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LoRaWAN Based Dynamic Noise Mapping with
Machine Learning for Urban Noise Enforcement

H. Emre Erdem, Henry Leung

Abstract—Static noise maps depicting long-term noise levels
over wide areas are valuable urban planning assets for mu-
nicipalities in decreasing noise exposure of residents. However,
non-traffic noise sources with transient behavior, which people
complain frequently, are usually ignored by static maps. We
propose here a dynamic noise mapping approach using the data
collected via low-power wide-area network (LPWAN, specifically
LoRaWAN) based internet of things (IoT) infrastructure, which
is one of the most common communication backbones for smart
cities. Noise mapping based on LPWAN is challenging due to
the low data rates of these protocols. The proposed dynamic
noise mapping approach diminishes the negative implications of
data rate limitations using machine learning (ML) for event and
location prediction of non-traffic sources based on the scarce
data. The strength of these models lies in their consideration of
the spatial variance in acoustic behavior caused by the buildings
in urban settings. The effectiveness of the proposed method and
the accuracy of the resulting dynamic maps are evaluated in field
tests. The results show that the proposed system can decrease the
map error caused by non-traffic sources up to 51% and can stay
effective under significant packet losses.

Index Terms—Acoustic localization, IoT, LoRaWAN, noise
mapping, noise monitoring, wireless sensor networks.

I. INTRODUCTION

NOISE exposure is long proven to be a primary health
problem due to its negative impacts on main body

functions such as sleep, hearing, and mental capacity [1].
Thus, diminishing noise exposure plays a key role in improved
quality of life. For this purpose, municipalities around the
globe utilize noise management practices to constrain the
exposure within healthy limits [2]. These practices include pas-
sive measures such as consideration of static traffic noise maps
for new development plans as well as active noise enforcement
measures such as elimination of noise limit violations.

Static (or strategic) noise maps used by passive measures
depict noise levels of desired areas over extended periods
(e.g. a year) [3]. These levels are calculated based on the
methodological frameworks such as CNOSSOS-EU, CRTN,
and sonROAD18 created by various government authorities
[4]–[6]. Since static noise maps present noise levels over
extended periods, their outputs represent only perpetual noise
sources such as road traffic and industrial facilities and not
the intermittent sources with random emergence at arbitrary
locations such as construction, loud music or car alarm.
However, these temporary non-traffic sources constitute a
significant portion of civil noise complaints, rendering a more
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capable alternative to static noise maps essential for effective
noise enforcement [7]. Moreover, relying on noise complaints
to mitigate noise violations is a slow process. For these
reasons, internet of things (IoT) based dynamic noise maps
incorporating higher frequency noise level changes are sought
for elevated noise enforcement capabilities.

Dynamic noise maps can be considered as collections
of noise maps created at consecutive time steps with short
intervals. At each time step, either a completely new map or
a partial update to the previous map can be created based on
the environmental parameters collected from a sensor network.
No matter what method is used for map generation, existing
dynamic mapping research focus on decreasing temporal error
of traffic noise and omit the spatiotemporal error caused by
non-traffic sources. As a result, the noise from non-traffic
sources is either filtered out or incorrectly attributed to roads,
damaging effectiveness of these maps for noise enforcement.

To have a dynamic noise map with a short time step for a
low-cost city-wide noise monitoring system, low-power wide-
area networks (LPWANs) can be used. Although LPWANs
provide lower deployment and maintenance costs by eliminat-
ing tethered infrastructure via battery-powered wireless nodes,
they limit communication data rates significantly. For example,
LoRaWAN, the most frequently used LPWAN protocol, en-
ables extremely long single-link communication ranges using
its LoRa modulation technique in return for extremely low data
rates [8]. Combined with hundreds of nodes having to share
the same channel using ALOHA-like medium access, the rate
and size of messages each node can transmit is significantly
constrained to prevent collisions. Using only limited data
available, estimation of non-traffic source locations on the
dynamic map also becomes challenging.

To fill the gap for dynamic maps with non-traffic sources
using LPWANs, this study proposes a dynamic mapping sys-
tem with machine learning (ML) based acoustic localization
to overcome the data rate limitation. The localization model
uses only periodically transmitted 2-byte sound pressure level
(SPL) readings and combines them with its prior knowledge
of the acoustic behavior of the environment to predict the non-
traffic source location. The final dynamic map is created as a
joint visualization of traffic and non-traffic sources. The main
contributions of this article can be listed as follows:

• A scalable LoRaWAN based dynamic noise mapping
approach with non-traffic sources is proposed.

• An ML based acoustic localization approach using simple
SPL indicators to overcome the data rate limitations of
LoRaWAN is provided.
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• A LoRaWAN acoustic node hardware design targeting
low cost noise mapping applications is presented.

