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0 INTRODUCTION

All transducers (such as loudspeakers and micro-
phones) and transmission channels (including amplifiers)
introduce a certain amount of distortion. The received or
reproduced signal is not identical to the original.
Distortion can be broadly categorized into two types:

1) Linear distortion. This involves changes in the rela-
tive amplitudes and phases of the frequency components
present in the complex signal. Such changes are typically
perceived as changes in timbre or tone quality (coloration)
[1]–[6]. In principle, distortion of this type can be com-
pensated (within limits) by linear filtering, and such filter-

ing can be applied either before or after the transducer or
transmission channel whose properties are being studied. 

2) Nonlinear distortion. This involves the introduction
of frequency components that were not present in the
input signal. The effects of nonlinear distortion are diffi-
cult or impossible to compensate by subsequent process-
ing. Signals subjected to nonlinear distortion are often
perceived as distorted. It is perhaps unfortunate that the
same word is used to describe both the physical process
and the subjective impression. The effects of nonlinear
distortion may be described as harshness or roughness or
in terms of the perception of sounds that were not present
in the original signal such as crackles or clicks [7]–[9]. 

We have been conducting a series of studies with the
goal of characterizing, and eventually predicting, the per-
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petual effects of both linear and nonlinear distortion. We
feel that an essential first step is to characterize the per-
ceptual effect of each type of distortion separately. The per-
ceptual effects of linear distortion have been characterized
in another paper [10]. The present paper is concerned with
the effects of nonlinear distortion on the perceived quality
of speech and music. In what follows, the word “distor-
tion” is taken to mean nonlinear distortion and not linear
distortion. 

Distortion is typically measured using one or two sinu-
soids as a test signal. If a signal sinusoid is used, the dis-
tortion is often specified as total harmonic distortion in
percent. When two sinusoids are used, then intermodula-
tion distortion is measured. Again, it is usually expressed
as a percentage. These two measures are still used widely
for characterizing the performance of loudspeakers,
amplifiers, and hearing aids [11]. However, the perception
of distortion is not closely related to the percentage of har-
monic or intermodulation distortion. Perception depends,
among other things, on the frequencies of the distortion
products relative to the frequencies of the test signal. For
example, if the frequencies of distortion products fall very
close to the frequencies of the primary components, the
distortion products may be masked by the primary com-
ponents. In contrast, if the distortion product frequencies
are remote from those of the primaries, the distortion
products may be heard more easily. In addition, distortion
products may interact with primary components to produce
temporal effects (amplitude or frequency modulation), and
the audibility of these effects depends on the frequency
separation and relative phases of the distortion products
and primary components. The simple percentages measure
of harmonic or intermodulation distortion takes no account
of the frequencies and phases of the distortion components
relative to the primary components, and hence cannot cap-
ture these effects. Furthermore, measures of distortion
obtained using sinusoidal test signals may not be appropri-
ate for representing the audibility of distortion in more
realistic signals, such as speech and music, whose ampli-
tude fluctuates from moment to moment. 

This point has been strongly made in a recent review
article [8], [9]. The authors concluded that, “all attempts to
find simple quantitative ratios between conventionally
measured nonlinear parameters and subjectively detected
distortion have not been entirely successful” [8, p. 1027].
They proposed, following the work of Risch [12], that
rather than using single-tone or two-tone test signals, dis-
tortion should be characterized using a multitone test sig-
nal with logarithmically spaced components. They sug-
gested that “the application of the multitone stimulus with
its ability to excite numerous distortion products of vari-
ous orders” might help to provide a link between objective
measures of distortion and the subjective perception of
distortion. In this paper we explore this link and attempt to
predict subjective ratings of distortion using objective
measures obtained with a multitone signal. 

The papers by Czerwinski et al. [8], [9] provide an
extensive historical review of previous studies of the
measurement of physical distortion and the perception of
distortion, particularly in the evaluation of amplifiers and

loudspeakers, and we will not attempt to provide a similar
review. However, it is noteworthy that parallel efforts were
made in the evaluation of distortion in hearing aids. Kates
[13] proposed the use of a comb-filtered noise as a test
signal. The proposed noise resembles the multitone signal,
except that the peaks are uniformly spaced on a linear fre-
quency scale rather than a logarithmic scale. Several
researchers have proposed the use of coherence as a per-
ceptually relevant tool for characterizing distortion
[14]–[17]. The coherence is the normalized cross-spectral
density between the input and the output, and it has typi-
cally been measured using random noise, pseudorandom
noise or a maximum-length sequence as the test signal.
The measurement of coherence with noise-like signals has
some of the advantages of using the multitone signal
“because it measures all forms of distortion and not just
the harmonic distortion traditionally measured” [18].
However, this approach works well only with time-invari-
ant distortion, and does not give reliable estimates of dis-
tortion for hearing aids incorporating automatic gain con-
trol. Kates [18] proposed the use of the phase variance of
the system transfer function as a perceptually relevant
measure of distortion. The phase variance can be esti-
mated from the normalized input–output cross correlation,
and it is relatively unaffected by changes in system gain
produced by automatic gain control.    

Finally it should be noted that methods for assessing
the perceived quality of audio signals have been developed
for the purpose of evaluating bit-trade reduction systems
used in digital coding, complex audio processing, or trans-
mission chains. Examples of such methods include the
PEAQ standard ITU-R BS.1387-1 [19] and the PESQ
standard ITU-T P.862 [20]. These methods are intended
for use only with electrical signals, and not with signals
that have been passed through electroacoustic transducers.
Their ability to predict degradations in quality produced
by nonlinear distortion in transducers has not been
assessed. Also, PESQ is intended only for narrow-band
speech measurements (300–3400 Hz). 

