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(57) ABSTRACT

A delay unit (16) for a conference audio system (1) adapted to
delay audio input signals for an adjustable time delay, thereby
generating audio output signals, is proposed. The delay unit
(16) comprising a circular buffer (17); a write pointer (W) to
write a sample (S1) of a first input signal to the circular buffer
(17) ata first write position; a read pointer (R) to read a sample
from the circular bufter (17) at a first read position as a sample
of a first output signal, whereby the distance between the first
write position and the first read position determines a first
time delay d,,;; a buffer control module adapted to move the
write pointer W to a next position after writing and to move
the read pointer (R) to a next position after reading; charac-
terized in that the buffer control module is adapted to adjust a
second time delay d,,.,, by moving the write pointer (W) to a
second write position, whereby the distance between the first
read position and the second write position determines the
second time delay d,

new:*

17 Claims, 6 Drawing Sheets
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1
DELAY UNIT FOR A CONFERENCE AUDIO
SYSTEM, METHOD FOR DELAYING AUDIO
INPUT SIGNALS, COMPUTER PROGRAM
AND CONFERENCE AUDIO SYSTEM

STATE OF THE ART

The invention relates to a delay unit allocated to a single
delegate unit of a conference audio system adapted to delay
audio input signals for an adjustable time delay, thereby gen-
erating audio output signals.

More specifically, the invention relates to a delay unit allo-
cated to a single delegate unit of a conference audio system
adapted to delay audio input signals for an adjustable time
delay, thereby generating audio output signals, the delay unit
comprising a circular buffer, a write pointer to write a sample
of'a first audio input signal to the circular buffer at a first write
position, a read pointer to read a sample from the circular
buffer at a first read position as a sample of a first output
signal, whereby the distance between the first write position
and the first read position determines a first time delay, and a
buffer control module adapted to move the write pointer to the
next position after writing and to move the read pointer to a
next position after reading. The invention also relates to a
method for delaying audio input signals, a respective com-
puter program and a conference audio system comprising the
delay unit.

Commonly known conference audio systems—also called
sound reinforcement systems—comprise a central control
unit and a plurality of so-called delegate units, which repre-
sent the working place of the delegates and have a micro-
phone for inputting audio signals in the conference audio
system and a loudspeaker for outputting audio signals. Such
a conference audio system is for example disclosed in EP 1
686 835, Al. In operation, a speaker uses one of the micro-
phones and the microphone signal is sent to the central control
unit.

Optionally the signal is processed by the central control
unit (like feedback suppression) and then distributed as a
plurality of signals to the other delegate units. In these del-
egate units the signals are passed to the loudspeakers as audio
output signals, except for the delegate units where there is an
active speaker in front of the delegate unit. For these delegate
units the loudspeaker signal is attenuated or is blocked to
avoid howling.

SUMMARY OF THE INVENTION

According to the invention, a delay unit with the features of
claim 1, a method for delaying input signals with the features
of claim 7, a computer program with the features of claim 8
and a conference audio system with the features of claim 9 are
proposed. Preferred or advantageous embodiments of the
invention are disclosed by the dependent claims, the descrip-
tion and the figures as attached.

It is one observation in connection with the invention that
in the case of known conference audio systems, all delegate
loudspeakers reproduce an output audio signal of the active
speaker simultaneously. In a small room it appears to be still
possible to localize the person currently speaking, because
there is—besides the audio signals emitted by the delegated
loudspeakers—also a direct acoustical path from the speak-
er’s mouth to the listener. In a larger room, however, the
listener can be further away from the speaker. In this case it
can be nearly impossible to localize the position of the
speaker and thus any directivity of the audio atmosphere is
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2

lost. Another problem is that it is difficult to distinguish two
speakers, again because the sound does not have (different)
directions.

