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Abstract

We present a technique to enhance the perceived speech quality in narrowband (NB, cutoff
frequency f. = 3.4kHz) speech communication systems, e.g., implementing the ITU-T G.729A
codec [1]. Therefore, wideband (WB, f. = 7kHz) capability is introduced. The limited acoustic
bandwidth of NB speech coding is extended using a fairly coarse description of the temporal and
spectral envelopes of the missing high frequency band (3.4-7 kHz). These parameters are quantized,
transmitted and then used at the receiver side to synthesize the high frequency components based on
a synthetic “excitation signal”. The parameter quantization is done using split Vector Quantization
(VQ) in a transformed domain. The quantization scheme can be tailored to match the desired
bitrate. We have implemented an example configuration and performed a listening test to compare

the approach with common WB speech codecs.

1. Introduction

The constant increase of available data rates
in telecommunication systems (e.g., in UMTS)
allows to enhance the user experience with for
example the transmission of a wideband signal
instead of a narrowband version. This larger
frequency band can be transmitted by design-
ing a completely new wideband codec such as
the adaptive multirate wideband (AMR-WB)
codec [2]. Nevertheless, this option comes
with a cost: Network equipment needs to be
changed and/or transcoding has to be used.
A different option is to take already deployed
narrowband codecs (e.g., the ITU-T G.729A)
into account and to build an embedded wide-
band codec on top of it. This is what ITU-T
is currently promoting with the standardization
work named G.729EV.

In order to encode the additional band-
width, common wideband codecs often de-
rive the highest frequency subband from lower
frequency components (bandwidth extension

fhow with Thomson Corporate Research, Hannover

(BWE), e.g. [3], [4]) and from a rather low
amount of additional side information. Exam-
ples for speech and audio coding with BWE
techniques are the Extended AMR-WB+ [5]
and Enhanced aacPlus [6] codecs. Several re-
lated approaches exist, e.g., [7].

In this paper we also follow these paradigms.
The NB frequency components (50-3400 Hz)
are encoded by an enhanced version of the
ITU-T G.729A [1] codec. This so-called
G.729A+ codec has a gross bitrate of 8 +
4kbit/s = 12kbit/s. The additional bitrate
of 4kbit/s is used by a second fixed code-
book search. The high frequency band (3.4—
7kHz) is synthesized in the receiver using a
BWE scheme, which is supported by a certain
amount of side information.

Our wideband “add-on” extends the acoustic
bandwidth of the narrowband output signal
of the G.729A+ codec using only a coarse
description of the extension band (EB) compo-
nents (3.4-7kHz). This description comprises
time and frequency envelopes extracted from
the EB components of the original wideband
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Fig. 1: BWE transmitter (a) and BWE receiver (b) with time and frequency
envelope shaping of an artificially generated excitation signal.

speech signal every 20 ms. The extraction and
the quantization of these parameters are de-
scribed in Sec. 2. In the receiver, the EB signal
components are synthesized by shaping the
time and frequency envelopes of an artificially
generated excitation signal, see Sec. 3. Here
we have taken special care to produce smooth
transitions in time and frequency domain.

2. BWE Transmitter

Fig. 1a) depicts the encoder side of the wide-
band ‘“add-on”. The wideband input signal
syb(k) is sampled at 16kHz. The upper sig-
nal path includes the G.729A+ narrow band
encoding which operates at 8 kHz.

The lower signal path comprises the parameter
extraction for both the time and the frequency
envelopes of the EB signal components s, (k).
First, the wideband input signal sy, (k) is
bandpass filtered (3.4-7kHz) to isolate s, (k).
Then, the time envelope of s, (k) is extracted
in terms of subframe energies T, (for each
segment n of duration 2ms). The frequency
envelope is represented by FFT subband ener-
gies F,,, (for 10ms segments with index m
and for each of the Ny, = 10 equally spaced
sub-bands with index v and with 375 Hz band-
width, beginning at 3.5 kHz).

This envelope extraction yields a strongly cor-
related parameter vector for each speech frame
(20 ms) which is transformed by a (long-term)

Principal Component Analysis (PCA) matrix to
obtain a rotated parameter space with mutually
uncorrelated components. These are sorted by
decreasing variance and split VQ with an op-
timized bit allocation is applied. This coding
scheme is discussed in more detail in [8].

3. BWE Receiver

The BWE receiver is shown in Fig. 1b). The
upper signal path includes the narrowband
G.729A+ decoder whose output is upsampled
to 16 kHz and lowpass filtered. The lower sig-
nal path contains the synthesis of the EB signal
components. First, this procedure generates an
excitation signal ue,(k). The decoded BWE
parameters Pt and Py are then used to shape
the time and frequency envelopes of (k)
according to the properties of the original EB
components. These blocks are subsequently
described in the following sections.

3.1 Excitation Signal Generation

The excitation signal we,(k) serves as input
to the time and frequency envelope shaping
blocks which can reconstruct the envelope
characteristics of the EB components. Thus
the minimum requirement to e, (k) is spectral
flatness and a correct harmonic structure.

