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ABSTRACT* 

In our daily life, sound plays an important role for 
awareness of our environment, communication, and 
recreation. The ability to predict, simulate and acoustically 
render real-world acoustics in a computationally efficient 
way is of key importance for various applications ranging 
from architectural acoustics to hearing research. 
Historically, acoustic simulation and artificial reverberation 
have been developed in seemingly remote areas, either 
using offline processing with focus on accuracy, or using 
real-time processing with focus on computational 
efficiency. Our geometrical acoustics based approach, the 
Low-latency Interactive Virtual Environment and Room 
Acoustics Simulator (liveRAZR) aims to bridge both 
application areas. To account for edge diffraction and sound 
propagation through finite openings, we combine a 
geometrical diffraction pathfinder with our universal 
diffraction filter approximation. Diffuse late reverberation is 
simulated using a spatially rendered feedback delay 
network. Sound scattering and a realistic increase of echo 
density are simulated by distributing scattered energy from 
each reflection to the diffuse late reverberation module. The 
proposed model consists of a time-domain implementation 
for 6-degrees-of-freedom motion of source and receiver 
based on variable delay lines and an accompanying offline 
version. We discuss several use cases, ranging from 
echolocation to augmented acoustic reality for visually 
impaired. 
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1. INTRODUCTION 

Acoustic modelling and simulation of environments is 
concerned with predicting sound propagation and creating 
an audible experience of existing, planned, or fictional 
spaces. Applications exist in a variety of areas, ranging 
from architecture and civil engineering, e.g., [1] to movies, 
video games and virtual/augmented/extended reality [2], 
[3]. Models to predict acoustics and sound propagation in 
the context of architectural planning and noise control 
typically operate offline, while real-time simulation with 
interactive update or sound sources and receivers are 
mandatory for auralization of virtual environments. 
Historically, at least three different and seemingly remote 
areas can be identified for acoustic models, each with 
specific aims and limitations: i) Room acoustics models can 
reach high accuracy of the simulation, e.g., [4]. They 
provide impulse responses to predict room acoustic 
parameters, with auralizations mainly limited to static 
precomputed conditions. ii) Predictions for sound 
propagation and protection in traffic, urban, and outdoor 
environments also operate offline and are partly based on 
empirically motivated models, e.g., [5]. iii) Real-time 
virtual acoustics has evolved using concepts either from 
room acoustics simulations combined with fast convolution 
of dynamically updated impulse responses, e.g., [6], [7] or 
using time-domain processing, e.g., [8] often based on 
perceptually motivated concepts, originally suggested for 
artificial reverberation in the context of digital audio and 
music effects. Recently, several approaches aim to 
incorporate physics-based principles of highly detailed 
acoustic simulations with real-time suited signal processing 
from artificial reverberation. 
Hereby, geometrical acoustics (GA) has evolved as a de-
facto standard, which approximates the propagation of 
sound as being represented by rays. While neglecting wave 
properties which play a role at low frequencies where the 
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wavelength is large against the dimensions of geometrical 
structures, GA offers considerable advantages regarding 
computational efficiency. In GA, early sound reflections 
can be efficiently simulated using the concept of image 
sources [9], [10]. Because computational costs increase fast 
with reflection order and number of surfaces in the 
environment, alternative approaches are typically employed 
for late reverberation, covering the spatial properties and 
spectro-temporal evolution of the reverberant tail. One 
option is to use ray tracing [11] to retrieve the energetic 
decay of reverberation in the environment, which can then 
be used to spectro-temporally modulate a noise process [12] 
in order to gain a (binaural) room impulse response, 
(B)RIR, see, e.g., [7]. The so predicted BRIR is typically 
applied to the source signal using fast and/or sparse 
convolution techniques, yet with computational 
requirements increasing with the duration of the BRIR. 
Alternatively, the image source model (ISM) and late 
reverberation can be applied in the time domain using 
variable delay lines and recursive filters as well as 
recursively connected delay lines to model late 
reverberation. Extending the classical Schroeder 
reverberator [13], feedback delay networks (FDNs) [14], 
[15] are most widely used. Several recent works [16]–[19] 
aimed to connect physical room properties with recursive 
filter networks for modelling room acoustics, including 
multi-slope decays. Recent hybrid approaches connecting 
an ISM and FDN were suggested in [20]–[22] following the 
influential work [8] for creating interactive virtual acoustic 
environments. One advantage of time-domain models using 
variable delay lines (VDLs) is their potential of low-latency 
processing as well as mimicking effects of Doppler shift 
relevant in outdoor scenarios with fast moving sound 
sources. 
One critical limitation for straight-forward application of 
GA in interactive applications is that “visibility” of the 
sound or image source can suddenly change when the line-
of-sight or specular reflection path disappears. This is 
particularly critical in outdoor scenarios, where sound 
reflections are typically sparse and late reverberation, 
potentially masking perceptual effects of such 
discontinuities, has a relatively low level. To avoid such 
discontinuities and resulting inaudible sound sources behind 
obstacles such as corners and buildings, edge diffraction 
[23]–[26] can be integrated in GA. While efficient 
approximations have been limited to infinite edges [27], 
[28], recently a low-order recursive filter approximation of 
finite and infinite edges has been suggested [29], [30]. With 
focus on plausible diffraction effects in interactive sound 
propagation, [31] suggested precomputed diffraction 
kernels for more complex shaped dynamic objects in the 

