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Introduction 

DR-1 EQ. is a complete dynamic equalizer, capable of satisfying any need, from the most complex 

to the simplest, to obtain a corrective, creative and qualitative process. 

It can work both as a static and dynamic equalizer. 
 
It works on psychoacoustic principles of tone and dynamic really perceived, so as to obtain a 
processing that is closest to the sound we want to obtain. 
 
Supports resolution up to 384KHz / 64 Bit FP. 
 
The presence of different spectrum analyzers allows to improve the processing precision according 
to the type of work being performed. 
 
The presence of 32 Floating Bands, including the possibility of making the frequency and the cut 
slope dynamic, allows to create unprecedented customizable equalization curves, adaptable to the 
input sound spectrum. 
 
The best digital filters have been selected for this equalizer. 
 
The ability to work as a FIR or IIR equalizer allows you to use the equalizer in different contexts 
(for example Studio / Mastering or Live). 
 
It is possible to work in full digital domain or to simulate an analog processing. 
 
This equalizer allows you to work with Cleaning, Leveling and Smoothing processing at the same 
time, so as to eliminate the use of multiple equalizers and dynamics processors to obtain the same 
result, significantly improving the processing quality, eliminating all the errors that occur in the 
inserting multiple plugins in cascade and also minimizing the required CPU load. 
 
Thanks to the presence of numerous spectrum and dynamics analysis tools, it is possible to reach a 
precise and rapid level of processing, also useful in a live environment. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 



Why Use a DR-1 EQ. 

 

DR-1 Equalizer is a working method that allows to reach a more precise level of audio signal 
processing and merit according to the needs of those who use it. 
 
The standard dynamic equalizers work with a cut-off frequency, and fixed center frequency, but 

this does not consider the real movement and change of state of the bandwidth dynamically 

expressed by the instrument over time. The DR-1 filters can be made to work both at a fixed 

frequency and slope, and automatically by adapting to the incoming audio spectrum, and this 

brings a higher quality processing perceived much more transparent. 

For greater clarity, a natural sound emitted by a lower level musical instrument occupies a more 

limited "perceived" tonal space compared to the same sound emitted at higher intensity (fig. 1), 

this is because many of the harmonics generated remain at low level and masked from perception 

by higher intensity tones, from the ambient noises, from the tone and dynamics of the other 

instruments in the mix. At higher intensity, on the other hand, there is also a greater perceptual 

emphasis of all tonal harmonics and this impoverishes the precision of equalization and basic 

dynamic settings set for example at low energy levels. 

n.b. We talk about the difference in energy level naturally emitted by the instrument itself 

according to its dynamic and tonal variables, and not to raise or lower the energy level of a 

recorded sound. 

In addition to this, especially in reference to a percussive and resonant instrument such as bass 

drum, tom and eardrum of an acoustic drum, the more you "hit" with force and decision on the 

beating skin and the more the fundamental takes on value compared to the resonant harmonics , 

obtaining a sound with a short attack and percussive perception, on the contrary the sweeter and 

more delicate the touch and the less the fundamental will be expressed, with an energy level 

closer to the resonant harmonic one, and for which, after adequate pre-amplification, translates 

on a perceptive level into a sound with a slower, resonant and harmonic attack. 

At the spectrum level in plotting natural harmonic decay, in this example (fig. 2) considering Low 

Cut filtering, a higher fundamental level accompanied by a faster attack expression indicates a 

steeper natural cut slope, on the contrary, for a more harmonious and resonant sound, the cut 

slope is generally softer. 

This indicates the need for adaptive processing, so as to allow the maintenance of a natural and 

transparent processing. For example, if I tare the cutoff frequency and slope to clean up 

qualitatively and transparently following the natural cut (Low Cut) of the instrument itself at lower 

energy expression levels, I will have a greater and in some cases undesired cut on frequencies and 

harmonics present when the energy value emitted by the instrument is greater (fig. 3), or in any 

case it will always be an averaged value if the cut and slope are positioned at an intermediate 

value between the changes in the tonal and dynamic state of the sound emitted by the 

instrument. 

