Audio & Music

Software Engineering

A Deep Dive into One of Tech's Most Specialized and Underrated Domains

From Binary Parsing to Real-Time DSP | Cross-Platform | All Levels of the Stack



| What is Audio Software Engineering?

Definition

Audio software engineering is the discipline of designing, building, and optimizing
software that deals with sound. Capturing it, processing it, transforming it, storing it,
and playing it back. It spans voice calls, hearing aids, game engines, studio recording
tools, broadcast systems, car infotainment, and military sonar.

What Makes It Different
Most software deals with data that sits still. Databases, APIs, Ul state. Audio is a

What It Includes

real-time, time-critical stream of data. A single dropped buffer or a 20ms delay and . DAW plugins like reverb, EQ,
the user hears a glitch. This forces engineers to think deeply about performance, compression
memory, threading, and hardware. o Voice codecs for calls and streaming
The Core Idea o !_mux drivers for USB audio

. . . ) i L interfaces
Sounfj is physms turned into numbers. Audio software engineering is the craft of N Mobile pitch detection apps
working with those numbers. Fast enough, accurately enough, and cleverly enough R 3D spatialized audio in game engines
to produce something a human ear can enjoy or rely on. R WAV file parsers reading raw binary



The Spectrum : High Level to Low Level

One of the most unique things about audio software engineering is how wide
the stack is. Pick your level and go deep, or move across levels as your interest
takes you.

High Level

DAWs, streaming apps, browser synths. Electron, SwiftUl, Kotlin.

Mid Level

Low Level OS Audio APIs

Much fi
OS APIs: ALSA, CoreAudio, WASAPI, AAudio. Hardware buffers, sample rates. A TEWET

Ground Level

‘ Audio engines, plugin systems. JUCE in C++. Audio graphs, MIDI routing.
‘ Binary parsing, codecs, DSP from scratch. FFTs, filters, raw PCM.

Expertise Pyramid




Low Level : Audio Formats & Parsing

What is an Audio File Really

WAV File Structure
Strip away the player and the Ul. At the bottom, an audio file is just a sequence of

numbers in binary. Each number represents the amplitude of a sound wave at a

specific point in time. Everything else is metadata and packaging around those RIFF Header
numbers.

WAV — The Most Educational Format

WAV files follow the RIFF chunk format. The file begins with a header containing fmt Chunk (metadata)

sample rate, channels, bit depth, and data size. After the header is raw PCM data.

No compression, no encoding. What you read is exactly what gets sent to the
speaker. Sample Rate / Channels

Key Concepts

Sample rate: 44100 Hz means 44100 amplitude values per second. Bit depth: 16-
bit gives 65536 possible amplitude values. Channels determine mono vs stereo vs
surround. Byte order matters because of endianness.

Bit Depth / Block Align

Beyond WAV data Chunk Header
MP3 and AAC use psychoacoustic compression, discarding frequencies the human

ear cannot easily perceive. FLAC uses lossless compression. Understanding these
formats means understanding tradeoffs between file size, quality, and decode Raw PCM Samples
complexity.




DSP : Digital Signal Processing

What is DSP Time Domain (Waveform)
DSP is the mathematics of manipulating audio signals in the digital domain. Every

effect you have ever heard, reverb, EQ, compression, distortion, noise

cancellation, is the result of DSP algorithms running on a stream of numbers.

The Fourier Transform

The FFT converts a signal from the time domain into the frequency domain. This
is how equalizers work, how pitch detection works, how spectrograms are drawn,
and how noise reduction identifies unwanted frequencies.

Filters ‘ FFT

Low pass, high pass, band pass. Implemented using FIR or IIR filter designs,

working with convolution, impulse responses, and z-transforms. Frequency Domain (FFT Output)

Convolution Reverb

Impulse responses of physical spaces convolved with dry audio. A gunshot in a
cathedral mathematically places your signal inside that space.

Why This Matters
Every plugin, noise cancelling headphone, and voice assistant filtering

background noise is running DSP code. Understanding DSP means you can build
all of it.

Low  Mid High freq




Cross Platform — Audio Across Every OS

Every operating system has its own audio subsystem, threading model, and latency characteristics. Writing audio software that works
correctly everywhere is not just a matter of recompiling your code.

ALSA is the low level kernel interface, extremely configurable but WASAPI supports exclusive mode where your app bypasses the
complex. PipeWire is the modern standard for desktop Linux audio. Windows mixer. ASIO bypasses the OS entirely and is why most
ALSA remains essential for embedded Linux work. professional audio interfaces on Windows use third party drivers.
tatency: | ~5ms typical tatency: [ ~3ms (ASIO)
Widely regarded as the best designed audio APl on any platform. Uses Android audio has historically suffered from high latency. AAudio,
a callback model where the hardware thread calls your code when it introduced in Android 8, was built specifically to fix this. Getting
needs more data. Very low latency out of the box. consistent low latency across devices remains very hard.