In this paper we first describe two experiments that
examine the effects of a variety of “artificial” distortions
on the perceived quality of speech and music signals.
Some of the distortions, such as hard and soft peak clip-
ping, were meant to resemble distortions that occur in
electroacoustic systems such as amplifiers and loudspeak-
ers. Other distortions were not meant to mimic any physi-
cal system, but were used to provide a greater variety of
types of distortion. The two experiments were based only
on static time-invariant nonlinearities. The perceptual data
were intended to provide a strong test of methods and
models for predicting the perceptibility of distortion. We
compare the perceptual data from experiments 1 and 2
with physical measures based on the output of the nonlin-
ear systems in response to multitone signals. A physical
measure, DS, based on the spectrum of the output, is
developed for predicting perceived distortion. Finally, we
present a verification experiment, in which perceptual
judgements were obtained of speech and music signals
that were subjected to nonlinear distortion produced by
various types of transducers. 
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1 EXPERIMENT 1: WIDE-BAND DISTORTION

In the first experiment the distortions were applied to
the entire waveform of the stimulus, resulting in wide-
band distortion. 

1.1 Types of Distortion
The following types of distortion were applied:
1) Hard symmetrical clipping, with the clipping level

set so that the input signal was clipped 0.5, 1, 2, 5, or 10%
of the time. The clipping levels were chosen based on dis-
tributions of instantaneous amplitude for the entire stimu-
lus, and were determined separately for the speech and
music signals (details of these are given later).

2) Hard asymmetrical clipping, with positive peaks only
clipped. The clipping level was set so that the input signal
was clipped 0.5, 1, 2, 5, or 10% of the time.

3) Soft symmetrical clipping, where the slope of the
input–output function decreased for large signal values,
but did not become zero. The clipping threshold was
defined as the input level at which the output level (for a
sinusoid) was 2 dB below the level that would have
occurred if the system had remained linear. The clipping
was set so that the input signal exceeded the clipping
threshold 0.5, 1, 2, 5, or 10% of the time.

4) Soft asymmetrical clipping, with positive peaks only
clipped. The clipping was set so that the input signal exceeded
the clipping threshold 0.5, 1, 2, 5, or 10% of the time.

5) Center clipping, for which voltages within a certain
range around 0 V were set to 0 V. The clipping range was set
to 0.5, 1, 2, 5, or 10% of the rms value of the input signal.

6) Full-range distortion produced by raising the instan-
taneous absolute magnitude of the signal to a power α (not
equal to 1) while preserving the sign of the magnitude.
Values of α were 0.5, 0.7, 0.9, 1.1, 1.3, 1.5, and 2.

This gave a total of 32 conditions involving a wide
range of types and amounts of distortion.

1.2 Test Signals
Two sets of test signals were used, speech and music.

Digital representations of the input signals were obtained
directly from a CD, using the standard sampling rate of
44 100 Hz. The speech was a concatenation of two sen-
tences, one from a male and one from a female talker,
taken from tracks 49 and 50 of the CD “Sound Quality
Assessment Material” (SQAM) produced by the European
Broadcasting Union.1 The overall duration of the two sen-
tences, including the brief pause between them, was 3.1 s.
The music was a fragment of jazz (piano, bass, and drums)
with a relatively constant overall level, taken from a com-
mercial CD (digital recording). The same fragment was
used throughout. Its duration was 7.3 s. The speech and
music were processed off line, and the processed stimuli
were stored on computer disk.

The stimuli were replayed to the listener using a 24-bit
Lynx 1 sound card, mounted in a PC. The output of the
sound card drove Sennheiser HD580 earphones. The same

signal was fed to each earpiece. These earphones have a
diffuse-field response, that is, they produce at the eardrum
of the listener a similar frequency response as would be
obtained listening in a diffuse sound field. Thus their
response at the eardrum shows an increase in the fre-
quency range around 3000 Hz, which reflects the reso-
nance normally produced by the concha and meatus. The
earphones were calibrated using a KEMAR manikin [21],
averaging the results for the “large” and “small” ears. The
output of the ear simulator was connected to a Hewlett-
Packard 35670A dynamic signal analyzer. The frequency
response was compared to the mean of the diffuse-field
responses of the human ear measured by Shaw [22], Kuhn
[23], and Killion et al. [24]. The response of the earphone
was found to match the mean diffuse-field response within
±3.5 dB from 30 to 6000 Hz. Above 6000 Hz the response
showed some irregularities, which varied depending on
which ear was used in KEMAR and also on the exact posi-
tioning of the earphones on the manikin. Additional meas-
urements using a probe microphone (Etym~otic Research
ER7C) close to the eardrum of several human individuals
showed that the response above 6000 Hz varied from one
individual to another, but that the response averages across
individuals was close to the diffuse-field response. Such
individual variations also occur in the diffuse-field
responses of human ears [22]–[24].

We also measured the harmonic and intermodulation dis-
tortion produced by the earphone, again using the ear sim-
ulator and a Hewlett-Packard 35670A dynamic signal ana-
lyzer. For sinusoidal inputs with frequencies from 100 to
6000 Hz, and for sound levels at the output up to 90 dB
SPL, the level of the distortion component corresponding to
the second harmonic was always at least 70 dB below the
level of the primary component, while the level of the dis-
tortion component corresponding to the third harmonic was
always at least 84 dB down. Other distortion components
were not measurable. For various pairs of primary frequen-
cies, f1 and f 2, in the range 100 to 7000 Hz, and for levels
up to 90 dB SPL, the level of the distortion component at
f2� f1 was always unmeasurable. For the same conditions,
the level of the distortion component at 2f1 � f2 was always
at least 73 dB lower in level than the primary tones, and was
usually unmeasurable. No other distortion components
were measurable. We conclude that the distortion produced
by the earphones was probably below the audible limit
[7]–[9], [25], [26]. The distortion was certainly well below
that introduced deliberately into our stimuli.

