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Towards Low Latency and Resource-Efficient FPGA
Implementations of the MUSIC Algorithm for

Direction of Arrival Estimation
Uzma M. Butt1, Shoab A. Khan1, Anees Ullah2, Abdul Khaliq1, Pedro Reviriego3 Ali Zahir 4

Abstract—The estimation of the Direction of Arrival (DoA) is one
of the most critical parameters for target recognition, identification
and classification. MUltiple SIgnal Classification (MUSIC) is a
powerful technique for DoA estimation. The algorithm requires
complex mathematical operations like the computation of the
covariance matrix for the input signals, eigenvalue decomposition
and signal peak search. All these signal processing operations make
real-time and resource-efficient implementation of the MUSIC al-
gorithm on Field Programmable Gate Arrays (FPGAs) a challenge.

In this paper, a novel design approach is proposed for the FPGA-
implementation of the MUSIC algorithm. This approach enables
a significant reduction in both FPGA resources and latency. In
more detail, the proposed design enables the estimation of DoA in
real-time scenarios in 2µsec with 30% to 50% fewer resources as
compared to existing techniques.

Index Terms—Direction of arrival, MUSIC, Array Signal Pro-
cessing, FPGA.

I. INTRODUCTION

Direction of Arrival (DoA) estimation is a major component
in many electronic warfare for tactical and strategic applications.
Active surveillance systems like Radars transmit a pulse and
receive its reflected echo to locate a target. Instead, self-
protection systems are passive schemes that intercept a target
without transmitting any signal. The basic functionality of such
systems is to provide an early warning of possible threats
by intercepting the radiated emission, separating it from the
noise and measuring the signal parameters to gather strategic
and tactical electronic intelligence. Self-protection systems also
need to differentiate between friendly and hostile emissions
based on the received signal characteristics. The received signal
has many associated parameters like frequency, duration of the
transmission, pulse repetition frequency and DoA. Among all
these, DoA is the only parameter that cannot be changed on a
pulse to pulse basis [1]. So the accuracy of DoA estimation is
of extreme importance for the classification and identification
of the emitter.

Accuracy for DoA estimation is a major concern which
depends upon several factors. These factors include the ar-
ray structure, receiver structure, computing platform, and the
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algorithms used. DoA estimation is also a function of the
antenna pattern. It is also dependent upon the resolution of
the digitized data, the synchronization between data acquisition
of the different antenna chains, the computation response time
and the implemented algorithm. The ever-increasing density
of the Electromagnetic (EM) environment further adds to the
challenges of accurate measurement of DoA.

Many algorithms have been devised that offer different levels
of complexity, output accuracy, resolution, and closely spaced
target distinction. These algorithms include mono pulse ampli-
tude comparison methods, phase comparison methods and sub-
space methods [2]. With the advent of array signal processing
[3], [4] the spatial estimation of the DoA is becoming more
common due to its inherent characteristics [5]. The subspace
or the spatial estimation methods produce reliable and stable
results even with signals having a low Signal to Noise Ratio
(SNR) and that is an ever-growing demand for DoA estimation
in the saturated EM environment. The MUSIC algorithm is a
subspace method that offers high accuracy and closely spaced
target distinction at the cost of high complexity [6].

The MUSIC algorithm has three main building blocks i.e. co-
variance matrix computation, Eigenvalue Decomposition (EVD)
and peak search. All stages of the MUSIC algorithm offer
different levels of complexity, EVD being the most expensive in
terms of time and resources. This complexity makes the MUSIC
algorithm less attractive for real-time implementation despite its
high accuracy and closely spaced target distinction.

The design approach proposed in this paper modifies the data
flow of the MUSIC algorithm by the addition of Virtual Array
Reduction (VAR) and Normalization blocks. The VAR block re-
duces the dimensionality of the input space by intelligent sensor
selection while the normalization enables EVD simplification
leading to resource and latency savings.

In more detail, the main contributions presented in the rest
of the paper are summarized in the following points:

• Introducing the VAR (Virtual Array Reduction) technique
that reduces the number of antenna signals that need to
be processed reducing the the processing requirement to
almost one fourth along with improving the FPGA resource
utilization.

• Normalization of the covariance matrix. The algorithm
is devised to provide reliable outputs in a dense EM
environment. Stable output at SNR as low as 4.37dB
requires a larger number of bits for each element of
the covariance matrix resulting in high FPGA resource
utilization. This requirement grows exponentially with each
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subsequent stage. The normalization of covariance matrix
reduces the resources needed.

• Reducing the processing time by limiting the array dimen-
sion for spectral peak search. Peak search is restricted
within 3dB intercept points of the maximum receiving
antenna.

• The concurrent processing of amplitude and phase of a
signal requires considerable resources in the FPGA. In this
paper MUSIC algorithm is implemented by considering
only amplitude (real part) of the signal. This follows the
works in references [7]-[9] who devised different transfor-
mations to convert the complex data set to a real- valued
data set in order to avoid complex value computation in the
MUSIC algorithm. Similarly, [10] and [11] also considered
only the amplitude of signal in MUSIC computation by
separating the data set into real and imaginary parts and
then using real parts for DoA estimation in order to reduce
the computational complexity of the algorithm. All the
designs proposed in [7] - [11] acquire complex data and
perform some computation to obtain a real-valued data
set at certain stage of the algorithm. Contrary to these
approaches our proposed design does not require any
complex data at any level. Our algorithm only acquires the
real-valued signal as the input to the MUSIC algorithm.

The proposed modifications by employing simple mathemati-
cal techniques provide significant savings in resource utilization
and processing latency without compromising the accuracy of
the DoA estimation. This is due to the fact that these techniques
not only simplify the overall design but also reduce complex
operations that require costly IPs like CORDIC and limit the
RMS error to 0.49°. This meets the requirement of most real-
time systems as for such systems an RMS error less than 1°is
required. The rest of the paper is organized as follows: Section
II discusses the basics of the MUSIC algorithm, section III
gives a brief overview of related works, the proposed design
is presented in section IV. Evaluation results are presented in
section V and the conclusion with future work in section VI.

II. MULTI SIGNAL CLASSIFICATION ALGORITHM (MUSIC)

As discussed in Section I, the accuracy of DoA estimation is
of utmost importance in many applications like radars, sonar,
medical imaging, and many others. Various algorithms have
been devised to address this problem. In 1979 Schmidt [12],
proposed the MUSIC algorithm for determining the DoA in
the spatial domain. It provided the basis for DoA estimation
using array signal processing. Estimation of the angle through
the spatial spectrum is a specialized signal estimation technique
of array signal processing that utilizes sensor arrays to extract
space signal parameters. The entire signal space is divided into
three parts; the incident signal space, array receiver, and pa-
rameter estimation [13]. The MUSIC algorithm is implemented
in the parameter estimation part. The MUSIC algorithm has
three stages; computing the covariance matrix of the acquired
data, characteristic decomposition of the covariance matrix in
signal subspace and the corresponding noise subspace that is
orthogonal to it, and finally the spectral peak search using
these orthogonal subspaces and hence the DoA. Each stage is
described briefly in the following subsections.

