
1

Interference-insensitive Synchronization Scheme of
MSK for Transmit-only Wireless Sensor Network

Qiongjie Lin, Sajith Mohan, and Mary Ann Weitnauer*
School of Electrical and Computer Engineering

Georgia Institute of Technology, Atlanta, Georgia 30332-0250
Email: lin3@gatech.edu;schakkedath3@gatech.edu; maweit@gatech.edu

Abstract—In this paper, we propose a complete data-aided
(DA) synchronization algorithm for minimum-shift keying (MSK)
transmission, which addresses features of the transmit-only
Wireless Sensor Network (WSN). To provide reliable packet
detection even under a packet overlapping scenario, our frame
synchronization metric is based on a pseudo-random (PN)
sequence preamble and keeps a constant low false alarm by
dynamic thresholding based on real-time error floor level. The
carrier frequency offset algorithm exploits the Discrete Fourier
Transform (DFT). Meanwhile, the preamble is also used as the
training sequence for phase offset estimation based on a least-
square (LS) estimator, to reduce the transmit energy. We simulate
the packet detection rate, false alarm rate, and the root mean
square (RMS) error of all synchronization parameters for the
scenarios with and without packet overlapping. The computer
simulation shows the robust performance of the synchronization
process and reveals the great flexibility and trade-off control
between complexity and performance by adjusting system design
parameters.

Index Terms—Synchronization, CPM, transmit-only, wireless
sensor network (WSN)

I. INTRODUCTION

Wireless sensor networks (WSNs), consisting of tiny sens-
ing devices, have been widely used to observe and monitor a
variety of phenomena in the real physical world in various
areas (e.g., health, military, home). Lately, there has been
considerable interest in transmit-only (TO) protocols, to avoid
the energy consumed by a receiver and the high overhead of a
bidirectional MAC protocol [1],[2]. TO protocols are appropri-
ate for purely monitoring applications, such as found in the low
power, Internet of Things (IOT) [3], which includes machine-
to-machine (M2M) communications and low-power-wide-area
(LPWA) networks [4]. Because of random clock drift, two or
more packets from different nodes can become unsynchronized
and may overlap in time, causing co-channel interference.
Therefore, in the case of single-antenna gateway nodes, both
the preamble and the payload should be interference-resistant.

In this paper, we focus specifically on synchronization for
direct-sequence spread spectrum (DSSS) [5] minimum-shift
keying (MSK)-type modulation [6]. It is widely acknowledged
that MSK is a highly bandwidth and power-efficient narrow-
band transmission scheme, and has been adopted in many well-
known commercial systems and standards, such as GSM[5],
and IEEE 802.15.4-2003 (Low Rate WPAN)[7]. The large
bandwidth of DSSS provides resistance to interference [8],
which can be from another packet in a transmit-only network.
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Although many synchronization techniques and algorithms
have been proposed for MSK in the literature, they are not
well suited to the high interference conditions of transmit-only
WSNs. The majority of works on synchronization of MSK
transmissions use non-data-aided (NDA) algorithms based on
feedforward algorithms [9], [10], [11]. In addition to their
limited application, these methods do not perform as well as
data-aided (DA) algorithms which use a preamble of known
sequence appended to the beginning of each packet [12]. A
DA joint phase and timing estimation algorithm is proposed
in [13], which is based on the minimum mean-square error
(MMSE) and the Kalman filter. However, this method is
implemented in a closed-loop manner which requires multiple
initialization steps. Another DA algorithm is proposed in [14]
for space-time coded continuous phase modulation (CPM)
over Rayleigh channels to achieve symbol timing recovery.
Both of these algorithms do not take into account the carrier
frequency offset. Hosseini and Perrins [15] propose a complete
DA type scheme that estimates all synchronization parameters.
However, it relies on an optimized preamble with a specific
phase trajectory, and hence tends to fail when there is inter-
ference on the preamble.

