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(57) ABSTRACT 

In a hearing aid, as well as in a method for the operation of 
a hearing aid having a microphone system in which different 
directional characteristics can be set, the tonal quality is 
improved, particularly in a quiet hearing environment, by 
the signal delay for at least one microphone signal being 
increased so as to increase the transfer function in the 
frequency response of the microphone system, thus also 
improving the signal-to-noise ratio, by decreasing the pro 
portion of the microphone noise in the microphone output 
signal. 

18 Claims, 2 Drawing Sheets 
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1. 

HEARNG AD HAVING AN ADJUSTABLE 
DIRECTIONAL CHARACTERISTIC, AND 
METHOD FOR ADJUSTMENT THEREOF 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to hearing aids as well as 
methods for the operation of hearing aids of the type having 
a microphone system for picking up an acoustic input signal 
and for emission of a microphone output signal, a signal 
processing unit, and an output transducer for emission of an 
output signal. 

2. Description of the Prior Art 
Modern hearing aids use devices for classification of 

hearing situations. The transmission parameters of the hear 
ing aid are automatically varied depending on the hearing 
situation. In this case, the classification may, inter alia, 
influence the method of operation of the interference noise 
Suppression algorithms, and of the microphone system. 
Thus, for example, depending on the identified hearing 
situation, a choice is made (by discrete Switching or by 
continuous overlaying) between an omnidirectional charac 
teristic (Zero directional characteristic) and significant direc 
tionality of the microphone system (first or higher order 
directional characteristic). The directional characteristic is 
produced by using gradient microphones or by electrically 
connecting a number of omnidirectional microphones to one 
another. Microphone systems such as these have a fre 
quency-dependent transmission response, which is charac 
terized by a considerable fall at low frequencies. The noise 
behavior of the microphones, on the other hand, is not 
dependent on the frequency, and is slightly amplified in 
comparison to an omnidirectional microphone. In order to 
achieve a natural tonal impression, the high-pass frequency 
response of the microphone system must be compensated for 
by amplification of the low frequencies. In the process, the 
noise that is present in the low frequency range is likewise 
amplified and, in some circumstances, is significantly 
audible in a disturbing manner, while quiet Sounds are 
masked by the noise. 
German OS 101 14 101 discloses a method for processing 

an input signal in a signal-processing unit in a hearing aid. 
One embodiment of the known hearing aid has two micro 
phones, with a delay element being connected to one micro 
phone, the delay of which is set as a function of the result 
of a modulation analysis, in order to improve the signal 
processing and to reduce the interference noise. 
PCT Application 00/76268 discloses a hearing aid having 

a signal processing unit and at least two microphones, which 
can be connected to one another in order to form directional 
microphone systems of different order, in which case the 
directional microphone systems may themselves be con 
nected to one another with a weighting which is dependent 
on the frequency of the microphone signals emitted from the 
microphones. The cut-off frequency between adjacent fre 
quency bands in which a different weighting is provided for 
the microphone signals can be set as a function of the result 
of a signal analysis. 

European Application 0942 627 discloses a hearing aid 
having a directional microphone system with a signal pro 
cessing device, an earpiece and a number of microphones, 
whose output signals can be connected to one another via 
delay devices and the signal processing device, with differ 
ent weightings, in order to produce an individual directional 
microphone characteristic. The preferred reception direction 
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2 
(main direction) for the directional microphone system can 
be set individually to match an existing hearing situation. 

