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- Frequency Sampling-Based FIR Filter Design
- Open-source filter
- C#



IMPACT

Infants with hearing loss receiving intervention services before age 6 months (percent)
By Total
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Data Source: State-based Early Hearing Detection and Intervention Program Network (EHDI); Centers for Disease Control and Prevention, National Center on Birth Defects
and Developmental Disabilities (CDC/NCBDDD)

Additional footnotes may apply to these data. Please refer to footnotes below the data table for further information.
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FREQUENCY SAMPLING-BASED FIR
FILTER DESIGN METHOD
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RESULT

, | | _ Testfilter | | Frequency Value

250 Hz 6 dB
500 Hz 0dB
1 kHz 0dB
2 kHz -20 dB
3 kHz -30 dB
4 kHz -40 dB
6 kHz -50 dB
8 kHz -60 dB

time (s)
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MATLAB C#
Speed 478 us 200 us
DISK 200 MB 120 kB
Space
RAM 1.2 GB 2.7 MB




CONCLUSION

« GitHub: http://bit.ly/3gBNJDI
« Future Work: Audiogram Emulator

oz

Audiogram v0.9
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250 Hz: 1= © Use Microphone Play Original

. - Select Input Device:  Microsoft Sound Mapper
500 Hz: 0} 0 o Play Fittered

1 kHz: 1= Start Recording
2kHz: =
3kHz: =

Select OutputDevice  Microsoft Sound Mapper
(O Use Audio File
Select Audio File Plot
4 kHz: = © Audiogram Only
6kHz: 05 () Add Input Signal
8 kHz: = (O Add Consonant Locations



http://bit.ly/3gBNJDl

QUESTION

FREQUENCY IN CYCLES PER SECOND (HZ)
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CODE

// Define variables

int fs = 44100;

double[] x = new double[fs*8]; // input vector

double[] fHz = {250, 500, 1le3, 2e3, 3e3, Ue3, 6e3, 8e3};

// Create the input signal x of 1ls of each frequency in fHz
double t = @; // current time
for (int iFreq = 0; iFreq < 8; iFreq++, t += 1.0/fs)
for (int i = 0; i < fs; i++)
x[i+iFreq*fs] = Math.Cos(2*Math.PI*fHz[iFreq]l*t);

// Filter x using the filter h created in Fig. 5

double[] y = new double[x.Length]; // output vector
for (int i = @; i < x.Length; i++)
{
for (int j = 0; j < h.Length; j++)
{
if (i - j < 0) continue;
y[i]l += h[j] * x[i-j1;
}

}
Console.WriteLine("Filtered output Data: ");

for (int i = 0; i <= filterM; i++)
Console.WriteLine(y[i]);



CODE (CONT)

double[] fHz = {0,250,500,1e3,2e3, 3e3, Ue3, 6e3, 8e3, fs/2};
double[] vaudiogram = {6, 0, 0, -20, -30, -U40, -50, -60};

// Filter Order M
double filterM = 1000;

// Calculate the Vector of N frequencies

double[] vFreqs = new double[fHz.Length];

for (int i = 0; i < fHz.Length; i++)
vFreqs[i] = fHz[i] / (fs / 2.0);

// Calculate the Vector of Magnitudes
double[] vA = new double[vaudiogram.Length];
for (int i = 0; i < vaudiogram.Length; i++)
vA[i] = Math.Pow(10, (double)vaudiogram[i] / 20.0);

double[] vMags = new double[vA.Length + 2];
vMags[0] = vA[@];
vMags[vMags.Length - 1] = vA[vA.Length - 11];

for (int i

= 1; i < vMags.Length - 1; i++)
vMags[i] =

vA[i - 1];

// Calculate the Filter Coefficients
double[] h = new double[(int)filterM + 1];
Filter(filterM, vFreqs, vMags, out h);

// Print the Filter Coefficients

Console.WriteLine("Filter Coefficients: ");

for (int i = 0; i <= filterM; i++)
Console.WriteLineCh[i]);



