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A very brief measurement guide

Preface

One fact must be established at the outset. No manual can guarantee an accurate result, even if all requirements and recommendations are followed meticulously. There are many reasons for this: power quality, noise and interference of various origins, the condition of wires and connectors, wire lengths, resistance and possibly capacitance, connections within cables, and finally, the accuracy of the equipment itself. Describing all of this would result in a voluminous electronics textbook instead of a manual. Here, for example, are some ways that really "helped" to solve problems:

- Move the equipment around a bit;
- Gently fiddle with the cables;
- Wait for things to magically get better;
- Another day, different numbers

So by continuing to read, you agree that no one promises you that there will be no problems. Also, all connections must be sensible. The electrical safety of you personally and your equipment is not covered here.

The manual is intended for users who do not have special education and are not familiar with the details of measurement techniques, but it is possible that specialists may also find valuable ideas here.

Equipment

Cosmos ADC

Cosmos ADC has two channels, but it can also work in mono mode. Mono mode is interesting because it reduces the ADC noise by about 2.5 dB, the measured signal must be fed to both inputs. At the output in the left channel will be the averaged signal, the right channel is digitized without changes. Analog stereo input 2.5 mm allows digitizing signals up to 43 V (with sensitivity set to 10 V).

The ADC is powered by +5 V. The ISO version has a separate connector for power supply.

The scheme of using the ADC is simple. It is necessary to set the maximum source voltage on the switches at the bottom. Hereinafter the signal voltage is understood as the effective or RMS value. Connect the cables from the source, connect the ADC to the PC (for ISO version you must first connect the power supply). Then all actions are performed programmatically: select sampling frequency, channel, switch mono/stereo/ RIAA equalizer mode with the volume control.

This is of course the simplest way to use an ADC, but it can be quite sufficient, for example, for digitizing recordings if the sources are powerful enough with low output impedance.

Cosmos APU (Audio Processing Unit)

The audio processor is a combined single channel (mono) unit consisting of a 34/60 dB amplifier with optional 48 V phantom power for microphones and a 1/10 kHz notch filter with 0/6 dB gain.

Let us clarify the purpose of APU devices for those who do not fully understand it. With an amplifier there are usually few questions, it is needed to amplify the microphone signal, measure the dynamic range or noise of the source, etc. The important point is that the amplifier is very sensitive and can get excited by high frequency noise in the signal. The notch filter is a more tricky device. A very narrow band around the operating frequency (1/10 kHz) of the filter is suppressed by about 12 dB, and the other frequencies are amplified by 18 dB. This makes the result less dependent on the noise and distortion of the ADC itself: the attenuated first harmonic produces less ADC distortion, and the increased noise and harmonics of the source are less affected by ADC noise. Further the digitized signal is programmatically returned to the original form according to the data of the calibration file - AFC of the notch filter. Gain +6 dB allows to digitize the source noise even more accurately, but at the same time the accuracy of harmonics digitization suffers.

The APU power supply is +5V and its quality can affect the result.

The use of the APU as an amplifier for digitization requires little explanation, and the use of the APU for measurements will be discussed later with examples.

Cosmos Scaler

This is a two-channel amplifier. The gain is manually adjustable from 0 to 26 dB. In autoranger mode, the gain is automatically selected to obtain a maximum signal not exceeding 4.5V. When a signal is applied to the left channel only, the signal is automatically duplicated to both outputs.

The main use of the Scaler is as a buffer before the ADC, due to its high input impedance. The autoranger can be useful for automatic measurements with varying signal level.

The power supply is +5V. Its quality can also influence the result.

Unlike the APU amplifier, the Scaler is less sensitive, so it may be less bothered by high-frequency noise, although it may still be affected, but its gain is also lower than the APU.

Use of other equipment

Of course, you can use any available measurement equipment. It is worth mentioning important details that you should pay attention to in order to achieve the best possible results.

Differential input

Or a balanced input is just what you need for accurate measurements. In addition, it can be used to measure any signal, whether balanced or unbalanced. The lack of a differential input can be compensated, if possible, by isolating (galvanic isolation) all cables connected to the ADC (and to all other analog devices): both power and digital.

When connecting an unbalanced source to a balanced input, connect the minus lines and cable ground to the common source wire as close to the source output connector as possible.

