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1. INTRODUCTION
This paper cutlines an approach to examining distortion and noise (considered as errors) in a way
that allows a more accurate relationship to be established between these errors and the human
hearing capability of detecting or discriminating them. As a first step a method is evolved to relate
various sounds to a scale of pure-tone equivalence, using an improved model to calculate the
masked subjective loudness, detectability and aural patterns of a stimulus based on recently estab-
lished data of the auditory filter.
A fundamental assumption in the work is that if an error can be shown to have a positive partially
masked loudness, then it will be 2 candidate for changing the sound.
Of necessity the bulk of this paper is given to introducing the psychoacoustic ideas and phenomena
on which the model for loudness calculation is based.

2, SYSTEM CHARACTERISATION
Speech and music are extremely complex signals. In order to reduce the number of variables, both
audio engineers and psychoacousticians have evolved methodologies which investigate different
aspects of system behaviour in response to relatively simple stimuli ~ a small number of tones or
noises.
In psychoacoustics this approach has led to considerable understanding of many aspects of human
auditory behaviour including loudness, pitch, discrimination, thresheld, masking etc. The audio
engineer uses similar stimuli to investigate frequency response, distartion, self-noise and so on for
equipment. The prime difficulty for audio engineers is then to interpret their results in useful ways.
The most common tools for audio-system measurement are tone generators and rms-calibrated
mean-reading frequency-selective meters. Digital techniques have added to that armory, particu-
larly spectrum analysis by FFT. To the extent that the human hearing system has been calibrated
for pure tones, it is possible to make reasonable comparisons between, for example, parameters
like frequency response and audible frequency range.
The process of predicting the sound from objective measurements becomes significantly mare
complex when more than cne tone is present in the output signal, or when that signal combines dnf-
ferent types of sound, e.g. noise bands and/or tones.

3. ABSOLUTE LEVELS

To estimate the audibility of a stimulus, we have to establish its fundamental acoustic parameters,
Although this may seem obvious, it is not in fact common practise for equipment measurements to
be traced forward to sound-pressure level (spl) at the listener. Such a connection is vital since the
human hearing system is quite non-linear in many respects.

Many audio components whose distortion we wish to characterise, will precede the system volume
control. In these situations we have to determine the effective gain of the system. The author has
considerable experience of listening levels through using calibrated digital active loudspeakers, and
has proposed previously [41] that three general situations are of interest. For domestic listening to
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CD material a typical gain setting is that which would produce 105dB spl @ 1m per speaker if the
CD were encoded with a full level sinewave (0dBFS). Demonstration or review situations tend to
use somewhat higher levels which can be close to the gain settings that permit ‘natural’ volume
levels at the listening position. This second gain setting is equivalent to 112dB spl @ 1m per speak-
er for 0dBFS. This average setting has been determined from a survey of a large number of
classical-music CDs. The peak level of course is almost never achieved - the system may not even
be capable of delivering the 0dBFS level at any frequency. The third gain setting of interest is
found in professional monitoring where gains up to 122dB for 0dBFS are used.

These levels, although independently derived, are similar to those proposed by Fielder {10]. This
issue is addressed further from a practical viewpoint in [43). All examples in this paper treat levels
as final spl.

4. HUMAN HEARING

It is helpful to consider human hearing as a two-level hierarchy; perception and cognition. Here,
perception is considered 10 be the low-level peripheral process where coding and relatively simple
decisions are made relatively independent of context or meaning. By contrast cognition is a high-
level process which invokes many signal and context-dependent decisions. It is a late process in
which external noises are grouped into perceived external objects [44).

In the main, psychoacoustic experiments are designed to minimise the cognitive aspects of the
tests. By creating simple stimuli the perceptual limits and performance can be determined. This
section reviews aspects of hearing perception that are relevant to constructing the model.

4,1 Absolute threshold

Fig. 1 shows the the average minimum-audible field (MAF) in spl for frontally incident tones for
audiometrically normal subjects — the so-called threshold of hearing.

Since the data is an average, 50% of the population can detect sounds below this level - not neces-
sarily at all frequencies. It is not uncommon in young listeners to see thresholds at some frequen-
cies 10dB below this curve, and thresholds 20dB lower are not unknown {28). In any individual, the
microstructure of the threshold can vary by up to 10dB between frequencies only 10% apart [48].
See also [22), [43] and [6].

42 Masking

Masking is the process by which the threshold for a sound is raised by the presence of another
sound. The degree of masking depends upon the intensity of the masker and its proximity in fre-
quency to the maskee. The masker effectively redefines the hearing threshold. Fig. 2 shows an ex-
ample of the masked threshold resulting from a 90dB spl narrow band noise centred on 1kHz.