Latency: | ~2ms typical Latency: ~10-50ms varies




Audio Frameworks & Middleware

What is Middleware in Audio

Middleware sits between raw OS audio APIs and your application. It abstracts platform differences, provides ready made building blocks,
and lets you focus on what your software does rather than fighting each platform's quirks.

JUCE

The most widely used framework in professional audio software. Written in C++, it provides a cross platform audio device manager, plugin
hosting, GUI framework, MIDI handling, and DSP utilities. Most commercial plugins and DAWSs you have heard of were built with JUCE.

PortAudio

A lightweight open source library giving you a single API for audio input and output across Windows, macOS, and Linux. No GUI, no plugin
system. Just clean cross platform audio 10. Widely used in academic and open source projects including Audacity.

libsndfile

A C library for reading and writing audio files in dozens of formats. WAV, AIFF, FLAC, and more. If you are writing a tool that processes audio
files rather than streaming audio, this is often the first library you reach for.

RtAudio

Similar to PortAudio but with a cleaner C++ API. Popular in academic and research contexts where you need reliable real time audio without
the overhead of a full framework.



DAWs, Plugins & the VST Ecosystem

What is a DAW o . . .
A Digital Audio Workstation is the central tool of music production. Ableton Live,

Logic Pro, Pro Tools, Reaper, Cubase. A DAW records, arranges, mixes, and exports
audio. Under the hood it manages real time audio streams, a plugin host, a MIDI
engine, a timeline renderer, and a GUI all simultaneously without dropping a single

sample.
What is a Plugin

A plugin is a shared library loaded by a DAW at runtime. The DAW calls into it with a

buffer of audio samples. The plugin transforms those samples and hands them back.

This all happens in a real time thread where you cannot allocate memory, cannot
take locks, and cannot block.

Why This is Interesting to Build

A plugin is a self contained piece of DSP and Ul running inside someone else's
application. The constraints are extreme. No blocking, no dynamic allocation,
microsecond budgets. Building one well is a genuine engineering achievement and a
strong portfolio signal.

Plugin Formats

VST3

Dominant standard by Steinberg. Works on
Windows, macQOS, Linux.

AU

Apple format for macOS and iOS. Required
for Logic Pro.

AAX

Avid format. Required for Pro Tools
compatibility.

CLAP

Newer open standard gaining strong industry
traction.



Real Time Audio : The Hardest Constraint

What Real Time Means Audio Callback Cycle

Real time does not mean fast. It means guaranteed. Miss the deadline and the
user hears a click or dropout. There is no retry, no second chance. Hardware / OS

The Audio Callback

The OS calls your callback on a high priority thread, hands it an empty buffer,
and expects it filled before the deadline. This might happen 350 times per
second at low latency settings.

What You Cannot Do in the Audio Thread

No memory allocation. No mutex locks. No file I0. No network calls. Nothing
that might stall. Violating these rules causes dropouts nearly impossible to
reproduce.

How You Work Around This

calls every ~3ms

fills buffer

returns samples

Lock free data structures. Ring buffers between audio and Ul threads. Memory

pools allocated upfront. Wait free queues for parameter changes. Speaker Output

Why This Matters

Engineers who master real time audio think about code in ways that make them

. Miss the deadline = audible glitch. No exceptions.
better at everything else too.




Cross Platform Audio in JavaScript

Yes, JavaScript Can Do Real Audio Engineering
With Node.js and the right libraries you can write cross platform audio tools that run on Linux, macOS, and Windows without changing a
single line of code.

Parsing a WAV File in Node.js Real Time Playback (All Platforms)
const fs = require('fs'); const wav = require ('wav');
const Speaker = require ('speaker');

function parseWAV (filePath) ({ const fs = require('fs');

const buf = fs.readFileSync (filePath) ;

const sampleRate = buf.readUInt32LE (24) ; const reader = new wav.Reader () ;

const numChannels = buf.readUIntl6LE (22) ;

const bitDepth = buf.readUIntl6LE (34) ; reader.on('format', (format) => {

const samples = buf.slice (44); reader.pipe (new Speaker (format)) ;

}) s

console.log('Sample Rate:', sampleRate);
console.log('Channels:', numChannels) ; fs.createReadStream('audio.wav')
console.log('Bit Depth:', bitDepth) ; .pipe (reader) ;

}

// Works on Linux, macOS, Windows

parseWAV ('audio.wav'); // No code changes needed
Why This Works Everywhere What You Can Build
node-speaker uses ALSA on Linux, CoreAudio on macOS, and WASAPI  Audio file converters, batch processors, CLI mixing tools, real
on Windows under the hood. One codebase, native hardware level time monitors, waveform analyzers, and automated testing
audio output on all three platforms. pipelines for audio software.



Thank You

The soundis in the details.
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