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Introduction

Each year, millions of workers are exposed to excessive noise levels. In Québec, between 400,000 and 500,000 of the 2,5 million workers are exposed daily to noise levels likely to generate hearing impairment. Hearing loss is by far the most recorded occupational disease [START_REF] Duguay | Statistiques sur les maladies professionnelles au Québec[END_REF] and its total cost to the society is the highest [START_REF] Lebeau | Maladies professionnelles : impact économique au Québec[END_REF]. Therefore noise control solutions have to be implemented to continue prevention efforts. To reduce noise levels at the workstation, direct noise sources and their reflections by the environment have to be detected.

Microphone array techniques have become widespread for noise source localization [START_REF] Johnson | Array Signal Processing: Concepts and Techniques[END_REF][START_REF] Brandstein | Microphone Arrays: Signal Processing Techniques and Applications[END_REF][START_REF] Benesty | Microphone Array Signal Processing[END_REF][START_REF] Bai | Acoustic Array Systems: Theory, Implementation, and Application[END_REF].These techniques are based on the calculation of the propagation delay between a pair of microphones in the time domain or the phase shift in the frequency domain. An accurate assessment of a source location requires several microphones. Commonly, microphone array measurements lead to an acoustic image or noise source map coded with colors to highlight the noise source locations [START_REF] Lanslots | Selecting sound source localization techniques for industrial applications[END_REF]. Depending on the situation, the microphone array processing, the number of microphones and the array geometry may differ. Detecting aeroacoustic sources, speakers in a meeting room or noise sources in industrial halls does not involve the same constraints and challenges.

For transportation applications, like cars, trains or aircrafts, there is no ambiguity on the source location with respect to the microphone array.

Therefore a planar acoustic array geometry is preferred. Today, the most common planar geometry corresponds to several spiral arms which provide an acoustic image with moderate side lobes and operate over a broad frequency range [START_REF] Underbrink | Circularly symmetric, zero redundancy, planar array having broad frequency range applications[END_REF]. The microphone array technique commonly used is the conventional beamforming in the frequency domain based on the cross-spectral matrix of the microphone signals [START_REF] Michel | History of acoustic beamforming, 1 st Berlin Beamforming Conference (BeBec)[END_REF]. Due to the poor resolution of the acoustic image provided by beamforming, deconvolution techniques or inverse problems are used to clean up the noise map [START_REF] Brooks | A deconvolution approach for the mapping of acoustic sources (DAMAS) determined from phased microphone arrays[END_REF][START_REF] Sijtsma | Clean based on spatial source coherence[END_REF][START_REF] Suzuki | L1 generalized inverse beam-forming algorithm resolving coherent/incoherent, distributed and multipole sources[END_REF][START_REF] Padois | Inverse problem with beamforming regularization matrix applied to sound source localization in closed wind-tunnel using microphone array[END_REF].

Microphone array techniques are also used in speech processing to detect speakers in a meeting room [START_REF] Dmochowski | A generalized steered response power method for computationally viable source localization[END_REF][START_REF] Do | SRP-PHAT methods of locating simultaneous multiple talkers using a frame of microphone array data[END_REF]. In this case, the microphone array involves few microphones and is located either at the center of the room on the table or on a wall [START_REF] Velasco | Source localization with acoustic sensor arrays using generative model based fitting with sparse constraints[END_REF][START_REF] Brutti | Multiple source localization based on acoustic map de-emphasis[END_REF]. The source is the human voice and the goal is to track the speakers. The main constraints are a high background noise and a reverberant environment. The common microphone array technique used is the beamforming, also called the steered response power based on the Generalized Cross-Correlation (GCC) of the microphone signals [START_REF] Knapp | The generalized correlation method for estimation of time delay[END_REF].

