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The present invention relates to a dual-micro 
phone sound-detector system of the type having 
a pair of spaced microphone units actuated by 
incident acoustical waves in predetermined phase 
relation to provide a directional response charac 
teristic. A directional microphone system of the 
general type referred to, is shown for example, in 
Olson U. S. Patent 2,301,744. 

It is a primary object of this invention, to pro- ' 
vide an improved directional microphone system, 
having a pair of spaced microphone units, for 
producing an adjustable directional characteristic 
with minimum response to ambient sound, where 
by the system may be utilized without prior limi 
tations, for directional sound detection andthe 
like on moving vehicles, shipboard and the like. 

It is also an object of this invention, to provide 
' a directional microphone system as above referred 
to wherein each microphone unit has a unidirec 
tional sound response characteristic superimposed 
upon the directional characteristic of the system. 

It is a further object of this invention, to pro 
vide an improved directional microphone system 
of the type referred to for the detection of sound 
W-aves, having adjustable electrical means of the 
low pass ñlter type for producing a time delay 
which is substantially uniform over a relatively 
wide predetermined low frequency range with 
negligible amplitude effects, whereby a directional 
pattern, uniform with frequency, may be obtained 
from the system. 
An improved directionalffmicrophone system in 

accordance with the invention may comprise a 
pair of acoustically spaced microphone units ar 
ranged in tandem on a common axis and facing in 
the same frontal direction,lan adjustable elec 
trical network for controlling the directional pat 
tern of the dual microphone arrangement, the 
electrical network comprising a. multiple unit low 
pass filter permitting relatively long electrical 
delay with corresponding improved low frequency 
response proportional to the spacing of the micro 
phone elements, and an output low frequency 
band pass filter. 
The dual microphone system of the present 

invention is particularly adapted for use in navi 
gation to warn ships of the proximity of naviga 
tion hazards over short distances through fog and 
the like. and as a means for detecting the close 
approach of aircraft. 
The invention is, however, not limltedto use 

in navigation on ships but may be used as a direc 
tional sound detector on stationary or movable 
equipment to warn of the approach or proximity 
to any sound emitting object such as an approach 
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ing vehicle or ship, or with respect to a fixed 
traflic point or beacon, for example. 
In operation, a dual microphone comprising a 

pair of microphone units, each preferably beingA 
unidirectional in its acoustical response charac 
teristic, is arranged or located in a regionA of low 
ambient sound such as at a point high up on a 
mast of a ship or frontally of a moving vehicle 
with the microphone units arranged on a common 
axis pointing upwardly or frontally as the case 
may be, in the same’direction on said axis. 
The microphone units are suitably screened 

from wind noises and because of their unidirec 
tional response characteristic are rendered sub 
stantially non-responsive to local sounds, as from 
the deck of the ship or from the moving vehicle 
as aforementioned, whereas the microphone units 
are relatively sensitive in the opposite direction, 
to sound waves applied thereto from sound sources 
to be detected. 
Because of the nature of ambient sound on ship 

board and on moving vehicles, the problem of 
spacing the microphone units to obtain a phase 
displacement in the response to sound Waves ap 
plied thereto involves a consideration of the over 
all space required for the dual microphone and for 
the electrical delay network required. This is be 
cause of the fact that the normal sound fre 
quencies to be detected lie in a relatively low fre 
quency band, for example between 100 and 300 
cycles. The electrical delay network elements re 
quired to introduce delay between the output of 
onemicrophone and the main system would as 
sume relatively large proportions physically unless 
the microphone units are relatively Widely spaced 
and this has heretofore been one of the limiting 
factors in the production of a suitable dual micro 
phone sound detector system of practical dimen 
sions for use on shipboard, moving vehicles and 
the like. 