A. Signal Acquisition
The MUSIC algorithm requires the complex signals of the

antenna array to compute the DoA. It assumes that the signals
are received by planar waves from a far-field source and that
all the receiving channels have the same characteristics. The
elements of the array are uncorrelated with variance σ2, zero
mean and Gaussian noise ηm(t).
B. Covariance Matrix

Although all the chains process the received data from each
antenna independently, the received signals have certain relation
with each other that can be exploited to find the DoA. The
covariance matrix of the input data is computed to develop
a linear relationship between signals received by all receiver
chains that is then used to estimate the DoA.
C. Eigen Value Decomposition

The main idea behind the MUSIC algorithm is the charac-
teristic decomposition of the covariance matrix into signal and
noise subspaces. This takes the signal from the time domain
into the subspace domain. The eigenvalue decomposition that
involves eigen values and eigen vectors that are used to find
the point where the maxima of covariance of input signal
lies. Many methods exist for finding the eigenvalues of the
incident signal covariance matrix like the Exact Jacobi method,
the Jacobi method [14],[15], and the algebraic method [16].
Some other techniques for fast computation of SVD (Singular
Value Decomposition) and EVD have also been proposed in
[17]. Among all these techniques [16] is found to be the most
efficient and has less computational requirements. This method
implements the following mathematical model. If a, b, c are
the variance of received data and d, e, f are the covariance of
received data with respect to each other. The covariance matrix
is represented as:

M =


a d e
d b f
e f c

 (1)

p = det(M − Iλ) (2)

To find the eigenvalues p, the equation (2) is set equal to zero.
The characteristic equation can be written in simplified form
as:

λ3 + kλ2 + lλ+m = 0 (3)

where
k = −(a+ b+ c) (4)

l = ab+ bc+ ac− f2 − e2 − d2 (5)

m = af2 − abc− 2fde+ be2 + cd2 (6)

The implementation of the solution for (3) is non-trivial when
implemented in FPGAs. Simplifying the equation by substitut-
ing λ = x− k

3 . The resulting equation is:

x3 + px+ q = 0 (7)

where
p = −1

3
k2 + l (8)

q = m+
2

27
k3 − 1

3
lk (9)
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As the covariance matrix is symmetric and positive definite we
can substitute:

x =

√
−4p
3
y (10)

This produces

4y3 − 3y =
3q

p
√

−4p
3

(11)

From trigonometric relations:

cos3α = 4cos3α− 3cosα (12)

and substituting y = cosα, we have:

cos3α =
3q√
−4p
3

(13)

Thus the eigenvalue decomposition produces the three eigen-
values. The eigenvalues are expressed as:

λ1 = x1− k

3
= βcosα− k

3
(14)

λ2 = x2− k

3
= βcos(α− 2

π

3
)− k

3
(15)

λ3 = x3− k

3
= βcos(α+ 2

π

3
)− k

3
(16)

where

β =

√
−4p
3

(17)

α =
1

3
(
π

2
− arcsin 3q

pβ
) (18)

D. Spectral Peak Search
To find the spectral peak, the eigen vectors of the incident

signal covariance matrix are steered over the antenna response.
The point where the noise subspace finds its minima is the point
of maxima for the signal subspace. The DoA is estimated from
the noise subspace. The spectrum function is defined as:

Pm(θ) =
1

aH(θ)EnEHn a(θ)
(19)

The denominator in equation (19) shows the inner product of
the signal vector a(θ), noise matrix En, their Hermitian matrices
aH(θ) and EHn . When a(θ) is orthogonal with each column of
En, the value of this denominator is zero, but because of the
existence of the noise, it actually has some minimum value. At
the point of minima for denominator Pm(θ) has its peak. By
this formula, making θ change will estimate the arrival angle
by finding the peak. The direction where the spectrum function
has the maximum value corresponds the estimated DoA.

The effectiveness of the MUSIC algorithm depends on the
signals being uncorrelated. The more the signals are uncorre-
lated, the better the performance of the MUSIC algorithm is.
It can distinguish between two closely spaced targets through
spatial spectrum analysis for the estimation of DoA. Optimal
implementation of any algorithm for a practical application
imposes multiple constraints. These may include processing
platform and environment characteristics. For example, in any
passive direction-finding system, the signal received from the

noisy environment has considerable variations. Then this signal
is digitized by the Analog to Digital Converters (ADC) for
further processing. The accuracy of the calculated data can
be increased by a high resolution ADC. However, there is
always a trade-off to be made between the number of bits of
the ADC and the required FPGA resources. It is desirable to
use a small number of bits as possible to manage the FPGA
resources but not compromising the overall performance of the
algorithm. Similarly, the operational SNR of the system also
contributes towards the resource utilization. To make the system
stable for lower SNR values, more FPGA resources are required.
The MUSIC algorithm is based on estimating the expectation
of the input signal. The expectation provides better accuracy
with a large number of samples (ideally approaching infinity)
from as many sensors as possible. However, for a real-time
implementation a compromise has to be made between the algo-
rithm complexity and output accuracy. Further implementing the
phase discrimination hardware to acquire amplitude and phase
of signal is costly and challenging. Its processing requires more
complex algorithms and significant resources on the FPGA.
Utilizing only the real part of the signal not only simplifies the
receiving end but also reduces the FPGA resources to almost
half.

III. RELATED WORK

MUSIC is a subspace algorithm for estimating DoA. There
is plenty of research available on the implementation of the
MUSIC algorithm on FPGA. The algorithm has been studied
extensively for different array structures, input data type/length,
accuracy, SNR and number of snapshots [18] - [22]. Variants
of the MUSIC algorithm like root-MUSIC algorithm [23],
improved MUSIC algorithm [24] or modified MUSIC algorithm
[25] have been proposed to reduce the algorithm complexity.
The authors in [5] propose a robust technique for DoA esti-
mation based on the MUSIC algorithm. The proposed methods
offer a high degree of accuracy but they require considerably
high time for DoA estimation. The advent of modern radars
impose strict timing constraints on processing algorithms. To
work in a real-time system the algorithm should be able to
process millions of pulses per second. However the method pre-
sented in [5] produces the result in 1 ms, thus can process only
1000 pulses per second which does not suffice the requirements
of a real-time system. Another modification of the MUSIC
algorithm, HFMA is proposed in [26]. The HFMA algorithm
bypasses the eigenvalue decomposition which is the most ex-
pensive block of MUSIC algorithm implementation. It also uses
conjugate symmetry of covariance matrix and iterative data
storage to reduce data exchange time. Though [26] estimates
the angle in 25.5µ sec which is significantly less than 1ms as
presented in [5], it still can only process at maximum of 40000
pulses per second which again does not meet the real-time
DoA estimation requirements. All the proposed modifications in
HFMA utilize complex mathematical models that require com-
plex IPs (like CORDIC) for implementation resulting in high
resource utilization. Likewise, high speed parallel optimizations
for implementation of the MUSIC algorithm are presented in
[27]. Though the scheme proposes a MUSIC algorithm without
eigenvector decomposition of covariance matrix still it requires
354µ sec to estimate DoA that is impractical for any real-time
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system.
To overcome the high computational and processing cost of

