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ABSTRACT
The use of perceptually based (lossy) audio codecs, like MPEG 1 - layer 3 (`mp3'), has become very popular in the
last few years . However, at very high compression rates the perceptual quality of the signal is degraded, which is
mainly exhibited as a loss of high frequencies . We propose an efficient algorithm for extending the bandwidth of
an audio signal, with the goal to create a more natural sound . This is done by adding an extra octave at the high
frequency part of the spectrum . The algorithm uses a non-linearity to generate the extended octave, and can be
applied to music as well as speech . This also enables application to fixed or mobile communication systems .

BACKGROUND
Often it is desirable to extend the bandwidth of an audio (mu-
sic or speech) signal . This may be because at some point dur-
ing the transmission from source to receiver the signal's band-
width has been decreased ; examples are telephone communi-
cation, perceptual coding at very high compression ratex, etc.
For speech, it has been established by the ITU [1] that wide-
band speech (50 - 7000 Hz) is preferred over narrow-band
speech (300 - 3400 Hz) . For music the perceptual difference

maybe even larger, although a formal test has not been done .
In this paper we shall consider only high-frequency band-
width extension; Aarts et al . [2] describe an algorithm for
low-frequency bandwidth extension, with a focus on speech
applications . In the following we shall address more precisely
the objectives and constraints of our research, followed by a
description of the proposed bandwidth extension algorithm.
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Objectives and constraints
The objective is to extend the bandwidth of the reproduced
sound by synthesizing and adding additional high frequency
components to the received low-bandwidth audio signal, com-
plying with the following constraints :

1 . Low computational complexity and low memory require-
ments.

2 . Independent of signal format .
3 . Applicable to music and speech .
4. No a priori knowledge about the missing high frequen-

cies .

