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1 Practical Measurement Problems
1.1 Causes and impacts
Anyone involved in room acoustical measurements for the first time will probably find more
than once that measurements turn out in a different way than expected or intended.
One of the major problems during a measurement session is the often unavoidable time
pressure, imposed by owners or builders of the room to be measured. In particular when you
have to carry out many measurements in a relatively short time span, a simple interference or
disturbance of any kind or insufficient insight into the acoustical situation on site may compel
you to stop the measurement session and to take home insufficient (at first sight) or partly
incorrect measurement data. Nevertheless, with some additional effort, it is still possible in
many cases to derive sufficient, albeit not fully standard compliant information from the
measurement results.
If the measurement results are to be used for scientific research purposes, then you have to
make sure that the measurements can be carried out with the highest possible accuracy. In this
case it is important to quickly recognize certain effects, such as those due to the acoustics or
deficiencies in the measuring equipment, and to decide and act accordingly. Knowledge as
well as routine is required.
This document intends to clarify where you should pay special attention before and during a
measurement session, what problems may occur and how you can avoid or solve these.
Chapter 2 lists attention points related to measuring impulse responses in general. In the
subsequent chapters impulse response graphs are shown in order to explain several kinds of
acoustical effects, errors and deficiencies.

1.2 Judging impulse responses
There are 3 important ways to judge the quality (usefulness) of a measured impulse response:
1. By visual inspection of the impulse response, being the first graph on screen after a
measurement. The impulse response is the full bandwidth sound pressure p(t) as a
function of time and is displayed as such in Dirac using the AllPass filter. The start and
the end of an impulse response should be straight lines.
2. By listening to the measured impulse response, unfiltered or (third) octave band filtered.
For this purpose, do not use the measurement loudspeaker sound source in the room under
test, but instead use a good quality closed headphone. The built-in loudspeakers of a
laptop are typically of too poor a quality to be helpful.
3. Using the Impulse response to Noise Ratio (INR) for each of the (third) octave frequency
band filtered versions of the impulse response. Dirac shows this parameter in table format
or graphically. INR values exceeding 35 dB indicate sufficient impulse response quality.
4
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2 Choosing and Using Hardware Components
2.1 Quality
If you have any doubt about the proper functioning of a hardware component in the
measurement chain, replace it or have it revised. In this instance “proper” means “stable”
rather than “accurate”. For instance, to measure room acoustical parameters, it will be no
problem when the measurement chain frequency response is not very flat, because this can be
compensated for within the software. Therefore, small absolute errors or relative errors play
only a minor role. However, if during the measurements any transfer characteristic could
change in an unknown way, such as with a loose connection, the measurement results would
become unreliable.

2.2 Selection criteria
A measurement set for an External Impulse measurement comprises one or more
microphones, cables, a laptop computer with sound device and an impulsive sound source,
such as an alarm pistol. To carry out an Internal MLS or Sweep measurement, a power
amplifier and a loudspeaker sound source replace the impulsive sound source. The actual
components of a measurement set, such as the number and type of microphones, cable
lengths, sound device quality, amplifier output power, the pistol caliber and the type of
loudspeaker sound source, depends on the answers to the following questions.
1. What is your measurement goal? If you want to obtain a good impression and use the
results to give advice, a couple of simple External Impulse measurements will do. If you
want to investigate for instance the position-dependency of the Clarity in a room, then the
measurements should be carried out using an omni-directional loudspeaker sound source,
as specified in the ISO 3382 standard [1]. Measurements aiming at information at very
low frequencies (e.g. vibration transfer measurements) or very high frequencies (e.g. scale
model measurements) require special sound devices; for laptops these will normally be
PCMCIA or USB based devices.
2. Which parameters do you want to measure? Most room acoustical parameters can be
measured using only one omni-directional microphone. Spaciousness parameters require a
matched pair of microphones, one of which is omni-directional while the other may be
either omni- or bi-directional. The sound Strength G can only be measured accurately
using an omni-directional loudspeaker sound source, because practical impulsive sound
sources lack reproducibility and omni-directivity. For unamplified talker speech
intelligibility measurements a sound source with certain directivity is prescribed, such as a
small loudspeaker or artificial mouth.
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3. What kind of room are you going to measure? Measurements on the flat floor of a gym
are carried out faster than measurements in a large concert hall with inclined floor,
balconies and chairs you have to climb around and that cause cables to get stuck.
4. How are the measurement conditions on site? The room volume, the background noise
level and the (estimated) reverberation time determine the pistol caliber or the amplifier
output power. If the reverberation times are relatively long and the background noise level
high, you may want to consider 2-channel measurements, using 2 separate omnidirectional microphones. For instance, a long reverberation time demands a long sweep
period and a high background noise level requires averaging over many measurements.
This could imply that the total time available for a measurement session is too short when
using only a single microphone.
5. What are the room dimensions? For example, the maximum distance between the
microphone and the laptop PC determines the microphone cable length.

