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(57) Abstract: The present invention discloses an
inventive microphone assembly for desktop communi-
cation systems. It utilises the advantages of directional
microphones in a desktop conferencing system without
exposing the microphone for unfavourable mechanical
or acoustic influence. This is achieved by building it
into the footing in front of system, in a mechanically
controlled and robust way. The microphone assembly
according to the present invention maximize microphone
sensitivity in the direction of a near end user while
simultaneously minimize microphone sensitivity in the
direc-tion of the loudspeaker.
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MICROPHONE DEVICE

Field of the Invention

The invention relates to a microphone assembly in a loud

speaking conference end-point.

Background of the invention

A conventional video conferencing end-point includes a co-
dec, a camera, a video display, a loudspeaker and a micro-
phone, integrated in a chassis or a rack. In larger end-
points for use in meeting and boardrooms, the audio equip-
ment is installed separately. The microphone is often
placed on the meeting table so as to bring the audio re-

corder to bring it closer to the audio source.

However, personal video conferencing end-points, also re-
ferred to as desktop terminals, are now becoming more com-
mon in offices as a substitute or supplement to larger end-
points or to traditional telephony. Personal equipment is
more portable, and is likely to be placed close to the user
on a table. Thus, all the equipment belonging to one end-
point, including the microphone is integrated in one de-

vice.

The microphone in a communication system should pick up
voice from the user (called the near end user) with maximum
quality and a suitable sensitivity. However, due to the
fact that a desktop system is relatively small, and all
parts (including microphone and speaker) are integrated in
one device, the microphone must be positioned relatively
close to the loudspeaker. This implies several audio prob-

lems, which will be discussed in the following.

Desktop telecommunication terminals (video conferencing

systems, IP-phones, or any loud speaking integrated commu-
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nication system) with integrated loudspeaker(s) and micro-
phone (s), for hands-free operation (loud speaking mode) ex-
perience an effect referred to as feedback. Feedback is a
result of the sound from the loudspeaker being picked up by
the microphone. Feedback is highly unwanted in communica-

tion systems, for a number of reasons.

First of all, feedback causes an echo in the communication
(a loop back of sound) where the user hears a delayed ver-
sion of his/her own voice. Echo in a communication system
can be very disturbing, especially with large delays. The
subjective degrade in communication quality caused by the
echo depends on several factors, including the level of
echo, and the delay. Figure 1 illustrates the fundamental

echo problem.

Secondly, feedback puts restraints on the maximum allowable
output level on the loudspeaker, which may result in the
near end user having difficulties hearing the far end user.
As mentioned, desktop systems are often compact in size,
meaning that the loudspeaker must be placed close to the
microphone, and most often closer to the microphone than
the distance between near end user and microphone. Hence,
the sound level from the loudspeaker is often more powerful
than the sound level (speech) from the near end user. If
the sound level from the loudspeaker is too high, it might
overload the microphone (acoustical overload) or the cir-
cuits (electrical overload), which leads to distortion of
the microphone signal. Hence, the sound levels from the
loudspeaker picked up by the microphone constraints the de-
sign of audio circuits, audio signal processing, and the

allowed maximum level from the loudspeaker.

The loudspeaker signal can consist of far end talk, and
sounds generated by the near end system, e.g. key tones,
ringing tones and so on. The loudspeaker signal is picked

up by the microphone and sent back to the far end. In gen-
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eral, the loudspeaker signal is unwanted in the microphone
signal sent to the far end. The captured loudspeaker signal
(referred to as echo) must be removed, or suppressed, from
the microphone signal if the level and/or delay of the echo
are large enough to cause significant disturbance in the
communication. This is a well developed technology, and
acoustic echo cancellation and/or echo suppression algo-
rithms are incorporated in most digital IP based communica-

tion systems.

