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Abstract—An efficient methodology for synthesising large-scale
room impulse responses (RIRs) is presented, operating entirely
in the modal domain. The approach proceeds in two stages: an
analysis phase, wherein modal parameters are extracted from
measured RIRs using a frequency-domain sub-band implemen-
tation of the PolyMAX algorithm; and a synthesis phase, based
on time-stepping of a second-order modal equation discretised via
a low-dispersion finite difference scheme. The procedure yields
a structured parametric model consisting of modal frequencies,
decay rates, and shape factors, directly interpretable in physical
terms. Sub-band fitting is employed to accommodate high modal
densities and broadband content, with stabilisation diagrams
used to isolate physically relevant poles. The method is applied
to both synthetic and measured responses acquired in three
large historical spaces. Results indicate close agreement with
the target responses in both frequency and time domains,
along with substantial reductions in computational cost. The
modal representation further permits statistical post-analysis of
decay behaviour and supports real-time synthesis on commodity
hardware. The overall framework offers a scalable alternative to
traditional numerical solvers for room acoustics modelling.

I. INTRODUCTION

The synthesis of room impulse responses (RIRs) encom-
passes multiple domains in acoustics and audio signal process-
ing. Applications include virtual acoustics and auralisation sys-
tems [1f], [2]], data-driven modelling and generation of spatial
sound fields [3], and the simulation and analysis of perceptual
and physiological responses in hearing science [4]]. Within
these contexts, the task of efficiently generating RIRs—while
preserving accuracy—tremains central to the success of virtual
acoustic systems [5], [6]].

The development of methods for RIR analysis and syn-
thesis spans more than a century, beginning with analytical
studies such as Sabine’s classical formulation of reverberation
time [7]. Computational modelling techniques emerged in
the 1960s, particularly in the high-frequency regime, where
geometrical acoustics offered tractable approximations. Early
ray-based strategies include ray tracing schemes [[§] and the
well-established image source method introduced by Allen
and Berkley [9]], which continues to provide a baseline model
for specular reflections in rectilinear and polyhedral spaces.
In parallel, the late 20th century saw the development of
wave-based approaches, most notably the application of finite
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difference time domain (FDTD) methods to low-frequency
room simulation [10]. These methods have since scaled
with improvements in computing hardware, including GPU-
accelerated architectures [[11f], [12], and now support high-
resolution simulations across extended bandwidths.

Present-day wave-based methods include finite difference
schemes [[13], [14], finite volume discretisations [15], and
finite element models [16], [[17], each with respective trade-
offs regarding numerical dispersion, boundary representation,
and computational cost. Hybrid strategies have also emerged,
combining geometric and wave-based models to accommodate
broadband and multiscale phenomena [18|]. More recently,
data-driven alternatives using neural networks have appeared,
progressing from early parametric estimators [19] to recent
systems based on operator learning frameworks capable of
reconstructing full-bandwidth 3D fields [20].

The present work addresses a related but distinct problem:
extracting structured room models directly from measured
RIR data. A natural framework for this task is modal de-
composition, wherein the RIR is represented as a sum of
exponentially decaying sinusoids. Each sinusoidal term cor-
responds to a second-order resonant filter; its pole encodes
both modal frequency and damping, while the gain reflects
source—receiver positioning and excitation strength [21]]. This
formulation is both physically interpretable and amenable to
compact parametric representation. The main challenge lies in
the robust and efficient estimation of poles and gains from
measurement data.

Several methodologies have been developed for this pur-
pose, some of which avoid the explicit estimation of poles.
Notably, Bank’s fixed-pole approach fixes resonant frequencies
and bandwidths a priori and optimises the gain values using a
weighted least-squares fit across frequency bins [22].