In the proposed algorithm w., (k) is estimated
using the fractional pitch lag Ny = 3Ny +
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No frac as well as the adaptive and fixed code-
book gains (g, and g¢f) from the G.729A+
decoder. The excitation generation principle
is to run the LTP synthesis filter at an in-
creased sampling frequency of 48kHz (time
index k'), thereby producing harmonics of the
pitch frequency also in the EB frequency range;
the fixed codebook contribution is replaced by
scaled noise n(k’):

Gien (k) = gatien(K' — 2No) + gin(K'). (1)

The output ., (k") of the LTP synthesis filter
is bandpass filtered and decimated to produce
uen (k) at the desired 16 kHz sampling rate.

3.2 Time Envelope Shaping

The time envelope of the EB signal compo-
nents is shaped by a scalar factor gr that is
applied to each sample of the excitation signal:

Uep(K) = gr(k) ten (k). 2)

To determine gr(k), the excitation signal
uen (k) is segmented and analyzed in the same
manner as done for the original EB signal in
the transmitter (Sec. 2). The ratio between the
decoded target power 7, and the analysis result
TR leads to the desired gain factor for the n-th
signal segment:

gr(n) = T, /TR 3)

The final gain function is determined by plac-
ing unit pulses, weighted by the respective
gain factors from (3), into the middle of each
subframe. This sequence of pulses is then inter-
polated using Hann windows to obtain gr(k).

3.3 Frequency Envelope Shaping

Here the input signal to the frequency envelope
shaping block, u/, (k), is analyzed and the fre-
quency envelope information Ffriy is extracted
(see Sec. 2). This envelope is compared to
the decoded envelope information £, ,. Thus,
for each subband (index v) of the frequency
envelope representation a correction gain is
determined:

Gr(m,v) =\/F,,/F&,. 4)
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With the subband gains from (4) a set of FIR
filter coefficients hp(k) is computed for each
signal segment. So the output of the frequency
envelope shaping block is:

Seb(k) = _uly(k — k) he (k). (5)

Finally, the wideband speech signal S, (k) is
given by adding S, (k) with 8., (k).

The coefficients hg(k) are determined for each
10 ms signal segment using a weighted sum of
prototype bandpass filters h(FV)(k), ie.,

Nap—1

he(k) = > Gr(m,v) (k). (6)

v=0

The subband prototype filters are given by
the modulation of a single lowpass prototype
hip(k) which is derived from a normalized
Kaiser window of length 65 with 5 = 5. All
of the filters have linear phase with a delay
of 32 samples (2ms). The individual subband
frequency responses of the resulting filterbank
are shown in Fig. 2. For the case Gr(m,v) =1
the dashed line shows the response of hp(k)
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Fig. 2: Frequency responses of hg(k) and its
subband contributions h{) (k)

4. Discussion

In contrast to existing BWE methods, our
scheme does not transmit ready-to-be-used
gain factors but rather a parametric signal de-
scription. Applicable gain factors are computed
at the receiver and the excitation signal can
be analyzed and corrected accordingly. Hence,
our scheme is robust against distortions of
the excitation signal. Separate transmission of
time and frequency envelope yields a good
resolution in both time and frequency domain
and thus a concise reproduction of stationary as
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well as transient signals. The frequency domain
shaping is performed by FIR filters instead
of all-pole LPC synthesis filters. This avoids
typical artifacts like filter ringing, which stem
from the adaptive switching of all-pole filter
characteristics. Our scheme also provides a
very modular concept, as single blocks in the
receiver can easily be exchanged and tuned
without any need to alter the transmitter or the
bitstream format.

5. Performance Evaluation

To investigate the performance of our new ap-
proach, we implemented the BWE algorithm in
combination with the G.729A+ speech codec.
We conducted listening tests to compare the
subjective quality of our approach with that of
well-known speech codecs. Reference codecs
were the AMR-WB at 8.85 and 12.65 kbit/s,
the ITU-T G.722 at 48 kbit/s, and the G.729A
codec at 8 kbit/s. Our algorithm has been pa-
rameterized for an “add-on bit rate” of 2 kbit/s,
i.e., a total bit rate of 14 kbit/s.

We performed a MUSHRA-style test according
to ITU-R BS.1534-1 [9] with 15 experienced
listeners. The test was conducted with En-
glish and German clean speech signals. English
speech with additional noise at an SNR of
15dB was also among the test files. The test
results are illustrated in Fig. 3.

6. Conclusion

We have proposed a new embedded wideband
coding concept based on BWE with side in-
formation on top of a standard narrowband
speech codec. Despite its conceptual simplicity
the new algorithm results in a natural sounding
speech quality. Although presented here for
an enhanced G.729A codec, our scheme can
be applied to a wide range of existing speech
codecs, e.g., [8].

Together with the bitrate scalability of the PCA
based quantization scheme, it gives a very high
flexibility. Therefore, and since the BWE “add-
on” on top of the narrowband codec yields
significant quality improvements for compar-
atively low additional bitrates, our concept is
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Fig. 3: Results of the subjective listening
test with 95% confidence intervals.

a candidate for a large number of interesting
applications and was successfully included in
the Siemens-Matsushita-Mindspeed candidate
submitted to the ITU-T G.729EV competition.
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