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width extension algorithm (as will be outlined in
Sec. 6) can resynthesize an octave of high frequency
components, as shown in the lower panel of Fig. 4;
note similarities and differences with respect to the
original spectrogram.
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Fig. 3: Time signal (upper panel) and spectrogram
(middle panel) of the first 4 s of a female voice ut-
terance ‘“To administer medicine to animals is fre-
quently a very difficult matter’ (track 49 of the
SQAM disk [5]). The middle panel shows the spec-
trogram in grayscale (dark tone indicates high en-
ergy). The lower panel shows the pitch of that ut-
terance, determined by a pitch tracker (‘Praat’ [7]).

2.3. Statistics of music

More than 70 years ago Sivian et al. [8] performed
a pioneering study of musical spectra using live
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Fig. 4: Time signal (upper panel) and spectrogram
(second panel) of the first 4 s of a female voice ut-
terance ‘To administer medicine to animals is fre-
quently a very difficult matter’ (track 49 of the
SQAM disk [5]). The third panel shows the spectro-
gram of the same signal, but filtered by a 3rd order
Chebyshev lowpass filter at 8 kHz. The fourth panel
shows the signal after high-frequency bandwidth ex-
tension as will be discussed in Sec. 6. These spectro-
grams are color coded, where blue-red is low—high
energy.
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Fig. 5: The top two panels show time plot and spectrogram (only low frequencies) of ‘One’ by Metallica.
The lowest frequencies occur around 40 Hz. A low-frequency bandwidth extension algorithm extends this
low-frequency limit to 20 Hz, as shown in the lower panel. These spectrograms are color coded, where

blue—red is low—high energy.

musicians and—for that time—innovative electronic
measuring equipment. Shortly after the introduc-
tion of the CD, this study was repeated by Greiner
and Eggers [9] by using modern digital equipment
and modern source material, at that time CDs. The
result of both studies was a series of graphs showing
for each instrument or ensemble the spectral ampli-
tude distribution of the performed musical passage.
In general the spectrum has a bandpass character-
istic, the exact shape of which is determined by the
music and the instrument. As in speech, the fun-
damental frequency (pitch) is time varying. A com-
plicating factor is that various instruments may be
playing together.

An example is shown in Fig. 5, where the vari-
able time-frequency characteristic of metal music is
shown (‘One’ by Metallica). The middle panel shows
a spectrogram (frequencies 0 — 140 Hz) of the orig-
inal performance. The energy in the signal extends
down to about 40 Hz. By using low-frequency band-
width extension, we can extend this lower limit to
about 20 Hz (lower panel of Fig. 5), which requires a
subwoofer of excellent quality for correct reproduc-
tion. The resulting synthetic frequencies have sim-
ilar spectro-temporal characteristics as the original
low frequencies, and will add ‘feeling’ to the music.

Another study (Fielder and Benjamin [10]) was con-
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ducted to establish design criteria for the perfor-
mance of subwoofers to be used for the reproduction
of music in the home. The focus on subwoofers was
motivated by the fact that low frequencies play an
important part in the musical experience. A first
conclusion of that study was that recordings with
audible bass below 30 Hz are relatively rare. Sec-
ond, these very low frequencies were generated by
pipe organs, synthesizers, or special effects and en-
vironmental noises. Other instruments, such as bass
guitar, bass viol, tympani, or bass drum, produce
relatively little output below 40 Hz, although they
may have very high levels at or above that frequency.
Fielder and Benjamin [10] gave an example that for
an average listening room of 68 m3, the required
acoustic power for reproduction is 0.0316 W, giving
an SPL of 97 dB, which requires a volume displace-
ment of 0.685 1 at 20 Hz. This requires an excursion
of 13.5 mm for a 10 in (0.25 m) woofer. These are
extraordinary requirements, and very hard to fulfil
in practice. An alternative is to use psychoacous-
tic low-frequency bandwidth extension, where fre-
quencies that are too low to reproduce are shifted
to higher frequencies, in such a way that the pitch
percept remains the same. If we consider the lower
panel of Fig. 5 as the original signal, we could think
of such a bandwidth extension as shifting the fre-
quency band 20 — 40 Hz to above 40 Hz. The result
would look somewhat like the middle panel of Fig. 5,
with increased energy above 40 Hz. We will outline
such bandwidth extension methods in Sec. 5.

