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ABSTRACT

Decorrelation filters transform mono audio into multiple decor-
related copies. This paper introduces a novel decorrelation filter
design based on a resonator bank, which produces a sum of over
a thousand exponentially decaying sinusoids. A headphone lis-
tening test was used to identify the minimum inter-channel time
delays that perceptually match ERB-filtered coherent noise to cor-
responding incoherent noise. The decay rate of each resonator is
set based on a group delay profile determined by the listening test
results at its corresponding frequency. Furthermore, the delays
from the test are used to refine frequency-dependent windowing in
coherence estimation, which we argue represents the perceptually
most accurate way of assessing interaural coherence. This coher-
ence measure then guides an optimization process that adjusts the
initial phases of the sinusoids to minimize the coherence between
two instances of the resonator-based decorrelator. The delay re-
sults establish the necessary group delay per ERB for effective
decorrelation, revealing higher-than-expected values, particularly
at higher frequencies. For comparison, the optimization is also per-
formed using two previously proposed group-delay profiles: one
based on the period of the ERB band center frequency and an-
other based on the maximum group-delay limit before introducing
smearing. The results indicate that the perceptually informed pro-
file achieves equal decorrelation to the latter profile while smearing
less at high frequencies. Overall, optimizing the phase response
of the proposed decorrelator yields significantly lower coherence
compared to using a random phase.

1. INTRODUCTION

Decorrelation refers to decreasing the autocorrelation of a signal
or decreasing the cross-correlation of two or more related signals
[1, 2]. In the realm of audio, the latter meaning is more common.
Therein, decorrelation usually aims to increase the perceived width
or spaciousness of an auditory event without changing the timbre
of the audio signal, including its perceived spectral and temporal
properties. This study investigates the perception of decorrelation
in stereo listening over headphones.

In the natural world, decorrelation between the signals arriv-
ing at the listener’s ears, i.e., a low interaural cross-correlation
(IACC), can have different causes. One reason for decorrelation is
the occurrence of several uncorrelated sound sources in the envi-
ronment around a listener, like leaves rattling in the wind or waves
arriving at the seashore. Another way in which decorrelated sound
is created is through reverberation. Moreover, low IACC is found
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when listening to spatially extended sound sources; if an object
with spatial extent vibrates, different points radiate sound with dif-
ferent phase relations. If a listener is close to the object, these paths
are summed differently at the two ears.

However, not all natural mechanisms can be virtualized di-
rectly when the goal is to create an artificial general-purpose decor-
relator using digital signal processing. Reverberation, for example,
heavily modifies the timbre of sounds, causing both coloration and
temporal smearing. Early decorrelator designs aimed at tackling
the mono-to-stereo-upmixing challenge, i.e., to decorrelate a sin-
gle audio signal into two decorrelated copies via various electrical
and electromechanical means, including delay lines, and reverber-
ation chambers [3, 4, 5]. Previous digital methods for virtually
creating decorrelation include IIR (infinite impulse response) all-
pass filters [1, 6, 7, 2], sparse FIR (finite impulse response) filters
based on velvet noise [8, 9], short-time Fourier transform (STFT)
[10], filter bank-based approaches utilizing frequency-dependent
delays or filtering [11, 12, 13], and neural networks [14].

All of these decorrelation methods directly or indirectly de-
pend on introducing a frequency-dependent delay to the signal
being decorrelated. The delay could vary throughout the signal,
but since this always has the potential for additional, unwanted
degradation, we focus on time-invariant decorrelators here. Nev-
ertheless, since introducing frequency-dependent delay naturally
leads to temporal smearing, decorrelator design is always a trade-
off between the two. Here, we perform a listening experiment to
determine upper limits to the required delays to better inform this
choice.

This paper proposes a decorrelator based on a bank of res-
onators, similar to how they have previously been used in the con-
text of modal synthesis of late reverberation [15, 16]. In this work,
each resonator produces a group-delay peak, which is inversely
proportional to the decay rate of that resonator. Optimization is
performed over the initial phases of the resonators to minimize in-
teraural coherence between two decorrelator instances. Addition-
ally, we introduce a perceptually grounded method for estimating
coherence using frequency-dependent windowing. The window
sizes are derived from a perceptual study that identified the mini-
mal interaural delay per equivalent rectangular bandwidth (ERB)
[17] band required to match the perceived width of fully incoher-
ent noise. This approach also establishes a practical upper bound
for the group delay of binaural decorrelators, beyond which only
perceptual smearing is introduced. The proposed decorrelator is
evaluated using three different group delay profiles, demonstrating
that the perceptually derived profiles outperform or match prior
approaches in terms of effective decorrelation. The system can be
implemented using many parallel biquad filters or as an FIR filter,
which samples the impulse response (IR) of the decorrelator.

