


1 Introduction

The Oxford SuprEsser was designed primarily to be the last word in Exsing'
applications. While we worked on creating the hstessed sound possible, we found
that we needed more control than was available amvantional De-Essers. Most de-
essing work can be carried out in 'simple’ mode,sbmetimes to do the job properly it
was necessary to utilise all the controls of thdaulying engine — a full-blown Dynamic
EQ, or frequency-conscious compressor.

Thus a new concept was born — a simple and ineuile-Esserplus access to a much
more sophisticated frequency-specific compressaving complete control over
aggressive frequencies wherever they may be iratitgo spectrum. With th®xford
SuprEsseryou can take out unwanted frequency peaks as aed they occur — unlike
applying a fixed EQ to the whole channel.

As a De-Esser, th®xford SuprEsser is designed for the treatment of sibilance and
fricatives in vocals, and the treatment of unwantedistles and 'spirant’ artefacts
associated with wind instruments. However, it cqua#ly be applied to removing low-
end plosives and thuds from over-close vocal waitjout affecting components nearby
in the frequency spectrum, keeping the low-endcintkor the most natural sounding
results, theDxford SuprEsser de-esses only the frequency band you set - somgt
end up with an over-de-essed lisp-like voice withhee high frequencies gone!

Detailed visual feedback is provided thanks to tinghly intuitive graphical display,
allowing quick identification of the frequenciesatmeed treatment and where to set the
threshold. The threshold level and peak-hold |@fghe user-definable band are shown
on the graph, alongside the FFT (Fast Fourier Toamy display of the narrow band
signal, which includes retention of the peak lexatl the frequency containing the most
energy.

At the heart of th@®©xford SuprEsseris an enhanced version of the compressor section
of the Oxford Dynamics plug-in, which is renowneghangst professional users for
delivering precise and transparent control of peak®und this is built a pair of
crossover filters to make the compressor react tinthe defined frequency band. These
linear-phase filters are modelled on the filtemirthe Oxford EQ, making th@xford
SuprEsseruseful for precise mastering as well as mixingkwor

Three listen modes allow the user to listen tortive (‘Mix’), the output of the bandpass
filter ('Inside"), or the output of the band-rejétier ('Outside’).

Careful thought has been put into making @eford SuprEsser extremely easy and

quick to use. The screen shot on the title pagastibe plug-in as it appears when first
activated. Once the frequency band has been defsmegbly lower the threshold fader
until the gain reduction meter starts to kick iteTplug-in then automatically tracks the



general signal level and the threshold follows adicgly so that it gives the same
relative amount of gain reduction as the signaklleises or falls. This is perfect for
vocals where, for example, a vocalist is loudethi}m chorus than the verse, but you want
to apply the same relative amount of de-essing,rentcover de-ess in the chorus. This
Auto-Level-Tracking mode lets thexford SuprEsser do all the hard work. It can also
be switched off for a fixed threshold.

In its default mode of operation, tkixford SuprEsserfeeds the defined 'Band’ signal to
the compressor to affect only this narrow-band aligmhe result is that the compressor
reacts only to specific frequency components winey reach a specific threshold, and
applies compression only to these specific frequexmnponents, leaving the rest of the
spectrum untouched. 'Wide' can also be selectatide full-band compression reacting
to only specific frequencies, or any combinationBaind and Wide defining when the
compressor reacts, and what it compresses.

The Oxford SuprEsser comes complete with many presets to act as g@otingf points;
alternatively the advanced section gives full asdesall controls for precise correction,
or even creative use.

2 Features

Highly featured professional De-Esser

Linear-phase Dynamic EQ

Transparently controls aggressive frequencies

Automatic level-tracking follows energy level feinating the need to automate
threshold)

Large intuitive graphic display makes finding fueqcies very easy
Full spectrum operation (20Hz-20kHz)

Three different 'Listen' modes

Very easy to use

Advanced mode for ultimate control of the Dynara{@

Many creative as well as corrective uses

Presets to give good starting points



3 Supported Platforms

Pro Tools (RTAS only)
Audio Units
VST

Mac OSX 10.4 or later
Windows XP
Vista

See supplement for platform specific details

4 Manual Revision History

1.0.0 Date 18October 2007 — First draft version
1.0.1 Date 18 April 2008 — Initial release version (Mac only)
1.0.2 Date 18 August 2008 — Includes Windows



5 Signal Processing Overview

5. 1 Basic Signal Flow

The following diagram gives the basic signal flow

TheOxford SuprEsser contains a pair of mutually opposing filters —d®sfault one is a
narrow bandpass filter, the other is the compleargmarrow band-reject filter. This
gives one signal path containing just the contefitee band of interest, and another
signal path containing the input signal with themt entirely removed; when mixed back
together in equal ratios, you get the original algn

The bandpass signal is usually fed to the comprebsth to the side chain and to the
main signal, so that it is just this signal thaders gain reduction, and it is just this
signal that is affected by any gain reduction.

The bandpass/reject filters will switch automaticé other EQ types when the
conditions warrant them: giving a total of four B@es. When the ‘Width’ control
narrows the bandpass filter width to its minimunijigh-Q notch filter is invoked that
gives much better reduction of a very narrow baifdegiuencies. When either side of the
band window touches the end stops (20Hz or 20kiHe)bandpass filters change to LF-
Cut or HF-Cut as necessary.



5.2 Advanced Modes Signal Flow

In addition to four EQ types, there are four difier compressor modes in relation to
what signal is passed to the side chain and wgasbkis passed to the main input of the
compressor. See Section 9 “Operational Modes” forenmformation on this.

The following diagram gives a more complete signdllow with regards to the
advanced modes of operation.

The ‘Wet/Dry’ control is a frequently requestedttea that allows you to add back in the
uncompressed signal to a highly compressed sigredd back in some punch. As you
can see from the signal flow above, the Wet/Drybleontrol is implemented inside the
dynamics module, and therefore only operates asate@ when you are listening to the
Mix, or Inside.



