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ABSTRACT 

In this paper, the performance of non-uniform spacing of 
sensors is evaluated for the MUSIC algorithm which 
estimates the direction of arrival (DOA) of a narrowband 
plane wave impinging on an array of sensors. Unlike 
uniform sensor spacing arrangement, where sensors are 
equidistant (equal to half the wavelength), we consider 
non-uniform spacing for the arrangement of sensors, 
where the distance between consecutive sensors 
increases progressively. We observe that the non-uniform 
sensor spacing configuration (with lesser number of 
sensors) can provide similar or better accuracy in DOA 
estimation compared to uniform sensor spacing 
configuration despite more number of sensors at 
identical array length. 
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1. INTRODUCTION 

The MUSIC algorithm [1] is a MUltiple SIgnal 
Classification technique based on exploiting the Eigen 
structure of the input covariance matrix. MUSIC is a 
signal parameter estimation algorithm which provides 
information about the number of incident signals, 
Direction-of-arrival (DOA) of each signal, strengths and 
cross- correlation between incident signals, noise powers, 
etc. While MUSIC provides very high resolution, it 
requires very precise array calibration. 

The array length is defined as the distance between 
the first and the last sensor in the array configuration. The 
sensor arrangement in the array can be of two possible 
types - Uniform sensor array spacing (Fig.1), where the 
distance between the consecutive array sensor elements 
is constant and equal to half the wavelength and Non- 
uniform sensor spacing (Fig.2), where the sensor spacing 
is not constant and the distance between the consecutive 
sensors increases progressively. We evaluate the 
performance of both these sensor spacing arrangements 
for DOA estimation using MUSIC algorithm while 
keeping the array length identical. 

For uniform sensor spacing, the array length is 
multiple of half the wavelength, whereas in non-uniform 
sensor spacing, it is defined as the distance between the 
first and the last sensor in the configuration. In all the 
simulation results presented in this paper we have 
considered the array length to be identical for comparison 
between uniform and non-uniform sensor spacing cases. 

We have considered the mathematical expression [2, 3] 
for the perturbation or error in the estimation of DOA using 
MUSIC algorithm. We also calculate this perturbation for 
both uniform sensor spacing and non-uniform sensor 
spacing cases via simulations in MATLAB. We observe 
that the error in DOA estimation for non-uniform sensor 
spacing is lower or comparable to the uniform sensor 
spacing. 

 
 

The terminologies used in this paper are as follows: 
Superscript T and H denote transpose and conjugate 
transpose respectively and upper/lower case bold letter 
denotes matrix/vector. 

2. ARRAY SIGNAL MODEL 

Consider an array composed of M sensors located in 
x-y plane, and assume that D (<M) narrow-band signals, 
centered around a known frequency, say 𝜔𝜔𝑐𝑐, impinging 
on the array from distinct directions 𝜃𝜃1,𝜃𝜃2, … ,𝜃𝜃𝐷𝐷. For 
simplicity assume the sources and sensors are located in 
the same plane and the sources are in the far field of the 
array. In this case, the only parameter that characterizes 
the source location is its direction of arrival angle ‘𝜃𝜃’. 

Using complex envelope representation, the M×1 
vector received by the array can be expressed, in matrix 
notation, as follows 
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𝒙𝒙(𝑡𝑡) = 𝐴𝐴(𝜃𝜃) 𝒔𝒔(𝑡𝑡) + 𝒏𝒏(𝑡𝑡)  (1) 
 
where,  𝒙𝒙(𝑡𝑡) ≝ [𝑥𝑥1(𝑡𝑡) 𝑥𝑥2(𝑡𝑡) ⋯𝑥𝑥𝑀𝑀(𝑡𝑡)]𝑇𝑇 

   𝒔𝒔(𝑡𝑡) ≝ [𝑠𝑠1(𝑡𝑡) 𝑠𝑠2(𝑡𝑡) ⋯𝑠𝑠𝐷𝐷(𝑡𝑡)]𝑇𝑇  

   𝒏𝒏(𝑡𝑡) ≝ [𝑛𝑛1(𝑡𝑡) 𝑛𝑛2(𝑡𝑡) ⋯𝑛𝑛𝑀𝑀(𝑡𝑡)]𝑇𝑇  

and A(θ) is M×D matrix of the steering vectors : 