In workplaces such as an industrial hall, the dimensions of the rooms are very large and the reverberation time may be high (more than one second). The sound sources are usually broadband and may come from any direction therefore spherical microphone arrays are preferred. A 32-spherical microphone array associated to eigenbeam beamforming processing is used to localize a main source and its reflections [START_REF] Sun | Localization of distinct reflections in rooms using spherical microphone array eigenbeam processing[END_REF]. The obtained noise source maps allowed for a correct source localization. However, the processing had to be done at each frequency which is time consuming for broadband sources, moreover the number of microphones is high. Time-domain algorithms based on the GCC can be used to create a noise source map showing the main sources and potential reflections from the walls, floor or ceiling. However, the noise source map obtained may not be accurate due to the presence of large side lobes or high background noise and inverse problems have to be used to improve the resolution [START_REF] Padois | Comparison of acoustic source localization methods in time domain using sparsity constraints[END_REF]. Noël et al. [START_REF] Noël | A new temporal method for the identification of source directions in a reverberant hall[END_REF] developed a time domain technique associated with an inverse problem to detect source positions in complex industrial environments. Despite a correct source localization, the computation time of the inverse problem is very high. Moreover, their microphone array geometry is not well adapted for omnidirectional localization due to the absence of microphones at the top and bottom of the array.

The objective of the paper is to propose a fast signal processing technique with few microphones to localize acoustic sources in a reverberant environment. First, instead of using post-processing techniques to improve the noise source maps through the solution of associated inverse problems, the focus is rather put on generating a clean initial noise source map. Each microphone pair leads to a Spatial Likelihood Function (SLF) [START_REF] Aarabi | The fusion of distributed microphone arrays for sound localization[END_REF]. The noise source map is then obtained by summing up all the SLFs. Two criteria, based on the SLF energy or geometry of the microphone array and scan zone, are proposed to discard the microphone pairs which do not bring useful information. Then a polyhedral microphone array geometry with a small number microphones is proposed. The 14-microphone array is compared to the spherical microphone array developed by Noël et al. [START_REF] Noël | A new temporal method for the identification of source directions in a reverberant hall[END_REF]. The main originality of this work is that the proposed technique does not operate on the a posteriori noise source map but acts before generating the noise source map by removing SLFs with useless information. Moreover, by removing useless SLFs and using few microphones, the computation time and complexity is not increased.

Section 2 presents the source localization method and criteria used to compute the noise source map. Then, numerical data are used to assess the proposed microphone array geometry and criteria in Section 3. Finally, the performances of the microphone array geometries and criteria are confirmed by experiments carried out in a fully reverberant room (section 4).

Source localization method

Acoustic signal model

The objective of this section is to present the theoretical formulation of the source localization technique. The acoustic pressure source signal s(r s , t) is generated by an omnidirectional point source at location r s and recorded by a set of M free-field microphones at locations r m . The acoustic pressure signal x m recorded by the microphone m is given by

x m (t) = α m (r s )s(r s , t -∆t ms ) + v m (t), (1) 
where t represents time, α m (r s ) is the geometrical attenuation due to the propagation between the source and the microphone and v m (t) is an uncorrelated additive noise due to background or sensor noise. The term ∆t ms corresponds to the propagation delay between the source and the microphone, called Time of Flight (ToF), and is defined by the Euclidean distance

∆t ms = 1 c 0 r m -r s 2 , (2) 
where c 0 is the sound speed and • p is the l p -norm of a vector or a matrix.

In a real scenario, the microphone signals are sampled at a frequency f s and the processing is performed on discrete signals. The acoustic pressure microphone signal is then divided into segments of N points and the source localization technique presented in the following section may be performed frame by frame.

Conventional Beamforming

The main idea behind most source localization techniques is to compensate the time delay between each microphone. For a given sound speed, the ToF between the microphones and a set of L virtual sources at location r l is computed. Each microphone signal is delayed by the corresponding ToF, which corresponds to steer the microphone array in the direction of the virtual source. When the sum of the delayed microphone signals is maximized the source is localized. This technique is known as delay-and-sum beamformer and its output y l (t) can be expressed for the virtual source l location as

y l (t) = M m=1 x m (t + ∆t ml ), (3) 
where ∆t ml is the time delay which steers the beamformer into a virtual source location. The beamformer output power Y BF for a virtual source location l is given by

Y BF l = E{y 2 l (t)} = M m=1 M n=1 R xm,xn (∆t ml -∆t nl ), (4) 
where E{•} is the mathematical expectation and R xm,xn the cross-correlation function between the signals x m and x n defined by

