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I. INTRODUCTION

In recent years, Internet of things (IoT) is developing
at an impressive speed. Several lightweight protocols are
already available for IoT devices, operating in the industrial,
scientific and medical (ISM) band, among which the most
popular are Sigfox and LoRaWAN (long range wireless area
network) [1]. However, the need to install terrestrial base
transceiver stations (BTS) represents a relevant drawback
in the network deployment progress and, furthermore, it is
likely that terrestrial coverage for these networks will never
extend much beyond urban areas.

A possible solution to the specific problem of deploy-
ment speed and coverage area of these networks can be
the provision of a low-earth orbit (LEO) constellation of
satellites. We consider LEO satellites for the following
main reasons: 1) global coverage, as geostationary satel-
lites do not cover poles; 2) link budget, as the attenua-
tion due to propagation distance is much smaller for LEO
satellites; and 3) cost, as very cheap CubeSats can be em-
ployed for this purpose. Such LEO constellation will act
as a gateway, by ensuring an alternative way to collect
data coming from the end-devices to the central network
server where no terrestrial coverage exists. The collected
data can be stored on board and transmitted later to the
central server when the latter falls in the satellite field of
view.

Given the remarkable difference between the common
terrestrial channel and the novel expected link, the design
of a receiver suitable to be employed on a LEO satellite
operating in the ISM band is of fundamental importance,
since it must be able to detect messages coming from ex-
isting conventional IoT terrestrial terminals, which clearly
will continue to see an unmodified network, while their
signals will be processed by a LEO satellite. The design of
this LEO satellite receiver will be addressed in this paper by
taking into account the peculiar impairments of the satellite
link that affect the performance of conventional receivers.
In particular, the presence of significant Doppler effects
related to the satellite movements have to be taken into ac-
count since they will significantly degrade the performance
of a receiver designed for terrestrial use. In addition, the
coverage area of a LEO satellite will be much wider than
a possible terrestrial cell. This means that a larger amount
of collisions of messages coming from terrestrial terminals
have to be coped with. Techniques for interference mitiga-
tion thus have to be considered. Hence, in this IoT scenario,
where we employ a satellite to collect packets from the IoT
terminals, avoiding the deployment of terrestrial BTS, we
need to design an advanced satellite receiver able to cope
with the presence of significant Doppler shift and Doppler
rate and the increased interference. The design of this re-
ceiver is the main contribution of this paper. Clearly, on the
downlink side, an unmodified CT will hardly be able to de-
tect a packet transmitted from a LEO satellite but this is not
a significant limitation in this scenario, where the valuable
information is that collected from the IoT terminals. We
will thus assume that the IoT terminals are left unchanged,
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with at most an upgrade of the deployed antenna, in order
to improve the link budget.

In this paper, we concentrate on LoRa protocol which,
unlike Sigfox, is publicly available. We will thus assume
that the IoT terminal, client terminal (CT) in the following,
falls outside the coverage area of terrestrial BTSs. The com-
munication can thus be managed by a LEO satellite which
acts as a gateway towards the radio access network (RAN).
At this point, two different options can be considered—the
signal detection can be either performed on board of the
satellite, or the received signal can be just forwarded to be
detected on ground. Nevertheless, the design of the receiver
is independent of the preferred option if the link from the
satellite to ground is assumed to be error-free—the choice
on the position of the proposed receiver, on board or on
ground, depends on the overall complexity constraints on
board the satellite. We will first design and optimize a re-
ceiver able to cope with the mentioned impairments related
to the LEO scenario. In order to validate the receiver design,
we will also develop a system simulator able to assess the
receiver performance in a realistic scenario.

The paper is organized as follows. Section II describes
the LoRa signal model. The properties of this signal, to
be exploited in the receiver design, are also described.
The receiver design is addressed in Section III whereas
Section IV gives details on the development of the system
simulator which was used to assess the receiver perfor-
mance. Section V reports the numerical results and, finally,
conclusions are drawn in Section VI.

II. COMPLEX ENVELOPE OF A LORA SIGNAL

The complex envelope of a LoRa signal can be ex-
pressed as

s(t) =
√

2Es

T
exp

{
j2πB

∫ t

−∞

[∑
k

�(τ − kT ; ak)

]
dτ

}

(1)
where Es is the energy per information symbol, T the
symbol interval, B a proper parameter (B = 125, 250, or
500 kHz in the LoRaWAN standard), {ak} the transmitted
symbols belonging to the alphabet {0, 1, . . . , N − 1}, N

being a power of two, and �(τ ; ak) a function with support
in [− T

2 , T
2 ] having the expression

�(τ ; ak) = mod

(
τ − akT /N

T
+ 1

2

)
− 1

2
− T

2
≤ τ ≤ T

2
.

(2)
In (2), the mod(·) function is the modulo operation in [0,1).
We will define SF = log2 N the so-called spreading factor
(7 ≤ SF ≤ 12 in the LoRaWAN standard). Parameters B,
N , and T are related through the equation BT = N = 2SF.

This modulation format shows some important
properties—it has a constant envelope (and thus, it is in-
sensitive to nonlinear distortions), a continuous phase (and
thus, its spectrum is compact), no memory, and the oc-
cupied bandwidth is B (with good approximation). The
constant envelope and the continuous phase can be simply
verified from the complex envelope expression (1). From

the definition of �(t ; ak) in (2) we can also easily verify that
the integral of �(t ; ak) is zero, no matter the value of ak .
Thus, if we consider the interval [kT − T/2, kT + T/2],
the phase of the complex envelope will be the same at the
beginning and at the end of the interval. This modulation
is thus memoryless. Hence, the complex envelope can be
expressed as

s(t) =
∑

k

ξ (t − kT ; ak) (3)

where ξ (t − kT ; ak) is the slice of signal, with support in
[kT − T/2, kT + T/2], corresponding to symbol ak and
has the expression

ξ (t − kT ; ak)

=
√

2Es

T
exp

{
j2πB

∫ t

kT −T/2
�(τ − kT ; ak) dτ

}
.

The closed-form expression of the power spectral density of
(3) is composed of a continuous part Wc(f ) and a discrete
part Wδ(f ) made of a modulated Dirac delta train (see [2])

Ws(f ) = Wc(f ) + Wδ(f )

where

Wc(f ) = 1

T

⎡
⎣ 1

N

∑
ak

|�(f ; ak)|2 −
∣∣∣∣∣

1

N

∑
ak

�(f ; ak)

∣∣∣∣∣
2
⎤
⎦

and

Wδ(f ) = 1

N2T 2

∞∑
n=−∞

∣∣∣∣∣
∑

i

�
( n

T
; ai

)∣∣∣∣∣
2

δ
(
f − n

T

)

having denoted by �(f ; ak) the Fourier transform of ξ (t ; ak)
whose closed-form expression is

�(f ; ak) =
√

EsT

N
e
j2πB

(
3T
8 − T

2

(
ak
N

+
(
+ ak

N
−1+ f

B

)2
))

·
{
Z

[√
2N

(
+1

2
− f

B

)]
− Z

[√
2N

(
−ak

N
+ 1

2
− f

B

)]}

+
√

EsT

N
e
j2πB

(
− T

8 + T
2

(
ak
N

+
(

ak
N

+ f

B

)2
))