The overall level of each distorted signal was adjusted
digitally prior to digital–analog conversion so as to give
roughly a constant loudness of 86.4 phons (binaural lis-
tening). The required adjustment was calculated using the
loudness model of Moore et al. [27]. The calculations took
into account the diffuse-field response of the earphones.

1.3 Experimental Method
In a given test sequence of 32 stimuli, a listener was

tested using either speech or music. Stimuli subjected to
the different types of nonlinear distortion were presented
in a randomized order. After each stimulus presentation
there was a pause, during which the listener was required
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to rate the perceived quality on a 10-point scale where 10
indicates “clean, completely undistorted” and 1 represents
“very distorted” The response categories were displayed
on the computer screen, and subjects responded using the
mouse to click on their category of choice. The computer
waited indefinitely until a response was made. The next
stimulus was presented approximately 1 s after a response
was made. It should be noted that asking subjects to rate
quality in this way is different from asking subjects to
judge the difference between the distorted signal and the
original. Sometimes specific types of distortion can actu-
ally increase sound quality [28]. However, distortion of
the type used here introduces intermodulation components
that are often not harmonically related to the original sig-
nal and which always result in a degradation of sound
quality.

To illustrate the meaning of the descriptors for the cat-
egories, before the experiment started, samples were pre-
sented of undistorted signals; these were described as
examples of category 10. Similarly, samples were pre-
sented with large amounts of distortion (full-range distor-
tion with α � 0.5 or 2); these were described as category
1. Each subject was tested in two sessions on different
days. In each session the test was conducted once using
speech and once using music. The repeated measurement
for each type of stimulus allowed us to assess how consis-
tent the responses of each subject were. A session typi-
cally lasted about one hour.

1.4 Subjects
Ten subjects were tested. None had any history of hear-

ing disorders and all had audiometric thresholds better
than or equal to 20 dB HL in both ears at all audiometric
frequencies from 250 to 8000 Hz. Their ages ranged from
15 to 35 years (mean 24, standard deviation 6). Subjects
were paid for their participation.

2 RESULTS

1.4 Consistency across Sessions and Subjects
The results for each subject generally showed a very

similar pattern across the two test sessions for a given type
of signal (speech or music). The overall consistency
across test sessions was assessed by calculating the mean
score across subjects for each condition and stimulus type,
separately for each session, and then calculating the cor-
relation of the scores for the 32 conditions across sessions.
The correlations obtained in this way were 0.988 for the
speech stimuli and 0.985 for the music stimuli. The very
high correlations indicate a high degree of consistency of
the group mean scores across test sessions.

The pattern of results was also very consistent across

subjects. To assess the degree of consistency across sub-
jects, we calculated the mean score for each subject and
each condition across the two sessions. We also calculated
the mean score across subjects for each condition and
stimulus type, including the data for both sessions. Then,
for each subject in turn, we calculated the correlation
between the scores for that individual subject and mean
scores, over the 32 conditions. The higher the correlation,
the more closely the pattern of scores for a given subject
resembles that for the group as a whole. The resulting cor-
relations are shown in Table 1, separately for music and
for speech stimuli. The resulting correlations are high,
indicating a high degree of consistency across subjects.
The standard deviation (SD) of the ratings across subjects
for a given condition was typically about 1.3 scale units
(standard error, SE, about 0.4 scale unit).

For each type of distortion (such as hard symmetrical
clipping) an ANOVA was conducted on the ratings with
factors subject and amount of distortion (such as clipping
0.5, 1, 2, 5, or 10% of the time). This was done separately
for the speech and music stimuli. The scores for the two
test sessions were treated as replications. For each type of
distortion, there was a highly significant effect of the
amount of distortion (p < 0.001); ratings decreased in an
orderly way with increasing distortion. For the full-range
distortion, ratings decreased as α was made more differ-
ent from 1 (either larger or smaller than 1). The effect of
subject was sometimes significant, indicating that some
subjects gave lower or higher overall ratings than others.
There were only two cases where the interaction of sub-
ject and amount of distortion was significant, indicating
that the pattern of results differed across subjects. These
cases were for speech stimuli with full-range distortion
(F(54, 70) � 1.84, p � 0.008) and music stimuli with
asymmetrical hard clipping (F(36, 50) � 1.88, p �
0.019). In both cases the interaction term accounted for
less than 2% of the variance in the data. We conclude that
the ratings are mainly determined by the amount of dis-
tortion in the stimuli, and that individual differences in
the pattern of ratings are small. In what follows, we focus
on the mean ratings.

2.2 Mean Ratings
The mean ratings across subjects are shown in Figs. 1

and 2 for the speech and music stimuli, respectively. In gen-
eral the data are very orderly. For a given type of distortion
(such as symmetrical peak clipping), the ratings decrease
monotonically with increasing physical distortion.

Even for small amounts of distortion, the mean rating
was never above 9.2 for speech and 9.0 for music. This
reflects the fact that subjects tend to avoid the extremes
of the available range of responses when making sub-
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Table 1. Correlation of mean ratings across sessions for each individual subject with
mean ratings across subjects, for experiment 1.