3. THE FRAMEWORK

3.1. Bandwidth extension categories

In the Introduction the eight categories of band-
width extension were discussed. If, for the moment,
we do not consider algorithms that use a priori infor-
mation, this reduces to four categories. These cat-
egories are arranged in matrix form in Fig. 6, were
the columns indicate either low- or high-frequency
extension, and the rows indicate psychoacoustic or
physical bandwidth extension. Each of the four
graphs indicates the power spectrum of an audio
signal. The arrow indicates the action of the band-
width extension algorithm: energy from the dashed
frequency range ‘a’ is shifted to the dotted frequency
range ‘b’. Such ‘shifting’ of energy from one fre-
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quency range to the next obviously needs to be done
in a special way; this is the topic of Secs. 4, 5, and
6. The four indicated categories of bandwidth ex-
tension can be seen in the following light:

1. Low-frequency (physical) bandwidth extension:
the lowest frequency components of the signal
are used to extend the lower end of the signal’s
spectrum. Such an algorithm can be used if
the low-frequency bandwidth of the signal has
been reduced in storage or transmission; alter-
natively, the algorithm can be used for audio
‘effect’. The loudspeaker will need to have an
extended low-frequency response to reproduce
the synthesized low frequencies. We discuss
these methods in Sec. 4, all of which is new
material. Previous investigations are mainly re-
ported in the patent literature, some recent ex-
amples are Grob-Da Veiga [11] and Oda [12].
Most of these methods deal with specific appli-
cations; no detailed studies of a more general
nature are known.

2. Low-frequency (psychoacoustic) bandwidth ex-
tension: the lowest frequency components of the
signal cannot be reproduced by the loudspeaker,
and are shifted to above the loudspeaker’s low
cutoff frequency. This must be done in such a
way as to preserve the correct pitch and timbre
of the low frequencies. Several implementations
of such algorithms exist, and are described in
e.g. Tan et al. [13], Gan et al. [14], and Larsen
and Aarts [2] (the latter including a subjective
quality study). Griffiths [15] studied the effect
as it may unintentionally occur for small loud-
speakers that are driven into saturation, causing
distortion products. Sec. 5 reviews this category
of algorithms.

3. High-frequency (physical) bandwidth exten-
sion: the highest frequency components of the
signal are used to extend the higher end of the
signal’s spectrum. Such an algorithm can be
used if the high-frequency bandwidth of the sig-
nal has been reduced in storage or transmis-
sion; alternatively, the algorithm can be used
for audio ‘effect’. The loudspeaker will need to
have an extended high-frequency response to re-
produce the synthesized high frequencies. Such
algorithms have been previously described in
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Fig. 8: Input and output signals for a specific im-
plementation of a low-frequency bandwidth exten-
sion algorithm. The top panel is the sine wave
input (100 Hz), the lower three panels are ob-
tained by NLDs termed ‘integrator’, ‘rectification’,
‘rectification—clipping’. Note that all the processed
signals have a period twice as large as the input.

The high cutoff frequency of FIL1 does not neces-
sarily need to be kf’, but this makes sense as this
will cause the highest frequency passed by FIL1 to
shift down to f'. Filter order need not be high if
IIR filters are used; an order of two for both high
and low-pass flanks usually suffices. Note that lin-
ear phase implementation of these filters is desirable,
as remarked in Sec. 3. Finally, the synthesized fre-
quencies will be scaled to an appropriate level and
mixed with the original input signal, or routed to a
seperate loudspeaker.

Fig. 8 shows some examples of processing by NLD,
where the input is the sine of the upper panel, and
the output is any one of the three lower panels.
The three NLD algorithms that were used to gener-
ate these outputs were integrator, rectification, and
clipping. Also, Fig. 5 shows spectrograms of original
and processed signals for a musical signal.

