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6. Experimental Prototypes

PSR (%)

SNR SRP SRP-DC SRP-PHAT MVDR MVDR-DL MUSIC Mmccce Root-Music ESPRIT
30 98,90 98.90 70,33 56.04 98.90 91,21 100 64,84 70.33
20 87.91 76,92 43,96 30,77 95.60 86.81 91.21 62,64 67.03
10 52,75 57,14 41,76 38,46 61,54 54,95 64,84 46,15 46,15

5 38,46 26,37 18,68 29,67 45,05 37,36 49,45 37,36 37,36

0 38,46 30,77 23,08 21,98 53.85 41,76 3297 21,98 20,88

RMSE

SNR SRP SRP-DC SRP-PHAT MVDR MVDR-DL MUSIC MccC Root-Music ESPRIT
30 0,10 0,10 0,54 10,09 0,10 0,30 0 0,59 0,54

20 0,35 0,48 0,90 1,10 0,21 0,36 0.47 0,66 0,70

10 0,98 1.13 1.48 5.81 0.65 0.67 1.79 7,08 0.92

5 1,92 2,79 10,19 2,34 0.88 0,92 7.51 25,52 24,46

0 3,26 3,50 11,12 10,21 148 2,87 1381 40,43 42,07

Mean

SNR SRP SRP-DC SRP-PHAT MVDR MVDR-DL MUSIC Mccce Root-Music ESPRIT
30 23,01 23,01 23,30 22,34 23,01 23,09 23,00 23,35 23,30
20 23,12 2323 2348 23,51 23,04 23,13 23,04 23,40 23,33
10 2344 23.40 23,76 23,02 2333 2345 23,34 24,05 2341

5 2375 23,71 23,81 23.49 23.55 23,60 22,96 20.08 19.27

0 22,67 22,30 20,35 22,97 23.20 22,92 19,73 15.56 16.45

Table 6.2: Comparison of the DOA estimation for the female voice sound.

PSR (%)

SNR SRP SRP-DC SRP-PHAT MVDR MVDR-DL MUSIC Mccc Root-Music ESPRIT
30 100 100 81.48 3,70 100 88,89 100 62,96 40,74
20 100 100 62,96 18,52 100 96,30 100 51.85 44.44
10 62,96 59,26 22,22 1481 74,07 77,78 96,30 29,63 29,63

5 66,67 59,26 14,81 18,52 70,37 74,07 77,78 2593 2593

0 70,37 70,37 48,15 14,81 74,07 48,15 51.85 741 14,81

RMSE

SNR SRP SRP-DC SRP-PHAT MVDR MVDR-DL MUSIC Mcce Root-Music ESPRIT
30 0 0 0.43 63.15 0 0,33 0 0,61 0,77

20 0 0 0.61 54,53 0 0.19 0 1,07 1,07

10 0,61 0,64 1 32,36 0,51 047 0,19 13,12 12,60

5 0,58 0,64 1,04 51,24 0,54 0,51 0.47 43,62 28,77

0 0,86 0,84 0,92 43,95 0,77 1,39 7,70 46,63 53,04

Mean

SNR SRP SRP-DC SRP-PHAT MVDR MVDR-DL MUSIC MCCC Root-Music ESPRIT
30 23 23 23,19 -27.41 23 23,11 23 23,37 23,59
20 23 23 23,37 -15.22 23 23,04 23 23.26 2348
10 23,37 2341 23,63 7.59 23.26 23,22 22,96 25.15 25.04

5 23,19 22,96 23,56 -9.52 23.30 23,26 22,78 18,11 35.59

0 23,30 22,89 22,74 -2 2322 23 20,93 23 21,22

Table 6.3: Comparison of the DOA estimation for the gun shot sound.
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6.2 Far-Field Application
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Figure 6.7: Frame analysis of the DOA method comparison, SNR = 20 dB.
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Figure 6.8: Frame analysis of the DOA method comparison, SNR = 5 dB.
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6. Experimental Prototypes

Figure 6.9: Map of the study area indicating the position of arrays and sources.

6.2.4 Experimental Results with ISPC

Experiments were conducted that consider the area of analysis of 60 x 90 m shown in Figure 6.9, i.e., the
parking lots of the University. Eleven zones of acoustic source positioning are considered. The sources
used are a human voice (S1), a hammer striking an iron bar (S2) and a motor car (S3). The hammer
striking an iron bar is the short event sound.

