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Abstract. Aiming at the problem that signal snapshot data of the target is sparse and conventional
algorithm is difficult to obtain the signal subspace ,a new DOA decorrelation algorithm based on
improved covariance matrix is proposed. Firstly, the received single snapshot data is pretreated by
cross-correlation , then the equivalent covariance matrix is reconstructed by using the data obtained
from the pretreatment, and then the DOA estimation of coherent signals is completed based on the
MUSIC algorithm. Without losing the aperture of the array ,the proposed algorithm ensures the
accuracy of the spectral estimation . Simulation results demonstrate that the proposed algorithm can
achieve better performance than that of traditional method in high-speed mobile scenarios.

1. Introduction

Because of its high detection accuracy and fast estimation speed, Signal detection and estimation
based on array antenna has been widely used in many fields such as radar, sonar, radio
communication, navigation and many other fields™. When the DOA estimation of target signal is
carried out on the missile borne, airborne and other high speed moving platform, the real-time
performance requirement is high, and the environment of the array antenna is complex and
changeable. The received valid data is generally a few single snapshot data under strong interference
environment. In this case traditional methods such as spatial smoothing algorithm[z],the vector
singular value decomposition algorithm 1!, the Toeplitz matrix reconstruction algorithm!, and so on
can not be able to obtain approximate signal subspace, and can not be able to get the target signal’s
DOA information. Therefore, it is a solution to estimate the DOAP® of coherent signals using single
snapshot data.

This paper proposes a DOA estimation algorithm of coherent signals based on equivalent
covariance matrix. The single snapshot data of all array are pretreatment, using income data, the
equivalent covariance matrix is reconstructed, then the DOA estimation is carried out by using the
music algorithm. Theoretical analysis and computer simulation demonstrate that without lose the
array aperture, the proposed algorithm in this paper requires a smaller amount of snapshot, and fewer
computation, which is suitable for DOA estimation in high-speed mobile scenarios.

2. Signal Model

Assuming that the receiving antenna array is m-element isotropic uniform linear array .The array
element spacingd = 1/2 .In the observation period, a total of N far field narrowband coherent signal

is received. The incident angle are respectively: o/ . 6, i=1..,J,..,N. With first elements as the
reference array, the received signal of the array elementm at the t time can be expressed as:

X, (t) =isi (tyexp{ j(m-1)zsin()}+n,(t) (1)

In the formula, S;(t)is the complex envelope of the signali; n,(t)is zero mean AWGN of array

M at time t, These noises are not correlated in space and time field, with power of o .
The formula (1) can be written as a vector:
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X(t)=A(0)S(t)+ N(t) )
Among the formula, A(@) is the M x N order array manifold matrix; S(t)is the input signal
vector, and N (t) is the noise vector.
Then the data covariance matrix of array signal can be written as:

R:E{XX”}:iX(t)X(t)” (3)

3. Algorithm Description

The basic idea of DOA estimation for coherent signal is to construct an equivalent covariance
matrix whose rank is equal to the number of incident signal by using the snapshot data. The form of
equivalent covariance matrix should be satisfied as:

R=A@)R.AB)" (4)
According to above ideas, the covariance matrix is firstly constructed as follows:
O %0  x® L ox@®
@0 %@ %0 L x()
R=| %) %0 x@ L x.,0 (5)
M M M O M
X (0 X () X0 Loox(t)
In order to satisfy the formula (4), the snapshot data must satisfy the s, (t) = s; (t) , which requires a

higher demand for the received signal. In order to deal with the received signals under different
conditions, the equivalent covariance matrix R, needs to be modified .With the snapshot data of the

first element as reference, the cross correlation processing is carried out on the R,, and the new
equivalent covariance matrix R, is obtained. R, satisfy the following relations