It is quite helpful to see that the absolute threshold is also in fact a masked threshold. It is thought
that internal physiclogical and neural noise place a limit on the detectability of qQuiet sounds ~ par-
ticularly at low frequencies [36], (9]

43 Loudness

A tone can be described by its objective acoustic parameters of spectrum; freguency and intensity.
“The subjective correlates are pitch and loudness. Loudness is the most basic impression since all
audible sounds have loudness, whereas they may not all have a pitch, chroma, timbre or position.
Loudness varies with the stimulus according to intensity, frequency, temporal variation and the
loudness of other simultaneous sounds — including room noise. Loudness also varies with the
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listener. Variables include temporary threshold-shift (TTS), monavral/binaural listening, attention
and of course general condition of the listeners hearing,

1SO131 defines two physical magnitudes for sound, sound pressure level and sound intensity level,
as follows: ‘

spl = 20log(p/p,) dB 1)

L, = 10log(Il/l,}) dB - (2)
where p is the rms sound pressure at a point in a field of intensity 1, and Pg is the reference pres-
sure of 20uPa equivalent to an intensity I of 1pW/m2.

Excitation level L,, sometimes cailed sensation level. L, is the stimulus level compared to the

relevant hearing threshold expressed in dB, and is defined in (3).

L, = 20log(p/p,) where p, is the spl at the relevant threshold (3)

There are two widely used subjective magnitudes for sound, and both are required in the model.

= Phon. The loudness level of any sound, L, is n phon when it is judged by normal Listeners to be
equally loud to a plane-progressive frontal-incidence pure tone at 1kHz whose spl is n dB,

» Sone. The sone scale is a numerical designation of the loudness of a sound that is proportional
to its subjective magnitude N estimated by normal observers. By standard agreement one sone
{N=1) is the loudness of a sound whose loudness level L_is 40 phon. By definition an inaudible’
sound has a loudness of 0 sones and so the sone scale is discontinuous at threshold, there being

no basis for judging inaudible stimuli. From ISO226 we see that 0 sones occurs on average be-
low 4.2 phons.

For an audijo engineer the phon, being expressed in dB and easily traced back to a 1kHz tone is in-
tuitively more useful. However in the analysis of a sound we have first to consider its subjective
magnitude, the sone. Obviously a scale based on subjective magnitude will exhibit variability - not
least due to experimental circumstances. Stevens [37 38) was largely responsible for proposing the
standard loudness function given in [SO131 [20) which for a 1kHz tone is shown in Fig 3. An im-
portant property of hearing (shared by other sensory modalities) is that the subjective response
follows a power-law relationship with the stimulus - equal stimulus ratios producing equal sensa-
tion ratios (above threshold) [6]. In the case of loudness there is a good fit to 2 simple power-law
behaviour above 40 phon. The standard loudness function ~ shown dotted in Fig 3 - is defined
only above 40 phon and is expressed by:

N = 0.01P%% where P is the sound pressure in uPa )

There has been considerable debate about the correct value for the exponent, values up to 1 being
proposed [47] [39]. These differences, giving a range between 6 and 10dR for a doubling of loud-
ness are on the face of it disturbing. The author’s view is that for this investigation, absolute ad-
herence to a sone-scale is not as important as internal consistency in the model nor as important as
producing accurate results in phons. ’

4.1.1 Loudness variation near threshold
It is a characteristic of sensory systems that the power-law behaviour does not hold in the region of
threshold. Typically, just above threshold, sensation will initially rise more sharply - almost Linear-
ly with intensity. In Fig 3 the solid line shows Zwislocki's data for loudness, He approximated it by
the formula:

N = 0.01(P-Py)®S where P, is the threshold sound pressure in uPa. (5)

The initial steepness of the loudness function is very similar to the characteristic observed for loud-
ness in the presence of masking. Fig 4 (from [40)) shows the loudness function for a 1kHz tone in
the presence of various levels of white noise. Although the form is the same, loudness Erows some-
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what more rapidly out of masking than out of the absolute threshold. Although in many respects
the absolute threshold can be modelled as one of a general set of maskers, it should be borne in
mind that neural input at these very low spls is very small, particularly in the middle frequencies,
and a successful loudness model should take some account of this. Fig § illustrates the unmasked
difference limen for intensity (DLI) for various pure tones as a function of sensation level L.

43.2 Loudness variation with frequency :

Fig 6 gives a familiar set of equal-loudness contours based on 1SO 226 and extended with data

from 1] and [31). Each contour desctibes the variation of the phon with spl and frequency. This

figure iflustrates several important properties of hearing:

= Loudness is frequency dependent

s The frequency dependence seems to have two components; one level dependent and one fevel-
independent.

s Growth of loudness with spl is frequency-dependent, or more probably dependent on both fre-
quency and threshold.

In producing an improved model for loudness the author had to incorporate these features which

are now considered in a little more depth.

The loudness for frontally incident plane-waves (as shown in Fig. 6}, combines the acoustic

response of the head/pinna/meatus with the ear system considered from eardrum onwards. Fig 7

plots the difference between data for 100 phon equal-loudness measured using headphones

(adapted from Fletcher-Munson) and the 100phon curve of Fig 6. Some general features of the

equal-loudness contours may be ascribed to the acoustic path to the eardrum. This assertion is

strengthened by the uniformity of the dynamic range above 500Hz. Fig 8 plots the dynamic range

interpreted as the excitation or sensation level for 100 phons.

