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ABSTRACT The accuracy transmission of a binary offset carrier (BOC) signal is always affected by nar-
rowband interference (NBI), and a novel anti-jamming acquisition algorithm based on all-phase processing
finite impulse response (apFIR) and partially matched filter-all phase fast Fourier transform (PMF-apFFT) is
proposed in this paper. First, an apFIR filter with precise settings for arbitrary notch points was constructed,
and then the PMF-apFFT method was adopted to achieve the acquisition of the contaminated BOC signals.
Simulation and analysis show that the proposed algorithm can effectively suppress NBI and simultaneously
complete correct pseudo-random (PN) phase search and accurate Doppler frequency estimation, and it shows
superior performance in mean square error (MSE) and detection probability.

INDEX TERMS Binary offset carrier (BOC) signal, acquisition, narrowband interference (NBI), all-phase

processing.

I. INTRODUCTION

Binary offset carrier (BOC) signals have been widely used in
global satellite navigation systems (GNSS), but the subcarrier
modulation of BOC signals results in the multi-peak char-
acteristics of autocorrelation function and the split spectrum
characteristics of power spectrum. Several acquisition algo-
rithms were proposed to solve ambiguous problem [1]-[4].
Also, in real-world communication system, besides the back-
ground noise, BOC signals are susceptible to the interference
from natural or artificial signals, whose frequency might be
located in the satellite signal bands. In the case of strong
narrowband interference, limited by bandwidth and system
frequency resources, the spread spectrum gain cannot be
very high, causing the performance of receiver deteriorates
sharply or even fail to run normally [5], [6]. The narrowband
anti-jamming technique for acquisition has been proposed in
the context of Global Positioning System (GPS) C/A signal in
both theory and experiments [7]. However, narrowband anti-
jamming techniques for BOC signal, which shares the same
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frequency band with GPS C/A signal, have not been studied
much yet.

Narrowband anti-jamming techniques can usually be
divided into three categories, space filtering, time-domain
filtering, transform-domain filtering. Spatial filtering [8], [9]
can mitigate both wideband and narrowband jamming.
However, it requires additional hardware to the GPS
receiver. Time-domain filtering [10], [11] suppresses narrow-
band interference (NBI) according to the different predictable
characteristics of spread spectrum signals and jamming sig-
nals. When the communication environment is relatively sta-
ble, its ability of anti-jamming is strong. But when jamming
signal changes quick, time-domain algorithm has the problem
of convergence speed. Additionally, it is difficult to complete
the calculation in a relatively fast time for the receiver as the
signal rate is relatively fast, which is not suitable for real-time
systems. And if there are strong correlations among spread
spectrum signals, this method is not applicable. Transform-
domain filtering [12]-[17] takes advantages of spread spec-
trum signals and jamming signals having different mapping
characteristics in the same transform domain, and realizes
complex filtering in time domain by simple multiplication.
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It can even realize some filtering which cannot be realized
in time domain, such as ideal bandpass and bandstop filters.
To ensure that the original signal can be restored, the trans-
formation must be reversible. Furthermore, due to that no
convergence for interference suppression in the frequency-
domain filtering, the processing speed in the receiver is
very fast, which can meet the real-time requirements of
acquisition.

According to the different ways of signal transformation,
frequency-domain filtering can be divided into Short Time
Fourier Transform (STFT) [12], Wavelet Packet Transform
(WPT) [13], Compressed Sensing (CS) [14], [15] and Fast
Fourier Transform (FFT) [16], [17]. Among them, the anti-
jamming technique based on FFT has been widely used in
engineering for its simple implementation, small hardware
cost and fast speed. However, spectrum leakage often exists in
FFT operation, and overlapping window (OW) [17] is often
used to solve this problem. In order to further suppress the
spectrum leakage, all-phase processing [18], [19] is adopted.

In this paper, the sampled BOC signal was traversed all
possible positions and multiplied with all-phase processing
Finite Impulse Response (apFIR) filter coefficient h(n), and
then an adaptive threshold method was adopted to deter-
mine the parameters for notch. For the acquisition stage,
the partial matched filter (PMF)-all phase Fast Fourier Trans-
form (apFFT) algorithm was used to realize the acquisition
of BOC signals. The organization of this paper is as follows.
Section II formalizes the BOC modulated signal model, the
exact expressions of the design of apFIR filter, the adap-
tive threshold and the output of PMF-apFFT. Section III
presents the specific process of narrowband anti-jamming
and the acquisition scheme, an efficient structure diagram
for the proposed method is presented as well. In Section IV,
the feasibility and availability of the proposed method with
the comparison between the performance of its and others
are shown and discussed. Finally, conclusions as well as the
applicable scene are discussed in Section V.

