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1 Introduction 

 

The ARTA is a program for impulse response measurement, real-time spectrum analysis and  real-

time measurement of the frequency response. It is a tool for acoustical measurements and "point to 

point" testing of the audio quality in communication systems. 

 

 

The ARTA has functions of following measurement systems: 

 

1. Impulse response measurement system with signal generators: periodic white noise, periodic 

pink noise, MLS, linear and logarithmic swept-sine. 

2. Dual channel Fourier analyzer with signal generators: white noise, pink noise, periodic white 

noise and periodic pink noise. 

3. Single channel Fourier analyzer with signal generators: periodic white noise and periodic pink 

noise. 

4. Spectrum, octave band and THD analyzer with signal generators: sine, two sine, multitone, 

white noise, pink noise, periodic white noise and periodic pink noise. 

5. Triggered storage scope with gated spectrum analysis and short-time Fourier transform. 

6. Two-channel voltage level meter and third octave analyzer. 

 

Note: Mode 2 and 3 can be also used for the estimation of the impulse response. 

 

With calibrated microphone, ARTA can be used as virtual IEC class 1 SPL meter with real time 

modes: 

 

1. Integrating SPL meter with 24 hours data logging, 

2. Octave SPL meter with noise rating (NR, NC, PNC, RC, NCB), 

3. Third octave SPL meter with report of specific loudness, loudness in sone and loudness level 

in phone. 

The ARTA is also a powerful analyzer of: 

1. Gated frequency response, 

2. Smoothed frequency response (in 1/n-octave bands), 

3. Step response, 

4. Impulse response envelope (ETC ï curve), 

5. Cumulative spectrum  and burst decay waterfall curves and sonograms,  

6. Energy decay in reverberant environments, 

7. Room acoustical parameters  

8. Speech intelligibility measures: MTF, STI, RASTI, %AL. 

9. Loudspeaker directivity pattern 
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1.1 Requirements 
 

 

Requirements to use ARTA software are: 
 

¶ Operating systems: Windows  2000 / XP / Vista / 7 ï 32 bit  

¶ Processor class Pentium, clock frequency 600 MHz or higher, memory 256MB for Windows 

2000/XP or 2MB for Vista/Windows 7 

¶ Full duplex soundcard with synchronous clock for AD and DA converters  

¶ WDM or ASIO soundcard driver (ASIO is trademark and software of Steinberg Media 

Technologies GmbH). 

 

The installation of this software is simple: Take the ARTA setup program or just copy the files 

"ARTA.exe" and "ARTA.chm" to some folder and make a shortcut to "ARTA.exe". All registry data 

will be saved automatically at the first program execution.  

 

Files with extension ".PIR" are registered to be opened with ARTA.  They contain the data of the 

periodic impulse response (PIR) or signal time record.  Results of other types of measurements 

(frequency response and spectrum) may be saved in ASCII formatted file, or as an overlay file.  

 

ARTA can export and import file in various formats (.wav, .tim and .txt). 

 

The ARTA does not dump graphs to the printer, instead of this all graphs could be copied to the 

Clipboard and pasted to other Windows applications.    

 

1.1.1 Soundcards 

The ARTA has been used successfully with a following soundcards:  

¶ RME Fireface 800, RME Fireface 400, RME DIGI96, RME HDSP 

¶ Duran Audio D-Audio, EMU 1616m, EMU 0404 USB, EMU Tracker 

¶ Echo Gina24, Echo AudioFire 4, Echo Layla 24, Echo Indigo 

¶ M-audio Audiophile 2496, Firewire Solo, USB Transit, Delta 44,  

¶ Terratec EWX 24/96, Firewire FW X24  

¶ YAMAHA GO46, Sound Devices USBPre2 

¶ Digigram VxPocket 440 - a notebook PCMCIA card  

¶ TASCAM US-122 - USB audio  

¶ ESI Quatafire 610, Juli,  U24 USB and Waveterminal,  

¶ Soundblaster X-Fi, Infrasonic Quartet 

¶ Soundblaster Live 24, Audigy ZS,  Extigy-USB (but only at 48kHz sampling frequency),  
¶ Turtle Beach Pinnacle and Fuji cards,  

 The ARTA may be used with slightly degraded performance with following soundcards:   

¶ Soundblaster MP3+ USB (notice: don't install SB driver, use a Windows XP default driver),  

¶ Soundcards and on-board audio with AC97 codecs.  