scene. Besides simulating effects of diffraction, the 
determination of high-order diffraction propagation paths in 
scenes with complex geometry poses a significant 
bottleneck in real-time simulation of diffraction. 
Optimizations with edge visibility preprocessing [32] or 
mesh preprocessing to extract a reduced subset of 
“silhouette” diffraction edges [33] have been suggested for 
fast diffraction pathfinding. 
Another limitation of straight-forward application of GA 
within the ISM is the restriction to specular reflections. 
However, in real environments, an increasing part of 
acoustic energy is diffusively reflected for higher reflection 
orders. Approaches to include non-specular, scattered 
reflections in the ISM have been suggested, e.g., [34], with 
[35] providing a filter-based implementation suited for real-
time processing. 
Taken together, a number of approaches exist for interactive 
or real-time suited acoustic models, focusing on specific 
aspects such as multi-slope decays, diffracted paths, or 
scattered reflections. No real-time model with consistently 
physics-based as well as perceptually evaluated processing 
steps exists. 
Here, we suggest the Low-latency Interactive Virtual 
Environment and Room Acoustics Simulator (liveRAZR). 
The acoustic model of liveRAZR is based on technically 
and perceptually evaluated processing steps [20], [21], [36], 
[37] which were originally implemented in the offline 
version RAZR. liveRAZR extends the initial real-time 
implementation of [38] and the integration of (measured) 
source directivity filters as described in [39] using the 
widespread SOFA format [40]. 

2. GENERAL STRUCTURE AND OPERATION 

liveRAZR is a standalone software, written in C++ using 
the Intel IPP library and JUCE framework. It is optimized 
for multi-threaded, real-time computation on typical PC 
hardware running the Windows operating system. 
liveRAZR is developed and maintained in tandem with the 
original RAZR implementation [20], [21] for Mathwork’s 
MATLAB and Octave. liveRAZR can run in two modes of 
operation: 
i) In interactive operation liveRAZR runs as an agent 
application in parallel to a controller software (e.g., Unreal 
engine) which sends real-time updates of, e.g., source and 
receiver positions and rotations (6 degrees of freedom) via 
Open Sound Control (OSC) messages. Upon startup, 
liveRAZR is initialized via a configuration (.razr) file which 
describes the acoustic environment as well as the 
parameters of the room acoustic simulation. The 
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configuration file is a human-readable text format according 
to the libconfig library which was chosen to be self-
explanatory and free of clutter. The configuration specifies 
the geometry model as Wavefront .obj file which is a de 
facto open, widely used, and itself human readable format. 
ii) Without OSC control, liveRAZR can run in standalone 
mode with the sound source and receiver positions or 
trajectories defined in the .razr file. The output is then 
written to a waveform audio file (.wav). 
The configuration file is typically generated by the 
accompanying MATLAB/Octave version of RAZR in a so-
called augmentation step. During this, all parameters 
required to run liveRAZR are written to the configuration 
file. Source sounds are accepted in various file formats 
including wav and mp3, or alternatively as live audio 
stream. 
At runtime, two main program parts are executed as 
depicted in Fig. 1, the multi-threaded audio processing 
and the geometry model, which are described in the 
following. 