Therefore, the goal of the microphone and loudspeaker de-
sign of an integrated communication system with loud speak-
ing hands-free mode is to allow for the best possible near
end sound pick up (sound from near end user, e.g. speech),
while simultaneously minimizing the acoustical feedback
level from the loudspeaker(s) to the microphone(s). This
allows for the best possible quality in the signal sent to
the far end, and the level of the near end loudspeaker can
also be maximized, to the benefit of the near end user.
Echo cancellation and suppression algorithms will also
benefit from a minimal acoustical feedback from the loud-
speaker to the microphone, and the risk of overloading the
microphone and the audio circuitry is reduced. Digital sig--
nal processing is often used to ensure that the microphone
and audio circuits are not overloaded. The maximum loud-
speaker signal is limited by known techniques in the field

of dynamics processing.

The acoustical feedback can be reduced by increasing the
distance from a loudspeaker to a microphone. However, the
physical dimensions of the integrated system dictate the
maximum distance. In addition, other considerations might
require placing the microphone nearer the loudspeaker than
the maximal possible distance. One example is if the comb
filter effect, caused by a table reflection of speech, is
to be avoided, the microphone needs to be placed very close

to the table surface. This might not be the optimal place-
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ment with regards to acoustical feedback in an integrated

desktop system.

Directional microphones can also be utilized to maximize
microphone sensitivity in one or more directions, and mini-
mize or reduce the sensitivity towards the loudspeaker, and
are commonly used in telephony and conferencing equipment.
E.g. the Polycom Soundstation™ series uses such micro-
phones. However the physical properties of directional mi-
crophone elements require that sound waves must be able to
reach both the front and the rear of the microphone. Hence,
they are typically mounted in an open acoustical space in
the product, typically beneath a perforated area of the me-
chanics, allowing free flow of air past the microphone.
This is a space demanding and fragile mounting, and also
not very flexible with regards to adjusting or optimizing

the directional behavior of the microphone.

Further, directional microphones only effectively suppress
sound when the sound enters from straight behind the micro-

phone. This is difficult to obtain in a desktop system.

The requirements for sound quality are increasing as commu-
nication systems are using higher bandwidth audio. Also,
acoustic echo and feedback control are critical issues for
desktop systems. Microphone design, placement and assembly
are therefore critical factors for the optimization of

sound quality.

The present invention proposes a new way of incorporating a
directional microphone element in a communication system,
in a way that maximizes microphone sensitivity in the di-
rection of a near end user, while simultaneously minimizing
the sensitivity in the direction of the integrated loud-
speaker, thus minimizing feedback. The utilization of a di-
rectional microphone will also reduce the ambient noise and

reverberation pick-up.
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Summary Of the invention

It is an object of the present invention to provide an ar-
rangement and the use of such an arrangement that minimizes
the drawbacks described above. The features defined in the
independent claim enclosed characterize this system and the

use of the system.

Brief description of the drawings

In order to make the invention more readily understandable,
the .discussion that follows will refer to the accompanying

drawing.
Figure 1 illustrates the fundamental echo problem,

Figure 2 is the polar response of a typical unidirectional
cardioid microphone element,
Figure 3 is a plot of the free field response of a unidi-

rectional microphone,

Figure 4 is a schematic drawing of the microphone assembly

according to the present invention in a desktop communica-

tion terminal,

Figure 5A and 5B illustrates the incident angle of sound

from a loudspeaker and near end user,

Figure 6A and 6B is a schematic drawing of the microphone

housing according to one embodiment of the. invention,

Figure 7A and 7B is a top view of the microphone housing

according to one embodiment of the invention,

Figure 8 is (omnidirectional and unidirectional) microphone

response from a typical user position with the microphone
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assembly according to one embodiment of the present inven-

tion,

Figure 9 shows feedback response from internal loudspeaker
to a calibrated unidirectional and omnidirectional micro-
phone with the microphone assembly according to one embodi-

ment of the present invention.

