TEMPCRAL DECAY: A USEFUL TOOL FOR THE CHARACTERI SATI ON OF
RESOLUTI ON OF AUDI O SYSTEMS?

Drs. HR E van Mianen
TEMPORAL COHERENCE

Any band-linmted system has a "tinme-snear"” in its inpulse response. The
width of this inpulse response is dependent on the bandw dth of the system
and of the way its band is linited. This spread results in masking of fine
details and the related "Tenporal Decay" can vary from 0.16 to 1.09 dB/ us.
The concept wll be discussed and sonme exanples wll illustrate the
results.

SUMVARY.

In the discussion about the perceived quality of sound systens the tenpora
aspect is often neglected or its inportance underestimated. |In this paper
we propose a semi-quantitative property of systenms to conpare these, taking
the tenporal behaviour into account. W have tried to find a sinple, easily
to find and to interpret paraneter which by no neans will be the final
answer to the problens encountered in audio, but can help to inprove the
conparison of systems in a nore objective way and could help to direct
future devel opnents.

This so-called "tenporal decay" is an excerpt of the Dirac delta pulse
response of the linearised system As the delta pulse response contains
nore information than the anplitude characteristic between 20 Hz and 20
kHz, this could be an interesting additional aspect of audi o systens.

Application of this concept to various different filters, some of which
could be used as anti-aliasing and/or reconstruction filtering in digital
audi o systens, reveals differences between these and possibly the perceived
quality as deternmined by a critical audience.

In previous papers (ref. 1 and 2) was shown that the perceived quality
di fference between noving nagnet and noving coil cartridges is largely due
to a difference in inpulse response. These two types thus show a strong
difference in tenporal decay in agreement with the perceived quality.

1. | NTRODUCTI ON

The discussion on the perceived quality of audio systens often |acks
objective criteria. This is partly due to the subjective experience of the
ill-defined property "quality", covering many aspects, partly to the lack
of understanding of all the properties that influence the perceived
quality. The latter is not synonynmous with the technical quality of a
systemto begin with.

Di sregarding non-linear distortions, the frequency response between 20 Hz
and 20 kHz of a systemis very often taken as a major paraneter determning
the quality of a sound reproduction system The basic idea behind this is
the Fourier analysis of sounds, in which any sound wave, no matter how
conplicated, can be deconposed into an infinite series of sine and cosine
waves of different frequencies, starting at zero and "ending" at infinity.
The, never nentioned, assunption is that the frequency conponents above the
hearing limt, wusually taken at 20 kHz, do not influence the perceived
sound in any way.

Although this seens a reasonable assunption at first, it is not as
straightforward as one would think. Two aspects play an inportant role: the
first is that Fourier analysis only holds for linear systems and if there
is one transducer which is non-linear, it is the human ear. In non-linear
systens frequencies not present in the original signal can be generated
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and/or other frequencies can acquire nore power than in the original sig-
nal. This can easily be denonstrated using a 3 kHz sine wave with 5 periods
on and 5 periods off. Although Fourier analysis tells that 300 Hz is only a
weak conponent in this signal, it is the strongest one hears. As 300 Hz
corresponds to the envelope of the signal it is not surprising using the
non-linear properties of our ears. It can be concluded that frequencies
above the hearing limt can indeed generate signals that are below the
hearing limt which could thus influence the perceived sound and the
qual ity experienced.

The second aspect is that the limtation of the bandwidth of an audio
reproduction system has consequences in the tinme domain, which we wll
di scuss in the next section. The relation between the spectral response and
the tenporal behaviour wll be discussed, followed by sone exanples and
di scussion on the perceived quality.