A model that estimates loudness ideally needs to separate the performance of the cochlea and sub-

sequent neural system from all prior acoustic and mechanical responses. It is thought that at least

between 300Hz and 12kHz, the general shape of the 100 phon curve basically describes the ex-

ternal acoustic response while the deviation below 300Hz reflects stiffness loss in the ear-

drum/ossicular chain/round window system.

These considerations led to the adoption of a frequency-dependent but level independent response

. shape shown in Fig 9 which is in fact the difference between the 100phon equal-loudness contour

and 100dB spl, for use as a frequency-response correction.

By identifying the probable mechanical/acoustical response element of the loudness function we

can deduce more clearly the power input to the cochlea. It is in the cochlea and subsequent neural

processing that the core features of frequency selectivity and neural responses need to be closely

modelled.

Fig 10 represents the data of Fig 6 modified by the function of Fig 9 showing in effect the variation
of loudness with normalised cochlear input. Having identified the level-independent frequency-
response component of the loudness function, we now consider the level-dependency. Fig 11
presents this data for several frequencies showing the growth of loudness with L, which is defined
as the normalised cochlear input expressed in dB. Fig 11 clearly shows the ‘masked’ form of be-
haviour at low frequencies.

At low-frequencies the rapid growth of loudness between threshold and what appears to be an ef-
ficiency approaching that of mid-range processing in the region of 100 phon, reflects both
physiological masking and neural inefficiency. Since below 2kHz individual neurones produce a
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broadly phase-locked response, it is plausible to suggest a 1/f characteristic of neural efficiency
based purely on reduced data. Whilst understanding more of the mechanism is helpful in evolving
a model which reflects the real situation, in this case there is no difference between masking and
loss of efficiency due to reduced data. Therefore we can successfully separate the loudness func-
tion into a frequency-dependent but level-independent component as shown and a threshold de-
pendent function. The advantage of a threshold-dependent function is that it is much more useful
in a practical tool, where in fact masked thresholds are an important variable.

433 Loudness variation for noises

When a second, different tone is added to an existing tone stimulus, the loudness will usually in-
crease. The increase depends on the frequency and level difference between the two tones, Un-
fortunately the change will depend on whether the cognitive response combines the two tones into
a single percept. See [43). For example a two-tone presentation results in three general loudness
perceptions namely:

u the overall loudness of the combination,

» a separate loudness for each tone (each now partially masked by the other).

These three loudnesses will generally be different from the loudness of each tone taken separately
and the overall will rarely be equal to their sum.

These factors give rise to two considerations in predicting loudness, namely:

n the variation of loudness with spectrum content,

» mutual masking and loudness under masking.

If a tone stimulus is exchanged for a narrow band stimulus of the same intensity — for example by
presenting narrow-band noise or several tones close together in frequency, then for very narrow
combination widths, the loudness of the complex will be judged equal to the single tone. As the
bandwidth of the complex is increased, then its loudness at mid phon levels, tends to remain con-
stant up to a certain bandwidth, above which the loudness increases with bandwidth. The band-
width at which loudness starts to increase was called the ‘critical bandwidth for loudness summa-
tion' by Zwicker [49]. Fig 12 shows data for loudness growth with bandwidth from Scharf [33).

For stimuli whose bandwidths are are significantly wider than a critical band, e.g. pink or white
noise, then loudness variation with intensity also varies as more or fewer frequencies become in-
volved due to the shape of the absolute threshold [23]. Fig 13 shows the growth of loudness for a
20kHz bandwidth white noise compared with a pure-tone of 1kHz at the same overall spl with data
taken from [34]. Note the following features.
» Near threshold the wideband noise is less loud because the energy is divided over more than
one critical band and therefore each band is stimulated even closer to threshold.
» Above threshold the growth of loudness for the noise is steeper as more bands come together
~ well out of threshold.
s At high stimulus levels the loudness of the noise grows less qulckly than the pure tone, a more
appropriate exponent being 0.5.
These functions cross twice.

4.4 Loudness, masking and frequency selectivity

The summation of loudness with complex stimuli has for some time been explained by the critical-
- . band model [45). The frequency selectivity of the auditory system is clearly not infinite, there
being (among other considerations) a balance to be made between frequency and temporal resolu-
tion in the cochlea. A pure tone stimulus does not give rise to the excitation of a single neurone on
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the basilar membrane; rather it creates a spread of excitation along the membrane — a spread in

mapped frequency space - in a way that reflects the selectivity of the cochlea/neural complex. It

was first suggested by Fletcher [11], that:

s The masked threshold produced by a masker reflected this spread of excitation. See Fig 2. The
underlying assumption is that detectability of a signal relates directly to the neural excitation it
creates relative to that of the masker, and the DLIL

o The loudness of a sound was related to the total excitation pattern on the basilar membrane.

Obviously we have no sensible means of determining directly the excitation pattern of the basilar

membrane itself, but since loudness reflects the tofal neural excitation, this can be determined by

-psychophysical experiments.