Subject 1 2 3 4 5 6 7 8 9 10

Speech 0.94 0.95 0.94 0.97 0.97 0.96 0.96 0.97 0.98 0.91
Music 0.96 0.95 0.94 0.97 0.97 0.98 0.97 0.98 0.96 0.95
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jective judgments [29]. The lowest ratings were
obtained for the full-range modification with α � 0.5 or
2; the mean ratings were close to 1 for these cases. Hard
symmetrical clipping 10% of the time also gave low rat-
ings, around 3.5 for speech and 3.1 for music. Soft clip-
ping and center clipping up to 2% had little effect on
perceived quality.

3 EXPERIMENT 2: BAND-LIMITED DISTORTION

In experiment 2 the distortion was introduced in a
frequency-specific way, so as to gain insight into the rela-
tive importance of distortion in different frequency
regions. 

3.1 Stimuli
In one set of conditions, referred to as prefiltering, the

stimuli were filtered into four frequency bands and the
distortion was applied to the waveform at the output of
one of the filters only. The four bands covered the follow-
ing frequency ranges: 0–606 Hz, 606–1973 Hz,
1973–5583 Hz, and 5583–22 050 Hz. The outputs of the
filters were then recombined. This meant that the distor-
tion originated in a specific frequency band, but the result-
ing distortion components were allowed to spread to other
bands, as might occur in a multiway loudspeaker system
in which one transducer introduced distortion. The filters
were designed so that the filtering and recombination did
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not lead to significant changes in the amplitude–frequency
response. The following prefiltering band-specific distor-
tions were used.

1) Hard symmetrical clipping, with the clipping level
set so that the input signal was clipped 2 or 10% of the
time.

2) Soft symmetrical clipping, with the clipping set so
that the input signal exceeded the clipping threshold 5 or
20% of the time.

3) Full-range distortion with α � 0.7 or 1.3.
In the second set of conditions, the distortion was

applied to the waveform at the output of one of the filters,
as before, but then the distorted waveform was postfiltered
using the same filter. For example, if the distortion was

applied to the output of the filter covering the range
606–1973 Hz, the distorted waveform was subsequently
bandpass filtered over the range 606–1973 before the out-
puts of the different filters were recombined. This
restricted the distortion components to a specific fre-
quency region. Such distortion would occur only rarely in
a real nonlinear system, but it was used here to allow us to
gain some insight into the relative importance of the dis-
tortion components in different frequency regions. The
pre- and postfiltering band-specific distortions were the
same as those described in 1) to 3) for prefiltering only. In
addition, we included some distortions applied to the
wide-band signal, similar to those used in experiment 1.
The wide-band distortions were as follows

J. Audio Eng. Soc., Vol. 51, No. 11, 2003 November 1017

Fig. 2. As Fig. 1, but for music stimulus.
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1) Hard symmetrical clipping, with the clipping level
set so that the input signal was clipped 2 or 5% of the
time.

2) Soft symmetrical clipping, with the clipping set so
that the input signal exceeded the clipping threshold 5 or
20% of the time.

3) Full-range distortion with α � 0.5, 0.7, 1.3, and 2.
We also included a condition with no distortion. 

In summary, there were 24 conditions involving pre-
filtering (six types of distortion applied in each of four
passbands), 24 conditions involving pre- and postfiltering
(six types of distortion applied in each of four passbands),
eight conditions involving distortions applied to the
broad-band signal, and one condition with no distortion,
giving a total of 57 conditions.

3.2 Subjects and Procedure
Eleven normally hearing subjects were tested. None had

any history of hearing disorders and all had audiometric
thresholds better than or equal to 20 dB HL in both ears at
all audiometric frequencies from 250 to 8000 Hz. Their
ages ranged from 20 to 27 years (mean 23, standard devi-
ation 2). Subjects were paid for their participation. The
procedure was the same as described for experiment 1.

4 RESULTS

4.1 Consistency across Sessions and Subjects
As before, the consistency across test sessions was

assessed by calculating the mean score across subjects for
each condition and stimulus type, separately for each ses-
sion, and then calculating the correlation of the scores for
the 57 conditions across sessions. The correlations
obtained in this way were 0.976 for the speech stimuli and
0.966 for the music stimuli. The very high correlations
indicate a high degree of consistency of the group means
across test sessions.

The pattern of results was also consistent across sub-
jects. Correlations between individual scores and mean
scores, calculated as for experiment 1, are shown in Table
2. The correlations are high, indicating a high degree of
consistency across subjects, although the consistency is
not quite as high as for experiment 1. The SD of the rat-
ings across subjects for a given condition was typically
about 1.6 scale units (SE about 0.5 scale unit), which is
slightly higher than for experiment 1. This may reflect
individual variability in the relative importance of differ-
ent frequency regions.

As before, ANOVAs were conducted on the ratings with
subject and amount of distortion as factors. For the distor-
tions involving filtering, the type of filtering was included
as a factor (prefiltering alone, or pre- and postfiltering)

and the center frequency of the band where the distortion
was introduced was also a factor. ANOVAs were calcu-
lated separately for the speech and music stimuli. We con-
sider in this section only the outcomes relating to individ-
ual differences; other outcomes are discussed in the
following section.

For the broad-band distortions the effect of subject was
sometimes significant, indicating that some subjects gave
lower or higher overall ratings than others. The interaction
of subject and amount of distortion was not significant in
any case, indicating that the pattern of results did not dif-
fer across subjects. For the distortions involving filtering,
the effect of subject was sometimes significant, and there
were a few cases where subject interacted with other fac-
tors, indicating a difference in the pattern of results across
subjects. These cases were as follows.

1) For speech stimuli with hard symmetrical clipping,
there was a significant interaction of subject with type of
filtering (pre or pre and post); F(10, 176) � 2.8, p �
0.003.

2) For speech stimuli with full-range distortion, there was
a significant interaction of subject with α, F(10, 176) �
2.64, p � 0.005, and of subject with band center fre-
quency F(30, 176) � 2.19 p < 0.001.