General approaches to modal parameter extraction origi-
nated in structural dynamics [23]], where they were developed
to analyse vibrating mechanical systems. These techniques
have since been adapted for use in room acoustics, typically
in a sub-band setting due to the high modal density of
enclosed sound fields. In the time domain, notable examples
include sub-band ESPRIT [24], frequency-zoomed ARMA
modelling [25]], and ESPRIT analysis on a warped frequency
axis [26]. These methods rely on constructing Hankel matrices



from delayed signal blocks, yielding poles through subspace
analysis and gains via least-squares fitting, a feature analogous
to the well-known eigensystem realisation algorithm by Juang
and Pappa [27].

Frequency-domain approaches offer an alternative route,
as exemplified by the work of Maestre er al. [28], [29].
Here, initial pole estimates are obtained from the frequency
response, followed by nonlinear constrained optimisation to
refine the pole positions. Once finalised, the modal gains are
computed analytically via linear least-squares. While capable
of yielding high-quality models, this approach is sensitive to
initialisation and becomes computationally expensive at higher
model orders due to the need for iterative gradient-based
refinement.

The approach developed here adopts a frequency-domain
strategy based on the PolyMAX algorithm for modal analysis.
As with the least-squares complex frequency-domain (LSCF)
method, PolyMAX recasts the pole estimation problem as
a polynomial, enabling semi-automated pole selection [30],
[31]. The fitted model is then converted to state-space form,
with modal parameters extracted via eigen-decomposition. The
procedure is entirely linear, albeit at the expense of computing
zeros of complex polynomials through an eigenvalue proce-
dure, and avoids the convergence issues typical of nonlin-
ear optimisation. More importantly, though, PolyMAX yields
stabilisation diagrams—plots of pole location versus model
order—which enable the robust identification of physical
modes and effective suppression of numerical artefacts. This
clear separation of stable and spurious components supports
semi-automated pole selection, without reliance on heuristic
thresholds or manual post-processing.

The paper is organised as follows: Sec. [[I] presents the over-
all pole-residue identification theory. Practical implementation
details are given in Sec. Examples are discussed in Sec.
including a simple synthetic resonator used as a test, and
three large central-plan halls. Results are then discussed, and
a basic statistical analysis of the modal decay parameters is
given.

II. THEORY

For conciseness, the following discussion assumes a single-
input single-output (SISO) system. Generalisations to the
multi-input - multi-output (MIMO) case are possible, and the
reader is referred to Peeters et. al [|31]] for details. Note that, in
the SISO case, there is no distinction between the PolyMAX
algorithm and standard LSCF.

In a SISO system, a frequency response function in the z
domain H(z) can be modelled as a rational function of the
complex variable z:

H(z) = B(2) _ b0—|—b12—&---~—|—bpzp7 0

A(z) ap+ a1z + -+ apzP
where A(z) and B(z) are polynomials in z. The frequency
response is obtained by replacing z — /T for continuous
radian frequency w and constant time interval 7. The de-
nominator A(z) of degree p captures the poles of the system

(the resonant modal frequencies and damping). In contrast,
the numerator B(z), again of order p, captures the zeros and
overall gain (mode shape contributions for the given input-
output pair). Before proceeding, it is worth noting that the
constant 7" is not intended here as the sampling interval of
a measured RIR; rather, it is an artificial parameter used to
scale the exponential. An appropriate choice of T is essential
for the well-posedness of the optimisation routine. A practical
choice for T' will be illustrated later.

Given discrete frequency response data from a measured
RIR, the transfer function above is evaluated on a number N
of discrete frequency bins, such that:

Hy=H ("), k=0,1,..,N -1, )

where the “hat” notation denotes a measured response. The
coefficients of A(z) and B(z) can be determined by solving
a linear least-squares problem. Specifically, approximating
with the measured response gives:

€ = Bk—Akﬁk%Q (3)

for each frequency sample wy, in the dataset. In matrix form:

_ B
e=[X,Y] M , @
where X, Y € CN*(P+1) | with:
(X)g,, = [LeT, L ePT] (5)
(Y, = —Hi Xk, 6)
/6 = [b07b17"'7b[)}1‘7 (7)
a = |ag,a1,...,ap]7. (8)