The remainder of this paper is organized as follows. Sec. 2
introduces necessary background on audio decorrelation. Sec. 3
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describes the perceptual experiment used to determine appropri-
ate group-delay profiles for perceptually optimized decorrelation
as well as frequency-dependent windows for coherence estima-
tion. Sec. 4 proposes the novel resonator-based decorrelator and
describes the optimization procedure that minimizes the coherence
between two decorrelator instances. Sec. 5 presents objective and
qualitative evaluation of the proposed method. Sec. 6 concludes
the work.

2. DECORRELATION OF AUDIO SIGNALS

The goal of constructing a decorrelator is to achieve strong decor-
relation while still maintaining the timbral properties of the signals
to which it is applied. Decorrelation is typically characterized ei-
ther by the cross-correlation between signals, which is

L-1
Txyxo (1) = Zm(n)xz(nJrl), (1
n=0

or, in a frequency dependent manner, often by the magnitude-
squared coherence
Sy (W) Sz (w)

where Sy, x, is the cross-spectral density (CPSD) between signals
z1 and x2, which is related to the cross-correlation by DFT:

¢x1x2 (UJ) - (2)
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Low coherence is achieved essentially by creating frequency-
dependent delays between the signals. Accordingly, given two
decorrelators hi(t) and ha(t), the corresponding inter-channel
time difference (ICTD) is defined as [18]

ICTD(w) = 72(w) — T1(w), O]

where 71 and 72 are the group delays corresponding to the signals
d/H;(w)

(W) = ————. 5

niw) = -2 ®)

Therein, H;(w) denotes the complex frequency response of h;(t)

©)

where w is the frequency in radians, and |H;(w)| and ZH;(w) are
the magnitude and phase response of h;, respectively.

At the same time as group-delay differences cause decorre-
lation, the introduced group delay itself causes timbral degrada-
tions. Even small group-delay deviations of less than 1 ms can be
audible, shown for a single group-delay peak on transient stimuli
[19]. For decorrelator design, a much more generous frequency-
dependent limit for how much group delay is permissible was pro-
posed by Canfield-Dafilou and Abel [2].

With the goal of a large ICTD on the one hand but low
group delay on the other, designing decorrelators becomes a multi-
objective optimization problem, where the ideal tradeoff is hard to
find. Therefore, it is important to know how much ICTD is re-
quired for maximally wide sounds. If the ICTD exceeds this limit,
a further increase will not contribute to perceived decorrelation
anymore, while still requiring large group delays that cause tim-
bral distortions. To help optimize our decorrelator, we conducted
the listening experiment described in the next section.

Hi(w) = |Hi(w)|e ™),
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You can take as much time as you need. Your task is to set the slider
as low as possible where the test sound sounds still as wide as the
reference.

Play Test Sound

Play Reference

Figure 1: Graphical user interface of the listening test. Partici-
pants were asked to move the slider to the lowest position where
the test noise stimulus was perceived as wide as the reference
noise.

3. EFFECT OF TIME DELAY ON BINAURAL
COHERENCE

The maximum time delay between the ears that occurs in a natural
environment is directly related to the distance between the ears and
the speed of sound. An audio event presented in stereo over head-
phones could be completely lateralized with an ICTD of 630 us
[20]. Depending on the size of the head of a listener, the maxi-
mal ICTD can reach 700 us , but it is clearly below 1 ms. Thus,
one might thus assume that ICTDs larger than 1 ms plays no role
in spatial perception and is not perceived. This is reflected by the
practice of measuring IACC by analyzing the position of its peak
with a maximal lag of 1 ms, as it done in room acoustics, see ISO
3382.

In contrast, decorrelation filters are often up to 30 ms long [8],
indicating that delays much longer than the maximum interaural
time difference might have a role in inducing the sense of width.
Bouéri and Kyriakakis [11] proposed to use ICTDs corresponding
to the inverse of the frequency, for example. Informal listening
confirms that only when increasing the ICTD of noise between
the ears well over the maximum interaural time difference range,
a similarly wide perception as obtained through fully incoherent
binaural noise is perceived.

