QUICK STUDY

How human hearing is shaping
high-end audio

Insights into how the auditory system processes time and information are guiding
audio design beyond traditional measures of fidelity.

By Milind N. Kunchur

esigners of high-end
audio systems strive to
reproduce music with a
realism that transports
the listener to a concert hall by
conveying the depth, height, and
width of a musical performance.
But from a physical perspective,
certain design choices for those
systems may seem extreme.

Some marketing materials, for
instance, claim that listeners can
perceive microsecond timing infor-
mation in the sound with high accu-
racy and with little contamination
from the equipment. The conven-
tional upper frequency limit of
human hearing, however; is 20 kHz.
If you apply the familiar reciprocal
relationship between time and fre-
quency, that limit suggests that the
human ear should be capable of
perceiving time information with a
maximum resolution of 50 ys.

Such expectations of perception
limitations arise in part from the
extension of familiar physics con-
cepts beyond the regimes in which
they apply and from incomplete
models of the neurophysiological
mechanisms that underlie auditory
perception. Indeed, the fine tempo-
ral and information resolution of
human hearing is reshaping the
understanding of how sound is per-
ceived and how it needs to be re-
produced to achieve the highest-
fidelity listening experience.
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A Figure 1. Spectrograms of a harmonica and a piano for the note E; show the time evolution
of different frequency components of the sounds. The insets show the corresponding
waveforms. The time-domain information in the plots is critical for how people perceive the
different tonal qualities of the two sounds. The sloped line on the harmonica spectrogram
is included to accentuate how the partial frequencies above the fundamental begin at

progressively later times at higher frequencies.

Temporal precision

Audio engineers tend to think of
musical sounds primarily in spec-
tral terms. They evaluate equip-
ment mainly using measurements
such as the frequency response—
the audio signals’ output-to-input
ratio as a function of frequency—
and distortions that modify the out-
put spectrum. Those measure-

ments, however, do not provide a
complete description of how people
perceive sound.

Other properties of acoustic sig-
nals, particularly time-domain char-
acteristics, are also important. A mu-
sical note is described by four
perceptual attributes: pitch, duration,
loudness, and timbre (its tonal qual-
ity). Reproducing pitch is relatively
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A Figure 2. The frequency response (top) and impulse response (bottom) of two digital-to-analog
converters (DACs). Although DAC 1 has a wider frequency bandwidth, its impulse response
exhibits higher-intensity noise that persists for at least 1 ms. In listening tests, DAC 2 had higher

perceived musical fidelity than DAC 1.

trivial—audio systems rarely struggle
to get the notes right. The challenge
is in faithfully reproducing timbre,
and that’s where time-domain behav-
iors are especially pertinent.

Figure 1 shows spectrograms of a
harmonica and a piano playing the
note E, (the second E above middle
C). Compared with the harmonica’s
spectrogram, the piano’s has fewer
partials, which are the harmonics
and other frequencies above the fun-
damental of the note, here approxi-
mately 659 Hz. Certain temporal dif-
ferences are more influential than
spectral differences for the percep-
tion of timbre. The piano’s partials
start almost simultaneously, whereas
the harmonica’s partials begin at
progressively later times at higher
frequencies. As the waveforms in
the insets show, the piano produces
a more impulsive, faster-rising note
than the harmonica does.

The importance of temporal
structure for timbre can be illus-
trated by time reversing a note,
which alters the timing without
changing the time-averaged spec-
trum. The video “Time reversing a
piano note” (see the online article
for the link) demonstrates that a
time-reversed piano note sounds
like a markedly different instru-

ment—closer to a harmonica. The
sensitivity to temporal structure is
why high-end loudspeakers strive
to provide microsecond synchrony.
Multidriver loudspeakers can be
time aligned, for example, so that
the wavefronts from the different
frequency bands of a sound arrive
at the listener’s ear together.

