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Abstract

This paper presents a prototype of a 3D audio
recording system named AudioSense which uses
Wireless Acoustic Sensors to capture spatial audio.
The sound is recorded in real-time by microphones
embedded in each sensor device and streamed to
a Processing Unit for 3D audio compression. One
of the key problems in systems which stream audio
data is end-to-end latency. This paper is focused on
analyzing a set of chosen parameters of the Opus
codec in order to obtain the minimal delay. Experi-
mental results on the prototype system have shown
that it is possible to achieve below 10ms of end-to-
end audio delay with the use of the Opus codec.
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1 Introduction

The area of 3D audio and object based audio is
currently a hot research topic as evidenced by a
large number of research papers and new emerg-
ing standards such as MPEG-H 3D Audio. The
majority of the research efforts in this area are
concentrated on the audio processing and ren-
dering side. The problem of 3D audio recording
is getting less attention in the literature.

Channel-based method of spatial sound pro-
duction assume that the number of microphones
used during the recording is directly propor-
tional to the number of loud speakers used dur-
ing sound rendering. This can lead to large
numbers of microphones in case of multiple au-
dio channels recordings. In addition, proper
setting and tuning of microphones in the field
can be a tedious task which requires many re-
sources in terms of time and manpower. Cur-
rent distributed recording systems use wired mi-
crophones, which makes it difficult to deploy
and use the system in certain environments.

To solve the limitations of current spatial au-
dio recording systems, the AudioSense system
is being developed. It introduces object-based

sound representation and wireless audio stream-
ing. The system can be described as a Wireless
Acoustic Sensor Network (WASN) [Bertrand,
2011; Akyildiz et al., 2007]. In this system in-
dividual sound sources (objects) are extracted
from a sound mixture using sound source sepa-
ration techniques (e.g Independent Component
Analysis [Comon, 1994]). Object based au-
dio representation gives high flexibility in terms
of sound rendering (easy rendering for head-
phones, stereo, 5.1, 7.1 systems) and enables
interactive manipulation of individual sound ob-
jects during playback.

The proposed AudioSense system has many
possible applications and can be used for both
indoor and outdoor audio recordings. The sys-
tem can be used in teleconference applications
to add the possibility to identify speakers by
speech direction. It can be also used for wildlife
monitoring and live TV broadcasts from the
field. The AudioSense technology has applica-
tions in surveillance systems where it can iden-
tify and track objects based on sound process-
ing. The system can be also applied in the en-
tertainment industry in case of movies, games
and virtual reality applications that require im-
mersive 3D sound.

Realisation of the AudioSense system is a
challenging task that requires overcoming ma-
jor challenges in such areas as audio streaming,
audio coding, sound sources separation and au-
dio synchronisation. This paper is focusing on
designing a low delay audio streaming mecha-
nism that meets the strict requirements of the
AudioSense system.

The AudioSense system consists of battery
operated devices with low processing capabil-
ities. Therefore audio recording, coding and
streaming has to be performed with energy effi-
ciency in mind. Live applications of the system
require also low latency audio streaming that
is reliable and allows simultaneous streaming
of data from multiple devices over the wireless



medium.
In order to minimise the end-to-end delay

it is necessary to optimise the audio record-
ing process, use a low latency audio codec and
streaming method. This paper shows the de-
sign of the system that tries to achieve this goal.
It presents the technologies and design choices
made to implement a low delay audio streaming
system on off-the shelf embedded devices. The
results achieved during the performance eval-
uation of the system show that it is possible
to achieve a low end-to-end delay of 10ms for
wireless audio streaming within the AudioSense
system.

The rest of the paper is organised as follows.
Section 2 presents the related work in the area
of spatial audio recording systems. Section 3 de-
scribes the architecture of the AudioSense sys-
tem together with hardware and software com-
ponents implemented to build the first proto-
type of the system. The results achieved during
the performance evaluation phase are presented
in Section 4. Finally Section 5 concludes the
paper and describes the lessons learnt from im-
plementing a low delay audio streaming system.