U.S. Pat. No. 5,524.056 discloses a hearing aid having an 
omnidirectional microphone and having a first or higher 
order directional microphone. The low signal frequency 
range in the microphone signal from the directional micro 
phone is amplified, and is matched to the microphone signal 
from the omnidirectional microphone. Both the microphone 
signal from the omnidirectional microphone and the micro 
phone signal from the directional microphone are Supplied 
to a switching unit. When the switching unit is in a first 
Switch position, the omnidirectional microphone is con 
nected to a hearing aid amplifier, and when the Switching 
unit is in a second Switch position, the directional micro 
phone is connected to a hearing aid amplifier. The Switching 
unit can Switch automatically as a function of the signal level 
of a microphone signal. 
The known hearing aids with a directional microphone 

system have the disadvantage that, in certain hearing situ 
ations, either the directionality of the microphone system is 
not optimally used, or a high degree of directionality leads 
to a clearly audible degradation in the tonal quality. In 
particular, when the level of the acoustic input signal is low, 
the signal-to-noise ratio becomes worse, and a hearing aid 
wearer perceives this in the form of disturbing microphone 
noise in a quiet environment. 

SUMMARY OF THE INVENTION 

An object of the present invention is to improve the tonal 
quality of a hearing aid having a directional microphone 
System. 

This object is achieved by a hearing aid according to the 
invention having a microphone system with at least two 
microphones, in order to make it possible to produce Zero 
and first order directional characteristics. However, more 
than two microphones are preferably used, so that it is also 
possible to produce second and higher order directional 
characteristics. Furthermore, the hearing aid has a signal 
processing unit for processing and frequency-dependent 
amplification of the microphone signal that is produced by 
the microphone system. The signals are normally emitted in 
the form of an acoustic output signal by means of an 
earpiece. However, other output transducers are also known, 
for example output transducers that produce vibration. 

For the purposes of the invention, a Zero order directional 
characteristic is an omnidirectional directional characteristic 
that originates, for example, from a single omnidirectional 
microphone, which is not connected to any other micro 
phones. A microphone unit having a first order directional 
characteristic (first order directional microphone) may, for 
example, be produced by means of a single gradient micro 
phone, or by electrically connecting two omnidirectional 
microphones. First order directional microphones can be 
used to achieve a theoretically achievable maximum direc 
tivity index (DI) value of 6 dB (hyperkidney). In practice, DI 
values of 4–4.5 dB are obtained on the KEMAR (a standard 
research dummy) with the microphones positioned opti 
mally and with the best matching of the signals that are 
produced by the microphones. Second and higher order 
directional microphones have DI values of 10 dB or more, 
and are advantageous, for example, for better speech com 
prehension. If a hearing aid contains a microphone system 
with, for example, three omnidirectional microphones, then, 
on this basis, it is possible to simultaneously produce 
microphone units with Zero to second order directional 
characteristics by Suitable connection of the microphones. 
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A single omnidirectional microphone intrinsically repre 
sents a Zero order microphone unit. If, in the case of two 
omnidirectional microphones, the microphone signal from 
one microphone is delayed and is Subtracted from the 
microphone signal from the other microphone, then this 
results in a first order microphone unit. If, once again in the 
case of two first order microphone units, the microphone 
signal from one microphone unit is delayed and is Subtracted 
from the microphone signal from the second first order 
microphone unit, this results in a microphone unit with a 
second order directional characteristic. Microphone units of 
any desired order can be produced in this way, depending on 
the number of omnidirectional microphones. 

If a microphone system has microphone units of different 
order, then it is possible to switch between different direc 
tional characteristics, for example by connecting or discon 
necting one or more microphones. Furthermore, any desired 
mixed forms between the directional characteristics of dif 
ferent order can also be produced by suitable electrical 
connection of the microphone units. For this purpose, the 
microphone signals from the microphone units are weighted 
differently and are added, before they are further processed 
and amplified in the signal-processing unit in the hearing 
aid. It is thus possible to achieve a continuous, Smooth 
transition between different directional characteristics, thus 
making it possible to avoid disturbing Switching artifacts. 

