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ABSTRACT

Fast algorithms based on the matriz sign function are
developed to estimate the signal and noise subspaces of
the sample correlation matrices. These subspaces are
then wutilized to develop high resolution methods such
as MUSIC and ESPRIT for sinusoidal frequency and
direction of arrival (DOA) problems. The main feature
of these algorithms is that they generate subspaces that
are parameterized by the signal-to-noise ratio (SNR).
Significant computational saving will be obtained due
to the fast convergence of these higher order iterations
and to the fact that subspaces rather than individual
eigenvectors are actually computed. Simulations show-
ing the performance of these methods were also pre-
sented.

1. INTRODUCTION

In most applications of subspace methods in sinusoidal
and direction of arrival estimation problems, the signal
or noise subspace is required rather than the individual
eigenvectors to derive high resolution methods such as
MUSIC and ESPRIT. These subspaces are tradition-
ally computed using eigendecomposition or (singular
value decomposition) of the covariance matrix of the
data. Both of these techniques require explicit compu-
tations of eigen (singular) vectors and eigen (singular)
values. A considerable computational effort can be
achieved if these subspaces are computed without the
need to compute the associated eigenvalues or eigen-
vectors. In this paper we propose efficient subspace
separation methods which can be implemented using
matrix sign function algorithms. The most salient fea-
tures of these algorithms are that they are globally
convergent in that they converge from almost any ini-
tial condition (in the sense of probability one). Second,
a technique is available which generates rth order al-
gorithms for any r» > 2. They are also self correcting
in that any mistake in one step of the computations

will be corrected in the subsequent steps. All these
features combined together provide a close to ideal al-
gorithms for subspace computation. In this paper we
show that the matrix sign function provides a good
tool for deriving such algorithms.

The matrix sign function is a special case of the ma-
trix sector function and is thoroughly studied in the
literature. The matrix sign function has a wide range
of applications in approximation and computational
methods, control theory, eigendecomposition and spec-
tral theory. It is also used in the computations of roots
of matrices and sector functions [1]-[2] and [4]-[5]. In
[12] the matrix sign function was utilized for the sepa-
ration of eigenvalues in specific regions in the complex
plane such as squares and rectangles. A comprehensive
presentation of the history of the matrix sign function
including its applications and computation in the last
two decades is given in [7]-[10].

Let A € (C™*™ be diagonalizable nonsingu-
lar matrix having no negative eigenvalue such
that P~1AP = diag(\, -+, \m), then the ma-
trix sign function is defined as S = sign(A) =
P~ Ldiag(sign()\y), - - -, sign(\y,)) P, where for any z =
x +iy € C with z # 0,

sign(z) = sign(z + iy) = sgn(x) (1a)
wo={1, Wiy

Note that S? = I and SA = AS. Thus the sign func-
tion algorithm will map eigenvalues with positive real
parts to 1 and those with negative real parts to -1.
Note that sign(A) is not defined when A is singular.

2. MATRIX SIGN FUNCTION
METHOD

In this section we develop fast and efficient algorithms
for computing the matrix sign function of complex ma-
trices. To derive higher order fixed point iteration for



computing the matrix sign functions let C,.(Y) and
D,.(Y) be polynomial matrices defined as

(5]
r _
=y (21>Y 2 (2a)
=0

(5]

D, (V) = ; (21: 1) y 2=t (2b)

where [Z] is the largest integer less than or equal to f.

For each positive integer r we define ®,(Y) =
D.(Y)"'C.(Y). When r = 2, this reduces to the
standard Newton method where Cy(Y) = Y2 + I and
Dy(Y) = 2Y and hence ®(Y) = (2Y) 1(Y2 +1). In
the next result some properties of ®, are presented.
Theorem 1. Let A and S be nonsingular matrices
and let S be the matrix sign function of A. Let C,
and D, be as defined in (2) forr > 2. Let (V) =Y,
then for r > 1, ®, can recursively be generated as
follows

2.(Y) = {21 (V) + Y} H{Y®, 1 (Y) + I}, (30)
and for 1 <l <r,
@, (V) = {@ri(V) + &(V)}H{E (V) @,
Moreover, ®,. satisfy the following

(i) 2.(Y) ={(Y +8) = (Y =9} HY +9) +
(Y = S)7}8.

l(Y) + [m}'
(3b)

(i) ®,.(Y) =S+ (28) " (Y -8)"+O(Y — S) L.
(iii) @2r(Y) = (22,(Y))"H(R(Y) + In).