2.1 Audio processing 

The Audio pipeline runs at the “heartbeat rate” of the 
system defined by the audio buffer size. The audio player 
generates continuous audio input for each source from pre-
loaded audio files and a live stream (e.g., the microphone 
input of the sound card). The acoustic model then calculates 
the spatialized outputs for each source based on the source's 
input and the paths previously calculated by the geometry 
model. For a more detailed description of the acoustic 
model, see Section 3. Finally, the mixer sums up the 
spatialized outputs allowing to apply additional level 
adjustments and further equalization for direct sound, early 
reflections and late reverberation, separately. The audio 
player and the mixer can be controlled via OSC messages. 

2.2 Geometry thread 

The trajectory module generates a continuous trajectory for 
the receiver and each source and provides transforms for 
further processing. The trajectory module is continuously 
updated by receiving positions and orientations via OSC 
messages. The path finder then calculates all sound 
propagation paths according to the maximum specified 
reflection and diffraction order for the current source and 
receiver transforms. To reduce the number of paths, only 
diffractions into the shadow zone and only a single path per 
image source (the shortest path) are taken into account. The 
geometry model can be run synchronously with the audio 
processing to allow low-latency geometry updates for 
simple geometries like a shoebox, or asynchronously at a 

defined rate of multiple integers of the audio processing 
heartbeat to allow more complex geometries without 
blocking the audio processing. If run asynchronously, the 
paths are being interpolated for every audio block processed 
by the acoustic model. 

3. ACOUSTIC MODEL 

Figure 2 shows the block diagram of the acoustic simulation 
model implemented in liveRAZR. For each sound source, 
the associated audio signal from the Audio player is 
transformed by the acoustic model to an output signal either 
rendered binaurally to headphones or to a multi-channel 
output for loudspeaker playback in the Spatialization stage. 
The acoustic model consists of two parts, i) the geometric 
acoustic path (blue) which is calculated for the direct sound 
and each image source, including diffraction as calculated 
in the Path finder of the Geometry model; ii) the late 
reverberation model (red) which consists of a spatially 
rendered and room-informed FDN. For spatial rendering, 
the Spatialization stage either uses a parametric extended 
spherical head model, SHM [41], or measured head related 
impulse responses (in SOFA format, [40]) for binaural 
headphone output. Vector base amplitude panning, VBAP 
[42], is used for multi-channel loudspeaker rendering. 

 
 

Figure 1. General structure of liveRAZR with the two
main modules, the audio processing (left), and the 
geometry model (right). Processing blocks within 
each module are controlled interactively via OSC 
messages (orange). The acoustic model and the path 
finder are additionally configured at startup (blue). 
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3.1 Direct sound and early reflections 

For each sound path, the propagation delay is implemented 
using a variable delay line with truncated-sinc-interpolated 
read out for fractional delays. Source directivity is either 
based on the parametric extended SHM filter or on 
measured data, specified in the SOFA format. An air 
absorption filter and distance attenuation account for free 
field sound propagation. Object scattering implements 
temporal diffusion as consequence of small scale geometric 
objects along and near the propagation path which are not 
explicitly modelled in the geometric representation of the 
environment, see [35]. Mimicking the effect of multiple 
short-throw reflections and scattering, temporal diffusion 
with a Gamma-function-shaped envelope is realized using a 
cascade of four allpass filters. A cascade of reflection and 
diffraction filters is applied depending on the specific 
acoustic path. Reflection filters are designed as series of 
second-order section filters based on the frequency-
dependent absorption coefficient, typically specified at 
octave frequencies. The diffraction filters are a series of two 
shelving filters to mimic a fractional half-order lowpass 
according to [30]. For surface scattering, depending on the 
random-incidence scattering coefficient [43], a specular-
diffuse decomposition filter is applied [35]. The specular 
reflection part is fed to the spatialization stage and is 
auralized as early specular reflection. The diffusely 
reflected energetic part is fed into the late reverberation 
model. For the highest simulated reflection order, both the 
specular and diffuse part are passed to the late reverberation 
model. 