In the case of two omnidirectional microphones, which 
are connected to form a microphone unit with a first order 
directional characteristic, the microphone signal delay for 
one of the microphone signals which originate from the 
microphones is normally set So as to compensate for the 
delay time of an acoustic input signal between the sound 
inlet openings of the microphones. The delay normally is 
chosen to be less than or equal to this delay time. If the delay 
is less than the external delay time between the sound inlet 
openings of the microphones (referred to as an “endfire 
array'), then a directivity index which has been weighted 
with the articulation index (AI-DI) of up to 6.5 dB can be 
achieved on the KEMAR (a standardized artificial head), for 
example with a mixed form of first and second order. If this 
ratio between the internal delay and the external delay time 
is increased to considerably more than 1, then this AI-DI 
value first falls rapidly and then becomes constant at values 
of 4.5 to 5 dB, in a manner which is very robust with regard 
to component tolerances of the microphones and any further 
increase in the delay time. As the delay is increased, how 
ever, the signal transmission response of the relevant micro 
phone unit changes with respect to the Sound signals that 
arrive at the microphone unit from the main direction. In this 
case, the main direction in general at least approximately 
matches the straight-ahead viewing direction of the hearing 
aid wearer, when the hearing aid is being worn. The fre 
quency response of the microphone unit with respect to Such 
acoustic input signals can be described, approximately, by 
the function: 

H=1-eju (Dext-Pint) 

If the Sum D+D of the external delay time and of the 
internal delay is doubled, this results in an increase in the 
microphone output signal of about 6 dB, in the range of low 
signal frequencies, for example for a first order directional 
microphone, and in an increase of about 12 dB for a second 
order directional microphone. In this case, the microphone 
noise produced by the microphones remains approximately 
the same. The signal-to-noise ratio during directional micro 
phone operation can thus be controlled with the aid of the 
internal, variable delay time. If this matching process is 
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4 
controlled adaptively as a function of the signal level of the 
acoustic input signal, then a high signal-to-noise ratio with 
AI-DI values of 4.5 to 5 dB, which are sufficient for these 
levels, can be achieved in a quiet environment. When the 
signal level of the acoustic input signal rises, a lower 
signal-to-noise ratio can be accepted, since the higher micro 
phone noise associated with this is masked by the acoustic 
input signal. A variable AI-DI value is thus possible by 
adjusting the delay as a function of the situation, thus 
allowing better Suppression of an interference signal from 
the side or from the rear when the acoustic input signal is 
loud. 
The frequency response of a multiple microphone system 

according to the invention generally has a directionality 
operation behavior Such that high frequencies are more 
strongly emphasized when the acoustic input signal level is 
low, while the gain for high frequencies is automatically 
reduced when the environment is loud, as in the case of AGC 
(automatic gain control). As an example, this applies to a 
conventional mixed form of first and second order direc 
tionalities. If required, an equalization filter can also be 
provided for a hearing aid according to the invention, which 
can be used to compensate for the AGC effect caused by the 
invention. 
The matching of the internal delay time, or of the internal 

delay times, as a function of at least one microphone signal 
according to the invention may be carried out in discrete 
steps. However, the matching process is preferably carried 
out continuously with Smooth transitions, so that the control 
process does not cause any Switching artifacts. 

In an embodiment of the invention setting of the delay of 
the microphone signal is not controlled directly by the signal 
level of the acoustic input signal, but by the signal level of 
the microphone output signal. For example, in an environ 
mental situation in which there is no useful signal, or 
virtually no useful signal, from the direction in which the 
hearing aid wearer is looking, but the interference noise 
from the side or from the rear is relatively loud, then, in the 
case of a hearing aid according to the invention, exclusive 
consideration of the acoustic input signal picked up by an 
omnidirectional microphone would lead to relatively strong 
directionality being set, with increased microphone noise 
associated with this. Since, in the described situation, the 
interference signal is virtually masked out by the high 
directionality, the hearing aid wearer can be Supplied with 
greater microphone noise, which is found to be disturbing. 
If the microphone signal that is actually emitted from the 
microphone system is taken into account, it would then be 
possible to reduce the directionality according to the inven 
tion to Such an extent that the microphone noise is at least 
partially masked by the acoustic interference signal, which 
is then not suppressed to Such an extent. 
The invention offers the advantage that this adaptive 