Two types of experiments were performed. The first type used sounds with different spectral content,
named test P. The second type, however, used sounds with similar spectral content, named test C. Test
P is composed of eight parts (P1, P2, ..., P8), each one with three sources placed in different positions
(see table 6.5). The zero of the xy axes reference is located in the middle of the distance between the
two arrays.

In various parts of test P, the sources were positioned at increasing distances along the y axis (P1 -
P4) and the x axis (P5 - P8): e.g., in part P1, we placed S1 in 1, S2 in 2, and S3 in 3. The Table 6.4
shows the xy coordinates of the points and the position estimated by the microphone array prototype,
which reported the mean value of the x and y coordinates and the RMSE of the estimation.

MCCC is used in the DOAs estimation. Tables 6.6 and 6.7 summarize the results, comparing the lo-
calization success rate (as a percentage) with different beamforming algorithms (SRP, SRP with Dolph-

Chebyshev windowing, MVDR, and MVDR-DL) and spectral distance functions (LP, IS, RMS, COSH).
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6.2 Far-Field Application

Source Label X y Mean x Mean y RMSE x RMSE y
1 1.5 20 1.6 19.8 0,19 0,95
2 1.5 23 1.6 235 0,18 1,04
3 1,5 26 1,53 278 0,24 2,06
4 1.5 32 1.49 30.05 0,16 2,32
5 1.5 38 1.48 38.21 0.18 1,74
6 1.5 52 1.44 51.8 0,06 0.2

7 4.5 20 4.57 21,2 0,23 1.9

8 7.5 20 6.5 21,15 1,07 345
9 10,5 20 11 22,25 0.5 2,25
10 20 20 18,5 23,27 1.8 4,03
11 30 20 274 17,06 7.3 12,95

Table 6.4: Position referring to Figure 6.9 and the mean value estimation and RMSE.

The localization success rate is the ratio between the number of correct combinations and the Number
Of Ambiguities (NOA) for that part of the test. The NOA is the number of frames in which we have
ambiguity to properly associate the DOAs to the sources, i.e., the associations are incorrect in practice.
The audio signal frame was divided into 17,5 ms overlapping and a Hanning-windowed with a length of
140 ms. The parking area, where the tests were conducted, is a public area. Thus, we must to consider
that there are other sources in the acoustic scene: other sounds of cars that are moving in the parking
area and in the nearby streets. Tables 6.8 and 6.9 summarize the results of all tests, labeled 7". The
three Frequency Range (FR) for the spectral distance estimation are 20-675 Hz, 20-2000 Hz and 20-
8000 Hz. The frequency value of 675 takes into account the spatial aliasing limit, which, in our case, is
f=c¢/(2d) =337/(2-0.25) = 675 Hz. The phenomena of spatial aliasing implies that the main lobe
of the beamformer has a set of identical copies, called grating lobes. The appearance of grating lobes
is a function of both microphone spacing and incident frequency. When fully visible, a grating lobe is
equal in amplitude to the main lobe of the array. This fact reduces the array response, and, therefore, by
defining the spatial sampling requirement and removing the grating lobes, we obtain a greater efficiency
in the ISPC.

In test C, two car sounds were used. The test was performed by placing two car sources in 1 and 7,
as shown in Figure 6.9. In Figure 6.10, the total localization success rate of the complex acoustic scene
(T) is compared with the results of the case of two cars to test whether our algorithm works even with
similar spectral content sounds. We note that the accuracy decreases, especially with regard to the RMS
and COSH functions, and this result highlights the limitation of the proposed approach in the case of
spectrally similar sources.

The best results were obtained with the RMS log spectral distance function and FR=[20-675] Hz.
MVDR-DL has the greatest capacity for location with 90.9 %, SRP-DC with 88.4 % and SRP with
88.2%.
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Table 6.5: The position of the sources of the eight tests (P).

