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Abstract

Two twin microphones may produce particular patterns of binaural directivity by time delays between twin 
microphones. The boundary element method (BEM) was used fbr the simulation of the sound pressure field around the 

head model in order to quantify the acoustic head effect. The sound pressure onto the microphone was calculated by 
the BEM to an incident sound pressure. Then a planar directivity pattern was formed by four sound pressure signals 

from four microphones. The optimal binaural directivity pattern may be achieved by adjusting time delays at each 
frequency while maintaining the forward beam pattern is relatively bigger than the backward beam pattern.
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I. Introduction

The hearing impairment becomes the thirdly most popular 
disease in modem society after high blood pressure and 
inflammation of the joints. The hearing aid (HA) is a medical 
device fbr compensating the hearing loss of hearing impaired 
persons. Because of improved sophisticated semiconductor IC 

manufacturing technology, the previously popular analog HAs are 
being replaced with digital HAs which have much more 

advantages in electrical signal processing than analog HAs. One 
of the advanced features of the digital HA chip is its parameter 
adjusting function[l]. These specific features make digital HAs to 
progress in their performances such as noise cancellation, 
feedback control, hearing loss fitting and directivity. One 
particular feature we consider in this paper is the directivity of 
the digital HA. Many HA wearers complain about speech 
perception difficulty particularly in noisy environments. Thus,
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improving the sound quality in the environmental noise becomes 
the hottest issue in the HA field. The common but effective 
glution fbr increasing S/N ratio is to operate HA with directivity 
feature[2]. Two microphones are used fbr making directional 
HA[3]. The directional HA may have the relatively increased 
sensitivity to the sound coming from a particular direction. This 
geometrical feature effectively improves the noise reduction in 

the presence of the environmental noise.
Audi이ogists recommend the binaural fitting of HAs. That is to 

fit each ITE (In-The-Ear) HA into the right and left ears 
simultaneously. The one-sided fitting is called as monaural fitting 
which is ineffective in directivity (monaural directivity). Each of 
the right and the left ears may be fixed by an ITE HA with a 
pair of microphones. If two microphones are built in an ITE HA, 
the binaural fitting of HAs means two twin microphones; total 4 
microphones. These two twin microphones can produce particular 
patterns of directivity (binaural directivity) by time delays 
between twin microphones. Two microphones in an ITE HA can 
be synchronized, that is, both microphones are connected to a 
digital amplifier with two input channels. Those two channels of 
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input signals may be summed with time delays between two 
signals. However the other two microphones in the left ear are 

not synchronized with those two microphones in the right ear. 
When microphone arrays are placed near to the head, the 

performance of arrays is modified because of the acoustic head 
effect. Then, how can binaural directivity be approached 

systematically? This paper shows the solution by numerical 
simulation, the boundary element method (BEM).

II. Boundary 티ement Method (BEM)

The BEM was used for the simulation of the sound pressure 
field around a head model. The BEM numerical solution for the 

directional HA is to calculate the sound pressure on the ear of 
the head model. The sound pressure onto the microphone fitted in 

the ear was calculated by the BEM to an incident sound pressure. 
Then a planar binaural directivity pattern was formed by four 

sound pressures from four microphones. The time delay between 
twin microphones was changed to produce the most optimal 
directivity pattern.

The boundary element solution of the sound pressure field 
simulation is based on the Helmholtz partial differential 

equation[4]. For sinusoidal steady-state problems, the Helmholtz 

equation, V2^ + Zr2vP-0 represents the wave mechanics.里is the 

acoustic pressure with time variation, , and k is the wave 
number. In order to solve the Helmholtz equation in an infinite 
air media, a solution to the equation must not only satisfy

2 
structural surface boundary condition (BC), 자나“部二/七/。an but 

[ 丄 r , • r .. lim 农网闩r + j建'?dS = Qalso the radiation condition at infinity,椚* .

an is normal displacement and pf is the air density.

The Helmholtz integral equation derived from Green's second 

theorem provides such a solution for radioing pressure waves; 

屮(泌읓羿-잇w)醫甲广阳顿 ⑴

where &(卩，0)=厂개"“4财 , r = \p-q\

p is any point in either the interior or the exterior and q is the 

surface point of integration. P (p) is the exterior solid angle at 

P-

The acoustic pressure for the Jh global node, is 

expressed in discrete form [5]: (lMV/zg )

nt 8 ； o 8 ；
=爲V%%厂"m=l ^=1 ，m"

(2e)

where ng is the total number of surface nodes and nt is the 

total number of surface elements and am,j are three dimensional 
displacements.