5.3 Resolution, Kernel Sizes, and Delays

The linear-phase filters used by &ford SuprEsserrequires an “Impulse Response
Kernel” to model the response of the internal OafBilters. The size of this kernel (as
measured in samples) determines both the pluglaydand the accuracy of the model,
which affects the performance especially at lowegdiencies.

Large kernels mean: a) Better performance at leguencies, but b) Longer overall
plug-in delays.

Small kernels mean: a) Adequate performance atfrégjuencies, and b) Shorter plug-in
delays. While small kernels are adequate for highufency work such as de-essing, the
performance at low frequencies will cause poorlffyngel filter slopes, and poor
separation of Inside from Outside.

We have found that hosts are generally not abteddily adjust their delay
compensation engines if the kernel size is adjudy@a@mically at run time. Th@xford
SuprEsseris therefore released as three separate plugaat; with a different fixed
kernel size.

The standard version has a kernel size of 2048 Isanapd is called theDxford
SuprEsser”. This is suitable for work across the entire freoey range at 44.1kFs, and
thus is the standard plug-in to reach for, esplgdiat the mixing stage of a project.
Depending on your audio buffer size, the delayatericy will be somewhere in the
region of 1044 to 3092 samples. See the secti@mwbir information on reducing the
delay.

The large kernel version has a kernel size of &E@ples and is called th®%ford
SuprEsser HR” or “Oxford SuprEsser HighRes”, depending on your hosthis
version gives superior resolution at the lowedjdencies, and thus is particularly
suitable for LF mastering work. Remembering thag@sincrease the sample rate, the
resolution at the LF end will be correspondinglgiueed, this version is particularly
suitable for use at higher sample rates, espedaby4dk or 192k. This version will have
a very significant delay that can be beyond thétalaif Pro Tools HD to automatically
compensate for. The true delay is reported cogréctihe track delay information and
depending on your audio buffer size, the delay bgllsomewhere in the region of 4116
to 12308 samples. See the section below for infoaman reducing the delay.

The small kernel version has a kernel size of E2mes, and is called th©%ford
SuprEsser LL” or “Oxford SuprEsser LowLatency”, depending on your host.

This version gives superior performance in termBading a small delay, and thus is
more suitable for live de-essing work at low samples, and for the tracking phase of a
project where you are laying down new tracks frominmstruments, and you don't want
a significant delay between what you are playind @hat you are hearing. The smaller
kernel size means the resolution at low frequeneitde poor, and so cannot be used
much below 400Hz. Depending on your audio buffee sihe delay or latency will be



somewhere in the region of 276 to 3072 samplestt&esection below for information
on reducing the delay.

5.4 Delay Compensation and Audio Buffer Sizes

The plug-in delay produced by txford SuprEsserdepends both on the kernel
size/resolution and the audio block size.

The block size is the size of the sample buffessed to the plug-in by the host, and is
usually specified in your audio hardware prefersfamnfiguration/setup page. The
reason that the plug-in delay depends on the ekis that the plug-in must
accumulate a whole kernel sized block of samplésrédt can process them.

In order to ensure the minimum plug-in delay, maileee the block/buffer size is the same
as or greater than the kernel size/resolutionnggtti

For example, if the kernel size is set to 512,yice1 are using the Low Latency version,
and if your block/buffer size is 512 or 1024, thidl ensure the plug-in produces the
minimum delay of 276 samples.

If you use a smaller block size than the kerned,ditze overall delay of the plug-in will
go UP, not down. For example, if the block siz258, then the Low Latency version
will produce a delay of 532 samples.

5.5 Over-Taxing The Host

The Oxford SuprEsseruses a process callednvolutionto implement filtering, a
process that is expensive on CPU resources. Wheg wary large kernel sizes, in
combination with small audio buffer sizes, it isspible for the plug-in to take longer
than an entire audio block to complete processaitl, the result that (from a monitoring
point of view) the playback breaks up. This can ifieghas obvious clicks and pops, or
more subtly as occasional quiet clicks.

If you experience clicks, keep in mind that theseraonitoring only — they will not be
present when bouncing down your mix.

If you experience clicks, increasing your audiofeusize will resolve the issue. Once
again, the best buffer size for tBaford SuprEsseris the same as the kernel size (or
resolution). Generally speaking, the only reasarsioall audio buffer sizes is for
tracking, or live working requirements.

The plug-in issues a red warning label next toSbanox button when you are using a
combination of small buffer size and large kerne¢ shat we have found to generally
result in clicks. This is not a reliable indicatbgwever; it completely depends on your
system CPU speed, sample rate, and other factors.



6 De-Esser Screen Controls Description

A Note on Touch Pad Controls

Most of the controls on th@xford SuprEsser are implemented using Touch Pads.
These controls give a clear display of the Sl valua control, and respond to the
following actions:

Left-Click and drag up/down: Increase/decreasevdiue
Right-Click and drag up/down: Fine adjustmenvalie
Double Click: Directly edit value

Jogwheel up/down: Increase/decrease value

Under VST and Audio Units hosts:
Shift + Left-Click and drag up/down: Fine adjusimh of value
Control/Apple + Left-Click: Set to default
Shift + Jogwheel: Fine adjustment of value

Under Pro Tools:
Apple + Left-Click and drag up/down: Fine adjustmof value
Alt + Left-Click: Set to default
Apple + Jogwheel: Fine adjustment of value



A Note on Other Controls:

The other controls (for example, the Fader capfioBs and the graph) will generally be
consistent with those rules outlined above forttheeh pad controls.

Hot Tip:

Most controls have an explanatory fly-out help vandthat is activated by Right-
Clicking the region immediately above the control.

Sonnox Menu Options Button

Clicking this button brings down a menu of optigmeferences, allowing to choose the
clip-light mode, to say which view (Easy or Advadigou prefer the plug-in to default
to, and bring up the splash screen to examinedhgon number and build date.

