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DESCRIPTION

[0001] The present invention relates to a method according to the preamble of Claim 1.
[0002] The invention also relates to an apparatus relating to the method.

[0003] According to the prior art, calibration methods are known, in which a test signal is fed to a loudspeaker. The response to
the test signal is measured using a measuring system and the frequency response of the system is adjusted to be as even as
possible using an equalizer.

[0004] A drawback of the state of the art is that in, for example, interference situations, the measuring arrangement must always
be renewed and this is a time-consuming operation that thus increases costs.

[0005] Related prior art teaching may be found in the following documents: US2006/0062405 A1, US5,572,443 A and
US2005/0069153 A1.

[0006] The invention is intended to eliminate the defects of the state of the art disclosed above and for this purpose create an
entirely new type of method and apparatus for calibrating sound-reproduction equipment.

[0007] The invention is based on recording the measurement result of the sound-reproduction equipment as such in the system
and at the same time also recording the parameters of the equalization filter formed. The operator is permitted to make further
settings for the filter with the aid of the recorded measurement results. The results of the alteration to the filtering are displayed to
the operator in real time and the alteration data are applied in the loudspeaker.

[0008] According to a second preferred embodiment of the invention, the active loudspeaker is equipped with a signal generator,
which can be used to form a logarithmically scanning sinusoidal test signal.

[0009] According to a third preferred embodiment of the invention, the level of the measuring signal is adjusted in such a way as
to achieve the greatest possible signal-noise ratio.

[0010] According to a fourth preferred embodiment of the invention, the phase of the main loudspeaker and the subwoofer is set
to be the same at the crossover frequency, with the aid of a sine generator built into the active subwoofer loudspeaker.

[0011] According to a fifth preferred embodiment of the invention, a logarithmic sine signal is used to equalize the frequency
responses of the loudspeakers at the listening positioning (the location of the microphone), in order to eliminate differences in the
mutual levels and time-of-flight delays of the loudspeakers in the loudspeaker system.

[0012] More specifically, the method according to the invention is characterized by what is stated in the characterizing portion of
Claim 1.

[0013] The apparatus according to the invention is, in turn, characterized by what is stated in the characterizing portion of Claim
10.

[0014] Considerable advantages are gained with the aid of the invention.

[0015] With the aid of the method according to the invention, the operator is able to alter the settings of the loudspeaker in real
time and see the effects of the settings without additional measurements. The operator gains a considerable saving in time, as a
risk of interference is associated with each acoustic measurement. If the risk is realized, the measurement must be repeated.

[0016] According to the second preferred embodiment of the invention, because the test signal is not fed from the computer to
the loudspeaker, but arises in the loudspeaker, there are no other distortions or changes created in the test signal besides the
acoustic response.

[0017] In the following, the invention is examined with the aid of examples and with reference to the accompanying drawings.

Figure 1 shows a block diagram of one system suitable for the method according to the invention.
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Figure 2 shows a second calibration circuit according to the invention.

Figure 3 shows graphically the signal according to the invention, which the computer sound card records.
Figure 4 shows graphically a typical measured signal in the calibration arrangement according to the invention.
Figure 5 shows graphically the test signal generated by the loudspeaker.

Figure 6 shows as a flow diagram the method according to the invention.

[0018] In the invention, the following terminology is used:

1

loudspeaker
2

loudspeaker control unit
3

acoustic signal
4

microphone
5

preamplifier
6

analog summer
7

sound card
8

computer
9

measuring signal
10

test signal
11

USB link
12

control-network controller
13

control network
14

IO line
15

signal generator
16

loudspeaker element
18

interface device
50

calibration signal

[0019] Figure 1 shows an apparatus totality, in which loudspeakers 1 are connected to a computer 8 through a control network
13, by means of an interface device 18.

[0020] The interface device 18 contains a control-network controller 12 according to Figure 2, a preamplifier 5 and an analog
summer 6, to which an IO line 15 coming from the control-network controller, through which IO line a test signal 10 is transmitted
to the summer, is connected.
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[0021] Figure 2 contains the same functions as Figure 1, but only one loudspeaker 1 is shown, for reasons of clarity.

