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TITLE OF THE INVENTION 

200006377-6 
0 3 NOV WOO 

METHOD AND APPARATUS FOR CONCURRENTLY 

ESTIMATING RESPECTIVE DIRECTIONS OF A PLURALITY OF 

SOUND SOURCES AND FOR MONITORING INDIVIDUAL SOUND 

5 LEVELS OF RESPECTIVE MOVING SOUND SOURCES 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to a· method and 

apparatus for estimating the respective angular 

10 directions of one or more sound sources in relation 

to a specific position, and to a method and 

apparatus for using such estimated directions to 

detect when a moving sound source has moved through 

a specific angular direction and to monitor the 

15 sounds emitted from respective ones of a plurality 

of moving sound sources. 

2. Description of the Prior Art 

One method of estimating the angular direction 

of a sound source and of monitoring a sound source 

20 is described in Japanese patent HEI 5-114098. Fig. 

22 shows the configuration of this prior art sound 

source direction estimation apparatus. In Fig. 22, 

first and second directional microphones 901 and 902 

are set up spaced apart by a fixed distance L, along 

25 a line of flow of traffic. The sounds which are 
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respectively gathered by these microphones, which 

can be ref erred to as traffic noise A and traffic 

noise B, are respectively amplified by amplifier 

circuits 903, 904, and the resultant signals are 

s alternately selected by a changeover circuit 905, 

under the control of a timing control circuit 910, 

to be successively subjected to frequency analysis 

by a frequency analysis circuit 906. Frequency 

vector distributions SA and SB are thereby 

10 respectively obtained 1 _corresponding to traffic 

noise A and traffic noise B. Next, the degree of 

similarity between the frequency vector 

distributions SA and SB is detected, and the time 

difference dt between the points at which the 

l5 frequency vector distributions SA and SB become 

approximately identical is obtained, by a time 

20 

difference detection circuit 908. A time 

difference/velocity converter circuit 909 then 

performs the calculation: 

V = L/dt 

to determine the velocity of the sound source, and 

displays this velocity value by a display circuit 

911. In addition, the direction of the sound source 

can be calculated, based on the aforementioned time 

25 difference. In that way, with this prior art 
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method, it is possible to estimate the angular 

direction of a sound source and to monitor the sound 

emitted from that sound source. 

However with such a prior art type of sound 

5 source direction estimation method, when sounds from 

a plurality of sources are simultaneously reaching 

the microphones, or when there is a sound source 

other than the sound sources which it is desired to 

monitor, then the accuracy of estim~ting the 

10 direction of a sound source will become low. 

In the following specification and appended 

claims, the term "direction" is to understood as 

signifying "angular direction with respect to a 

specific origin point", unless used in referring to 

15 a direction of angular motion or direction of linear 

motion. 

SUMMARY OF THE INVENTION 

It is an objective of the present invention to 

overcome the above problems of the prior art, by 

20 providing a method and apparatus for sound source 

direction estimation which enables the direction of 

a sound source in relation to a specific point to be 

accurately estimated even when there is a plurality 

of sound sources in the vicinity, or a sound source 

25 
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of a type other than other than desired sound 

sources. 

It is a further objective to provide such a 

method and apparatus whereby respective directions 

5 of a plurality of sound sources can be concurrently 

estimated. 

It is moreover an objective to provide a method 

and apparatus for utilizing these estimated 

directions to detect when a sound source has moved 

10 through a specific dir~ction in relation to a fixed 

position, and thereby detect that the sound source 

has moved past that specific position. 

It is moreover an objective to provide a method 

and apparatus for utilizing these estimated 

15 directions to detect whether a sound source is in 

motion, and if so, the motion direction and 

velocity. 

It is moreover an objective to provide a method 

and apparatus for utilizing these estimated 

20 directions to enable the sound emitted from a 

specific sound source to be monitored. 

To achieve the above objective of obtaining 

estimated directions of one or more sound sources, 

with a sound source direction estimation method and 

25 apparatus according to the present invention, the 
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input signals of an array of microphones are 

extracted in each of respective time windows, while 

in each of the time windows, respective sound source 

estimated directions are calculated for each of a 

s frequency of a fixed set of frequencies, and the 

average of the directions thus calculated becomes 

the estimated direction corresponding to that time 

window. since a sound source estimated direction 

is obtained based on a plurality of frequencies, a 

10 high degree of sound source direction estimation 

accuracy can be achieved. 

To further increase the accuracy of sound 

source direction estimation, as each frequency­

averaged estimated direction is obtained as 

15 described above for a time window, the average of 

the estimated direction obtained for the time window 

and the respectively estimated directions which have 

been calculated for a fixed plurality of time 

windows which precede that time window is 

20 calculated, to thereby obtain (for each of 

successive time windows) an estimated direction 

which is based on both frequency-averaging and time­

averaging. 

Furthermore, with such a sound source direction 

25 estimation method and apparatus according to the 
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present invention, a judgement can be made as to 

whether the direction of a sound source has passed 

through a specific direction, and data expressing 

a passage detection result then generated to 

5 indicate that fact, by detecting whether a number of 

estimated directions obtained for that sound source 

which are each within a fixed range of directions 

and occur within a fixed observation interval 

exceeds a predetermined minimum number. ·In that way, 

10 it becomes possible to_detect that a moving sound 

source is currently passing the microphone array. 

Furthermore 1 with such a sound source direction 

estimation method and apparatus according to the 

present invention it becomes possible to judge the 

15 direction of motion of a sound source, when a 

passage detection result corresponding to the sound 

source is generated, based upon the sign of the 

difference between estimated directions respectively 

obtained for the sound source before and at the time 

20 point at which the passage detection result is 

generated. For example 1 successive sets of obtained 

estimated directions can be temporarily set into a 

data buffer, so that when a passage detection result 

is obtained, the buffer contents will contain 

25 estimated directions which were obtained prior to 
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the point of generating the passage detection 

result. Alternatively, it may be possible to 

achieve a similar effect by using an estimated 

direction which is obtained subsequent to the time 

5 at which the passage detection result is obtained. 

Furthermore, if the distance between the 

microphone array and a line of motion of a stream of 

moving sound sources is known, then the estimated 

directions can be used to estimate the speed of 

10 (linear) motion of a sound source, using the time 

point at which a passage detection result 

corresponding to that sound source is generate. 

Specifically, the time taken for the estimated 

directions obtained for that sound source to move 

15 through a specific amount, or the amount by which 

the estimated directions change within a 

predetermined time interval, can be measured to 

thereby obtain the angular velocity of the sound 

source in relation to the microphone array. The 

20 approximate linear velocity of the sound source can 

thereby be calculated based on the distance to the 

line of motion of the sound source. 

Furthermore, with a method and apparatus 

according to the present invention, it becomes 

25 possible to arrange that when it is detected that a 
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sound source is currently moving past the microphone 

array (as indicated by a passage detection result), 

a directivity is established for the microphone 

array, aligned along the most recently obtained 

s estimated direction of that sound source. If the 

microphone array is a fixed linear array, then a 

directivity within a range of approximately 180° 

can be selectively established by applying 

appropriate amounts of delay to the. respective 

10 microphone output signals, and summing the delayed 

signals, with the resultant signal constituting a 

monitoring signal which conveys the sound being 

emitted from that specific sound source. 

Alternatively, a plurality of fixed 

15 directivities for the microphone array can be 

predetermined. In that case, when a passage 

detection result is obtained for a sound source, the 

current estimated direction of the sound source can 

be used to select the one of the predetermined 

20 directivities that is closest to that estimated 

direction, and monitoring of the sound emitted from 

that sound source then performed. In that case it 

becomes possible to monitor sound sources which are 

moving at various substantially different velocities 

25 (and hence may vary substantially with respect to 
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the estimated direction which is obtained for each 

sound source at the time point when passage of the 

sound source is detected) since it becomes 

unnecessary to establish a new microphone array 

s directivity each time that monitoring is to be 

started. 

BRIEF DESCRIPTION OF THE DRAWINGS 

Fig. 1 is a conceptual diagram for use in 

describing the basic features of a first embodiment, 

10 for successively deriv~ng-respective estimated 

directions of one or more sound sources in relation 

to a microphone array; 

Figs. 2A 2B constitute a general system block 

diagram of a first configuration of a sound source 

15 direction estimation section of the first 

embodiment, whereby estimated directions are derived 

in successive .time windows by using both frequency­

based and time-based averaging processing; 

Figs. 3A, 3B constitute a flow diagram of a 

20 processing sequence executed by the first 

configuration of the sound source direction 

estimation section; 

Fig. 4 constitutes a general system block 

diagram of a second configuration of the sound 

25 source direction estimation section of the first 
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embodiment, whereby estimated directions are derived 

in successive time windows by using only frequency­

based averaging processing; 

Figs. 5A, 5B constitute a flow diagram of a 

5 processing sequence executed by the second 

configuration of the sound source direction 

estimation section; 

Fig. 6 is a general system block diagram of a 

second embodiment, having a sound source direction 

10 estimation section and_a passage detection section 

for detecting when a moving sound source has passed 

through a specific direction in relation to a 

microphone array; 

Fig. 7 is a flow diagram of a processing 

15 sequence executed by the second embodiment; 

Fig. 8 is a general system block diagram of a 

third embodiment which includes a sound source 

direction estimation section, a passage detection 

section, and which derives and provides to a 

20 recording apparatus data expressing a level of sound 

power received from a specific sound source which is 

currently moving past a microphone array; 

25 

Fig. 9 is a flow diagram of a processing 

sequence executed by the third embodiment; 
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Fig. 10 is a general system block diagram of a 

fourth embodiment which includes a sound source 

direction estimation section, and serves to detect 

the presence of a stationary sound source; 