The first constraint is important for the algorithm to be a fea-
sible solution for consumer devices, which typically have very
limited resources . Although the use of digital signal proces-
sors (DSPs) is becoming more widespread in consumer elec-
tronics, such DSPs have many tasks to perform, of which any
one may take up only a limited amount .
Independence of signal format means that the algorithm is
applied to a PCM-like (or even analog) signal . Dependence
on a certain coding or decoding scheme would limit the scope
of the algorithm and is therefore to be avoided.
The third constraint implies that we cannot use a very de-
tailed model to derive high-frequency information from low-
frequency information . If the application was limited to
speech only, a speech model could be used, which would allow
an accurate reconstruction of the original wide-band speech
signal . For a music signal, which is not well described by such
a speech model, the extension obtained would not be correct
however. Accurate reconstruction of a special signal class,
say speech, could also be achieved by a training phase, where
narrow-band and wide-band speech signals are both available
to the system . It would then be possible to initialize a set
of parameters which after completion of the training phase,
would allow estimates of the wide-band signal to be made
for a given input narrow-band signal, using the parameters
obtained in the training phase. However, in order to com-
ply with the third constraint mentioned above, we can only
use characteristics common to all, or at least most, possible
speech and music signals .
The fourth constraint implies the algorithm is `blind', i.e .
there is no information available to the system to aid the
high-frequency reconstruction process . It must be clear that
this constraint prevents a perfect reconstruction of the origi-
nal full-bandwidth signal . The motivation ofdesigning a blind
system, which in principle performs worse than a non-blind
system, is to be able to apply the system on any existing audio
source .
The constraints mentioned above prevent a (near)-perfect
reconstruction of the original full-bandwidth signal . The
bandwidth-extended signal may be expected to deviate con-
siderably from the original full-bandwidth signal . Therefore,
we can restate the objective of the algorithm accordingly : to
create a signal with an extended bandwidth, that sounds more
pleasant than the received low-bandwidth signal .
High-frequency bandwidth extension has also been proposed
as a means to enhance virtual acoustic systems, as described
in Dempsey [3] . It is argued that a wider bandwidth sig-
nal would give more localization cues and therefore a listener
would be better able to position the virtual acoustic source .
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Other methods
A simple way to increase high-frequency content is linear fil-
tering, i.e . equalization . Only in cases where the signal-to-
noise ratio of the high frequencies is sufficiently high this can
be an option, but in the remainder we shall assume this not
to be the case . In other situations the sample frequency may
be low, such that the Nyquist frequency is well below the sig-
nal's natural bandwidth (e .g . in telephony, where the Nyquist
frequency is 4 kHz) . In such cases, first an upsampler and
low-pass filter will be used, followed by bandwidth extension.
Because the extra octave obtained by upsampling contains
aliased components of the baseband signal, equalization is
not an option .
An advanced method for obtaining a wide-band signal from
a narrow-band signal is described in Liljeryd [4], which forms
the basis for the `mp3pro' method . Here, `spectral band repli-
cation' is used as means for bandwidth extension. The lower
frequencies are coded in a known way (in this case according
to the old `mp3' method); the higher frequencies are derived
from these lower frequencies . However, of the four constraints
mentioned earlier, only one is valid for the method of Liljeryd,
namely it is applicable to music and speech . The other three
constraints are not met . Firstly, since `mp3pro' is a codec
with a specific signal format, the decoding part only works
on a correctly encoded signal . Furthermore, the bandwidth
extension is aided by information embedded in the encoded
bitstream by the encoder, which makes the system non-blind .
The advantage of this non-blind, special encoding is that the
final signal perceptually matches the original full-bandwidth
signal very closely. It is therefore possible to obtain a higher
audio quality than possible with the method described in this
paper. Finally, the computational complexity of the complete
system (encoder and decoder) is considerable .
A method optimized for creating a wide-band speech signal
from a narrow-band speech signal is described in Valin and
Lefebvre [5] . Both the additional low band (50 - 300 Hz) as
well as the high band (3400 - 7000 Hz) are derived from the
narrow-band signal . The lower band is synthesized by means
of a sinusoidal oscillator, the fundamental frequency of which
is determined by a pitch tracker and the amplitudes of which
are determined by a multi-layer perceptron network which has
been trained in an initialization phase . The higher frequency
band is synthesized using non-linear processing and LPC fil-
tering . The coefficients ofthe LPC filter are transmitted along
with the speech signal, making the method non-blind . It is
reported that the high-frequency band is perceptually very
close to the original, whereas the low-frequency band has au-
dible artefacts . Several variations on this processing scheme
are described in the literature .
A simple narrow-band to wide-band speech converter is de-
scribed in Yasukawa [6] . The method described has low com-
plexity, uses no training and is also independent of signal
format . It can be seen as a `special purpose' (speech-only)
implementation of the algorithm presented below. The sub-
jective performance is reported to be good .

ALGORITHM DESCRIPTION
The processing scheme for efficient high-frequency band-
width extension is based on techniques proposed by Larsen
and Aarts [7] for low-frequency bandwidth extension on small
loudspeakers . There, harmonics are generated of very low-
frequency signal components which can not be reproduced
on a small loudspeaker . The generated harmonics will give
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the listener a pitch perception corresponding to the origi-
nal very low-frequency components, even if these very low-
frequency components are not present in the reproduced sig-
nal any more . The extension is therefore only perceptual .
This psychoacoustic phenomenon is known as the `missing
fundamental' . For the present case of high-frequency band-
width extension, a similar processing scheme can be used .
Harmonics will be generated from a part of the input signal
spectrum, which will then be used to extend the input signal's
bandwidth . The extension thus obtained will most typically
be one octave, although more or less would be possible . In
contrast to the low-frequency bandwidth extension mentioned
before, for the high-frequency case no psychoacoustic effect is
used to create the additional high-frequency percept; instead,
there is a measurable extension of the signal's spectrum .

Processing details
Fig. 1 displays the proposed processing scheme . There are
two signal branches, the lower of which passes the input sig-
nal unprocessed (possibly delayed) . The spectrum extension
takes place in the upper branch . The following processing
steps are taken :

1 . Filtering by FILL Here, the highest octave present in
the signal is extracted, say zfu - f~ , where fu is the
upper frequency limit of the input signal .