Another challenge on synchronization for transmit-only
WSN, is the high accuracy estimation on the burst start point,
a.k.a. start-of-packet (SOP). This task, which will be referred
to as frame synchronization in this paper, is crucial in DA
type algorithms where the performance directly affects the
subsequent processes. Several sophisticated frame synchro-
nization algorithms [16], [17], [18] have been proposed. Both
[16] and [17] have assumed continuous transmissions where
the preamble is preceded by random data. The burst-mode is
introduced in [18], but complexity is a concern for adopting
their scheme in reality, as they propose two different metrics
for packet detection and the SOP estimation. Moreover, their
preamble is optimized with a particular structure for the
additional white gaussian noise (AWGN) channel, and its
performance degrades in interference.

In this work, we present an interference-insensitive syn-
chronization scheme based on a pseudo noise (PN) preamble,
specifically an M-sequence, of arbitrary length. We propose a
normalized metric based on double correlation [16] to achieve
both packet detection and SOP estimation at the same time.
A constant false alarm rate (CFAR) detection scheme [19]
is adopted to compute the threshold dynamically based on
the level of the interference plus noise. The carrier frequency
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offset (CFO) is estimated based on a received preamble after
matched filtering so that it is insensitive to interference as
well. After the timing recovering and CFO compensation, the
preamble is used as the training sequence for carrier phase
offset estimation based on a least-squares (LS) estimator with
low complexity.

This paper is organized as follows. Section 2 provides the
description of the general system model. In Section 3, we
present the details of the proposed synchronization algorithms.
The performance is evaluated through computer simulation in
Section 4. Lastly, Section 5 provides a discussion of the future
work.

II. SYSTEM MODEL

In the physical layer, each packet is composed of two parts:
a known preamble and a payload of random data. Following a
conventional DSSS approach, the payload is composed of L2

bits, which are spread by a DSSS code with spreading factor
C, so that the total number of chips or MSK symbols in the
payload is L2 ·C. The preamble is modulated differently, using
just one PN sequence, Cp symbols long, modulated using
MSK, such that each MSK symbol in the preamble is the
same length in time as a chip in the payload. Although we do
not evaluate the BER of the payload in this paper, it is still
convenient for us to define a number L1 =

Cp

C , which could
be the number of bits in the preamble, if we constructed the
preamble by spreading bits. Therefore, for a given bit rate
in the payload, we can adjust the symbol or chip period in
the preamble (and therefore time resolution) based on C, or
increase the time length of the preamble (and therefore CFO
resolution) by increasing L1.

When considering MSK, a binary continuous phase modu-
lation (CPM), the complex baseband signal from a sensor can
be expressed as

s(t) =

√
2Ec
Tc

exp{jφ(t;α)}, (1)

where Ec is the energy per transmitted chip with duration Tc.
φ(t;α) is the phase of the signal which is represented as

φ(t;α) = 2πh

Cs−1∑
i=0

αiq(t− iTc), (2)

where αi is the sequence of chips selected from the set of
{±1}. Cs is the total number of such chips for one packet,
that Cs = Cp + L2 ∗ C = (L1 + L2) ∗ C with L2 as the
length of payload bits. The variable h is the modulation index
of CPM, and h = 1

2 for MSK. The waveform q(t) is the phase
response of MSK.

Assuming transmission over the Rayleigh fading channel
modeled as h = γejφ where γ is the fading gain with Rayleigh
distribution and φ is the channel phase, the complex baseband
representation of the received signal is

r(t) = ej(2πfdt+θ)hs(t− τ) + ω(t), (3)

where fd is the frequency offset, θ is the unknown carrier
phase, τ is the timing offset, and ω(t) is complex baseband
AWGN with zero mean and power spectral density N0. In

practice, r(t) is sampled N times per symbol. This results in
a discrete-time version of of received signal as

r[n] = r(
nTc
N

) =

NCs−1∑
n=0

ej(2πnν+θ)hs[n] + w[n], (4)

where ν = fdTc/N = fd/fs is the normalized frequency
offset with respect to the sampling frequency. s[n] = s(nTc

N −
τ) and w[n] are the sampled version of s(t−τ) and ω(t). Since
the packet arrives in burst-mode at the receiver, τ can assume
any value. However, a DA estimator requires the approximate
knowledge of τ in order to perform the estimation algorithm
on the received preamble. Therefore, we decompose τ into
two parts as

τ = µTs + εTs, (5)

where µ ≥ 0 is an integer that represents the integer sample
delay and −0.5 < ε < 0.5 represents the fractional sample
delay.