No formal listening test has been undertaken to as-
sess the quality improvement obtained with these
algorithms. However, numerous demonstrations and
extensive listening by the authors indicate that this
kind of bandwidth extension has great potential. Es-
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pecially the fact that very low frequencies can add to
the ‘feel’ of the music seems to be appreciated. This
effect is most clearly noticeable in pop and rock mu-
sic. Nonetheless, due to the freedom in designing
the bandpass regions of FIL1 and FIL2, the method
is scaleable to higher frequency ranges as well.

4.4. Other applications

Earlier in this section it was mentioned that low-
frequency bandwidth extension can also be used
to recover low frequencies that have been removed
due to limitations in storage/transmission channels.
In such applications the goal is to resynthesize as
closely as possible the missing frequency compo-
nents. Therefore there is less freedom in choosing
the filter bandwidths and frequency division factor.
The exact values for these parameters will depend
on the application—the framework of Fig. 7 can
be maintained, though. A confounding factor in
these kinds of applications, e.g. telephony, is that
it may not be unambiguous as to what frequency
division factor to use. Recall from Sec. 2 that the
male voice fundamental frequencies are distributed
around 120 Hz, and around 240 Hz for the female
voice. Furthermore, these values are time vary-
ing. The telephone channel lower cut-off frequency
is 300 Hz, so the first harmonic to be passed by the
network depends on the particular speaker. A pitch
tracker can be used to determine the fundamental
frequency, which then decides which frequency divi-
sion factor to use in the NLD. For this, a very rough
pitch estimate will suffice, and an efficient solution
was proposed in Aarts et al. [25].

An interesting possibility is to choose the band-
width of FIL2 such that the subharmonic fo/k is
not retained, but only its harmonics, which are then
mixed back into the main signal stream. If the in-
put signal is a harmonic complex with frequencies
nfo,n = 1,2,3,..., the output signal will contain
frequencies nfo/2, n = 2,3,4...if the particular im-
plementation of the non-linear element generates all
harmonics of fo/2 (see earlier in this section). This
harmonic complex evokes a residue pitch (explained
in Sec. 5.2) at fo/2, even though that particular
frequency component is not present in the radiated
signal. Effectively, we have created a low pitch per-
cept for an audio signal that did not contain very
low pitches, and reproduced the signal on a loud-
speaker that is not capable of reproducing very low

AES 115TH CONVENTION, NEW YORK, NY, USA, 2003 OCTOBER 10-13



AARTS ET AL.

frequencies! This technique is actually a different
kind of bandwidth extension, called psychoacoustic
bandwidth extension, and is the topic of the next
section.

5. PSYCHOACOUSTIC
EXTENSION

LOW-FREQUENCY

5.1. Introduction

In many sound reproduction applications, it is not
possible to use large loudspeakers, due to size and/or
cost constraints. Typical applications are portable
audio, multimedia, TV and public address systems,
to name just a few. Hence, the devices are often of
small size, and therefore the transducers are inher-
ently small as well. At the same time we would like
to obtain the highest possible audio quality of these
products. However, probably the most well-known
characteristic of small loudspeakers is a poor low
frequency (bass) response. In practice, this means
that a significant portion of the audio signal may
not be reproduced (sufficiently) by the loudspeaker.
For loudspeakers used in applications as mentioned
above, reproduction below 100 Hz is usually negligi-
ble, while in some applications this lower limit can
easily be as high as several hundred Hertz. The bass
portion of an audio signal contributes significantly
to the sound ‘impact’, and depending on the bass
quality, the overall sound quality will shift up or
down. Therefore a good low-frequency reproduction
is essential.

Now, from psychoacoustic theory, we know that a
pitch perception can occur at a frequency which is
not contained in the audio signal. This is possi-
ble through non-linearities in the cochlea (difference
tones), or a higher-level neural effect in the auditory
system (virtual pitch). Thus through signal pro-
cessing we can shift very low frequency components
in the audio signal to higher frequencies, in such a
way as to preserve the original pitch: psychoacoustic
bandwidth extension.