3.2 Late reverberation 

The channel mapper assigns the diffuse reflection to those 
FDN channels associated with its spatial direction. The 
input is energetically split using the dot product of the 
reflection direction and the direction to which the FDN 
output is spatially assigned as virtual reverb source (VRS; 
see [21], [35]). The following scattering filter accounts for 
the temporal diffusion of the scattered reflection 
implemented as cascade of four allpass filters with an 
exponential decaying envelope (see [35]). The FDN mimics 
scattered sound reflections in the surrounding volume or 
environment. Typically, 12 or 24 FDN channels are used. 
The delay lines of the FDN are associated with the 
dimensions of the room or environment and the absorption 
filters in the FDN are adjusted to obtain a prescribed 
frequency-dependent reverberation time (see [14]). Each 
output of the FDN is mapped to a VRS with an associated 
direction with respect to the receiver. The output is passed 
through the reflection filter associated with the boundary in 

the respective VRS direction (see [21]). Finally, the VRSs 
are spatialized in the same way as the specular reflections. 

4. PERFORMANCE EVALUATION 

To analyze the performance of liveRAZR, three rooms have 
been chosen for evaluation: a simple shoebox room (SB) 
with 6 surfaces and no edges, a U-shaped room with 10 
surfaces and 2 edges and a more complex “maze” 
environment with 30 surfaces and 18 edges, referred to as 
room 42. The rooms and the respective paths calculated by 
the path finder are depicted in a top-down view in Fig. 3. 

Figure 2. Block diagram of the hybrid acoustic 
model implemented in liveRAZR. The direct sound 
and early reflections (blue) are modelled for each 
reflected and diffracted path found by the path finder. 
For each reflection, scattered sound energy is passed 
to the late reverberation model (red) from the output 
of the specular-diffuse decomposition filter. 
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For the evaluation a sample rate of 44.1 kHz was used. The 
maximum reflection order was set to 3 and the maximum 
diffraction order was set to 2. The path finder was run 
single-threaded and the acoustic model was run multi-
threaded with 8 concurrent threads used for processing. For 
all simulations fractional delay was used for the variable 
delay lines. Simulations were performed on a standard 
desktop PC (Windows 10) with Intel i9-9900k processor 
and 32 GB of RAM. 

4.1 Acoustic model 

To test the performance of the acoustic model, the three 
rooms have been simulated with a varying number of 
sources. For headphone rendering, the parametric extended 
SHM and an HRTF with a filter length of 512 and a spatial 
resolution of 1 degree with respect to azimuth and elevation 
were used. Two alternative audio buffer sizes were tested: 
256 samples corresponding to 5.8 ms and 64 samples 
corresponding to 1.45 ms at a sample rate of 44.1 kHz. All 
simulations were run with the scattering filters (object and 
surface scattering) enabled and disabled. 
The results are shown in the upper two panels of Fig. 4. As 
can be seen the execution time linearly depends on the 
number of paths to be processed. The workload is 
calculated as the average execution time per block divided 
by the block duration. In Table 1 the maximum number of 
sound sources that can be calculated with a workload of 
50 % are listed. In a shoebox room, the number of paths per 
source is constant at 63 for up to 3rd-order image sources 
(no diffraction). For the rooms with diffraction, the number 
of paths depends on the positions of the sources and 
receiver. As a typical example, a number of 79 paths for the 
U-shaped room and 292 paths in room 42 are used for the 
calculation. These numbers correspond to the source and 
receiver positions as well as the paths depicted in Fig. 3. 

4.2 Geometry model 

To analyze the performance, the average execution time of 
the geometry model has been measured. The results are 
shown in the lower panel of Fig. 4. Also here a linear 
dependence of execution time on the number of sources can 
be observed. In Table 2, the calculation time of the path 
finder per sound source and maximum number of sources 
are listed that can be calculated within 50 ms, 

 

Figure 3. Top-down view of the three environments 
used for the performance evaluation: Shoebox, U-
room and room 42, from left to right. Source and 
receiver positions are indicated in red, the resulting 
reflected and diffracted paths are shown in black. 