R xm,xn (τ ) = E{x m (t)x n (t + τ )}, ( 5 
)
where τ is the time lag. The beamformer output power is obtained after the summation process over all microphones. The estimated source position r e is provided by the peak value of the beamformer among all virtual source locations

r e = arg max l (Y BF l ). (6) 
The set of virtual source locations is called a scan zone and may be in one, two or three dimensions. In this study, the scan zone is a plane and the result obtained is a two dimensional image called noise source map. The noise source map is composed of a main lobe (source position), side lobes and spurious lobes due to the microphone array geometry. Commonly, the computation of the beamformer output is performed over the M p = M (M -1)/2 microphone pairs due to the symmetry of the cross-correlation matrix (redundant information). Moreover, the auto-correlation terms (auto-correlation of microphone signals) are removed because they do not bring any information to the noise source map. These terms are known as "DC" component or self-noise. Usually, the beamformer output is computed thanks to the Generalized Cross-Correlation (GCC) [START_REF] Knapp | The generalized correlation method for estimation of time delay[END_REF], which is a weighted cross-correlation function, therefore the noise source map obtained is called GCC in the following.

Truncated cross-correlation

To obtain the beamformer output power, the time delay (∆t ml -∆t nl ) between a virtual source location and a microphone pair has to be computed.

Then, the cross-correlation of the microphone pair is estimated. Finally the value of the cross-correlation corresponding to the time delay is picked up and added to the source map. For a large number of virtual source locations and number of microphones the computation time may be intractable. Rather than searching the time delay for each virtual source location, one by one, the time delays between all the virtual source locations and a microphone pair (m, n) are computed and stored into a time lag vector τ m,n

τ m,n = |∆t m1 -∆t n1 | , . . . , |∆t ml -∆t nl | , with l = 1, ..., L, (7) 
with |•| the absolute value. This vector corresponds to the time delay between all the virtual source positions and the microphone pair (m, n). Then, the peak value of the time lag vector is looked up. This time lag corresponds to the largest time delay possible for the considered microphone pair and all the virtual source positions. Therefore, the time delays of the crosscorrelation exceeding this maximum time lag are removed because they cannot be reached. A truncated cross-correlation function referred to as Rxm,xn is introduced,

if |τ | < max(τ m,n ), Rxm,xn (τ ) = R xm,xn (τ ), (8) 
Rxm,xn is a vector corresponding to the N t allowed time delays. Now, the goal is to match each truncated cross-correlation value (with size [1 × N t ]) to the time lag vector (with size [1 × L]). However, the size of the time lag vector and the truncated cross-correlation are different. Therefore, the truncated cross-correlation vector is interpolated over the time lag vector which means that for each virtual source location a truncated cross-correlation value is assigned. The result is called the Spatial Likelihood Function (SLF) [START_REF] Aarabi | The fusion of distributed microphone arrays for sound localization[END_REF] for a microphone pair. Theoretically, the maximum of SLF is a hyperboloid in three dimensions and a hyperbola in two dimensions. However, in real situations, the hyperbolas are spread out and blurred and rather represent hyperbolic areas [START_REF] Velasco | Source localization with acoustic sensor arrays using generative model based fitting with sparse constraints[END_REF], called hyperbolas in the following. These hyperbolic areas can be narrow or wide according to the microphone positions. Finally, the processing is repeated for all the microphone pairs. The number of SLF is thus equal to the number of microphone pairs. To create the noise source map, all the SLFs are summed up. The peak values of the noise source map, which are the locations where the hyperbolas intersect, correspond to the source positions.

Examples of Spatial Likelihood Function

The SLFs are investigated for three microphone pairs called vertical, diagonal and collinear configurations (see Figure 1.d-f, considered microphones are plotted as red circles). The source generates a broadband signal. For each case, the cross-correlation is shown in (Figure 1.a-c). The SLF is shown in three dimensions and a slice is cut in the plane of the source (scan zone).

The vertical case corresponds to microphones at the same position but with a different z position. The source location is at equal distance from both microphones therefore the time delay is zero and the resulting SLF is a line as expected. In the case of the diagonal configuration, the time delay is not zero.

This leads to a hyperboloid in three dimensions and a hyperbola in the scan zone plane. In the case of several microphone pairs, the intersection between the hyperbolas yields the source location. In the collinear configuration, the first microphone is in front of the second microphone, i.e. the first microphone is between the source and the second microphone on the same axis. In this case, the time delay is always negative because the acoustic waves always reach the first microphone before the second (for a source located in the scan plane). Therefore for the considered scan zone, the time delays between the scan points and the microphone pair are almost similar (very low variance).

