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(54) Microphone exhibiting frequency-dependent directivity

(57) A directional microphone comprising at least
two converters and a circuit for processing electric sig-
nals delivered by said converters. The circuit delivers
an output signal, wherein the directivity of the micro-
phone increases as the frequency decreases over a lim-
ited frequency range. The limited frequency range falls
entirely or at least partially within the frequency range
of up to 1 kHz. Microphones comprising at least two con-
verters exhibiting different degrees of directivity as well
as microphones comprising at least two converters ex-

hibiting the same degree of directivity can be used. In
the case that at least two converters exhibiting the same
degree of directivity are used, said converters are
spaced a certain distance apart, and the signal from a
first of said two converters is filtered through a low-pass
filter, and the low-pass filtered signal is deducted from
the signal from the second converter. The group delay
time of the low-pass filter is substantially identical to the
delay time of sound between said first and said second
converter.
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Description

[0001] The invention relates to a directional micro-
phone comprising at least one converter for converting
sound into an electric signal as well as a housing.
[0002] Microphones whose directivity increases as
the frequency increases are well-known. This charac-
teristic results from the physical properties of the con-
verters or of the constructions in which they are mount-
ed, such as directional tubes, hollow mirrors or rows of
transducers. Furthermore, directional microphones are
known which have been designed to exhibit frequency-
independent directivity. Out of necessity, a small degree
of directivity for low frequencies is often accepted so as
to keep the dimensions of the microphone within prac-
tical bounds.
[0003] It is known that the reverberation time of
acoustic rooms is longer in the case of low frequencies
than in the case of high frequencies. For concert halls
this is a desirable situation indeed, because to the ear
the fading of wideband sound takes place evenly. The
problem for which the invention provides a solution will
now be explained in more detail with reference to Fig-
ures 1, 2 and 3, wherein:

Figure 1 shows the reverberation time of a room as
a function of the frequency;
Figure 2 shows diagrams of spectral intensities; and
Figure 3 shows the desired frequency characteris-
tics of a microphone according to the invention.

[0004] Figure 1 shows the trend of the reverberation
time as a function of the frequency as it may occur in
practice. The result of the slower fading of low-frequen-
cy sound is that, in the case of a continuous sound, the
intensity thereof is also relatively higher than the inten-
sity of the high-frequency portion of the continuous
sound. For a microphone exhibiting a uniform sensitivity
to frequency and direction, the diffuse sound causes an
excess of low-frequency sound, therefore. In this con-
nection, curve 1 of Figure 2 shows the spectral weighing
of direct sound, curve 2 shows that of diffuse sound and
curve 3 shows the spectral weighing of the electric sig-
nal being delivered by a conventional microphone. The
excess of low-frequency spectrum in the microphone
signal is disadvantageous when recording sound, be-
cause it is perceived as spectral colouration, and be-
cause low-frequency reverberation that is continued rel-
atively long masks the perception of rapid intensity var-
iations. A factor that plays a role thereby is that the
masking effect that low-frequency sound has on high-
frequency sound is greater than the other way round.
Said spectral colouration and masking manifest them-
selves in that microphones combine direct sound and
diffuse sound indiscriminately into a single signal. With
the human ear this is different, since the human ear per-
ceives direct sound and diffuse sound separately, as a
result of which the intended colouration and masking are