3) For music stimuli with hard symmetrical clipping,
there was a significant interaction of subject with band cen-
ter frequency, F(30, 176) � 1.79 p � 0.011.

4) For music stimuli with full-range distortion, there was
a significant interaction of subject with α, F(10, 176) �
3.31, p < 0.001, and of subject with band center frequency,
F(30, 176) � 2.26, p < 0.001.

These interactions never accounted for more than 1% of
the variance in the data, and in three out of four cases they
accounted for less than 0.5% of the variance. As before,
we conclude that the ratings are mainly determined by the
amount and type of distortion in the stimuli, and that indi-
vidual differences in the patterns of ratings are small.

4.2 Mean Ratings
The mean ratings for the distorted stimuli are shown in

Figs. 3–8. The ratings for the broad-band distortions
(Figs. 3 and 6) are similar to those obtained in experiment
1. The ANOVAs showed that ratings always decreased sig-
nificantly with increasing amounts of distortion (p < 0.001
in all cases). For the full-range distortion, ratings
decreased as α was made more different from 1 (becom-
ing either larger or smaller than 1). The general pattern of
the results was similar for the speech stimuli and for the
music stimuli. For the prefiltering distortions (Figs. 4 and
7) the ratings were generally lower when the distortion
was introduced into the lower frequency bands (but the
distortion was allowed to spread to other frequencies) than
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Table 2. Correlation of mean ratings across sessions for each individual subject with
mean ratings across subjects, for experiment 2.

Subject 1 2 3 4 5 6 7 8 9 10 11

Speech 0.92 0.91 0.92 0.94 0.92 0.92 0.94 0.96 0.93 0.96 0.91
Music 0.89 0.91 0.93 0.93 0.94 0.92 0.96 0.95 0.89 0.93 0.89
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when the distortion was introduced into the higher fre-
quency bands. However, for the pre- and postfiltering dis-
tortions (Figs. 5 and 8) the effects were much more uni-
form across the different frequency bands, suggesting that
the distortion components within each band were roughly
equally important. These patterns are revealed in the
ANOVAs as significant overall effects of band center fre-
quency (p < 0.001 for both speech and music for all types
of distortion) and significant interactions between type of
filtering (pre or pre and post) and band center frequency;
the significance level was p < 0.001 for all types of dis-
tortion for both speech and music. An exception to the
trend of roughly equal importance of each frequency band
for pre- and postfiltering was for the full-range modifica-
tion with  α � 0.7. For this case the ratings for pre- and
postfiltering were lower for the two middle bands than for
the lowest or highest bands. Post hoc tests, based on
Fisher’s least significant differences test, showed that the
mean ratings for the two middle bands were significantly
lower than the mean ratings for the lowest and highest
bands (p < 0.001 in all cases).

The fact that, for prefiltering distortions, the ratings
were generally lower when the distortion was introduced
into the lower frequency bands can probably be attributed
to the physical effects of the distortions. The distortions
introduced into the lower bands would have led to har-
monic distortion products that covered a wide frequency

range, including the upper bands. When pre- and postfil-
tering were used, the out-of-band distortion products were
removed, and this led to higher overall ratings than for
prefiltering alone, and also to more uniform ratings across
frequency bands.

5 PHYSICAL MEASURES OF DISTORTION
USING MULTITONE SIGNALS

The multitone signals used here had properties similar
to those described by Czerwinski et al. [8], [9], including
the logarithmic spacing of components, as recommended
by them. However, their multitone signals had a lowest
component of 1000 Hz and a highest component of 10 000
Hz. Such signals would not have revealed distortions in
some of the conditions of experiments 2, for which the
distortion originated in the lowest frequency band.
Therefore we decided to use multitone signals whose
components spanned the range from 50 to 15 000 Hz. The
root-mean-square (rms) value of each multitone input sig-
nal was set equal to the input level of the speech and music
signals used in experiments 1 and 2. We used a variety of
multitone signals, differing in their number of compo-
nents, which ranged from 5 to 60. In all cases the compo-
nents were uniformly spaced on a logarithmic scale over
the range 50 to 15 000 Hz. For example, for a multitone
complex with 20 components the frequency ratio between
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Fig. 3. Mean results of experiment 2 for broad-band distortions for speech stimulus. SymH—symmetrical hard clipping; SymS—sym-
metrical soft clipping; FR—full-range waveform distortion. Extreme right-hand column shows mean rating for undistorted stimulus.
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Fig. 4. Mean results of experiment 2 for prefiltering distortions for speech stimulus.
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Fig. 5. Mean results of experiment 2 for pre- and postfiltering distortions for speech stimulus.
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successive components was 1.35. For initial analyses the
duration of each multitone signal was 1 s.

A plot of the long-term spectrum of the output of a non-
linear system in response to a multitone signal gives an
immediate visual indication of the extent of distortion [8],
[9]. This is illustrated in Fig. 9, which is based on a 10-
component multitone signal. Fig. 9 (a) shows the spectrum
of the input signal, and Fig. 9 (b) shows the output of the
broad-band full-range nonlinear system from experiments
1 and 2, for which the instantaneous amplitude of the sig-
nal was raised to the power of 0.5. This system received
very low ratings for both speech and music. The severe
distortion introduced by this system is readily apparent.
Fig. 9 (c) shows the output of the system used in experi-
ment 2 with 2% hard clipping in the highest frequency
band, using pre- and postfiltering. This system received
high ratings for both speech and music. The distortion
apparent in the output spectrum is correspondingly rather
low and is restricted to high frequencies.

