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1. Introduction 
It has been known for a long time that hearing impaired 
people neeed a higher speech to noise ratio to understand 
speech than normal hearing people. However, conventional 
hearing aids just amplify the sound and do not give the 
necessary higher speech to noise ratio. The solution to the 
problem is straightforward: make use of directional 
microphones which are directed to the wanted speech and in 
that way the speech to noise ratio will become sufficiently 
high for a good speech intelligibility. Already a long time 
ago, Plomp [1] published an elaborate study on this topic 
and it can be concluded that a gain in speech to noise ratio of 
more than 6 dB can restore the reduced speech intelligibility 
for a large class of hearing impaired people. This could be 
accompliced by implementation of a directional microphone 
system in the hearing aid with a front-random ratio of at 
least the same value of 6 dB. The fact that such hearing aids 
did not exist at that time, initiated an extensive research 
program at our laboratory to search for a solution to this 
important question. The difficulty to make highly directive 
hearing aids lies in the fact that it is difficult to get a high 
directivity in small hearing aids. When we started our 
research in 1986 it was found that the existing hearing aids 
did not give a better front to random ratio than 2 to 3 dB and 
that this was caused by the fact that such hearing aids are 
much too small to embody a highly directional microphone. 
Besides that the performance is degraded by diffraction of 
the wave field around the head of the user. From the 
beginning of our research we have worked on solutions 
which used arrays of microphones around the head, where 
the frame of a pair of spectacles could elegantly serve as a 
vehicle to host the microphones and signal processing 
electronics. The aims of our research were to develop a 
hearing aid with a high front to random ratio, an elegant 
spectacle frame design, and moderate production costs. 

In the first part of the project use was made of arrays of 
directional microphones and analogue signal processing, 
which was normal at that time. This work led to a PhD 
Thesis by Soede [2] in 1990, where several solutions were 
presented. Although the results were excellent, the 
implementation with analogue processing was difficult. 

In a second part of the project, which started in 1995, we 
continued our research based on our earlier results, but 
focused now on the use of smaller and cheaper omni-
directional microphones in a shorter array design. Already 
promising results were obtained by a more optimized 
analogue signal processing method, but a breakthrough 
occurred when we realized that digital processing would also 
become the preferred method in the hearing aid industry and 
we concentrated on optimized digital beamforming methods. 
This work led to a PhD Thesis by Merks [3] in the year 

2000. He showed that a front to random ratio of 9 dB was 
feasible with an endfire array consisting of 4 omni-
directional microphones, placed in an array with a length of 
only 72 mm. 

Based on these results a commercial product has been 
brought to the market by the company Varibel. 

In the next chapters we will first present a summary of the 
underlying theory of the optimized beamforming method. 
Next we will present simulation results that formed the basis 
for the practical design, followed by a chapter where 
measurement results are presented of the directivity of the 
hearing glasses, compared with the directivity of the unaided 
human ear and conventional hearing aids. 

2. Theory of optimized beamforming 
We consider a line array of 4 microphones as shown in 
figure 1. 

 
Figure 1: Microphone array configuration and incident 

sound field direction. 
 

These microphones are subject to a plane progressive wave 
entering with angles θ and φ in the direction of the arrow as 
shown in figure 1. 

The incident sound field on the 4 microphones can be 
characterized in the frequency domain as a vector of phase 
differences: 
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where k =! / c  is the wave number and c is the sound 
velocity. 

The microphone output signals are filtered with a vector of 
weighting factors F(! )  and summed to an output signal 
Y (!,",# ) as expressed by 

Y (!,",# ) = F(# )TW(!,",# )  (2) 

and visualized in figure 2. 

 

Figure 2: Principle of beamforming. 
 

We will optimize the beamforming filters F(! )  for endfire 
beamforming, that is to say in the direction θ  = 0, φ = 0, for 
which the phase vector of the sound field is 
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The optimization is based on the method of Capon [4], 
which was worked out for our hearing glasses application by 
Merks [3]. The method minimizes the output of the array for 
a diffuse noise field with the constraint of unit response in 
the target (frontal) direction. 

The diffuse field response is characterized by the average 
squared array response Y (!,",# )

2 after averaging over all 
directions. This response can be written as: 

U(! ) = F
H
(! )S

T
(! )F(! )  (4) 

with S(! )  being the cross-spectral density matrix of the 
array for background noise. For a diffuse sound field the 
elements of S(! )  are given for omni directional array 
microphones by 
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Hence, the optimization problem can be formulated as to 
find the minimum of U(! )  under the constraint 
of FT (! )W

0
(! ) = 1 . Following Brandwood [5] and Merks [3] 

we find for the optimal filter: 
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In this expression !(" )  is a stabilization factor that is 
needed in the matrix inversion. 

The obtained result can be characterized with two relevant 
measures, the directivity index 

DI = 10 log
F0
H (! )W0
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and the noise sensitivity 

NS = 10 log
F0
H (! )F0 (! )

F0
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In practice !(" )  is adapted for a given microphone 
configuration to result in a high DI with an acceptable NS. It 
is known from our own research as well as from literature 
[6] that β  has a significant influence on the noise sensitivity. 
This adaptation can be carried out very well in an iterative 
simulation process and be fine-tuned based on the results of 
listening tests.  