Il. SIGNAL MODEL AND ACQUISITION PRINCIPLE

A. PRELIMINARIES

After filtering and amplification, a radio frequency (RF)
signal is down-converted to an intermediate frequency (IF)
signal by a mixer, and the received BOC signal can be
expressed as

r(t) =Ad (t)s(t)cos ((fir +fa)t +¢o) +n() (1)

where A is the amplitude of signal; d(¢) is navigation data;
fir is intermediate frequency; f; is Doppler frequency; ¢ is
the initial phase of the carrier; n(¢) is White Gaussian noise
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with zero-mean and variance anz. s(¢) is BOC baseband signal,
which can be expressed as

s (1) = c (1) sc (1) @)

where sc (t) = sgn[sin(2rfi.t)] is the subcarrier with the
frequency f;. and the period Ty, sgn(x) is the sign function,
which takes the value of 1 for x > 0 and —1 for x < 0. ¢(?) is
the spreading code, and can be defined as

cty= Y epr, (t—iTe) 3)

i=—o00

where ¢; € {—1, 1} is the ith chip of a pseudo-random (PN)
code. py (¢) is the PN code waveform, which is a rectangular
pulse over [0, &), T, is the chip period of PN code.

The contaminated BOC signal is given by

x(@)=r@®+J@)+n) “

where J(t) is multi-tone jamming, which can be defined as

K
J ()= Agsin (ot + 6;) 5)
k=1

where K is the number of single-tone jamming, Ay is the
amplitude of kth interference signal, wy is the angular fre-
quency of kth interference signal, 6 is the random phase
uniform distributed in [0, 27]. After sampling, the discrete
form of contaminated BOC signal is obtained by

x=r+J+ n 6)

B. DESIGN OF ALL-PHASE FIR FILTER
The reason of spectrum leakage is that the data truncation
is implied in FFT operation, which destroys the continuity
of data. The traditional window function can reduce the
side-lobe leakage range to a certain extent, but the suppres-
sion range is not large enough. All-phase processing, on the
other hand, has a superior performance in mitigating the spec-
trum leakage, and the waveform distortion can be improved
as well.

In order to get the N points all phase preprocessing data,
the contaminated BOC signal is sampled for 2N — 1 points
and can be rewritten as a row vector

x=kxm+N-1),....,x(n),....,. x(n=N+ 1] ()

The sampled data x of length 2N — 1 is divided into N
segments, and each has a length of N. A N*N data matrix
D is given by all the truncation of central sampling data x(n)
in (8), as shown at the top of this page.
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The elements of each row are cyclic shifted until center
data x(n) is moved to the first place in each row, the matrix D
can be rewritten as

x(n) x((n+1) . x(n+N-=-2) x(n+N-1)

x(n) x(n+1) . x(m+N=-2) x(m-1)
D=
x(n) xm+1) x(n—2) x(n—1)
x(m) x(n—=N+1) ... xn©-=2) x(n—1)
)]

The elements of matrix D in Equation (9) are added by
corresponding column, the results are defined as follows

Xap(l) = x (n)
Xp D) =N —-Dx(n+1)+xm—-N+1)

Xep N) =(N—-Dx(n—1)+xn+N-1) (10)

After all phase processing and normalizing, row vector X,
can be expressed as

[Nx(n), N—Dx(n+1)+x(n—N+1),
L Xm+EN—-D+WN—-Dxmn—1] (11)

Xap:ﬁ

The sequence x with length of 2N — 1 is transformed into
the sequence x,, with length of N by all-phase processing.
The sequence x,;, can be regarded as the result of sequence x
weighted by convolution window w(n) and then added by the
part of the overlapped data. The convolution window w(n)
is the convolution form of the front window f(n) and the
inverted rear window e(n), and can be expressed as

w(n) =f(n)*e(n)
N—-1—-n
> efirnnel0,N —1]
k=0
=1 (12)
> eifernn € [0.N —1]
k=—n
0, n € others

where f(n) and b(n) are general window functions of
length N. In order to keep the amplitude of input sequence
and output sequence from deviating, the convolution window
w(n) should be normalized in practice. The central element
w(0) of the convolution window can be chosen as the nor-
malization factor C

