signal flow designs, where inputs usually precede outputs
(lowing from left to right). This quirky arrangement of the Ampex ATR-102
|/O controls, where the input control “follows” the output control, is true to the
original hardware design. In Controls View, the Record (input) control pre-
cedes the Reproduce (output) control.

The secondary controls (Figure 4 on page 31) are accessed (AMPEX]
by clicking the OPEN button beneath the AMPEX label. Con-
versely, the panel is closed by clicking the CLOSE button. E E

mm Link mode is a software-only addition that enables controls

L] . . . .
E that are identical for the left and right channels to be linked
for ease of operation when both channels require the same

values, or unlinked when independent left/right control is desired. In other
words, left/right channel controls are ganged together in link mode.

The Link parameter is stored within presets and can be accessed via automa-
fion.

Note: Although there are separate left/right Meter controls for VU/Peak and
Input/Output, these controls are permanently linked and cannot be switched
individually for the left and right channels, even if Unlink mode is active.

Link

In Link mode, modifying any left or right channel control causes its adjacent
stereo counterpart control to snap to the same position.

Important: When Unlink mode is active and Link is enabled, the left chan-
nel control values are copied to the right channel. Control offsets between
channels are lost in this case.
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Emphasis EQ

Power

When Link is active, automation data is written and read for the left channel
only. In this case, the automation data for the left will control both channels.
Additionally, changing the right channel parameters from a control surface or
when in “controls only” (non-GUI) mode will have no effect.

Unlink

When Unlink is active, the controls for the left and right channels are indepen-
dent. When unlinked, automation data is written and read by each channel
separately.

The Emphasis EQ buttons determine the active Emphasis EQ  jEEErI=I
values and the frequency of the Hum noise. NAB or CCIR

curves can be selected when the Tape Speed is 7.5 or 15

IPS. When the Tape Speed is 30 IPS, neither value is avail-

able (the LEDs are dimmed) because the EQ is fixed with the

AES emphasis curve, per the original hardware. At 3.75 IPS, only NAB is
available (as it is with the hardware).

When the value is set to NAB (traditionally the United States standard), the
Hum Noise frequency is 60 Hz. When set to CCIR (traditionally the standard
in Europe and other regions), the Hum Noise frequency is 50 Hz. See “Noise
Enable” on page 33 and “Hum” on page 33 for more information about
Hum.

Tape Speed and Emphasis EQ were originally practical controls for recording
duration versus noise and local standards. Historically, the origin of the tape
machine (US or European) dictated the built-in EQ emphasis, but later ma-
chines like the Ampex ATR-102 had both circuits available.

CCIR (also known as IEC1) is the EQ pre-emphasis made famous on British
records and is considered the technically superior EQ; many say this EQ was
part of the “British sound” during tape’s heyday. NAB (also known as [EC2)
was the American standard with its own sound. AES is truly standardized at
30 IPS and is the sole EQ found on the Ampex ATR-102 at 30 IPS.

Power is the plug-in bypass control. When set to OFF, em-
ulation processing is disabled, the Meters and control LEDs
are dimmed, the Bypass LED illuminates, and DSP usage is
reduced. Power is useful for comparing the processed settings to the original
signal.
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Tape Speed

Tape Type

OFF is similar to the Thru position in the Path Select control (page 29) except
that the Meters are still active when the Thru control is used. However, in this
state, the Meters indicate signal levels at the input of the plug-in prior to pro-
cessing.

Note: DSP usage is reduced only when DSP Loadlock is disabled. If DSP
Loadlock is enabled (the default setting), activating OFF will not reduce DSP
usage.

The Tape Speed control determines the speed of the tape trans-
port, in inches per second (IPS). Tape Speed affects the re-
corder’s fidelity and associated “head bump” sonics. Head
bump is bass frequency build-up that occurs with magnetic tape;
the dominant frequencies shift according to transport speed.

To change the Tape Speed value, click the IPS text values, or drag the knob,
or click the knob then use the mouse scroll wheel.

15 IPS is considered the favorite for rock and acoustic music due to its low fre-
quency “head bump” (low frequency rise) and warmer sound, while 30 IPS is
the norm for classical and jazz due to its lower noise floor, greater fidelity and
flatter response. 7.5 and 3.75 IPS are also available for an even more col-
ored experience, with even greater frequency shift and other artifacts.

Note: The available parameter ranges of Tape Type, Head Width, and Em-
phasis EQ are affected by Tape Speed. See Table 6 on page 43 for details.

Tape Type selects the active tape stock formulation. Seven
Tape Types are modeled in the UAD Ampex ATR-102. To se-
lect the Tape Type, click the TAPE button to cycle through the
available types, or click directly on the Tape Type value label.
The active Tape Type is highlighted in yellow.

Note: The available Tape Types and defaults are dependent
on the current Tape Speed and Head values. The available
Tape Types, and the associated Tape Speed and Head values,
are shown in Table 6 on page 43.

Each type has its own subtle sonic variation, distortion onset, and tape com-
pression characteristics. Generally speaking, the lower the Cal Level for each
formula, the higher the signal level required to reach saturation and distor-
tion.
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Cal Level

Cal Level automatically sets tape calibration/fluxivity. The Cal Level
setting takes care of the setup one would need to make under equiv-
alent hardware operation, and sets the reference tape/flux level with-
out disturbing the (unity) gain of the plug-in.

To select the Cal Level, click the CAL button to cycle through the avail- |-
able levels, or click directly on the calibration value label. The active ﬂ

Cal Level is highlighted in yellow. The default value is +6 dB.
Because Cal Level affects the operating levels in the plug-in, it can be used to
compensate for overly high (or low) levels at the input of the plug-in. For ex-

ample, if the input is too hot, lowering the Cal Level will reduce the signal level
without changing Record, which can affect the tape saturation characteristics.

Note: The noise floor is affected by the Cal Level when Noise Enable
(page 33) is active.

As tape formulas advanced, their output level increased, thus lowering rela-
tive noise floor. Under normal use, the machine would be calibrated to the
tape’s output level. However, sometimes the machine is under-calibrated to
leave more headroom for a broader sweet spot or to prevent electronics from
clipping. Therefore, one can “go traditional” and calibrate to the recom-
mended levels (Table 1), or select a non-corresponding calibration setting.

As an example, if 456 is the selected Tape Type and when Cal is set at +6
(6 dB higher than the NAB tape standard), the reference flux level is 355
nWb/m (nanoweber per meter) and is 10 dB below the point where THD
reaches 3% (referred to as the maximum operating level). Therefore, with a
1 kHz test tone at —12 dBFS sent to the plug-in, with Tape Type set to 456, Call
setto +6, and Auto Cal enabled, output levels of the plug-in will match the in-
put level and fluxivity on the tape will be 355 nWb/m.

The tape manufacturer’s recommended calibration settings for each Tape
Type are shown in Table 1.

Table 1. Tape Manufacturer's Recommended Calibration Levels

Tape Type | Calibration Flux Level

111 +0 dB 177 nWb/m
35-90 +3 dB 251 nWb/m
250 +3 dB 251 nWb/m
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Head Width

Path Select

Table 1. Tape Manufacturer's Recommended Calibration Levels

456 +6 dB 355 nWb/m
468 +6 dB 355 nWb/m
900 +9 dB 502 nWb/m
GP9 +9 dB 502 nWb/m

Tip: The UAD Ampex ATR-102 default presets bank offers a variety of preset
Tape Type, Tape Speed, CAL level, and EQ configurations that are commonly
used for the recording of specific genres.

This control specifies the active tape head model. Head Widths of
1/4,” 1/2," or 1” can be selected.

‘- To select the Head Width, click the HEAD button to cycle through the

available values, or click directly on the value label. The active Head
‘- Width is highlighted in yellow.

‘ Note: At tape speeds of 3.75” and 7.5” only the 1/4” head can be
used. At these speeds, the 1/2” and 1” heads cannot be selected.

The Path Select buttons specify which of the four possi-
ble signal paths is active in the Ampex ATR-102. The i E
active mode is indicated by an illuminated LED above RED

its associated button. The default value is Repro. E
Sync

Sync mode models the sound of direct tape recording and playback via the
sync/record head, plus all corresponding machine electronics.

Sync mode is generally not used for playback due to its poorer frequency re-
sponse, but it is included for authenticity and creative purposes.

Repro

Repro mode models the sound of tape recording through the record head and
playback through the reproduction head, plus all corresponding machine
electronics.

Input

Input mode emulates the sound of the Ampex ATR-102 through the machine
electronics only, without tape sonics. This is the scenario when the machine is
in live monitoring mode but the tape transport is not running.
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Thru

Thru is a processor bypass control. When Thru is enabled, all controls are in-
active, emulation processing is disabled, and DSP usage is reduced.

Thru behavior is similar to that of the OFF position in the POWER control
(page 26), except that the Meters are still active in Thru mode. In this state, the
Meters indicate signal levels at the input of the plug-in prior to processing.

Note: DSP usage is reduced only when DSP Loadlock is disabled. If DSP
LoadLlock is enabled (the default setting), activating Thru will not reduce DSP
usage.

Tape Reels When the secondary controls panel is closed

Animation (Figure 1 on page 1"9.), by default the grapbi- it /stop ‘ \
cal tape reels “spin” if the DAW fransport is [ NSyt }

running. The tape reels animation can be dis-

abled by clicking the capstan graphic. .

Re-clicking the capstan will re-start the animation.

Click capstan

The “spin state” is saved until it is changed again.

Note: Spinning reels automation is not supported in all hosts. In Sonar, the
plug-in must be configured as a “tempo-based effect” for reels animation.
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Secondary Controls

Avto Cal

The secondary controls (Figure 4 below) adjust the various

E ﬁ calibration, ancillary noise, tone generator, and tape delay

parameters. The secondary controls panel is accessed by

clicking the OPEN button beneath the AMPEX label.

The Ampex ATR-102 has individual calibration controls for ad-
justing sync (record) EQ, reproduction (playback) EQ, and
record bias, which are used to compensate for the inherent
non-linearities of tape systems. On the hardware, these controls
are typically adjusted to calibrate the system for optimum response compen-
sation due to tape non-linearities whenever the tape type, tape speed, empha-
sis EQ, or head width are changed.

When the Auto Cal (Automatic Calibration) ON button is clicked, the calibra-
tion EQ and bias controls are automatically adjusted to their “flat” calibrated
position for the currently active Tape Type, Tape Speed, Emphasis EQ, and
Head Type. The Auto Cal ON LED illuminates green when the calibration pa-
rameters (Shelf EQ, HF EQ, Repro HF, Repro LF, and Bias) are in their cali-
brated position.

Auto Cal is enabled by default. When Auto Cal is ON, the calibration pa-
rameters (Shelf EQ, HF EQ, Repro HF, Repro LF, and Bias) change values
whenever Tape Type, Tape Speed, Emphasis EQ, or Head Type is modified.
When Auto Cal is OFF, the calibration parameters do not change values
when Tape Type, Tape Speed, Emphasis EQ, or Head Type is modified.

Important: Any calibration settings made manually are lost when Auto Cal

is activated. Consider saving manual settings as a preset before activating
Auto Cal.
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Record EQ

Repro EQ

After Auto Calibration occurs, the automatically adjusted pa-
rameters can be modified to any other value if desired. If a cal-
ibration parameter is adjusted while Auto Cal is ON, the ON
LED illuminates in red instead of green, indicating that the sys-
tem is no longer in the calibrated state. If the moved controls are subsequently
returned to their original position, the LED will return fo its green state, indi-
cating the unit is back in calibration.

Tip: To return any of the individual calibration controls to their “flat” (cali-
brated) position, click the label text adjacent to the control (or, simply re<lick
Auto Cal to return all calibration controls to their “flat” position).

The “Manual Calibration Procedure” on page 39 has instructions for perform-
ing system calibration manually.

The Record EQ controls (HF EQ and Shelf EQ) are applied in
the tape recording circuit and affect tape saturation character-
istics. They compensate for common residual HF loss due to
bias optimization and system filtering, and affect HF content in
the signal prior to the tape non-linearity.

HF EQ HF EQ

HF EQ

HF EQ provides high frequency emphasis in the signal recorded to tape.

Shelf EQ

Shelf EQ is another control (in addition to HF EQ) provided to compensate for
tape non-linearity. Although adjustment of this control is not part of the Ampex
factory calibration procedure, it can be used for customized manual calibro-
tions or creative purposes.

The Repro EQ controls (Repro HF and Repro LF) are post-head  [esan ez
controls for tape playback calibration. They affect the signal a _ a
coming out of the tape circuitry in both Repro and Sync s I[P‘Rﬂ

modes.

The Repro EQs are used as filters to shape the frequency response of the sys-
tem in maintaining a flat response and enable compensation for any tape fre-
quency loss or head wear.
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Noise Enable

Repro HF

Adjusts the tape playback high frequency content when Path Select is set to
Sync or Repro.

Repro LF

Adjusts the tape playback low frequency content when Path Select is set to
Sync or Repro.

This control adjusts the amount of bias in the record signal. Bins Bins
Bias is defined as an oscillator beyond the audible range ap- I G I I e
plied to the audio at the record head, allowing for adjustment

of the record behavior. Ideal bias voltage settings provide maximum record
sensitivity and low distortion. Intentionally overbiasing is a common technique
especially for “tape compression” which produces a warmer, gently satu-
rated sound. Underbiasing can also be used to add distortion and other non-
linear responses, similar to gate chatter or cold solder joints; extremely low
voltages may even cause audio to drop out entirely.

Bias voltage, HF/Shelf EQ, and Emphasis EQ (CCIR, NAB, AES) all work to-
gether to provide a linear response to the recorded signal. The “flat” (cali-

brated position) is determined by tape speed, tape type, emphasis EQ, and
head width.

This is a global enable control for the Hum and Hiss effect.
When Noise is ON, the level of Hum and Hiss can be indepen-
dently adjusted using the Hum and Hiss Level controls.

The default values of O dB for Hum and Hiss are the actual modeled level in
the original hardware. Noise is not affected by automatic calibration.

tape circuitry. This control affects both the left and right channels.
Noise Enable must be ON for the Hum control to function.

Determines the amount of Hum in the signal. Hum is added after the r

The default value of O dB for Hum is the actual modeled level in the original
hardware. This default value can be offset by 25 dB.

The Hum frequency is dependent on the Emphasis EQ control (page 26). The
frequency is 60 Hz when set to NAB (US) and 50 Hz when set to CCIR (Eu-

ropean).
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Wow & Flutter
Enable

When Tape Speed is set to 30 IPS, the green Emphasis EQ LEDs are not illu-
minated (and cannot be switched), indicating that the Emphasis EQ is set to
AES. However, the Hum frequency can still be set for 30 IPS mode by setting
Emphasis EQ to NAB (for 60 Hz) or CCIR (for 50 Hz) prior to setting Tape
Speed to 30 IPS.

Note: When Tape Speed is 3.75 IPS, only 60 Hz is available.

Hiss determines the amount of tape hiss in the tape playback signal.
The default value is O dB and can be offset by —25 dB to +50 dB for cre- | wss
ative purposes. Noise Enable must be ON for this control to function.

Like the hardware, the amount of hiss is dependent on settings of the various
controls and may subtly change based on the values of Path Select, Tape
Type, Emphasis EQ, Cal Level, Bias, Playback EQs, and Output Level.

Hiss Level is not affected by automatic calibration, so its level does not change
with Tape Speed. When Hiss Level is at its default position (O dB), the amount
of hiss present in the signal is as if the Tape Speed is 15 IPS. To emulate the
amount of hiss at the other tape speeds, enter the offsets from Table 2.

Table 2. Hiss Level Offsets

Tape Speed | Hiss Level Setting
30 IPS -8 dB
15 IPS 0dB
7.51PS 12.5dB
3.75IPS 17 dB

Note: Because hiss noise is an element of tape playback, Hiss is disabled
when Path Select is set to Input.

RG] These buttons are global enable/disable controls for the Wow
i Sl and Flutter effects. When Wow & Flutter is ON, the level of
[ B | Wow and Flutter can be independently adjusted using the

Wow and Flutter Level controls.

Wow and Flutter are “undesirable” pitch modulations induced by the me-
chanical components of the tape transport. Wow is a by-product of capstan
irregularities, while flutter is a by-product of tape stretching and sticking. Both
can be effectively used for creative purposes.
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Wow

Flutter

Crosstalk Enable

Transformer
Enable

Tape Delay

Wow usually refers to very low frequency fluctuations, while Flutter refers to
faster fluctuations. Wow and flutter is measured as the percentage of deflec-
tion from the original pitch. Both are more pronounced at lower tape speeds.

Note: Wow and Flutter levels change with Tape Speed, but they are not af-
fected by automatic calibration.

Determines the amount of Wow in the signal. Wow & Flutter Enable
must be ON for this control to function.

Wow

L

must be ON for this control to function.

Determines the amount of Flutter in the signal. Wow & Flutter Enable I u
]

These buttons are global enable/disable controls for the
Crosstalk Level (XTALK) parameter. When Crosstalk is ON, the
amount of Crosstalk can be adjusted using the Crosstalk Level
control.

Crosstalk is the amount of signal bleed between the left and right channels.
Crosstalk sonics can vary based upon the Tape Speed and Head Width pa-
rameters, however the amount of crosstalk does not vary with these settings.

Crosstalk Level

This control determines the amount of signal crosstalk. Crosstalk En- [k
able must be ON for the Crosstalk Level control to function. The default o |
value of -45 dB is the actual modeled level in the original hardware. '
The available range is =50 dB to —10 dB. Crosstalk Level is not affected by au-
tomatic calibration.

These ON/OFF buttons enable and disable the transformer cir-
cuit of the Ampex ATR-102. For an overview of this feature, see
“Modeled Transformer” on page 21.

These parameters control the built-in Tape Delay, which
creates tape echo effects. For an overview of this feature,
see “Tape Delay” on page 21. The Tape Delay controls
are not available in the original hardware.

Note: Tape Delay is not available when Path Select is set
to Input or Thru, nor when the Manual Calibration Tools
are active.
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Tape Delay Enable

These buttons are global enable/disable controls for the Tape Delay effect.
When Tape Delay is ON, its red numerical display is active, and other Tape
Delay parameters can be adjusted.

Dry/Wet Mix

The Dry/Wet pushbuttons control the mix of the Tape Delay effect. The
amount of dry and wet signals are displayed as percentages.

Click the Dry button to increase the dry signal level by 1%, or the Wet button
to increase the delayed signal level by 1%.

Tip: Hold the Dry/Wet buttons down to rapidly change the mix values. For
fine control in increments/decrements of 0. 1%, hold down Shift while chang-
ing values.

Delay Time

The left and right channel delay times can be independently adjusted with

these controls. Click the “+” or “~" buttons to change the delay times in incre-
ments of 10 milliseconds. The available range is O = 1000 millisecond:s.

Tip: Hold the +/- buttons down to rapidly change the delay times. For fine
control in increments/decrements of 1ms, hold down Shift while changing
values.

The default Delay Time values depend on the current
Tape Speed, and represent the actual delay time

Delay Time Defaults

+ 30 IPS: 62 ms
that would occur in the physical realm, reflecting the 15 IPS: 124 ms
elapsed time between the signal put on tape at the *7.51PS: 248 ms

+3.75 IPS: 496 ms

record/sync head and its reproduction at the play-
back/repro head. These “physical” default times
are shown at right.

Important: When the tape speed is changed, the current delay time is
changed to reflect the new “physical time” between the sync and repro heads
for the new tape speed, and previously set values are lost (see tip below).

Tip: To retain custom delay times when changing Tape Speed, hold Shift
when changing Tape Speed.
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Manual
Calibration Tools

About MRL
Alignment Tapes

Y 1 These controls are the suite of tools included to perform
R manual calibration of the recorder. These UAD-only
AL tools are not in the original hardware. Manual calibra-
S| fion is entirely optional, as the Auto Cal feature can

quickly and automatically calibrate the system.

21] =D ik 25k

III

The manual calibration tools consist of an “externa
, E 1. -l tone generator with multiple test tones and levels, a dis-
RS tortion meter with digital readouts, and a full suite of

modeled Magnetic Reference Laboratory (MRL) alignment tapes.

Note: The Manual Calibration Tools are operational only when Path Select
is set to Sync or Repro. Additionally, the tools may not operate in some hosts
unless audio is present on the track containing the plug-in and the transport is
running. Placing the plug-in on an aux, bus, or master output may eliminate
this host limitation.

This section describes the functions of the manual calibration tools. For instruc-
tions on how to use the tools to perform a manual system calibration, see the
“Manual Calibration Procedure” on page 39.