·
{
Z

[√
2N

(
−ak

N
+ 1

2
− f

B

)]
− Z

[√
2N

(
−1

2
− f

B

)]}

(4)

where Z (·) = C(·) + jS(·), C(x) = ∫ x

0 cos(π
2 y2)dy and

S(x) = ∫ x

0 sin(π
2 y2)dy are the Fresnel integrals [3]. Fig. 1

reports the continuous part Wc(f ) of the power spectral
density of LoRa signals for SF = 7 and 12. From this fig-
ure, we can see that a significant portion of the power is
in the frequency range [−B

2 , B
2 ] (thus the bandwidth of the

corresponding passband signal is B).
It can be easily shown that we may express

�(t ; ak) = �(t ; 0) + �(t ; ak)

i.e., as a first contribution which is the value of �(t ; ak) cor-
responding to symbol ak = 0, thus common to all terms,
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Fig. 1. Continuous part Wc(f ) of the power spectral density of LoRa
signals for SF = 7 and SF = 12.

plus a second term which depends on ak and can be ex-
pressed as

�(t ; ak) =
{− ak

N
+ 1 for − T

2 ≤ t ≤ − T
2 + akT

N

− ak

N
for − T

2 + akT

N
< t ≤ T

2

. (5)

�(t ; ak) is thus a piecewise constant. Hence, the complex
envelope of a LoRa signal in the generic interval [kT −
T/2, kT + T/2] (and thus, the slice of signal we called
ξ (t − kT ; ak)) can be equivalently expressed as

ξ (t − kT ; ak)

= ξ (t − kT ; 0) exp

{
j2πB

∫ t

kT −T/2
�(τ − kT ; ak) dτ

}

(6)

where

ξ (t − kT ; 0) =
√

2Es

T
exp

×
{
j2πB

∫ t

kT −T/2
�(τ − kT ; 0) dτ

}
(7)

is the slice of signal corresponding to ak = 0 and is a term
whose phase quadratically depends on t . It is called an
up-chirp signal. We can define

	(t − kT ; ak) = 2πB

∫ t

kT −T/2
�(τ − kT ; ak) dτ

obtaining

ξ (t − kT ; ak) = ξ (t − kT ; 0) exp {j	(t − kT ; ak)} .

The shape of 	(t ; ak) is shown in Fig. 2 for SF = 2. Let
us consider again the generic interval [kT − T/2, kT +
T/2]. The slices ξ (t − kT ; ak) corresponding to different
symbols ak are not orthogonal. This can be simply verified
by computing the N × N matrix A whose elements are

Fig. 2. Function 	(t ; ak) for different values of ak in the case SF = 2.

defined as

Ai,
 = T

2Es

∫ kT +T/2

kT −T/2
ξ (t − kT ; ak = i)

× ξ ∗(t − kT ; ak = 
) dt.

If the slices ξ (t − kT ; ak) were orthogonal, A would be
the identity matrix. So, in order to understand how far this
matrix is from the identity one, we computed the normal-
ized distance 1

N
‖A − I‖F where I is the N × N identity

matrix and ‖·‖F is the Frobenius norm. It can be found
that 1.1 · 10−3 ≤ 1

N
‖A − I‖F ≤ 2.1 · 10−1 for 2 ≤ SF ≤

12. We may thus conclude that the slices ξ (t − kT ; ak)
are not strictly orthogonal but can be approximated as such.

We said that signal s(t) has (approximately) a bandwidth
B/2. It can be thus reconstructed from its samples when
using a sampling frequency Fs = B = N/T . Without loss
of generality, we can consider the interval [−T/2, T /2],
i.e., k = 0, and thus, the transmission of symbol ak = a0.
For n = −N

2 , −N
2 + 1, . . . 0, . . . , N

2 − 1, the N samples of
the complex envelope are

ξ

(
nT

N
; a0

)
= ξ

(
nT

N
; a0 = 0

)
exp

{
j	

(
nT

N
; a0

)}
.

By unwrapping the phase 	
(

nT
N

; a0
)
, it can be easily

verified that1

exp

{
j	

(
nT

N
; a0

)}
= exp

{
−j

2π

N
a0

(
n + N

2

)}

and thus

ξ

(
nT

N
; a0

)
= ξ

(
nT

N
; a0 = 0

)
exp

{
−j

2π

N
a0

(
n + N

2

)}

or, equivalently

ξn(a0) = ξn(a0 = 0) exp

{
−j

2π

N
a0n

}
,

× n = 0, 1, . . . , N − 1 (8)

1Please notice that the equality holds for the samples only and not for the
continuous-time signal.

COLAVOLPE ET AL.: RECEPTION OF LORA SIGNALS FROM LEO SATELLITES 3589



having defined

ξn(a0) = ξ

(
nT

N
; a0

)
.

In other words, we can write the samples as the product
of a discrete-time up-chirp signal, common to all signals,
and a term whose phase is linearly decreasing with a slope
depending on the transmitted symbol. These discrete-time
samples are, this time, orthogonal. In fact

N−1∑
n=0

ξn(a0 = i)ξ ∗
n (a0 = 
) =

{
N i = 


0 i �= 

.

This property will be used later. It is important to notice that
if we sample with a lower or higher sample frequency, this
property no more holds, i.e., we can still write the samples
as the product of an up-chirp signal, common to all signals,
and a second term depending on the transmitted symbol, but
this time the phase of this second term is no more linearly
decreasing.

III. RECEIVER DESIGN

A. Detection Over an Additive White Gaussian Noise
(AWGN) Channel

Let us assume that an uncoded LoRa signal is transmit-
ted over an AWGN channel and that ideal synchronization
has been performed (synchronization issues will be dis-
cussed in Section III-C). Without loss of generality, since
the modulation is memoryless, as discussed in the previous
section, we can consider the interval [−T/2, T /2] focusing
on the detection of symbol a0 only. The complex envelope
of the received signal can thus be expressed as

r(t) = ξ (t ; a0) + w(t)

where w(t) is the complex envelope of an AWGN process
with independent real and imaginary components having
zero mean and power spectral density N0.

From a conceptual point of view, optimal detection of
LoRa signals can be performed through the following max-
imum a posteriori probability (MAP) detection strategy
[4]:2

â0 = argmax
a0

	 {z(a0)} (9)

having defined

z(a0) =
∫ T/2

−T/2
r(t)ξ ∗(t ; a0) dt

i.e., z(a0) is obtained by sampling the received signal r(t)
filtered through a filter matched to ξ (t ; a0). We can thus
conclude that a sufficient statistic can be obtained through
a bank of N = 2SF filters matched to all possible waveforms
ξ (t ; a0).

Although this receiver is quite simple from a conceptual
point of view, it can hardly be implemented when N grows.

2This detection strategy has been obtained by exploiting the fact that
ξ (t ; a0) has a constant envelope.

Let us consider a digital implementation of the bank of
N matched filters. In practical receivers, an approximated
set of sufficient statistics is obtained through the technique
described in [5]. It is assumed that the LoRa low-pass equiv-
alent is band limited with bandwidth B/2—although this
is not strictly true as discussed in the previous section.
The approximated statistics can be obtained by sampling
the received signal prefiltered by means of an ideal analog
low-pass filter having bandwidth B/2.