As shown in Sec. 3, Fig. 7 presents the general pro-
cessing scheme for bandwidth extension. We can
also use such a scheme for psychoacoustic bandwidth
extension, and we will describe the required filter
characteristics and the non-linear device. As the sys-
tem is ‘merely’ based on a psychoacoustic model of
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pitch perception, and uses loudspeaker characteris-
tics in a very general sense (it is only assumed that
reproducing lower frequencies is less efficient than
reproducing higher frequencies), the method can be
employed for any kind and/or size of loudspeaker.

5.2. Low pitch in the absence of low frequencies

Pitch is a subjective, psychophysical quantity. Ac-
cording to the American Standards Association
pitch is “that attribute of an auditory sensation in
terms of which sounds may be ordered on a scale ex-
tending from low to high”. According to Moore [26],
there are various ways how the pitch of a pure tone
depends on its frequency. One can obtain a pitch—
frequency relation by various methods, the classical
result being the mel scale. It has an arbitrary pitch
reference of 1000 mel at a frequency of 1000 Hz. A
tone that sounds, on average, twice as high receives
a value of 2000 mel, whereas a tone that sounds only
half as high has a pitch of 500 mel. Although the mel
scale suggests that the pitch of a pure tone is simply
determined by its frequency, the perceived pitch also
depends on some other factors, one being intensity.
If one measures for a group of subjects how, on aver-
age, the pitch of a pure tone changes with the tone’s
intensity, one typically finds that (1) for tones below
1000 Hz the pitch decreases with increasing intensity
(about 15%), (2) for tones between 1000 and 2000
Hz the pitch remains rather constant, and (3) for
tones above 2000 Hz the pitch rises with increasing
intensity (about 20%). This effect varies consider-
ably between listeners and also depends on the du-
ration of the tone. It is not immediately obvious
what this implies for psychoacoustic low-frequency
bandwidth extension applied to typical musical sig-
nals, where tones have different durations, envelopes
and intensities. Therefore, we pretend that only the
frequency of a pure tone determines its pitch. For a
complex tone (which is more common in music than
a pure tone), consisting of more than one frequency,
the situation is more complicated. Pitch should
then be measured by psychophysical experiments.
A pitch that is produced by a set of frequency com-
ponents, rather than by a single sinusoid, is called a
residue. Even if the fundamental frequency is miss-
ing, it will still be perceived as a residue pitch, which
in this case is sometimes called virtual pitch, because
the frequency corresponding to the pitch is absent.
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There is a vast literature on pitch perception and
residue pitch (Bilsen and Ritsma [27], de Boer [28],
Houtsma and Goldstein [29], Schouten [30, 31]).

Non-linearities in the cochlea can also generate pitch
percepts that are lower than the frequency com-
ponents received by the ear (Plomp [32]; Gold-
stein [33]). At high levels, the cochlea creates dif-
ference (or combination) tones, and if there are fre-
quency components at fo and 3fp/2, a difference
tone at fo/2 will be generated; the effect only oc-
curs at high levels though.

5.3. Algorithm

The psychoacoustic bandwidth extension algorithm
described here can be be explained in terms of the
signal processing framework of Fig. 7. The filter
FIL1 selects those frequency components in the au-
dio that lie beneath the loudspeaker’s lower cutoff
frequency f.; this value can be taken as the high-
frequency cutoff of the filter. The low-frequency cut-
off can be taken as 20 Hz, or at most three octaves
below f.. A larger bandwidth of the filter may result
in excessive intermodulation distortion in the non-
linear device that follows FIL1. In the non-linear
device harmonics of the frequencies passed by FIL1
are generated. There are several options to imple-
ment this function, such as rectification, clipping, or
integration. Rectification of the input signal leads to
frequency doubling, and thus doubles the perceived
pitch. Although the original pitch is lost, the in-
creased sound output may lead to increased quality.
A better choice is a clipper, which will need to fol-
low the input signal level such that low and high
level signals are clipped at the same relative level.
Clipping produces odd harmonics, and the percep-
tual effect is good. Waveforms for the clipper and
rectifier are analogous to those in Fig. 8 (only the
output is not set to zero for every other input pe-
riod, as in that figure), modified so that the period
of the output signal is the same as the period of the
input signal. An integrator, analogous to the one
described in Sec. 4 (but resetting once per period
instead of once per two periods of the input signal),
yields a very strong low pitch percept, as all har-
monics of the input are reproduced. The filter FIL2
is used to shape the frequency spectrum generated
by the non-linear device. The lower cutoff of this fil-
ter is usually set to f. (which was the high cutoff of
FIL1), and the high cutoff of FIL2 should be about

A UNIFIED APPROACH TO BANDWIDTH EXTENSION

an octave above this value. The resulting harmon-
ics signal can be amplified and mixed back with the
main signal. A variable gain can be used to prevent
loudspeaker saturation at very high output levels.