It is therefore a still further object of this 
invention, to provide an improved dual micro 
phone system having a controllable directional 
response characteristic, which may be made t0 
operate with a relatively short acoustical spacing 
between the microphone units and with a `time 
delay and electrical control circuit connected 
therewith of compact design adapted to fit into 
a small space in the equipment. 
Frequency discrimination between local or am 

bient sounds and sound waves to be detected is a 
serious problem by reason of the fact that the 
sound waves to be detected generally lie in -a low 
frequency range of approximately 100 to 300 cycles 
per second. 
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Heretofore the design of such low frequency 
acoustical response systems of the dual micro- . 
phone type has been limited for the reason that 
the sensitivity is largely determined by the spacing 
of the microphone units. To obtain a large elec 
trical time delay with a single element filter as 
in a frequency range between 100 and 300 cycles 
per second, Ífor example, would be impossible. 
Single filter elements render the system wholly 
limited to very small time delays. 

Accordingly it is an object of this invention, to 
provide a dual-microphone sound-detector sys 
tem with two acoustically spaced microphone 
units of the phase shifting type having a front 
to-rear discrimination with respect to received 
sound waves and a directional characteristic 
which is frontally similar to the usual cardioid, 
and an adjustable _electrical time delay and am 
plifying network provided with correlated low 
pass and band pass filters, whereby the direc 
tional characteristic of the microphone units may 
be superimposed on the directional characteristic 
due to the use of two acoustically spaced micro 
phone units. 

It is a further object of the invention also, to 
provide a directional microphone system of the 
character above referred to, in which the corn 
bined signal output from the dual microphone 
units with a controllable phase-shift time delay 
and band pass ñlter, is provided further with 
automatic volume control in advance of the band 

.g pass ñlter, whereby the system is adapted for 
operation in connection with sensitive tripping 
and warning devices. 
The invention will further be understood from 

the following description, when considered in 
connection with the accompanying drawing illus 
trating a preferred embodiment of the invention, 
and its scope will be pointed out in the appended 
claims. 
In the drawing; 
Figure l is a schematic circuit diagram of a 

dual microphone system embodying the inven 
tion; , 

Figures 2 and 3 are vector diagrams illustrating 
certain operating characteristics of the system 
of Figure 1; 
Figure 4 is a further diagram showing an acous 

tical response pattern for the system of Figure l; 
and 

Figure 5 is a schematic circuit diagram of a 
portion oi' the system of Figure 1 further illus 
trating the embodiment of the invention shown 
therein. 
Referring to Figure 1, a dual microphone as 

sembly is provided by a frontal or upper micro 
phone unit 6 and a rear or lower microphone 
unit 1, spaced on a common longitudinal axis 8 
a predetermined acoustical distance (d) apart as 
indicated. 
The microphone units are enclosed in a suit 

able wind screen or sound permeable housing 9 
as indicated in dotted outline, which may be of 
the type as shown, described and claimed in our 
copending application Serial No. 5,436, filed Jan 
uary 30, 1948, for Microphone wind screens. 
The microphone units 6 and 1 are preferably 

of the phase shifting type, having a front-to 
rear discrimination for receiving sounds with a 
high degree of response or sensitivity from a 
frontal or vertical direction, as indicated by the 
arrow I, and having substantially negligible re 
sponse to sounds or sound waves from the oppo 
site longitudinal direction as indicated by the 
arrow II. However, satisfactory operation has 
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been obtained with microphones having front 
to-rear discrimination of approximately 20 db. 