So how does human hearing
encode cross-frequency synchrony,
which makes a piano sound like a
piano, and with what precision?
Let’s take a brief tour of the auditory
system. Sound vibrations first enter
through the outer ear and eventually
reach the inner ear’s cochlea. There,
the vibrations excite the basilar
membrane, whose tapered structure
gives rise to tonotopic tuning: Differ-
ent frequencies are mapped to dif-
ferent positions along its length.
About 3500 groups of hair cells
distributed along the membrane
convert the mechanical motion to
electric signals that auditory nerve
fibers transmit as spike trains to the
brain. The arrangement acts as a
3500-channel spectrum analyzer.

Sharp, impulsive sounds, such as
piano notes, produce bursts of ac-
tivity across widely separated fre-
quency channels. Those nearly si-
multaneous onsets are detected in

the brain by octopus neurons, which
receive input from many auditory
nerve fibers and function effectively
as coincidence detectors. Octopus
neurons are sensitive to the sharp-
ness of temporal onsets, which is an
important cue for perceiving timbres.
Neural analyses by myself and
others suggest that a person’s transient
auditory response has a resolution
of about a microsecond. That’s con-
sistent with several psychoacoustic
experiments. The findings indicate
that the pursuit of microsecond-
level transient response—and the
associated ultrasonic bandwidths
that extend beyond 20 kHz—in
high-end audio components may
be justified, even if they are often
regarded as unnecessary in con-
ventional audio engineering.

Information resolution
In digital audio recording, standard
16-bit and 24-bit formats encode
each sample at a rate of 44-192 kHz
with 26 (about 66 000) and 2
(about 17 million) levels, respec-
tively. Hearing, however, is not
based on a single scalar measure-
ment at each instant. Instead, sound
is encoded in a distributed pattern
of activity across roughly 3500 fre-
quency channels in the cochlea and
about 30000 auditory nerve fibers.
Each cochlear channel senses a
range of frequencies, and a chan-
nel’s range overlaps with about 100
neighboring channels. The overlap,
which aids in capturing a sound’s
dynamic range and temporal defini-
tion, can be represented approxi-
mately if you group the frequency
spectrum into 40 equivalent rectan-
gular bandwidths. Even if you adopt
a conservative estimate of 10 distin-
guishable states per bandwidth, the
number of possible instantaneous
excitation patterns is about 10%.
The vast information-resolving
capacity of human hearing poses
an extraordinary technical chal-
lenge for audio systems. In complex
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sounds, such as a symphony performance, listeners
can perceive subtle details, including the distinct tim-
bres of dozens of individual instruments, their low-or-
der reflections, and reverberation tails that linger
from notes that were played seconds earlier.

The faint, temporally structured remnants of sounds
are referred to collectively as low-level detail, and pre-
serving it is critical for reproducing music with the
realism of a live performance. In audio components,
those subtle temporal features are often smeared by
the equipment’s lingering decays, such as post-transient
ringing in loudspeakers and digital-to-analog convert-
ers (DACs), that persist after the signal has ceased.

To mitigate such decays, some high-end speakers
have radiating components made of diamond or sap-
phire. Their high rigidity-to-mass ratios enable a faster
and more controlled return to equilibrium. Some man-
ufacturers now specify a cutoff time that characterizes
when signals’ ringing and other remnants decay com-
pletely. The transient response time and the cutoff time
provide a more complete predictor of perceived fidelity.

Figure 2 plots the frequency and impulse responses
of two DACs, which allow music stored in a digital for-
mat to be played through analog speakers. The first
DAC has an extended frequency response and a slightly
sharper impulse peak than the second, but it exhibits
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residual ringing that persists for at least 1 ms. The sec-
ond DAC shows a clean cutoff after 0.5 ms, which bet-
ter preserves low-level detail. In tests, listeners per-
ceived a higher-fidelity response from the second DAC,
illustrating the importance of balancing frequency-
domain performance with time-domain behavior.

Optimizing the transient response and the cutoff
time of high-end audio equipment can lead to materi-
als and designs that, at first glance, appear overengi-
neered or superfluous. Yet those efforts help preserve
the fine temporal structure of sound that underlies
how the human auditory system perceives timbre and
spatial information. The result is a convincing 3D au-
ditory scene, rather than the illusion of instruments
sitting on a line like birds on a wire.
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