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Abstract—In the history of audio and acoustic signal processing,
perceptual audio coding has certainly excelled as a bright success story
by its ubiquitous deployment in virtually all digital media devices,
such as computers, tablets, mobile phones, set-top-boxes, and digital
radios. From a technology perspective, perceptual audio coding has
undergone tremendous development from the first very basic perceptually
driven coders (including the popular mp3 format) to today’s full-blown
integrated coding/rendering systems. This paper provides a historical
overview of this research journey by pinpointing the pivotal development
steps in the evolution of perceptual audio coding. Finally, it provides
thoughts about future directions in this area.

Index Terms—Perceptual audio coding, low-bitrate audio coding,
speech coding, masking, MPEG, and neural coding.

I. INTRODUCTION

Looking back at the history of audio and acoustic signal processing
technology, audio coding serves as a successful exemplar, accom-
plishing a virtuous cycle through collaboration between academic
and industrial researchers, their standardization efforts, and their
application to commercial products. Billions of people use audio
coding technology to compress audio signals daily, from digital
broadcasts and streaming/storing digital music to communication in
diverse acoustic environments. To this end, researchers have aimed at
providing “good” to even “transparent” sound quality to human listen-
ers in various computing environments (e.g., PCs and smartphones),
playback configurations (e.g., earbuds and loudspeakers), network
setups (e.g., different wireless network protocols), and finally, various
listeners’ subjectivity in defining sound quality.

One of the key principles that led to the technological and commer-
cial success of audio coding is the notion of perceptual audio coding,
which aims to preserve the coded signal’s quality to the degree that
it is difficult for the human auditory system to discern the difference
between before and after the compression. This guiding principle has
encouraged researchers to develop numerous algorithms that have
successfully reduced the number of bits to represent the audio signal
without significantly degrading the perceived sound quality.

In this paper, we provide a condensed review of the history
of perceptual audio coding. Sec. II covers a few basic concepts
that distinguish perceptual codecs from their counterparts. Sec. III
follows to present a chronological overview of important techno-
logical advancements in the history of audio coding, such as the
initial transform coders with perceptual bit-allocation (actually “noise
allocation”) algorithms, e.g., the “mp3” codec, perceptual multi-
channel coding, low-delay variants, spectral bandwidth extension,
parametric coding for multi-channel and multi-object signals, and
unified codecs that handle both speech and audio signals. Sec. III
also presents more advanced coding scenarios, such as spatial coding
and its use in AR/VR applications. Finally, Sec. IV summarizes the
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Fig. 1: (a) The simultaneous masking phenomenon (b) temporal
masking. Figures were adapted from [3].

paper and also discusses one of the future directions of audio coding,
that of incorporating data-driven approaches and machine learning,
and the challenges incumbent on that approach.

II. BASIC CONCEPTS
A. Psychoacoustics and Masking

Psychoacoustics is an interdisciplinary scientific area that studies
the human auditory system’s perception and interpretation of different
sounds, such as the perception of pitch from physical frequencies,
loudness that depends on amplitude and frequency, localization of
spatial sound, and masking between different sound components.

Masking describes the phenomenon that louder sounds hide, i.e.,
“mask”, softer sounds in their spectral or temporal vicinity. Fig. la
illustrates how the threshold of masking has a shallow slope towards
higher and a steeper slope towards lower frequencies, often expressed
on a “critical band” scale. Tonal signals are weaker maskers than
noise-like signals. Similarly, Fig. 1b depicts temporal masking before
the onset and after the end of a switched masker signal. Exploiting
these masking phenomena is of central importance in perceptual
audio coding to hide the coding error signal.

B. Waveform Coding

In a straightforward digital representation of the audio waveform,
each signal sample is quantized individually and represented by a dig-
ital code word, a technique traditionally called pulse-code modulation
(PCM) coding. However, since there is a high sample-level correlation
in most audio signals, higher compression efficiency can be obtained
by so-called predictive coding. In differential PCM (DPCM), which
was first patented in the 1950s, a prediction of the next incoming
sample is first made based on previous quantized samples. The
difference between the prediction and the incoming sample is then
quantized and transmitted, resulting in a lower quantization error
variance. Often this prediction is just the previous quantized sample,
but it can also be formed as a linear combination of several previously
quantized samples. Later on, adaptive DPCM (ADPCM) [1] was
shown to provide even higher coding efficiency by adapting both the
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Fig. 2: Linear predictive analysis-by-synthesis coding

prediction and quantization to the signal. Another way of utilizing this
correlation is through transform coding. In this technique, a (typically
linear) transform is applied to blocks of successive time samples. The
resulting transform coefficients are then individually quantized.