Soundcards are classified into three groups: 

¶ standard sound systems that are incorporated in the computer motherboard,  

¶ add-on sound cards for PCI or ISA bus,  

¶ sound systems that connects to the computer USB or Firewire interface.  
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Depending of the target user group, soundcards differs in type of input/output connectors and 

necessary cabling. Basic characteristics of connectors and cabling are given in Table 1.1.  

 

 

 

¶ Standard PC soundcards uses stereo cables and mini-TSR connectors (Fig. 1.1). 

¶ Semi-professional high quality soundcards use RCA chinch connectors and unbalanced 

connections (Fig. 1.2). 

¶ Professional soundcards use TSR 6.3 mm connectors for balanced connection,  TS 6.3 mm 

connectors for unbalanced connection, and XLR (Cannon) connectors for balanced 

microphone connections (Fig 1.3). 

 

 

 

XLR- female XLR ï male TSR 6,3mm  and 

mini TSR 3,5mm 

TS 6,3mm and 

mini TSR 3,5mm 

RCA chinch 

   
 

 

pin1 ï ground 

pin 2 - plus  

pin 3- minus  

pin1 - ground 

pin 2 - plus  

pin 3- minus 

T (tip) - plus 

R (ring) - minus  

S (sleeve) - ground 

T (tip) ï plus 

S (sleeve) - ground 

pin - plus 

guard - ground 

balanced 

microphone cables 

balanced 

microphone cables 

balanced  cables or 

unbalanced stereo 

cables 

unbalanced  cables 

(coaxial cable) 

unbalanced  

cables 

(coaxial cable) 

 

Table 1.1 Connectors and cables used in audio systems 

 

 

 

 

 

 

 

1. Line-In (light blue) 

2. Line-Out ï Front speaker (green) 

3. Mic In - Mono microphone (pink) 

4. Out ï Central speaker and Sub-bas  

(orange) 

5. Out-Back speaker (black) 

6. Out ï Side speaker (grey) 

 

 
 

Figure 1.1 Audio connectors on the PC motherboard (example for 5+1 surround sound system). 

 

Standard PC stereo systems have three connectors (1, 2, and 3 on the motherboard).  Surround 5+1 

sound systems have additional three connectors (4, 5, and 6 on motherboard). One of outputs is 

designed to drive a headphone with nominal 32W  impedance. For soundcard testing we will use 

loopback connection of Line-In (blue) and Line-Out (green) using stereo cable terminated with mini-

jack TSR connectors. Input impedance of Line-In input on most PC soundcards is 10-20kW. 
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On laptops and notebooks, usually there are only headphone output and microphone input. Those 

systems are not appropriate for use with ARTA, as they cannot enable measurements in dual-channel 

mode because microphone input is a mono channel. 

 

 

 

 

 
 

 

Figure 1.2 PCI card with RCA chinch connectors (i.e. Terratec EWX24/96 or M-Audio Audiophile 

24/96).  There are separate connectors for left channel (in white color) and for right channel (in red 

color).  

 

 

 

 

 
 

 

 

  
 

Figure 1.3 Professional sound system with Firewire interface, TRS and XLR connectors 

 

Fig. 1.3 shows an example of the high quality Firewire professional sound system.  On the front panel, 

there are two XLR microphone inputs. In the center of the XLR connector, a TS connector is inserted. 