5 Fig. 11 is a general system block diagram of a 

fifth embodiment, which includes a sound source 

direction estimation section, a passage detection 

section, and a motion direction derivation section 

which derives data expressing the direction of 

lO motion of a sound sourqe which is currently moving 

past a microphone array; 

15 

Fig. 12 is a flow diagram of a processing 

sequence executed by the fifth embodiment; 

Fig. 13 is a general system block diagram of a 

sixth embodiment, which includes a velocity 

detection section for operating on passage detection 

results obtained by a passage detection section and 

estimated directions obtained by a sound source 

direction estimation section to obtain the velocity 

20 of a sound source which is currently moving past a 

microphone array; 

25 

Fig. 14 is a flow diagram of a processing 

sequence executed by the sixth embodiment; 

Fig. 15 is a general system block diagram of a 

seventh embodiment, which includes a directivity 



-~··· 

12 

control section for operating on passage detection 

results obtained by a passage detection section and 

estimated directions obtained by a sound source 

direction estimation section, for setting the 

5 directivity of a microphone array such as to monitor 

a passing sound source; 

Fig. 16 is a flow diagram of a processing 

sequence executed by the seventh embodiment; 

Fig. 17 is a general system block diagram of an 

10 eighth embodiment, whiqh includes a directivity 

control section for operating on passage detection 

result and estimated directions to select one of a 

plurality of predetermined directivities of a 

microphone array for monitoring the sound emitted 

15 from a passing sound sourcei 

Fig. 18 is a flow diagram of a processing 

sequence executed by the eighth embodiment; 

Fig. 19 is a conceptual diagram for use in 

describing the operation of the embodiment of the 

20 eighth embodiment; 

Fig. 20 is a conceptual diagram for use in 

describing a modified configuration of the eighth 

embodiment, for monitoring sound levels of sound 

sources moving along two adjacent paths with 

25 opposite directions of motion; 
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Fig. 21 is a partial flow diagram corresponding 

to Fig. 20; and, 

Fig. 22 is a general system block diagram of a 

prior art type of apparatus utilizing microphones to 

5 detect the directions of moving sound sources. 

DESCRIPTION OF PREFERRED EMBODIMENTS 

First Embodiment 

The basic features of a first embodiment of the 

invention will first be described referring to the 

lO conceptual diagram of ~ig. 1. In Fig. 1, numeral 

101 denotes a sound source such as a motor vehicle 

(as seen in plan view) travelling along a path 95 in 

the direction indicated by the arrow, for example 

along a road 90. A linear array of a plurality of 

15 microphones 102 is disposed adjacent to the path 95 

with the array direction parallel to the path. 

Respective output signals from the microphones of 

array 102 are supplied to a sound source direction 

estimation section 116, in which the signals are 

20 

25 

processed to detect successive directions (expressed 

with respect to a specific point as origin, such as 

the location of a central microphone of the 

microphone array 102) of each of one or more sound 

sources such as the sound source 101 which are 
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moving in the arrow direction along the path 95 

within the indicated direction estimation range. 

Each direction of a sound source will be 

assumed to be expressed as an angular displacement 

5 from a central direction (the direction indicated as 

0 o0
" in Fig. 1), with each direction expressed as a 

positive or negative angular displacement with 

respect to that central direction. As noted above, 

this use of the term 11 direction11 when used alone, 

10 referring to an angula~ value, is to be 

distinguished from the term "direction of motion" of 

a sound source, such as the linear motion direction 

indicated by the arrow for the sound source 101 in 

Fig. 1. 

15 The sound source direction estimation section 

116 is capable of obtaining estimated directions of 

a sound source within a range which might for 

example be from +90° to -90°, or from +45° to -45°· 

However that range of directionality (in azimuth) 

20 may be restricted in order to eliminate extraneous 

noise sources, and in addition the range of 

directionality in elevation may also be restricted, 

for the same reason. 

The configuration of the first embodiment will 

25 be described in greater detail ref erring to the 
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general block diagram of Figs. 2A, 2B. Here, a 

sound source 101 and microphone array 102 correspond 

to the identically numbered items shown in Fig. 1. 

In Figs. 2A, 2B 1 the microphone array 102 is formed 

s of M microphones which are spaced apart at regular 

spacings d. The respective output signals from the 

array of microphones 102 are transferred through M 

waveform extraction sections 103 of a sound source 

direction estimation section 116 to. be supplied to M 

10 frequency analyzers 104. respectively. For each 

frequency of a predetermined set of frequencies, a 

corresponding complex amplitude matrix is derived by 

the frequency analyzers 104. A correlation matrix 

calculation section 107 derives, for each such 

15 complex amplitude matrix, a corresponding 

correlation matrix. Each such correlation matrix 

(i.e., each matrix corresponding to a specific 

frequency value) is operated on by an eigenvector 

calculation section 108 to calculate a corresponding 

20 set of eigenvectors. The eigenvector calculation 

section 108 supplies the calculated eigenvectors to 

a noise component matrix calculation section 109, 

and each noise component matrix which is thereby 

derived (again, corresponding to a specific 

25 frequency) is supplied to a direction/power 
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relationship calculation section 110. A plurality 

of direction control vectors are also supplied to 

the direction/power relationship calculation section 

110, from a direction control vector calculation 

5 section 106. 

Output values produced from the direction/power 

relationship calculation section 110 are supplied to 

an out-of-range value exclusion section 112, 

together with data expressing a predetermined range 

10 of directions, produceq by a direction range setting 

section 111. Output values produced from the out­

of-range value exclusion section 112 are supplied to 

a frequency basis averaging section 113, and 

resultant output values are supplied to a time basis 

15 averaging section 114. Resultant output values 

produced from the time basis averaging section 114 

express respective estimated directions of sound 

sources, i.e., these constitute the output data 

which are generated by the sound source direction 

20 estimation section 116. 

The operation of this embodiment is as follows. 

The microphone array 102 is formed of M microphones 

which are arranged at regular spacings d along a 

straight line. The output signals from these M 

25 microphones are periodically extracted in respective 
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time windows, each time window having a duration W, 

by the waveform extraction sections 103. The time 

window shape can be rectangular, or alternatively a 

shape such as that of a Hamming window could be 

5 used, in which the amplitude is made smaller at the 

opposing ends of the window. If the time window 

length W is made relatively small, then the accuracy 

is lowered, while if W is made relatively large then 

it becomes less possible to follow a sound source 

10 which moves rapidly. Thus the time window length W 

must be appropriately selected in accordance with 

the anticipated speed of motion of the sound sou·rces 

whose sounds are to be monitored. For example, in 

the case of estimating the direction of a sound 

15 source which moves at a velocity of 40 km per hour 

and whose motion path is spaced apart from the 

microphone array 102 by a distance L which is equal 

to 10 meters, then a suitable value for the time 

window length W is in the range 2 to 10 ms. In 

20 addition, a suitable value for the extraction period 

(i.e., repetition period of the time windows) would 

be in the range W/2 to 2w. 

At each time window, the frequency analyzers 

104 operates on each set of microphone signal 

25 portions {which can be considered as respective 
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time-axis signal portions) that are extracted by the 

waveform extraction sections 103, to calculate a 

plurality of sets of complex amplitude values, with 

each of these sets corresponding to one of the 

5 aforementioned predetermined set of frequency 

values. The FFT (Fast Fourier Transform) method can 

be used to calculate the complex amplitude values, 

or alternatively, if the number of frequencies for 

which the calculation must be performed is 

10 relatively small, the D~T (Discrete Fourier 

Transform) method could be applied. 

Next, for each of the aforementioned set of 

frequencies, the values of received sound power (as 

represented by received signal power) for each of 

15 respective directions are calculated. If the 

wavelength of a frequency is less than twice the 

value of the spacing d between adjacent microphones 

of the microphone array 102, then the higher the 

frequency, the greater will be the estimation 

20 · accuracy. For that reason, in practice, frequencies 

having a wavelength value in the range 2d to lOd are 

suitable. For any specific frequency, the complex 

amplitude matrix is calculated, and this is 

expressed as a vector X[m], by the following 

25 equation (1). 
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X(m] = (xl, x2, • • • • • • • • I ••.•••••• ( 1) 

Here, xm (m = 1 to M) are the respective 

complex amplitudes that are calculated for that 

specific frequency, based on them output signals 

5 produced from the microphone array 1 and the 

superscript T signifies that X[m] is the transpose 

of the matrix (xl, x2 1 •••••••• , xM) . Next, 

equation (2} below is applied, to calculate the 

corresponding correlation matrix 107, expressed as 

10 the matrix R[m, m): 

R(m, m] = X[m] X(m) H • • • • • • • • • • • • • {2) 

where m = 1 to M. Here, the superscript H 

signifies the transposed complex conjugate. The 

eigenvector calculation section 108 then calculates 

15 the set of eigenvectors vl[m], v2(m), ..••• vM(m] 

(where m takes the values 1 to M) corresponding to 

the correlation matrix R(m, m]. 

Since the matrix R[m, m] is a Hermitian matrix, 

the calculation of the edge vectors can be performed 

20 by using the Householder method, which is known in 

this field of technology, to convert the matrix R to 

a symmetric tri-diagonal matrix, then applying the 

QL method (which is also well known in this field of 

technology) to obtain the eigenvectors. 

25 
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The noise component matrix calculation section 

109 then calculates the noise component matrix Rn[m, 

m] corresponding to the noise components of the 

microphone output signals, by using equation (3) 

5 below, assuming that there are K sound sources, 

10 

where K is an integer. 

Rn[m, m] = vK+1[m].vK+1(m)H + Vx+2(m].Vx+2(m]H + 

H ...•.•... + vM(m].vM[mJ 

•••••••• ( 3} 

The above equatio~ assumes that the number of 

sound sources K is less than the total number of 

microphones in the microphone array 102, i.e., is no 

greater than M-1. If the number of sound sources 

cannot be estimated beforehand, then K should be set 

15 equal to M-1. 

