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Abstract

Rendering immersive spatial audio in virtual reality (VR) and video games demands a fast and
accurate generation of room impulse responses (RIRs) to recreate auditory environments plausibly.
However, the conventional methods for simulating or measuring long RIRs are either computationally
intensive or challenged by low signal-to-noise ratios. This study is propelled by the insight that direct
sound and early reflections encapsulate sufficient information about room geometry and absorption
characteristics. Building upon this premise, we propose a novel task termed ”RIR completion,” aimed
at synthesizing the late reverberation given only the early portion (50 ms) of the response. To this
end, we introduce DECOR, Deep Exponential Completion Of Room impulse responses, a deep
neural network structured as an autoencoder designed to predict multi-exponential decay envelopes
of filtered noise sequences. The interpretability of DECOR’s output facilitates its integration with
diverse rendering techniques. The proposed method is compared against an adapted state-of-the-art
network, and comparable performance shows promising results supporting the feasibility of the RIR
completion task. The RIR completion can be widely adapted to enhance RIR generation tasks where
fast late reverberation approximation is required.
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1 Introduction

Generating room impulse responses (RIRs) is a
well-studied topic with many applications and
proposed solutions. A recent application area is
virtual acoustics rendering for computer games
and augmented and virtual reality (AR/VR),
where dynamic sound scenes require realistic and
real-time RIRs. Generating RIRs accurately and
in real-time remains an open task. This paper
proposes a new task, RIR completion, for fast
RIR generation and presents a lightweight deep

learning approach that solves this RIR completion
task.

1.1 Background

Despite extensive work in RIR generation, chal-
lenges remain in broadband accuracy, computa-
tional complexity, and real-time synthesis. Room
acoustics modeling, such as wave-based and geo-
metrical acoustics, aims to simulate acoustic waves
accurately, given a 3D representation of the room
with acoustic material assigned to its surfaces.
Geometrical acoustics (GA) [1-8] which model



sound propagation as a ray, accurately simu-
lates the behavior of high frequencies, but fails
to capture wave phenomena such as diffraction
especially at low frequencies. Wave-based methods
solve the wave equation numerically with meth-
ods such as the Finite Difference Time-Domain
(FDTD) method [9, 10], Finite Element Method
(FEM), and Boundary Element Method (BEM).
Wave-based methods are computationally expen-
sive because complexity exponentially increases
with respect to frequency, and quantization and
boundary errors cause inaccuracies. The compu-
tational complexity of both methods increases
considerably with respect to the length of the
simulated RIR signal.

Generating broadband RIRs with one single
approach is computationally expensive. Therefore,
hybrid room acoustics modeling methods for com-
bining the early and the late reverberation, or the
high-frequency and low-frequency content from
different techniques have been proposed over the
past few decades [11-13].

On the other hand, algorithmic reverberation
techniques generate RIRs using parameterized sig-
nal processing methods [14-19], typically for musi-
cal reverb with an emphasis on real-time process-
ing and artistic control. These methods’ efficiency
relies on approximating the early and late rever-
beration with different accuracy to match percep-
tually plausible reverberation while reducing the
processing cost.

1.2 RIR Completion

We present the task of RIR completion, where
given only the early part of the time-domain RIR
(head), the objective is to predict the rest of the
RIR sequence (tail), as depicted in Figure 1. The
motivation for RIR completion is to reduce the
computation time and cost of RIR synthesis by
obtaining a short RIR head with conventional
methods and then using a fast procedure to com-
plete the RIR tail. For estimated or measured
RIRs, the early reflections are retrieved more
reliably due to a higher signal-to-noise ratio.