C. Speech Coding

Before its use in entertainment, audio coding’s major application
was for speech communication through low bandwidth channels
such as telephony and secure radio communication. Speech signals
generally have a band-limited frequency content, i.e., the long-term
average spectrum decays rapidly after 4-5 kHz. Sampling rates of
8-10 kHz, therefore, became the natural choice for digitizing speech
in telephony applications. For example, the ITU-T G.711 standard
in public switched telephone networks has a sampling frequency of
8 kHz using PCM coding. Note that a narrow bandwidth of 4 kHz
is generally sufficient for intelligible conversations, but for natural
speech fidelity, higher sampling frequencies are necessary.

Early on, speech codecs were designed to match waveforms as
much as possible by minimizing the Euclidean distance between
the incoming samples and the quantized ones, i.e., maximizing
signal-to-noise ratio (SNR). This leads to a quantization noise that
has a flat spectrum. Simultaneous masking allows for achieving
higher perceptual quality, e.g., by shaping the quantization noise
to approximately follow the signal spectrum [2]. Linear predictive
analysis-by-synthesis (LPAS) coders, such as the first GSM coder
[4] and the groundbreaking CELP coder [5], utilized such a weighted
error criterion. In LPAS coding, depicted in Fig. 2, the time-domain
speech signal, s(n), is modeled as an excitation signal, u(n), feeding
a linear predictive synthesis filter, 1/A(z). The encoding criterion is
to find the best excitation parameters such that the variance of the
filtered difference signal between the original and coded signal is
minimized. The weighting filter, W (z), is often based on the linear
prediction filter as W (z) = %, where 0 < p2 < p1 < 1.

Today, speech coding is no longer restricted to narrowband tele-
phony. Higher signal bandwidths have applications such as video
conferencing over the Internet. This has paved the way for wideband
speech coding, using 16 kHz sampling frequency. LPAS coding has
also been shown to be successful for wideband coding and is found
in most of the recent speech coding standards.

D. Perceptual Audio Coding

As implied by the name, perceptual audio coding focuses on
optimizing the subjective (perceived) sound quality rather than a
mathematical error metric, such as SNR. The main strategy is to
shape the coding error (caused by a bitrate-limited resolution) in
time and frequency such that it is below the masking threshold, as
explained in Sec. II-A. In this way, the error is rendered inaudible,
or it is perceived as minimally objectionable if the overall bitrate is
too low to achieve this goal. This approach is called noise shaping
and intentionally accepts some decrease in SNR as a side effect, as
SNR is not what the human auditory system reacts to.

In contrast to time-domain ADPCM-style waveform coding, per-
ceptual audio coding is typically based on a filterbank-based archi-
tecture [6] as explained in Fig. 3. In the encoder, the input time
domain signal is converted into subsampled spectral coefficients
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Fig. 3: Perceptual audio encoder (top) and decoder (bottom).

by an analysis filterbank in a framewise fashion where transforms
are understood as specific perfectly reconstructing filterbanks. The
spectral coefficients are then quantized and coded and put as binary
fields into a bitstream multiplex (e.g., an “.mp3” file). What makes it
a perceptual audio coder is that a perceptual model analyzes each
frame of the input signal to determine its time- and frequency-
dependent masking threshold. This estimate is used to drive the
quantization process so that the masking requirements are met as
well as possible (i.e., the quantization error is below the masking
threshold) while the overall bitrate requirements are also met. This
is a constrained optimization problem for which several approaches
have been investigated [7].

The decoder’s structure mirrors the encoder’s without a perceptual
model. First, the bitstream is disassembled, and then the coded
spectral coefficients are decoded and scaled back to their original
value range. Finally, the synthesis filterbank maps the reconstructed
spectral coefficients back into a time domain waveform for playback.

III. HISTORICAL TIMELINE
A. The First Generation of Perceptual Audio Coders

The first generation of perceptual audio coders was built ac-
cording to the simple structure described in Sec. II-D, i.e., with
an analysis filterbank, perceptual model, quantization/coding, and
bitstream multiplexer as the building blocks. A particular challenge
was the choice of the optimal filterbank, which determines the
inherent time/frequency resolution of the coder and, thus, its coding
performance on transient and tonal signals. The former requires a
high time resolution to avoid “pre-echo” [3] artifacts, while the latter
necessitates a high frequency (and thus low time) resolution.

Therefore, the first-generation coders can be roughly divided into
coders with a high frequency resolution (e.g., 1024 or more bands)
and those with a low frequency resolution (e.g., up to 256 spectral
bands) based on their filterbank configuration. As for the high
frequency resolution coders, a modified discrete cosine transform
(MDCT) [8] filterbank with window switching [9] turned out to be
the best performing and most popular solution, whereas coders with
lower frequency resolution often preferred polyphase filterbanks.

