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ABSTRACT

Shimmer reverberation is an effect used in music production to de-
liver ethereal, pitch-shifted textures and evolving ambient sound-
scapes. This paper explores the synthesis of shimmer effects using
the feedback delay network architecture, a popular real-time rever-
berator. We propose five distinct approaches for integrating non-
linear and time-varying operations into the feedback loop, focus-
ing on expanding the harmonic content while adhering to energy-
preservation and stability criteria. Our approach can generate a
wide range of sonic characteristics, from harmonically rich dis-
tortions to musically coherent pitch-shifted reverberation, while
maintaining stability and controllable decay behavior. This work
bridges physically inspired structures with creative, non-physical
audio effect design to support the exploration of novel music pro-
duction tools.

1. INTRODUCTION
Modern music production, especially electronic music, frequently
uses reverb plugins that produce unnatural pitch-shifted textures,
such as the shimmer reverberation effect. This term is often used
to describe a nonlinear artificial reverberator that generates new
harmonics and frequency content beyond the spectral characteris-
tics of the input signal. This paper studies five nonlinear signal
processing techniques to realize unique shimmer reverb effects,
comparing how the different approaches vary in their sonic charac-
teristics as well as in the degree of parameter control they provide.

Pitch shifting and nonlinear audio effects are widely studied
and ubiquitous in music production. Pitch shifters can be used to
correct intonation or harmonize instruments and voices [1]. Mean-
while, nonlinearities are used for dynamic range control and distor-
tion effects [1], to model analog circuits and components [2, 3, 4]
and nonlinear physical behaviors in musical instruments [5, 6, 7],
such as high-amplitude vibrations and string tension.

Among the many approaches to digital artificial reverberation,
delay-based recursive structures are the earliest methods for real-
time implementation [8]. Over time, such structures underwent
various modifications, eventually evolving into the feedback delay
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network (FDN) [9], which has since the 1990s become a widely
adopted algorithm for digital reverberation synthesis [8, 10, 11,
12]. Over the past decade, substantial research has continued to
refine the analysis and design of FDNs, improving control over
perceptually relevant properties such as reverberation time (T60),
echo density, and coloration [13, 14, 15, 16].

Despite these advancements, music production and artistic per-
formance often prioritize non-physical reverb effects for creative
expression. A wide range of plugins explores aesthetics described
as “ethereal,” “lush,” and “dreamy,” deliberately departing from
physical plausibility and allowing reverberation to function as a
secondary synthesizer. Sean Costello’s ValhallaShimmer [17], for
example, aims to reproduce the shimmer effect common in Brian
Eno’s productions by pitch-shifting a reverberated signal, with the
option to reverse it in time. Costello based his algorithm on a feed-
back loop containing cascaded diffusion stages and pitch shifters
[17]. Other popular nonlinear reverb effect plugins include Even-
tide’s Blackhole [18] and ShimmerVerb [19], Soundtoys’ Crystal-
lizer [20], and Kentaro’s Particle reverb [21].

Room reverberation is typically modeled as a linear time-
invariant (LTI) system and characterized by the room impulse re-
sponse [22]. Although atmospheric changes or surface absorption
variations can introduce time variations, these effects are usually
negligible for individual measurements [23]. Nonlinear behavior
may only occur under extreme sound pressure levels or in the pres-
ence of resonant elements that are strongly excited by the sound
source. For this reason, most artificial reverberation algorithms are
based on an LTI system and research on intentionally non-physical
reverberation effects has received relatively limited academic at-
tention. One notable contribution is the work of Abel and Werner
[24], who adapted a modal reverberator [25] to produce a wide
range of pitch, distortion, and envelope manipulation effects.