20 

25 

Next, to estimate the respective values of 

sound power received from respective directions, 

respective direction control vectors for each of a 

predetermined plurality of directions e are 

calculated, where each of these is an angular 

direction, expressed in relation to a point on the 

microphone array. Each direction control vector is 

obtained as a column vector d(m], from equation (4) 

below: 

d[m] = [1, -jrot 
e I 

-jro 2
t 

e I • • • • • • • • • I 
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•••• ( 4) 

here, t is defined by equation (5) below, in 

which c denotes the speed of sound: 

t = (d sin 9)/c •••••••••• (5) 

The direction/power relationship calculation 

section 110 calculates, for each of the directions 

0, the corresponding power value P(9}, by using 

equation (6) below. 

P(6) = 1/(d[m]H • Rn[m, m] . d[m]) ....... (6) 

Typically, the set of directions 9 will cover 

an angular range of -90° to + 90° . 

In that way, respective values of received 

sound power corresponding to different directions of 

a sound source are derived, for one specific 

frequency out of the aforementioned predetermined 

set of frequencies. 

Next the direction 6max, i.e. the direction for 

which the highest value of received sound power P(0) 

is obtained, is determined. The out-of-range value 

exclusion section 112 excludes Smax from the 

estimated direction values if it is outside a range 

of values that is set by the direction range setting 

25 section 111. The direction range setting section 
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111 sets that range based upon the range of possible 

locations of sound sources which are to be detected 

by the apparatus, if the latter range is known 

beforehand. 

By the procedure described above, using a 

frequency which is measured within a specific time 

window, an estimated direction of a sound source can 

be calculated with respect to that specific 

frequency. That procedure is repeated for each of 

10 the aforementioned set_of frequencies, for that same 

time window. The set of respective estimated 

15 

20 

25 

directions emax which are obtained for the entire 

set of frequency values are then averaged (i.e., by 

the frequency basis averaging section 113) to 

thereby derive an estimated direction of a sound 

source, as obtained using one specific time window. 

As these estimated directions are successively 

derived by the frequency-based averaging section 

113, they are stored in a buffer within the time­

based averaging section 114, which is capable of 

holding a predetermined number of estimated 

direction values. Each time an estimated direction 

is newly derived by the frequency-based averaging 

section 113, i.e., for one specific time window, the 

set of estimated directions which are currently held 
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in the buffer are read out, and the average of these 

estimated directions together with the most recently 

derived estimated direction is calculated. 

In that way, each estimated sound source 

s direction which is produced from the time-based 

averaging section 114 is obtained based upon results 

obtained from a plurality of successive time 

windows. 

Thus with this embodiment of t~e invention, the 

10 signals from an array qf microphones are 

periodically extracted using time windows, within 

each of the time windows an estimated direction is 

derived by using an average of respective estimated 

directions obtained using a plurality of 

15 frequencies, and as each such estimated direction is 

derived, it is averaged together with the estimated 

directions similarly obtained in a preceding 

plurality of time windows, to thereby obtain an 

accurate estimated sound source direction by 
I 

20 performing averaging in both the frequency and time 

domains. 

In the above it has been assumed that an 

estimated direction is to be derived for only one 

sound source at a time, i.e., that in each time 

25 window period a single maximum value of sound power 
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is to be detected, and the direction corresponding 

to that maximum value derived as 8max. However in 

general there may be a plurality of sound sources 

(e.g., motor vehicles) within the range of 

directionality of the microphone array 102 at one 

time. In that case, respective local maximums of 

values of received signal power in relation to 

direction can be obtained for each of such sound 

sources, i.e. from the series of results that are 

obtained by successively applying the above equation 

(6) to each of the directions 8. In.that way, it 

becomes possible to obtain a plurality of estimated 

directions concurrently for one time window, e.g., 

as 8maxl, 0max2, etc., as respective directions 

corresponding to each of the local maximums of sound 

power. 

An alternative configuration of this embodiment 

will be described in the following, referring first 

to the general system block diagram of Fig. 4. This 

is formed of a microphone array 102, a waveform 

extraction sections 103, a frequency analyzers 104, 

a correlation matrix calculation section 107, a 

direction control vector calculation section 106 and 

a frequency-based averaging section 113, whose 

respective functions and configurations are as 
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described for the form of the embodiment shown in 

Figs. 2A, 2b, together with a direction/power 

relationship calculation section 208. This form of 

the first embodiment differs from that of Figs. 2A, 

s 2B in the following respects. Firstly, the 

direction/power relationship calculation section 208 

operates directly on each correlation matrix that is 

produced from the correlation matrix calculation 

section 107 for a specific frequency (in conjunction 

10 with a set of directioD control vectors which are 

generated from the direction control vector 

calculation section 106) as described hereinabove, 

15 

20 

25 

to derive a direction 8max 1 i.e., the direction for 

which the highest value of received sound power P(9). 

is obtained at that particular frequency. Secondly, 

only frequency-based averaging of estimated 

directions is performed, to obtain (for each time 

window) a finally outputted estimated direction of a 

sound source. 

As described hereinabove, for each of the 

aforementioned predetermined set of frequency 

values, a corresponding complex amplitude matrix is 

derived by the processing that is applied by the 

frequency analyzers 104 to a set of extracted audio 

signal portions from the respective microphones of 
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array 102, and this matrix can be expressed as a 

vector X[m], as shown by the aforementioned equation 

(1) • For each such complex amplitude matrix, the 

corresponding correlation matrix is then calculated 

5 by the correlation matrix calculation section 107, 

using equation {2} above, i.e., with the correlation 

matrix being expressed as R(m, m]. In addition, a 

set d(m] of direction control vectors are derived by 

the direction control vector calculation section 106 

10 for a plurality of directions e, by using equation 

{4) above, and supplied to the direction/power 

relationship calculation section 208. 

15 

20 

The direction/power relationship calculation 

section 208 then uses the following equation (7) to 

calculate the sound power P(S) at each of the 

plurality of directions 9 for one specific frequency 

(i.e., directions covering an angular range which 

might be for example from +90° to -90°) : 

P(S} = d[m]H • Rn[m, m] • d[m) .••..•• (7) 

The direction 6max for which the maximum sound 

power level is obtained, at one specific frequency, 

is thereby determined. 

The above procedure is repeated for each of the 

25 aforementioned predetermined set of frequencies. 
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The average of the respective directions Smax 

obtained for the various frequencies is then derived 

by the frequency basis averaging section 113, to 

thereby obtain (for a specific time window) the 

5 estimated direction of a sound source. 

10 

The processing sequence corresponding to the 

above is shown in the flow diagram of Figs. SA, SB. 

Second Embodiment 

A second embodiment of the invention will be 

described referring first to the general system 

block diagram of Fig. 6. In Fig. 6, a microphone 

array 102 and a sound source direction estimation 

section 116 have the respective functions and 

configurations described hereinabove for the 

15 correspondingly numbered components of the first 

embodiment. The sound source direction estimation 

section 116 can have the first configuration shown 

in Figs. 2A, 2B, whereby each output. estimated 

direction is derived based upon frequency-based 

20 averaging and upon time-based averaging applied over 

a plurality of successive time windows, or can have 

the alternative configuration shown in Fig. 4, with 

only frequency-based averaging being applied. Data 

expressing respective estimated directions of a 

25 sound source are supplied from the sound source 
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direction estimation section 116 to an in-range 

occurrence number calculation section 212 of a 

passage detection section 216, which also consists 

of a direction range setting section 211 and a 

5 passage detection judgement section 213. Data 
·' 

expressing a predetermined range of directions which 

will be designated as the passage detection range 

Pn, produced from the in-range occurrence number 

calculation section 212, are also sµpplied to the 

10 passage detection judg~ment section 213. That 

predetermined range of directions Pn is within, but 

no greater than, the entire range (such as from 

+90° to -90°} for which estimated directions can be 

derived by the sound source direction estimation 

15 section 116, and in Fig. 6 is shown as extending 

20 

25 

from an initial direction er to a final direction 

0f. Data expressing a passage detection result is 

thereby obtained as output from the passage 

detection judgeme~t section 213, i.e., data 

indicating that a sound source is currently passing 

by the microphone array 102. 

Specifically, the in-range occurrence number 

calculation section 212 calculates, for a 

predetermined plurality N of successive time windows 

which begin when an estimated direction within the 
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range Pn is first obtained for the sound source, the 

number of times that estimated directions of the 

sound source are within the passage detection range 

Pn. Designating that number of times as n, if n 

5 exceeds a predetermined reference level nt, then 

the passage detection judgement section 213 judges 

that a sound source has passed through the range Pn 

(more specifically, has passed through at least the 

initial direction of that range) and. hence produces 

10 data expressing a pass~ge detection result, 

indicating that a sound source is currently passing 

by the microphone array 102. 

Appropriate values for the number of time 

windows N, and the reference value nt will depend 

15 upon the approximate motion speed which can be 

expected for the sound sources, and upon the 

distance L of the path of the sound sources from the 

microphone array 102. If for example L is 10 meters 

and the speed of motion of the sound sources can be 

20 expected to be approximately 40 km/hour, then a 

value for the number of time windows N in the range 

10 to 40 and a value for the reference value nt of 

approximately 5 to 10 would be suitable 

Fig. 7 is a flow diagram of an example of an 

25 algorithm which could be used to implement the 
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operation of this embodiment. To simplify the 

diagram, it is assumed that an estimated direction 

is obtained in every time window, although in 

practice this may not always occur. As shown, 

5 incrementing of count values m and n that are to be 

compared with the time window number N and the 

threshold value nt, respectively, begins when it is 

judged in step S3 that an estimated sound source 

direction has come within the passage detection 

10 range Pn specified by the direction range setting 

section 211, i.e., when the sound source has reached 

15 

20 

25 

or exceeded the direction 6r shown in Fig. 6. When 

this is found, the loop of steps SS to Sll is 

repetitively executed until it is found that the 

threshold number of in-range estimated directions 

nt has been reached before the number of successive 

time windows N has been reached (in which case a 

passage detection result is generated) or the number 

of time windows N is attained without that threshold 

number nt having been reached. 