[0022] Figure 2 shows the apparatus totality of the invention, in which the loudspeaker 1 produces an acoustic signal 3. For test
purposes an acoustic signal 3 is created from an electrical calibration signal formed by the generator 15 of the control unit 2 of
the loudspeaker itself. The control unit 2 typically contains an amplifier thus making the loudspeaker (1) an active loudspeaker.
The test signal is preferably a sinusoidal scanning signal, such as is shown graphically, among others, in Figure 6. The frequency
of the calibration signal 50 (Figure 5) is scanned over the range of human hearing, preferably in such a way that this starts from
the lowest frequencies and the frequency is increased at a logarithmic speed towards the higher frequencies. The generating 50
of the calibration signal is started by a signal brought to the control unit 2 of the loudspeaker 1 over the control bus 13. The
acoustic signal 3 is received by the microphone 4 and amplified by a preamplifier 5. In the analog summer 8, the signal coming
from the preamplifier 5 is combined with the test signal 10, which is typically a square wave. The analog summer 6 is typically a
circuit implemented using an operation amplifier. The test signal 10 is obtained from the control unit 12 of the control network. In
practice, the test signal can be obtained directly from the 10 line 14 of the microprocessor of the control unit of the control
network.

[0023] Thus, according to the invention the acoustic measuring signal 3 can be initiated by remote control through the control
bus 13. The microphone 4 receives the acoustic signal 3, with which the test signal 10 is summed. The sound card 7 of the
computer 8 receives a sound signal, in which there is initially the test signal and then after a specific time (the acoustic time-of-
flight) the response 9 of the acoustic signal, according to Figure 2.

[0024] Figure 3 shows the signal produced in the computer's sound card 7 by the method described above. The time t4 is a
randomly varying time caused by the operating system of the computer. The time t2 to the start of the acoustic response 9 is
mainly determined on the basis of the acoustic delay (time of travel), and random variation does not appear in it. The acoustic
response 9 is the response of the loudspeaker-room system to the logarithmic sinusoidal scanning, the frequency of which is
increasing.

[0025] In the first preferred embodiment of the invention, in which the frequency response of an unknown sound card is
calibrated, the procedure is as follows. The pulse shape is generated by the controller 12 of the control network, which is
connected to the computer's 8 sound card 7 and preferably to the computer's USB bus 11. Under the control of a program run by
the computer, the control-network controller produces the test signal 10. The sound card 7 is used to record the received pulse
shape, which arises as the response of the input of the computer 8 sound card 7 to the test signal.

[0026] A pulse wave 10 (in which there are two values: zero and a voltage corresponding to one) produced by the digital IO line
14 can be used as the input pulse.

[0027] The input pulse 10 can be summed (analogically) with the microphone signal.

[0028] The test signal 10 recorded in the sound card changes its shape due to the filtering caused by the sound card. It is known
that the frequency response of the sound card is a bandpass frequency response, which includes a high-pass property (at low
frequencies) and a low-pass property (at high frequencies). The original shape 10 of the test signal is known to the computer. A
model, in which the original test signal travels through a filter depicting the filtering properties of the sound card, is applied to the
recorded test signal 10. In a preferred implementation, the parameters of the transfer function of the filter are selected with the
aid of optimization using an adaptation method, in such a way that the filtered test signal 10 produced by this model corresponds
in shape as accurately as possible to the real test signal recorded by the sound card. The frequency response H (b,a), in which b
and a are the parameters of the frequency-response model, caused by filtering, will then have been defined.

[0029] Using the frequency response thus defined, an equalizer is formed, by means of which the frequency response H can be
equalized with the frequencies corresponding to the range of human hearing. The equalization thus defined is used later, when
the acoustic responses are measured. When the measured acoustic response is corrected using this equalization, the filtering
caused by the sound card is corrected at the frequencies in the range of human hearing.