[ [ | Localization Success Rate (%) T ]
[ [ FR [ SPRLP _ SPRIS _ SPR-RMS _ SPR-COSH __ SPRDC-LP __ SPR-DCIS _ SPR-DCRMS _ SPR-DC-COSH | NOA |
PI | 20675 336 196 858 823 265 398 867 770 113
202000 | 593 62.8 779 68.1 515 575 717 66.4
20-8000 | 566 575 76.1 637 522 522 717 602

P2 | 20675 583 583 75.0 417 75.0 417 66.7 417 12
202000 | 583 66.7 417 417 50.0 333 333 250
20-8000 | 667 66.7 66.7 33 66.7 333 66.7 583

P3| 20675 243 432 89.2 83.8 297 40.5 91.9 919 37
202000 | 59.5 595 865 81,1 48,6 486 757 75.7
20-8000 | 703 703 784 67.6 64.9 622 73.0 595

P4 | 20-675 289 22 933 867 267 444 88.9 733 45
202000 | 400 46.7 733 57.8 533 578 711 578
20-8000 | 77.8 778 644 600 622 62.2 733 533

P5 | 20675 368 526 737 737 316 579 789 68.4 19
202000 | 42,1 474 737 52,6 316 316 789 632
20-8000 | 737 737 737 737 57.9 579 737 632

P6 | 20675 308 45.1 902 812 323 414 917 805 133
202000 | 39.8 429 865 68.4 436 459 76.7 654
20-8000 | 489 489 714 57.1 489 489 729 69.2

P7 | 20675 295 432 795 81.8 250 318 79.5 795 44
202000 | 34,1 364 90.9 727 27 27 705 65.9
20-8000 | 500 50,0 65.9 65.9 341 341 614 59.1

P8 | 20675 292 514 95.8 88.9 111 403 944 833 72
202000 | 59.7 61.1 62.5 556 55.6 55.6 69.4 68.1
20-8000 | 653 653 819 625 59.7 61.1 84.7 653

Table 6.6: Results of the eight tests () with SRP and SRP-DC.

[ [ Hz | Localization Success Rate (%) | ]
[ [ FR [ MVDR-LP MVDR-IS MVDR-RMS MVDR-COSH MVDR-DL-LP _ MVDR-DL-IS MVDR-DL-RMS MVDR-DL-COSH | NOA |

PI [ 20-675 363 372 70,8 a6 398 65,5 885 87,6 113
202000 | 53,1 549 61.9 549 53.1 735 779 779
20-8000 | 522 522 63.7 46,9 59.3 69.0 79.6 77.0

P2 | 20675 58.3 50.0 50.0 58.3 50.0 75.0 75.0 417 12
202000 | 417 417 41,7 41,7 833 75.0 50.0 417
20-8000 | 833 83.3 66.7 75.0 833 41,7 583 50.0

P3| 20675 21,6 324 83.8 40,5 35.1 784 89,2 91,9 37
202000 | 459 40,5 67.6 459 432 838 81,1 81,1
20-8000 | 514 514 59,5 622 35,1 56,8 514 59,5

P4 | 20-675 378 333 68,9 533 444 444 97.8 95,6 45
202000 | 422 40,0 66.7 62,2 40,0 55,6 822 77.8
20-8000 | 489 489 73.3 55.6 55.6 66.7 711 711

P5s | 20675 52,6 57.9 68.4 632 36.8 263 789 73.7 19
202000 | 632 63.2 632 57.9 68.4 52,6 737 78.9
20-8000 | 57.9 57.9 789 474 526 52,6 737 68.4

P6 | 20-675 459 481 744 55.6 63.2 91,0 94,0 932 133
202000 | 519 52,6 729 549 534 83,5 91,0 842
20-8000 | 474 474 677 594 459 70.7 744 722

P7 | 20675 56,8 50,0 614 54,5 50,0 84,1 84,1 84,1 44
202000 | 568 50,0 63,6 59,1 38,6 54,5 70,5 52,3
20-8000 | 47.7 47,7 59.1 38,6 52,3 47,7 47,7 56,8

P8 | 20675 403 41,7 81.9 56.9 472 52.8 95.8 88.9 72
20-2000 | 50.0 56,9 73.6 48.6 27.8 75.0 70.8 722
20-8000 | 556 55.6 63.9 514 48.6 62.5 66.7 73.6

Table 6.7: Results of the eight tests (P) with MVDR and MVDR-DL.
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6.2 Far-Field Application

‘ (Hz) | Localization Success Rate (%) ‘ ‘
\ FR [ SPR-LP  SPRIS  SPRRMS  SPR-COSH _ SPR-DC-LP  SPR-DC-IS  SPR-DCRMS  SPR-DC-COSH | NOA |
T | 20675 314 472 88,2 82.1 274 4038 88,4 787 475

202000 | 49,1 522 783 655 478 484 722 65.1
20-8000 | 59.2 594 735 615 533 524 733 627
Table 6.8: Summary of the results of all tests (P) with SRP and SRP-DC.