Our objectives are then to determine the synchronization
parameters, µ, ε, ν, and θ, based on the received preamble
portion of the packet.

III. PROPOSED ALGORITHM

In this section, we present a scheme which estimates the
synchronization parameters in a sequential manner.

1) Frame synchronization: The first step of the synchro-
nization process is to detect the packet and determine the SOP
by estimating the integer timing offset, µ̂;

2) Fine timing synchronization: Then we improve the
accuracy of timing through fractional delay ε̂ estimation and
compensation;

3) Carrier frequency offset estimation: Once the timing
recovering is accomplished, we estimate the carrier frequency
offset ν̂ though the proposed algorithm based on the Discrete
Fourier Transform (DFT).

4) Carrier phase offset estimation: Lastly, the carrier
phase offset, i.e., θ̂, is estimated through a least-squares
estimator.

A. Frame synchronization

The idea of double correlation is widely adopted for frame
synchronization of CPM in DA schemes [16],[18]. In the
most recent work [15], Hosseini and et al. propose a packet
detection criteria with a reduced-complexity double correlation
metric as

L(n) = (6)
D∑
d=1

∣∣∣∣Np+n−d−1∑
k=n

r∗[k]r[k + d]s[k − n]s∗[k − n+ d]

∣∣∣∣ > γD,

where Np is the number of preamble samples, D is a design
parameter, such that 1 ≤ D < Np, and γD represents the
test threshold for a given D. In [15], Eq. (6) is only used for
packet detection, and another metric is computed for SOP is
estimation.
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To reduce the computational complexity, we propose one
normalized frame synchronization metric, MD, which can be
used to achieve packet detection and SOP estimation.

MD(n) =
Pn
Rn

, (7)

Pn(r̄n) =

D∑
d=1

∣∣∣∣Np+n−d−1∑
k=n

r̄∗[k]r̄[k + d]

∣∣∣∣, (8)

Rn(r̄n) =
1

2

D∑
d=1

Np+n−d−1∑
k=n

(∣∣∣∣r̄[k]

∣∣∣∣2 +

∣∣∣∣r̄[k + d]

∣∣∣∣2), (9)

where, D controls a trade-off between complexity and perfor-

mance. r̄n =

[
r̄[n], r̄[n+1], ..., r̄[n+Np−1]

]
are the received

samples, rn =

[
r[n], r[n+ 1], ..., r[n+Np − 1]

]
after phase

matched filtering with the pre-stored source preamble samples,
s[k], k = 0, ..., Np−1 based on the point-to-point multiplying
operation as: r̄n = rndiag{s∗[0], s∗[1], ..., s∗[np − 1]}.

When MD(n) exceeds a threshold, a packet is declared.
As the value of the threshold for packet detection is hard to
be predetermined for the scenario with likely interference, we
adopt the idea of CFAR[19].

Fig. 1. Illustration of CFAR based packet detection criteria.

The threshold is calculated dynamically by estimating the
level of the noise floor around a test cell, corresponding to a
particular sample index. As shown in Fig. 1, a sliding window
with width of 2W, centered at n, is defined for each sample
index. The threshold T(n) is computed based on the local
average power A(n),

T (n) = A(n)
d

W
, (10)

A(n) = max{Al(n), Ar(n)},
Al(n) =

∑W−1
i=0 M(n− i),

Ar(n) =
∑W−1
i=0 M(n+ i)

where, d ≥ 1 is a constant that determines probability of miss
and false alarm.