N-1
C=w0) =Y bufn (13)
The NBI signals mixed in the BOC signal are usually
random and need to be suppressed as much as possible.
Therefore, the design method of FIR notch filter can be
generally adopted, which should be able to realize the gap
of the frequency in the transmission function. In addition,
the attenuation at the notch frequency should be large enough,
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also the design should be simple and the calculation should
be small. In this paper, all-phase processing FIR (apFIR)
filter based on dual phase shift is adopted. Firstly, two sub-
filters are designed by all-phase processing, then they are
phase-shifted in the opposite direction and adjusted by direct-
current (DC) component, and NBI signal can be suppressed
at any frequency by adjusting the parameters obtained from
adaptive threshold algorithm. Assuming that the frequency
vector is H and the value is set to zero at the position
where the notch is needed, the design is normally carried
out with a single window. H is a vector with even symmetry

property

Hk)y=HM—-1—-k)y k=0,1,...,.M—1 (14)
where M is the length of H. The relationship between H (k)
and wy = 2km /M is one-to-one correspondence, H is set to

zeroat(I+ 1and M — [+ 1)

0 k=I,M-1

O0<k<M-1 (15)
1 others

H(k):{

where [ is a natural number.

Generally, the filter is implemented by increasing the order
M for any point spectrum notching, apFIR filter based on dual
phase shift is implemented by constructing two sub-notch
vectors H; and H,

0 k=1 M
H (k) = O<li<|—|-1 16
1) {1 others - _LZJ (16)
=M — M
H> (k) = 0 k=M-I 0515\‘—J—1 17
1 others 2

where |a| represents the biggest integer that is not bigger
than a. There is only one notch point in Hy, locating in the first
half of the vector. The notch point in H is also in the second
half of the vector, so the notch points of H; and H; are limited
to (0, ) and (77, 27), respectively

H(k)=H M-k k=1,....M—1 (18)

It can be introduced the conjugation relations between H;
and Hj in time-domain

1 () =hy(n)

The IDFT for Hy, hj(n) can be defined as

n=0,1,...,.M —1 (19)

M—1
1 .
) =+ > Hy (ke kM
k=0

. |: Z e]271kn/M> _ ej27rln/M:|
M

e]2nln/M

ne[-M+1,-11U[1,M—1]
= (20)

n=20
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FIGURE 1. The curves of system function. (a) |Y; (jo)|; (b) |Y; (j®)I;
(9 1Y2"(o)1; (d) |Y(w)l.

Using Hamming window w(n), the output of subfilter is
expressed as

yi(n) = éW(n) “hy (n)
M—1

1 2w kn/M
= oW ];) H, (k)
w(n) - ejann/M
- ne[-M+1,-1]JU[I,M—1]
— MC
M —1)

n=20

M
21

In order to achieve the notch at any point, a phase shift

u1(n) is constructed by
up (n) = dZm/M y — M+ 1, M —1] (22)

where p is a constant, the output of phase shifted subfilter
¥1’(n) can be expressed as

y/l n) =y (M) u; (n) =y (n) _ei27run/M
w (n) - @27 (=hn/M

MC
= nel[-M+1,-11U[1,M—1] (23)
M -1
n=20

M
The relationship between the system function Y’ (jw) and
the original system function Y] (jw) is obtained as follows

2
Y| (jw) =Y, [j <a) + %)} (24)

According to selection of parameter [/, the location of
the notch within (0, 7) is roughly determined. By adjust-
ing the parameter w, the notch at any frequency in Y1’ (jw)
can be realized, which effectively improves the accuracy of
notch and prevents the energy loss caused by the large notch
range. Figurela and Figure 1b are the curves of |Y;(jw)| and
|Y1’(jw)| respectively, where [ = 3 and u = 0.3.

Derived from Equation (19) that

=" n=[-M+1,M-1 (25
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And the phase shift vector u(n) is conjugate to u;(n), sim-
ilarly, the output of phase shifted subfilter y,’(n) can be
expressed as
Yo () = y2 (M uz (1) = y2 () - 727N
w(n) - ej27r(u—|—l—M)n/M
B M
= nel[-M+1,-11U[l,M—1] (26)
M —1)
M
Adding y;’(n) to y2’(n) and subtracting a DC term with the
magnitude of 1, the output of filter can be expressed as

Yy (n) + ¥ (n)
ne[-M+1,—-11U[1,M — 1]
Vi@ +y,0 -1 n=0
2w (n) |:2(l — 1) nn:|
- cos
M

n=0

y(n) =

MC
= nel[-M+1,-1JU[1,M — 1] 27
M —2)
= n=0
M

Figure 1c and Figure 1d are the output curves of | Y’ (jw)| and
|Y (jw)| respectively, where / = 3 and = 0.3.