Input Section

4. Input Level Meter

The Input Meter is designed to give exactly 1dB 1D for the top 18dB of
dynamic range, and 2dB per LED thereafter. Thiegia clear and intuitive
impression of the working headroom.

7. Input Gain Trim Touch Pad — dB
This allows you to adjust the input signal levelupyto +/- 12dB.

Although it is true that in default operation tieeshold of the compressor is
more or less level-independent, you may wish tastdhe input level to bring
peaks down below 0dB, because the threshold cagmnabove 0dB.

Listen Section

This section of the plug-in allows you to contrdiat you are listening to in terms
of the crossover that mixes the outputs of thedigoal streams.

Some people prefer to isolate the troublesome samdlkeep narrowing the
bandpass filter to just contain it — this way tlmenpressor affects only the
absolute minimum of the frequency spectrum. Yaudathis by clicking on the
Inside button, labelled with the bandpass symbol.

Other people prefer to work in band reject modegnetyou listen to the narrow
band-reject-filtered signal and narrow the bandl you just begin to hear the
troublesome sound. You can do this by clickingl@Qutside button, labelled
with the band-reject symbol.



1. Mix Button

The Mix button sets the cross fade exactly to 50faning an equal mix of band-
reject signal and (compressed) bandpass signahtge the output.

2. Inside Button

This button sets the cross-fade so that you aenlisg to output of the bandpass
filter, as processed by the compressor. You camuise the IN button to listen
with or without compression, or use the Wet/Drytcolnto adjust the blend
between compressed and non-compressed signal.

In this mode, if you sweep the centre frequencthefband up and down the
frequency spectrum, you hear only a narrow pathefspectrum, and so it is easy
to home-in quickly to where in the spectrum a ttesbme noise is.

3. Outside Button

This button sets the cross fade so that you aenlisg only to the output of the
band-reject filter — which is everything outsidetloé bandpass window, hence the
name.

In this mode, if you sweep the centre frequencthefband filter up and down the
spectrum, the troublesome noises will disappeamnwie have hit the area to
work on.

Filters Section
This section allows you to specify the filter chagaistics.
8. Frequency Fader and Touch Pad — Hz

This displays and controls the centre frequenahefbandpass and band-reject
filter pair. The control range goes all the way daw 20Hz to allow low
frequency treatment as well as mid and high frequéreatment. The centre
frequency of the band filters can also be changetthe graph itself with
horizontal dragging of the yellow centre drag cohfcontrol number 3 in section
8.)

When the low edge of the bandpass filter reachefkz 2the plug-in switches over
to using just the high-edge crossover, which méa@®andpass window extends
all the way down to DC, providing a new useful mo8ee Section 9
“Operational Modes” for more information.



5. Width Touch Pad — Octaves

This controls the width of the bandpass and bajettrélter pair. The control
range is wide enough to allow almost the entiregpen from 20Hz to 20kHz.
You can also change this on the graph with verticags of the yellow filter
centre drag control (see control number 3 in se@io

When you reduce the width all the way down to @fwees, this triggers the
bandpass filter to switch into a new type of fikea very High-Q notch filter.
This is useful for when a very narrow frequencydareds removal, such as a
whistle at a particular frequency. See Section pefational Modes” for more
information.

6. Slope Touch Pad — dB

This controls the slope of the filters used to iempént the bandpass and band-
reject filters. Generally speaking you want thehlest setting for maximum
separation between troublesome and non-troublesoom&ls. However, you may
find musical or creative possibilities in using enslopes. For example, when
using lower settings there is a smoother blendetg/ben gain-ducked
components and the original, which will be morecesble when using large
amounts of gain reduction.

The slope can also be changed on the graph itghlfwertical dragging of the
two side drag controls (see controls 5 and 1 itiGe®.)

Dynamics Section
9. Threshold Level Fader and Touch Pad — dB

The Threshold Level Fader is linked to the cyaeghold line on the graph,
where there is an immediate correspondence witdidpayed red peak level in
the narrow band signal.

Generally speaking, after you have isolated aondyras possible a troublesome
sound within the frequency spectrum using the basslfilter adjustment controls
(Frequency, Width, or use the drag controls orgtiag@h), you then lower the
threshold fader until the gain reduction beginkit in.

By default the threshold is relative to the gensighal level, and this is why the
threshold line moves up and down on the graphetetrel of the audio signal
changes. So you should aim to move the threshoéduintil you hear the right
amount of gain-reduction taking place. The plugbytracking the general signal
level, attempts to keep this gain reduction amaonstant as the signal level
climbs or falls.



10. IN Button

This button enables/disables dynamics processitigeafnain compressor signal.
This allows you to do glitch-free with/without coampsons of the gain-reduction
effect.

13. Attack Touch Pad

The Attack control allows you to quicken or slowndothe reaction times of the
compressor. Smaller numbers mean faster reactr@stand harder sounding
results. Go too fast and you may hear distortioemwvorking at lower
frequencies. Bigger numbers mean slower reactinadiand softer sounding
results. Go too slow and you may not react to firves quickly enough to catch
the hard front edges of consonants like T's.

15. Attenuation Meter — dB

The Attenuation Meter gives an indication of howamgain reduction is
occurring, both instantaneously, and with a pedkl-tevel that indicates the
maximum reduction in the previous couple of seconds

The meter operates with increments of exactly dhe d
16. More: ACCESS Button

When you want to access the complete set of dyrsacaictrols, you can click
this access button to open up the 'advanced' scféenbutton changes the GUI
to include many more controls than would usuallynbeded for normal
operation, controls that would otherwise cluttex gimary functionality of the
plug-in, but that nonetheless provide the advamcedirious user with many
more creative or tweaking possibilities.

