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ABSTRACT

In this paper, we present the voice coding techniques that are
proposed for the new Mobile Satellite Business Network (or
MSBN) system. The paper describes not only some coding
techniques that may be applied, but also the considerations
that lead to them. In the paper, we give a brief of the MSBN
system, and its requirements for the voice coding sub-system.
The choice of an MBE based vocoder is then discussed. Last,
two key techniques that are involved in this implementation
are presented: the LPC + correction representation of the
spectrum envelope, and the Vector Quantisation technique that
is used for transmission of the Linear Prediction parameters.

1. INTRODUCTION

The objective of this paper is to present some voice coding
techniques that are proposed for the new Mobile Satellite
Business Network (or MSBN) system. This MSBN system has
been developed by a group of companies under the leading of
the European Space Agency (ESA). SAIT Systems S.A. is in
charge of a major part of the project (fixed earth stations,
mobile tracking demodulator... ), and particularly of the parts
related to voice coding.

It is important to note that the voice coding algorithm is not to
be selected from a set of external proposals. Because a vocoder
canmot be efficiently designed as a separate element, it will be
explicitly designed for the system. To do so, SAIT Systems
S.A. may take benefit of its already long experience in mobile
communication using vocoders. Note also that at the time of
writing, the proposal is not adopted yet and that major changes
may stil! be introduced. The specification may evolve also
considering the results of future experimentation.

The section 2 presents a brief description of the MSBN system
structure and characteristics. The section 3 describes the
specific requirements for the vocoder. The section 4 provides a
global description of the vocoder. The section 5 presents a
technique that is used to represent efficiently the short term
spectrum of the signal. The section 6 presents an efficient
Vector Quantisation technique of the Linear Prediction
parameters.

2. THE MSBN COMMUNICATION SYSTEM

The MSBN or “Mobile Satellite Business Network™ system [7]
is composed of a constellation of star networks, which are
sharing a wideband satellite channel (figure 1). A single
network includes a Fixed Earth Station (FES) and several
Mobile Earth Stations (MES), the FES being the central node
of the star network.
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The FES works in the Ku band and is similar to a VSAT. Thus
it can use an antenna of an acceptable size to be installed into
the user's headquarters of near any communication centre. The
MES uses the L band. It may move (quite fast) during the
communication and uses a small tracking antenna. The MES
may be mounted, for instance, on a truck (fleet management
application).

Figure 1: The network aspect of MISBN.

MSBN uses the CDMA modulation techniques for bandwidth
sharing. The current implementation offers 6.4 Kbps full-
duplex channels. The satellite channel that is shared is
approximately 1 MHz wide. MSBN may create up to 126 6.4
Kbps channels in this frequency slot.

The satellite channel sharing requires some co-ordination: for
synchronisation and for CDMA code allocation to each
network. This is the function of the Network Management
Station (NMS). Thus an MSBN system includes one NMS
station, several FES and many MES. Note that the number of
FES in the system is not limited. The limitation is only the
number of available channels. :

The system provides various services; full-duplex real-time
voice, short messages, file transfer and fax services. In the
voice call transmission, the system provides a full-duplex real-
time transmission based on a 20 ms framing.

3. VOICE CODING REQUIREMENTS IN THE MSBN
SYSTEM

3.1 Variable Rate Vocoder

Because of the mobile aspect of the MES stations, the
communication path quality may vary a lot. To cope with the
possible variations of the communication path quality and to
cope with the degradation of the system performance as a
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function of its load (due to the satellite maximum emission
power), a variable rate vocoder is required. Such a variable
rate vocoder must be able to change its net rate
instantaneously, without any rupture in the communication.
The benefit will be better fitting of the error protection
mechanism to the channel characteristics.

For simplicity, and because a similar feature is not foreseen in
data mode, this mechanism must be managed directly at the
vocoder level. The receiving section of the vocoder will be
able to transmit quality information to the analysing section,
through the reverse channel. Note that this represents a
neglectable data stream. In any case, the receiver must
recognise the net rate of an incoming packet through the nature
of its protection scheme.

