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1. Scope

This document focuses on the key attributes of digital audio files, excluding those associated
with multimedia content such as video, text, or other non-audio elements. It aims to clarify the
distinctions between audio containers and codecs, offering technical insight specifically relevant
to digital audio applications rather than broader multimedia contexts.

2. Purpose

The purpose of this document is to provide foundational knowledge of digital audio file formats,
encoding standards, and compression algorithms specifically relevant to forensic practitioners.
By delineating the distinctions between audio containers and codecs, and explaining the
implications of uncompressed, lossless, and lossy compression methods, the document aims to
support informed decision-making in the handling, analysis, and preservation of digital audio
evidence.

3. Introduction

This document offers an overview of file attributes, formats, encoding standards, and
compression algorithms commonly used and encountered in digital audio. Gaining insight into
these components, including the strengths and limitations of various options, enables
organizations to make informed decisions when managing digital audio evidence. Practitioners
are encouraged to consult additional resources for a more in-depth understanding.

4. General Concepts

There are several important terms and concepts related to digital audio that may seem difficult to
understand. As an example, practitioners often conflate audio file formats with audio encoding,
when, in practice, these terms describe unique elements of digital audio files. The terms file
format, wrapper, and container are used interchangeably and represent the same concept, which
is a standardized structural method to store the variety of elements necessary to represent audio
and metadata.

Digital audio is encoded in either uncompressed or compressed formats. When compressed, it
can be encoded with either a lossy or lossless algorithm, but both are designed to reduce its size
for lower impact on storage and/or bandwidth requirements, while retaining as much fidelity as
possible.

Metadata (“‘data about data) may appear at the beginning and/or end of an audio container file,
and/or may be interspersed within data blocks of the encoded audio data itself. In a digital audio
file, metadata may include the channel configuration, sample rate, bit rate/bit depth, date/time
information, duration, and device-specific information.

Figure 1 simplifies the anatomy of a digital audio file, demonstrating that the container is the
holder of at least one encoded audio stream and any additional information included in the file.
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QNTAIN ER/WRAPPER/FILE FORI\m
(WAV, MP3, M4A)

METADATA

(e.g., channel configuration, sample rate, bit rate, encoding
timestamps, duration, codec information, recording device
information, software information)

ENCODED AUDIO DATA

(e.g., PCM, MP3, AAC, FLAC, ALAC)

\\ [may also include additional metadata] /

Figure 1. Anatomy of a digital audio file. (Figure Credit: SWGDE)

5. Sample Rate

Sample rate is the number of samples per second that is taken of an audio input to create a
discrete digital representation of the signal. An increased sample rate results in a greater number
of discrete samples being acquired from the input audio signal. The Nyquist-Shannon sampling
theorem dictates that the sample rate must be at least twice the highest frequency to be recorded,
in order to accurately reproduce the audio signal and avoid aliasing [1]. The audio sample rate is
typically expressed in kilohertz (kHz) and, based on the Nyquist-Shannon sampling theorem,
determines the range of frequencies captured in a digitized audio signal.

Some common sample rates are:

e 8 kHz — Voice Recorders, telephonic recordings

e 44.1 kHz — Standard for audio CDs

e 48 kHz — Common for mobile devices and video production

e 96 kHz/ 192 kHz — Used in high-resolution audio and professional recording

Figure 2 illustrates how sample rate affects the resolution of a digital audio signal over time.
Higher sample rates, such as 96 kHz, capture more data points per second than lower rates like
44.1 kHz or 8 kHz.
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Figure 2. How sample rate affects the resolution of a digital audio signal over time. (Figure
Credit: SWGDE)

6. Bit Depth

Bit depth refers to the number of bits used to represent each individual sample of an audio signal
during the quantization phase. Higher bit depths allow for more precise representation of audio
signals, resulting in greater dynamic range and lower quantization noise. Dynamic range is the
difference between the quietest and loudest sounds capable of being captured in an audio
recording. Quantization noise is the error introduced when a varying-amplitude analog signal is
converted to a digital signal by quantifying its amplitude values to a limited set of discrete levels.