   𝑨𝑨(𝜃𝜃) ≝ [𝒂𝒂(𝜃𝜃1)   𝒂𝒂(𝜃𝜃2) ⋯  𝒂𝒂(𝜃𝜃𝐷𝐷)]  

The steering vector of the array towards the direction θ 
is given as equation (2) 

𝒂𝒂(𝜃𝜃) = �𝑒𝑒𝑗𝑗
2𝜋𝜋
𝜆𝜆  𝑝𝑝1 cos 𝜃𝜃+ 𝑞𝑞1 sin𝜃𝜃 ⋯ 𝑒𝑒𝑗𝑗

2𝜋𝜋
𝜆𝜆  𝑝𝑝𝑀𝑀 cos𝜃𝜃+ 𝑞𝑞𝑀𝑀 sin 𝜃𝜃�

𝑇𝑇
 

𝑠𝑠𝑖𝑖(𝑡𝑡)  – the signal of the ith source 
𝑛𝑛𝑖𝑖(𝑡𝑡) – the noise at ith sensor 
(𝑝𝑝𝑖𝑖 , 𝑞𝑞𝑖𝑖) – the coordinate of the ith sensor. 

 
The DOA estimation problem is to estimate the 

locations 𝜃𝜃1,𝜃𝜃2, … ,𝜃𝜃𝐷𝐷 of the source from the N samples 
(snapshots) of the array:  

𝑥𝑥(𝑡𝑡1), 𝑥𝑥(𝑡𝑡2), …  𝑥𝑥(𝑡𝑡𝑁𝑁). 

3. MUSIC 

The MUSIC algorithm is a MUltiple SIgnal 
Classification technique based on exploiting the Eigen 
structure of the covariance matrix of the array input 
vector x(t). MUSIC is a signal parameter estimation 
algorithm which provides information about the number 
of incident signals, Direction-of-arrival of each signal, 
strengths and cross-correlation between incident signals, 
noise powers etc. 

In terms of the above signal model the covariance 
matrix 𝑹𝑹 = 𝐸𝐸[𝒙𝒙(𝑡𝑡) 𝒙𝒙𝐻𝐻(𝑡𝑡)] can be expressed in terms its 
eigenvalues: 𝑒𝑒1, 𝑒𝑒2, … , 𝑒𝑒𝑀𝑀 and eigen vectors: 𝒗𝒗1,𝒗𝒗2, … ,𝒗𝒗𝑀𝑀 
as 𝑹𝑹 = 𝚽𝚽𝚽𝚽𝚽𝚽𝐻𝐻 

where 𝚽𝚽 = diag(𝑒𝑒1, 𝑒𝑒2, … , 𝑒𝑒𝑀𝑀) and 𝚽𝚽 =  [𝒗𝒗1,𝒗𝒗2, … ,𝒗𝒗𝑀𝑀] 

We assume that the eigenvalues are in the order of 
decreasing size as: 𝑒𝑒1 ≥  𝑒𝑒2 ≥ ⋯ ≥ 𝑒𝑒𝐷𝐷 > 𝑒𝑒𝐷𝐷+1 = 𝑒𝑒𝑀𝑀. 

The D larger eigenvalues are called signal level 
eigenvalues and the others are referred as the noise level 
eigenvalues. 

The noise level eigen vectors are orthogonal to the 
steering vectors associated with the incident plane wave, 
that is: 〈𝒂𝒂(𝜃𝜃),𝒗𝒗𝑖𝑖〉 = 0, for 𝑖𝑖 = 𝐷𝐷 + 1,𝐷𝐷 + 2, … ,𝑀𝑀 where 
〈 〉 denotes the inner product. 

This is the essential observation of the MUSIC 
approach. It means that one can estimate the steering 
vectors associated with the received signals by finding the 
steering vectors which are most closely orthogonal to the 
eigenvectors associated with the eigenvalues of R that are 
approximately equal to noise level eigenvalues.  

This analysis shows that the eigenvectors of the 
covariance matrix R belong to either of the two orthogonal 
subspaces, called the signal subspace and the noise 

subspace. The steering vectors corresponding to the 
Directions-Of-Arrival lie in the signal subspace and are 
hence orthogonal to the noise subspace. By searching 
through all possible array steering vectors to find those 
which are perpendicular to the space spanned by the non-
principal eigenvectors, the DOAs can be determined. 

