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ABSTRACT

Conveying auditory distance in a digital audio workstation requires
balancing several uncoupled tools (reverb, gain, equalization, pre-
delay) by hand, a workflow that is cognitively demanding and
easily produces spatially incoherent results. We demonstrate a
real-time VST3 plugin, that derives five correlated distance cues
from a single normalized control and keeps them mutually co-
herent by construction, grounded in the psychoacoustics of au-
ditory distance perception. A headphone listening test with 18
participants showed that the coupled renderer roughly halves dis-
tance placement error relative to an uncoupled manual mix and
was unanimously preferred on composite spatial quality. Users
sweep one knob and hear sources move convincingly from near to
far on multitrack material, compare the result against a manual un-
coupled mix, and toggle an optional binaural externalization stage.
Source code is available on github1.

1. INTRODUCTION

Auditory distance is a holistic percept: listeners fuse several cor-
related acoustic cues, with the direct-to-reverberant energy ratio
(DRR) dominant in enclosed spaces, supported by sound inten-
sity, high-frequency air absorption, reverberation onset time, and
a level-dependent spectral tilt [1, 2, 3]. These cues reinforce one
another, so combining DRR and intensity yields more reliable dis-
tance judgments than either cue alone [4]. Conversely, when the
cues disagree, listeners perceive the result as spatially unnatural
even when they cannot identify the specific cause of the inconsis-
tency [5].

In contemporary music production, these cues are nonetheless
manipulated through independent plugin instances with no intrin-
sic coupling. Placing a source at a perceived distance means ad-
justing reverb send, high-frequency roll-off, gain, and pre-delay
separately and by ear. While directional localization is extensively
served by binaural technologies [6], distance rendering has re-
ceived comparatively little attention in production tools, and no
existing commercial tool couples all five cues through a single
physically grounded parameter.

This demonstration presents a renderer that removes that bur-
den by exposing distance as a single normalized parameter d and

1https://github.com/stefbil/distance-space
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deriving all five cues from it through physically and psychoacous-
tically grounded mapping functions. Cue coherence thereby be-
comes an invariant of the system rather than a property the engi-
neer must maintain by judgment. The renderer is a cross-platform
VST3 plugin implemented in JUCE [7, 8], simulating a 1m to
20m range with an optional binaural stage for headphone exter-
nalization.

2. SINGLE-PARAMETER DISTANCE RENDERING

2.1. Cue mapping

Let d ∈ [0, 1] denote the normalized distance parameter, mapped
to physical distance

r(d) = 1 + d (Rmax −Rref) = 1 + 19d (m), (1)

with Rref = 1m and Rmax = 20m, a span chosen to match the
staging depths typical of musical scenes. All five cues derive from
r(d). Source level follows the free-field inverse-square law [9],

G(d) = −20 log10
(
r(d)/Rref

)
(dB), (2)

subtending 26 dB across the control range. The reverb wet level
follows a square-root law approximating the power-law relation
between DRR and perceived distance established by Zahorik [1],

W (d) = Wmax

√
d, Wmax = 0.45, (3)

and is mixed against the dry path with a constant-power crossfade
(Gdry =

√
1−W , Gwet =

√
W ) so that energy is preserved

during distance sweeps [10].
High-frequency air absorption is rendered by a Butterworth

high shelf whose gain is linear in d, reaching −14 dB at d = 1,
and whose corner frequency sweeps logarithmically from 8 kHz
to 2.5 kHz, matching the logarithmic frequency resolution of hear-
ing [11]. The attenuation is deliberately hyper-real, exceeding the
physical ISO 9613-1 prediction over these distances [12], which
listeners tolerate and indeed expect for musical material [13]. Re-
verberation onset is controlled by a pre-delay τ(d) = 30ms · d,
used as a production-oriented depth cue with its ceiling at the echo-
perception threshold [14]. Finally, a 2.5 dB parametric peak at
300Hz (Q = 1) compensates the spectral thinning of distant, qui-
eter sources predicted by the equal-loudness contours of Fletcher
and Munson [15] as revised in ISO 226 [16]. Table 1 lists the
mapped values at representative d.

The five mappings are structurally heterogeneous: shelf gain
and pre-delay are linear in d, whereas intensity, wet level, and shelf
frequency compress the distance axis in physically or perceptually
motivated ways (Figure 1). As a result, the dominant character of a
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Table 1: Mapped DSP parameter values at representative values of
the distance parameter d, computed from the mappings of Sec. 2.1.

d Gain (dB) HF Shelf (dB) Shelf (Hz) Wet (%) Pre-delay (ms)

0.00 0.0 0.0 8000 0 0.0
0.10 −9.2 −1.4 7122 14 3.0
0.25 −15.2 −3.5 5981 22 7.5
0.50 −20.4 −7.0 4472 32 15.0
0.75 −23.7 −10.5 3344 39 22.5
1.00 −26.0 −14.0 2500 45 30.0

Figure 1: Normalized cue magnitudes as a function of the distance
parameter d (bottom axis) and corresponding physical distance r
in meters (top axis). Each curve is normalized to unity at d = 1.

distance step shifts from level-driven near the listener to reverber-
ant and spectral at far range, consistent with the finding that DRR
and spectral cues gain relative weight with distance [4, 2].