2 Related work

Spatial audio recording systems are gaining on
popularity with the introduction of 3D audio
systems and technologies that can reproduce
truly immersive sound. Majority of existing
systems for spatial audio recording use wired
microphones [Gallo et al., 2007] to capture the
virtual sound stage. This fact limits drastically
the mobility of such systems and increases sig-
nificantly their deployment time.

In the literature one can find also wireless sys-
tems for distributed audio recording like [Taysi
et al., 2010] and [Pham et al., 2014]. The main
problem with such systems is that the wireless
sensor network devices are equipped with low
quality microphones, amplifiers and A/D con-
verters due to the low cost and high energy ef-
ficiency of the system. Sounds recorded with
such systems have insufficient quality for many
audio applications.

One of the systems that tries to overcome
the problems of low cost WASNs is WiLMA
[Schörkhuber et al., 2014]. The system in-
troduces a wireless microphone array that of-
fers high quality audio recording and process-
ing. WiLMA enables connection of up to 4
professional microphones to each sensor module
and provides wireless synchronisation for audio

recordings. Similar approach to system design
is presented also in [Mennill et al., 2012] where a
distributed microphone array system is used for
environmental monitoring and animals record-
ing. This system is also based on battery op-
erated sensors and uses GPS for accurate syn-
chronisation of the recordings.

One of the limitations of spatial audio record-
ing systems presented in [Mennill et al., 2012] is
that the system does not offer continuous real-
time wireless audio streaming. All the record-
ings are stored on local flash memory of the
sensor devices. The AudioSense system takes
the next step in spatial audio recording systems
by providing low delay wireless streaming capa-
bilities and audio representation in the object-
based format. These features open up the door
for a whole new range of audio applications that
can be realised with the use of the AudioSense
system.

3 System overview

The proposed architecture of the AudioSense
system is presented in Figure 1. From the func-
tional side the system can be divided into two
parts. The first part consists of Acoustic Sen-
sors that form a wireless network responsible
for audio recording. The second part includes
an embedded device which performs 3D audio
processing. Each device in the wireless sensor
network has one or several microphones, A/D
converter and performs initial audio compres-
sion. Compressed audio signals are transmitted
through the Gateway to the Processing Unit.
The Gateway serves as an interface between the
wireless and the wired part of the system. Af-
ter reception of the audio signals the Process-
ing Unit performs aggregation of the individual
streams.

Each of the streams is decoded and synchro-
nised with each other. In the next step the pro-
cess of sound sources separation is performed
to generate individual audio objects [Salaün et
al., 2014], [Ozerov et al., 2012]. These objects
are then used in the process of 3D audio coding
(e.g. MPEG-H 3D Audio [ISO/IEC WD 23008-
3, 2014]. Finally the encoded audio is transmit-
ted over the Internet to the client side where the
sound rendering is performed.

3.1 Hardware components

From the hardware perspective the Acoustic
Sensor prototype consists of a Beaglebone Black
[Coley, 2014] with an Audio Cape board [Bea-
gleBoard, 2012] and a dedicated microphone



Figure 1: Architecture of the AudioSense system.

board designed in-house. Beaglebone Black is
a low-power single board computer based on
1GHz ARM Cortex A8 CPU. The board pro-
vides only one 12-bit analog-to-digital converter
which is not sufficient for any professional au-
dio applications. Hence the usage of an Au-
dio Cape (6 channels of up to 96 kHz sampling
at 24 bit) is required to improve the quality of
the recorded sound. For the microphone board
a pair of Monacor MCE-4000 electret omnidi-
rectional microphones is selected due to high
signal to noise ratio and very good sensitivity.
Each microphone is connected to a low noise
operational amplifier - MCP6021. The ampli-
fied acoustic signal is passed on to the Audio
Cape where analog to digital conversion is exe-
cuted. Next, the digital data in one of available
formats (e. g. S16LE) is sent to the Beagle-
bone Black. Each acoustic sensor is equipped
also with a wireless interface compatible with
the IEEE 802.11 a,b,g,n standards. The first
version of the prototypical Acoustic Sensor is
presented in Fig. 2.