2. TEMPORAL DECAY.

W will try to find a paranmeter, that is able to characterize in "sho-
rthand" the tenporal properties of an audio system in a way that is both
easy to find and to interpret. The Wgner Distribution (ref. 3 and 4) is a
very powerful technique, but requires sophisticated conputational systens
to obtain and is not easy to interpret, especially for people with |ess
feeling for mathematics. The Energy-Tinme Curve (ref. 5) is sinpler, but
still interpretation is not easy, because of its non-causality. Before we
will define tenporal decay, we will make sone sinplifications:

Any audio system (starting with the mcrophone picking up the original
sound and ending with the |oudspeaker reproducing the sound) can be
regarded as a band-pass filter as shown in fig. 1. The first approxinmation
we will make is to neglect the small wiggles in the response, so we wll
i dealise the response to that of fig. 2. However, all audio systens are
nore or less non-linear and thus produce (anmpbngst others) harnmonic and
i nternodul ation distortions. Al though these are very inportant for the per-
ceived quality of an audio systemwe will concentrate on "high-end" systens
and neglect these non-linear effects in order to sinplify the problem To
simplify the problem even further, we will neglect the high-pass filtering
at the low end of the audio spectrum and thus nodel an audio system as a
linear |ow pass filter as shown in fig. 3.

The theory of Fourier analysis yields that the inverse Fourier transform of
the conplex valued transfer function of any filter, and thus also of our
i deal i sed audio system equals the Dirac delta function response of the
system in tine donmain. Note that the inpulse response thus tells us nore
than the anplitude response of a system because it contains information
about the anplitude response at ALL frequencies (not only those between 20
Hz and 20 kHz) and about its phase response, albeit in an inplicit way.

Looking at the inpulse response of a typical |lowpass filter as shown in
fig. 4, we see that:

- although the input signal is never below zero, the output signa
is negative during a significant part of the tinme and

- although the input signal has an infinite short duration, the
output signal differs fromzero during a finite period of tinme.

In other words, any audio system has the tendency to "snear out" the signa
both in anmplitude and in time. These effects could reduce subjective
experiences like the "definition" and "transparency" of the perceived
sound. This snmearing will always be a degradation of the original sound and
we will try to study its influence on the perceived sound.

W think that the "tenporal decay" can be used to quantify the tenporal
snearing by a sinple characteristic value. It has units of dB/usec. and in
words it is the inverse of the tinme (in upsec.) required for the envel ope of
the inpulse response to decay by 1 dB. For nobst analog filters it can be



found directly from the time derivative of the envelope function, for
digital filters (which can show pre-ringing, see below) this is a bit nore
conplicated. The idea is illustrated in fig. 5 and 6.

If the tenporal decay can be found fromthe tinme derivative it can witten
in formul a:

T.D. = -10°% - 9 ,( 20 - ™ og(env(V(t))/V(0))) (dB usec.) (1)

i n which:
9 g tenporal derivative of

env = envel ope function of
V(t) = output voltage as function of tinme
V(0) = output voltage at reference tine e.g. at maxi num of the

i mpul se response.

3. RELATI ON BETWEEN SPECTRAL TRANSFER FUNCTI ON AND TEMPCRAL DECAY.

Because the (tenporal) inpulse response is the inverse Fourier transform of
the conmplex valued transfer function, the properties of the transfer
function and the inpulse response are closely interrelated. In popular
terns this interrelationship states that fast phenonena in tine domain are
wi de in frequency domain and things that are slowin tine donain are narrow
in frequency donain. Because the Fourier transformis a one-to-one projec-
tion from tine into frequency domain and vice-versa, the above popul ar
statenent can also be reversed: a narrow spectrum indi cates sl ow phenonena

a wide spectrum fast phenonena.

This can be illustrated by |ooking at idealised audio systens with the sane
cut-off frequency but with different roll-off rates as shown in fig. 7. In
fig. 8 the inmpulse responses of these systems are shown, with a zero phase
shift for all frequencies. The differences are obvious, although below 20
kHz. no difference exists! These differences and the related tenpora
decays could be enphasized even nore if they have a different phase
response inside or outside of the audio band. This holds for all types of
band linmtation, being it analog or digital, Iinear or non-linear phase,
al t hough there are differences. We will illustrate this in the next section
wi th a nunber of exanpl es.