 

Figure 4. Performance evaluation. For the acoustic 
model (upper two panels) the workload is shown as a 
function of the number of acoustic paths (including 
reflections and diffraction). Red and blue are results 
for the extended SHM with 256 and 64 sample 
frames, respectively. Green and black are for the 
HRTF. The lower panel shows the calculation time 
of the geometric model (path finder) as a function of 
the number of sound sources for the three rooms. 
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corresponding to an update rate of 20 Hz. It is obvious that 
the computational effort in the path finder significantly 
increases with the number of edges in the environment. 

5. DISCUSSION AND USE CASES 

For interactive use, liveRAZR runs as an agent application 
receiving real-time updates from a controller application via 
OSC messages. Thus users can work with a controller 
application of their choice. So far, we have used computer 
game engines for this purpose such as Unreal Engine and 
Godot, handling head and position tracking as well as 
creating the visual environment and control elements. 
Readily available integration of virtual reality head-
mounted displays in these game engines makes real-time 
head tracking easily available, e.g., using SteamVR. 
The inclusion of edge diffraction in liveRAZR enables 
realistic interactive acoustics in conditions without line-of-
sight to the sound source. This is particular important for 
acoustics-based indoor navigation using corridors and 
mazes as investigated in [44], [45] to test prototype 
acoustically augmented reality (AAR) methods for 
orientation and navigation of blind people. Moreover, it also 
enables realistic outdoor acoustics, e.g., at a city street 
corner with surrounding buildings. 
The current performance evaluation shows that the 
bottleneck is the path finder in the geometry model (see also 
[32], [33]). The number of potential diffracted paths 
increases with the number of edges in the environment and 
the maximum allowed reflection and diffraction order (here 
3 and 2, respectively). In future updates, the performance of 
the current geometry model can be easily improved using 
multi-threading. Moreover, several other optimizations for 

geometry processing known from computer graphics have 
also not yet been utilized to their full potential. 
The low-latency, time-domain implementation of 
liveRAZR, here tested with audio frame sizes down to 64 
samples, enables simulation of the acoustic environment in 
response to self-produced sounds. In [45] liveRAZR was 
used to investigate human echolocation. The own 
vocalizations were picked up using a near-field 
microphone. Using open headphones, simulated sound 
reflections were continuously played back, in addition to 
the real direct sound propagating from the mouth to the 
ears. In such applications, the nearest wall distance which 
can be simulated and thus the temporal lag of the earliest 
reflection is determined by the latency of the system, which 
is 1.45 ms for 64 sample frames and a sampling rate of 
44.1 kHz. Including additional delays introduced by the 
analog-to-digital and digital-to-analog conversions and 
buffering, with a resulting overall latency of 128 samples, 
reflections from a nearby wall as close as 50 cm can be 
simulated. 

6. SUMMARY AND CONCLUSION 

The suggested Low-latency Interactive Virtual 
Environment and Room Acoustics Simulator implements a 
technically and perceptually well evaluated acoustic model 
[20], [21] using VDLs, recursive filters and partitioned 
convolution for measured receiver and source directivity 
filters. The physics-based edge diffraction model and the 
high-performance diffracted path finder enable 3 reflection 
and 2 diffraction orders in the most complex here tested 
environment at interactive update rates. In future work, we 
plan to implement late reverberation for coupled volumes 
and for outdoor acoustics. 
Currently, liveRAZR is freely available upon request from 
the authors with a public release planned for the near future. 
RAZR (offline) for MATLAB/Octave is freely available at 
www.razrengine.com. 

Table 1. Maximum number of paths and according 
number of sound sources in the three rooms for a 
workload of 50 %. 

Spatial
-izer 

Block 
size 

Scatter
-ing 

Paths 
@ 50 % 

Max. sources  
SB U 42 

SHM 
256 

no 2500 39 31 8 
yes 1180 18 14 4 

64 
no 1790 28 22 6 
yes 830 13 10 2 

HRTF 
256 

no 980 15 12 3 
yes 710 11 8 2 

64 
no 520 8 6 1 
yes 370 5 4 1 

 

Table 2. Calculation time of the geometry model 
(path finder) per sound source and maximum number 
of sources for a geometry update rate of 20 Hz. 

Room 
Sur-
faces 

Edges 
Paths 
per 

source 

Time 
per 

source 

Max. 
sources 

@ 20 Hz 
SB 6 0 63 0.1 ms 500 
U 10 2 79 0.5 ms 100 
42 30 18 292 16 ms 3.125 
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