Figure 2: First version of the Acoustic Sensor
prototype.

3.2 Software components

The prototype of Audio Sensor is running De-
bian Jessie Linux with kernel version 3.8.13.
In order to implement audio processing on the
device, the Gstreamer framework is utilised.
Sound capturing, coding and streaming are
all implemented within a single Gstreamer
v1.4 pipeline. Figure 3 illustrates Gstreamer
pipelines implemented on both the Acoustic
Sensor and the 3D Audio Processing Unit.

The pipeline on the Acoustic Sensor side is
responsible for capturing audio samples using
the ALSA plugin and encoding them with the
Opus [Valin et al., 2013] encoder. Next, every
packet is encapsulated in the RTP packet and
sent via UDP to the Processing Unit.

On the Processing Unit side each received
packet is processed by the depayloader and
Opus decoder. This processing is performed for
each stream independently. Next step is the
separation plugin, which gets n streams and,
after performing the process of sound sources
separation, generatesm audio objects. The pro-
cessed data is passed on to the multiqueue and
then interleaved to form a multichannel wave
file. For this purpose a new Gstreamer mod-
ule is implemented called WavNChEnc. The
stream generated by the module is then passed
to the MPEG-H 3D Audio codec which gener-
ates a single .mp4 file.

To measure time of encoding, the measure-
ments points were set right before and after
Opus encoder. Respectively, on the Process-
ing Unit the points were set before and after
the Opus decoder. Streaming time was mea-
sured with the measurement points set just be-
fore UDP transceiver in Acoustic Sensor and
right after RTP depayloader in the Processing
Unit.

One of the key aspects in networked audio



systems is audio synchronisation. In order to
provide synchronisation of the recorded audio
streams, a separate synchronisation module is
implemented. The synchronisation method ap-
plied is a hybrid approach based on reference
broadcast that uses the ideas presented in [El-
son et al., 2002] and [Budnikov et al., 2004].
Using this hybrid synchronisation method it is
possible to achieve a synchronisation error of
around 200µs.

Figure 3: Gstreamer pipelines implemented on
the Acoustic Sensor and the 3D Audio Process-
ing Unit side.

4 Performance evaluation

4.1 Test scenarios

The performance of the designed 3D Audio
recording system was evaluated using several
test scenarios. The main goal of the experi-
ments was to adjust and optimise hardware and
software components of the system to achieve
minimal streaming delay for different audio bi-
trates and network setups. Audio streaming la-
tency was measured in an end-to-end manner

which includes:

• Audio encoding time - time needed to en-
code one whole buffer of data by the Opus
encoder. Such measurements were exe-
cuted for different codec parameters which
have the highest impact on the encoding
time (e.g. bitrate, complexity, frame-size).

• Audio decoding time - measurement of de-
coding time for the same set of parameters
as in the case of audio encoding.

• Audio transmission time - packets latency
measurement when streaming wirelessly
over Wi-Fi (IEEE 802.11n).

For the Audio streaming tests the Opus pa-
rameters were constant while the network setup
was different in each experiment. The system
was tested with several Acoustic Sensors in the
network. In each of the cases the distance be-
tween the Acoustic Sensors and the 3D Audio
Processing Unit was different to test the system
in different working conditions. In addition to
latency tests the experiments included also CPU
usage measurements for Opus encoding and de-
coding.

Impact of selected parameters of the Opus
codec on the quality of sound was not the sub-
ject of our tests. Several tests were performed
in the past and are well described in [Hoene et
al., 2011].