The Access button is to be used especially if yantvio change the threshold to
be absolute rather than relative, or if the timestant of the threshold signal
tracking is too fast or too slow. See the sectiormdvanced operation for more
information.



Output Section
11. Output Gain Trim Touch Pad — dB

This allows you to reduce the output level by ud2dB. Dithering is applied
after output gain control, so it may be necessangduce this value by a small
amount to avoid clipping.

12. Wet/Dry Touch Pad — %

This control allows you, if you want, to mix in serof the original input with the
output, rather like a Wet/Dry control on a reverhe use of this is to allow you to
generate a very fat compressed sound, and thea kttlé of the original back in

to regain some dynamic character again. This isqoderly useful when

operating théxford SuprEsseras a basic compressor (i.e. in Wide/Wide mode
— see section 9 “Operational Modes” for more infation.)

At 100%, you hear only the post dynamics signal0%ityou hear only the input.
At 50%, you hear an equal blend of these two. Ydunermally want this at
100%.

14. Output Signal Meter — dB

The output meter is designed to give exactly 1dBLa for the top 18dB of
dynamic range, and 2dB per LED thereafter. Thiegia clear and intuitive
impression of the working headroom and dynamic eafitpere is a peak-hold
feature that holds the highest peak in the lagtc@sds, helping to give you a
better impression of the working dynamic rangee-ribmber of LEDs between
the peak and general level.



7 Advanced Screen Controls Description

The advanced screen is supplied to allow@iéord SuprEsserto be used as a general-

purpose frequency-specific compressor, giving yoeess to all the controls within the
dynamics section.

Mode Section

1. Trigger Mode Button — Wide / Band
This button controls the type of signal fed dowa $ide chain of the compressor
— the signal that will be used to trigger the gduicking. See Section 9

“Operational Modes” for a description of the modes.

2. Audio Mode Button— Wide / Band

This button controls the type of signal fed to th&n signal path of the
compressor — the signal that will be gain-duckesk Section 9 “Operational
Modes” for a description of the modes.



Level Tracking Section
3. Level Tracking Button
This button controls the mode of the threshold fiomality.

In Auto-Level-Tracking mode (i.e. with the IN buttgelected), the compressor’'s
trigger threshold follows the general level of thi€e input signal, and the
threshold level fader adjusts the threshold redativthat general signal level. If
you want the same relative level of gain reduct@mma quiet sound as for a loud
sound (for example in each case you want 6dB’saof geduction relative to the
general signal level), then use Auto-Level-Trackmgde, and set the threshold
level fader 6dB less than the peaks shown on tehgr

In Absolute mode (i.e. with the IN button not sédel), the threshold level fader
controls the absolute level of the compressorgger threshold — so if it is set to
-10dB, signals over that level will trigger gairduetion.

4. Auto-Level-Tracking Time Constant (Damping) - Seonds

Auto-Level-Tracking mode, this touch pad contrdie time constant used for

following the general level of the wide input sigria other words, the smaller
the value is, the more quickly the threshold levdirise or fall to a new level,

and the larger the value, the more stable thehbtdwalue.

Generally speaking, you want to have the largdstevpossible consistent with
the material you are working with. For general alimie or vocals, a larger value
will be adequate because there is not so muchtiariem general signal level. For
a speaker who rapidly transits from mumbling towthng, then a smaller constant
will be required to adapt quickly enough.

The algorithm used to implement Auto-Level-Trackmegponds more quickly to
rises in the input level, and more slowly to droptevel. This means that the
plug-in will tend to under-gain-reduce when theelledrops rapidly, and minimise
over-gain-reduction when the level rises rapidlgisThelps to compensate for the
nature of vocals and speech in which the troublessounds often leap out of
silence.

Reaction Envelope Section
5. Attack Touch Pad - Milliseconds

The Attack, Hold and Release controls togethemeethe shape of the gain-
reduction envelope created when a transient breatleethreshold.



The Attack control defines how quickly the gainuetion can kick in. While fast
attack times often seem to be the best idea, slatteck times can sound more
musical and natural. In general, for de-essind,dtack times are required — as
fast as possible without distortion. For work os$aounds, however, you may
want slower attack times.

6. Hold Touch Pad - Seconds

The Hold control defines how long the gain reduttiomlds its level before the
gain reduction is allowed to decay away. Genesglgaking this needs to be as
small as possible for de-essing work.

7. Release Touch Pad - Seconds

The Release control defines how quickly the gafluction can decay back to
normal after the trigger that caused the onsetof geduction has disappeared.
Generally speaking this needs to be more than thenum setting to avoid
distortion. With the attack and release too faspéeially the release), the gain
envelope fits around the waveform itself, rathamtffitting the general level
envelope of the signal, so causing distortion.

Ratio Section
8. Ratio Fader and Touch Pad - Degrees

The Ratio control defines the input to output gaitio of the compressor once the
signal has reached the level of the threshold value

It is indicated in degrees as an angle, becausaliiows you to picture the input/
output gain characteristic as shown below:

45 degrees ~26 degrees ~14 degrees
Ratio 1:1 Ratio 2:1 Ratio 4:1
No compression Gentle compression Significant congwas



For example, when set to 2:1 at around 26 degtieesompressor gently
compresses signals into half the dynamic range ¢hegntly occupy above the
threshold level.

When set to 0 degrees, the compressor acts aster inthe output never goes
beyond the threshold level, except for transiemas éscape the compressor
because the attack time is too slow.

The ratio control is not limited to this howevdrybu want the compressor to
over-react to a breach of the threshold, thenheetdtio to a negative value such
as -22 degrees; this will roughly double the amairgain reduction for a given
breach of the threshold. For example if the thrieshioe is 6dB below the peak,
then with a ratio of -22, you will get 12dB of gasduction of peaks.

This is useful for when you want to eliminate \Blg&en they occur rather than
simply keeping them below a threshold.