eigenvalue value decomposition for DoA estimation using the
MUSIC algorithm, an efficient approach for EVD is presented in
[28]. The proposed method exploits the symbolic consistency of
tangent function to avoid the calculation of rotation angle. The
efficiency of the method proposed in [28] is compared for dif-
ferent number of sensors. The processing time decreases while
reducing the array size. An array of 4 elements requires nearly
380µ sec for DoA estimation. However, it offers a slightly
higher accuracy of 0.3°while consuming considerably high
resources. A LU(Lower-Upper) factorization based technique
is presented in [29]. The implemented technique performs LU
factorization of the covariance matrix of the input signal before
performing EVD. LU factorization performed on 4 element
ULA(Uniform Linear Array) leads to reduce the utilized FPGA
resources, but still it does not satisfy the real-time requirement
of pulse density. Among all presented algorithms in [29] LU-
L(Lower-Upper factorization - Lower Triangle Matrix) is the
most computationally efficient. It requires 3.95µ sec at 40
MHz for DoA estimation that enables to process 0.254 MPPS.
Another efficient FPGA-based hardware implementation for
DoA estimation using MUSIC algorithm is detailed in [30].
The paper proposes two approaches for DoA estimation using
Cholesky and LDL decomposition techniques to avoid the high
computational cost of EVD. Both techniques give reasonably
good results for the consumed FPGA resources and computation
time. The techniques are able to process maximum 0.34 MPPS
for LDL for 16 bits data size. The techniques presented in [29],
[30] produce comparably good results at low SNR.
Therefore, real-time implementations of algorithms with a fewer
number of FPGA resources are of interest to fit all the al-
gorithms in a single FPGA. However, the implementation of
the MUSIC algorithm on FPGAs with fewer resources and an
acceptable real-time response is a challenge. In this paper, a
real-time implementation of the MUSIC algorithm with fewer
resources, better performance and improved output accuracy
is proposed and evaluated. To reduce complexity, only the
signal strength is taken as input. The complexity of the MUSIC
algorithm is further reduced by selecting the antennas with
maximum signal and discarding all others. To reduce the size
of the covariance matrix VAR is introduced in our proposed
design. Although the reduction of the antenna array has never
been used in tandem with the MUSIC algorithm, it has been
widely used in monopulse amplitude comparison techniques as
mentioned in [31] - [34].

IV. IMPLEMENTATION OF THE PROPOSED OPTIMIZED
MUSIC ALGORITHM ON XILINX FPGAS

In our approach, the implementation of the MUSIC algorithm
is modified by introducing two additional blocks: Virtual Array
Reduction block and Normalization block at appropriate stages,
as shown in Fig. 1.The proposed algorithm is implemented for
a six antenna UCA (Uniform Circular Array), but the same
approach is applicable to larger antenna arrays with a slight
modification in the Virtual Array Reduction block. Each stage
of the MUSIC algorithm is modeled carefully to achieve the
real-time implementation requirements. The normalization of
the covariance matrix reduces the required FPGA resources and

Fig. 1. Block diagram of the proposed Optimized MUSIC Algorithm.

simplifies the eigenvalue decomposition model. The algorithm
runs at 100MHz and estimates the DoA in 200 cycles only. The
eigenvalues computed from the covariance matrix of the input
signals are utilized to compute the eigen vectors. Eigenvalue
decomposition is a complex operation for implementation on a
hardware platform. As we are considering that the array will
receive a single signal at a given time t, the highest eigenvalue
will correspond to the signal subspace while the other two will
correspond to the noise subspace. The eigen vectors correspond-
ing to the noise subspace are steered through the antenna gain
pattern to search the peak for DoA estimation [35]. The resource
and time optimization is achieved by normalizing the covariance
matrix and limiting the peak search in an interval of 60°. The
algorithm is designed to perform well with low SNR for the
intercepted signal.

The additional blocks shown in Fig. 1 not only satisfactorily
manage the hardware resources but also significantly reduce the
processing time. These blocks also enabled the optimization of
the Algebraic method for EVD presented in [16]. This led to
two design approaches for the implementation of the MUSIC
algorithm:

• Design Approach I - Optimized MUSIC Algorithm
• Design Approach II - Optimized MUSIC Algorithm with

modified EVD block

The design is implemented in fixed point arithmetic.The de-
sign is required to work for dynamic range of 84dB. According
to [36], 14 bit digital data will suffice the requirement. So, inputs
from the sensors are taken as unsigned binary with fixed point
precision of 14 bits and 0 binary points (UFix14 0). Signed
binary numbers are also used in the design depending upon
the data. Data carries the nomenclature as UFixa b or Fixa b,
where UFix represents unsigned data, Fix represents signed
data, a and b represent fixed point precision of bits and binary
points respectively.
A. Optimized MUSIC Algorithm
1) Virtual Array Reduction

The number of array elements along with some other param-
eters define the resolution and accuracy of the estimated DoA.
Increasing the number of array elements increases the algorithm
complexity [37], FPGA resource requirements, and processing
time. Signal processing techniques and DoA estimation in
particular, are driven by matrix operations [29]. The matrix size
and the required operations determine the complexity of the
implemented algorithms. This is managed by adding a Virtual
Array Reduction block as presented in Fig. 2. The Virtual
Array Reduction block receives the data from all antennas
and compares the signal strength received by each channel for
maximum signal localization. As the algorithm is only based
on the amplitude of the received signal, the Virtual Array
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Reduction block compares the input of the antennas in pairs.
The comparison operation is performed in three stages in order
to reach the antenna that is receiving the maximum. The index
generator computes the index of the maximum signal receiving
antenna. Based on which the left and right antennas are selected.
The final stage of the VAR block ensures to select the maximum
signal strength with amplitude received by two neighbouring
antennas from the antenna array. This virtually reduces the array
elements from six to three. As the VAR block selects between
the input signals, the word length of the output is the same as
that of the input i.e UFix14 0.

Apparently, reducing the number of antennas may result in
some inaccuracies. It is worth mentioning that all the DoA
algorithms (either MUSIC or any other algorithm) work on
the basic assumption that the direction from where a signal
with maximum strength is received is taken as the Direction of
Arrival. Particularly in a UCA, if a system receives a signal
from a certain direction the antenna with maximum signal
reception along with two neighboring ones will receive the
largest signals and rest will receive either weaker, no or reflected
signals, that do not have much contribution to the computation.
Thus excluding those antennas from computation should not
introduce any relevant error.

Fig. 2. Virtual Array Reduction.

2) Covariance Matrix
In a passive surveillance system, all the signal receiving

channels are closely matched but independent of each other.
When a signal is received by any antenna array, different
elements of the array receive different signal strength and phase
for the same signal. The covariance block calculates the variance
and covariance of the selected channels. Variance calculates the
deviation of received data from its mean. It is given by the
following equation:

V =
1

N − 1

N∑
i=1

| Ai − µ |2 (20)

where

µ =
1

N

N∑
i=1

Ai (21)

Covariance computes the linear association of the received
data from the selected channels with each other. It is given by
the following formula:

Cov =
1

N − 1

N∑
i=1

(Ai − µA)(Bi − µB) (22)

If we consider all the six antennas of the UCA, the covariance
matrix will be having 21 distinct matrix elements. Selecting the
antennas using the Virtual Array Reduction block lowers the
processing requirement of covariance matrix calculation. In this
case only 6 distinct matrix elements are required. So reducing
the number of parallel running modules almost to one fourth.
The implementation of the covariance block is shown in Fig. 3.

All the calculation is performed using three snapshots for
each signal, which is the minimum requirement for correctly
characterizing a virtual array of 3 antennas. Increasing the
snapshots to any number will still result in 3x3 covariance
matrix. Addition of more snapshots does not affect the linear
relationship between the signals intercepted by the three an-
tennas. However, it surely increases the data acquisition time,
calculation of mean and covariance matrix. The mean µ of the
snapshots received by each antenna is calculated as shown in
equation (21). The value of mean is used to calculate variance
and covariance of the received signal using equation (20) and
equation (22) respectively.

Fig. 3. Covariance Matrix Calculation.