A headphone listening experiment was devised to find the
smallest delays per ERB at which the perceived width of the de-
layed noise matches the width of incoherent noise. Figure 1 shows
the user interface of the listening test. The reference sound was
a gammatone-filtered completely incoherent binaural noise, i.e.,
each stereo channel had a different random noise instance. The
test sound was fully coherent noise, and the slider controlled the
ICTD between the two headphone channels from O ms at the bot-
tom to 60 ms at the top of the scale. During the test, the partic-
ipants were asked to set the slider to the lowest point at which
the test noise sounded as wide as the reference noise. The test
consisted of 16 trials, each of which had a different ERB-spaced
gammatone filter center frequency between 100 Hz—10 kHz. Fur-
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Figure 2: Listening test results with ERB-filtered noises plotted
using the violinplot function [21]. The boxplot (grey, box) is
included in the center of the violin. The white dot indicates the
median, and the bottom and top edges of the boxes indicate the
25th and 75th percentiles, respectively. The violin outline shows
the kernel density estimation.

thermore, each of the ten participants completed the test twice to
give a total of 320 data points. The order of the center frequen-
cies and the headphone channel to which the delay was added was
randomized for each participant and both repetitions.

The results of the listening test are shown in the violin plots
of Fig. 2. The median (white dot) and the 75th percentile of each
tested ERB are further summarized in Table 1. The results show
the general trend that lower frequency bands need more delay than
higher bands to induce the perception of width. However, the re-
quired amount of delay does not follow the previously proposed
1/f curve and instead shows a much higher relative amount of
delay beyond the very low frequencies.

These results help the design of decorrelators; increasing the
ICTDs far beyond these limits will only contribute to smearing, but
not to perceived width. Incorporating the obtained curve into the
decorrelator design is achieved by modifying how the coherence
is estimated. Practical estimation of the coherence between two
signals (2) requires windowing and is obtained as the time average
over the windows:

_ X Ut w) HR ()
S HL(E w) 2 S [ Hr (8, w) 2

(I)uni (w)

@)

where t is the time-frame index, 7" is the number of STFT frames,
Hi,(t,w) and Hg(t,w) are the STFT coefficients of the left and
the right channel signals, respectively, and .* denotes complex
conjugation. In this work, we used a Hann window with 50%
overlap. Typically, a uniform frequency-independent window
size is used for the coherence estimation. We now incorporate
a frequency-dependent window by first filtering the signals with
ERB-spaced gamma tone filters and computing the STFT of each
band-passed signal with different window sizes corresponding to
the 75th percentile delays found in our listening test. This percep-
tual frequency-dependent coherence is formulated as

— Ty—1 *
Dper(w) = BZI 2ty—o | How, (ts, w) Hiy (£, w)|*
per = Tp—1 Tp—1 )
=0 2oty—o0 Hoy, (o, w)[2 324" —5 [ Hyg (o, w)[?

®
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Table 1: ERB center frequencies for the gammatone filters used
and the median and 75th percentile ICTD results of the listening
test.

Center Frequency Median  75th Percentile
100Hz 8.3ms 13.0 ms
185Hz 11.5ms 19.3 ms
291 Hz 14.0 ms 16.3ms
425Hz 13.4ms 19.0ms
594 Hz 14.2 ms 17.9 ms
805 Hz 13.7 ms 17.0ms
1072 Hz 13.4ms 15.2ms
1407 Hz 9.2 ms 10.9 ms
1828 Hz 8.4ms 15.1ms
2358 Hz 6.1 ms 7.3ms
3024 Hz 9.4 ms 17.1ms
3862 Hz 6.5ms 12.3 ms
4915Hz 4.7 ms 12.0ms
6240 Hz 4.0ms 5.9ms
7905 Hz 4.0 ms 5.7ms
10000 Hz 2.8 ms 4.1 ms

where Hp; and Hp, are the STFT coefficients of the bth ERB
filtered signals of the left and right channels, respectively, £, is the
time-frame index of the bth ERB, and 7} is the number of time-
frames for the STFT of the bth ERB signals. In this work, we used
B = 16 ERB bands for the estimation.