(iv) @nr(Y) = {Dn(®(Y)}{Cn(24(Y))}-

(v) @(®s(Y)) = @s(@r(Y)) = Brs (V).

(vi) @,2(Y) = &,(®r(Y)).

(vii) ®,1(Y) = &.(®y(--- (2,(Y))).

(viii) ®, satisfy the following initial value problem
7 (Y) = r{(Y = S)(V + )} (2 (Y) -
S) (@, (Y)+9)} w1th ®,.(S5)=S.

Additionally,

1.

Proof. See [3].

The notation O(x) means that Og(f) remains bounded
near z = 0. Using this theorem we will generate a fixed
point function of order r > 2 which will be used later
to compute the matrix sign function of a nonsingular
matrix which is the utilized to compute the signal and
noise subspaces. Based on the last theorem, one may
develop the following algorithm.

Algorithm 1

®,.(Y) is odd for all positive integers r >

(i) Set Yy
Fork=1:N
(i) C.(V) = Y02L () vy
(i) Dr(Ye) = ZEO (2l:—1)Ykr_2l_1

(IV) Yk+1 = Dr(Yk)ilcr(Yk)

= A and choose r > 2

It can be shown from Theorem 1 that the error for-
mula for the above algorithm has the form

(Vi1 = ) (Vi1 + )70 = {(YVi = S) (Vi + )71}
As can easily be seen from this error formula, the con-
vergence of Algorithm 1 is rth order. Also it was ob-
seved from several simulations that for most practical
applications N = 3 or 4 is sufficient to achieve conver-
gence to the matrix sign function.

3. APPLICATIONS TO
SINUSOIDAL AND DOA
PROBLEMS

The sinusoidal frequency and DOA estimation prob-
lems are of interest in many applications in radar,
sonar, and seismology. Several approaches have been
developed over the years and among the well-known
approaches to this problem are the matrix pencils and
subspace methods [6] and [12]-[14]. The DOA prob-
lem can be formulated as follows. Consider a linear
array of p sensors and ¢ multiple narrow-band signals
impinging on the array with DOA angles 6;,6,,---,6,.
Assuming that p snapshots are available, the received
signal at the array can be expressed as

x(k) = A(0)s(k) + v(k), (4a)

where s(k) € C? (C is the field of complex numbers) is
a vector of complex signals of ¢ wavefronts

s(k) = [s1(k) s2(k)

v(k) is a p x 1 vector of additive noise in sensors with

vk, (de)

sq(k)]17,  (4b)

v(k) = [vi(k) va2(k)
and A is p X ¢ matrix
A(0) =[a(61) a(b>) a(ty)],  (4d)

with a(f) = [1 eiw(® ei2w(®) i Dw(0) T
being the steering vector of the array toward the di-
rection #. Here w(f) is some known function which
is solvable for 8. It is also assumed that the signals



and additive noise are zero-mean stationary complex-

valued random processes such that Efv;(k)v; (k)] =

028;_; for i = 1,---,q, where o2 is the variance of v.
Here E[.] and * denote the expectation, and conjugate
transpose operators, respectively. Thus, the spatial
p X p covariance matrix of the array output is given
by R, := E[x(k)x*(k)] = A(Q)Rs;A(0)* + 021, with
Rs; = E[s(k)s*(k)] is ¢ x ¢ covariance matrix of s and
I, is the p x p identity matrix. Note that the minimum
eigenvalue of R, is equal to o2 with multiplicity p — q.

The frequency estimation problem can be posed as
the determination of a set of complex sinusoids from
the measured output z(k) in the presence of measure-
ment noise, i.e.,

z(k) = s(k) + v(k), (5a)
where .
s(k) = ZAie_jQkai’ (5b)

and the noise process v(k) is assumed to be indepen-
dent of z(k), A;, and f; are the amplitude, and fre-
quency of the ith complex sinusoid, respectively.