Gain control

Any digital gain control on both the ADC and DAC automatically reduces the dynamic range, which is already not very large. Therefore, for all measurements, unless special conditions are required, the digital volume on the source should be set to 0 dB, and no digital level adjustments should be used on the ADC. Too large a level difference between levels is better equalized by analog devices: amplifiers or dividers, for example by selecting the best combination of Cosmos Scaler gain and Cosmos ADC sensitivity. At the same time, it is better to choose the ADC sensitivity as low as possible to keep the noise as low as possible.

Measurements

Any measurement can be performed on different setups. Only a signal source (DAC), an ADC and a PC with software are mandatory. But the simplest setup will not give the best accuracy in most cases. Let's start by looking at the most common problems that will need to be solved when assembling the setup.

PC noise problem

There is a huge amount of transients in a PC, which can't help but affect the connected devices. Usually USB DACs - dongles - are the most affected by this noise. The main problem is the noise coming from the neutral supply wire, especially in the case of unbalanced output. A balanced amplifier is much more successful in dealing with this problem, but measurements will still show the problem. There are several ways of dealing with it.

You can use a battery-powered laptop as a PC. 

It is possible to connect the DAC to a smartphone. Smartphone power supply is very low noise, although it may not be ideal either. Also the set of test signals in this case is limited to the set of saved files.

A USB isolator can be used. These devices get rid of host noise quite well, but the power filtered by them may not be ideal either.

The problem of interference

There are three solutions and they can be combined: sources of interference (phones, routers, microwave ovens, etc.) should be turned off; you can shield yourself from interference, for example, cover the measurement table with ordinary foil at the bottom and ground it; use short cables; in a desperate case you should look for a more remote place for tests.

The problem of the capacitance of the measuring setup with respect to ground

When using a measurement setup with a large number of devices, the more external interference the setup will automatically increase and the more external interference the setup will pick up. For example, when using a battery-powered laptop computer connected directly to a DAC or non-ISO ADC for operation, the capacitance of the setup will increase by more than one order of magnitude.

The problem of common ground

Or common neutral, aka GND loop. All cables have a finite resistance, so when extraneous currents, arising due to fluctuations of the zero potential in different devices, get into the signal wires, they are inevitably detected by measurements in the form of distortions. The most striking example is the growth of the second harmonic due to the dependence of amplifiers consumption on the instantaneous value of the signal voltage, i.e. on the doubled frequency of the main tone. Most critical is the connection of the signal source and receiver to a same power supply. This circuit must be broken at least once, preferably before the DAC. This can be accomplished by connecting the DAC to a smartphone or by using an isolator. In the case of DAC tests with its own power adapter, it may be necessary to place an isolator between the ADC and the PC. 

The problem of a completely isolated setup

If only battery power is used or if all USBs are connected via isolators, the unit is deprived of grounding and becomes hypersensitive to noise, especially from the mains. Therefore, one ground connection must be present.

The power supply quality issue

There is no such thing as a perfect power supply and devices react differently to the presence of different variable components. Also, the higher the frequency and lower the amplitude of these fluctuations, the less effect they have. 

As noted above, desktop power is usually a bad idea. But sometimes this method is quite acceptable. For example, Cosmos ADC is often quite tolerant of noisy power supply when measuring an isolated source.

You can use a self-powered USB switch, if its adapter is of good enough quality. This will probably not get rid of noise in the neutral wire, but may improve the quality of +5V.

Isolators greatly improve power quality, but are power limited and can still be noisy for accurate measurements.

You can pick up a powerbank with good characteristics. For example, Xiaomi PLM18ZM has a AC voltage of about 1 mV of sufficiently high frequency in a wide range of load currents. Also a plus is the isolation of the source. The difficulty in selecting a powerbank is that these characteristics are not published.

When powered by a smartphone, you automatically have an isolated source. But the quality of the power supply must be treated critically. As a rule, using a smartphone is good for the case, but in extreme cases: at high load current the smartphone may fail, at low current the power supply may be of insufficient quality, noisy.

A Y-cable or splitter is not a power source, but provides the ability to separate the data from the power and get the power from a quality source.