control of the internal delay of a microphone signal allows 
the signal-to-noise ratio of the higher order multiple micro 
phone system (n : 1) to be controlled as a function of the 
signal level of the acoustic input signal and, possibly, also as 
a function of the incidence direction of the acoustic input 
signal. Particularly when the input signal levels are quiet, 
this makes it possible to avoid a high level of microphone 
noise, which is found to be disturbing. 
The invention can be used for all known hearing aid types 

with an adjustable directional microphone, for example for 
hearing aids which can be worn behind the ear, hearing aids 
which can be worn in the ear, implantable hearing aids or 
pocket hearing aids. Furthermore, the hearing aid according 
to the invention may also be part of a hearing aid system 
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which comprises a number of appliances for Supplying 
someone with hearing problems, for example part of a 
hearing aid system with two hearing aids which are worn on 
the head, for binaural Supply, or part of a hearing aid system 
comprising one appliance which can be worn on the head, 
and a processor unit which can be worn on the body. 

DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a hearing aid with three 
omnidirectional microphones in accordance with the inven 
tion. 

FIG. 2 shows the signal transmission response of a 
directional microphone system according to the invention, 
for two different delay times. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

FIG. 1 is a circuit diagram of the basic components of a 
hearing aid with a directional microphone system according 
to the invention. The microphone system comprises three 
omnidirectional microphones 1, 2 and 3. The microphone 
signal that originates from the microphone 2 is delayed in a 
delay unit 4A, is inverted by an inverter 5A, and is added in 
an adder 6A to the microphone signal R0 which originates 
from the microphone 1. Overall, the inversion and addition 
results in the microphone signal that originates from the 
microphone 2 being Subtracted from the microphone signal 
that originates from the microphone 1. The two omnidirec 
tional microphones 1 and 2 thus form a microphone unit 1, 
2 with a first order directional characteristic, from which the 
microphone signal R1 originates. In the same way, the 
microphone signal which originates from the microphone 3 
is delayed in a delay unit 4B, is inverted by an inverter 5B 
and is added in an adder 6B to the microphone signal which 
originates from the microphone 2. The microphones 2 and 3 
also thus form a microphone unit 2, 3 with a first order 
directional characteristic, the microphone signal of which is 
produced at the output of the adder 6B. If the microphone 
signal which originates from the microphone unit 2, 3 is in 
turn delayed in a delay unit 7 and is inverted in an inverter 
8 and is added in an adder 9 to the microphone signal R1 
which originates from the microphone unit 1, 2, then this 
results in the microphones 1, 2 and 3 forming a microphone 
system 1, 2, 3 with a second order directional characteristic, 
whose microphone signal R2 is produced at the output of the 
adder 9. 
The three microphone signals R0, R1 and R2 are supplied 

to a switching and filter unit 10, in which it is possible to 
switch between the different microphone signals R0, R1 and 
R2, or in which the microphone signals R0, R1 and R2 are 
differently weighted and added. The resultant microphone 
output signal RA which is emitted at the output of the 
Switching and filter unit 10 is, finally, Supplied to a signal 
processing unit 11, in which the further processing and 
frequency-dependent amplification of the microphone out 
put signal RA are carried out in order to compensate for the 
individual hearing loss of a hearing aid wearer. Finally, the 
processed microphone signal is converted to an acoustic 
signal, for emission through an earpiece 12 into the auditory 
channel of the hearing aid wearer. 
The hearing aid according to the exemplary embodiment 

also has a level measurement and control device 13, to 
which the microphone signal R0 from the omnidirectional 
microphone 1 is Supplied. This microphone signal is used to 
detect the signal level of the acoustic input signal that is 

10 

15 

25 

30 

35 

40 

45 

50 

55 

60 

65 

6 
currently arriving at the microphone 1. The level measure 
ment and control device 13 uses this signal level to produce 
parameters for adjustment of the delay in the delay units 4A, 
4B and 7, thus making it possible to influence the direction 
ality, and if necessary to reduce the microphone noise, 
according to the invention. 