The resulting SLF is a cone in three dimensions and a large main lobe in two dimensions due to the intersection of the scan zone with the cone.

The SLF for each configuration are shown in the scan zone than the SFLs with a large main lobe. Criteria are discussed in the following to reject the SLF which provides inaccurate source localization.

Geometrical criterion (GC)

A Geometrical Criterion (GC) based on the vectors formed by a scan point and a microphone pair to improve the resolution of the noise source map obtained with GCC is proposed. Consider a scan point coordinate r l and a microphone pair defined by points r m and r n . Two vectors from the scan point to the microphones can then be defined. If the l 2 -norm of the normalized cross product of these two vectors is small, the angle θ between the two vectors is small and an inaccurate SLF for the localization, similar to the collinear configuration, may result,

a) b) c) d) e) f)
----→ r m -r l ∧ ----→ r n -r l 2 ----→ r m -r l 2 ----→ r n -r l 2 = sin(θ). (9) 
The GC criterion is presented as a spatial weighting function W mn (r l ) multiplying the SLF (Eq. 8). When the angle θ is lower than β GC , the value of the SLF (corresponding to a scan point location) is set to zero

W mn (r l ) =    1 if θ > β GC 0 otherwise. ( 10 
)
The GC criterion depends on a scan point and a microphone pair, therefore some scan points of a SLF or the whole SLF may be discarded. In the following, this method is called GCC-GC. 

a) b) c) d) e) f)

Energy criterion (EC)

An alternative Energy Criterion (EC) is proposed and called GCC-EC.

As shown in figure 2.a-c the pattern of the SLF depends on the microphone locations. The noise source map is obtained by summing all SLFs, thus a SLF with large main lobe does not provide accurate information about the source position but contains a high energy (due to the size of the main lobe).

Therefore SLFs with a high energy may be removed. The energy of the SLF can be obtained by the l 2 -norm operation (root mean square value of the SLF for all the scan points). Therefore, removing the SLF given by a microphone pair with energy higher than a threshold β EC should improve the resolution of the final noise source map. The main difference between the criteria is the computation. With the GCC-GC the value of the angle θ is computed for all the scan points and microphone pairs whereas the GCC-EC is computed for each SLF,

Rxm,xn (τ ) =      Rxm,xn (τ ) if 10 log 10 Rxm,xn (τ ) 2 min Rxm,xn (τ ) 2 < β EC 0 otherwise. ( 11 
)
3. Numerical source localization

Numerical set-up

The performances of the GCC associated to the two criteria are first investigated from synthetic data. The acoustic signal is generated by a broadband omnidirectional point source in free-field conditions. The acoustic point source is located at (x = 0, z = 0) at 1 m from the microphone array center at the same z position. The geometry of the microphone array is discussed in Section 3.2. The acoustic time signal is sampled at f s = 44 kHz. The scan zone, where the source is searched, is a square with side equal to 0.6 m. The distance between the microphone array and the scan zone is 1 m. It was verified through numerical simulations that a small error on this distance (less than 10%) leads to a correct source position with a similar noise source map.

A larger error provides a correct source position detection but with higher spurious lobes levels. The scan zone is discretized with 101 scan points along each direction which leads to a total number of scan points L = 10, 201. The cross-correlation is computed using the inverse Fourier transform of the crossspectrum between microphone pair signals. Commonly the cross-spectrum is whitened by the PHAse Transform (PHAT) filter, which removes its magnitude. This technique enhances the cross-correlation estimation because only the phase information is used to compute the inverse Fourier transform [START_REF] Knapp | The generalized correlation method for estimation of time delay[END_REF].