The remainder of this article is organized as follows. Related
work is summarized in Section II. The details of our proposed
system are provided in Section III. Performance evaluations
based on field-tests are presented in Section IV. Finally, the
paper is concluded in Section V.

II. RELATED WORK

Existing noise mapping literature can be grouped into
simulation and measurement based approaches [9]. While
simulation based approaches use computational methods to
estimate noise levels, measurement based approaches use IoT
technologies to collect measurements from acoustic sensors
to generate a seamless noise level distribution over a wide
region. Static noise maps are the most prominent examples
of simulation based maps and their update interval of several
years provide sufficient flexibility to execute time consuming
acoustic simulations unsuitable for dynamic maps with fre-
quent updates. Using the computational approach, the need
to collect scattered SPL measurements are eliminated. Studies
adopting this approach usually focus on improving the accu-
racy and computational efficiency of simulations [10]–[12].
On the other hand, dynamic maps are enabled with measure-
ment based approaches using the spatiotemporal information
provided from distributed acoustic sensors.

A unique IoT-based approach for noise data collection is
crowdsensing where microphones and network capabilities of
smartphones are used to measure and transmit SPL measure-
ments for map generation [13], [14]. Although crowdsensing
approaches eliminate the usage of a dedicated sensor network,
calibration of microphones from different manufacturers and
varying availability of up-to-date data may pose significant
challenges. For example, [15] reports almost half of the users
removing their application after using it only once. Moreover,
privacy becomes a significant concern when users’ accurate
location information is attached to noise measurements [16].

On the other hand, dedicated acoustic sensor networks with
cloud connectivity are used as a more robust IoT backbone
for noise measurements, eliminating the shortcomings of
crowdsensing in return for increased costs. However, existing
noise mapping studies focus mostly on demonstrating their
mapping techniques using pre-recorded measurements without
considering the networking aspect [17]–[19]. For example,
[20] demonstrates the integration of SPL readings into static
maps using measurements logged at eight locations without
any loss of information. Similarly, Aumond et al. use SPL
values recorded using a mobile measurement device that at-
taches position information to its logs [21]. Analyzing network
conformity is another important aspect for effective evaluation
of IoT-based mapping systems to demonstrate their feasibility
in real world. While many noise monitoring studies prefer
spatially sparse SPL values, they do not generate a map with
fine-grained representation of noise levels.

Several noise monitoring studies adopt commercial off-
the-shelf IoT-compatible platforms such as Raspberry Pi and
BeagleBone as their edge platform [22]–[24]. Although these

single-board computers provide elevated capabilities with
low cost, their power consumption figures prevent long-term
battery-powered operation as reported in [23] with a daily
energy consumption of 43 Wh. Hence, [25] uses power
over ethernet technology to jointly meet network and power
requirements of the nodes. However, tethered infrastructures
are usually not preferred due to their higher long-term costs.

For truly untethered IoT-based noise mapping/monitoring
applications, low-power microcontroller based architectures
with wireless communications are preferred. For this goal,
various communication technologies such as WiFi, Zigbee,
and LoRaWAN can be considered [26]–[28]. While WiFi
provides the highest data rates, its power consumption is also
the highest, preventing long-term battery-powered operation.
Zigbee on the other hand provides mediocre performance in
both data rate and range, while LoRaWAN or another low-
power wide-area network (LPWAN) protocol combines the
longest range and low power consumption in return for low
data rates [29]. For example, [30] reports triple the lifetime
for their node with LoRaWAN compared to a similar node
using WiFi. Thus, LoRaWAN usually becomes the first choice
for non-data-hungry applications. Moreover, [31] shows that
large datasets can be sent with LPWANs if divided into smaller
pieces and sent over longer periods. In a different LoRaWAN
based study, LoRa modulation is combined with their unique
MAC protocol to enable multi-hop communication unlike the
star topology of LoRaWAN when sending small-sized SPL
and class label [32]. Similarly, [33] uses LoRaWAN to collect
SPL measurements to redirect road traffic to decrease noise at
noise-sensitive locations such as hospitals.

No matter which technology is used to transmit noise data,
the assumptions on the collected data have a strong impact on
the accuracy of generated maps. Hence, [19] uses a classifier
to detect non-traffic noise events and discards audio signals
containing these events in SPL calculation to leave traffic
noise only for their intended map. Although they create event
labels in situ, the manual process to remove non-traffic sources
prior to SPL calculation prevents it from being realized as a
real-time application. Conversely, other existing dynamic noise
mapping approaches mostly assume contribution from non-
traffic sources to noise levels to be negligible, limiting the
variety of noise violation types against which dynamic noise
maps can be used.