Alignment tapes are carefully recorded with accurate and consistent flux lev-
els and test tone frequencies. They are constant companions to all well-main-
tained professional tape machines. Different alignment tapes are required for

each tape speed, head width, equalization standard (CCIR/IEC or NAB),
and fluxivity level.

Alignment tapes are required for system calibration and adjustment so that
playback of previously-recorded session tapes will have correct and consis-
tent equalization and levels, regardless of when, or where, the session tape
was originally recorded.

After tape playback system EQ and levels are calibrated to match the
known-to-be-correct values of the alignment tape(s), the record-side alignment
is performed. The entire record/playback system will then have proper EQ
and gain structuring.

Magnetic Reference Laboratory (“MRL") is a company that produces align-
ment tapes. The MRL tapes used in the UAD Ampex ATR-102 are fringing
compensated. In-depth discussions about fringing compensation and system
alignment are beyond the scope of this manual; thorough resources are avail-
able from the MRL website at: http://www.mrltapes.com
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Manual Cal Knob

Tones

Distortion Meter

e 1 The Manual Cal knob performs two functions: it sets the
\ signal level of the “external” test tone generator for
AL record calibration, and specifies when alignment tapes
"~ are to be used for playback calibration.

When setto -16 dB, -6 dB, or +4 dB, a generated sine wave test tone at the
frequency specified by the Tones buttons is sent to the input of the record cir-
cuitry. This mode emulates sending external test tones into the system. The
level of the test tone is set by the knob position and remains static regardless
of other parameter values.

When set to MRL, a test tone from the “alignment tape” is sent into the play-
back circuitry. The MRL frequency is also specified by the Tones buttons, but
the levels used are from the calibrated alignment tape. Therefore the MRL tone
levels are dependent on other tape parameter values.

The Tones buttons set the frequency of the “external” test
tone generator and the MRL tape test tones. Tone fre-
quencies of 50 Hz, 100 Hz, 1 kHz, 2.5 kHz, 5 kHz, 10
kHz, 15 kHz, and 20 kHz are available.

Click a button to specify that frequency; the active frequency’s button is shad-
owed gray as if in the “down” position.

The red numerical display, between the Manual Cal
knob and the Tones buttons, represents the amount (dis-
played as a percentage) of third harmonic distortion
present in each of the left and right channels. This feature can be useful for
custom calibration techniques.

DEET % R

When the Manual Cal knob is set to —16 dB, -6 dB, or +4 dB, the value rep-
resents third harmonic distortion in the tape playback circuit. Generally
speaking, increasing Record (input) will increase distortion while in this
mode, as tape saturation increases. If Bias is set very low, distortion may in-
crease at lower Cal Levels.

Note: When the Manual Cal knob is set to MRL, the Distortion Meter is inac-
tive (there is no distortion display in this mode).
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Manual Calibration Procedure

Manual calibration tools are provided so expert users can calibrate the sys-
tem to their preferred methods for obtaining desired results. For example,
some technicians may prefer adjustments for lowest distortion at a certain fre-
quency; setting bias for maximum sensitivity (instead of overbiasing); or other
non-standard techniques.

The calibration procedure described here is the most commonly used tech-
nique, and is the (albeit simplified) method recommended by the Ampex Op-
eration and Service Manual.

Important: Manual calibration is not required to use UAD Ampex ATR-102.
Following this procedure will result in the same (or nearly the same) values ob-
tained by simply using the Auto Cal feature.

Tip: When making manual calibration settings, consider disabling Auto Cal
so the manually calibrated values are not accidentally lost if any of the con-
trols that force automatic calibration (Tape Type, Tape Speed, Emphasis EQ,
and Head Width) are inadvertently modified.

Preparation * Reduce monitoring system volume to avoid loud sine wave Tones.
® Insert UAD Ampex ATR-102 on the DAW output bus (see note below).
e Set Path Select to Repro mode (Sync mode is not supported for manual cal).
* Set left and right Meter Input/Output switches to the “OUTPUT” position.
e Set left and right Meter Peak/VU switches to the “VU" position.
e Set Tape Speed, Tape Type, Cal Level, and Head Width to desired values.
® |f Tape Speed is set to 3.75 IPS, set Cal Level to +3 dB.
® Disable Noise Enable (excessive Hiss may contribute to incorrect results).
* Do not change the above settings throughout the procedure.

® For related information, see the Manual Calibration Notes at the end of this
chapter.

Note: The Manual Calibration Tools are operational only when Path Select
is set to Sync or Repro. Additionally, the tools may not operate in some hosts
unless audio is present on the track containing the plug-in and the transport is
running. Placing the plug-in on an aux, bus, or master output may eliminate
this host limitation.
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Repro Level
Calibration

Repro EQ
Calibration

Record Bias
Calibration

To manually calibrate UAD Ampex ATR-102:

1. Set the Manual Cal Knob to the “MRL” position. The built-in alignment tape
tone will sound and its level can be viewed on the Meters.

2. Set the Tones frequency to 1 kHz.

3. Adjust Reproduce (output) so the Meters display O dB.

4. Set the Tones frequency to 10 kHz. RO HF

5. Adjust Repro HF (not to be confused with HF EQ) so the Meters
display O dB. PRO

6. Set the Tones frequency to 100 Hz.
7. Adjust Repro LF so the Meters display O dB (or as close as possible).*

*Because the MRL alignment tapes we used have fringing compensation, it may not be possible to
increase Repro LF enough to make the meter reach 0 dB at low frequencies. If a flat response is
desired, you can switch the Manual Cal knob from MRL mode to the “external” tones then readjust
Repro LF for flat response (0 dB) using the external tones instead of the MRL tones.

Note: If Repro HF and/or Repro LF EQs are adjusted by a large amount, it
may be necessary to recalibrate the output level (steps 1-3).

8. Set the Manual Cal Knob to the tone level position in Table 3 below (the
tone level depends on tape speed).

9. Set the Tones frequency to the value in Table 3 below (the frequency de-
pends on tape speed).

Table 3. Record Bias Calibration Frequencies and Levels

Tape Speed | Tone Frequency | Tone Level
3.75 IPS 2.5 kHz -16 dB
7.51PS 5 kHz -6 dB
15 IPS 10 kHz +4 dB
30 IPS 20 kHz +4 dB

10. Adjust Bias throughout its range until the Meters reach the maximum level
achievable with the Bias control. *
*If the meters reach their maximum “pinned” value, you may temporarily reduce the Reprod uce

level to lower the meters, so the maximum achievable level can be accurately viewed (the maxi-
mum achievable level may be higher than the pinned value of 3 dB).
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Record Level
Calibration

Record EQ
Calibration

11. Increase Bias (clockwise) until the meter level is reduced by 3.5 dB from
its maximum (for 3.5 dB of overbias; see Manual Calibration Notes).*

*When calibrating at 3.75 or 7.5 IPS, the tone generator is at a lower level, therefore meter resolu-
tion is decreased. To increase meter precision when adjusting bias at the lower tape speeds, con-
sider temporarily increasing the reproduce level.

12. Set the Tones frequency to 1 kHz.

13. Adjust Record (input) so the Meters display the level in Table 4 below (the
level depends on tape speed).

Table 4. Meter Levels for Record and HF EQ Adjustments

Tape Speed | Meter Level
3.75IPS -20dB
7.51PS -10dB
15 IPS 0dB
30 IPS 0dB

14. Set the Tones frequency to the value in Table 5 below (the frequency de-
pends on tape speed).

Table 5. Record HF EQ Calibration Frequencies and Levels

Tape Speed | Tone Frequency | Tone Level
3.75 IPS 5 kHz* -16 dB
7.51IPS 10 kHz -6 dB
15 IPS 15 kHz +4 dB
30 IPS 20 kHz +4 dB

*Note: 7.5 kHz is specified in Ampex manual.

15. Adjust Record HF EQ (not to be confused with Repro HF) so the I 0
Meters display the level in Table 4 above (the level depends on tape
speed).

HF EQ

Note: If HF EQ is adjusted by a large amount, it may be necessary to reca-
librate the record level (steps 12, 13).

The manual calibration procedure is complete.

For related information, see the Manual Calibration Notes in the next section.
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Manual Calibration Notes

® O dB on the output meter represents +4 dBm (and —12 dBFS digital) when
Reproduce is in its calibrated position, which is marked with the “red arrow
sticker.”

® For proper calibration, follow the entire calibration procedure in order.

® This example uses 3.5 dB overbias. The amount of gain reduction in step 12
determines the amount of overbias. In some cases we used more than
3.5 dB of overbias to achieve a flatter response.

® Generally speaking, higher Cal Level values will have higher Distortion
Meter values for a given reading on the Meters. If Bias is set very low, dis-
tortion may increase at lower Cal Levels.

* We recommend leaving the record SHELF EQ control in its default position.

® The Ampex ATR-102 hardware has an additional gain control via a set-
screw (like Repro HF/LF, Bias, etc) which is usually used for manual gain
calibrations. This control is not available in the plug-in because it would be
redundant — the Reproduce control performs the same function.

* We chose to calibrate our reference machine using MRL fringing-compen-
sated calibration tapes, without later adjusting the Repro LF EQ for unity
gain using external test fones. Therefore the calibrated values in the plug-in
reflect this alignment method. In-depth discussions about fringing compen-
sation and system alignment are beyond the scope of this manual; thorough
resources are available from the MRL website at: http://www.mrltapes.com

* Tape Type 111 uses a calibration level of O dB. This value is not available
in the plug-in, but it can be emulated by setting the CAL level to +3 dB, then
reducing the input level (Record knob) by -3 dB and increasing the output
level (Reproduce knob) by +3 dB.

® The plug-in operates at an internal level of =12 dBFS. Therefore a digital sig-
nal with a level of —12 dB below full scale digital (O dBFS) at the plug-in in-
put will represent O dB on the plug-in meters (if the plug-in is calibrated).

® The included artist presets demonstrate how manual calibration can be
used to obtain sonic variations (see “Artist Presets” on page 22).

Tip: For easy recall in future sessions, save unique calibrations as a preset.
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Parameter Dependencies

Available Some ATR-102 parameter value ranges depend on the value of other param-
Settings eters. These dependencies are listed in Table 6 below.

Table 6. Ampex ATR-102 parameter dependencies

Tape Speed | Head Width | Tape 1 | Tape 2 | Tape 3 | Tape 4 | Emphasis EQ
30 IPS 1” 250 456 468 GP9 AES
30 IPS 1/2” 250 456 900 GP9 AES
30 IPS 1/4” 250 456 900 GP9 AES
15 1IPS 17 250 456 468 GP9 NAB
15 IPS 1” 250 456 468 GP9 CCIR
15 1IPS 1/2” 250 456 900 GP9 NAB
15 IPS 1/2” 250 456 900 GP9 CCIR
15 IPS 1/4” 250 456 900 GP9 NAB
15 IPS 1/4” 250 456 900 GP9 CCIR
7.5IPS 1/4” 250 456 35-90 111 NAB
7.51PS 1/4” 250 456 35-90 111 CCIR

3.75IPS 1/4” 250 456 35-90 111 NAB
3.75IPS 1/4” 250 456 35-90 111 CCIR

AmpexATR-102  The Ampex ATR-102 uses an internal upsampling technique. This upsampling
Latency results in a larger latency than most other UAD plug-ins. See “UAD Delay
Compensation” in the UAD System Manual for more information.

UAD Powered Plug-Ins Manual -43 - Chapter 2: Ampex ATR-102



AlTRHOO Series
Professonal Audio
[ ecorder

Original Ampex ATR-102 Mastering Recorder Brochure
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CHAPTER 3

APl 500 Series EQ Collection

Introduction

The 550A and 560 modular EQs are some of the most popular and enduring
mixing and tracking processors ever made. The 500 series modules from API
are true industry standards, found in professional multi-channel consoles to
Lunchbox racks in the humblest of project studios. Designed by the now leg-
endary Saul Walker in the late 60s, the combination of Walker's 2520 op
amp and his Proportional Q circuitry gave the 550 and 560 an uncompli-
cated way to generate acoustically superior equalization. Universal Audio
now offers the UAD-2 platform true best-in-class emulations of these two audio
production staples. With UA’s industry-leading circuit modeling that captures
the filter shapes, band interactions, and unique filter amplifier clipping behav-
iors providing full “suspension of disbelief,” these plugins fulfill sonic require-
ments that previously only the APl hardware could provide. Based on vintage
units provided by Ross Hogarth and Capitol Studios, both plug-ins provide
era-specific features and behaviors, and a remarkable model of API's custom
2520 and output transformer — the results are fantastic low-frequency trans-
parency and tight imaging, which is that legendary APl “punch in your gut”
sound. Like with the hardware, the EQs are extremely fast to set, reliable and
uniform, and deliver that one-of-a-kind API high headroom precision. If you
want the sound of classic American music, you need the APl EQs.
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API 500 Series EQ Collection Screenshots

Eom - " 1
OUTPUT

-24 fJL i
OQUTPUT

Figure 5. The API 550A EQ (left) and API 560 EQ (right) plug-in windows
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Operational Overview

API 500 Series
Collection

API 550A

API 560

Proportional Q

Artist Presets

API 500 Series
Latency

The API 500 Series EQ Collection includes the UAD API 550A and UAD API
560 plug-ins, which are officially licensed from and endorsed by Automated
Processes Inc. Both plug-ins meticulously model the entire electronic path, in-
cluding custom APl 2520 op-amps, transformers, band interactions, and in-
ternal clipped filter nonlinearities.

The APl 550A provides reciprocal equalization at 15 points in five steps of
boost or cut to a maximum of 12 dB of gain at each point. The fifteen fixed
equalization points are divided into three overlapping band ranges. The high
and low frequency bands are individually selectable to function as either
peaking or shelving filters. A bandpass filter may be inserted independently
of all other selected equalization settings.

The 10 precision EQ bands make the 560 ideal for signal sweetening and
mix tuning. The boost and cut characteristics are identical, allowing previous
actions to be undone if desired.

The 550A and 560 filters feature API’s “Proportional Q" which continuously
narrows the bandwidth of the filter as band gain is increased, providing (as
stated by API) “an uncomplicated way to generate acoustically superior
equalization.”

The APl 500 Series EQ Collection includes artist presets from prominent API
users. The artist presets are in the internal factory bank and are accessed via
the host application’s preset menu. The artist presets are also copied to disk
by the UAD installer so they can be used within Apollo’s Console application.
The presets can be loaded using the Settings menu in the UAD Toolbar (see
“Using UAD Powered Plug-Ins” in Chapter 7 of the UAD System Manual).

These plug-ins use an internal upsampling technique to achieve sonic design
goals. The upsampling results in a slightly larger latency than most other UAD
plug-ins. See Chapter 9 “Delay Compensation” in the UAD System Manual
for more information.
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API 550A Controls

Band Controls

The three EQ bands (HF/MF/LF) are controlled by
dual-concentric switches. The inner knob controls the
band frequency and the outer knob controls the band

gain. Available values for these controls are listed in
Table 7 below.

Table 7. API 550A Frequency and Gain Values

Band Frequency Values | Gain Values
High Frequency 5,7,10,12.5, 15 0

(HF) (kHz) 2
Mid Frequency | 0.4,0.8,1.5,3, 5 4

(MF) (kHz) g
Low Frequency | 50, 100, 200, 300, 400 12

(LF) (Hz) (xdB)

Default values are in bold.

Frequency

Frequency determines the center frequency of the
band when the filter is in peak mode and the cutoff fre-
quency when the filter is in shelf mode. The frequency for the band can be set
using any of these four methods:

1. Drag the inner concentric knob to the desired value, or
2. Hover over the inner concentric knob then use the mouse scroll wheel, or

3. Click directly on the frequency value label to switch to that value, or

4. Click on the band label (HF/MF/LF) or units label (kHz/Hz) to cycle
through available values.

Gain

The gain for the band can be set using any of these three methods:

1. Drag the outer concentric knob handle to the desired value, or

2. Click the “+" or “~" text labels to increment/decrement values, or

3. Hover over the outer concentric knob then use the mouse scroll wheel, or

4. Click directly on the gain value label to switch to that value (this method
works only when Controls Mode is set to “Circular” in the UAD Control
Panel Configuration panel).
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Bandpass Filter

Bell /Shelf
Switches

Output

EQ In

Power

This switch (“FLTR") applies a 50 Hz — 15 kHz bandpass filter to
the entire signal. The bandpass filter is completely independent
from the from the three main band filters.

The HF and LF bands are normally in bell mode. When the
Bell/Shelf button is engaged for the band (in the darker
“down” position), the band is switched to shelving mode.

LF Shelf

When the LF Shelf button is engaged, the low frequency band is switched to
shelving mode.

HF Shelf

When the HF Shelf button is engaged, the high frequency band is switched to
shelving mode.

This control provides —24 dB to +12 dB of clean uncolored gain
at the output of the plug-in.

O

Tip: Click the “0” text label to return Output to the O dB position.

24% o5 12
OUTPUT

The EQ In switch enables the three band filters and the bandpass filter.
All filters are active when the switch is engaged and the “IN” LED is il-
luminated.

When disengaged, the filters are bypassed but other hardware cir-
cuitry is still modeled.

The plug-in is active when the POWER switch is engaged and its
associated LED is illuminated. When this switch is off, all plug-in
processing is disabled and UAD DSP usage is reduced (unless
UAD-2 Loadlock is enabled).
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API 560 Controls

Gain Sliders

Output

EQ In

Power

Note: Like the original 560 hardware, the signal is boosted by approxi-
mately 1 — 1.5 dB even when all gain sliders are set to O dB.

Each of the 10 sliders controls the gain for one fre-
quency band. Each band can be adjusted to boost or cut
the frequency by up to £12 dB. The available band fre-
quencies are listed in Table 8 below.

— 000 -

Table 8. API 560 Frequencies

16 kHz
8 kHz
4 kHz
2 kHz
1 kHz
500 Hz
250 Hz
125 Hz
63 Hz
31 Hz

Tip: To return a slider to the O dB position, click the
slider’s frequency text label. To reset all sliders to O dB,
click the “0” text label above the sliders.

This control provides -24 dB to +12 dB of clean uncolored gain

f) at the output of the plug-in.

Tip: Click the “0” text label to return Output to the O dB position.

24% o5 12
OUTPUT

The EQ In switch enables the filter sliders. The EQ bands are
active when the switch is engaged and the associated “IN” m

LED is illuminated.

When disengaged, the EQ bands are bypassed but other hardware circuitry
is still modeled.

The plug-in is active when the POWER switch is engaged and its
associated LED is illuminated. When this switch is off, all plug-in
processing is disabled.
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Historical Background

API (Automated Processes Inc.) was formed in 1968 with Saul Walker and
Lou Lindauer. APl is perhaps most noted for their modular approach to equip-
ment manufacturing and for their now legendary 2520 amplifier. To this day,
the extraordinary headroom made possible with the 2520 offers consistent
analog performance even when using radical EQ curves. API quickly became
the leading audio broadcast console manufacturer for radio and television
networks and high profile stations. Soon after, recording studios both large
and small began using API. The API brand and the company’s commitment to
excellent audio design endures to this day.

The 550A became API's standard channel module EQ when the company be-
gan manufacturing consoles in 1971. As the industry rapidly embraced the

sonic quality of the 550A, it quickly found it's way into many custom console
designs by Frank DeMedio and other leading engineers. Many of these con-
soles are still in use today. Forty years later, the 550A remains the standard

against which other EQs are measured, and it has played a major role in the
recording industry for decades. With virtually all existing units spoken for,

popular demand for this EQ resulted in AP finally resuming production in
2004.

The API 500 Series EQ Collection Original Hardware
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CHAPTER 4

API Vision Console Channel Strip

Introduction

The API Vision Console Channel Strip plug-in for the UAD platform is based
on API's flagship console found in studios and sound stages across the globe.
The plug-in includes five indispensable modern production APl modules avail-
able in the Vision console: The custom 2520 op-amp based 212L Preamp,
215L Sweep Filters, 550L EQ, 2251 Compressor/Limiter, and the 235L
Gate/Expander.

The tone of the 212L mic preamp has its roots in the classic APl 2488 series

all-discrete recording consoles, best known for the famed “LA” sound. The AP
212l incorporates the APl 2520 op-amp and the same circuit as the legend-
ary APl console input modules dating from the 1970s. This mic preamp artic-
ulates high frequencies with great detail, while delivering the big sounding,

warm bottom end that APl is famous for.

With identical features as the modern APl 550B EQ, the APl 550L (L for
“long” frame) is a continuation of the 550A EQs that have played a major
role in the history of record making, but with an additional filter band and sev-
eral new frequencies. The 550L artfully blends the past with the present, and
is only available in modern API consoles. Making use of API's “Proportional
Q" innovation, the 550L intuitively widens the filter bandwidth at minimal set-
tings and narrows it at higher settings without the need for additional band-
width controls.