The perceptual models of the coders varied in the degree of accu-
racy, in which the calculation of the masking threshold was performed
(e.g., the calculation of the signal’s tonality). The quantization of
the spectral coefficients was carried out individually (e.g., scalar
quantization) with either uniform or non-uniform bins. Solutions
for coding of the quantized coefficients ranged from simple block
companding [1] to four-dimensional Huffman coding.

Additionally, some computationally simple approaches were de-
veloped for joint coding of the spectral coefficients of stereophonic
signals. The most popular approaches are the mid/side (M/S) stereo
[10] and intensity stereo [11], exploiting redundancy between the
channels while avoiding binaural unmasking problems [12] [13].

Some important milestones in this phase were, e.g., ASPEC [14],
MPEG-1 Layers 1, 2, and 3 [15] and AC-2 [16], where MPEG-1
Layer 3 found widespread applications in music download, streaming
and playback on mobile devices. Under its short name “mp3”, it



became the most well-known compressed format worldwide with an
estimated over a trillion existing bitstreams and many billions of
devices that can play back the format. This first coder generation
set the stage for all later developments, enabling the coding of mono
or stereo signals. It typically provided transparent/good audio quality
for stereo signals in the range of 256/192 kbps (MPEG-1 Layer 2)
down to 192/128 kbps (MPEG-1 Layer 3, a.k.a. mp3).

B. Perceptual Multi-Channel Coding

The next major step after mono and stereophonic coding was to en-
able efficient coding of multi-channel sounds, such as sound produced
for 5.1 loudspeaker setups. This required a deepened understanding
of both the available redundancy between the channel signals and the
perceptual requirements for transparent coding (i.e., spatial masking,
including effects such as binaural masking level difference [13]).
While initial stereo-compatible coding methods required very high
bitrates due to masking issues, MPEG-2 advanced audio coding [17]
is an example of a successful multi-channel coder, requiring only half
the rate of the stereo-compatible codec for achieving broadcast quality
and significantly less rate than AC-3 [18], [19]. Its good performance
results from a better variable time/frequency resolution, bandwise
M/S stereo coding, enhanced entropy coding for spectral coefficients
and side information, and a range of specific coding tools.

C. Beyond Bitrate and Channels

At this point of development, it became clear that merely enhancing
the coder’s efficiency (i.e., requiring even less bitrate) was insufficient
to bring perceptual audio coding into all conceivable application
domains. For example, using audio coding for wireless transmission
called for enhanced error robustness of the bitstreams [20]. Broadcast
streaming over variable rate channels like the Internet suggested
codecs’ ability to adapt the bitrate in real-time to the instantaneous
transmission capacity or using scalable coding techniques [20], [21].
Furthermore, using codecs like mp3 or AAC for high-quality telecom-
munication is not possible due to their inherent delay of several
hundred milliseconds. Thus, low-delay perceptual audio coding was
introduced, leading, e.g., to low-delay derivatives of AAC [20], [22].
At this point, purely parametric coding approaches were also tried out
for their merits at very low bitrates, modeling sound with sinusoids
and noise and allowing pitch and speed change during decoding [20],
[23]. After some more focused development of purely parametric
coding techniques [24], [25], it turned out that filterbank-based audio
coding remained superior due to its attractive trade-off in bitrate and
computational efficiency.

D. Bandwidth Extension

Meanwhile, the spread of cellular networks and the push for digital
broadcasting encouraged perceptual audio coding to lower bitrates
even further (below 64 kbps per stereo signal). However, coding
enough spectral coefficients with appropriate resolution created a
barrier to decreasing the bitrate when high audio quality was required.
The only way of achieving very low bitrates was to sacrifice the
quality and-most importantly—bandwidth of the transmitted audio.
Bandwidth extension (BWE) techniques overcame this limitation by
transmitting a low-bandwidth base audio signal and reconstructing
the missing high-frequency range from the base signal and very
compact parametric side information (e.g., 1-2 kbps per channel)
that allows approximating the original time/frequency and perceptual
characteristics. Since both a transmitted waveform and parametric
side information are used, this can be considered a hybrid of wave-
form and parametric coding rather than pure parametric coding. While

these techniques do not provide fully transparent coding, they still
offer quite a good sound at very low rates (e.g., 48 kbps stereo) and
can be considered a major breakthrough in modern audio coding. The
most well-known BWE scheme is spectral band replication (SBR)
[26], which was standardized in 2003 and excelled through its very
efficient processing structure. It was combined with the family of
AAC coders and became very successful in the market [27].