Equation (2b) is derived from equation (2a) by discretizing 
integral surface. And equation (2c) is derived from equation (2b) 
since an acoustic pressure on an integral surface is interpolated 
from adjacent 8 quadratic nodal acoustic pressures corresponding 
the integral surface. Then equation (2d) is derived from equation 

(2c) by swapping integral notations with summing notations. 
Finally the parentheses of equation (2d) is expressed by upper 
capital notations for simplicity.

When equation (2e) is globally assembled, the discrete 
Helmholtz equation can be represented as

间[개回 =+4严 2[成｝ ⑶

where [A] and [B] are square matrices of (ng by ng) size.
When the impedance matrices of equation (3), [A] and [B], are 

computed, two types of singularity arise[6]. One is that the 

Green's function of the equation, 이卩沁) , becomes infinite as q 

approaches to Pi. This problem is solved by mapping such 
rectangular local coordinates into triangular local coordinates and 
again into polar local coordinates[7]. The other is that at certain 

wave number the matrices become ill-conditioned. These wave 
number are corresponding to eigenvahies of the interior Dirichlet 
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problem[8]. One approach to overcome the matrix singularity is 
that [A] and [B] of equation (3) are modified to provide a unique 
solution for the entire frequency range[9-12]. The modified 
matrix equation referred to as the modified Helmholtz gradient 
formulation (HGF)[12] is obtained by adding a multiple of an 
extra integral equation to equation (3).

(시- 4/]® 话(게中}= +Py®2(5]© a[에园 (4)

忡}=一財하%"} ⑻

Once {빠} is known, the acoustic pressure in the near or far 

field is determined by "3)=1 of Eq. (1) for given values of 

surface nodal pressure and zero surface nodal displacement;

晌)=을言 "丿%J ⑼

a =__________________________巨_____________
where k • (Number of surface element adjacent a surface node)

[C] and [D] are rectangular matrices of (nt by ng) size. ® 
symbol indicates that the rows of [C],[D] corre叩onding to 
surface elements adjacent a surface node are added to the row of 

[A],[B] corresponding to the surface node, that is,

蹩而我E,傩쬐豊 cd

z=l j=l z=l j=l z=l j-l m=l
\ 丿

罗齐幻曹勤们•)遣』也嵌』 ⑸

z=l j=l z=l 7=1 z=l j=l m=l 丿

where S(i) is the number of surface element adjacent a surface 
node. The derivation of the extra matrices [C], [D] are well 
described by Francis D.T.L [12]. Equation (6) may be reduced in 

its formulation using superscript ® for convenience;

A®^)^+PfC02B®{a} ⑹

where (시-命]新』(或 二4$ , [에

The discrete BEM formulation of the Helmholtz surface 

integral equation with incident pressure term can be represented 

as a matrix formula

{w}=아*이静_网%] ⑺

where 나‘阮 is the incident sound pressure. [刀이 and 仙이 are 

acoustic impedance matrices[5-7].
If we assume a rigid surface boundary condition because the 

present KEMAR head model has a rigid surface, Eq. (7) becomes

3. Boundary Element Mesh Generation

The KEMAR, a dummy head model, was three dimensionally 
scanned by a laser scanner] 13]. The scanned points data of the 
three dimensional coordinates were then used to be meshed for

(b)
Fig. 1, (a) The s니rface element mesh of th으 KEMAR dummy head.

(b) The magnified view of twin microphones on the left ear.
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Fig. 2. Polar coordinates for directivity pattern calc나ation. Mic. land 
Mic.3 are reference microphones.

boundary surface element grids] 14]. Each boundary element has 4 
comer nodes and 4 mid-side nodes. It is a common practice to 
have the size of the largest surface element to be at least less 

than /l/3(A=wavelength), so that the numerical approximation 
might be converged] 15]. In this paper, the upper frequency of the 

acoustic radiation is less than 4 kHz, so that /U3 is about 0.28 
m. Therefore the present BEM meshing size is much small 

enough for the BEM calculation. Figure 1 shows the surface 
element meshes of the KEMAR model. Figure 1(b) 아lows the 

magnified view of twin microphones at the left ear. The angle of 
the directivity pattern starts from the front in anti-clockwise 
direction (Fig. 2).