9. Soft Knee Button — dB

The Soft Knee control allows for a gradual onsegain
reduction as the signal level approaches the thlésh
level, rather than a sudden onset of gain reduetioen
the signal level actually hits the threshold level.

The larger this value, the earlier the onset ofi gai

reduction prior to reaching the threshold. The kn&e

can be set to 0dB, 5dB, 10dB, 15dB and 20dB. In the

diagram, 10dBs of soft knee is illustrated. Foregah

frequency specific compression work, this conttaves for more natural
compression, rather than brick-wall limiting.

Threshold Section
10. Makeup Touch Pad — dB
The Makeup control defines how much gain is appdifter compression. This is

useful in cases where you want to bring the backugtdevel up within a specific
frequency band, but want the peaks to stay aiethed they are at.



8 Graphical Screen Description

The graphical display is the key to intuitive opina of theOxford SuprEsser.

The display shows all the important pieces of imfation you need to quickly home in to
the correct threshold and frequency values visually

On the display you have the FFT of the input sigeeé 8 above) with the pink region
(see 7 above) showing the effect that the gainatemtuis having. For example in the
graph above the gain is being ducked by about ithe centre of the region 3kHz to
9kHz, blending to nothing outside the band winddfwese FFTs are plotted on a
logarithmic scale and related to actual dB valsesjou have clear idea of how much
energy is in a given frequency band.

The FFT shows an important red peak-held vertinal (see 9 above). This peak value is
useful because it shows you frequencywith the highest energy within the bandpass
window. This gives a good indication of where tleatce of the S sound is. Clicking on
this peak will centre the window to this frequenanich will isolate it better.



To help you find the threshold, the most imporalatce to look is the red time-domain
peak meter (see 4 above). This gives the peak\ ¢ the audio signal leaving the
bandpass filter. Below this you see the blue tholekline, labelled 6 above. The distance
between these two indicates the amount of gaincteuof peaks that you will end up
with. With a ratio of 2:1 (the default), if the #whold is 12dBs below the peak, you will
tend to get 6dBs of gain reduction when the peaksiro

Once you see how it works, you can set the thrdsélahost without listening.
Explanation of Controls:
1 & 5 — Band Filter Lower and Upper Cut-Off Drag Handles

These handles can be dragged to move the lowegypar edges of the band filter as
desired. Using the Left mouse button, the handiksw the pointer. With the Right
mouse button, or Shift + Left mouse button, youéhavmuch finer adjustment. The
handles sit on top of a vertical blue line thatdates where the lower and upper limits of
the band filter are, or to more precise, the -3dBaif points of the filters used.

4 - The Bandpass Filter Audio output Peak-Hold Levie

The bandpass peak-hold meter indicates the pea&ldayel leaving the bandpass filter,
prior to being sent to the Dynamics. This is a vergortant piece of information because
the distance between this line and the threshoédi§ the amount of gain reduction (of
peaks) that you will end up with. The hold tim&iseconds.

3 - The Central Filter Drag Handle

This drag handle allows you to drag the centreueegy of the band window up and
down the scale by moving left/right. It also alloyeu to widen or narrow the band
window by dragging up/down. Using Shift + Left meusutton, or Right mouse button,
allows you to achieve finer adjustment.

Alternatively, remember that you can click anywhier¢éhe graph display to achieve the
same result.

2 - The Reduction Indicator
The red-shaded Reduction Meter gives a real-tideation of the shape and amount of

gain reduction occurring. The shape follows th@slmdicators, and roughly
corresponds to the shape of the pink FFT regiom [sgbove).



6 - The Threshold Line

This line shows the current threshold level. Thikwander up and down as the general
signal level rises and falls (unless you have swidcthe threshold to Absolute mode). If
you move the threshold line while there is no sigma silent signal, you are setting the
presumed level that will occur when the signal mesuThis will be indicated on the
graph as a dotted line (or ghost threshold line)

8 - Arbitrary Point in the Graph

Clicking on an arbitrary point in the graph willntee the band filters around this point in
the frequency spectrum. Furthermore, if you hortiouse down, you can then drag the
filter up or down, or widen/narrow it in the samaynas for the centre drag handle.

This allows you to very slickly widen the windowok at the FFT peaks, and then home
in to one (by clicking and dragging down) in onegéé movement. This way you can
quickly isolate and listen to each of the peaks dlcaur regularly to find out what
consonants they represent.

9 - The Central FFT Peak

This holds for your attention the important freqeyem the band window, which has the
peak energy. This most likely indicates a consopafficative that you may want to deal
with. Clicking on this peak will then centre thenbiilter to this frequency, which will
help isolate it.

10 — Zoom-In/Zoom-Out

These object on the graph allows you to zoom-imo@m-out when clicking and

dragging. Additionally, you can use the jog/scratieel forward/backward to do the
same thing.

Shortcuts

Zoom-In/Zoom-Out: Jogwheel up/down or forward/baakal
Left/Right-Click anywhere: Centres the band filteithat point.



9 Operational Modes

9.1 Trigger and Gain-Ducking Modes

There are four major operational modes selectaptbd Trigger and Audio Buttons in
the Mode Section, as described in the table below:

Trigger | Audio Main Signal to | Signal to Side Result
Button | Button | Compressor Chain
Band Band Narrow band Narrow band filtered Gain ducking occurs only in
filtered signal signal the narrow band, triggered by
the narrow band.
Band Wide Delayed input Narrow band filtered Gain ducking of (wide) input
signal signal signal, triggered by narrow
band signal. Equivalent to
compressor in side chain EQ
mode.
Wide Band Narrow band Delayed input signal Gain ducking occurs only in
filtered signal the narrow band of the
spectrum, triggered by the wide
input signal.
Wide Wide Delayed input Delayed input signal Equivalent to compressor with
signal no side chain EQ.

9.1.1 Band / Band Mode

In this mode, the default, both the trigger sigtalthe compressor side chain) and the
main compressor signal is the narrow-bandpassddtsignal.