Some common bit depths are:

e 8-bit— Voice Recorders, telephonic recordings

e 16-bit — Standard for audio CDs

e 24-bit — Used in professional audio

e 32-bit float — Used in high-end recording/editing and signal processing

Figure 3 illustrates how bit depth determines the number of quantization intervals available for
representing amplitude values. Increased bit depth results in finer amplitude resolution and
reduced quantization error.
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Figure 3. How bit depth determines the number of quantization intervals available for
representing amplitude values (8-bit depth at the top to 6-bit to 4-bit at the bottom). (Figure
Credit: SWGDE)

7. Channel Configuration

Channel configuration describes how many separate audio channels, tracks, or streams are
present within an audio file, and how they are positioned or assigned in a recording or playback
system. Some common channel configurations are:

e Mono (1.0): a single audio channel
e Stereo (2.0): two channels: left and right (L/R)

o Dual-mono: two identical or separate mono recordings assigned to the left and
right channels without true stereo imaging (e.g., law enforcement dashcam
recording with a transmitter recording on the left channel and an in-vehicle
microphone recording on the right channel)

o True stereo: captures distinct audio signals for left and right channels using
separate microphones or sources, preserving spatial information

o Joint stereo (mid/side or M/S, intensity): a stereo configuration that is derived
by utilizing similarities between the left and right audio channels, rather than
encoding them as completely independent signals

e Multi-Channel: consists of several individual audio channels, each captured separately,
allowing for independent control and playback
Technical Overview of Audio Files
SWGDE 25-A-001-1.0
Version: 1.0 (6/24/2026)
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e 5.1 Surround: five full-range channels (front L/R, center, and rear L/R) and 1 band-
limited subwoofer or low-frequency effects (LFE) channel

e X.Y(.Z) — Multi-channel where “X” refers to the number of individual full-range
channels, “Y” refers to the number of band-limited subwoofer or LFE channels, and “Z”
(when applicable) refers to the number of individual full-range overhead channels.
Examples include 2.1 (left and right with one subwoofer) and 7.1.4 (left, center, right, left
and right surrounds, left and right rear surrounds, one subwoofer, left and right front
overheads, and left and right rear overheads).

8. Compression

Compression uses algorithms to reduce the size of a data file. Compression is often used to
facilitate the storage, transfer, and/or streaming of digital files. Compression algorithms that
retain all the original data are referred to as lossless, while those resulting in a loss of data are
referred to as lossy.

8.1 Bit Rate

The bandwidth or size of multimedia data for transmission or storage is measured by the quantity
of bits per second. With uncompressed audio, the bit rate is directly determined by sample rate,
bit depth, and the number of channels and is not an independent setting. For example, CD-
quality audio is in a stereo channel configuration with 16-bit quantization and 44.1 kHz sample
rate, which equates to a total audio bit rate of 1,411,200 bits per second (705,600 bits per second
per channel):

) samples bits
Bit rate = 44100 ———
sec

bits
= 705,600 per channel
second

X
ond sample
The bit rate of a lossy-compressed audio file, discussed below, indicates the quantity of data per
second resulting from encoding.

8.2 Lossless Compression

When lossless compression is applied, none of the original data is lost, but the compressed data
uses fewer bits to represent the information. When the file is decompressed, the original pre-
compressed data is reconstructed completely. Lossless compression can often achieve a ratio of
2:1 with audio data, thus reducing the size of the original file by half. Free Lossless Audio Codec
(FLAC) and Apple Lossless Audio Codec (ALAC) are examples of lossless audio compression
algorithms.

8.3 Lossy Compression

To achieve a higher compression ratio with lower bit rate, lossy audio compression algorithms
discard portions of audio data that are considered redundant or imperceptible to the human ear.
This process reduces the number of bits required to represent the initial audio, often using
acoustic [2] or psychoacoustic [3, 4, 5] principles. However, some audio information is
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permanently lost, and the original, uncompressed audio will not be perfectly matched in sound
quality, frequency response, and dynamic range. Repeated encoding of an audio file with lossy
compression leads to cumulative and irreversible degradation of the audio signal as additional
data is discarded with each pass.