' The directional response characteristic is simi 
lar tothe cardioid pattern I0 drawn about the 
axis 8 with reference to the microphone units 8 
and 1, as schematically shown in Figure 4, for 
example. It will be seen from the diagram that 
the microphone response characteristic has a 
high degree of rejection at angles between 90 
degrees and 180 degrees. l 
On shipboard, the microphone assembly and 

wind screen are mounted as high as possible 
above the deck and superstructure so that noises 
from the deck as well as noises produced by wind 
through the rigging may be attenuated as much 
as possible before reaching the microphones. 
The ambient or deck noises are further atten 
uated by the microphone characteristics as re 
ferred to in connection with Figure 4, orientated 
as shown, and in addition by utilizing two micro 
phones spaced an acoustical distance (d) apart 
and associated with a suitable time delay net 
work, thereby obtaining further improved ratio 
of signal to noise as will hereinafter appear. Y 
A high degree of discrimination may therefore 

be obtained with respect to sounds coming from 
the direction I as compared with sounds coming 
from the direction II. The microphones 6 and 1 
therefore, may be arranged to have unidirectional 
response or a high degree of sensitivity in the 
same direction, with regard to sounds coming 
from the direction I. The wind screen 9 must be 
effective to reduce relatively high wind velocities 
to substantially zero about the microphone units. 
The frontal or upper microphone unit 6 is con 

nected through a suitable electronic preamplifier 
I2 with a signal mixer device I3 in the form of a 
potentiometer resistor having an adjustable cen 
ter tap output tap connection I4 and end ter 
minals I5 and I6, the terminal I5 being connected 
with the output of the preamplifier I2 through 
a circuit connection indicated at I1. 
In a similar manner, the rear or lower micro 

phone unit 'I is connected through a second elec 
tronic preamplifier I8 with the mixer device I3 
at the opposite terminal I6, with a phase-shifting 
time-delay network indicated at 20 and herein 
after described, interposed in circuit between the 
preampliñer I8 and the terminal I6. 
The signal output voltage from the frontal or 

upper microphone 6 and corresponding in ampli 
tude to the amplitude of a received sound wave, 
is indicated at er, while the corresponding signal 
output voltage from the lower or rear microphone 
‘I is indicated at e2. In response to sound waves 
from below or the rear, the amplified output volt 
age e1' at the terminal I5 is opposed to the ampli 
ñed and delayed voltage e2 which is indicated at 
the terminal I6 as e2'. 
The potentiometer I3 and variable contact I4 

is provided for the purpose of making the magni 
tude of the voltage e1’ equal to the magnitude 
of the voltage e2’ at the output connection I4, 
in case the voltages e1 and e2 are not exactly 
equal in magnitude or the gain of the two pre 
ampliñers are not identical. This is effected by 
shifting the tap I4 to the exact zero potential 
point on the resistor I3 in each case, thereby 
reducing substantially to zero, the voltage output 
in response to sound waves from the rear or 
below. 
In response to signals or sound waves to be 

detected, received from the front or from above. 
the voltages e1 and e2 and e1’ and e2' to a greater 
extent, are out of phase and vectorially aiding 
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to provide a vector voltage at eo which may be 
of appreciable magnitude. For' the usual range 
of sounds to be detected, the output voltage eo 
is at low audio frequency and in the relatively 
low frequency range of from 100 to 300 cycles 
for example. This operating or output voltage 
to be detected, is further amplified in an audio 
frequency amplifier 2| connected with the out 
put contact |4 whereby it is raised to a useable 
magnitude for operation of a detecting device or 
other utilization means. In the present example, 
the amplifier 2| is provided with an output con 
nection indicated at 22, through an automatic 
volume control circuit indicated at 23, and a 
band pass ñlter indicated-at 24, with utilization 
or detecting- means comprising an electronic trip 
yping or detecting device 25 responsive to an am 
pliiied voltage eo of predetermined magnitude, 
a suitable warning device 26 connected with and 
controlled by the tripping device 25. 
The automatic volume control system 23 con 

trols the gain of the amplifier 2| through an 
automatic volume control connection indicated 
at 21. The band pass filter 24 is designed to 
pass a predetermined band of audio frequency 
signal which is from 100 to 300 cycles, being- the ' 
sound range of signals or sound waves for which 
the microphone units 6 and 1 in the present 
example are to be responsive as detector elements. 