The use of an ideal filter ensures that the noise samples
are i.i.d. complex Gaussian random variables with indepen-
dent components. As discussed in the previous section, we
need at least N samples to represent the transmitted signal
in the interval [−T/2, T /2]. The complexity related to the
implementation of N matched filters is thus proportional
to N2.

A significant complexity reduction can be obtained by
exploiting (8). In fact, we can express the received samples
as

rn = ξn(a0 = 0)e−j 2π
N

a0n + wn

where wn are AWGN samples [5]. We can thus remove the
up-chirp signal by computing

yn = r∗
nξn(a0 = 0) = ej 2π

N
a0n + w′

n

where w′
n are still AWGN samples since the up-chirp signal

has a constant amplitude and does not modify the noise
statistics. The optimal MAP detection strategy based on
these samples can be expressed as

â0 = argmax
a0

	
{

N−1∑
n=0

yne
−j 2π

N
a0n

}
. (10)

Looking at (10), we can recognize that the strategy can be
expressed as

â0 = argmax
k

	 {Yk}
having defined

Yk =
N−1∑
n=0

yne
−j 2π

N
kn

as the discrete Fourier transform (DFT) of samples yn. It
can be thus efficiently computed through the fast Fourier
transform (FFT) with complexity N log2 N = N · SF.

The error probability of strategy (10) is known in an
analytic form. In fact, since the discrete-time waveforms
are orthogonal, the symbol error probability is exactly the
same as that of any other orthogonal modulation scheme [4].

As said, strategies (9) and (10) are only approximately
equivalent. In fact, strategy (10) has been obtained under the
approximated assumption that LoRa signal (1) has a limited
bandwidth B/2. Although not strictly true, we found that the
performance loss in terms of symbol error rate is negligible
(less than 0.01 dB) with respect the optimal receiver, for
the SF of interest, e.g., 7 ≤ SF ≤ 12. We can conclude that
the approximation that allows to obtain strategy (10) is very
good.
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B. Noncoherent Detection

Detection strategies (9) and (10) have been obtained
under the assumption of ideal synchronization. We will
now consider phase noise and the related performance loss
it produces on strategies (9) and (10).

The optimal detection strategy in the presence of phase
noise will depend on the channel coherence time. When
the channel coherence time is long enough, we can exploit
its correlation to design a receiver with a memory having
negligible performance loss with respect to the case of ideal
synchronization [6]. On the other hand, when the channel
phase is assumed to change independently every symbol
interval, the system is again memoryless and the receiver
will have the lowest possible complexity. It can be eas-
ily shown that when the channel phase is assumed to be
uniformly distributed and to change independently every
symbol interval, the strategies (9) and (10) become [4]

â0 = argmax
a0

|z(a0)| (11)

and

â0 = argmax
a0

∣∣∣∣∣
N−1∑
n=0

yne
−j 2π

N
a0n

∣∣∣∣∣ . (12)

These kinds of strategies are called “noncoherent” in the
literature. In particular, we will consider strategy (12) only,
since it can be implemented through the FFT. Its error prob-
ability is known in analytical form [4]. The performance
loss with respect to coherent detection is lower than 0.5 dB.
Thus, it is not worth investigating the possibility to exploit
the phase–noise correlation in case of a longer coherence
time.

C. Properties of LoRa Signals to be Exploited for Syn-
chronization

In this section, we will discuss the synchronization of
LoRa signals. In particular, we will see which properties
of LoRa signals can be exploited to perform frame, fre-
quency, and timing synchronization. In Section III-H, we
will describe the entire synchronization procedure.

The preamble of a LoRa packet is characterized by
eight consecutive up-chirps, two “special” known modu-
lated symbols, and 2.25 down-chirps [7], where the down-
chirp is just the complex conjugate of the up-chirp. Let
us consider an up-chirp signal in the reference interval
[−T/2, T /2]. It can be expressed in closed form as [see
(7)]

ξ (t ; 0) =
√

2Es

T
exp

{
j2πB

∫ t

kT −T/2
�(τ ; 0) dτ

}

=
√

2Es

T
exp

{
j2πB

(
t2

2T
− T

8

)}
.

Let us now assume that a train of up-chirp signals expe-
riences a delay τ (we will assume 0 ≤ τ ≤ T ) and is af-
fected by a frequency uncertainty ν (due to the uncertainty
on the nominal frequency of the transmitted signal and the

Doppler shift related to the satellite motion) and a phase
shift θ0, in addition to the AWGN.3 The complex envelope
of the received signal can be thus expressed as

r(t) = β
∑

k

ξ (t − kT − τ ; 0)ej (2πνt+θ0) + w(t)

where β is the attenuation due to propagation and w(t) is
the complex Gaussian AWGN process.

Due to the presence of the frequency uncertainty ν, a
discrete-time sufficient statistic can still be obtained with
the same technique already described in Section III-A, but
N samples per symbol are no more sufficient. We will
thus need to extract No samples, with No > N , after the
analog prefilter. These samples {rn} are then multiplied by
the complex conjugate of the samples of the original train
of up-chirp signals (dechirping operation). Without loss of
generality, we will assume that the sequence used for this
dechirping operation has a unit amplitude. This multipli-
cation does not change the noise statistics. The received
samples after dechirping in the reference symbol interval
[−T/2, T /2] can be expressed as

yn = sn + wn , n = −No

2
, −No

2
+ 1, . . . ,

No

2
− 1

(13)
where wn is a discrete-time complex white Gaussian noise
process and samples sn can be expressed as

sn =
{

γ ejθ1ej2π(B+ν−B τ
T )n T

No −No
2 ≤ n < −No

2 + N1

γ ejθ2ej2π(ν−B τ
T )n T

No −No
2 + N1 ≤ n < No

2

where γ is a proper amplitude, taking into account the
amplitude of the transmitted signal and the channel attenu-
ation and having defined N1 = �No

τ
T
�, where �x� denotes

the largest integer lower than or equal to x, and

θ1 = 2πB

(
T

2
+ τ 2

2T
− τ

)
+ θ0

θ2 = 2πB
τ 2

2T
+ θ0.

The computation of the Fourier transform of sequence sn,
n = −No

2 , −No
2 + 1, . . . , No

2 − 1, will exhibit a maximum
of amplitude γ · max(N1, No − N1) either at frequency
(ν − B τ

T
) or at frequency (B + ν − B τ

T
), depending on

the value of N1. This maximum can be identified by us-
ing the Rife and Boorstyn algorithm [8] which is based on
two steps. A coarse search is first performed by computing
some samples of the Fourier transform through the FFT
and looking for the maximum sample. An interpolation is
then performed around this maximum sample to refine the
search (fine search step).

If we repeat the same operations for the down-chirp
signal (this time using the down-chirp signal to perform
dechirping) we obtain again a maximum of amplitude γ ·
max(N1, No − N1) but this time either at frequency (ν +
B τ

T
) or at frequency (B + ν + B τ

T
). In the next sections

3We will consider the effect of the Doppler rate α later.
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we will see how to exploit this property to perform frame,
frequency, and timing estimation.