It was realized that adding a time delay to each individual
delegate loudspeaker, whereby the delay time being individu-
ally dependent on the distance between the individual del-
egate loudspeaker being supported by the audio output signal
from the active delegate microphone, allows to add directivity
to the audio atmosphere. The length of the time delay is
preferably chosen in accordance with the “Haas effect”. The
Haas effect is also called the precedence effect and describes
the human psychoacoustic phenomena of correctly identify-
ing the direction of the sound source heard in both ears. Due
to the head’s geometry (two ears spaced apart, separated by a
barrier) the direct sound from any source first enters the ear
closest to the source, then the ear farthest away. The Haas
effect describes that humans localize a sound source based
upon the first arriving sound, if the subsequent arise within
25-35, ms delay. If the later arrivals are longer than this time
delay, then two distinct sounds are heard.

Before this technical background a delay unit allocated to
a single delegate unit of a conference audio system is pro-
posed, which is adapted to delay audio input signals for an
adjustable time delay, thereby generating audio output sig-
nals. The delay unit or units in the conference audio system
is/are allocated to the individual delegate units, so that each
delegate unit is provided with audio output signals with an
individual time delay. Especially it is possible, that each
individual time delay differs from the other. The audio input
signals are preferably provided by a microphone or another
sound source, the audio output signals are intended to be
output by the loudspeakers.

The delay unit comprises at least a circular buffer, which is
defined by a logical memory architecture, whereby specific
storage locations are used in an endless, ring-like manner. A
write pointer is provided to write a sample, for example a time
piece, of afirst input signal to the circular buffer at a first write
position, a read pointer is provided to read a sample from the
circular buffer at a first read position as a sample of a first
output signal. The distance between the first write position
and the first read position, which is the number of storage
locations, each storage location being able to store a sample
of'the audio input signal, determines or represents a first time
delay. The time delay can be calculated by multiplying the
number of storage locations with the temporal length of the
sample.

Furthermore, a buffer control module is integrated, which
is operable to move the write pointer to a next, especially
following position after writing and to move the read pointer
to a next, especially following position after reading. Espe-
cially a FIFO—first in first out—architecture is provided by
the circular buffer and the buffer control module.

According to the invention it is proposed that the buffer
control module is adapted to adjust or set a second time delay
by moving the write pointer to a second write position,
whereby the distance between the first read position and the
second write position determines the second time delay. In
one embodiment it is possible, that the second write position
is in the said circular buffer. In another embodiment, a second
circular buffer is provided and the write pointer is set to the
second write position in the second circular buffer. Addition-
ally the read pointer may be set to the first read position in the
second circular buffer. As a result, two write pointer and two
read pointer are used in connection with two circular buffers
during the change of the audio signals.
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It was found that switching from a first audio input signal
with a first time delay to a second audio input signal with a
second time delay causes disturbances or noise due to the
jump of the time delays. In other words, each change of a
speaker requiring a change in the time delay results in a
disturbance or noise caused by the jump in time delays.

Thus it is an advantage of the invention, that due to the
proposed control of the write pointer these disturbances can
be minimized or eliminated at all. It is especially proposed
that the buffer control module is operable to change the time
delay during or in connection with a change of the audio input
signal source. Keeping in mind, that the length of the time
delay is dependent on the distance and/or orientation of a
sound source and the respective delegate unit, it is normally
necessary to change the time delay as soon as the sound
source and thus the distance and orientation changes.

It is especially preferred that the second write position is
determined by the rule:

first read position+second delay time=second write
position

During change of the time delay three different situations
can be discussed:

First Time Delay=Second Time Delay

In this situation the second write position is equal to the
first write position and the write pointer does not change its
place. As a result, the remaining samples of the first audio
input signal will be rendered followed by the samples of the
second audio input signal.

First Time Delay>Second Time Delay

The write pointer is readjusted, i.e. is put back and the
samples of the second audio input signal are added to the
samples of the first audio input signal at same memory loca-
tions. As a result all samples of the first audio input signal are
output to the loudspeaker, partly overlapped by the samples of
the second audio input signal.

First Time Delay<Second Time Delay

The write pointer is readjusted, i.e. it is put forward, so that
anumber of memory locations are not filled by samples of the
first audio input signal and the second audio input signal. In
order to avoid random noise it is preferred that each memory
location which is read out by the read pointer is afterwards set
to zero, so that in this situation the samples of the first audio
input signal will be rendered, followed by a number of zeros
and then by the samples of the second audio input signal.