Ideal for almost any application, the widely versatile APl 2251 Compressor's
auto-output level remains at unity regardless of the threshold or ratio settings.
This feature allows for realtime adjustments without the need for changing the
output level. Both New (“feed-forward”) and Old (“feed-back”) methods are
selectable via the front panel, providing two choices of gain reduction. Soft
provides a more subtle compression resulting in a natural sound, while Hard
results in a sharp knee type with a severe limiting effect.
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The 2351 Noise Gate/Expander is one of the fastest noise gates available.
The APl 235L can reduce noise in any type of program without losing any
part of the source. Its extreme flexibility and superb sound make it ideal for all
recording or mixing studio applications. The Expander function uses a 1:2 ra-
tio, allowing the signal to “sneak up” to the full signal level without any loss
of “under threshold” vocal or percussion nuances. Setting the threshold in the
Gate function to the desired level, then switching to the Expander mode is the
perfect workflow.

The APl 215L is a unique passive, sweepable cut filter, designed specifically
to contour the sound in a way that preserves the natural tone of the signal. The
215Lis a low pass filter with a slope of 6 dB per octave, and a high pass filter
with a slope of 12 dB per octave. The filters are isolated from each other with
the same discrete transistor buffer used in the famous 550 series equalizers.

API Vision Console Channel Strip Screenshot
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Figure 6. The API Vision Console Channel Strip plug-in window
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Operational Overview

Modular Design

Signal Flow

Like the original hardware, the API Vision Console Channel Strip plug-in has
a modular design. Each module controls a different signal processing func-
tion, and associated controls are grouped within each module. The following
modules are contained in the APl Vision Console Channel Strip plug-in:

® 212L Microphone Preamplifier
® 215L High/Low Sweep Filters
® 2351 Gate/Expander

® 2251 Compressor/Limiter

® 550L Four-Band Equalizer

A simplified view of the default signal flow routing within the plug-in is illus-
trated in the diagram below. The audio path is shown with solid lines, and the
side chain control keys for the dynamics modules are shown with dotted lines.

212L 215L . 550L
In Preamp|  |Filters| : % Ex EQ Out

: 236L | i i | 2250 | ]
Gate/Exp Comp/Lim

[

Figure 7. Simplified default signal flow within the API Vision Console Channel Strip

The signal flow can be re-routed via options in the plug-in. The 550L EQ can
be placed before the dynamics modules via the PREDYN (pre-dynamics) but-
ton, and the 215L and/or 5501 modules can be moved out of the audio path
and into the dynamics side chain path via the SC (side chain) buttons in those
modules.

Note that the side chains for the dynamics modules are in series by default (as
in diagram above). However, when the 2151 and/or 550L are moved into
the side chain (via the SC buttons), the side chain inputs for the dynamics
modules are in parallel, as shown in the diagram below.

212L ~ 550L
In _’Preamp E ij ?—» EQ —» Out
4 E :
215L 2356L 2251
Filters Gate/Exp Comp/Lim

------------------------------------

Figure 8. Simplified signal flow illustrating parallel side chain inputs with 215L SC enabled
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Displayed
Values

Artist Presets

API Vision
Console Channel
Strip Latency

Knob settings, when compared to the graphical user interface silkscreen num-
bers, may not match the actual parameter values. For example, in the 215L
Sweep Filters module, the highest value shown in the plug-in window is 20
kHz. However, the actual value when the knob is at maximum is 40 kHz.

This behavior is identical to the original hardware, which is modeled exactly.
When the plug-in is viewed in parameter list mode (controls and/or automa-
tion views), the actual parameter values are displayed.

The API Vision Console Channel Strip includes artist presets from prominent
APl users. The artist presets are in the internal factory bank and are accessed
via the host application’s preset menu. The artist presets are also placed by
the UAD installer so they can be used within Apollo’s Console application.
The presets can be loaded using the Settings menu in the UAD Toolbar (see
“Using UAD Powered Plug-ns” in Chapter 7 of the UAD System Manual).

This plug-in includes additional artist presets that are not available in the in-
ternal factory bank. These additional presets can also be accessed using the
Settings menu in the UAD Toolbar.

These plug-ins use an internal upsampling technique to achieve sonic design
goals. The upsampling results in a slightly larger latency than most other UAD
plug-ins. See Chapter 9 “Delay Compensation” in the UAD System Manual
for more information.
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API Vision Console Channel Strip Controls

2121
Microphone
Preamplifier

2151 High/Low
Sweep Filters

212L Gain

This knob adjusts the amount of gain applied to the input
signal. The available range is 30 dB to 65 dB. The de-
fault value is 40.5 dB.

2121 Pad

When enabled, the input signal level is attenuated (low-
ered) by 20 dB. The pad is engaged when the red indi-
cator is lit.

Pad can be used to reduce signal levels when undesir-
able overload distortion is present at low preamp gain
levels.

212L Meter

The Meter indicates the signal level at the output of the 212L preamp module.

2121 Phase

The Phase () button inverts the polarity of the signal. The polarity is inverted
when the green indicator is lit. Leave the button off (unlit) for normal polarity.

The 215L offers two sweepable cut filters, one each for
low and high frequencies. The original hardware is trans-
former coupled and uses a passive filter circuit design for
smooth tone.

2151 Lo-Pass 500 20K
LO-PASS

The Lo-Pass (high cut) filter has a continuous range of 643
Hz to 40.8 kHz. The slope of this filter is 6 dB per octave.
The default value is 40 kHz.

215L Hi-Pass

The Ho-Pass (low cut) filter has a continuous range of 12
Hz to 596 Hz. The slope of this filter is 12 dB per octave.
The default value is 12 Hz.
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215L SC (Dynamics Side Chain)

This button enables the side chain function for the 215L Sweep Filters. When
the 215L side chain is active, signal output from the 215L module is removed
from the audio path, and is instead routed to control the 235L and 225L dy-
namics modules in parallel as shown in the diagram below.

212L ~ 560L
In _>Preamp E \z, ?—b EQ —» Out
L 4 E ;
215L 235L 225L
Filters Gate/Exp Comp/Lim

------------------------------------

Figure 9. Signal flow with 215L Sweep Filters SC enabled

To listen to the side chain key, simply disengage SC to hear the equalized sig-
nal.

Note: The 2151 module must be enabled for the 2151 side chain to function.

215L On

This button enables the 215L module. The module is active when the button’s
green indicator is lit.

Note: UAD DSP load is reduced when this module is inactive (unless DSP
Loadlock is enabled).
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2351
Gate/Expander

The 2351 Gate/Expander module operates in either gate
or expansion mode. Two attack speeds and a continu-
ously variable release time are available in both modes.

2351 Threshold

Threshold defines the input level at which expansion or
gating occurs. The available range is from +25 dB to -45
dB. The default value is O dB.

Signals below the threshold level are processed by the
module. Signals above the threshold are unaffected. Ro-
tate this control clockwise to increase the gate/expand
effect.

235L Depth

Depth controls the difference in gain between the gated/expanded and non-
gated/expanded signal. Higher values increase the attenuation of signals be-
low the threshold. When set to zero, no gating or expansion occurs. The

available range is O dB to -80 dB. The default value is -80dB.

Scaled Control

Although the Depth control has a full range of -80 dB, the scale is expanded
in the first half of rotation so O to -9 dB is available for fine tuning of subtle,
undetectable gating. The second half of rotation is from -10 to -80 dB for more
drastic noise reduction.

2351 Attack

This two-position switch determines how quickly the onset of gating/ex- BIE
pansion occurs when the signal exceeds the threshold. Normal (25 mil- @
liseconds) and Fast (100 microseconds) settings are available. The de- il
fault setting is Normal.

235L Release /Hold Knob

The function of Release/Hold knob (R/H) depends on the setting of the Re-
lease/Hold switch (Rel/HId). With both switch settings, the available range of
the knob is 50 milliseconds to 3 seconds. The default value is 0.5 seconds.

Note: Hold mode is only available when the 2351 module is set to Gate
mode with the Gate/Expander switch.
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Release

When the input signal drops below the threshold level and the Release/Hold
switch is set to Release, this knob sets the amount of time it takes for signals
to decay to the Depth level.

Slower release times can smooth the transition that occurs when the signal
dips below the threshold, which is especially useful for material with frequent
peaks.

Fast release times are typically only suitable for certain types of percussion
and other instruments with very fast decays. Using fast settings on other
sources may produce undesirable results.

Hold

When the input signal drops below the threshold level and the Release/Hold
switch is set to Hold, this knob sets the amount of time that signals are held at
normal levels before signals return to the Depth level.

Note: When set to Hold, the release time is fixed at 100 milliseconds.

235L Release /Hold Switch

This two-position switch (REL/HLD) determines the behavior of the Re-
lease/Hold knob when the 235L module is set to Gate mode with the
Gate/Expander switch. The default value is Release.

Note: This switch is locked in the Release position when the module is in
Gate mode (Hold mode is unavailable in Expander mode).

235L Gate/Expander Switch

This switch (GTE/EXP) toggles the module between Gate and Expander
modes. The default value is Expander.

GTE

When set to Gate mode, signals below the threshold are attenuated by the
Depth amount.

EXP

When set to Expander mode, the gate applies downwards expansion at a
fixed 1:2 ratio, with the amount of gain reduction determined by the Depth
control.
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2251
Compressor/
Limiter

Expansion allows the signal to “sneak up” to the full signal level without any
loss of “under threshold” nuances.

235L Meter

This meter displays, in dB, the amount of gain attenuation (downward
expansion) occurring in the 2351 module.

235L On

This button enables the 235L module. The module is active when the button’s
green indicator is lit.

Note: UAD DSP load is reduced when this module is inactive (unless DSP
Loadlock is enabled).

The 2251 Compressor/Limiter offers a continuously vari-
able ratio between 1:1 (no compression) and infinity: 1
(limiting). Three attack speeds and continuously variable
release times are available. A hard/soft knee setting and
a unique new/old setting are also available in the mod-
ule.

2251 Threshold

Threshold defines the input level at which compression

begins. The available range is +10 dB to -20 dB. The de-
fault value is O dB.

Signals that exceed the threshold are processed by the
Ratio value. Signals below the threshold are unaffected.
Rotate this control clockwise to increase the compression
effect.

Note: The 2251 compressor automatically increases makeup gain to com-
pensate for levels that are reduced during compression. However, just like the
original hardware, the plug-in’s compensated makeup gain levels are not per-
fectly linear.
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2251 Ratio

Ratio defines the amount of gain reduction applied to signals above the
threshold. For example, a value of 2 (expressed as a 2:1 ratio) reduces the
signal level above the threshold by half, with an input signal level of 20 dB be-
ing reduced to 10 dB.

A value of 1 yields no gain reduction. When the control is at maximum (),
the ratio is effectively infinity to one, yielding the limiting effect. The available
range is 1:1 to infinity. The default value is 4:1.

2251 Attack

This three-position switch defines the attack time of the compressor.
Available values are Fast (2 milliseconds), Medium (18 milliseconds),
and Slow (75 milliseconds). The default value is Medium.

2251 Release

Release sets the amount of time it takes for processing to cease once the input
signal drops below the threshold level. The available control range is 50 mil-
liseconds to 3 seconds.

Note: Actual release times are program dependent.

Slower release times can smooth the transition that occurs when the signal
dips below the threshold, which is especially useful for material with frequent
peaks. However, if the release is too long, compression for sections of audio
with loud signals may extend to sections of audio with lower signals.

Fast release times are typically only suitable for certain types of percussion
and other instruments with very fast decays. Using fast settings on other
sources may produce undesirable results.

225L Knee

The knee (onset) characteristic of the compressor/limiter can be set
to Soft (SFT) or Hard (HRD) with this two-position switch. The default
value is Hard.

Soft provides a more subtle compression resulting in a very natural, less com-
pressed sound. Hard results in a more typical, sharp knee type compression
that has a more severe limiting effect.
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2251 Type

The Type control switches the 2251 compressor’s control side chain NEW
signal to use either a feed-back (OLD) or feed-forward (NEW) de- ()
sign, providing two types of gain reduction. The default value is OLD
Old.

Compressors typically have a side chain control signal based on either feed-
back or feed-forward designs. NEW feed-forward gain reduction is typical of
newer VCA type compressors that rely on RMS detectors for the side chain cir-
cuit. The OLD feed-back method is what most classic compressors use for the
side chain circuit.

Note: Unlike the original hardware, side chain processing via the 2151 and
550L modules can be performed with this switch in the OLD position (the
hardware cannot use side chain filtering with feedback compression).

2251 Meter

This meter displays, in dB, the amount of gain attenuation occurring in
the 2251 module.

N W N =

2251 On

1

This button enables the 2251 module. The module is active when the button’s
green indicator is lit.

Note: UAD DSP load is reduced when this module is inactive (unless DSP
Loadlock is enabled).
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550L Four-Band  The 550L EQ is divided into four frequency bands: High
Frequency (HF), High Midrange Frequency (HMF), Low
Midrange Frequency (LMF), and Low Frequency (LF).

Equalizer

The 550L features API's “Proportional Q" which continu-
ously narrows the bandwidth of the filter as band gain is
increased, providing (as stated by API) “an uncompli-
cated way to generate acoustically superior equaliza-
tion.” The boost and cut characteristics are identical, al-
lowing previous actions to be undone if desired.

Band Controls

The four EQ bands (HF/HMF/LMF/LF) are controlled by
dual-concentric switches. The inner knob controls the
band frequency (values in blue text) and the outer knob
controls the band gain (values in white text). Available
values for these controls are listed in the table below.

Table 9. API 550L Frequency and Gain Values

Band Frequency Values | Gain Values
High Frequency | 20, 15, 12.5, 10, 7, 5,
(HF) 2.5 (kHz) 0
Low Mid Freq | 12.5,10,8,5,3, 1.5 2
(LMF) (kHz), 800 (Hz) 4
High Mid Freq | 1000, 700, 500, 240, g
(HMF) 180, 150, 75 (Hz) 12
Low Frequency | 400, 300, 200, 100, (xdB)
(LF) 50, 40, 30 (Hz)
Default values indicated in bold text above.

Frequency

Frequency determines the center frequency of the band

when the band is in peak mode (all bands) and the cutoff frequency when the
band is in shelf mode (available with HF/LF bands only). The frequency for
the band can be set using any of these four methods:

* Drag the inner concentric knob to the desired value

® Hover over the inner concentric knob then use the mouse scroll wheel

® Click directly on the frequency value label to switch to that value

e Click on the band label (HF/HMF/LMF/LF) to cycle through available val-
ues (shift+click to cycle in reverse)
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Gain

The gain for the band can be set using any of these four methods:

* Drag the outer concentric knob handle to the desired value

¢ Click the “+” or “-" text labels to increment/decrement values

* Hover over the outer concentric knob then use the mouse scroll wheel

® Click directly on the gain value label to switch to that value (this method
works only when Controls Mode is set to “Circular” in the Configuration
panel of the UAD Meter & Control Panel application)

Peak /Shelf Switches

The HF and LF bands are in shelf mode by default (switches in
“down” position). When the Peak/Shelf switch is engaged for the
band (in “up” position), the band is changed to peak mode. The de-
fault value is Shelf.

550L Pre-Dynamics

The Pre-Dynamics button (“PREDYN”) re-routes the 550L sig- @
nal. By default, the audio signal is routed into the 550L mod-

ule after dynamics processing. When PREDYN is enabled (when the green in-
dicator is lit), this routing is swapped, and the EQ module precedes the
dynamics processors instead.

When550L PREDYN is active, the dynamics side chain is always tapped after
the 550L module, regardless of the state of the 2151 module’s SC function.

Note: PREDYN has no effect when the 550L’s SC button is active.

The effect of the PREDYN button is shown in the diagrams below.

212L | _|215L| _|550L @)
In Preamp| |Filters| "| EQ [ ? : ;x out
i o] 235L | N 225L [

Gate/Exp Comp/Lim

Figure 10. PREDYN routes the 550L before the dynamics modules
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212L 550L 2 -
In _)Preamp_> EQ i 4 (A)—> Out
\ 4 : :
215L 235L 225L
Filters Gate/Exp Comp/Lim

Figure 11. The 550L always precedes the side chain tap when PREDYN is active

550L SC (Dynamics Side Chain)

This control enables the side chain function for the 550L EQ. When E.
the 550L side chain is active, signal output from the 550L module is

removed from the audio path, and is instead routed to control the 235L and
2251 dynamics modules. The default value is Off.

212L 1 _|215L —~
In Preamp| ° [Filters| by ;x > Out
A4 : :
550L 235L 2251
EQ Gate/Exp Comp/Lim

____________________________________

Figure 12. Signal flow with 550L SC enabled

Note: Both the 550L and 2151 modules can both be routed simultaneously
to the dynamics side chain. In this case, the 2151 precedes the 550L in the
side chain path, as shown below.

212L <
In “Preamp ¢ fj’?_’ Out
: 235L 22501
: Gate/Exp Comp/Lim
Y A A
215L > 550L( &+
Filters EQ

Figure 13. Signal flow with SC enabled in both 215L and 550L modules
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Global Module

550L EQ

This button enables the 550L module. The module is active

when the button’s green indicator is lit.

B .

Note: UAD DSP load is reduced when this module is inactive (unless DSP

Loadlock is enabled).

Output Meter

The vertical LED-style metering provides a visual indica-
tion of relative signal peak levels at the output of the plug-
in.

SC Link (Side Chain Link)

When the plug-in is used on a stereo signal, this button

links the side chains of the left and right channels of the
2251 and 2351 dynamics modules so both channels are
compressed by the same amounts. SC Link is active when
the button’s green indicator is lit. The default value is en-

abled.

Linking the side chains prevents signals which appear on
only one channel from shifting the stereo image of the out-
put. For example, any large transient on either channel
will cause both channels to compress, and the amount of
compression will be similar to the amount of compression
for a transient which appears on both channels at the
same time.

Note: The SC Link button cannot be engaged when the
plug-in is used in a monophonic configuration.

Output

This control provides —24 dB to +12 dB of clean uncol-
ored gain at the output of the plug-in. The default value is

0 dB.

Tip: Click the “0” text label to return Output to the O dB
position.

24 db i2
OUTPUT
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Power

The plug-in is active when the POWER switch is engaged and its associated
LED is lit. When this button is off, all plug-in processing is disabled and UAD
DSP usage is reduced (unless DSP Loadlock is enabled).

Historical Background

API (Automated Processes Inc.) was formed in 1968 with Saul Walker and
Lou Lindauer. APl is perhaps most noted for their modular approach to equip-
ment manufacturing and for their now legendary 2520 amplifier. To this day,
the extraordinary headroom made possible with the 2520 offers consistent
analog performance even when using radical EQ curves. APl quickly became
the leading audio broadcast console manufacturer for radio and television
networks and high profile stations. Soon after, recording studios both large
and small began using API. The APl brand and the company’s commitment to
excellent audio design endures to this day.

.‘..’o“"i

pom
PELI LN

The API Vision Console
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CHAPTER 5

Cambridge EQ

Overview

The UAD Cambridge EQ plug-in is a mastering-quality, no-compromise equal-
izer that enables powerful tonal shaping of any audio source. Its algorithm
was modeled from various high-end analog filters, providing a sonically rich
foundation for timbral manipulation. Special attention was given to the han-
dling of higher frequencies, resulting in a much smoother and more satisfying
high-end response than is found in most digital filters.

Cambridge EQ is highly flexible, offering a broad spectrum of options facili-
tating surgical precision and delivering superior aural results in every appli-
cation. This may be the most satisfying, full-featured equalizer in your arsenal
of creative tools.

Cambridge EQ Screenshot

iok 20k .o

UNIVERSAL AUDIC CAMBRIDGE EQUALISER & FILTERS SANTA CRUZ, CA
Figure 14. The UAD Cambridge EQ plug-in window
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Cambridge EQ Controls

Response Curve
Display

Each feature of the Cambridge EQ interface is detailed below.

The Response Curve Display plots the frequency response of the current Cam-
bridge EQ settings. It provides instant visual feedback of how audio is being
processed by the equalizer.

a0

-20
ik 20k

Figure 15. CambridgeO Response Curve displ

The entire audio spectrum from 20 Hz to 20 kHz is displayed along the hor-
izontal axis. Gain and attenuation of frequencies (up to £40 dB) are dis-
played along the vertical axis. The vertical resolution of this display can be
modified with the Zoom buttons.