Equation (20) and (22) show that calculation of Variance
and Covariance involve Multiplication of input data followed
by addition and subsequently division. So for an input of
UFix14 0, the word length of Fix30 2 would suffice for ac-
curate computation.
3) Normalization of the Covariance Matrix

The algorithm should perform reliably for an input signal
with an SNR as low as 4.37dB (that is sufficiently low to
characterize a highly noisy environment). The requirement of
such a low SNR exponentially increases the required number
of bits for the covariance matrix. To deal with increase in the
number of bits and to keep the FPGA resource requirements
within limits it is proposed that data should be normalized at
the appropriate stage. In particular, once the covariance matrix
is computed, it is normalized for further calculation as shown
in Fig. 4.The normalization scales down the values of variance
and covariance and keeps the linear relationship between the
received signals unaltered. That is why normalization offers



6

optimization without compromising the accuracy at output. The
normalization enables us to reduce the number of bits for each
variable from 30 to 14 and a further reduction in subsequent
stages. The output of the normalization block varies between
0-1.Thus we set the output word length of normalization block
to Fix14 12 to represent the number accurately.

Fig. 4. Normalization of Covariance Matrix.

4) Eigenvalue Decomposition (EVD)
As the number of antennas is limited to three; the maximum

receiving antenna and two neighboring antennas on either side,
the size of the covariance matrix and subsequently the size
of the normalized covariance matrix are limited to 3x3. It
is worth mentioning that the covariance matrix for any set
of data is always symmetric and positive definite. Eigenvalue
decomposition of the covariance matrix is performed. It is
the most significant and critical block for DoA computation
when using the MUSIC algorithm. In this paper, the algebraic
method [16] is followed with a few modifications, for deter-
mining the eigenvalues of the normalized covariance matrix.
The mathematical model presented in (equations (4) to (18)
)is used to perform eigenvalue decomposition. Fig. 5 shows
the implementation of the EVD for Design Approach I. These
include an Arithmetic Logic Unit (ALU) for performing basic
mathematical operations followed by arcsin of angle α. These
values are used to calculate the eigenvalues and eigen vectors.

The ALU performs the basic arithmetic operations to calcu-
late k, l,m, p and q as per equations (4) to (9). These values
are used to caculate β. Arcsin unit calculates angle α utilizing
CORDIC and CORDIC SINCOS IPs.

We assume that one signal is incident at a time. So the largest
eigenvalue corresponds to the signal subspace, whereas the rest
of the eigenvalues correspond to the noise subspace. The row
reduction technique is used for calculating eigen vectors.

The row reduced echelon form of covariance matrices for
both eigen values are used for calculating the eigen vectors as
shown in Fig. 6. If the normalized covariance matrix is given
by equation (1). Equation (2) is modified as follows to obtain
the row reduced echelon form for eigenvalues corresponding to
the noise subspace. The row reduced echelon form of matrix
obtained will be:1 X Y

0 1 Z
0 0 1

EV1EV2
EV3

 =

0
0
0

 (23)

Fig. 5. Eigenvalue Decomposition.

From equation (23) the eigen vectors obtained will be:

EV1 = XZ − Y (24)

EV2 = −Z (25)

EV3 = 1 (26)

where

X =
d

(a− λ)
(27)

Y =
e

(a− λ)
(28)

Z =
f − de

(a−λ)

(b− λ)− d2

(a−λ)
(29)

This is the most expensive block of the entire design as its
implementation is based on Divide Generator, CORDIC and
CORDIC SINCOS IPs. All of these blocks require a large
amount of resources and more clock cycles for operation.
Therefore, efforts were made to optimize the algorithm in the
eigenvalue decomposition block to reduce the number of clock
cycles and optimize the FPGA resources.
5) Spectrum Peak Search

The MUSIC algorithm searches for the maxima in the signal
subspace. In fact, many techniques for finding spectral peak
search in DoA estimation using the MUSIC algorithm have
been proposed [38] - [40]. Here, to optimally use the hardware
resources and reduce the number of cycles, the minima of
noise subspace is used to find the angle of arrival in the given
sector. The peak search algorithm finds the angle within the
3 dB intercept point of antenna pattern in the sector. As the
UCA assumed in this paper has six equally spaced antennas,
the sectors formed by the six equally spaced antennae spans
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Fig. 6. Eigen Vector Computation.

Fig. 7. Spectral Peak Search.

almost 60°. It is known that the gain pattern of the maximum
receiving antenna decreases on either side of its main lobe. The
antenna gain pattern is an important variable of the peak search
algorithm and if we go beyond the 3dB intercept point it will not
only increase computation but can also cause false triggering.
Therefore, the peak search algorithm iteratively runs for sixty
angles with a step size of 1°in the sector of maximum receiving
antenna as shown in Fig. 7.

Fig. 8. Final Angle Estimation.

The final angle of arrival is calculated with respect to the
index of the maximum receiving antenna Fig. 8. The proposed
algorithm produces a result with desired accuracy (that is RMS
error of estimated angle is less than 1°). As the DoA has
maximum value of 359 it is represented in UFix9 0.
B. Optimized MUSIC Algorithm with modified EVD block

The implementation of the MUSIC algorithm on FPGAs has
two main issues. The first one is the logarithmic increase in the
number of bits with every computational stage that adds up to
the resource utilization of the FPGA. This is properly addressed
in design presented in the previous subsection as the logarithmic
increase of data is reduced by introducing normalization of the
covariance matrix. The second challenge is the use of costly
IPs like Divide Generators, CORDIC, and SINCOS in terms of
resources and time.

The analysis of different stages of the algorithm in the
previous subsection revealed that when the covariance matrix is
normalized, for any set of inputs, the values of the covariance
matrix varies between 0 and 1, thus producing l and m to very
small decimal values almost equal to zero. This is because when
the parameters a, b, c, d, e, f are normalized to be in the 0 to 1
range and represented in Q2.12 (aka Fix14 12) format (though
Q1.13 format is enough), any product would also be a value
in this range and it would get smaller whether it is a squaring
operation of a variable or a product term consisting of two or
more variables. Except for the equation of k which is a simple
addition of three parameters a, b and c, the equations for l
and m contain many terms which contribute very little, so if
neglected do not degrade the system output. The squaring terms
can be neglected, and the same logic applies to for example the
product term abc which will be orders of magnitude smaller than
the original terms. As such small values have no contribution
towards the calculation of eigenvalues so the equations can be
modified for eigenvalue decomposition.

Keeping this in mind, equations (8) to (18) are modified for
implementation of a further optimized design referred as Design
Approach II. The modified mathematical model is as follows:

p = −1

3
k2 (30)

q =
2

27
k3 (31)

Substituting the value of equation (30) and (31) the value of α
is modified as:

α =
1

3
(
π

2
− arcsin(−1)) (32)

Which shows that α is now a constant. It also shows that
many operations like multiplication, division, arcsin calculation
are no longer required and this enables to implement the algo-
rithm with fewer FPGA resources and number of clock cycles.
It also eliminates the computation of COS using CORDIC
SINCOS IP, replacing it by multiplication with a constant. Thus
the modified equations for eigenvalue computation become:

λ1 = x1− k

3
= β ∗ CONST − k

3
(33)

λ2 = x2− k

3
= βcos(CONST + 2

π

3
)− k

3
(34)
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Fig. 9. Optimized Eigenvalue Decomposition.

λ3 = x3− k

3
= βcos(CONST − 2

π

3
)− k

3
(35)

The implementation of the EVD optimizaton algorithm is
illustrated in Fig. 9. All the changes and modifications are in the
eigenvalue decomposition block. The comparison of Fig. 5 and
Fig. 9 shows the differences in the implementation. It can be
inferred from the figures that the simplified mathematical model
devised after the normalization of the covariance matrix not only
reduced the number of signals but also eliminated a significant
number of sub-blocks for the EVD. The results obtained are
better than for Design Approach I. It also improves the latency
and FPGA resource utilization as will be seen in the evaluation
results presented in the following section.