The configuration of the second embodiment 

described above is intended for application to sound 

sources which are travelling along a single 

direction, i.e., that indicated by the arrow on the 

path traveled by the sound source 101 in Fig. 6. In 
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the case of passage detection of sound sources 

travelling on adjacent parallel paths but in 

opposite directions (e.g. 1 as in the case of traffic 

along a two-way street) a single microphone array 

s 102 would be utilized, however a second passage 

detection section 216 would be provided for 

detecting the passing of sound sources which travel 

in the second motion direction, as described in 

detail hereinafter with reference to an eighth 

10 embodiment. 

Third Embodiment 

A third embodiment will be described ref erring 

to the general system block diagram of Fig. 8. As 

shown, this is formed of a microphone array 102, 

15 sound source direction estimation section 116 and 

passage detection section 216, together with a data 

buffer 307, a data extraction section 308 and a 

recording apparatus 309. The sound source direction 

estimation section 116 can have the first 

20 configuration shown in Figs. 2A, 2B, whereby each 

output estimated direction is derived based upon 

frequency-based averaging and upon time-based 

averaging applied over a plurality of successive 

time windows, or can have the alternative 

25 configuration shown in Fig. 4, with only frequency-
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based averaging being applied. The passage 

detection section 216 has the configuration and 

operation described above for the preceding 

embodiment. 

5 The operation of this embodiment is as follows. 

Data expressing respective passage detection results 

are supplied from the passage detection section 216 

to the data extraction section 308, and the audio 

signal produced from one of the microphones of the 

10 array 102, which will be assumed to be the 

microphone in the No. 1 array position, is supplied 

to the data buffer 307, i.e., as successive digital 

data samples. (For simplicity of description, 

analog-to-digital converters for converting the 

15 microphone output signals to digital signals are 

omitted from the drawings). It would be equally 

possible to utilize a combination of output signals 

from more than one of the microphones. When a 

passage detection result is supplied to the data 

20 extraction section 308 1 it responds by reading out 

the data currently held in the data buffer 307 and 

supplying the data to the recording apparatus 309 to 

be recorded thereby. 

The capacity of the buffer 307 is such that at 

-25 any one time, the buffer holds an amount of audio 
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data that has been generated within a specific time 

interval Tb. When the data extraction section 308 

receives a passage detection result indicating that 

a sound source is passing by the microphone array 

5 102, the data extraction section 308 reads out the 

contents of the data buffer 307 and transfers these 

to the recording apparatus 309, to be recorded. In 

that way, a signal expressing the sound emitted from 

a sound source which is currently p~ssing the 

10 microphone array 102, covering a time interval of 

duration Tb and extending up to the time point of 

obtaining the passage detection result, is supplied 

to the recording apparatus 309. The sound produced 

from a moving sound source during a specific time 

15 interval, as it moves past the microphone array 102, 

can thereby be obtained and recorded. 

Thus with this embodiment, in the same way as 

for the second embodiment, the direction of a sound 

source can be estimated and the passing of that 

20 sound source can be detected, while in addition, the 

output signal from at least one of microphone is 

utilized to monitor and record the sound produced 

from the passing sound source, with these operations 

being triggered by generation of a passage detection 

25 result. 
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The processing sequence of the above operation 

is shown in the flow diagram of Fig. 9. 

Fourth Embodiment 

A fourth embodiment will be described ref erring 

5 first to the general system block diagram of Fig. 

10. As shown, this is formed of a microphone array 

102 and a sound source direction estimation section 

116, together with a stationary sound source 

derivation section 408 which is formed of a moving 

10 average calculation seotion 405, a variance 

calculation section 406 and a stationary sound 

source detection section 407. The sound source 

direction estimation section 116 can have the first 

configuration shown in Figs. 2A, 2B, whereby each 

15 output estimated direction is derived based upon 

frequency-based averaging and upon time-based 

averaging applied over a plurality of successive 

time windows, or can have the alternative 

configuration shown in Fig. 4, with only frequency-

20 based averaging being applied. 

The data expressing respective estimated 

directions produced from the sound source direction 

estimation section 116 are inputted to each of the 

moving average calculation section 405 and the 

25 variance calculation section 406 of the stationary 
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sound source derivation section 408. The 

respective outputs from the moving average 

calculation section 405 and variance calculation 

section 406 are inputted to the stationary sound 

5 source detector 407. When occurrence of a 

stationary sound source is detected, the stationary · 

sound source detector 407 generates output data 

indicative of that detection result. 

In the stationary sound source detection 

10 section 408, the moving average calculation section 

405 calculates the moving average of successive sets 

of sound source estimated directions produced from 

the sound source direction estimation section 116, 

in each of successive fixed-duration observation 

15 intervals, and the variance calculation section 406 

calculates the variance of the successive estimated 

directions. The stationary sound source detector 

407 judges that a sound source is stationary if the 

variance that is calculated by the variance 

20 calculation section 406 is found to be lower than a 

reference value. If a moving average of the 

estimated directions is found to be outside a 

predetermined range of possible directions for the 

sound source, then the corresponding variance value 

25 is discarded. 
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In that way, the stationary sound source 

detector 407 can reliably detect the occurrence of a 

stationary sound source that is located within the 

range of directionality of the microphone array 102. 

5 In addition, the estimated direction which is 

produced from the sound source direction estimation 

section 116 at the time when such detection occurs 

represents the direction of that stationary sound 

source. 

10 Fifth Empodiment 

A fifth embodiment will be described ref erring 

to the general system block diagram of Fig. 11 and 

the flow diagram of Fig. 12. The embodiment is 

formed of a microphone array 102, a sound source 

15 direction estimation section 116, a passage 

detection section 216, each of which operates as 

described hereinabove for correspondingly numbered 

sections of preceding embodiments, and a motion 

direction derivation section 509. The motion 

20 direction derivation section 509 is formed of a 

estimated direction buffer 505, a prior-to-passage 

direction derivation section 506, a subsequent-to­

passage direction derivation section 507 and a 

motion direction detection section 508. In the same 

25 way as described for the second embodiment, 
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esti.-'-\ted directions obtained by the sound source 

direction estimation section 116 in successive time 

windows are supplied to the passage detection 

section 216, with a passage detection result being 

5 generated by the passage detection section 216 each 

time it is detected that a sound source has entered 

the passage detection range Pn. In the motion 

direction derivation section 509, the estimated 

direction buffer 505 is configured to have a storage 

10 capacity corresponding_to an appropriate number of 

successively obtained estimated directions. 

When data expressing a passage detection 

result (indicated as Pd in Fig. 11) is generated by 

the passage detection section 216, this is supplied 

15 to the prior-to-passage direction derivation section 

506 and the subsequent-to-passage direction 

derivation section 507. The subsequent-to-passage 

direction derivation section 507 responds by 

transferring to the motion direction detection 

20 section 508 the estimated direction which was most 

recently set into the buffer 505, or the most 

recently obtained estimated direction produced from 

the passage detection section 216. The prior-to­

passage direction derivation section 506 responds to 

25 the passage detection result by transferring to the 
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motion direction detection section 508 an estimated 

direction which was obtained prior to that which is 

transferred by the subsequent-to-passage direction 

derivation section 507, such as the oldest estimated 

5 direction in the contents of the buffer 505. 

Designating these respective estimated directions 

extracted by the prior-to-passage direction 

derivation section 506 and subsequent-to-passage 

direction derivation section 507 as. 6bf and 6af, the 

10 motion direction detection section 508 then obtains 

the sign of the difference between 8bf and 6af, wit~ 

that sign indicating the direction of motion of the 

sound source. For example in the case of Fig. 11, 

15 

20 

25 

if (6af - 8bf) is positive, then this indicates that 

the motion direction of the sound source is along 

the direction of the arrow. 

Fig. 12 is a flow diagram showing the 

processing executed with the above form of operation 

of this embodiment. 

In the above description of the fifth 

embodiment, a data buffer 505 such as a FIFO (first­

in first-out) buffer is used to obtain an estimated 

direction that was produced at a time prior to the 

point in time at which a passage detection result 

was generated. However it will be understood that 
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as an alternative form of implementing this 

embodiment, it would be equally possible to register 

the estimated direction that is obtained at the time 

point when a passage detection result is generated, 

5 to wait for a predetermined number of time window 

periods and obtain the estimated direction which is 

produced at that time point from the passage 

detection section 216, and subtract the two 

estimated directions thus obtained from one another, 

10 to thereby obtain the ~otion direction of a sound 

source as indicated by the sign of the subtraction 

result. 

As a further alternative form of implementing 

this embodiment, it would be possible to use a 

15 buff er as described for the estimated direction 

buff er 505 to obtain an estimated direction which 

was produced by the passage detection section 216 at 

a time point prior to the time point when a passage 

detection result is generated, to wait for a 

20 predetermined number of time window periods after a 

passage detection result is generated and then 

obtain the estimated direction which is produced at 

that time point from the passage detection section 

216, and subtract the earliest and most recent 

25 estimated directions thus obtained from one another, 
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to thereby obtain the motion direction of a sound 

source as indicated by the sign of the subtraction 

result. 

It can thus be understood that whichever of the 

5 above alternatives is employed, each is based upon 

using a passage detection result as an indication 

that a sound source has traversed a specific range 

of directions, and so is currently moving past the 

microphone array 102. 