The output of the compressor is then fed to thesweer block (the Listen section) for
mixing back in with the version of the input sigtiaat has been filtered with the
corresponding narrow-band-reject filter. The remuthat the plug-in affects only a
narrow frequency band, triggered by that same &rqy band, and does not affect the
rest of the frequency spectrum.

In this mode, when you also use the Auto Level RKiraode, the threshold follows the

general level of the signal post band-reject fil{ee. everythingexceptthe troublesome
frequencies).

9.1.2 Band / Wide Mode

In this mode, the trigger signal (to the compresste chain) is the narrow-bandpass-
filtered signal, and the main compressor sign#tes(wide) delayed input signal.



This means when the narrow band signal triggens dacking, the ducking occurs over
the whole frequency spectrum, the same as fortiwmadi side chain EQ compression.

This mode offers one major advantage over the atpnv mode in the Oxford Dynamics
compresso+ you have the Wet/Dry control on the output stagéhat you can mix your
original signal back into the compressed signal.

In this mode, when you also use the Auto Level Kiraode, the threshold follows the
general level of the signal post the narrow-barneetdilter, (i.e. everythingxceptthe
troublesome frequencies).

In this mode, the crossover controls (i.e. thednstection) have no effect on the signal
because the output of the compressor is alreadynplete wide spectrum signal.

9.1.3 Wide / Band Mode

In this mode, the trigger signal (to the compresste chain) is the delayed input signal,
and the main compressor signal is the narrow-bassdfilered signal.

This mode is useful, for example, for when a brepdetrum trigger is required to trigger
reduction of a specific frequency. One example ddnd to process a kick drum/bass
combination to reduce a rattle or click wheneverkitk occurs.

In this mode, when you also use the Auto Level RKiraode, the threshold follows the
general level of the delayed input signal.

9.1.4 Wide / Wide Mode

In this mode, both the trigger signal (to the coesgor side chain) and the main
compressor signal is the delayed input signalttemowords, you now have an ordinary
compressor with no frequency specific side chaotessing.

This mode offers one major advantage over the @ymamics compressor — you have
the Wet/Dry control on the output stage so that ga mix your original signal back into
the compressed signal. This can be used to cheatt@nique sound in which a fully
compressed signal (with no dynamic headroom) hamegmunch added back into it.

In this mode, the Listen section has no effecthensignal because the output of the
compressor is already a complete wide spectrumakign



9.2 Automatic Level Tracking

The Auto-Level-Tracking mode is enabled by settimg Track button to IN. This is the
default.

The purpose of this mode is to automatically adjustthreshold level to follow the
general signal level of the wide band input. Thesams that if some vocals wander from
loud to quiet, the same amount of relative gairucddn is applied when a transient peak
occurs above the general level.

Generally speaking, once you have isolated aswiras possible a troublesome sound
in the frequency spectrum, you will see the reckgead inside the bandpass filter of the
graph indicating the peak level of the troubles@mend. Now enable the Track mode,

and bring the threshold level down until its cop@sding line on the graph is below the

red line. You will then see the gain reduction mstarting to show gain reduction.

If the general signal level of the material chandies threshold will now follow that level
— so that the gain reduction meter should contiouadicate the same amount of
reduction of peaks.

The algorithm to track the general signal leveias as simple as it appears. Firstly, one
of the most important characteristics of speedtsistaccato nature and the frequent
pauses or silence. If the threshold truly folloviied signal level, each time there was a
pause broken by a word starting with a consonhatthireshold would have fallen too
low, and the consonant would be over gain-redueddre the threshold recovered its
normal level.

To work around this challenge, the algorithm impéens a working range of 24dB, and
any sample value outside this window is not inctugtethe calculation of the general
signal level. If you were to intermittently mutestmput signal, you will see that the
threshold effectively just stays where it was whwre was an active signal, and
continues tracking again when the active signe¢ssored. Yet if you slowly fade out the
input signal level, the threshold will follow, onfiving up after 36dB of gain reduction.

The Auto-Level-Tracking therefore works well witbrdinuous material, or with
conversation broken by frequent pauses.

9.2.1 Setting the After-Silence Start Level
If the above algorithm is tending to under-corngben the vocalist starts singing after a

pause, you can, if you wish, set the After-SileStart Level by moving the threshold
faderwhile the plug-in is receiving silence or is nortiae



If you move the threshold level while there issde or no signal, this will tell the plug-
in what level to assume when the signal comes h#ek going away for a while. This
level will remain indicated on the graph as a gtiost

9.3 Bandpass Filter Modes

9.3.1 Bandpass Mode

By default, theDxford SuprEsseruses a bandpass filter (along with its invergerfitthe
band-reject filter) to isolate the audio in theginency range selected. The Frequency and
Width control defines the low and high edges offthers used, and the Slope defines
how quickly the signal blends from gain-ducked tm+gain-ducked in the frequency
spectrum. The effect of less-steep slopes is te gismoother blend between gain-
reduced and non-gain-reduced regions of the fre;yuspectrum, at the cost of a less
specific trigger.

In this mode, the bandpass filter is created bgguprirs of Oxford R3 Filters, giving a
total of up to 72 dB per octave of separation.

There are three other modes possible, which autoafigtswitch into operation in
certain situations.

9.3.2 High-Q Notch Mode

When you reduce the Width control all the way ddwg.2 octaves, you activate the
High-Q notch mode. In this mode, instead of usi@gHRters, it uses 4 Oxford EQ Type
2 Filters, giving a total of 80dB of gain reductianthe centre point of the notch. This
mode is useful for when the band of energy yourderested in reducing is extremely
narrow, or virtually a single frequency like a wias

In this mode, if desired, you can reduce the Qneffilters by reducing the Slope. The
effect of this is to give a smoother blend betwgam-reduced and non-gain-reduced
regions of the frequency spectrum, at the costle$sa specific trigger.