The peak is selected to indicate a coming packet with the
corresponding SOP or the integer timing offset estimated as

µ̂ = n, s.t. M(n) > T (n). (11)

Because of the property of PN sequences, the proposed
algorithm is reliable for the random packet overlapping sce-
nario. Fig. 2 shows an example of the packet detection metric
for three overlapping packets, with SOPs separated by 0.5
and 2 times of the preamble length, respectively. The upper
two plots are the results of our metric in different lengths of
preamble. With the dynamic thresholding parameter d = 1.6,

the upper case with preamble length of 240 chip duration
successfully detects the three peaks indicating the SOPs at
sample indices: 241, 361, 8411, while the middle case with
preamble length of 112 chip duration detects 4 peaks at sample
indices: 113, 169, 393, 526, with the first three peaks indicating
true SOPs. The height of each peak relative to the noise and
interference floor in our metric is a function of #chips in the
preamble; more chips yields a lower error floor. The bottom
case is the output of Hosseini’s method with preamble length
of 112 chips, and it detects 21 peaks, while only one of them
indicates a true SOP. As we can see, the fixed thresholding
scheme is not good for the scenario with packet overlapping.

21 peaks pass across the threshold

Fig. 2. Snapshot of the frame synchronization metric for three overlapped
packets under AWGN channel at Eb/No = 10dB, where the gaps between
the packets are 0.5Cp and 2Cp.
B. Fine timing synchronization

The fundamental idea of fractional timing offset estima-
tion is iterating possible offsets based on a oversampled
sequence. To estimate the fractional time offset, ε, we pre-
store a number of preamble sequences with different non-
zero offsets at the receiver. These reference sequences are
generated from the oversampled version of the preamble
sequence, smax

n = {smax[n], n = 0, ..., L1∗Nmax−1}, where
smax[n] = s( n

Nmax
Ts), and Nmax is the oversampling factor.

The reference sequences with non-zero fractional delay are
established by shifting the oversampled sequence smax

n and
down-sampling as

s̄k = {s̄k[i] = smax[
Nmax
N

i− k]}, (12)

i = 0, ..., Np − 1, k = 0, ...,
Nmax
N

− 1.

The fine timing estimation is done based on the match
filtering with pre-stored reference sequence as

ε̂ = arg max
k

{
B(k)

}
, (13)

B(k) =

∣∣∣∣
Np
2 −1∑
i=0

Ek[i]Ek[Np − 1− i]
∣∣∣∣, (14)

where, Ek[i] = r[µ̂+ i]s̄∗k[i], i ∈ [0, Np − 1].
Ideally, Eε[i], i ∈ [0, Np − 1], at the correct fractional

offset, ε, is a constant sequence. However, because of the
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CFO, which causes phase continuous phase rotation in time
domain, Eε is a geometrical sequence in a practical system.
Taking the advantage of the property of geometric sequences,
Eε[i]Eε[j] = Eε[Np/2−1]2, where i+j = Np/2, we are able
to determine the fractional delay by searching the maximum
of the summation of geometric mean.

It is obvious that ε̂ ∈ [0, 1), and ε̂ can be normalized to
[− 1

2 ,
1
2 ) to achieve un-biased estimation. Once the fractional

timing offset is determined, it can be compensated by using
some fractional delay filter. The received preamble r̄′µ̂ =
{r̄′[µ̂+i], i = 0, ..., Np−1} after match filtering (Eq.(??)) and
with fractional timing offset ε̂ compensated is then extracted
for carrier offset estimation in later subsections.
C. Carrier frequency offset (CFO) estimation