Microphone array geometries

In the context of acoustic imaging various microphone array geometries can be used depending on the configuration (planar, circular...). In an industrial hall, the acoustic energy may come from all the directions, therefore spherical microphone arrays are preferred. The distribution of the microphones on the sphere has to be correctly chosen. Polyhedral discretization of a sphere has been discussed theoretically in [START_REF] Hu | Geometrical arrangement of microphone array for accuracy enhancement in sound source localization[END_REF]. In the present study, a polyhedral geometry is proposed with 14 microphones arranged on the ver- teria should improve the noise source map. However, both criteria require defining a tuning factor (β GC or β EC ). To get the best value of the tuning factor, the width of the main lobe in both directions is picked up for several values of the tuning factor. The main lobe width is defined by the length of the main lobe at -3 dB. The number of scan points is increased up to L = 361, 201 (one point per millimeter) in order to accurately estimate the main lobe width. β EC varies from 0 dB up to 8 dB and β GC from 0 ˚up to 23 ˚. The main lobe width versus tuning factor is displayed in Figure 5 for both microphone array geometries. With β EC = 8 dB and β GC = 0˚, the noise source maps obtained correspond to the GCC source map (without criteria). In this case, the main lobe width along the x-axis is similar for both microphone array geometries. However, the main lobe width along the z-axis is larger with the ISIT microphone array as shown in Figure 4.d. Note that the main lobe width is similar in both directions with the CUBE array due to the symmetry of the geometry. With both arrays, if β EC > 3 dB the main lobe width is not improved by the criterion. For lower values, the main lobe width is enhanced until it reaches a minimum for the CUBE and ISIT (z-axis). With the CUBE array, the smallest main lobe width is reached when β EC is in the range [0.6; 1] dB. With the ISIT array, the main lobe width along the x-axis decreases as β EC decreases but at the expense of a larger main lobe width along the z-axis (larger than without criterion). For β EC < 1 dB, the main lobe width along the z-axis is large because too many SLFs are removed and only SLFs with a vertical line are kept (which explains the small main lobe width along the x-axis). Therefore a trade-off has to be made. In order to compare the noise source maps provided by both microphone array geometries with the GCC-EC, a value of β EC = 1 dB is chosen.

This allows for the best main lobe width with the CUBE array and a small main lobe width along the z-axis with the ISIT array is achieved. As for the GCC-EC, when β GC < 10˚, the main lobe width is not clearly improved for both microphone array geometries. With the CUBE array, the optimal main lobe width is reached when β GC is in the range [18˚; 20˚]. With the ISIT array, the trend of the main lobe width is similar to GCC-EC, the x main lobe width decreases with β GC but the z main lobe width increases.

The optimal values chosen for both criteria are β GC = 20˚and β GC = for the CUBE and ISIT array, respectively. The noise source map obtained with both microphone array geometries and above optimal values of the criteria, are plotted in Figure 6. The CUBE array provides a narrower, more symmetric main lobe than the ISIT array for which the main lobe is blurred with side lobes in the vertical direction. The best noise source map is given by the CUBE array with GCC-EC which exhibits a narrow main lobe and a) b) 

Influence of background noise

The previous noise source maps have been generated in the case of microphone signals without additive noise (or background noise). Now, an uncorrelated white noise with zero mean is added to each microphone signal (see Eq. 1). In the case of a workplace, the background noise can be electrical or due to undesirable noise sources. The electrical noise depends on the quality of the acquisition system and is considered of low amplitude as compared to the main sources. However, the amplitude of the acoustic background noise such as the heat and ventilation air conditioning can be high. To determine the amount of noise added to the microphone signals,

the Signal to Noise Ratio (SNR) criterion is used. The previous noise source maps have been generated without noise, therefore the SNR is equal to +∞.

An SNR= 0 dB is chosen to generate the noise source maps which correspond to a source and a noise with the same level (see Figure 8). Without criteria, the noise source maps obtained with both microphone arrays are very similar. With the CUBE array, the side lobes in the horizontal and vertical directions are more extended but the main lobe size is slightly narrower.

With the ISIT array, the noise source map keeps the same pattern with side lobes slightly more extended. Therefore, even with background noise added to the microphone signals, the source can be located and the noise source maps are almost the same as without background noise. Using the criteria, the noise source maps are improved. With the ISIT array, the noise source maps obtained are almost the same as Figures6.b-d. With the CUBE array the noise source maps are slightly different but the spurious lobes are still removed. Finally, even with a high background noise (SNR= 0 dB), the source can be located and both criteria still improve the noise source maps. In the following, the background noise amplitude is set to zero to only investigate the performances of both arrays and criteria.