For a more effective noise enforcement, non-traffic noise
sources should also be depicted on the map. Such a task is not
trivial since the locations of non-traffic sources are arbitrary.
To overcome this challenge, acoustic localization algorithms
can be used to estimate the position of non-traffic sources [34].
These algorithms estimate source locations using indicators
such as steered response power (SRP), direction of arrival
(DoA), energy level, or time difference of arrival (TDoA). Due
to data rate and energy budget limitations, these algorithms
may not be realistic for microcontroller and LPWAN-based
IoT systems.

Among the existing acoustic localization methods, energy
based methods offer the lowest computational complexity at
the edge nodes while requiring small amount of informa-
tion transmission (i.e. energy level only). Least squares and



3

maximum likelihood are among the commonly used methods
for energy based acoustic source localization [35]. However,
studies adopting these approaches usually assume free-field
propagation [36], [37]. In [38] and [39], the localization
methods use the energy level ratios of sensor pairs in a non-
reverberating environment. Similarly, the authors in [40] use a
feed-forward neural network (FNN) for acoustic localization
using energy measurements in free-field environments. How-
ever, it is shown that omittance of acoustic reflections is known
to cause poor performance in urban environments [41].

Another IoT-compatible localization indicator is TDoA
where cross-correlations of audio signals are used to estimate
the time difference of these signals. Using TDoA information
from multiple sensor nodes, source localization in urban envi-
ronments becomes possible [42]. Despite slightly higher edge
computation requirements, TDoA based approach is an im-
portant alternative to energy based methods for urban acoustic
localization especially when combined with a phase transform
(GCC-PHAT) to prioritize phase over magnitude during corre-
lation calculation. Instead of using cross-correlation to extract
time delay, SRP based localization approaches calculate signal
power at candidate source positions and returns the position
with the highest SRP as the estimated location [43]. Since this
approach requires cross-correlations to be calculated for all
signal pairs, it requires audio signals from all the nodes to be
collected at a central location. In [43] the authors use 2-second
audio with 10 kHz sampling rate, thus each node transmits at
least 80 KB of data (using 4-byte floating points) for each
localization task which would take hours to be transmitted in
LPWAN-based systems.

In [44], Faraji et al. use DoA for localization, but their
DoA calculation method require evaluation of beamformed
signal energy in each discrete direction for each pair of
8 microphones whose computational load prevents battery-
powered operation beyond 26 hours. As an alternative to
signal processing based DoA estimation methods, end-to-end
ML models eliminate feature extraction step and enable low-
computation DoA prediction. However, the best offerings of
the current literature focus on platforms with significantly
higher power consumption than battery-powered nodes used
in low-cost IoT-based noise monitoring systems [45], [46].

III. SYSTEM OVERVIEW

In providing a low-cost LPWAN based dynamic noise
mapping system, limited data rate of LPWANs poses a big
challenge and the system must be designed to overcome this
barrier. Our proposed system uses ML models to predict the
specifications of the non-traffic noise sources on the dynamic
map using sparsely transmitted small-sized SPL information
from the end nodes. Since the acoustic behavior of outdoor
environments may vary drastically due to the different sizes
and shapes of physical objects such as buildings, which makes
accurate location prediction difficult. Therefore, our proposed
dynamic noise mapping system divides the application region
into 250 m × 250 m areas and uses area-specific ML models
to predict non-traffic noise events as well as their locations and
SPLs. This way, ML models can learn the acoustic behavior of

Region Cell Area

2dgw 250 m

25
0

m

Fig. 1. Components of scalable coverage

the specific environment during training, and non-traffic noise
sources can be more accurately localized given small amount
of SPL data, increasing LPWAN compatibility. Such bottom-
up approach enables elevated scalability for cities at different
sizes.

In the proposed approach, each area is monitored by nine
sensor nodes and the data transmitted by the nodes are
collected by multiple gateways. Each gateway covers a circular
area with a radius of the gateway’s communication distance
dgw. The frequently used terms of region, cell, and area are
visualized in Figure 1.

For LoRaWAN, although battery-powered nodes eliminate
power infrastructure requirement, they may significantly in-
crease maintenance costs if frequent battery replacements are
needed. To keep power consumption low, the sensor nodes in
our proposed system calculate only fast time weighted (LAF)
and 15-minute long-term equivalent (LAeq,15min) A-weighted
SPL values. These measurements constitute only 2 bytes in
total and are transmitted with only 5 to 15-minute intervals
(∆t). As a result, the transmission of these data consumes
only between 0.36 to 0.84 bps of physical bitrate for each
node when used with ∆t = 15 minutes and DR0 or ∆t = 5
minutes and DR3, respectively.

To extract useful information from the scarce sensor data,
our system uses two ML models. While the first model predicts
non-traffic noise events (p̂), the other predicts the properties
(location and SPL, i.e. x̂, ŷ, and l̂) if the first model returns
positive. This way, computation requirements of the server are
decreased by running the secondary model only when a non-
traffic noise event exists. The predicted non-traffic source is
integrated into the map after being simulated as a point source
enabling the distinctive output of our system. An overview of
our proposed approach is shown in Figure 2.