4.5 Frequency selectlvity and the auditory filter

A widely used measure of selectivity for determining masking and loudness has been the critical
bandwidth proposed by Zwicker et al [49). His assertion was that the frequency selectivity was
demonstrated by the loudness-summation-with-bandwidth effect described earlier. His critical-
bandwidth function is plotted in Fig 14. This measure of frequency selectivity has given rise to con-
siderable controversy, particularly for frequencies below 1kHz, since it deviates from selectivity
estimates such as those of Greenwood [13 14] which are derived from neural mapping. The low
frequency selectivity suggested by the critical-band function also seems implausible from a musical
viewpoint.

Patterson and Moore [30] have shown that the frequency selectivity is in fact as shown in Fig 14.
By an entirely different route they have reached a measure of selectivity based on detection in
masking that separates selectivity and neural efficiency. Patterson and Moore called this selective
element the auditory filter and defined for it an equivalent rectangular noise bandwidth, the ERB.
The author is particularly attracted to this measure of frequency selectivity because it is based on
modelling at the physical rather than psychophysical level, and because it agrees more closely with
rational measures such as those of Greenwood. Within extremely close limits the ERB represents
a distance of 0.9mm along the basilar membrane [29). See Fig 14.

Recently estimates for the width of the auditory filter have extended the measure from below
100Hz to 10kHz [24, 35). This model uses an equation for the equivalent bandwidth ERB in terms
of frequency f in Hz that was fitted by Moore to Greenwood’s data:

ERB = 19.5 + 0.117897f {6)
The integral of the reciprocal of this expression gives a scale for frequency based on the ERB
which effectively maps frequency as it lays out on the basilar-membrane. The resuiting function,
the E-scale for frequency is necessary when total excitation is calculated and is analogous to, but
different from, Zwicker’s z or bark scale of frequency. )

E = 18.31log(0.006046f + 1) (7

A question arises in this work about the highest frequency auditory filter. Clearly at 20kHz, or
wherever the highest audible tone is, there cannot exist a symmetrical auditory filter since there is
no sensitivity to higher frequencies. Examination of the threshold and of the filter shape at high
frequencies leads to the conclusion that the highest auditory filter is between 14kHz and 15kHz,
certainly from the point-of-view of masking or loudness summation. This end-of-cochlea
hypothesis is confirmed in [3].

Choosing the auditory filter model for calculating loudness of error signals is clearly more ap-
prapriate since it reflects a greater selectivity - and therefore gives more sensitivity to the
measure.
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All models of frequency selectivity propose a continuous set of filters, that is, within a possible
limit of approximately 11000 innervations, a filter can be identified at any point on the basilar
membrane, and the detection of a signal involves a process that selects the filter that produces the
best signal/noise ratio. To calculate the spread of excitation resulting from an acoustic stimulus we
need to know the response of the auditory filter, the masking pattern being related to the combina-
tion of the outputs of all auditory filters. According to a review of Patterson and Moore [29], the
filter is a bandpass with the following properties:

s the response shape is level dependent, )

= the filter operates down to the absolute threshold,

a the shape is asymmetric for frequencies above and below the centre,

u the normalised shape is similar at all frequencies when plotted on an E scale of frequency,

» the shape can be described mathematically in & rounded-exponential form.

Fig 15 illustrates the response of the auditory filter at various levels for a 1kHz centre frequency.

5. MODELS FOR EXCITATION AND LOUDNESS

The two most used methods for calculating loudness are defined in 1SO532 [21). Methed A is
based on a pragmatic moedel by Stevens while method B is based on work by Zwicker. In many
situations Stevens model will produce a more exact result, however Zwicker's model, being lower-
level in the sense of attempting to model the perceptual process more closely is theoretically more
pleasing,

Glasberg in [26] presented a FORTRAN program which allowed an excitation pattern to be pro-
duced from a series of input spectral lines. This original program was improved to show how ex-
citation patterns could be extended to specific loudness patterns at mid frequencies [27].

The model derived here is an attempt to move forward in accuracy, scope and range from the prin-
ciples of method B which are best described in [49] while moving from a critical-band to an
auditory filter selectivity criterion,

6. SPECIFIC LOLDNESS
If loudness is related 1o the total spread of excitation on the basilar membrane then this loudness
will be the sum of the neural response at all points along the membrane. This response at each
point, an inferred parameter called specific loudness by Stevens, is defined as the loudness-per-
unit distance (distance representing the mapping of frequency along the basilar membrane). This
hypothesis has been confirmed by Cacace and Margolis [5}. The best mapping of distance is given
by the E scale of frequency. A suitable expression to calculate specific loudness as a function of ex-
citation was derived by Zwicker and Scharf. In a generalised form it is as follows:

S = D.B(f,th).C(X,) (8)
where S is the specific loudness (then in sones/bark, in this case in sones/ERB). D is a constant
chosen ultimately to give a result of 1 sone at 40 phon. B(f,th) is a factor which is either frequency
and/or threshold dependent and which describes for each frequency the rate at which loudness
grows. C(X_) describes the growth of loudness with the input signal excitation X, (in response to
input intensity I). This model follows Zwicker’s example in making B(f,1h) a function of threshold
= this makes masked calculations more straightforward. For an input of L, there is a correspond-
ing power excitation of X, There is also a threshold excitation X, and an absolute excitation X,
equivalent to 1pW/mZ. The author has further modified B(f,th) taking account of the level-

independent frequency function of Fig 9, X, being the modified threshold excitation. Equation 8
then takes the form

§ = D(Xy/ X ((bX /X, + (b~ 1))*- 1) 9
Proc.1.0.A. Voi 13 Part 7 (1991) , 17




Proceedings of the Institute of Acoustics
Psychoacoustic models for evaluating errors in audio systems

where b is used here as a frequency-dependent factor describing neural efficiency initially set to
0.5, and k is the exponent relating excitation to specific loudness.