Influence of source-array distance

The numerical set-up of Section As expected, the best result is obtained when the source-array distance is well estimated. However, even with biased source-array distances, the source position is located. The main difference is the number and level of spurious lobes. Figure 10 shows the noise source maps for a smaller bias of the source-array distances ([0.95; 1; 1.05] m). If the source-array distance is estimated with a small error, the noise source maps are very similar. Therefore, if the source-array distance can be experimentally estimated, with a small error, the source position will be correctly estimated.

Commonly, the source-array distance is an input into the microphone array processing and can be quite accurately estimated experimentally. If the source-array distance cannot be estimated, the alternative way is to use a plane wave formulation.

Three acoustic sources with different source levels

In this section the performances of the microphone arrays associated with the criteria are compared in the case of three sources with different levels The noise source maps are shown in Figure 11 for the horizontal source configuration. In all the cases, the source positions are correctly detected.

However with GCC, the detection of the source with the weakest level is difficult due to the spurious lobes. The criteria allow for a better detection of the source positions. In this configuration the ISIT microphone array provides a noise source map with few spurious lobes due to its lower side lobes level along the x-axis. To get a better insight into the noise source maps, slices along the x-direction are presented in Figure 12. Both criteria improve the main lobe width and reduce the background noise of source maps. For both microphone array geometries, the GCC-EC provides the best results with low side lobes level and narrow lobes. Moreover, the GCC-EC better estimates the noise source levels. The GCC-GC is less efficient with the CUBE array and under-estimates the weakest source level with the ISIT array.

As discussed in Section 3. array is poor due to the smaller z-dimension of the microphone array, thus inaccurate noise source maps may be expected in the vertical axis. The three acoustic sources, previously set horizontally, are now along the z-axis.

The noise source maps are shown in Figure 13 for both microphone array geometries and criteria. Without any criterion, the noise source maps exhibit a high side lobe level and the detection of the weakest source is difficult. Both criteria improve the noise source maps by removing side lobes and narrowing the main lobe. However, the noise source map based on GCC-GC and ISIT still exhibits a very poor vertical main lobe width whereas this artifact is not present in the noise source map based on the GCC-EC and GCC-GC with the CUBE array. The slices along the z-direction are presented in Figure 14.

When GCC-GC is used, the ISIT array shows a large side lobe. The best main lobe width is provided by the GCC-EC which leads to the best estimation of the source level. To set-up the microphone arrays, two similar frames have been designed.

Each frame was composed of a sphere of radius 3.81 cm supported by a tripod. Holes were drilled in the sphere according to each microphone array geometry pattern. Rods with 20 cm length were inserted into the holes and the microphones were mounted at the end of the rods (see Figure 15) scan points, i.e. one scan point by centimeter). For both microphone arrays, the GCC with and without criteria was applied.

to
The noise source maps are shown in Figure 16 for both microphone array geometries and detection algorithms. The GCC with the ISIT array exhibits two large spots at source positions with a vertical main lobe width larger than the horizontal main lobe width. The noise source map is enhanced when the criteria are applied. The GCC-GC and GCC-EC remove the spurious lobes and decrease the size of the main lobes. With the CUBE array, the noise source map, obtained with GCC, exhibits two main spots with a smaller main lobe width than the ISIT array in the vertical direction. The GCC-GC workers and to avoid slowing down the production, the computation time 

Conclusion

In this study, the performance of spherical microphone arrays, combined For both geometries, the microphones were distributed on a sphere with a radius of 0.25 m. An Energy Criterion (GCC-EC) and a Geometrical Criterion (GCC-GC) were proposed to select a subset of relevant microphone pairs in Cross-Correlation estimations, and improve the noise source map. The noise source maps provided by both microphone arrays and criteria were assessed using numerical data in free-field and experimental data obtained in a reverberant room.

The case of a single source, three horizontal sources and three vertical sources with different sound levels were studied through numerical simulations. The best noise source map in terms of main lobe width and side lobes is provided by the CUBE array with the GCC-EC. Even with background noise, both criteria are efficient and lead to clean noise source maps.

Then, the performances of both microphone arrays were compared in the case of experimental data. Two loudspeakers were set in a reverberant room.

The CUBE array associated to the GCC-EC clearly detected the two source positions with the best resolution.

Finally, it has been shown that the smallest GCC computation time is achieved for the CUBE array (due to it is low number of microphone pairs).

