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ABSTRACT

This paper accompanies a demonstration of a real-time audio plug-
in for a dynamic spatial reverb. The reverb is based on acous-
tic measurements of the Bunkervik creative arts space in Brescia,
Italy. A modal synthesis reverberation engine was created based
on measured impulse responses from three locations in the tun-
nel. Using a common set of modal frequencies the position of
the receiver can be dynamically moved through the space by inter-
polating between data sets of residue weights and FIR filter taps.
The audio plug-in also allows real-time manipulation of the high-
frequency content, damping, and microphone rotation, all of which
can be modulated using two LFOs.

1. INTRODUCTION

The acoustic measurements were conducted in November 2025
within the Bunkervik tunnel, a former WWII air-raid shelter in
Brescia, Italy, comprising a vaulted gallery approximately 30 me-
tres in length with a roughly uniform semi-circular cross-section.
Two views of the gallery are reproduced in Fig. The geometry
is well approximated as one-dimensional: a listener walking along
the central axis experiences a smooth, monotonic evolution of the
reverberant signature.

Impulse responses were acquired using the exponential sine
sweep (ESS) method [1], with a Genelec studio monitor serving
as the excitation source and a Beyerdynamic free-field omnidirec-
tional condenser microphone as the receiver, with audio recorded
at 48 kHz and 24-bit resolution via a portable USB audio interface.
To compensate for the inherent directionality of the loudspeaker,
the source was successively oriented along six cardinal directions
(Up, Down, Front, Back, Left, Right) at constant gain and signal
level, and the resulting sweeps were time-aligned, trimmed to a
common length, and summed to approximate an omnidirectional
source characteristic.

The receiver was positioned at three locations along the cen-
tral axis of the tunnel at distances of approximately 8§ m, 10 m,
and 25 m from the source, yielding three independent impulse re-
sponses spanning the perceptually relevant range of the space. The
geometry is summarised schematically in Fig.lgl

Each combined sweep was converted to an impulse response
via Wiener/Tikhonov-regularised frequency-domain deconvolution,
with a regularisation factor applied to ensure numerical stability at
the spectral extremes of the sweep.
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(b) Acquisition rig.

(a) Longitudinal view.

Figure 1: Bunkervik tunnel - the vaulted gallery is approximately
30 m long, with cross-section roughly uniform along the longitu-
dinal axis. The Genelec studio monitor was rotated through six
cardinal orientations to approximate an omnidirectional source.
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Figure 2: Schematic of the source-receiver geometry. A single
Genelec source S at one end of the tunnel was rotated through
six orientations; the omnidirectional receiver was placed in turn at
three positions R, R2, R3 along the longitudinal axis.

2. DATA PROCESSING

The data processing stage translates the impulse responses into
a modal synthesis reverberation engine [2] that uses 3 data sets
of equally sized arrays, thereby enabling direct and efficient in-
terpolation between them. The processing is loosely based on
the methodology described in [3]. The first stage of the process-
ing pipeline involves independently decomposing each impulse re-
sponse into a modal representation, in which the acoustic trans-
fer function is expressed as a superposition of damped sinusoidal
components, each characterised by a frequency, a damping coeffi-
cient, and a complex residue. Modal frequencies are identified by
peak-picking on the magnitude spectrum within a set of overlap-
ping sub-bands, and per-mode damping values are derived from
band-wise reverberation time estimates, with a global fallback ap-
plied in bands where reliable decay estimates cannot be obtained.

Once the poles are established, the corresponding complex
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residues are determined by banded least-squares fitting against the
measured spectrum [4], supplemented by a 256-tap FIR correction
filter designed to absorb any residual spectral colouration in the
early portion of the impulse response.

A direct consequence of performing these fits independently at
each position is that the same physical acoustic mode may be iden-
tified at slightly different frequencies and damping values across
the three pole sets, rendering straightforward residue interpolation
ill-defined. To resolve this, a common modal basis is constructed
by concatenating the three pole sets and clustering them along the
frequency axis using a frequency-dependent tolerance, with candi-
date poles within each cluster merged into a single representative
pole via a residue-magnitude-weighted average.

This procedure yields a unified set of 6,300 poles spanning the
band from 70 Hz to 12 kHz. Per-position residues and FIR cor-
rection filters are subsequently re-fitted against this shared pole set
through a joint alternating least-squares optimisation, producing a
representation in which residues at all three positions are anchored
to identical poles and can therefore be meaningfully interpolated.
The accuracy of the resulting fit is confirmed by time-domain nor-
malised RMSE values below 3.5% at all three positions, with the
combined IIR/FIR optimisation reducing error by a factor of two
to three relative to the modal-only baseline.