[0030] The selection of the structure and degree of the transfer function being modelled can be used to affect the accuracy and
the speed of the measurement.

[0031] According to the second preferred embadiment of the invention, the voltage of the test signal 15 produced by the IO line
14 is set to a specific value.
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[0032] In this method, the generation of the known test signal 10 is combined to be part of the command that initiates the
calibration signal 50 (log-sine scanning) produced by the loudspeaker.

[0033] The computer 8 records the signal, which consists of three parts. First is the test signal 10, after it silence, the third to
arrive at the microphone being the acoustic signal 3 produced by the loudspeaker, which is recorded as the response 9. The
following can be read from the recorded information:

With the aid of the voltage of the test signal, the magnitude of the digital word recorded in the computer can be measured in volts.
(Because the height of the pulse in volts can be known beforehand and the magnitude of the digital representation of the pulse
can be examined from the stored signal.)

The time tp between the start of the test signal 10 and the start of the acoustic response 9 depicts the distance of the
loudspeaker 1 from the measuring microphone 4, and by using this information it is possible to calculate the distance of the
loudspeakers 1 (reproducing the entire audio band) from the measuring point. Most advantageously this takes place by taking as
the initial data for the FFT calculation a signal, which includes the signal recorded by the sound card 7 beginning from the start of
the test signal 10 (the start of the time to in Figure 3) and setting the test signal 10 in it to zero before beginning the calculation.

[0034] The command to generate the test signal comes from the computer 8. In practice however, it will be observed that the
delay (Figure 3, tq) after which the command leaves, varies independently of the operating system (Windows, Mac OS X). This
delay is random and cannot be predicted. Once the command has left, and because the command and test signal are linked to
one and the same function, there is always a known and constant time from the generation of the test signal to the start of the
generating of the measuring signal (i.e. the calibration signal). In addition to this, there is a time, which is affected only by the
distance between the loudspeaker and the measuring microphone, to the start of the acoustically recorded measuring signal.

[0035] According to the third preferred embodiment of the invention, a generator 15, which produces a calibration signal 50 that
is precisely known beforehand, is built into the loudspeaker 1.

[0036] The calibration signal produced by the generator 15 is sine-scanning, the speed of which frequency scanning increases
in such a way that the logarithm of the frequency at the moment is proportional to the time, log(f) = k t, in which f is the momentary

frequency of the signal, k is a constant defining speed, and t is time. The increase in frequency accelerates as time passes.

[0037] Because the test signal is precisely defined mathematically, it can be reproduced in the computer accurately, irrespective
of the test signal produced by the loudspeaker 1.

[0038] Such a measuring signal contains all the frequencies while the crest factor (the relation of the peak level to the RMS level)
of the signal is very advantageous in that the peak level is very close to the RMS level, and thus the signal produces a very good

signal-noise ratio in the measurement.

[0039] As the signal 50 (Figure 5) starts moving from the low frequencies and its frequency increases, the signal operates
advantageously in rooms with a reverberation time that is usually longer at low frequencies than at high frequencies.

[0040] The generation of the calibration signal 50 can be initiated using a command given through remote control.

[0041] According to the fourth preferred embodiment of the invention, the magnitude of the calibration signal 50 produced in the
loudspeaker can be altered through the control network 13.

[0042] The calibration signal 50 is recorded. The magnitude of the acoustic response 9 of the calibration signal 50 relative to the
calibration signal is measured. If the acoustic response 9 is too small, the level of its calibration signal 50 is increased. If the
acoustic response 9 is peak limited, the level of the calibration signal 50 is reduced.

[0043] The measurement is repeated, until the optimal signal-noise ratio and level of the acoustic signal 9 have been found.

[0044] Level setting can be performed for each loudspeaker separately.

[0045] Because the extent to which the level has been altered is controlled by the computer 8 and thus known, this information
can be taken into account when calculating the results, so that a reliable measurement result, which is scaled correctly relative to
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the level, will be obtained irrespective of the distance.