When used against noise violations, the time until the
dynamic map includes the new noise sources is an important
metric. In addition to transmission interval, the lack of time
synchronization among sensor nodes may contribute to this
delay if packet arrivals from all the nodes are waited. More-
over, packet losses may cause SPL information temporarily
unavailable. To overcome these issues, dynamic map update
tasks are executed with a 1-minute interval using the latest
measurements available to stay functional despite possibly
lower output accuracy. This approach not only increases sys-
tem robustness but also eliminates the need for acknowledge-
ments, helping decrease network congestion by reducing the
use of valuable downlink windows of LoRaWAN.
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It is noted that as a result, each area can have at most one
non-traffic noise source at a time. Considering the size of an
area, the probability of this assumption being violated should
be very low and can be omitted. Alternatively, the size of the
areas can be shrunk until this assumption is fully satisfied.

We make the sizes of our ML models small so that running
the models with a 1-minute interval for small regions can be
carried out by regular computers. If city-wide coverage with
hundreds of areas and 1-minute update interval is desired, a
powerful server can be used. It is noted that the power required
for the proposed system is much less than those mapping
systems with complete simulations.

A. Sensor Node

To process acoustic signals and provide extended battery
lifetime, we need to develop our own LoRaWAN acoustic
sensor. These sensor nodes contain dual microcontrollers,
stereo microphones, battery and LoRa transceiver as shown
in Figure 3. All the tasks listed in Figure 4 are performed
on the primary microcontroller while the more powerful sec-
ondary microcontroller and microphone are reserved for more
complicated edge artificial intelligence (AI) functions for our
future studies.

The MEMS microphones located under windscreens at the
tip of the extended arms have an overload limit of 120 dB
and provide digital audio signal using I2S protocol. Thanks
to this protocol, nodes can easily switch between mono and
stereo audio. Also, calibration is not mandatory thanks to the
± 1 dB of sensitivity tolerance [47]. The nodes first sample
audio signal st at time t with a sampling rate of 31.25

Start st Filter
mlf

t

mleq
t

∆t Tx

Sleep

y
n

Fig. 4. Node firmware state transitions

kHz using direct memory access (DMA) for lower power
consumption. st contains 1024 samples which takes 4096
bytes in the memory as floating-point values. However, the
default frequency response of the microphone does not fully lie
within the specified tolerances of ANSI specifications for the
targeted Type 2 sound level meters and requires an equalizer
[48]. Hence, an equalizing filter with frequency-based gain is
applied to move the response at non-conforming frequencies
into the specified limits. In addition, an A-weighting filter is
consecutively applied to better mimic the human perception of
audio levels as required by most noise enforcement bylaws.
These two filters are implemented in second-order recursive
structure with minimal memory footprint. Following the fil-
tering, LAF and LAeq are calculated using:

mlf
t = 20 log10

(
sRMS,t

/
10(Cs/20)

)
+ Csr + Cc (1)

mleq
t = 10 log10

(
1

Nh

t∑
i=t−Nh+1

10

(
mlf

i /10
))

(2)

where Cs, Csr, and Cc represent microphone sensitivity, ref-
erence sensitivity, and calibration constants, respectively. In
(2), T represents the preferred time duration for the long-
term equivalence and Nh represents the length of mlf storing
historical LAF values measured within this duration. The
calculated SPL measurements are within ±1 dB tolerance as
tested in LAeq,1h. Our system implementation adopts 15-minute
LAeq duration as a good trade-off between response latency
and accuracy [20]. After the calculation of SPL indicators
audio data is deleted, the indicators are transmitted as 1-
byte integers if transmission interval is reached. Otherwise,
the node goes to sleep for 15 seconds as a good tradeoff
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between measurement accuracy and power consumption [49].
The primary microcontroller can provide power consumption
as low as 300 nA in low-voltage retention sleep contributing to
daily energy consumption of as low as 50 mWh. For detailed
consumption analysis readers may refer to [50].

Using the LoRa transceiver with 125 kHz bandwidth, our
nodes can theoretically reach uplink data rates of 980 (with
SF = 10) to 5470 (with SF = 7) bps on an unoccupied
channel. Also, our nodes do not utilize automatic data rate
(ADR) functionality to preserve valuable downlink channels.

B. Machine Learning Models

1) Binary classifier model for non-traffic event detection:
For event detection p̂, a binary classification model using a
single long short-term memory (LSTM) layer with 100 units
is used to utilize LSTMs’ high capability in learning temporal
changes. The only input feature is the change in the latest
discrete LAeq measurement at each node (i.e. ∆mleq

n ). These
9 differences are fed into the network as if they are part of
a single feature over discrete time steps instead of individual
features to eliminate the need to store historical values and
simplify the model. The model is trained using an additional
dropout layer with 0.5 rate and 1e-4 learning rate.