Earlier in this paper it was indicated that exponents for pressure were 0.6 for a pure tone at 1kHz
and 0.5 for white noise. Experiments by Zwicker to find k used uniformly exciting noise (albeit
based on a critical band criterion) found an exponent of 0.46 to fit the data. According to basic
tests by the author the loudness difference between uniformly exciting noise based on critical-band
or auditory-filter criteria is very small. In the final model, fitting gave a power exponent of 0.205
and a value for D of 0.11. .~ o=

Expressing B(f,th) as (J'{d‘/)(o)k may seem counter-intuitive since this part of the equation should
relate to the available dynamic range as shown in Fig 9. In fact the two are fairly closely related,
and the expression used here is more convenient when masked thresholds are used and gives im-
proved accuracy.

7. MODEL FOR EXCITATION, MASKING DETECTION AND LOUDNESS

The objective was to create a series of simple computer programs which could be used to make
several estimates from input data [42). The input data include:

= signal data defining the input sound,
» a masked threshold curve which may have been calculated previously by the model,
» parameters to define the acuity of hearing.

- Output from the model is in data files for graphing or in single number form, and include the fol-
lowing ‘modes’ controlled from the command-line. :

s The normalised form of the masked excitation pattern produced on the basilar membrane, as a
function of frequency in Hz.

a An estimate of the simultaneous masking threshold resulting as a function of frequency in Hz in
the cochlea

» An estimate of the simultaneous masking threshold resulting as a function of frequency in Hz

expressed in ‘external’ spl.

The specific loudness pattern as a function of E

The specific loudness pattern as a function of Hz

A numeric result for masked loudness in sones and phons

An estimate of the detectability of a sub-threshold combination using independent-threshold

statistics

Input data is taken from an ASCII list file whose default format is that of the data files produced
by the Audio Precision measuring systems. Output data is produced in the same format so that a
result can be post-processed and either graphed or analysed later. These formats are also readable
by popular spreadsheet programs such as Microsaft Excel or Lotus 123.

In the input data, tones are represented as line frequencies with a signal magnitude while noise is
represented by a series of tones of appropriate level with sufficiently close spacing. For many
measurements a spacing of 50Hz is more than adequate, at lower {requencies a smaller spacing
down to even 1Hz is preferable. In addition to constructed data, a common source is the output of
an FFT program and in these cases an offset and/or adjustment has to be made for the data to re-
- late the windowing of the FFT and the bin width to 1Hz for noise signals. The method chosen is to
pass gain offset as a command-line parameter and for mixed noise/spectral line data these files are
first preprocessed to correct the level differences caused by bin width,

Several programs have been written, some optimised for batch file use; other more camplex ver-
sions handle masking data files and are able to produce ‘negative’ loudness estimates - see [43].
Essential differences from earlier published models are:
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s use of auditory filter rather than critical band concepts,

» extension of auditory filter analysis from 20Hz to 15kHz,

» ability to accept masking profile and give masked rather than absolute-threshold-based results,

= specific-loudness calculations based on inferred round-window input using the weighting func-
tion of Fig 9 for much improved accuracy,

n level-dependence of auditory filter handled using iteration,

s Oriented to audio engineers and audio measurements,

These changes have resulted in a model which when tested against a wide variety of established

data gives very good results. More details of the models are given in [42],

7.1 Model operation
Fig 16 shows a block diagram of the major data processes. The essential method is to pass each
data point in turn through an array of auditory filters (default E of 0.6 to 35 0.1ERB apart ~ 25Hz
to 13.5kHz). For each filter the shape is level-dependent, and the appropriate level is calculated
for this equalised stimulus after ERB averaging, In this case the stimulus is weighted by the ex-
ternal - cochlea acoustic/mechanical response. The appropriate level is that which produces the
highest output from that filter. The model starts with a 30phon excitation and is modified through
a number of converging iterations vsing the input data.
To develop the excitation pattern, the input data is first converted to excitation level L, using in-
ternal or variable masked threshold data. Then for each filter, the excitation pattern is calculated
by passing each adjusted input data point through it and calculating the total intensity of the
response. The resulting curve shows the spread of excitation along the basilar membrane.
From this excitation pattern, equations describing the DLI are used to produce masked thresholds,
both for the cochlea and in terms of externally applied acoustic signals.
The excitation pattern is then transformed into a pattern of specific loudness, using a relation in
the form of equation (9). When required the total loudness is calculated by summing the specific
loudness on the E-scale to give a result in sones. This is then converted to phons using the formula
(10) described belaw.
As an indication of the models behaviour in response to simple stimuli Fig 17 shows the loudness
results for a 1kHz tone. The model is within 0.5 phon over the range of the ISO131 standard. Be-
low 40phon the behaviour is similar to the data of Zwislocki shown in Fig 4. These results are more
accurate than those of Moore and Glasberg in {27) primarily because of the iterative approach ta
defining filter shape, the modified form of B(f,th) in equation (8) and the use of masked-threshold
functions. Internal consistency was given much more priority than conformance to precise sone
numbers in the region up to 20 phon, so the output function of this model at 1kHz in Fig 17 was
fitted using a formula given in [27] as a prototype, the result relating phons L, to sones N ~ which
is correct within 0.5dB above 6 phon was: ‘