6. HIGH-FREQUENCY EXTENSION

6.1.

Often it is desirable to extend the high-frequency
bandwidth of an audio signal. This may be because
at some point during the transmission from source to
receiver the signal’s bandwidth has been decreased;
examples are telephone communication, perceptual
coding at very high compression rates, etc. For
speech, it has been established by the ITU [34] that
wide-band speech (50 — 7000 Hz) is preferred over
narrow-band speech (300 — 3400 Hz). For the case
of music, a recent investigation by Zielinski et al. [35]
showed that for a wide variety of repertoire, a wide
bandwidth is perceptually more important than a
realistic spatial impression. Thus there is ample
motivation to design algorithms for high-frequency
bandwidth extension; both for speech and audio. We
continue to present the proposed algorithm.

6.2. Algorithm

The framework of Fig. 7 displays once again the
proposed processing scheme. There are two signal
branches, the lower of which passes the input signal
unprocessed (possibly delayed). The spectrum ex-
tension takes place in the upper branch. The details
of the processing steps specific to this category of
bandwidth extension are:

Introduction

1. Filtering by FIL1. Here, the highest octave
present in the signal is extracted, say % f, — fu,
where f, is the upper frequency limit of the in-
put signal.

. Processing by NLD, the non-linear device. Here,
harmonics are created. The first harmonic,
which is just the fundamental, is in the fre-
quency range % fu — fu; the second harmonic
is in the frequency range f, — 2f,, the third
harmonic is in the range 2f, — 3f,, etc.

Filtering by FIL2. Here, the desired part of the
complete harmonics signal is extracted. Typi-
cally, this will be the range of the second har-
monic, thus f, - 2f,.
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As may be deduced from the above, the high-
frequency limit of the output signal now equals 2f,,
twice that of the input signal.

Depending on the application, the filters FIL1 and
FIL2 may be fixed, or signal dependent. If the band-
width of the incoming signal is not known a priori,
bandwidth detection must be used, which may be
used to adapt the filter characteristics (this can oc-
cur for example in Internet radio). Such bandwidth
detection may be based simply upon detecting the
input signal’s sample rate f; and assuming the band-
width to be % fs- Alternatively, a more complex
bandwidth detection means may be used. If for a
given sample rate f; we have that f, > % fs, an up-
sampler must be used before the processing scheme
of Fig. 7, otherwise it is not possible to extend the
signal’s spectrum by a complete octave.

As the object is to add only the next highest oc-
tave to the input spectrum, a non-linear device that
generates mainly the second harmonic is preferred.
Also, amplitude linearity is desirable. A full-wave
rectifier has both these characteristics and is there-
fore highly suitable for use as non-linear device in the
scheme of Fig. 7 as applied to high-frequency band-
width extension. A side-effect of non-linear process-
ing is that beside harmonic frequencies also inter-
modulation distortion is introduced. In some situ-
ations this can give rise to audible artefacts. An
analytic expression for the frequency spectrum of an
arbitrary full-wave rectified signal is given in Larsen
and Aarts [2], through which it is possible to ana-
lyze the strength of harmonic and inharmonic com-
ponents.

7. CONCLUSIONS

We presented an analysis of bandwidth exten-
sion methods, leading to a discrimination along
three dimensions:  low/high frequency, phys-
ical /psychoacoustic based extension, blind/non-
blind. Interesting applications were shown to exist
for all coordinates along these dimensions, and a sig-
nal processing framework has been defined which has
been used to design specific bandwidth extension al-
gorithms (three were presented, of which one new).
This framework has been validated by a statistical
analysis of various kinds of audio signals.
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