The bit rate of lossy-compressed audio data is typically measured in kilobits per second (kbps).
Unlike uncompressed audio, the bit rate is an independent attribute of the chosen encoding
scheme and directly affects both the audio quality and the file size:

e Higher bit rates (e.g., 320 kbps or =4:1 compression ratio relative to CD-quality audio)
generally result in better audio quality but larger file sizes. More data means a more
accurate representation of the sound.

e Lower bit rates (e.g., 64 kbps or =22:1 compression ratio relative to CD-quality audio)
reduce file size but may lead to noticeable audio degradation. Less data means additional
audio detail is lost.

When audio is lossy encoded, bit rate settings may differ and can be applied in various ways
depending on the encoder. Different audio encoding tools may have different names for bit rate
settings, but there are shared concepts. Some commonly used terminology for these settings
include:

e Constant Bit Rate (CBR): A target bit rate remains consistent throughout the entire file.
This leads to predictable file sizes but may not be as efficient in terms of quality-to-size
ratio.

e Variable Bit Rate (VBR): The bit rate changes dynamically within a given range based
on the complexity of the audio signal. This usually results in a better balance between
audio quality and file size.

e Average Bit Rate (ABR): Like VBR, the bit rate changes dynamically based on the
complexity of the audio signal, but the encoder aims for a target average bit rate. ABR is
less dynamic than VBR but may be useful for maintaining a predictable file size while
also allowing for some flexibility in the bit rate.

Lossy compression can introduce audible artifacts, which are distortions generated by the data
reduction process. Figure 4 compares uncompressed, losslessly-compressed, and lossy-
compressed (64 kilobits per second MP3 and 32 kilobits per second MP3) audio spectrograms.
While lossless compression retains the original waveform shape, lossy compression introduces
distortion due to data reduction. Repeated lossy compression further degrades signal fidelity.
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Figure 4. Comparison of uncompressed, losslessly-compressed, and lossy-compressed audio
spectrograms. (Figure Credit: SWGDE)

9. Container

A container is a digital file format that serves as a wrapper for encapsulating encoded media and
metadata. The specification for a container [e.g., the MP3 format specification, the Resource
Interchange File Format (RIFF) Waveform Audio File (WAV) Format, or a proprietary container
specification] defines how various data elements are structured within the file. Some containers
are simple and designed to support a specific audio encoding scheme. Other containers are more
advanced and can support a variety of audio encoding schemes as well as metadata necessary for
proper playback. Some container formats are compatible with commonly available media
players, while others require proprietary software for playback and/or retrieval of all available
metadata.

Table 1 lists some of the commonly encountered audio container file extensions.
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File Extension Description

3gp A multimedia container format developed for 3G mobile phones. It is
designed to store audio, video, and text, and supports various codecs.
Commonly used for mobile video and messaging applications.

.aac The Advanced Audio Coding (AAC) format is based on the MPEG-2 and
MPEG-4 standards. Typically stored in ADTS or ADIF containers, AAC is
not just a codec but often used as a standalone audio file format.

.aiff Audio Interchange File Format (AIFF) is a standard uncompressed audio file
container developed by Apple. It stores high-quality audio data and metadata
and is based on the IFF (Interchange File Format) structure.

.amr Both are audio container formats primarily used for speech recordings. AMR
.awb (Adaptive Multi-Rate) is optimized for narrowband speech, while AWB
(Adaptive Multi-Rate Wideband) supports wideband speech. Common in
mobile voice applications.

.au A simple audio file format originating from Sun Microsystems. It supports a
variety of encoding schemes and is structured to store audio data along with a
minimal header, making it suitable for Unix-based systems.

.dss Digital Speech Standard (DSS) and its successor DS2 are compressed
.ds2 proprietary container formats developed by Olympus, Philips, and Grundig.
They support embedded metadata for indexing and playback control.

flac Free Lossless Audio Codec (FLAC) files store audio in a lossless compressed
format. The container includes metadata and supports streaming.

.gsm A container format designed for storing compressed speech using the Global
System for Mobile Communications (GSM) codec. Used predominantly in
telecommunications for low-bandwidth voice recording.

.m4a An audio file container that is part of the MPEG-4 format. Commonly used
for music distribution, especially in Apple's ecosystem. It can contain audio
encoded in either AAC or ALAC and includes metadata support.