If the electrical time delay in the delay net 
work 20 is made the same as the time required 
for sound to travel from the lower or rear micro 
phone 1 to the upper or forward microphone 6, 
the directional characteristic is'cardioid like and 
will change only slightly according to frequency. 
If the electrical time delay is reduced so as to 
?correspond to the time interval between sound 
arriving at the two microphones when coming 
in at some angle from below or from the rear, 
rather than from directly below (direction II), 
then the response will be a minimum at that 
angle. Thus it is possible to reduce the effect 
of sounds which may not be directly below or 
in rear of the microphone assembly. Since the 
individual microphone units are also preferably 
directional, _their characteristic is superimposed 
on the directional characteristic due to the use 
of two microphones with a time delay. This 
arrangement gives very high rejection to sounds 
from below or from the rear. 
In detecting the approach of aircraft, for ex 

ample, from above it has been noted that the 
frequency spectrum for aircraft in flight extends 
from the fundamental, usually between 40 and 
100 cycles per second. At the low frequency 
end, the second and third harmonics are usually 
prominent though somewhat below the funda 
mental. Harmonics above the fourth decrease 
rapidly to about 1000 cycles. 
At the low end of the spectrum the harmonics 

appear as peaks and provide a, fairly high back 
ground because of the engine exhaust and other 
plane noises. With regard to ambient noises on 
shipboard, for example, excluding wind noise, 
the chief source of noises are engine exhaust, 
blowers and machinery. ` 
The combined wind noise and ship noise as 

experienced at various points on the ship has 
been found to present a fairly continuous time 
spectrum which attenuates rapidly above 130 
cycles. Furthermore, the noise produced by 
specific pieces of machinery shows a spectrum 
with distinct peaks, the largest of which occur 
at or below 130 cycles. Accordingly. in the pres 
ent example the low frequency cutoff of the ñlter 
24 is made of the order of 150 cycles. 
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The band pass filter 24, therefore, effectively 
reduces the amount of undesired noise pickup by 
the microphone. The pass band is made as nar 
row as possible without interfering with the de 
sired sound pickup, which in the present example 
may be considered to be of the order of from 
100 to 300 cycles per second. The pass band -is 
so located that a favorable ratio of sound level 
to ship and wind noise is provided. How 
ever, it is possible that' for some particular in 
stallations a narrow, lower or higher band may 
be desired. 
The automatic volume control device operat 

ing on the overall output signal before it reaches 
r the band pass filter, serves to improve the opera 

tion in reducing the amount of attention re 
quired. The ratio of sound inside the filter band 
to that outside the filter band is generally fairly 
constant for a given installation and the operat 
ing conditions involved, and the automatic vol 
rume control device is adjusted to operate in 
response to a change in the prevailing condition. 
The time _constant of the automatic volume 

control circuit may be made such that for small 
changes in noise level the automatic volume con 
trol output will return to-near its former value 
in a few seconds, in this case in slightly over 
two seconds. When a plane approaches, the 
overall noise level will not rise sufficiently to 
operate the volume control before the sound level 
in the filter band has increased sumciently to 
operate the tripping device 25 and the warning 
device 26 controlled thereby. The control by 
the automatic volume control system may be 
reduced under very low noise conditions if 
desired. 
Operation of the dual microphone system is 

I as follows: 

Assume a sound wave to reach the microphones 
from a direction II, that is from the rear or be 
low, the voltage e2 will be generated in the lower 
microphone 1 corresponding to the instantaneous ‘ 
sound pressure. As the sound wave reaches the 
upper microphone 6, a corresponding voltage e1 
will also be generated there. However, there will 
exist a time interval between action at micro 
phone 1 and microphone 6 corresponding to the 
time required for the sound wave to travel from 
one microphone to the other since they are 
acoustically spaced. If now the electrical time 
delay is so set by the delay network 2|) that the 
delay which it applies to the voltage of the micro 
phone 1 is the same as that occurring to the 
voltage from microphone 6 resulting from the 
travel time of the sound wave from microphone 
1 to microphone 6 the two voltages e1’ and ez’ 
will cancel when added vectorially at 180° phase 
by the mixer device |3-l4. 

