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Abstract
Reverberation enhancement systems (RESs) are de-
signed primarily for large concert halls, in which case
the energetic and statistical properties of the feed-
back paths have been extensively studied. However,
RESs are also used in smaller and less reverberant
spaces, where room acoustic parameters differ from
concert halls’. As the stability threshold, or gain-
before-instability (GBI), of a RES is commonly esti-
mated via in-situ measurements, the room acoustic
properties and transducer setup may greatly influence
such analysis. However, the literature does not prop-
erly discuss the extent of that effect for non-concert-
hall venues, nor it offers guidance on the choice of a
stability-improvement technique based on the feedback
analysis. This work explores the individual impact of
direct sound, early reflections, and late reverberation
on GBI estimation in a medium-sized dry venue in
octave bands. The comparison with the usual ap-
proach of analyzing the entire response shows how the
contributions of the three components vary according
to the system setup. This work aids in the system-
atic analysis of RESs for medium and small venues,
challenging assumptions regarding reverberant field
and GBI estimation, and tackles the improvement of
stability based on RES topology.
Keywords: virtual acoustics, system stability, room
acoustics

1. Introduction
Any audio event, whether speech or music, has its
own needs from the acoustical properties of the host-
ing venue. Through real-time active control of the
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reverberant field in enclosed spaces, reverberation en-
hancement systems (RESs) allow rooms to adapt to
the specific audio event [1]. They record sound sources
with microphones, enhance the time-frequency content
of signals with a digital signal processor (DSP), and
play back the enhanced audio through loudspeakers.
This process builds an artificial reverberant field on
top of the room natural reverberation.
Originally, RESs were designed for concert halls to
inject energy at low-energy frequencies and to provide
an alternative to passive variable-acoustic methods [2].
Although the multipurpose design of concert halls
remains the main application of RESs, several other
use cases have received interest over the years, such as
rehearsal spaces [3], [4], recording studios [5], [6], and
outdoor installations [7], [8]. All of these spaces differ
from concert halls in terms of size and reverberation
properties.
Due to the presence of microphones and loudspeakers
in the same space, RESs suffer from feedback, which
can lead to instability. The estimation of the stabil-
ity threshold is important, as it sets the safety limit
for the output levels of the loudspeakers: the gain-
before-instability (GBI). The literature discusses two
stability analysis methods: one is deterministic [9],
[10], [11] and one is statistical [12], [13], [14]. The
former method is based on in-situ measurements and
supported by known feedback stability criteria [15],
[16]. The latter is based on the diffuse-field assump-
tion, assuming known statistical properties of the
feedback RIRs [17].
There are two main RES topologies: regenerative
and in-line [1], [18]. Regenerative systems use am-
bient microphones distributed throughout the entire
room. They make use of feedback to enhance the
room reverberation. In large concert halls the natural
reverberation is rich and the reverberation time is
long, thus these systems typically employ DSPs with
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short filters to enhance the time-frequency features
already present in the physical space. In small, dry
spaces, this is not the case. Reverberators might need
to be used to solve the lack of energy in the natu-
ral reverberation. In-line systems use microphones
close to the stage musicians and loudspeakers close to
the audience. Due to this positioning they favor the
diffuse-field assumption, which is not demonstrated to
be valid for small, dry spaces or short measurement
distances [19], [20].

The stability analysis for the two topologies is for-
mally the same, but due to the transducer positions,
the installation space plays a crucial role in deciding
whether the diffuse-field assumption is valid. When
the transducers are installed in large concert halls
with enough distance between each other the assump-
tion is considered valid [13], [21] and the statistical
GBI estimation method is suitable. When those con-
ditions are not met, only the deterministic method
is feasible, but it analyzes the feedback loop in the
frequency domain, not considering how the energy in
the feedback paths is distributed over time. In the
literature, several techniques to improve the stability
threshold are discussed [14], [22], [23], [24], [25], but
their effectiveness depends on the how the feedback
energy is distributed between direct, early, and late
transmissions, which could be inferred from system
topology. Neither GBI estimation methods offer cues
on which DSP technique is suitable to improve the
stability threshold based on the specific installation.