 



If I adjust the cut-off slope of the filter in use to a softer value to transparently follow the natural 

decay of the harmonic spectrum, I will have that, when the execution will be of greater intensity 

and in which the fundamental takes on greater energetic value than the harmonics, naturally 

having a steeper decay, there will be an unwanted cut in some cases of the energy level of the 

fundamental and of all those harmonics that go beyond the set cut slope. 

This philosophy in a more complex and articulated way is also applicable to the Shelving and 

Parametric filters, and for this reason make the DR-1 a unique dynamic equalizer of its kind. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 



Plugin includes: 

 

EQ SECTION 

 

32 Activatable floating band filters. 
 

Independent filters that can be set to choose between automatic or manual (both cutoff 
frequency and slope for Cut Out and only Automatic Slope for Shelving and Parametric). 
 
Cut Out Filters Selectable from: Butterworth, Bessel, Coincident, Legendre. (with possibility to 
change frequency cutout and slope). 
 
Shelving Filters Selectable from: Symmetrical Filter (Butterworth, Baxandall), Asymmetrical Filter 
(Pultec Boost, Pultec Cut), T-Filter. (with possibility to change Giro frequency and slope). 
 
 
Parametric Filter Selectable from: Symmetrical Filter, Asymmetrical Filter, Costant Filter. (with 
possibility to change Center frequency and slope f1 and f2 independent). 
 
 

n.b. for Creator 

The Floating Band filters can be activated at the user's choice, for example, by clicking on an 
empty space in the plugin, a new filter is created, up to a maximum of 32. 
 
It is possible to choose whether to make the cutoff frequency (CutOut), Lap (Shelving), F1 and F2 
or bandwidth (Parametric) automatic or manual, independently filter by filter. 
 

It is possible to choose whether to make the cutting slope of the CutOut, Shelving, Parametric 
filters automatic or manual, independently filter by filter. 
 

- Cut Out 

The filter with the cut-off frequency set automatically monitors the peak of the lowest 
fundamental (for Low Cut) and highest fundamental (for High Cut), followed by the natural decay 
of the spectrum creating an imaginary slope curve, when this curve is shifts towards lower 
frequencies means that probably the audio spectrum has a greater intensity and / or emits a 
sound with a wider bandwidth often concentrated in that frequency band, consequently the cut-
off frequency also shifts following the movement of the imaginary cut-off frequency so realized. 
Same goes if you move upwards, being able to qualitatively attenuate a larger portion of the 
band.The filter with slope set automatically takes into account the peak point of the cut-off 
frequency and the lowest point of the natural cut of the input spectrum. 
 
n.b. The starting reference cut-off frequency is always the one selected by the user. 
 



1st option: the automatism establishes the natural cut slope, and this changes its status (between 
6 - 12 - 18 - 24 - 30 - 36 - 42 - 48 - 54 - 60 - 66 - 72 - 78 - 84 - 90 dB/Oct. Through a sensitivity 
regulator it is possible to decide whether to change the slope only effectively when that value is 
reached, for example at 12 dB/Oct, or as a percentage, define the threshold beyond and below 
which the change of slope. 
 
2nd option: the automation does not refer to any cutting slope, but is created automatically 
following the natural decay curve of the audio spectrum, through a sensitivity control it is possible 
to define how frequently the change of slope follows the state of natural slope of the input 
spectrum. 
 
 
- Shelving Filter 
 
The same goes for both the boost and the cut. 
 