Response Curve Color

The color of the response curve depends on the value of the A/B Selector con-
trol. When A is active, the curve is yellow. When B is active, the curve is
green (see “A/B Selector Button” on page 71). When Cambridge EQ is dis-
abled, the response curve is grey.
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Zoom Buttons

Curve Control
Bats

The vertical scale of the Curve Display can be increased or reduced with the
Zoom buttons. This function allows the resolution of the Curve Display to be
changed for enhanced visual feedback when very small or very large

amounts of boost or cut are applied. Four vertical ranges can be selected with
the Zoom buttons: +5, +10, +20, and +40 dB.

sk 10k =0 L:;.' ! sk 10k 20k 2° SH 10k zok 1°
Figure 16. Vertical resolution of the Response Curve can be changed with the Zoom buttons

There are five control “bats” on the curve display. Each bat is color coded
and corresponds to each of the five EQ bands. The position of the bat on the
curve display reflects the frequency and gain of its corresponding band, even

if the band is disabled.

20k -

L

A0

0

20
00 1 1l 2k 20k =

Figure 17. The Curve Control Bats can be used to control EQ band frequency, gain, and Q

The gain and frequency of an EQ band can be modified simultaneously by
dragging its bat with the mouse. If a band is disabled when its bat is touched
for the first time, the band is enabled.

Note: To modify the Q of a band with its bat, hold down the Control key while
dragging vertically.

When a band is enabled, the EQ curve usually touches the bat. However, be-
cause the EQ curve always displays the actual frequency response of Cam-
bridge EQ, if two bands are close together in frequency and/or at extreme
gain values, the bat may not touch the curve itself.
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Master Level
Knob

A/B Selector
Button

EQ Enable
Button

This control adjusts the signal output level of Cambridge EQ. This
may be necessary if the signal is dramatically boosted or re-
duced by the EQ settings. The available range is +20 dB.

The A/B Selector switches between two separate sets of Cam-
bridge EQ plug-in values. This feature enables easy switching
between two completely independent EQ curves which can be
useful for comparison purposes or for automating radical tim-
bre changes. Both the A and B curves reside within a single
Cambridge EQ preset.

Click the A/B Selector button to switch between the two curves. When A is
displayed, the button and the EQ response curve is yellow. When B is dis-
played, the button and the curve is green.

Note: To reset the A or B curve to a null (flat) response, control-click the A/B
Selector button. The active curve will be nulled.

Note: To copy one curve to another, shiftclick the button. The active curve will
be copied to the inactive curve.

This button enables or disables the Cambridge EQ alto-
gether. You can use this switch to compare the processed
settings to that of the original signal, or to bypass the plug-
in to reduce UAD DSP load (load is not reduced if UAD-2
DSP Loadlock is enabled).
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Low Cut / High Cut Filters

M The Low Cut and High Cut filters are offered in ad-
dition to the five parametric/shelf bands. A wide
. range of filter types is provided to facilitate tonal
creativity. Many filters that are available are repre-
sented.

Three controls are offered: Cut Type, Enable, and
Frequency. Each control is detailed below.

Cut Type Menu The Cut Type menu determines the sound of the low
_ and high cut filters. To view the Cut Type menu, click
& dB / Oct and hold the green cut type button.
12 dE /£ Dt
12 dB / Dot Four types of responses are provided: Coincident
24 dB / Oct ..
20 dE 7 ot Pole, Bessel, Butterworth, and Elliptic. The numbers
26 dB / Dct represent the filter order, i.e. Bessel 4 is a fourth-or-
Ezzzz: g der filter. Each offers a different sound. To select a
NI new cut response, drag to the desired response and
Beszel 5
e release.
EButterworth 2 5 . .
Butterworth 3 | The responses are more gentle on filters with lower
Butterworth 4 numbers, and get steeper and more aggressive as
Butterworth 5 . . .
Butterworth & | the numbers increase. The coincident-pole filters are
firstorder filters cascaded in series and offer gentle
slopes. Bessel filters are popular because of their
smooth phase characteristic with decent rejection. Butterworth filters offer
even stronger rejection. The Elliptic setting is about as “brick wall” as you can
get. Generally speaking, more phase shifting occurs as the response gets
steeper.
Note: UAD DSP usage does increase some as the filters get stronger (unless
UAD-2 DSP Loadlock is enabled).
Cut Enable This button activates the cut filters. The filters are enabled when the “In” button
Button

is green. UAD DSP usage is slightly reduced when the cut filters are disabled
(unless UAD-2 DSP Loadlock is enabled).
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Cut Frequency
Knob

EQ Bands

Enable Button

Frequency Knob

This knob determines the cutoff frequency for the Cut filters. The available
range is from 20 Hz - 5 kHz for the low cut filter, and 20 Hz — 20 kHz for
the high cut filter.

Al five of the EQ bands can be used in parametric or shelf mode. Each band
has identical controls, the only difference is the frequency range values.

The function of the controls is similar in both parametric and shelf modes. The
two modes are described separately (see “Parametric EQ” on page 74 and
“Shelf EQ” on page 77).

Figure 18. The EQ Band controls

Each band can be individually engaged with the Enable button. The button is
green when the band is enabled. All bands default to disabled. To enable
any band, click the Enable button.

You can use these buttons to compare the band settings to that of the original
signal, or to bypass the individual band. UAD DSP usage is slightly de-
creased when a band is disabled (unless UAD-2 DSP Loadlock is enabled).

This parameter determines the center frequency to be boosted or attenuated
by the Gain setting. The available range for each of the five bands is the same
for both parametric and shelf modes. The ranges are shown in Table 10 on
page /4.
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Gain Knob

Q (Bandwidth)

Knob

Parametric EQ

Parametric Type
Selector

Parametric Q

Table 10. Available ranges for the Band Frequency parameter

Low Frequencies (LF) 20-400 Hz
Low-Mid Frequencies (LMF) 30-600 Hz
Mid Frequencies (MF) 100-6 kHz
High-Mid Frequencies (HMF) 900-18 kHz
High Frequencies (HF) 2k-20 kHz

Note: When operating at sample rates less than 44.1 kHz, the maximum fre-
quency will be limited.

This parameter determines the amount by which the frequency setting for the
band is boosted or attenuated. The available range is +20 dB.

The behavior of the Q parameter varies depending on the band mode and
the gain. For this reason Q is detailed separately in the parametric and shelf
mode sections (see “Parametric Q" on page 74 and “Shelf Q" on page 77).

A band is in parametric mode when shelf mode is disabled (see “Shelf Enable
Button” on page 77). Three types of parametric EQ are available, as deter-
mined by the Parametric Type selector.

Sl The Parametric Type selector changes the response of the band
1 controls to reflect the behavior of various analog equalizers. It is
a global control for all 5 bands, and has no effect on the low

and high cut filters. Click the Parametric Type display to rotate between Types
I, I, and Il

The filter algorithm is the same in all three parametric types. The difference is
in the dependency between the gain and Q parameters. Each parametric
type has its own response characteristics.

In Type | mode, the Q remains constant regardless of the gain setting. In Type
Il mode, the Q increases as gain is boosted, but remains constant as gain is
attenuated. In Type Il mode, the Q increases as gain is boosted and attenu-
ated. See Figure 19, Figure 20, and Figure 21.

The Q (bandwidth) knob sets the proportion of frequencies surrounding the
center frequency to be affected by the gain control. The Q range is 0.25-16;
higher values yield sharper slopes.
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Type |

Type |l

Note that the Q numeric value in relation to its knob position is warped (i.e.
not linear) and varies according to the parametric type.

When set to Type |, the bandwidth remains at a fixed Q regardless of the gain
setting for the band; there is no Q/Gain interdependency. In addition, there
is a finer resolution of the Q knob in the middle of its range. This makes it eas-
ier to achieve subtle bandwidth changes. Note that the Q value and knob po-
sitions do not change as the gain is modified. See Figure 19.

i
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Figure 19. Parametric Type | response

When set to Type I, there is a Q/Gain dependency on boost. The bandwidth
increases continuously as the gain is boosted, but not when attenuated. The
Q knob position determines the maximum Q at full gain.

Filter bandwidth is broader at lower boost settings and narrower at higher
boost settings. This can produce a smoother, more natural response when
boosting filter gain.
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Type lll

Note that the Q value increases as gain is boosted but the knob position does
not change The Q value is approached as gain increases, and reaches the
knob position at maximum gain. See Figure 20.
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Figure 20. Parametric Type Il response

When set to Type I, there is a Q/Gain dependency on boost and attenua-
tion. The bandwidth increases continuously as the gain is boosted and atten-
uvated. The Q knob position determines the maximum Q at full gain.

Filter bandwidth is broader at lower gain settings and narrower at higher
gain settings. This can produce a smoother, more natural response when ad-
justing filter gain.

Note that the Q value increases as gain is increased but the knob position
does not change The Q value is approached as gain increases, and reaches
the knob position at maximum gain. See Figure 21.
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Figure 21. Parametric Type Ill response
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Shelf EQ

Shelf Enable
Button

Shelf Type
Button

Shelf Q

Each band can be switched from parametric mode to shelf
mode by clicking the shelf enable button. The button is off
by default. To enable shelving on any band, click the shelf
button.

The button is green when shelving is enabled. Additionally,
the control bat associated with the band has a horizontal
shelf indicator line in the response curve display (see
Figure 23 on page 78) when shelf mode is active.

When a band is in shelf mode and its Q is above the min-
imum value, a resonant peak occurs in the filter response.
The Shelf Type button affects where this resonant peak oc-
curs in relation to the shelf frequency.

lts purpose is to emulate the response curves of classic high-
end analog mixing consoles. It's yet another tool to help
you find the exact sound you are looking for.

The Shelf Type button places the resonant peak at (A) the edge of the stop-
band (Figure 22 on page 78), (B) the edge of the passband (Figure 23), or
(C) at the edge of the stopband and the passband (Figure 24).

When a band is in shelf mode, the Q knob sets the resonance of the band.
The range of the Q knob is 0-100% when in shelf mode.

Note: When a band is in shelf mode, the Gain setting will affect the Q of the
band.

When the Q is at its minimum value, there is no resonant peak. The resonance
increases and becomes more prominent as the Q is increased. Therefore, for
the shelf type to have any effect the Q must be above its minimum value.

Note: In order for this button to have any affect, the band must be in shelving
mode, some gain must be applied, and the Q must be above its minimum
value.
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CHAPTER 6

Cooper Time Cube

Dual Mechanical Delay Line

The original Cooper Time Cube was a Duane H. Cooper and Bill Putnam col-
laborative design that brought a garden hose-based mechanical delay to the
world in 1971 and has achieved cult status as the most unique delay ever
made. The Cooper Time Cube is famous for its spectacular short delay and
doubling effects and its uncanny ability to always sit perfectly in the mix. How-
ever, the CTC had limited practicality as a fullfeatured delay; only 14, 16 or
30 ms settings were available. Over the years this quirky device has grown
a strong following and finds a home in the most prestigious studios in the
world, such as Blackbird and Sunset Sound. Top producers and engineers
such as Richard Dodd, Vance Powell and Joe Chicarelli still swear by the Coo-
per Time Cube for its unique character.

The Cooper Time Cube Mkl has all the sound of the original delay system de-
sign and offers all the necessary features expected from a modern delay de-
vice. The distinct sound of the single or double hose Coil is preserved regard-
less of delay setfting, and either sound is available at the flick of a switch. The
Cooper time Cube MkIl also incorporates other enhanced tone shifting fea-
tures such as the Color switch that presents the user with the original (A) or
“leveled” (B) frequency response, plus tone controls and a 2-Pole High Pass
Filter. Lastly, a switch is presented for soloing the Wet signal, and the Send
switch disables the signal being sent into the delay processor.

Cooper Time Cube Screenshot

COOPER TIME CUBE Mi IF

MODEL 520-16

UNIVERSAL AUDIO

Figure 25. The UAD Cooper Time Cube plug-in window
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Design Overview

The original UREI/Universal Audio Model 920-16 Cooper Time Cube hard-
ware (see “Cooper Time Cube Hardware” on page 84) has two audio chan-
nels, A and B. Each channel is transduced to/from a coiled length of plastic
tubing which provides the acoustic “sound columns” that define its distinctive
sonic character.

The coils for each channel are at fixed but different lengths, which define the
available single delay times of 16ms for channel A and 14ms for channel B.
The two channels can be cascaded in series via external routing, for a total
available delay time of 30ms at reasonable fidelity for its era, which (accord-
ing to the original product brochure) “brings complete respectability to the
heretofore marginally feasible acoustical delay line.”

The UAD Cooper Time Cube plug-in has all the vibe of the original, with mod-
ern feature enhancements. It is a true stereo plug-in with two independent de-
lay processors. Each channel has its own set of controls, and there are global
controls that affect the plug-in overall.

Cooper Time Cube Controls

Global Controls

Gain

The global controls affect both channels of the processor simultaneously.

Figure 26. The global controls (Wet Solo and Power, also global controls, are not shown here)

Gain controls the signal input level to the plug-in for both A (left) and B (right)
channels. Gain affects the combined wet and dry signals.

The available range is £15 dB and the 12 o'clock position is unity gain.
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HP Filter

Echo A/B

Sync

Send

Coils

The 12 dB per octave high pass filter is used to reduce low frequencies at the
input fo the delays when desired. The high pass filter affects the delayed (wet)
signals only. The available frequency range is from 20 Hz to 12 kHz.

Turn the knob clockwise to reduce low frequencies into the delay processors.
Full processor bandwidth is obtained with the knob in the fully counter-clock-
wise position.

These two “windows” display the current delay times of channels A and B.
Displayed values are defined by the Delay parameter (“Delay A/B” on
page 83). Delay values can be entered here directly using the text entry
method.

When Sync mode is off, delay times are expressed in milliseconds. When
Sync is on, delay times are expressed as a fractional bar value.

When the beat value is out of range, the value is displayed in parentheses.
This occurs in Sync mode when the time of the note value exceeds 2500ms
(as defined by the current tempo of the host application).

This switch engages Sync mode for both channels of the plug-in. In Sync
mode, delay times are synchronized to (and therefore dependent upon) the
master tempo of the host application. When Sync is toggled, parameter units
are converted between milliseconds and beats to the closest matching value.

See “Tempo Sync” in Chapter 8 of the UAD System Manual for detailed in-
formation about tempo synchronization.

Send determines whether or not signals are sent into the delay processors.
When Send is ON, the input signals are delayed. When OFF, the delay in-
puts are muted.

When both coiled tubes of the original hardware are cascaded to increase

the available delay time (when both channels are serially connected), the son-
ics are slightly different than when only one coil is used. The Coils switch tog-
gles between these two sounds available on the hardware, regardless of the

Delay value.

Tip: Longer decays are available when Coils value is set to 1.
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Color

Treble

Bass

Wet Solo

Power

Meter

The Color switch toggles between the original filter emphasis of the hardware
in position A and the “leveled” filter in position B which allows for greater De-
cay ranges.

Unlike the other parameters, the A and B labels for Color are for reference
only. They do not represent the left and right channels.

Note: Color can be subtle, and its affect can vary depending on the value of
Coils and/or Decay.

Treble controls the high frequency response in the delayed portion of the sig-
nals. It does not affect the dry signal. Treble is a cut/boost control; it has no
effect when in the 12 o’clock position.

Bass controls the low frequency response in the delayed portion of the sig-
nals. It does not affect the dry signal. Bass is a cut/boost control; it has no ef-
fect when in the 12 o’clock position.

=l The Wet Solo switch puts the Cooper Time Cube into “100% Wet"
bl mode. When Wet Solo is on (in the “up” position), it mutes the dry un-
[ processed signal.

Wet Solo is optimal when the plug-in is used on an effect group/bus that is
configured for use with channel sends. When the plug-in is used on a channel
insert, this control should be deactivated.

Note: Wet Solo is a global (per plug-in instance) control. lts value is saved
within the host project/session file, but not within individual preset files.

The Power switch determines whether the plug-in is active. It's useful for com-
paring the processed sound to the original signal.

The VU Meter provides a visual indication of the output level of the plug-in (the
meter is not calibrated). The meter needle drops to minimum when the plug-in
is disabled with the Power switch.
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Channel Controls

The channel controls affect each channel of the processor independently. The
control functionality is identical for each channel. “A” indicates the left chan-
nel and “B” is the right channel.

LAY DECAY PR ECHO WOL
1 1

FO_O _O_O

Figure 27. The channel controls

Delay A/B Delay controls the delay time for each channel of the processor. The selected
value is shown in the Echo display (“Echo A/B” on page 81).

The available delay range for each channel is 5 milliseconds to 2.5 seconds
(2500ms). When Sync is active, beat values from 1/64 to 3/1 can be se-
lected.

When the beat value is out of range, the value is displayed in parenthesis.
This occurs in Sync mode when the time of the note value exceeds 2500ms
(as defined by the current tempo of the host application). See “Temp Sync” in
Chapter 8 of the UAD System Manual for detailed information about tempo
synchronization.

Tip: Click the knob then use the computer keyboard arrow keys to incre-
ment/decrement beat values in Sync mode.

Decay A/B Decay sets the amount of processed signal fed back into its input (feedback).
At the minimum value, one delayed repeat is heard. Higher values (clockwise)
increase the number of repeats and intensity of the processed signal, with
“near infinite” repeats available at the maximum setting.

Pan A/B Pan sets the position of the delayed (wet) signal in the stereo field; it does not
affect the unprocessed (dry) signal.

Tip: Click the “PAN" label text to return the control to center.

Note: When the plug-in is used in a mono-in/mono-out (“MIMO”) configu-
ration, the Pan knobs do not function and cannot be adjusted.
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Echo Volume This control determines the volume of the delayed signal. Rotate the control
A/B clockwise for louder echo. Up to +10 dB of gain is available at the maximum
setting. Reducing the control to its minimum value will mute the delay.

Tip: Click the “ECHO VOL” label text to mute/unmute the delayed output.

Cooper Time Cube Hardware

COOPER

MODE

UNIVERSAL AUDIO

Figure 29. The opened acoustic module and the complete system
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CHAPTER 7

CS-1 Channel Strip

Overview

The CS-1 Channel Strip provides the EX-1 Equalizer and Compressor, DM-1
Delay Modulator, and RS-1 Reflection Engine combined into one plug-in. In-
dividual effects in the CS-1 Channel Strip can be bypassed when not in use
to preserve UAD DSP use.

The CS-1 effects can also be accessed individually by using the individual
plug-ins. This is useful if you want to use the plug-ins in a different order, or if
you want to use multiple instances of the same plug-in (such as a flange routed
to a ping-pong delay with the DM-1 plug-in).
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Figure 30. The CS-1 Channel Strip plug-in window
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EX-1 Equalizer and Compressor
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Figure 31. The EX-1 EQ/Compressor plug-in window

The EX-1 plug-in consists of a five-band parametric EQ and compressor.

EX-1 Equalizer Controls

The Equalizer portion of the EX-1 is a five-band fully parametric EQ. Each
band has its own set of controls. The first two bands can also be enabled to
function as low-shelf or high-pass filter. Similarly, the last two bands can be
enabled to function as either a high-shelf or low-pass filter.

Band Disable Each band can be individually deactivated with the Band Disable button. All
Button bands default to enabled (brighter blue). To disable any band, click the Dis-
able button. The button is darker blue when the band is disabled.

You can use these buttons to compare the band settings to that of the original
signal, or to bypass the individual band.
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Gain (G) Knob

zle‘:l:lency (fc)

Bandwidth (Q)
Knob

Enable /Bypass
Switch ?

Output Knob

The Gain control determines the amount by which the frequency setting is
boosted or attenuated. The available range is +18 dB.

Determines the center frequency to be boosted or attenuated by the Gain set-
ting. The available range is 20 Hertz to 20 kiloHertz. When operating at
sample rates less than 44.1kHz, the maximum frequency will be limited.

Sets the proportion of frequencies surrounding the center frequency to be af-
fected. The Bandwidth range is 0.03-32; higher values yield sharper bands.

In either of the first two bands, when the Bandwidth value is at minimum the
band becomes a low-shelf filter, and at maximum the band becomes a high-
pass filter.

Similarly, in either of the last two bands, when the Bandwidth value is at min-
imum the band becomes a high-shelf filter, and at maximum the band be-
comes a low-pass filter.

Globally enables or disables all bands of the Equalizer. You can use this

switch to compare the EQ settings to the original signal or bypass the entire
EQ section to reduce UAD DSP load (unless UAD-2 DSP Loadlock is enabled).

Adjusts the signal output level of the plug-in. This may be necessary if the sig-
nal is dramatically boosted or reduced by the EQ and/or compressor set-
tings.

