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1 ABSTRACT 

Spurious noise (rattles, squeaks, etc) in the interior of car cabinets can be annoying, distractive and 
indicative of potential performance problems. Fault finding these problems can be difficult since the 
fault is intermittent and may not necessarily happen under test conditions. A 3 channel system that 
can record the fault and indicate its location within the cabinet is presented here. The system 
consists of a coincident microphone array that measures acoustic particle velocity along two 
orthogonal axes at its location. Detection and direction of noise can be obtained in real time or 
during post-processing using advanced signal analysis methods. Measurements inside a vehicle 
show that the very reflective nature of the sound-filed inside a car cabinet present a major challenge 
and that a combination of advance techniques from diagnostics engineering and room acoustics are 
required to reliably indicate the direction of the annoying sound. 

 

2 INTRODUCTION 

Sound source localisation is an important aspect of monitoring and control engineering 

with various applications such as environmental monitoring, noise control, medical 

instrumentation and surveillance to name a few. In these applications, accurate 

localisation of source direction and distance has been sought, and techniques are 

varied[1,2,3,4,5]. 

One such application presented here is the location of annoying noises in the interior of 

car cabinets. This paper presents the development of a 3 channel system that can record 

spurious noises and indicate its location within the cabinet, based on the ratio of level 

originated from the directional sensitivity pattern of the microphones. This is a contrast to 

the common application of spaced arrays that determine incoming direction of sound 

from an estimation of time delay of signals arriving at the different microphones. 

A description of the probe and associated acquisition system is presented. The concept of 

signal analysis and translation into source localisation is also described. It is shown that 

the system relies on basic acquisition and analysis principles which make its 

implementation cost effective, particularly as a stand-alone embedded solution. The 

results obtained using both post-processing as well as real time measurements are 

presented. 

 

 

 



 

 

3 SOURCE LOCALISATION METHODS  

3.1 Spaced Microphone Arrays 

Traditional methods for sound source localisation generally employ two or more acoustic 

probes in an array structure with known spacing between them. Extraction of source 

direction may then be obtained from time delay estimation (TDE) of signals arriving at 

each probe and/or steerable beam-forming. In time delay estimation, the directional 

information is extracted by examining the coherence between the signals arriving at each 

probe using a cross correlation approach. The time differences between the signals 

arriving at the microphones are directly related to the sound source-to-microphone 

propagation paths and this can be extracted from the peak value of the cross correlation. 

In the beam-forming methods a full directional scan is undertaken to determine source 

direction, which is defined from the maximum signal power for a given angle. 

3.2 Coincident Microphone Arrays 

An alternative approach to spaced arrays for source localisation may take the form of 

coincident microphone arrays. In this approach, the microphones are mounted as close as 

possible to form a virtual point probe. Given their spatially coincident placement, the 

signals arriving at each microphone are considered to be in phase at least up to 

frequencies where the wavelength becomes comparable to the spacing between their 

diaphragms. In the most common approach, the directional sensitivity of the microphones 

follows a cosine function as shown in Figure 1. In theory, three of such probes are 

superimposed to provide a measure which is proportional to the particle velocity in each 

of the three Cartesian directions (x,y,z). A fourth signal containing the total pressure at the 

probe completes the system (Figure 2). The directional sensitivity of each microphone 

encodes a level difference between the acquired channels which can be read as 

directional information. Further details on the conditioning and analysis of probe signals 

are indicated in section 4. 

In [6], such a technique has been described which uses a beam-forming method to localise 

sound sources using a coincident microphone array. This method uses wavelet analysis to 

extract the direction of the source from the maximum peak of a 360 degree scan. The 

probe employed is a commercially available microphone which is sensitive to sound 

intensity in 3 dimensions. The technique exploits the spectral-temporal changes in the 

recorded signal and by decomposing the directional signal the maximum peak is identified 

as the source direction. The system is shown to detect source direction with a mean 

absolute error of about 7°. 