not perceived. In practice, microphones are placed clos-
er to the source of sound than is desirable for other rea-
sons, therefore, in order to prevent colouration and
masking. Figure 3 shows the frequency transmissions
that are desirable in this connection in forward direction
(zero degrees), rearward direction (180 degrees) and
for a diffuse sound field. The transmission for a diffuse
sound field takes place in opposite sense to curve 2 in
Figure 2, therefore.
[0005] The object of the invention is to provide a mi-
crophone which, in a room where there is reverberation,
delivers an output signal whereof the curve 3 of Figure
2 is flat over the entire frequency range.
[0006] A microphone which is less affected by colour-
ation and masking when used in a room where there is
reverberation, is according to the invention character-
ized in that at least two converters are provided, which
each deliver an electric signal, in that a circuit for
processing said electric signals is provided, which circuit
delivers an output signal, wherein the directivity of the
microphone increases as the frequency decreases over
a limited frequency range, and in that said limited fre-
quency range falls entirely or at least partially within the
frequency range of up to 1 kHz.
[0007] One preferred embodiment of a microphone
according to the invention is characterized in that said
at least two converters exhibit different degrees of di-
rectivity, in that said circuit is a frequency-dependent cir-
cuit, and in that said circuit, at frequencies of less than
1 kHz, transmits the signal from one or more converters
exhibiting a greater degree of directivity more than the
signal from one or more converters exhibiting a smaller
degree of directivity.
[0008] Another embodiment of a microphone accord-
ing to the invention is characterized in that at least two
converters exhibiting the same degree of directivity are
provided, in that said at least two converters are spaced
a certain distance apart, in that said circuit comprises a
low-pass filter for filtering the signal from a first of said
two converters, and in that said circuit comprises a dif-
ferential circuit, to which on the one hand the signal from
a second of said at least two converters can be supplied,
and to which on the other hand the filtered signal can
be supplied. As a result, a difference signal is produced
which equals the signal from the second of said at least
two converters for high frequencies, and that a signal is
obtained for low frequencies wherein directionality de-
termined by the direction in which the two microphones
are arranged one behind another has been obtained.
[0009] Preferably, such a microphone is character-
ized in that the group delay time of the low-pass filter is
substantially identical to the group delay time of sound
from the first of said at least two converters until the sec-
ond of said at least two converters, at least over said
limited frequency range.
[0010] As a result, sound coming from behind, that is,
sound which reaches the first converter first, undergoes
an additional attenuation, because the time which a
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sound wave needs to travel a distance from the second
converter to the first is identical to the time which the
signal from the first converter needs to reach the differ-
ential point via the low-pass filter. In this manner a sec-
ond order high-pass effect is obtained for sound coming
from behind, whilst the high-pass effect for sound com-
ing from the front is of the first order type.
[0011] The invention will now be explained in more
detail with reference to the drawings that have not been
discussed so far, wherein:

Figure 4 shows a first embodiment of a microphone
according to the invention;
Figure 5 shows a second embodiment of a micro-
phone according to the invention; and
Figure 6 shows an embodiment of a microphone
which is a combination of the embodiments that are
shown in Figures 4 and 5.

[0012] Figure 4 shows an example of a first embodi-
ment of a microphone according to the invention. This
microphone includes a omnidirectional pressure con-
verter P, a directional speed converter V, an adder 2 and
a frequency-dependent network 3 comprising a capac-
itor C and a resistor R. The addition in adder 2 results
in a new signal being produced, which signal corre-
sponds to a microphone exhibiting a certain degree of
directivity, hereinafter called a directional signal. As is
known, the relation between the output signals from
convertors V and P determines the directivity, which re-
lation is selected so that the response is minimal for
sound coming from behind, that is, sound coming from
the direction in which the directional speed converter is
least sensitive. The frequency-dependent network 3 is
in fact a frequency-dependent voltage divider consisting
of a resistor R and a capacitor C, and it transmits the
aforesaid directional signal for low frequencies and the
signal from the omnidirectional microphone for high fre-
quencies. As a result, the output signal on output 4 cor-
responds to the signal from a microphone which exhibits
a higher degree of directivity at low frequencies than at
high frequencies. Speed converter V is disposed in the
immediate vicinity of pressure converter P. Advanta-
geously, a small-size speed converter is used, there-
fore, so that the sound field of pressure converter P will
not be disturbed. Furthermore it is advantageous if the
frequency transmissions of the two converters coincide,
so that a uniform transmission is obtained in the fre-
quency range in which they both contribute to approxi-
mately the same extent. A speed converter that can be
suitably used in this connection is the "Microflown"
speed microphone, which is marketed by Microflown
Technologies B.V. at Zevenaar, Netherlands. It is known
per se that speed microphones for proximate sound
sources may have frequency-dependent transmission.
For proximate sound sources it is therefore possible, as
usual, to connect a frequency-dependent attenuator 5,
indicated by a dashed line, between speed converter V