4.2 Results

This subsection presents experimental results
achieved by measuring the end-to-end audio
streaming delay in the AudioSense system. The
first set of tests was performed to measure the
encoding delay of the Opus codec in order to
find the optimal codec parameters that enable
minimal processing latency. Three parameters
of the codec were identified as possible candi-
dates for processing delay optimisation:

• Complexity - is defined as a trade-off
between processing complexity and qual-
ity/bitrate. This parameter is selected us-
ing an integer from 0 to 10, where 0 is the
lowest complexity and 10 is the highest. In
the experiments fixed values of 0, 3, 6 and
10 were used to check what is the influence
of complexity on the processing delay.

• Frame size - Opus has fixed frame dura-
tions of 2.5, 5, 10, 20, 40, and 60 ms. In-
crease in the frame duration has influence



on coding efficiency improvement but the
gain becomes small for frame sizes above
20 ms.

• Bitrate - Opus supports different bitrates in
the range between 6 kbit/s and 510 kbit/s.
Higher bitrate results in higher quality au-
dio and lower latency in packets delivery at
the cost of increased bandwidth.
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Figure 4: Opus encoding time for different val-
ues of complexity and frame-size.
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Figure 5: Opus encoding time for different val-
ues of bitrate and frame-size.

Figure 4 shows Opus encoding delay for dif-
ferent complexity and frame size settings (differ-
ent colors on the figure correspond to different
frame sizes). For all measurements the bitrate
remained constant at the level of 128 kbit/s. It
is clearly visible that the average encoding la-
tency increases with higher complexity values.

The difference is especially visible for higher
frame durations of 40 and 60 ms where the la-
tency is 3 to 6 times higher than in the case of
smaller frame sizes. Therefore the best values of
frame size in case of the AudioSense system are
below 20ms where the encoding delay is smaller
than 10ms. Surprisingly the frame size of 2.5ms
is providing a similar encoding delay as in the
case when the frame duration is set to 20ms. In
terms of complexity the optimal value is 3 with
frame size of 10 ms.

The influence of different audio bitrates on
the Opus encoding delay is illustrated in Fig-
ure 5. The complexity parameter in all cases
is fixed at 0. The experiments are performed
for five audio bitrates (64, 96, 128, 256 and 320
kbit/s) and the same frame size values as in the
previous test. The graph shows that significant
increase in processing time is visible for larger
values of frame size (40 and 60 ms). It is evi-
dent that the bitrate change has much smaller
effect on encoding time than the change of the
complexity parameter. For frame size values be-
low 20ms the change of bitrate has very small
effect on the encoding delay - only 1ms increase
when changing the bitrate from 64kbit/s to 320
kbit/s. This experiment shows once again that
the frame size of 10ms provides the optimal set-
ting in terms of Opus encoding latency.
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Figure 6: Opus decoding time for different val-
ues of complexity and frame-size.

Opus decoding latency is tested in a similar
manner as in the case of encoding. Figure 6
shows the impact of the complexity parameter
on the decoding time for different frame dura-
tion values. The audio bitrate is fixed at 128
kbit/s. As can be seen in Figure 6 the com-
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Figure 7: Opus decoding time for different val-
ues of bitrate and frame-size.

plexity parameter has a small impact on the
overall audio decoding time. For smaller val-
ues of frame size (10ms and below) the decoding
time remains the same for different complexity
values. The difference is visible only in case of
larger frame size values (20, 40 and 60ms) where
the decoding delay can increase or decrease by
around 1ms with the change of codec complex-
ity.

Figure 7 presents Opus decoding times with
respect to different audio bitrates. In all cases
the complexity parameter is set to 0. It is
clearly visible that audio bitrate has very small
impact on the decoding time. The main param-
eter that has the biggest influence on decod-
ing time is frame duration. From the point of
view of Opus decoding, the best performance in
terms of execution time can be achieved for the
smallest possible values of frame size: 2.5 and
5ms.