3. AUDIO ENGINE

The audio engine consists of per-sample processing across two in-
dependent channels for stereo output. Separate data sets exist for
each channel, with core data stored in a header file and loaded
into class members at setup. The arrays of modal frequencies and
residue weights contain 6,300 elements each, whilst the small FIR
correction filters contain 256 elements. The modal reverberation
scheme is supplemented by a fractional delay line to give the cor-
rect time delay for sound to travel from the source to the receiver,
which can be up to 30 meters away.

The position of this microphone receiver can be dynamically
changed during runtime, allowing the user to ’walk-through’ the
space. This movement needs to be smoothed in order to reduce au-
dible artifacts. Whilst a simple linear interpolation produces high-
quality results for the data sets of residue weights and FIR filter
taps, a cubic lagrange interpolation is used for the fractional delay.
The re-calculation of the state-size arrays of residue weights does
not need to be performed at each time-step, in practice every eighth
step gives smooth output at minimal computational overhead. This
is an important consideration, as an LFO may be applied to the mi-
crophone position.

In addition to the dynamic receiver, we also implement manip-
ulation of the high-frequency components by stretching the modal
frequencies and adjusting the weights above a user-controlled cut-
off frequency. As the original data only contains modal frequen-
cies up to 12 kHz, this procedure allows higher-frequency content
to be rendered, up to 20 kHz. This operates as a ’brilliance’ con-
trol, which is labeled as *Aura’ in the plug-in itself. Both the cut-
oftf and maximum frequencies are variable in real-time, as is the
amount of boost given to the residue weights. The effect can be
bypassed in the plug-in through the disable button, which resets
the system to it’s original data state.

The complete process method of the engine requires six stages,
as shown in Fi gur First the microphone position is smoothed to
approach its target value, and then if a recalculation of the weights
and FIR taps is required it is performed on an eight sample clock.
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PA_BunkervikReverb: :process()

PA_BunkervikReverb.cpp - per-sample signal path

1 Position Smoothing

Step m_smoothxpos - m_targetxpos by +0.00027
m/sample

@ CLOCK GATE — RUNS EVERY 8 SAMPLES

2 Weights Blend Update

Recalculate weights and FIR coeffs only when
position changed

3 Core State Update.

6200 element modal state update and sum reduction
per channel using SSE / AVX2 / NEON intrinsics

4 256-tap FIR Filter

Independant FIR correction filters per channel

5 Dry Signal Pan + Gain

Constant-power pan on dry signal, then position-—
dependent dry gain

6 Fractional Delay Line

Variable delay using Lagrange cubic interpolation,
incorporating mic rotation variation.

Figure 3: Flow chart of the process() method of the audio engine.

Having set the correct data for our arrays we can then perform the
core state update and sum reduction to compute the initial output
for each channel of the modal reverb scheme (stage 3). This stage
takes around 90% of the computational effort, so manual vector in-
trinsics were employed to optimize this section (SSE/AVX/NEON)
on both macOS and Windows platforms.

The two output samples are then processed through the FIR
filters (stage 4) before mixing and panning is applied. The final
stage is to send the samples through the fractional delay lines, us-
ing small variations in their lengths in combination with the pan-
ning to give a microphone rotation effect. The only additional pro-
cessing required is to update the damping and aura parameters,
which manipulate the high-frequency modes and weights. This is
applied once per-buffer and so has minimal effect on the overall
computational costs. Initial testing on Apple Silicon M2 Pro and
M4 Max showed a single-core CPU usage of < 25%. A silence
check was also included, to cut processing of the engine when the
output amplitude drops to less than -60dB.

4. USER INTERFACE

The audio plug-in was created using the JUCE framework, with
a user interface built on live-drawn vector graphics as shown in
Figure The top section contains a visualization of the three Aura
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oo B 5. CONCLUSIONS

BUNKERVIK

A spatial extension of the modal-reverberation framework has been
demonstrated through acoustic measurement of a space and the de-
velopment of a real-time audio plug-in that allows dynamic posi-
tioning of the output receiver. The core concept is the construction
of a common modal basis, a single set of position-invariant poles
against which per-position residues and FIR correction filters are
fitted. This allows the output receiver to be dynamically positioned
along the axis of the space. The engine also demonstrates real-time
manipulation of high-frequency content using the Aura controls,
stretching the modal frequencies and adjusting weights to allow
control over brilliance and creative applications.