Although these figures are informative, it is not obvious
how to use the output spectrum to give a quantitative esti-
mate of the perceived quality of the distorted signals. One
approach would be to calculate excitation patterns evoked
in the auditory system by the input and output spectra, and
to use the differences between the excitation patterns as an
estimate of the perceptual difference [6]. However, this
approach is computationally intensive. Also, an approach
based on excitation patterns would not work well in cases

where the device under test produced linear distortion
(that is, the device had a nonflat frequency response) as
well as nonlinear distortion. Here we adopted a simpler
method of quantifying the differences between the input
and output spectra, but a method that is still related to the
spectral resolution of the auditory system.

Initially the input and output were time aligned, to com-
pensate for any time delay caused by the nonlinear pro-
cessing. Both the input and output of each nonlinear sys-
tem were analyzed in a series of successive
nonoverlapping 30-ms frames. The power spectrum of
each frame was determined using a 1323-point discrete
Fourier transform (DFT). The overall magnitude of the
output spectrum was scaled so that the major peaks had
the same magnitude as for the input spectrum. The bins in
the DFT were grouped into nonoverlapping frequency
bands, each of which was 1 ERBN wide, where ERBN
denotes  the mean equivalent rectangular bandwidth of the
auditory filter for young normally hearing subjects at
moderate sound level [6], [30]. The ERBN is conceptually
similar to the traditional critical bandwidth [31] but differs
somewhat in numerical values. The powers of the individ-
ual bins within each frequency band were summed to give
the overall power in each 1-ERBN band, and the power
was converted to decibels. For each frame the difference
in level in each 1-ERBN band between the input and out-
put was calculated, and the absolute value of the differ-
ence was summed across bands. This gives a perceptually
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Fig. 6. As Fig. 3, but for music stimulus.
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Fig. 7. As Fig. 4, but for music stimulus.
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Fig. 8. As Fig. 5, but for music stimulus.
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relevant measure of the difference in spectrum between
the input and output, which we will call the distortion
score, DS. The values of DS were averaged across all 30-
ms frames to give an overall measure  of distortion.

Several parameters were varied to explore their effect
on the relationship between the DS values and the subjec-
tive ratings. These included the number of components in
the multitone signal, the relative phases of the components
in the multitone signal, the duration of the multitone sig-
nal, and the effect of windowing the 30-ms segments prior

to calculating the DFT.
For each of the multitone signals (with 5–60 compo-

nents) the DS values were calculated for each nonlinear
system used in experiments 1 and 2, and the correlation
was calculated between the DS values and the subjective
ratings. This was done separately for the ratings of the
speech and music signals. As expected, the correlations
were always negative, as a large value of DS implies a
large amount of distortion and therefore a low rating. For
both experiment 1 and experiment 2, the correlations
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Fig. 9. (a) Spectrum of 10-component multitone signal. (b) Output spectrum of nonlinear system producing severe broad-band distor-
tion. (c) Output spectrum of nonlinear system producing mild distortion at high frequencies only.

(c)

(b)

(a)
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obtained in this way were maximal for a multitone signal
containing 10 components, and decreased slightly in
absolute value when the number of components was
decreased to 5 or was 20 or above. Hence we decided to
focus on the results obtained using multitone signals with
10 components, which gave strong negative correlations
for both experiments. For further evaluations we used sev-
eral different forms of the multitone signal, differing in the
(randomly selected) starting phases of the components.
We found that the starting phase had only a small effect on
the outcome, but we chose the set of phases that gave the
highest negative correlation between the subjective ratings
and the DS values. The values used are shown in Table 3. 

Increasing the duration of the multitone signal beyond
1 s did not increase the absolute value of the correlations,
so we restricted the duration to 1 s. Windowing the 30-ms
segments of the output signal prior to calculating the DFT
had the effect of reducing spectral splatter from the major
components of the signal (those present at the input), thus
making it possible to measure the effects of distortion

components at lower levels than when no windowing was
used. However, we found that the windowing made the
absolute values of the correlations smaller rather than
larger. This may have happened because distortion com-
ponents at very low levels would not be perceptually rele-
vant, as they would be masked by the primary components
or would be below absolute threshold. Hence for the
analyses presented next, the segments were not windowed
prior to calculating the DFT. 

Fig.10 shows scatter plots of the relationship between
the DS values and the subjective ratings for experiment 1.
The (inverse) correlation between the two quantities is
high, at �0.98 (p < 0.001) for speech and �0.97 (p <
0.001) for music. Fig. 11 shows similar scatter plots for
experiment 2. Here the scatter is greater, but the correla-
tions are still reasonably high, namely �0.87 (p < 0.001)
for speech and �0.80 (p < 0.001) for music. We conclude
that the physical measure DS is closely related to per-
ceived distortion, at least for the artificial types of distor-
tion used in experiments 1 and 2. 

6 VERIFICATION EXPERIMENT 

6.1 Stimuli
To assess whether the DS measure gave reasonable pre-

dictions of the perceived quality of signals subjected to the
distortion produced by real transducers, we conducted a
third perceptual experiment. The same speech and music
signals as before were used as input to the nonlinear sys-
tems under test. A few of the nonlinear systems used ear-
lier were included, namely:

1) Hard symmetrical clipping of the broad-band signal,
with the clipping level set so that the input signal was
clipped 2 or 5 % of the time.

2) Soft symmetrical clipping of the broad-band signal,
with the clipping set so that the input signal exceeded the
clipping threshold 5 or 20 % of the time. 

1026 J. Audio Eng. Soc., Vol. 51, No. 11, 2003 November

Fig. 10. Scatter plots of mean subjective ratings form experiment 1, plotted against distortion measure DS. (a) Results for speech stim-
ulus. (b) Results for music stimulus. Each point represents a specific form of broad-band distortion.