EX-1 Compressor Controls

Attack Knob

Release Knob

Sets the amount of time that must elapse, once the input signal reaches the
Threshold level, before compression will occur. The faster the Attack, the more
rapidly compression is applied to signals above the Threshold. The range is
0.05 milliseconds to 100.00 millisecond:s.

Sets the amount of time it takes for compression to cease once the input signal
drops below the Threshold level. Slower release times can smooth the transi-
tion that occurs when the signal dips below the threshold, especially useful for
material with frequent peaks. However, if you set too large of a Release time,
compression for sections of audio with loud signals may extend to lengthy sec-
tions of audio with lower signals. The range is 25 milliseconds to 2500 milli-
seconds (2.5 seconds).
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Ratio Knob

Threshold Knob

Meter Pop-up
Menu

Enable /Bypass
Switch ?

Compressor
Output Knob

EX-1M Overview

Determines the amount of gain reduction used by the compression. For exam-
ple, a value of 2 (expressed as a 2:1 ratio) reduces the signal by half, with

an input signal of 20 dB being reduced to 10 dB. A value of 1 yields no com-
pression. Values beyond 10 yield a limiting effect. The range is 1 to Infinity.

Sets the threshold level for the compression. Any signals that exceed this level
are compressed. Signals below the level are unaffected. A Threshold of O dB
yields no compression. The range is O dB to =60 dB.

As the Threshold control is increased and more compression occurs, output
level is typically reduced. However, the EX-1 provides an auto-makeup gain
function to automatically compensate for reduced levels. Adjust the Output

level control if more gain is desired.

Determines whether the VU Meter monitors the Input Level, Output Level, Gain
Reduction, or Meter Off. Click the menu above the meter display to select a
different metering function.

Enables or disables the Compressor.You can use this switch to compare the

compressor settings to that of the original signal or bypass the entire compres-
sor section to reduce UAD DSP load (unless UAD-2 DSP Loadlock is enabled).

Adjusts the signal output level of the plug-in.

The EX-1M is a monophonic version of EX-1 that enables independent left and
right EQ settings in master effects chains and allows Logic Audio users to con-
serve UAD DSP resources.

EX-1M requires half the processing power compared to that of EX-1 when
used on a mono audio track within Logic Audio. Therefore, EX-1M should be
used on monophonic audio tracks within Logic whenever possible to conserve
UAD resources.
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DM-1 Delay Modulator
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Figure 32. The DM-1 Delay Modulator plug-in window

DM-1 Controls

Sync Button

L-Delay Knob

R-Delay Knob

The DM-1 Delay Modulator provides stereo effects for delay, chorus, and
flange.

This button puts the plug-in into Tempo Sync mode. See Chapter 8 in the UAD
System Manual for more information.

Sets the delay time between the original signal and the delayed signal for the
left channel. When the Mode is set to one of the delay settings, the maximum
delay is 300 msec. When the Mode is set to one of the chorus or flange set-
tings, the maximum delay is 125 msec.

Sets the delay time between the original signal and the delayed signal for the
right channel. When the Mode is set to one of the delay settings, the maxi-
mum delay is 300 msec. When the Mode is set to one of the chorus or flange
settings, the maximum delay is 125 msec.

In the flanger modes, the L and R delay controls have slightly different func-
tions than when in the chorus modes. The high peak of the flanger is con-
trolled by the settings of the L and R delay controls. The low Peak of the flanger
is determined by the setting of the Depth control.

When delay times longer than 300ms are desired, use the DM-1L plug-in in-
stead. DM-1L has a maximum time of 2400ms per channel.
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Mode Pop-up
Menu

Rate Knob

Depth Knob

LFO Type Pop-up
Menu

Recirculation
(RECIR) Knob

Determines the DM-1 effect mode. The available modes are: Chorus,
Chorus180, QuadChorus, Flanger1, Flanger2, Dual Delay, and Ping Pong
Delay. In addition to reconfiguring the DM-1's settings, the Mode also deter-
mines the available parameter ranges for L/R Delay and Depth.

In Chorus mode, both oscillators (or modulating signals) are in phase.

In Chorus 180 mode, both oscillators (the modulating signals) are180 de-
grees out of phase (inverted).

In QuadChorus mode, both oscillators (the modulating signals) are 90 de-
grees out of phase.

In Ping Pong delay mode, you will only get a ping-pong effect if you have a
mono source feeding the DM-1 on a stereo group track or send effect. On a
mono disk track, it works exactly like Dual Delay.

Sets the modulation rate for the delayed signal, expressed in Hertz.

Sets the modulation depth for the delayed signal, expressed as a percentage.

In Dual Delay and Ping Pong Delay modes, adjusting the Depth and Rate con-
trols can offer some very otherworldly sounds.

Determines the LFO (low frequency oscillator) waveshape and phase used to
modulate the delayed signal. The waveshape can be set to triangle or sine,
each with a phase value of 0, 90, or 180-degrees.

Sets the amount of processed signal fed back into its input. Higher values in-
crease the number of delays and intensity of the processed signal.

Recirculation allows both positive and negative values. The polarity refers to
the phase of the delays as compared to the original signal. If Recirculation dis-
plays a positive value, all the delays will be in phase with the source. If it dis-
plays a negative value, then the phase of the delays flips back and forth be-
tween in phase and out of phase.

In the flanger mode, Recir has the potential to make some very interesting
sounds. Try turning RECIR fully clockwise or counter-clockwise, and set the de-
lay to very short but different values.
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Damping Knob

Wet /Dry Mix
Knob

L-Pan Knob

R-Pan Knob

Enable /Bypass
Switch

Output Knob

DM-1L

The RECIR units are expressed as a percentage in all Modes except Dual De-
lay and Ping Pong. In these modes, RECIR values are expressed as T60 time,
or the time before the signal drops 60 decibels.

This low pass filter reduces the amount of high frequencies in the signal. Turn
down this control to reduce the brightness. Higher values yield a brighter sig-
nal. Damping also mimics air absorption, or high frequency rolloff inherent in
tape-based delay systems.

This control determines the balance between the delayed and original signal.
Values greater than 50% emphasize the wet signal, and values less than 50%
emphasize the dry signal. A value of 50% delivers equal signals. A value of
0% is just the dry signal.

Wet/Dry Mix allows both positive and negative values. The polarity refers to
the phase of the delays as compared to the original signal. If a positive value
is displayed, then all the delays will be in phase with the source. With a neg-
ative value, the delayed signal is flipped 180 degrees out of phase with the
source.

Sets the stereo position for the left channel, allowing you to adjust the width
or balance of the stereo signal. For a mono signal, L-Pan behaves as the level
control for the left delay tap.

Sets the stereo position for the right channel, allowing you to adjust the width
or balance of the stereo signal. For a mono signal, R-Pan behaves as the level
control for the right delay tap.

Enables or disables the Delay Modulator. You can use this switch to compare
the DM-1 settings to the original signal or bypass the entire DM-1 section to
reduce UAD DSP load (load is not reduced if UAD-2 DSP LoadLlock is en-
abled).

Adjusts the signal output level of the plug-in.

DM-1L is identical to the DM-1 except that the maximum available delay time
per channel is 2400milliseconds. DM-1L requires significantly more memory
resources of the UAD than the DM-1. Therefore, we recommend using the DM-
1L only when very long delay times are needed.
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Link Button

This button links the left and right delay knobs so that when you move one de-
lay knob, the other follows. The ratio between the two knobs is maintained.

L-DELAY R-DELAY @ EYNC
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Figure 33. The DM-1L includes a Link button

RS-1 Reflection Engine
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Figure 34. The RS-1 Reflection Engine plug-in window

Overview

The RS-1 Reflection Engine simulates a wide range of room shapes, and sizes,
to drastically alter the pattern of reflections. While similar to that of the
RealVerb Pro plug-in, the RS-1 does not offer the same breadth of features
(such as room hybrids, room materials, morphing, and equalization). How-
ever, if you do not need the advanced capabilities that RealVerb Pro offers,
you can use the RS-1 to achieve excellent room simulations, while also pre-
serving DSP resources on the UAD device.

The Delay control sets the time between the direct signal and the first reflec-

tion. The Size parameter controls the spacing between the reflections. The Re-
cir control affects the amount of reflections that are fed back to the input and

controls how many repeats you hear.
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RS-1 Controls

Sync Button

Shape Pop-up
Menu

Delay Knob

Size Knob

Delay /Size
Settings
Interaction

Recirculation
(RECIR) Knob

This button puts the plug-in into Tempo Sync mode. See Chapter 8 in the UAD

System Manual for more information.

Determines the shape of the reverberant space, and the resulting reflective

patterns.

Table 11. Available RS-1 Shapes

Cube Square Plate
Box Rectangular Plate
Corr Triangular Plate
Cylinder Circular Plate
Dome Echo
Horseshoe Ping Pong

Fan Echo 2

Reverse Fan Fractal
A-Frame Gate 1

Spring Gate 2

Dual Spring Reverse Gate

Sets the delay time between the original signal and the onset of the reflec-
tions.

Sets the size of the reverberant space (from 1-99 meters) and defines the
spacing of the reflections.

You may notice that when Delay is set to its maximum value and the Size con-
trol is moved to its maximum value, the Delay value is decreased, and vice
versa. This occurs because the maximum delay time available to the plug-in
has been reached — the available delay time is limited and is divided among
the Delay and Size values. Therefore, if the value of the Delay or Size setting
is increased towards maximum when the other control is already high, its
complementary setting may be reduced.

Sets the amount of processed signal fed back into its input. Higher values in-
crease the number of reverberations/delays and intensity of the processed
signal.
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Damping Knob

Wet /Dry Mix
Knob

L-Pan Knob

R-Pan Knob

Enable /Bypass

Switch

Output Knob

Recirculation allows both positive and negative values. The polarity refers to
the phase of the delays as compared to the original signal. If Recirculation dis-
plays a positive value, all the delays will be in phase with the source. If it dis-
plays a negative value, then the phase of the delays flips back and forth be-
tween in phase and out of phase.

This low pass filter reduces the amount of high frequencies in the signal. Turn
down this control to reduce the brightness. Higher values yield a brighter sig-
nal. Damping also mimics air absorption, or high frequency rolloff inherent in
tape-based delay systems.

This control determines the balance between the delayed and original signal.
Values greater than 50% emphasize the wet signal, and values less than 50%
emphasize the dry signal.

Wet/Dry Mix allows both positive and negative values. The polarity refers to
the phase of the delays as compared to the original signal. If a positive value
is displayed, then all the delays will be in phase with the source. With a neg-
ative value, the delayed signal is flipped 180 degrees out of phase with the
source.

Sets the stereo position for the left channel, allowing you to adjust the width
or balance of the stereo signal. For a mono signal, set both the L-Pan and R-
Pan to the left.

Sets the stereo position for the right channel, allowing you to adjust the width
or balance of the stereo signal. For a mono signal, set both the L-Pan and R-
Pan to the left.

Enables or disables the Reflection Engine. You can use this switch to compare
the RS-1 settings to the original signal or bypass the entire RS-1 section to re-

duce UAD DSP load (load is not reduced if UAD-2 DSP LoadLlock is enabled).

Adjusts the relative output of the plug-in.
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CHAPTER 8

dbx 160 Compressor/Limiter

Overview

The dbx® 160 Compressor/Limiter is an officially licensed and faithful emu-
lation of the legendary dbx 160 hardware compressor/limiter — still widely
considered the best VCA compressor ever made. Originally designed and
sold by David Blackmer in 1971, this solid-state design set the standard for
performance and affordability. The dbx 160 (commonly referred to as the
“VU") is a highly regarded studio staple, famous for its simple control set and
firm, distinct compression characteristics. Unlike later monolithic IC units, the
“VU" uses a series of discrete components for gain reduction resulting in
unique nonlinearities not found in other VCA compressors — a sonic distinc-
tion from later models. The UAD Powered Plug-In version of the dbx 160 cap-
tures all of the sonic nuances from our “golden” modeling unit, plus the simple
control set of the original hardware, including Threshold, Compression (Ratio)
and Output Gain. Just like with the hardware, LED threshold indicators are
provided in the plug-in, as well the Input/Output/Gain Change VU meter for
which the unit is famous.

dbx 160 Screenshot
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Figure 35. The dbx 160 plug-in window
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dbx 160 Controls

Threshold

Compression

The minimal controls on the UAD dbx 160 make it very simple to operate.

Knob

THRESHOLD
BELOY . ABONE

The Threshold knob defines the level at which the onset of
compression occurs. Incoming signals that exceed the
Threshold level are compressed. Signals below the Thresh-
old are unaffected.

The available range is from =55 dB to O dB. The numbers on the graphical in-
terface indicate volts, as on the original hardware.

As the Threshold control is decreased and more compression occurs, output
level is typically reduced. Adjust the Output Gain control to increase the out-
put to compensate if desired.

Below

When the input signal is below the compression threshold value, the Below
LED illuminates. No compression is occurring when Below is it.

Above

The Above LED illuminates when the input signal has exceeded the Threshold
value, indicating that compression is occurring. The higher the signal is above
the Threshold, the brighter the LED glows.

e The Compression parameter determines the ratio for the
compressor. Less compression occurs at lower values. The
available range is continuous, from 1.00:1 to Infinity:1.

Note: For compression to occur, signals must exceed the
Threshold value.

At values above approximately 10:1, the compressor behaves more like a

peaklimiter. See “The LA-2 captures one of the earliest Teletronix examples.
This exceedingly rare unit preceded the LA-2A by a few years and incredibly,
still has the original T4A fully intact. The LA-2 provides the slowest response
and a unique “mellowed” sound due to 50 years of luminescent panel aging
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Output Gain

Meter Buttons

VU Meter

Power

inside the T4 module. Use the LA-2 with legato tempos and your most vowel-
like sources for a transparency and sublime mood unlike any other compres-
sor.” on page 469 for more information about compressor/limiter theory of
operation.

AGUTBUT Output Gain controls the signal level that is output from the
i plug-in. The available range is £20 dB.

Generally speaking, adjust the Output control after the de-
sired amount of compression is achieved with the Threshold
and Compression controls. Output does not affect the
amount of compression.

EFTEl The Meter buttons define the mode of the VU Meter.
Bl The buttons do not change the sound of the signal
—_— processor. The active button has a darker appear-
el Bl CnCe When compared to the inactive buttons.

When set to Input, the VU Meter indicates the
plug-in input level in dB. When set to Output,

the VU Meter indicates the plug-in output level
in dB. When set to Gain Change, the VU Meter
indicates the amount of Gain Reduction in dB.

The Power switch determines whether the plug-in is active. Click the
button to toggle the state. When the Power switch is in the Off

(lighter) position, plug-in processing is disabled and UAD DSP us-
age is reduced (load is not reduced if UAD-2 DSP Loadlock is en-

abled).
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CHAPTER 9

DreamVerb

Overview

DreamVerb™, Universal Audio’s unique stereo reverb plug-in, draws on the
unparalleled flexibility of RealVerb Pro. Its intuitive and powerful interface lets
you create a room from a huge list of different materials and room shapes.
These acoustic spaces can be customized further by blending the different
room shapes and surfaces with one another, while the density of the air can
be changed to simulate different ambient situations.

DreamVerb also features a flexible 5-band active EQ and unique level ramp-
ing for the early and late reflections for ultra-realistic dynamic room simula-
tion. And with Universal Audio’s proprietary smoothing algorithm, all param-
eters can be adjusted with automation or in realtime without distortion, pops,
clicks, or zipper noise.

DreamVerb provides two graphic menus for selecting preset room shapes.
The shapes can be blended according to the demands of your mix. Room ma-
terials are selected with two graphic menus containing preset Materials. A
third menu specifies the air density for further spectral control. As with the
room shapes, the materials and air can be blended as desired.

DreamVerb also includes intuitive graphic control over equalization, timing
and diffusion patterns. To maximize the impact of your recording, we put in-
dependent control over the direct path, early reflections, and late-field rever-
beration in your hands.

Capitalizing on the psychoacoustic technology that went into the design of
RealVerb Pro, we have incorporated some of these principles into Dream-
Verb. Our proprietary Stereo Soundfield Panning allows you to spread and
control the signal between stereo speakers creating an impression of center
and width. The ability to envelop your listener in a stereo recording is an en-
tirely new approach to reverb design.
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Screenshot
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Figure 36. The DreamVerb plug-in window
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Figure 37 illustrates the signal flow for DreamVerb. The input signal is equal-
ized then delay lines are applied to the early reflection and late field gener-
ators. The resulting direct path, early reflection, and late-field reverberation
are then independently positioned in the soundfield.
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Figure 37. DreamVerb signal flow
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The DreamVerb user interface (Figure 36 on page 99) is similarly organized.
Reflected energy equalization is controlled with the Resonance panel. The
pattern of early reflections (their relative timing and amplitudes) is determined
by the room shapes in the Shape panel (Figure 40 on page 102). Early reflec-
tion pre-delay, slope, timing, and amplitude are specified in the Reflections
panel (Figure 42 on page 107). The Materials panel (Figure 41 on page 104)
is used to select relative late-field decay rates as a function of frequency. The
late-field predelay, decay rate, room diffusion, slope, and level is specified in
the Reverberation panel (Figure 43 on page 108). Finally, the Positioning
panel (Figure 44 on page 110) contains controls for the placement of the
source, early reflections, and late-field reverberation.

Resonance (Equalization) Panel

The Resonance panel (Figure 38 on page 101) is a five-band equalizer that
can control the overall frequency response of the reverb, effecting its per-
ceived brilliance and warmth. By adjusting its Amplitude and band Edge con-
trols, the equalizer can be configured as shelving or parametric EQs, as well
as hybrids between the two.

The EQ curve effects the signal feeding both the early reflections and the late
field reverberations, but not the direct path.

Bands 1 and 5 are configured as shelving bands. Bands 2, 3, and 4 also
have an Edge control for adjusting its bandwidth.

Generally speaking, a lot of high-frequency energy results in a brilliant rever-
beration, whereas a good amount of low-frequency content gives a warm re-
verberation.

Note: The values for the EQ parameters are displayed in the text fields at the
bottom of the Resonance panel. The values can also be entered directly using
the text entry method.
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Figure 38. DreamVerb Resonance panel

Bypass The equalizer can be disabled with this switch. When the switch is off (black
instead of grey), the other resonance controls have no effect. This switch has
no effect on the direct signal path.

Band Amplitude ~ Each of the five bands has its own amplitude (gain) control. The amplitude
range of each band is -30 dB to +20 dB.

To adjust the amplitude of bands 2, 3, and 4, grab the control bat for the band
and drag vertically or use the direct text entry method. For bands 1 and 5,
drag the horizontal line (these do not have a control bat).

Band Edge Bands 2, 3, and 4 have an Edge control. This parameter effects the band-
width of the band. To adjust the band edge, grab its control bat and drag hor-
izontally or use the direct text entry method.

The effect of the band edge on the filter sound can depend upon the settings
of the adjacent bands. For example, the sonic effect of this parameter is more
pronounced if the amplitude of adjacent bands is significantly different than
that of the band whose edge is being adjusted.
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Shelving The simplest (and often most practical) use of the equalizer is for low and/or
high frequency shelving. This is achieved by dragging the leftmost or right-
most horizontal line (the ones without control bats) up or down, which boosts
or cuts the energy at these frequencies.

Drag these control handles up or down for shelving EQ.

Figure 39. DreamVerb Resonance Shelving Bands

Shape Panel
The parameters in the Shape panel, in conjunction with the Materials panel
(Figure 41 on page 104), effect the spatial characteristics of the reverb.

The pattern of early reflections in a reverb is determined by the room shape(s)
and the ER start and end points. Two shapes can be blended from 0-100%.
All parameters can be adjusted dynamically in real time without causing dis-
tortion or other artifacts in the audio. 21 shapes are available, including var-
ious plates, springs, rooms, and other acoustic spaces.

Note: The Shape parameters effect only the early reflections. They have no
effect on the late field reverberation.

First shape
First shape selector
display menu
Blending bar
Second
shape Second shape
display selector menu
First shape Second shape
percentage percentage

Figure 40. DreamVerb Shape panel
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Shape Menus

Shape Blending
Bar

DreamVerb lets you specify two room shapes that can
be blended to create a hybrid of early reflection pat-
terns. The first and second shape each have their own
menu. The available shapes are the same for each of
the two shape menus.

The first shape is displayed in the upper area of the
Shape panel, and the second shape is displayed in the
lower area.

To select a first or second shape, click its shape pop-up
selector menu to view the available shapes, then drag
to the desired shape and release.

The Shape Blending Bar (see Figure 40 on page 102) is used to blend the two
shapes together at any ratio. The two shapes are not just mixed together with
this parameter; the early reflections algorithm itself is modified by blending.