Likewise, if the sound approaches from an 
angle, such as indicated by direction lII, of 
Figure l, there will again be a delay in the voltages 
generated by the two microphones 6 and 1 be 
cause of a difference in the acoustic paths to 
said microphones. The amount of this delay is 
determined by the particular direction, from 
which the sound approaches, always being less ' 
than when it approaches directly from below 
(direction II). If the electrical time delay is 
now set equal to this time delay in the generation 
of voltages by microphone 6 and microphone 1, 
there will be cancellation, for sound arriving from 
direction III. 
However, for sound coming from the direction 

of I (above or frontally), there will be an acous 
76 tical time delay plus an electrical time delay for 
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the voltage from the lower or rear microphone 1. 
When added in opposition vectorially in the mix 
ing circuit, there will be a phase diiierence corre 
sponding to the double time delay, and the out 
put voltage eo will be a resultant of appreciable 
magnitude suiiicient to operate the detecting 
means if within the predetermined selected limits 
of the band pass filter 24 in frequency. 

Specifically, the relations may be illustrated 
in the vector diagrams of Figure 2 and Figure 3. 
Referring to Figure 3, when sound approaches 
from below or the rear (direction II) , the voltage 
output ez’ corresponding to the lower microphone 
output is opposed to the voltage output el' corre 

. sponding to the voltage of the upper microphone 
channel, which has been acoustically delayed by 
the phase angle 0 due to the path difference 
which may be 1/4 wavelength. 
The voltage e2 is reversed in phase effectively 

by the circuit connections to the mixer device 
l3-l4, with respect to ei and is shown as -ez 
in the vector diagram. This voltage -ez is de 
layed by the electrical network 20 by a corre 
sponding phase angle 0’. The electrical network 
is adjusted to provide a condition where 0' equals 
0, making e2’ the vector which will be added to 
e1’ and with the contact I4 adjusted to the neutral 
point the vector sum at eo will be zero. 
For the representation of sound approaching 

from above or frontally, Figure 2 shows ei' as 
the vector corresponding to the forward or upper 
microphone voltage, While e2 is the vector corre 
sponding to the voltage from the rearward or 
lower microphone which has been acoustically 
delayed by the angle 0. This is reversed in phase, 
becoming -e2. It is then delayed by the elec 
trical network 20 by the angle 0’ corresponding 
to its adjusted delay characteristic and becomes 
e2'. The vector sum of e2' an'd er' is eo which 
is the output voltage of the mixer network 
iii-I4, and may thus be of such value that it 
operates the utilization means, which in this 
case is the tripping device 25 and the warning 
device 26 connected therewith. 
An electrical time delay may be obtained from 

zal.: 
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fiÍavel of the incident sound wave to be detected. 
The time delay of a low pass filter is virtually 

constant for frequencies up to .4 of the cut-oi! fre 
quency. The phase delay in degrees in this region 
is very nearly 

fre . 

cutoii' freq. 

and the time delay is then very nearly 

l 
3 (cutoiï‘ freq.) 

The delay in the present example may be con 
sidered as 1 millisecond and the corresponding 
microphone spacing to be 13.4 inches, for the 
Vfrequency range presently considered. Figure 5 
shows the electrical system used in the network 
20. - 

Assuming sounds coming from a direction gen 
erally indicated at I in Figure 1 the phase angle 
between the signal input p1 and p2 for the micro 
phones E and 1 respectively is equal to 

120° X 

where 

w=21rf 
d=distance between two pickup points 6 and 'I 
C=velocity of propagation of sound in air 

If 0' equals the electrical delay introduced by 
the time delay network 20 for sound approach 
ing from direction I, the vector diagram shown 
in Figure 2 will result when the microphones 
6 and 1 are connected in opposite phase. For 
sounds approaching from direction II the vector 
diagram 3 will result when eo=0. 
The directional response voltages in terms oi 