A. Least-square minimisation

A linear-in-parameters least-squares minimisation is readily
available for the norm of e. The optimisation problem is
defined as finding:

1,
min = . 9
B.aicRr ZHEHQ 2

First, note that:

let3 =157 o7 [ gv 3] |2].

with R := Re(X'X), S := Re(X'Y), T := Re(Y'Y).
The symbol | denotes the Hermitian transpose and, hence, all
three matrices € R(P+1)x(P+1) Thys, taking gradients of the
cost function (9) and setting them to zero yields the so-called
normal equations:

(10)

RA _Sa, (11a)
Ta —S73. (11b)

Using (TTa) in (TID) to eliminate 3, one gets:
(T-STR™'S) a := Ma = 0. (12)



This equation is never solved directly. To avoid computing the
trivial solution @ = 0, the last element of « is set to one (i.e.
ap = 1). Then, the following sub-problem is extracted:

AaO:p—l =b (13)

with A = MO:p—l,O:p—l, b = MO:p—l,p~ This y1elds the
least-squares denominator coefficients:

a = [ag,aq,..., 1]T. (14)

B. Pole Extraction

Given the denominator coefficients of the transfer function,
one may proceed with the extraction of poles by solving the
characteristic equation A(z) = 0. Rather than computing the
roots directly—an approach that can be numerically unstable
for higher-order systems—it is preferable to recast the problem

in terms of an eigenvalue computation:
CV = VA, (15)

where C denotes the companion matrix, given explicitly as:

0 r .- 0 0
0 o - 0 0
C=1|: : . S TS
0 o - 0 1
—ap —ap —Qp—2 —Aap—1

and A is a diagonal matrix of eigenvalues. The eigenvalues of
C are of the form e~ 7T where

A = —0; —&—j\/Q? —01-2,

with o; := 31og(10) /760 the decay rate associated with mode
i, defined in terms of the 60 dB decay time 749, and €; the
corresponding undamped modal frequency.

a7

C. Modal Shape Recovery via Pole—Residue Least-Squares
Fitting

Upon determination of the modal poles {);}, the corre-
sponding residues may be obtained via a least-squares fitting
procedure. In a general MIMO framework, one distinguishes
between input participation and output modal shape vectors.
In the SISO case under consideration here, both reduce to
a single complex-valued scalar, the residue r;, which encodes
the amplitude and phase of mode ¢ within the system’s transfer
function.

The frequency response function (FRF) is expressed in
pole—residue form as:

M
H(jw) = ZHi(ijwhere
i=1
T r¥
H;(y = - — 18
(jw) R Wl (18)

where \; and r; denote the complex-valued poles and residues,
and * indicates complex conjugation.

Given fixed pole locations {);}, the representation is
linear in the unknowns {r;}, and may thus be estimated via

linear least-squares fitting against sampled frequency-domain
data. This constitutes the second stage of the PolyMAX
algorithm, wherein residue estimation follows the selection of
stable poles through iterative refinement.

D. Time-Domain Resynthesis

From the pole-residue model (I8)), one obtains a corre-
sponding time-domain formulation for the modal coordinate
g; driven by an external input f(¢):

Gi +20:4; + Q%q; = cif (t) + di f (1), (19)
with coefficients defined as:

20; Re(r;) — QWIIH(H%

2Re(r;).

Cc; =

d =

Here, ¢; corresponds to the real-valued modal shape for mode
1. For numerical simulation, the continuous-time equation
may be discretised using the time sequence ¢ =~ ¢;(nT5s),
where T is the sample interval (not to be confused with the
time scaling constant 7" used previously). A finite-difference
scheme with exponential damping yields:

qg”‘*‘l = 2¢;" cos (\/Q% — o2 TS> e Ts

—20Ts n—1
—e q;

_|_Tse—aTs (Tscifn +dz(fn _ fn—l)) ,

which is unconditionally stable and exhibits low numerical
dispersion, as discussed in [32]—[34].