- LX) i<
R.(1, 1) = {Rletfj)J)é(t() ) otheJrs (6)
After the above processing, the equivalent covariance matrix R, form is as follows:
OO GOX®  xOX® LX) |
LOXE  xOxO)  Ox®) L X, 0x()
R= % Ox® %Ox® xOx® L x_,Ox®) (7)

M M M O M

XX () ) Ox ) xyOx®) L xOx ) |

Through the pretreatment of the sample data of the reference array, the formula (7) contains the
signal itself, which also contains the signal conjugated. From construction principle of the formula
(7), it can be known that the elements in R, meet the R, (i, j)=R;(i, j), that is, the matrix R, is the
Hermite matrix. At the same time, it is equal to the elements in any a straight line which is parallel to
the main diagonal. That is, the matrix R; is the Toeplitz matrix, which satisfies the basic requirement
of the reconstruction matrix. The following proves that the rank of R, is equal to the number of
incident signals, which form is satisfied with formula (4).

First look at any of the triangular elements R, (i, j) in the matrix R, withi > ]
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Rz(i’ = X; (t)XI(t)

= [i s, (t)exp{ j(i—Dzsin(8,)} +n, (t)j(i s, (1) + nl*(t)J
Nn:lN p=1 (8)
=Y s (0)s, (O exp{ j(i ~D)zsin(6,)} + o25(i)

n=l p=1
=a,(0)Ra" +5°5(i)
Among formula(8), a; (@) is thei th line of the array manifold matrix A(8) ,
a (0) = [exp{ j(i—1)zsin(8)},exp{ j(i—1)7sin(6,)}L

. . (9)
exp{ j(i-1)zsin(6,)} |
N N N
R, = diag[Zs:(t)sl(t),Zs:(t)sz(t)K 2. (Osy (t)J (10)
n=1 n=1 n=1
o2 is noise power, 5(i) = {01’ Ol;elrS.By the noise of the hypothesis, &2 is only a reference to the

noise, and only on the diagonal of the matrix R, , the noise of other array after the pretreatment of the
formula(6) has been effectively suppressed.
Similarly, any lower triangular element R, (j,i),1> j of the matrix R, can be expressed as:

R,(j.i)==2;'R.a;(8) (11)
According to the formula (9) and (11) , it shows that the matrix R, can be expressed as follows:
R, = A@)RABG)" +c21 ., (12)

In the formula(12), A(@) is the Vandermonde matrix, and the incidence angle &, is not the same, so

the A(@) is the column full rank matrix, whose Rank is N; The rank of R, is diagonal matrix, and the
signal is not zero, so the rank of the reconstructed matrix is equal to the number of incident signals.
The correct signal subspace and feature subspace can be obtained by eigen value decomposition of
the matrix R,. Based on the reconstruction of the equivalent covariance matrix R, , the MUSIC
algorithm is used to solve the incident signal DOA. So the following steps of the proposed algorithm
are summarized in this paper:

Stepl: get the single snapshot data of the array receiving; Step2: construct the equivalent
covariance matrix R;; Step 3: using R,and the data of reference array to preprocess the data of single

snapshot; Step 4: construct the equivalent covariance matrix R, ; Step 5: carry out DOA estimation
by using MUSIC algorithm.

4. Simulation Analysis

In this section, we present several simulation examples to illustrate the performance of the
proposed algorithm as compared to some of the existing methods. In order to verify the algorithm's
effectiveness, the proposed algorithm (abbreviated as single snapshot ,SSP) and Toeplitz
algorithm ,spatial smoothing algorithm (abbreviated as SSM)and singular value decomposition
algorithms (abbreviated as SVD) are compared through the simulation test.

We assumed that the array is uniform linear array with 8 sensors and the antenna spacing is half
wavelength. The additive noise is zero mean uniform white noise, and the target signals are coherent
signals.

Simulation 1: the influence of snapshot numbers on the algorithm.