The CFO estimation starts with the received preamble
sequence, r̄′µ̂, after matched filtering and with the timing offset
compensated. Ideally, r̄′µ̂ would be a constant sequence which
has a spike at DC in the frequency domain if there is no
CFO. Thus, we are able to do coarse CFO estimation based on
DFT operation by tracking the shift of the spike. For DFT, the
resolution, or minimal CFO value, f0, which can be captured,
is limited by the number of bins used for DFT and the total
bandwidth of the received signal. To achieve a continuous
estimation range, we decompose the CFO estimation into two
parts: ν = αf0 + βf0, where α is an integer that represents
the integer offset in terms of f0, and −1 < β < 1 represents
the fractional offset. The resolution of coarse CFO estimation,
f0 = Fs

Np
, depends on the receiver sampling frequency Fs

which is limited by the bandwidth of the signal, and the DFT
length Np, which is determined by the preamble length.

1) Coarse CFO estimation, α̂: we estimate integer CFO as

α̂ =

{
l̂, l̂ ≤ Fs

2

−(Fs2 − l̂), o.w.
(15)

l̂ = arg max
l

(|R(l)|),

R(l) = DFT (r̄′µ̂), l = 0, ...Np − 1,

where, r̄′µ̂ = {r̄′[µ̂ + i], i = 0, ..., Np − 1} are the received
filtered preamble samples with fractional delay compensated.

2) Fine CFO estimation, β̂: the remaining fractional CFO
can be derived from the angle of the autocorrelation metric
in time domain with autocorrelation lag of half the preamble
length,

β̂ =
∠
∑µ+Np/2−1
i=µ̂ r̄′∗[i]r̄′[i+

Np

2 ]

π
, (16)

The total CFO estimation result is,
ν̂ = (α̂+ β̂)f0. (17)

By dividing the CFO estimation into two steps, we achieve
the full CFO estimation range of [− Fs

2N ,
Fs

2N ] = [− fc2 ,
fc
2 ].

D. Carrier phase estimation

The carrier phase estimation is the last step in the whole
synchronization process, which is needed to initialize the
MSK demodulation. The preamble we used is a PN se-
quence, which is widely used as training sequence for channel
state information (CSI) estimation. To meet the timing and

frequency synchronization requirements, the preamble as a
training sequence is long enough for phase offset estimation.
Therefore, we simply adopt the least-squares (LS) estimator
as,

θ̂ = ∠

(
1

Np

Np−1∑
i=0

r′′[µ̂+ i]

s[i]

)
= ∠

(
1

Np

Np−1∑
i=0

r̄′′[µ̂+ i]

)
,

(18)

where r′′[n] and r̄′′[n] are the received signal before and after
matched filtering with both timing and CFO compensated,

IV. SIMULATION RESULTS

To evaluate the performance, we conduct Monte Carlo
simulations with the system design parameters shown in Table
I. Both no packet overlapping and with packet overlapping
scenarios are considered. Since our synchronization scheme
is done in a sequential manner, when evaluating the timing
synchronization performance, all the offsets including timing,
frequency, phase are introduced to each packet are uniform
random variables, as shown in Table I. To fairly evaluate
the independent algorithm’s performance, we assume perfect
timing but with random phase offset when simulating the CFO
estimation performance, and assume both timing and CFO are
compensated perfectly for phase offset estimation algorithm
evaluation. A timing error less than one chip duration will
not affect carrier offset estimation; it will cause some phase
rotation in the frequency domain, which can be detected by
channel estimation.

TABLE I
SYSTEM PARAMETERS

Bit rate, fL = 1/TL 1KHz/100Hz
Spreading factor, C

Chip rate, fc CfL
Sampling rate, Fs Nfc

Modulation MSK
Preamble length in information bits L1

Preamble length in samples, Np L1CN
Payload length in information bits, L2 48

Time offset, τ = (µ+ ε)Ts ε ∈ U [−0.5, 0.5]
CFO, ν ν ∈ U [− fc

2
, fc

2
]

Phase offset, θ θ ∈ U [−1, 1]π
Channel AWGN

Default averaging factor, D Np/2
Default sliding window, W Np/4

Default local averaging constant, d 1.6
Default oversampling factor, Nmax 50N

For timing synchronization, we investigate the packet detec-
tion rate based on the assumption that if the estimation error is
less than the preamble length, |µ̂−µ| < Np, we claim that the
packet is detected. We also evaluate the false alarm rate which
is the number of false alarms divided by the total number of
detected peaks. Among all the selected peaks based on Eq.
(11), the one which is closest to the real SOP is chosen to
check whether it is a valid packet or not; each selected peak
not identified as a valid packet is counted as a false alarm.