2.3 Cables and plugs
1. Choose single piece cables. A cable consisting of different pieces and coupling parts is
very susceptible to disturbances and difficult to handle. Beyond that, it is hard to keep a
good overview, which may cause you to forget packing some parts during the preparation
or at the end of a measurement session. A checklist would become unnecessary long.
2. Choose one length for each cable type such that you can measure the ‘largest room
possible’. This is normally true for the cable between microphone and laptop PC. Note
however that long cables may cause a 50 or 60 Hz hum in the system, due to induction
from the electrical mains. Therefore, when you have to cover a long distance by cable, it is
recommended to use a low output impedance microphone or sound pressure level meter,
as well as a symmetrically configured 3-pole cable.
3. Choose plugs that stay firmly connected during the measurements, not tending to release
suddenly upon any loudspeaker or microphone movement. Examples are the well known
XLR, BNC and Speakon (audio power) connectors, each provided with a bayonet and/or
press locking mechanism. Each of these plugs can be connected firmly to the apparatus
mechanically, and protected against short-circuiting. This is particularly true for the
Speakon connector. With regard to the cable connections, weak links in the whole chain
can normally be found at the laptop PC and sound pressure level meters. These
components make use of 3.5 mm Jack or 2.5 mm mini-Jack plugs. Provide strain relief at
these locations, for instance using tie wraps.
4. Tie cables that are close to the laptop PC, power supplies, amplifiers, etcetera to fixed
objects in the room, using tie wraps. Make sure that no cable is tensioned, and that some
buffer cable is present close to the fixed objects , e.g. by partly rolling it up. While
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moving a loudspeaker or microphone, hold its cable as well, in order to minimize the risk
of any damage to the plug connections. Tie the cable at the microphone or loudspeaker
position to its stand at the lowest possible position. Stumbling over this cable will then
only cause the microphone or source to move a bit.
5. When you use a low impedance loudspeaker sound source, a very long loudspeaker cable
may affect the measurement. Therefore do not choose unnecessarily long loudspeaker
cables. As a rule of thumb for typical flexible copper conductor cables, choose d·Z/L J 0.4
mm2·K/m, where d is the cable conductor diameter, Z is the nominal loudspeaker sound
source impedance and L is the cable length.
6. Binding ‘neatly’ together mains, loudspeaker and microphone cables may cause a 50 or 60
Hz hum and other parasitic signals due to crosstalk. Keep different cable types apart from
each other. Particularly with long lengths it is better to lay cables to a certain extent
randomly through the room rather than guiding them in parallel close to each other.

2.4 Know your set
1. Once you have a chosen measurement set that seems to function well, do not change it for
the following reasons:
•

A permanent measurement set helps you to avoid mistakes, because you are always
using the same components. When you are used to a set, you will immediately notice
any change of composing parts or their behaviour.

•

If you want to measure the Strength (a parameter indicating the loudness of a room),
you have to calibrate the measurement set in a reverberation room. After changing the
measurement set, for instance by increasing a cable length substantially, you would
have to redo the system calibration. Obviously, you can avoid the need for a
recalibration by carefully choosing the system components. Not only note the type
numbers, but also the serial numbers: properties of two identical types of microphones
or loudspeakers are normally not the same.