(a) (b)

Table 3. Frequencies and starting phases of
10-component multitone signal that gave the
highest (negative) correlation between dis-
tortion measure DS and ratings obtained.

Hz rad

50 2.549
94 5.878
178 5.761
335 2.578
631 5.615
1189 0.364
2241 2.217
4223 5.109
7959 0.062
15000 0.873
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3) Full-range distortion of the broad-band signal with
� � 0.5, 0.7, 1.3, and 2. 

4) Prefiltering band-specific distortion with � � 0.7 and
1.3 in the bands 606–1973 Hz and 1973–5583 Hz.

The other nonlinear systems involved four different
compact electrodynamic transducers (13–20 mm in diam-
eter) mounted in a variety of acoustic structures, selected
to be representative of earpieces and so-called integrated
hands-free designs often encountered in telecommunica-
tions terminal devices or accessories. Both commercial
products and acoustic mockups were used. These included
closed-box and ported acoustics, with a range of back vol-
umes (1–5 cm3), a number of different front volumes, and
different sound port arrangements. The total number of
systems used was 15. 

The test signals (sampling rate 41 000 Hz) were fed to
the test systems from a PC via a Lexicon CD-2, acting as
a DAC, and via a Lab Gruppen LAB300 amplifier. Each
transducer was driven at two power levels, one of which
was below the official rated power handling of the trans-
ducer and the other of which was 7–20 dB above the rated
power. This was done to ensure the generation of both
weak and strong nonlinearities, without causing perma-
nent damage to the transducers. The output of each trans-
ducer was measured in the free field using a G.R.A.S.
40AF 0.5-in free-field microphone, a G.R.A.S. 2AA pre-
amplifier, and a Brüel & Kjær Nexus conditioning ampli-
fier. The microphone was located 250 mm from the sound
outlet of the device or on the axis of the loudspeaker,
depending on the test configuration. The measured signal
was recorded to the PC hard disk (sampling rate 44 100
Hz) via a Tascam DA30 (acting as ADC) and an RME
Digital 96/8 sound card. 

In summary, there were eight conditions involving arti-
ficial distortion of the broad-band signal, four conditions
involving artificial distortion with prefiltering (two bands
times two values of α), and 30 conditions involving real

transducers (15 systems, each driven at two levels). We
also included a condition with no distortion. The total
number of conditions was 43. 

One problem in using real transducers is that they intro-
duce linear distortion (frequency response irregularities)
as well as nonlinear distortion. Our interest in the present
study was to characterize the perceptual effects of the non-
linear distortion without any confounding effect of linear
distortion. Therefore the recorded outputs of the real trans-
ducers were each digitally filtered so that the long-term
spectrum of the output matched that of the input as closely
as possible. In practice this could not be done over a very
wide frequency range, as some of the transducers showed
a considerable rolloff in their amplitudes response at low
frequencies. Therefore to match the amplitude–frequency
response of all systems as closely as possible, all stimuli
were bandpass filtered between 301 and 15 900 Hz. This
was done both for the stimuli recorded via real transduc-
ers and for those generated using artificial distortion. 

6.2 Subjects and Procedure
Nine normally hearing subjects were tested. None had

any history of hearing disorders and all had audiometric
thresholds better than or equal to 20 dB HL in both ears at
all audiometric frequencies from 250 to 8000 Hz. Their
ages ranged from 20 to 31 years (mean 27, standard devi-
ation 4). Subjects were paid for their participation. The
procedure was the same as described for experiment 1. 

6.3 Consistency across Sessions and Subjects 
As before, the consistency across test sessions was

assessed by calculating the mean score across subjects for
each condition and stimulus type, separately for each ses-
sion, and then calculating the correlation of the scores for
the 43 conditions across sessions. The correlations
obtained in this way were 0.94 for the speech stimuli and
0.91 for the music stimuli. The high correlations indicate
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Fig. 11. As Fig. 10, but for ratings from experiment 2, which include distortions with pre- and postfiltering. (a) Speech test. (b) Music test.

(a) (b)
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a high degree of consistency of the group means across
test sessions.

The pattern of results was reasonably consistent across
subjects. Correlations between individual scores and mean
scores, calculated as for experiment 1, are shown in Table
4. The correlations range from 0.75 to 0.94, indicating
good consistency across subjects, although the consis-
tency is not quite as high as for experiment 1. The SD of
the ratings across subjects for a given condition was typi-
cally about 1.6 scale units (SE about 0.5 scale units),
which is slightly higher than for experiment 1, but similar
to experiment 2.

As before, ANOVAs were conducted on the ratings with
subject and amounts of distortion as factors. This was
done only for the artificial distortions. For the distortions
involving prefiltering, the center frequency of the band
where the distortion was introduced was also a factor.
ANOVAs were calculated separately for the speech and
music stimuli. The effect of the amount of distortion was
always highly significant (p < 0.001).  For the broad-band
distortions, the effect of subject was sometimes significant,
indicating that some subjects gave lower or higher overall
ratings than others.  The interaction of subject and value of
α was significant for speech, F(30, 44) � 1.99, p � 0.018,
and for music, F(30, 44) � 1.97, p � 0.02. However, in
both cases the interaction accounted for less than 1% of
the variance in the data. For the distortions involving pre-
filtering, the interaction of subject and value of α was sig-
nificant for speech, F(10, 44) � 5.59, p < 0.001, and for
music, F(10, 44) � 6.48, p < 0.001, but in both cases the
interaction accounted for less than 2% of the variance in
the data. We conclude, as before, that the ratings are
mainly determined by the amount and type of distortion in
the stimuli, and that individual differences in the patterns
of ratings are small.