.mp3 An MPEG-1 or MPEG-2 Audio Layer III file format. Although closely
associated with its codec, MP3 files are also a container structure that stores

compressed audio frames along with metadata.

Technical Overview of Audio Files
SWGDE 25-A-001-1.0
Version: 1.0 (6/24/2026)
This document includes a cover page with the SWGDE disclaimer.
Page 9 of 12



Scientific Working Group on
Digital Evidence

.0gg A free, open source container format supporting a variety of formats, the most
.0ga popular of which are the audio codecs Opus and Vorbis.
raw A minimal container for uncompressed audio data. Lacks headers or metadata,

making it format-agnostic and primarily used in technical environments or
custom audio processing applications.

.voc A container format developed by Creative Labs for their Sound Blaster series.
VOC files include a header and structured blocks for audio and optional
control data, used primarily in legacy systems.

.wav Waveform Audio File Format (WAYV) is a container developed by Microsoft
and IBM using the RIFF standard. It stores audio data, typically uncompressed
PCM, but can also support various codecs and metadata (e.g., GSM, ADPCM,
A-law, p-law).

.wma Windows Media Audio (WMA) files are a container format developed by
Microsoft. They are designed to store audio data efficiently and support
embedded metadata and optional digital rights management (DRM).

Table 1. Commonly encountered audio container file extensions. (Table Credit: SWGDE)

10. Codec

Codec is the term used to describe an algorithm that encodes audio into a digital stream for
purposes of storage or transmission, or decodes it for playback or processing. Table 2 lists
some of the commonly encountered audio codecs.

3ga A lossy audio compression codec commonly used in mobile devices,
especially for recording and transmitting speech. Often associated with
adaptive codecs optimized for low-bitrate communication.

A-Law A companding algorithm that compresses the dynamic range of audio signals.
It is used to improve the efficiency of digitizing analog audio, especially in
telecommunication systems.

aac A lossy audio codec designed to achieve better sound quality than MP3 at
similar bitrates. It uses advanced compression techniques to reduce file size
while maintaining perceptual audio fidelity.

ADPCM (Adaptive Differential Pulse Code Modulation) A speech-oriented codec that
adjusts compression based on signal complexity. It reduces file size by
encoding the difference between samples rather than the samples themselves.
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A lossless audio codec developed by Apple. It compresses audio without
losing any original data, making it suitable for high-quality audio storage and
playback.

amr

A lossy codec designed specifically for compressing speech. It adjusts
bitrates dynamically to optimize quality and efficiency for voice
communications.

dss

A proprietary, highly compressed speech codec developed for voice
recording. It prioritizes low file sizes and efficient storage over full-spectrum
audio fidelity.

ds2

An enhanced version of the DSS speech codec, offering improved
compression and additional features for professional voice recording
applications.

flac

A lossless audio codec that compresses audio data without any loss in quality.
It is widely used for archiving and playback of high-fidelity sound.

gsm

A low-bitrate lossy codec developed for voice communication over cellular
networks. It compresses audio to telephone quality, making it efficient for
speech storage and transmission.

LPCM

(Linear pulse code modulation) A method of encoding digital audio samples
as discrete values in linearly-spaced steps (e.g., uncompressed audio).

A popular lossy audio codec that compresses audio by removing less
perceptible elements. It balances file size with acceptable audio quality,
especially for music and general audio playback.

u-Law

A companding codec that reduces the dynamic range of audio signals.
Commonly used in digital telephony to optimize audio signal encoding for
transmission.

Opus

An open-source lossy audio codec used widely in voice over IP (VoIP),
messaging apps, and real-time applications, due to its lower latency than
other standard codecs.

voC

A proprietary audio codec used in legacy voice recording hardware. It stores
compressed audio in structured data blocks for playback and editing.

wma

A family of proprietary lossy and lossless audio codecs developed by
Microsoft. It was designed to provide efficient compression with support for
digital rights management.

Table 2. Commonly encountered audio codecs. (Table Credit: SWGDE)

Technical Overview of Audio Files
SWGDE 25-A-001-1.0
Version: 1.0 (6/24/2026)
This document includes a cover page with the SWGDE disclaimer.
Page 11 of 12




Scientific Working Group on
Digital Evidence

11. References

[1] Pohlmann, Ken. Principles of Digital Audio, 6th ed., New York, NY, McGraw-Hill/Tab
Electronics, 2010.