•

If in addition the permanent measurement set is given its own place, including all
components, measurement preparation efforts are simply minimized. Only one
checklist has to be used, which will avoid mistakes.

2. Gain measuring experience. Rehearse with the chosen measurement set by building it up
several times, testing it, and carrying out measurements under different conditions and in
different rooms. Take a close look at the graphs and tables and try to explain the effects
that you see. Practise determining the quality of a measurement and recognizing erroneous
measurements, using the manual, this document and the experience of other people. You
can compare it with driving a car: you not only have to control the car, but you also have
to handle situations that may be very difficult sometimes.
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3 Soundcard Calibration
3.1 Why calibrating the soundcard
Standard soundcards or equivalent external sound devices, together with the often poorly
written device drivers, are normally intended for games or playing back signals and they
differ much in properties and quality. Although you can use Dirac with these soundcards
without calibration, it is recommended to perform an automatic soundcard calibration.
1. Soundcard calibration determines the optimal playback and recording volume slider
settings. The optimum is defined as the setting at which the resulting THD+N (total
harmonic distortion plus noise) is minimal. Finding the optimum manually would be a
tedious job. The optimum setting is shown in the Measurement window as the maximum
playback slider position and the minimum recording slider position.
2. Soundcard calibration translates all available playback and recording volume slider
settings into dB values. These will automatically be taken into account and saved with
each measured impulse response. Sound devices basically use fixed step sizes of 0.5, 1 or
1.5 dB, but actually step sizes deviate from device to device and from step to step, while
steps may be even skipped.
3. Soundcard calibration equalizes the closed-loop frequency characteristic. This is
particularly useful with most integrated sound devices in desktop or laptop PC’s, because
they may not have a flat frequency characteristic from 45 Hz to 11.3 kHz, which is the
widest relevant range for acoustical parameters. More professional soundcards have a
specified wide frequency range and a flat frequency response and (only) in that respect
would not need to be calibrated.
4. Soundcard calibration mutes all unused channels, sets all unused volume sliders minimal
and spectrum sliders neutral and switches off all unused effects, such as 3D and surround
sound.
5. If the sound is calibrated, when quitting, Dirac will restore all mixer settings as they were
before starting Dirac.

3.2 Troubleshooting
To check whether the soundcard is calibrated correctly:
1. Start Dirac and open the Measurement window. If all visible sliders are at maximum, then
either the soundcard is not calibrated, or in the Options dialog box (Setup menu), the
checkbox “Use soundcard calibration” is unchecked.
2. Connect the soundcard line output to the line input, using an appropriate cable, which for
most laptop PC’s is a shielded 3.5 mm stereo jack-jack type. If applicable, set the external
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volume control at maximum level. In the Measurement window, select Internal MLS, no
filter, an MLS length of 0.7 s and a Pre-Average value of 1. Carry out a measurement.
Ideally, the impulse response of figure 1 should appear on your screen: a straight
horizontal line and a single vertical line at t = 0 s.
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Figure 1. Ideal loopback impulse response.

The corresponding average INR should be at least 80 dB, while the average SNR should
be at least 55 dB. If the loopback measurement results meet this description, the
soundcard has been calibrated correctly.
3. If the impulse response shows a shifted peak, as depicted in figure 2, the soundcard does
not have a fixed internal time delay. If this effect occurs only during the calibration
process, the number of samples shifted will be constant over successive loopback
measurements, and can be compensated for by entering it as “System delay” value in the
Options Dialog box (Setup menu).
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Figure 2. Loopback impulse response with delayed peak.

4. If after a loopback measurement an impulse response appears as depicted in figure 3,
something has gone wrong during the calibration. The horizontal line shows many spikes
due to distortion in the system. This may be caused by signal overload.
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Figure 3. Loopback impulse response with spikes.

10

November 2002

Copyright

1998-2002 Acoustics Engineering

Technical Note

www.acoustics-engineering.com

TN005 Practical Tips And Hints For Dirac
A possible cause of the erroneous calibration might be the external potmeter not having
been set at maximum level during calibration. Another cause might be that during
calibration another cable has been used provided with an internal attenuator (resistors). In
that case the INR and SNR will show much lower values than mentioned above.