Each modal coordinate g;' may be updated independently,
allowing for efficient parallel implementation. The final system
response is obtained as:

(20)

III. IMPLEMENTATION

Due to the extremely high modal density of measured
room impulse responses, full-band optimisation is generally
infeasible. Instead, a sub-band fitting approach is adopted.

A. Sub-Band Optimisation

Let a sub-band be defined by the lower and upper frequency
bounds w; and w,., respectively. The fitting performance within
this band is determined primarily by two design parameters:
the time-scaling constant 7' in @ and the model order p.
If T is too small, the basis functions vary too slowly across
the data window, and the matrix A in (I3) becomes ill-
conditioned. Conversely, overly large values of T lead to
excessive variation and instability. Following standard practice
in structural dynamics, a robust choice is T = 7/(w, — w;)
[35]], which is adopted throughout this work.

The model order p is not selected directly. Instead, a
stabilisation diagram is constructed by sweeping p over a
specified range. At each step, poles are retained only if their
frequency and decay rate remain within specified thresholds



relative to the previous iteration. Clusters of stable poles are
then formed using a distance-based metric. See Fig. [3] for an
example of such a stabilisation diagram.

Residues are computed using the procedure described in
Section The output of the sub-band b fit consists of M,
poles and residues.

B. Global Optimisation

To cover a broader frequency range, the optimisation do-
main is partitioned into sub-bands. Various strategies may
be employed, including linear, logarithmic, or perceptually
motivated subdivisions such as the Bark scale [29], [36]. The
optimisation is carried out independently in each band, and
the pole-residue pairs are aggregated across bands.

To minimise edge artefacts and spurious contributions from
neighbouring bands, it is often beneficial to optimise over a
band with additional overlap and retain only the central band’s
poles and residues post-fit [29]. Once all Np bands are opti-
mised, the total number of identified modes is M = Eé\fl My,
yielding the 4 M real coefficients €2;, 0y, ¢;, and d; needed for
direct synthesis via (T9).

IV. EXAMPLES

As a first case study, a synthetic resonator is constructed
in MATLAB, comprising 100 modes with randomly generated
modal frequencies, decay times, and real-valued modal shapes
such that d; = 0 in (I9). Frequencies are drawn within the
range [20, 520] Hz.

The second set of test cases is a sample of large RIRs
acquired in three different centrally planned halls through
acoustic surveys, pictures of which are visible in Fig. [T} The
halls have been the subject of previous studies [37].

The halls: The first space is the Odeo Cornaro in Padua
(Italy), which is a 16th-century Renaissance music hall that
continues until today to serve its original function, hosting
musical and cultural events [38]], [39]], whose central hall is
visible in Fig. [[(a). The structure was built between 1524
and 1534 as part of a vital villa and has remained largely
intact over the centuries. The architecture includes a sequence
of richly frescoed chambers used for musical and intellectual
gatherings. The central musical hall is particularly interesting,
as it is an octagonal marble room (220 m?) that exemplifies
Renaissance proportion and central-plan harmony. Architec-
tural historians highlight its exceptional acoustic response,
attributing sound sustain during vocal performances to the
concave geometry of the ceiling and the four large lateral
niches.

The second environment is the Rotunda of Madonna del
Monte in Bologna (Italy), a 12th-century circular building
remarkably preserved in its original form [40], as seen in Fig.
[[b). Originally part of a monastic complex, this Romanesque
central-plan sacred space was used by monks for private prayer
and chanting. The environment (715 m?) features a dome
with a central oculus, reminiscent of ancient sepulchral spaces,
such as the Pantheon in Rome. The Rotunda’s design reflects
theological and symbolic intentions, contributing to its unique

Fig. 1. Pictures of the central halls of (a): Odeo Cornaro; (b): Rotunda
of Madonna del Monte; (c): the Pisa Baptistery. Panels (a) and (b) repro-
duced with permission by the authors [39], [40]. Picture in Panel (c) by
Mstyslav Chernov, Wikipedia, reproduced without changes, licensed under
https://creativecommons.org/licenses/by-sa/3.0/.

acoustic profile. The surviving 19 niches, although never filled
with the intended sculptures, remain key elements enhancing
sound diffusion, along with the rough masonry on the inner
walls.

