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Installation
When you install the software:

Insert the CD and it will start the installation au  tomatically (or run setup.exe)
Right-click and select: Run as ADMINISTRATOR (Windows Vista and 7)
You must be connected to the internet to install.

The software can only run on the computer where it was first installed.

Setup

Run FINESPL from the program menu: Loudsoft/FINESPL. You can select your internal
soundcard or an external in Acquisition/Soundcard, (verify it is chosen in Control/Panel/
Sounds/Voice for both playback and recording). Many soundcards have a bass cut on the
microphone input!

Normally you should use a good power amplifier with a flat frequency response and low
output impedance, but the maximum amplifier power can be low even 10-20W. (There is
no need to use a 100-1000W amplifier, because you may accidentally damage your
loudspeakers).

For hardware connections see the diagrams on page 14. Note that you need a different
setup for measuring impedance.

Frequency Response / SPL Measurement

This chapter is a tutorial how to measure a normal loudspeaker. First connect the power
amplifier and microphone per the “SPL Connection Diagram” page 14. Then select “New”
from the menu and select the SPL tab, see Fig. 1.

Acquisition is where you define output and inputs and levels. (See View/Toolbars and
Docking Windows to set which windows are active).

Turn the power amplifier volume up to ~ 1/10 of max (say 9 o’clock on a rotary volume
control) and low volume in acquisition. Now measure the speaker by clicking the (upper)
“Measure” button. LISTEN for bad sound / overload. In that case turn the volume control(s)
almost fully down! If the sound is still too loud / overloaded, then lower the volume control
(Control Panel/Sounds/Voice).

Make sure the microphone input is selected, also in Control/Panel/Sounds/Recording/
Volume. After the sine sweep is played the impulse response (using inv FFT) is shown in
the upper view and the windowed frequency response below. The time scale in the right
side should auto scale to show the first 10 ms of the time response.

Check that the pulse is caught at left in the Time window. This is normally the case thanks
to the Auto Delay, which will catch the pulse even if your PC delays the signal several 100
ms. If the pulse is missed you may try to change the Sample number in small steps until
you see the pulse just starting at left. (The Auto Delay has an amplitude threshold which is
5% of max. as default. If the program is triggered on unwanted noise spikes, you can
change this setting in Properties, but only if you are really sure).

Note: In case there is a wave (-oscillation) before the main impulse, you may lower the
max frequency from 22 to 20 kHz in “Stimulus” (Chirp End Freq.), to improve triggering.



The Time domain impulse response measured 1m from a typical satellite speaker is
shown in Fig. 1. The time axis automatically sets 0 at the start of the main impulse. (Which
actually arrived after approximately 3ms corresponding to 1m, since the speed of sound is
~343m/s or 0.343m/ms). All you need is to set a value for the “Cosine Window Out/End”.

Using the default value 9600 samples / 200ms gives a very ragged frequency response
Fig. 1.

Satellitelm - FINESPL
i File Edit View Tools Help
P e S ] e R

SPL

Time Range 0.01 5
Range +/- 10000

Smaoothing
@ rone & 1/30ct @ 1/20ct @ Oct

Ko SpL Impedance B TS Parameters v Stmulus

Output Level % Miclnput  [nputLevel o B useCel Cuve  Mic Sens. .00 B
R — —

Sound Card  5PL Settings | Z Seftings

The frequency response is ragged because we have included all the reflections in the
room. Therefore we can just select a lower number in “Cosine Window Out/End” to
exclude all the reflections and get the “Anechoic” response.

The green Time Response also shows another strong impulse arriving already ~2.5ms
after the main impulse. Therefore we can only use ~2.5-2.7ms by selecting 130 samples.
This is shown in Fig. 2.
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The short time between the two impulses gives poor low frequency response because the
1/f ratio with 2.5ms will only allow 400 Hz as the lowest frequency. The impulse at 2.5ms is
the reflection from the floor, which in this example was only 82cm below the speaker and
microphone, Fig. 3.




Fig. 3 is illustrating the problem where the reflection from the floor is too close to the main
signal, because there is little difference between the direct distance (green arrow) and the
reflection path (red arrows). We can do two things to improve that: Move the microphone
closer to the speaker and/or move both speaker and microphone further away from the
floor (and other surfaces).

Both have been done in Fig. 4, by moving both the microphone and speaker up to 154cm
from the floor and adjusting the microphone distance to 0.5m. This time we get the
reflections much later and can use a window of 10.4ms. Therefore we get the real low
frequency response of the satellite, starting from approximately 150 Hz.