It serves as music instrument input.  Input impedance of instrument input is from 470kW to 1MW. 

Both inputs have volume control. Microphone inputs can be switched to phantom power, which gives 

power supply of 48V to pins 2 and 3 of XLR microphone connector. Next, there is a master volume 

control for adjusting output level and input monitor level. Finally, there is a headphone volume control 

and a headphone stereo TSR connector. On the back panel, there are two balanced inputs, two 

balanced outputs, SPDIF optical connectors and two Firewire connectors.  
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1.2 Measurement Setup 
 

In this document, we refer to following measurement setups: 

 

1. Dual channel measurement setup 

2. Single channel measurement setup 

3. Semi dual channel measurement setup 

4. Loopback for soundcard testing 

 

A general measurement setup for system testing is shown in Fig. 1.4. The soundcard left line-output 

channel is used as a signal generator output. The left line-input is used for recording a D.U.T. output 

voltage and the right line-input is used for recording a D.U.T. input voltage. In a single channel setup, 

only a D.U.T. output voltage is recorded.  In a semi dual channel setup the right line-input is used to 

measures the right line-output voltage. In a loopback setup, the left line-output is connected to the left 

line-input and the right line-output is connected to the right line-input. 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 1.4 General measurement 

setup for system response testing 

(D.U.T = device under test) 

 

 

 

Setups for acoustical measurements are shown in figures 1.5, 1.6, 1.7 and 1.8. 

 

 

 

 

 

 

 

 

 

 

 

Figure 1.5 Dual channel 

measurement setup for 

acoustical measurements 

 

 

 

To protect the soundcard input from high voltage that is generated by the power amplifier, it is 

recommended to use a voltage probe circuit, as shown in Fig. 1.6. Values of resistors R1 and R2 have 

to be chosen for arbitrary attenuation (i.e. R1=8200 and R2=910 ohms gives probe with -20.7dB  

(0.0923) attenuation if the soundcard has usual input impedance - 10k̔ ).  
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Figure 1.6 Voltage probe with 

soundcard input channel 

overload protection 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 1.7 Single channel 

measurement setup for acoustical 

measurements 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 1.8 Semi-dual channel 

measurement setup for 

acoustical measurements 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 1.9 Loopback setup for 

soundcard testing 
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The ARTA is also targeted for "point-to-point" testing of audio quality in communication systems. 

Figure 1.10 shows setup for testing such systems. Interface to mobile phones can be realized by using 

a headset I/O. Interface to the standard phone line (POTS) is shown in Fig. 1.11.  

 

The ARTA can measure frequency and impulse response, distortions of sine, two-sine and multitone 

signals, estimate delays, echoes and speech transmission index. A special measurement technique, 

with an interrupted noise excitation, is applied to circumvent time-variant behavior of these systems 

(automatic gain control, noise reduction, voice activation). 

 

 
 

Figure 1.10 Measurement setup for testing communication systems 

 

 

 
 

Figure 1.11 Interface from the soundcard I/O to the standard phone line (POTS)  
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1.3 A First Touch 
 

When you start the ARTA you will see the program window as shown in Figure 1.12. This window is 

called Impulse response window (Imp window).  It will be primary used to show the impulse response, 

also it will be used to show the time record of captured signals.  
 
 

 
 

Figure 1.12 Impulse response window 
 

By using the menu Mode, you can switch to three frequency domain windows for the real-time 

analysis: 
 

¶ Dual channel frequency response measurement window  

¶ Single channel frequency response measurement window  

¶ Spectrum analyzer window  
 
 

The measurement mode may be chosen also by clicking following toolbar icons: 

 

FR2 - Dual channel frequency response measurement window  

FR1 - Single channel frequency response measurement window 

SPA - Spectrum analyzer window 

IMP - Impulse response / Signal recording window 

 
 

Now click these menus or toolbar icons to see how the measurement windows are working.  
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Figure 1.13 Dual-channel frequency response window - FR2 (the single channel frequency response 

window - FR1 looks the same)  

 

 
 

Figure 1.14 Spectrum analyzer window  
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The Impulse response window is most important for a system response analysis. It will be described in 

more detail after we show how to analyze the spectrum and the system frequency response. 