Cable quality issue

Performing measurements places special demands on the quality of the connections between devices. Their high input impedances and high sensitivities, incomparable to headphones, can turn cables into antennas. Audio cables should have a thick copper shield, even better with a layer of foil. The cores should also be thick enough with low resistance so that any currents flowing through them do not cause a noticeable voltage drop. Quality cables usually have an impressive diameter, but do not make it a criterion of choice, there are cases where such copies turned out to be without a screen at all. If possible, it is better to disassemble the connector and see for yourself the quality of the cable.

Of course, only cables with two signal wires in the shield, also called microphone cables, should be used. The only point where the cable shields can be connected to the signal cores is at the neutral contact of the unbalanced output.

USB cable is easier to choose, but you also need to remember that he long cable will catch more interference, and the resistance of its power wires will be higher, leading to large fluctuations in supply voltage and zero potential.

The problem of connections

All plug-in connections have resistance and can become dirty and oxidized over time. With headphones, such problems are not so noticeable, but with highly sensitive devices in the path, they can increase many times over. Most often cleaning and rinsing the contacts helps. Sometimes it is possible to bend the clamping contacts. Contact in DIP switches can be improved with a few switches. As always, as a work order, move the cables and lapping the connectors.

Finding the source of the clipping

Clipping occurs in both analog and digital devices. When REW is used, the generator itself warns about the occurrence of digital clipping already at setup. The ADC output signal after calibration can also exceed 0 dBFS, but REW can handle such signals without clipping.

Finding the cause of clipping in analog circuits is more complicated. It is necessary to find the point of excessive input voltage or output power. First of allit is worth to know the output voltage of the signal source and check the set sensitivity of Clipping at the ADC input can be easily detected by the excess of the ADC output signal level over the oscillator signal.For example, if you set the sine level on the generator ‑10 dB, then any value above ‑10 dB on the ADC output will indicate the possibility of clipping. When using the APU Notch, clipping can occur when the signal frequency does not match the Notch frequency setting. Problems can also occur in intermediate devices if there are significant high-frequency components in the signal. 

Bottom line

So, there are many possible problems and they often occur uncontrollably. To diagnose them accurately, a separate measurement is needed, most often with special equipment. That is, the above information should help to simply bypass the main problems, but in general critical thinking is required. This is especially true for high-precision measurements.

REW

REW is a program with very extensive functionality. This section only briefly describes the most important settings and features for the measurements in question. Please refer to the REW documentation for more detailed information.

Customization

On the Soundcard tab:
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Choose the Output device and Input device you wish to use for measurements. After the devices have been selected the particular Output and Input can be chosen. The
channels used for output and input are selected from the drop downs to the right of the output and input selections, most outputs and inputs are stereo so you have the
choice of using the left or right channel, or (for output only) both channels. Some interfaces only provide mono inputs or outputs, if that is the case the channel selectors
wil be disabled.
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Select Drivers "Java" 
Select Output deviceand output channels
SelectIntput device and input channel. 
Select the sampling frequency.

On the Cal files tab, clear all unnecessary calibrations.

On the Analysis tab, check the "Apply cal files to distortion" checkbox.

Generator

The REW signal generator allows you to generate all standard signals required for tests with high quality, feed these signals to a customized output device, and save them to files.
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Most of the measurements are made in this tool. Special attention should be paid to the "Distortion settings". Here you will find the most influential setting of the measurement range. Most often the audible range from 20 to 20000 Hz is set. Enable "Use AES17-2015 standard notch". This is the main tone power calculation method for harmonic distortion calculations within an octave or on the main lobe. Use this setting except when the main tone does not sufficiently exceed the minimum noise level.

Typical measurements

In this section, the THD+N measurement options are explained in the most detail. All setups can be assembled in different ways. Of course this will affect the different distortion components. Sometimes it is deliberately necessary to measure in different ways to see where the bottleneck is. Ultimately, only the experimenter can determine the meaning of certain actions. Therefore, he or she is required to understand the situation and be able to draw conclusions and make adjustments. Usually no one gets a perfect result on the first try.