9.3.3 LF-Cut Filter Mode

When you reduce the left edge of the bandpass #ltehe way down to 20Hz, you
activate the LF-Cut Filter mode. This mode meaas titie lower edge of the bandpass
window is effectively at OHz. This is useful, foraample, when working on eliminating
sub-bass plosives and thuds/booms that containddponents.

In this mode you can think of operation as an LE-Elier that activates only when the
signal reaches a certain threshold, in which theotfurequency is defined by the right
edge of the bandpass window.



9.3.4 HF-Cut Mode

When you increase the right edge of the bandplissdil the way up to 20KHz, you
activate the HF-Cut Filter mode. This mode meaasttie upper edge of the bandpass

window is effectively at infinity Hz. This is usdfdor example, when you want to duck
the entire HF part of the signal.

In this mode you can think of operation as an HE&lter that activates only when the
signal reaches a certain threshold, in which theotfurequency is defined by the lower
edge of the bandpass window. This is how some mamgtive De-Essers work.

10 Specifications

Input-Output Parameters
Input Trim -12.0 - +12.0 dB

Output Trim 0 - -12.0 dB
Wet / Dry 0 - 100%
Filters
Width 0.2 - 10.0 octaves
Slope 12 - 72 dBl/oct
Freq 20 - 20,000 Hz

Compressor

Threshold 0.0 - -84.0dB
Attack 0.01 - 52ms
Hold 0.01 - 30s
Release 0.01 - 3.11s

Ratio (degrees)

45 - 0 - -225

Ratio 11 - Inf1 - -25:1
Ratio 1.0 - 00 - -04
Gain Makeup 0.0 - +24.0dB
Soft Knee 0/5/10/15/20dB

Auto Level Tracking

Time Constant

0.1 - 100s

Listen Mode

Mix / Inside / Outside

Processing Mode

Trigger

Band / Wide

Audio

Band / Wide




11 Onboard Preset Manager

The Oxford SuprEssercomes equipped with its own onboard Presets Manadpch is
displayed at the top of the plug-in window, as# host created it. The reasoning behind
this is to allow increased portability of your peesacross all the host applications, while
also providing a consistent and versatile interf&hile most host platforms allow
creation and loading of presets, these host-crgateset files are not portable between
different platforms. With the new presets managexford plug-ins, you can create a
named preset on one platform and load it on areifiteplatform.

On Windows XP, the default directory for the fagtpresets provided with the Sonnox
Oxford SuprEsseris located at:

C:\Program Files\Sonnox\Oxford Plugins\Preset§NativeOxford SuprEsser

On Mac OS-X systems, the default directory forfieory presets provided with the
SonnoxOxford SuprEsseris located at:

/Library/Application Support/Sonnox/Oxford Plug-Ins /PresetsNativelOxford SuprEsser

And the presets are also written to the user-domgirvalent (in case more than one user
requires private presets) at:

/Users/username/Library/Application Support/SonnoxOxford Plug-Ins/PresetsNative/Oxford SuprEsser
See Section 10.1 “Organising Presets with Multipéers” for more information on this.

It is recommended that you create a subdirectotyimvthis factory-preset directory to
store your own presets. You can do this when y@e gaur first preset, or by using a
window browser in Windows XP. If you wish, you caorganise the factory presets
along with your own presets into any hierarchigeg¢ctory structure that reflects the way
you work. It is recommended that you adopt a cotigario help you navigate more
intuitively, such as giving directory names all eppase letters. Either way, when you
click theLoad button of the presets manager, you will be presknith an
alphabetically-sorted hierarchical menu of the ladeé presets that reflects the directory
structure you have chosen, and you can navigateémel to choose which one to load.
Once a preset is loaded, its name will appearariaige text display window in the
middle to remind you where the current settinggionated.

ThelLoad Next andLoad Previousbuttons, labelled ast” and “”, will step forwards
or backwards through the hierarchy of presets,iftgathem. This allows quick



comparisons, or quick stepping. Successive clickingpe Load Next button will step
through every preset in every directory beneattctineent directory (see “Browse”
below for selecting the current directory.)

The Savebutton allows you to create a new preset fronctiveent settings of the plug-

in, and allows you to select where in the directstrycture you wish to save it. The name
of the preset is the same as the file name youigi@icking on the Save button brings
up a menu allowing you options either to overwitiite current preset now, overwrite the
current preset with a query request, or createxapmeset:

TheBrowse button allows you to set the current directoryotk in for presets. By

default this will be the factory presets directdoyt you can temporarily change it to
anywhere you want. The current directory is regam@ethe top of the directory structure,
so wherLoad is clicked, the menu presented will include evengset in every
subdirectory beneath the current directory.

TheDeletebutton allows you to delete a preset. By defdhé#,factory presets are created
as read only files, thereby preventing accidengdtibns of factory presets.

The A/B button allows you to compare two sets of settinigl a single click. Whenever
this button is clicked, the current settings areedanto a backup store, and the contents
of the backup store moved to the current settilmysally, the backup store is loaded
with the default state of the plug-in on start-sp,use of the A/B button will compare
whatever plug-in settings you have created to #faudt settings, which will usually be
equivalent to comparing the audio with and withthét plug-in affecting the sound.
However, if you switch to the default settings ahdnge them, this is what the other
settings will be swapped or compared against. Tihei$\/B button allows you to quickly
compare the audio with and without the plug-inc@mpare one setting against another.

TheA/B button also has a menu beneath it that is accégselicking on the A/B button
and holding the click for half a second. This suéamnallows you to copy the current
settings over into the backup store so that yousgac the two together before making
some changes for careful comparison of sounds:



The displayedPreset Nameis fully linked into the VST program name so teaving and
restoring the project on the host platform will sand restore the preset name. When a
project is restored, the preset manager will attamfind the preset name given to it in
the preset directories so that “+” and “-” will vkofrom that point on.