2.2. Signal topology

The processing chain (Figure 2) follows a parallel direct/reverberant
topology after gain and spectral shaping. The reverberant branch
is a stereo pre-delay ring buffer followed by a wet-only Freeverb
stage [17], whose room size scales with d and with a discrete
Small/Medium/Large selector; the constant-power dry/wet law
of Sec. 2.1 is applied at the final mixer. All mapped targets are
smoothed before each stage, so automating d produces artifact-free
sweeps with no zipper noise.

An optional binaural stage, intended purely as a headphone
externalization layer rather than a direction-resolved renderer, con-
volves the direct path only with ear-specific KEMAR impulse re-
sponses [18] (user impulse responses may be substituted), keep-
ing the diffuse field outside the HRTF. Its contribution is blended
in with a sigmoid weight centered at d = 0.5, so externalization
emerges gradually in the perceptually intermediate range.

3. INTERFACE AND DEMONSTRATION

The interface (Figure 3) is organized around a single large distance
dial, labeled in meters, alongside the discrete Room Size selec-
tor and the HRTF toggle. The right-hand panel gives live visual
feedback that is decoupled from the audio thread: the composite
EQ curve, a signal scope, and cue-activity indicators that show
how each cue responds as the single control moves. This makes
the otherwise hidden cue coupling directly observable while it is
being heard.

Figure 2: Real-time signal topology. The reverberant branch is
stereo and non-directional; optional binaural filtering applies to the
direct path only, and the two branches recombine under a constant-
power law.

Figure 3: Plugin interface. A single distance dial drives all five
cues; the cue-activity display makes the coupling visible as the
control moves.

Users can interact with the plugin hands-on through three short
activities:

Starting from prepared multi-track sessions, visitors move the
single distance control and hear individual sources travel coher-
ently from near to far, including during live automation.

A toggle compares the coupled renderer against an uncoupled,
manually staged version of the same scene, the same contrast used
in the listening test of Sec. 4, making the difference in spatial co-
herence immediately audible.

Over headphones, users can switch the binaural stage on and
off and, if desired, load their own HRTF impulse responses or
stems to place in the scene.

Throughout, the cue-activity display and live EQ curve let
users watch the five cues update together, reinforcing the central
idea: one gesture, one coherent distance percept.

4. EVALUATION

The plugin has been evaluated both technically and perceptually;
we summarize the headline results here, with further data and anal-
ysis in the repository.2

The spectral stage reproduces its analytic target curves with
a maximum deviation below 0.005 dB across the spectrum, far
below the ≈0.5 dB just-noticeable difference for broadband level

2https://github.com/stefbil/distance-space
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Table 2: Distance accuracy on the shared three-source music
scene. MAE is in slider points (0–100); ρ is mean Spearman cor-
relation between rated and intended distances; Order is the propor-
tion of trials preserving the near-to-far source order.

Condition MAE Mean ρ Order correct

Plugin (coupled) 7.3 0.86 89%
Baseline (manual) 15.3 0.56 50%
Anchor 40.3 −0.22 17%

changes [19]. Running as a VST3 instance at 48 kHz, CPU load
stays at 1.5% to 2.5% without the binaural stage and peaks near
10.5% with it enabled (worst-case block size), well below a 20%
real-time ceiling. Latency comprises the intentional, distance-
dependent pre-delay plus a fixed 10.7ms partition latency when
the binaural stage is active.

A remote headphone listening test (N = 18; nine audio en-
gineers, four musicians, five non-experts) compared the coupled
renderer (plugin) against an uncoupled manual-style mix (base-
line), a degraded mono anchor, and, for quality ratings, a hid-
den commercial-style reference mix. In the distance task on the
shared three-source music scene (Table 2), the renderer roughly
halved mean absolute placement error relative to the baseline and
raised both rank correlation and near-to-far ordering accuracy. On
composite spatial quality (mean of immersion, externalization, and
spatial realism), the plugin was preferred over the baseline by all
18 participants.

5. CONCLUSIONS

We demonstrate a VST3 plugin that turns auditory distance into
a single, automatable control by enforcing cue coherence as a
system invariant, and whose benefit over conventional uncou-
pled staging is supported by a listening test. The demonstration
lets users experience that coherence directly, hands-on and over
headphones. Ongoing work extends the diffuse field toward a
de-correlated, room-anchored binaural model and calibrates the
cue mappings against physics-based room simulations.
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