To search the noise subspace, we form a matrix 
containing the noise eigenvectors: 

𝑽𝑽𝒏𝒏 = [𝒗𝒗𝐷𝐷 𝒗𝒗𝐷𝐷+1  … 𝒗𝒗𝑀𝑀]   (3) 

Since the steering vectors corresponding to signal 
components are orthogonal to the noise subspace 
eigenvectors,  

𝒂𝒂𝐻𝐻(𝜃𝜃)𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯𝒂𝒂(𝜃𝜃) = 0 

for all θ corresponding to the DOA of a multipath 
component. Then the DOAs of the multipath incident 
signals can be estimated by locating the peaks of a MUSIC 
spatial spectrum given by 

𝜓𝜓(𝜃𝜃) = 1
𝒂𝒂𝐻𝐻(𝜃𝜃)𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯𝒂𝒂(𝜃𝜃)

   (4) 

4. PERTURBATION OF DOA 

4.1 Mathematical derivation of our proposal 

For MUSIC algorithm, the null spectrum function is 
given by 

𝑓𝑓(𝜃𝜃,𝑽𝑽𝒏𝒏) = {𝜓𝜓(𝜃𝜃)}−1 = 𝒂𝒂𝐻𝐻(𝜃𝜃)𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯𝒂𝒂(𝜃𝜃)   (5) 

In noisy environment, estimated Direction-of-Arrival of 
the signal is denoted as perturbation from the actual 
Angle-of-Arrival  𝜃𝜃� = 𝜃𝜃 + Δ𝜃𝜃 (6) 

where Δ𝜃𝜃 is the perturbation of the Angle-of-Arrival of 
the signal. So  

𝑓𝑓�𝜃𝜃�,𝑽𝑽𝒏𝒏� = 𝑓𝑓(𝜃𝜃 + Δ𝜃𝜃,𝑽𝑽𝒏𝒏)   (7) 

Using Taylor series expansion the equation (7) can be 
expressed as equation (8) given below 

𝑓𝑓�𝜃𝜃�,𝑽𝑽𝒏𝒏� = �(Δ𝜃𝜃)𝑘𝑘
∞

𝑘𝑘=0

𝑓𝑓(𝑘𝑘)(𝜃𝜃,𝑽𝑽𝒏𝒏)
𝑘𝑘!

 

where, 𝑓𝑓(𝑘𝑘)(𝜃𝜃,𝑽𝑽𝒏𝒏) ≝  𝜕𝜕𝑘𝑘

𝜕𝜕𝜃𝜃𝑘𝑘
𝑓𝑓(𝜃𝜃,𝑽𝑽𝒏𝒏). 

The eq. (8) can be rearranged as eq. (9) as below 
𝜕𝜕
𝜕𝜕𝜃𝜃

𝑓𝑓�𝜃𝜃�,𝑽𝑽𝒏𝒏� = �(Δ𝜃𝜃)𝑘𝑘−1
∞

𝑘𝑘=1

𝑓𝑓(𝑘𝑘)(𝜃𝜃,𝑽𝑽𝒏𝒏)
𝑘𝑘!

 

where 𝜕𝜕
𝜕𝜕𝜃𝜃
𝑓𝑓�𝜃𝜃�,𝑽𝑽𝒏𝒏� ≝

𝑓𝑓(𝜃𝜃+Δ𝜃𝜃,𝑽𝑽𝒏𝒏)−𝑓𝑓(𝜃𝜃,𝑽𝑽𝒏𝒏)
Δ𝜃𝜃

 
Neglecting higher powers of Δ𝜃𝜃 in eq (9), we get equation 
(10) as given below 

𝜕𝜕
𝜕𝜕𝜃𝜃

𝑓𝑓�𝜃𝜃�,𝑽𝑽𝒏𝒏� =
𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏)

1!
+ Δ𝜃𝜃

𝑓𝑓(2)(𝜃𝜃,𝑽𝑽𝒏𝒏)
2!

