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Abstract

This paper presents an Android-based spatial audio rendering
application that provides an immersive audio experience through
a two-stage user interface. The first stage focuses on configuring
room acoustics and selecting pre-stored HRTFs using a photo of
user’s face, while the second stage offers an interactive interface
for placing sound sources and customizing the environment. The
proposed Android application simplifies the process of render-
ing spatial audio signals with an average latency of 1.27 ms per
20 ms input frame. It maintains a low computational overhead
(average CPU usage of 30.6 %), ensuring seamless customized
spatial audio processing and rendering over mobile devices. The
user interface is designed to be highly intuitive, as validated by
subjective evaluations using Mean Opinion Score (MOS) rat-
ings from 15 participants, who reported high user satisfaction
and spatial realism (average MOS of 4.72 out of 5). The sys-
tem supports dynamic listener movement and interactive control
over sound source positioning, enhancing sound customization
in different acoustic environments. Furthermore, the lightweight
implementation with an app size of 104 MB makes it suitable for
deployment on a wide range of Android devices, enabling acces-
sible and realistic customization of spatial audio experiences for
everyday users.

1 Introduction

The demand for immersive audio is rapidly increasing, driven by
gaming and virtual reality applications. Traditional audio sys-
tems provide good sound quality but lack the personalization
needed for true 3D audio experiences. Humans naturally rely on
spatial cues to locate sounds [1], and traditional stereo process-
ing methods cannot re-create the spatial perception at arbitrary
positions in 3D space accurately. Early spatial audio solutions
often required costly hardware and/or expertise [2], but with ad-
vances in mobile processors and spatial audio techniques, smart-
phones can now support powerful spatial audio applications [3].
A key challenge, however, is designing simple and intuitive in-
terfaces that enable user-friendly spatial audio customization [4].

Spatial audio systems are challenging due to variation in
HRTFs across different individuals [2], accurate rendering of
room acoustics [5], and the need of real-time low latency pro-
cessing. Existing approaches often demand expertise and offer
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limited user control. Although many techniques have been stud-
ied in the past [6], creating an intuitive customization for a spa-
tial audio app is still difficult, mainly due to issues such as fast
and accurate HRTF selection, room response rendering, virtual
object control, occlusion/diffraction modeling, and user move-
ment.

This paper addresses these challenges with a two-stage inter-
face that combines advanced acoustic modeling with intuitive
controls. The first stage handles the acoustic environment and
HRTF selection, while the second enables interactive sound ob-
ject movement. This design lets the users experience immersive
spatial audio without significant technical expertise, while still
benefiting from features like HRTF-based spatialization, realistic
room acoustics, real-time occlusion, and interactive object con-
trol [2].

The key contributions of the presented work include: (i) com-
puter vision-based head width estimation for personalized HRTF
selection, (ii) an automated room acoustics selection system
based on user-friendly room size categories, (iii) an interactive
virtual environment enabling a high level of user customization,
and (iv) advanced acoustic modeling including wall reflections
and obstacle occlusion. Our contribution is primarily in the prac-
tical implementation, making advanced spatial audio features
more accessible and usable on consumer devices.

2 Related Work

Previous research on spatial audio rendering techniques in-
cludes several studies related to HRTF measurement and se-
lection of best matching HRTF for individuals from pre-stored
databases [7]. The CIPIC database provided a good foundation
for research by offering HRTF measurements across subjects [8].
Yet, selecting the best matching HRTFs for each user is an ac-
tive area of research, with recent work exploring neural fields
and diffusion models [9, 10].

Several studies have explored spatial audio rendering on mo-
bile devices, targeting real-time spatialization but often relying
on generic HRTFs which can limit the realism for rendered spa-
tial audio [3]. In our review, most previous studies were found
to lack systematic description about enabling intuitive usage of
spatial audio features on mobile applications, thereby enabling
different customizations by non-expert users [6].

Approaches involving computer vision based processing has



recently emerged as a promising approach for HRTF selec-
tion. Early work by Zotkin et al. used anthropometric measure-
ments [11], while newer studies have proposed applying ma-
chine learning for fast, personalized adaptation [9, 10]. Building
on this line of work, our photo-based method estimates head size
using standard smartphone cameras in a simple and easy-to-use
manner.