E. Parametric Coding of Several Channels

Similar to the efficiency break-through by hybrid wave-
form/parametric BWE, another milestone was achieved soon after-
ward: while previous joint coding efforts for several channel signals
had shown either a very limited, signal-dependent gain (M/S stereo
coding) or led to strong artifacts for critical signals (intensity stereo
coding), a new generation of techniques focused on the systematic
exploitation of frequency-dependent spatial listening cues [13], in-
cluding inter-aural level differences (IALDs), inter-aural time/phase
differences (IATDs/IAPDs) and inter-aural cross-correlation (IACC).
The central idea was to reduce several channels to a common (mono
or stereo) downmix signal, which is transmitted by regular perceptual
coding methods. Additionally, the spatial cues of the original signal
are extracted into very compact parametric side information and
used in the decoder to guide the upmix process that recovers the
original number of channels from the downmix signal while the
original spatial cues are approximately preserved. This “spatial audio
coding” approach was successfully developed for 2-1-2 (stereo-
to-mono-to-stereo) processing (Parametric Stereo [28]) and multi-
channel operation (5-1-5, 5-2-5 etc., [29] [30], [31]). Examples of
audio coders using this approach include [27] [32] [33]. Similarly to
BWE, this hybrid between waveform coding of the downmix and
parametric upmixing brought marked improvements for very low
bitrates (e.g., 32 kbps stereo or 5.1 sound at 64 kbps), although full
transparency cannot be expected.

FE. Parametric Coding of Objects

Representing complex audiovisual content by “objects” (sources)
and a description of how to combine them (“scene description”) is
a far-reaching concept that was proposed already before 2000 but
was not economically viable at that time (MPEG-4 [34]). It encodes
content independently of its eventual consumption environment (e.g.
number of loudspeakers) and allows for real-time interactive render-
ing.

Audio objects can be parametrically coded, building on concepts
of parametric coding of multiple channels described in Sec. III-E.
Standardized in 2010, MPEG-D spatial audio object coding [35]
allows bitrate-efficient representation and interactive rendering of
object-based content. Like in parametric coding of multiple channels,
the input (here: object) signals are converted into a mono or stereo
downmix plus compact parametric side information that represents
the characteristics of the input on a time/frequency grid. For objects,
this analogy of the “multi-channel cue side information” is the
relations of the object levels and their mutual correlation values.
Applications include an interactive remix of music content (e.g.,
producing a Karaoke remix for sing-along) and adjustable rendering
of teleconferences for optimum talker balance, spatial placement, and
thus highest intelligibility. Similar principles are implemented in [36].

G. Combined Audio/Speech Coding

The source coding methods in speech coders typically provide
much lower bitrates than the audio coders do. A number of coders
have combined these two paradigms to use speech coder tools when
the input signal is “speech-like” and audio coder tools otherwise.



Extended adaptive multi-rate—wideband (AMR-WB+) [37] is an
extension of AMR-WB [38]. It adds support for stereo signals and
higher sampling rates. It incorporates algebraic code excited linear
prediction (ACELP) speech tools and transform coded excitation
(TCX) audio tools. Automatic switching between TCX and ACELP
provides good quality for all types of signals at moderate bit rates.
AMR-WB-+ is backward compatible with AMR-WB.

MPEG unified speech and audio coding (USAC) [33] builds on
the AAC architecture and adds TCX tools for speech-like signals
and ACELP for very speech-like signals. It deploys content-driven
on-the-fly switching between any of the three coding architectures.

Enhanced voice services (EVS) [39] operates in a broad range
of bitrates, is highly robust against packet loss, and is appropriate
for low-delay real-time communication systems. Like USAC, it can
switch between speech and audio compression to obtain seamless and
reliable operation with a low algorithmic delay of 32 ms.

The open-source Opus [40] is a versatile coder supporting sampling
rates from 8 kHz to 48 kHz, 1 to 255 channels, and bitrates from
8 kbps to 510 kbps, at frame sizes from 5 ms to 60 ms. It is based on
a combination of the linear predictive coding part (SILK [41]) and
the transform coding part (CELT [42]).

