Using the computers onboard soundcard
If you are measuring a loudspeaker system using a single microphone, the computers onboard soundcard is normally adequate. Finding correct initial delay (time of flight) is no problem even if the soundcard only has one mono Microphone input, and without connecting a separate cable for the loop-back (reference) signal.

1 First you should perform a measurement of the soundcard itself. Many soundcards has a noise reduction feature for the microphone input. Make sure this is switched off (if present, it can be found in ‘Control panel’). Connect a cable between the ‘Line out’ and ‘Mic in’ connectors. Use the settings specified below.
[image: image1.png][Sound Card Settings.

LS i It Dutet
Convtwindowsoer =] Opiers. || | Devioe [Soumavax Dgtapude ]| | Device [Sounave Digiapude ]

Abiity to measure system dly———— | Line: [T Line: [ Digtalyd
Only if my sound card s synched Number of bits: 16 ¥ MNumber of bits: 16 >

e





[image: image2.png][Meazurement settings
[Impulse/Frequency Response =l ren =]
Ine/Fiafes |

Parameters

1. Ma decay time + ystem delay sl [03 7] (approw) 2 |
2 Total duration of measwement [s]  [5 -

s
aTwe [CoaSmeeps =] Souce[iehgien =]

4 Enphasis: [None <

5FsiHel  [@000 -]  RanceHel[i6 - [Max(Fs =]
Coluiate resul

& Releerce: rond  ~| | TN~

7. Correct [~

8 Withesut [SaVE v] [Manualsave ¥] D.| T

9.1 Abilty to calculate hamaric distorion (log sweep onl)

7 Dot opentis whenmestang oy | ol | ot





The result should look something like this:
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Press ‘Ctrl-Alt-C’ to save the file as system measurement correction.
2 Now go to ‘Measurement’ -> ‘Settings’ and check ‘Correct’ as shown below.
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3 Perform a measurement of the corrected system to check that the result is adequate. That should look like this:
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4 Set ‘Ability to measure system delay’ to ‘Yes, with loop-back and end-check’ as shown below. Make sure that the internal mixers ‘Right channel’ is chosen as ‘Loop-back input line’, and that ‘Microphone’ is chosen as ‘Input Line’.
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5 Now its time to perform a measurement of a speaker.
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The gap between 0 and the start of the impulse indicates that the initial time has been recorded. It can be studied further by zooming the horizontal (time) axis or by changing it’s scaling to meters/feet or samples.