A nonlinear reverberator based on an FDN structure could of-
fer an efficient alternative that achieves a high modal and echo
density. Besides room acoustics, the sonic capabilities of FDNs
and FDN-like structures have been explored by replacing the de-
lay lines with spring reverb models [26], to create filtering effects
that range from reverb-like sounds to a self-oscillating system, or
by modulating the delay lines to create a vibrato effect [27]. De-
lay modulation has been further explored by Norilo to create cho-
rus, flanger, and pitch-shifter effects [28]. Norilo ensured stability
through soft saturation, which introduces both harmonic and in-
harmonic aliasing components, and provided a limited evaluation
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analysis. Finally, to break temporal periodicity, a common artifact
in FDNs [29], Schlecht and Habets introduced a technique based
on a modulated feedback matrix [30], producing effects analogous
to delay modulation. In this study, we explore FDN capabilities
of producing shimmer reverb through five techniques, and analyze
them in terms of energy preservation and the spectral and temporal
characteristics of the resulting sound.

The remainder of this paper is structured as follows. Sec-
tion 2 defines the problem and introduces the nomenclature used
throughout the paper. Section 3 describes the selected nonlinear
and time-varying operations, and Section 4 analyzes their energy
and stability properties when inserted into a recursive filter. The re-
sulting shimmer reverberators are presented in Section 5, and their
sonic performance is discussed in Section 6. Finally, Section 7
concludes the paper.

2. REVERB MODEL AND PROBLEM STATEMENT
An FDN is a recursive system consisting of delay lines, a set of
gains, a feedback matrix coupling the delay-line outputs with the
delay-line inputs, and attenuation filters controlling the decay rate.
Its response is characterized by

y(n) = c⊤s(n)

s(n+m) = UΓ(n)s(n) + bx(n)
(1)

where x(n) is the input signal, y(n) is the output signal, U is
the N × N mixing matrix, and Γ(n) is a diagonal matrix of N
parallel filtering stages Γi. Here, N denotes the number of delay
lines in m and i is the delay-line-specific index. Vectors b and c
are N × 1 column vectors of input and output gains, respectively,
and the operator (·)⊤ denotes the transpose. The vector s(n) is
the N × 1 output of the delay lines at time index n.

To introduce a shimmer-like effect in the FDN, we could ex-
plore the options depicted in Fig. 1, where NL denotes the nonlin-
ear operation used to produce new harmonics and tones. Fig. 1a
presents the most straightforward method, in which the nonlinear-
ity is applied after the reverberator. Figure 1b presents the pro-
posed approach, in which nonlinear operations are placed in the
feedback loop of an FDN. In this configuration, the output of each
nonlinearity feeds U , which distributes its effect across the FDN
channels, generating distinct sound textures depending on the cho-
sen FDN parameters.

In this paper, we focus on the configuration in Fig. 1b to design
a novel reverberator with a shimmering sonic texture. To ensure
the stability of the FDN, we focus on operations that are nearly
energy preserving, i.e.,

L∑
n=0

|NL(x(n))|2 ≈
L∑

n=0

|x(n)|2. (2)

where L is the length of an arbitrary input signal x(n) in samples.
While lossy operations inherently guarantee stability, near energy
preservation of NL allows the overall energy decay of the response
to remain controllable. In the absence of attenuation filters, the de-
gree of energy preservation must be further constrained to avoid
any increase in the signal energy. Throughout the paper, we as-
sume an FDN with an orthogonal feedback matrix U and attenua-
tion filters satisfying |Γi| < 1. Under these conditions the system
is stable. However, since the nonlinear operation recursively shifts
energy from the original frequency bins to different regions of the
spectrum, the T60 profile determined by Γ is no longer strictly pre-
served, and aliasing artifacts may arise.

Reverb NL

(a) Series nonlinearity after reverberation.

NL3

NL2

NL1

(b) FDN with feedback nonlinearity.

Figure 1: Block diagrams of two options to introduce a shimmer-
like effect using an FDN reverberator. The blocks labeled “NL”
and “Reverb” are placeholders for the nonlinear operation and ar-
tificial reverberation algorithm (e.g., an FDN).