A different approach using various directional microphones has been presented in [7, 8]. 

In this case the approach has been less efficient as 6 channels, instead of 4, are required. 

However, the general principle of operation is the same, as that presented here. The 

authors in this case have used the signals from each probe to determine the 

instantaneous sound intensity in each of the x,y,z Cartesian directions at the location of 

the probe. Results shown indicate that accuracy is at least 15° at low frequencies but this 

deteriorates as frequency increases. 



 

 

 

 

Figure 1 - Polar Pattern for a bi

directional microphone 

Figure 2 – Representation of directional patterns for each signal in the coincident acoustic 

probe. X signal represents the front

represents the pressure component. The Z output representing the up

been omitted. 

 

4 NOISE SOURCE LOCALIS

4.1 The Soundfield microphone

The probe used in this work is readily available commercially from Soundfield [

The Soundfield microphone (SF) can be thought of as a 3 dimensional microphone, using a 
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Representation of directional patterns for each signal in the coincident acoustic 

represents the front-back intensity, Y represents left-right 

the pressure component. The Z output representing the up-down 

NOISE SOURCE LOCALISATION SYSTEM 

The Soundfield microphone 

The probe used in this work is readily available commercially from Soundfield [9]. 

microphone (SF) can be thought of as a 3 dimensional microphone, using a 

gradient microphones covering each Cartesian direction (x,y,z) 

and an additional pressure microphone (w) with omni-directional polar pattern
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directional polar pattern, as 



 

 

described in the previous section. In the soundfield microphone this behaviour is achieved 

using 4 microphone diaphragms arranged in a tetrahedral configuration and placed as 

close as possible to each other to reduce phase differences. According to the 

manufacturer, frequency dependent digital signal processing is further applied to 

compensate for the small distance that actually exists between the capsules (~12mm).  

The signals are conditioned and converted into 4 output signals known as ‘B-Format’ 

representing the particle velocity components in each of the three Cartesian directions X 

(front-back), Y (left-right) and Z(above-below) and one pressure signal, W, which is non-

directional.  In this application, only the horizontal components of the B-Format have been 

used to extract source incidence angle in the horizontal plane.  

Per definition, the directional sensitivity of the W signal is constant for all angles. The X 

and Y signals follow a cos(θ) and sin(θ) function respectively with origin at 0° - see Figure 

2.  

These three signals are converted into a digital stream which is analysed using a signal 

analysis algorithm developed in Matlab. 

4.2 Direction detection algorithm 

This preliminary work shows a simple detection algorithm based on direct analysis of the 

input signals. Both real-time and post-processing algorithms use the same signal analysis 

principle described below.  

 The magnitude of signals arriving from the front, back, left and right directions are 

obtained by forming a cardioid sensitive microphone pointing in each direction. These 

directional sensitivity patterns are obtained directly from the microphone signals using a 

combination of each bi-directional microphone pattern and the omnidirectional one: 
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The data in these vectors is then averaged using a moving average filter with 100 taps to 

reveal the envelope of incoming signals. Figure 3 shows an example. 



 

 

 

Figure 3 – Magnitude envelope for directional signals at the microphone. The incoming 
direction is estimated from the relative level difference between front/back and left/right. 
Only signals above a given threshold (red line) are considered for analysis. 

The envelopes in Figure 3 clearly show the sections of the noise signal arriving at the 

microphone from the 4 directions. In the case pictured, the source is at 0° on axis, that is, 

at the front of the microphone array. Note, the front signal is much larger than the back, 

and the left and right signals have similar magnitude – this indicates a source near on axis 

to the front of the probe. 