2 . Processing by NLD, the non-linear device . Here, harmon-
ics are created . The first harmonic, which is just the
fundamental, is in the frequency range z fu - fu ; the
second harmonic is in the frequency range fu - 2fu, the
third harmonic is in the range 2fu - 3fu, etc .

3 . Filtering by FIL2 . Here, the desired part of the complete
harmonics signal is extracted. Typically, this will be the
range of the second harmonic, thus fu - 2fu .

5 . Addition to the (delayed) input signal . This delay is used
to compensate for delays occurring due to the filtering
in the previous steps .

As may be deduced from the above, the high-frequency limit
of the output signal now equals 2f~, double that of the input
signal .

Depending on the application, the filters FIL1 and FIL2 may
be fixed, or signal dependent . If the bandwidth of the incom-
ing signal is not known a priori, bandwidth detection must
be used, which may be used to adapt the filter characteris-
tics . Such bandwidth detection may be based simply upon
detecting the input signal's sample rate fs and assuming the
bandwidth to be z fs . Alternatively, a more complex band-
width detection means may be used . If for a given sample rate

FIL2
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Fig. 1: High-frequency bandwidth extension.

fs we have that f~ > 4fs, an upsampler must be used before
the processing scheme of Fig. 1, otherwise it is not possible
to extend the signal's spectrum by a complete octave .

The non-linear device NLD is the element that creates the addi-
tional high frequencies to the output spectrum . As the object
is to add only the next highest octave to the input spectrum, a
non-linear device that generates mainly the second harmonic
is preferred . Also, amplitude linearity is desirable, because
the system should add the same amount of harmonics to the
signal, independent of signal level . A full-wave rectifier has
both these characteristics and is therefore highly suitable for
use as non-linear device in the scheme of Fig. 1 . A side-effect
of non-linear processing is that beside harmonic frequencies
also intermodulation distortion is introduced . In some sit-
uations 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 [7], through
which it is possible to analyze the strength of harmonic and
inharmonic components .
Preferably the filters FIL1 and FIL2 in Fig. 1 are linear phase
filters . If also an appropriate delay is used in the lower branch,
the two signal branches will add exactly in phase . This has
the advantage that transients in the input signal will remain
compact in the output (because of the filters' constant group
delay), which is beneficial for perceptual quality . Also, the
lower and upper signal branch may have some spectral over-
lap . If in this overlapping region the signals from the upper
and lower branch do not add in phase, interference may cause
an amplitude modulation of the signal spectrum, which is un-
desirable. Therefore, filters FIL1 and FIL2 should be either
FIR filters, or linear phase IIR filters (using time-forward and
time-reversed filtering), which may be more efficient . Powell
and Chau [8] present an efficient method for linear phase IIR
filtering .
We focus on time instead of frequency domain implementa-
tions. In the frequency domain we would have familiar prob-
lems such as connection of consecutive output frames, spectral
leakage for frequencies which are not harmonic to the DFT
window and non-stationarity of the input signal in an input
frame. In the time domain we prevent these problems .

Example
As an implementation example, consider a signal with a sam-
ple rate of fs and bandwidth zfs . To extend the bandwidth
of this signal, first an upsampler is used with an upsample
factor of 2, yielding a sample rate of 2fs = fs . The squared
magnitude response of FIL1 and FIL2 are shown in Fig. 2, on
a frequency axis normalized with respect to fs . The squared
magnitude is plotted, because each filter is used twice, once
filtering in forward time and once in reversed time (see [8]) .
FIL1 is a second order elliptic filter, FIL2 is a second order
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Fig. 3: Input and bandwidth extended spectra. The horizontal lines indicate the passbands of FIL1 and FIL2 . The
input spectrum is offset by 40 dB .
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Fig. 2 : Squared filter magnitudes, FIL1 and FIL2 .
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Butterworth filter . The value of G, the harmonics scaling
factor (see Fig. 1), is 0.5 . The delay in the lower branch is
chosen such that it exactly matches the added delay of FIL1
and FIL2 .
A 10 ms frame containing a musical signal is bandwidth
extended according to the implementation described above.
Fig. 3 shows both input (offset by 40 dB) and output spectra,
on a frequency axis normalized with respect to fs . The solid
horizontal line indicates the passband of FILL and the dashed
horizontal line indicates the passband of FIL2 .