By default, the displayed Preset Name will incladgath down from the current
directory so that you can tell which subdirectogyraset comes from. You can turn this
option off using the main plug-in menu optiDrsplay Preset Path NamesYou may

wish to do this, for example, if you have deeplgted directories of presets, and there is
not enough room on the plug-in display to fit btite path and the name.

The Preset Name displays a “*” at the end if thérsgs have been altered in any way
over the original loaded settings.

11.1 Organising Presets with Multiple users

If multiple users will be using th@xford SuprEsserinstalled on a single computer, then
the best idea is to copy the factory presets ingtaee belonging to the individual user,
and set the root directory of the presets managpoint to this new directory. This root
directory will be saved uniquely for each userusage by other users will not disturb the
preferences of an individual user. Personal presetgshen be made in a subdirectory of
the root directory. This way, each user has them oopy of the factory presets, and their
own private presets.

11.2 Mono, Stereo and Mono->Stereo Versions

The Oxford SuprEsser automatically detects whether Stereo or Mono djmeras called
for by requesting the number of input and outpuli@eghannels from the host. With
one-in one-out, mono operation is selected. With-imvtwo-out, stereo operation is
selected. With one-in and two-out, stereo operati@elected and the single input is
automatically duplicated to both DSP channels.

11.3 Presets

The installer places the factory-supplied pregatstwo locations — firstly, as VST
presets into the default place for the OnboardeRsddanager to see

(Nlibrary/Application Support/Sonnox/Oxford PlugiRsesets/Native), and secondly, as
Audio Units presets into the default place for lootp see (/library/Audio/Presets/Sonnox



(AU Native)). This allows you to use either of themsechanisms for loading factory
presets.
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Platform Specific Supplement

13 Supported Platforms

Pro Tools (RTAS, Mac UB)
Pro Tools (RTAS, Windows)
VST Native (Mac UB)

VST Native (Windows)
Audio Units Native (Mac UB)

14 System Requirements

For latest System requirements, pleaserxse&.sonnoxplugins.com

Pro Tools
- Windows XP or Apple Mac OSX 10.4 or higher

- Approved Digidesign CPU and hardware configuration
- Pro Tools LE, M-Powered or HD

- iLok USB key, loaded with the appropriate authatins.

VST Native
- Windows XP or Apple Mac OSX 10.4 or higher

- VST compliant host application (e.g. Nuendo, Cebableton Live, Acid, etc.)
- iLok USB key, loaded with the appropriate authatisns

Audio Units
- Approved Apple CPU and OSX 10.4 or higher

- Audio Unit Host application

- iLok USB key, loaded with the appropriate authatitsns



15 Installation and Authorisation

All Versions

You will need to authorise your software by transfey the licence for your product
from your iLok account to your iLok before use.

CD/DVD/Media Pack purchases: you can do this bipfahg the authorisation links
provided after registration of your plug-in.

Online purchases: you can do this by followingdl¢horisation links sent in your order
confirmation email after purchase.

Pro Tools (Macintosh)
Double click the installer icon for your producthiegin. Follow the on-screen prompts.

The installer will search for the ‘/Library/Applitan Support/Digidesign/Plug-Ins’ folder (OSX).ffund,
the plug-in will be installed to this location; ettwise, an error will be reported.

You will need your authorised iLok plugged intoragf USB port on your machine at all times whengisin
the plug-in.

Pro Tools (Windows)
Begin installation using the setup menu (CD purebpsor double click the installer icon for youpnguct.
Follow the onscreen prompts.

The installer will place your plug-in into ‘<X>:\Bgram Files\Common Files\Digidesign\DAE\Plug-Ins\’,
where <X> is the drive containing your Windows dixy.

You will need your authorised iLok plugged intorad USB port on your machine at all times whengisin
the plug-in.

VST Native (Windows)

Double click the installer icon for your producthiegin, and follow the onscreen
instructions.

When the plug-in is installed, the setup prograith atiempt to detect your shared
‘VSTPIlugins’ directory. However, you may also selanother location if desired. The
default installation location is.\VstPlugins\Sonnox Native.

Audio Units (Macintosh)

Double click the installer icon for your producthegin. Follow the onscreen prompts.
You will need your authorised iLok plugged intorad USB port on your machine at all
times when using the plug-in.



16 Pro Tools Specific Features

TheOxford SuprEssersupports all features normally supported by OxIRIAS plug-
ins. This includes highlighting of the controlsimdorm about the automation status, and
exporting of the gain reduction meter to the Prol¥eneter manager so that, for
example, it can be placed onto the meter-bridgerotary control of the Icon console if
desired. Also supported is click-free delay-comp#es bypass operation, and correct
“compare” button functionality.

The Onboard Preset Manager bar at the top of thESRalug-in can be disabled
(Hidden) or Enabled (Visible). This manager is vesgful for artists/producers who
prefer to create music in Logic, and then mix ino Pools. The onboard preset manager
allows you to import presets made in Logic into phég-in in Pro Tools, or vice versa.

To disable or enable the preset manager, go tmérm beneath the Sonnox button,
select the "Enabled Onboard Preset Manager”, arddlose and reopen the GUI.

Under Pro Tools the following modifier keys / mowusanbinations apply:

Click/ Left-click = normal adjustment

Alt + Left-Click = set to default value
Apple + Left-Click = fine adjustment
Right-Click or Right-Click + any modifier = fine adgtment

Jogwheel = normal adjustment
Jogwheel + Apple = fine adjustment

Ctrl + Alt + Apple + Click = Bring up automation me.

Please note the jogwheel support is an unusualkelgome addition to Pro Tools
functionality.

17 VST and Audio Units Specific Features

Left-Click = normal adjustment
Apple + Left-Click = set to default values
Shift + Left-Click = fine adjustment

Right-Click or Right-Click + any modifier = fine adgtment

Jogwheel = normal adjustment
Jogwheel + Shift = fine adjustment