10 Sixth Embodiment 

A sixth embodiment will be described ref erring 

to the general system block diagram of Fig. 13 and 

the flow diagram of Fig. 14. The embodiment is 

formed of a microphone array 102, a sound source 

15 direction estimation section 116, a passage 

detection section 216, each of which operates as 

described hereinabove for correspondingly numbered 

sections of preceding embodiments, and a velocity 

derivation section 609. The velocity derivation 

20 section 609 is formed of a data buffer 605, a motion 

interval calculation section 606, an angular amount 

determining section 607 and a velocity derivation 

section 609. The velocity derivation section 609 

operates on data provided from the sound source 

25 direction estimation section 116 and passage 
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detection section 216 to determine the velocity of a 

sound source which moves past the microphone array 

102. 

The operation is as follows. The successive 

5 estimated directions of a sound source, produced 

from the sound source direction estimation section 

116, are supplied to the passage detection section 

216 and to the data buffer 605 of the velocity 

derivation section 609. The data buffer 605 is 

10 capable of storing data expressing a fixed plurality 

of successively obtained estimated directions of a 

sound source, with the number of estimated 

directions being predetermined in accordance with an 

anticipated typical or maximum velocity of the sound 

15 sources and in accordance with the magnitude of a 

fixedly predetermined angular amount n (described 

hereinafter). Successively obtained estimated 

directions of a sound source, corresponding to 

respective time windows, are sequentially written 

20 into the buffer 605. When the passage detection 

section passage detection section 216 detects that a 

sound source is moving past the microphone array 102 

(as indicated by generation of a passage detection 

result), then the contents of the data buffer 605 at 

25 



42 

that time are read out by the motion interval 

calculation section 606. 

The motion interval calculation section 606 

then determines, based on the set of past estimated 

5 directions respectively corresponding to successive 

time points which are thereby obtained, the length 

of time T (i.e., expressed as a number of time 

window periods) which was required for the sound 

source to move through a preset angular amount 

10 (i.e., range of succes$ive directions with respect 

15 

20 

25 

to the microphone array 102) designated as .0., which 

is specified by the angular amount determining 

section 607. 

The velocity detection section 608 then 

calculates the angular velocity at which the sound 

source is moving, based on the angular amount a and 

the value obtained for T, by using equation (8) 

below: 

co = D./T .................... ( 8) 

The distance L between the microphone array 602 

and the sound source 601 is known beforehand. The 

velocity detection section 608 calculates the linear 

velocity V of the sound source by using equation (9) 

below: 

V = L tan(ro) •••.••••••• ( 9} 
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Data expressing the calculated velocity value 

are the outputted from the velocity detection 

section 608. 

Fig. 14 illustrates the processing sequence 

5 executed with this embodiment, in the case of the 

form of operation described above. 

Although the sixth embodiment has been 

described above for the case in which the angular 

velocity of a sound source is calculated by 

10 measuring the amount o~ time required for the sound 

source directions to move through a predetermined 

angular amount, it would be equally possible to 

predetermine a fixed time interval, and to use the 

contents of the buff er 605 to obtain the angular 

l5 amount by which the sound source directions have 

changed within that prede~ermined time interval. 

Furthermore, although the sixth embodiment has 

been described above for the case in which the 

angular velocity of a sound source is calculated on 

20 the basis of an amount of change in the sound source 

directions which occurred prior to the time point at 

which a passage detection result is generated, it 

would be equally possible to calculate the angular 

velocity of a sound source on the basis of an amount 

25 of change in the sound source directions which 
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occurs subsequent to the time point at which a 

passage detection result is generated. That is to 

say, it would be possible for example to measure the 

amount of angular change in the successively 

5 obtained estimated directions which occurs during a . 

fixed time interval following the time point at 

which a passage detection result is generated. 

Thus with this embodiment, not only can the 

passage of a sound source be detect~d, but also the 

10 velocity at which the $OUnd source is passing can 

also be derived, by using the passage detection 

result as a trigger for initiating velocity 

derivation processing. 

15 

Seventh Embodiment 

A seventh embodiment will be described 

ref erring to the general system block diagram of 

Fig. 15 and the flow diagram of Fig. 16. The 

embodiment is formed of a microphone array 102, a 

sound source direction estimation section 116, a 

20 passage detection section 216, each of which 

operates as described hereinabove for 

correspondingly numbered sections of preceding 

embodiments, and a directivity control section 706. 

The directivity control section 706 is formed of a 

25 directivity controller 704, an adder 705, and an 
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array of delay elements 703. The array of delay 

elements 703 respectively correspond to, and receive 

respective audio signals from, the microphones of 

the microphone array 102. 

5 The directivity control section 706 operates on 

the output signals produced from the microphone 

array 102 and data provided from the sound source 

direction estimation section 116 and passage 

detection section 216 to obtain a monitoring signal 

10 which expresses the sound that is being emitted from 

a sound source as the sound source moves past the 

microphone array 102. since the sound emitted from 

each of the sound sources will be monitored at a 

time when the sound sources are at substantially the 

15 same distance from the microphone array, such a 

monitoring signal can be used for example to 

estimate the respective levels of sound power which 

are produced by successive sound sources. 

In the directivity control section 706, the 

20 direction controller 704 sets the respective delays 

of the delay elements 703 in response to a passage 

detection result being produced from passage 

detection section 216, in the following manner. 

When a sound source is detected as passing by the 

25 microphone array 102 (as indicated by generation of 
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a passage detection result by the passage detection 

section 216) then designating the estimated 

direction obtained for the sound source at the time 

point when a passage detection result is generated 

5 as es, the direction controller 704 calculates the 

10 
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vector d[m] (m=l, 2, ....... , M) by using equation 

(10) below: 

d[m) = (1, 
-jO> 2't 

e I • • • • • • • • • I 

-·roC M-1 >-c T 
e J ] 

•.•• ( 10) 

here, ~ is defined by equation (11) below, in 

which c denotes the speed of sound: 

~ = (d sin Ss}/c ........... ( 11) 

The elements of the vector d[m] are set as the 

respective delay values of the M delay elements 703. 

By setting the delay values in that way, the 

respective delayed audio signals produced from the 

delay elements are synchronized in phase with the 

sound source signal which arrives along the 

direction es, i.e., by summing the outputs from the 

delay elements in the adder 705, a monitoring signal 

is obtained with directivity applied along the es 

direction. Thus, the level of sound being emitted 

from the sound source which is currently at the 

direction es can be selectively obtained, i.e., the 



47 

sound produced from a specific moving sound source 

can be monitored. 

Hence, the directivity control section 706 

produces a monitoring signal that is obtained as a 

s combination of the output signals from the 

microphone array 102, with an appropriate 

directivity applied. 

Thus with the seventh embodiment, in addition 

to obtaining successive estimated d_irections of a 

10 sound source in relatiQn to the microphone array 

102, and judging when the sound source is currently 

passing by the microphone array 102, the level of 

sound emitted from that sound source can be 

monitored by appropriately orienting the effective 

15 directivity of the microphone array 102 in the 

direction of that sound source, with detection of 

passing of the sound source being used as a trigger 

for initiating this orienting of the directivity. 

With this embodiment therefore, using only a single 

20 array of microphones, it becomes possible to 

selectively monitor a sound emitted from a specific 

sound source which is at an arbitrary direction from 

the microphone array. 

Various ways of utilizing the monitoring signal 

25 produced by this embodiment could be envisaged, for 
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example setting successive pluralities of monitoring 

signal samples in a data buffer (not shown in the 

drawings) , and reading out the current buffer 

contents after a fixed time interval has elapsed 

5 following a time point at which a passage detection 

result is generated. In that way, the condition of 

the monitoring signal while each specific sound 

source is passing the microphone array 102 can be 

obtained. 

10 The processing sequence of this embodiment is 

illustrated in the flow diagram of Fig. 16, assuming 

the case in which such an output buffer is utilized. 

Eighth Embodiment 

With the preceding embodiment, it is necessary 

15 for the directivity controller 704 to establish a 

new set of delay values for the set of delay 

elements 703, each time that a passage detection 

result is obtained for a sound source from the 

passage detection section 216 together with an 

20 estimated direction produced from the sound source 

direction estimation section 116, in order to align 

the effective directivity of the microphone array 

102 with the current estimated direction of the 

sound source. These estimated directions may vary 

25 substantially, depending upon the respective 
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velocities of the sound sources, etc. For example, 

if a sound source is moving very slowly, then the 

aforementioned threshold number of in-range 

estimated directions nt may be reached at a point 

5 when the sound source has moved through only an 

initial small part of the passage detection range 

Pn. If on the other hand a sound source is moving 

very rapidly, so that its direction with respect to 

the microphone array changes by a large angular 

10 amount in each time window, then the sound source 

may have almost reached the final direction Of of 

the passage detection range Pn at the point when the 

threshold number of in-range estimated directions 

15 
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nt has been reached for that sound source. 

In the case of sound sources which are moving 

with high velocity and are separated· from one 

another by relatively small distances, e.g., 

vehicles travelling on an expressway, it may be 

impossible (due to limitations of system 

performance) to synchronize the operation of 

establishing an updated set of delay values for the 

delay elements 703 with the time point at which a 

new passage detection result is generated. An 

eighth embodiment will be described in the 

following, which is designed to overcome this 
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problem. Fig. 17 shows the general configuration of 

this embodiment. This has basic similarities to the 

preceding embodiment, being formed of a sound source 

direction estimation section 116, a passage 

5 detection section 216, two data extractor sections 

814, 817 and corresponding data buff~rs 813, 816, 

which receive data values produced from a 

directivity control section 706A and a directivity 

control section 706B respectively. _With this 

10 embodiment, the output_signals from the microphone 

array 102 are supplied not only to the sound source 

direction estimation section 116 and the directivity 

control section 706A but also to the directivity 

control section 706B. 