Preferred embodiment of the invention

In the following, the present invention will be discussed
by describing a preferred embodiment, and by referring to
the accompanying drawings. However, people skilled in the
art will realize other applications and modifications
within the scope of the invention as defined in the en-

closed independent claims.

The present invention discloses an inventive microphone as-
sembly for desktop telecommunication terminals. It utilises
a conventional, off-the-shelf, directional electret con-
denser microphone element with a cardioid directivity pat-
tern. This type of microphone has acoustical input ports
at both the front and the rear of the element that together
with its internal design gives it a directional behavior.
The directional behavior of the microphone is modified by
guiding sound to the front and the rear of the microphone
in a controlled way to maximize sensitivity in the direc-
tion of the near end user and minimize the sensitivity in
the direction of the integrated loudspeaker of the product.
This is achieved by building it into the footing in front
of the system, in a mechanically controlled and robust way,
using a tuned acoustical waveguide. In this way, the time
delay between sound received at the front and the rear of
the directional microphone can be controlled to optimize

sound quality.
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Figure 2 shows a directional pattern 202 of a typical car-
dioid microphone 201. A cardioid microphone 201 is a direc-
tional microphone and has a maximum sensitivity in the for-
ward direction (0°), a minimum sensitivity in the backward
direction (180°), and approximately half of the maximum
sensitivity at 90°. This results from the geometry, inter-
nal design, and operating principle of the cardioid micro-
phone element 201. Directional microphones have acoustical
input ports at both the front and the rear. The acoustical
input ports are separated by an effective distance "d"
which represents the distance that a sound wave must travel
around the directional microphone in going from one acous-
tical input port to the other. Movements of a diaphragm in-
side the microphone are converted into voltages at the out-
put of the microphone. The magnitude of the voltage output
of the directional microphone is a function of the instan-
taneous difference in sound pressure on the opposite sides
of diaphragm. As distance "d" becomes smaller and smaller,
so too does the output voltage from the directional micro-
phone. Velocity of sound in air at room temperature is 1128
feet per second, so that a £f=2250 Hz audible signal has a
wavelength of about 15 cm. Thus, even small separation dis-
tances provide sufficient phase difference between the
acoustical input ports so that the directional microphone
has a polar response pattern such as shown in figure 2.
Therefore, the sensitivity of the microphone 201 varies de-
pending on the angle of incidence of sound waves. Forward
sound incidence (sound from a sound source 203 located in
front of the microphone at 0°) leads to a delay of the
sound arriving at the rear acoustical input port of the mi-
crophone relative to the sound arriving at the front acous-
tical input port. Correspondingly, incidence from the rear
side of the microphone element leads to a delay of the
sound to the front input port relative to the sound arriv-

ing at the rear input port of the microphone 201.
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Figure 3 shows a typical free field frequency response of a
cardioid microphone, from front (0°) 301 and rear (180°)
302 sound incidence. As can be seen from the figure the
frequency response of the sound signal incident at 0° is 15

dB stronger than the sound signal incident at 180°.

According to one embodiment of the present invention, a mi-
crophone assembly is disclosed which changes the acoustical
distance of sound waves traveling to the rear acoustical
input pdrt of the microphone from one or more point
sources, relative to free field, thereby modifying the di-
rectivity pattern of the microphone. The microphone assem-
bly simultaneously optimizes the microphone response for
maximum sensitivity in one direction, and minimizes the
sensitivity in another direction, even if these directions
are not being 180 degrees separated. (In the case of the
unmodified cardioid microphone free field response, the di-
rections of the maximum and minimum sensitivity are sepa-

rated by 180 degrees{)

As mentioned in the background section, it is desirable to
maximize the distance between the loudspeaker and the mi-
crophone. According to one embodiment of the present inven-
tion, the microphone is mounted in a lower corner of a
desktop telecommunication terminal 401, as shown in figure
4. The microphone 201 is placed very close to the desktop
surface, or table top, in the front of the terminal in a
mechanically controlled way to minimize comb filter ef-
fects. This is discussed in US application 11/239,042. The
loudspeaker 204 is mounted on the opposite side of the ter-
minal. Further, the loudspeaker 204 is preferably mounted
on a surface located behind the microphone 201, in such a
way that the distance between the near end user and loud-
speaker 204 is longer than the distance between the near
end user and the microphone 201. As can be seen in the fig-

ure, the maximum distance between a microphone 201 and a
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loudspeaker 204 in such a terminal 401 would be a diagonal

separation as illustrated.