3. NONLINEAR AUDIO PROCESSING METHODS
In this section, we present the different nonlinear operations used
within the feedback loop of the FDN (Fig. 1b) to produce a shim-
mer reverb effect. These techniques, some of which are commonly
used in sound synthesis and audio processing, modify the spectral
content in both harmonic and inharmonic ways. Figure 2 shows
their response to a sinusoidal signal at 1.76 kHz (tone A6). For all
experiments in this work, we use a sampling rate of fs = 96 kHz.

3.1. Controllable Full-Wave Rectifier

We study a controllable full-wave rectifier (CFWR) [31], which is
defined as:

y(n) = gcfwr((1− α)x(n) + α|x(n)|), (3)

where 0 ≤ α ≤ 1 controls the strength of the distortion effect and
scaling factor gcfwr =

√
2− 2|α− 1/2| helps maintain the signal

power when α < 1. Figure 3 (left) shows the nonlinear transfer
function of (3) and (right) the output for different values of α. For
α < 1, the positive portion of the input signal is amplified by gcfwr

to compensate for the attenuation incurred by the negative portion.
The scaling factor gcfwr reaches its maximum

√
2 at α = 0.5.

The CFWR generates all even harmonics of the input signal.
This introduces aliasing, as higher-frequency harmonics fold back
at the Nyquist limit, producing mirrored spectral images that ap-
pear as discrete, staircase-like artifacts across the spectrum [32].
To reduce the resulting spectral aliasing, we apply first-order an-
tiderivative antialiasing [33, 34] and obtain the following approxi-
mation to the full-wave rectifier:

|x(n)| ≈ 1

2

x(n)|x(n)| − x(n− 1)|x(n− 1)|
x(n)− x(n− 1)

. (4)

If the denominator of (4) is very small, such as when x(n− 1) ≈
x(n), to avoid division by zero, we replace the antialiased ap-
proximation with |x(n) + x(n− 1)|/2, as suggested by Parker et
al. [33]. The effectiveness of this approach is illustrated in Fig. 4,
which compares the spectrum of the standard full-wave rectifier
with the antialiased approximation in (4), at α = 1. The plot
demonstrates a significant attenuation of the aliased spectral com-
ponents between the primary harmonics.
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Figure 2: Spectrum of the nonlinearities excited by a 1.76 kHz
sinusoidal input (tone A6) with fs = 96 kHz.

Figure 3: (Left) Transfer function of the CFWR nonlinearity, and
(right) its output to a 2-Hz sinusoidal input with unitary amplitude.
Different colors indicate different values of the control variable α.

Figure 4: Spectrum comparison for a 1.76-kHz sinusoidal input
processed via standard full-wave rectification, y(n) = |x(n)|, and
its antiderivative antialiasing approximation defined in (4).

max

min

Figure 5: Block diagram of the SDFD nonlinear filter [6].

Figure 6: Output of the SDFD filter to a 2 kHz sinusoidal input
with unitary amplitude. Different colors indicate different values
of the control variable d.

3.2. Signal-Dependent Fractional Delay

Signal-dependent fractional delay (SDFD) filters were introduced
to model amplitude-dependent nonlinear characteristics in musi-
cal instruments [5, 6]. We use the SDFD filter shown in Fig. 5,
where the input signal is decomposed into positive and negative
components using positive and negative half-wave rectifiers, re-
spectively [6]. Each rectifier’s component is then processed by
a linear interpolator with complementary weights d and 1 − d,
where 0 ≤ d ≤ 1. The positive component experiences an ef-
fective delay of approximately 1 + d samples, while the negative
component is delayed by approximately 1−d samples. The output
signal is obtained by summing the two delayed components. The
output waveform in Fig. 6 shows that, for a sinusoidal input, the
SDFD retains the fundamental frequency and overall amplitude of
the input waveform but exhibits distortions at the zero crossings.
Similarly to the CFWR, the output spectrum of the SDFD contains
even harmonics and some aliasing, as shown in Fig. 2, for d = 1.