15 Each of the directivity control sections 706A, 

706B performs a similar function to that of the 

directivity control section 706 of the preceding 

embodiment shown in Fig. 15. However in each of the 

directivity control sections 706A, 706B, the 

20 respective delay values assigned to the set of delay 

elements are fixedly predetermined, such as to 

25 

provide directivity along a direction 61 in the case 

of the directivity control section 706A and along a 

direction 82 in the case of the directivity control 

section 706B. Taking the directivity control 
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section 706A for example, each time a new digital 

data sample expressing the sound level received 

along the direction 61 is generated by the 

directivity control section 706A (i.e., as part of a 

5 monitoring signal produced by the directivity 

control section 706A as a combination of the output 

signals from the delay elements 703 with a specific 

directivity applied) it is written into the buffer 

813 under the control of the data extraction section 

10 814. 

15 

20 
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The directivity control section 706B, buffer 

816 and data extraction section 817 operate in the 

same manner, with respect to the direction 82. 

The basic principles of the embodiment can be 

understood by ref erring to the conceptual diagram of 

Fig. 19. As shown, a first predetermined range of 

directions Rl is defined in relation to the 

microphone array 102, which is centered on the 

direction 61, while a second range of directions R2 

is centered on the direction 62. The aforementioned· 

predetermined range of directions Pn which is used 

by the passage detection section 216 to judge 

whether passage detection has occurred (i.e., as 

described hereinabove, whereby a count is performed 
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of the number of times that estimated directions 

within that range are obtained for a sound source, 

and passage detection is judged to have occurred if 

the number counted within N successive time window 

5 periods is above the threshold number nt) extends 

10 

15 

20 

25 

from an initial direction er to a final direction 

8f. In Fig. 19, the threshold number of in-range 

estimated directions nt might be reached for the 

sound source 100 when it has reached the position 

shown, within the range Rl. The data extraction 

section 814 accordingly reads out from the data 

buff er 813 the sound level data currently held in 

that buffer, i.e., data expressing variations in 

received sound level as obtained from directivity 

along the direction 61. Similarly, The threshold 

number nt might be reached for the sound source 

101 when it has reached the position shown, within 

the range R2. The data extraction section 817 

accordingly reads out from the data buff er 816 the 

data currently held in that buffer, i.e., data 

expressing variations in received sound level as 

obtained from directivity along the direction e2. 
Read-out from the buffers 814, 817 are 

performed under the control of the data extraction 
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sections 814, 817 at appropriate timings, e.g., in 

accordance with the requirements of an external 

apparatus which receives the sound level data. 

It can thus be understood that with this 

s embodiment, the disadvantage of the preceding 

embodiment is overcome, since the delay values of 

the sets of delay elements in the directivity 

control sections are fixedly predetermined, so that 

updating of the delay values of th~ delay elements 

10 703 is not performed. However for each sound 

source, a monitoring data expressing variations in 

received sound level corresponding to that sound 

source will be obtained based on a microphone array 

directivity which is at least close to the direction 

15 of the sound source at the time of monitoring the 

received sound level. Hence monitored sound level 

values which are approximately correct can be 

obtained even for the case in which some of the 

sound sources may be moving at high velocity. 

20 It will be further understood that although 

with this embodiment only two directivity control 

sections are utilized, it would be possible to 

achieve higher accuracy of sound level measurement, 

or increase the range of sound source velocities for 

25 which measurement can be performed, by increasing 
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the number of directivity control sections, to 

thereby increase the number of ranges of angular 

directions such as Rl and R2 in Fig. 19. 

Fig. 18 is a flow diagram illustrating the 

5 basic principles of operation of this embodiment. 

With the eighth embodiment, if ·for example two 

of the sound sources are travelling at a 

substantially identical high velocity and are 

separated by only a small distance,. then the 

10 respective passage detection results for each of 

these sound sources would be successively produced 

from the passage detection section 216 within a very 

short time interval. Thus, the minimum amount of 

time which must elapse before data are read out from 

15 a buffer 813 or 816 after being written therein (in 

response to a passage detection result) is 

determined by the maximum velocity which will be 

attained by sound sources and by the minimum 

distance between successive sound sources. 

20 Designating the separation between the two sound 

sources (expressed as a distance along the line of 

travel) as s and their common velocity as V, it is 

necessary to perform data read-out from such a 

buffer (after data write-in as a result of detection 

25 of passage of the first of these sound sources) 
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within a time interval that is shorter than 

approximately S/V, in order to ensure that the sound 

level data for the first sound source will not be 

lost due to write-in of sound level data for the 

5 second sound source. 

Fig. 20 is a conceptual diagram for 

illustrating how two passage detection sections 

216A, 216B, each configured in a similar manner to 

the passage detection section 216, . could be used to 

10 derive passage detectiqn data for sound sources 

travelling in opposing directions, such as motor 

vehicle traffic on a two-way street, and supply 

respective passage detection results to two sets of 

directivity control sections 807A, 811A and 807B, 

15 811B. In Fig. 22, the microphone array 102 is 

disposed adjacent to such a two-way street, in which 

traffic flows along a first path aos·, which will be 

referred to as the upstream path, and a second path 

804 which will be referred to as the downstream 

20 path. The microphone output signals from the 

microphone array 102 are supplied to the sound 

source direction estimation section 116 and to the 

directivity control sections 807A, 811A as in the 

embodiment of Fig. 17, and also to the second pair 

25 of directivity control sections 807B, 811B. The 
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estimated directions obtained by the sound source 

direction estimation section 116 are supplied to 

each of the passage detection sections 216A and 

216B. 

The passage detection results from the passage 

detection section 216A (which detects only motion 

through a passage detection range along the upstream 

path 805) and each estimated direction corresponding 

to such a passage detection result, are supplied to 

10 the directivity contro~ sections 807A, 811A, which 

function in a similar manner to the directivity 

control sections 807, 811 in Fig. 17. The passage 

detection results from the passage detection section 

216B (which detects only motion through the passage 

15 detection range from 6r to 6f shown in Fig. 20 along 

the downstream path 804) and each estimated 

direction corresponding to such a passage detection 

result, are supplied to the directivity control 

sections 807B, BllB. The range of directions used by 

20 the directivity control sections 807A, 811A for 

passage detection in the upstream path 805 (omitted 

from Fig. 22) can be as shown in Fig. 19, i.e., 

extending from er to 6f in that diagram. 

In that way, a single microphone array 102 and 
25 

single sound source direction estimation section 116 
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can be used in implementing sound source passage 

detection and microphone array directivity control 

for both of the motion paths 804, 805. 

Fig. 21 is a partial flow diagram (in which 

5 omitted steps S2, S3 are identical to those of the 

flow diagram of Fig. 7) for illustrating the 

processing sequence executed by each· of the passage 

detection sections 216A, 216B. It will be understood 

that the condition step sa, in this.case, must 

10 actually determine whether the current estimated 

direction (or one of these directions, if a 

plurality are generated for one time window by the 

passage detection section 216): 

(a} is greater than (i.e., further advanced 

15 towards the final direction 8f) or equal to the 

estimated direction obtained for the preceding time 

window, and 

20 

25 

(b) is within the passage detection range Pn, 

and 

(c) differs from the estimated direction 

obtained for the preceding time window by no more 

than a predetermined maximum amount. 

Conditions (a) and (c) above serve to ensure 

that estimated directions obtained for any sound 

source travelling in the opposite direction to the 
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desired sound source will be ignored. The maximum 

amount which is specified in that condition (c) will 

depend upon the minimum amount of distance 

anticipated between successive sound sources, and 

5 the range of velocities anticipated for the sound 

sources 

Although the present invention has been 

described in the above referring to specific 

embodiments, it is to be understood that various 

10 modifications to these_embodiments or alternative 

forms of implementing the embodiments could be 

envisaged, which fall within the scope claimed for 

the invention in the appended claims. 

15 

20 

25 
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WHAT IS CLAIMED IS: 

1. A method of estimating a direction of a sound 

source, as an angular value in relation to a fixed 

s position, comprising steps of: 

in each of a succession of fixed-length time 

windows, operating on respective microphone output 

signals resulting from reception of sound emitted 

from said sound source, said microppone output 

10 signals produced from an array of M microphones, 

where M is a plural integer, to thereby extract from 

each of said microphone output signals a time-axis 

signal portion and thereby obtain successive sets of 

M audio signal portions with said sets corresponding 

15 to respective ones of said time windows; 

20 

applying frequency analysis to separate each 

said signal portion into a plurality of components 

corresponding to respectively different ones of a 

fixed set of frequencies; and 

for each frequency of said fixed set, processing 

said components to obtain data expressing a 

frequency-based direction of a sound source with 

respect to a position in said microphone array, and 

calculating an average of respective frequency-

25 based directions obtained for all frequencies of 
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said fixed set, to thereby obtain an estimated 

direction corresponding to one time window. 

2. The method according to claim 1, further 

5 comprising a step of: 

for each of said time windows, calculating 

an average direction as an average of an estimated 

direction corresponding to said each time window and 

respective estimated directions corresponding to a 

10 fixed plurality of time windows which directly 

precede said each time window, and outputting said 

15 

average direction as a finally obtained estimated 

direction corresponding to said each time window. 

3. The method according to claim 1, wherein said 

processing applied for each frequency of said set of 

frequencies comprises deriving a plurality of values 

of received signal power with said values 

corresponding to respectively different directions 

20 in relation to said position in the microphone 

array, and finding a one of said directions for 

which said received signal power has a maximum 

value, and wherein said method further comprises a 

step of: 

25 
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judging said direction for which said signal 

power has a maximum value, to determine whether said 

direction is within a predetermined range, and when 

said direction is found to be outside said range, 

5 excluding said direction from calculations performed 

to obtain said estimated direction of said sound 

source. 

4 • The method according to claim .1, further 

10 comprising a step of: 

judging when a sound source has passed through 

a specific direction, by comparing said successive 

estimated directions obtained for said sound source 

with a predetermined passage detection range of 

15 directions, and generating data expressing a passage 

detection result when said sound source is found to 

have passed through said specific .direction. 