Figure 3 shows the effect of incorporating such windowing on
an example. Fig. 3 (a) shows the coherence of noise that has an
ICTD corresponding to the 75th percentile of the listening test re-
sults (see Table 1). The same is used for the windowing, so that
using the perceptual window, a coherence near 0 is found by def-
inition. Here, the same would be obtained for a short window of
5 ms. A large window, however, would overestimate the perceived
coherence. Fig. 3 (b), less ICTD is used (the median from Table
1). While the small window still yields rather low values, percep-
tual windowing suggests that the amount may not be sufficient at
low frequencies, whereas the large window provides larger values
again. We will incorporate the perceptual windowing in the op-
timization of the proposed resonator-based decorrelator described
in the following section. The signals of Fig. 3, as well as a fully
incoherent reference, are available online. '

4. PROPOSED DECORRELATOR DESIGN

This section presents the proposed decorrelator design based on
a bank of resonators. An optimization scheme to minimize the
perceptual coherence derived above between two channel decorre-
lators is also discussed.

4.1. Resonator-Based Decorrelator

The proposed design is based on exponentially decaying sinusoids,
which are linearly distributed on the ERB scale across frequencies
throughout the audio range. A sum of K decaying sinusoids is

'http://research.spa.aalto.fi/publications/
papers/dafx25-reso-deco/
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Figure 3: Coherence estimates of delayed ERB noise configured
with the (a) 75th percentile and (b) median ICTDs obtained from
the listening test data of Fig. 2. The coherence estimates use one
of the two constant window sizes (5 ms and 30 ms) or the proposed
perceptual frequency-dependent windowing based on the 75th per-
centile delays.

obtained as the IR of a bank of second-order resonators [15]:

K-1

h(n) =Y AgRj cos(win/ fs + éx),

k=0

®

where Ay, is the initial amplitude, Rj, = e~ “*/% is the pole ra-
dius defining the exponential decay term, and wy and ¢, are the
frequency and phase offset in radians of the kth partial, respec-
tively. The decay rate of each resonator controls the group-delay
peak centered at the resonator frequency with

1

Qg

Figures 4a and 4b show the impulse responses and group delays,
respectively, of a 100-Hz resonator with different values of the
decay constant ax. The resonators with slower decays can be seen
as having a higher group-delay peak, which is in line with Eq. (10).

T(wk) = (10)

4.2. Equalization

The final pre-processing step in our design is to correct the mag-
nitude response. Since the decorrelator IR is obtained as the sum
of closely and non-uniformly spaced (linearly spaced on the ERB
scale) sinusoids with variable initial phases, the magnitude re-
sponse tends towards lowpass behavior with notches and peaks
resulting from constructive and destructive interferences between
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Figure 5: An example third-octave smoothed magnitude response
of the resonator-based FIR decorrelator before (gray) and after
applying the LP-based equalizing filter of order N =960 (blue).

neighboring resonators. To compensate for this, we apply linear
prediction (LP) to design an FIR equalizing filter to flatten the
magnitude response [22, 23].

Figure 5 shows the third-octave smoothed magnitude spectrum
of a single proposed decorrelator instance, with K = 1600 res-
onators, before (gray) and after applying the LP filter (blue). The
order of the LP filter is N = 960, which was chosen based on in-
formal listening. The corrected magnitude response is flat within
+1.2dB. A higher-orders LP filter could completely flatten the re-
sponse at even lower frequencies. However, there is a trade-off in
that using a higher LP order renders the equalizing filter response
audible as metallic ringing.
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4.3. Practical Implementation

The proposed resonator-based decorrelator can be implemented ei-
ther in IIR or FIR form. The IIR version can be implemented in
biquad form using

y(m) = 3 [bo,z(n) + br,x(n — 1) + b, x(n — 2)

+ary(n—1) +az,y(n -2, an
where
bok = Ak7
b1, = —2Ay cos(¢w),
bzk = Ak,
Wk
a1, = —2Ry cos (ﬁ) ,
azk = Ri
12)

Alternatively, the IR of the decorrelator given by Eq. (9) can
be truncated and sampled as coefficients of an FIR filter. We set
the FIR filter order [V relative to the slowest decaying partial in the
resonator bank with

N = max(Tso(wk)), (13)

where Tso(ws) denotes the time required for the amplitude of the
kth partial to decay by 60dB. This time is related to the group
delay peak of the resonator via

Too(wrk) = 3In(10)7(wk) =~ 6.917 (wk). (14)

Note that the decay time 7o is considerably larger than the peak
group-delay value.