Room acoustics on mobile devices are often modeled with
simplified methods, such as precomputed RIRs and geometric
approximations to balance load and realism [12, 13]. We propose
to utilize pre-computed, truncated pre-stored RIRs [14], letting
users select room sizes (small, medium, large) to adjust realism
while keeping latency low.

Mobile User experience (UX) research further stresses intu-
itive navigation, progressive disclosure, and real-time respon-
siveness [4]. We utilize these established mobile UX fundamen-
tals for our two-stage interface, making personalized spatial au-
dio more accessible and engaging on mobile devices.

3 System Architecture and Design

The proposed spatial audio rendering application employs a two-
stage architecture (Stage 1: Setup, Stage 2: Interactive Control)
optimized for CPU efficiency on Android devices, as shown in
Fig. 1. Implemented in Kotlin with the Android NDK, the system
integrates the user interface, head detection, personalized HRTF
processing, room simulation, and spatial audio rendering into a
unified pipeline. Separate audio threads are used for playback
and processing to ensure real-time responsiveness.

3.1 Audio Processing Pipeline

The steps for rendering spatial audio, with corresponding inputs
and outputs, are as follows:

i. Mono Input: Starts with mono PCM audio decoded from
WAV or .MP?3 files.

ii. HRTF Processing: Applies head-related transfer functions
to create left/right ear signals [8].

iii. Room Simulation: Adds reverberation effects using room
impulse responses (RIRs), simulating different environ-
ments [14].

iv. Occlusion/Attenuation: Modifies signals to account for
walls and obstacles, adjusting sound source levels accord-

ingly.
v. Cross-Fading: Smoothly handles source or listener move-

ments, ensuring the signals for different positions transition
without artifacts in real time [15].

vi. Stereo OQutput: Generates final stereo PCM audio for play-
back on headphones or speakers.

3.2 First Stage Interface Design

The first stage interface, as shown in Fig. 2a, is responsible for
gathering essential configuration parameters. This interface fol-
lows a principle of progressive disclosure, where the user first
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Fig. 1: Block diagram of the proposed spatial audio application
with Stage 1 (Setup) for input acquisition and Stage 2 (Inter-
active Control) for spatial tuning. The right section shows the
audio pipeline converting mono input to spatial audio signals via
HRTF, reverb, occlusion, and crossfading.

provides basic inputs (e.g., room type, audio file, and a photo of
their face ) before moving on to the more detailed spatial config-
uration settings in the second stage [4].

i. Room Size Selection: Users can choose from three room
categories. Small rooms (approximately 10 — 30 m?) represent
spaces such as bedrooms or small offices, medium rooms (ap-
proximately 30 — 70 m3) emulate living rooms or small studios,
and large rooms (greater than 70 m?) reflect environments such
as auditoriums or concert halls. Each selection loads correspond-
ing pre-computed room impulse responses (RIRs) that model the
acoustic characteristics of these spaces [13, 14].

ii. Audio File Management: Users can upload .mp3 or .wav
files. The interface provides real-time feedback on file compati-
bility and allows preview of playback back previews before pro-
ceeding.

iii. Photo-Based HRTF Selection: The “Take a Selfie” fea-
ture offers a quick, intuitive way to select HRTFs. Users align
their head within an on-screen circle (Fig. 2b) to ensure proper
positioning and lighting. The image is then processed using fa-
cial landmark detection to estimate head width [16, 17], enabling
fast HRTF selection without specialized equipment [9].

3.3 Second Stage Interface Design

The second stage interface, as shown in Fig. 2c, helps the user to
visualize a room/area and adjust the position of the sound source,
listeners, and walls in the interface. This ensures that the spatial
audio rendering application is easy to use while ensuring the re-
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quired functionality. [13].
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Fig. 2: User interface stages: (a) Stage 1 interface, (b) Photo cap-
ture interface with face alignment guide for head width estima-
tion to enable HRTF selection, (c) Stage 2 interface.