A direct extension of this work would be the use of data sets
representing 2-dimensional or even 3-dimensional arrangements
of recorded impulse responses. Interpolating through these larger
data sets would allow a greater freedom of receiver position move-
ment and reproduction of spatial presentation, achievable with com-
parable levels of computational cost.

The prototype plug-in is available in Audio Unit, VST3 and
AAX formats for macOS, and VST3 and AAX formats for Win-
dows. They can be obtained from the NEMUS wesite at:
https://nemusproject.eu/resources/software-downloads/
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parameters for display purposes only. The remainder of the Ul is 3
split into 4 sections of controls. (3]

Aura controls - Two large knobs and a slider control a high-

frequency modal Warping of the pole frequencies_ Cut- [4] P. Guillaume, P. Verboven, S. Vanlanduit, H. V. der Auwer-
off and Max Freq define the frequency range, whilst Boost aer, and B. Peeters, “A poly-reference implementation of the
scales the slope. This allows control of brilliance without least-squares complex frequency-domain estimator,” in Pro-
altering the modal density or the spatial residue structure. ceedings of IMAC, vol. 21, 2003.

* Spatial controls - The core parameters that control the spa-
tial reverb. Microphone Position from 0 - 30m, Microphone
Rotation +/-90 degrees, and Damping. There is also a visu-
alization of these on the left.

* Modulation section - This contains the 2 LFOs and a modu-
lation matrix that allows a choice of 6 targets to be modified
across 3 rows. Rates can be sync’d to the host, and there are
sine, triangle and square waveforms available.

* OQutput controls - The final reverb Gain and Dry/Wet mix,
with level meters. There is also a Bass parameter for con-
trolling the low frequency content.

The rotary controls that are available for modulation have outer
rings that animate according to their LFO-modified values. Other
animation effects are the Aura visualizer and the Spatial diagram
element. Each of these are drawn and updated as individual opaque
components to minimize the CPU cost of the animation. The plug-
in window is also fully re-sizable via affine transformation of the
outer component window.

521



	Contents
	Forward
	Committees
	Keynotes
	Tutorials
	Reverberation and Spatial Audio
	A Unified Framework for Real-Time Concatenation-Driven Convolution — Niccolo Abate and Brian Hansen
	Group Delay Manipulation for Creative Sound Transformation With the Giant FFT — Ted Apel
	Diagonal Complex-Valued State Space Models for System Identification and Modeling of Metal Plate Reverbs — Matthias Bittner, Matthias Wess, Dominik Dallinger, Daniel Schnöll and Axel Jantsch
	Fast Parametric Matrices for Lossless Feedback Delay Networks — Andrea Coppola
	Shimmer Reverberation With Nonlinear Feedback Delay Networks — Gloria Dal Santo, Xiaojie Pi, Karolina Prawda, Sebastian Schlecht and Vesa Välimäki
	A Corpus-Driven Parametric Modal Reverberator — Michele Ducceschi, Leonardo Gabrielli, Riccardo Simionato and Riccardo Russo
	Multi-Source Extension and Hyperparameter Optimization of the DiffRIR Framework for Room Impulse Response Synthesis — Luka Fehrmann, Mason L. Wang, Martin Rumori and Peter Plessas
	Parametric Resynthesis of Measured Spatial Room Impulse Responses — Anthony Gallien, Benoit Alary and Markus Noisternig
	SEND: A Spatial Event Neural Detector for Intentional Object Motion in Immersive Music Mixing — Xu Gan, Linhao Zhao and Zhenhai Yan
	Gradient Descent Optimization of Room Impulse Responses With Parameter-Efficient Differentiable Feedback Delay Networks — Ilias Ibnyahya and Joshua Reiss
	Modal Structure of Plate Boundaries and Klein Bottle Reverberation — Jin Woo Lee and Mark Rau
	Gauss Circle Lattices With Geometric Convolutions for Synthesizing High Dimensional Image-Source Room Impulse Responses — Yuancheng Luo
	Perceptual Optimisation of Loudspeaker-Based Reproduction — Antoine Souchaud, Llado Pedro, Rapolas Daugintis, Annika Neidhardt, Zoran Cvetkovic and Enzo De Sena
	PAEDB: A Synthetic Primary-Ambient Dataset Generation Pipeline for Automatic Upmixing Using Deep Neural Networks — Nicholas Tong and Tom Collins
	Ambisonic Decoder Equalization in Reverberant Environments via Closed-Hull Crosstalk Convolution — Alex Tung and Mark Rau