In yet a further development of the invention it is proposed
to fade out the first output signal and/or to fade in the second
audio signal. This development supports the aim of the inven-
tion to smooth the output audio signal. To avoid noise, espe-
cially clicks, it is proposed to apply for example a weighting
function to the first and/or second input (or output) audio
signal as soon as there is a change in the audio input source.
For example the first B new samples of the second input or
output audio signal can be weighted with a weight

with 1 the (new) sample number ranging from 0, to (B-1).
Likewise the last remaining samples of the first input/output
audio signal can be weighted with for example
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where j is ranging from 0, to MIN(B,d ), where j=0, corre-
sponds to the last received sample and j=B to the last but B
samples. In case the delay d_,;, is smaller than B then only the
last d,;; samples can and should be sampled. In other
embodiments other fade-in and/or fade-out algorithms are
possible.

In yet a further development of the invention the delay unit
comprises a control module, which is adapted to store a
lookup table or a map of possible audio sources and respec-
tive time delays or an equivalent data, so that the delay unit is
capable to find the individual time delay for a specific audio
source.

A further subject-matter of the invention relates to a
method for delaying output input signals, which is preferably
carried out by the delay unit as already described or according
to one of the preceding claims.

As already explained, a sample of a first audio input signal
is written by a write pointer to a circular buffer at a first write
position and a sample of the first audio input signal is read by
a read pointer from the circular buffer at a first read position,
whereby the distance between the first write position and the
first read position determines the first time delay. The write
and read operations are performed in an endless manner, so
that after writing the sample the write pointer is moved to a
next position determined by (old position+1) mod N,
whereby N is the length of the circular buffer. In a similar way
the read pointer is moved to the next position which is deter-
mined by (old position+1) mod N after reading.

During a change from the first audio input signal with the
first time delay to a second audio input signal with the second
time delay the write pointer is set to a second write position,
whereby the distance between the first read position and the
second write position determines the second time delay.

A further subject-matter of the invention relates to a com-
puter program with the features of claim 8.

A next subject-matter of the invention is a conference audio
system—also called a sound reinforcement system with the
features of claim 9. As according to the invention the confer-
ence audio system adds directivity to the output audio signals
the system may also be called direction faithful sound (DFS)
reinforcement system. The conference audio system com-
prises a plurality of delegate units, each delegate unit having
a delegate loudspeaker and/or a delegate microphone. As a
fact it is possible that a delegate unit has both or has only a
loudspeaker or a microphone.

A control means is employed for distributing at least one
audio input signal from at least one of the delegate micro-
phones or another sound source to a plurality of the delegate
loudspeakers, whereby the plurality of delegate loudspeakers
generate a common audio atmosphere.

In order to employ the Haas-effect as explained before
delay means are provided, which are operable to add a time
delay on the audio input signal.

According to the invention the delay means are the delay
unit or a plurality of such delay units according to one of the
preceding claims 1 to 6 or as previously described. Preferably,
the delay unit is positioned in the delegate units, in other
embodiments it is also possible to centralize all or a part of the
delay units for example in the control means and send the
delayed audio input signals as audio output signals to the
loudspeakers.
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Preferably, the time delay is dependent on the distance
and/or direction between the position of the delegate micro-
phone or sound source, respectively, generating the audio
input signal and the individual delegate loudspeaker position.
Especially each delay unit or at least the plurality of the
delegate units have an individual time delay, which is difter-
ent to the time delay of the adjacent and/or nearby delegate
units.

SHORT DESCRIPTION OF THE FIGURES

Further features, effects and advantages of the invention
are disclosed by the following description of a preferred
embodiment of the invention and the figures as attached. The
figures show:

FIG. 1 a schematic view of a congress audio system as a
first embodiment of the invention;

FIG. 2 a block diagram of a first possible realization of the
congress audio system in FIG. 1;

FIG. 3 is a schematic diagram of a circular buffer employed
in embodiments of the invention.

FIG. 4 is a schematic diagram of the circular buffer of FIG.
3 illustrating a case where a first audio delay is the same as a
second audio delay.

FIG. 5 is a schematic diagram of the circular buffer of FIG.
3 illustrating a case where the second audio delay is longer
than the first audio delay.