Our primary assumption is that the direct
sound and the early reflections in the RIR head
contain enough information about the room geom-
etry and acoustic material properties to predict
the late reverberation. In the image source method
[2, 3], the RIR is synthesized by summing each
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Fig. 1: Left: example RIR from the Motus [20]
dataset, divided at 50ms into its head and tail
components. Right: RIR completion task — take
the RIR head and predict the tail.

reflected wavefront that arrives at the receiver
with the appropriate distance delay and attenu-
ation. This means that within a short time after
excitation, many, if not all, of the room surfaces
have reflected energy to the receiver. For example,
in a medium-sized rectangular room with dimen-
sions 5 m x5 m x 3 m, all reflections of second-order
and lower, and up to some fourth-order arrive at
the receiver within 50 ms.

To our knowledge, the task of RIR completion,
i.e., inferring the RIR tail from just the RIR head,
has not been explored. We list our contributions
as follows:

(I) We propose a machine-learning-based
approach for the task of RIR completion.

(IT) We evaluate our proposed method against
a state-of-the-art RIR generation approach
and show our method achieves a similar
performance with a much smaller network.

The following section provides an overview of
related work in RIR generation using deep learn-
ing and examples of similar inverse problems that
support the feasibility of our task.

1.3 Related Work

More recently, the application of deep learning to
RIR generation in room acoustics modeling and
blind estimation has yielded promising results. To
that point, the work of [21] demonstrates that
variational autoencoders, and more broadly, deep
learning approaches, are well suited for sample-
by-sample RIR generation given any informative
input (reverberant recordings, geometry, etc.).
Specifically, deep learning approaches for
room acoustics modeling have been proposed:
Ratnarajah et al. [22] proposed a graph convolu-
tion neural network that synthesizes an RIR from



the graph representation of an indoor 3D scene.
Physics-Informed Neural Networks (PINNs), neu-
ral networks constrained by the wave equation,
have been proposed for sound field reconstruc-
tion and RIR generation [23, 24] as an alterna-
tive to both traditional wave-based methods and
data-driven deep learning methods. Neural repre-
sentational methods (NeRFs) that encode a room
to a continuously queryable representation have
been proposed by Luo et al. [25] and Richard et
al. [26] to predict the RIR given the coordinates of
the source and receiver. These examples, however,
have limited scope, as they either require precom-
puting the mesh-to-graph conversion or generating
RIRs for one room only.

In blind estimation, room parameters or
the full RIR signal are inferred from non-RIR
input such as reverberant speech recording [27],
images [28, 29], or videos of the room [30].
For example, Koo et al. [31] proposed a U-
Net model to predict a sample-by-sample RIR
given a reverberant singing recording. Simi-
larly, Steinmetz et al. [32] proposed the Filtered
Noise Shaping (FiNS) network that is a 1D-
convolution autoencoder network that takes rever-
berant speech and predicts a sample-by-sample
early part of the RIR (50ms) and time domain
envelopes that shape filtered noise for the late
reverberation. We adapt FiNS as a baseline later
in the evaluation section.

Lastly, work in geometry prediction using
room impulse responses has been explored before,
which further supports the tractability of our
proposed RIR completion task. Moore [33],
Markovic [34], and Kuster [35] used analytical
methods to estimate room geometry or volume
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from a single-channel RIR. Later on, Yu and
Kleijn [36] proposed a CNN to estimate the geom-
etry of a room and reflection coefficients from a
single RIR. These inverse methods indicate that
the RIR contains retrievable information about its
corresponding room and scene and thus motivate
using the RIR head to predict the RIR tail.

The paper is organized as follows: Section 2
describes our proposed neural network and exper-
imental setup in detail. Section 3 presents the
evaluation of our proposed method and compares
it to a state-of-the-art RIR generation baseline
adapted to the RIR completion task. Section 4
discusses our method’s performance on this new
task and presents several applications of our work.
Section 5 concludes the paper.

2 Methods

In this section, we present our neural network
DECOR, Deep Exponential Completion Of
Room impulse responses, that takes the RIR time
domain head and predicts the RIR tail, i.e.,

@ : hjgs 50ms] = Di50ms, 15 - (1)

First, we present the encoder-decoder struc-
ture of DECOR, shown in Figure 2, with a detailed
explanation of the acoustics-informed decoder.
Then, we discuss the loss function, datasets, and
experimental setup details that were used in the
training of the model.