3.4 Second Stage Interface Design

The second stage interface, as shown in Fig. 2c, helps the user to
visualize a room/area and adjust the position of the sound source,
listeners, and walls in the interface. This ensures that the spatial
audio rendering application is easy to use while ensuring the re-
quired functionality. [13].

i. Interactive Grid: The positioning system uses a combina-
tion of 2D touch gestures positioning and adjusting the source
position accurately in terms of azimuth and elevation.

ii. Object Management: Sound sources appear as a virtual
object graphic, such as a radio shown in Fig. 2c, while listen-
ers are represented as characters based on their indicated gender
choice (male or female) made in Stage 1. Users can place or
drag virtual objects, obstacles, walls, etc., freely within the vir-
tual room environment, with the processing algorithms adjusting
the spatial audio signals according to user inputs.

iii. Wall Mode and Acoustic Modeling: When the wall mode
is activated, users can draw walls by connecting points on the
grid. The spatial audio rendering system automatically computes
the spatial audio signal based on wall position/orientation and
utilizes the appropriate algorithms to model the dominant sound
reflection from the walls [18].

iv. Mono and Spatial Audio: The application allows the user
to select and play either the mono audio signal that is pre-stored
on the mobile devices or the rendered spatial audio signals to
help the user compare the two signals.

4 Technical Implementation

The proposed system focuses on low-latency, real-time spatial
audio rendering optimized for mobile devices. It integrates key
modules such as HRTF selection, room acoustics simulation,
spatial interaction, and occlusion modeling into an efficient au-

dio pipeline. The following subsections describe the core strate-
gies utilized in our spatial audio rendering application.

4.1 Head Width Estimation Algorithm

The head width is estimated by allowing the user to take a photo
and computing the head width from that. Instead of relying on
external depth sensors, which require specialized equipment, the
approach uses relative pixel measurements and a reference scale,
which is obtained by directing the user to place their head in a
predefined circle drawn in the photo capture Ul

To enable a simple and lightweight implementation suitable
for mobile devices, we classify HRTFs into three generalized
head sizes (Small, Medium, Large),and the algorithm follows
the process outlined below:

i. Face Detection: A photo is captured using the front-facing
camera. A face detection API [20] is used to automatically
identify and locate the face in the image.

ii. Landmark Detection: The left and right ear landmarks
are detected. If both ears are detected, their pixel coordi-
nates are used to calculate a 2D Euclidean distance between
them. If detection fails or the photo is unclear, the user is
prompted to retake the photo to ensure reliable measure-
ments [17].

iii. Reference Scaling: The photo capture UI shows a circular
guide for face alignment. When the face fits this circle, a
fixed camera-to-subject distance is assumed, allowing ear-
to-ear pixel width to be scaled using a reference(15.5 cm
~ 480 pixels) width calculated from average of ten known
subjects.

iv. Width Calculation: The pixel distance between ears is cal-
culated using the linear reference ratio as found in the pre-
vious step to estimate head width in centimeters:

deartoear

X155 (1

Whead =

where deqrtoeqr 18 the pixel distance between the detected
left and right ears [16].

Based on the estimated head width, users are assigned an HRTF
category [19]:

Small , if Wheaq < 15.0 cm
HRT Fegtegory = § Medium,  if 15.0 cm < wheqq < 18.0 cm
Large , if Wheaq = 18.0 cm

2

This approach provides a simple and effective way to select

appropriate HRTF from the CIPIC database, without requiring
sophisticated hardware or complex models.

4.2 Simulation of Room Acoustics

To simulate reverberation for different rooms, the system em-
ploys a simplified method based on stored room impulse re-
sponses (RIRs) [14]. Instead of computing acoustic reflections
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in real time, the application allows the user to select the room
response based on three different room sizes: Small, Medium, or
Large, and then assigns the selected RIR. Users can dynamically
switch between the three different room types in the application.
Each stored RIR aims to model the acoustic characteristics of
the room classified based on three different sizes, as mentioned
above. The stored RIRs are then convolved with the audio sig-
nal obtained after HRTF processing, using efficient time-domain
convolution techniques to simulate reverberation [13].

yr(t) = [x(t) * hurir, £ (t)] * hrir ()

yr(t) = [z(t) * hurr, & (t)] * hrir () ®)

where x(t) is the dry mono input audio signal selected by the
user, hyrir, 7 (t) and hurir, g (t) are the left and right head-related
impulse responses (HRIRs), and hgir () is the chosen room im-
pulse response (RIR). The resulting signals yy, () and yr(t) rep-
resent the final processed spatial audio output signals for left and
right ears, respectively

This static-RIR-based approach allows the app to provide im-
mersive room acoustics on mobile devices while reducing the
processing latency.