FIG. 6 is a schematic diagram of the circular buffer of FIG.
3 illustrating a case where the second audio delay is shorter
than the first audio delay.

DESCRIPTION OF PREFERRED
EMBODIMENTS OF THE INVENTION

In the figures similar or like parts are denoted with similar
or like reference numbers.

FIG. 1 shows a schematic view of a congress audio system
1 allowing a directional sound function based upon distrib-
uted loudspeakers. The congress audio system 1 comprises a
plurality of delegate units 2, which are interconnected by a
control means embodied as connection means 3. Most of the
delegate units 2 comprise a delegate microphone 4 and a
delegate loudspeaker 5. Some of the delegate units may only
be realized as listener units 6 having only a delegate loud-
speaker 5 or as speaker units 7 having only a delegate micro-
phone 4.

The delegate units 2 are integrated in a one-person work-
place, for example realized as a lectern, a desktop or a seat for
example in a congress hall, auditorium, lecture hall, court-
room or the like. The delegate units 2 are for example
arranged in rows and columns or in concentric circles.

In order to realize the directional sound function, the audio
signal generated by an active delegate microphone 8 of a
specific delegate unit 12 is provided with a time delay in
dependence on the distance between the specific delegate unit
12 and the delegate unit 2 with the delegate loudspeaker 5
emitting the audio signal to the listeners. The time delay is in
accordance with the acoustic velocity (sound-propagation
velocity). As a listener does not only hear his own delegate
loudspeaker 5, but also the emitted audio signals of neighbor-
ing and/or adjacent delegate loudspeakers 5, which are pro-
vided with a different time delay in dependence on their
respective distance to the specific delegate unit 12 generating
the audio signal, the sound atmosphere of the listener imitates
a directional sound resulting from the specific delegate unit
12. As explained before, the human psychoacoustic phenom-
ena of correctly identifying the direction of a sound source
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heard by both ears but arriving at different times is based on
the Haas effect, also called the precedence effect.

Returning to the schematic view of FIG. 1 and assuming
that delegate microphone 8 is set as the active delegate micro-
phone and the delegate units 9, 10 and 11 are adjacent to each
other but arranged in a ascending distance to the delegate unit
12 or the active delegate microphone 8, a first time delay dl is
added to the audio signal to be emitted by the delegate loud-
speaker 5 of the delegate unit 9, a second time delay d2, which
is longer than the first delay d1, is added to the audio signal to
be emitted by the delegate loudspeaker 5 of the delegate unit
10 and a third time delay d3 is added to the audio signal
emitted by the delegate loudspeaker 5 of the delegate unit 11,
which is longer than the time delay d2 and the time delay d1.
As the listener of the delegate unit 10 also hears the emitted
audio signals of the adjacent delegate units 9 and 11 and
maybe further delegate units (not shown) he can identify a
direction of a virtual sound source, whereby the direction of
the virtual sound source is identical to the direction to the
active microphone 8.

It shall be underlined that the audio atmosphere of the
listener at the delegate unit 10 is generated under participation
of'the delegate loudspeakers 5 of the delegate units 9, 10 etc.
next to the delegate unit 10. Although the sound from the
adjacent delegate units 9 and 11 is significantly lower than the
sound emitting from the delegate unit 10 it is still possible to
recognize the direction of the virtual sound source, respec-
tively the active microphone 8, as the Haas effect is also true
even in case the volume of the audio signals arriving at both
ears of the listeners is different.

FIG. 2 shows a first possible embodiment of the congress
audio system 1 comprising a plurality of the delegate units 2.

In this embodiment the connection means 3 is realized as a
plurality of parallel channels, for example wires, whereby
each delegate microphone 4 is connected to an individual
microphone channel 13 and each delegate loudspeaker 5 is
connected to a plurality of loudspeaker channels 14. All
microphone channels 13 and all loudspeaker channels 14 are
connected with a control unit 15, which allows a central audio
processing for example in view of volume and tone control,
equalizing, acoustical feedback, suppression and/or scram-
bling to hide the identity of the speaker (for example used in
courtrooms) etc.