2.1 Encoder

We modify the encoder structure from the FiNS
model [32] which originally took a few seconds of
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Fig. 2: DECOR overview. The RIR head x is passed through an autoencoder architecture. Within the
decoder, we predict multi-exponential decay envelopes y;, which are used to shape filtered noise sequences
s;. The shaped noise sequences are combined to form the RIR tail h.



reverberant speech, for the short RIR head input.
The DECOR time-domain encoder takes the first
50 ms of the RIR sampled at 48 kHz as the input
x € R?90 and performs a series of strided 1D
convolutions and skip connections via the encod-
ing block described in [32]. Nine encoding blocks
progressively downsample . The output is passed
through an adaptive 1D pooling layer and then
through a single linear layer to obtain the latent
vector z with desired embedding length k£ = 128.

2.2 Decoder

We designed the decoder with strong room acous-
tics inductive bias to minimize the model size and
amount of training data while maximizing expres-
sive power. The decoder of DECOR is based on
the exponentially decaying white noise model of
reverberation, described by Moorer [16]. Due to
the stochastic nature of late reverberation, the
room impulse response h(n) can be described as
stochastic white noise w(n) enveloped by a sum of
N exponential decays

N
hn) = w(m) Y- aje, @

where a; and b; are the initial amplitude of the
decay and decay rate, respectively.

This impulse response representation can
be further broken down into frequency bands
i=1,....M to capture frequency-dependent
decay,

M
h(n) = hi(n) = Z si(n)

i=1 i=1

N

aije ", (3)
=1
where s;(n) is band-limited noise corresponding to
the different frequency bands. For a discrete-time
sequence of length T, we omit n and simplify the
notation to

M
=1

where y; € R'™7 is the time-domain envelope
for the filtered white noise sequence s; € R'*7T
and ® denotes element-wise multiplication.

The time-domain envelope y; can be expressed
as a linear combination of exponential decay

envelopes in vector notation
Yi = a”iE7 (5)

where a; € R™® and exponential decay envelopes
E is computed for N decay rates b € RN for time
sequence n € R7 i.e.,

E =" e RVXT, (6)

The proposed decoder is depicted in Figure 3.
It constructs the time-domain envelopes Y by pre-
dicting the decay envelope amplitude values A
and multiplying them with the exponential decay
envelopes F.

The decay envelope amplitudes A are pre-
dicted as shown in Figure 3. A multihead MLP
with seven hidden layers takes the latent vector z
concatenated with a noise vector v of length d and
outputs two matrices A’ and C’. The element-wise
product of the exponential of A’ and the mask
C = o(C") gives the decay envelope amplitude
matrix

A=Y 0o(C), (7)
where o(-) is the sigmoid function and
C = O'(C/) = {Ci]‘ | 0 S Cij S 1}.

We found that learning a logarithmic represen-
tation A’ and a separate sigmoid mask, achieved
better results than learning A directly. Due to
the logarithmic representation, the predicted val-
ues A’ are more evenly distributed across a smaller
range, thus facilitating model training. Similar
observations were previously reported in [37]. The
separate prediction of C’ and application of the
sigmoid function yield masks that enforce close to
zero amplitudes for non-active decays. Combining
both strategies helped to enforce sparsity in A, see
Fig. 4.

The exponential decay envelopes E is then
constructed from b and n using Eq. (6). The learn-
able parameter b = {b; | b; = In(1073)/T;} € RY
is initialized before training and fixed during infer-
ence, with 7} being the T60 decay time of the jth
slope. In our final model, we initialized N = 20
decay times, linearly sampled from the range 0.05s
to 3.0s. The envelope matrix F is calculated for
a 950 ms time sequence corresponding to the RIR
tail, i.e., n = [0.05,0.05+ 1/ fs, ..., 1.0] € RT, with
sequence length T = 45600 at sampling frequency
fs = 48kHz.
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Fig. 3: Decoder structure. The latent vector z
is concatenated with a random noise vector v
and fed through a multihead MLP, producing the
log-amplitudes A’ and mask o(C"). The expo-
nential decay envelopes E are constructed sep-
arately, using the learned decay rates b. The
exponential decay amplitude matrix is calculated
as A = e’ © ¢(C’) and multiplied with E to out-
put the time domain decay envelopes Y.