Standard installation options

All measurements require a signal source. A digital signal can be obtained in many ways, but you need confidence in the quality of the generated signal. Therefore, one of the most reliable ways is to use a REW generator or a file generated by it. When playing a file from a PC, unless it is a battery operated laptop or smartphone, you need galvanic isolation between the DAC and the digital signal source. Most stationary devices use their own power supply and are galvanically isolated from the digital signal source, for USB DACs you need to use USB isolators. Also, when powering from USB, it is necessary to make sure of the power quality: problems can occur both at high load of the DAC and without load. The power supply problem can be solved by connecting a quality power supply via a Y-cable‑. Only shielded cables should be used for analog signal transmission during measurements. The shield of the cable connected to the DAC output should be connected to the common wire at the DAC output. When measuring USB DACs, the cable can be grounded at the USB input connector. The cables are then connected to the ADC. For measurements in mono mode, two cables should be connected to both ADC inputs from one DAC channel. For measurements in stereo mode, one of the ADC channels is connected to one of the DAC channels. It is possible to make measurements in stereo mode by connecting all DAC and ADC channels in parallel, but due to non-ideal coincidence of ADC inputs parameters it is possible to get measurement error. And of course the last connection method is used for stereo sound digitization. To connect the ADC to a PC you may need an isolator if the ADC is not ISO version and a mains powered DAC is used. For different measurements additional devices between DAC and ADC can be used: filters, amplifiers or notch.

When using auxiliary power, it is very important that the DAC and the other devices are not powered from galvanically coupled sources, such as a single power bank.

At the end it is necessary to match the audio signal voltage levels. In the simplest case, knowing the output voltage of the DAC, it is necessary to set the lowest possible ADC sensitivity not lower than this voltage. Additional devices can change the signal voltage, it is important not to let any device significantly exceed the allowable input voltage. In case of problems, use low level signals for safe analysis.

Output voltage measurement

Knowing the voltage corresponding to 0 dBFS of the source is very useful and is regularly required when making measurements.

Setup. PC - USB DAC - voltmeter (multimeter).

On the PC we start REW generator, set sine 50 Hz, -10 dB. The choice of signal is determined by the fact that, firstly, it should be correctly measured by a voltmeter, secondly, it is better to exclude distortions, which can be at 0 dBFS again for accuracy. Measure the voltage at the DAC output U1. Calculate the maximum output voltage 

Um = U1 / 10 ^ (-10/20) [Vrms]

Input voltage measurement

For Cosmos ADC this voltage is of course known in advance, but due to the finite accuracy of the resistors some variation is possible. To clarify the sensitivity value, apply the exact voltage from the DAC to the ADC channel under test. You can do it knowing its maximum output voltage and output signal level U1 [dBFS].

Uout = Um * 10 ^ (Udb / 20) [Vrms]

Next, measure the input signal level U2 [dBFS] and find the exact sensitivity of the ADC channel.

Uin = Uout / 10 ^ (U2 / 20) [Vrms]

Harmonic distortion and noise 1kHz (THD, THD+N)

Setup. PC - Isolator - USB DAC - Cosmos ADC - PC

Sometimes it makes sense to use a smartphone instead of a PC. An isolator is not necessary.

To reduce the effect of ADC noise on the result, mono ADC mode can be used.

The most accurate result can only be obtained using APU notch. 

Check the distortion settings. Set the minimum sensitivity on the ADC so that the output voltage of the source is not higher. On the oscillator set the frequency of 1 kHz and the level of -0.5 dB. Set the desired ADC mode, select the input channel and calibration file if using APU. If the DUT is of good enough quality, increasing the APU gain can help to measure noise more accurately, while decreasing it can help to measure harmonics.

Running the generator and the RTA. 

See the result, correct the output level on the oscillator. When using APU, the calculated signal level may differ from the true signal level, but it does not affect THD+N calculations.

Fixing the result.

ADC noise measurement

Installation. PC - (isolator) - ADC.

Set the ADC to the minimum sensitivity. I can't say for sure whether it is necessary to short-circuit the ADC inputs, you can try it yourself and choose the best result. Select the desired settings of low-pass and high-pass filters or disable them altogether.

Run RTA. Watch the levels: on different channels and bands, in mono mode, at different sampling frequencies, with different weighting.

DAC noise measurement

To accurately measure DAC noise, you will need an amplifier between the DAC and ADC. This can be an APU Preamp or Scaler.

It is necessary to apply a silence signal to the DAC. To make sure that the source is really in working condition, it is possible to apply a low level sine, just above the noise floor, instead of silence, it will not affect the result.

Subtract the gain of the amplifier used from the result obtained.

Dynamic Range (DR)

The measurement requires exactly the same setup as the DAC noise measurement. 