4.4. Optimization

To obtain an effective decorrelator using the proposed resonator-
based technique, we minimize the perceptual coherence, Eq. (8),
between two instances. The optimization was implemented using
the genetic algorithm (GA) in the MATLAB optimization toolbox.
GA is an optimization method inspired by natural selection to find
optimal or near-optimal solutions in complex search spaces [24].
The optimizable variable is the initial phase ¢ of each resonator
and we set the upper and lower bound for the optimization to be
m and —mr, respectively. Before optimization, the phase of each
resonator was initialized to uniform random values between the
bounds and the initial amplitudes Ay, between —1 and 1.

As the loss function, we used the mean squared error of the
proposed perceptual coherence function, Eq. (8), in dB on the
equalized decorrelator IR:

M—-1

J = 10log,, % > B2 (wm) (15)
m=0

To speed up the IR recomputation for the optimization, we imple-

mented each resonator in the all-pole form derived from the full

biquad form of Eq.(11) with the second-order difference equation
K—1

h(n) = Z a1 hi(n —1) — az, hr(n — 2),

k=0

(16)
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To set the correct initial phase and amplitude, each resonator’s dif-
ference equation is initialized with

K-1

h(0) = Ay, cos(dr), (17)
k=0
K-—1

h(l) = A Ry COS(wk/fS+¢k). (18)
k=0

Note that this all-pole form is only usable in computing the IR
of the system and not in implementing the filtering of arbitrary
signals.

5. EVALUATION

In this section, we discuss the evaluation of our proposed
resonator-based decorrelator. In addition to the objective results
presented here, sound examples are provided online in Footnote 1
for the reader to assess the perceptual qualities of the method.

5.1. Group-Delay Profiles

The main design parameter of the proposed decorrelator is the
group-delay profile, which is controlled by the decay constants
of each resonator, see Eq. (10). In this work we compare three
different choices for the group-delay profiles: one based on the
75th percentile listening test results of Sec. 3, a second based on
the smearing limits defined by Canfield-Dafilou and Abel [2] and
a third relative to the longest wavelength within each ERB band,
ie. 1/f profile [11]. In the following, we refer to them as the
“proposed’, ’smearing limit’, and *1/f” group-delay profiles, re-
spectively.

Figure 6 shows the three different group-delay profiles tested.
For the synthesis, we needed to interpolate all of the curves as well
as extrapolate our proposed curve to span the whole audio range
20 Hz-20 kHz. and to match the number of resonators. We chose
to use K = 1600 resonators based on preliminary testing for each
configuration to produce a noise-like IR for the decorrelator. For
the interpolation, we used the spline method, and for the extrapo-
lation, we simply used the nearest neighbor method to extend the
low and high bands. The resulting group-delay profiles used for
synthesis are shown Fig. 6.

5.2. Optimized Coherence

Figure 7 shows the loss of the GA optimization for each of the
three group-delay profiles. The population size used was 20,
and the optimization ran until reaching the function tolerance,
which was set to 1 x 107%. The 1/f did not optimize almost
at all with running only for 272 generation and with a final loss
J = —0.2dB. The proposed and smearing limit group-delay pro-
files performed better while running for 20,728 and 16,218 gener-
ations with a final loss J = —23.4dB and J = —24.1dB, respec-
tively.

The coherence estimates with initial random parameters (blue,
dashed) and optimized parameters (red, solid) are shown in Fig. 8
and confirm the informtion obtained from the loss values; the pro-
posed and smearing limit group-delay profiles are shown to opti-
mize to close to zero coherence across frequencies, whereas the
1/ f profile fails to provide low coherence with the exception of
single sharp notches and a low-frequency roll-off.
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Figure 7: Coherence loss with the tested group-delay profiles after
running the GA with population size 20, converged after reaching
function tolerance of 1 x 1075,

5.3. Spectrogram Analysis

In this section, the spectrogram analysis of the three tested decor-
relator configurations is discussed. The spectrograms of the op-
timized decorrelators for the 1/f, smearing limit, and proposed
group delay profile configurations are shown in Figs. 9a, 9b, and
9c, respectively. A Hann window of L = 1024 samples long with
50% overlap was used to compute the spectrograms. The FFT size
was 4096 samples, with a sample rate f; = 48kHz.

Overall, the spectrograms in Fig. 9 reveal the expected shapes
when compared with the used group-delay profiles of Fig. 6. The
smearing limit profile results in the decorrelator IR (cf. Fig. 9b)
that is shorter at the mid frequencies and extends longer at low and
high frequencies. Note that the IR length is again much larger than
the group delays, which is in line with Eq. (14). The IR related to
1/f in Fig. 9a is so short at the higher bands that the STFT fails
to capture it accurately. Finally, the proposed group-delay profile
in Fig. 9c presents a pattern that is essentially the inverse of the
smearing limit plot shown in Fig. 6: the IR is short at low and high
frequencies, while the mid frequencies exhibit a longer decay.
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Figure 8: Initial (gray), and optimized (blue) coherence of a

resonator-based decorrelator using (a) the 1/f [11], (b) the
smearing limit [2], and (c) the proposed perceptual group-delay
profiles.