Apart from this specific example, the filter characteristics can
be adapted to any feasible frequency range and thus accom-
modate any input signal bandwidth. The algorithm can also
be applied to any sound reproduction system by adapting the
value ofthe harmonics gain G. The value of G also depends on
the listener's preference, and on the listener's hearing thresh-
old at high frequencies . This high-frequency hearing threshold
is highly correlated with age . Fig. 4 displays the average hear-
ing loss (with respect to threshold of hearing, see ISO [9]) for
male subjects from 20 to 70 years of age. The average hearing
loss for a 70 year old male at 8 kHz is 60 dB .

PERCEPTUAL EVALUATION
Subjective quality assessments have been made through infor-
mal listening. As mentioned at the beginning of this paper,
the extended signal deviates considerably from the original
full-bandwidth signal . But in practice the listener will not
have the original full-bandwidth signal available, and there-
fore has no reference signal .
For speech (narrow-band to wide-band conversion) the ex-
tended signal is experienced to be pleasant . Extension of
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Fig. 4: Hearing loss (with respect to threshold of hear-
ing) for a group of otologically normal males of various
age. For each age 50% of the group has a higher hearing
loss and 50% has a lower hearing loss .

unvoiced fricatives, such as /s/, /f/ and /ch/ is not very good
due to the relative low amount of energy these sounds contain
in the narrow-band frequency range.
For musical signals the quality of the bandwidth extended
signal depends somewhat on the original signal's bandwidth.
To a certain extent the quality decreases as the input band-
width decreases ; the lowest useable input bandwidth being
roughly 4 kHz. However, in most practical situations au-
dio bandwidths smaller than 4 kHz do not occur. For input
bandwidths of 8 kHz or larger the perceptual effect is very
pleasant . For all bandwidths the signal's transients are most
effected and improved by the system .
Since in many cases the quality of the output signal is per-
ceived to be enhanced relative to the input signal, the band-
width extension method presented in this paper offers a prac-
tical and feasible solution to the problem of high-frequency
audio bandwidth extension.

Evaluation with a masking model
As was mentioned before, the bandwidth extension is ob-
tained by use of a non-linear element. This non-linearity gen-
erates harmonics of a part of the input signal spectrum . How-
ever, intermodulation distortion will also occur, which will
lead to frequency components not harmonic to the input sig-
nal's spectrum being generated . Given that these inharmonic
components have sufficient amplitude, they will become au-
dible, leading to dissonance .
By using a pscychoacoustic masking model it would be possi-
ble to gain insight into the audibility of the intermodulation
distortion components . Through this it should be possible to
determine if the artefacts sometimes occurring in the band-
width extended signals are due to these intermodulation dis-
tortion components, or if they have a different origin . As
observed above, the artefacts become stronger as the input
signal's bandwidth decreases . Using artificial as well as real-
life signals in combination with a masking model, we might
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determine if this is caused by properties of the auditory sys-
tem or by the frequency-dependent statistics of real-life sig-
nals . These issues are a current research topic .

CONCLUSIONS
We have presented a method for efficient high-frequency band-
width extension of music and speech signals . This method
complies with the following constraints :

1 . Low computational complexity : the largest part of the
computational burden consists of two low-order 1111 fil-
ters, and is therefore quite small.

2 . Independent of signal format . No special encoding or
decoding is required .

3 . Applicable to music and speech . Perceptual evaluations
have shown that the method enhances the quality of mu-
sic and speech signals in most cases for input signal band-
width of 4 kHz and larger .

4 . No a priori knowledge about the missing high frequen-
cies . The only assumption is that the high frequencies
are harmonically related to the lower frequencies .

Furthermore, the algorithm can easily be adapted to work on
any input signal bandwidth by merely changing the two filter
characteristics and possibly the harmonics gain value.
The presented method offers a practical and feasible solution
for high-frequency audio bandwidth extension. Because of its
flexible design many applications are possible .
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