H. Generic Spatial Coding

For a more immersive experience, MPEG-H 3D Audio, standard-
ized as ISO/IEC 23008-3, supports the coding of many audio objects,
channel signals, and higher order ambisonics (HOA) signals [43].
Considering that channel signals are objects at a specific location,
the coding of audio objects builds upon previous stereo-coding
technology. However, the very large number of components of HOA
signals required an innovative process in which the HOA sound field
is decomposed into predominant and ambient sound components. At
the same time, parametric side information is generated to enable the
decoder to reconstruct the original HOA signal. MPEG-H 3D Audio
supports rich metadata that allows for a very flexible presentation
of the audio program, including personalized presentations, advanced
loudness management, interactive dialog enhancement, and an engine
to binauralize the audio program for presentation on headphones.
Dolby AC-4 [44], standardized as ETSI TS 103 190, supports object
coding and enables video-frame-synchronous coding. Opus also has
a mode for coding HOA [45].

1. Coding/Rendering for AR/VR

Recently, the coding and rendering of audio for virtual, aug-
mented, and mixed reality (AR/VR/MR) has gained great interest.
The MPEG-I immersive audio standard (ISO 23090-4) specifies the
coding and rendering of audio for virtual acoustic scenes with six
degrees of freedom (6DoF) for the user [46]. It can compactly
represent the required information to enable efficient distribution
over severely bitrate-limited channels. In the system, audio waveform
compression is provided by the MPEG-H 3D Audio codec, providing
efficient use of audio objects, channel signals, and HOA material
in virtual audio scenes. Additionally, the system receives metadata
about the virtual environment (“scene”), such as acoustic properties
of the room (e.g., reflection, absorption, etc.) and room geometry
(e.g., doors and possible sound-occluding objects). The immersive
audio renderer receives audio signals from the 3D audio decoder and
continuously tracks the position and orientation of the user (6DoF)
from a local input. The rendering process includes detailed modeling
of room acoustics and complex acoustic phenomena, e.g., occlusion
and diffraction due to acoustic obstacles and Doppler effects, as well
as real-time interactivity with the user, e.g., opening and closing doors
or manipulating audio sources.
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Fig. 4: Progress over time: bitrates required for “good quality” (not
transparent) coding of stereo audio.

IV. SUMMARY, FUTURE PERSPECTIVES AND CHALLENGES

During the past four decades, perceptual audio coding has un-
dergone a tremendous evolution, both in terms of technological
development and practical deployment. While the first generation of
audio coders required 128-256 kbps for representing a stereo audio
signal at good quality, current state-of-the-art codecs provide that
quality at 20 kbits/s and below (see Fig. 4), and some of them unite
the worlds of perceptual audio and source-oriented speech coding.
Beyond mere coding efficiency, today’s codecs provide many more
functionalities like low-delay modes for high-quality communication,
error resilience for transmission over error-prone (e.g., wireless)
channels, as well as coding and rendering of surround and 3D audio
content with up to 22.2 channels, many objects, and HOA. Most
recently, audio coding technology is being combined with binaural
rendering for VR/AR content.

Application-wise, perceptual audio coding has truly revolutionized
the way we distribute, buy, and consume digital media. Starting with
mp3, music has been freed from being tied to a physical medium,
such as LP records or CDs. Billions of media devices exist that
play compressed bitstreams in mp3 format, or one of its successors,
and trillions of existing bitstreams illustrate the ubiquity of music
content. Despite many predictions that audio coding would soon
become irrelevant due to the enormous resources in storage capacity
and network speed available today, audio coding has continued to
thrive and progress to accommodate the global trend toward wireless
services and an ever-increasing number of service programs offered.

Although the future of perceptual audio coding can be multifaceted,
data-driven machine-learning approaches to coding are increasingly
popular and noticeable. A neural audio coding system can be formu-
lated as an autoencoder. Hence, while it learns to recover the input
signal in an end-to-end fashion, it also learns the low-dimensional
and quantized “code” in its bottleneck [47], [48]. Meanwhile, a neural
decoder can employ a generative model to “synthesize” waveforms
from ultra-low bitrate (< 2 kbps) codes [49], [50]. Although these
neural codecs have pushed the limits of audio coding by showing
greater coding gain, they tend to increase the complexity, making their
use in resource-constrained devices expensive. Hence, some neural
codecs incorporate conventional coding methods to improve their
computational efficiency, e.g., a merger of recurrent neural networks
and LPC [51] and psychoacoustically modified loss functions for
transparent audio coding [52], etc. Another challenge is that most
successful neural codecs are specialized in speech, while neural audio
compression needs more generalization effort. Finally, an increasingly
popular usage of neural codecs is as input to other neural network-
based downstream tasks, such as speech synthesis [53], speech
recognition [54], speech enhancement [55], etc. A recent review of
neural speech and audio coding is available in [56].

In summary, it can be said that perceptual audio coding has truly
revolutionized many parts of our modern life and, most noticeably,
made music available seamlessly in any location at any time.
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