6.4 Comparison of Obtained Ratings and
Distortion Score

As mentioned earlier, all stimuli in this experiment
were bandpass filtered between 301 and 15 900 Hz (and
spectrally shaped where appropriate), so as to remove as
far as possible differences in overall spectral shape of the
outputs for the differently distorted signals. This was done
to allow us to isolate the perceptual effects of nonlinear
distortion by equating linear distortion across conditions.
In our previous analyses using the multitone test signal,
that signal covered a wide frequency range, from 50 to
15 000 Hz. Such a signal would have been inappropriate
to use here, since the input would have contained fre-
quency components that were not present in the output of
the systems under test. To avoid this problem, the input
multitone signal was bandpass filtered between 301 and

15 900 Hz, in the same way as the stimuli were bandpass
filtered in the experiment. Otherwise the calculation of the
DS score was done in the same way as before.

Fig. 12 compares the mean ratings for the different sys-
tems with the DS score obtained using the multitone sig-
nal as input to the systems. There is a moderately strong
relationship between the ratings and the DS values. The
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Fig. 12. As Fig. 10, but for ratings from experiment 3, which
include distortions introduced by real transducers. (a) Music test.
(b) speech test. ●● Artificial distortions; ✻ real distortions.

(b)

(a)

Table 4. Correlation of mean ratings across sessions for each individual subject with
mean ratings across subjects, for experiment 31.

Subject 1 2 3 4 5 6 7 8 9

Speech 0.83 0.85 0.88 0.88 0.80 0.83 0.92 0.93 0.85
Music 0.77 0.94 0.90 0.84 0.91 0.75 0.81 0.92 0.86
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correlations is �0.64 (p < 0.001) for speech and �0.595
(p < 0.001) for music. It is clear, however, that there is
rather a lot of scatter.  It appears that the relationship of
the subjective ratings to the DS scores is somewhat dif-
ferent for the artificial distortions (circles) and the real
distortions (asterisks). This was confirmed by calculat-
ing the correlation between the ratings and the DS scores
separately for the artificial and real distortions. The cor-
relations for the artificial distortions were –0.91 (p <
0.001) for speech and �0.86 (p < 0.005) for music. The
correlations for real distortions were �0.60 (p < 0.005)
for speech and �0.67 (p < 0.005) for music.  Evidently
the DS measure is more closely related to the subjective
ratings for the well-defined artificial distortions than for
the more complex real distortions.

It is noteworthy that the mean scores for the undistorted
stimuli were relatively high, at 7.94 and 7.22 for speech
and music, respectively, even though those stimuli were
bandpass filtered between 301 and 15 900 Hz. In our pre-
vious study of the perceptual effects of linear distortion
[10] we found that high-pass filtering at 313 Hz led to
mean ratings of 2.1 for speech and 2.2 for music. The
large difference in ratings across the two experiments indi-
cates that subjects adjust their criteria depending on the
range and type of stimuli presented. In experiment 3 all
stimuli lacked frequency components below 301 Hz, and
hence sounded rather tinny. However, the stimuli without
nonlinear distortion clearly sounded better than the stim-
uli with strong nonlinear distortions, and the ratings given
by the subjects reflected this. It is likely that the example
stimuli played before the experiment proper contributed to
the adjustment of the criteria of the subjects, and encour-
aged them to use much of the available response range.
Although subjects clearly did change their criteria across
experiments, the ratings given to the bandpass filtered
undistorted stimuli in experiment 3 were lower than the rat-
ings given to the broad-band stimuli with little or no distor-
tion in experiment 1 and 2, which were typically about 9.

7 SUMMARY AND CONCLUSIONS

We have examined the effects of various types of non-
linear distortions on the perceived quality of speech and
music signals. Subjects were presented with a series of
distorted signals, with the different types of distortion pre-
sented in a randomized order, and were required to rate the
perceived amount of distortion on a scale from 1 to 10,
where 1 corresponds to most distorted and 10 corresponds
to least distorted. The results for all experiments were
highly consistent across subjects and test sessions. The
ratings are largely determined by the amount and nature of
the distortion in the signals, individual differences making
only a small contribution to the variance in the ratings.
Center clipping and soft clipping had only small effects on
the ratings, whereas hard clipping and the full-range dis-
tortions had large effects. When the frequency compo-
nents introduced by the distortion were limited to a spe-
cific frequency range (defined in ERBN), all of the four
ranges tested were approximately equal in importance in
affecting perceived distortion. 

The subjective ratings obtained from the first two
experiments, which used various artificial forms of distor-
tion, were compared to physical measures of distortion
based on multitone test signals. A distortion measure DS
derived from the output spectrum of each nonlinear sys-
tem in response to a 10-component multitone signal gave
high correlations with the subjective ratings. The correla-
tions were negative because high ratings were associated
with low values of DS. For experiment 1 the correlations
were �0.98 and �0.97 for speech and music, respectively.
For experiment 2 the correlations were �0.87 and �0.80
for speech and music, respectively. 

A further experiment was conducted using stimuli for
which nonlinear distortion was introduced by recording the
outputs of real transducers. The output signals were digitally
filtered to reduce irregularities in amplitude–frequency
response as far as possible. The results showed reasonably
strong negative correlations between the subjective ratings
and the objective measure DS; for the stimuli recorded
through real transducers, the correlations were �0.60 and
�0.67 for speech and music, respectively. However, the
correlations were not as high as for the artificial distor-
tions. We conclude that an objective measure of nonlinear
distortion based on the use of a multitone signal can pre-
dict reasonably well the perceptual effects of nonlinear
distortion. 
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