Moreover, the GCC-EC is faster than the GCC-GC.

This study demonstrated that the CUBE array is more efficient than the ISIT array and that the GCC-EC allows for improving the noise source map with a weak increase of the computation time.

Usually in acoustic imaging, inverse problems can be used to achieve a high resolution. The input of the inverse problem is the noise source map and the computation time may be long due to the iteration process. The next step of this work is to study how the improved noise source map obtained with the CUBE array combined with the GCC-EC criterion affects the resolution of inverse problems.
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 2 a-c).The final noise source map is obtained by summing all the SLFs provided by the microphone pairs, Figure2.d-f). Owing to the last comment, some microphone pairs do not provide accurate information about the source location, such as the collinear configuration (Figure2.e-f). The sum of SFLs with a narrow hyperbola area provides a more accurate localization (Figure2.d)

Figure 1 :

 1 Figure 1: Cross-correlation between a microphone pair signal (top) and SLF (bottom) for three microphone pair configurations, a-d) vertical, b-e) diagonal and c-f) collinear. The microphone array center is at y = 0 m and z = 0 m. The filled red dots represent the microphone pair of interest. The black circles are the other microphone positions. The scan zone is the black square at y = 1 m and the blue circle is the real source position. The shaded surface is the hyperboloid.
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 2 Figure 2: Spatial Likelihood Function (SLF) for three microphone pairs configurations, a) vertical, b) diagonal and c) collinear. Sum of the (SLF) d) vertical + diagonal, e) vertical + collinear and f) diagonal + collinear. The white circle is the source position.
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 34 Figure 3: a) Spherical 14-microphone array (called CUBE). b) Spherical 15-microphone array (called ISIT). The large black dot is the source position. The dashed gray lines represent circles of radius 0.25 m.
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 567 Figure 5: Main lobe width in both directions (x-axis and z-axis) versus tuning factor, a) GCC-EC and b) GCC-GC. The main lobe width is divided by the diameter of the spherical microphone array and expressed in %.
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 31 Figure 9.
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 089 Figure 8: Noise source maps in the case of a Signal to Noise Ratio (SNR) equal to 0 dB . a) CUBE array with GCC, b) ISIT array with GCC, c) CUBE array with GCC-EC, d) ISIT array with GCC-EC, e) CUBE array with GCC-GC and f) ISIT array with GCC-GC. The black circles are the source positions.
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 10 Figure 10: Noise source maps for three source-array distances with CUBE array and GCC, a) 0.95 m, b) 1 m and c) 1.05 m. The black circles are the source positions.
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 1112 Figure 11: Noise source maps in the case of three horizontal acoustic sources with different sound levels ([0; -3; -6] dB). a) CUBE array with GCC, b) ISIT array with GCC, c) CUBE array with GCC-EC, d) ISIT array with GCC-EC, e) CUBE array with GCC-GC and f) ISIT array with GCC-GC. The black circles are the source positions.

4. Experimental source localization 4 . 1 .

 41 Experimental set-upIn order to confirm the above findings on array geometries (CUBE and ISIT) and criteria (GCC-EC and GCC-GC), experiments were conducted in a reverberant room. The reverberation time based on the TR60 is about 3 s at 1 kHz which leads to a reverberation radius of 0.5 m.
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 1314 Figure 13: Noise source maps in the case of three vertical acoustic sources with different sound levels ([0; -3; -6] dB). a) CUBE array with GCC, b) ISIT array with GCC, c) CUBE array with GCC-EC, d) ISIT array with GCC-EC, e) CUBE array with GCC-GC and f) ISIT array with GCC-GC. The black circles are the source positions.
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 1516 Figure 15: Photograph of the experimental set-up.

Figure 17 :Figure 18

 1718 Figure 17: Slices of the noise source maps in the case of the loudspeakers at z = 0 m, a) CUBE array and b) ISIT array.

  with the Generalized Cross-Correlation (GCC) technique, to detect broadband point sound sources was investigated. The objective of the paper was to propose a fast signal processing technique to generate a clean noise source map with few microphones. A geometry based on the compound of a cube with an octahedron (called CUBE) and comprising 14 microphones has been proposed. This geometry has been compared with another 15 spherical microphone array used previously in the literature and called ISIT by the authors.