In order to assess whether and to what extent a hearing aid 
wearer perceives microphone noise in a specific environ 
mental situation, current hearing aid settings are preferably 
also taken into account, in addition to audiometric data 
relating to the hearing aid wearer (rest hearing threshold, 
masking threshold). These settings also relate in particular to 
the microphone system. For example, in the environmental 
situation with a high interference sound component, the 
evaluation of the microphone signal R0 at the input of the 
microphone system results in the finding that the signal level 
of the acoustic input signal is high. However, it is possible 
in this environmental situation to largely Suppress the inter 
ference signal by setting the microphone system to have 
high directionality, so that only a relatively quiet output 
signal is Supplied to the hearing aid wearer. The microphone 
noise in this output signal can then possibly assume a clearly 
perceptible proportion of this output signal. For this reason, 
the delay time settings according to the invention preferably 
also take account of the microphone signals that originate 
from a directional microphone unit. In the exemplary 
embodiment, these are the microphone signals R1 and R2. 
Furthermore, it is also possible to evaluate the microphone 
output signal RA that is produced at the output of the 
Switching and filter unit 10 and is Supplied to the signal 
processing unit 11 for further processing. Taking account of 
the hearing aid characteristics and settings, it is then possible 
to use this signal to directly determine what signal level is 
actually being Supplied to the hearing aid wearer in response 
to the current acoustic input signal, and the proportion of this 
that is represented by the microphone noise. 
The instantaneous environmental situation can be identi 

fied well by evaluation of both a microphone signal that is 
produced by an omnidirectional microphone and the micro 
phone signals from microphone units with a directional 
characteristic. In particular, it is also possible to estimate 
whether the proportion of the microphone noise in the 
microphone signal which is provided for further processing 
in the signal processing unit 11 can be perceived by the 
hearing aid wearer with the hearing aid settings at that time. 
An excessively high proportion of microphone noise in the 
microphone output signal leads to the level measurement 
and control device 13 for at least one of the delay units 4A, 
4B or 7 increasing the delay setting until the proportion of 
the microphone noise in the microphone output signal 
reaches a value which is considered to be acceptable. 

Conversely, if the microphone output signal is at a high 
signal level, and the microphone noise makes up only a 
small proportion of this, then relatively short delay times 
may be set for all three delay units 4A, 4B and 7, thus 
increasing the directionality and Suppressing the interfer 
ence Sound component in the acoustic input signal. In 
particular, the low frequencies also are reduced, and the high 
frequencies increased, during this transition. In order to 
avoid this effect, the level measurement and control device 
13 also acts on the switching and filter unit 10, so that the 
last-mentioned effects are largely compensated for by Suit 
able filter settings. 

Thus, overall, the invention provides the capability to 
change the setting of the directional microphone system in 
a quiet hearing environment, so as to prevent clearly audible 
and disturbing microphone noise. On the other hand, how 
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ever, the advantages of a higher order directional micro 
phone system are fully exploited in a loud hearing environ 
ment. 

Another advantageous feature of the hearing aid accord 
ing to the exemplary embodiment is that there is an electrical 
connection between the level measurement and control 
device 13 and the signal-processing unit 11. The evaluation 
of the microphone signal or microphone signals in the level 
measurement and control device 13 can thus also be used for 
automatic situation identification, and thus for adaptive 
control of the signal processing in the signal processing unit 
11. Furthermore, it may also be possible to manually set 
hearing programs for different hearing environments in the 
signal processing unit 11, with some of these hearing pro 
grams influencing the delay times according to the inven 
tion, while others do not. Provision is thus also made for 
signals to be transmitted from the signal-processing unit 11 
to the level measurement and control unit 13. 