You need to set the sine 1 kHz -60 dB on the oscillator. And measure THD+N. 

The corresponding dynamic range is obtained by increasing the modulus of the resulting THD+N by 60 dB.

To get the A weighted value, you can use the appropriate calibration file or simply calculate by taking the N+D distortion modulus [dBFS A], add 60 dB and add the first harmonic level (it is negative).

Intermodulation distortion (IMD SMPTE, CCIF)

Of the additional devices, only the VHF can be used. 

The desired standard signal is selected on the generator. The level is reduced so that digital clipping disappears. 

A measurement is taken.

Crosstalk measurements (Crosstalk)

The commonly used scheme with both channels connected from the DAC to the ADC has a significant disadvantage related to the low input impedance of the ADC, which cannot be ignored in all cases of low source load measurements.

This problem can be solved in different ways, for example by applying a Scaler with high input impedance as a buffer.

Or you can simply measure the levels in different DAC channels in series with one ADC channel and find the difference. 
If it was decided to use two ADC channels for measurement, it makes sense to take into account the difference in sensitivity of the ADC channels to get a more accurate result.

To measure Crosstalk under load, connect a load to the DAC output by any available means and measure with the load.

Jitter check

The jitter is checked on the FFT of the Fs/4 frequency meander of frequency 1.

The installation without additional devices is used. The maximum length of the FFT is selected to reduce the noise shelf. The jitter level is determined by the level of peaks on the FFT near the main tone.

Output resistance measurement

To measure the output impedance, you will need to measure the output voltage of the source with and without a load. The output impedance is determined by:

Rout = Rload * (Uunload/Uload - 1)

But for measurement you will need an accurate voltmeter. It is easier and more accurate to use an ADC, but do not forget about its input impedance, it would not hurt to use Cosmos Scaler as a buffer.

We need to measure the signal levels with load Lunload (dB) and without load Lload (dB) with several decimal places. Then the output impedance can be calculated as follows:

Rout = Rload * (10 ^ ((Lunload - Lload )/20) - 1) 

It should be noted that the method of measuring the output impedance by voltage drop will give an error if the linearity of the source amplifier is insufficient. In such cases accurate measurement is possible only with the use of special devices.

AFC measurement

One of the easiest and fastest ways to plot the AFC is to use a white noise generator and enable averaging in the RTA. You can also use the REW measurement functionality to characterize.

Step measurements

Subsequent measurements are essentially a series of measurements on some range of automatically changing initial data. The following types of dependencies can be built in REW:

· THD from frequency

· THD from level

· IMD from the level

· Multitone TD+N from level

To perform measurements by these means, it is necessary to use the digital signal from the REW generator.

Stepped measurements are triggered by the "Stepped Measurement" tool, "Stepped sine" button in the RTA window. For complete information on the operation of this tool, please refer to the REW documentation. 

In general terms, this tool selects the measurement mode, the range and step of change of the source parameter: level or frequency, FFT settings, calculation options and clipping response options. According to the selected settings, the tool shows the number of single measurements required, by which you can roughly estimate the time required to make a complete measurement.

Be sure to pay attention to the warnings written in the tool in red font.

Pay special attention to the following settings:

· "Test level (dBFS)". Usually it is set quite high, but you should make sure that no clipping will occur over the entire test bandwidth. Of course, measurements at lower levels may also be relevant.

· "Test frequency (Hz)". If you use the Cosmos APU notch for measurements, the frequency must be the same as the filter frequency.

· "Setting time. Waiting time after starting the oscillator with a signal for the next step. Required for measurements using Cosmos Scaler auto, because it needs some time to analyze gain switching.

· "Enable distortion HP" and "Enable distortion LP". Distortion and noise calculation bandwidth.

· "Use AES17-2015 standard notch". The main tone power calculation method for harmonic distortion calculations within an octave or on the main lobe. Use this setting except when the main tone does not sufficiently exceed the minimum noise level.

If you need to use calibration files, especially when measuring THD using Cosmos APU notch, check the checkbox in the program settings: Preferences> Analysis> Apply cal file to distortion.

Plotting the THD+N dependence on the level
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On the bench for THD measurement, as for all series measurements, both DAC and ADC must be controlled via REW. In the "Stepped Measurement" tool, select the "THD vs level" mode, make the settings and wait for the results.