This work studies the case of a medium-sized, dry
venue. The main objectives of the study are to analyze
the individual contributions of direct, early, and late
components of the feedback RIRs to the overall limit of
stability and to consider how to improve the limit with
known techniques depending on the system topology.

The paper is organized as follows. Section 2 discusses
the stability analysis and the GBI estimation. Sec-
tion 3 describes the venue and RES setup considered
in this study and the data pre-processing methodology.
Section 4 presents the GBI estimation from different
time-frequency slices of the feedback paths and dis-
cusses the use of stability-improvement techniques
based on the results. Section 5 concludes the study.

2. Stability
For a typical RES with nM microphones and nL loud-
speakers, H(t) ∈ RnM×nL is the matrix of feedback
RIRs from the system loudspeakers to the system
microphones, and V(t) ∈ RnL×nM is the matrix of
DSP impulse responses (IRs), where t is the time vari-
able. The corresponding frequency response functions
(FRF) are H(eȷω) ∈ CnM×nL and V(eȷω) ∈ CnL×nM ,
respectively, where e is Euler’s number, ȷ is the imag-
inary operator, and ω is the frequency variable. The
real-valued system gain µ controls the output power
of the loudspeakers. According to the generalized
Nyquist stability criterion [16], the stability of the

system is defined by the open feedback-loop matrix

O(eȷω) = µH(eȷω)V(eȷω), (1)

which can be diagonalized with eigenvalue decomposi-
tion [10]

µΛ(eȷω) = Q−1(eȷω)O(eȷω)Q(eȷω), (2)

where the diagonal matrix Λ(eȷω) ∈ CnM×nM and
the unitary matrix Q(eȷω) ∈ CnM×nM contain the
eigenvalues

{
Λi,i(eȷω)

}
and the eigenvectors of the

system, respectively. The decomposition should be
applied at each frequency value, and the eigenvalues
should be joined using continuity criteria, obtaining
the characteristic functions of the system [13]. Then
stability is analyzed from the Nyquist plot of each
characteristic function scaled by µ [16]. If the Nyquist
plot of any scaled characteristic function encircles the
point 1 + ȷ0 in the complex plane, then the system is
unstable for that value of µ [13].

2.1. Deterministic approach
From in-situ measurements of H(n) and V(n), where
n is the discrete time variable, H(eȷωk ) and V(eȷωk )
are found by discrete Fourier transform (DFT), where
ωk is the discrete frequency at the kth frequency bin.
O(eȷωk ) can thus be obtained for any specific installa-
tion and the eigenvalue decomposition is then applied
per frequency bin. Instead of retrieving and analyz-
ing the characteristic functions, the GBI is estimated
using either

µmax =
(

max
i,ωk

|Λi,i(eȷωk )|
)−1

, (3)

or
µmax =

(
max
i,ωk

ℜ
(
Λi,i(eȷωk )

))−1
, (4)

where |·| is the absolute value and ℜ(·) is the real part.
Equations (3) and (4) are based on sufficient but not
necessary conditions for stability: they impose a higher
threshold on µ such that either the absolute value or
the real part of all eigenvalues is lower than 1, ensuring
that the Nyquist plot of the characteristic functions
cannot encircle the point 1 + ȷ0. They provide close
estimates while maintaining a small margin from the
true stability limit, as in reality the absolute value
or the real part of some eigenvalues might be greater
than 1 without causing instability [13].