Note the dashed lines in the SPL window are the acoustical phase responses of the
corresponding SPL/ frequency responses. All FINESPL measurements are full resolution
responses with phase.
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Room Response Measurements
In case you want to measure how the loud speaker actually sounds in your room, you
should include all the reflections, by using the maximum Window/End.

The next example is a measurement of a very good Hi-Fi loudspeaker measured in a good
listening room. The first (red) curve was measured on axis with the tweeter in the listening
position. Note that the curve was 1/3 octave smoothed by selecting 1/30ct. This response
is well behaved above 1000 Hz, while the low frequency peaks and dips are caused by the
standing waves in the room, Fig. 5.

In stead of the 1/3 octave smoothing you can also select ¥z octave or even 1/1 octave
smoothing. 1/1 octave smoothing will not show the room modes, but only indicate the
general sound balance in the room.

The other (blue) curve was measured 30 deg off-axis. Some of the low frequency peaks
have now changed to dips, indicating standing waves in the room. These two examples
are well behaved room responses; however in many cases you will see much more
variation in the low frequency range. FINESPL is extremely useful for adjusting your
(room-) EQ and/or finding the best loudspeaker position in the room. Also furniture
positions and damping material can be optimised this way.

P1R-Lyttepos left - FINESPL
i File Edit View Tools Help
ey
SPL

Time Range

Range +/-

Windowing
Cosine Windo!

Smoothing
@ None

K spL Impedance B TS Parameters "4 Stimulus

Sound Card  SPL Settings | Z Settings




Impedance Measurement

In order to measure loudspeaker impedance you should connect the input and output
cables according to the “Impedance Connection Diagram”, see page 15. The input should
be line, which is sometimes the same connector as microphone. It must be selected in
Control Panel / Sound.

Note that you need a power resistor in series with the loudspeaker (-minus terminal). This
series resistor should be a low value around 1 ohm (=default). Remember to change/
update the corresponding number in “Properties” if you use another value.

Press the Impedance tab to enter the impedance screen (Fig. 6). It is a good idea to keep
the amplifier volume control in the same position as for SPL measurement.

Press the upper “Measure” button to measure the actual impedance curve. (The second
“Measure” button is only used for Thiele/Small add mass/volume parameters)

Since the impedance measurement is purely electrical, the range and time window is
already defined when the “Auto delay” is active. So in normal cases there is no need to
change anything. The “Cosine Window Out/End” should be using the max (9600) always.
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Thiele/Small Parameter Measurements
Here is shown how to measure the Thiele/Small parameters of an 8 inch subwoofer. Press
the TS Parameters” tab below, Fig.7.

First | need to input the cone area Sd and Re. | choose to input the effective diameter of
20.7cm (centre of surround) and Sd will automatically be calculated. FINESPL can
estimate Re from the impedance curve, but in order to get the best accuracy | have
measured Re=3.2 ohms with a precise Multimeter (DVM). That value is fixed by lock [v].

Now | press “Measure” to get the impedance curve (blue).
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The Fixed Mass option is the most accurate method. However this requires that you know
the total moving mass of cone + Voice Coil + half surround + half spider (including dust
cap and glue etc.) = Fixed Mass Md. If you know this mass from the datasheet you should
enter that, which causes the air load mass (Mair) to be calculated, Md + Mair=Mmes.

If none of the masses are known you can choose the standard Added Mass or Added Box
methods, which both require you to make a second impedance measurement. In those
cases we end up with a total of 4 curves, 2 measured and 2 fitted.

When the “Calculate” button is pressed, FINELab will calculate all the TS parameters by
fitting a simulated impedance curve (green) in the chosen frequency range. In this case we
get a very good fit around Fs, which is important for getting accurate TS parameters.



Microphone and Soundcard Calibration

From FINESPL 2010 you can calibrate both the soundcard and a microphone. Select
Tools/Calibration:

Response Correction for SPL

Import correction from file or by measuring SPL loopbadk
Measured correction must be applied to take effect.

Set From File Measure
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When you want to compensate for the microphone response, you must have a txt or Lab
file containing the frequency response of the microphone. (If you only have a curve or a
few simple data, you can construct your own text file, see Page 11).

Press “Set From File” to open a *.txt or *.Lab file with the response you want to
compensate for. Preview the files by clicking and holding the mouse (-arrow) over each
file. You may get the following message, if the level is not 0dB at 1 kHz, or there is a
phase problem:

-,

FINESPL

The calibration is not 0dB at 1kHZ and has a phase reversal at 1kHz.
- This will be corrected by inverting and normalizing this calibration.