Blend the early reflection patterns of the two rooms by dragging the Blending
Bar. Drag the bar to the bottom to emphasize the first shape; drag to the top
to emphasize the second shape.

The relative percentages of the two rooms appear at the bottom of the Shape

panel. To use only one room shape, drag the Blending Bar so a shape is set
to 100%.

The resulting early reflection pattern is displayed at the top of the Reflections
panel (Figure 42 on page 107), where each reflection is represented by a yel-
low vertical line with a height indicating its arrival energy, and a location in-
dicating its arrival time.
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Materials Panel

The parameters in the Materials panel, in conjunction with the Shape panel
(Figure 40 on page 102) and Reverberation panel (Figure 43 on page 108) ef-
fect the spatial characteristics of the reverb.

The material composition of an acoustical space effects how different fre-
quency components decay over time. Materials are characterized by their ab-
sorption rates as a function of frequency—the more the material absorbs a
certain frequency, the faster that frequency decays.

Note: While materials are used to control decay rates as a function of fre-
quency, the overall decay rate of the late-field reverberation is controlled from
the Reverberation panel (see Figure 43 on page 108).

24 real-world materials are provided, including such diverse materials as
brick, marble, hardwood, water surface, and audience. Also included are 24
artificial materials with predefined decay rates, and seven air densities.

Note: The parameters in the Materials panel always effect the late-field re-
verberations. However, the materials parameters effect the early reflections
ONILY if the “Filtering” parameter in the Reflections panel (Figure 42 on
page 107) is set to a non-zero value.

Air Density Air percentage

selector menu M atE' s | S
Oy Alr Air Density
display
First material
display Air Blending
Bar
Solid materials Second
Blending Bar .
material
display

First material

First material
selector menu

percentage

2nd material
percentage

Second material
selector menu

Figure 41. DreamVerb Materials panel
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Materials Menus  DreamVerb lets you specify two room materials, which
can be blended to create a hybrid of absorption and re-
flection properties. The first and second room material
each has its own menu. The available materials are the
same for each of the two materials menus.

The first material is displayed in the lower left area of the
Materials panel, and the second material is displayed in
the lower right area.

To select the first or second material, click its material
pop-up selector menu to view the available materials,
then drag to the desired material and release.

For a discussion of the various materials, see “About the
Materials” on page 400.

In addition to the “perfect” materials marked with a K,
DreamVerb provides “)” materials that are not found in
RealVerb Pro. These perform the inverse of the “K” mate-
rials. The materials marked with a J preferentially absorb
low frequencies; they give the selected decay time at
high frequencies, and a much shorter decay time at low
frequencies.

Air Density DreamVerb allows you to specify the density of the air in
Menu the reverberant space with this menu, enabling another
dimension of sonic control.

The more dense the air is, the more it
absorbs high frequencies. At the top
of the Air Density menu is Ideal Gas,
where no frequencies are absorbed.
The air quality increases in density
with each selection as you go down
the menu.

Inverse Air and Inverse Thick Fog ab-
sorb more low frequencies instead of
high frequencies.
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Materials The Materials Blending Bars (see Figure 41 on page 104) are used to blend
Blending Bars the three materials together at any ratio. The materials are not just mixed to-
gether with the bars; the reverberation algorithm itself is modified by blend-

ing.
Materials Blending

Blend the two materials by dragging the vertical Blending Bar horizontally.
Drag the bar to the right to emphasize the first material; drag to the left to em-
phasize the second material.

The relative percentages of the two materials appear next to each menu in the
Materials panel. To use only one material, drag the Blending Bar so a mate-
rial is set to 100%.

Air Blending

Blend the air density with the materials by dragging the horizontal Blending
Bar vertically. Drag the bar to the top to emphasize the solid materials; drag
to the bottom to emphasize the air.

The percentage of air used appears next to the Air Density menu. To use only
solid materials, drag the horizontal Blending Bar to the top so air is set to 0%.

To use only air, drag the horizontal Blending Bar to the bottom so air is set to
100%.

Reflections Panel

The Reflections panel (Figure 42 on page 107) offers control over the timing
and relative energies of the reverb early reflections (ER). These parameters ef-
fect the reverb’s perceived clarity and intimacy. Each early reflection is visu-
ally represented by a yellow vertical line with a height indicating its arrival en-
ergy and a location indicating its arrival time.

Unique to DreamVerb is independent control of the amplitude at the early re-
flection start and end points which facilitates envelope shaping of the reflec-
tions. This allows the ability to fade-in or fade-out the reflections to more ac-
curately emulate acoustic environments or for special effects.

Note: The values for the Start and End bats are displayed in the text fields at
the bottom of the Reflections panel. These values can also be entered directly
using the text entry method.
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Figure 42. DreamVerb Reflections panel

Bypass

Reflections Start

Reflections End

Filtering

The early reflections can be disabled with this switch. When the switch is off
(black instead of grey), the other Reflections controls have no effect. This
switch has no effect on the direct signal path.

This bat controls two early reflections start parameters. Dragging the bat hor-
izontally controls the ER predelay (the delay between the dry signal and the
onset of the ER). Dragging it vertically controls the amplitude of the reflections
energy at the ER start time.

This bat controls two ER end point parameters. Dragging the bat horizontally
controls the ER end time (the time at which the ER is no longer heard). Drag-
ging it vertically controls the amplitude of the reflections energy at the end
point.

This parameter determines the amount of filtering from the Materials panel to
be applied to the early reflections. The Materials effect upon the ER is most
pronounced when Filtering is set to 100%.

Note: The parameters in the Materials panel have no effect on the early re-
flections unless this parameter value is above 0%.
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Late-Field
Relative Timing

To highlight the relative timing relationship between the early reflections and
late-field reverberation components, the shape and timing of the late-field is
represented as an outline in the Reflections panel. The shape of this outline is
modified by parameters in the Reverberations panel, not the Reflections
panel.

Reverberation Panel

Bypass
switch

Early reflections
relative timing
display

Late-field
start time
control bat

The Reverberation panel (Figure 43) contains the parameters that control the
late-field (LF) reverb tail for DreamVerb.

The primary spectral characteristics of the late-field reverberation are deter-
mined by the parameters in the Materials panel (page 104) in conjunction
with the Reverberation panel settings.

Note: The values for the late-field controls are displayed in the text fields at
the bottom of the Reverberations panel. These values can also be entered di-
rectly using the text entry method.

Amplitude
and Slope
control bat

Diffusion
control

Decay Time
control bat

100 ms
4.5 dE

Figure 43. DreamVerb Reverberation panel

Bypass

The late-field reverberations can be disabled with this switch. When the
switch is off (black instead of grey), the other Reflections controls have no ef-
fect. This switch has no effect on the direct signal path.
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Late-Field Start ~ This parameter defines when the late-field reverb tail begins (the delay be-
tween the dry signal and the onset of the LF) in relation to the dry signal.

Amplitude & This bat controls two late-field parameters. Dragging the bat vertically con-
Slope trols the maximum amplitude of the LF reverb energy. Dragging it horizontally

controls the LF slope (fade-in) time.

Decay Time This control effects the length of the reverb tail. Drag the bat to the left for a
short decay, or to the right for a long decay.

Diffusion This slider effects how quickly the late-field reverberations become more
dense. The higher the Diffusion value, the more rapidly a dense reverb tail
evolves.

ER Relative To highlight the relative timing relationship between the early reflections and

Timing late-field reverberation components, the shape and timing of the early reflec-

tions is represented as an outline in the Reverberation panel. The shape of this
outline is modified by parameters in the Reflections panel, not the Reverbera-
tion panel.

Positioning Panel

DreamVerb has the ability to separately position the direct path, early reflec-
tions, and late-field reverberation. The Positioning panel (Figure 44 on

page 110) provides panning controls for each of these reverb components. In
addition, a proprietary Distance control adjusts perceived source distance.
These controls allow realistic synthesis of acoustic spaces—for instance listen-
ing at the entrance of an alley way, where all response components arrive
from the same direction, or listening in the same alley next to the source,
where the early reflections and reverberation surround the listener.

Note: When DreamVerb is used in a mono-in/mono-out configuration, all
Positioning controls except Distance are unavailable for adjustment.
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Figure 44. DreamVerb Positioning panel

These two sliders control the panning of the dry signal. The upper Direct slider
controls the left audio channel, and the lower Direct slider controls the right
audio channel.

A value of <100 pans the signal hard left; a value of 100> pans the signal
hard right. A value of <O> places the signal in the center of the stereo field.

Note: If the DreamVerb “Mix” parameter [page 111) is set to 100% wet or
the Wet button is active, these sliders have no effect.

This slider, which contains two control handles, adjusts the stereo width of the
early reflections.

This slider, which contains two control handles, adjusts the stereo width of the
late-field reverberations.

Early & Late Adjustment

The left and right slider handles are dragged to adjust the stereo width. For a
full stereo spread, drag the left handle all the way to left and right handle all
the way to the right. When the slider handles are not set to maximum width,
the center of the slider can be dragged left or right to set the positioning of the
signal.

To pan a mono signal hard left or right, drag the slider all the way to the left
or right.
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Distance

Levels Panel

Input

Output

DreamVerb allows you to control the distance of the perceived source with
this slider. In reverberant environments, sounds originating close to the lis-
tener have a different mix of direct and reflected energy than those originat-
ing further from the listener.

Larger percentages yield a source that is farther away from the listener. A
value of 0% places the source as close as possible to the listener.

This panel is where DreamVerb input/output levels, wet/dry mix, and reverb
mute controls can be modified.

Output

Figure 45. DreamVerb Levels panel

Modifies the signal level at the input to DreamVerb. A value of zero is unity
gain.

Modifies the signal level at the output of DreamVerb. A value of zero is unity
gain.
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Mute This switch mutes the signal at the input to DreamVerb. This allows the reverb
tail to play out after mute is applied, which is helpful for auditioning the sound
of the reverb. Mute is on when the button is gray and off when the button is

black.

Mix The wet and dry mix of DreamVerb is controlled with this slider. The two but-
tons above this slider labeled “D” and “W" represent Dry and Wet; clicking
either will create a 100% dry or 100% wet mix.

Dry When this button (labeled “D”) is enabled, DreamVerb is 100% dry. It has the

same effect as moving the Mix slider to 0%. Dry is on when the button is gray
and off when the button is black.

Wet When this button (labeled “W”) is enabled, DreamVerb is 100% wet. It has
the same effect as moving the Mix slider to 100%. Wet is on when the button
is gray and off when the button is black.

Spatial Characteristics

Size The apparent size of a reverberant space is dependent on many factors. Most
reverbs on the market have a “size” parameter, which usually modifies sev-
eral facets of the reverb algorithm at once. You may notice DreamVerb does
not have a “size” parameter. Instead, the elements that control the reverber-
ant space are available to the user.

In DreamVerb, room size is determined by the interaction between all the po-
rameters in the Reflections and Reverberation panels. To get a larger-sound-
ing space, increase the T60 (reverberation time), use proportionally more air,
increase the pre-delays, and slightly shift the Resonance transition frequencies
to lower values.

Pre-Delay Intimacy and remoteness are largely controlled by the pre-delays. Generally
speaking, use shorter pre-delays for more intimate spaces. Clear spaces have
most of their energy in the first eighty milliseconds or so; muddy spaces have
a lot of late arriving energy.

Space In some sense, Shape determines the spatial characteristics of the reverbera-
tor, whereas Materials effects the spectral characteristics.
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DreamVerbh Presets

DreamVerb includes 100+ presets in addition to the internal factory bank.
Presets in the internal factory bank are accessed via the host application’s pre-
set menu. The additional presets are copied to disk by the UAD installer and
can be loaded using the Settings menu in the UAD Toolbar (see “Using UAD
Powered Plug-Ins” in Chapter 7 of the UAD System Manual).

Preset Design Tips

Here are some practical tips for creating useful reverbs with DreamVerb.
These are not rules of course, but techniques that can be helpful in designing
the perfect sonic environment.

ER = Early Reflections Hf = High frequency

LF = Late-field Reverberation | Lf = Low frequency

General Tips (a tour):

* Start by setting a general timing on the ER and LF graphs to give a rough re-
verb size. This timing ordinarily needs to be tweaked several times along
the way.

* The materials and air density define the frequency decay of the LF, and also
the coloration of the ER if ER filtering is used (the slider on the right of the Re-
flections panel).

* Typically, materials should be blended. Try blending contrasting high fre-
quency roll-off materials with high-frequency reflecting materials or inverse
materials. This tends to add nice dimension to the LF tail. Start with one use-
ful material and experiment with blending.

* Materials can have an extreme filtering effect if no air density is used. Most
presets sound better with an air blending. If you don't want the additional
coloration of air, blend with “Ideal Gas” which performs no filtering.

® The room shapes define the ER pattern; they do not effect the LF. Solo the ER
and choose a shape that works well for your source or environment.

® Blending shapes does not always yield desirable results. Use shape blend-
ing with discretion, or to define a more complex room.

e Start with the EQ flat, set the approximate sound with the materials, then EQ
the input to cut or boost specific frequencies.
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® The EQ is often most useful for a simple Lf or Hf roll-off/boost, or to notch out
bothersome frequencies for particular sources. For full mix ambience/mas-
tering presets, use the EQ to cut most of all LF input, which yields added am-
bience without mucking up the mix. This is a powerful EQ, so experiment!

e Try different diffusion settings for your preset (the slider on the right of the Re-
verberation panel). Diffusion radically alters the reverberation sound and is
source dependent. Higher diffusion values yield a fuller sound, good for
percussive sounds; lower diffusion values yield a less dense sound, good for
vocals, synths, etcetera.

* When monitoring your preset, try switching from Dry solo, Wet solo, and a
useful mix. Solo the reflections and reverberation, and disable/enable EQ.
Try different sources and mixes. Reach for the headphones every now and
then. In general just keep things moving, as ear fatigue can be particularly
deceiving with reverb sounds.

® The Positioning panel is generally only needed for automation. Ignore these
settings for preset design unless going for a panning effect or monitoring
real-world use.

e Often when you've got a really great preset designed, all it takes are a few
subtle changes to make a number of other great presets.

Tips for designing a natural environment sound:

* Make timing proportional. As the size of the simulated environment in-
creases, the length of the pre-delay for the EF, LF, and LF tail should increase
proportionally. Typically, ER and LF pre-delay should be not too far apart,
with LF starting shortly after ER.

® Place the ER timing preceding/leading into the LF
* ER amplitude naturally decays. Slope the amplitude down from left to right.
® Use ER filtering, as this improves the reverb sound in almost all situations.

® Try a gradual Lf or Hf roll-off (or boost) with the EQ section. The left and
right-most EQ bands are shelf filters, which are perfect for this job. The ad-
jacent bands can be used to shape the roll-off.

* Try natural materials and air densities before the unnatural custom or in-
verse materials and air densities.

* Try adding onset (slope) to the LF, as many environments naturally have an
LF onset.

For additional info:

® Read Chapter 40, “RealVerb Pro” (page 395) of this manual.
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CHAPTER 10

Empirical Labs EL7 FATSO

Introduction

FATSO Jr.

FATSO Sr.

Endorsed and scrutinized for accuracy by designer Dave Derr of Empirical
Labs (originator of the hugely popular Distressor), UA has painstakingly rec-
reated the highly regarded FATSO Jr. as a plug-in, capturing the sonic nu-
ances of the hardware. The FATSO (Full Analog Tape Simulator and Opti-
mizer) is designed to musically integrate frequencies and transients and
increase the apparent volume of your source material in the same way classic
analog equipment does. It achieves this through an ingenious design and a
creative feature set, giving users the ability to impart the wonderfully warm
and pleasing sonic characteristics of magnetic recording tape and class A
transformer and tube circuits. The Input control gives the ability to dial in har-
monic generation/distortion while “Tranny” and “Warmth” allow the user to
dial in just the right amount of tape and tube tone. The FATSO also operates
as a highly versatile compressor—useful for mixing and stereo buss compres-
sion. From tame to trashed, the FATSO offers a wide palette of possibilities for
adding character and cohesiveness to your DAW tracks.

Dubbed the FATSO Sr., UA has also worked closely with Dave Derr to bring
you his never-before-available original concept of the FATSO, bundled at no
additional charge. Adding his own custom mods that turn the original FATSO
into an unbelievable powerhouse of tonal-shaping possibilities, the FATSO
Sr. offers a “Tranny” saturation control, sidechain filtering, and deeper com-
pression parameters including Threshold, Attack and Release. These special
FATSO Sr. mods are only available with Universal Audio’s plug-in version of
this unique studio tool.

Note: The additional controls in the FATSO Sr. do not add to the DSP func-
tionality of the FATSO Jr. Therefore, both plug-ins use the same amount of
UAD DSP.
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FATSO Screenshots
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Figure 47. The FATSO Sr. plug-in window

FATSO Functional Overview

Four Processing  The FATSO was essentially designed to integrate frequencies in a musical

Types manner and provide some foolproof vintage sounding compression. Gener-
ally, it is difficult to make the unit sound unnatural due to its vintage topology.
FATSO provides four types of processing.

Saturation and Harmonic Generation & Soft Clipper

Distortion

Processor Basically, this is a distortion generator associated with the Input knobs. Any-

time you pass a signal through the FATSO, it passes through this part except
in bypass. This processing is useful to softly but instantly clip peaks and tran-
sients, allowing a higher average level. Aggressive distortion can also be
achieved through the same controls.

It is well known that the triode distortion in tube circuits produces lots of 2nd
order and 3rd order harmonics, in somewhat varying ratios. Analog tape
also saturates in this manner. The 3rd order harmonic is induced in the
FATSO by increasing the level through two discrete distortion circuits and is
usually the result of flattening the tops and bottoms of waveforms. Second or-
der harmonics are also added especially while compressing in the FATSO.
The FATSO's input clipping will give you the same result. These lower order
harmonics form “the octave” and “the octave and a fifth” to the fundamental
musical tones. They are actually “musical” distortion. Harmonics above the
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Warmth
Processor

The Tranny
Processor

2nd and 3rd get increasingly harsh and unmusical, and therefore should be
lower in amplitude (<-60 dB) to keep within our line of thinking. Second har-
monic is considered to be the warmest and most “consonant” harmonic dis-
tortion.

High Frequency Saturation

This circuit is meant to simulate the softening of the high frequencies that oc-
curs with analog tape. Basically, as the Warmth is increased, overly bright
signals and transients will be quickly attenuated. The time constants are very
nearly instant, so the high frequencies return very quickly after a loud burst.

The Warmth circuit is by far the most complex part of the FATSO. Basically,
it is a very strange high frequency (HF) gain control circuit or HF limiter. It is
very unobtrusive in operation since it gets in and out of the way very quickly.
The desired result is akin to the HF saturation that analog tape exhibits when
the HF amplitude interacts with the tape recorder bias to produce “self era-
sure” of certain frequencies. The nature of the filter allows the corner fre-
quency to move as attenuation occurs.

There is only one control for Warmth but there are other ways to control the
overall action of this circuit. If you do decide to use the compressor, set it up
first because it affects the operation of Warmth. There is heavy interaction be-
tween the compressor and Warmth settings. Perhaps the best way to think of
the settings is as compressor threshold, with 7 having the lowest threshold and
the most Warmth, responding quickly and often to high frequency content.
Just remember that instead of controlling the overall level, the Warmth “com-
pressor” threshold only affects the high frequencies.

Transformer & Tape Head Emulation

The Tranny circuit (“Tranny” is short for transformer) is a simulation of the ef-
fect of input and output transformers of older devices and adds the low fre-
quency harmonics that characterize analog tape. This is extremely useful on
pure low frequency type tones that don't cut through small speakers. It adds
upper “warm” harmonics to frequencies below 150 Hz, especially those even
lower such as 40 Hz, the low string on a bass guitar, helping it fo cut through
on smaller speakers.
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Compression
Processor

Transformer design and use is an art, and there are always trade-offs. How-
ever, it has been widely known that a good audio transformer circuit can do
wonderful things to an audio signal. This was the goal of the Tranny circuit.
The hardware designers tried to emulate the desirable characteristics of the
good old input/output transformers in a consistent musical way, and in a se-
lectable fashion. The addition of harmonics and peak saturation along with
frequency and phase changes on the low frequencies occurs. They found that
they could capture the low frequency effects of large and now expensive
older output transformers in a weird, internally buffered switchable design.

To sum up the musical results of the Tranny circuit, there will be a little more
edge in the midrange, and the super low frequencies will have been harmon-
ically altered in a way that allows them to sound louder, even though the
peaks are less than the original. Playback on small speakers will show an im-
proved audibility of low end from the result of the psycho-acoustically-pleas-
ing distortion the Tranny adds.