3.3. Ring Modulation

Ring modulation (RM) is a sound processing technique that mod-
ulates the amplitude of the input signal by a sinusoidal signal with
frequency frm [1]. Its output is given by

y(n) = grmx(n) sin(2πfrmn), (5)

where grm is a scaling factor that maintains the input signal power.
The multiplication modifies the spectrum of x(n), producing two
sidebands centered at the sum and difference frequencies relative
to frm. As a result, the output spectrum consists of an upper side-
band shifted by +frm, and a mirrored lower sideband shifted by
−frm (see Fig. 2). Unlike conventional amplitude modulation, the
original input spectrum is suppressed, so that only the two side-
bands remain in the output spectrum [1].
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At low modulation frequencies, e.g., 10 Hz, the effect is per-
ceived primarily as a tremolo due to slow amplitude variation.
However, when the modulation frequency enters the audible range,
the effect alters the timbre of the signal. If the frequency compo-
nents of x(n) and frm are related by an integer ratio, the generated
sidebands are harmonic; otherwise, the resulting spectrum is in-
harmonic, often producing bell-like or metallic sounds [35].

3.4. Time Compression and Expansion

Pitch modification by time compression or expansion is achieved
by driving the read pointer of a ring buffer at a different rate than
the write pointer [36, 37, 38]. When the read pointer advances
through the buffer faster than the write pointer, the output signal
is time-compressed, resulting in a higher perceived pitch. Con-
versely, when the read pointer advances slower, the signal is time-
expanded, producing a lower pitch. In this work, we use a single
ring buffer with two read pointers, to avoid discontinuities when-
ever the read pointer wraps around to the beginning of the buffer.

Figure 7 illustrates the processing over two modulation pe-
riods. In the top panel, the normalized positions of the write and
read pointers are shown. The read pointers always access past sam-
ples, and their positions are offset by half of the modulation period.
This ensures that when one pointer approaches its reset point, the
other continues reading from a stable region of the buffer. The
signals from the read pointers are combined using an equal-power
crossfade function, shown in the middle panel of Fig. 7. These
crossfades are synchronized with the sawtooth modulation control-
ling the read pointers, allowing the gain to be smoothly transferred
from one read pointer to the other before a reset occurs, assuming
that the modulation period is shorter than the buffer length. In the
bottom panel of Fig. 7, the output signal shows a frequency which
is nearly double that of the input signal, corresponding to a pitch
shift of one octave upward. Cancellation artifacts during cross-
fading, causing modulation in the amplitude, can be mitigated by
incorporating a periodicity detection algorithm or by using an en-
hanced pitch-shifting method [38, 39].

For a desired transposition amount in semitones, Tst, the read
pointer advances by 2Tst/12 samples at every processing step n.
Unless exact octave transposition is desired, this value is non-
integer. To interpolate between fractional sample positions, we
use cubic polynomial interpolation.

3.5. Granular Time Compression and Expansion

In the granulation effect, the input signal is divided into grains
[1], which are extracted by applying a window function w starting
at an arbitrary time instance ni. In this work, we combine the
ring-buffer mechanism described in Sec. 3.4 with granulation by
modifying the read pointers. The position of the read pointer is
updated every Lw samples to a randomly selected index behind
the write pointer by ni = U(Lw, Lring) samples, where U denotes
the discrete uniform distribution and Lring is the size of the ring
buffer. Randomness can be increased by choosing Lring ≫ Lw.
Each grain gi(n) is then extracted by applying a window w(n):

gi(n) = x(n+ ni)w(n) (6)

for n = 0, . . . , Lw. In both ring-buffer-based pitch-shifting meth-
ods, crossfading is performed using two sinusoidal functions over
the interval [0, π], with a ϕ = π/2 phase shift between them. The
choice of Lw controls the effect such that shorter grains produce
a more textured sound, whereas longer grains yield a more clearly

Figure 7: Operation of the pitch-shifter over two modulation peri-
ods: (top) normalized positions of the write and two read pointers;
(middle) crossfade envelopes; (bottom) input and output signals.
The input is a unit-amplitude sine wave at 22 Hz.

perceivable pitch-shifted effect. In the following, both the mod-
ulation period of the time modification in Sec. 3.4 and the grain
size are denoted by Lw samples. Unless otherwise specified, the
lengths in samples are Lw = 2048 and Lring = 8192.