4. EXAMPLES
Sone of the exanples listed in this section can be solved analytically,
others only nunmerically. We will restrict ourselves to the results in both
cases, as nobst of the analytical cases will be nore or less famliar. But
before we wll discuss this, another parameter wll be defined: the tg.
This will be the time, required to decay to -90 dB of the maxi num val ue of

the inmpul se response. As -90 dB is approximtely the resolution of the CD
this time tells us how long a signal can influence its (tenporal) environ-
nment .

4.1. First order |owpass filter

The i nmpul se response of such a filter is:

V(t) = V(0).exp(-'/.) (2)

in which 1 is the tine constant of the system

If we choose 1 to be 7.96 psec., the -3 dB | ow pass frequency equals 20 kHz
and the inpulse response obtained is showmn in fig. 9. Taking this value of
T and substituting (2) in (1) we obtain

tenporal decay = 1.09 dB/ psec



The tenporal decay of this filter is independent of tinme and the ty is 82
psec.

4.2. Brick wall filter

The so-called "brick wall" filter is often regarded as the nost ideal |ow
pass filter that can be imagined. Its transnmission coefficient is 1 bel ow
the cut-off frequency and 0 above it and is shown in fig. 10. The phase
shift is O degrees for all frequencies. Although it cannot be realised in
practice, for reasons we will see shortly, often designers try to approach
it as close as possible in many digital audio systens. Its inpulse response
is given by:

sin(2.mf.t)
V(t) = V(0) ----- T (3)
i n which:
f = cut-off frequency of brick wall filter. (Hz)
t =tinme (s)

This inpul se response is shown in fig. 11. The inpul se response decays only
very slowy and it also shows "pre-ringing", which starts at -o. Because of
the causal effect of real filters (they cannot produce any output signa
before there is an input signal) a brick wall filter cannot be built. Not
surprisingly, close intations as often used in CD players, show simlar
behavi our, except that the pre-ringing occurs only during a limted period
(equal to the time delay of the filter). The envelope of this function
equals for t > 1/f:

env(V(t)) =19/, (4)
Substituting this is (1) for a 20 kHz cut-off frequency yields:

tenporal decay = 8.69+10 1/t (dB/ psec.) (5)

The initial value (around t=0) is:

tenporal decay = 0.16 dB/ usec

From (5) we see that the tenporal decay decreases with increasing tine.
This can also be illustrated by the following figures: the tz; is 1000 psec
and the tyg, is 503 000 psec! This exanple clearly illustrates the
undesi rable tenporal behaviour of such steep lowpass filters. Yet the
anplitude and phase characteristics are far superior to that of the first
order |ow pass filter.

4.3. Elliptical filter, 80 dB/octave.

An exanple of the inpulse response of a filter that can be built and has a
steep roll-off of approximately 80 dB/octave is shown in fig. 12. The
absence of pre-ringing, conpared to fig. 11, is marked. Nunerical cal-
culation of the tenporal decay shows sinmilar behaviour as the brick wall
filter, it decreases with increasing time. The initial value is:

tenporal decay = 0.22 dB/ psec

This value is higher than the one of the brick wall filter, in agreenent
with the Fourier inversion theorem Because it is a real (existing) filter
it only shows output signal after an input signal has arrived. In this case
no pre-ringing occurs, but alteration of the phase characteristic can
create this. This will be illustrated in the next exanple

The t,, is approxinmately 500 psec., which also is nuch less than the brick
wal I filter val ue.

4.4. Elliptical filter, 80 dB/octave phase linear
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In this exanple we study a theoretical filter, it cannot be built, but it
is useful to illustrate sonme effects. W calculate the behaviour of a
filter with exactly the sane anplitude response as the one in the previous
exanple, but we give it zero degrees phase shift for all frequencies. The
thus obtained filter has an inpul se response shown in fig. 13.

If we conpare this with the response shown in fig. 12, we see that the
ringing is now divided symetrically around the delta pulse but shows a
| ower value of the tenporal decay. The value found for the initial tenporal
decay is 0.19 dB/ psec.