5. The method according to claim 4, wherein said 

20 judgement step is based upon: 

detecting a number of times for which estimated 

directions obtained for said sound source are within 

said passage detection range of directions; and, 

determining that said sound source has passed 

25 through at least an initial direction of said 
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passage detection range of directions when it is 

found that said number of times attains a 

predetermined threshold number within a fixed time 

interval which commences after said sound source has 

5 entered said passage detection range of directions. 

6. The method according to claim 5, wherein said 

judgement step is performed by successive steps of: 

detecting an initial time wind9w as a time 

10 window at which an estimated direction obtained for · 

said sound source is within a predetermined initial 

part of said passage detection range of directions; 

thereafter, while obtaining successive count 

values of said time windows, obtaining successive 

15 count values of occurrences of said estimated 

directions obtained for said sound source being 

within said passage detection range of directions 

and comparing each said occurrence count value with 

said threshold numberi 

20 when said occurrence count values are found to 

25 

attain said threshold number before said time window 

count values attain a predetermined maximum count 

value, generating output data as a passage detection 

result, to indicate that said sound source has 
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passed through at least said initial part of said 

passage detection range of directions. 

7. The method according to claim 4, further 

s comprising a step of initiating recording of a 

microphone output signal from at least one of said 

microphones when a sound source is detected as 

having passed through said specific directions as 

indicated by generation of a passag_e detection 

10 result. 

8. The method according to claim 7, wherein a 

time-axis portion of said microphone output signal 

which commenced prior to the time at which said 

15 sound source passed through said specific direction 

is recorded. 

20 

25 

9. The method according to claim s, comprising 

steps of: 

temporarily storing each of successively 

obtained sets of audio data derived from an audio 

output signal of at least one of sai~ microphones; 

and, 
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when a passage detection result is generated, 

reading out a currently stored one o·f said sets of 

audio data and recording said set of audio data. 

5 10. The method according to claim 1, further 

comprising a step of judging whether a sound source 

is stationary, based upon successively obtained ones 

of said estimated directions of said sound source. 

10 11. The method accord~ng to claim 10, wherein said 

step of judging whether a sound source is stationary 

comprises calculating the variance of said 

successively obtained estimated directions of said 

sound source within each of respective fixed 

15 observation intervals, and judging that the sound 

source is stationary if said variance is found to be 

lower than a predetermined threshold value. 

12. The method according to claim 11, further 

20 comprising: 

calculating an average of said estimated 

directions within each of said observation 

intervals, and judging that the sound source is 

stationary if said variance is found to be lower 

25 than a predetermined threshold value and also said 
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average direction is within a predetermined range of 

directions. 

13. The method according to claim 4, further 

5 comprising steps of: 

judging when a sound source has passed through 

a specific direction 1 by comparing said successive 

estimated directions obtained for said sound source 

with a predetermined passage detection range of 

10 directions, and generating data expressing a passage 

detection result when said sound source is found to 

have passed through said specific direction; and 

when said passage detection result is 

generated, judging a direction of motion of said 

15 sound source, based upon successively obtained 

estimated directions obtained for said sound source.· 

14. The method according to claim 13, wherein said 

judgement of direction is performed based upon a 

20 difference between an estimated direction obtained 

prior to a time of generating said passage detection 

result and an estimated direction estimated 

direction obtained at or subsequent to said time of 

generating the passage detection result. 

25 
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15. The method according to claim 14, wherein said 

step of judging direction comprises: 

temporarily registering each of successively 

obtained sets of said estimated directions in a 

5 bufferj 

when a passage detection result is generated, 

reading out from said buff er a first estimated 

direction which was obtained at a point in time 

preceding a time of generating said. passage 

10 detection result; 

calculating the sign of the difference between 

said first estimated direction and an estimated 

direction obtained subsequent to said first 

estimated direction, with said direction of motion 

15 being indicated by said sign. 

16. The method according to claim 13, wherein said 

judgement of direction is performed based upon a 

difference between an estimated direction obtained 

20 at a time of generating said passage detection 

result and an estimated direction obtained 

subsequent to said time of generating the passage 

detection result. 

25 
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17. The method according to claim 16, wherein said 

step of judging direction comprises: 

when a passage detection result is generated, 

temporarily registering a first estimated direction, 

S which is obtained at that time; and, 

after a predetermined number of said time 

windows have elapsed following generation of said 

passage detection result, calculatin~ the sign of a 

difference between said first estim.ated direction 

10 and a currently obtain~d one of said estimated 

directions, with said direction of motion being 

indicated by said sign. 

18. The method according to claim 1 wherein said 

15 microphone array is disposed at a known distance 

from a motion path of said sound source, further 

comprising steps of: 

judging when a sound source has passed through 

a specific direction, by comparing said successive 

20 estimated directions obtained for said sound source 

with a predetermined passage detection range of 

directions, and generating data expressing a passage 

detection result when said sound source is found to 

have passed through said specific direction; 

25 
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when said passage detection result is 

generated, judging the linear velocity of said sound 

source based upon successively obtained estimated 

directions obtained for said sound source. 

19. The method according to claim 18, wherein said 

step of judgement of linear velocity comprises: 

measuring an amount of time required for 

successive estimated directions obt~ined for said 

10 sound source to change_by a predeter~ined angular 

15 

amount; 

calculating the angular velocity of said sound 

source based on said amount of time and said 

predetermined angular amount; and 

calculating an approximate value of linear 

velocity of said sound source based on said angular 

velocity and said known distance of said microphone 

array from said motion path. 

20 20. The method according to claim 19, wherein said 

25 

amount of time is measured from a time point 

preceding the generation of said passage detection 

result up to the time point at which said passage 

detection result is generated. 
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21. The method according to claim 19, wherein said 

amount of time is measured from the time point at 

which said passage detection result is generated up 

to a subsequent time point. 

22. The method according to claim 19, wherein said 

amount of time is measured from a time point 

preceding the generation of said passage detection 

result up to a time point subsequen~ to the time 

10 point at which said pa~sage detection result is 

generated. 

23. The method according to claim 18, wherein said. 

step of judgement of linear velocity comprises: 

15 measuring an amount of change of successive 

estimated directions obtained for said sound source, 

expressed as an angular amount, which occurs within 

a predetermined time interval; 

calculating the angular velocity of said sound 

2o source based on the duration of said predetermined 

time interval and said angular amount; and 

calculating an approximate value of linear 

velocity of said sound source based on said angular 

velocity and said known distance of said microphone 

25 array from said motion path. 
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24. The method according to claim 23, wherein said 

amount of change of estimated directions is measured 

from an estimated direction obtained prior to the 

time point at which said passage detection result is 

s generat~d up to an estimated direction obtained at 

the time point at which said passage detection 

result is generated. 

25. The method accord~ng to claim 23, wherein said 

10 amount of change of estimated directions is measured 

from an estimated direction obtained at the time 

point when said passage detection result is 

generated up to an estimated direction obtained at a 

time point subsequent to that at which said passage 

15 detection result is generated. 

26. The method according to claim 23, wherein said 

amount of change of estimated directions is measured 

from an estimated direction obtained prior to the 

20 time point at which said passage detection result is 

generated up to an estimated direction obtained 

subsequent to the time point at which said passage 

detection result is generated. 

25 
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27. The method according to claim 1, further 

comprising a step of utilizing said estimated 

directions obtained for a sound source to orient a 

directivity of said microphone array along a current 

5 direction of said sound source. 

28. The method according to claim 27, wherein a 

single directivity of said microphone array is 

oriented along said current direction of said sound 

10 source by applying speqif ic degrees of phase shift 

processing to respective output signals produced 

from said microphones and summing resultant phase-

shifted signals. 

15 29. The method according to claim 27, comprising 

steps of: 

judging when a sound source has passed through 

a specific direction, based on said successive 

estimated directions obtained for said sound source, 

20 and generating data expressing a passage detection 

result when said sound source is found to have 

passed through said specific direction; 

orienting said microphone array directivity 

along a specific one of said estimated directions, 

25 said specific estimated direction being obtained at 
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a time point substantially close to a time point at 

which said passage detection result is generated; 

and 

obtaining a monitoring signal expressing a 

5 sound being emitted from said sound source, as a 

combination of said microphone output signals with 

said directivity applied. 

30. The method according to claim 1, further 

10 comprising steps of: 

establishing a plurality of fixedly 

predetermined directivities for said microphone 

array; 

judging when a sound source has passed through 

15 a specific direction, based on said successive 

estimated directions obtained for said sound source, 

and generating data expressing a passage detection 

result when said sound source is found to have 

passed through said specific direction; 

20 when saig passage detection result is obtained 

for said sound source, selecting one of said 

plurality of directivities based upon an estimated 

direction obtained for said sound source at a time 

point substantially close to a time point at which 

25 said passage detection result is generated; and, 

111111111111111111111111111111 
* C L M S * 



5 

- .. -.==.._. 

73 

obtaining a monitoring signal expressing a 

sound being emitted from said sound source, as a 

combination of said microphone output signals with 

said selected one of the directivities applied. 

31. An apparatus for estimating a direction of a 

sound source, comprising: 

waveform extraction means (103) for operating 

on respective microphone output signals produced 

10 from an array of M mic~ophones, where M is a plural 

integer, to extract from each of said microphone 

output signals a time-axis signal portion within 

each of respective time windows, and thereby obtain 

successive sets of M audio signal portions with said 

15 sets corresponding to respective ones of said time 

windows; 

frequency analyzer means (104) for applying 

frequency analysis to each of said sets of M audio 

signal portions to separate said signal portion into 

20 a plurality of components corresponding to 

respectively different ones of a fixed set of 

frequencies; and 

processing means (107, 108, 109, 110, 106) for 

operating on said components corresponding to said 

25 each set of M audio signal portions to obtain, for 
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each frequency of said fixed set of frequencies, 

data expressing an estimated direction of said sound 

source with respect to a position in said microphon~ 

array, 

to thereby obtain successive estimated 

directions of said sound source corresponding to 

respective ones of said time windows. 