4» measured around the structure may be analyzed 
as follows: ' ` 

Let 
po=sound pressure ' 
>\=wavelength of the sound wave 
k=sensitivity constant of the microphone 
b=constant depending on the characteristic oi 

the delay network. 

multiple successive low-pass filter sections. The 
delay may be changed by switching in or out of 
circuit a desired number of sections. As shown 
elsewhere, the physical requirement for the con 
dition of minimum response is that the electrical 
time delay shall be equal to the acoustical time 
delay due to the difference in position of the 
two microphones with. respect to the direction of 

70 

75 

This equation represents two vectors, 

d b 
1 cos 21:(î- cos dri-î) 

and ' 

sin 21C:- cos «ivi-itl) 
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at right angles to each other. They are added 
vectorially by taking the square root of the sum 
of their squares. 

10 
filter circuit one or more small incremental ele 
ments or sections, thereby to change the direc 
tional characteristic of the microphone system by 

If the individual voltages e1 and ez are cardioid 
in characteristic, the above Equation III may be 
used as an operator to secure variations of the 
cardioid characteristic by adjusting 

b d 
ï “ï 

as indicated in Figure 4. In Figure 4 the main 
cardioid peak I0 results when d or b are ¿à 
wavelength and the double lobed response in 
dicated by the dotted figures 28 and 29 results 
when d or b are equal to 1/2 wavelength of the 
sound at the frequencies being received. 
With the microphones arranged in tandem 

relation, facing in the same direction on a com 
mon axis in accordance with the invention, the 
optimum directional characteristic may be 
obtained when the microphone spacing (d) 
corresponds to 1A wavelength at approximately 
the highest frequency at which directional 
properties are desired, and the phase shift in 
the time delay circuit 20 is of corresponding 
value. 

Further in accordance with the invention, 

III 

therefore, the time delay is obtained through  
the use of a multi-section low pass ñlter. As 
pointed out, such a filter structure shows ap 
proximately constant time delayup to .4 of the 
cutoff frequency and numerically the time delay 
is approximately equal to ’,/axcut-oif frequency. 
In the present case, where it is desired to in 
troduce a ñxed and a variable increment in time 
delay below 400 cycles per second, a cut off fre 
quency of 1000 cycles per second may be used. 
The structure of such a filter 'network 20 is 

shown more> in detail in Figure 5 to which atten 
tion is now directed. In Figure 5, the ñlter com 
prises an input terminal 30 and an output ter 
minal 3| together with a grounded through 
connection provided ̀ between the terminals 33 
and 34, with a series of low-pass audio frequency 
ñlter inductances 35 and 36 connected serially 
between the terminals 30 and 3| through a fixed 
inductance 31"'at the terminal 3| and a connec 
tion lead 38. The series inductance elements 
35 together with shunt connected filter` capacitors 
40 provide a fixed, multiple section, low-pass 
filter terminating in a switch 4| having a con 
nection point 42 with the ñrst of the series of 
inductance coils 36 and a second connection point 
43 with the lead 38. 
The first ñlter inductance 36 has an output 

connection with a second switch arm 44 and a 
shunt filter capacitor 45, and the switch arm 
in turn has a connection point 46 with a succeed 
ing filter inductance 36 in the series before men 
tioned, and an alternative switching connection 
41 with the lead 38. The successive coils follow 
ing in order are similarly connected through 
switches indicated at 50, 5|, 52 and 53 for con 
necting successive series filter inductances 36 and 
shunt ñlter capacitors 45 in circuit with the ter 