Taking a similar filtered noise approach as in
FiNS [32], we construct a filterbank of M learn-
able FIR filters that processes a Gaussian white
noise signal w € RT into M filtered noise sig-
nals S = [sq, Sa,...8)], see Fig. 2. We initialize
the learnable filterbank with M = 10 FIR octave
band filters of order P = 1023. Finally, the RIR
signal is constructed from the element-wise prod-
uct of the time-domain envelopes and the filtered
noise signals

H=Y0oS, (8)
where the rows of H € RM*T are filtered noise
signals weighted with the learned envelopes. A last

linear layer linearly combines the rows of H to
return the full-band predicted RIR tail

FI’ = w{inearH . (9)

2.3 Experimental Setup

In the following, we present the loss function,
training dataset, and training parameters.

2.3.1 Loss Function

A multiresolution short-time Fourier transform
(MSTFT) loss function [32, 38] was used to train
and evaluate the model. The MSTFT loss function
EMSTFT(ﬁ,h) between the predicted RIR fL(n)
and the true RIR h(n) is given as the sum of R
STFET losses with different STFT resolutions, i.e.,

R
Lyster(h,h) = Loc r(hyh) + Lom,r(h,h) .
r=1
(10)
The STFET loss is the sum of the spectral conver-
gence loss

|ISTFT, (1)| = [STFT, (B)]]|

Esc, r(ila h) =
[ISTET,(h)|ll

and the spectral log-magnitude loss

“ 1
Lom,r(h, h) = <[ log (|STFT(h)])

(12)
—log (|STFT(h)])]|1

where ||-|| » is the Frobenius norm, and ||-||; is the
L1 norm.

During our training we used R = 4 resolutions,
with window sizes [64, 512, 2048, 8192], hop sizes
[32, 256, 1024, 4096], and Hann windowing.

2.3.2 Dataset

We trained DECOR on 4000 measured RIRs
over 256 unique rooms combined from four
datasets: the Arni dataset [39], R3VIVAL dataset
[40], Motus dataset [20], and the MIT Acous-
tical Reverberation Scene Statistics Survey [41].
The Arni and R3VIVAL datasets contain mea-
surements from variable acoustics rooms with
unique absorption panel configurations. The
Motus dataset consists of measurements from one



room with unique furniture and absorption mate-
rial configurations. Because the premise of RIR
completion is to infer information from a signal
produced by a physical process, only real datasets
were used in training as it was important that
the RIRs were produced in a physically realistic
manner.

We normalize each RIR to absolute ampli-
tude 1.0 and remove any initial delay to make
the training data consistent across datasets. After
that, the RIR is separated at the 50 ms mark into
the head and the 950ms long tail, correspond-
ing to the neural network input and target. The
train-valid-test split was [4006, 459, 517] RIRs.

2.3.3 Training Parameters

During training, we used the Ranger21 [42] opti-
mizer (based on the AdamW optimizer) with an
initial learning rate of 5 x 10™%. The model was
trained for 2000 epochs with a batch size of 128.

3 Results

We present the results of the proposed method
against a baseline method using various evaluation
metrics.

3.1 Baseline

We construct a deep learning baseline by mod-
ifying FiNS [32] for our RIR completion task.
FiNS was originally used for the blind estima-
tion task. Therefore, we adapt the FiNS encoder
as described in Section 2.1, while preserving the
FiNS decoder, which uses a convolution upsam-
pling approach. We note that our model is more
than 30 times smaller than the FiNS baseline, at
37MB vs. 1.3 GB, respectively.