Figure 5A is a schematic drawing of the desktop communica-
tion terminal 401 in figure 4 and a near end user 203, from
a top view perspective. If the microphone 201 had been
mounted unobstructed in this position (free field), of-
centre (and very low) on the desktop terminal 401, the in-
cident angle 502 of the sound from a near end user 203
would be an area with reduced sensitivity for a cardioid
microphone 201. Further, the incident angle 501 of sound
from the loudspeaker 204 is in an area with significantly
reduced sensitivity for a directional microphone 201, which
again reduces feedback. However, as can be seen in the fig-
ure, the separation between the loudspeaker sound direction
501 and the user sound direction 502 is only approximately
90 degrees, which is far from an ideal 180 degree separa-

tion.

Figure 6 and 7 are schematic drawings of a housing 601 for
a unidirectional microphone element 201 according to one
embodiment of the present invention. The microphone 201 is
to be encapsulated in a desktop foot supporting the desktop
system on the table as discussed above. The microphone
housing 601 may be a separate part to be integrated in the
desktop foot, or the desktop foot itself may serve as the
microphone housing 601. An acoustic waveguide 602 extends
from a first surface of the housing into a cavity 603 in

the housing.

As indicated in figure 6A, 6B, 7A and 7B the cavity 603 ex-
tends from a front surface 605 of the housing, hence creat-
ing an opening in the housing for receiving a directional
microphone 201. The size and shape of the opening and cav-
ity 603 should correspond to the size and shape of the mi-
crophone element. Alternatively the size of the opening and

cavity 603 is slightly smaller than microphone element, so
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that when the microphone 201 is forced into the ca&ity 603,
the elastic properties of the housing material firmly hold
the microphone element in the correct position and forms a
seal around the sides of the microphone, preventing sound
pressure at one acoustical input port to leak to the other
acoustical input port. The acoustical waveguide allows
sound waves from one or more point sources to reach the

rear acoustical input port of the directional microphone.

The acoustical waveguide 602 extends from a top surface 606
of the housing 601 to a back surface 703 of the cavity. Ac-
cording to one embodiment of the invention, the channel is
oblique both in the azimuth and elevation angle relative to
the central axis of the cavity (said axis being parallel
with the normal vector of the back surface). The acoustic
waveguide is angled towards the loudspeaker, which is situ-
ated behind the microphone on the other side of the termi-
nal. The length and direction of the acoustical waveguide
602 is dependent on the position of the loudspeaker rela-
tive to the microphone, and on a typical near end user 203
position relative to the microphone 201, and serves as a
sound guide for sound from one or more sound sources to the
rear acoustical input port of the microphone 201. This is

discussed in more detail later.

As shown in figure 7B a protective cover 701 may be placed
at least in front of the microphone housing 601 to protect
the microphone 201 from impacts and from falling out of the
housing 601. One or more openings 702 are provided in the
protective cover 701 to admit sound waves to the front

acoustical input port of the microphone 201.