When a Doppler rate α is also present, we observe an
uncompensated frequency offset ν that varies linearly with
time at a slope α. In order to qualitatively understand the
effect of this Doppler rate, let us approximate this linear
variation with a staircase, i.e., constant over a symbol and
changing from symbol to symbol. Under this assumption,
the frequency corresponding to the maximum amplitude
of the Fourier transform, when performed on consecutive
symbols, will increase or decrease linearly (depending on
the sign of α). We have to take this into account when
performing synchronization and detection.

D. Estimation of the Frequency Peaks

The estimation of the above-mentioned frequency peaks
is a challenging task. In fact, in typical operating conditions
the energy of a single sample is far lower than the noise
power, leading to a high number of outliers in the estima-
tion process that could degrade the performance. Because
of this, algorithms for frequency estimation working in the
time domain, such as that by Mengali and Morelli [9] which
has, for high signal-to-noise ratio (SNR) values, a perfor-
mance close to that of the Rife and Boorstyn algorithm but
with a lower complexity, become useless since they start
converging only at very high SNR values.

A simple approach to reduce the occurrence of the out-
liers is the following: instead of considering the FFT of a
block of samples related to a single symbol, we compute the
magnitude of the transform of two symbols and sum them
together. In this way, peaks due to noise are averaged out
and signal peaks will sum constructively. The fine estima-
tion is made through zero-padding before FFT. As shown
later, this is not an optimal approach since the estimator’s
performance is farther from the MCRLB but convergence
is reached at lower SNR values.

A similar procedure for computing the magnitude of
the transform of more symbols and summing them together
can also be employed when searching for the preamble to
perform frame synchronization. The difference is that at
this stage the receiver does not need the fine estimation step
since we are only interested in revealing the presence of the
preamble pattern.

E. Frame Synchronization

The first step in the synchronization procedure is the
detection of the presence of a transmitted packet through the
search of the known preamble. We will say that the receiver
is in listen mode. A coarse search for the preamble must
be performed either continuously or at given time intervals,
depending on the working procedure agreed by the gateway
and user terminals. We will assume a continuous operation
mode. The search is performed by considering blocks of
nonoverlapping No samples, removing the up-chirp from
them (dechirping operation), processing them through FFT,
and summing the magnitude of the FFTs of two consecutive

blocks. Now we can look for the maximum value of this
sum of magnitude of the computed FFTs. Then, we move
forward one symbol and repeat the operation. In practice,
pairs of blocks are considered, with an overlap of one block
between two consecutive pairs. When the maximum of the
FFTs of seven pairs of blocks of symbols are all in the same
position on the FFT grid despite the values of the frequency
and timing offsets, we are in the presence of eight up-chirps.

As discussed in the previous section, two peaks at a dis-
tance of B can be observed. When N1 
 No/2, these two
peaks will have similar amplitudes and, in the presence of
noise, the maximum FFT value can be one of them. So it
can happen that from a symbol to the next, the position of
the maximum can have a “jump” of B. Moreover, it can
happen that a specific value of the fractional delay and the
presence of a significant Doppler rate lead to peaks which
can shift up to ±2 samples of the Fourier transform from
the beginning to the end of the preamble up-chirps. Hence,
proper control procedures must be envisaged to take into
account all these effects when searching for the preamble.
In other words, we do not have to look for seven consecutive
peaks at the same frequency sample but we have to relax this
constraint by looking for less than seven consecutive peaks
and possibly not exactly at the same frequency—the num-
ber of peaks to be searched has to be defined with proper
simulations aimed at finding a good compromise between
missed detection probability (that will increase the packet
error rate) and the false alarm probability.4 An increase in
the false alarm probability is not a problem per se. In fact,
even if we erroneously identify a preamble, the verification
of the cyclic redundancy check (CRC) after detection will
allow to correctly identify the absence of a valid packet.
It is, however, important that the receiver remains in lis-
ten mode even when it believes that a preamble has been
identified. This will cost a slight increase in the computa-
tional complexity but will prevent that a valid packet is lost
when the receiver leaves the listen mode to start detecting
the payload. In any case, this has to be made if we want to
simultaneously detect interfering packets.

The previous step is able to identify the presence of
a packet but, due to the relaxed constraints we adopted,
we will have a significant uncertainty on the beginning
of a packet. As a consequence, the receiver has to start a
fine-frame synchronization procedure. The aim of this pro-
cedure is to confirm the presence of a packet, to identify its
position more precisely, and to reduce the uncertainty on
the timing offset. This time, we take blocks of ten consecu-
tive symbols. For eight of them, dechirping is performed as
usual whereas, for the last two, dechirping is performed by
multiplying them for the complex conjugate of the two “spe-
cial” known symbols in the preamble. The magnitude of the
FFTs of these ten symbols are computed, then summed, and

4By only considering the missed detection probability, which is the most
critical one, we found that we have to search for four peaks with a tolerance
in the position of ±2 FFT samples.
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both position P and amplitude A of the maximum of the re-
sult are computed and stored. The window containing these
ten symbols is then shifted T/4 and the same operations
are performed over another block of ten symbols, partially
overlapped with the previous one. When all possible po-
sitions compliant with the uncertainty of the previous step
have been tested, we keep that corresponding to the largest
stored value of the amplitude A. In this case, the starting
position of a packet is identified with an uncertainty lower
than T/4.

F. Timing and Frequency Synchronization

After frame synchronization, timing and frequency can
be estimated. We will see later in Section III-H that this
task has to be performed in two steps (a coarse and a fine
one) with Doppler rate estimation and a tight filtering in the
middle. In both steps the procedure is the same.

The position P of the peak obtained in the fine-frame
synchronization step will provide an estimate of either the
frequency

(
ν − B τ

T

)
or the frequency

(
B + ν − B τ

T

)
. By

repeating the same operation on the two down-chirp sym-
bols we will obtain an estimate of either the frequency(
ν + B τ

T

)
or the frequency

(
B + ν + B τ

T

)
. We now have

to extract an estimate of both ν and τ . Then, it should be
considered that an ambiguity arises in the derivation of the
frequency and timing offset contributions, due to the fact
that we have two possible values of the position of the
largest peak (as an example, on the up-chirp symbols we do
not know if we identified the peak at frequency

(
ν − B τ

T

)
or that at frequency

(
B + ν − B τ

T

)
) and to the cyclic nature

of the FFT. We thus have to disambiguate different pairs of
values of frequency and timing offsets from each pair of
estimated tones. Some of them will correspond to values of
either the timing offset or the frequency uncertainty outside
the allowed ranges. The remaining pairs can be disam-
biguated through a trial-and-error procedure that consists
in applying the compensation pair to an up-chirp block and
then verifying if the maximum of its FFT is located in the
zero (the continuous component or direct current, dc) tone
(it is worth noting that it is not necessary to perform a whole
FFT processing on the symbol, but rather a processing on
the tones around dc only, since this is a disambiguation pro-
cedure so that only in one case the dc tone will be clearly
recognizable).