Classic Knee Compression, Empirical Labs Style

These are your typical automatic leveling devices that you find used on just
about every instrument and vocal track, as well as on the overall buss. Only
it's Empirical Labs compression — smooth and sweet, but in your face!

There are essentially four discrete compressors in the FATSO: Buss, General
Purpose (G.P.), Tracking, and Spank. Switching modes simultaneously sets
the compressor threshold, ratio, attack, and decay. This was done to provide
an easy-to-set, yet versatile group of curves. The release curve of all types is
logarithmic, meaning it lets off quickly at first and then slows. This release
curve is a big part of the FATSO's compressor sound.

Note: Threshold, attack, and decay values can be modified in the FATSO Sr.

Buss

Buss mode (green LED) is a very gentle 2:1 type ratio with slow attack, fast re-
lease, and very soft knee. One to four dB of gain reduction is typical for this
compressor type. Five or more dB of Buss compression is hitting it hard!

G.P.

General Purpose mode (yellow LED) is medium attack slow release type that
sounds pretty invisible while able to maintain a consistent RMS level. The slow
release will not pull things into your face unnaturally.
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FATSO Controls

Mono/Stereo
Operation

Pushbuttons

Tracking

Tracking mode (green and yellow LED) is an 1176 type compressor that is
great for tracking instruments and vocals during the recording process or dur-
ing mixdown.

Spank

Spank mode (red LED) is a radical limiter type compressor that was specifi-
cally designed to emulate the nice squeeze of the older SSL talkback compres-
sors from the 70's & 80's, but with quite a bit of higher fidelity. Note that
Spank's aggressive nature will tend to dominate when combined with any of
the other modes.

General notes about FATSO controls are below, followed by a detailed de-
scription of each channel-specific control, the global controls, and the FATSO
SR. controls.

The FATSO is a two-channel device capable of running in stereo or
dual-mono modes. Controls for both channels can be linked for ease of stereo
operation when both channels require the same values (see “Link Controls” on
page 123), or unlinked when dual-mono operation is desired.

Each of the channel functions has its own separate group of controls (one set
each for channels 1 and 2). Since the controls for each of the two channels
are identical, they are detailed only once.

Note: When the FATSO is used in a mono-in/mono-out configuration, the
channel 2 controls have no effect and the LINK parameters (page 123) are

disabled.

All FATSO pushbuttons are momentary. The value of the parameter incre-
ments by one step each time the button is clicked (holding the button down
does not continue to increment the value). The value cycles to the beginning
when the end of the range is reached. Clicking on the control LED indicators
has no effect, with the exception of the LINK parameters (page 123).

Tip: Shift+click any pushbutton to decrement its value by one.
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Channel Controls

Input *¥ The Input knob defines the signal level going into the
™ plug-in. Higher levels result in a more saturated signal.
i Levels above O VU provide dramatically higher distortion
Ll characteristics, especially when clipped (as indicated by
the Pinned LED). See THD Indicators below.
' When the compressor is active (see “Compressor Mode”
below), higher input values also result in more compression, as indicated by
the gain reduction meters (page 121).
Note: This control has no effect when Bypass (page 122) is active.
THD Indicators P The Total Harmonic Distortion (THD) LED's provide some reference
T operating levels. The yellow “O VU” LED light indicates around 1%
THD, and the red “Pinned” LED indicates 5% THD or more. These
LED's are an excellent guide to where the user is in the “Grunge Department.”
You will find that the harmonic distortion is generally more obvious on overall
mixes and complex programs. On individual instruments, sometimes 10% dis-
tortion sounds “fat” and “analog” and isn't heard as distortion at all.
Compressor BUSS @ Trmcking The COMP button defines which compressor mode is active.
Mode Tl Tl See “Compression Processor” on page 118 for a descrip-
SPANK " of the modes.
d Link LED
Spank mode can be combined with any of the other three
COMP -20 =15 .
modes for a total of seven available compressor modes.
Note: Generally speaking, the Input and compressor Mode controls should
be set before the other FATSO processor settings, because of the high degree
of interaction between the compressor and the other processors.
Mode LED’s The three Mode LED's indicate the active mode. Refer to Table 12 on

page 121 for each specific value. The compressor is inactive when all Mode
LED’s are off.
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GR Meter

Warmth

Warmth Meter

Table 12. Compressor Mode LED States

Compressor Mode LED State Active Compressor Mode(s)
All Unlit Compressor inactive

Green Buss

Yellow General Purpose (G.P.)
Green + Yellow Tracking (most versatile ratio)
Red Spank

Red + Green Spank + Buss

Red + Yellow Spank + General Purpose
Red + Green + Yellow Spank + Tracking

The Gain Reduction Meter displays the amount of gain reduction occurring
within the FATSO compressor, expressed as negative dB values.

COMP -20 s 15 s 10 s T o 5 o 5 o 2 e | ‘

Note: At extreme settings, the GR Meter may indicate gain reduction is oc-
curring even when the compressor is disabled. This behavior is identical to the
hardware unit.

This button defines the Warmth amount. Warmth simulates
the softening of the high frequencies that occurs with analog
T tape saturation (see “Warmth Processor” on page 117 for
r * detailed Warmth description). Higher values increase the
Warmth, as indicated by the Warmth Meter.

Values of 1 to 7 are available. The current value is indicated by the arc of
Warmth LED's. Warmth is off when all LED’s are unlit.

The Warmth Meter is a very accurate display of the amount of high frequency
attenuation, as defined by the Warmth button. The meter shows the amount of
HF gain reduction occurring at 20 kHz.

o INPUT -5—12—10Warmths — 3 — 2 — 1 = DUT1F'UT
B, : & & p

Note: At extreme settings, the Warmth Meter may indicate activity even
when Warmth is disabled. This behavior is identical to the hardware unit.
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Bypass/Tranny

Output

This black button is a multifunction control. Clicking the button re-
peatedly cycles through Tranny, Bypass, and Tranny Off modes.
The currently active mode is indicated by the adjacent LED's.

Tranny (green LED)

The Tranny processor is active in this mode (see “The Tranny Processor” on
page 117 for a detailed description of this mode). The Tranny circuit adds fre-
quency “rounding,” low order clipping, intermodular distortion and transient
clipping. On FATSO Sr., the Tranny amount can be set with the Tranny Level
control (page 127).

Note: Disabling Tranny will yield a significant reduction in UAD DSP usage
when DSP loadlock is disabled. If DSP Loadlock is enabled (the default set-
ting), disabling Tranny will not reduce DSP usage.

Tranny Off (red and green LED's off)

In this mode, the Tranny processor is inactive but the other processors are ac-
tive. This mode requires less UAD DSP than when Tranny is active.

Bypass (red LED)

All FATSO controls and processing for the channel are inactive in this mode.

Note: UAD DSP load is not reduced in Bypass mode. If you want to reduce
UAD DSP usage when bypassing both channels of the FATSO, use the Power
switch instead [page 124).

The Output knob controls the signal level that is output
from the plug-in.

Note: This control has no effect when Bypass (*By-
pass/Tranny” on page 122) is active.
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Global Controls

Link Compress

Link Controls

The global controls are not channel-specific; they apply to both channels.

P The control signal sidechains of the gain reduction processors for
COM

aise] channels T and 2 can be linked using the Link Compress function.

To activate Link Compress, click the LINK COMPRESS text or LED on Ch1, on
the left. The feature is active when the LED is illuminated.

In typical use on stereo signals, Link Compress should be active so the stereo
imaging is maintained. If the compressor is inactive (“Compressor Mode” on
page 120), or when FATSO is used in a mono-in/mono-out configuration,
this control has no effect.

Important: Unlike the other controls for channels 1 and 2, which are iden-
tical on the left and right sides of the interface, the Link COMPRESS function
is on the left side only (not to be confused with Link CONTROLS, which is on
the right side only).

I The parameter controls for channels 1 and 2 can be linked using
ey the Link Controls function.

To activate Link Controls, click on the LINK CONTROLS text or LED on Ch2,
on the right. The feature is active when the LED is illuminated.

Note: Although the left/right Warmth and Tranny controls are linked when
Link Controls is active, the actual Warmth and Tranny processors are not ste-
reo linked. This behavior is identical to the original hardware.

Controls Linked

Link Controls is provided for stereo operation when both channels require the
same values. When enabled, the right channel controls “snap” to match the
left channel control values, and modifying any channel control causes its ste-
reo counterpart control to move to the same position (channel 1 & 2 controls
are ganged together in this mode).

Important: Right channel parameter values are lost the moment Link Con-
trols is enabled.
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Controls Unlinked

Unlink the controls when dual-mono operation is desired. Channel 1 and 2
controls are completely independent in this mode, and automation data is
written and read by each channel separately. Link Controls is disabled when
the FATSO is used in a mono-in/mono-out configuration.

Important: Unlike the other controls for channels 1 and 2, which are iden-
tical on the left and right sides of the interface, the Link CONTROLS function
is on the right side only (not to be confused with Link COMPRESS, which is on
the left side only).

Power "¢ The Power toggle switch determines whether the plug-in is active. It
is useful for comparing the processed settings to the original signal.
When Power is in the Off (down) position, plug-in processing is dis-
abled, UAD DSP usage is reduced, and all LED's are unlit.
Note: UAD-2 DSP usage is reduced only when DSP Loadlock is disabled. If
DSP Loadlock is enabled (the default setting), disabling Power will not reduce
DSP usage.
Click the lower portion of the switch to disable the plug-in; click the upper por-
tion to activate (or click+drag up/down on the switch).
FATSO Sr. Controls
These controls are unique to the
FATSO Sr. However, because the
additional controls in the FATSO
Sr. do not add to the DSP function-
ality of the FATSO Jr., both plug-ins
use the same amount of UAD DSP.
Threshold STER THFtESHI:Ii.D This knob enables manual threshold control of the

} FATSO compressor. Higher values lower the
% threshold, and therefore increase the amount of

* pression threshold. Generally speaking, set the
amount of desired signal saturation with Input first, then adjust Threshold as

desired.
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Filter

(HP SIDE FILT)

Attack

Filter regulates the cutoff frequency of the filter on the compres-
sor's control signal sidechain. When active, frequencies below
the filter value are not passed to the sidechain. Values of 60
Hz, 120 Hz, 240 Hz, 480 Hz, and Off are available. The filter
slope is 6 dB per octave. When the compressor is disabled, Fil-
ter has no effect and its LED turns off. When the compressor is
enabled, Filter returns to its original value.

Tip: Removing low frequency content from the sidechain can reduce exces-
sive gain reduction and/or “pumping” on bass-heavy audio signals without
reducing bass content of the audio signal itself.

Note: The Filter parameter affects the control signal (sidechain) of the com-
pressor only. It does not filter the audio signal.

Pl Attack sets the amount of time that must elapse once the input signal

LUEER reaches the threshold level before compression is applied. The
30ms

prsisll faster the attack, the more rapidly compression is applied to signals

r above the threshold.

LUEIES The available attack time values are 0.9ms, 10ms, 30ms, 60ms,
and Default (unlit). The unlit behavior is depends upon whether or not the com-
pressor is active. These behaviors are described below.

Note: Attack values are approximations. Actual attack and release times
may vary depending on the compressor mode selected.

Attack LED’s Unlit — Compressor Active

When the compressor is enabled and all Attack LED’s are unlit, the attack
characteristic of the active compressor mode in FATSO Jr. is used. This “de-
fault” FATSO Jr. behavior can then be manually overridden with the Attack
button. However, when “pure” Spank mode is active, Attack cannot be mod-
ified. When Spank mode is combined with another compressor mode, Attack
can be changed, but the results are typically very subtle.

Tip: After experimenting with other time constants, one can return to the de-
fault attack setting of the FATSO Jr. if desired by cycling the attack control until
NO LEDs are lit (which indicates the default FATSO Jr. time constant).

UAD Powered Plug-Ins Manual -125 - Chapter 10: Empirical Labs EL7 FATSO



Attack LED’s Unlit — Compressor Inactive

When the compressor is disabled and all Attack LED’s are unlit, the button is
disabled.

Note: This control has no effect when the compressor is inactive, or when it
is in “pure” Spank mode (see “Compressor Mode” on page 120).

Release PPl Release sets the amount of time it takes for compression to cease
BEC once the input signal drops below the threshold level. Slower re-
i?: lease times can smooth the transition that occurs when the signal
r dips below the threshold, especially useful for material with fre-

quent peaks. However, if you set too large of a Release time, com-
pression for sections of audio with loud signals may extend to
lengthy sections of audio with lower signals.

RELEASE

The available release time values are 0.05s, 0.1s, O.s, 0.5s, and Default (un-
lit). The unlit behavior is depends upon whether or not the compressor is ac-
tive. These behaviors are described below.

Note: Release values are approximations. Actual attack and release times
may vary depending on the compressor mode selected.

Release LED’s Unlit — Compressor Active

When the compressor is enabled and all Release LED’s are unlit, the release
characteristic of the active compressor mode in FATSO Jr. is used. This “de-
fault” FATSO Jr. behavior can then be manually overridden with the Release
button. However, when “pure” Spank mode is active, Release cannot be mod-
ified. When Spank mode is combined with another compressor mode, Re-
lease can be changed, but the results are typically very subtle.

Tip: After experimenting with other time constants, one can return to the de-
fault release setting of the FATSO Jr. if desired by cycling the release control
until NO LEDs are lit (which indicates the default FATSO Jr. time constant).

Release LED’s Unlit — Compressor Inactive

When the compressor is disabled and all Release LED’s are unlit, the button

is disabled.

Note: This control has no effect when the compressor is inactive, or when it
is in “pure” Spank mode (see “Compressor Mode” on page 120).
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Tranny Level This control determines the amount of Tranny process-
| ing (see “The Tranny Processor” on page 117 for a de-
tailed description). Higher values make the Tranny ef-
fect more prominent. Increasing the Tranny level also
increases the signal THD (see “THD Indicators” on
page 120), and the sensitivity of the Warmth proces-

sor (page 121). A value of 5 is the unity setting.

Note: This control has no effect when the Tranny processor is inactive (see
“Bypass/Tranny” on page 122).

LF Sat LED The LF Sat (Low Frequency Saturation) LED indicates the amount of LF satura-
tion in the Tranny processor. Higher Tranny Level values increase the LF satu-
ration.

FATSO Jr. When loading presets created on the FATSO Jr. into the FATSO Sr., the po-

Presets

rameters that are unique to FATSO Sr. are set to their default control values.
The default values of the unique FATSO Sr. parameters are: Thresh-
old/Tranny knobs at 5, and Filter/Attack/Release buttons off.

~

Empirical Labs

The Empirical Labs EL7 FATSO Jr. hardware unit

All visual and aural references to the FATSO and all use of EMPIRICAL LABS’s trademarks are being
made with written permission from EMPIRICAL LABS. Special thanks to Dave Derr for assistance
with this project.
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CHAPTER 11

EMT 140 Plate Reverb

Overview

EMT’s founder Wilhelm Franz made a breakthrough in 1957 with the release
of the EMT 140, which utilized a resonating metal plate to create ambience.
Nothing is quite like the wonderfully lush and distinctive tone of plate reverb
that still endures as part of the fabric of modern music. However, plate reverb
systems are large, expensive, require maintenance, and need to be isolated
from external vibration; therefore plates are usually found only in commercial
studios.

Universal Audio’s uncanny representation of that unmistakable sound can be
found in the EMT 140 plug-in. Measured and analyzed by UA’s DSP circuit
modeling experts and then tuned by ear over a four month period, the EMT
140 replicates the sonic signature of three uniquely different EMT 140s for-

merly installed at the Plant Studios in Sausalito, CA. That's nearly two thou-

sand pounds of sound in one plug-in! Impractical or impossible for most be-
fore, Universal Audio brings this classic mix tool within the reach of everyone.
Licensed and endorsed by EMT Studiotechnik GmbH as the world’s only au-
thentic plate reverb emulation.

We thoughtfully combined the look of various elements from the EMT 140 sys-
tem into one convenient panel, replicating the original damper controls for
decay, and adding additional controls for the convenience of the modern
DAW user.

EMT 140 Screenshot
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Figure 48. The UAD EMT 140 plug-in window
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EMT 140 Controls

Input Filter

The EMT 140 interface is an amalgam of controls found at the plate amplifier
itself and the remote damper controls, plus a few DAW-friendly controls that
we added for your convenience. The GUI incorporates the original look and
feel of those controls, and utilizes that look for the DAW-only controls.

Note: When adjusting parameters, keyboard shortcuts are available for fine,
coarse, and other control methods. See “Shortcuts” in Chapter 7 of the UAD
System Manual for details.

The Input Filter is a dedicated equalizer that is used to re- [
duce low frequency content in the reverb. On hardware INPUT FILTER
plate systems, this setting is rarely modified because it is
found at the plate amplifier unit itself and is not easily ac-
cessed from the control room.

EMT 140 contains two types of filters: original EMT elec-
tronics and Martech electronics which was/is a common
plate system retrofit.

In the modeled source units at The Plant, plates A and B use

the EMT electronics while Plate C utilizes the Martech elec- |
tronics. In EMT 140, you can use either filter type with any ||
of the three available plates. =

The original EMT filter (indicated by black text) is a cut filter
centered at 80 Hz, with three available levels of attenua-
tion: =4 dB, —10 dB, and =16 dB. In controls mode, these values are prefaced
with an “E” to designate the original EMT electronics model.

The Martech filter (indicated by red text) is a shelf filter, therefore all frequen-
cies below the frequency are reduced. Six shelving frequencies are available:
90 Hz, 125 Hz, 180 Hz, 250 Hz, 270 Hz, and 360 Hz. In controls mode,
these values are prefaced with an “M” to designate the aftermarket Martech
electronics model.

Note: There is one Input Filter per plug-in instance. Each plate model (A, B, C)
within a preset cannot have a unique Input Filter value.
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Reverb Controls

Plate Select

Reverb Time
Meters

Damper Controls
(Reverb Time)

Plate reverb systems are extremely simple: A re-
mote damper setting, and a high pass or shelf fil-
ter found at the plate itself. Additional manipula-
tion is often used, including reverb return
equalization, which is typically achieved at the
console. Predelay is/was often achieved when
necessary with tape delay, sending the return to |

a tape deck. Different tape speeds allowed dif- [S&ass
ferent pre-delay amount. |

The original damper controls are remote control devices, usually found some-
where near the control room for quick access. Our hybrid panel combines
three remotes into the panel, with a switch to select each of the three available
systems.

Note: The reverb controls (Plate Select and Reverb Time) are completely inde-
pendent from all other plug-in controls.

Three plate models (algorithms) are available for reverb process-
ing. This switch specifies which plate will be active.

.=
[ = =)
[ N o]

Each setting is a model of a completely separate and unique
plate system. Three 140’s for the price of onel

Note: You can also switch the active plate by clicking the A, B,
or C letters above the Plate Select switch and the Reverb Time
metfers.

The Reverb Time Meters display the re-
verb time of plates A, B, and C in sec-
onds. The meter for the active plate model
(as specified by the Plate Select switch) is
illuminated.

The Damper Controls (the buttons beneath the Reverb Time Meters)
change the reverb time for each plate. The range is from 0.5 t0 5.5
seconds, in intervals of 0.1 sec. Click the buttons to increment or
decrement the reverb time.

Note: The reverb time can be changed by dragging a Reverb Time Meter
“needle” in addition to its corresponding Damper controls.
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Stereo Controls

Width

Balance

EQ Controls

EQ Enable

Low Frequency

wigty | Width allows you to narrow the stereo image of EMT 140. The
g1 range is from O — 100%. At a value of zero, EMT 140 returns a

= monophonic reverb. At 100%, the stereo reverb field is as wide as
. possible.

0 ®i0o

This control balances the level between the left and right channels of
_ _ BALANCE
the reverb return. Rotating the knob to the left attenuates the right

. i L
channel, and vice versa (it is not a mono pan control). 3
S
L R
- ~ This group of parameters contains the controls for EMT

El 140’s onboard utility equalizer. It is a two band (low and

O @@ high) shelving EQ that uses analog-sounding algorithms

ouT IN for great tonal shaping options.
LD FREQ | HIFREQ 9 PIng op

- —= | The EQ section is independent from the reverb algorithms

and the Input Filter on the modeled plate systems. See “In-
’. . put Filter” on page 129.

[ ]
2K (200 20K . .
The frequency parameters specify the center of the transi-

GAIN EAIN | tion band, which is defined as the frequency at which the
] I level in dB is the midpoint between DC and the band

. . edge level.

{41 +12 |12 12| Note: There is one EQ per plug-in instance. Each plate
L | model (A, B, C| within a preset cannot have unique EQ
values.