[0046] According to the fifth preferred embodiment of the invention, an internal sine generator is used in the subwoofer. The
phase of the subwoofer is adjusted from the computer through the control network 13 and the acoustic signal is measured using
the microphone.

[0047] Setting the subwoofer and the main loudspeaker to the same phase at the crossover frequency takes place in two stages.

Stage 1: the levels of the subwoofer and the reference loudspeaker are set to be the same by measuring one or both levels
separately and setting the level produced by each loudspeaker.

Stage 2: both loudspeakers repeat the same sine signal, which the subwoofer generates.

The common sound level is measured by the microphone.

The phase is adjusted and the phase setting at which the sound level is at a minimum is sought. The loudspeaker and subwoofer
are then in an opposing phase.

The subwoofer is altered to a phase setting that is at 180 degrees to this, so that the loudspeaker and the subwoofer are in the
same phase and thus the correct phase setting has been found.

[0048] According to the sixth preferred embodiment of the invention, the acoustic impulse response of all the loudspeakers 1 of
the system is measured using the method described above. Such a calibration arrangement is shown in Figure 3.

[0049] The frequency response is calculated from each impulse response.
[0050] The distance of the loudspeaker is calculated from each impulse response.

[0051] On the basis of the frequency response, settings of the equalizer filter that will achieve the desired frequency response in
the room (even frequency response) are planned.

[0052] The (relative) sound level produced by the equalized response is calculated.

[0053] Adelay is set for each loudspeaker, by means of which the measured response of all the loudspeakers contains the same
amount of delay (the loudspeakers will appear to be equally distant).

[0054] Alevel is set for each loudspeaker, at which the loudspeakers appear to produce the same sound level at the measuring
point. The level of each loudspeaker can be measured from the frequency response, either at a point frequency, or in a wider
frequency range and the mean level in the wider frequency range can be calculated using the mean value, RMS value, or
median. In addition, different weighting factors can be given to the sound level at different frequencies, before the calculation of
the mean level. The frequency range and the weighting factors can be selected in such a way that the sound level calculated in
this way from the different loudspeakers and subwoofers is subjectively as similar as possible. In a preferred implementation, the
mean level is calculated from the frequency band 500 Hz - 10 kHz, using the RMS value and in such a way that all the frequencies
have the same weighting factor.

[0055] The subwoofer(s) phase is then adjusted as described above.

[0056] According to Figure 6, in stage 60 of the invention the response of the loudspeaker 1 is measured, in stage 61 the
operator is shown the measurement results without equalization, and in stage 62 the operator is permitted to make corrections to
the equalization, on the basis of the first measurement 60. The effects of the alterations to the response are calculated and
displayed to the operator and implemented through 63 the settings of the loudspeaker.

[0057] In practice, in the method according to the invention the operator is thus permitted to create a newfilter with the aid of the
control system and at the same time the effects of the filter on the acoustic measurement are displayed to the operator in real
time, without a need for a new measurement. With the aid of the control system, the alterations to the filter are transmitted in real
time to the loudspeaker, so that the operator can simultaneously hear the results of the alteration to the filter, in addition to being
able to see the results of the alteration in real time as a graphical presentation on the display of the computer.

[0058] In the present application the term audio frequency range refers to the frequency range 10 Hz - 20 kHz.
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[0059] In a preferred implementation, the stages described above are performed in the following order:

¢ the acoustic responses of all the loudspeakers are recorded with the aid of the computer sound card,

o the impulse response of the loudspeaker is calculated from each of the responses,

¢ the time of travel of the sound is measured from each impulse response and the distance of the loudspeaker is calculated
on its basis,

s on the basis of the distance of each loudspeaker, the additional delay that makes the time of travel of the sound coming
from the loudspeaker the same as that of the time of travel of the other loudspeakers is calculated,

e the frequency response is calculated from each impulse response,

¢ on the basis of the frequency responses, the levels of the loudspeakers are calculated,

» a correction is calculated for each loudspeaker, which will make its level the same as that of the other loudspeakers.