 

1.4 Hardware Setup 
 

Before you start measuring you have to setup your hardware and audio devices by clicking the menu 

Setup->AudioDevices or by clicking the toolbar icon  . You will get the dialog box for the audio 

devices setup shown in the Fig. 1.15. 
 
   

 
Figure 1.15 Dialog box for audio devices setup 

 

The 'Audio Device Setup' dialog box has following controls: 

 

 

In section Sound Card:  

 

Soundcard driver  - chooses the type of soundcard driver (WDM ï windows multimedia driver or one of 

installed ASIO drivers).   
Input channels - chooses the soundcard input stereo channels. ASIO driver can have large number of 

channels. 
Output Device - chooses the soundcard output stereo channels.  

Generally, user chooses input and output channels of the same soundcard (mandatory in ASIO driver 

mode).  
Control panel button ï if WDM driver is chosen, it opens sound mixer on Windows 2000/XP or Sound 

control panel in Vista/Win7. If ASIO driver is chosen, it opens ASIO control panel. 

Wave format ï on Windows 2000/XP chooses Windows wave format: 16 bit, 24 bit, 32 bit or Float.  Float 

means IEEE floating point single precision 32-bit format. It is recommended to use 24-bit or 32-bit modes 

when using a high quality soundcard (many soundcards are declared as 24-bit, but their real bit-resolution 

is less than 16-bits).  On Windows Vista / Windows 7 it is recommended to choose resolution type Float. 
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This control has no effect in the ASIO mode, where a bit resolution has to be setup in the ASIO control 

panel. 

 
In section I/O amplifier interface:  

 
LineIn sensitivity  - enters the sensitivity of the line input (i.e. peak voltage in mV that corresponds to the 

full excitation of the line input). 
LineOut sensitivity - enters the sensitivity of the left line output (i.e. peak voltage in mV that corresponds 

to the full excitation of the line output).  
Ext. preamp gain - If you connect a preamplifier or voltage probe to the line inputs you should enter the 

gain of the preamplifier or probe attenuation in the edit box, otherwise set it to unity gain.  
LR channel diff. - enters the difference between the level of the left and the right input channels in dB.   
Power amplifier gain - If you connect the power amplifier to the line-output, and if you need, calibrated 

results in single channel setup, you have to enter the power amplifier voltage gain.  

  
The best way to enter these values is to follow the calibration procedure as described in the next chapter. 

 
In section Microphone:  

Sensitivity - enters the sensitivity of the microphone in mV/Pa.   

Microphone used - check box if you use the microphone and want the plot to be scaled in dB re 20P̧a or 

dB re 1Pa. Also, use combo box to choose the channel where the microphone is connected (we strongly 

recommend to use the soundcard left channel as the microphone input channel). 

 
The setup data may be saved and loaded, by pressing the buttons 'Save setup' and 'Load setup'. The setup-files 

have the extension '.cal' 

 
 
 

Important notice: Please mute the line and microphone channels at the output mixer of 

the soundcard; otherwise, you might have a positive feedback during measurements. If 

you use a professional audio soundcard, switch off the direct or zero-latency monitoring 

of the line inputs. 

 
 

1.4.1 Windows 2000 / XP WDM driver setup 

After selection of the soundcard user has to disable (mute) line-in and microphone inputs in output 

mixer. In addition, user has to select which input will be used for recording: Line In or Microphone 

(Mic). For a standard PC soundcards, the procedure is as follows: 

 

1) In ARTA Audio device setup dialog click the button óControl panelô to open the 

Windows óMaster Volumeô dialog box, which is shown on Fig. 1.17.  