_ minal 3| through the common inductance 31 and 
the lead 38 to add or subtract from the overall 

l 

adjusting the time delay in the filter network. 
This provides for the discrimination against a 
particular source of noise or sound from below 
or to the rear of the microphone array as pre 
viously described, and a time delay which is very 
uniform over a considerable range of frequency 
with negligible amplitude effects, thus'giving a 
directional pattern uniform with frequency. The 
number of fixed units is such that with the switch 
4| on -point 43, the electrical time delay is 
minimum, and with the last of the switches 
53 closed to the lead 38 the electrical time delay 
is maximum, the other switches being closed to 
complete the series connection through all of 
the inductance elements. ' 
By providing simple switching for a series of 

ladder type low pass filter elements as shown 
in Figure 5, for use in the time » delay network 

10 

20 

25 
and adjustment may be provided from any remote 
point, thereby to adjust the directional pattern 
of the microphone system. 
The use of a multiple-section electrical time 

delay rather than a single reactive element per 
mits long electrical delays relatively, with con 
sequently greater low frequency response, which 
for a given microphone element, will be propor 
tional to the spacing of the two elements. 

It may be pointed out that the sensitive tripping 
device shown in Figure 1 is capable of operating 
on changes of input signal level from several db. 
to a fraction of a db. depending upon the ad 
justment of the circuit and the sensitivity of the 
tripping device which may be of any suitable 
electronic type. 
From the foregoing description it will be seen 

that in a low frequency sounddetection system, 
a low pass filter providing approximately con 

. stant time delay up to four tenths of its cut-ofi’ 
frequency may be used as an effective phase 
shift time-delay network in which the phase shift 
characteristic is used to obtain a time delay 
effect. In this manner limitation on the amount 
of the time delay is removed as a problem of 
design and any desired spacing of the micro 
phone elements may be obtained. 
Furthermore with such a delay network, for 

the detection of sounds in the low frequency 
range of from 150 to 300 cycles, the microphone 
units may be spaced only slightly over one foot 
apart, and to reduce Wind noises to a minimum, 
the screen 9 may be less than one and one-half 
feet in diameter, so that the overall dimensions 

60 of the sound pickup device or microphone ar 
rangement may be relatively small and easily 
placed on any vehicle or ship and even more 
readily at a fixed location. 
Likewise the phase-shift delay-network may 

65 be provided within reasonably small dimensions, 
and the remainder of the circuit is easily de 
signed- for compact mouning in small space, s0 
that a sound system embodying the invention 
may be designed to the practical limitations of 

70 relatively small physical size while retaining and 
providing desirable electrical directional char 
acteristics which may be adjusted as desired and 
adapted for remote control. ' 
We claim as our invention: 
1. In a dual microphone sound detector sys 
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20, the electrical system is readily adjustable,A 
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tem, the combination of a pair of microphones 
having directional characteristics, said micro 
phones being mounted in predetermined spaced 
relation on a common axis for preponderant 
sound response in one direction, a circuit con 
nected with said microphones for mixingr the 
signal voltage output therefrom, a multiple 
section 10W pass filter network connected in 
circuit with one of said microphones, said 
network being adjustable in incremental steps 
to provide a predetermined electrical time delay 
in circuit with said microphones corresponding 
to a predetermined acoustical time delay es 
tablished by the spaced relation thereof. an 
output circuit connected jointly with said micro 
phone units through said signal mixing circuit 
for receiving output voltages- therefrom in aid 
ing phase relation vectorially to provide a re 
sultant operating voltage, a band pass filter, and 
a utilization device responsive to said voperating 
voltage connected with the output circuit through 
said band pass filter. ' ‘ l' i 

2. In a dual microphone sound detectorÍ ystem, 
the combination of a pair of microphones hav 
ing substantially directional response character 
is‘ics. said.microphonesv being: Inountedlinipr 
determined spaced 'relationgon"` a common’ 
siffnal mixing device connected between lsaid f ,. 