5.4. Computational Cost

Computational costs of the two alternative implementation strate-
gies are compared in this section. The number of multiplications
for the IIR and FIR implementations of the proposed method are
presented in Table 2. The numbers are computed for the config-
uration using the proposed group-delay profile, with K = 1600
resonators and with the FIR equalizing filter of order N = 960.
For the IIR filter implementation, each biquad requires five
multiplications per sample and the equalizer consumes N = 960
multiplications per sample, resulting in a total of 5 x 1600+960 =
8960 multiplications. In comparison, the FIR configuration is
slightly more efficient in this case, requiring 0.134 x 48,000 =
6432 multiplications per sample. Note that with the FIR im-
plementation, the equalizer incurs no additional cost, as it can
be applied offline to the IR. However, increasing the maximum
group delay would require a longer IR for the FIR implementa-
tion, cf. Eq. (14), which would increase its computational cost. In
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Figure 9: Spectrograms of the left-channel optimized resonator-
based decorrelators using (a) the 1/f [11], (b) the smearing
limit [2], and (c) the proposed perceptual group-delay profiles,
cf. Fig. 6.

summary, the computational cost of the IIR implementation scales
with the number of resonators and is independent of the maximum
group delay, whereas the cost of the FIR implementation scales
with the maximum group delay and is independent of the number
of resonators.

6. CONCLUSIONS

A resonator-based teechnique is proposed in this paper as an op-
timizable framework for designing decorrelation filters for stereo
audio. The proposed decorrelator’s IR is synthesized using a bank
of resonators, where the decay rate of each resonator controls the
peak group delay introduced at its corresponding frequency. Op-
timization is applied to the initial phase of each resonator in the
bank, while minimizing the coherence between two decorrelator
instances. The initial phases of each resonator control the con-
structive and destructive interference between the adjacent res-
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Table 2: Computational costs of the IIR resonator and FIR filter
implementations of the proposed method. The resonator method
contains K = 1600 resonators and an LP-based equalizer of or-
der N = 960. The FIR filter is truncated to the length of 134 ms
at the sample rate f, = 48 kHz.

Implementation Multiplications
Resonators and equalizer 8960
FIR filter 6432

onators, resulting in reduced coherence. The method also requires
an equalizer to whiten the magnitude response of the resonator
bank. The new decorrelation filter can be implemented as an IIR
filter consisting of many parallel second-order IIR resonators to-
gether with an equalizing filter, or as a single high-order FIR filter,
which samples the truncated impulse response of the decorrelator.

In addition to the novel decorrelator design, we provide a
more general framework for estimating the coherence based on
frequency-dependent windowing, where the window sizes are de-
rived from a perceptual study that aimed to find the minimal ICTD
of gamma-tone-filtered noise, per ERB, that induce the same per-
ceived width as the corresponding fully incoherent filtered noise.
These minimal delays also reveal the maximum group delay that
a binaural decorrelator should produce, as any additional delay
would only cause unwanted temporal smearing in the output sig-
nal.

The proposed decorrelator was configured with three different
group-delay profiles to compare the proposed profile to the pre-
vious profile based on the relation 1/f and to another previous
perceptual profile defined as the informally tested maximum de-
lays found not to cause temporal smearing. The results indicate
that the 1/ has insufficiently small delays everywhere except at
very low frequencies to induce any decorrelation. On the other
hand, the proposed perceptual profile and the previous smearing
limit-based profile perform objectively equally well.

However, the extended low and high-frequency group-delay
range of the smearing limit profile does not seem to provide any
benefit over the proposed lower group delays in those frequency
regions. Conversely, it could be said that the larger mid-frequency
group-delay range we found based on the listening test might not
bring considerable improvement compared to the smaller smearing
limits.

The findings of this paper are useful in the design of optimized
decorrelation filters, applicable in the widening of mono sounds.
Future research could consider the joint optimization of multiple
decorrelators for multi-channel upmixing scenarios and include a
formal listening test to assess the perceptual quality of the pro-
posed method against state-of-the-art alternatives.
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