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Abstract: In this paper, a simple DFT-domain pitch-scaling technique is used to ex-
tend the audio bandwidth of wideband speech (50 Hz – 7 kHz) to the super-wideband
range (50 Hz – 12 kHz). Therefore, the higher frequencies of the wideband signal
(6 – 7 kHz) are pitch-scaled with a scaling factor of four and the resulting, scaled sig-
nal is inserted into the 8 – 12 kHz band. A subjective listening test has been conducted
wherein it could be shown that the new proposal clearly outperforms a previous method
for artificial bandwidth extension which is based on statistical estimation techniques.

1 Introduction

Techniques for artificial bandwidth extension (ABWE) of speech aim to improve the qua-
lity of band-limited speech signals by artificially extending the reproduced audio fre-
quency range without making use of any additional side information. The extension can
be performed toward the lower and upper end of the audible frequency range. This paper
is concerned with the extension toward higher audio frequencies.

ABWE algorithms are particularly interesting for realtime audio communication systems
which are based on (possibly older) transmission standards or speech codecs that only
support a limited audio bandwidth. In such systems, as no further side information is
available, ABWE is usually conducted directly within the receiving terminal so that no
other network components need to be modified. However, for the extension of typical
telephone speech (narrowband, NB, 300 Hz – 3.4 kHz) toward the wideband (WB) fre-
quency range (50 Hz – 7 kHz), it could be shown that the achievable WB speech quality
is limited [NGAK02, JV02]. In this case, other approaches such as embedded coding
or steganographic transmission of side information should be preferred if possible, see
[Gei12a, Gei12b] for an overview.

In contrast to the extension of NB speech, much less attention has been paid to the exten-
sion of WB speech toward the super-wideband bandwidth (SWB, e.g., 50 Hz – 12 kHz). In
this scenario much more consistent quality gains can be expected. Therefore, in this paper,
a new ABWE approach is proposed which is particularly suited for WB-to-SWB band-
width extension. It is based on DFT domain pitch scaling techniques and yields clearly
better results than previous ABWE methods.
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1.1 Outline

After a brief review of previous ABWE methods in Section 2, the proposed, novel ABWE
approach, which is based on DFT domain pitch scaling techniques, is described in detail
(Section 3). The new system is evaluated and the achieved super-wideband speech quality
is compared with a previous method as well as other references (Section 4). The paper is
then concluded with Section 5.

2 Previous ABWE Methods

Most modern approaches are based on a parametric representation of the higher frequency
band and treat the ABWE task as a classification or statistical estimation problem. The
respective algorithms usually follow these four consecutive steps:

• A relevant feature vector xf is computed from time frames of the received “base-
band” signal s(k) or, if possible, directly from the bitstream of the codec that is used
to transmit this signal.

• With the help of a pre-trained statistical model or a specific classification rule, a
parameter vector p for the current time frame is estimated (or derived) from the
current (and possibly previous) feature vectors.

• An “excitation” signal for the higher frequencies is generated, often by spectral
folding of a spectrally whitened version of the lower frequency band.

• The synthetic high band signal is produced by a suitable high band synthesis al-
gorithm based on the generated “excitation” signal and on the estimated/derived
parameter set p.

To establish the connection between the baseband feature vector and the high band parame-
ter set, numerous classification approaches as well as statistical estimation algorithms have
been proposed in the literature, e.g., the mapping of the entries of a narrowband codebook
to a wideband shadow codebook [CH94], (piecewise) linear mapping [NTN97, CGMS01],
artificial neural networks, [KLA07, PA11], and Minimum-mean-square-error (MMSE) es-
timation based on Gaussian Mixture Models (GMMs) [PK00] or Hidden Markov Models
(HMMs) [Jax02, JV03].

In contrast to these classication or estimation based methods, there are several, mostly
older approaches that directly manipulate the received baseband signal to regenerate the
higher frequencies. For example, the appliction of non-linearities to produce additional
harmonic signal content dates back to the year 1933 [Sch33]. Aliasing components which
are due to digital-to-analog conversion or digital sampling rate conversion have been ex-
ploited to regenerate higher audio frequencies in [Die84, Yas95]. The method of [PX81]
operates in the frequency domain, shifts frequency coefficients toward higher frequencies
and applies a scaling factor.
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Figure 1: System overview (bracketed numbers reference the respective equations in the text).

The novel ABWE method to be described in the following is also based on a comparatively
simple, direct manipulation of DFT coefficients of the baseband signal rather than relying
on elaborate and complex statistical estimation techniques.