To save computational resources, the secondary model is
executed only when this model predicts a non-traffic noise
event. Hence, the correct representation of non-traffic source
is only possible with high true positive rate of this model.

2) Regression model for source property prediction: To
predict properties (easting (x̂), northing (ŷ), and level (l̂))
of the non-traffic source, a regression model using a dual-
branch FNN is used. Different from the first ML model,
the second ML model uses both LAF and LAeq foreground
measurements fused via Kalman filter (KF) to combine the
low latency of LAF and low variance of LAeq measurements.
Here, the term foreground represents the values where back-
ground values are subtracted from the measured values (e.g.
mlf,fg

n = mlf
n −mlf,bg

n ), with background levels representing
the minimum levels observed at each sensor location.

Since we are using cross-validation with leave-one-out
method to evaluate the performance of the proposed system, a
secondary set of features is needed to inform the model on the
leave-one-out status. This way, the ambiguity on whether the
measurement being 0 due to the long distance to the source
or leave-one-out is eliminated. This extra set of features is
called mask and is basically an indicator for the presence of
the measurement. Mask value of zero means the respective
measurement is reserved for cross-validation:

kn =

{
0, if node n is used for leave-one-out
1, otherwise.

(3)

Using two different groups of features, we adopt the dual-
branch structure so that the network can learn distinct rep-
resentations for each group before concatenating them. For
this goal, each feature is connected to a layer of 320 neurons
before concatenation. The resulting layer is connected to a
hidden layer with 100 neurons before the final output layer.
Between consecutive layers, a dropout rate of 0.2 is used to

prevent overfitting. The model is trained using a learning rate
of 1e-3.

C. Noise Map Generation

Our system utilizes individual noise maps for traffic and
non-traffic sources before combining them for dynamic map
iterations. Both traffic and non-traffic maps are generated using
NoiseModelling simulation software [51]. While a traffic map
uses multiple point sources representing the vehicles on roads,
a non-traffic map uses single point source at the predicted
location. Resulting vector maps are converted to 50 px × 50
px raster images using the nearest neighbor grid in QGIS
software before they are combined [52]. Since our system
divides an entire region into multiple areas, map generation
is scripted to adapt different areas based on the coordinates
given as parameters.

To embed area-specific acoustic behavior into ML models,
each model is trained using noise maps generated for their
target area. Since collecting high amount of real-world noise
violation data is only theoretically possible due to strict leg-
islation around such practice, simulated synthetic data is used
in our training. Although this approach requires additional
computation, it is a one-time preliminary process, and it
decreases edge computing complexity enabling localization
using only the SPL measurements.

Since the LSTM model predicts non-traffic noise events,
it is trained using a scenario where 500 non-traffic noise
sources randomly emerge and disappear within the target area
at different times. The output maps without reaching a mean
value of 35 dB are discarded since they do not possess useful
information for training. After the resulting map is combined
with the base traffic map, ∆mleq

n values at node locations are
extracted with a 1-minute interval.

The second ML model is trained using single-shot noise
levels discarding the time domain. Random sources in 10,000
trials are used to simulate SPL at sensor nodes. The resulting
maps are further augmented by adding Gaussian noise (Z ∼
N (0, 1)).

Finally, the directivity of the simulated sources is ran-
domized to prevent possible bias. The contribution of each
frequency bin is randomized while dB magnitude of the
directivity (v) for each frequency bin at a specific direction
(θ) is calculated using:

v(θ, if ) = 40

(
cos(θ)− 1

2if + 1

)
(4)

where if ∈ {1,2,. . . ,7} represents frequency bin index for fre-
quencies of {8000,4000,2000,1000,500,250,125} Hz, respec-
tively. Generated random directivities are fed into NoiseMod-
elling software to be used in simulations. Training, validation,
and testing splits use 80%, 20%, and 20% of all the simulated
map data, respectively.

D. LoRaWAN Communication

To evaluate system performance, the efficiency of the com-
munication protocol represented as packet success rate (PSR)
must be known. This study considers two factors affecting
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PSR: packet collisions due to time overlap and packet losses
due to low link quality.