and adder 2, or between adder 2 and resistor R or be-
tween the junction of resistor R and capacitor C and out-
put 4.
[0013] Figure 5 shows an example of a second em-
bodiment of a microphone according to the invention,
which comprises two converters P1 and P2. P1 and P2
are converters which have the same directivity, both be-
ing pressure converters or both being speed converters,
for example. Converters P1 and P2 are spaced a dis-
tance L apart. Due to the delay time of the sound over
distance L, which delay time depends on the direction
from which the sound originates with respect to the di-
rection of the communication line between converters
P1 and P2, the signals from P1 and P2 differ from each
other. On the basis of the differences between the sig-
nals from P1 and P2, a microphone signal exhibiting the
desired properties is generated. As a result of the fact
that P1 and P2 are spaced a distance L apart, the sound
field of P1 will not be disturbed by the proximity of P2,
and vice versa. Furthermore it is possible to use identi-
cal converters for P1 and P2, so that the frequency
transmission is identical. It is a well-known fact that the
amplitude of the difference signal from two spaced-apart
converters is not only directional, but that it drifts in ac-
cordance with a sinus function of the frequency which
is undesirable for the present use. In order to prevent
this undesirable effect, the signal from P2 is filtered
through a low-pass filter LP. Then the difference signal
is determined from the output signal of the low-pass filter
LP and the output signal of converter P1. For high fre-
quencies, this difference signal equals the signal from
P1, and consequently the frequency transmission is uni-
form for high frequencies, without any directionality oth-
er than the directionality of converter P1. Preferably, the
group delay time of the low-pass filter LP is identical to
the delay time of the sound via the shortest route be-
tween P1 and P2. As a result, sound coming from be-
hind, that is, sound that reaches converter P2 first, un-
dergoes additional attenuation. Said attenuation is
caused by the fact that the time which a sound wave
needs to travel the distance between P2 and P1 is iden-
tical to the time which the signal from P2 needs to reach
the differential point, differential circuit 6, via the low-
pass filter. In this manner a second order high-pass ef-
fect is obtained for sound coming from behind, whilst the
high-pass effect for sound coming from the front is of
the first order type. If the group delay time of low-pass
filter LP and the distance between converters P1 and
P2 is such that the group delay time is longer than the
delay time of the sound between the converters P1 and
P2 via the shortest route therebetween, an additional
delay line D is incorporated in the communication line
between converter P1 and differential circuit 6. The de-
lay effected by the delay line D is set so that the delay
time of the sound over distance L plus the delay from a
delay line D equals the group delay time through low-
pass filter LP.
[0014] In the foregoing it has been assumed that
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sound coming from behind undergoes an additional at-
tenuation. Sound from behind does not come exclusive-
ly from a direction straight behind the microphone, but
it may come from may other directions. Each of said di-
rections involves a specific time difference between the
times at which a specific wave front reaches converter
P2 first and subsequently converter P1. The more lateral
the position of the source from which the sound in ques-
tion originates, the shorter the time difference in ques-
tion. It is possible, therefore, to opt for a direction of min-
imum response other than straight from behind by giving
the signals that are being supplied to the differential cir-
cuit 6 a time difference other than zero, for example by
selecting a low-pass filter having a different group delay
time and/or by changing the setting of delay line D.
[0015] The output signal from differential circuit 6 has
a first order high-pass transmission for sound from the
front. This is corrected by means of low-over-high filter
F1, which thus, in the main, transmits low frequencies
more than higher frequencies, or, filter F1 exhibits a
transmission characteristic which is substantially con-
stant for higher frequencies and a transmission charac-
teristic which increases as frequencies decrease, or a
non-decreasing transmission characteristic, for lower
frequencies.
[0016] If the transmission for sound from the front
would be corrected by means of filter F1 in such a man-
ner that a uniform transmission takes place, this would
mean that the transmission for lateral sound will be less
uniform, however. The output signal from filter F1 is now
a signal which exhibits a directivity which increases as
the frequency decreases, in any case in the entire low-
frequency range for a direction from the front and from
behind, and perhaps not in the entire low-frequency
range for lateral directions.
[0017] Then non-uniformness for lateral sound of the
output signal from filter F1 can be compensated in the
following manner. Numeral 7 indicates a differential cir-
cuit by means of which the difference signal is deter-
mined from the signals from converters P1 and P2. The
difference signal has no response for lateral sound, that
is, for sound whose sound waves reach converters P1
and P2 simultaneously. For other directions, the output
signal from differential circuit 7 increases as the sound
comes from a direction that differs more from the exactly
lateral direction. To that end, a band filter BP1, BP2, ..
BPn is inserted from the output signal from differential
circuit 7 for every frequency range in which the output
signal from filter F1 is different from the uniform trans-
mission, in such a manner that the signal on the output
of filter F1 is compensated for every frequency band that
is transmitted by the bandpass filters BP1-BPn, such
that the sum for each frequency band arrives at a uni-
form transmission. To that end, the output signals from
filter F1 and from bandpass filters BP1-BPn are com-
bined in an adder 8 and delivered to the output 9 of the
microphone.
[0018] It is also possible to combine the various band-