If we consider that the protection ratio will vary from 3:1 to
1.5:1 (nominal), the effect of a temporary satellite power
overload will be a smooth decrease of the speech quality and
not a service interruption. This feature may provide an
additional margin on the budget link of 2 or 3 dB in voice
mode, if compared to the nominal case (Eb/NO between 3 and
5 dB).

3.2 Protection Requirements

Because of the variable rate feature, different approaches may
be implemented for the different rates, to optimise protection
as a function of the channel characteristics. In all cases, the
two following key points will be the base of the protection
schemes:

- Reliable Error detection and data integrity check are
required.

- No differential-in-time encoding will be allowed.

These requirements are linked to the need for a good
robustness against fading. Note that the non-differential aspect
is also required because there is a need for signalling
capabilities at the system level. MSBN protocol uses a "frame
stealing” technique for this function, and the time of data steal
may be unknown at the vocoder level.

3.3 Voice Activity Detection

Because the power available at the satellite level may be one
of the most important limitation regarding the number of
available channels, a voice activation mechanism must be
implemented. Thus, the “squelch” function of the receiver
must be very efficient. This also implies the need for a very
good error detection mechanism.

3.4 Other Requirements

Other requirements are more classic, like a reasonable noise
robustness for operation in vehicles.

4. THE CONSIDERED APPROACH

If we consider the literature, two families of vocoders are
emerging: the time domain analysis-by-synthesis family, and
the MBE model based family. Even if some other vocoder
families are now looking promising, only these two ones may
be considered as mature.

4.1 The Analysis-by Synthesis Vocoders
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The major advantages of these vocoders are their low
complexity and their robustness to the background noise.
Nevertheless, their main limitations are the impossibility to
encode speech at rates lower than 3 or 4 Kbps and the
difficulty of interpolating efficiently lost frames. Thus it is
required to transmit safely a quite high net bit rate.
Considering the characteristics of the MSBN channel, we are
convinced that this choice would produce very poor speech
quality, particularly in mobile operation or at system saturation
limit.

4.2 The MBE Based Vocoders

The MBE model brings us a solution [1]. Using MBE based
vocoders, we have the possibility to encode speech at various
rates among 1 and 4 Kbps. Of course, the speech quality is a
function of the bit rate, but we have verified that the speech
produced by a 1 Kbps vocoder is still intelligible. For a similar
rate (around 4 Kbps), former studies have shown that the MBE
based vocoders provide a speech quality similar the quality
provided by the analysis-by-synthesis vocoders [5]. At these
rates, the robustness of the MBE vocoders to the background
noise is a little lower than the robustness of the analysis-by-
synthesis vocoders, but is very acceptable for a commercial
application

The MBE based vocoders also enable interpolation of lost
frames, and thus enable us to adapt easily the error protection
strategy to the channel characteristics. Because the loss of a
few frames may be atlowed, the protection schemes may be
lighter.

The main drawback of the MBE vocoders is their structural
complexity. Nevertheless, low cost processors that are suitable
for the implementation of this vocoder are now available. If we
consider the global complexity of the MSBN FES or MES
stations, the complexity of the MBE vocoders is very
acceptable.

4.3 Improvements

Two basic techniques have been identified for improving the
vocoder capabilities over existing implementations. The first
one is an encoding technique of the MBE amplitudes based on
Linear Prediction and corrections. The second one is an
efficient vector quantization technique of the Linear Prediction
parameters.

Considering these two techniques, we may create a family of
voice coders with rate in the range 2 to 4 Kbps that are all
using the same basic parameters. The differences between the
rates rely on the presence of additional refinement
information. Thus, the switching between rates may be
instantaneous and transparent for the user. This is a good base
for the implementation of a variable rate vocoder.

5. CORRECTION BASED MBE-LPC VOCODER
Remarks:

- The mention Inmarsat-M vocoder is used for an MBE
vocoder that uses the encoding and quantisation techniques
that are described in [2]. Analysis and synthesis are made
using algorithms that ave different of those described in this
reference.