[ | (Hz) | Localization Success Rate (%) { ‘
\ [ PR [ MVDRLP  MVDRIS  MVDR-RMS  MVDR-COSH  MVDRDLLP  MVDR-DLIS  MVDR-DL-RMS _ MVDR-DL-COSH | NOA |
T [ 20675 417 425 728 514 486 70,1 909 88.4 475
202000 | 512 516 674 54,1 474 73,1 79.6 758
208000 | 516 51.6 65.7 53,1 514 64.0 69.5 703

Figure 6.10: Comparison of the summary results T with the result C of the car-car test with NOA=116.

Table 6.9: Summary of the results of all tests () with MVDR and MVDR-DL.

LOCALIZATION SUCCESS RATE (%)

100

90

80

70

60

50

40

FR=[20, 675] Hz.

T
[ lc

81




Tesi di dottorato di Daniele Savati, discussa presso 'Universita degli Studi di Udine. Soggetta alle licenze creative commons (http: ~Sono fatti salvi i diriti dell Universita degli Studi di Udine di riproduzione per scopi di ricerca e didattici, con citazione della fonte

6. Experimental Prototypes

6.2.5 Summary

The novel Incident Signal Power Comparison algorithm used to solve the ambiguous problem of cor-
rectly linking the DOAs from different arrays to the same source was presented. Experimental results
have shown that this approach can be a solution for multi-source localization that requires a frame-
to-frame analysis. This approach is particularly advantageous in identifying sounds of short duration
that can be difficult to determine using a traditional Bayesian filter. The limits of this approach were
presented in the case of two sources with a similar spectral content. For localization enhancement,
clustering can be used to improve source position estimates. However, we must emphasize that ISPC
systems can integrate with Bayesian filtering, and it can be helpful in cases that require detailed analysis

over time as well as in cases in which the Bayesian filter can fail.

6.3 Near-Field Application

A framework for the localization of pseudo-periodic sounds in moderate reverberant and noisy envi-
ronments is now described. This framework consists of an adaptive parameterized GCC-PHAT with a
zero-crossing rate threshold, a pre-processing with a Wiener filter, and post-processing with a Kalman
filter. The novel architecture can be used as a digital musical interface [Salvati et al., 2011b] [Salvati
et al., 2011a], which allows a performer to plan and conduct the expressivity of a performance by con-
trolling an audio processing module in real-time through the spatial movement of a sound source ( i.e.,

voice, traditional musical instruments, and sounding mobile devices).

6.3.1 System Architecture for Pseudo-Periodic Sound Localization

The architecture consists of combining signal processing algorithms for robust sound localization. The
array system is composed of three supercardioid microphones arranged in an uniform linear placement.
In this way, we can localize a sound source in a plane (three microphones are the bare minimum). Signal
processing algorithms estimate the sound source position in a horizontal plane by providing its Cartesian
coordinates.

With musical sounds that are mainly harmonics, the GCC-PHAT approach does not work well be-
cause the PHAT filter normalizes the GCC according to the spectrum magnitude. The problem is the
presence of noise; in fact, under ideal conditions we would be able to estimate the TDOA. Figure 6.13
shows a simulation with a sinusoidal wave of 300 Hz; under the condition of SNR=100 dB the peak is
well defined, while when SNR=50 dB, the TDOA is impossible to estimate. We note that CC improves

the performance of the TDOA estimation; however, CC suffers from the effects of moderate reverb and
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6.3 Near-Field Application
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Figure 6.11: The xy plane of interest.

auto-correlation, so it is in practice inappropriate for localization. Thus, when noise and reverberation
are present, new considerations are required to estimate the TDOA for pseudo-periodic signals. The
proposal is to use a parameterized GCC-PHAT that weighs the contribution of the PHAT filtering, de-
pending on the threshold of the ZCR parameters. In this way, we balance the CC with the improved
filter of PHAT. This operation allows for the identification of source, but other filters are required to
obtain a usable stable value of the position in real applications.

Therefore, a de-noise algorithm based on a Wiener filter (see equation (4.5)) is used to improve
the SNR of the signals. When the maximum peak detection does not observe any source, an average
estimation of noise is computed (a noise print), which will be subtracted from all three signals before
the TDOA estimation task.