Continue?
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You can easily use a file with any level like 88-93dB, but the calibration will only use the

deviation from the 1 kHz level (Fig.9). The phase response will also be used if present in
the file.

If the actual SPL is known, you can adjust the level of the curves by inserting a suitable
number of dB in “Mic. Sens xx dB”
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However you can even compensate for the soundcard response, if needed. In that case
connect the output directly to the input (Line or microphone). The output and input levels
must be turned way down, especially for the microphone input. (See also page 13
regarding soundcard inputs)

Note: The soundcard (microphone input) calibration is tricky, and the levels may be set low
also in Control Panel sounds, but not too low to get a good and noise-free signal.

Then press “Measure” and you will get a green response. If that response is suitable,
press “Apply” and the calibration is done. SPL Settings now shows: “[x] Use Cal. curve”.

How to construct Text Files for Calibration

If you only have a microphone curve or a few simple data, you can construct your own text
file as follows:

The text has to be 3 or 2 numbers per line separated by commas, spaces or semi colons
like: "%lf,%If,%If" , "%If %If %If" or "%lf;%lf;%If";

To be valid it must have at least 10 rows of data

Lines at the start that begin with a hash or slash (# /) are ignored, because these
are often used for comments before the data rows

It expects the 3 numbers to be freq (Hz), level (dB) and phase (deg).

In case of only 2 numbers (columns), the phase will be 0.

The frequencies must be in ascending order (next frequency always higher)

The max frequency should be 25 - 100 kHz.

A

oghkw

Example:

1000, 0,0
1280, 0,0
2560, 0, 0
5000, -1, 0
10000, -2, 0
20000, -3,0
25000, -3,0

Note:

The frequency (first number) must increase for every step, but the step size may vary.
Keep the file as smooth as possible to avoid interpolation errors. Less than 1/3 octave
steps usually give the best result.

Be sure to use a frequency above 20 kHz for the last step to avoid sudden peaks etc.
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Export of SPL and Impedance to FINE X- over and Oth  er

FINESPL is a unique tool for measuring loudspeaker responses, which may be exported in
standard Loudsoft format *.lab to the acclaimed and time-saving software FINE X-over
(see www.loudsoft.com ). Unlike many others FINESPL will export the responses with
phase, which is absolutely necessary for getting correct cross-over designs, that measure
exactly as simulated. The SPL and Impedance can also be exported in standard *.txt
formats for most other software.

2 = *78 .2

9 % *78: % 2 0F *78 .2

The example above (Fig.11) shows a 3-way cross-over designed in FINE X-over. The SPL
responses and impedance were imported with phase directly from FINESPL. The cross-
over was optimized while keeping the minimum impedance (here 3.2 ohms for 4 ohms
nominal Imp.).
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Computer / Soundcard Microphone Inputs
Interfacing Microphones to Computer Sound Cards

Most sound card microphone inputs require a minimum signal level of at least 10 millivolts,
but some older 8-bit cards need as much as 100 millivolts. The typical impedance of the
PC soundcard microphone input is in order of 1 to 20 kohms (can vary from card to card).
The microphone type which works best with computer sound cards is the electret
microphone.

Sound Blaster soundcards (SB16, SB32, AWE32, AWEG64 or Live) from Creative Labs
have a 3.5mm (1/8 inch) pink stereo jack for the microphone input, with the following
pinout:

1. Signal input (tip)
2. +5V bias (ring)
3. Ground (sleeve)

Note: Most soundcards will wire the positive DC bias voltage to the ring, but a small
number of non-standard soundcards can have the bias voltage wired to the tip. A few
cards have a jumper which enables or disables the power to the microphone jack. If the
jumper is put on, the bias voltage (+5V through a few kiloohm resistor) is wired to the tip.
Newer mainboards with stereo microphone support will provide the bias voltage for both
the tip and ring.

The approximate schematic of a Sound Blaster microphone input circuitry shows that the
+5V voltage on the connector is heavily current limited. The card's voltage might not be
exactly 5V, but it is usually something between 3 and 5 volts when no microphone is
connected.
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Hardware Connection Diagrams
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FINESPL will actually play on both left and right channels. So be sure to set the balance
control to the one you want to measure, or simply disconnect the other.
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SPL Interface / Inputs
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Impedance Interface / Inputs
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TS Parameters Interface / Inputs
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Windows Sound Settings

19



Peter Larsen
LOUDSOFT

)

2%

2C