4.3 Dynamic Crossfading

In our proposed application, users can interact with the virtual
environment by dragging the source or listener objects to change
their positions. Whenever any of the sound objects is moved,
the system dynamically updates the spatial audio signals in real
time, recalculating the relative direction and distance between
source and listener, and applying updated HRTFs to match the
new positions [15].

Instead of relying on complex or computationally heavy cross-
fading algorithms, the application refreshes and renders the new
audio output immediately. To avoid artifacts such as glitches or
additional latency due to buffers during rapid source or listener
movements, the system uses a real-time synchronization clock
that keeps position updates aligned with the audio stream, en-
suring smooth transitions.This design choice allows for smooth
and seamless transitions without introducing additional latency
or artifacts, maintaining a consistent 3D audio experience as the
user explores different spatial arrangements.

By directly linking user interaction to real-time audio updates,
this method ensures that the spatial audio closely follows the
user’s movements, providing a highly responsive and immersive
experience. Additionally, using proposed method instead of tra-
ditional cross fading approaches reduces computational load, en-
abling real-time performance even on resource-constrained mo-
bile devices.

4.4 Wall Occlusion Modeling

The application uses a simplified line-of-sight model to simu-
late the sound obstruction effects by walls, thereby avoiding the
computational cost of detailed ray tracing or diffraction meth-
ods. This approach enables lower-complexity modeling suitable
for real-time spatial audio rendering on mobile devices [18]. If
the direct path between the source and listener intersects any

user-defined walls, each crossing is treated as an occlusion, and
frequency-dependent attenuation is applied accordingly.
The attenuation is modeled as:

A(f) =107 @
where A(f) is the attenuation at frequency f, n is the number
of wall crossings, and «(f) is a damping factor. The value of
a(f) was tuned through controlled listening tests with 10 par-
ticipants using a Mean Opinion Score (MOS) protocol, where
participants rated the perceived realism of obstructed spatial au-
dio signals. The approach is inspired by the Uniform Theory
of Diffraction (UTD) [18] and perceptual studies that confirm
higher perceptual sensitivity to high-frequency attenuation when
direct sound paths are blocked [21]. This model prioritizes real-
time performance by assuming straight propagation paths, uni-
form wall properties, and static listener/source positions. While
these assumptions reduce physical accuracy, they achieve im-
proved efficiency for mobile playback.

4.5 Latency Reduction by Truncation of HRIR
and RIR

Latency reduction is one of the most critical challenges in
real-time spatial audio rendering, especially on mobile plat-
forms. High-resolution head-related impulse response (HRIR)
and room impulse response (RIR) datasets can improve the spa-
tial perception of rendered audio; however, the computational
complexity of storing and applying these datasets is high, lead-
ing to significant processing latency.

In our proposed application, the HRIR and RIR datasets used
in this study were truncated to remove the near-zero tail values,
thereby reducing convolution operations and computational load
while preserving perceptually relevant spatial cues. Using MAT-
LAB, we analyzed impulse responses of HRIRs (at ~60° az-
imuth) and RIRs (for a small room and large hall), as shown
in Fig. 3 and Fig. 4. The low-energy tail regions, where the
signals decayed near zero, were removed. After truncation, the
HRIR length was reduced to approximately 128 samples (= 2.9
ms at 44.1 kHz), and the RIR length was reduced to approxi-
mately 2048 samples (= 46 ms at 44.1 kHz). This approach sig-
nificantly improved computational efficiency for mobile devices
while maintaining similar perceptual quality.
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Fig. 3: HRIR after truncation to 3 ms for reducing processing
latency.
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Fig. 4: RIR truncation to 50 ms to reduce processing latency.

5 Performance Metrics

CPU usage was monitored using Android Studio’s profiler on a
modern high-end Android device (8-core CPU at 2.4 GHz, 8 GB
RAM, Android 12). Table 1 lists the performance metrics of the
application on this device. Usage was higher during setup and
exports, but stabilized to an average of about 30.6% during play-
back. On mid-range devices, usage is expected to be slightly
higher, yet results confirm that the system is lightweight and
runs across different mobile devices. These measurements re-
flect a deliberate trade-off: to ensure low latency and real-time
performance, spatial audio processing employs low-complexity
methods, improving computational efficiency at the cost of some
perceptual accuracy.