Then, starting from the estimated TDOA between microphones 712 and T3, it is possible to calculate

the coordinates of the source using geometric constraints. In a near-field environment, we have

r cos(0)

z

(6.30)
y = rsin(0)

where the axis origin is placed in microphone 2, r is the distance between the sound source and micro-
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Figure 6.12: Block diagram of interface.

phone 2, and € is the angle between r and the x axis

c(Tia + T23) (F12Tesc? — d?)
0 = 6.31
arccos AP — (7%, +73,) ) 630)
~2 2
oo Tt —d” 6.32)

2(T12¢ + d cos )

where c is speed of sound and d is the distance between microphones.

Finally, a second filter provides a more accurate estimate and tracking of the source position if there
is movement using the Kalman theory (see section (5.2)). The Kalman filter is also able to provide
an estimate of the position of the source, if the TDOA estimation task misses the target in a frame of

analysis. Figure 6.12 summarizes the system architecture.

6.3.2 Adaptive Parameterized GCC-PHAT with Zero-Crossing Rate Threshold

The PHAT weighting can be generalized to parametrically control the level of influence from the mag-

nitude spectrum [Donohue et al., 2007]. This transformation will be referred to as the PHAT-3 and

84



Tesi di dottorato di Daniele Savati, discussa presso 'Universita degli Studi di Udine. Soggetta alle licenze creative commons (http:

— Sono fatti salvi i diritti dell'Universita degli Studi di Udine di riproduzione per scopi di ricerca e didattici, con citazione della fonte.

6.3 Near-Field Application

0.5

0.5

0.5

0.5

0.5

0.5

Cross—Correlation TDOA= -14

)

Roth Impulse Response 1

r

SCOT

r

Cross—Correlation TDOA= -14

)

Roth Impulse Response 1

|

SCOT

|

PHAT TDOA= -14

05
0 | S amat AP
0
Roth Impulse Response 2
4
05
0 wvwa LWNN*WW
0
HT
1
05
0
0
PHAT TDOA= -19
4
05
0 A A A M A AN A
0
Roth Impulse Response 2
1
05
0
0
HT
1
05
0 AWM AMAMAN

Figure 6.13: GCC of sinusoidal wave of 300 Hz, SNR = 100 dB (figures on top) and SNR = 50 dB (figures on

bottom)

defined as

Upnar—sg(f)

1

- - 6.33
NG (039

where (3 varies between 0 and 1. When 3 = 1, equation (6.33) becomes the conventional PHAT and the

modulus of the Fourier transform becomes 1 for all frequencies; when § = 0, the PHAT has no effect

on the original signal, and we have the cross-correlation function.

Therefore, in the case of harmonic sounds, we can use an intermediate value of 3 so that we can

detect the peak to estimate the time delay between signals, and can have a system, at least in part,
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Figure 6.14: Comparison of the parameterized PHAT- TDOA estimation performance. a) White noise
played on mobile device, B = 1. b) Flute, B = 1. c) Flute, B = 0.65. d) Flute, 3 = 0.65 and de-noise Wiener
filter.

that exploits the benefits of PHAT filtering to improve performance in moderately reverberant and noisy
environments. To adapt the value of 3, we can use the ZCR to determinate if the sound source is periodic.
ZCR is a very useful audio feature and is defined as the number of times that the audio waveform crosses

the zero axis

L
Zamm=~%§j@m@®+o)—wmak+i—mﬂ (6.34)

where sgn(x) is the sign function.

Then, we can express the adaptive parameterized GCC-PHAT, identifying by experimental tests a

suitable threshold x such as

{ﬁzlJfZCRzu 635)

B<1,if ZCR <
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6.3 Near-Field Application

Mean SD

l Test Label

a 6.96 0.2
b 9.1 8.97

c 7.26 0.8

d 32 0.7

Table 6.10: The value of the mean and RMSE related to the experiments in Figure 6.14.

6.3.3 Experimental Results

Some experimental results related to the localization performance of the interface in a real scenario
are presented. To verify and validate the approach to the localization of pseudo-periodic sounds, a
comparison of three types of sources is used: white noise played on a mobile device, a flute played by
a musician and a human voice. The interface works with sampling rate of 96 kHz, a Hanning analysis
window of 42 ms and a time window for the estimation of the average noise (noise print) of 4.2 s,
which is applied when the localization task does not estimate any source. Three microphones with a
supercardioid pickup pattern are used; unidirectional sensors are the most frequently used microphones
to acquire sound signals in electroacoustic music. It is important to note that the classic microphone
for array processing is the omnidirectional polar pattern, but its use is not appropriate in this context
because of possible interference with loudspeakers during application in a live performance. However,
as we shall see, the use of directional microphones allows the localization of an acoustic source in the
small area of interest. The working area is located in a square with 1 meter sides. The axis origin
coincides with the position of microphone 2 (m2), the x axis can vary between -50 cm and 50 cm, and
the y axis can vary between 0 and 100 cm. The distance between microphones is d = 15 cm.