G. Doppler Rate Estimation

The frequency shift due to the Doppler effect has to
be cumulated with that coming from the frequency insta-
bility of the employed oscillators, and can be estimated
as described in the previous section. On the contrary, the
Doppler frequency shift variation, i.e., the Doppler rate, is
peculiar of the satellite link scenario. The main problem
here is that, essentially, the LoRa modulation was not de-
signed to deal with it. The maximum value of the Doppler
rate, for a typical altitude of 650 km of a LEO satellite and
given the carrier frequency of the LoRa signals (which in

the worst case corresponds to 928 MHz [10]), is of 245 Hz/s
(see [11]).5 The Doppler rate entails a frequency deviation,
from one symbol to the next, which is comparable to the
frequency separation between two adjacent symbols, for
the highest values of SF. In fact, for SF = 12 the separation
is approximately 30 Hz (for SF = 11, it is approximately
61 Hz). Since the frequency variation due to the Doppler
rate from one received symbol to the next can be up to 8 Hz,
this means that, for SF = 12, the symbol sequence can be
shifted by one position every four received symbols.

In the presence of Doppler rate, the received samples
(13) become

zn = sn exp {j2παk2T 2
s } + wn (14)

where α represents the Doppler rate and Ts = T/No the
sampling time. The system sensitivity to Doppler rate can
be evaluated through simulations. We considered the cases
SF = 10 and 12 and packets of 45 symbols without pream-
ble, and computed the packet error rate (PER) versus the
signal-to-noise ratio for different values of the uncompen-
sated Doppler rate. The results, not reported here due to a
lack of space, state that for SF = 12, a significant penalty is
already observed for a Doppler rate around 6 Hz/s, whereas
the PER is equal to one when the Doppler rate exceeds
10 Hz/s. In fact, simple calculations show that, in this case,
a Doppler rate of 11 Hz/s yields a symbol shift by the end
of the packet, even in the absence of noise. Hence, it is re-
quired to estimate the Doppler rate value with an accuracy
of a few Hz/s. In the case of SF = 10 instead, higher values
of Doppler rate are required to worsen the performance. As
an example, a value of α larger than 150 Hz/s is required to
give a PER of one.

Several algorithms for data-aided (DA) Doppler rate es-
timation exist. One of the most effective algorithms is that
proposed in [12], and can be directly applied to the received
signal once modulation and chirping have been removed,
and timing and frequency offsets have been compensated
for. However, when applied to the available preamble in
our scenario, again we observe that convergence is reached
for high values of the SNR only. In addition, all these al-
gorithms result to be unreliable under nonideal conditions,
since the phase jumps between adjacent symbols, due to
imperfect timing compensation, severely affect their per-
formance.

We thus considered an algorithm based on the Rife–
Boorstyn technique used to obtain the estimates of the peak
position on each symbol interval, and on the processing
of different estimates. The peak frequency values are pro-
cessed in order to find the linear regression which represents
the frequency slope due to Doppler rate. Nevertheless, the
few available data suffer again by a high incidence of out-
liers, which are partly due to the low SNR, but also due

5 [11, Eq. (5)] provides the general expression of the Doppler shift for a
satellite, given its speed and angular position. Its time derivative yields the
Doppler rate expression.
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Fig. 3. Overall receiver.

to the residual timing error. We thus propose the algorithm
summarized by the following steps.

1) Nine out of 12.25 preamble symbols (the first one
and the 2.25 down-chirps are rejected6) are used for
a first iteration Doppler rate estimate.

2) We compute the nine frequency estimates νi , one
for each known symbol. Those with |νi | > 4/T are
considered as outliers and purged. In fact, Doppler
rate estimation is performed after the coarse fre-
quency synchronization step. Thus, the expected
values of νi must be around zero if we except the
deviation caused by the Doppler rate. We are here
admitting that the Doppler rate can, at most, move
the peak in frequency of four FFT samples.

3) The remaining frequencies are used in pairs to com-
pute different Doppler rate estimates, by exploiting
each possible combination of νi pairs—the Doppler
rate estimates are computed as (νi − νj )/�|i−j |,
where �|i−j | represents the frequency separation
between peaks.

4) An average over all the estimates is then performed,
and if the estimate α̂ is out of the expected range
(i.e., |α̂| > 245 Hz/s for the mentioned typical alti-
tude of 650 km), the estimated Doppler rate is set
to zero to avoid deteriorating the processed signal.

5) The estimated Doppler rate is finally removed from
the signal.

Essentially, the average over these two-point linear re-
gressions turns out to have a better performance than com-
puting a single linear regression estimate using all symbols,
since the effect of the outliers is more likely to be averaged
out. The performance of the proposed algorithm will be
assessed in Section V.

H. Overall Receiver

The overall receiver, comprising the synchronization
and detection procedure, is shown in Fig. 3.

1) As previously mentioned, the received analog sig-
nal is first filtered through a front-end prefilter and
then sampled at frequency Fs = No

T
≥ B + 2νmax,

where νmax is the maximum value of the frequency
uncertainty, which can be readily found to be equal
to B/2 for the case No = 2N . Considering the

6The down-chirps cannot be used because the unavoidable imperfect tim-
ing compensation leads to a phase shift with respect to the up-chirped
symbols, which typically worsen the final estimate.

value of νmax for a LEO satellite, the bandwidth of
the analog prefilter will be much larger than that
of the transmitted signal (and we will also need to
sample with No 
 2N samples). A large amount
of noise will thus affect the received samples and
this will have an impact on the performance of the
synchronization algorithms that have to be per-
formed in two steps (a coarse and a fine one), as
discussed in the following.

2) After sampling, the contribution of a previously
detected packet is removed, if interference cancel-
lation is envisaged (see Section III-I).

3) Coarse and fine frame synchronization, as de-
scribed in Section III-E, will then take place.

4) We can now perform coarse frequency and timing
estimation as described in Section III-F.

5) After the coarse compensation of timing and fre-
quency offset, a tight filtering can be performed
in order to reduce the excess noise and improve
the performance of the following estimation steps.
We used a filter with root-raised cosine (RRC) am-
plitude and linear phase, with roll-off factor 0.06
(optimized through simulations) and bandwidth B.

6) At this stage, the Doppler rate estimation and com-
pensation is performed, for the modulation for-
mats corresponding to the higher SF values only
(for lower SF values, this step is not required
since the performance loss entailed even by the
maximum Doppler rate value is negligible). The
employed algorithm is based on processing the
position of the frequency peaks of the up-chirp
symbols and of the “special” known symbols in
the preamble (nine symbols overall), as previously
described.

7) Fine frequency and timing estimation is then per-
formed. The algorithm is exactly the same used in
the coarse step, but this time we take advantage
of the suppression of the excess noise and of the
Doppler rate compensation. After the estimation,
the frequency shift is compensated. Regarding the
estimated timing, the integer part, corresponding
to an integer number of samples, is easily per-
formed.

8) Fractional timing compensation and downsam-
pling to N samples can now take place at the same
time, through interpolation.

9) Noncoherent detection is finally performed.
10) The accuracy of the Doppler rate estimate should

allow the detection of a first bunch of payload sym-
bols, which in turn can be used to refine the esti-
mate, thus increasing the accuracy. However, after
a first Doppler rate compensation, the frequency
and timing estimation procedure must be repeated.
In other words, detected symbols are used to refine
the Doppler rate estimation and the fine and fre-
quency estimation, so we come back to step 6, by
employing a limited number of detected symbols
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TABLE I
Data Rates Allowed by LoRaWAN for the LoRa Signals

at each subsequent feedback, until the end of the
transmitted packet is reached.