2) Click on menu óOptions->Propertyô and select soundcard channel that will be used 

for output (playback), as shown in Fig. 1.17. 

3) Mute Line In and Mic channels in dialog óMaster Volumeô (Fig. 1.16). 

4) Set Master Volume and Wave Out volume to maximum.  

5) Click on menu óOption->Propertyô and select soundcard channel that will be used 

for input and enable Line In and Mic channels in recording mixer. 

6) Choose Line In or Mic Input. Normally, ARTA uses Line In input on which external 

microphone amplifier should be connected.  

7) Set volume control of Line In to some lower position. Later it will be set more 

precisely.    
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Figure 1.16 Dialog for choosing soundcard and input/output channels  

 

 

 
 

Figure 1.17 Typical setup of a soundcard output mixer in Windows XP 

 

 

Note: Most professional audio soundcards have their own program for adjustment of input and 

output channel, or have hardware control of input monitoring, and input and output volume 

controls. 
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1.4.2  Vista / Windows 7 WDM driver setup 

 

Microsoft has changed their approach in control of sound devices in Vista / Win7. Now operating 

system (also, sometimes in conjunction with control programs of professional soundcards) is 

responsible for setting soundcard native sampling rate and bit resolution.  Operating system changes 

native resolution to floating point format for high quality mixing and eventually for the sample rate 

conversion. 

For ARTA this means that it is strongly recommended to use resolution óFloatô and set the sampling 

rate to the native format. Access to these values is in óWindows sound control panelô, which user 

gets by clicking on button óControl Panelô in óAudio Device Setupô dialog. 

  

Fig. 1.18 shows Vista/Win 7 control panel, that has four property pages. 

As first step, user has to adjust Playback page and later repeat the same procedure for 'Recording' 

page. Adjustment steps are: 

 

1) Click on channel info to choose the playback channel. It is not recommended  to use the 

measurement channel as a default audio channel.  

2) Click on button óPropertiesô to opens channel óSound propertiesô dialog. 

3) Click on the tab óLevelsô to open the output mixer (as in Fig. 1.16).  Then mute Line In and 

Mic channels, if exist. 

4) Click on the tab óAdvanced' to set the channel resolution and a sample rate (as in Fig. 1.17) 

5) Repeat previous procedure 1) to 4) for recoding channel, and choose the same sampling rate as 

in the playback channel. 

  

 

 

 
 

Figure 1.18 Vista Sound Control panel 
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Figure 1.19 Playback channel properties ï Output levels 

 

 

 
 

Figure 1.20 Setting the native bit resolution and sampling rate in Vista 
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Note: Many drivers do not work stable under Windows 7. In that case, please use ASIO driver if it is 

available for your soundcard. 

1.4.3 ASIO driver setup 

 

ASIO drivers are decoupled from the operating system control. They have their own control panel to 

adjust native resolution and memory buffer size.  The buffer is used for the transfer of sampled data 

from the driver to the user program. User opens the ASIO control panel by clicking button óControl 

Panelô in the ARTA óAudio Device Setupô dialog. Fig. 1.21 shows an example of ASIO control panel. 

 

 
 

Figure 1.21 E-MU Tracker Pre ASIO Control panel for setting bit-resolution and buffer size   

 

In music applications user usually sets buffer size as small as it is possible for stable work. That gives 

the lowest input/output latency (system-introduced delay).  

In ARTA, the latency is not problem, as it is encountered in software, but it is not recommended to use 

buffer with size larger than 2048 samples, or smaller than 256 samples. Some ASIO control panels 

express the buffer size in samples, while other express the buffer size in time [ms]. In that case we can 

calculate the size in samples using following expression : 

 

buffer_size [samples]  = buffer_size[ms] *samplerate[kHz] / number_of_channels. 

 

Some ASIO drivers allow setup of buffer size (in samples) that is a power of number 2 (256, 512, 

1024,..). In that case, ARTA adjust buffer size automatically. 

