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Abstract

Driven by the market success of high-quality Voice over
IP technology, the introduction of wideband telephony
with an acoustic bandwidth of at least 7 kHz is mean-
while also foreseen for “traditional” digital voice com-
munication services such as ISDN, DECT, or UMTS.
While wideband speech addresses the basic requirement
of intelligibility (even for meaningless syllables), the per-
ceived “naturalness” and the experienced “quality” of
speech can be further enhanced by providing an even
larger acoustic bandwidth. Thus, the next logical step
towards true “Hi-Fi Telephony” could be the rendering of
“super-wideband” (SWB) speech signals with an acoustic
bandwidth of at least 14 kHz.

In this contribution, we review previous and current
standardization activities with this focus. Moreover,
a method for artificial bandwidth extension (BWE) of
wideband speech signals towards “super-wideband” is
presented and evaluated. It is shown that improved nat-
uralness and speech quality can be attained by a purely
receiver-based modification of wideband terminals.

Wideband vs. Super-Wideband Speech

Typically, wideband (WB) speech is defined by its acous-
tic frequency range of 0.05 − 7 kHz, whereas super-

wideband speech provides a roughly doubled bandwidth
of, e.g., 0.05−14 kHz. The lower cutoff frequency of 50Hz
is usually considered sufficient for a natural reproduction
of speech signals. An analysis1 reveals that on average
only about 1.5% of the energy of super-wideband speech
signals is located in the 7− 14 kHz extension band (EB).
This average is only exceeded in less than 25% of all
active frames, which indicates that there must be strong
outliers in the EB to SWB energy ratio σ2

EB/σ2
SWB. Such

outliers are actually found in fricative and plosive speech
sounds as illustrated in Fig. 1. For particularly strong
outliers, the EB energy is even larger than the WB en-
ergy. This is the case for about 6 % of all active frames.
Here, the largest benefits over WB signals can be ex-
pected. In addition to simple energy considerations,
there is also evidence that temporal signal characteristics
gain perceptual importance with an increasing frequency,
cf. [1, 2]. For the EB range of 7−14 kHz, detailed tempo-
ral characteristics may be even more important than the
exact reproduction of the spectral envelope information.

1Results are based on approx. 1.6 · 104 active 20 ms speech
frames, sampled at 32 kHz and low-pass filtered with fc = 14 kHz.
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Figure 1: Exemplary spectrogram of the super-wideband

speech sample “Nilpferd in Burgunder, etwas für festliche

Tage”, sampled at fs = 32kHz and low-pass filtered with

fc = 14 kHz; the gray curve illustrates the relative energy

contribution of the frequencies between 7 and 14 kHz.

Super-Wideband Speech Coding

Coding of wideband speech signals has been extensively
investigated for many years, e.g., [3]. A number of stan-
dardized speech coding algorithms (such as the AMR-
WB codec) are the result of these efforts. In fact, the
introduction of wideband services is envisaged for the
near future. But still, as motivated above, further quality
improvement can be expected by doubling the transmit-
ted frequency range, i.e., by transmitting SWB speech.
Meanwhile a couple of SWB speech and audio codecs,
that are suitable for conversational services and confer-
encing, exist. Two examples for such coders are An-
nex C of ITU-T G.722.1 [4] and the MPEG-4 low delay
AAC codec [5] (which is actually a “full band” codec).
The algorithmic delay of these codecs is compatible with
conversational requirements and at least the former also
offers low computational complexity. Apart from such
“monolithic” solutions, a few proposals for SWB ex-
tensions of standardized codecs in an embedded coding
framework [6] exist. The resulting “bandwidth scalable”
codecs typically employ rather coarse parametric signal
models to describe the high frequency components. Ana-
log to WB extensions such as [7], such “bandwidth exten-
sion (BWE) with side information” is usually sufficient
to synthesize SWB frequencies with an adequate quality.
In [8] and [9], the additional frequency components are
parametrically encoded in the spectral (MDCT) domain,
for instance. With this approach, the total bit rate for
the encoding of the 7 − 15 kHz frequency components is
6.6 kbit/s. A standardized solution is found in the AMR-
WB+ codec [10] which also uses parametric BWE tech-
niques. Finally, a new SWB extension is currently being
studied within ITU-T. This algorithm shall be applica-
ble to two wideband codecs: ITU-T G.729.1 [11] and the
new variable rate codec G.EV-VBR [12].
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Bandwidth Extension for SWB Speech

Here, we investigate the performance of SWB BWE with-

out side information, i.e., we estimate SWB parameters
based on the WB speech signal. This approach might
become useful once wideband speech transmission is de-
ployed in communication networks [13]. Therefore, sim-
ilar to our approach in [14], we have integrated the pa-
rameter estimation into a wideband speech codec, namely
into the ITU-T G.729.1 coder.

First, a feature set that gives a relevant description of
the wideband speech signal is required. For each frame, a
feature vector xf is composed that includes temporal and
spectral information about the low (0 − 4 kHz) and high
(4 − 7 kHz) frequency bands, in particular the line spec-
tral pairs (LSPs) from the G.729 core codec, a low band
temporal envelope as well as the G.729.1 TDBWE pa-
rameter set [7] which describes the high band. Secondly,
a SWB BWE algorithm is needed. Our implementation
shapes artificial noise in the 7 − 14 kHz range according
to 10 temporal subframe and 11 spectral subband gain
factors per 20ms frame. These gain factors constitute
the SWB parameter set y. The task is then to estimate
y from the knowledge of the feature vector xf .

In principle, all previously proposed WB BWE estima-
tion schemes such as [15] or [16] are applicable. Here,
we use a very simple piecewise linear mapping (PLM)
approach similar to [17]. This estimation scheme is com-
putationally very efficient, but yet quite effective for the
estimation of SWB parameters. The (unweighted) PLM
estimation rule for the SWB parameters is given by

ŷ = HT
i
· xf ,

where i ∈ {1, . . . , M} represents a classification of the
narrowband features via vector quantization. We have
chosen a quite low number of classes (M = 4). The
matrices Hi are computed from training data as follows:

Hi = X+
i
·Yi =

(

XT
i
Xi

)

−1
XT

i
·Yi,

where Xi and Yi are matrices of training vectors that
belong to the i-th feature class.

Using the PLM method, a convincing SWB speech qual-
ity could be obtained; the results will be demonstrated
by audio examples. Objectively, a spectral distortion of
4.46 dB has been measured by computing the spectral
distance between 8th order AR models of the original
and estimated subband signals. To give a comparison,
an experimental quantization of y with approx. 3 kbit/s
resulted in near-transparent SWB speech. The spectral
distortion was evaluated to 3.61 dB in this case.

Conclusion and Outlook

We have reviewed work related to coding of SWB speech
signals. It can be observed that BWE with side informa-

tion is a suitable choice to synthesize the SWB frequency
components. We have also investigated the application of
BWE without side information using an exemplary im-
plementation. Thereby, a convincing SWB speech qual-
ity could be achieved. Still, improved performance can

be expected by using advanced estimation schemes such
as [16]. Further, a formal investigation of mutual infor-
mation between xf and y would be beneficial to assess
the theoretical performance bounds for SWB BWE.
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