In case and as it is shown in FIG. 2 more than one delegate
microphone 8 is active, for each active delegate microphone 8
one of the microphone channels 13 is used to transport the
audio signals to the control unit 15. The same number of the
loudspeaker channels 14 is used to transfer the audio signals
from the control unit 15 to the delegate units 2. Each delegate
unit 2 is connected to each of the active loudspeaker channels
14 in order to receive the audio signals resulting from the
active delegate microphones 8. The delegate unit 2 comprises
a delay unit 16, which is operable and/or adapted to add an
individual time delay to each of the audio signals. The indi-
vidual time delay is dependent on the distance between the
respective delegate unit 2 and the active microphone 8 of the
respective audio signal. So in this case three different time
delays d21, d22, and d23 are added to the delegate unit 10.
Accordingly, individual time delays d11, d12, d13 and d31,
d32, d33 are added to the delegate units 9 and 11, respectively.
The length of the time delays d11 to d33 is estimated by the
delay unit 16, for example on basis of an encoded position
stamp in the audio signals, on basis of the selection of the
loudspeaker channel 14, etc. In another embodiment the
microphone channels 13 and the loudspeaker channels 14 are
realized as an audio data stream channel, whereby the audio
signals are digital or analog represented.
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FIG. 3 shows a schematic view of a circular buffer 17,
which is employed in the delay unit 16. The circular buffer 17
shows a plurality of memory locations 0, . . . (N-1) arranged
in a circular shape. The shape does only represent the archi-
tecture of the circular buffer 17, the physical representation
may be arranged in another way, for example in rows. A write
pointer W and a read pointer R are used to write and read,
respectively, samples of the audio input signal in the memory
locations. Both pointers W, R are moving in a clockwise
direction so that the write pointer W writes samples 51 from
the input audio signal to the circular buffer 17 and the read
pointer R reads these segments 51 from the circular buffer 17.
After each writing or reading step the pointers R, W are
moved to the next memory location. Furthermore, after read-
ing a memory location this memory location is set to zero.

The distance between the write pointer W and the read
pointer R determines the time delay d_,,, generated by the
delay unit 16.

In case the audio input signal source changes, for example
a new speaker starts to speak, a changeover from the first
audio input signal to the second audio input signal must be
performed. Furthermore it is possible that processing the
second audio input signal may require another time delay, as
the new speaker may be situated at another position as the first
speaker.

FIG. 4 illustrates the case when the time delay of the first
audio input signal D, ,, is the same as the time delay D,,,,, of
the second audio input signal. In this case the write pointer W
finishes writing samples S1 of the first audio input signal and
starts to write down samples S2 of the second audio input
signal. The changeover will be performed without involving
any problems.

FIG. 5 shows the case, when the time delay of the second
audio input signal is longer than the time delay of the first
audio input signal. In this case the write pointer W is moved
from its old position to a new position, which is determined by
the new time delay of the second audio input signal. As the
read pointer erases the samples after reading the circular
buffer 17 is filled with samples S1 of the first input audio
signal, then with a plurality of zeros and then with samples S2
of the second audio input signal. In this case the first audio
input signal will stop, a short period of'silence will follow and
then the second audio input signal will start.

FIG. 6 shows the case when the time delay of the second
audio input signal is shorter than the time delay of the first
audio input signal. In this case the write pointer W will be
moved counter-clockwise and will arrive at a memory loca-
tion, which is already filled with a sample S1 of'the first audio
input signal. In this case the delay unit 16 or the write pointer
W will write the sample S2 additionally into the memory
location, so that both audio input signals will overlap for some
time.

In order to improve the changeover between the two audio
input signals it is contemplated to fade out or fade in the
respective signals by known fading algorithms.