- Comparison between vocoders has been performed using a
random pair comparison procedure. Twenty sentences said by
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vurwus spedrers and two ov three listeners have been used for
these comparisons.

5.1 Motivations

The major problem with MBE based vocoders is the encoding
of the amplitudes of the harmonics. The set of amplitudes is of
variable size. The set may include up to 50 or 60 values.
Solutions that are based on statistics, and “transform coding
like” techniques have been proposed [2], but they do not suit
for low bit rate coding.

Some authors [3][4] have considered the possibility of
representing the amplitude set using “equivalent linear
predictive” parameters. Then, these parameters are derived
from the MBE amplitudes, considering that the MBE
amplitudes form a sampled view of the spectrum. Others
propose precise LP spectrum fitting using an iterative method
called DAP, that brings a solution for the female speech [6], at
the cost of a significant computing effort.

Note that to get benefit from a precise LP modelling, a precise
transmission of the parameters is required (approximately 40
bits per frame).

Our solution is different, and is based on the following
considerations:

- The time domain computed LPC parameters (computed on
the input signal) may provide a very good approximation of the
MBE amplitudes in the frequency domain, with some
restrictions when the pitch is high (this is the well-known bad
behaviour of LPC with female speech). If we exclude the high
pitched voices, the speech quality obtained using the time-
domain derived parameter is better than the quality obtained
deriving the LP parameters from the MBE spectrum: some
kind of “instability”, related to over-estimated formants is
suppressed. Informal tests have shown that, for male speech,
the quality of an MBE vocoder where the spectral information
is replaced by the time-domain LPC is very similar to the
quality of an Inmarsat-M based vocoder.

- The time-domain LP generally under-estimates the formant
peaks.

- If we transmit, in an unquantized form, both the LP
parameters and the MBE amplitudes, and we synthesise each
harmonic considering the parameters that indicate the greatest
value for it, we get the same speech quality than if we use
unquantized MBE amplitudes. Thus we conclude that the LP
spectrum provides us a reasonable auditory masking curve.

- The major problem with female voices is within the first
formant: the first harmonics are generally under-estimated, and
the error is varying from frame to frame. This leads to a kind
of low frequency modulation of the signal.

- We have developed a Vector Quantisation of the LP
parameters that enables their transmission with reasonable
distortion using 20 bits per frame. This technique is described
in the following section.

Our solution is to consider the vector quantized form of the LP
parameters as a base for a differential quantisation of the MBE
amplitudes. Because of the masking effect, only positive
differences are to be transmitted. A very simple way to
transmit these differences is to transmit corrections to be
applied to bands of multiple contiguous harmonics. The
transmitted corrections will be chosen to minimise the
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difference between the MBE computed spectrum and the
transmitted (sampled power) spectrum. Particular care is
required for the low frequencies when pitch is high.

The behaviour of this vocoder with female speech is good,
because the number of harmonics is lower, and the corrections
may be encoded more efficiently.

Using this mechanism, an experimental 2700 bps vocoder has
been built (pitch = 8 bits, voicing = 4 bits, energy = 6 bits, LP
=20 bits, corrections = 16 bits). The generated speech is of the
same quality than the one produced by an Inmarsat-M based
vocoder. Figure 2 presents an example of this correction based
mechanism.
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Figure 2: Examg.)le of correction, encoded on 16 bits. One
graduation = 10dB. Numbers indicate local level.

A fundamental advantage of this vocoder is that it may be the
core of a variable rate vocoder: we may reduce the bit rate by
reducing or even eliminating the corrections. We may increase
the quality when a higher bit rate is available.