In addition, the root mean square (RMS) for each synchro-
nization parameter is computed as RMSx =

√
E{|x̂− x|2},

where x is the normalized synchronization parameter. The
timing, carrier frequency, and phase offsets are normalized by
bit duration TL, signal bandwith fc, and π, respectively.
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A. No-packet-overlapping scenario
For the scenario without packet overlapping, we simulate

the transmission of a single packet per trial with the integer
offset equal to the length of the preamble in samples, µ =
L1 ·C ·N = Np, where N is the sampling factor. This means
µ empty samples are added at the front and at the end when
the packet is generated. The data rate is fL = 1KHz and
the local average power constant, d = 1.6, and there is no
spreading, C = 1. We consider different cases with respect to
different system design parameters, including L1, N , and the
oversampling factor Nmax.
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Eb/No (dB)

Packet detection rate

N/Nmax=1/50, D=8

N/Nmax=3/150, D=24

N/Nmax=1/100, D=8

N/Nmax=1/50, D=16

N/Nmax=3/150, D=48

N/Nmax=1/50, D=31

0.9

0.8

0.7

0.6

N/Nmax=1/50, D=8

N/Nmax=3/150, D=24

N/Nmax=1/100, D=8

N/Nmax=1/50, D=16

N/Nmax=3/150, D=48

N/Nmax=1/50, D=31

(a) Packet detection rate
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0.7

Eb/No (dB)

False alarm rate

(b) False alarm rate

Fig. 3. Packet detection performance. The legend is shared by both graphs.
(blue: L1=16; red: L1=32)

According to the results shown in Fig.3, we achieve 100%
packet detection rate at a constant FAR when Eb/No is greater
than 6dB for all the red cases. The performance of false alarm
rate improves with increasing sampling factor, N , preamble
length, L1, or averaging factor, D. The corresponding RMS
of timing error is shown in Fig. 4. We can tell that increasing
L1 and N also improves the performance. Increasing the
sampling factor helps improve the integer timing resolution,
TL

N . When the timing error reaches the coarse timing estima-
tion resolution, the slope changes and is determined by the
performance of fractional timing offset estimation algorithm.
The resolution of fractional time offset estimation is controlled
by the oversampling factor, Nmax; that is why the fractional
offset error performance is improved in Fig. 4 when Nmax
increases from 50 to 100, by comparing Cases #1 and #3. In
addition, we can control the averaging factor, D, to trade-off
between the complexity and integer time offset performance
by comparing Cases #4 and #6.

0 5 10 15

10
0

Eb/No (dB)

RMS of normalized timig error

Case #1:N/Nmax=1/50, D=8

Case #2:N/Nmax=3/150, D=24

Case #3:N/Nmax=1/100, D=8

Case #4:N/Nmax=1/50, D=16

Case #5:N/Nmax=3/150, D=48

Case #6:N/Nmax=1/50, D=31

RMS of normalized timing error

0.2

1.0

2.0

Fig. 4. RMS of timing error without packet overlapping. (normalized by bit
duration, TL. blue: L1=16; red: L1=32)

For the CFO estimation, the resolution of coarse CFO
estimation is f0 = Fs

L1·N = fL
L1 , which is only determined by

the length of preamble, L1; that is why the middle two curves
overlap with each other in Fig.5(a). When the CFO estimation
error reaches the resolution of coarse CFO estimation, the
error is determined by the fine CFO estimation. That is why
the top curves in Fig. 5(a) change slightly. For phase offset
estimation, when Eb/No is the same, increasing the sampling
factor willl not help the LS estimator. The only way to improve
the performance of phase offset estimation is to extend the
duration of the preamble in terms of number of bits L1, which
has been verified in Fig.5(b).
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(a) CFO, normalized by fc = fL
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(b) Phase offset, π

Fig. 5. RMS of the carrier offset estimation.