Built between the 12th and 14th centuries, the third hall
is the St. John’s Baptistery, close to the renowned Leaning
Tower in Pisa, Italy [41]. Part of the hall is visible in Fig. [T}c).
Initially designed for baptism ceremonies, the Baptistery’s
architecture follows theological and traditional symbolism. It
features a circular plan and a high conical dome, achieving
an impressive overall volume of 23,000 m3. The ground floor
features a central zone, marked by an octagonal font, altar, and
pulpit, as well as an external circular ambulatory. The space
includes marble linings, columns with decorated capitals,
and floor-level tombs. On the first level, the matronaeum, a
more austere gallery intended to host women, overlooks the
central space. Although direct records of musical use are rare,
the environment likely supported Gregorian chant and later
polyphony, as suggested by comparative acoustic studies in
similar contexts (e.g., St. Vitale in Ravenna and Notre-Dame
in Paris). More details about the three spaces are provided by
Ref. [37].

Measurements: A series of acoustic surveys allowed the
collection of measured RIRs in each environment in compli-
ance with ISO 3382-1 [42]. During the measurements, the
halls were furnished and unoccupied, except for the presence
of two operators. RIRs were acquired using a dodecahedron
and a subwoofer as sound sources, along with half-inch free-
field microphones as monaural receivers. Both sound sources
were calibrated in a reverberation room following ISO 3741
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(c) Ground floor

(d) First floor

Fig. 2. Sources (S) and receivers (R) layout during the ISO 3382-1
measurements in Odeo Cornaro (a), Rotunda of Madonna del Monte (b), St
John’s Baptistery ground floor (c) and first floor (d). The main dimension of
each hall is provided (images inspired by Ref. [37]). Red labels in each panel
indicate the source and receiver locations for the test cases in this section.

[43]. The setup also included a MOTU soundcard, a laptop
launching the exponential sine sweep (ESS) signals (512 k at
48 kHz), and Dirac 6.0 commercial software to acquire the
measured RIRs and derive the key acoustic indicators in the
postprocessing step.

Sound sources and receivers were placed at 1.5 m and 1.2
m above the floor level, respectively. The spatial configuration
of each environment’s internal volumes guided the placement
of sources and receivers throughout the spaces. The central
octagonal space of the first example hosted two sound sources
and nine receiver points. In the second hall, sources were
placed behind the altar, i.e., the most likely location occupied
by speakers and singers, with four receivers spread among the
wooden pews. The third space featured two sound sources on
the ground floor — at the altar and the pulpit — in accordance
with their liturgical relevance, and a third source within the
matroneum on the first floor. Receiver points were spread
among the ambulatory, the baptismal font, and the matroneum.
Figure [2] shows the layout of sources and receivers during
the acoustic measurements, highlighting the source-receiver
pairs corresponding to the RIRs assessed in this study. Table
[ reports the mean values of measured reverberation time at
mid-frequencies along with the main geometrical features of
each hall (volume and height).

TABLE I
TOTAL VOLUME (V'), HEIGHT (H), AND MEAN REVERBERATION TIME
VALUE AT 500 - 1000 HZ (730,avg) OF THE THREE TEST CASES.

Hall Vv H T30,avg
(m3)  (m) (s)
Odeo Cornaro (Padua) 220 5.5 2.81
Rotunda of Madonna del Monte (Bologna) 715 12.2 2.78
St. John’s Baptistery (Pisa) 23,000 40.0 13.01
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Fig. 3. Stabilisation diagram and globally optimised modal spectrum for the

simple resonator described in Section [[V-3] yielding 100 modes.

