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Introduction

With the Bandwidth Extension (BWE) techniques it is
possible to enhance the bandwidth of limited speech sig-
nals and provide backward compatibility with respect to
the communication networks. Artificial Bandwidth Ex-
tension (ABWE) uses correlations between the low and
the high frequency ranges, to predict a wideband signal
outgoing from a narrowband signal [1, 2]. The advantage
of the ABWE technique is that only the receiver has to
be adapted. However, ABWE only provides good quality
if the correlations between the low and high frequencies
are large. Especially in noisy scenarios like hands-free
car communication the correlation decreases and with it
the quality of the BWE. Therefore, the speech quality of
ABWE is clearly affected in comparison with a wideband
speech transmission [1].

This work presents a speech transmission technique us-
ing bandwidth extension with side information (BWES).
To ensure backwards compatibility, this side information
is embedded into the narrowband speech signal. There-
fore, methods for audio steganography could be used. [3]
introduces a spread spectrum approach for µ-law com-
panded speech signals. A generic approach for embed-
ding the side information in the narrowband signal could
be found in [4]. In [5], Ding presented a simple ap-
proach for the A-law companding. A-law companding
is standardized in the ITU-T G.711 standard and used
in telecommunication systems like ISDN networks or the
Bluetooth speech link. The approach in [5] requires 24
bits of side information for each speech frame. This side
information is embedded in the A-law encoded speech
data using simple least significant bit (LSB) steganog-
raphy. The LSB steganography constitutes an adequate
method to embed the side information in the narrowband
signal. In this work we present an approach to reduce the
number of bits for the side information. The goal of the
presented work is therefore to provide a best possible
speech quality with as little side information as possible.

Architecture

The BWES system consists of an encoder in the trans-
mitter terminal and a decoder in the receiver terminal.
The encoder, depicted in Figure 1, is responsible for the
calculation and embedding of the speech features. To
achieve a minimum number of bits, the encoder analy-
ses the quality of an artificial BWE without additional
speech features. If the ABWE receives an adequate qual-
ity no additional side information has to be used. Oth-
erwise, additional speech features for the BWE have to
be estimated.

Therefore, the recorded wideband speech signal xin will

be split up into the high frequency signal xhigh and the
low frequency signal xlow. In the block signal extraction,
the excitation signal enb and the spectral envelop anb are
estimated from the band limited signal xlow. In the es-
timation quality verification block the spectral envelope
of the upper frequency range âhb is estimated from the
lower frequency band with a codebook approach. With
the distance between the estimated envelope âhb and the
original envelope ahb, calculated with the Mahalanobis
distance, the quality of the enhancement of the spectral
envelope could be estimated. With insufficient quality of
the ABWE the optimal codebook entry will be transmit-
ted. Therefore, the best fitting codebook entry is deter-
mined based on xhigh.

The embedding of the side information will be done in
the block steganography. In the A-law encoded NB sig-
nal xlow the side information will be embedded with the
LSB steganography. Therefore the SNR of xlow decreases
depending on the number of embedded bits but the NB
signal is compatible with the number of conventional end-
user equipment.
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Fig. 1: Encoder

The decoder is illustrated in Figure 2. On the decoder
side the embedded side information will be extracted
from the transmitted A-law coded signal xenc. After
the signal extraction the spectral envelope and the ex-
citation signal will be enhanced separately and the high
frequencies are estimated. To improve the BWE the
transmitted side information isideinfo is used. Joined
with the transmitted low frequencies the bandwidth ex-
tended signal xrecon is obtained. In contrast to the es-
timation of the excitation signal the broadband spectral
envelope cannot always be estimated satisfyingly out of
the narrowband signal. In this case, the estimation can
be enhanced with embedded side information. To provide
this side information, we use a codebook based approach
with vector quantization of the feature vectors. This ap-
proach determines a codebook which is trained on the
wideband spectral envelope. To generate a representa-
tive codebook with sufficient trained centroids we used a
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Scenario 1 Scenario 2
S-MOS N-MOS G-MOS S-MOS N-MOS G-MOS

ABWE 3,38 1,64 2,16 2,37 3,35 2,37
BWES 4,19 1,66 2,71 3,11 3,39 2,82

AMR-WB 4,34 1,63 2,8 3,12 3,48 3,12

Tab. 1: BWE in noise scenarios (speech (S-MOS), noise (N-MOS), overall quality (G-MOS))

speech database with 2300 words from 40 male and fe-
male speakers. For the training of the codebook the LBG
algorithm was used [6]. We used cepstrum coefficients for
the representation of the spectral envelope as defined in
[2].
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Fig. 2: Decoder

Results

In the following we compare the presented approach with
artificial bandwidth extension, where both systems are
based on the same codebook with n = 128. The side in-
formation is transmitted every 20 ms where we transmit
the index of the best codebook entry and 6 bits for the
power of the high band signal. The speech quality has
been evaluated by means of instrumental quality mea-
sures as well as informal listening tests with 20 persons.
The instrumental quality analysis of the generated au-
dio data was done with 3QUEST [7]. For the evaluation
scale we use the Mean Opinion Score (MOS). The lis-
tening tests confirmed the results for the overall speech
quality presented in Tab. 1.

To evaluate the robustness of the BWE against noise and
echo we simulated a hands-free car communication. The
clean speech signal is distorted by car noise and rever-
beration. To improve the SNR, noise reduction systems
could be used. The output signal of the hands-free unit is
transmitted to the cellular phone over a Bluetooth link.
This distorted speech signal will be bandwidth extended
with the BWES. To compare BWE andWB speech trans-
mission we use the AMR-WB codec.

For this evaluation we used two scenarios. Both scenarios
consider driving noise with 140km/h. Scenario 1 does not
use noise reduction and scenario 2 uses a multichannel
noise reduction system. The results from Tab. 1 show
that ABWE is strongly affected in scenario 1. The reason
is that the ABWE shifts the low frequency distortion
to the upper frequency band. Therefore ABWE is not
suitable for noise scenarios without noise reduction. In

both cases the BWES could improve the speech quality
compared to ABWE.

Conclusions

In this work we have presented a speech transmission
technique using bandwidth extension with side informa-
tion for A-law encoded speech signals. The codebook
based approach requires at most 12 bits of side informa-
tion per 20 ms speech frame. Embedding a small number
of bits as side information in the LSB results in almost
inaudible distortions. Hence, it ensures backwards com-
patibility for ordinary receivers without BWE decoder.
The presented approach improves the speech quality for
noise free and noisy speech signals compared to a narrow-
band transmission and to artificial bandwidth extension.
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