The methods discussed in this paper will handle
both types of problems, the DOA in (4) and sinusoidal
frequency estimation (5).

Let R, be the sample covariance matrix of (k) and

assume that the eigenvalues of R, are sorted in de-
creasing order sothat Ay > Ao --- > Ay > A1 =+ =
A\, = o2 with corresponding eigenvectors {u;}?_,. The
eigenvectors {u;}7_; are usually called the signal vec-
tors which span the signal subspace with projection
U U = 3., usuj and the eigenvectors {u;}?_ | are
called the noise vectors which span the noise subspace
with projection U,U; = >.7_ . wui. When the
noise v(k) is white process, A(f)RsA*(8) = UsA2U?,

1
where A = diag(Ai, A2, -, ;) and hence A()RZ =
U;AV for some orthogonal matrix V. Therefore,

1
UrA@)R; = UiU,AV = 0 from which it follows
UnA(6;) = 0 or equivalently {u;};_, ,, are orthogo-
nal to {a(#;)}7_,. The signal subspace is spanned by
{a(6;)}7_, and thus the last relation simply means that
the vectors {ui}f:q+1 span the noise subspace.

Since R, is positive definite, all its eigenvalues are
non-negative and thus the matrix sign function of R,
is I,. In this case we have to use a shifted version of
the sign function algorithm. Let R, = Ry —ntr(Ry)I,.
The number 7 is empirical and is dependent on appli-
cations and signal-to-noise ratio (SNR). In our simu-
lations we used 0 < n < 0.2. This implies that the
pure signal energy is 80% of the total energy. Thus
the matrix sign algorithm maps the matrix R, into
U=Us; — U, with Us + U,, = I. Therefore Us; = #

and U, = % Here U, are orthogonal matrices

whose columns are the eigenvectors corresponding to
the positive and negative eigenvalues of R,, respec-
tively. Once the signal and noise subspaces are esti-
mated, high resolution methods such as MUSIC, ES-
PRIT, or Root-MUSIC can be used to determine the
frequencies.

4. SIMULATIONS

Several data sets were generated using the equation
z(k) = Aje= 2™k L Aye=i2ml2k (), (6)

where A; = 1.0, A2, = 1.0, f = 0.5, fo = 0.52 and
k= 1,2,---,25. Note that fo — fi = .02 which is
less than % = 0.04, the Fourier frequency. The SNR

2
for either sinusoids is defined as 10log;o(%), where
s(k) = Aje=2mhk  Aye=i27F2n and o2, o2 are the

v
variances of s(k) and v(k), respectively. The additive
noise was colored and generated by passing a complex
white Gaussian process of unit variance through an
FIR filter with impulse response {1,1,1}. The size of
each matrix was chosen to be p=15 which in the pres-
ence of Gaussian noise has effective rank two. The
matrix sign function algorithm based on Theorem 1
with r = 2 was used for the computation of the signal
subspace and noise subspaces. Figures 1 and 2 display
the peaks for SNR=5, 0 dB using the covariance ma-
trix of size p = 15 and n = 0.2. One can see from
these figures that a fairly accurate results can be ob-
tained even for very close sinusoids at low SNR and
the presence of colored noise.

5. CONCLUSION

The purpose of this article has been to develop several
robust and numerically efficient methods for the com-
putation of the principal subspaces required in deriving
high resolution methods for sinusoidal frequency and
direction of arrival estimation problems. These prin-
cipal subspaces were derived using higher order itera-
tions for computing the matrix sign function of com-
plex matrices. Specifically, given any positive integer
r > 2, we presented a systematic way of deriving rth
order convergent algorithms. For r = 2, and r = 3,
the techniques of this paper become the Newton’ and
Halley’s methods respectively for solving the equations
S? =T and SA = AS.
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Figure 1: Spectral peaks at f; = 0.5 and fs = 0.52
with SNR = 5dB. The top plot resulted from applying
exact MUSIC-based estimator, while the bottom was
generated using Algorithm 1.
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Figure 2: Spectral peaks at f; = 0.5 and f, = 0.52
with SNR = 0dB. The top plot resulted from applying
exact MUSIC-based estimator, while the bottom was
generated using Algorithm 1.