In this simulation, we assumed that three target signals of equal power with angles

6,=-40°,6,=-20°,0,=0° and SNR =20dB, using music algorithm for spectral peak searching, the
searching precisionis 1° . When the snapshot number is 1000, the simulation results of the algorithm
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of Toeplitz, SSM, SVD and SSP are shown in Figure.1. When the snapshot number is 1 with other
simulation conditions not changed, the simulation results are shown in Figure 2. It can be concluded
from Fig. 1 that when the snapshot number is large, all algorithm can accurately estimate coherent
signal DOA, but the spectrum peak of proposed algorithm is sharper than the other three algorithms.
It can be seen clearly from Fig.2 that when the snapshot number is 1, the SSM algorithm and SVD
algorithm completely failed to work, which unable to estimate coherent signal spectrum peak, and the
Toeplitz algorithm can barely able to estimate the signal peak, but have a slight deviation. However,
the proposed algorithm can accurately estimate the spectrum peaks of three coherent signals which
have no significant difference between to that of large number snapshot.
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Simulation 2: the effect of incident angle on the algorithm.

In this simulation, we assumed that three target signals of equal power with angles
6,=-40°,6,=-35°,0,=0° and SNR =20dB, using music algorithm for spectral peak searching, the
searching precision is 1° . When the snapshot number is 1000, the algorithm in this paper, the
simulation results of the algorithm of Toeplitz, SSM, SVD and SSP are shown in Figure.3. It can be
seen from Figure. 3 that due to the loss of the array aperture, it is difficult for the other three
algorithms to obtain the orthogonal subspace to the signal and the noise subspace, and it is difficult to
estimate two target signals with similar angle of incidence (a difference of 5 degrees).The proposed
algorithm can accurately estimate the two adjacent signals due to preserve the aperture of the array.
When the snapshot number is 1 with other simulation conditions not changed, the simulation results
is shown in figure 4. Obviously, when the sample data is small, the algorithm can still estimate the
two adjacent signals, which is not affected by the number of snapshots.

Simulation 3: The variation of proposed algorithm estimation error with signal to noise ratio

To avoid the influence of the resolution of the algorithm, we assume that, three target signals of
equal power with angles 6,=-40°, 8,=-20°, 6,=0°, for single snapshot data, SNR changes from -10dB

to 10dB by step 2dB, using music algorithm for 100 times Monte Carlo simulation, The mean square
error (RMSE) of the algorithm varies as shown in Figure.5. RMSE is defined as follows:

RMSE:[Lii(Q —g.jT (13)
NxPZ TP !

Among them, N is the number of incident signal, P is the number of independent experiments,
0, is the standard value of the incident signal, ép is the DOA estimation of target single. As can be

seen from Figure 5, with the increase of SNR ,the algorithm of estimation error decreased obviously.
Compared with the other three algorithms, the proposed algorithm has lower RMSE than that of the
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other three algorithms in the low SNR scenarios. With the improvement of signal to noise ratio, the
estimation errors of all algorithms tend to be consistent, and there is no significant difference.
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5. Conclusions

In this paper, we have proposed a new single snapshot of coherent signal DOA estimation
algorithm based on the analysis of the existing the limitations of decorrelation algorithms. very
efficient DOA estimation method for weak coherent signals with strong jamming environment.
Without assistance of the DOA information of the strong jamming signals ,firstly, via the modified
Toeplitz matrix, the decorrelation of the coherent weak signals is carried out in this algorithm. Then,
the feature vector of the strong jamming is removed from the signal subspace. Finally, the DOA of the
weak signal is estimated with the MUSIC algorithm. A number of simulations demonstrate that our
proposed method provides a better DOA estimation performance than traditional method, especially
for correlated signals. The equivalent covariance matrix is reconstructed by using the single snapshot
data, without loss of the array aperture , the algorithm can achieves better performance. The proposed
algorithm has low computational complexity, and the estimation accuracy is better than that of the
existing algorithms in small sample size. Computer simulation results verify the effectiveness of the
proposed algorithm, which is suitable for the DOA estimation problem in high mobility scenarios.
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