The invention claimed is:

1. A delay unit (16) allocated to a single delegate unit of a
conference audio system (1) having a first audio input signal
and a second audio input signal, the delay unit (16) adapted to
delay the first and second audio input signals for an adjustable
time delay, thereby generating an audio output signal, the
delay unit (16) comprising

a circular buffer (17);

a write pointer (W) to write a sample (S1) of the first audio

input signal to the circular buffer (17) at a first write
position;
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a read pointer (R) to read a sample from the circular buffer
(17) at a first read position as a sample of a first output
signal, whereby the distance between the first write posi-
tion and the first read position determines a first time
delay (d,);

a buffer control module adapted to move the write pointer
(W) to a next position after writing and to move the read
pointer (R) to a next position after reading;

whereby the buffer control module is adapted to adjust a
second time delay (d,,.,,) by moving the write pointer
(W) to a second write position to write a sample (S2) of
the second audio input signal to the circular buffer (17)
at the second write position, whereby the distance
between the first read position and the second write
position determines the second time delay (d,,.,.);
wherein the buffer control module is adapted to adjust the

time delay during a change from the first audio input
signal with the first time delay to a second audio input
signal with the second time delay.
2.Thedelay unit (16) according to claim 1, characterized in
that the second write position is determined by the rule:

first read position +second delay time =second write
position.

3.Thedelay unit (16) according to claim 1, characterized in
that the buffer control unit is adapted to zero a location of the
circular buffer after reading the sample from the location.

4.Thedelay unit (16) according to claim 1, characterized in
that the buffer control unit is adapted to partly overlap
samples of'the first signal (S1) and samples of a second signal
(S2) in case the second delay (d,,.,,) is smaller than the first
time delay (d,;,)-

5. The delay unit (16) according to claim 1, characterized
by a processing unit, which is adapted to fade out the first
audio signal.

6. A conference audio system (1) comprising

a plurality of delegate units (2),

a control means (15) for distributing at least one audio
signal from at least one sound source to a plurality of the
delegate loudspeakers (5), the plurality of delegate loud-
speakers (5) generating a common audio atmosphere,

delay means (16) operable to add a time delay on the audio
signal,

whereby the delay means comprise the delay unit accord-
ing to claim 1.

7. The conference audio system (1) according to claim 6,
characterized in that the time delay is determined based on a
distance between the position of the sound source generating
the audio signal and the individual delegate loudspeaker (5)
position.

8. The conference audio system (1) according to claim 6,
wherein each delegate unit (2) has a delegate loudspeaker (5)
and a delegate microphone (4).

9. The conference audio system (1) according to claim 6,
wherein each delegate unit (2) has a delegate loudspeaker (5).

10. The conference audio system (1) according to claim 6,
wherein each delegate unit (2) has a delegate microphone (4).

11. The conference audio system (1) according to claim 6,
wherein the sound source is one or more delegate micro-
phones (4).

12. The delay unit (16) according to claim 1, characterized
by a processing unit, which is adapted to fade out the first
audio signal and to fade in the second audio signal.

13. The delay unit (16) according to claim 1, characterized
by a processing unit, which is adapted to fade in the second
audio signal.
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14. A method for delaying audio input signals for an adjust-
able time delay, carried out by a delay unit (16) having a first
audio input signal and a second audio input signal and a
circular buffer (17), the delay unit (16) adapted to delay the
first and second audio input signals for an adjustable time
delay, thereby generating an audio output signal, the method
comprising:

writing a sample (S1) of the first audio input signal by a

write pointer (W) to the circular buffer (17) at a first
write position;

reading a sample of the first audio input signal by a read

pointer (R) from the circular buffer (17) at a first read
position, whereby the distance between the first write
position and the first read position determines a first time
delay (d,;,);

moving the write pointer (W) to a next position after writ-
ing and the read pointer (R) to a next position after
reading;

10

15

10

setting, by the delay unit, the write pointer to a second write
position during a change from the first audio input signal
with the first time delay (d,,,) to the second audio input
signal with a second time delay (d,,, ), whereby the
distance between the first read position and the second
write position determines the second time delay.

15. A non-transitory computer readable medium contain-
ing a computer program comprising program-code for carry-
ing out the method according to claim 14, when the computer
program is carried out on a computer.

16. A non-transitory computer readable medium contain-
ing a computer program comprising program-code for carry-
ing out the method according to claim 14, when the computer
program is carried out on a computer and a delay unit.

17. A non-transitory computer readable medium contain-
ing a computer program comprising program-code for carry-
ing out the method according to claim 14, when the computer
program is carried out on a delay unit.

#* #* #* #* #*