2.2. Statistical approach
The real and imaginary parts of a FRF between distant
points in a large concert hall, verifying the diffuse-field
assumption, are drawn from the zero-mean Gaussian
distribution with known variance σ2 [21]. In such a
case, H(eȷω) is rotationally invariant, thus, if V(eȷω)
is unitary, the real and imaginary parts of O(eȷω)
are also zero-mean Gaussian distributed [13] with
the same variance σ2. When these conditions are
verified, the probability of a RES being unstable can
be estimated as the probability of H(eȷωk ) having
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either a magnitude or a real part greater than unity
for any frequency bin [13]:

Pinst(µ) = P
(

max
ωk

f
(
H(eȷωk )

)
> 1

)
(5)

where P(·) indicates probability and f(·) is equivalent
to | · | or ℜ(·), based on whether the analysis refers to
Eq. (3) or (4). In this ideal condition, Pinst(µ) depends
entirely on σ2. The GBI can then be estimated, for
example, as the value µ0.5 : Pinst(µ0.5) = 0.5 [13]. A
lower gain value, as µ0.05 : Pinst(µ0.05) = 0.05 [14],
ensures a low probability of instability.
In reality, H(eȷω) vary over time [26]. In the determin-
istic approach, the eigenvalue decomposition should
be applied continuously. Although Eq. (4) produces
a closer estimate of the true GBI, while Eq. (3) is
more robust to time variation, neither of them can
guarantee stability at all time instants. The origi-
nal formulation of the statistical approach assumes
time-invariant H(eȷω) [13]. In this study, a hybrid ap-
proach will be considered, making use of both Eqs. (4)
and (5).

3. Case-study setup
This work considers a medium-sized concert venue
optimized for amplified live music. The space is acous-
tically dry and has a different geometry compared to
common performance venues. Its volume is 800 m3

and its reverberation time averaged over the 500 Hz
and 1 kHz octave bands is 0.50 s. The RES was in-
stalled to support occasional non-amplified perfor-
mances. Fig. 1a shows a floor plan of the venue with
boxes indicating the positions of the RES microphones
(green) and loudspeakers (blue) and arrows indicating
their orientation. The six microphones are concen-
trated around the stage area while the 40 loudspeakers
are distributed across the entire space. Due to this
positioning, the system’s topology is not clearly de-
fined, as the loudspeakers close to the stage follow
a regenerative setup with respect to the microphone,
while the far loudspeakers follow an in-line setup. All
transducers are installed just below the ceiling, which
is 3 m high. The measured H(n) are available on-
line [20]. H(n) was first cleaned from measurement
noise before the direct-sound arrival time td and after
the time tn, at which the root-mean-squared ampli-
tudes of the RIR and the noise were estimated to be
equal. This step was performed by setting to zero all
samples before td − 3 ms and after tn for each RIR
individually.
H(eȷωk ) = F(H(n)), where F(·) is the DFT, was then
normalized according to

Hnorm(eȷωk ) = H(eȷωk )
maxωk,m ρ(H(eȷωk )Um) , (6)

where ρ(·) is the spectral radius and Um with m =
1, . . . , M is the mth realization of an element of the
Stiefel manifold SnM(RnL). This normalization guar-
anties that, if M → ∞, µmax as per Eq. (3) is no lower
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(a) Microphone and loudspeaker positions of the RES in a top
view of the venue. Positions and orientations are indicative and
not accurately measured.
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(b) Top to bottom: energy E of HC(n), and energy percentages
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% of HD(n), HE(n), and HL(n), respectively,
relative to E.

Figure 1: RES setup and energy balance in the feedback
loop.

than 0 dB for any DSP matrix drawn from SnM(RnL),
and as a consequence also as per Eq. (4). In this
work, M = 1000. When substituted to V(eȷωk ), Um

is representative of an energy-preserving mixing ma-
trix. That is demonstrated by considering the squared
spectral norm of the right multiplication of Um with
any vector v ∈ RnM

∥Umv∥2
2 = (Umv)T (Umv) = vT UT

mUmv =
= vT v = ∥v∥2

(7)

3.1. Feedback energy
To analyze the effect of direct path, early reflections,
and late reverberation on the stability of the system,
multiple time slices of each element of the complete
RIRs HC(n) = F−1(

Hnorm(eȷωk )
)

were considered
separately.
The direct power transmission HD(n) was obtained by
cutting from td − 3 ms to td + 5 ms. The early power
transmission HE(n) spanned from td + 5 ms to the
mixing time tm, estimated as the time in which the
short-time sample distribution of HC(n) converged
to a zero-mean Gaussian distribution [27]. The late
power transmission HL(n) spanned from tm to tn.
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Figure 2: µ0.5 (solid) and µ0.05 (dashed) estimates for
HC(n) (blue), HD(n) (green), HE(n) (red), and HL(n)
(yellow). The areas emphasize the variation of the gain
margin with octave band.