V. EVALUATION OF THE PROPOSED DESIGNS

Both variants of the MUSIC algorithm (Design Approach I
and Design Approach II) have been implemented for FPGA
using the Xilinx System Generator Tool [41] and released
as open-source [42]. The input from each sensor is taken
as an unsigned 14 bit that provides a 84dB dynamic range
to the system. The algorithm is implemented in fixed-point.
The antenna pattern is stored in 12 bits because increasing
the bit resolution for antenna patterns did not produce any
difference in the results. The algorithm was tested in software
and subsequently mapped to an FPGA using Zynq (XC7Z020-
CLG484-1) as the target hardware.
A. Comparison of the Two Design Approaches

Both designs are developed such that, the operating frequency
is 100MHz, output accuracy is comparable, acceptable range of
input amplitude is the same and both techniques should be able
to generate correct results for SNRs in the range of 4.37dB to
30dB. Keeping these constraints the same for both approaches,
the designs are compared for FPGA resource utilization, number
of clock cycles, and accuracy.
1) Test Setup

A Simulink test setup was designed to generate the test
signal in a sector that covers the FOV (Field of View) for the
maximum receiving antenna. The input signal is generated from

Fig. 10. Simulink Test Setup.

Fig. 11. SNR vs RMS Error on different input signal strength.

the 3dB intercept point of the maximum receiving antenna.
The span between the two intercept points depends upon the
placement of antennas. For a UCA of six antennae, each antenna
is placed 60°apart. So the FOV of each antenna is approximately
equal to 60°. The snapshots are varied by adding noise in
order to characterize the algorithm on wider range of SNR.
The Simulink test setup used is illustrated in Fig. 10. The
MATLAB function block provides the flexibility to change the
FOV, SNR and the input amplitude. Pulse generators provide the
necessary controls. 1D serializer along with the FIFO provide
rate transition of samples for hardware testing.

The two proposed schemes, i.e Design Approach I and Design
Approach II were validated on ZedBoard Zynq Evaluation kit
using Hardware Co-simulation. The design was ported to Vi-
vado [41],[43]. The post implementation behavioral simulation
was performed via test benches. The results obtained are similar
to Hardware Co-simulation. The developed algorithms are tested
for different input signals and varying SNR. From Fig. 11 it can
be seen that the the RMS error of the estimated angle remains
less than 1°for all cases.
2) Comparison of Resources and Timing

The resource utilization for both implementations (Design
Approach I and Design Approach II) are summarized in Table
I. It also presents the comparison of resources used by both
approaches which shows that Design Approach II requires
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TABLE I
COMPARISON OF TWO DESIGN APPROACHES

Resource
Type

Design Approach I Design Approach II Savings
(%)VAR + Cov EVD Peak Search +

Final Angle
Total

Resources
VAR + Cov

block EVD Peak Search +
Final Angle

Total
Resources

LUTs 2460 6304 133 8897 2149 4804 133 7086 20.3%
FF 3578 6483 212 10273 3009 4762 212 7983 22.3%

BRAM 0 0 0.5 0.5 0 0 0.5 0.5 0%
DSPs 24 26 8 58 18 10 8 36 37.9%

Clock(MHz) 100 100 0%
Latency (sec) 2.72 µ 2.0 µ 26.4%

TABLE II
TIMING CONSTRAINT SUMMARY FOR DESIGN FREQUENCY 100MHZ (NS)

Design WNS WHS WPWS Fmax (1/(10ns - WNS))

Approach I 0.551 0.023 4.02 105 MHz
Approach II 0.270 0.035 4.02 102.7 MHz

WSN - Worst Negative Slack, WHS - Worst Hold Slack,
WPWS - Worst Pulse Width Slack

Fig. 12. Input Angle vs Estimated Angle for DA-I and DA-II .

almost 20% fewer resources as compared to Design Approach
I. Likewise Design Approach I utilizes 272 cycles, whereas
Design Approach II utilizes 200 cycles. Thus almost 72 cycles
(almost 26%) are saved while implementing Design Approach II
along with FPGA resource optimization. The processing time
is about 2µsec, which is an adequate response time for any
real-time system. Timing constraints for both designs are sum-
marized in Table II.It can be seen that DA-I can be clocked at a
maximum frequency of 105 MHz while DA-II can be operated
at most at 102.7 MHz. A detailed analysis of the critical path in
DA-I revealed that it is determined by the divider generator IP
in the ARCSIN block passing through the FPGA carry-chains.
As the chain is connected with dedicated silicon wires for
fast propagation, mere application of optimization techniques
like pipe-lining cannot improve speed, instead optimization of
individual block IPs, for example, better Divider Generator can
reduce the critical path.

3) Comparison of RMS Error
Both techniques mentioned above estimate the DoA with a

high accuracy. The RMS error for both techniques is less than
1°for a wide range of SNR as shown in Fig. 11. The Design
Approach I gives an accuracy of about 0.74°as shown in Fig.
12 that shows that the angle of arrival is calculated accurately
through the entire FOV of the maximum receiving antenna.
Ideally the estimated angle should vary linearly with the input
angle, but due to some errors, there is a slight variation in the
estimated DoA.

When EVD block is optimized, it eliminates a few modules
from the EVD block. This elimination improves the RMS error
in Design Approach II. This is because the quantization in
the fixed point implementation introduces some errors at each
module and processing step. Therefore, when some of the
modules are eliminated the impact those quantization errors is
reduced. As a result, the Design Approach II has an RMS error
of as low as 0.49°. It is obvious from Fig. 12 that for Design
Approach I the estimated angle accurately follows the input
angle with exceptions at some points. For Design Approach
II from Fig. 12 it can be seen that the estimated angle more
linearly follows the change in the input angle.
4) Comparison of Power Consumption

Both design approaches are also compared for power con-
sumption. The power consumption of the proposed designs
was estimated with Vivado design suite with default settings.
Design Approach I utilizes 496 mW and Design Approach II
consumes 392 mW which are acceptable for practical systems.
This shows that optimizations implemented in Design approach
II also improved the design from a power utilization perspective.
B. Comparison with other Designs

The algorithm presented in this paper implements the
MUSIC algorithm in 1D. However the same algorithm can
be implemented for 2D arrays. If two concurrent modules of
the same MUSIC algorithm are implemented, one for azimuth
and the other for elevation, it will estimate the DoA in 2D. It
can be approximated that for estimation of 2D angle of arrival
the resources mentioned in Table I will double. It may also
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TABLE III
COMPARISON WITH OTHER TECHNIQUES IN TERMS OF SPECIFICATIONS

Resources This Paper Reference Reference Reference Reference Reference
Design Approach I/II [5] [26] [28] [29]LU L / LU U [30] LDL / CHOL

RMS error 0.49° +0.1° 1°or 0.1° 0.29° 0.022°- 0.027° 0.25°
Array size 6 8 8 (ULA) 4 4 (ULA) 8 (ULA)
SNR(dB) 4.37 - 30 15 – 10 5–30 0-25
Device Zynq Virtex-6 Virtex-6 Virtex-7 Virtex-5 Virtex-5