3.6. Operations Count

The computational cost of the proposed nonlinearities can be esti-
mated by counting the number of floating-point multiplications re-
quired per processed sample. Additions, comparisons, and mem-
ory accesses are not considered in this analysis. The number of
operations required by the FDN is reported in [15].

The CFWR nonlinearity requires eight operations, four for (3)
and four for the antiderivative antialiasing approximation in (4).
The SDFD nonlinearity requires four operations for the delays in-
terpolation. Ring modulation is the least expensive method, re-
quiring only two operations per sample. Time compression and
expansion are computationally more demanding. The equal-power
crossfade between the two read pointers requires two operations
per sample. The cubic polynomial interpolation requires nine op-
erations to compute the interpolation coefficients and three addi-
tional operations to evaluate the interpolator, yielding a total of 12
operations per sample. The dc-blocking filter (7), described in Sec-
tion 4.1 and used together with CFWR and the ring-buffer-based
methods, introduces two additional operations per sample.

4. ENERGY PRESERVATION AND STABILITY

In this section, we analyze the energy of the nonlinearities to assess
whether and when they satisfy the energy preservation condition
(2). This ensures that the system in Fig. 1b remains stable and
identifies the conditions under which energy is lost, leading to a
shortening of the reverberation time.

4.1. Energy at Zero Frequency

The response of the CFWR and, to a minor extent, of the ring-
buffer-based time modifications exhibits a dc component (see Fig.
2), which can accumulate within the feedback structure and lead
to instability. To prevent this, we follow the nonlinearities by a
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Figure 8: Distribution of the energy ratio of the nonlinearities.

dc-blocking filter characterized by the difference equation

y(n) = genv(n)(x(n)− x(n− 1) +Ry(n− 1)), (7)

where genv is an energy compensation gain and R is a parameter
that controls the pole location, and is typically 0.95 ≤ R ≤ 0.995
[40]. The input signal x(n) is the output of the nonlinearity. We
use R = 0.995, corresponding to a cutoff frequency of 76 Hz.

Filtering out low-frequency components can lead to non-negli-
gible energy loss, particularly for CFWR, causing the feedback
signal to decay more rapidly than the desired T60. To compensate
for this loss, a slowly varying adaptive gain stage genv(n) is applied
to the output of the dc blocker. The compensation gain is estimated
from the instantaneous input–output energy ratio, x(n)2

y(n)2
, using an

exponentially smoothed envelope follower:

genv(n) = exp

(
− 1

fsτ

)
genv(n− 1)

+

(
1− exp

(
− 1

fsτ

))√
x(n)2

y(n)2
, (8)

where τ controls the envelope tracking time. To prevent rapid gain
variations that could distort the waveform, we use τ = 50 ms.

4.2. Energy Analysis

All of the nonlinearities presented in this work are level-invariant,
except for the granular time modification, whose behavior is gov-
erned by the random process selecting the grains. Nonetheless, the
total energy of its response scales linearly with the amplitude of
the input signal. Therefore, the observations described below hold
for input signals of any amplitude.

For the CFWR nonlinearity, the energy preservation property
in (2) holds exactly for α = 0 and α = 1. For 0 < α < 1,
the power varies quadratically, reaching a minimum at α = 0.5.
The compensation gain gcfwr in (3) corrects this variation, ensuring
nearly constant output energy across α.

In the SDFD nonlinearity, the positive and negative compo-
nents of the input signals are shifted by at most one sample. As a
result, zero-mean periodic signals can lose up to one sample due
to the overlap between the delayed negative and positive compo-
nents, as illustrated in Fig. 5. Thus, the SDFD cannot be consid-
ered strictly energy-preserving. The resulting attenuation depends
on the input frequency and sampling rate, but it does not pose a
risk to system stability.