The experiments were conducted in a rectangular room of 3.5 x 4.5 m, in a moderately reverberant
(RT60 = 0.35 s) and noisy environment. Figure 6.14 shows a comparison of the parameterized PHAT-3
TDOA estimation performance. Four tests with different parameters of interface configuration were
performed. The TDOA estimation between microphone 2 and 3 was considered. All sound sources are
approximately located in the center of study area, (a) (5,52) cm, (b) (4,51) cm, (¢) (5,53) cm, (d) (3,51)
cm. Table 6.10 summarizes the results, reporting the TDOA mean value and Standard Deviation (SD).

In the first test (a), a continuous white noise signal was played using a mobile device with § = 1
interface configuration. In this way we verified the complete efficiency offered by the PHAT filter to
optimize the TDOA estimation, reducing the degradation effects due to noise and reverberation. We can
see in Figure 6.14 how the maximum peak detection is clearly visible (white line). We can also see the

effects of multipath reverberation represented by the other parallel gray lines. The value of the TDOA

87



Tesi di dottorato di Daniele Savati, discussa presso 'Universita degli Studi di Udine. Soggetta alle licenze creative commons (http: )~ Sono fatti salvi i diriti dell Universita degli Studi di Udine di riproduzione per scopi di ricerca e didattici, con citazione della fonte

6. Experimental Prototypes

al) b1) c1)

— 200 200 200
o)

©

£ 150 150 150
2

o

© 100 100 100
£

2

) 50 50 50
o N |

0
20 -60 -40 -20 0

-20 0 20 =20 0
TDOA (sample) TDOA (sample) TDOA (sample)
a2) b2) c2)
— 200 200 200
x
[}
©
£ 150 150 150
2
o
© 100 100 100
£
2
o 50 50 50
£
= 0 0 0
-20 0 20 -20 0 20 -20 0 20
TDOA (sample) TDOA (sample) TDOA (sample)

Figure 6.15: Comparison of TDOA estimation between the AED with sparse priors and the parameterized
PHAT-(3. al) White noise - AED; a2) White noise - CGC-PHAT-3; bl) Human voice - AED; b2) Human voice
- CGC-PHAT-$3; cl) Flute - AED; c2) Flute - CGC-PHAT-(3.

estimation is To3 = 7 (sample). The SD of the TDOA maximum peak during the entire reproduction of
sound is 0.2. The TDOA estimation is extremely accurate. In test (b), a flute was considered again with
£ = 1 parameter. As expected, the source is not detected (SD = 8.97). Subsequently, in test (c) a flute
was examined with 8 = 0.65 setting. The source is detected as shown in Figure 6.14. The value of the
TDOA is 193 = 7 (sample), and the SD results in a value of SD = 0.8. In the last test (d), a flute was
used with § = 0.65 and the de-noise Wiener filter task. The value of TDOA is o3 = 3 (sample), the
SD results in a value of SD = 0.7. Hence, in this case, a lower value of SD indicates less swinging of
the TDOA than the average value, which is the correct location of the source.

Therefore, the parameterized PHAT-3 allows the TDOA estimation of harmonic sounds, and the
de-noise component can improve the accuracy. However, the comparison with test (a), whose robust
and well-defined result we aim to obtain, does not yet yield satisfactory results. A parameterization of
PHAT with a value of 8 = 0.65, according to Donohue et al. [2007], is a good compromise between
filtering and detection.

Then, a comparison performance of the BSI technique with the CGC-PHAT-/ is presented. The
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6.3 Near-Field Application
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Figure 6.16: Human voice located at (-20,70) cm. ZCR and parameterized GCC-PHAT-(3 with threshold
value of n = 0.03; (m1 — my) refers to TDOA estimation between microphones 1 and 2, whereas (ms —ms)
is between 2 and 3.