When the housing 601 with the microphone 201 is mounted in
a desktop system 401 the front acoustical input port of the
microphone 201 is facing away from the system. According to
one exemplary embodiment of the invention the front acous-

tical input port is facing forward, in the general direc-
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tion of the near end user. However, the microphone may be
tilted slightly towards the desktop (or table surface). The
acoustical waveguide 602 guiding sound to the rear acousti-
cal input port is designed to simultaneously minimize the
microphone sensitivity in the direction of the internal
loudspeaker, and maximize the microphone sensitivity in the
direction of the user. This is achieved by making the
acoustical waveguide 602 quite long, and angled slightly in
the direction of the loudspeaker 204. Since the waveguide
is angled towards the loudspeaker, the acoustic distance
between the loudspeaker and the rear acoustical input port
is kept close to a free field acoustical distance. In this
way, sound from the loudspeaker 204 will arrive at the rear
input port of the microphone before arriving at the front
input port of the microphone,  thus giving a low sensitiv-
ity. Further, the additional distance the sound from the
speaker needs to travel to traverse the corners of the mi-
crophone housing and the protective cover may increases the
relative delay between sound reaching the rear and the
front acoustical input port of the directional microphone,
hence decreasing the sensitivity of the microphone for
sound emanating from the loudspeaker even further.

From the typical user position, the opposite is true. The
acoustical waveguide 602 is angled in direction of the
loudspeaker, and simultaneously angled away from the near
end user. The length and direction of the acoustical
waveguide increase the acoustic distance between the near
end user and the rear acoustical input port, relative to a
free field acoustical distance. Sound from the user will
arrive at the front input port of the microphone without
delay, while the sound arriving at the rear input port of
the microphone will experience delay, due to the configura-
tion of the acoustical waveguide. The length and direction
of the acoustical waveguide 602 increases the relative de-
lay between sound reaching the rear and the front of the

unidirectional microphone, hence increasing the sensitivity
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of the microphone for sound coming from the user (speech).
In other words, the increased delay experienced by the mi-
crophone “moves” the direction of sound closer to 0° as il-
lustrated by arrow 503 in figure 5B. This leads to a high

sensitivity for sound from the user.

Figure 8 shows an example of achieved microphone response
from a typical user position with the microphone assembly
according to one embodiment of the present invention. Thé
figure shows the response 802 of a calibrated unidirec-
tional microphone mounted in the above described housing.
The response 801 of a calibrated omni directiocnal reference
microphone in the same position is shown as a reference. It
shows that a good sensitivity and frequency response from

the user position is achieved.

Figure 9 shows feedback response 902 from internal loud-
speaker to a calibrated unidirectional microphone, together
with the feedback response 901 to a calibrated omni direc-
tional microphone in the same position. As can be seen from
the figure a reduction in feedback up to 16 dB is achieved
by the present invention for most frequencies in the voice

frequency band.

Due to the length of the channel guiding sound to the back,
the frequency response and directional.properties will be
somewhat different from the free field case. The long chan-
nel will cause a narrower frequency range of directional
behavior. Figure 8 and 9 shows that a good directional be-
havior is achieved up to 2 kHz with our invention. In
telephony, the usable voice frequency band 803 ranges from
approximately 300 Hz to 3400 Hz. It is for this reason that
the band of the frequencies between 300 and 3000 Hz is also
referred to as "voice frequency”". Therefore, even if an
acoustical waveguide as disclosed according one embodiment

of the present invention reduces the frequency range of di-
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rectional behavior, the directional behavior is still

strong in the “voice frequency” band.

Further, mechanical protection of the microphone element is
secured by making the housing sturdy and rugged out of a

relatively hard rubber material.

The cavity 603 for housing the microphone element should
encapsulate the microphone element. A gap between the rear
end of the microphone 201 and the back surface 703 of the
cavity 603 would, together with the acoustical waveguide,
create a resonant system, which will give a resonance peak
in the frequency response at the resonance frequency. To
control the resonance of the cavity, the distance between
the microphone and the back surface should therefore be
minimized to place the resonance frequency as high as pos-
sible. The diameter of the sound guide should be wide
enough to give a relatively low resonance peak. This will
ensure that the frequency response and directional behav-

iour is good.