The topmost pane of Fig. 1b shows the energy E of
HC(n). The remaining panes illustrate the energy of
HD(n), HE(n), and HL(n), expressed as a percentage
of HC(n). They are marked by ED

%, EE
%, and EL

%, re-
spectively. Loudspeakers 1 to 6, 11, and 12 contribute
the most energy to HC(n), mainly due to direct and
early transmissions resulting from their proximity and
orientation to the stage microphones. Loudspeakers
7 to 10 and 13 to 18 represent the second degree of
contribution to HC(n), with energy almost equally
distributed between direct, early, and late transmis-
sions. Lastly, loudspeakers 19 to 40 transmit little
energy, mostly concentrated in the late transmission.

4. Analysis
First, HC(eȷωk ), HD(eȷωk ), HE(eȷωk ), and HL(eȷωk )
were obtained using a DFT with K = 2fs frequency
bins for high frequency resolution. A realization of Um

was drawn from SnM(RnL) and used as DSP matrix.
The eigenvalues of the open feedback-loop matrix were
obtained for each case using Eqs. (1) and (2) for µ =
0 dB and grouped in octave bands. In each octave
band, µmax was computed according to Eq. (4).
Due to the high contribution of direct and early com-
ponents to the overall feedback energy, Heȷωk is not
rotationally invariant, and thus a specific choice of
the matrix Um is not representative of the average
stability limit over the ensemble of possible realiza-
tions of SnM(RnL). Thus, the process was repeated
for M = 1000 realizations of Um using Monte Carlo
simulations.
From the distribution of the µmax values, µ0.5 and
µ0.05 were estimated as the 0.5 and the 0.05 quantiles
of the data, respectively. The choice of the simulation
number M was driven by the inspection of the esti-
mands over cumulative trials, which converged for the
chosen value in all octave bands.
Figure 2 presents the results of the Monte Carlo sim-
ulations, depicting µ0.5 and µ0.05 estimates in octave
bands as solid and dashed lines, respectively. The
area between the two curves emphasizes the variation

of the safety margin in frequency. The colors separate
the four inspected cases: HC(n) in blue, HD(n) in
green, HE(n) in red, and HL(n) in yellow.
HC(n) shows the lowest µ0.5 estimates in each oc-
tave band, which is expected since it carries all the
feedback energy. Between the remaining three cases,
the µ0.5 estimates are similar with the lowest values
corresponding to HE(n) and the highest to HL(n) in
most octave bands. The trend is opposite in the lower
frequency range.
The safety margin is almost constant over frequency
for all cases. HC(n) and HD(n) present similar mar-
gins, HE(n) a bit larger, and HL(n) a bit narrower.
µ0.5 and µ0.05 estimates decrease with increasing fre-
quency for all curves, but increase in the highest octave
band.
Overall, Fig. 2 shows that the complete-RIRs GBI
estimates are not fully represented by any of the time
slices individually, but the main contributions come
from direct and late transmissions at low frequencies
and from direct and early transmissions at mid-high
frequencies.