I. Interference Cancellation

In the case of packet collisions, interference cancellation
can still allow to detect the transmitted packets. We will
consider hard interference cancellation only, where already
detected packets are canceled from the received signal in the
attempt to detect the underlying packets with lower power.

In order to perform interference cancellation, we have to
estimate, in addition to the Doppler rate, the Doppler shift
and the timing, also the signal amplitude and the signal
phase. Although we already have an estimate of Doppler
rate, Doppler shift, and timing, the accuracy could be not
sufficient to perform a suitable cancellation.7 To understand
this aspect, we performed some preliminary simulations to
evaluate the amount of amplitude reduction of the detected
signal we have to achieve in order to have some benefit
in the overall performance. We found that it is sufficient
to have a reduction of 60%–80% of the amplitude of the
detected signal from the received one to have a significant
benefit. On the other hand, the further benefits entailed by
a reduction of 90% is very limited. As a consequence, we
decided to use, in the cancellation step, the estimates of
Doppler rate, Doppler shift, and timing already obtained
before detection. We thus only performed amplitude and
phase estimate. Since a remodulated copy of the transmit-
ted packet is available, the time-varying channel phase is
estimated using the DA version of the Tikhonov algorithm
proposed in [13]. After that, the time-invariant amplitude is
computed following the procedure explained in [14]. The
last step of the interference cancellation is the subtraction
of the reconstructed waveform from the received signal.

IV. SYSTEM SIMULATOR

In order to provide more comprehensive results on the
performance of the proposed receiver and on the suitability
of a LEO reception for LoRa signals, a system simulator
was conceived and designed, accounting for all the rele-
vant parameters that can be found in a realistic scenario.
We included the main features of the LoRaWAN network
protocol that can be summarized as follows. Given the sce-
nario, we privileged high SF that entail low data rates (the

7Obviously, the cancellation will never be perfect, but we will only obtain
a reduction of the amplitude of the detected signal from the received one.

allowed range is 0.3 ÷ 50 kbps), uplink traffic (from CT to
the satellite), class A devices (see [10] for details), all avail-
able frequency slots, guard bands of 75 kHz (the frequency
uncertainty can be up to ±50 kHz), the standard message
structure (a preamble with 8 up-chirps, followed by 2 shifted
up-chirps, and 2.25 down-chirps), a fixed-length payload,
and the CRC. For the sake of simplicity, we assumed that
the simulated receiver is aware of the packet lengths, with-
out simulating the header (i.e., the LoRa physical header
protected by its own CRC, containing information on the
transmitted message), since this choice does not affect the
performance. The radiated power is given in terms of equiv-
alent isotropic radiated power (EIRP). The allowed values
in Europe are 2, 5, 8, 11, 14 dBm. Table I reports the pos-
sible employed values of the code rate rc

8 in the different
regions—Europe (EU), United States (US), China (CN),
and Australia (AU), according to [10].

In the described network, a given number of packets
following the LoRaWAN standard and transmitted to the
satellite will be simulated. The designed receiver tries to
detect as many transmitted messages as possible, through
successive detection and cancellation, and computes the
number of correctly detected messages. Given the users’
density, the aim of the simulator is to derive:

1) the percentage of correctly received packets per SF
and in total;

2) the percentage of users whose transmitted packet
is correctly decoded in at least one of the retrans-
missions (which can happen with different values
of SF).

We assume that all users are uniformly distributed
within the field of view (FoV) of the satellite. Each CT
transmits at the maximum allowed value of EIRP, which
depends on the region of interest. Moreover, the data rate
values also depend on the considered region and on the
SF chosen for the packet transmission. In the FoV, differ-
ent areas (rural, urban, etc.) can be uniformly present. The
number of transmitted packets is Np, and the satellite will
receive only a fraction of it.

The Nu CTs are assumed to be uniformly distributed
within the FoV of the satellite. Each CT can retransmit
his packet once (Nrep = 1), or not (Nrep = 0), so that the

8We were not able to find the description of the codes employed in the
LoRaWAN protocol, but only the corresponding rates. For this reason, we
simulated uncoded transmissions as they represent a worst case.
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relation Np = Nu(1 + Nrep) holds. Due to the random ac-
cess, there is a probability that packets of two or more users
collide. Considering that with the bandwidth values at stake
(at most 500 kHz), the channel is frequency flat, the model
for the complex envelope of the received signal at the LEO
satellite is thus

r(t) = ejθ(t) ∑Np

i=1 γi(t)si(t − τi)

exp
{

2πνit + 2πt
∫ t

0 αi(τ )dτ + φi(t)
}

+ w(t)

(15)
where:

1) si(t − τi) is the message transmitted by the ith ac-
tive user. LoRa modulation has a complex envelope
and a continuous phase. As a consequence, there is
no need to take into account the nonlinear distor-
tions of the transmit amplifier;

2) γi(t) is its gain/attenuation introduced by the chan-
nel. On a fading channel, this coefficient is complex
and possibly time varying. Since the main reason for
time selectivity is related to the satellite speed, we
neglect the very limited impact of the CT mobil-
ity. In addition, from simple geometric considera-
tions it is possible to demonstrate that, even in the
worst case, the angular position of the satellite has a
very limited change during the duration of a packet.
Hence, we can assume the channel to be static apart
from the presence of the uncompensated frequency
offset, the Doppler rate (taken into account sepa-
rately), and the phase noise. Coefficients {γi} can
be thus considered as time invariant for the whole
packet duration;

3) νi is the uncompensated frequency offset of signal
si(t). It takes into account the Doppler shift and the
frequency instability of the transmit oscillator only
(±30 parts per million (ppm), which corresponds
to, approximately, ±30 kHz) since the receive os-
cillator is assumed much more stable;

4) αi is the Doppler rate;
5) θ(t) the receiver phase noise;
6) φi(t) the phase noise at the ith transmitter, assumed

independent of the receiver phase noise;
7) τi is the relative delay of the ith packet;
8) w(t) is the AWGN.

Coefficients γi take into account the radiation patterns
of the employed antennas, path losses (Friis transmission
equation), and other channel propagation effects. Since the
antenna gain depends on the elevation angle and the re-
ceive power depends on the distance between the antennas,
these gains are influenced by the users’ positions, that were
taken into account in the system simulator. For the spe-
cific channel we are considering, we believe that free space
path attenuation is a good model so we neglected advanced
models that describe signal propagation in urban areas (at-
tenuation as a function of the mth power of the distance
between antennas).