20 

25 

microphones for jointly' receiving signal output“ « 
voltages therefrom. a low pass ñlternetworkiin 
circuit between said mixing device and yone of 
said microphones for adjusting the vectorial yre, 
lation of said voltages to a predetermined lvalue. 
a circuit forderiving the vector sum of sairi 
output voltages from said mixing device, va band i 
pass filter in said circuit, and utilization means 
responsive to a predetermined output voltage 
connected with said last named circuit through 

:iii- , 
"substantially uniform with frequency over the 

l2 
5. In a sound detector system, the combina 

tion of a pair of acoustically spaced microphone 
units arranged in tandem relation on a com 
mon axis and facing in the same frontal direc 
tion, each of said microphones having a cardioid 
response characteristic and adjustable electrical ' 
network for controlling the directional pattern 
of said dual microphone arrangement. said net 
work comprising a multiple section low pass filter 
providing relatively long electrical delay in cir 
cuit with a rearward one of said microphone 
units, a mixing circuit for vectorially adding the 
output voltages of said microphone units through 
said electrical network, and a band pass filter 
connected with said mixing circuit for deriving 
therefrom the vector sum of said output voltages 
within a. predetermined frequency range. 

6. In a dual microphone sound detector sys 
tem, the combination of a pair of microphones 
mounted in predetermined spaced relation on a 
common axis in a forward'and rearward rela 
tion to each other for preponderant sound re 
sponse and detection in the same forward di 
rection, said microphones being of the phase 
shifting type having a front-to-rear discrimi 
nation with respect to received sound waves, an 
'adjustable electrical time delay network in circuit 

‘ _with ̀ the rearward onev of said microphones com 
prising `a‘ series of low pass filter sections pro 
vi'ding a relatively long electrical delay which is 

l` `operating range of said system, a signal output 

said band pass filter for indicatingl the presence ' 
of sound waves applied to said microphones with 
in the pass‘band ofsaid ñlter. _ ‘ 

3. In a >dual microphone sound _detector sys 
tern, the combination defined in claim 2, wherein 
the low pass filter» network comprises a >series 
of low pass ñlter sections and switching means 
for changing the number of sections included 
serially in said network,> therebyprovidingr an. 
adjustable and substantially uniform time delay 
over a relatively wide predetermined frequency 
range with negligible amplitude effects, and a 
directional sound response pattern uniform with 
frequency. 

4. In a dual microphone sound detector sys 
tem, the combination of a pair of ̀ microphones 
having substantially unidirectional response 
characteristics, said microphones being mounted 
in predetermined spaced relation on a common 
axis for preponderant sound response and detec 
tion in the same direction, a signal mixing de 
vice connected between said microphones for 
jointly receiving signal out-put voltages therefrom 
in opposed relation` a low pass filter network in 
circuit between said mixing device and one of said 
microphones for adjusting the vectorial relation 
of said voltages to a predetermined valuesub 
stantially uniform with frequency over the re 
sponse range of said system, a circuit for de 
riving the vector si‘m of said output voltages 
from said mixing device, and a band pass ñlter 
in said circuit having >a high frequency cutoff 
below substantially four tenths of the high fre 
quency cutoff of said low pass-filter network. 

voltage mixing circuit for said microphones, an 
output» signal amplifier connected with said mix 
ing circuit, the gain of said amplifier being re 
sponsive to variations in the amplitude of sig 
Inals‘applied thereto, utilization means responsive 
to a predetermined signal output voltage con 
nected' with said amplifier, and a band pass ñlter 
Aconnected in circuit between said amplifier and 
said utilization means. 

'7._ In a dual microphone sound detector sys 
Ó tem, thehcombination as defined in claim 6 fur 
ther characterized by the-fact that the low pass 
ñlter sections serially included in the electrical 
rtime delay network are adjustable in number, 
Awith a high frequency cutoff Acharacteristic such 
that the highest received operating frequency 
for the system is of the order of four tenths ol 
said cutoff frequency, and that the pass band of 
the band pass filter is limited to a desired range 
of operating frequencies for which the system 
is responsive. 
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