Figure 2 shows the structure of a single-window apFIR
filter, it can be seen that, an apFIR filter consists of N
conventional FIR filters with N-order, thus is equivalent to a
2N — l-order linear phase FIR filter. There are 2N — 2 delay
units and N multipliers, and the computation cost is the same
as that of an ordinary 2N — 1 order linear phase filter.

In this paper, adaptive threshold algorithm is used to deter-
mine the location of notch frequency points. The spectrum
value without NBI is usually set as the minimum thresh-
old Threpn, then the threshold is determined by an adaptive
method

NFFr
Thre = Thremin +n——Y  abs (V3) (28)
Nrrr
where Nppr is the point of FFT, 7 is threshold optimization

coefficient, which is chosen from the preset set according to
NEFr

! > abs (V). And V, is FFT output of input signal after

NrFr

all-phase processing

NFrr )
Vi= 3 row, () e PN 3 2 Ny
n=1

(29)

where w,(n) is general window function. The interference
threshold Thre is obtained in Equation (28). It is generally
considered that the spectral lines containing NBI are those
whose spectral values are greater than the interference thresh-
old Thre. By determining the position of these interference
lines (the smaller the range is, the more accurate u and [ are),
notch was carried out in the apFIR filter and then Inverse Fast
Fourier Transform (IFFT) was used to obtain the time-domain
signal after NBI suppressing.
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FIGURE 2. The structure of a single-window apFIR filter.
C. AN IMPROVED PMF-FFT ALGORITHM BASED-ON 1 ;
ALL-PHASE PROCESSING 0.9 1
After NBI suppression, the signal b(i) with length of L is cut 0.8 |
into R parts, each part has P points, i.e. L = RP. When PN 5 07 |
3o
code phase of the received signal is aligned with the local PN 3 }
phase, the output of rth (1 < r < R) PMF is shown by § 0® 1
S 05 }
rP £ ‘
XpvE =~ Y b@)si+i) g 04 |
i=(r—1)P+1 £ o3) 1
1 sin ( PfyT,) . 0.2 ]
= ————expljnfyT. 2rP — P) + 30 ‘
P sin (tfyT,) plinfaTc ( )+¢1  (30) o 7:
where i’ is the delay between the local PN code and the 04 g > N " “ S - ;
received PN code, ¢ is the phase of signal after IFFT. Doppler frequency\Hz 10t

Applying all-phase preprocessing and Q points FFT
to xpmp, normalized output frequency response can be
expressed as

FIGURE 3. The output of PMF-apFFT with different Doppler frequencies.

0-10-1 1 sin (mPfaT,)

1 w =i ik G k)= —-———"-— 33
Gap(fd,k)=@zzx(m—l)e’9 et 10a- ) = 1 Gn efaT) (33)
; m=0 i=0 | sin GePI T Gy (. ) 1 sin® (wLfy T, — wRk/Q) (34)

- —jmPfaTe+e | - SIMUTLd1c) 2Vd-R) = "5y "o PiT. — k

¢ P sin (i faTy) O sin” (7 PfaTc — 7k /Q)

—1 -1 . . .
~QX:e_j(2” PlaTo—tom/Q QX:e]‘(ZNPdeC_k)i/Q According to quatlon (3.1), the nqrmahzed output of
PMF-apFFT acquisition algorithm consists of G1(fy, k) and
m=0 =0 Ga(fa, k). G1(f4, k) is introduced by the accumulation of
— 1 . e/q}PMF—apFFT(ﬂiﬁk)M PME, with the increase of Doppler frequency, it results in
LQ? sin (7wfqTe) periodic attenuation of FFT output, i.e. scallops loss, known

sin? (and T, — TRk / Q)

sin® (nPdec —JTk/Q) '
k=0,1,...,N—1

as fan effect. Figure 3 is the simulation chart of Equa-
tion (31) taking Doppler frequency as x-axis and 8-point FFT.
Ga(fa, k) is caused by incomplete FFT phase compensation,

where

GPMF-apFFT (fa, k) = —7fy (P—1)Tc+27N (fyPT.—k/Q)
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G1 (fa, k) x Ga (fa, k) e/PPMrwr (i)

and it can be seen as the compensation term of apFFT,
which is the square of that of common FFT, and energy of
the side lobe relative to energy of the main lobe is attenu-
ated according to such a quadratic relationship [20]. There-
fore, apFFT algorithm has a better performance in reducing
spectrum leakage.