3.2 Evaluation Metrics

We use four objective metrics to evaluate
the performance of the models: MSTFT error,
energy decay function (EDF) error, reverbera-
tion time (T60) error, and direct-to-reverberant
ratio (DRR) error. These metrics give a rough
indication of the ability to match the target
acoustic room characteristics.

MSTFT error [see (10)] evaluates the simi-
larity of two RIR spectra across multiple STFT
resolutions [32, 38]. Besides using it as the loss

function during the training phase, it continues to
be informative as an evaluation metric as it consid-
ers spectral and temporal differences in the STFT
domain.

EDF error is the error between the predicted
and the true EDF [37]. The mean absolute error
(MAE) (13) and the root mean squared error
(RMSE) (14) are reported

T
EDFMmAE = Z d9®(n) —d B (n)  (13)
T
EDFRMSE = Z d(dB d(dB) (n)]2
) (14)

where the EDFs d(@®)(n) and d93)(n) are com-
puted using the Schroeder backward integration
procedure [44] and represented on a logarithmic
scale in dB. EDF error quantifies how much the
sound energy decay differs between the true and
predicted RIR.

T60 error is the MSE between the true and
predicted reverberation time. It is a widely used
metric to evaluate reverberation generation, as it
broadly captures similarity in reverberation time
which is a perceptually relevant component of an
RIR conveying information about room size. In
our evaluation, we use the DecayFitNet proposed
by Gotz et al. [37] to determine the T60s of the
ground truth and predicted RIRs across several
octave bands.

The final metric used is the DRR error, which
is the MSE between true and predicted DRR.
The DRR is an energy ratio, computed as the
energy of direct sound divided by the energy of
late reverberation. It captures the perception of
source distance and sense of reverberance and is
also commonly used as an RIR evaluation metric.
DRR is computed from the RIR as

nqg+no 2
h%(n
Zn ng—no ( )> (15)

DRR = 10  log

10 (Zn nda+no h’2(n)
where ng is the sample index of the direct sound
peak and ng is the number of samples correspond-
ing to a small temporal window of 1ms.



Table 1: Test error. The model was trained on 4000 RIRs from a combined dataset of Arni[39],
R3VIVAL[40], MOTUS[20] and the MIT Survey[41]. MSTFT error, EDF MAE and RMSE, T60 MSE,
and DRR MSE are reported. See section 3.2 for a formulation of the evaluation metrics.

Model MSTFT EDF EDF T60 DRR
o 1) (MAE, dB, |)  (RMSE,dB,|)  (MSE,s, )  (MSE, dB,|)

FiNS 1.025 3.731 5.43 0.053 0.906

DECOR 1.073 4.187 5.77 0.0538 1.106

Table 2: Generalization power: Error on an unseen BUT ReverbDB [43] dataset, which contains 1.3k

RIRs measured in 9 unique rooms.

Model MSTFT EDF EDF T60 DRR
o (4) (MAE, dB, )  (RMSE,dB,|)  (MSE,s, |)  (MSE, dB,])

FiNS 1.41 11.36 15.2 0.5228 16.24

DECOR 2.10 12.58 16.3 0.4778 14.71

3.3 Performance Evaluation

The DECOR model and the FiNS baseline suc-
cessfully predict the RIR head from the RIR tail,
as indicated by the example shown in Figure 5.
The models correctly estimate the temporal and
spectral characteristics of the tail, and also the
sound decay behavior shows good agreement with
the ground truth. Table 1 summarizes the evalu-
ation metrics on the test dataset, which contains
unseen rooms from the datasets listed in Section
2.3.2. DECOR achieves similar MSTFT and T60
performance as the baseline, but the EDF and
DRR errors are higher than those of the baseline.