The signal processing in the hearing aid according to the 
exemplary embodiment may be carried out using analog, 
digital or combined circuit technology. Furthermore, the 
signal processing may also be carried out in parallel, in 
adjacent frequency bands (channels). The directional char 
acteristic of the microphone system preferably also is set in 
frequency bands. 

FIG. 2 shows the effects of adaptive directional micro 
phone setting according to the invention, illustrated in the 
form of a graph. A first characteristic A shows the signal 
transmission response of a directional microphone system 
for one specific setting of the signal delay in the delay units 
in the directional microphone system. In this case, the 
internal delay is shorter than the external delay time of an 
acoustic signal that arrives at the microphone system from 
the front (viewing direction), with the microphones (and 
their sound inlet openings) being arranged one behind the 
other in the viewing direction. In a mixed form of first and 
second order microphone units, whose microphone signals 
are processed further jointly, it is thus possible to achieve a 
directionality value, weighted with the articulation index 
AI-DI of up to 6.5. 
The frequency response of the microphone system is 

described by a function in the form: 
H-1-eju (Dext-Pint) 

In this case, the characteristic shows the typical high-pass 
behavior of a higher order directional microphone system. 
According to the invention, the transmission characteristic A 
is selected in particular in a loud hearing environment. 

If the signal level of the acoustic input signal falls, or the 
proportion of the microphone noise in the microphone 
output signal which is produced by the microphone system 
is dominant, then the signal delay for at least one micro 
phone signal in the directional microphone system is 
increased, which, in the event of the internal delay being 
doubled in comparison to the external delay time, results, for 
example, in a transition from the signal transmission 
response of the directional microphone system from the 
characteristic A to the second illustrated characteristic B. 
This is higher by about 6 dB than the characteristic A. In 
contrast, the microphone noise remains approximately con 
stant. Although the internal signal delay initially results in 
the AI-DI value decreasing, it then becomes constant, 
however, at values of 4.55 dB, even if the internal delay is 
increased further, thus still resulting in relatively good 
directionality. Thus, overall, the signal-to-noise ratio in the 
directional microphone mode can be controlled with the aid 
of the internal delay times, which can be set electrically. 
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8 
Although modifications and changes may be suggested by 

those skilled in the art, it is the intention of the inventors to 
embody within the patent warranted hereon all changes and 
modifications as reasonably and properly come within the 
scope of their contribution to the art. 
We claim as our invention: 
1. A hearing aid comprising: 
a first omnidirectional microphone producing a first 

microphone signal; 
a second omnidirectional microphone producing a second 

microphone signal; 
said first and second omnidirectional microphones being 

electrically connected to each other to form a micro 
phone unit, said microphone unit comprising a delay 
element to which one of said first and second micro 
phone signals is Supplied for delaying said one of said 
first and second microphone signals by a delay time 
with respect to the other of said first and second 
microphone signals for giving a microphone unit signal 
produced by said microphone unit a directional char 
acteristic; 

an adjustment unit connected to said delay unit for 
adjusting said delay time dependent on a signal level of 
an acoustic input signal to at least one of said first and 
second omnidirectional microphones; 

a signal processor for processing said microphone unit 
output signal to produce a processed signal; and 

an output transducer for converting said processed signal 
into an audio signal and for emitting said audio signal. 

2. A hearing aid comprising: 
a first omnidirectional microphone producing a first 

microphone signal; 
a second omnidirectional microphone producing a second 

microphone signal; 
a third omnidirectional microphone producing a third 

microphone signal; 
said first and second omnidirectional microphones being 

electrically connected to each other to form a micro 
phone unit producing a microphone unit signal having 
a directional characteristic; 

said microphone unit and said third omnidirectional 
microphone being electrically connected to each other 
to form a microphone system, said microphone system 
including a delay unit for delaying one of said micro 
phone unit signal and said third microphone signal by 
a delay time relative to the other of said microphone 
unit signal and said third microphone signal for giving 
a microphone system signal produced by said micro 
phone system a directional characteristic; 

an adjustment unit connected to said delay unit for 
adjusting said delay time dependent on a signal level of 
an acoustic input signal to at least one of said first, 
second or third omnidirectional microphones; 

a signal processor Supplied with said microphone system 
signal for producing a processed signal therefrom; and 

an output transducer Supplied with said processed signal 
for converting said processed signal into an output 
audio signal and for emitting said output audio signal. 