By setting a Giro frequency, if the spectrum tends to a Boost with a wider Bandwidth that 
coincides with a higher energy value, the frequencies first attenuated by the filter slope would 
require a steeper cut to keep the perception of processing constant. Same thing for the 
attenuation. For example in a basic setting that attenuates with Slope 6 dB / Oct, if subsequently 
the level of the energy signal in the band filtered by the Shelving takes + 6 dB I will have that the 
proportional cut-off attenuation will be out of phase by 6 dB, so what I attenuated for example of 
12 dB it will now undergo an attenuation of 6 dB, and for this reason it needs a double slope order 
(12 dB per octave) in order to obtain a natural and transparent cut according to the required 
processing. 
 
n.b. The starting reference Giro frequency is always the one selected by the user. 
 
The Slope automatism takes as a reference the imaginary curve created considering the energy 
level of the Giro frequency and the average decay level if in attenuation or uphill if in amplification 
of the frequency band in addition to that of frequency Giro affected by the Slope of the Shelving 
filter (therefore above the Giro frequency for Low Shelf, and below the Giro frequency for High 
Shelf), again in reference to the input signal. If the user sets a slope of 6 dB / Oct., When the signal 
in the affected decay band exceeds the signal level previously contained in the decay of 6 dB / Oct 
by + 6 dB, the slope of the filter goes to 12 dB / Oct. 
  
The same speeches proposed with 1st option and 2nd option apply in the Cut-Out Filters, only in 
relation to the Shelving filters. 
 
 
 
 
 
 
 
 
 
 



- Parametric Filter 
 
Same automation philosophy of the cutting slope seen for shelving. 
 
The same goes for both the boost and the cut. 
 
Parametric filters must be able to have independent control of the slope of the upper and lower 
frequency, so as to create a customized filtering curve and the same will be used for automation. 
 
n.b. The starting reference Bandwidth frequency is always the one selected by the user. 
 
 
The same speeches proposed with 1st option and 2nd option apply in the Cut Out Filters, only in 
relation to the Parametric filters. 
 
 
n.b. It is possible to decide whether to use peak or RMS values as a reference for automation. 
 
n.b. The curves of the various filters must always be represented graphically in the plugin, 
highlighting both the single filter curve and the overall one from the interaction of all active filters. 
 
 
Eq. Option 
 

- Set the Plugin between: Static Eq (when only filter are related to the equalizer are visible 
and controllable), and Dynamic Eq (where all the parameters are settable). 

- Each inserted filter can be eliminated as well as bypassing it. 
- When a new filter is generated, it is set with the same parameters as the previous one (in 

any case it is possible from the settings to decide whether to do this option or load it as a 
reset to the default state. 

- Solo, for each activated filter. 
- Bypass All or Single Band Filter 
- Reset All Filter. 
- Delete all filters or selection sets at once. 
- Listen to each filter in solo. 
- XOVER filter to use it as a multiband processor (Butterworth, Bessel or Linkwitz-Riley Filter) 
- Possibility to create a snapshot of the frequency response curve. 
- Possibility to decide if the filter works on L, R, L + R, M, S, M + S. 
- Frequency Band (from 5 Hz to 22.000 Hz, so as to exploit even the widest bandwidth 

expressed by modern studio and mastering monitors, also requiring the lowest controlled 
frequencies for the management of the LFE in the cinema). 

- Zoom to selected bandwidth. 
- Q (0 – 90) 
- Piano Roll (classic position) below the plugin chart and above the filter manager. Through 

which you can select the precise desired frequency based on the note. On/Off. 
- FLAT Band Filter to use it as a fullband processor in Second Processing Section (see later). 
- Shift for move entire or selected Bandwidth simultaneously. 

 



Advanced Eq. Option 
 

- Possibility to choose whether to use FIR filter (between Linear Phase and Minimum Phase) 
or IIR. In the FIR Filter possibility to change Resolution. Window where you can see the 
latency of the audio signal based on the chosen settings and in relation to the sampling of 
the audio file being processed. 

- Range and Gain (possibility to choose a scale of values for the processing. Setup Mastering: 
-6 / + 6 dB, Studio Setup: -18 / + 18, Personal Setup: user settable with max level: -30 / + 30 
dB). Depending on the setting, the dB scale of the equalization and RTA graph display must 
be adapted so as to be able to show all the gain and range possible. 