The EMT 140 equalizer can be disabled with the EQ Enable switch. UAD DSP
usage is not increased when EQ is enabled.

This parameter specifies the low shelving band transition frequency to be
boosted or attenuated by the low band Gain setting. The range is 20 Hz to
2 kHz.
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Low Gain

High Frequency

High Gain

Because this is a shelving EQ, all frequencies below this setting will be af-
fected by the low band Gain value.

This parameter determines the amount by which the transition frequency set-
ting for the low band is boosted or attenuated. The available range is +12 dB,
in increments of 0.5 dB (fine control) or 1.0 dB (coarse control).

This parameter determines the high shelving band transition frequency to be
boosted or attenuated by the high band Gain setting. The range is 200 Hz to
20 kHz.

Because this is a shelving EQ, all frequencies above this setting will be af-
fected by the high band Gain value.

This parameter determines the amount by which the frequency setting for the
high band is boosted or attenuated. The available range is £12 dB, in incre-
ments of 0.5 dB (fine control) or 1.0 dB (coarse control).

Modulation Controls

The EMT 140 reverb time can be modulated by a low frequency [====g
oscillator using rate and depth controls. The effect is subtle but it WO
can increase dispersion and reduce ringing on some source ma-
terial, such as loud signals with sudden endings and percussive
content. RATE

1
Mod Rate ’
Mod Rate controls the rate of reverb time modulation. The avail- *
able range is from 0.01 Hz to 1.0 Hz. i

Mod Depth 5

This parameter controls the amount of reverb time modulation. The ’
available range is from 0 - 10 cents. .
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Output Meter

Blend Controls

Predelay

Mix

Wet Solo

= The vintage-style VU Meter represents the plug-in
output level. It is active when the Power switch is
on, and slowly returns to zero when Power is
switched off.

The amount of time between the dry signal and the onset of the
reverb is controlled with this knob. The range is 0.0 to 250 mil-
liseconds.

PRE DELAY
Al

This control uses a logarithmic scale to provide increased resolu- .
tion when selecting lower values. When the knob is in the 12 b I50
o’clock position, the value is 50 milliseconds.

Wy The Mix control determines the balance between the original and
= ~ the processed signal. The range is from Dry (0%, unprocessed) to

: I Wet (100%, processed signal only).

This control uses a logarithmic scale to provide increased resolu-
B WET tion when selecting lower values. When the knob is in the 12
o’clock position, the value is 15%.

Note: If Wet Solo is active, adjusting this knob will have no affect.

ﬁ The Wet Solo button puts EMT 140 into “100% Wet” mode. When
Wet Solo is on, it is the equivalent of setting the Mix knob value to
100% wet (and the Mix value is ignored).

Wet Solo defaults to On, which is optimal when using EMT 140 in the “clas-
sic” reverb configuration (placed on an effect group/bus that is configured
for use with channel sends). When EMT 140 is used on a channel insert, this
control should be deactivated.

Note: Wet Solo is a global (per EMT 140 plug-in instance) control.
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Power Switch This toggle switch enables or disables EMT 140. You can use it
,—_Ell to compare the processed settings to the original signal, or to by-
pass the plug-in which reduces (but not eliminates) the UAD DSP

ANE  |oad (unless UAD-2 DSP Loadlock is enabled). The red EMT

o @: power indicator glows brighter when the plug-in is enabled.

Note: The EMT 140 distills 1800+ pounds of classic vintage reverb into a sin-
gle plug-in. Exercise caution when lifting.
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CHAPTER 12

EMT 250 Electronic Reverberator

Introduction

Unveiled by EMT at the AES convention in 1976 and inducted into the TEC
Hall of Fame in 2007, the EMT 250 was the first digital reverberation device
to create ambience through a purely electronic system. With its single reverb
program and iconic lever-driven control surface, the EMT 250 is still an indis-
pensable tool within the record-making elite and is widely considered one of
the best-sounding reverbs ever made. Although only around 250 were built,
the EMT 250 has made an immeasurable impact on record making history in
the hands of studio legends like George Massenburg, Bruce Swedien, Allen
Sides and many others. Captured from Allen Sides’ unit at Ocean Way Re-
cording, endorsed by EMT Studiotechnik GmbH in Germany, and re-engi-
neered for plug-in use by EMT 250 creator Dr. Barry Blesser from his original
documentation, the UAD version of the EMT 250 goes beyond emulation and
is the very same algorithm found in the original units—for a fraction of its orig-
inal $25,000 price!

Besides the coveted reverb program, the EMT 250 for UAD provides the five
additional effects (Delay, Phasing, Chorus, Echo and Space) also included in
the original unit. Lighted pushbuttons select the desired program, while four
click-stop levers provide the primary reverb parameters of delay time, prede-
lay, and high and low Filtering. LED ladders provide additional visual rein-
forcement of program selection and parameter positioning. Like the hard-
ware, the plug-in operates in “quad,” with two discrete stereo output pairs
accessed through the added front/rear output switch. Additional “digital
only” features include dry/wet mix, wet solo, reduced noise (if desired), and
hard bypass via the EMT power icon.
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EMT 250 Screenshot

EMT 250
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Figure 49. The EMT 250 plug-in window

Functional Overview

Program Modes

Variable Control
Functions

The EMT 250 offers six effect types: Reverb, Delay, Phase, Chorus, Echo, and
Space. These effects are called “program modes” in the EMT 250. Only one
mode can be active at a time.

Each program mode has up to five parameters that can be modified by the
four main control “levers” plus the front/rear switch. The function of these con-
trols varies per program mode (see below). Additionally, there are several
global controls that have the same function in all modes.

The function of control levers 1, 2, 3, and the Front/Rear switch depends
upon which program mode is active. This is a primary consideration to re-
member when operating the EMT 250. Table 13 on page 139 details the
varying functions of the control levers and the front/rear switch in each mode.

Important: The function of the “levers” and the front/rear switch changes
depending on the program mode.
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Lever 4 Predelay

Mono/Stereo
Operation

Front /Rear
Outputs

Each unique parameter in the plug-in retains a distinct value, but only the pa-
rameters that are active in the current program mode are visible in the graph-
ical user interface. All parameters are always visible in Controls View (see
Chapter 7 of the UAD System Manual), even when they are not active in the
current program mode.

Important: The value of lever parameters that are not active in the current
program mode are not saved in sessions or presets. The unsaved parameters
are marked with an asterisk in Table 13 on page 139.

When switching between program modes that have different parameters
mapped to the same control, parameter values are retained within each mode
(controls jump back to the prior value that was set in each respective mode).

In all program modes, lever 4 controls the predelay (the initial delay before
other processing occurs) of both channels (left and right). Predelay times of
Oms, 20ms, 40ms, and 60ms are available in 4 steps. The green LEDs on the
right side of lever 4 display the current predelay value.

The EMT 250 hardware unit has one (mono) input. For accurate emulation
when the plug-in is used in a stereo-in/stereo-out configuration, stereo signals
at the plug-in input are summed to mono before processing; the dry signal is
passed in stereo.

Four channels of processed audio, selectable with the Front/Rear Outputs
switch, are generated from this mono input in all modes (with the exception of
Echo, which has mono output only).

The EMT 250 hardware unit has four discrete outputs. Two outputs were de-
signed to be used as the main stereo left/right outputs, or the “front” left/right
outs in quadraphonic applications. The other two outputs were used for the
“rear” left/right signals in quad (or other creative applications). The UAD
EMT 250 fully models the individual sonics of all four outputs.

The name of the “Front/Rear Outputs” switch is derived from the original
hardware design. This control (which is unique to the plug-in) enables access
to the processed quadraphonic signal in pairs, at either the front L/R or rear
L/R outputs. When a different sound is available at the front and rear outputs,
the yellow “LED ring” around the control is illuminated. For program modes
that do not offer quadraphonic processing (e.g., Delay), the switch is re-pur-
posed to sum the processed outputs to mono. In Echo mode, it functions as an
input mute.
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Automation

Modeled 1/0

EMT 250
Latency

In some program modes, the yellow “LED ring” around the control is illumi-
nated to indicate that changing the switch position will change the sound. For
program modes that do not offer quadraphonic processing (e.g., Delay), the
switch is re-purposed to sum the processed outputs to mono. In Echo mode, it
functions as an input mute.

Some EMT 250 control functions change depending on the active mode (see
“Variable Control Functions” on page 136 and Table 13 below). To accom-
modate this design, all EMT 250 parameters are exposed for automation and
external control surfaces even if the parameter is not active in the current pro-
gram mode.

Important: Parameters that are automated and/or externally controlled will
have no effect if those parameters are not active in the current program mode.

All input and output characteristics of the EMT 250 are fully emulated in the
plug-in. This includes all of its idiosyncrasies, such as the A/D and D/A
anti-aliasing filters (which are not linear-phase), system latency, input clip-
ping, and limited frequency response. All these quirks embellish the unique
sonic signature.

The EMT 250's anti-aliasing filters for its A/D and D/A conversion are not lin-
ear-phase filters; therefore our emulation does not have a latency that is the

same at all frequencies. Thus, we cannot report to the delay compensation en-
gines a delay that is correct for all frequencies. The value we report is good

at low frequencies, but becomes off at high frequencies.

For example, when the plug-in is in Delay program mode and set with zero
delay time and predelay values, the plug-in output will not be completely can-
celled when mixing with flipped phase against an unprocessed track; high
frequencies will leak through. However, the latency through the dry side of the
wet/dry mix, and the latency when the plugin is bypassed via the EMT 250
Power switch (page 146), do not have this issue and will be fully compen-
sated by the DAW.
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Program Mode Controls

Control
Functions

The details of each unique program mode are below, followed by descrip-
tions of the global controls, which affect all program modes.

Table 13 displays the parameter that each control is mapped to for each of
the EMT 250 program modes. See “Variable Control Functions” on
page 136 for details.

Table 13. The variable control functions of the EMT 250

Program Mode | Lever 1 Lever 2 Lever 3 Lever 4 Front/Rear
Reverb Reverb Decay LF Decay HF Decay (damping) | Predelay Output Pair
Delay Coarse Delay Time | Fine Delay Time | Selects L/R channel | Predelay Stereo/Mono
for time adjustment*
Phase Phase (curve) (none)* (none)* Predelay Output Pair
Chorus (none)* (none)* Variation Predelay Stereo/Mono
Echo Coarse Delay Time | Fine Delay Time | HF Decay (damping) | Predelay Input Mute
Space (none)* (none)* (none)* Predelay Output Pair
*Note: The parameter values of lever positions marked with an asterisk are not saved in sessions or presets.

Program Mode

The Program Mode buttons define which of the available program modes is
active. The six program modes are: Reverb (REV), Delay (DEL), Phase (PHAS),
Chorus (CHOR), Echo, and Space (SPC).

Click a Mode button to activate that program mode; the button is illuminated
for the currently active mode (only one mode can be active at a time). Each
program mode and its associated parameters are described in detail below.

Tip: See Table 13 on page 139 for a matrix of controls that are available in
each program mode.
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Reverb

Reverb program mode offers the same all-time classic reverb algorithm that
made the EMT 250 famous.

Decay Time (Lever 1)

Lever 1 controls the main reverb tail decay time. The red LEDs on the left side
of lever 1 indicate the current decay time; the green LEDs on the right side of
lever 1 are inactive.

The decay time range (at 1 kHz) is 0.4s to 4.5s, selectable via 16 steps.

LF Decay (Lever 2)

Lever 2 controls the low frequency decay time (at 300 Hz). The red LEDs on
the left side of lever 2 display the current value; the green LEDs on the right
side of lever 2 are inactive.

Four multipliers are available: x 0.5, x 1.0, x 1.5, and x 2.0. The multiplier
refers to a factor of the main decay time (lever 1). Higher values (upper lever
positions) generally result in more low frequency content in the reverb tail.

HF Decay (Lever 3)

Lever 3 controls the high frequency decay time. The red LEDs on the left side
of lever 3 display the current value; the green LEDs on the right side of lever
3 are inactive.

Four multipliers (at 6 kHz) are available: x 0.25, x 0.33, x 0.5, and max. At
the max position, the HF decay factor is x 1.0 at approximately three sec-
onds. The multiplier refers to a factor of the main decay time (lever 1). Higher
values (upper lever positions) generally result in more high frequency content
in the reverb tail.

Predelay (Lever 4)

Lever 4 is used as a typical reverb predelay parameter. See
“Lever 4 Predelay” on page 137 for more information.

Front/Rear

In Reverb mode, the Front/Rear Outputs switch is illuminated. Changing the
switch setting will yield a slightly different effect. See “Front/Rear Outputs” on
page 137 for more information.
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Delay

Delay program mode offers two independent delay processors, one each for
the left and right output channels. Up to 375ms delay time is available for
each channel. Delay repeats (feedback) are not available in Delay mode; use
Echo mode if delay feedback is desired.

Note: The maximum per-channel delay time of 375ms in Delay mode is ob-
tained by setting the coarse, fine, and predelay times to their respective max-
imum values.

Coarse Delay Time (Lever 1)

Lever 1 controls the coarse delay time for the currently selected channel (left
or right). The currently selected channel is defined by lever 3.

The coarse delay time range is O to 300ms, selectable via 16 steps. The
green LEDs on the right side of lever 1 display the current value; the red LEDs
on the left side of lever 1 are inactive.

Fine Delay Time (Lever 2)

Lever 2 controls the fine delay time for the currently selected channel (left or
right). The currently selected channel is defined by lever 3.

Fine delay times of Oms, 5ms, 10ms, and 15ms are available. The green LEDs
on the right side of lever 2 display the current value; the red LEDs on the left
side of lever 2 are inactive.

Note: Llevers 1 and 2 both control the delay time, but these parameters are
not individually exposed for external control surfaces and automation. In-
stead, a single delay time parameter is exposed for each channel, and levers
1 and 2 in the plug-in interface are both updated to match the value.

Channel Select (Lever 3)

In Delay mode, lever 3 selects which channel (left or right) the delay time pa-
rameters (levers 1 and 2) will affect. When lever 3 is in position “L” the left
channel delay time can be adjusted; when in position “R” the right channel
delay time can be adjusted.

The green LEDs on the right side of lever 3 display the channel selected for de-
lay time adjustment; the red LEDs on the left side of lever 3 are inactive.

//l ”

Note: Lever 3 position “I” is a duplicate of position “Il - L” in Delay mode.
Likewise, position “IV” is a duplicate of position “lll - R.” All positions can be
used to select a channel for delay time adjustment.
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Phase

Important: In Delay mode, lever 3 does not control a “real” parameter; it
is only used to select the active channel for other parameters in the graphical
user interface. For this reason, the parameter is not exposed for external con-
trol surfaces or automation, nor is it saved in sessions or presets.

Predelay (Lever 4)

Lever 4 can be used as a common predelay to both channels (the predelay
time is added to the delay times of both channels). See “Lever 4 Predelay” on
page 137 for more information.

Front /Rear

In Delay mode, the Front/Rear Outputs switch is not illuminated (the sound is
identical in both pairs of outputs). When moved to the Rear position, the
plug-in output is summed to mono. See “Front/Rear Outputs” on page 137
for more information.

Phase program mode creates a comb filter curve that results from the addition
and subtraction of two signals with a small time shift between them. The comb
filter changes the amplitude of the source signal's harmonic overtones, result-
ing in interesting fonal variations.

Tip: Phasing is most apparent when the plug-in is set to 100% wet (or when
Wet Solo [page 147) is active).

In the EMT 250, the input is fed to two delay processors; one with a fixed de-
lay time of 15ms, and the other which is variable from 0-15ms, controlled by
lever 1. By changing this variable “time shift” the phase (shape) of the comb
filter, and therefore the timbre of the output signal, is changed.

Note: Unlike many “phasors,” the EMT 250 does not modulate the variable
“time shift” with a low frequency oscillator (LFO), which results in the contin-
vously varying “swooshing” effect that is often associated with the process

name. This conventional “phasor effect” can be reproduced (with outstanding
results) by moving lever 1 back and forth, either manually or with automation.

Phase (Lever 1)

In Phase program mode, lever 1 controls the delay time (the phase “time
shift”) between the two signals that create the comb filter. Phase values of Oms
to 15ms are available, selectable via 16 steps.
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Chorus

In Phase mode the green LEDs to the of right lever 1 are active, but the panel
markings (0-300ms) do not represent the actual phase delay time values. In-
stead, the LEDs indicate the relative value between 0-15ms.

Predelay (Lever 4)

Lever 4 can be used as a common predelay to both phase delays. See
“Lever 4 Predelay” on page 137 for more information.

Note: Levers 2 and 3 have no effect in Phase program mode.

Front/Rear

The Front/Rear Outputs switch is illuminated in Phase program mode. Chang-
ing the switch setting will yield a different comb filter phase. Due to the nature
of the effect in Phase mode, when the switch is in the Rear position and the
Phase time (lever 1) is at minimum and maximum values, the signal is only out-
put on one side (right-only at minimum, left-only at maximum). This behavior
is identical to the original hardware. See “Front/Rear Outputs” on page 137
for more information.

For more information about phasing, see the “Flangers and Phasors” article in
our December 2008 Webzine:

® http://www.uaudio.com/webzine/2008 /december/doctors.html
Chorus program mode creates an “ensemble” effect by simulating the impres-
sion of multiple imprecisions added to the original signal. In EMT 250, this is

accomplished by routing the same signal to four delay processors, each hav-
ing short delay times that are continuously and randomly modulated.

While it was necessary to combine the various physical outputs for variations
of Chorus complexity, the EMT 250 plug-in is “pre-mixed” in four popular
combinations.

Note: Llevers 1 and 2 have no effect in Chorus program mode.

Chorus Mode (Lever 3)

Four subtle variations of the chorus effect are available (I, II, lll, and IV). Lever
3 specifies the current variation.
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Echo

Positions “I” and “Il” are of a simpler nature, while “lll” and “IV” are more
complex. Position “I” duplicates the Left Front and Right Front outputs of the
hardware. “II” duplicates Left Rear and Right Rear outputs of the hardware.

“ll” combines both the Left Front and Left Rear on the left side, and Right Front
and Right Rear on the right. “IV” combines Left Front, Left Rear and Right Rear
on the left side, and Left Rear, Right Front and a phase inverted Right Rear on
the right. “IV” imparts a pseudo-quadraphonic sound.

Predelay (Lever 4)

Lever 4 is can be used as a common predelay to all four delays. See
“lever 4 Predelay” on page 137 for more information.

Front/Rear

In Chorus mode, the Front/Rear Outputs switch is not illuminated (the sound
is identical in both pairs of outputs). When moved to the Rear position, the
plug-in output is summed to mono. See “Front/Rear Outputs” on page 137
for more information.

Echo program mode produces a single monophonic delay effect, with feed-
back and adjustable delay time. Up to 375ms of delay is available.

The feedback (recirculation) circuit is always active in Echo mode. The feed-
back signal path is attenuated by approximately 10% per loop circulation,
and includes an adjustable high frequency attenuator for damping.

Note: The maximum delay time of 375ms in Echo mode is obtained by set-
ting the coarse, fine, and predelay times to their respective maximum values.

Coarse Echo Time (Lever 1)

Lever 1 controls the coarse delay time. The coarse delay time range is O to
300ms, selectable via 16 steps.

The green LEDs on right side of lever 1 display the current value; the red LEDs
on the left side of lever 1 are inactive.

Fine Echo Time (Lever 2)

Lever 2 controls the fine delay time. Fine delay times of Oms, 5ms, 10ms, and
15ms are available. The green LEDs on right side of lever 2 display the cur-
rent value; the red LEDs on the left side of lever 2 are inactive.
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Space

Note: Llevers 1 and 2 both control the echo time, but these parameters are
not individually exposed for external control surfaces and automation. In-
stead, a single echo time parameter is exposed, and levers 1 and 2 in the
plug-in interface are both updated to match the value.

HF Decay (Lever 3)

Lever 3 controls the high frequency damping in Echo mode. The red LEDs on
left side of lever 3 display the current value; the green LEDs on the right side
of lever 3 are inactive.

Four multipliers are available: x 0.25, x 0.33, x 0.5, and max. Higher values
(upper lever positions) result in more feedback.

Predelay (Lever 4)

Lever 4 is used as a predelay to the echo processor in this mode. The predelay
time is added to the echo times, but not to the HF decay feedback loop. See
“Lever 4 Predelay” on page 137 for more information.

Front/Rear

The Front/Rear Outputs switch is not illuminated in Echo mode (the same
monophonic signal is generated at the front and rear outputs). However, the
Front/Rear Outputs switch has a special function in Echo mode.

In the Front position, the program behaves normally. In the R