3 ABWE by Pitch Scaling of Higher Frequencies

In [Gei13], we have proposed a system for backwards-compatible in-band transmission
of higher speech frequencies over a narrowband telephone connection. The basic idea
was to insert a pitch-scaled version of the higher frequencies (4 – 6.4 kHz in this paper)
into the previously “unused” 3.4 – 4 kHz frequency range of standard telephone speech
which corresponds to a down-scaling factor of ρ = (4 − 3.4)/(6.4 − 4) = 1

4 . The down-
scaling operation is reverted at the decoder side (up-scaling factor 1/ρ = 4). Of the
numerous pitch-scaling methods which are available, cf. [Zö11], a comparatively simple
DFT-domain technique turned out to be well-suited for our purposes, because, in this case,
the pitch scaling and the required frequency domain insertion/extraction operations can be
carried out within the same signal processing framework.

In this work, we will reuse the respective decoder algorithm to realize a system for ABWE
of wideband speech toward the super-wideband bandwidth. A block diagram is depicted
in Figure 1.

3.1 Algorithm Overview

First, time frames of the wideband signal s̃WB(k), sampled at fs = 16 kHz, are trans-
formed into the frequency domain using a windowed DFT. From the resulting spectral
coefficients, the high band information, corresponding to the 6 – 7 kHz frequency range,
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is extracted1. These passband coefficients are further processed and reinterpreted as the
DFT coefficients of the high band signal s̃HB(k) which is synthesized by inverse DFT and
an overlap-add procedure. The regenerated high band signal is finally combined with the
original wideband signal to form the bandwidth extended output signal s̃BWE(k′) at its
sampling rate of f ′

s = 32 kHz.

3.2 Analysis of the Wideband Speech Signal

To realize the pitch scaling (or, equivalently, time scaling) operation, the ratio of the win-
dow lengths of the employed IDFT and DFT operations must be equal to the desired scal-
ing factor ρ. In our current implementation we have chosen values of L1 = 128 and
L2 = 32, i.e., ρ = L2/L1 = 1/4. The DFT analysis of the wideband signal s̃WB(k) can
thus be written as:

S̃WB(µ, λ) =

L1−1∑

k=0

s̃WB(k + λS)wL1
(k) · e−2πj kµ

L1 (1)

for frequency bins µ ∈ {0, . . . , L1 − 1} and frame index λ. The window function wL1
(k)

has been chosen as the square root of a Hann window of length L1. The window shift
is S = 8. Note that the same window shift S must be used as in the IDFT synthesis
procedure, see Section 3.4.

3.3 Composition of the High Band Spectrum

The high band information (DFT magnitudes for 6 – 7 kHz) within the spectrum S̃WB(µ, λ)
is now extracted and a (partly) synthetic DFT spectrum with L2 bins is formed. For no-
tational convenience, the frame index λ and the (implicit) complex conjugate symmetric
extension for µ > L2

2 are disregarded.

With µ0 = L1−⌈2/8·L1⌉
2 and µ1 = L1−⌈1/8·L1⌉

2 , the DFT magnitudes of the newly formed
high band spectrum can therefore be written as:

∣∣∣S̃HB(µ)
∣∣∣ =

{∣∣∣S̃WB(µ + µ0)
∣∣∣ for 0 ≤ µ < µ1 − µ0

0 for µ ≥ µ1 − µ0,
(2)

whereby the bin with index µ1 − µ0 corresponds to a frequency of 4 kHz in the high band
signal, i.e., 12 kHz in the super-wideband domain.

Compared to the DFT magnitudes, a correct representation of the phase is much less im-
portant for high-quality reproduction of higher speech frequencies, cf. [JV03]. In fact,

1The 6 – 7 kHz range has been chosen instead of the 7 – 8 kHz band because wideband speech is commonly
lowpass filtered at 7 kHz. Common wideband codecs also employ such lowpass filtering.
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there are several alternatives to obtain a suitable phase ∠ S̃HB(µ). For example, an ad-
ditional analysis of s̃WB(k) with a window length of L2 and a window shift of S would
facilitate the direct reuse of the narrowband phase, an approach which is often used in
artificial bandwidth extension algorithms, e.g., [JV03].

In fact, for our application, even a random phase φ(µ) ∼ Unif(−π, π) already delivered a
high speech quality, i.e.:

∠ S̃HB(µ) =





∠Re{S̃HB(µ0)} for µ = 0

0 for µ = L2

2

φ(µ) else.
(3)

3.4 Super-Wideband Speech Synthesis

The regenerated high band DFT spectrum S̃HB(µ, λ) is now transformed into the time
domain via an IDFT with the short window length L2 = L1 · ρ:

s̃HB(k, λ) =
1

L2

L2−1∑

µ=0

S̃HB(µ, λ) · e2πj kµ
L2 (4)

for k ∈ {0, . . . , L2 − 1} and 0 outside the frame interval. Now, for overlap-add, the same
window shift S as for analysis (1) is applied, i.e.:

s̃HB(k) =
∑

λ

s̃HB(k − λS, λ) wL2
(k − λS) (5)

for all k. Here, a value of S = L2/4 = 8 has been chosen so that the sequence of synthesis
windows sums up to a constant. Half-overlapping windows, i.e., S = L2/2, are possible
as well. The window function w2(k) is, again, the square root of a Hann window of length
L2.