pass filters BP1-BPn into a single filter after having de-
termined their position and their form in the frequency
domain. It is possible in this connection to make advan-
tageous use of a digital filter whose transmission can be
rendered precisely complementary to the non-uniform-
ity that remains in the transmission in the output signal
from filter F1. In that case the digital filter is a so-called
digital multiple bandpass filter.
[0019] So far it has been assumed that the sound
sources are located a relatively large distance away
from converters P1 and P2. In the case that the a sound
source is located closer to either one of the two convert-
ers, however, for example closer to P1, the output volt-
age of P1, whether or not frequency-dependent, will be
higher than that of P2. An adjustable, whether or not fre-
quency-dependent attenuator N2, illustrated in a dotted
line, may be incorporated in the signal line of P1 in a
well-known manner. The consequence of attenuator N2
being activated, however, is that the suppression of
sources located further away decreases. After all, said
suppression is based on the assumption that the output
signals from converters P1 and P2 are identical. Instead
of using an attenuator N2, it may be advantageous,
therefore, to correct the frequency transmission for
nearby sources with the adaptation of filters F1 and
BP1-BPn, and to leave out the attenuator N2 or refrain
from using it.
[0020] Figure 6, shows a combination of the first and
the second embodiment of the invention, which will now
be explained in more detail. Converters M2 and M3,
combined with signal processor F, form a device as de-
scribed with reference to Figure 5, wherein converter M2
corresponds to converter P1, converter M3 corresponds
to converter P2 and the output signal from signal proc-
essor F corresponds to the output signal on output 9.
M1 is a converter which exhibits less directivity than the
combination of M2 and M3, and consequently it can be
combined, in accordance with the principles that under-
lie the circuit as shown in Figure 4, with the circuit that
is formed by converters M2, M3 and signal processor F.
An advantageous aspect of this embodiment is that for
converters M2 and M3 only the performance for low fre-
quencies is relevant, whilst for M1 the performance for
high frequencies is relevant. This is advantageous if it
is desired to use speed converters wherein, as is well-
known, it is not possible to combine into one converter
the desired properties of a high-quality converter for
high frequencies and a high quality converter for low fre-
quencies. In the configuration of Figure 6, however, ad-
vantageous use can be made of a usual capacitive
speed converter for M1 and of a so-called "Microflown"
converter for M2 and M3.
[0021] In the above, a distinction has been made be-
tween the terms converter and microphone. This may
have created the impression that the term converter is
understood to mean exclusively the element which
causes an electric signal to be generated thereacross
as a result of the action of sound pressure. It is noted
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that within the framework of the above description and
the appended claims, also an element which in ordinary
terms is called a "microphone" is referred to as a con-
verter. Accordingly, such a converter comprises an ele-
ment which causes an electric signal to be generated
thereacross as a result of the action of sound pressure
as well as a handle housing therefor as well as a terminal
for connection to an amplifier. The handle housing may
furthermore accommodate a power supply and/or signal
processing circuits other than the circuits to which the
present invention relates. The electric signal to which
the present invention relates will appear at said terminal.
[0022] A great many embodiments will be apparent to
a person who has perused the above. Any and all such
embodiments are considered to fall within the scope of
the invention.

