Year 12 – playing with audio signals & sound editing
1. Create an audio track using the default sample rate of 44.1kHz.  Now generate the tones detailed below.  Zoom in to each tone and comment on what you observe.  Count the number of samples in one complete wave for each of the signals b to d.
a. Sine wave, 440Hz, amplitude 0.8

b. Sine wave, 2000Hz, amplitude 0.8.

c. Sine wave, 5000Hz, amplitude 0.8

d. Sine wave, 8000Hz, amplitude 0.8

e. Sine wave, 15kHz amplitude 0.8
2. Create a new file and generate a 10kHz tone.  Now add a second audio track (from the project menu) and set the sample rate for this track at 96kHz.  Generate another identical 10kHz tone.  Zoom in again and compare the tones.  Can you explain the difference you see?

3. You should find that the sampling rate needs to be notably higher than the frequency of the sine wave signal you generate.  Try to find a rule for what sampling rate is required to accurately reproduce the signal.

4. Create a new file and add an audio track with a sample rate of 8kHz.  Generate a tone of frequency 4000Hz.  You may find the result quite surprising.  Make a note of what you see and try to explain your findings.
5. Create a new file and add an audio track with a sample rate of 8kHz.  Generate a tone of frequency 2000Hz.  What do you see?  Can you explain your results?

6. We are going to generate a composite signal with multiple frequency components.  Create an audio track with a sampling rate of 44.1kHZ.  Generate a tone of frequency 440Hz, amplitude 0.4.  Now add a second track and generate a tone of 5kHz, amplitude 0.2

a. Merge the two tracks into a single signal using the “quick mix” and comment on what you see.

b. Plot the frequency spectrum and make a sketch of what you see.
c. Apply a low pass filter with a cutoff frequency of 1kHz.  Zoom in and comment on how the waveform has changed.  Plot the frequency spectrum again and make a note of any differences you observe.
d. Apply the same filter again and repeat your observations.

7. Repeat the steps in question 6, but this time use a high pass filter with a cutoff frequency of 4kHz.
a. Make notes of your observations as before

b. Try to explain what a “high-pass” and “low-pass” filter do to the signal.
8. Open the file “70’s funk and soul sample” from the central resource library.  Listen to the first few seconds.  You will hear a low frequency bass line, with various percussive instruments overlaid.  Try to isolate the bass line using an appropriate filter.

Now look at some of the other audio files.  Choose one and try to isolate some feature such as a bassline or drum beat.  Note that you may have to apply the filter several times to remove as many of the unwanted frequencies as possible.
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