Also tg, (750 psec.) is larger than this nunber for the original filter (500
psec.) but note that it is redistributed in tine.

4.5. Filtering in a Digital Audio Chain.

A conplete Digital Audio Chain consists in its sinplest form of an anti-

alias filter, an A/D converter, a digital recorder, a digital play-back
system a D/A converter and a reconstruction filter. As far as filtering is
concerned, only the anti-aliasing and reconstruction filtering are of

interest. In all discussion about the filtering in CD players it is nostly
forgotten that digital recordings have to be nmade wth anti-aliasing
filters which are often not of a digital nature (ref. 6). W can thus get

an inpression of the overall behaviour by putting the filter discussed in
4.3 and 4.4 in series. The thus obtained response is shown in fig. 14, from
which we can see that npbst of the undesirable behaviour has already
happened and that the reconstruction filter hasn't nade things nuch worse
at best. Because the overall steepness of the conbined filter is increased,

the tenﬁgral decay of the overall system is further decreased and the tg
i ncreased.

4.6. Mnimsed tine-snear (MIS-)filter

A conpletely different type of filters are the ones optimsed for tenpora
i mpul se response. This is achieved by a cleverly chosen roll-off rate of
the filter, together with a phase shift proportional to the frequency over
the nost inportant part of the frequency range. An exanple of the thus
obtained inpulse response is showm in fig. 15, which is a recent
devel opnent of the author.

Due to the shape of the inpulse response the tenporal decay of the filter
increases with tine, which severely reduces the time required for the
envel ope of the signal to reach the -90 dB level, which is only 100 psec

The initial value of the tenporal decay (over the first 10 psec.) is 0.78
dB/ usec.

These values are very close to the first order |owpass filter values. Yet
its spectral characteristic is far superior to that of the first order |ow
pass filter (it develops into a 10'" order filter). Hence this filter can be
regarded as an excellent conpronmise between tenporal and spectral
behavi our.

5. DI SCUSSI ON

The exanples presented in the previous section show that the filtering in
audi o systens can severely degrade the tenporal behaviour of the systens

although this is not reflected at all in the anplitude response curve
between 20 Hz and 20 kHz. To the audibility of these effects a few remarks
will be devoted in the next section, but a few inportant observations can

al ready be made. These exanples also show that the tenporal decay has a
clear correlation with the characteristics of (lowpass) filters and can
thus in a sem-quantitative way be used to conpare the tenporal behaviour
of audio systens and thus an aspect of their perceived quality.



If only phase linear filtering is applied in a digital audio system for
reconstruction filtering, the overall result is not nuch better than that
of the anti-aliasing part itself.

If linear phase filters would be used both during recording and playback in
digital audio systens, as is the trend (ref. 6, 7, 8 and 9) the pre-ringing
woul d occur in the overall system One could have doubts if this would be
attractive because all natural sounds have the tendency to have a sharp
increase in strength at the start and then to decay slowly. The unnatura
increase in volume before the actual instrument starts playing (which can
be longer than the tenporal resolution of our ears, see above) might, for
the perceived quality of a system be worse than the phase distortion
i ntroduced by analog filters. To answer this question, we should know in
what way our ears are sensitive for phase effects. An alternative
interpretation of the results of ref. 4 could point that this is done
indirectly by the non-linear properties of our ears. The use of MIS filters
avoids this problemconpletely.

The relatively long tine that the filters need to reach a |level below the
noi se level of digital audio systenms requires re-definition of the signal-
to-noise ratio of a system because the system produces "noise" of itself
rather long after it has been excited by a signal, at |east during periods
of time which are in the same order as the tenporal resolution of the human
ear. Such artefacts can, in ny view, not be regarded as part of the
original signal

The tenporal decay of high-end analog audio systens is higher than the
decay of digital systens in their present version and consequently the
tenporal "snearing" of the formers is |ess.