(3D

(32)
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D. DETECTION PROBABILITY

In the additive white Gaussian noise environment, false alarm
and missed detection occur in the acquisition, Hy denotes
the noise signal, H; denotes the presence of useful signal.
The probability of false alarm depends on the distribution
characteristics of the input noise, and the output of a single
frequency channel is subject to Rayleigh distribution after
apFFT, its mean m, = 0 and variance o2 =02N2%+ 1)0r12/3N ,
so the probability density function of single channel’s output
is shown by [20]

&2 >
Prayleigh (a) = -7 &XP (_F) a=0 (35
Due to statistical independence for each channel, it is
equivalent to the N-Tuple Bernoulli experiment, which is
subject to the Binomial distribution, the probability of any
one of Q outputs exceeding the threshold (the probability of
false alarm) in the system can be expressed as

_ 0
Pra=1- [1 — paXap > VT|H0)] (36)

The expression of threshold V; can be obtained from
Eq.(36)

V, = \/—ZL ln[l —( —pfa)”Q] 37)

And the probability of false alarm P, in a single channel
can be expressed as

+00
%2 a2 V2
P,= ;exp ~352 da = exp = (38)
Vi
At the output of the apFFT, the amplitude of the signals

are taken, thus the statistics of the output of some apFFT bin
k are Ricean, is given by

a c12+m2 am
Prician (@)= —5exp | ———5— )l =), a=0 (39
lofs 20/ ofs

where I is the zero-order modified Bessel function, and m is
the summation of the mean of the signals on the inphase and
quadrature branches for bin k

m* = m% + sz 40)

The detection probability of the kth channel can be
expressed as

Pg (k) = pRrician (Xap (k) > VT|H1)
+00
~ | Prian @0da = Qo Vi)

Vi

9

Q<\/6XN2/ (2N2 +1) - [Ggp (k)

\/—21n (1 N 1—Pfa)) (41)
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where Q(-) is Marcumq function. Signal acquisition is
assumed if any of the output bins is greater than the threshold.
Each of the Q FFT output bins have the same distribution,
and therefore the probability of any one of the Q outputs
exceeding the threshold can be given by

0-1
Pg=1-]]1=Pa(k) (42)
k=0
where P, is detection probability of the proposed algorithm
in the Gaussian channel.

Ill. THE STEPS OF THE PROPOSED ALGORITHM

The process is as follow

1) After down conversion and analog-digital conversion
(ADC), the contaminated BOC signal z(¢) is converted to its
discrete signal x.

2) The notch point range is determined according to the
amplitude larger than the Thre, which is generated by the
adaptive threshold algorithm shown in Equation (28).

3) The apFIR filter is designed according to the parameters
obtained in step 2, b(i) is obtained by apFIR filter and IFFT.

4) The signal b(i) and local BOC baseband signal are taken
L points in order and cut into R parts, and each part has
P points.

5) The signal b(i) is correlated with the local BOC base-
band signal in each segment by PMF, and R segments are
completed successively.

6) The output of PMF xpymr is done by all-phase prepro-
cessing and N points FFT. The maximum value of the result
is compared with the threshold V;. If the maximum value
exceeds the threshold V;, the receiver enters the tracking
stage; if not, by logic control, the first segment of the local
BOC baseband signal is deleted, and the remaining R — 1
segments are moved forward in turn, and then a sequence of
data is added in the following order.

7) The steps 4-6 are repeated until the value of peak
exceeds the threshold.

Figure 4 describes steps of the proposed algorithm.