	Audio Coding, Representation, and Benchmarking
	Real-Time Neural Audio on Apple Silicon: Benchmarking Inference Frameworks Under Realistic DAW Contention — Dharanipathi Rathna Kumar Balasubramaniam, Saravanabalagi Ramachandran and Joseph Timoney
	Robust Recovery of Deterministic Timecode Signals Under Analog Degradation — Brady Cruse
	Benchmarking Integrated GPU Acceleration of Real-time Neural Audio Inference on Snapdragon — Avery Huang, Gautham Srinivasan, Akito van Troyer and Victor Zappi
	Probing Low-Level Acoustic Attribute Encoding in CLAP Audio Embeddings — Hector Martel, Joe Hennessy-Priest and Taemin Cho
	Perceptually Motivated Alignment and Interpolation of Pitch-Aligned Time-Frequency Representations — Shahan Nercessian, Jeff Sontag and Alejandro Koretzky
	Keyframe Audio via Extrema Sampling — Matthew Nielsen
	Enhancing Automatic Chord Recognition via Pseudo-Labeling and Knowledge Distillation — Nghia Phan, Rong Jin, Gang Liu and Xiao Dong

	Virtual Analog
	Performance-Oriented Wave Digital Circuit Emulation — Jatin Chowdhury and Mark Rau
	Explicit Wave Digital Model of the Fulltone OCD Pedal Based on Canonical Piecewise-Linear Functions — Riccardo Giampiccolo, Stefano Polimeno, Carlo Macrì, Alice Lenoci, Oliviero Massi and Alberto Bernardini
	A Comparative Study of Kolmogorov-Arnold Networks and Multi-Layer Perceptrons for Virtual Analog Modeling in Wave Digital Filters — Riccardo Giampiccolo, Enrico Torres, Mauro Giuseppe de Bari, Samuel Limier and Alberto Bernardini
	Deep Regularized RNNs for Virtual Analog — Valtteri Kallinen, Lauri Juvela and Thom Sherson
	Fourier Neural Operators for Sample-Rate-Independent Virtual Analog Modeling — Oliviero Massi, Alessandro Ilic Mezza and Alberto Bernardini
	Stability Analysis of Time-Varying Virtual Analog Filters — Russell McClellan
	Quantifying Nonlinear Behavior in Digital Moog Ladder Filters: Cross-Implementation Comparison and Common-Core Ablation — Hiroyuki Oyama
	Evaluating Dynamic Range Compressor Models Using Control-Voltage Measurements: an Approach and Dataset — Benjamin Thompson and Michael Heilemann
	Residual-Driven Adaptive Multi-Rate Quadratic Programming Framework for Nonlinear Analog Audio Circuit Emulation — Miguel Zea and Luis A. Rivera

	Sound Synthesis
	Arbitrary Polygon Oscillator: Generalizing Polygonal Synthesis to Arbitrary Shapes, Morphing, and Three-Dimensional Polyhedra — Antonio Argentieri and Francesco Scagliola
	FM Synthesizer Audio-Parameter Shared Embeddings — David Braun and Adam Finkelstein
	Using the Distribution Derivative Method to Model Acoustic Musical Instrument Sounds With Polynomial AM-FM Sinusoids — Marcelo Caetano
	Winding Numbers and Monodromy of Vector Bundles Over a Circular Buffer — Georg Essl
	Loopback Frequency Modulation using a Time-Varying Delay Line — Tamara Smyth
	FM Parameter Estimation With Low-Order Rational Constraints on Wasserstein Loss Landscape — Ryoya Tabata, Masaki Iwaya and Kazunobu Kondo
	Sound Matching With a Differentiable Karplus-Strong Algorithm — Pablo Tablas de Paula, David Marttila, Rodrigo Díaz, Irán Román, Emmanouil Benetos and Joshua Reiss