The average power of a sinusoidal signal with unit amplitude
is 0.5. Hence, to make the RM nonlinearity energy-preserving, the
sinusoid must be scaled by grm =

√
2. However, this scaling does

not guarantee stability in all cases. For fast and strongly recircu-
lating delay lines, such as those with short lengths or coupled by

a diagonally dominant feedback matrix, the instantaneous energy
can grow rapidly, potentially leading to instabilities. In general,
using lower amplitudes helps ensure the stability of the system.

The energy analysis of the time compression and expansion
via ring buffer, Sec. 3.4 and 3.5, is non-trivial. With a power-
complementary cross-fade envelope function combining the sig-
nals at the read positions, the energy is nearly preserved. For
example, with a crossfade envelope based on a half-wave sinu-
soid (see middle panel of Fig. (7)), the two delay-line outputs are
weighted over each modulation period, for n = 0, . . . , Lw − 1, as

w1(n) = sin

(
π

n

Lw − 1

)
,

w2(n) = sin

(
π

n

Lw − 1
+

π

2

)
= cos

(
π

n

Lw − 1

)
,

which satisfy w1(n)
2 + w2(n)

2 = 1. However, reading the delay
lines at a different rate alters the signal’s energy density, breaking
strict energy preservation. This is generally not problematic in typ-
ical FDN configurations, but in cases involving short and strongly
recirculating delay lines, attenuation plays a more critical role in
maintaining system stability.

To support the above discussion, Fig. 8 shows the distribution
of the energy ratio

∑
n |NL(x(n))|2 /

∑
n |x(n)|2 across the con-

sidered nonlinearities. The resolution of the histogram from which
the distribution was derived is 0.5 cents. The energy is computed
over 100 ms windows extracted from a total of 336 minutes of
music stems randomly sampled from the MoisesDB dataset [41].
Frames containing only silence were excluded. The energy ratio is
generally concentrated around 1. Time compression exhibits the
largest spread, which can be attributed to the inherent delay and
the resulting mismatch in instantaneous energy. As discussed pre-
viously, SDFD attenuates high-frequency components, resulting
in an asymmetric distribution skewed toward energy ratios below
one. RM exhibit relatively broad but centered distributions, indi-
cating approximate energy preservation with moderate variability.
CFWR exhibits a pronounced peak around 0.87, indicating that
the current energy compensation of the dc blocker is insufficient
to achieve perfect energy preservation, and it could benefit from
tuning τ to the dynamics of the input signal.

5. SHIMMER FEEDBACK DELAY NETWORK

We analyze the behavior of the nonlinearities within an FDN of
size N = 8. We use a random orthogonal feedback matrix U ,
and input and output gain vectors are defined as b = c = 1

N
I ,

where I is the identity matrix. The lengths of the delay lines are
randomly chosen to be 71, 111, 235, 297, 307, 347, 381, and
400 ms and are sorted in ascending order, i.e., m1 = 71 ms and
m8 = 400 ms. These delay lengths are relatively long compared
to those typically used in realistic virtual acoustics applications,
in order to visually and perceptually emphasize the progressive
changes produced by successive recursions of the feedback loop.
The attenuation filters are designed from a prototype first-order
low-pass filter with crossover frequency fc = 10 kHz, T60(0) =
2 s, and T60(π) = 0.5 s. CFWR, SDFD, and RM nonlinearities
are applied to all delay lines. Ring-buffer-based time compressions
corresponding to a one-octave pitch shift are applied to channels
i = 5, 6, 7, 8. These channels have the longest delay lines, which
results in a perceivable delay between successive octaves. CFWR
and ring buffers are followed by the dc-blocker filter in (7).
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(a) Spectrogram

(b) Temporal evolution

Figure 9: Response of the linear FDN and five nonlinear varia-
tions to a 1.76 kHz sinusoidal input with fs = 96 kHz.

5.1. Spectrogram Analysis

Figure 9a shows the spectrograms of the responses to a 2-s 1.76 kHz
sinusoid, with fade-in and fade-out envelopes generated using a
Hann window of 0.4 s. The spectrograms are computed using
4096 frequency bins, a Hann window, and 75 % overlap. A large
dynamic range is used to better visualize aliasing effects.