 

 
The LHS in equation (10) is zero since 𝑓𝑓�𝜃𝜃�,𝑽𝑽𝒏𝒏� attains 
minima at 𝜃𝜃. Therefore we get eq (11) 



Proceedings of IEEE International Conference on Signal and Image Processing, 7-9 Dec 2006, Hubli, India (ICSIP 2006) 

978-0230-63003-1/06/$26.00 ©2006 IEEE 1055 Vol. 2 

Δ𝜃𝜃 = −
2 𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏)
𝑓𝑓(2)(𝜃𝜃,𝑽𝑽𝒏𝒏)

 

Now, 𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏) can be derived from eq. (5) as 
𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏) = 𝜕𝜕

𝜕𝜕𝜃𝜃
[𝒂𝒂𝐻𝐻(𝜃𝜃)𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯𝒂𝒂(𝜃𝜃)]  (12) 
𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏) = 𝑑𝑑1 + 𝑑𝑑2 

 
where,        𝑑𝑑1 = 𝜕𝜕

𝜕𝜕𝜃𝜃
[𝒂𝒂𝐻𝐻(𝜃𝜃)]𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯𝒂𝒂(𝜃𝜃) and 

𝑑𝑑2 = 𝒂𝒂𝐻𝐻(𝜃𝜃) 𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯
𝜕𝜕
𝜕𝜕𝜃𝜃

[𝒂𝒂(𝜃𝜃)] 

We can show that 𝑑𝑑2 = 𝑑𝑑1
𝐻𝐻 . Therefore the equation (12) 

can be written as  
𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏) = 2 ∙ 𝑅𝑅𝑒𝑒 �𝒂𝒂𝐻𝐻(𝜃𝜃) 𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯

𝜕𝜕
𝜕𝜕𝜃𝜃

[𝒂𝒂(𝜃𝜃)]�    (13) 

where 𝑅𝑅𝑒𝑒{𝑧𝑧} denotes real part z. And get eq. (14) as 
 
𝑓𝑓(2)(𝜃𝜃,𝑽𝑽𝒏𝒏) = 𝜕𝜕

𝜕𝜕𝜃𝜃
𝑓𝑓(1)(𝜃𝜃,𝑽𝑽𝒏𝒏) = 𝑇𝑇1 + 2 ∙ 𝑇𝑇2 + 𝑇𝑇3  

where,   𝑇𝑇1 ≝
𝜕𝜕2

𝜕𝜕𝜃𝜃2
[𝒂𝒂𝐻𝐻(𝜃𝜃)]𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯𝒂𝒂(𝜃𝜃) 

𝑇𝑇2 =
𝜕𝜕
𝜕𝜕𝜃𝜃

[𝒂𝒂𝐻𝐻(𝜃𝜃)] 𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯
𝜕𝜕
𝜕𝜕𝜃𝜃

[𝒂𝒂(𝜃𝜃)] 

𝑇𝑇3 = 𝒂𝒂𝐻𝐻(𝜃𝜃) 𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯
𝜕𝜕2

𝜕𝜕𝜃𝜃2
[𝒂𝒂(𝜃𝜃)] 

It can be shown that 𝑇𝑇3 = 𝑇𝑇1𝐻𝐻. So equation (14) can be 
written as below 
𝑓𝑓(2)(𝜃𝜃,𝑽𝑽𝒏𝒏) = 2 ∙ [𝑇𝑇2 + 𝑅𝑅𝑒𝑒(𝑇𝑇3)]  (15) 

Substituting equation (13) and (15) in (11) we get the 
perturbation of the Angle-of-Arrival as 
 
∆𝜃𝜃

=
−2 𝑅𝑅𝑒𝑒 �𝒂𝒂𝐻𝐻(𝜃𝜃)𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯

𝜕𝜕[𝒂𝒂(𝜃𝜃)]
𝜕𝜕𝜃𝜃 �

𝜕𝜕[𝒂𝒂𝐻𝐻(𝜃𝜃)]
𝜕𝜕𝜃𝜃 𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯

𝜕𝜕[𝒂𝒂(𝜃𝜃)]
𝜕𝜕𝜃𝜃 + 𝑅𝑅𝑒𝑒 �𝒂𝒂𝐻𝐻(𝜃𝜃)𝑽𝑽𝒏𝒏𝑽𝑽𝒏𝒏𝑯𝑯

𝜕𝜕2[𝒂𝒂(𝜃𝜃)]
𝜕𝜕𝜃𝜃2 �

 

5. SIMULATION AND OUTPUT 

In this section we compare RMSE (root mean square 
error) values computed by the theoretical expression 
derived in section 4 with the simulated RMSE values for 
the MUSIC algorithm. 