Plotting THD+N vs. level/voltage/power under load

In fact, any measurement can be performed under the load of the source. However, if you want to see the results in voltage or power units, you need to make some adjustments.

On the measurement bench it is necessary to connect a load to the output of the source. The load size should be selected from the permissible limits of the source, and the level range from the permissible power for the load, if the excess is very large, a "Silence interval" can be set for cooling.

To be able to calculate the output level in voltage units, the maximum output voltage must be set in the REW generator.

The same calculation in power units requires the load resistance to be specified in GraphControl> Appearance> Ref resistance for dBW (Ohm).

After taking a measurement with these settings, selecting the appropriate units of measurement will show the correct values.

Plotting IMD dependence on the level
[image: image5.png]Stepped Measurement x

IMD vs level ~

Start End Step
dBFS: -8000 % 000 1000 %
Custom -

FFT Averages Overlap.
28 v 2 0% v
Wi
Settling time: oms 4
Silence interval: 0s %
() Enable distortion HP 20H 4
() Enable distortion LP 20000Hz 4

Coherent averaging
@ Stop it heavy input clipping occurs

@ Stop at distortion limit: 1%

If distortion limit hittry smaler step

Warning: Stepped sine testing at high signallevels can
damage drive units, especially tweeters. Use the
silence interval to provide cooling time and keep
levels moderate.

9 measurements required

X »

Cancel | | Start





It should be noted that REW calculates intermodulation distortion without taking noise into account, unlike Audio Precision measurements, where noise is taken into account. This should be taken into account when comparing results.

If it is necessary to make a measurement without load, it may make sense to use the Cosmos Scaler autoranger before the Cosmos ADC and set the "Setting time"value200‑300ms. Please note that when using the autoranger, correct distortion results can only be obtained in dBr due to the change of the signal level at the ADC input by the autoranger.

In the "Stepped Measurement" tool, you need to select the "IMD vs level" mode, make the adjustment and wait for the results.

Plotting THD versus frequency
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If the measurement is performed without load or if the load resistance is not low enough, it makes sense to use a buffer (Cosmos Scaler) in front of the ADC to eliminate the influence of its input resistance.

In the "Stepped Measurement" tool, you need to select the "THD vs frequency" mode, make the adjustment and wait for the results.

Appendices

Cosmos APU Notch Calibration

Calibration involves setting two independent filters for frequency (F1 and F10) and gain (G1 and G10). There is a great article on ASR on APU calibration and a blog post by Archimago enlightened Cosmos APU with an example of calibration file generation.

To adjust the frequency, adjust a multitone signal on the REW generator from 20Hz to 20000kHz in 1Hz steps, and set the "Minimize crest factor" flag. This signal will adjust both the frequency and the gain. The gain can be adjusted more accurately with a dual tone signal of 50+1000Hz for notch 1kHz and 500+10000kHz for notch 10kHz. 

After setting up the filter, a calibration file must be created. The measurement will require a bench as for step THD measurement with notch connected.

Make a measurement tool.

· Type: "SPL"

· It is worth choosing a wider range to avoid calibration artifacts in future broadband measurements, but not higher than half of the sampling frequency.

· The level should be set high enough, but avoid clipping. You can check the level setting with the "Check levels" button.

· Sweep method

· For better accuracy, you can choose a larger FFT length and increase the number of repetitions.

· Playback: "From REW" 

· The sampling frequency should provide digitization over the entire required range.

· Select the input and output devices.

· Ensure that no calibration files are used.

· Start the measurement. If necessary, correct the settings and repeat the measurement.

· Once the measurement is made, it is recommended to save the original version of the measurement. In principle, this is already sufficient to make THD+N measurements, but the measurement will show the actual signal level. 
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Export the measurement to a temporary calibration file. Menu File> Export> Export measuremtns to text. 


· Next you need to measure the level of the main tone directly connected to the ADC and using notch and the created calibration file. And find the level difference.
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Return to the obtained measurement. Select the vertical SPL display and enter the obtained level correction from the previous step in the "SPL offset (db)" field with such a calculation that the filter's AFC will shift upwards if the result of tone level measurement with the temporary calibration file was overestimated and vice versa otherwise.

· Once again, export the measurement to a file and delete the temporary file to avoid errors.

· Repeat all the steps to generate a calibration file for a different gain and for a different filter frequency. 