A. Simple Resonator

As a preliminary test case, the PolyMAX algorithm is
applied to a simple resonator system over a single frequency
band extending from 10 Hz to 600 Hz. The model order p
is swept over the range 100 < p < 400 in increments of 20.
At each iteration, modal stability is assessed, and a threshold
of 10% is imposed on both modal frequency and decay time
variation to ensure consistent identification.

The resulting stabilisation diagram, shown in Fig. [3] indi-
cates the presence of 95 stable poles across the sweep range.
A comparison between the target system response and that
obtained from the identified model is also presented. In the
time domain, the impulse response reconstruction is shown in
Fig. @ together with the residual error.
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Fig. 4. Impulse response comparison for the system of Section [[V-A] The
original and synthesised responses are overlaid. Frequency-domain compar-
isons appear in Fig. [3]
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An assessment of identification accuracy in terms of modal
parameters is given in Fig. 5] Errors are computed relative to
the ground truth. While five modes are not explicitly recov-
ered, their spectral locations closely coincide with those of
identified components, suggesting masking effects. Frequency
errors remain generally below 0.1%, while decay rate and
mode shape deviations are typically within 2%, with only
minor localised exceptions.

B. Measured Room Impulse Responses

Application to the hall impulse responses is now consid-
ered. The PolyMAX procedure is employed using a sub-
band decomposition strategy, as introduced in Section [[II} The
frequency band of interest spans [20, 12 - 103] Hz for each of
the three examined spaces.

Optimisation Parameters: For the Odeo Cornaro, the small-
est of the three spaces, the band is partitioned into 400 uniform
sub-bands with 3-band overlaps, resulting in effective band
widths of approximately 30 Hz and 90 Hz of overlap per sub-
band. For each band, model orders p,,;, and p,,.. are selected
within the bounds 50 < P, < 200 and 100 < praz < 500,
depending on frequency. Linear interpolation is used across
bands. The model order step is fixed at 50. Poles with decay
times exceeding 15 s are discarded. Stability thresholds are set
at 10% (frequency) and 30% (decay time).

For the Rotunda, the band decomposition uses 600 sub-
bands with a 4-band overlap. Each band spans approximately
20 Hz, with a total overlap of 80 Hz. Identification parameters
are held consistent with those of the Odeo Cornaro.

For the Baptistery, which constitutes a considerably larger
volume, an analogous procedure is employed with appropriate
scaling of model order and band configuration. Here, 1500
equally-spaced bands are considered with a 4-band overlap,
resulting in a 8 Hz band length and a 32 Hz band overlap. The
polynomial order p,,;, is linearly interpolated across bands
between 300 and 200, and p,,.. between 400 and 300. The
same stabilisation thresholds are employed as previously.

Results: The identified frequency responses for each space
are plotted in Fig. [6] overlaid on their respective measured
targets. The residual response is also shown. These results
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Fig. 6. Low-range target (black) and identified (red) frequency responses for
the three analysed halls.

1

051 0.2 )
M A A
— s NN WA
= 4 Mm4—>“"“““"o NAVATURW v\/\v W
051 02 )
; g “01 0101 0102 0103 0.104 0.105
0 0.2 0.4 0.6 0.8 1
t(s)
-20
o 40 1
= N,
s MN“MM
T 60t M .
- - IW‘N“NVWM'\V’W;h’N\«M”“"MM,M,;\«’*\'V‘NA-M\»‘(\F’W‘\W’ it
-80 \ \ \ \
0 0.2 0.4 0.6 0.8 1
t(s)
Fig. 7. Impulse responses for the Odeo Cornaro. (a): Target (black),

synthesised with decay averaging (red). (b): Residual signal in decibels.

indicate high accuracy of the reconstruction achieved by the
PolyMAX algorithm.