𝑅𝑅𝑀𝑀𝑅𝑅𝐸𝐸 = ���𝜃𝜃𝑖𝑖 − 𝜃𝜃�𝑖𝑖�
2

𝐿𝐿

𝑖𝑖=1

 

Let RMSE be the root mean square error of the 
direction estimates, where 𝜃𝜃�𝑖𝑖 is the estimate value of 𝜃𝜃𝑖𝑖 and 
L is the number of trials. 

The following parameters are fixed for all the results 
presented in this section: 

Number of source, D=1; Number of Snapshots, N = 
200; Center frequency, 𝜔𝜔𝑐𝑐 = 850 MHz, Resolution = 0.01 

degree and Number of trials, L = 100. 

Using MATLAB, we calculate the RMSE in DOA 
estimation using the theoretically derived expression 
above. Then we compare this result with the RMSE in 
DOA estimation using simulations of the MUSIC   
algorithm. We plot a graph of RMSE in DOA estimation 
of theoretical and simulation results for different numbers 
of sensors considering both uniform and non-uniform 
sensor spacing for SNRs: -5dB, 0dB, 5dB and 10dB. We 
observe that the simulation results and calculated errors   
vary similarly and the simulation results are higher than the 
calculated theoretical values by a factor of around 28. This 
is due to the omission of higher order terms in the Taylor 
series expansion in equation (8). The graph in Fig.3.1 and 
Fig.3.2 shows, respectively, theoretical and simulated 
RMSE, for different sensors with uniform and non-uniform 
spacing, for various SNR values for an array length of 
10(𝜆𝜆/2) and source direction: 𝜃𝜃 = 60°. Similarly, Fig.3.3 
and Fig.3.4 summarizes the result for an array length of 
11(𝜆𝜆/2) and source direction 𝜃𝜃 = 50°. These results are 
also tabulated in Table 1 and Table 2. 

 

Table 1 RMSE in DOA estimation using MUSIC 
algorithm for an array length of 10(𝜆𝜆/2) and a source 
direction 𝜃𝜃 = 60° 

SNR 
(dB) 

RMSE values 

Theoretical result 
x10-4 

Simulation result 
x10-3 

M=5 M=8 M=11 M=5 M=8 M=11 

-5 2.5 3.1 3.0 72.9 88.1 85.9 

0 2.5 3.0 3.0 72.5 85.3 85.9 

5 3.0 3.3 3.3 86.7 93.8 93.5 

10 3.0 3.3 3.2 71.6 80.5 91.4 

 
Table 2 RMSE in DOA estimation using MUSIC 
algorithm for an array length of 11(𝜆𝜆/2) and a source 
direction 𝜃𝜃 = 50° 

SNR 
(dB) 

RMSE values 

Theoretical result 
x10-4 

Simulation result 
x10-3 

M=6 M=9 M=12 M=6 M=9 M=12 

-5 2.1 2.7 3.6 61.4 78.0 103.7 

0 2.0 2.5 3.7 56.4 71.6 105.8 

5 1.9 2.6 3.0 54.6 73.3 85.7 

10 2.3 2.7 3.0 65.4 79.2 87.1 
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Figure 3. Comparison of RMSE error in DOA estimation for non-uniform sensor spacing (red and green) and uniform sensor 
spacing (blue) using theoretical (subpanel 3.1 and 3.3) and simulation results (subpanel 3.2 and 3.4) for different array 
lengths and angles of arrival. One can infer that the non-uniform sensor spacing (with lesser number of sensors) has either 
lower or similar accuracy in DOA estimation when compared to uniform sensor spacing of equal array length. 

 

6. CONCLUSION 

This paper provides a fair idea of the relative tradeoffs 
involved in the non-uniform sensor spacing using the 
derived mathematical expression for perturbation in the 
DOA estimation for MUSIC algorithm. Further, the 
accuracy of this mathematical expression is verified by 
simulation results of RMSE in DOA estimation for MUSIC 
algorithm. For a given array length, the non- uniform 
sensor spacing has lesser number of sensors in comparison 
to the uniform sensor spacing and we observe that few 
particular cases of non-uniform sensor spacing 
arrangement provide comparable or even better RMSE 
performance than the uniform sensor spacing arrangement. 
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