3.3 Using an uncalibrated soundcard
If you use the soundcard uncalibrated, the mixer settings and internal PC signaling might
cause interference with the measurements, which is clearly visible in the impulse response
view. With an External Impulse measurement, PC generated beeps from an infrared port or
“battery empty” indicator, introduce one or more wide peaks, as depicted in figure 4.
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Figure 4. PC beep signals interfering with an External Impulse measurement.

With MLS or sweep measurements, the beeps cause a noise band with the spectral content of
the beeps.
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4 External Impulse Measurements
4.1 Why using the External Impulse measuring method?
If for an acoustical advice or investigation you only need to measure the reverberation times,
the ISO 3382 standard [1] allows the use of impulsive sound sources. Practically, this means
that you can use a measurement set, consisting of a microphone or a simple sound pressure
level meter, a blank pistol, blanks, ear protectors and a laptop computer. To transport this set,
the free space of for instance the computer carrying case will probably be sufficient.

4.2 Adjusting the recording level
If you want to use an impulsive sound source for room acoustical measurements, such as a
revolver, a blank pistol, a balloon, a whip or clapping hands, first check if the source will
result in sufficient quality impulse responses. You can do this by visual inspection of 1 or 2
trial impulses before starting the measurement session. With impulses it is not recommended
to rely completely on the level meters in the Measurement window. A successful External
Impulse measurements looks as shown in figure 5.
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Figure 5. Good External Impulse measurement.

The start of the impulse response is a straight line segment, which must be present to be sure
that you recorded the signal completely. The first few signal peaks have to be sufficiently
strong, but should not touch the upper or lower graph border. The remainder of the signal will
normally show a negative exponential envelope that fully diminishes to zero, for at least one
quarter of the total visible signal time.
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An INR check will indicate which parameters can be calculated according to the ISO 3382
standard. INR values exceeding 45 dB indicate that the corresponding calculated T30 values
are reliable measures for the reverberation times, in compliance with ISO 3382. The same
holds for INR values exceeding 35 dB and the corresponding calculated T20 values. Therefore,
small visible anomalies in the impulse response will certainly not always cause unreliable or
useless results.
If you use a sound pressure level (SPL) meter with a line output, you can follow the procedure
below instead of trying to use the level meter in the Measurement window to determine the
optimal recording settings.
1. Set the SPL meter to a low output level or a high attenuation or range.
2. In the Measurement window, choose a capture length exceeding the total of your reaction
time and the estimated reverberation time. Initially the capture time should be too high
rather than too low, because it will only require some more computer memory, while the
measurement results will not be affected.
3. Click the Start button, directly followed by producing the impulsive signal.
4. Wait until the impulse response appears on the screen
5. If only a straight line is visible, click the Auto Scale button.
6. If only a wide noise band appears (see figure 6), indicating that there is no signal at the
soundcard input, check the SPL meter (power on, battery, AC output, settings and the
manual).
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Figure 6. External Impulse measurement result showing only noise.
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If the SPL meter is OK, check the soundcard input by performing a measurement at
maximum input slider level, while alternately touching the soundcard input through e.g.
the calibration cable. With Auto Scale switched on, the result should be an alternating
pattern of 50 or 60 Hz signals and silence.
7. If only a wide noise band appears with a small spike in the signal (see figure 7), the output
signal of the SPL meter might be too low with respect to the noise present.
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Figure 7. External Impulse measurement with too little signal.

Another cause might be that the SPL meter is connected to the wrong soundcard input
channel due to a wrong cable connection or an error in the soundcard. In this case the
small signal arises from crosstalk from the other channel, which can easily be checked
from the width of the noise band as a function of the frequency band: the higher the band
frequency, the narrower the noise band. Another way to check for crosstalk is by repeating
the measurement using 2 input channels in the Measurement window. The second channel
will then show a much better result.