Claims

1. A directional microphone comprising at least one
converter for converting sound into an electric sig-
nal as well as a housing, characterized in that at
least two converters are provided, which each de-
liver an electric signal, in that a circuit for process-
ing said electric signals is provided, which circuit de-
livers an output signal, wherein the directivity of the
microphone increases as the frequency decreases
over a limited frequency range, and in that said lim-
ited frequency range falls entirely or at least partially
within the frequency range of up to 1 kHz.

2. A microphone according to claim 1, characterized
in that said at least two converters exhibit different
degrees of directivity.

3. A microphone according to claim 1, characterized
in that said circuit is a frequency-dependent circuit,
and in that said circuit, at frequencies of less than
1 kHz, transmits the signal from one or more con-
verters exhibiting a greater degree of directivity
more than the signal from one or more converters
exhibiting a smaller degree of directivity.

4. A microphone according to claim 1, characterized
in that at least two converters exhibiting the same
degree of directivity are provided, in that said at
least two converters are spaced a certain distance
apart, in that said circuit comprises a low-pass filter
for filtering the signal from a first of said two con-
verters, and in that said circuit comprises a differ-
ential circuit, to which on the one hand the signal
from a second of said at least two converters can
be supplied, and to which on the other hand the fil-
tered signal can be supplied.

5. A microphone according to claim 4, characterized
in that the group delay time of the low-pass filter is

substantially identical to the group delay time of
sound from the first of said at least two converters
until the second of said at least two converters, at
least over said limited frequency range.

6. A microphone according to claim 4, characterized
in that said circuit comprises a delay element for
delaying the signal from the second of said at least
two converters, and that the group delay time of the
low-pass filter is substantially equal, at least over
said limited frequency range, to the sum of the delay
time of sound from the first of said at least two con-
verters until the second of said at least two convert-
ers plus the delay time of the delay element.

7. A microphone according to claim 4, 5 or 6, charac-
terized in that an output of the differential circuit is
connected to an input of a low-over-high filter which
exhibits a substantially constant transmission char-
acteristic for higher frequencies and a transmission
characteristic which increases as the frequency de-
creases for lower frequencies.

8. A microphone according to claim 7, characterized
in that a second differential circuit is provided, a first
input of which is connected to the first of said at least
two converters, and a second input of which is con-
nected to the second of said two converters, and in
that an output of said second differential circuit is
connected to an input of at least one bandpass filter,
that a adder is provided, a first input of which is con-
nected to an output of said low-over-high filter, and
at least one second input of which is connected to
an output of said at least one bandpass filter.

9. A microphone according to claim 8, characterized
in that more than one bandpass filter is provided,
and in that as many inputs of said adder are con-
nected to the outputs of said bandpass filters.

10. A microphone according to claim 8, characterized
in that said at least one bandpass filter is a digital,
multiple bandpass filter.

11. A microphone according to claim 8, characterized
in that said converter exhibiting a greater degree
of directivity is a microphone according to any one
of the claims 4 - 10.
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