
How Digital Audio Works
Quick Help Sheet

Getting sound in and out of the computer:

• To get sound into the computer, from a microphone, 
an Analog-to-Digital Converter (ADC) is used, which 
converts the analog electrical signals from the mic into a 
discrete, digital form that computers can use.

• To get sound out of the computer, to speakers, a 
Digital-to-Analog Converter (DAC) is used, which 
converts the discrete computer data into an analog 
electrical signal that speakers (or headphones) can use.

Analog-to-Digital conversion and digital audio representation:

ADC

DAC

• The process of converting an analog signal to digital data intutively involves taking samples 
(snapshots) of the analog signal at regular intervals. The rate at which the samples are taken is 
determined by the sampling rate. The amplitude of each snapshot is made discrete by a 
process called quantization. The number of possible amplitude levels for each sample is 
determined by the bit depth.

• For example: the Compact Disc standard for digital audio is 44.1kHz (44.1 kiloHertz) 
sampling rate and 16 bits bit depth, which corresponds to 44,100 samples for each second 
of sound and 2^16 = 65,536 possible amplitude levels for each sample.

• The process of quantization and sampling
is represented graphically at the right. A smooth,
analog wave (in black) is represented digitally by
discrete points (grey circles and lines). The possible
locations of the discrete points (represented by the 
grey grid) corresponds to the sampling rate and
bit depth.

• Uncompressed formats of digital audio include
WAV and AIFF, which are lossless (no degradation of audio).

• Compressed formats of digital audio can be either
lossless (including FLAC and M4A) or lossy (audio is degraded), 
examples of which include MP3 and AAC. 
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