4.3 Troubleshooting
Most practical measurement problems can be avoided or solved quite easily. This will be
shown by the following examples.
1. If the impulse response looks similar to figure 8, it is advisable to repeat the measurement.
The impulse response is shifted right by a wrong timing.

14

November 2002

Copyright

1998-2002 Acoustics Engineering

Technical Note

www.acoustics-engineering.com

TN005 Practical Tips And Hints For Dirac

100
80
60
40
20
%

0
-20
-40
-60
-80

-100
t[s]

Figure 8. Wrongly timed External Impulse measurement.

Such a measurement result may still be usable for a number of room acoustical
parameters, but obviously does not look very good.
2. If the impulse response is longer than the view window, it may or may not be usable.
Normally the impulse response has to appear completely in the view window, which
means that the capture time should exceed the longest reverberation time over all relevant
(third) octave frequency bands. In general, whether the reverberation time can be
calculated accurately from an impulse response can be checked from the INR (Impulse
response to Noise Ratio) table or graph. For instance an INR value exceeding 45 dB
indicates that the T30 in the corresponding frequency band can be calculated accurately,
and is compliant to the ISO 3382 standard. However, an INR value below 45 dB does not
mean that the corresponding T30 value is useless and although it does not meet the ISO
3382 standard, it may still be quite valuable.
3. If the impulse response looks like the one in figure 9, it is clipped at the top and bottom,
which will happen at input signal overload: the soundcard input signal level is too high to
be handled properly by the soundcard. When you listen to this impulse response, you will
hear a grating distortion at the start. This result is unacceptable and therefore the
measurement has to be repeated.
4. If the impulse response looks like those in figure 10a or 10b, it is most likely that your
measurement system has a limited dynamic range.
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Figure 9. External Impulse measurement with input signal overload.
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Figure 10a. External Impulse measurement with symmetrically limited dynamic range.

This is a typical disadvantage you have to take into account when using the External
Impulse measurement method. Depending on the quality of the chosen microphone or
SPL meter, a high level pulse in a small room may result in a compressed start of the
impulse response (direct sound and first reflections).
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Figure 10b. External Impulse measurement with asymmetrically limited dynamic range.

This compression may be symmetrical (figure 10a) or asymmetrical (figure 10b). The
impulse response envelope will then show a horizontal start, while the otherwise clearly
visible first peak(s) of the direct sound may be suppressed. Practically this might lead to
incorrect measurement results. Therefore, in addition to a minimum pulse level to
sufficiently exceed the background noise level, you also have to take into account a
maximum level. More often than not, a modest pulse will be sufficient to obtain the
desired results in accordance with ISO 3382.
You can check an unknown (usually cheap) microphone for compression properties by
comparing it with a known good quality microphone, tying them close to each other and
performing a dual channel External Impulse measurement in Dirac.
5. With scale model measurements using a spark gap, you may find an impulse response as
depicted in figure 11. The initial spurious spike is caused by crosstalk from the spark to
the input signal chain. If the spike is erroneously taken as the starting point of the impulse
response, acoustical parameters will be calculated incorrectly. However, you can also use
the spike to obtain the source-receiver distance.

Copyright

1998-2002 Acoustics Engineering

November 2002

17

Technical Note

www.acoustics-engineering.com

TN005 Practical Tips And Hints For Dirac

100
80
60
40
20
%

0
-20
-40
-60
-80

-100
t[s]

Figure 11. External Impulse measurement with crosstalk.

A convenient way to handle an impulse response with an initial crosstalk spike is as
follows.
•

Place the cursor on the spike.

•

From the Edit menu, choose Rotate. Now the impulse response is time-rotated such
that the spike falls on t = 0, and the first sound arrives at a time corresponding to the
source receiver distance. Hence, the impulse response can be considered as if it were a
synchronous measurement.

•

To prevent Dirac from interpreting the spurious spike as the start of the impulse
response, in the Options dialog box (Setup menu), type a suitable value for the
‘Minimum Source-Receiver distance’. Dirac will ignore any spike falling within the
first interval of this length. Note that this minimum distance will be reset to zero upon
closing Dirac.