We conducted an informal perceptual eval-
uation of our model. Sound examples can be
found on the project website!. Both models pro-
duced RIRs closely matching the timbre of the
ground truth room. However, the FiNS base-
line model generated unnatural-sounding RIRs,
despite achieving lower errors than the DECOR
model. The waveform synthesized by the baseline
contains sparse, large amplitude peaks, as illus-
trated on the bottom left of Figure 5. These peaks
add an unnatural graininess that is not present
in the ground truth RIR tail. In contrast, our
predicted RIRs achieve much smoother-sounding
RIRs. This is because DECOR predicts parame-
ters for the exponential decay model in Eq. (4),

Website: https://linjac.github.io/rir-completion/

thus generating smoothly decaying RIRs with
exponential decay curves.
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Fig. 4: Damping density per filter A for a pre-
dicted RIR. The model predicts one dominant
decay time per filter, while slightly activating
adjacent decay times, and inactivating all other
decay times. Note that the dominant decay time
is slightly different across filters.

3.4 Generalization Power

Lastly, we evaluated DECOR on an unseen mea-
sured RIR dataset to investigate its generalization
power. We use the BUT ReverbDB [43] dataset,
and the corresponding error values are reported in
Table 2.

The reported values across all metrics indicate
that our model performs worse on unseen datasets
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Fig. 5: Model outputs on a test dataset sample. The top row is the ground truth; the middle row is the
DECOR model, and the bottom row is the FiNS baseline. The left column shows the RIR tail waveform.
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spectrogram of the full-length RIR.

than on the test dataset RIRs, which were an
unseen subset from the datasets used during train-
ing. However, the baseline model also performs
significantly worse and has worse T60 and DRR
errors than DECOR.

4 Discussion

The results show that DECOR performed suc-
cessfully on the RIR completion task. It gener-
ated a realistic RIR tail with temporal, spectral,
and sound energy decay characteristics matching

the ground truth. Although our model performs
slightly worse than the baseline, it is more than

thirty times smaller.

Secondly, the results show that the DECOR

model’s performance decreases significantly when
evaluating it on an unseen dataset. A similar loss
of generalization performance was already noted
in the paper on the FiNS baseline method [32].
Additionally, our training dataset was rather small
and only contained measured RIRs. Increasing
the amount of training data will likely improve
the generalization error. However, the selection



of datasets will be crucial. The direct and early
reflections of future training datasets must be
physically accurate for the model to learn mean-
ingfully across datasets. Additionally, synthesized
datasets may contain artifacts due to the hybrid
simulation approaches utilized, potentially mak-
ing them unsuitable for training our model.

Our model achieves good results in the con-
text of RIR completion. Extrapolating a signal to
twenty times its original length can be considered
a challenging task. The difficulty of the task helps
to contextualize the network’s performance, for
example, when comparing it with results reported
in RIR blind estimation performance of the orig-
inal FiNS model [32], where on their test set,
MSTFT error was 1.18 [cf. 1]. The informal per-
ceptual evaluation also supports the idea that
our synthesized RIRs sound similar to the ground
truth regarding timbre, reverberation time, and
DRR.

One possible use case for the RIR completion
task is real-time RIR generation for augmented
and virtual reality (AR/VR), thus motivating
an approach with low computational complexity
and storage requirements. OQur proposed method
DECOR goes one step further where its encoder-
decoder essentially performs a regression task to
determine the activation of a range of decay rates,
see Fig. 4. DECOR predicts the amplitude matrix
A which is analogous to the discretized ”damping
density” termed by Kuttruff [7], and these values
can be used as parameters in diverse rendering
techniques.

5 Conclusion

In this paper, we propose a deep neural model
DECOR that closely approximates an RIR given
the short beginning segment. The performance
of the DECOR model is slightly worse but com-
parable to a baseline method, yet is more than
thirty times smaller and has fewer noticeable arti-
facts. DECOR was found to perform worse on
an unseen dataset, but it is not surprising given
the small training dataset. While the proposed
method has much room for improvement and
exploration, interpretations of the model’s inter-
mediate stage demonstrate that RIR completion
is a solvable task and a promising new direction
for the fast generation of room impulse responses.
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