XC7Z020 LX130T XC7VX690T
Signal Source 1 3 1 1 1/2 1/2

Snapshots 3 2048 128 1000 500 500

TABLE IV
COMPARISON WITH OTHER TECHNIQUES IN TERMS OF RESOURCES, CLOCK FREQUENCY, AND LATENCY NORMALIZED W.R.T DESIGN APPROACH II

Resources This Paper Reference Reference Reference Reference Reference Reference Reference
Approach I [5] [26] [28] [29]LU L [29]LU U [30](LDL) [30](CHOL)

LUTs 1.26x 3.20x 3.39x 4.77x 1.65x 1.62x 1.54x 1.55x
FF 1.29x – 1.89x 1.90x 1.05x 1.05x 1.08x 1.09x

BRAM 1.00x 60.00x 512.00x – 10.00x 10.00x 10.00x 10.00x
DSPs 1.61x 3.35x 1.33x – 3.68x 3.33x 3.23x 3.20x

Clock(MHz) 1.00x 1.00x 1.48x 1.45x 0.63x 0.65x 0.59x 0.63x
Latency 1.36x 500.00x 12.75x 190.00x 1.26x 1.20x 1.48x 1.54x

add some more resources to synchronize the two dimensional
angle of arrival estimations. A 2D angle of arrival estimation
is also presented in [5]. The approach presented in the paper
[5] uses a large number of resources. Comparing the results of
this paper and [5], it is inferred that covariance block for both
approaches utilize same resources even though the approach
presented here includes the Normalization block. EVD and
Peak Search block use considerably less LUTs and BRAM but
more DSPs as compared to the approach presented in [5]. The
comparison of resource utilization of two approaches shows
that for 2D estimation the of angle of arrival using MUSIC
algorithm, the algorithm presented in this paper is efficient
as compared to the technique presented earlier in terms of
resources and number of consumed clock cycles. Similarly an
efficient approach HFMA is also proposed in [26]. Comparing
the algorithm presented in this paper with HFMA described in
[26] again concludes that HFMA is an expensive approach w.r.t
resource utilization. Likewise, on-off rotation method presented
in [28] requires high FPGA resources and computational
time with an incoming signal of 10dB SNR. The methods
presented in [30] and [29] suggest to apply some sort of matrix
operation like LU Decomposition (lower and upper triangle)
and LDL/ Cholesky decomposition of covariance matrix before
performing the eigenvalue decomposition. These operations
help to reduce the complexity of EVD and the computational
time but still require considerably high FPGA resources.
Instead, the methods presented in this paper require only
relatively simple operations like Antenna array reduction and
normalization to be performed on the covariance matrix that
considerably reduce computational time along with required
resources of FPGA.

1) Choice of word lengths for fixed point implementation

Our choice of word lengths is determined by the off the shelf
available ADC that fits the application requirements in terms
of sampling frequency and resolution along with the required
dynamic range of the system. Therefore, it followed a systematic

approach for selection of word lengths from the ADC output
to the final angle determination block keeping in mind the
computational demands of each block. It is worth mentioning
that our architecture utilizes variable word lengths from inputs
to outputs compared to literature work which seems to use a
fixed quantization. Our DA-I and DA-II are significantly better
in terms of slice registers, slice LUTs, BRAMs and DSP48
device utilization when compared to Figure 14 in Reference
[29] and Table 2 in Reference [30]. Interestingly, for 12/6
quantization (which means total word length is 12 bits in which
6 bits are used for integer) our DA-II is 3.33x, 2.45x, 2.31x
better than LDL in Reference [30] for slice registers, slice LUTs
and DSP48 resources. This is due to the fact that we have used
optimized variable quantization across the design blocks.

2) Comparison in terms of specifications

The comparison of proposed algorithm with [5], [26], [28],
[29] and [30] is presented in Table III. In this table designs are
compared in terms of their accuracy, array architecture, SNR,
simultaneous source handling and number of snapshots. Though
other techniques mentioned in this table offer better accuracy,
the accuracy offered by the algorithm presented in this paper
still satisfies the real-time requirements [44]. SNR is one of
most critical design constraints for any application. The ever
increasing dense EM environment makes it a very significant
design parameter for DoA estimation.This paper presents an
algorithm that can operate in a wide range of SNR. The papers
presented in [29] and [30] show a slightly better range in terms
of signal handling in a noisy environment but the SNR range
for design presented in this paper is comparable with them.
Signal sources refer to the simultaneous signal handling of
any algorithm. The algorithm presented in [5] is capable of
handling 3 simultaneous signals but on the other hand it requires
1msec to give a reliable output. The processing time is almost
500 times the processing time of algorithms presented in this
paper. Snapshots are the number of the samples for any given
signals. Number of snapshots should be carefully monitored
to avoid unnecessary computation but not compromising the
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overall accuracy.
As the design goal is to find the DoA for radar pulses as

narrow as 50 ns [45], the optimum number of samples that can
be acquired at 100 MHz is 3 (avoiding under/overshoot at the
rise/fall time of the signal). Reducing the number of snapshots
is not a new research direction in fact the authors in [46] have
shown the implementation of their algorithm with a single
snapshot. To have more samples per pulse, higher sampling
frequencies of the order of GHz should be used that would
increase the overall system complexity and cost and may not
even be feasible for large values. Therefore, the algorithms
presented in this paper compute the DoA with only 3 snapshots
(signal values captured at different times/ number of samples)
with comparable output accuracy and wide range of SNR. This
enables to compute the DoA for signals with duration in order
of nanoseconds.

3) Comparison in terms of Resources, Latency and Power
Consumption

The comparison of normalized resources w.r.t the Design
Approach II presented in this paper along with the computation
time is summarized in Table IV which shows that the algorithms
based on complex mathematical models [5], [26], [28] re-
quire much more resources and computation time.However, less
complex designs, for example, the DoA estimation techniques
mentioned in [29] and [30] still require 50% to 60% more
resources and processing time.
Analysing the resource usage in FPGA designs is not so simple.
For example, when comparing our design with that in [29] (the
LU U one that is the one with fewer resources), our design
approach II requires 36 DSP blocks while LU U in [29] requires
120 DSP blocks (so 3.33x times). The target device for our
implementation is the XC7Z020-CLG484-1 that has 160 DSP
blocks. So [29] will use 75% of the DSP blocks leaving very
few blocks for the rest of the subsystems. Instead, our approach
would leave most of the DSP blocks for other functions. In
this case, LUTs or FFs are not so critical as the devices has
more than 46K and 92K respectively and both designs used less
than 30% of them. In fact, looking closer at Table III, all the
alternative designs considered have either much larger latency
so not being suitable for real-time or incur a significant (at least
3x) overhead in DSP blocks. Our proposed architecture enables
a reduction in both latency and resource usage. In fact, the
simplifications that we introduce allow us to eliminate many
of the complex operations that use DSP blocks which is a
critical resource when implementing signal processing systems
on FPGAs. Similarly, the architectures proposed in this paper
are also power efficient. The power consumption of the design
in [26] utilizes 238.27mW for its proposed accelerator only that
is developed in ASIC for TSMC 40nm CMOS technology.

VI. CONCLUSIONS AND FUTURE WORK

In this paper a novel design approach was presented for
an efficient implementation of the MUSIC algorithm for DoA
estimation in terms of resource utilization and processing time
for Xilinx FPGAs. The main aim of the design is to develop
an algorithm that can respond in real-time. Special attention
is paid to the constraints imposed by dense and noisy EM
environments. The algorithm developed successfully works with

SNRs as low as 4.37dB that represents a highly noisy EM
environment. The results show that the optimized technique not
only reduces the FPGA resource and latency requirements but
also improves the output accuracy. This may be due to the fact
that the elimination of certain stages reduces the cumulative
quantization error, contributed by each stage. In summary, the
designed algorithm provides a hardware efficient method for
DoA estimation in a dense EM environment with real-time
response time, considering all variants like SNR and intercepted
power.