- Set EQ. Option and State from Normal to Spline. 
 
n.b. The Spline Curve comes from the 3D world (see programs like Rhino 3D that use Spline curves, 
and is based on curve modeling by controlling points). 
The line that goes from one point to the previous and next point is always connected and 
dependent on the movement of the point itself. This allows you to create much more complex and 
customized curves. Insert a Grade Curve control for control the softness of the curves Point by 
Point. 
 

- For the spline curve it is possible to choose between two work modes: Control Point and 
Interpolation Point (See Rhino 3D for how a curve works by control points and 
interpolation of points. 

- It’s possible to change the position of single or group point to define a more or less wide 
control bandwidth with the use of fewer active points. 

- In Spline Mode insert Match Curve Option through which option it is possible to finely copy 
the equalization of an input audio spectrum. Insert a morph and resolution control for 
customize the precision and quality process. 

- For Insert a Point is possibile to Click one generated point at a time or insert a value of 
points chosen. 

- It’s possible to drag the mouse and the points automatically set to the value the mouse is 
at. 

 
 
 

DYNAMIC SECTION 
 

- Threshold Knob (0 dB to -60 dB) 
- Threshold Shift (Auto or Manual), (this parameter if Auto, allows to perform a 

simultaneous shift of the threshold values)* 
- Range Knob 
- Attack Knob (0 -  500 ms) 
- Release Knob ( 5 – 5000 ms), (Manual or Auto Release). 
- Auto Gain (standard, ITU-1770) 
- Sidechain (Internal, External) 
- Sidechain Solo 
- M/S or L/R Sidechain Process 
- Sidechain EXT to selected Filter. 
- Split and Wide processing individual per band. 



- Threshold Line (line that visually identifies the position of the Threshold) 
- For each band it is possible to choose between Transient and Dynamic Mode. If Dynamic 

there will be the dynamic controls listed up to here, while if Transient there is a Look 
Ahead control. In Live Version there is no Look Ahead but the Attack and Release are 
limited to 20 ms. 

- Sidechain Int- EXT Eq. (for processing the internal or external signal), On/Off. 
- SC EXT-MIX (Parallel Process between the external and internal sidechain signal. 
- Second Dynamic Section ‘ 

 
* The Auto Threshold Shift allows you to compensate for gain variations in cases where mixing 
techniques are used by keeping the Fader Mix at 0 dB and leveling through the Gain. This 
therefore leads to a phase shift of the peak and transient values in relation to those set by 
Threshold. +2 dB of Gain must match + 2 dB of Threshold. 
 
‘ The second section works after the dynamic equalizer, and allows the plugin to work both as a 
multiband processor and dynamic equalizer and as a Wideband processor, it is to be activated, 
enabling the Flat filter, and in which it is then possible to work with the same dynamic parameters 
of the 'equalizer. 
It is possible to disable the dynamic equalizer to work only as a Wideband processor. 
It is possible to flip the Second (wideband processor) and the First Section (dynamic equalizer). 
 

- For Spline Eq. Mode is possible to selected the range of point interested in dynamic 
processing, thus being able to create different bands, each bands with its own dynamic 
processing stage. This can for example help to define different frequencies on different 
bands to have a common dynamic processing without having to copy it, for example by 
processing highs and lows with the same threshold level and ratio. 

 

 
 
Advanced Dynamic Option 
 

- GR Ceiling (On/Off and set the dB limit for amplification). 
- GE Deadband (On/Off and set the dB limit for attenuation). 
- LIN and LOG processing. 
- Hysteresis (On/Off and Setting Value). 
- Knee Attack Curve (Possibility of setting the compression curve, which goes from 0% in 

which there is no processing until the end of the attack, optimal for processing at a specific 
time, to 100% in which the maximum processing has just exceeded the threshold, optimal 
for transient processing,). 