To analyze collision based packet success rate rs,c, packet
airtime is needed to analyze time overlaps during channel
utilization. Packet size in symbols and LoRa symbol rate
can be used. While LoRa modulation uses a fixed preamble
size of 8 symbols, the packet payload size (npl) varies based
on the physical layer payload (PL), spreading factor (SF ),
redundancy check (CRC), data rate optimization (DE), and
code rate (CR):

npl = 8 +max

(
0,

⌈
2PL− SF + 7 + 4CRC

SF − 2DE

⌉
(CR+ 4)

)
(5)

Assuming that a node uses fixed parameters for packet
transmissions, packet airtime (apkt) is calculated based on
preamble and payload sizes (npa = 8 symbols and npl) as
well as symbol rate (Rs = BW/2SF ):

apkt = npkt,sym/Rs = (4.25 + npa + npl) /Rs (6)

Having packet airtime values, packets from two independent
nodes sharing the same channel are assumed to collide if the
midpoints of the packets’ airtime (i.e. tx and ty) are not as
apart as half of their total airtime:

c(x, y) =

{
1, if |tx − ty| < (apkt,x + apkt,y) /2

0, otherwise.
(7)

Consequently, the collision based packet success rate in each
cell is calculated as the mean collision rate over all the link
pairs:

rs,c = 1− 1

Ncell × (Ncell − 1)

∑
x∈Ncell

∑
y∈Ncell
y ̸=x

c(x, y) (8)

The PSR based on link quality rs,q is calculated considering
the unrecoverable received packets due to insufficient SNR or
signal strength below the receiver (gateway) sensitivity. For
this analysis, path loss of link n at distance dn is calculated
based on the mean loss at the reference distance d0, path loss
exponent (η), and shadowing modeled as Xσ ∼ N (0, σ2):

Lp,n(dn) = Lp(d0) + 10ηlog10 (dn/d0) +Xσ (9)

Using the transmit power (Pt), transmitter and receiver
antenna gains (Gt and Gr), link path loss (Lp), bandwidth
(BW ), and noise figure of the receiver hardware (NF ),
received signal power (Pr) and its SNR can be calculated using
[53]:

Pr = Pt +Gt +Gr − Lp (10)

SNR = Pr + 174− 10log10 (BW )−NF (11)

The energy per bit to noise power spectral density ratio
can be calculated using SNR, spreading factor (SF ) and CR
using:

Eb

N0
= SNR− 10log10

(
SF × 4/(4 + CR)

2SF

)
(12)

Furthermore, link bit error rate is calculated as in [54], [55]:

re,bit = Q

(
log12(SF )√

2
× Eb

N0

)
(13)

It should be noted that bit error rate is set to 1 for cases where
SNR falls below LoRa’s demodulation limits or received signal
strength is below the modem sensitivity.

To move from bit error rate to packet error rate, packet size
in bits must be known. This value can be calculated using
channel bitrate and packet airtime:

Rb = (SF ×BW ) /2SF (14)

npkt,bit = ⌈apkt ×Rb⌉ (15)

The conversion from bit error rate to packet success rate for
individual link quality is performed with:

rs,q,n = (1− re,bit)
npkt,bit (16)

Therefore, the overall link quality based packet success rate
is calculated as the average over all the independent links:

rs,q =
1

Ncell

∑
n∈Ncell

rs,q,n (17)

Finally, the PSR of a cell (rs,cell) with Ncell many nodes is
calculated as a combination of success rates with time overlap
collisions and imperfect link qualities:

rs,cell = rs,c × rs,q (18)

Although we have empirical individual link quality data
from the field tests, we are using the above analytical model
to define the channel behavior beyond the distances observed
in our tests. The empirical data is used to verify this model.

As a result, the quality of each link mainly depends on
the distance and the SF used. This study uses pre-defined
assignments (SF ∈ {7, 8, 9, 10}) instead of adaptive updates
since downlinks diminish the number of possible uplinks
significantly. For this goal, SF values are assigned based on
the link SNR without shadow fading and minimum SNR re-
quirements of LoRa modulation [56], [57]. Since varying link
quality with shadow fading may cause disconnection, each link
uses the next SF (i.e. SF + 1) whenever possible. Although
increasing SF by 1 causes longer airtime, it improves link
quality beyond the losses caused by time overlap collisions.
The other parameters used in the channel are as follows:
BW = 125 kHz, CR = 1, DE = 0, Pt = 20 dBm, Gt = 2.5
dBi, Gr = 6 dBi, and NF = 3 dB. For the path loss model,
we adopt the parameters from [58] (i.e. η = 2.08, d0 = 40
m, Lp(d0) = 127.41 dB, and σ = 3.57) since they enable the
best fitment to our empirical data.

IV. EXPERIMENTAL RESULTS

The performance of our proposed system in reducing the
error caused by non-traffic source is evaluated in field tests
using a speaker shown in Figure 5 positioned at 6 random
locations within the selected application area. In each test, the
same music tracks were played for 15 minutes with the same
order with the sound level of around 100 dBA. The reason
for such duration is to focus on the entire transitional period
of the selected SPL indicator (i.e. LAeq,15m). Each test was
followed by a 15-minute break so that the LAeq measurements
can settle back to background levels and allow the equipment
to be moved to the next location.
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Fig. 5. Field test setup
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The nodes in the area were deployed as shown in Figure 6
at 2 m height and at randomly selected existing pole locations
that satisfy deployment constraints. These constraints force the
nodes to be deployed with at least 50 meters distance from
each other but within 25 meters of a building facade facing
away from the building. Although these constraints were not
mandatory for this study, they were implemented for a fair
performance comparison with our prospective research.