32. The apparatus according to claim 31, further 

10 comprising: 

frequency-based averaging means (114) for 

obtaining an average of respective estimated 

directions obtained for said fixed set of 

frequencies within each of said time windows, to 

15 thereby obtain successive frequency-average 

20 

estimated directions of said sound source 

corresponding to respective ones of said time 

windows. 

33. The apparatus according to claim 32, further 

comprising means for obtaining respective averages 

of f ixed-iength sets of said frequency-averaged 

estimated directions obtained in successive time 

windows, to thereby obtain successive time-averaged 

25 estimated directions of said sound source. 
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34. The apparatus according to claim 31, wherein 

said processing applied by said processing means for 

each frequency of said set of frequencies comprises 

deriving a plurality of values of received signal 

5 power with said values corresponding to respectively 

different directions in relation to said position in 

the microphone array, and finding a one of said 

directions for which said received signal power has 

a maximum value, and wnerein said processing means 

10 further comprises out-of range value exclusion means 

{112, 111) for: 

judging said direction for which said signal 

power has a maximum value, to determine whether said 

direction is within a predetermined range, and when 

15 said direction is found to be outside said range, 

excluding said direction from calculations performed 

to obtain said estimated direction of said sound 

source. 

20 35. The apparatus according to claim 31, further 

comprising passage detection means (216) including 

25 

judgement means for operating on said successive 

estimated directions obtained for a sound source in 

relation to a predetermined passage detection range 

, ..... ,. 
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of directions, to generate data expressing a passage 

detection result when said sound source is found to 

have passed through a specific direction. 

5 36. The apparatus according to claim 35, wherein 

10 

15 

said passage detection means comprises: 

direction range setting means (211) for 

specifying said passage detection range of 

directions; 

in-range occurrence. number calculation means 

(212} for detecting a number of times for which 

estimated directions obtained for said sound source 

are within said passage detection range of 

directions; and, 

passage detection judgement means (213) for 

determining that said sound source has passed 

through at least an initial direction of said 

passage detection range of directions when said 

number of times attains a predetermined threshold 

20 number within a fixed time interval which commences 

after said sound source has entered said passage 

detection range of directions. 

25 

I fllJ" IJI 1J H /lll 



mm· -~- --.--.~ 

77 

37. The apparatus according to claim 36 1 wherein 

said passage detection judgement means (213) 

comprises means for: 

detecting an initial time window as a time 

s window at which an estimated direction obtained for 

said sound source is within a predetermined initial 

part of said passage detection range of directionsi 

thereafter, while obtaining successive count 

values of said time windows, obtaining successive 

10 count values of occurr~nces of said estimated 

directions obtained for said sound source being 

within said passage detection range of directions 

and comparing each said occurrence count value with 

said threshold number; 

15 when said occurrence count values are found to 

attain said threshold number before said time window 

count values attain a predetermined maximum count 

value, generating output data as a passage detection 

result 1 to indicate that said sound source has 

20 passed through at least said initial direction of 

said passage detection range of directions. 

38. The apparatus according to claim 35, further 

comprising means for initiating recording of a 

25 microphone output signal from at least one of said 
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microphones when a sound source is detected as 

having passed through said specific direction, as 

indicated by generation of a passage detection 

result. 

39. The apparatus according to claim 38, 

comprising: 

buffer means (307) for temporarily storing each 

of successively obtained sets of auqio data derived 

10 from an output signal qf at least one of said 

microphones; 

data extraction means (308} responsive to 

generation of a passage detection result for reading 

out a currently stored one of said sets of audio 

15 data; and, 

recording means (309) for recording said sets 

of audio data. 

40. The apparatus according to claim 31, further 

20 comprising means for determining whether a sound 

source is stationary, based upon successively 

obtained ones of said estimated directions of said 

sound source. 

25 
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41. The apparatus according to claim 40, wherein 

said means for determining whether a sound source is 

stationary comprises: 

variance calculating means (406} for 

5 calculating the variance of respective sets of said 

successively obtained estimated directions within 

each of fixed observation intervals; and, 

stationary sound source detection means (407) 

for judging said variances, and for.determining that 

10 a sound source is stationary when a variance of 

estimated directions obtained for said sound source 

is found to be lower than a predetermined threshold 

value. 

15 42. The apparatus according to claim 41, further 

comprising moving average calculation means (405) 

for calculating respective averages of said sets of 

estimated directions within each of said observation 

20 

intervals; 

wherein said stationary sound source detection 

means {407) judges that said sound source is 

stationary when said variance is found to be lower 

than said predetermined threshold value and also 

said average of the estimated directions is within a 

25 predetermined range of directions. 
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43. The apparatus according to claim 31, further 

comprising: 

passage detection means (216) including 

judgement means for operating on said successive 

5 estimated directions obtained for a sound source in 

relation to a predetermined passage detection range 

of directions, to generate data expressing a passage 

detection result when said sound source is found to 

have passed through a specific direction; and, 

10 motion direction derivation means (509) 

responsive to generation of said passage detection 

result in relation to a sound source for determining 

a direction of motion of a sound source, based upon 

successively obtained estimated directions obtained 

15 for said sound source. 

44. The apparatus according to claim 43, wherein 

said motion direction derivation means (509) 

comprises: 

20 buffer means (505) for temporarily registering 

25 

each of successively obtained sets of said estimated 

directions; 

prior-to-passage direction derivation means 

(506) responsive to generation of said passage 



81 

detection result in relation to a sound source for 

reading out from said buff er means a one of said 

estimated directions which had been registered in 

said buff er means at a point in time preceding a 

s time point of generating said passage detection 

result, as a first estimated direction; 

subsequent-to-passage direction derivation 

means (507) responsive to said generation of a 

passage detection result in relation to said sound 

10 source for selecting a ~ne of said estimated 

15 

20 

25 

dir.ections which is obtained at a time point 

identical to or subsequent to a time point at which 

said passage detection result is generated, as a 

second estimated direction; and 

motion direction detection means (508) for 

calculating the sign of a difference between said 

first estimated direction and second estimated 

direction, with said direction of motion being 

indicated by said sign of the difference. 

45. The apparatus according to claim 31 wherein 

said microphone array is disposed at a known 

distance from a motion path of said sound source, 

further comprising: 
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passage detection means (216} including 

judgement means for operating on said successive 

estimated directions obtained for a sound source in 

relation to a predetermined passage detection range 

5 of directions 1 to generate data expressing a passage 

detection result when said sound source is found to 

have passed through a specific direction; and 

velocity derivation means (609) responsive to 

generation of said passage detection result in 

10 relation to a sound source for estimating the linear 

velocity of said sound source, based upon 

successively obtained estimated directions obtained 

for said sound source. 

15 46. The apparatus according to claim 45, wherein 

said velocity derivation means (609) comprises: 

buffer means(605) for temporarily registering 

each of successively obtained sets of said estimated 

directions; 

20 angular amount determining means (607) for 

specifying a predetermined angular amount; 

motion interval calculation means (606) 

responsive to generation of said passage detection 

result in relation to a sound source for reading out 

25 a set of estimated directions currently held in said 
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buffer means and calculating, based on said set of 

estimated directions, an amount of time req~ired for 

said sound source to move through a range of 

directions equal to said predetermined angular 

amount, and velocity detection means (608) for 

calculating the angular velocity of said sound 

source based on said amount of time and said 

predetermined angular amount, and 

for calculating an approximate value of linear 

10 velocity of said sound ~ource, based upon said 

angular velocity and said known distance of said 

microphone array from said motion path. 

47. The apparatus according to claim 31, further 

15 comprising directivity control means (706) for 

orienting a directivity of said microphone array 

along an estimated direction obtained for said sound 

source to thereby derive, as a combination of said 

microphone output signals with said directivity 

20 applied, a monitoring signal expressing a sound 

being emitted from said sound source. 

48. The apparatus according to claim 47, further 

comprising passage detection means (216) for 

2S detecting that a sound source has passed through a 
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specific direction, based on said successive 

estimated directions obtained for said sound source, 

and generating data expressing a passage detection 

result when said sound source is found to have 

5 passed through said specific direction, and wherein 

said directivity control means (706) comprises: 

directivity setting means (704, 703) 

responsive to generation of said passage detection 

result in relation to a sound source for orienting 

10 said microphone array directivity along a specific 

one of said estimated directions, said specific 

15 

20 

25 

estimated direction being obtained at a time point 

substantially close to a time point at which said 

passage detection result is generate~. 

49. The apparatus according to claim 31, further 

comprising: 

passage detection means {216) for detecting 

that a sound source has pas~ed through a specific 

direction, based on said successive estimated 

directions obtained for said sound source, and 

generating data expressing a passage detection 

result when said sound source is found to have 

passed through said specific direction; 
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directivity control means (706A, 706B) for 

concurrently establishing a plurality of fixedly 

predetermined directivities for said microphone 

array; and 

selection control means (814, 817) responsive 

to generation of a passage detection result for 

selecting one of said plurality of directivities, 

with said selection based upon an estimated 

direction obtained at a time point substantially 

close to a time point qt which said passage 

detection result is generated. 

50. The apparatus according to claim 49, further 

comprising a plurality of data buffers {813, 816) 

respectively corresponding to said plurality of 

directivities, each such data buffer being adapted 

to store successive time-axis portions of a 

monitoring signal which is obtained with the 

directivity corresponding to said data buffer, 

wherein said selection control means {814, 817) 

responds to generation of a passage detection result 

by reading out the current contents of a data buff er 

corresponding to said selected one of the plurality 

of directivities. 
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