L, = 10log(8000N3% + 3200N!48 4 9) (10)

72 Verification

The model was tested on pure tones at intensities between 0 and 110dB spl. Up to 100dB the Joud-
ness result was within 1 phon of the standard between 100Hz and 10kHz, and within 2 phon other-
wise.

Figs 18 19 and 20 show the excitation, specific loudness and masked threshold patterns for a 1kHz
tone presented at several levels. The characteristic upward spread of masking with increasing level
is well illustrated. Figs 21 and 22 show how the excitation and specific loudness patterns develop
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for a signal centred on 1kHz, of constant 60dBspl but increasing bandwidth — modelled as a series
of closely spaced tones. The specific loudness result shows how the critical-band phenomenon of
loudness summation occurs. As the complex widens the specific loudness pattern widens, but the
peak reduces in a way that leads to a nearly constant area, as the overall phon results show.

An further test of the success of the model is shown in Fig 23 where the loudness of complexes is
investigated by width at different intensities. It can be seen that the model predicts the observed
results shown in Fig 12.

The model has also been extensively verified in determining its ability to reproduce masked loud-
ness results like those of Fig 4, and in the growth of loudness for noise as in Fig 13.

8. SOME RESULTS
Fig 24 shows the excitation patterns for a flat triangular-probability-distribution 16-bit dither signal
calculated at the three replay levels proposed in section 3. The data comes from an FFT measure-
ment made on the Audio Precision dual domain analyser. The model clearly gives a new perspec-
tive on the way this noise may be perceived, for the three cases the full-band noise spl would be
12dB, 19dB and 29dB; the calculated loudnesses are quite dlfferent - as we would expect - at 0,
14 and 36 phons.(0, .08 and .75 sones)

Fig 25 shows an FFT plot of the output of a digital/analogue converter reproducing a dithered -
90dB at 1kHz and illustrating a typical result for a multibit converter. When analysed for the situa-
tion 0dBFS =. 112dB spl, the excitation pattern is as shown in Fig 26. Whilst this distortion may be
considered insignificant at this level, the model clearly predicts that the error will be detectable. It
is interesting that the loudness of the complex of Fig 25 is 35phon (.52 sone), whereas for an un-
distorted tone we get 23 phon (.23 sone); that is to say the distorted tone will sound twice as loud!
This distortion can then be variously described as; -95dBr, 50% THD, masked loudness of 3¢
phon (0.49 sone), or twice as loud as the original!

Fig 27 shows a result, post-processing a test on a data-reduction system. In this case 0dBFS is set
to 110dB spl. The three curves show the masked threshold for the original 50dB spl tone and the
calculated excitation curves for bath the error signal and the no-signal background-noise of the
device. We see that the model predicts an audible error in this case. Fig 28 shows a result predict-
ing clearly audible modulation-naise for the same device in response to a very modest 100Hz -
30dB tone.

9. PERCEPTION OF ERRORS

_ The model described in section 7 is based on psychoacoustic data and detection models ap-
propriate to very simple stimuli. Before considering changes to our criteria for error perception in
signals of cognitive consequence (e.g. with meaning) we first need to review relevant discrepancies
of the perceptual process for simple signal groups.

9.1 Signal detection

The detection criterion for data produced by the programs are based on the energy in each
auditory filter. As a starting point, if an error signal is calculated 1o have a masked loudness
greater than zero then it will be audible to a degree indicated by its loudness in that context.
Similarly if adding an error signal changes the graphic result for excitation at any frequency then it
will be detectable. (Strictly we look for a change that exceeds the appropriate DLI; we can often
use z 0.5dB criterion).

20 Proc.l.O.A. Vol 13 Part 7 {1991)
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92 Threshold function

Auditory signal-detection is a stochastic process, the ‘detector’ operates near threshold in the
presence of significant noise, and thresholds as such are points determined on a psychometric
function by statistical testing. The probability of detecting a signal is low (but finite) below
threshold and high above it. Fig 29 shows a representative psychometric function based on a very
useful form derived in 2] for relating probability of detection to signal level. This underlines the
point that unlike a comparator threshold, there will be circumstances in which signals below
nominal threshold (absolute or masked) may be detected, and of course the reverse.

Since one purpose of this study is to help 1o identify the most rigorous criteria for error detection,
we need to review circumstances that lead to effective threshold reduction.