For the field test performance evaluation, the proposed dy-
namic mapping method was performed in consecutive fashion,
where the data for all the field tests were collected and then
the mapping was performed on the collected data. Although
our system can be run in real time, this approach is preferred
to augment more field tests with varying transmission intervals
and packet success rates to limit the disturbance caused in the
tests. During field tests, the data was transmitted with a 1-
minute interval and then processed for varying transmission
intervals and packet losses in 25 trials each. In each trial,
each node was assigned with a random time offset to better
mimic the lack of time synchronization. Also, each trial was
augmented further by zeroing the measurements from one
sensor at a time and setting its mask for cross validation.
The zeroed values were used as reference values in error
calculations. Finally, packet loss rates for the respective ∆t

and dgw values were applied. As a result, the data collected
from 6 field tests was expanded into 16,200 tests.

Table I shows PSRs calculated using (8), (17), and (18)
and the average number of packets reaching the gateway
per area per hour. Since time-overlap collision probability
increases with shorter transmission intervals, rs,c decreases
with shorter ∆t. Moreover, longer transmission distances
require higher SF , hence longer packet airtime, causing more
collisions. Thus, the rs,c values decrease as the gateway dis-
tance increases. On the other hand, link quality is independent
from transmission interval. Due to higher path losses with
longer transmission ranges, rs,q decreases for higher gateway

TABLE I
PERFORMANCE RESULTS FOR LORAWAN LINKS

dgw ∆t rs,c rs,q rs,cell successful packets

50
0

m

5 min 0.990 0.998 0.988 105
10 min 0.997 0.998 0.995 53
15 min 0.998 0.998 0.996 35

10
00

m 5 min 0.962 0.933 0.897 95
10 min 0.981 0.933 0.915 48
15 min 0.987 0.933 0.921 32

15
00

m 5 min 0.843 0.899 0.758 82
10 min 0.917 0.899 0.824 44
15 min 0.944 0.899 0.849 30

20
00

m 5 min 0.685 0.812 0.556 60
10 min 0.827 0.812 0.671 36
15 min 0.880 0.812 0.715 25

distances despite using higher SF as explained in Section
III-D. The best overall cell packet success rate is achieved at
500 m of gateway distance and 15 minutes of transmission
interval. However, lower transmission intervals enables the
highest number of packets reach gateway despite their lower
rs,cell values, making them more useful for system since they
provide more information to the ML models. It should be noted
that the listed successful packets vary slightly from expected
values due to random node deployment and shadowing.

While the performance of our LSTM classification model
is evaluated using prediction accuracy, the regression (FNN)
model is evaluated based on the mean absolute error (MAE)
of its predicted locations. In case of false negatives from
the first model, our system misses its chance to correct the
map error. On the other hand, our system may worsen the
map error trying to attribute small variances to a noise event
by predicting the location of a non-existent source. In such
cases, the regression model usually predicts only a low source
SPL (l̂) due to small changes in model inputs, hence the
increase in the map error is minimal. Nevertheless, prevention
of false positives is rendered more important than those of false
negatives. The performance results of 0.75 precision and 0.57
recall reflect this ambition (i.e. higher precision than recall).
The individual performance results of the ML models are listed
in Table II using the metrics of event detection (p̂) accuracy,
MAE of individual and joint predicted location (ex̂, eŷ , and
eloc =

√
ex̂2 + eŷ2), as well as MAE of predicted source level

(el̂). The trends in these metrics are observed to be highly
correlated with the number of successful packets presented in
Table I. More packets reaching the gateway allow more up-
to-date information being available for ML model predictions
resulting in better location estimation. For example, the classi-
fier provides 0.73 event detection accuracy when 105 packets
are successfully transmitted, and this value goes down to 0.55
with 35 packets. It should be noted that 0.55 accuracy is close
to random guess, but such a low accuracy is still useful in
decreasing map error thanks to higher precision than recall as
well as false positives’ destructive impact being negligible due
to low source SPL prediction. Similarly, location estimation
values get better with more packets available. The exception
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TABLE II
PERFORMANCE RESULTS FOR ML MODELS

dgw ∆t p̂ acc. ex̂ (m) eŷ (m) eloc (m) el̂ (dB)

50
0

m

5 min 0.73 32.19 40.76 54.37 7.92
10 min 0.60 37.69 41.51 59.31 7.41
15 min 0.55 44.22 48.45 70.07 6.80

10
00

m 5 min 0.71 32.80 42.70 56.27 7.83
10 min 0.59 38.00 42.74 60.77 7.39
15 min 0.55 45.41 48.90 71.57 7.01