3. A method for adjusting a directional characteristic of a 
microphone unit in a hearing aid, said microphone unit 
comprising two omnidirectional microphones each produc 
ing a microphone signal, comprising the steps of: 

delaying the microphone signal from a first of said 
omnidirectional microphones by a delay time relative 
to the microphone signal from a second of said omni 
directional microphones, to produce a delayed micro 
phone signal, and Subtracting the delayed microphone 
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signal from the microphone signal from the second of 
said omnidirectional microphones to give a micro 
phone unit signal produced by said microphone unit a 
directional characteristic; and 

setting said delay time dependent on a signal level of an 
acoustic input signal to at least one of said omnidirec 
tional microphones. 

4. A method as claimed in claim 3 comprising setting said 
delay time dependent on a signal level of the microphone 
signal from one of said omnidirectional microphones. 

5. A method as claimed in claim 3 comprising increasing 
said delay time as said signal level decreases. 

6. A method as claimed in claim 3 comprising changing 
said delay time in steps as said signal level changes. 

7. A method as claimed in claim 3 comprising changing 
said delay time continuously as said signal level changes. 

8. A method as claimed in claim 3 wherein said micro 
phone unit signal is subject to an increase in signal level as 
said delay time is increased, and comprising the additional 
step of automatically compensating for said increase in said 
signal level of said microphone unit signal. 

9. A method for operating a hearing aid having a micro 
phone system with a first omnidirectional microphone pro 
ducing a first microphone signal, a second omnidirectional 
microphone producing a second microphone signal, and a 
third omnidirectional microphone producing a third micro 
phone signal, comprising the steps of 

electrically connecting said first and second omnidirec 
tional microphones to form a microphone unit produc 
ing a microphone unit signal having a directional 
characteristic; 

electrically connecting said microphone unit with said 
third omnidirectional microphone to form said micro 
phone system, and delaying one of said microphone 
unit signal and said third microphone signal by a delay 
time relative to the other of said microphone unit signal 
and said third microphone signal to produce a micro 
phone system signal having a directional characteristic; 
and 
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setting said delay time dependent on a signal level of an 

acoustic input signal to at least one of said microphone 
unit and said third omnidirectional microphone. 

10. A method as claimed in claim 9 comprising setting 
said delay time dependent only on the signal level of said 
third microphone signal. 

11. A method as claimed in claim 9 comprising setting 
said delay time dependent only on the signal level of said 
microphone unit signal. 

12. A method as claimed in claim 9 comprising setting 
said delay time dependent on said microphone system 
signal. 

13. A method as claimed in claim 9 comprising increasing 
said delay time as said signal level decreases. 

14. A method as claimed in claim 9 comprising changing 
said delay time in steps as said signal level changes. 

15. A method as claimed in claim 9 comprising changing 
said delay time continuously as said signal level changes. 

16. A method as claimed in claim 9 comprising, in said 
microphone unit, delaying one of said first and second 
microphone signals relative to the other of said first and 
second microphone signals to give said microphone unit 
signal said directional characteristic and, when said signal 
level is low, setting said delay time, for giving said micro 
phone system signal said directional characteristic, to be 
greater by a factor than said delay time for giving said 
microphone unit signal said directional characteristic. 

17. A method as claimed in claim 16 comprising employ 
ing a factor in a range between 1.5 and 5. 

18. A method as claimed in claim 9 wherein a signal of 
said microphone system output signal is subject to an 
increase as said delay time is increased, and comprising the 
step of compensating for said increase in said microphone 
System signal. 
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