IV. SIMULATION AND RESULTS ANALYSIS

In this paper, the performance of apFIR filter and the acquisi-
tion algorithm are simulated in MATLAB, Hamming window
is adopted in all-phase spectrum analysis and traditional FFT
spectrum analysis. If no otherwise specified, sinBOC(1,1)
modulated signal is simulated in additive white Gaussian
noise channel, and simulation parameters are set as follows.
The received BOC signal is mixed with two single-tone
interference signals, whose angular frequencies are 0.3 rad/s
and 0.5 rad/s, respectively. The length of frequency vector H
M =16, Doppler frequency f; = 6kHz, the PN code rate
is 8.148MHz. The length of partial matched filter P = 255,
the number of partial matched filter R = 4, the length of BOC
modulated baseband signal L = P*R = 1020, the number
of FFT N = 128. And integral time 7 = lms, false alarm
probability P, = 0.01, threshold optimization coefficient
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FIGURE 4. The block diagram of the proposed algorithm.
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FIGURE 5. The comparison of the spectrum of original signal and signals
before and after IM. (a) cosBOC(1,1); (b) sinBOC(2,1).

n = 5 and signal to interference ratio (SIR) is —30dB, signal
to noise ratio (SNR) is 2dB.

A. SIGNAL SPECTRUM AND SIGNAL WAVEFORM

In Figure 5a and Figure 5b, Four spectral lines with abnor-
mally high amplitude are caused by NBI, respectively. Com-
pared with the spectrum of original signal, the spectrum
of signal after interference mitigation (IM) has less distor-
tion, and the amplitude of the spectral lines where interfer-
ence signals located is effectively reduced. It can be seen
that the NBI is effectively suppressed and the received sig-
nal can be basically recovered. In addition, the proposed
algorithm is suitable for all modulation orders sinBOC
and cosBOC.

To further analyze the effect of the proposed anti-jamming
method, three sections of cosBOC(1,1) signals are inter-
cepted in Figure 6, in which the amplitude of signal before
IM is normalized. It can be seen clearly that NBI has a
serious impact on the waveform of BOC baseband signal.
By comparing the time-domain signals before and after IM
and the original signal, the influence of NBI on BOC signal is
greatly weakened by apFIR filter. Obviously, with the further
reduction of SIR, BOC signal will obviously suffer serious
loss and energy leakage.
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FIGURE 6. The comparison of the waveform of original signal and signals
before and after IM for cosBOC(1,1).
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FIGURE 7. MSE in different conditions.

MSE

B. MEAN SQUARE ERROR
The quality of a retrieved signal is determined through its
mean square error (MSE)

K

1 A
MSE = - > [ (k) —r w1’

k=1

(43)

where 7 (k) is the retrieved BOC signal.
In Figure 7, the ability of the proposed method for miti-
gating jamming is best when SIR = —30dB, as the jamming
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intensity decreases (SIR = —26dB), Thre decreases as well,
and the useful signal exceeding the Thre is also suppressed,
which makes MSE large. In addition, MSE of proposed algo-
rithm is lower than that of CS, OW and TF (TF is Time-
Frequency domain algorithm proposed in [10]) algorithm and
slightly higher than that of WPT algorithm in the same con-
dition, which shows that the proposed algorithm has a good
performance in NBI anti-jamming. Comparing the two curves
of OW algorithm, it can be seen that there is a large additional
loss in OW algorithm, as the interference frequency is not an
integral multiple of the frequency resolution. The curve of
two single-tone jamming signals of 0.3 rad/s and 0.5 rad/s,
coincides with the curve of one single-tone jamming signal
of 0.3 rad/s, which shows that the number of jamming signals
and frequency angles of jamming signals have no effect on the
proposed anti-jamming algorithm.

C. SIMULATION OF THE PROPOSED ALGORITHM

The normalized outputs of different algorithms in Figure 8 are
obtained by 100 times simulations for averaging. Figure 8a
shows that the main peak of the proposed algorithm for the
contaminated BOC signal is obvious. However, NBI makes
the output of PMF-apFFT algorithm without IM confused
and causes the position of the main peak cannot be found
in Figure 8b. Compared Figure 8a with Figure 8c, it shows
that the main peak of PMF-apFFT algorithm is more obvious
than that of PMF-FFT algorithm, which makes it easier to
detect the location of the main peak.

Figure 9 demonstrates the estimation of Doppler frequency
obtained by 100 times simulations for averaging with and
without IM, respectively. As it can be understood from
Figure 9a and Figure 9b, the impact of the proposed algo-
rithm on narrowband anti-jamming is obvious and the peak
appears at 6062 Hz, which is almost consistent with the
previous Doppler frequency set of 6KHz. Combined with
Figure 8 and Figure 9, it is concluded that the proposed
algorithm can achieve the two-dimensional acquisition of
code phase and Doppler frequency.