	Instrument and Voice Modeling
	Differentiable Articulatory Copy-Synthesis of Biphonic Singing — Mateo Cámara, María Pilar Daza-Llin, Fernando Marcos and Jose Luis Blanco
	Measurement-Informed Nonlinear Modal Synthesis of 65 Classical Guitars — Michele Ducceschi, Riccardo Russo and Craig J. Webb
	Eigensystem Realization of Violin Bridge Admittances — Riccardo Giampiccolo, Alessandro Ilic Mezza, Raffaele Malvermi, Mirco Pezzoli, Alberto Bernardini and Fabio Antonacci
	Adapting Diffusion-Based Music Synthesis to Speech and Singing Voice Conversion — Ben Maman, Frank Zalkow, Hans-Ulrich Berendes, Paolo Sani, Christian Dittmar and Meinard Müller
	Physical Model of the Chinese Yehu for Sound Synthesis — Zhen Zheng, Champ Darabundit and Gary Scavone

	Filters and Distortion
	Exploring Parallelism and Energy Efficiency in a Multistage Linear-Phase Octave Filter Bank — Jose M. Badia, Jose A. Belloch and Vesa Välimäki
	A Clipping Prevention Method for All-Pass Digital Filters With Time-Varying Coefficients — Federico Fontana, Silvia Pasin, Alberto Bernardini and Stefano D'Angelo
	Evaluation AI Coding Assistants in Audio DSP Education: A Small Scale Study — Leonardo Gabrielli, Michael Fioretti and Giuseppe Bergamino
	PolyADAA: Improving Aliasing Reduction in Memoryless Nonlinearities Using Lagrange Interpolation and Polynomial Approximation — Leonardo Gabrielli and Stefano Squartini
	A DDSP Framework for Adaptive Room Equalization — Fernando Marcos Macías, María Pilar Daza-Llin, Mateo Cámara and José Luis Blanco Murillo
	Alias-Free Oscillator Synchronization via Additive Synthesis — Jonas Roth, Domenic Keller, Oscar Castañeda and Christoph Studer

	Sound Design and Effects
	Audio-to-Audio via Diffusion Warm Initialization — Cristobal Andrade and Sebastian Jiro Schlecht
	Sound Effects Dataset Unification With the Universal Category System — Jun Woo Beck and Alexander Lerch
	A Production-Oriented Framework for Evaluation of SFX Generation — Mélodie Desbos, Yara Bahram, Eric Granger and Mohammadhadi Shateri
	Quality Audio Prototyping: A Prototype System for Unified Sound Retrieval and Procedural Generation — Nelly Garcia, Aditya Bhattacharjee, Gabryel Mason-Williams, Israel Mason-Williams, Emmanouil Benetos and Joshua Reiss
	SCAPES: Semantically Conditioned Autoregressive Prior for Environmental Sounds — Esteban Gutiérrez, Lonce Wyse, Frederic Font and Xavier Serra
	FoleySet: A Multi-Level Human-Annotated Foley Sound Dataset — Sunshiyu Wang and Alexander Lerch
	WildFX: A DAW-Powered Pipeline for In-The-Wild Audio FX Graph Modeling — Qihui Yang, Taylor Berg-Kirkpatrick, Julian McAuley and Zachary Novack

	Demonstrations
	A Perceptually Inspired Single Parameter Auditory Distance Renderer for Music Production — Stefanos Biliousis and Cumhur Erkut
	CLEAN2FX: Label-Conditioned Modeling for Clean-To-Effect Guitar Audio Transformations — Oliverio Bombicci Pontelli and Iran Roman
	Praat AudioTools: Analysis Objects as Compositional Controllers for Interpretable Sound Transformation — Shai Cohen
	Pulsetable Synthesis of Wind Instrument Tones — Christian Dittmar, Simon Schwär, Manuel Peters, Stefan Balke and Meinard Müller
	Compiling Differentiable Audio Graphs to Real-Time DSP — Facundo Franchino and Sebastian Jiro Schlecht
	VoiceFX: CLAP-Based Audio Quality Improvement for Singing and Speech — Elena Georgieva
	Neural Morphing: Sequence-Optimized Token-Level Morphing in Neural Audio Codecs — Emmanouil Karystinaios
	Evaluating Tokenization Strategies for Expressive Classical Piano Performance Generation — Qingyang Lyu, Brian Cruz, Jeremy Wagner and Carmine-Emanuele Cella
	From Arbitrary Audio to EDM: Audio-Conditioned Retrieval of Discrete Rhythm Archetypes — Lindsey Pietrewicz
	A Frequency-Domain Reverberator Plug-In — Jonas Roth, Nishanth Kumar, Silvan Krebs, David Wieland and Christoph Studer
	WaveNet-Style Guitar Amplifier Model Pruning for Real-Time iOS Deployment — Ryota Sato and Eli Silverstein
	FDN Sandbox: Real-Time Experimentation and Analysis of FDNs — Alexandre St-Onge
	Diffusion-Based Music Audio Editing System Using Differentiable Digital Signal Processing Mixture Model — Kengo Takemoto, Tomohiko Nakamura and Hiroshi Saruwatari
	FPGA-Enabled Real-Time Audio Sampling, Processing, and Recording for an Electronic Drum Set — Matthew Taylor and Mark Rau
	IRIS: Continuous Spatial Navigation of Measured Acoustic Fields via Impulse Response Interpolation — Luna Valentin, Celeste Betancur Gutiérrez and Romain Michon
	Bunkervik Spatial Reverb Demo — Craig Webb and Michele Ducceschi
	PolyMap: A 64-Channel Polyphonic Guitar Pickup System — David Wieland, Jonas Roth and Christoph Studer
	InstructFX2FX: A Multi-Turn Text-To-Effect System for Sequential Audio Effect Refinement — Song-Ze Yu, Milan Liessens Dujardin, Yuxuan Cai, Wantong Zhang, Brian Cruz, Jeremy Wagner and Carmine-Emanuele Cella
	L-Bow: Gesture-Driven Digital Audio Effects for Augmented Violin in a Unified Csound Environment — Jinlan Zhao and Richard Boulanger