3. Simulation results 
During the design of the beamforming filters it was realized 
that a distinction had to be made between different user 
conditions. A highly directive beamformer (or better to say 
two beamformers, because the hearing glasses are 
implemented binaurally) has its primary use under noisy 
situations to enhance the speech intelligibility. Under less 
demanding situations the user will prefer a setting with a 
lower directivity to listen simultaneously in different 
directions and also to get a more spatial impression of his 
acoustic environment. These were findings of the 
development team as well as from the test users. This 
resulted in the design of a low directivity setting where it 
was chosen to make a directivity of 3 dB over the whole 
frequency range. For the high directivity setting a 
compromise was taken to get the highest directivity with 
acceptable noise sensitivity. During the test phase of the 
development it was realized that the initially chosen high 
directivity setting had a noise sensitivity that was unpleasant 
during periods when the acoustic levels were low. Because 
this was a less desired situation we tried a second high 
directivity setting with a much better noise sensitivity. 

Figure 3 shows the simulation results of the frequency 
dependent directivity and noise sensitivity for three settings: 
low directivity, high directivity 1, with a low noise 
sensitivity and high directivity 2, with a higher noise 
sensitivity. 
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Figure 3: Simulated directivity index (DI) and noise 
sensitivity (NS) of three beamformer filters. 

Figure 3 clearly shows that the low directivity setting is very 
constant as a function of frequency. Also notice that the 
high2 filters give only a slightly higher directivity at the cost 
of a considerable higher noise sensitivity as compared with 
the high1 filters. 

4. Measurements 
In an earlier stage, measurements to test the performance of 
the hearing glasses were carried out on several prototype 
designs, where especially the focus was on the measurement 
of the directivity patterns under free field conditions. These 
measurements were carried out with the free-standing 
microphone arrays, but also mounted on an artificial head 
and torso simulator (KEMAR). Results of the optimized 
beamformer have been reported by Merks [3]. Now that the 
design had led to commercial available hearing glasses, time 
had come to carry out such measurements on the final 
product, where the microphones and electronics are hidden 
in the temples of the spectacles and where the filters are 
implemented in dedicated dsp-chips. Of course we were not 
only interested in the measurements of the directivity in a 
not disturbed free field, but especially in the gain of the front 
to random ratio to be expected under real life situations. 
Therefore we had to apply for a proven method to measure 
the front-random ratio when the hearing glasses were 
mounted on a KEMAR. When measuring the directivity of 
an endfire array under undisturbed conditions, it is sufficient 
to measure in one plane which includes the frontal direction 
of the array. The three-dimensional directivity index (or the 
front random ratio, which is the same here) can than easily 
be computed from symmetry considerations. However, this 
symmetry is lost by the diffraction of the human head, or in 
our case, by the KEMAR head. 

ANSI S3.35 prescribes a method to measure the directivity 
of hearing aids in an anechoic field. With this method the 
response of a directional hearing aid on a head and torso 
simulator is measured as response functions from a large 
number of directions under anechoic field conditions. We 
implemented this method where we followed the standard 
prescriptions as closely as possible. For that purpose a 
special mounting device was constructed to position the 

measurement loudspeaker on accurately defined elevation 
angles at a distance of 1 m from the reference point of the 
mannequin head. The response functions were measured 
with an MLS-technique. The measurement set-up is shown 
in figure 5. 

 

Figure 5: Measurement set-up according to ANSI S3.35. 

In a standard setup the measurement angles have increments 
of 30 degrees. For very high directivities (above 10 dB) the 
ANSI standard suggests that a smaller increment be used. 
Therefore we did our measurements on the high directivity 
settings of the hearing glasses with angle increments of 15 
degrees. Afterwards it was found that only small differences 
occur if 30 degree increments are taken. 

Figures 6 - 8 show directivity plots in the horizontal plane of 
the directivity of the KEMAR ear, an omnidirectional BTE 
hearing aid, mounted on KEMAR and the hearing glasses 
with the high1 filter, mounted on KEMAR. In these plots the 
frontal direction is at 0 degrees. The measurements were 
taken for the array at the left side of the head. Notice the 
strong influence of the diffraction of the head on the 
directivity.  

 

Figure 6: Polar diagrams of one of the KEMAR ears. 
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Figure 7: Polar diagrams of an omnidirectional BTE hearing 
aid, mounted on KEMAR. 

 

Figure 8: Polar diagrams of one side of the hearing glasses  
with setting high1, mounted on KEMAR. 

 

Figure 7 shows plots of the directivity as calculated from the 
measurements for one of the ear simulators of KEMAR and 
for the hearing glasses mounted on KEMAR with different 
directivity settings. 

Table 1 summarizes the results of the DI measurements for 
the hearing aids with different settings, as the averaged 
values over the one-third octave bands between 500 and 
5000 Hz, which is the preferred averaging method of the 
ANSI-standard. 

 

Figure 7: Directivity of KEMAR and the hearing glasses on 
KEMAR as measured in an anechoic field with the ANSI-

method. 

 

 

Object Setting Free 
standing 
DI (dB) 

KEMAR 
mounted  
DI (dB) 

KEMAR ear  -- 0.4 
Omni 0.0 -1.7 BTE 
Dir 3.0 1.3 
Low 2.9 4.4 
High1 8.1 7.2 

Hearing 
glasses 

High2 8.9 7.7 

Table 1: Comparison of measured directivities. 
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