- Knee Release Curve (same speech as Attack Knee but independent for the Release phase). 
- Release Hold (Keeps compression constant even after the signal returns below the 

threshold. 
- Clip Limiter (If ON, limit the Clip signal). 

 
 
 
 
 

 



Graph Option 
 

- Source (possibility to monitor the input signal between L-R on two separate spectral band, 
only L, only R, same speech for M-S). 

- Response: (RMS, Peak). 
- RTA (optimal for equalization process), (Peak, RMS, Banding from Octave to 1/24th), 

(Averaging Speed from Slow to Impulse), (average Line and Peak Line snapshot where you 
can set the refresh, so how often it is updated, such as only when it is passed and for how 
long it remains imprinted), (Pre Processing, Post Processing, SC). 

- Spectrogram (optimal for noise resonance detection and different analysis methods for 
equalizer calibration and dynamic parameters). 

- Audio Signal Specrum (optimal per the calibration of the dynamic parameters). 
- Coordinates (Mouse/Cursor coordinates are displayed to indicate Frequency/Note with 

RTA’s dB value.) 
- All Graph with possible to fixed Snapshot View for a more accurate analysis in which the 

mouse pointer has to provide indications on frequency, dBFS level and if possible also the 
dynamic zone in which it is located (Transient, Sustain, Release). 

 
Meter and Monitor  
 

- I/O Meter 
- Possibility to choose between Digital Peak Meter (Oversamplig), VU Meter, LUFS Meter 

EBU R-128 or ATSC-A/85) ISP (Inter Sample True Peak Meter). 
- Side Chain Input Meter 
- Scale (user settable down to a minimum from 0 dBFS to - 20 dBFS, and maximum from 0 

dBFS to - 100 dBFS. 
 

- Put monitor that detects Apparent Fundamental (which is the maximum energy level given 
after the microphone shot and this at the level of RTA analysis, can modify the natural 
tonal expression of the instrument on a graphic level, in which for most cases it is the 
fundamental that has the maximum energy value), its monitor the frequency and its level 
in dBFS. If the peak coincides with more than one frequency, all frequencies at that peak 
level or range are indicated if they are on adjacent bands.  

 
- Put Apparent Transient Time Monitor (attack - decay). The Attack Time is the time that 

goes from the threshold level to the maximum peak. The Decay Time is the time that goes 
from the maximum peak to the Threshold level. Put Instantaneous and Average values. 
 

n.b. consider inserting a tolerance knob. 
 

 
- Put Apparent Sustain Time Monitor. The values indicate the Start which represents the 

time in which the average energy value begins to be stable starting from when the signal 
exceeds the threshold, and the Stop which indicates the time in which the average energy 
value begins to drop. Put Instantaneous and Average values. Indicate the energy dBFS 
value of the Sustain. 

 

 



n.b. consider inserting a tolerance knob. 
 
 

- Put Apparent Release Time Monitor. The values indicate the Start which represents the 
time in which the Sustain ends starting from when the signal exceeds the threshold and 
the Stop which indicates the time in which the sound decays by a settable energy value, by 
default I would do - 60 dB from the Sustain Stop. Put Instantaneous and Average values. 

 
n.b. consider inserting a tolerance knob.   
 
n.b. The Apparent Time is the actual processing time, which occurs precisely when the signal is 
above the set threshold. Consider inserting a tolerance check. 
 

- It’s possible to enable the meter area to turn orange when the signal is close to the clip and 
red when it goes into the clip. 

 
 

Other Tools 
 

- Mono version 

- Stereo version 

- M/S Version 

- Link or Unlink Processing 

- Mix for Parallel Processing (Percentage Knob Value) 

- Output Gain 

- Set Oversampling Value for Processing (max x8). 

 

Notes Author for Creator 
 
This document and its contents are the property of Davide Ruiba and cannot be reproduced, 
copied or modified in any way. In case of interest, the development of the plugin and its features 
are at the exclusive agreement of both parties. 
 
Davide Ruiba 