[2] International Telecommunication Union (ITU). Pulse Code Modulation (PCM) of Voice
Frequencies. ITU-T Recommendation G.711, ITU, 1993. https://www.itu.int/rec/T-REC-G.711-
198811-1/en .

[3] International Organization for Standardization (ISO)/International Electrotechnical
Commission (IEC). Information Technology—Coding of Moving Pictures and Associated Audio
for Digital Storage Media at Up to About 1.5 Mbit/s—Part 3: Audio. ISO/IEC 11172-3, 1993.

[4] International Organization for Standardization (ISO)/International Electrotechnical
Commission (IEC). Information Technology—Generic Coding of Moving Pictures and Associated
Audio Information—Part 3: Audio. ISO/IEC 13818-3, 1998.

[5] International Organization for Standardization (ISO)/International Electrotechnical
Commission (IEC). Information Technology—Coding of Audiovisual Objects - Part 14: MP4 File
Format. ISO/IEC 14496-14, 2003.

12. History

Revision Issue Date History

1.0 DRAFT 9/18/2025 Initial draft created by Audio Committee.

1.0 DRAFT 1/15/2026 SWGDE voted to release as a Draft for Public
Comment. Formatted for release for public
comment.

1.0 DRAFT 5/13/2026 Draft revised based on public comments received.
Technical content reworded in Sections 5, 6, and 8.
Figures 2 and 3 revised, and Figure 4 replaced.
Entries added to Tables 1 (“Container”) and 2
(“Codec”).

1.0 DRAFT 5/14/2026 SWGDE voted to release as a Draft for Public
Comment. Formatted for release for public
comment.

1.0 DRAFT 6/17/2026 Formatted for release for public comment.

Technical Overview of Audio Files
SWGDE 25-A-001-1.0
Version: 1.0 (6/24/2026)
This document includes a cover page with the SWGDE disclaimer.
Page 12 of 12


https://gcc02.safelinks.protection.outlook.com/?url=https%3A%2F%2Fwww.itu.int%2Frec%2FT-REC-G.711-198811-I%2Fen&data=05%7C02%7Ckelly.sauerwein%40nist.gov%7C3d19e065df47494cb21f08de6ff246de%7C2ab5d82fd8fa4797a93e054655c61dec%7C0%7C0%7C639071283532019157%7CUnknown%7CTWFpbGZsb3d8eyJFbXB0eU1hcGkiOnRydWUsIlYiOiIwLjAuMDAwMCIsIlAiOiJXaW4zMiIsIkFOIjoiTWFpbCIsIldUIjoyfQ%3D%3D%7C0%7C%7C%7C&sdata=8rJHExMaHpFtI6Ey%2B6KFVkpga1KWpKLAa6JT%2FKuDANQ%3D&reserved=0
https://gcc02.safelinks.protection.outlook.com/?url=https%3A%2F%2Fwww.itu.int%2Frec%2FT-REC-G.711-198811-I%2Fen&data=05%7C02%7Ckelly.sauerwein%40nist.gov%7C3d19e065df47494cb21f08de6ff246de%7C2ab5d82fd8fa4797a93e054655c61dec%7C0%7C0%7C639071283532019157%7CUnknown%7CTWFpbGZsb3d8eyJFbXB0eU1hcGkiOnRydWUsIlYiOiIwLjAuMDAwMCIsIlAiOiJXaW4zMiIsIkFOIjoiTWFpbCIsIldUIjoyfQ%3D%3D%7C0%7C%7C%7C&sdata=8rJHExMaHpFtI6Ey%2B6KFVkpga1KWpKLAa6JT%2FKuDANQ%3D&reserved=0

	1. Scope
	2. Purpose
	3. Introduction
	4. General Concepts
	5. Sample Rate
	6. Bit Depth
	7. Channel Configuration
	8. Compression
	8.1 Bit Rate
	8.2 Lossless Compression
	8.3 Lossy Compression

	9. Container
	10. Codec
	11. References
	12. History