CFWR and SDFD exhibit similar responses: even harmon-
ics appear after 2m1 samples, while odd harmonics, generated
through recursion, appear after 3m1 samples. The harmonics
generated by SDFD are generally weaker. As shown in Fig. 2,

CFWR generates a stronger first harmonic, which leads to higher-
amplitude subsequent harmonics in the FDN output. Aliasing arti-
facts, while visible between harmonics in the CFWR and SDFD re-
sponses, are considerably quieter than the main harmonics and can
be partially mitigated by a higher-order attenuation filter, which
reduces high-frequency content prior to nonlinear processing. The
spectrogram also clearly illustrates the effect of RM in recursively
spreading the input spectrum by ±frm. Both time-compression
methods correctly generate higher octaves and do not cause signif-
icant aliasing artifacts. However, the pitch-shifting algorithm used
in this work does not include a synchronization mechanism, and
produces sidebands around the octave frequencies. The delay be-
tween octaves depends on the delay lines of the channels in which
the operations are inserted. The ring-buffer introduces an addi-
tional initial delay of Lw samples before the input signal is read
(see Fig. 7).

5.2. Temporal Evolution Analysis

Figure 9b shows the temporal evolution of the output waveforms,
where the sample axis spans two periods of the input sinusoid.
Only one in every two successive windows is displayed. The first
2 s are omitted to focus on the response after the input signal has
decayed to silence.

Due to its less harmonically rich distortion, the SDFD better
preserves the original waveform, producing an output that closely
resembles that of the linear FDN outside the zero-crossing regions.
In contrast, the stronger higher harmonics in the CFWR case have
a more pronounced effect on the waveform, although the period-
icity of the input signal remains clearly visible due to the feedfor-
ward path. The effect produced by RM is evident in the alternating
amplitude pattern of the windows. The modulation period, 1/frm,
is 176 times longer than the input period resulting in a repetition
every 43 windows. However, this effect is not immediately appar-
ent in Fig. 9b, as the visualization reflects the combined output of
eight channels.

Time compression in the FDN preserves the period of the in-
put signal while introducing higher octaves that add shorter-period
modulations. Granular time compression, on the other hand, pro-
duces a noisier behavior due to its inherent stochastic nature, while
still maintaining the original periodicity.

6. SHAPING THE SONIC CHARACTERISTICS
The sonic characteristics of the FDN and its nonlinear operations
can be controlled through parameter selection, enabling a range
of textures from smooth reverberation to harmonically rich, sus-
tained echoes. This section provides intuition for the design and
interpretation of these parameters. We categorize the effects into
two groups: waveshaping and modulation (CFWR, SDFD, RM),
and pitch shifting (time modification and granular time modifica-
tion). Audio examples are available at the companion page 1.

6.1. Reverberation Control

The strength of the nonlinear effect is influenced by the mixing
properties of the FDN. A large N and a dense feedback matrix
produce rapid echo build-up and tend to excite nonlinearities more
strongly, promoting a fast spread of the generated harmonics. This
effect is particularly pronounced for short delay lines and may re-
sult in a distortion-like response. In contrast, if a more gradually

1http://research.spa.aalto.fi/publications/
papers/dafx26-shimmer/
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evolving effect is desired, longer delay lines and sparser feedback
matrices should be used. Additionally, removing a subset of the
nonlinear operations in Fig. 1b provides a simple means of con-
trolling the overall strength of the effect. This should be consid-
ered in conjunction with the choice of delay-line length preceding
the nonlinearity. The attenuation filters Γ can be designed to fur-
ther accentuate the generated harmonics by assigning longer T60

values to the higher frequency range.