93 Below ‘threshold’ detection

Schafer [32] showed that tone complexes were detectable in circumstances where each component
in isolation was below threshold.

This is not surprising for signals within one auditory filter since the tofal energy of the combination
controls detection.

It has also been shown that combinations of otherwise separately inaudible tones can be detected
when the complex is wider than an auditory filter, and that indeed there is a mechanism whereby
the likelihood of detection increases as more auditory filters are excited below threshold.

Buus [2] shows that the shape of the psychometric function described in Fig 29 holds for single
tones and for complexes, the function moving to the left for complexes. He gives the basic result of
importance here ~ namely that the auditory detection system can be described by an independent-
thresholds model. According to this model detection occurs when a stochastic variable in any one
or combination of channels exceeds threshold and that a number of channels (or filters in this
case) can be monitored simultaneously. From [2] the threshold reduction for n equally detectable
but individually subthreshold signals is:
10log(n)?* dB (11
In the example given by Buus this reduction is 6dB for 18 components. Since there are 35 ERBs in
the auditory range, the maximum masked threshold reduction we could expect for a uniformly ex-
citing complex may be close to 8dB.
The investigator therefore needs to be alive to the possibility that combinations of errors may arise
in the perithreshold region which together, or when combined with other non-stationary noises be-
come detectable. As a rule-of-thumb one would cap this effect for errors 6dB below the nominal
threshold. Some general points are summarised.
s The nominal masked threshold for a tone is determined in a test which teaches the listener
what the frequency will be. From a signal detection point of view this means n=1.
« When the listener is directed by instruction (or in a cognitive test - by internally driven ex-’
pectation) to listen for a tone complex then the threshold will be lower than for a sinple tone.
= Wideband noises are governed in this respect by the rules for multiple complexes.
= When the listener does not know where the signal will be, as in tests presenting randomly
chosen tones, the threshold will be higher since more than one filter needs to be monitored
while only one is capable of exceeding the threshold.
The author contends that in general, music listening generates a situation based on expectation
and feedback where the threshold to errors will more often be lowered than raised.
Often when the detection threshold for a wide-band noise signal is determined by a listening test,
an analysis of the noise using either critical-band, auditory-filter or even 1/3 octave summation

Proc.LO.A. Vol 13 Part 7 (1991) 21



Proceedings of the Institute of Acoustics

Psychoacoustic models for evaluating errors in audio systems

models give results that indicate the noise to be below threshold. Two published examples are in
[10] and [41} where discrepancies between 3 and SdB are noted. Fig 30 shows an example, The
gain of a digital active-speaker was set in an experiment to determine the just-audibiity of its
dither noise at 1m. The acoustic spectrum was determined by FFT analysis. When this data was
post-processed by the programs described earlier, the noise was predicted to be inaudible and had
to be raised 3dB to achieve a positive loudness.

There are two reasonable explanations for this. The region between 1kHz and SkHz which is the
first 1o exceed threshold as the noise is raised, covers 12ERBs, so we could expect an average
reduction in threshold of 5dB. The second explanation is that the microstructure of each individu-
al's threshold can vary by this amount, leading to at least one filter operating ahead of the others.

9.4 Threshold reducing phenomena

There are several mechanisms, now clearly understood, which result in masked thresholds being
lower than those indicated by the energy or excitation criterion of simultaneous masking. It is im-
possible to review these in this paper, however the reader is referred to [43] for a suitable starting
point.

For completeness, the following list is given.

n Below-threshold beats. [15] [45]

Distortion in the ear itself.

Tonal masking reduction. Fig 31 shows tone and noise masking at 1kHz.

Beat formation.

Binaural masking differences. [7] [45] [25] [18]

Comodulation masking release. [16] [17] [4].

Spatial summation.

10. NON-LINEAR DISTORTIONS

Fig 32 gives collected results from the model of the way the masked-threshold for a second
harmonic tone varies with frequency and spl of the fundamental. It can be seen that the minimum
sensitivity occurs at different frequencies depending on the spl of the fundamental. Fig 33 shows
the loci of the minima as frequency functions for the 2nd, 3rd, 6th and 8th harmonics. Obviously
the numbers are comfortably in line with accepted wisdom on harmonic distortion.

It should be recognised that encrgy-based detection is not the only criterion we should apply here.
Adding audible or just-audible harmonics ta a fundamental also changes its timbre. The most
benign addition we can make to a musical tone is to add the second harmonic. As we rise through
the harmonics a significant change occurs at the 7th where the distortion product is no longer con-
sonant.

Of course the total-harmonic distortion (THD) criterion is often used in audio, not because it de-
scribes the audibility of harmonics, but because it indicates system linearity. A much more relevant
mechanism in systems exhibiting non-linearity is intermodulation distortion.

A system that produces second harmonic distortion will also produce a first order difference tone
(3dB below the harmonic level) when stimulated by two tones.