 

ARTA always work with two input channels, and two output channels, treating them as stereo left and 

right channels. As ASIO support multichannel devices, user has to choose in a dialog box óAudio 

Device Setupôô which pair of channels will be used in ARTA (1/2, 3/4, ..). 
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1.5 Calibration 
 

The menu command Setup->Calibrate devices opens the dialog box 'Soundcard and Microphone 

Calibration'  shown in Fig. 1.14. 

 

 

 
 

Figure 1.14 Dialog box for the calibration of soundcard and microphone 

 

Three sections lead to the calibration of  

 

(a) soundcard output left channel,  

(b) soundcard input left and right channels and  

(c) microphone calibration. 

 

1.5.1 Calibration of Soundcard Output Left Channel 

It is recommended to follow this procedure: 

 

1. Connect the electronic voltmeter to the left line output channel. 

2. Press the button 'Generate sine (400Hz)' 

3. Enter the voltmeter readout in edit box (in mV rms).  

4. Press the button 'Estimate Max Output mV' 

5. The estimated value will be shown in the box 'Estimated'. 

6. If you are satisfied with the measurement, press the button 'Accept', and the estimated value 

will become the current value of  the 'LineOut Sensitivity'. Also, it will be entered as a value 

for the input channel calibration. 
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1.5.2 Calibration of Soundcard Input Channels 

You can use an external generator or the output channel of the soundcard to calibrate the input 

channels. In case of using the output channel of the soundcard as a calibrated generator: 

 

1. Set the left and the right line input volume to maximum. 

2. Connect the left output to the left line input.  

3. Press the button 'Generate sine (400Hz)' and monitor the input level at bottom peak-meters. If 

the soundcard input is clipping, lower the level of input volume to -3dB.  

4. Enter the value of signal generator voltage in the edit box, but only if it differs from value 

used during output channel calibration (1.5.1).  

5. Press the button 'Estimate Max Input mV '. 

6. If you are satisfied with the measurement press the button 'Accept', and estimated value will 

become the current value of the 'LineIn Sensitivity '. 

7. Repeat 1-6 for the right input channel.  

 

Note: This procedure is recommended as it guarantees that you can connect the soundcard in loopback 

mode. If you want to calibrate input channels with input volume set to maximum, many soundcards 

require a reduction of the level of the output channel.  

1.5.3 Calibration of the Microphone 

To calibrate the microphone you must have a sound calibrator. Then:  

 

1. Connect the microphone preamplifier to the soundcard input (left or right). 

2. Enter the preamplifier gain.  

3. Attach the sound calibrator on the microphone. 

4. Press the button 'Estimate mic sensitivity'. 

5. If you are satisfied with a measurement, press the button 'Accept'. 

 

Note: If you don't know the preamplifier gain, you can set some arbitrary gain value, but that value 

must be used as a preamplifier gain in the 'Audio Devices Setup' dialog box. 

1.5.4 Frequency Response Compensation 

 The quality of measurements depends on the quality of used sensors, i.e. microphones. It is possible 

to enter frequency response of sensor in ARTA and make the compensation of their frequency 

response (by applying the inverse of sensor FR to measured FR).  

The menu command Setup->FR compensation or click on icon   gets the dialog box "Frequency 

Response for Compensation", shown in Fig. 1.15. The dialog has a few controls and a graph that 

shows the frequency response which will be used for FR compensation. 

  

The button Load opens the dialog for loading ASCII files that contain frequency response data. The 

file name must have extension .MIC and data entered in lines of text. Lines that start with a digit or dot 

characters must contain at least two values: first value is frequency in Hz and the second value is 

magnitude of frequency response in dB. The third value is optional. It may be the value of phase or 

any other text that will be treated as comment. All other lines are treated as comment. After 

successfully reading of the compensation file, the path of the file will be shown in the box below the 

graph. 