For latency analysis, a 5-second audio clip split into 20 ms
frames was tested, measuring time for HRTF and RIR process-
ing. The average latency per input frame was 1.268 ms, which
was found to be suitable for real-time spatial audio playback dur-
ing the evaluation.

Overall, these results demonstrate that the proposed applica-
tion delivers satisfactory real-time performance with efficient
CPU use on modern Android mobile devices.

Table 1: Performance Metrics

Metric Value
Average CPU Usage 30.6%
Application Size (On Disk) 104 MB
Input Frame Size 20 ms
Avg. Latency per Input Frame (HRTF + RIR) | 1.268 ms

6 Evaluation and Results

We conducted comprehensive evaluations of our spatial audio
rendering application using Mean Opinion Score (MOS) based-
ratings. Fifteen participants with normal hearing took part in the
evaluation. To ensure consistency, all participants used the same
Android device and identical in-ear headphones.

6.1 Subjective Evaluation Protocol and MOS
Scores

A user study was conducted to assess audio quality, spatial re-

alism, and usability using Mean Opinion Scores (MOS) on a 5-

point scale in steps of 1(1 = poor, 5 = excellent). Non-expert

participants evaluated the system under three main criterion:

Criteria 1 — Sound Localization: Participants listened to
virtual sound sources placed at various locations while being
blindfolded and identified their perceived positions. MOS rat-
ings for this task aimed to examine spatial accuracy of rendered
sound sources.

Criteria 2 — Room Acoustics Realism: The same audio was
rendered in different virtual room sizes (small, medium, large).
Participants rated the perceived realism of the simulated acous-
tics of different rooms.

Criteria 3 — Interactive Experience: Participants explored
the app, simulated acoustics of different rooms, placed and mod-
ified walls/obstacles, and rated ease of use and overall satisfac-
tion.

Each trial began with mono playback followed by spatial au-
dio to highlight immersion benefits. In this study, the percep-
tual evaluation focused more on perceived realism and usability
compared to the perceptual accuracy of rendered spatial audio
signals.

Table 2: Results for Perceptual Evaluation in terms of Mean
Opinion Scores (MOS)

Evaluation Criterion Mean & Variance of MOS
Spatial Sound Localisation Realism 4.75+£0.45
Room Acoustics Realism 442 +0.49
Ease of Use 4.83£0.39
Overall Satisfaction 472 +0.36

6.2 Limitations

In our study, despite the encouraging preliminary results from
our small scale perceptual evaluation, there are some limita-
tions due to several approximations. The photo-based head width
method ignores ear features such as related to pinnae and ear
canals, reducing the accuracy of our proposed HRTF personal-
ization algorithm. From previous studies, we know that usage of
generic HRTF and RIR databases as well as line of sight occlu-
sion modelling and simplified room acoustics using stored RIRs
leads to inaccuracies in the rendering of individualized spatial
cues and room acoustics. The design choices made in this study
aimed to ensure real-time playback and broad device compati-
bility, representing a trade-off between computational efficiency
and perceptual realism. In our future works, we will focus on ad-
vanced techniques for HRTF, RIR and occlusion modelling and
analysis of their role in enhancing the perceptual realism and ac-
curacy of rendered spatial audio signals.

7 Conclusion

This paper presents an Android-based spatial audio applica-
tion that combines real-time simulation with an intuitive, user-
friendly interface. The system delivers high-quality, immersive
spatial audio while maintaining low latency and smooth interac-
tions on modern devices.

Key contributions of this study are: (1) photo-based HRTF se-
lection, (2) a simple two-stage interface for non-technical users,
(3) efficient real-time audio with occlusion and reflections via
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lightweight methods, (4) promising MOS scores for immersive
user experience, and (5) low CPU usage and latency enabling
seamless performance on mobiles. The system balances spatial
realism, usability, and efficiency, demonstrating that advanced
spatial audio rendering applications,can be utilized on mobile
devices.

Future works could include using neural field models for more
accurate HRTF personalization, together with room acoustics
simulations based on ray tracing and more accurate geometric
metrics to enhance realism further. [13].
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