New features in beta version 62

Download from www.winmls.com/latestbeta
Saving workspace

It is now possible to save all measurements you have performed and the plots together.

This makes it possible to save a group of measurements, which is desired e.g. when calibrating a surround sound system.

This is done from Setups->Save As...
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Make sure Measurements check box is checked.

Note that it is only the saved measurements that are included. We therefore recommend that you go to Measurement->Measurement Tasks.... and turn on saving using one of the options shown below
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You can also export the ”workspace” including the measurements. This is done from Setups->Export....

Note that the measurements must be saved in a sub-folder where the setup files are located (the recommended folder for saving is C:\winmls2000\measurements).

WinMLS controls the windows mixer

The point that WinMLS controls the Windows mixeris not clear in the previous version. In Measurement->Sound Card Settings... we have made some changes to try to make this point clear.
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Is this understandable?

Is ”Override Windows mixer” better than ”Control Windows mixer”?

If your sound card windows mixer is not properly controlled by WinMLS

In some cases WinMLS selects the wrong input on the sound card. This has previously been problems with Windows XP using Soundblaster Live. 

To solve this problem, we added an option to manually select mixer lines. To do this, first make sure the check box [image: image4.png]™ Gutomatic miser fine selection



 is not checked as shown below. 

Then you have to open your windows mixer for recording (how to do this is described in the WinMLS help) and select the input you wish to use (microphone or line-in).
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Simplifying Mixer calibration

In the current version we used the terms relative and absolute calibration, which has been hard to understand for the users.

The relative calibration is the same as finding the gain steps of the mixer, therefore we suggest not using the ”relative calibration” term, but instead use terms shown in the figure below:
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Is it more understandable?

Simplifying level calibration

The features are the same as before, but the level calibration should now be more intuitive to the user.
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The user clicks the calibrate button to perform the calibration. Then a dialog box like the one below will be displayed where the procedure should be explained.
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Please try it and give us feedback.

Masuring imedance for sound cards that do not have balanced inputs

Previously it was difficult to do this using WinMLS. Now it should be simple.

Below it is described how a resistor R in series with the loudspeaker can be used to find the impedance of the loudspeaker
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The impedance is found from the formula above.

To implement this in WinMLS, one have to measure V2 which is the voltage over the resistor and loudspeaker. Then measure Vres, which is the voltage over the resistor. Set the Vres measurement as reference measurement in WinMLS and thus the division will be perfomed.

If you are going to measure using 2 channels, you can update the reference measurement automatically. This is done from Plot->Routing and Test Settings... as shown in the figure below. Here channel 2 is set as division measurement.
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In addition we have to multiply with R and finally subtract the whole expression by R. This is done from the plot type settings (click F5 in the Frequency Response plot)

Use the settings shown below
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The vertical axis must be linear:
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The levels must be shifted according to this:
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Here we have assumed that the resistor R is 8 Ohms. If your resistor has another value, type this in the two boxes shown above

Room Acoustics Parameter settings

Purpose: Want to make it more user friendly.
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We have tried to find names to group the parameters under and add the microphone type behind.

Questions

What when we do not need to use a Fig8 mic?

Level and envelopment?

Should we use Binaural pair instead of dummy head?

When [image: image15.png]I~ Speech parameters



 is checked in the dialog box above, check if ”consider background noise” is turned on in Speech Options.... If yes, and if truncation is selected in calculation options, give warning that ”background noise will not be considered. To do this, turn off truncation in ...”

Also, don’t display EDT and D50 if it is opened from User Defined Settings.

Calculation Options

In the current verison of WinMLS it is a problem to calculate room ac parameters from two microphones. This is because it is not so easy to see what measurements are specified. Therefore we have implemented the following dialog box is optionally displayed before calculating so the measurements can be selected:
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It is an improvement of the old Calculate Options dialog box.

Some settings are already implemented, the new are found below

Parameter sets
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A new feature is that you can select from a list of parameter sets.

The parameter set User defined settings is similar to the old version and a warning is displayed e.g. if IACC is selected but the microphone type is not set to Binaural Pair. Now we want the user to first decide the microphone type, then he will be given a warning if a non-supported parameter set is selected. 

Select measurements
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As shown above you can select measurement for the selected microphone type. If the measurement is not found in the list, you can open a new measurement file using [image: image19.png]Open.. |



.

When opening the dialog box, as default the upper measurement is set to the one that is active in plot nr. 1. The lower measurement is set to the one active in plot nr. 2.

It is possible to select a new measurement. 

Send table of parameters directly to clipboard

[image: image20.png]Result of calculation:
¥ [Displey n = G
™ Sendo Clpboerd
=

I Sendtotextie




The [image: image21.png]IV Send o Clipboard



 option is new. If it is checked and the room acoustics parameters are calculated, the data will automatically be copied to the clipboard. If [image: image22.png]IV Display in test Grid



 is not checked, the text Grid dialog box is automatically closed after the data has been copied to the clipboard.

Not yet implemented: Automatically print calculated parameters.

Optionally display calculation options dialog before calculating parameters

The dialog box can be optionally displayed on Room Acoustics->Calculate...
It will be displayed if [image: image23.png][ Display this dialog box before calculating parameters



 is checked.

Clicking the [image: image24.png]0K




 button performs the calculation if the dialog box is opened from Room Acoustics->Calculate...
The new Speech part

A new Speech Options... dialog box is included. One of the reasons for separating the Speech settings from the other room acoustics settings is that in many cases the background noise should be considered when calculating speech parameters while it should not be included when calculating the room acoustics parameters.

[image: image25.png]ns. =lolx]

Microphone typels)- Parameter(s)
’VSmg\eammdwechana\ < (— Setings

Calculation Opt





If you have chosen the settings above, click the [image: image26.png]Settings.



 button to display the Speech Settings dialog box shown below.
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The background noise can now be considered by selecting the option shown below
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This is recommended if you are performing the measurement under a condition where the ”correct” background noise is present. If the background noise condition is different while you perform the measurements than normal, then you should selec the option [image: image29.png]| Carrection given in table below



. 

Not yet implemented: 

Speech pre-filter(s) that is needed to get correct results when background noise is considered in the measurement.

Standard values for noise and speech.

The standard MTI, MTF is displayed now. Is anyone interested in displaying the revised MTI, MTF?

If the measurement has more than 1 average, or is performed using sine sweep, then give warning if the standard method is used, or write it in grid?