D. DETECTION PROBABILITY

To further evaluate the impact of narrowband anti-jamming
technique on the performance of acquisition unit, curves of
detection probabilities under different working conditions are
assessed by Monte Carlo simulations in Figure 10. If no
otherwise specified, PMF-apFFT is adopted for acquisition.
When SIR = —30dB, detection probability of the proposed
algorithm reaches 1 at SNR = 1.5dB, which is better than that
of OW, CS, TF and apFIR&PMF-FFT algorithm but worse
than that of WPT algorithm. In addition, detection probability
of the proposed algorithm for cosBOC(1,1) is also obtained
in Figure 10. Without apFIR filter, detection probability is
always zero, no matter how the SNR increase. As the SIR
decreases to -60dB, the detection probability of proposed
algorithm decreases by 3.5dB. It is to be noted that as
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FIGURE 8. The normalized amplitudes of PMF-apFFT algorithm.
(a) PMF-apFFT algorithm with IM; (b) PMF-apFFT algorithm without IM;
(c) PMF-FFT algorithm with IM.
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FIGURE 9. The Doppler frequency estimations of PMF-apFFT algorithm.
(a) With IM. (b) Without IM.
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FIGURE 10. Detection Probabilities for different algorithms.

the MSE of the retrieved signal decreases, the quality of this
signal increases. Therefore, the results obtained in Figure 10
correspond to the results in Figure 7.
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TABLE 1. The calculations of FFT and windowless apFFT.

TABLE 2. Symbol check list.

data Ord Complex Complex Real

Symb-

Algorithm length -er  multiplication addition addition ol Meaning ol Meaning
FFT o 0 (012)log,0 Olog,0 - A Signal amplitude o The length of input data
\Zslr;(:)%?—?_ 20-1 o (000 Olog:0 0(0-1) C Normalization factor P The length of PMF
D Data matrix (0] FFT points
fir Irgermedlate R The number of PMF

E. CALCULATION AND HARDWARE REQUIREMENT cdueney
ApFFT is to add the all phase processing to the data before £ Subcarrier frequency T, The period of PN code
FFT. Therefore, compared with FFT, more calculation is on
the windowing and summation of data in all phase processing, S Doppler frequency T The period of subcarrier
and windowless apFFT only carries out O(O-1) real addition
to data. In general, for O points apFFT, double window, Go Frequency response Thre Interference threshold
single window and windowless apFFT all do approximately
0” more real addition than FFT, and they do the same H Frequency vector # Notch parameter
amount of complex multiplication and addition, which are ‘
shown in Table.1. Due to the calculation of single addition is k  The ::)‘;r;ﬂ.’ae;;fizngle' v, Acquisition threshold
much smaller than that of single multiplication, so the added ! ¢
amount of real addition operations is small compared with the / Notch parameter X The sampled data vector
total amount of computation. In addition, 20-1 points data
is required for O points apFFT and segmented from back to M The length of H Xqp The all-phase vector
front, so apFFT cannot be carried out until 20-1 data is in
place, and FFT can be carried out as long as O data are in N The length of x, XeME The output of PMF
place, so apFFT requires almost twice as much storage as
that of FFT. However, compared with the good performance APPENDIX
of spectrum analysis of apFFT, the increased hardware cost
. . . See Table 2.
is acceptable. Due to the complexity and large calculation
of WPT and CS algorithm, the costs of system resources ACKNOWLEDGMENT

and storage are large. Although the implementation of TF
algorithm is simple, it is limited by the convergence speed,
so the real-time performance of the proposed algorithm is
better than that of WPT, CS and TF algorithms.

V. CONCLUSION

In this paper, the problem of BOC signal acquisition with NBI
was studied, and a novel acquisition algorithm combining
apFIR filter and PFM-apFFT is proposed. The apFIR filter
is simple in structure and easy to be implemented, and the
range of notch can be adjusted by the parameters / and u
according to the adaptive threshold algorithm. PMF-apFFT
algorithm employs all-phase FFT to reduce spectrum leakage,
which further improves the acquisition performance. The pro-
posed algorithm can effectively suppress NBI and basically
recover the original signal waveform and spectrum. And it
has a excellent performance in the terms of MSE and detec-
tion probability. In addition, compared with existing typical
algorithms, the proposed algorithm has moderate calculation
and hardware requirements. For the characteristics of the
proposed algorithm, it is suitable for the system with high
real-time requirements and low SIR, and it can be adopted
in fast-moving receiver or other communications system
suffering from NBI.
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