AED algorithm with sparse priors [Cho & Park, 2009] is used to verify the ability to locate a pseudo-
periodic sound. Figure 6.15 shows the results of three tests, comparing the AED with the maximum
peak of CGC-PHAT-5. All tests were performed with a mobile sound device placed very close (with
a distance of 20 cm from the array) to a pair of microphones. A continuous white noise was used for
the test (al,a2), a female voice was used for the test (b1,b2) and a continuous flute note (G5) was used
for the test (c1,c2). We note in Figure 6.15 the performance of the AED algorithm (al), (bl) and (cl),
after the convergence of the NMCFLMS filter, to estimate that the TDOA is correct for white noise
(see (al), 712 = —7 (sample)) and human voice source (see (bl), 712 = —10 (sample))(see (a2) and
(b2) for comparison with CGC-PHAT-£, 5 = 1). In contrast, for the harmonic sound (case (c1,c2)) the
AED converges to an incorrect value of the TDOA (c1), while for the CGC-PHAT-j ((c2), 112 = —7
(sample), 5 = 0.65) performs an accurate estimation. Hence, BSI methods (such as the PHAT filter)
present difficulties in working with pseudo-periodic sounds.

Before considering the experiments with the Kalman filter, the results of a test with a human voice
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Figure 6.17: Flute performance moving within the study area; X and Y position of the Kalman filtering data

(black lines) and raw data (gray lines).

are showed, ranging from harmonic to noise sounds to verify the threshold value of a zero-crossing rate
for the activation of PHAT-/3. The human voice source is located at (-20,70) cm. Figure 6.16 shows
the results of the ZCR and adaptive parameterized GCC-PHAT-$ with threshold value of ;1 = 0.03,
B = 0.65 when ZCR < p, and the de-noise Wiener filter is active. This value p is enough to achieve
an adequate adaptation of the GCC. Still in Figure 6.16, we can note that when the sound becomes
harmonic and when we have partially filtered GCC with PHAT, the TDOA peak tends to widen, reducing
its robustness, but still allowing the estimation of the source position.

Finally, the last test on the localization performance shows the effectiveness of the Kalman filter
in making the xy coordinates more accurate and usable in the interface. Once again, a flute was used
moving within the mapped area. The threshold value of ZCR is = 0.03, 5 = 0.65, and the de-noise
task is active. As seen in Figure 6.17, the black lines, which represent the data after Kalman filtering,
are reported to have less stability problems due to reverberation. In fact, the estimated raw data (gray

lines) present very high swinging values, which would make the interface inappropriate to control the
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Figure 6.18: Acoustic source localization performance. The human voice moves in different directions (the

dots are the raw data), the x and y axes are in cm.

processing parameters. Figure 6.18 shows the results of the performance related to the two-dimensional
movement of the sound source. The test is composed of eight parts. In each part, the sound source, still
a human voice, is moved from the center of the active area along a different direction each time. The
working area, which presents good resolution localization, is included in a square with 1 meter sides.
In conclusion, the architecture system was implemented by developing a Max/MSP external object,
named asl~, in order to validate the interface in real-world music application. The object receives
incoming audio signals acquired by three microphones and, as output, provides the position of the
sound source. The object performs all of the signal processing techniques described in the previous
sections. Moreover, a simple Max/MSP patch (Figure 6.19) has been developed to control an audio
processor in real-time. As mentioned, the xy values have been used to directly control the parameters of
an audio effect. Different VST plug-ins, such as reverb, delay effects and sound spatialisation, are used

to demonstrate the usability of the microphone array based interface in musical applications.

6.3.4 Summary

The framework for the localization of pseudo-periodic sounds consists of an adaptive parameterized
GCC-PHAT with a zero-crossing rate threshold, a pre-processing with a Wiener filter, and a post-
processing with a Kalman filter. Some experimental results have demonstrated the ability of the GCC-
PHAT-£ algorithm to estimate the TDOA from a microphone pair of harmonic sounds. Moreover, the

use of the STSA Wiener filter can be helpful to improve accuracy. However, the use of position data in a
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Figure 6.19: The Max/MSP interface with the external object asl~.

musical human-machine interface requires post-processing to provide increased precision. The Kalman
filter can be used to track the source and to reduce measurement errors and multi-path channel effects of
reverberation. Finally, an interesting result illustrating the limits of the AED algorithm, a method based

on BSI, was shown, to estimate the TDOA in the case of pseudo-periodic sounds.
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Conclusions