REFERENCES CITED IN THE DESCRIPTION
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Patentkrav

1. Fremgangsmade i et lydreproduktionssystem, i hvilken
- et elektrisk kalibreringssignal (50) dannes,

5 - et lydsignal (3) dannes fra kalibreringssignalet (50) i en hgjtaler af et
hgjtalersystem (1),

- responsen (9) af lydsignalet (3) males (60) og analyseres, og
kendetegnet ved at

- en operatgr tillades at foretage andringer (62) af indstillingerne af
10 hgjtalersystemet (1) pd baggrund af den udfgrte méling,

- effekterne af andringerne beregnes og vises til operatgren uden

yderligere malinger, og

- gendringerne implementeres (63) i realtid i hgjtalersystemet (1).

15 2. Fremgangsmade ifglge krav 1, kendetegnet ved at scanningshastigheden af

kalibreringssignalet (50) er logaritmisk.

3. Fremgangsmade ifglge krav 1 eller 2, kendetegnet ved at scanningen af
kalibreringssignalet (50) startes fra de laveste frekvenser.
20

4. Fremgangsmade ifglge krav 1, kendetegnet ved at dataene vises pd displayet
af computeren (8).

5. Fremgangsméde ifglge krav 1, kendetegnet ved at fremgangsmaden
25 anvendes til at bestemme afstanden af hgjtaleren (1).
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2

6. Fremgangsmade ifglge krav 1, kendetegnet ved at fremgangsmaden
anvendes til at indstille fasen af subwooferen og hovedhgijtaleren til at veere den

samme ved overgangsfrekvensen.

5 7. Fremgangsmade ifglge krav 1, kendetegnet ved at fremgangsmaden
anvendes til at egalisere (1), dvs. kalibrere responsen af alle hgjtalerne af

systemet, i lytterummet.

8. Apparat i et lydreproduktionssystem, der omfatter
10 - en hgjtaler (1),
- styreapparat (2) til hgjtaleren (1),
- signal- og styreforbindelser (13) til hgjtaleren,
- en mikrofon (4) til at méle responsen af hgijtaleren, og

- analyse- og styreapparater (12, 8, 18) til at analysere og indstille signalet

15 (9) opnaet fra mikrofonen, p& baggrund af analyseresultaterne,
kendetegnet ved at apparatet omfatter organ, med hvis hjeelp:

- en operatgr tillades at foretage andringer (62) til indstillingerne af
hgjtalersystemet (1), p& baggrund af den udfgrte maling,

- organ (8) til at beregne effekterne af zendringerne og praesentere dem for
20 operatgren uden yderligere malinger, og

- organ (8, 18) til at implementere (63) eendringerne i realtid i
hgjtalersystemet (1).

9. Apparat ifglge krav 8, kendetegnet ved at hgjtaleren (1) omfatter organ til at

25 danne et i alt vaesentligt sinusformet elektrisk kalibreringssignal med variabel
frekvens (50), i hvilket tilfaelde kalibreringssignalet scanner mindst i alt vaesentligt
igennem hele lydfrekvensomradet.
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10. Apparat ifglge krav 8 eller 9, kendetegnet ved at scanningshastigheden af
kalibreringssignalet (50) er logaritmisk.

11. Apparat ifglge krav 9 eller 10, kendetegnet ved at scanningen af
kalibreringssignalet (50) startes fra de laveste frekvenser.

12. Apparat ifglge krav 8, kendetegnet ved at apparatet anvendes til at

bestemme afstanden af hgjtaleren (1).

13. Apparat ifglge krav 8, kendetegnet ved at apparatet anvendes til at indstille
fasen af subwooferen og hovedhgijtaleren til at vaere den samme ved

overgangsfrekvensen.

14. Apparat ifglge krav 8, kendetegnet ved at apparatet anvendes til at
egalisere (1), dvs. kalibrere responsen af alle hgjtalerne af systemet, i

lytterummet.

15. Apparat ifglge et hvilket som helst af de foregdende krav, kendetegnet ved
at hgjtaleren er en aktiv hgjtaler, dvs. den indeholder en forstaerker.
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