Arr COS(2^- cos(2^-(/-0)+^/) +

Alr cos(2矿(『血)+0,)-』/cos(2矿. C-0)+^/) (]())

where力言 and 9rf are the amplitude and the phase of the 

right ear front microphones while Alr and Olr are those of the 

left ear rear microphones. In Equation (10), total pressure 

(incident pressure plus scattered pressure) airq)litudes and phases 
are calculated by the BEM.

In the summed method, the time delay can be independently 
changed at different frequencies. We consider three ways of time 
delay variations; The first variation is to produce the similar 
directivity pattern as the Knowles method (Summed I) at each 
frequency. The second variation is to increase the receiving 
sensitivity of the microphone array output at each frequency 

while maintaining the forward beam pattern is relatively bigger 
than the backward beam pattern (Summed II). The third variation 

is simply done by keeping constant time delay (0.7찌Rad] at 
1kHz = 0.35 ms. see later Fig. 9) at all frequencies (Summed 
ffl).

VI. Time Delay Methods

Figure 3 shows time delay (Zk) circuits between the front and 
the rear microphones (Mic. 1 and Mic 2 or Mic. 3 and Mic. 4 

respectively). Fig.3 (a) is a summed method in which a signal 
from the front reference microphone is summed with a 

time-delayed signal from the rear microphone. Fig.3 (b) is a 
Knowles method where 50% and 25% time delays mean a half 
and a quarter phase shifts respectively. The Knowles method was 
derived for producing the sharpest directivity pattern and its time 
delays are fixed at n and 0.5 勿 phase shifts[16].

In the summed method, the strength of the resulted sound pressure 
from the two twin microphones is calculated by equation (10);

(b)
Fig. 3. Time delay (J i) circuits between front and rear microphones 

(Mic. 1 and Mic. 2 or Mic. 3 and Mic. 4 respectively), (a) 
Summed method (b) Knowles method. Reference microphone 
(0 time delay) = front microphone, k = wave number d = 나)e 
distance between twin (the front and the rear) microphones 
(10mm separation).
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In order to quantitatively compare the resxilted directivity 

patterns from the Knowles method with the three summed 
methods at four frequencies of interest, the factor of the 
articulation index-directivity index (AI-DI) is used;

AI-DI=0.2 ・ Qp(500)+0.23 ・功，(1000)+033 ・ £顷2000)+0.24 •功，(4000) (11)

where Dp (f) is planar directivity index [17] and derived as

355
Dp(/)=10xlog10 22.92/ 习 10 —"一

，SISDW) A
10 10

(12)

j is in 5°intervaL f is a frequency and Dp(f) is expressed in 

dB unit. SISDR(f) is a simulated in situ directional response in 
dB. The SISDR(f) is the difference between the sound pressure 

level at a given azimuth angle(^| of sound incidence and the 
sound pressure level in the reference position(0=O° ), plotted as 

a function of azimuth angle.

Fig. 4. Directivity patterns of the KEMAR head model. Microphone 
separation=10mm. 50% and 25% time delays f이low the 
Knowles method. Input frequencies= (a) 500 Hz , (b) 1000 Hz 
,(c) 1500 Hz , (d) 2000 Hz , (e) 2500 Hz , (f) 3000 Hz , (g) 
3500 Hz , (h) 4000 Hz. Al■이 = 4.1

V. Results

Figure 4 shows directivity patterns of the KEMAR head 
model in the Knowles method. The polar coordinates are 
scaled in dB. 50% and 25% time delays follow the Knowles 

method. AI-DI is 4.1
Figure 5 shows directivity patterns of the KEMAR head model 

in the Summed method I. The time delay is adjusted by the 
Summed method I. AI-DI is 4.4. Figure 6 shows directivity 

patterns of the KEMAR head model in the Summed method IL 

The time delay is adjusted by the Summed method I. AI-DI is 
2.7. Figure 7 shows directivity patterns of the KEMAR head 
model in the Slimmed method III. The time delay is adjusted by 

the Summed method I. AI-DI is 2.2.
Table 1 compares directivity Indexes (DI) at fbur frequencies 

for each of fbur time delay methods and the last column 

indicates the AI-DI for each time delay method.
Figure 8 shows summed sound pressures of the KEMAR head 

model as a function of frequency for fbur different time delay 
methods . The figure shows the receiving sensitivity of the two 
twin microphone arrays. The sensitivity is below - 10 dB (ref. 
10.88 [Pa]) at all frequencies for the Knowles method and the 
Summed method I. The Summed method II has smaller AI-DI