The algorithm proposed in this paper can be further optimized
for resources and latency in future work. The most expensive
IP is the Divide Generator. Any mathematical model that can
reduce or eliminate the Divide Generator will significantly
reduce the resource requirements. Moreover, the same Divide
Generator needs significant pipelining adding to the number of
clock cycles required to obtain the output. The same modifica-
tion may serve both purposes. Finally, the proposed designs can
be also used to optimize ASIC implementation. Evaluating their
benefits for a modern ASIC technology is also an interesting
topic for future work.

ACKNOWLEDGMENTS

Pedro Reviriego was supported by the ACHILLES project
PID2019-104207RB-I00 funded by the Spanish Ministry of
Economy and Competitivity and by the Madrid Government
(Comunidad de Madrid-Spain) under the Multiannual Agree-
ment with UC3M in the line of Excellence of University
Professors (EPUC3M21), and in the context of the V PRICIT
(Regional Programme of Research and Technological Innova-
tion).

REFERENCES

[1] A. Nejat Ince, E. Topuz, E. Panayirci,”Principles of Integrated Mar-
itime Surveillance Systems”.NewYork,Springer Science + Buisness Me-
dia,LLC,1998.

[2] D. Benvenuti, Elettronica S.p.A., Italy,”Genetic Algorithms in Direction
Finding,” in Genetic Algorithms in Applications edited by Rustem Popa,
published by INTECH Open pp185-198.

[3] A. Dhabale,” Direction Of Arrival (DOA) Estimation Using Array Signal
Processing,”,M.S.thesis, Dept of Electrical Eng., University of California,
Riverside, USA, 2018

[4] L. Wang, ”Array Signal Processing Algorithms for Beamforming and
Direction Finding,” PhD dissertation, Dept. of Electronics, University of
York,2009.

[5] K. Huang,J. Sha, W. Shi,Z. Wang,”An Efficient FPGA Implementa-
tion for 2-D MUSIC Algorithm,”in Circuits Syst Signal Process 35,
1795–1805,2016, doi:10.1007/s00034-015-0144-z

[6] R. Schmidt, ”Multiple emitter location and signal parameter estimation,”
in Transactions on Antennas and Propagation, vol. 34, no. 3, pp. 276-280.

[7] Yang, D. Yang, F. Chen, Feng and S. Mo. (2019). ”A Novel Real-Valued
DOA Algorithm Based on Eigenvalue”. Sensors (Basel, Switzerland). 20.
10.3390/s20010040.

[8] S. Akkar and A. Gharsallah. (2012). ”Reactance domains unitary MUSIC
algorithms based on real-valued orthogonal decomposition for electroni-
cally steerable parasitic array radiator antennas.” Microwaves, Antennas
Propagation, IET. 6. 223-230. 10.1049/iet-map.2011.0171.

[9] M. Kim, K. Ichige and H. Arai, ”Implementation of FPGA based fast DOA
estimator using unitary MUSIC algorithm [cellular wireless base station
applications],” 2003 IEEE 58th Vehicular Technology Conference. VTC
2003-Fall (IEEE Cat. No.03CH37484), Orlando, FL, 2003, pp. 213-217
Vol.1, doi: 10.1109/VETECF.2003.1285009.

[10] F. Yan, M. Jin, S. Liu and X. Qiao, ”Real-Valued MUSIC for Efficient
Direction Estimation With Arbitrary Array Geometries,” in IEEE Transac-
tions on Signal Processing, vol. 62, no. 6, pp. 1548-1560, March15, 2014,
doi: 10.1109/TSP.2014.2298384.

[11] Feng-Gang Yan, Jun Wang, Shuai Liu, Yi Shen, Ming Jin, ”Reduced-
Complexity Direction of Arrival Estimation Using Real-Valued Com-



12

putation with Arbitrary Array Configurations”, International Journal of
Antennas and Propagation, vol. 2018, Article ID 3284619, 10 pages, 2018.
https://doi.org/10.1155/2018/3284619

[12] R. Wu, Q. Jia, L. Yang and Q. Feng,Principles and Applications of
RELAX: A Robust and Universal Estimator”, Springer, science press
Beijing,2018.

[13] H. Tang,”DOA estimation based on MUSIC algorithm,” B.S. thesis,
Department of Physics and Electrical Engineering, Linnaeus University,
2014.

[14] I. Bravo, P. Jimenez, M. Mazo, J. L. Lazaro and A. Gardel, ”Implemen-
tation in Fpgas of Jacobi Method to Solve the Eigenvalue and Eigenvector
Problem,” in International Conference on Field Programmable Logic and
Applications, Madrid, 2006, pp. 1-4.

[15] M. Kim, K. Ichige and H. Arai, ”Design of Jacobi EVD processor based
on CORDIC for DOA estimation with MUSIC algorithm,” in The 13th
IEEE International Symposium on Personal, Indoor and Mobile Radio
Communications, Pavilhao Altantico, Lisboa, Portugal, 2002, pp. 120-124
vol.1.

[16] Y. Liu, C.S. Bouganis, P. Y. K. Cheung, P. H. W. Leong and S. J.
Motley, ”Hardware Efficient Architectures for Eigenvalue Computation,”
in Proceedings of the Design Automation & Test in Europe Conference,
Munich, 2006, pp. 1-6.

[17] S. Zhang, X. Tian, C. Xiong, J. Tian and D. Ming, ”Fast Implementation
for the Singular Value and Eigenvalue Decomposition Based on FPGA,” in
Chinese Journal of Electronics, vol. 26, no. 1, pp. 132-136, 1 2017, doi:
10.1049/cje.2016.06.033.

[18] M. Arenas, A. Podhorski, S. Arrizabalaga, J. Goya, B. Sedano and J. Men-
dizabal, ”Implementation and validation of an Angle of Arrival (AOA) de-
termination system,” 2015 Conference on Design of Circuits and Integrated
Systems (DCIS), Estoril, 2015, pp. 1-7, doi: 10.1109/DCIS.2015.7388579.

[19] A. Alhamed, N. Tayem, T. Alshawi, S. Alshebeili, A. Alsuwailem and
A. Hussain, ”FPGA-based real-time implementation for direction-of-arrival
estimation,” in The Journal of Engineering, vol. 2017, no. 6, pp. 260-265,
6 2017, doi: 10.1049/joe.2017.0165.

[20] Y. Xie, C. Peng, X. Jiang and S. Ouyang, ”Hardware design and imple-
mentation of DOA estimation algorithms for spherical array antennas,” 2014
IEEE International Conference on Signal Processing, Communications
and Computing (ICSPCC), Guilin, 2014, pp. 219-223, doi: 10.1109/IC-
SPCC.2014.6986186.

[21] J. Yan, Y. Huang, H. Xu and G. A. E. Vandenbosch, ”Hardware accel-
eration of MUSIC based DoA estimator in MUBTS,” The 8th European
Conference on Antennas and Propagation (EuCAP 2014), The Hague, 2014,
pp. 2561-2565, doi: 10.1109/EuCAP.2014.6902343.

[22] Chen Hao and Wei Ping, ”The high-speed implementation of direction-of-
arrival estimation algorithm,” IEEE 2002 International Conference on Com-
munications, Circuits and Systems and West Sino Expositions, Chengdu,
China, 2002, pp. 922-925 vol.2, doi: 10.1109/ICCCAS.2002.1178938.