7.1 Summary

The work presented in this thesis is a study on the localization of acoustic sources in space with the
use of microphone arrays. The first part focused on the state of the art of localization, describing the
problem from a geometrical point of view in relation to distributed microphones in space and introducing
the techniques to estimate the position based on closed-form estimators, iterative maximum likelihood
estimators and spatial likelihood functions. Signal processing techniques used for localization were
also presented: the Time Delay Estimation methods and the Steered Response Power beamforming
algorithms. Enhancement methodologies for localization were also mentioned, including pre-processing
noise reduction, description of the frequency and time domain algorithms, and post-processing that aims
to improve the accuracy of the position estimate of the source with a Kalman filter, Particle filter and
clustering approach.

The second part covered the scientific contribution of this thesis in the context of two issues that are
technical limitations to the state of the art. The first relates to the case of a multi-source sound of short
duration events, with the aim of providing a solution in applications such as audio surveillance, sound
monitoring and analysis of acoustic scenes. A far-field prototype - consisting of two arrays each with

four microphones - and the Incident Signal Power Comparison approach was presented. The second is-
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7. Conclusions

sue describes a prototype solution for the localization of pseudo-periodic sound sources, traditionally re-
lated to areas of music, which implements a linear array of three microphones and an architecture based
on the adaptive parameterized Generalized Cross-Correlation and Phase Transform (PHAT) weighting
with a Zero-Crossing Rate threshold, a Wiener filter to improve the Signal to Noise Ratio, and a Kalman
filter to improve the robustness and accuracy of the position estimation. The proposed interface opens

possibilities for human-machine interaction and new forms of musical expressive control.

7.2 Considerations

Many studies address the location of human voice, which involves a large number of applications.
Extending the nature of the sound of interest, we can see how the innovations proposed in this thesis can
provide solutions to new problems that arise.

The experimental results with the ISPC have shown that this approach can be a solution for multi-
source localization that requires a frame-to-frame analysis. This approach is particularly advantageous
in identifying sounds of short duration that can be difficult to accomplish using a traditional Bayesian
filter. The prototype used for the experiments exhibited the best performance using ISPC with the RMS
log spectral distance function and the high-resolution beamforming technique of MVDR-DL, although
both SRP and SRP-DC still have a minor localization success rate. The limits of this approach were
presented in the case of two sources with a similar spectral content. The experiment involved two motor
cars. We must emphasize that ISPC systems can integrate with Bayesian filtering, and can be helpful
in cases that require detailed analysis over time as well as, in cases in which the Bayesian filter can
fail: 1) during the initialization phase of the filter, 2) when the sources have an unpredictable trajectory
(e.g., in the case of rapid changes of the velocity vector), and 3) when two sources have intersecting
trajectories. Therefore, the success rate of 90.9 for the MVDR-DL array with a small array size is an
important result, which promises an improved performance with arrays of larger size.

The near-field prototype for the localization of pseudo-periodic sound is commonly used in a con-
trolled environment with moderate reverb and noise, and with different sound sources in the case of
single source. The experiments have demonstrated the ability of the proposed architecture to locate har-
monic sounds in a reverberant environment with a RT60 of 0.35 s. The capability of interface has been
verified for use in real-time audio control in a stable way by testing with small movements of the sound
source (of the order of tens of centimeters). The proposed interface has the advantage being completely
non-invasive (no need for markers, sensors or wires on the performance) and requires no dedicated

hardware. However, its real application during a performance still requires new investigations.
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7.3 Future Work

7.3 Future Work

As we have seen, ISPC is based on minimizing the difference error of the spectral power output of
the signals using a spatial filter. The main limitation, which has been observed in experiments (the
percentage of correct associations of DOAs is greatly reduced), may be addressed by the integration of
additional sound features with the spectrum difference comparison. This approach would allow robust
results to be obtained even with similar sound sources.

The use of microphone-array-based interfaces for real-time musical control application requires two
types of further investigations: the capability to locate and track the source in the condition of competing
sounds (other musicians and performers nearby, the presence of the return due to a sound amplification
system), and a validation in higher reverberant environments.

Finally, this research has focused on the use of small-sized arrays. However, we were able to obtain
interesting localization results, both in a near-field and far-field environment. Nevertheless, it would
be interesting to evaluate the performance of large array networks, especially to evaluate the ISPC
approach, which is expected to provide a better performance in the separation of sources with beam-

forming.
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