1.1 How to measure the initial time delay (distance between the loudspeaker and the microphone)?

The first challenge when measuring initial time delay is that sound cards do not usually start record and playback simultaneously, and this delay between playback and record is usually not constant. An exception is the Card Deluxe, Siena and Vxpocket/VX222 sound cards. If you have one of these sound cards, the initial time delay including the delay of the sound card AD/DA converters will be measured.

Read more about those cards in the Sound cards section. Possibly also the TB Tahiti/Montery and Fiji/Pinnacle sound cards has this feature, and if you think your sound card has a constant delay, in Measurement->Sound Card Settings..., make sure Yes, my sound card ‘is synched’ is chosen as shown below:
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As for the other sound cards, something has to be done to find the correct initial time delay. 

To measure the correct initial time delay, WinMLS uses a loop-back synchronization signal. To use this, the sound card input is connected directly to the output. Then the exact the delay between playback and record is found. The right channel (channel 2) is usually used for this synchronization signal. This option can be turned on in Measurement->Sound Card Settings... as shown below.
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Note that this will not correct for the delay of the sound card AD/DA-converters, which usually is from 10 to100 samples. Removing this delay is the second problem if one wants to measure the exact distance from the loudspeaker to the microphone. An example a loop-back measurement of the Soundblaster Extigy sound card is shown below. We see that it is 40 samples long and in the right figure below we have changed the x-axis to meters to see that it is equal to ~0.29 meters.
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In this case, the loudspeaker-microphone result you are measuring will be 40 samples to long since the sound card AD/DA-converters increases it. It is possible to correct this by subtracting 40 samples from the initial time delay measured when measuring the loudspeaker-microphone distance.

It can also be corrected automatically. To do this, you must correct for the influence (including delay) of the measurement system (which in this case is only the sound card) as described in FAQ: How to correct for the influence of the measurement system?. When this is done, the result should be sample-accurate.

1.1.1 How to display the initial time delay?

The safest way of finding the initial time delay is to plotting the impulse response and manually detect where the direct sound occurs. In the example below, a part of the impulse response is plotted using a vertical axis in dB. This makes it easier to see the pre-ringing.
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There are also two other ways of finding it and displaying it as bars, e.g. comparing several measurements when aligning a surround setup as shown below. Note that the vertical axis is chosen by the vertical axis used by the Time Data plot type. The default is milliseconds, but in the examples below it is changed to meters.
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1. The plot type Levels has this option for plotting Initial Time Delay in bars shown in the figure above. The algorithm detects where the impulse response starts (not just the maximum, but tries to include the pre-ringing of the sound card also). In the figure below, the Time Data plot type is displayed. The initial time delay is found to be 0.82 meters, but according to our sound card discussion, this could be increased


2. The plot type Room Ac. Parameters also has an option for finding the initial time delay, and this is the algorithm that is used when computing the room acoustics parameters under the Room Acoustics menu. Note that this algorithm does not include as much of the pre-ringing, so the value for the initial time delay is usually somewhat longer. The result is displayed using only one decimal as shown below.
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3. The plot type Group Delay displays the delay in milliseconds as a function of frequency. In case of a simple impulse response, such as for a sound card, plotting the group delay will give the initial time delay with an accuracy better than 1 sample as shown below. Note that the group delay is smoothed in 1/6 octaves.
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But for more complicated impulse responses, it is more difficult. Below the result from the studio measurements used as examples above is given.
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