6. If before the direct sound as well as in the tail of the impulse response a constant level
wave pattern is present, it is almost always due to 50/60 Hz hum induced by the electrical
mains (see figure 12). When the time interval before the direct sound is too short to
recognize a wave pattern, you can investigate the frequency spectrum. In case of hum, you
should clearly see a peak at exactly 50/60 Hz in the spectrum, along with smaller peaks at
multiples of the hum frequency. Hum may be caused by badly shielded cables, bad plug
connections, cables that are too long or parallel mains and microphone cables.
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Figure 12. External Impulse measurement with 50/60 Hz hum.

If harmonics are absent, you can be quite sure that you are dealing with a system mode
accidentally having a frequency of 50 or 60 Hz. The combination of a straight line at the
start and a wave pattern at the end always indicates a system property.

5 Internal MLS or Internal Sweep Measurements
5.1 Why using Internal Signal measuring methods?
If you want to measure impulse responses in a highly reproducible way and in compliance
with the ISO 3382 standard [1], you can use the Internal MLS or Internal Sweep measuring
method. In both cases, Dirac generates the signal. Hereafter the term “Internal Signal” denotes
Internal MLS as well as Internal Sweep.

5.2 Properties and impact
1. The Internal Signal measuring method allows the use of an omni-directional loudspeaker
sound source, as prescribed in the ISO 3382 standard. The extremely high reproducibility
enables the use of pre-averaging during measuring, thereby increasing the INR by (at
most) 3 dB for each doubling of the number of generated excitation signal cycles.
2. Unlike the External Impulse measuring method, the arrival time of the first sound of the
impulse response basically corresponds with the source-receiver distance. Should an offset

Copyright

1998-2002 Acoustics Engineering

November 2002

19

Technical Note

www.acoustics-engineering.com

TN005 Practical Tips And Hints For Dirac
exist, probably due to the soundcard driver, you can compensate for it by entering this
offset (in samples) as “System delay” in the Options dialog box (Setup menu).
3. The system (room) under test has to be time-invariant. This means that its properties
should not change substantially during a measurement session. For a room this means that
moving objects or persons should be avoided, as well as variations in room temperature
and humidity, and air movements from HVAC installations.

5.3 Troubleshooting MLS and sweep measurements
As with External Impulse measurements, most practical problems with the Internal Signal
measurements can be avoided or solved quite easily, as shown by the following cases.
1. If a measured impulse response shows a spurious spike at the very start (see figure 13),
you are dealing with cross-talk. This can be due to bad cables, unmatched impedances of
hardware components or output and input cables being bundled together through the
room. Although you should eliminate these potential causes, this is sometimes difficult, if
not impossible, e.g. when the measurements are finished already.
If the spike is low, it will probably not affect the measurement results. Otherwise the spike
may erroneously be taken for the starting point of the impulse response. If this is the case,
the red marker will be placed at the spike position and acoustical parameters will be
calculated incorrectly. To avoid this, in the Options dialog box (Setup menu), type a
suitable value for the ‘Minimum Source-Receiver distance’.
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Figure 13. Internal Signal measurement with cross-talk.
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Dirac will ignore any spike falling within the first interval of this length. Note that this
minimum distance will be reset to zero upon closing Dirac.
If finally the INR values are good, the measurement results will be as well.
2. If an Internal Signal measurement is carried out using too short a signal period length, the
impulse response tail will not represent the noise, and Dirac may not be able to determine
the actual noise level, nor the INR. In that case, an upper limit for the noise level is
estimated from the lowest level of the impulse response, corresponding with a lower limit
for the INR values. In the Levels table these INR values are preceded by the character
“>”).

5.4 Troubleshooting MLS measurements
1. Unlike with External Impulse measurements, with MLS measurements, an input signal
overload will not result in a clipped impulse response, but in an impulse response with
spikes, as depicted in figure 14. This not only holds for the input signal, but for any signal
in the measurement chain.
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Figure 14. Internal MLS measurement with signal overload.

2. If after an Internal MLS measurement, the impulse response looks like the one in figure
15, then any of the following causes could play a role.
•

Copyright

The background or other interference noise level might be too high, in which case you
can be do any of the following to solve the problem.
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Figure 15. Internal MLS measurement with noise, changing system or wrong connection.