Then, we also took into account the presence of CTs
in urban areas that can be subject to shadowing. Given
the low values of transmitting power, the probability that

Fig. 4. Doppler shift (upper curve) and Doppler rate (lower curve)
values for a LEO satellite flown over the Australian region.

a signal transmitted by one of such terminals can be re-
ceived by the satellite is very low. We thus considered a
shadowing model described by the Bernoulli distribution,
defined by a probability p, which reduces the user density
by a factor p. All CTs in rural areas are assumed to be in
line of sight with the satellite, otherwise their packets will
hardly be detected by a receiver on board a LEO satellite.
Their corresponding coefficients γi can be thus modeled as
Ricean distributed. Parameter K of this Ricean distribution
will be different for different CTs since it will depend on
the reflectors around them. So this parameter needs to be
properly modeled. However, let us consider a given CT and
assume that we know the corresponding Ricean parameter.
We could randomly generate the value of γi according to
this distribution but the corresponding random fluctuation
that we will have is equivalent to move the CT to another
location. Considering that we randomly generate the posi-
tions of the CTs and the results we show are averaged over
many different positions, the performance we obtain will
not be affected by the choice we make on the model for
Ricean parameter.

An extra attenuation was also taken into account, to
allow a conservative link budget design. Some margins were
taken into account for miscellaneous losses, for example:

1) a 3 dB polarization mismatch;
2) a 0.3 dB atmospheric losses due to rain, cloud, or

O2 absorption since the frequency bands defined in
LoRaWAN protocol are within the subGHz spec-
trum [15], [16].

Regarding Doppler effects, in Fig. 4 we report the
Doppler shift and the Doppler rate as a function of the
distance between subsatellite point and the CT. It can
be noticed that the maximum values correspond to |ν| 

21.15 kHz and |α| 
 245 Hz/s, respectively.

We assumed that the CT is equipped with a quarter-
wave monopole, one of the most employed low-cost anten-
nas used in IoT applications thanks to its omnidirection-
ality [17]. This antenna has a null in the azimuthal direc-
tion. In our simulator, for each CT the azimuthal direction
was selected randomly. The satellite has an 8-turn helical
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TABLE II
Values of C/N Required to Achieve a BER = 10−5 Over AWGN

Channel, Uncoded Transmission, and No Interfering Signals

antenna with diameter 10.5 cm, and tilt 55 degrees. The
corresponding gain is 12.4 dB [17].

Let PTX be the power transmitted by the user terminal
that depends on the considered region, L the line-of-sight
path loss, GTX the transmitter antenna gain, GRX the re-
ceiver antenna gain, kB = 1.38 · 10−23 J/K the Boltzmann
constant, TN (450 K in our simulations) the equivalent noise
temperature, and LM the miscellaneous losses (which we
took equal to 3.3 dB to account for polarization mismatch
and atmospheric losses, as previously stated). It is possible
to express the ratio C/N seen by the satellite by using the
Friis formula as

C

N

∣∣∣∣
dB

= PTX

∣∣∣
dBm

+ L

∣∣∣
dB

+ GTX

∣∣∣
dB

+ GRx

∣∣∣
dB

− 10 log10 (kBTNB) + LM

∣∣∣
dB

. (16)

The path loss is simply

L

∣∣∣
dB

= 20 log10

(
λ

2π

)
− 20 log10(Ru)

where λ is the wavelength based on the selected channel
and Ru is the distance between the user and the satellite,
according to the CT’s position in the FoV.

Once C/N is known, it is possible to compute the ratio
Es/N0 as

Es

N0

∣∣∣∣
dB

= C

N

∣∣∣∣
dB

+ 10log10

(
2SF

)
.

The ratio Eb/N0, where Eb is the mean energy per bit, can
be expressed as

Eb

N0

∣∣∣∣
dB

= C

N

∣∣∣∣
dB

+ 10log10

(
2SF

SF

)
− 10log10rc

= Es

N0

∣∣∣∣
dB

− 10log10 (SF ) − 10log10rc

where rc is the forward error correction (FEC) code rate.
Let us now make some considerations on the closure of

the link budget. As mentioned, for a LoRa signal there is
a closed-form expression of the bit error rate (BER) versus
Eb/N0. Considering that Eb/N0 is related to the C/N , as
seen in (17), for a BER of 10−5 the corresponding CNR val-
ues are shown in Table II. If these values are compared to
the link budget of a typical EU scenario, it can be concluded
that not all values of the spreading factor can achieve the
target BER. Moreover, it has to be considered that our sce-
nario is interference limited and not thermal noise limited,
so the set of available parameters will be further restricted.
Reasonably, it is expected that only LoRa signals with high
values of SF can be decoded.

Fig. 5. Normalized MSEE for the adopted algorithms used for the
identification of the frequency peaks. The corresponding MCRLB is also

reported for comparison.

We expect that the CTs employ very cheap oscillators
whereas we may assume that the oscillator at the satellite
has much better characteristics. For this reason, we will
only consider the transmit phase noise. According to the
phase-noise mask in [18], a proper phase-noise model can
be derived, but in the system simulator we did not use it.
In fact, we decided to implement a more challenging phase
noise based on the Wiener model whose parameter has the
minimum value such that the implemented Wiener phase-
noise mask is always above that in [18].

V. NUMERICAL RESULTS

In this section, we will first assess the performance of
the proposed receiver in the presence of Doppler shift and
Doppler rate through computer simulations. We consider
here the case of a simple AWGN channel in the absence
of interference—performance in a more realistic scenario
where interference also takes place is considered in system
simulations.

A. Synchronization Algorithms

1) Frequency Peak Estimation: We investigated the
convergence properties of the Rife and Boorstyn algo-
rithm. In Fig. 5, we report the mean-square estimation error
(MSEE), normalized to No/NT , versus Es/N0 for the Rife
and Boorstyn algorithm applied to the samples of a single
symbol (thus to a total number of samples No) for the case
with SF = 12. Results refer to the algorithm considering the
FFT of a block of samples related to a single symbol and that
computing the magnitude of the transform of two symbols
summed together, as explained in Section III-D. We chose
No = 2N for the reasons explained previously. It can be ob-
served that, in both cases, the performance approaches the
modified Cramér–Rao lower bound (MCRLB) [19], also
reported for convenience, for high values of Es/N0 only.
For lower values, a significant number of outliers is ob-
served. These outliers degrade the performance. The sum
of the magnitude of the transforms of two symbols allow to

COLAVOLPE ET AL.: RECEPTION OF LORA SIGNALS FROM LEO SATELLITES 3597



Fig. 6. Average value of the Doppler rate estimate for SNR = 20 dB.

Fig. 7. Normalized square root of the MSEE for increasing number of
employed symbols.

reduce the threshold above which the algorithm approaches
the bound.

We now consider the estimation of the Doppler rate.
Fig. 6 shows the mean value, obtained by averaging over
1000 trials per point, of the estimated Doppler rate E[α̂]
as a function of the true value, for an SNR of 20 dB and
SF = 2, and assuming perfect timing and frequency offset
compensation. It can be seen that the proposed algorithm
is unbiased in a range which is much larger than that corre-
sponding to the values of the Doppler spread corresponding
to a LEO satellite with altitude 650 km.

The performance of the algorithm is then assessed and
shown in Fig. 7 in terms of the square root of the MSEE,
normalized to the sampling frequency, obtained by aver-
aging over 10 000 trials per SNR value, again assuming
perfect timing and frequency offset compensation. The re-
quired minimum value of the accuracy (6 Hz/s, which was
previously identified as a critical value) is also reported
for comparison. Although this algorithm is quite far from
the MCRLB (not shown here), its convergence threshold is
around 15 dB.