With s̃HB(k) and the corresponding low band signal s̃WB(k), the final subband synthesis,
e.g., with a QMF synthesis filterbank, can be carried out, giving the bandwidth extended
output signal s̃BWE(k′). Thereby, an optional attenuation factor can be applied to the re-
generated high band signal so that small residual artifacts therein fall below the perception
threshold.

4 Quality Evaluation

The super-wideband speech quality that is achieved with the proposed ABWE algorithm
is evaluated in this section. First, spectrograms of an example speech signal are shown and
discussed and then the results of a subjective listening test are presented.
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Figure 2: Top: Spectrogram of an exemplary input speech signal. Bottom: Spectrogram of the
corresponding bandwidth extended signal (red lines are placed at 6, 7, 8 and 12 kHz).

4.1 Example Spectrograms

Example spectrograms of the bandwidth extended signal s̃BWE(k′) and, for comparison,
of the original super-wideband signal s(k′) are shown in Figure 2. Note that s(k′) is
lowpass filtered at 12 kHz.

The lower plot shows the band-limited (wideband) signal in the range 0 – 7 kHz and the
regenerated high band signal in the range 8 – 12 kHz. The spectrograms reveal that the re-
generated high band exhibits a virtually correct temporal energy contour. Also the coarse
spectral characteristics are represented reasonably well. This is explained by observing
that the characteristics of the 6 – 7 kHz (source) passband are very similar to the charac-
teristics of the 8 – 12 kHz (target) passband. The remaining spectral gap between 7 and
8 kHz only has a very small perceptual effect which has also been found by [PLV+08] and
[JV03], albeit for a stopband between 3.4 and 4 kHz.

4.2 Listening Test

To judge the super-wideband speech quality that can be obtained with our ABWE proposal,
we have conducted a subjective MUSHRA listening test [ITU03] using the test software
described in [SSGV11].

The test samples have been taken from the NTT corpus [NTT94], whereby only the
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Figure 3: Results of the MUSHRA listening test.

first sentence of the double-sentence utterances of the database has been used. For the
MUSHRA test, eight English language samples have been low-pass filtered with a cut-off
frequency of 12 kHz. These “original” super-wideband samples have been presented as
the reference sample. Then, the listeners should compare four processing variants (con-
ditions) to the respective reference. The quality degradation of these processed samples
should be judged on a scale between 0 and 100. The four processing variants that have
been presented (in randomized order) for each test sample were:

• LP 12 kHz — The reference sample is included again as a hidden upper anchor.

• G.729.1 — The wideband codec ITU-T G.729.1 at 32 kbit/s [IT06, RKT+07] has
been used to encode the speech sample at the wideband sampling rate of 16 kHz.
This variant is used as the lower (wideband) quality anchor.

• G.729.1+ABWE (HMM) — The Hidden-Markov-Model based ABWE method of
[JV03] is applied to the G.729.1 output signal. The corresponding MMSE estima-
tion algorithm has been configured with a 7-bit codebook and 16 Gaussian mixture
components per state. See [Gei12a] for a more detailed description.

• G.729.1+ABWE (proposed) — This condition corresponds to our new method as
described in Section 3 when applied to the G.729.1 output signal.

The test was conducted in a quiet environment (studio box) using Sennheiser HD600 open
stereo headphones (diotic presentation). The headphones were driven by a dedicated am-
plifier with calibrated equalization. A comfortable presentation level was set by the sub-
jects. Nine listeners participated in the test. They had to judge eight audio samples (in the
four variants listed above). In total, 9 · 8 = 72 votes have been received per test condition.

The results, i.e., mean scores and 95% confidence intervals, are shown in Figure 3. It can
be seen that, in fact, both ABWE methods yield a statistically significant quality improve-
ment. However, our new proposal clearly outperforms the previous ABWE method despite
the fact that it requires much less computational power. Note that the MUSHRA scores of
the latter three conditions also include the degradation of the 32 kbit/s G.729.1 codec. A
slight improvement of these scores can be expected if no codec is used.
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5 Conclusions

The presented ABWE technique constitutes a viable alternative to previous algorithms
which are based on statistical estimation and parametric high band synthesis, at least for
the WB-to-SWB extension scenario. As shown by the subjective listening test, the pro-
posed pitch-scaling based algorithm is able to regenerate a high-band speech signal of high
quality. The computational complexity of the approach is relatively low.

Yet, the method is not directly applicable to NB-to-WB extension scenario because, in this
case, the 3.4 – 4 kHz passband does mostly not exhibit a spectrotemporal structure that is
similar enough to the extension band above 4 kHz. Instead, as an alternative, the solution
presented in [Gei13] can be used if a modification of the transmitter side is allowed. A
modification of network components is unnecessary in both cases.
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