1 Quantum PC Audio Filter

1.1 Program Features

· Adjustable Low Pass and High Pass Filters

· Two Adjustable Notch Filters

· Three Noise Filters

· Least Mean Squares Adaptive Filter

· Rolling Median Filter

· Exponential Averaging (Weighted Average) Filter

· Adjustable Volume (sound data is manipulated)

· Sound Data Plotted in the Freq Domain 

· Ability to Capture Raw Audio Data

· Ability to Capture Processed Audio Data

· Ability to Play Audio Data Through the Filter(s)

· Context Sensitive Help
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2 Program Flow

· Once the user clicks ‘Start’, the program waits for 2048 bytes of audio data.

· Since audio is 16 bit mono, 2 bytes = 1 data sample

· Sample rate is 22050 Hz to allow reception of AM broadcasts

· Valid soundcard sample rates are typically 8K, 11.025KHz, 22.05KHz & 44.1KHz. Some cards support other sampling frequencies. Some cards cheat and provide 11KHz rather than 11.025KHz, which is why most PSK programs have a clock adjustment.

· A block of data arrives about every 92 mS

· The data is repackaged in to (1024) double precision values.  Data must be 2n  for the FFT.

· 10.7 Hz resolution

· Filters are applied, FFT done for plotting

· Filter code except LMS filter executes in less than 1 mS

· LMS filter executes in about 20 mS on 750 MHz PIII

· Filters are applied in the following order

· Band Pass & Notch(es)

· LMS

· Median

· Exponential Averaging

· Band Pass implemented as a 384 point Kernel. Notches also implemented as a 384-point Kernel. Kernels then are convoluted to make the final filter kernel. Uses optimize Blackman kernel.

· FFT taken (used only for plotting)

· Freq Domain data is plotted

· Magnitude of frequency data is taken and scaled (assuming +/- 400 mV range on sound card input) and converted to dB.

· Max plot frequency set to 3.5KHz to speed up plotting

· Plotting executes in about 10 mS

· Data is converted back to bytes and written to the playback buffer

· Data is multiplied by the volume setting & data is written to the playback buffer.

· Playback doesn’t start until 1st block of data is written back

· Delay between ‘live’ audio and playback is about 185 mS

· Program then waits for another block of audio data

3 Filter Comparision
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You get faster roll off with a smaller amount of pass band ripple with the digital filter. Filter kernel sizes can be can be easily adjusted and large size do not significant impact computation time.

4 Filter Implementation

FFT and FIR filters were implemented using the Intel NSP library (free!)

Library also contains function for manipulation of arrays, complex numbers, various math functions for complex numbers & arrays.

· Band Pass Filters implemented as 384 point (tap) FIR (Blackman Window)

· Notch Filter(s) implemented as a 384 point (tap) FIR (Blackman Window)

· Tap Setup

                NspdFirBandpass (LowFreq,HighFreq,Tmp,TMPSize,NSP_WinBlackmanOpt,1);

                NspdFirBandstop (lFreq,hFreq,NotchTaps,NotchSize,NSP_WinBlackmanOpt,1);

                //Convolution of the BP & Notch

                nspdConv (NotchTaps,NotchSize,Tmp,TMPSize,BPTaps); 

                //Number of Taps in BPTaps= TMPSize+NotchSize -1;

                nBPTaps=TMPSize+NotchSize-1;

 .

.

.

        NspdFirlInit(BPTaps,nBPTaps,&BandPassTapState);

        NspdFirlInitDlyl(&BandPassTapState,BPDly,&BPDlyState);

        NspdFirlSetDlyl(&BandPassTapState,NULL,&BPDlyState);

· Filtering

    nspdbFirl(&BandPassTapState,&BPDlyState,pSoundData,TempData,DataSize);

· The program provides three different types of noise filtering. The LMS filter is best for noisy conditions. The Exponential Averaging filter works well for static and the Median filter works best for sharp impulse noise. All filters are implemented in the time domain.

· Exponential Averaging filter weights the value of the current data point with a weighting factor applied. α = 1-(UI value * 0.1)
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· LMS Filter attempts to correlate a set of data with a delayed set of data, building a filter kernel the delayed data to use on the current set of data. Typically, a delay of only 1 sample is necessary for good results.

· Filter initialization

        nspdWinBlackmanStd(m_LMSTaps,Taps_Size);

        //Use the taps from the BandPass/Notch filter

        nspdLmslInit(NSP_LmsDefault,m_LMSTaps,Taps_Size,

            (float)2.0e-11*m_FilterSettings.GetLMSConvergence(),

            (float)0.00005*m_FilterSettings.GetLMSLeakage(),

                m_FilterSettings.GetLMSDelay(),&m_LMSTapState);

                nspdLmslInitDlyl(&m_LMSTapState,m_LMSDly_a,TRUE,&m_LMSDlyState_a);

                nspdLmslInitDlyl(&m_LMSTapState,m_LMSDly_n,FALSE,&m_LMSDlyState_n);

· Filter implementation

         double d=nspdLmsl(&m_LMSTapState,&m_LMSDlyState_a,DelayedData[i],m_Err);

         m_Err=pSoundData[i]-d;

         if(fabs(m_Err)>1.0E4)m_Err=1;

         pSoundData[i]=nspdLmslNa(&m_LMSTapState,&m_LMSDlyState_n,pSoundData[i]);

· Median Filter  

    nspdbMedianFilter1( pSoundData, DataSize, m_FilterSettings.GetNoiseLevel());

5 Program Issues

5.1 Multitasking

The program runs fairly well with other programs. Starting up of other programs or heavy disk I/O can cause audio dropouts.  Other processes can swamp the CPU causing DirectX to get lost. When this happens only noise is obtained from the sound capture buffer. This usually sorts itself out after a few seconds but your hearing my take longer to recover.

The program seems to consume about 15-20% of the CPU on 750 MHz PC running XP. With the LMS filter, CPU utilization goes up to 50%.  On a 1.6 GHz Athlon, the CPU utilization is reduced to 20% with the LMS filter enabled.

5.2 Time Dilation Effect

For some unknown reason, the playback buffer progressively falls behind the incoming audio data… hence the program is called Quantum. Over the course of 4-5 minutes, the playback falls behind about 1 block (2048 bytes) of data. 

To keep the sound in close timing with the live audio, the program will have to drop a block of data to allow the playback to catch up.  Though sound data is dropped, you probably won’t notice it.

6 Program Requirements

The program should run on most 400-500 MHz PII type machines if you don’t run the LMS filter.  Because the signal-processing library is optimized for Intel CPUs, you will probably get better performance on an Intel CPU.

The program requires DirectX 8.1, which you can obtain from http://www.microsoft.com/windows/directx/downloads/default.asp
The program requires a sound card, which supports duplex operation (simultaneous capture/playback). Cheaper sound cards probably may work.

Requires Windows 98SE, ME, 2000 or XP operating systems. At this time the program has only been tested on XP professional.
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