B. Packet overlapping scenario.

For the scenario with packet overlapping, we simulate three
overlapped packets per trial. The integer offsets of µ1 = Np,
µ2 = 2Np, µ3 = 3Np are used for Packets #1, #2, and #3,
respectively. The symbol rate is set to be fL = 100Hz, and the
signal bandwidth varies over three values of C. The preamble
is L1 = 16 bits long, sampling factor N = 1, and the local
average power constant d = 1.3 for the simulation. For all the
other system parameters, we use the default values in Table I.

0 5 10 15
10

2

10
1

10
0

10
1
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RMS of normalized timing error
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pkt #:2

pkt #:3

pkt #:1

pkt #:2

pkt #:3

(a) Proposed method.
(blue: C=1; green: C=7; red: C=15)
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(b) Hosseini’s method. (purple:C=1;
yellow:C=7; black:C=15)

Fig. 6. RMS of timing error for packet overlapping scenario. (normalized by
bit duration, TL, and legend is shared by both graphs.)

The timing synchronization is compared with Hosseini’s
method [15], with the packet detection scheme based on
Eq.(6), and Eq.(36) in [15] for SOP estimation. They proposed
a joint estimation scheme based on the assumption that the
SOP has been determined for the other synchronization param-
eters. Since their SOP estimation is vulnerable to interference
in the packet overlapping scenario, which we will see in
the simulation, we do not consider their carrier recovery
algorithms. For a fair comparison, we use the same energy
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on the their preamble with the same bit length L1, and the
extended chip length L1 · C. In [15], they use 40 as the
threshold for packet detection, which is about 63% of L(n),
when n is the true SOP, in the AWGN channel. Therefore, we
define our threshold as 63% of L(n), when n is the true SOP
in the AWGN channel.
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(a) FAR. (blue: proposed method; red:
Hosseni’s method)
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Fig. 7. Packet detection performance for packet overlapping scenario.

According to the results shown in Fig.7, we achieve 100%
packet detection rate when Eb/No is greater than 10dB for all
packets in all cases, at a nearly constant FAR that is much
smaller than Hosseini’s method, since they use conventional
fixed thresholding while we compute a dynamic threshold
based on real time interference and noise level. For the
corresponding RMS of the timing error in Fig. 6, Hosseini’s
method only achieves acceptable error for the first packet,
which does not have overlapping on the preamble; all the other
packets can only achieve timing error around 1 bit duration,
TL, which is much greater than sample duration TL/C, even
when increasing spreading factor. However, the spreading
helps the proposed method on improving the timing recovering
for all overlapped packets. Because, in addition to the inherent
benefit of longer PN sequence, increasing the spreading factor
factor helps improve the integer timing resolution , TL

CN , in the
same way as increasing the sampling factor. When the timing
error reaches the coarse timing estimation resolution limit, the
slope changes and is then determined by the fractional timing
offset estimation algorithm. The performance of the fractional
timing offset can be adjusted by the system design parameter
Nmax in Eq. (13).

As shown in Fig 8(a), the overlapped three packets have
similar performance which proves that our CFO estimation
algorithm benefits from the use of a PN preamble. For phase
offset estimation, increasing the spreading length helps reject
the interference for the LS estimator, but performance is
limited by the symbol length of preamble when Eb/No is
same. That’s why the performance of the Packet #1 is same
for different C in Fig.8(b).

V. FUTURE WORK

A realistic physical layer performance model in terms of bit
error rate (BER) would be established based on the cumulative
errors evaluation of all synchronization processes in our future
work.
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