A problem that may be more dominant when the microphone 201
is placed close to the tabletop, is the interfering struc-
ture borne noise and vibrations that may occur in the table
material, originating from knocking and bumps in the table.
To minimize pickup of sound and vibrations from the termi-
nal assembly or the table surface, the microphone housing
601 is preferably made of a vibration damping material. The
material of the housing 601 should be quite hard for rigid-
ity and protection, and somewhat elastic to withstand vary-
ing stresses from the terminal 401 above it, and hold the
microphone 201 in a fixed position. The housing 601 should
cope with temporarily carrying the weight of the whole ter-
minal 401 without the acoustic waveguide 602 permanently
deforming or closing. The material should be non-porous so

as to minimize sound absorption. Experience has shown that
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an elastomer cast with hardness of at least shore 35 is a

working compromise.

The microphone housing 601 can be designed to be used as a
foot that the desktop system rests on. This significantly
reduces the degree of integration, thereby making an inde-
pendent microphone module that can easily be re-used in new

systems.

When the above aspects are considered, the following prac-
tical dimensions could be used according to one exemplary
embodiment of the present invention: A acoustical waveguide
width in the range of 1-4 mm, . which matches sound entry
holes in a typical unidirectional electret microphone ele-
ment, a waveguide length in the range of 10-20 mm, and a

protective cover thickness in the range of 0.5-5mm.

Further, when used as a foot for a system, some means of
proper positioning and threading of signal cable to the

electronics in the system must be devised.

An equalizer filter, analogue or digital, could counteract
the high frequency peak and tailor the total response to
the design goal of the application.

Any microphone element requiring sound wave entry from two
directions direction could be used. A typical choice is a
unidirectional cardioid electret condenser microphone. The

size of the element is in principle not important.

The main advantage of the present invention is that the
housing minimizes feedback from loudspeaker to microphone,
while simultaneously maximizing microphone sensitivity to-
wards the user for an off-the-shelf unidirectional micro-
phone element, while keeping the microphone protected. This
increases sound quality also for full audio band sound

pickup.
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Further, only one acoustic waveguide for sound entry is
tuned to optimize the directivity pattern of the microphone

element and simultaneously minimize feedback.
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Patent é laims

1. A desktop telecommunication terminal (401) comprising
a loudspeaker (204) and microphone (201) mounted therein
for enabling hands-free operation, wherein said microphone
(204) is' a directional microphone element having a front
and rear acoustical input port,

characterized in that

said directional microphone element is encapsulated within
a rigid housing (601), said housing comprising an acoustic
waveguide (602) extending from the rear acoustical input
port to a waveguide iﬁlet in a first surface of the desktop
telecommunication terminal (401), and with one or more '
openings in a second surface of the desktop telecommunica-
tion terminal admitting sound to the front acoustical input

port,

where the direction and length of said acoustic waveguide
(602) is tuned to minimize the acoustical distance from the
loudspeaker (604) to the rear acoustical input port while
simultaneously increase the acoustical distance from the
near end user to the rear acoustical input, relative to a
free field acoustical distance, to maximize microphone sen-
sitivity in the direction of a near end user while simulta-
neously minimize microphone sensitivity in the direction of
the loudspeaker (204).

2. A desktop terminal according claim 1,
characterized in that said waveguide (602)
is angled towards the loudspeaker (204) and simultaneously

away from the near end user.

3. A desktop terminal according claim 1,
characterized in that the distance between
a near end user and said microphone (201) is shorter than
the distance between the near end user and said loudspeaker
(204) .
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4. A desktop terminal according claim 1, where said mi-
crophone (201) is mounted in a lower corner of said termi-
nal, and said microphone (201) and said loudspeaker (204)
is positioned on opposite vertical halves of the terminal

front.

5. A desktop terminal according to one of the proceeding
claims,
characterized in that said microphone

housing (601) is a desktop terminal foot.
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