Time-domain reconstruction for the Odeo Cornaro is dis-
played in Fig. [7] The synthesised impulse closely matches
the measured response. However, post-response ringing—due
to poorly stabilised spurious modes—is observable. Tighter
decay time thresholds alleviate this issue but may reduce
identification efficiency. An alternative remedy is to apply a
moving average smoothing to the decay times, followed by
least-squares refinement of the modal residues. This procedure
reduces artefactual ringing but introduces a slight phase shift
in the early decay.

V. DISCUSSION

Modal decomposition provides a structured approach to
representing room acoustics. Full-band direct extraction of
modal parameters remains computationally challenging, par-
ticularly for large environments. The sub-band PolyMAX



TABLE II
IDENTIFIED MODAL COUNT (M) AND MEAN MODAL REVERBERATION
TIME 7g0 (500—-1000 HZ) FOR THE THREE TEST CASES.

Hall M T60
(s)

Odeo Cornaro (Padua) 9072 2.8
Rotunda of Madonna del Monte (Bologna) 11475 2.7
St. John’s Baptistery (Pisa) 52470 125

approach presented here allows for tractable identification over
broad frequency ranges. Once modal data are acquired, further
statistical analyses become possible.

Decay time distributions, derived from the modal decay
constants, are plotted in Fig. [§] Here, a running average
over five consecutive modes is shown alongside standard
deviation bands. Dashed red lines indicate the 500-1000 Hz
octave band boundaries. These distributions may be compared
to conventional reverberation times obtained from Schroeder
integration.

A summary of the average modal reverberation time 74,
computed from the identified modes in the 500—1000 Hz band,
is given in Table These values closely align with those
obtained via classical techniques. The additional capability
to analyse statistical variation—unavailable in the Schroeder-
based approach—is a key advantage.

Lastly, the numerical integration scheme employed for time-
domain synthesis (see Section supports a highly efficient
implementation, suitable for real-time rendering. This is made
possible by the low dispersion of the numerical scheme
and the ability to run modal banks at reduced update rates.
Benchmarks show that up to 20,000 modes may be simulated
in real-time using under 15% of a single CPU core on an
M2-based machine, when deployed as an audio VST plugin.

A summary of the results, including audio examples, is
available on the companion webpag

VI. CONCLUSIONS

A frequency-domain modal decomposition framework has
been described for the efficient characterisation and synthesis
of large-scale room impulse responses. The core identifica-
tion procedure utilises the PolyMAX algorithm in a sub-
band setting, allowing for the tractable estimation of modal
parameters under conditions of high modal overlap and ex-
tended bandwidth. The use of stabilisation diagrams across
model orders provides a systematic means for distinguishing
physically consistent modes from spurious numerical artefacts,
allowing for the construction of stable, low-order models
without reliance on nonlinear optimisation.

Time-domain synthesis proceeds via a second-order oscil-
lator formulation, discretised using a stable and dispersion-
controlled scheme. This enables the real-time resynthesis of
RIRs with high fidelity, utilising only a fraction of the available
computational resources. A variable-rate update strategy may

Uhttps://mdphys.org/I3DA_2025.html

be adopted across modal banks, without appreciable degrada-
tion in output quality, owing to the intrinsic properties of the
integration method.

The proposed method has been applied to both synthetic
and measured responses, including data collected from three
distinct architectural spaces of historical and acoustic interest.
Results indicate a close match to measured data in both fre-
quency and time domains. Modal reverberation times derived
from the decomposition align closely with those computed via
standard techniques, while also permitting statistical analysis
over the ensemble of modes—a feature not available through
traditional approaches.

The method admits direct extension to multi-channel config-
urations, and may serve as a basis for parametric spatial mod-
elling, artificial reverberation design, or perceptually informed
sound field rendering. Integration into real-time audio engines
is straightforward, with performance metrics indicating the
capability of simulating modal banks comprising tens of
thousands of oscillators using a small computational footprint
on modern hardware.
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