6. EFFICIENT VECTOR QUANTIZATION OF THE
LPC PARAMETERS

6.1 Main Principles

It is now well accepted that the LPC parameters may be very
efficiently quantized using Vector Quantization (VQ)
technique. This technique suffers unfortunately of a higher
sensitivity than Scalar Quantizer on both language and speaker
variations. This problem increases highly the importance of the
balance of languages, speakers and phoneme occurrences in
the VQ training database. This requirement is very
cumbersome to satisfy. The reduction of this dependence
would be very attractive.

The traditional definition of the quantization quality level is
the average distortion. This choice is highly influenced by the
code-book design algorithm (K-Means) based on the
minimisation of this average distortion. Nothing is required
concerning the variance of the distortion, and nothing is
related to this aspect in this algorithm. It would be
nevertheless very interesting to reduce this variance because it
is related to the influence of the speaker and the language. Of
course, the best trade off between average distortion and
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variance can result only on large listening test, that are still to
be performed at time of writing.

The criterion that we consider to increase the code-book
quality is the reduction of the variance, suppressing the vectors
that are very badly quantized (e.g. the 5% worst quantized).
These are rejected because their distortion will be too high any
way, and an increase of the distortion associated with these
vectors is allowed. The proportion of such vectors can
nevertheless not increase.

It is possible to show that the variance reduction may also be
viewed as a classical average distortion minimisation
algorithm (without variance control) based on a weighted
unknown distance incorporating the easiness of quantization of
a vector.

From step to step, a higher weight is attached to the roughly
quantized vectors, while a lower weight is attached to the
well-quantized ones. The very bad quantized vectors are
progressively excluded from the process. This makes the
importance of most vectors more uniform while irrelevant ones
are rejected.

6.2 Implementation

We have introduced two additional mechanisms in the
classical K-Means design procedure to straighten out the
cumulative density curve and thus reduce the variance of the
quantisation error:

The first one is to add a supervised centroid reassignation
mechanism [4]. It makes the final codebook more close to the
following asymptotical optimality condition: the product of the
probability P; of assignation of a vector to the centroid i and
the average distortion associated with the vectors that it
quantifies, Dy, is a constant for each class.

The second is the addition of a weighting factor to every
database vector. This is equivalent to add some vectors to the
original database. The K-Means is applied on this modified
database. The weighting factor is defined by a function of the
quantization distortion, that is presented on the figure 3. The
weighting factors are updated when the improvement of the
average distortion is lower than a threshold in the K-means
algorithm iterative process.
Weight

d(C=95%)

dag

1
0.5 -
0

0 d(C=60%) d(C=95%) Distortion
(Arbitrary unit}

Figure 3: Weighting function.

The figure 4 presents the cumulative density function of
original database vector, related to their quantisation
distortion. This function (C(d)) is computed for unweighted
(original database) vectors. This figure has been obtained
considering a quantizer with 256 centroids, acting on the four
first LSP parameters, built on a database of 10.000 vectors.
Curve 1 represents this function when the quantizer is built
using the original K-Means algorithm, while the curve 2
represent it when the two additional mechanisms are used. We
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see clearly that our mechanisms straighten out the cumulative
function. The price is an increasing from 41.7 to 45.3 of the
average distortion (these measures are related to the distortion
metric used for the K-means algorithm). The variance
decreases of about 20 %. The table 1 presents numerical
results.

Cumulative
100 density

Distortion
0 50 100 150 200 250 300

Figure 4: Data base vector cumulative density function as a
JSunction of distortion.

Training Algorithm Davg c

K-Means 41.7 25.0
with Reassignation 40.7 23.2
with Weighting 46.6 20.8
Reassign + Weight 45.3 20.2

Table 1: Numerical results for the example of figure 3 and 4.

The design of the complete quantizer for the MSBN vocoder,
is based on Split-VQ (4 first LSP, 1024 Centroids / 6 Last
LSP, 1024 Centroids).

7. CONCLUSIONS

In this paper, we have presented the guidelines that are
proposed for writing the vocoder specification for the MSBN
system. Using these guidelines, we have demonstrated that it
is possible to create a variable rate vocoder that produces a
very high quality speech. These very promising results are now
to be confirmed by experimentation in the system.
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