6.2. Wave Shaping and Modulation

CFWR and SDFD produce the most distortion-like effects due
to the richness of their output spectra. A diagonally dominant
feedback matrix, such as a Householder matrix, helps reduce in-
harmonicity and distortion, particularly for sustained input sig-
nals. For transient and percussive inputs, CFWR generates short,
granular bursts with progressively increasing pitch. When α =
0.5, CFWR behaves as a half-wave rectifier, producing more pro-
nounced repetitions which, for percussive sounds, may be per-
ceived as mechanical, e.g., resembling helicopter rotor noise. Val-
ues of α < 0.5 generally result in a more subtle effect. SDFD
typically produces a more moderate distortion and can therefore
serve as an alternative to CFWR for sustained signals.

At low modulation frequencies, e.g., frm ≈ 10 Hz, RM pro-
duces a tremolo-like effect, similar to amplitude modulation, which
can result in pulsed or “chopped” reverberation for sustained sig-
nals. This effect can be further accentuated by using short delay
lines, with lengths smaller than the modulation period, and a diag-
onally dominant U . At higher frm, the effect no longer produces
tremolo and generates audible inharmonic tones both above and
below the original frequencies, creating a rough texture for sus-
tained signals and metallic echoes for transient or short sounds.

6.3. Pitch Shifting

Pitch shifting via time modification produces the most “musical”
effect among the considered nonlinearities. The current imple-
mentation allows each delay-line output to be shifted up or down
by any number of semitones. In practice, musically meaningful
results are safely obtained by octave shifts. Longer read-pointer
modulation periods better preserve the original waveform and re-
duce distortion that would otherwise arise from more frequent
pointer resets. However, this comes at the cost of increased latency
before the effect becomes perceptually active and can produce un-
desired smearing when excited with short sounds. The delay-line
lengths control the onset time of the shifted components. Shorter
delays yield a response closer to a sweep, which may be desir-
able for sound design purposes. Granular time compression pro-
duces diffused, “blooming” textures, where longer buffer lengths
increase randomness and spectral diffusion and add delay, extend-
ing the decay, resulting in a more sustained, reverberant response.
Shorter buffer lengths, similar to large grain sizes, better preserve
the original timbre in pitch-shifted echoes. For large Lw, the si-
nusoidal crossfade in Fig. 7 (middle), which is nonzero except at
read-pointer resets, can be replaced with a piecewise-defined func-
tion. This reduces the transition duration between read pointers
and allows for regions where only one pointer contributes, miti-
gating phasing.

6.4. Composite Nonlinearities

The proposed nonlinear FDNs can be extended by composition,
i.e., by chaining operations of the same or different NL types within

the feedback loop. This allows for a wider range of reverb tex-
tures while preserving overall energy. For example, RM combined
with pitch shifting can introduce tremolo-like modulation to the
shifted spectrum. Wave shaping can be applied before RM and
pitch shifting to produce a warmer, richer sound with more spec-
trally smeared harmonics. Another degree of freedom lies in how
these nonlinearities are arranged: instead of simple concatenation,
different nonlinearities can be distributed within the same FDN,
each applied to a subset of delay lines. These variations are also
demonstrated on the companion webpage.

7. CONCLUSION
A shimmer reverberation using nonlinear operations directly into
an FDN is proposed. The recursive structure of the FDN is
used to generate a wide range of evolving harmonic and inhar-
monic textures. We explored five distinct nonlinear methods: con-
trollable full-wave rectification, signal-dependent fractional delay,
ring modulation, and two forms of time-based pitch shifting.

Through energy analysis, we established the conditions under
which these nonlinearities are approximately energy-preserving
and guarantee system stability. To mitigate potential instabili-
ties and artifacts such as dc accumulation and aliasing, we im-
plemented dc-blocking filters with energy compensation and first-
order antiderivative antialiasing for the full-wave rectification.

We provide instructions to further tune the temporal evolution
and texture of the reverb by adjusting FDN parameters such as
delay-line lengths and feedback matrix density. The complemen-
tary audio examples help build intuition for designing the param-
eters governing the nonlinearities, and suggest the use of compos-
ite operation for more experimental sounds. Future work includes
designing an adaptive attenuation filter that preserves a target T60

despite nonlinear energy redistribution, for example, through a dif-
ferentiable implementation of the nonlinear FDN.
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