For example,  file "MB550-B.mic" (shown in Fig. 1.15) has content: 
 
    microphone mb550  

    freq(Hz) Magn(dB)  

    48.280   0.34  

    48.936   0.28  

    49.601   0.21  

    .....   
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Figure 1.15 Typical frequency response  of an electret microphone.  

 

 

o The check box "Show spline interpolated data" enables us to see the interpolated FR curve 

that will be used in FR compensation. 

o The button 'Copy' copies current graph picture on Windows clipboard. 

o The combo list box 'Range (dB)' sets graph magnitude dynamic range (10-100dB). 

o The button 'Use frequeny response compenstion' enables/disables frequency response 

compensation. 

 

1.6 Getting Pictures of Graphs and Windows  

 
Normally, we work with graph windows and dialog boxes. We also need to get  the copy of the graph 

picture of the graph window picture.  

 

Obtaining copy of the full window picture is simple. User needs to simultaneously press keys Ctrl+P . 

After that command the window picture will be saved in the System Clipboard, from were the user can 

paste it in other opened Windows applications (MS Word, MS Paint and Adobe Paint Shop). 

 

To obtain the copy of the graph picture, that is shown inside the window, user needs to simultaneously 

press keys Ctrl+C  or activate the menu command 'Edit ->Copy', or press appropriate 'Copy' button.   

In main window toolbar, the 'Copy' button is shown as toolbar icon .  

 

This command opens the dialog box 'Copy to Clipboard with Extended Information ', shown in 

Figure 1.16. Here user has to setup three copying options: 

 

1)  In the Edit box user optionally enters the text that will be appended at the bottom of 

the graph.  

2) Check box ' Add filename and date' enables adding text to the graph that shows  file 

name, date and time. 

3) Check box ' Save text' enables saving entered text for the next copy operation.  
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4) Bitmap size is chosen by selecting one of following combo box items: 

Á Current screen size   - variable width and height option  

Á Smallest  (400 pts) - fixed graph width 400 points  

Á Small  (512 pts) - fixed graph width 512 points  

Á Medium  (600 pts) - fixed graph width 600 points  

Á Large  (800 pts) - fixed graph width 800 points  

Á Largest  (1024 pts)  - fixed graph width 1024 points  

 

The options with fixed width give graphs with the aspect ratio 3:2. 

 

The button 'OK'  copies the graph to the system clipboard. 

The button 'Cancel'  cancels the copy operation. 

 

 
 

Figure 1.16 Dialog box 'Copy to Clipboard with Extended Information' 

 

 

 
 

Figure 1.17 Copy of the graph from Figure 1.15. The extended information shows file name, date, 

time and user defined text. 
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2 Spectrum analyzer 

 

The spectrum analyzer of ARTA is implemented as a real-time FFT based spectrum analyzer. A built 

in generator provides the following signals: sine, two sine, square, triangle, multitone, white noise, 

pink noise, periodic white noise (PN white), periodic pink noise (PN pink) and periodic speech noise 

(PN speech). 

Working with the spectrum analyzer will be explained through the soundcard testing procedure. 

 

2.1 Souncard testing  

 

The easiest way to test the quality of the soundcard is in the Spectrum analyzer mode.  
 

1. Make the loopback connection for the soundcard testing. 

2. Click the menu Mode -> Spectrum Analyzer or click the toolbar icon SPA . 

3. Click the menu Generator->Setup or click the toolbar icon . You will get the dialog box  

    shown in Fig. 2.1. 
 
 

 
 

Figure 2.1 The dialog box for the signal generator setup 

 

 

This dialog box has following controls: 

 

Sine / square generator section: 
Frequency - enters the frequency of sine signal in Hz. 
Peak Level - chooses the output peak level re full scale peak level  (0dB to -90dB). 

RMS voltage - shows voltage value of line output channel (for calibrated system) 
Dither  Level - chooses: None, 16bit, 18bit or 20bit. 

 


























































































































































































































































