Fig 34 illustrates the predicted threshold for this mechanism as a function of difference-frequency
and spl (20-90dB) when the lower-frequency tone is 10kHz. It is clear that a higher sensitivity to

the difference product is indicated. The curves above 80JB spl should be treated with caution since -

above this level the ear starts to introduce z difference-tone of its own. However below that level
IM distortions as low as 0.019% are indicated as significant. This is an important result.
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10.1 Maximum ervor criterion

The previous section included a list of mechanisms and circomstances that may lead to un-

derestimation of errors using models of masking and excitation based on steady-state energy

criteria,

If we desired to create a guard-band in a design that gave reasonable confidence that for all

listeners the error mechanism were not significant on program material, then two things are re-

quired.

» A modification to allow for hearing differences between the averages presented in ISO 226 and
in the auditory-filter bandwidths to represent the most ‘keen-eared’ subjects.

s A guard-band to allow a distance below detection to allow for the release mechanisms discussed
and any that are not known or considered such as differences arising from temporal and pitch
characteristics which have been ignored so far.

The first is easily accommodated by changing parameters in the model and this is currently under

development by the author. The second is a judgment, one would have to chose a value between 10

and 15dB to be reasonably certain that an error would not be released. The combination of these

considerations could lead to errors being sought 20dB or more below nominal audibility. In some
cases this will be easily achieved, in others it may lead to significant over-engineering.

10.2 Minimum noise criterion

Recently there have been suggestions for modifying the noise-spectrum of a dither signal to make
the resulting wideband noise minimally audible [12] [46).

The general approach has been to attempt to create a noise that follows the hearing threshold, Ob-
viously if this were the objective then the spectral density of the dither would have to be shaped to
the contour, taking account of the summation bandwidth of the auditory filter. Having done this
we would then have a uniformiy exciting noise. For interest Fig 35 shows the specific loudness
result for the function proposed by Wannamaker in [46). It can be seen that it does not quite
achieve a flat result, but could easily be modified to do so. For this noise, the model indicated that
the intensity of the noise-shaped dither had to be increased 15dB above the unshaped-dither for
both to be audible. Detectability mode, using a the independent thresholds criterion gave the result
to be 8dB. Comparing the dither of Fig 35 with flat dither, at the high listening level, the loud-
nesses compared at 42 phon (1.2 sone) for the flat dither, and 14.3 phon (0.04 sone) for the shaped
dither. This result shows very clearly the usefulness of a model like this to the audio engineer.

11. COGNITION OF ERRORS

So far we have considered the basic perceptual aspects of sounds and in particular of certain peri-
threshold signals within an overall presentation. This class of sounds is already very complex to in-
terpret. For example the simple process of determining the masked loudness of a tone will depend
on whether it becomes incorporated in an existing percept - as for example will happen adding a
second harmonic - or whether it is separated in the cognitive process into 2 separate sound with
its own loudness.

The difficulty we face is to take this understanding forward to begin to explain the kinds of things
we hear when system errors are modified. For example, an improvement in a high-performance
system may well result in the separation of one instrument into two, or change markedly the im-
pression of the acoustic space in which the recording was made. Both effects can be caused by ob-
jectively small differences making a significant change to the impression or cognitive response.
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Space does not permit developing this discussion here. The reader is however referred to [43),
which develops this area in more detail.

12, CONCLUSIONS

This paper has introduced the idea of examining errors in audio systems by first establishing the
basic perceptual parameters for the signal. In summary.

n The inherent non-linear behaviour of human perception requires us to interpret system errors
in the fina! acoustic domain and at the correct listening spl. Distortions or noises cannot be
finally assessed in abstract as a ratio of some parameters - e.g. signal/noise ratio.

s By transforming the spectral content of the signals under examination onto a form resembling
the frequency selectivity of the cochlea/neural system of the basilar membrane, we can more
readily see a picture of the excitation produced by the signal or error.

» In examining this spectral spread of excitation for a signal, we can make fairly sophisticated
estimates of the simultaneous masking it produces. By so doing, a first-order estimate can be
obtained for the ‘detectability’ i.e. audibility or otherwise of an added error.

» A model was evolved that also allows excitation and loudness of a signal to be estimated fairly
accurately for both absolute-threshold and other simultaneously masked situations. The fre-
quency range was extended to cover 20Hz to 15kHz. The model was fitted for amplitudes be-
tween 0 and 100dB spl with particular emphasis on accuracy in the peri-threshold to 8¢ phon
region.

s The model has been verified by comparing its results to several sets of published data and by its
ability to explain critical-band phenomena and several types of masking anomalies. Particular
attention is paid to determining the audibility of different noise-bands, especially near absolute
and masked thresholds.

Of necessity a large part of the paper deals with the basic psychoacoustic concepts and also with

the considerations leading to a series of computer programs that will give graphical results for ex-

citation, masking and loudness as well as overall masked loudness and detectability numbers. The
graphs are of course important when it comes to interpretation.

Some examples have been given illustrating the kind of results that can be expected, The author

finds it very illuminating to be able to view errors in the context of listening — and in a graphical

form that reflects zudibility.

With a bias towards identifying the performance limit required by audio components, perceptual

phenomena have been reviewed that tend to modify criteria of detection based on simultanecus
. masking and energy-detection models.

The models were modified as a result of these considerations to include a detection mode for
evaluating the probability of detection for muitipart signals in the region just below predicted
audibility.
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