—Beam Patem 
» Main Labe 
:;Side Lobe 
g Rear Lobe 
s Right
# Left (-Wd리)

Fig. 5. Directivity patterns of the KEMAR head model. Microphone 
separation=10mm. Time delays are adjusted by the Summed 
I method. Input frequencies= (a) 500 Hz , (b) 1000 Hz , (c) 
1500 Hz , (d) 2000 Hz , (e) 2500 Hz , (f) 3000 Hz , (g) 3500 
Hz , (h) 4000 Hz. AI-DI = 4.4

than the Knowles method, but the receiving sensitivity is much 
better than that of the Knowles method. Figure 9 shows the time 
delay in the Summed II method in radian.
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Fig. 7. Directivity patterns of the KEMAR head model. Microphone 
separation=10mm. The time delay is constant (0.35 ms) in 
the S니mmed III method at all frequency. Input frequencies= 
(a) 500 Hz , (b) 1000 Hz , (c) 1500 Hz , (d) 2000 Hz , (e) 
2500 Hz , (f) 3000 Hz , (g) 3500 Hz , (h) 4000 Hz. Al-Dl = 22
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Fig. 6. Directivity patterns of the KEMAR head model. Microphone 
separation=10mm. Time delays are adjusted by the S니mmed 
II method. Input frequencies=(a) 500 Hz , (b) 1000 Hz , (c) 
1500 Hz , (d) 2000 Hz , (e) 2500 Hz , (f) 3000 Hz , (g) 3500 
Hz , (h) 4000 Hz. Al-Dl = 27

delay methods
Table 1. Directivity Index at four frequencies for each of four time

Method Frequency 
[Hz]

500 1000 2000 4000 Al-Dl

Knowles DI 1.3 1.9 5.6 6.3 4.1
Summed I DI 2.3 2.5 5.6 6.5 4.4
Summed II DI 1.6 14 3.8 3.4 2 7
Summed III DI 1.0 1.4 1.8 4.6 2.2
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Fig. 8. Receiving sensitivity of the KEMAR head mod이 as a 
function of frequency, (a) Knowles method, (b) Summed 
Method I. (c) S니mmed Method II. (d) Summed Method III. 
Unit=[dB]/ref. 10.88[Pa].
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Fig. 9. 자)e time delay in the Summed II method. Unit= [radian]

VI. Conclusion

The present paper dealt firstly the simulated sound pressures 
onto two twin microphones fixed in the right and the left ears of 

the KEMAR head model by the BEM. Then the direction of the 
incident sound pressure was changed from 0 degree to 360 
degree around the head model. The complex values of the sound 
pressures onto the 4 microphones calcxilated by the BEM 
represented the input sound pressures of the 4 channels of the 
binaural HAs. Secondly, the calculated complex sound pressure 
values were systematically modified in order to represent the time 
delay effects of the binaural HAs. Thus a binaural directivity was 

achieved systematically. Then, planar binaural directivity patterns 
were derived by varying time delays between twin microphones.
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Fig. 10. Incident sound pressure direction into the center for spherical 
directivity patterns.

Also the directivity index was quantified. Two factors were 

considered fbr the optimal directivity pattern. One is the planar 
binaural directivity index. The other is the receiving sensitivity of 
the binaural HA.

From the results the Summed II method seems to be the most 
suitable in practical application fbr optimal directivity pattern 

formation because it produces the highest directivity index as 
well as the highest receiving sensitivity simultaneously. The 

optimal directivity pattern may be achieved by adjusting time 
delays at each frequency while maintaining the fbrward beam 

pattern is relatively bigger than the backward beam pattern. In 
Figure 9 it is indicated that the time delay of the digital HA 
needs to be varied as a function of the frequency. It is an 
important indication that the HA chip manufacturers must 
consider the time or phase delay between directional microphones 

as a fiinction of frequency. The next further study will be done 
about spherical directivity patterns and their AI-DI (Fig. 10).
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