•

o

Increase the power amplifier output level.

o

Use a sweep signal instead of an MLS signal. Normally, a sweep allows a higher
average output driving level than an MLS signal before clipping occurs. In this
way you may gain some 6 dB.

o

Increase the Pre-Average value. The maximum improvement of the INR is 3 dB
per each doubling of the number of recorded signal periods in a measurement. The
total INR increase is limited by the correlated noise from the soundcard.

The system under test might be changing during the measurement. A moving person,
particularly in the neighborhood of the microphone, in the neighborhood of the source,
or in the ‘path’ of a strong reflection in a room may seriously degrade the
measurement result. Small air temperature or humidity fluctuations could be averaged
out with high Pre-Average values, but air movements and slow changes in air
temperature or humidity may make it impossible to obtain usable impulse responses.
Therefore you have to be very careful when measuring for example impulse responses
in a reverberation room, as part of a system calibration. Because of the long
reverberation time, combined with the warming up by the room lighting and the
recovering air pressure after closing the door of this almost airtight room, it is
recommended to take into account a so called room recovery time in between each
two measurements. Because there is hardly any background noise, it should be
possible to obtain good impulse responses without averaging (Pre-Average = 1), even
for the lowest frequency bands. You can check this using the INR.
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When you are measuring in a room with an electro-acoustical system for ‘natural
acoustics enhancement’, internal signal measurements may be (nearly) impossible,
due to an intended variance of the system properties. Note that sweeps are normally
less sensitive to this kind of effect than MLS signals.
•

The channels might be swapped due to a wrong type or wrongly connected cable. The
signal is then recorded through channel 2 while the analyzed impulse response of
channel 1 arises only due to cross-talk. To check if this is the case, repeat the
measurement using both channels. Channel 2 should then show a much better impulse
response. Beyond that, the width of the noise band decreases with the (third) octave
band frequency.

5.5 Troubleshooting sweep measurements
After a sweep measurement, you may find a small signal lump at the end of the impulse
response, cyclically linking up with the start (see figure 16).
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Figure 16. Internal Sweep measurement with nonlinear distortion.

The energy of this lump depends highly on the frequency band. When played back, the lump
sounds like a short distorted sweep, going down in frequency. This effect arises from
nonlinear distortion in the system, mainly due to the loudspeaker sound source. Normally you
can use such an impulse response simply by deleting part of the segment before the first
arriving sound, and the tail using the Delete function in the Edit menu.
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6 Analyzing Interrupted Noise Recordings
6.1 Introduction
If you only need to obtain the reverberation time in a room, you can also make use of another
standardized measuring method, known as the interrupted noise method, which is the
predecessor of the impulse response based methods mentioned afore. A loudspeaker sound
source generating white noise is then suddenly switched off. A typical resulting sound
pressure function p(t), recorded in Dirac using the External Impulse function, is depicted in
figure 17.
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Figure 17. Interrupted noise measurement.

Without some editing it is not possible to reliably calculate in Dirac the correct reverberation
times from an interrupted noise response. As with impulse responses, Dirac will first
backward integrate the signal p2(t) to obtain the decay curve. However, this is only
meaningful with real impulse responses. Consider for instance the effect of integrating the
part preceding the decay. With an impulse response, no energy is integrated anymore, and the
slope is zero. With an interrupted noise response, the maximum energy is integrated, and the
slope is at maximum, misleadingly suggesting a decay.

6.2 Conditions for analysis using Dirac
Under 2 conditions, it is possible to use Dirac to calculate the reverberation times from
interrupted noise response files:
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1. You have deleted the nondecaying part of the interrupted noise response, by selecting it
and choosing Delete from the Edit menu.
2. The energy decay is substantially (negatively) exponential.
For reliable results, take the average over several measurements per combination of source
and receiver positions. Note that no other parameters can be calculated using the interrupted
noise method.

7 References
[1] ISO 3382 (1997) Acoustics - Measurement of reverberation time in auditoria.
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