[23] Q. Liu, F. Yan, Y. Han, S. Liu and M. Jin, ”Reduced-order root-MUSIC
based on Schur spectral factorization,” IEEE International Conference on
Ubiquitous Wireless Broadband (ICUWB), Nanjing, 2016.

[24] Zhao, Q.; Dong, M.; Liang, W.J. Research on modified MUSIC algorithm
of DOA estimation. Comput. Eng. Appl. 2012, 48, 102–105.

[25] Hong, W. An Improved Direction-finding Method of Modified MUSIC
Algorithm. Shipboard Electron. Countermeas. 2011, 34, 71–73.

[26] H. Chen, K. Cheng, K. Chen, Q. Chen ,Y. Fu, Li,”An Efficient Hardware
Accelerator for the MUSIC Algorithm.” Electronics. 8. 511. 10.3390/elec-
tronics8050511,2019.

[27] Z. Zou, W. Hongyuan and Y. Guowen, ”An Improved MUSIC Algorithm
Implemented with High-speed Parallel Optimization for FPGA,” 2006 7th
International Symposium on Antennas, Propagation and EM Theory, Guilin,
2006, pp. 1-4, doi: 10.1109/ISAPE.2006.353475.

[28] Z. Shi, Q. He and Y. Liu, ”Accelerating Parallel Jacobi Method for
Matrix Eigenvalue Computation in DOA Estimation Algorithm,” in IEEE

Transactions on Vehicular Technology, vol. 69, no. 6, pp. 6275-6285, June
2020, doi: 10.1109/TVT.2020.2984705.

[29] A. A. Hussain, N. Tayem, M. O. Butt, A. Soliman, A. Alhamed and S. Al-
shebeili, ”FPGA Hardware Implementation of DOA Estimation Algorithm
Employing LU Decomposition,” in IEEE Access, vol. 6, pp. 17666-17680,
2018, doi: 10.1109/ACCESS.2018.2820122.

[30] A. A. Hussain, N. Tayem, A. Soliman and R. M. Radaydeh, ”FPGA-Based
Hardware Implementation of Computationally Efficient Multi-Source DOA
Estimation Algorithms,” in IEEE Access, vol. 7, pp. 88845-88858, 2019,
doi: 10.1109/ACCESS.2019.2926335.

[31] J. Bao and Y,Tsui, “Parameters Measured by EW Receivers,” in Mi-
crowave Receivers in Electronic Warfare Applications, Krieger Publishing
Company,Malabar,Florida, U.S.A 1992, pp.97 -100.

[32] A. V. Ipek,”Implementation of a Direction Finding Algorithm on FPGA
platform,” B.S. thesis,Department of Electrical and Electronics Engineer-
ing,Middle East Technical University, 2006.

[33] Stephen E. Lipsky, ”DF Receiver Theory,” in Microwave Passive Direction
Finding, Scitech Publishing Raleigh, NC 27613 ,pp.25 - 27.

[34] D. Curtis Schleher, ”Electronic Warfare support” in EW in information
age, Artech house, Norwood, MA, U.S.A, 1999, pp.377 - 379.

[35] Y. Sun, D. Zhang, P. Li, R. Jiao and B. Zhang, ”The studies and FPGA
implementation of spectrum peak search in MUSIC algorithm,” in 2014
International Conference on Anti-Counterfeiting, Security and Identification
(ASID), Macao, 2014, pp. 1-5, doi: 10.1109/ICASID.2014.7064967.

[36] J. Bao and Y,Tsui, “Parameters Measured by EW Receivers,” in Digital
Technique in Wideband Receiver© 2004 SciTech Publishing Inc. Raleigh,
NC 27613U.S.A , 2004 pp.166.

[37] P. Paudel, J. Oh, J. Back, M. A. Jeong and S. R. Lee, ”Relationship
between direction of arrival estimation with MUSIC algorithm and number
of array elements,” 2015 International Conference on Information and
Communication Technology Convergence (ICTC), Jeju, 2015, pp. 18-21,
doi: 10.1109/ICTC.2015.7354485.

[38] K. V. Rangarao and S. Venkatanarasimhan, ”gold-MUSIC: A Variation
on MUSIC to Accurately Determine Peaks of the Spectrum,” in IEEE
Transactions on Antennas and Propagation, vol. 61, no. 4, pp. 2263-2268,
April 2013, doi: 10.1109/TAP.2012.2232893.

[39] Duo-Li Zhang, Bin Zhang and Yu-Kun Song, ”The FPGA implementation
of spectrum peak search in MUSIC algorithm,” 13th IEEE International
Conference on Solid-State and Integrated Circuit Technology (ICSICT),
Hangzhou, 2016, pp. 1585-1587, doi: 10.1109/ICSICT.2016.7998810.

[40] Y. Sun, D. Zhang, P. Li, R. Jiao and B. Zhang, ”The studies and FPGA
implementation of spectrum peak search in MUSIC algorithm,” 2014
International Conference on Anti-Counterfeiting, Security and Identification
(ASID), Macao, 2014, pp. 1-5, doi: 10.1109/ICASID.2014.7064967.

[41] Xilinx, Model-Based DSP Design Using System Generator”,
UG897 (v2016.4) November 30, 2016.[Online] Available
https://www.xilinx.com/support/documentation/sw manuals/xilinx2014 3/
ug897-vivado-sysgen-user.pdf

[42] https://github.com/uzmeed/MUSIC.git
[43] Xilinx, “Embedded Processor Hardware Design”, UG940 (v2017.2) June

7, 2017.
[44] Heinbach, Kathleen ,” Commercially Available Low Probability of Inter-

cept Radars and Non-Cooperative ELINT Receiver Capabilities”, Monterey,
California. Naval Postgraduate School, Center for Joint Services Electronic
Warfare, NPS-EC-14-003, September 2004.

[45] D. Curtis Schleher, “Electronic Warfare Support,” in Electronic Warfare in
Information Age.© 1999 Artech House Inc. 685 Canton Street, Norwood,
MA 02062 pp.334.

[46] Q. S. Ren and A. J. Willis, ”Extending MUSIC to single snapshot and on
line direction finding applications,” Radar 97 (Conf. Publ. No. 449), 1997,
pp. 783-787, doi: 10.1049/cp:19971783.

https://www.xilinx.com/support/documentation/sw_manuals/xilinx2014_3/ug897-vivado-sysgen-user.pdf
https://www.xilinx.com/support/documentation/sw_manuals/xilinx2014_3/ug897-vivado-sysgen-user.pdf

	Introduction
	Multi Signal Classification algorithm (MUSIC)
	Signal Acquisition
	Covariance Matrix
	Eigen Value Decomposition 
	Spectral Peak Search

	Related Work
	Implementation of the Proposed Optimized MUSIC Algorithm on Xilinx FPGAs
	Optimized MUSIC Algorithm
	Virtual Array Reduction
	Covariance Matrix
	Normalization of the Covariance Matrix
	Eigenvalue Decomposition (EVD)
	Spectrum Peak Search

	Optimized MUSIC Algorithm with modified EVD block

	Evaluation of the Proposed Designs
	Comparison of the Two Design Approaches
	Test Setup
	Comparison of Resources and Timing
	Comparison of RMS Error
	Comparison of Power Consumption

	Comparison with other Designs
	Choice of word lengths for fixed point implementation
	Comparison in terms of specifications
	Comparison in terms of Resources, Latency and Power Consumption


	Conclusions and future work
	References