4.1. Regenerative and in-line systems
To analyze the two RES topologies, two new RES
setups were considered by reducing the number of
loudspeakers from the default based on the ratio be-
tween ED

% + EE
% to EL

%. Loudspeakers 1 to 6, 11, and
12 formed a subset that simulated a regenerative sys-
tem, while loudspeakers 19 to 40 formed a subset that
simulated an in-line system. Loudspeakers 7 to 10
and 13 to 18 were neglected, as they are expected
to produce a similar trend as seen in Fig. 2. The
RIR matrices of both setups were obtained by setting
to zero all the columns of Hnorm(eȷωk ) not included
in the respective loudspeaker subsets. Both matri-
ces were time sliced according to the description in
Sec. 3.1 and the Monte Carlo simulation protocol was
repeated using the same realizations of Um.
Figure 3 shows the results of the simulations for re-
generative (left) and in-line (right) setups. The regen-
erative system shows that late energy transmission
has less influence on system stability than direct and
early. For the in-line system, instead, the estimations
can be almost fully determined by considering only
the late energy as the direct and early transmissions
are negligible. When comparing the curves of the two
sub-systems, the regenerative system shows lower sta-
bility thresholds than the in-line, which was expected
as the loudspeakers chosen for the regenerative setup
are the ones carrying most of the energy in Fig. 1b.
By comparing Figs. 2 and 3, both sub-systems show
µ0.5 estimates higher than the full system. The regen-
erative system shows values for HC(n) close to the full
system due to the direct and early transmissions being
almost equal for the full setups. The in-line system
shows higher estimates of µ0.5 and µ0.05 for HC(n)
than the full system because the feedback component
defining the stability limit is the late transmission in
correspondence of low-energy RIRs. The µ0.5 − µ0.05
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Figure 3: µ0.5 (solid) and µ0.05 (dashed) estimates for HC(n) (blue), HD(n) (green), HE(n) (red), and HL(n) (yellow).
The areas emphasize the variation of the gain margin with octave band. The left pane refers to the setup using only the
loudspeakers 1 to 6, 11, and 12. The right pane to the setup using only the loudspeakers 19 to 40.

margins for the regenerative system are identical to
the full system, while the in-line system shows nar-
rower margins stating a faster transition from stable
to unstable conditions with increasing system gain.

4.2. Stability threshold improvement
Typical techniques for improving the stability thresh-
old include [18]: the increase of sample decorrelation,
either between system channels or in time, and feed-
back cancelation. They have different working princi-
ples, as the first approach smooths the feedback FRFs
towards the mean loop gain by increasing the stochas-
ticity of the time-frequency samples, while the second
one takes advantage of predictable time samples to
minimize the feedback.
A larger channel count increases decorrelation between
channels when the transducers are well spaced in a
large hall, capturing different modes and reflection pat-
terns [22]. In a small room, instead, microphones and
loudspeakers will inevitably present coherent FRFs,
thus increasing the transducer density will not effec-
tively benefit channel decorrelation. In a dry and
small spaces, most of the feedback energy is concen-
trated in the early parts of the feedback RIRs, which
present high coherence in time [26]. Thus, feedback
cancellation is a suitable solution which suppresses
the portion of feedback energy attributed to determin-
istic reflections [25]. Canceling filters might not work,
instead, in large spaces where the feedback RIRs have
high energy in the late part, which has stochastic be-
havior [28]. Time variation could solve both cases, but,
since it works by distributing feedback energy of each
frequency bin to the neighboring ones, it works well
only for well equalized system, with equal energy in all
frequency bands, and if the feedback FRF variance σ2

is small then its contribution might be minimal [12].

5. Conclusions
This work explored the contributions of the feedback
components to the stability of a reverberation en-
hancement system installed in a dry, medium-sized
concert venue. Direct path, early reflections, and

late reverberation in the feedback paths have been
isolated, and the system stability threshold has been
estimated for each component in octave bands. Ad-
ditionally, the system setup was modified to show
different RES topologies and how the contributions
behave accordingly. The results show that when the
system includes loudspeakers both far and close to
the microphones, stability is strongly affected by all
three time components of the feedback paths in all
octave bands. Direct and late reflections dominate
at low frequencies, while the early and late reverbera-
tion are most influential at mid and high frequencies.
When the system’s loudspeakers are all close to the
microphones, the late reverberation is negligible in the
stability analysis; when, instead, the loudspeakers are
all far away from the microphones, the stability can
be almost fully estimated by analyzing only the late
reverberation. These observations led to a discussion
on the suitability of stability-improvement techniques
based on the system topology.
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