The AudioSense system consists of battery
operated sensor devices therefore the power con-
sumption during codec operation is an impor-
tant parameter that can limit the total opera-
tion time of the system. Figure 8 presents the
CPU usage on the Acoustic Sensor while per-
forming coding and decoding using the Opus
codec. The measurements are performed for six
different audio bitrates and six frame durations.
In all cases the CPU operation remains between
35% and 57%. Highest CPU usage is recorded
for the smallest frame size value (2.5ms). For
all frame sizes between 10ms and 60ms the CPU
usage stays on the same levels. The influence of
audio bitrate on CPU processing is not signifi-
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Figure 8: CPU usage for different values of bi-
trate and frame-size.

cant as changing the bitrate from 64 kbit/s to
320 kbit/s increases the CPU usage by 7% on
average. The complexity parameter of the Opus
codec has a stronger influence on the CPU pro-
cessing than audio bitrate change. Changing
the complexity from 0 to 3 increases the CPU
usage by 10% on average. Switching from 3 to 6
adds another 10% of CPU processing. It is rec-
ommended to set the complexity on 3 or lower
in order to keep the CPU usage below the level
of 50%. From the energy efficiency point of view
the optimal frame size is equal to 10ms.
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Figure 9: Streaming delay measurements with
a distance of 1m between devices.

Audio encoding and decoding adds a signif-
icant delay in the audio processing pipeline of
the AudioSense system. The third factor that
adds an additional delay is audio streaming
over the wireless channel. In order to mea-
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Figure 10: Streaming delay measurements with
a distance of 6m between devices.
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Figure 11: Streaming delay measurements with
a distance of 10m between devices.

sure streaming latency over Wi-Fi several exper-
iments are performed using the prototype Au-
dioSense system.

All the tests are made with the same param-
eters of the Opus codec: sampling rate 48kHz,
bitrate 128 kbit/s, complexity 0, frame size
10ms. Figure 9 presents the first set of exper-
iments where the network consists of one, two
or three Acoustic Sensors (AS). In all cases the
distance between the 3D Audio Processing Unit
and Acoustic Sensors is equal to 1m. The mea-
surements are taken over 2000 audio samples.
The streaming is performed under Line of Sight
(LOS) conditions using the 802.11 n mode. It
is clearly visible in Figure 9 that the streaming
delay is the lowest (around 70µs) when there is
only one Acoustic Sensor in the network. Ad-
dition of the second sensor that sends simulta-
neously audio data to the processing unit in-

creases significantly the overall packets delivery
time to around 1ms on average. The network
with three Acoustic Sensors increases the delay
even further to around 1.6ms.

Figures 10 and 11 show the results of the
same experiment as above but under different
network conditions. The distance between the
devices is increased to 6m and 10m respectively.
The streaming is performed under Non Line of
Sight (NLOS) conditions. The results demon-
strate that the increase in distance between de-
vices has small influence on the average audio
streaming delay. The average delay for packet
reception remains at the same levels in all three
sets of tests. The main difference can be noticed
in the jitter levels which are much higher when
using the system in NLOS conditions.

5 Conclusions

This paper presents the architecture of the Au-
dioSense system which is designed to record and
process spatial audio. All the hardware and
software components of the prototype imple-
mentation of the system are described in de-
tail. The result of the work is a wireless acous-
tic sensor network capable of distributed sound
recording in an object-based audio format.

The paper focuses also on the development
of a low delay audio streaming technique which
meets the strict requirements of the AudioSense
system. For this purpose the Gstreamer frame-
work is utilised together with the Opus codec.
The optimal working parameters for the codec
are selected through experimental evaluation
and the end-to-end delay is measured for dif-
ferent setups of the wireless network. The re-
sults demonstrate that it is possible to achieve
an average delay below 10ms for coding, trans-
mission and decoding of the audio signal in a
wireless system of several Acoustic Sensors.

For the future work it would be interesting
to test the system on a larger scale with paral-
lel transmissions from many Acoustic Sensors.
The capacity of the system and transmission de-
lay can be further optimised by utilising wire-
less streaming in the 802.11 ac standard. For
the needs of sound sources separation it will be
beneficial to apply a hardware based synchroni-
sation method which would limit the synchro-
nisation error to several µs.
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