15
00

m 5 min 0.68 36.39 43.82 59.95 7.55
10 min 0.59 39.61 43.03 61.96 7.43
15 min 0.56 52.50 49.55 77.88 7.39

20
00

m 5 min 0.63 42.35 47.36 68.58 7.41
10 min 0.57 47.11 39.62 67.23 7.77
15 min 0.56 49.79 47.49 75.14 7.80

of el̂ sometimes getting better with less packets is a result
of synthetic data having lower SPL values compared to the
real-world data. This is also the reason why el̂ is always
around 7 dB. More successful packets cause the prediction
to be better according to the synthetic training data, but this
implies a larger discrepancy compared to field-test values.
Compared with the best acoustic localization algorithms in
the literature, 54 to 78 m of location estimation error in a 250
m × 250 m area may seem large, however the size of the
data used to provide these results is extremely small and the
data contains information delay up to 15 minutes. For the noise
mapping application considered here, these localization results
are effective in reducing the map error caused by non-traffic
sources which is the ultimate goal here.

Figure 7 shows the map error decrease provided by the
system as a result of joint utilization of ML models with red
background for active test periods in the plot and samples
of generated maps below the plot. For all the performance
evaluations, the first test was clipped to provide equal total
duration for different transmission intervals, leaving 5 tests
in total. Also, cross validation was performed by using the
measurements from 1 out of 9 sensors as reference for error
calculations and replacing these measurements with zeros for
other system tasks in each of 9 cross validation trials. For
each test, prior error was considered as the maximum minus
minimum SPL level throughout the test in dB representing the
impact of non-traffic source. In addition, post error represents
the mean difference in dB between the measured value (1-
minute interval data) and the output map value over all the
cross validations and random time offset trials at each time
step. It should be noted that errors can only be measured at
node locations since reference measurements are not available
outside the node locations. As a result, the distance of the
source location to the sensor nodes impact how much of the
error will be observed. In the plot, post error starts with a high
value for each test follows a decreasing trend throughout the
test thanks to the increasing localization accuracy with more
packets arriving and ends with an occasional peak. The peaks
at the start of each test were caused by the delay until multiple
nodes send their measurements with higher SPL values after

a non-traffic source emerged. During this short transitional
period, event detection model predicted false negatives, hence
no correction was applied to the map. Similarly, the peaks in
the error after the source disappears were caused by the delay
until nodes’ most recently received measurements contained
lower values. These peaks in prior error last longer when
bigger transmission intervals are used. These two problematic
cases can be observed in sample maps provided at 4 discrete
times in Figure 7. In the first map only road noise is shown,
whereas in reality the test with a non-traffic source started
at 11:02. Similarly, at 11:17, the source had already stopped
making noise, but the presence of the non-traffic source still
persisted in the map. Also, the occasional peaks between the
tests are either caused by false positives in the event detection
model or non-controlled noise sources such as birds with loud
calls observed during the tests. Since our LoRaWAN acoustic
sensors are designed not to store audio recordings for pri-
vacy reasons we cannot perform post-analysis to differentiate
between these sources and prefer to provide the cumulative
error.

The mean error correction results throughout all the trials
are shown in Figure 8. The proposed system performs the best
with the shortest transmission interval and gateway range. Its
relative performance drops to 29% at the longest transmission
interval and range. Although shorter transmission intervals
cause lower PSR, the total number of packets successfully
transmitted is still higher and improved system performance
is observed as shown in Table I. Similarly, a shorter gateway
range gives better system performance. It should be noted
that all the localization and error reduction results are reached
using measurements from 8 sensors as a byproduct of cross-
validation.

The proposed system assumes full utilization of 8 out of
72 LoRaWAN uplink channels of US915 specification for
city-wide coverage. This requirement can be relaxed without
compromising the system performance using denser gateways
leading to less channel occupation thanks to shorter packet
airtimes. Although the system already meets the 1% maximum
duty cycle limit asserted in some regions, denser gateways
can also be used to adapt the system to the regions with less
available channels and/or stricter fair usage limits.

V. CONCLUSION

In this paper, we propose a LoRaWAN based dynamic
map for urban noise monitoring. We develop a novel Lo-
RaWAN acoustic sensor with edge AI capability. Realization
of dynamic noise mapping with non-traffic sources is shown
to be possible for LoRaWAN when ML models are utilized
to extract useful information from sparsely transmitted data.
Using experimental data, the proposed system is found to
stay operational under high packet collisions when sparse
gateway deployment and frequent transmissions are preferred.
The impact of channel model on this LoRaWAN IoT noise
monitoring system is also analyzed.

Our future work is planned to provide improvements to the
localization and map error reduction performance using edge
ML models while preserving the compatibility with LPWANs.
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