A side remark can be nmade about the influence of cross-over filters. Many
| oudspeaker systens use filters which have a tenporal behaviour far from
ideal, as illustrated in fig. 16. If this is not paid the required atten-
tion, the tenporal decay of the total audio systemis very |ow

The remark that |’ve heard long ago that filtering is nothing but a choice
fromdifferent kinds of msery still holds.

6. EXPERI MENTAL EVI DENCE

The superior sound quality of noving coil cartridges over noving magnet
ones is at least partly due to the extended frequency response and higher
tenporal decay. Moving nmagnet cartridges with extended frequency responses
approach the perceived quality of the nobving coil cartridges, especially
those which produce a higher output signal (and thus generally speaking
have a |ower nechanical resonance frequency). Conpensation of the
nmechani sns that create the |ow tenporal decay of noving nagnet elements
| eads to significant inmprovenent of their perceived quality (ref. 1, 2).

One of the better ways to conpare analog and digital systens is by Ilis-
tening to a good copy of an analog recording on disc and the CD nade of the
sane master tape. If the digital re-processing would not audibly effect the
signal, no difference would be perceivable. Yet, on a high-end audio
system using e.g. electrostatic |oudspeakers for the nidrange and high
frequenci es, the transparency and clarity of the analog version (half-speed
mast er copies) invariably showed to be better

Conparing |oudspeaker systens is one of the nost difficult and tricky
aspects of audio. Yet, generally speaking, the |oudspeakers sounding best
are those with the highest tenporal decay. To nmention some exanples:
el ectrostatics, ribbon tweeters and |ast-but-not-|least ionophones. Also,
| oudspeakers that show a high tenporal decay in Wgner distributions
general ly sound best (ref 3).



7. SUGCGESTI ONS FOR EXPERI MENTS.

As the work reported here is partly based on theory, partly based on ex-
perience, further experinments should determne if tenporal decay can be
used as a sem -quantative parameter for the perceived sound quality. It is
not within ny possibilities to do much experinental work on a scientific
basis. | therefore invite investigators in this field to do the follow ng
experinents. These experinments require:

1. Recorded sound with a frequency response at |east up to 40 kHz in order
to maintain the envel ope of the original signal as nuch as possible and to
have a tenporal decay of the recording systemthat is sufficiently high

2. The | oudspeakers used in the experinents should at |east have a tenpora
decay significantly higher than that of common digital systens.

3. Lowpass filters, both of analog and digital nature, wth different
t enpor al decays.

4. An experienced |listening panel

Experiments that could be performed are those in which the recorded sound
is reproduced for the listening panel with and without filtering. The
listening panel should then judge which sounds show the highest |evels of
definition and transparency. Although such experinents conme close to the
experinments reported in literature (ref. 8) the experinents suggested here
woul d be an inprovenent, because in ny view the use of real sounds is to be
preferred over unnatural synthetic sounds and the tenporal decay of the
headphones used in the experinments of (8) has not been established.

8. CONCLUSI ONS

The tenporal decay seens to be a useful "handle" to get grip on the

tenporal behaviour of audio systems and to make a semi-quantitative

conparison. It is an excerpt of the inmpulse response of a system which

Lells nore about a systemthan its frequency response between 20 Hz and 20
Hz.

H gh-end audi o systenms often sound better with analog recordings than with
digital ones. This is at first surprising because of the very high quality
specifications of digital systens. But the tenporal decay is one of the few
points at which analog systens beat their digital counterparts and it is
thus a clear hint of its inportance.

The behaviour of the anplitude and phase characteristic of an audio system
above 20 kHz. is of inportance to its tenporal decay and can thus be of
i nfluence on its perceived quality.

The use of linear phase filters in (digital) recording and playback n ght
give a |lower perceived quality than non-linear phase filters because of the
unnatural pre-ringing of such systens.

The use of MIS-type filtering, both for recording (anti-aliasing) and
pl ayback (reconstruction) can give an increased perceived quality because
of the high tenporal decay and | ow ty values of such filters.

Further experinents are required to establish the inportance of tenporal
decay, although practical experience clearly indicates that it is of
i mportance for the perceived quality of audio systens.
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