	DAFx Challenge
	The 1st DAFx Challenge: Problem Statement, Proposed Methods and Results — Leonardo Gabrielli and Michele Ducceschi
	DAFx Challenge Task A
	Parameter Estimation via Differentiable Modal Plate Synthesis — Filippo Garofalo, Alessandro Antonio Lillo, Alessandro Ilic Mezza, Riccardo Giampiccolo and Alberto Bernardini
	Physics-Inspired Feature Fusion for Plate Parameter Estimation From Acoustic Impulse Responses — Zhenyu Guo, Yun Zhang, Liangming Chen, Wei Liu and Gongping Huang
	ALAMODE: Automated Learning of Acoustical Modal Parameters via Differential Evolution — Jin Woo Lee, Jatin Chowdhury, Facundo Franchino, Soohyun Kim and Mark Rau
	A Multi-Resolution Spectrogram Approach for Estimating the Physical Parameters of a Plate Reverb — Jared Lipkin, Meiying Chen, Benjamin Thompson, David Anderson, Andrea Cogliati and Michael Heilemann
	Simulation-Based Plate-Reverb Parameter Estimation From a Single Impulse Response — Minhui Lu and Joshua Reiss
	Transformer-Based Plate Parameter Estimation With Differentiable and Particle-Swarm Refinement — David Marttila, Rodrigo Diaz, Pablo Tablas de Paula, Ilias Ibnyahya and Chin-Yun Yu
	Accurate Plate Reverb Parameter Estimation Using Two-Stage Evolutionary Search — Byunghoo Park, Jayeon Yi, Takyoung Kim and Minje Kim
	Simulation-Based Inference Plate Reverberation Inverse Problems — Dylan Sechet, Matthieu Kowalski and Marc Evrard
	Neural Networks for Physical Parameter Estimation of Plate Reverberation From Impulse Responses — Jia-Chang Yang
	DAFx Challenge Task B
	Non-iterative Modal Parameter Estimation for Plate Reverbs via Matrix-Pencil-Guided State Space Model Initialization — Matthias Bittner and Axel Jantsch
	Count-Density Networks for Modal Plate Parameter Estimation — Rodrigo Diaz, Pablo Tablas de Paula, David Marttila, Ilias Ibnyahya and Chin-Yun Yu
	Multi-View Subband Autoregressive Pole Harvesting for Modal Plate Identification — Facundo Franchino, Jatin Chowdhury, Jin Woo Lee, Soohyun Kim and Mark Rau
	Peak-Residual Modal Estimation With Learned Calibration and High-Band Density Correction — Doohyun Jung
	Band-Count Dense Modal Estimation With Fixed-Frequency Differentiable Resonator Refinement — Minhui Lu and Joshua Reiss
	A Dual-Stream Framework Combining Audio Spectrogram Transformer and Dynamic Mode Decomposition for Plate Modal Parameter Estimation — Yun Zhang, Liangming Chen, Zhenyu Guo, Wei Liu and Gongping Huang

	Author Index