A vector containing the magnitude and direction (Figure 4) of the noise source can now be 

determined for each section of the signal that is above a given threshold (dotted line): 

��� = ������������� − �����������(2a) 
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Figure 4 – Display of estimated incoming source direction. Vector angle and magnitude 
indicate incoming source direction and strength respectively. 
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5 RESULTS 

A set of measurements were taken in the interior of a family size car.  A diagram of test 

source positions in the cabinet is shown in Figure 9. The microphone has been positioned 

between the front headrests, in a central position within the cabinet (Figure 5). 

 

Figure 5 – Microphone placement inside the car and between the two front headrests. On-
axis direction points straight ahead. 

The system was tested under two configurations: Offline testing, where signals were 

acquired, stored and post processed; and Real time testing where signal acquisition, 

analysis and display were performed instantly. 

 

5.1 Off line testing 

Measurements were taken of a small size loudspeaker replaying a noise file consisting of a 

‘squeak’ noise. The small speaker was positioned inside the car at the various positions 

indicated in Figure 9. Outside the car, 2 larger loudspeakers replayed pink noise to 

represent road and background noise. This is shown in Figure 6. 

 

Figure 6 – Positioning of noise sources ahead and behind vehicle to generate road and 
background noise. Pink noise was being reproduced. 

The natural insulation of the vehicle to external noise, shapes the spectral energy inside 

the car. The signal picked up at the microphone is clearly contaminated with this noise, as 

shown in Figure 7. 



 

 

 

Figure 7 – First stage acquisition signal. The pressure at the microphone is presented. 

To reveal the noise source inside the car, a high pass filter set at 1000Hz has been applied 

to the captured data.  

  

Figure 8 – Second stage acquisition data. Post high pass filtering to remove road and 
background noise. 

The smooth envelopes shown in Figure 3 were obtained by applying a moving average 

filter on the data, and the incoming direction of the source is then obtained as explained 

in section 4.2. 

The 8 direction estimations tested inside the car are shown in Figure 9 and compared to 

the expected directions indicated in red numbers. 
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Figure 9 – Diagrammatic representation of test setup inside car. Original source positions 
are indicated in red numbers. Estimated incoming source direction for each are indicated 
using the vectors (in blue). Source strength (vector magnitude) has been normalised. 

Estimation of incoming direction is reasonably accurate, except for positions 2 and 8. It is 

thought that these directions are strongly affected by very early reflections from the 

windscreen, which alter the signal levels at the microphone. Directions 4,5 and 6, at the 

back of the vehicle, have an empty space behind (the car tested is an ‘estate’) thus the 

reflections do not affect these positions as strongly. Given that the microphone was 

positioned between the front seat headrests, these may also affect the signals at the 

microphones. In future work, an optimised position in the cabinet is sought.   

5.2 Real-Time Source Direction Estimation 

The system has been developed to analyse incoming time frames of data. Each frame is 

composed of 8192 samples corresponding to 0.2 seconds. The analysed direction of the 

noise source is indicated by a stem vector. An average mode has been implemented to 

accumulate the directions with most recurring results. Results for different source 

directions and noise source level are shown in the following diagrams. A 3D directional 

diagram has been added to make use of the height information available with the 

microphone used. 

 

Figure 10 – Real time display panel. 

 

6 CONCLUSIONS 
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A system has been developed to localise a noise source inside a car cabinet. The system is 

based on simple rules of level ratios and directional patterns obtained from a 4 diaphragm 

coincident microphone array that is capable of measure sound particle velocity in the 3 

Cartesian directions. 

Signal analysis is performed using mathematical rules that are computational cheap and 

simple to implement making this system realistically implementable in a portable stand-

alone unit. 

Test results show that the system is capable of determining the general direction of the 

noise source both using post-processing as well as real time methods, whilst in the 

presence of background noise external to the car cabinet. It has been identified that one 

of the main challenges for such a system is to achieve a correct analysis which is immune 

to the highly reflective nature of the car cabinet. Further work is now being undertaken to 

improve localisation in the presence of reflections. Authors are also working on a system 

to characterise and classify the nature of the noise and the type of material involved in 

generating it. 
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