The performance can be further improved by increasing
the number of symbols Ne used for the estimation. The idea
here is to use the decisions to improve the estimate accuracy
in decision-directed mode. In other words, we can use the

Fig. 8. PER performance of the designed receiver in the presence of
Doppler shift and Doppler rate (continuous lines), and with perfect

estimation and compensation (dashed lines), for 7 ≤ SF ≤ 12.

derived estimate to compensate for the Doppler rate. Detec-
tion can be thus performed. If the CRC is not correct, this is
likely due to errors at the end of the packet, since the effect
of an uncompensated Doppler rate will produce a large fre-
quency deviation there. Hence, we can use some decisions
at the beginning of the packet to produce, along with the
nine preamble symbols mentioned earlier, a more accurate
estimate. Fig. 7 provides a hint about the improvement we
can obtain by increasing the value of Ne.

Since, in any case, the performance of the estimators and
the minimum value of the accuracy have the same order of
magnitude, especially around 15 dB, it turns out that the
Doppler rate estimation is a really challenging task.

B. Receiver Numerical Results

The performance of the overall receiver in the presence
of Doppler shift and Doppler rate can be now assessed. The
results, in terms of PER versus the carrier-to-noise ratio
(CNR) C/N , i.e., the ratio between the signal and the noise
power, for different values of SF are reported in Fig. 8 and
compared with that of an ideal receiver which perfectly
knows the channel parameters. We considered packets of
50 symbols including the preamble and assumed that the
Doppler rate and Doppler shift take on the maximum possi-
ble values for a satellite with altitude 650 km. As mentioned,
when SF = 12, Doppler rate estimation and compensation
is necessary (see previous sections for insights), and the
penalty due to impairments can be estimated as ∼0.3 dB at
a PER = 10−2. The transmission of a signal with SF = 10
can be considered as borderline instead, since the maxi-
mum Doppler rate can induce a symbol shift only after
∼40 symbols. However, for values SF ≤ 10, it seems better
to perform the Doppler rate estimation based on the uncom-
pensated signal, at each iteration of the decision-directed
refinement process, rather than performing it on the signal
corrected in the previous iteration. This is due to errors in
the estimation when there is only the small residual rate
left.
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TABLE III
Parameter of the Simulated Scenario

TABLE IV
Probability Distribution of the SF Values in the Scenario

Under Study

Fig. 9. Comparison between the receivers in terms of mean percentage
of successfully detected packets per SF, without retransmission.

C. System Simulator Results

Finally, we report the system simulation results for the
scenario depicted in Table III, where T0 is the simulation
time. Moreover, we considered that each CT transmits 12-
byte packets on the 866.3 MHz channel and the SFs have a
probability distribution shown in Table IV.

Though the interference arising from the packet trans-
missions occurs in the entire satellite FoV, the performance
analysis will be restricted to a well defined geographical
area (the swath) of size 1500 × 400 km2 and all results (the
percentage of detected packets) will be computed with ref-
erence to the number of transmitting CTs within the swath.9

The performance of the proposed receiver is illustrated
in Figs. 9–11, where we considered the case of the absence
of retransmission (Nrep = 0). These curves show how the
proposed scheme is able to compensate the unknown chan-
nel impairments, almost reaching the same performance as
the ideal receiver which, in case of few transmitting CTs,

9The number of transmitted packets is determined by the average number
of messages transmitted by every terminal per day, given the IoT device
class, the dimension of the swath, and the user density.

Fig. 10. Comparison between the receivers in terms of mean percentage
of successfully detected packets per SF, with retransmission.

Fig. 11. Comparison in terms of mean percentage of successfully
detected packets, averaged on all SFs, without retransmission.

besides perfectly compensating the channel impairments
is also able to cancel at least 90% of the amplitude of
each successfully detected packet. Hence, as mentioned,
cancellation does not need to be perfect. When the network
throughput is low, there is a limited loss between the case
when 90% of the amplitude of each successfully detected
packet is removed and the proposed IC. This proves that the
LoRa waveform is resilient to the effects of the imperfect
signal cancellation and allows to relax the precision of the
estimates computed by the IC algorithm, thus reducing the
complexity.

From Fig. 11, we can observe that if we give up the
IC, the ideal and proposed receivers have almost the same
performance. On the contrary, if we are able to cancel 90%
of the amplitude of each successfully detected packet, the
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Fig. 12. Comparison in terms of mean percentage of successfully
detected packets, averaged on all SFs, with and without retransmission

(Nrep = 1, 0).

ideal receiver with perfect estimation and compensation of
the channel impairments has a much better performance
than the proposed receiver. This is due to the fact that, after
the (imperfect) cancellation of already detected packets, the
underlying packets will have a much lower SNR, making
the estimation of timing, Doppler shift, and Doppler rate
much more difficult. Finally, this figure also confirms that
the proposed IC performs as the ideal 90% cancellation
even when averaging on all SFs.

The fast decrease of the probability of successful de-
tection with lower SFs, shown in Fig. 10, depends on the
SF probability distribution itself— the higher the probabil-
ity of packets transmitted with a given SF value, the more
frequent the collisions between packets with that SF value.
Collisions between packets with different SF do not affect
the performance thanks to their orthogonality.

If packet retransmission is introduced (Nrep = 1), the
performance of both receivers worsen, as shown in Fig. 12.
However, in order to evaluate the robustness of the proposed
receiver, in Figs. 13 and 14 we report the amount of traf-
fic in the LoRaWAN that the receiver must face, expressed
as the mean number of observed packets in a generic time
instant as a function of the number of transmitting users.
Even if the number of collisions increases quickly, due to
the larger number of transmitting terminals, we can ob-
serve that packets of almost 70% of the transmitting users
can be decoded by the proposed receive architecture, also
when more than five collisions between transmitted pack-
ets within the swath occur (actually the collisions are many
more because this statistics does not take into account the
collisions with packets of CTs in the FoV but outside the
swath under study).

We would like to point out that all these results have
been obtained by using a very simple antenna at the CT. A
more sophisticated antenna would allow to obtain a larger
number of decoded packets for a given user density.

Fig. 13. Mean number of observed packets per SF, with and without
retransmission (Nrep = 1, 0).

Fig. 14. Mean total number of observed packets computed overall SF
values, with and without retransmission (Nrep = 1, 0).

VI. CONCLUSION

The problem of the coverage extension of IoT networks
through the use of LEO satellites has been considered. First,
we investigated the properties of the LoRa waveform and
the issues concerning signal detection by a LEO satellite.
Then, we proposed a new receiver architecture able to cope
with the main impairments related to a LEO satellite de-
tection, such as Doppler shift and Doppler rate and, by ex-
ploiting interference cancellation schemes, we showed that
our receiver is able to significantly improve the overall net-
work performance. Finally, we implemented a LoRaWAN
network simulator and the performance of the proposed
receiver in a realistic scenario has been finally assessed.

Since the proposed receiver has a very high robust-
ness to interference, thanks also to the intrinsic robustness
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of the modulation format, we can assert that it is reason-
able to assume that this modulation format, when our pro-
posed receiver is employed, is suitable for satellite-based
applications.
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