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ABSTRACT

In this paper we focus on the problem of improving the per-
Jormance of a speech and channel coder under very bad channel
conditions. The study has been tailored to the half-rate sub-sys-
tem of the pan~European Digital Mobile Radio system.

Two major aspects are investigated. the first relates to the re-
liability of the most important bits in the received bit-stream and
the second concerns the use of adaptive postfiltering to cope
with errors over those bits related to the excitation parameters.

INTRODUCTION

In Digital Mobile Radio (DMR) communication systems, the
channel error distribution is a crucial element in determining the
quality of the reproduced speech. As a matter of fact, consider-
ing the characteristics of the various systems that have been
standardized in regional organizations, it appears that a large
amount of bit-rate is devoted to channel coding.

Most of these systems employ convolutional coding to pro-
tect the most sensitive bits in the bit-stream and cyclic coding to
provide a Bad Frame Indicator (BFI) which is exploited at the
receiver applying frame substitution techniques.

Itisawell known result that soft decision Viterbi decoding
in convolutional codes allows a noticeable coding gain with re-
spect to standard hard decision {1]. In particular for the pan—Eu-
ropean TDMA system the coding gain is around 3 dB of C/1 [2].

In this paper it is described how the soft information can be
conveniently exploited also to provide a bad frame indicator to
be used at the receiver in order to achieve better quality. This
technique does not require any extra information and provide
good performance when combined to a cyclic code.

Moreover the subjective effect of channel errors on the less
important bits, which are not protected, is similar to an increase
of the quantization noise and this kind of distorsion can be prop-
erly frequency shaped at the receiver by using a post-filtering
technique.

This way, whenever the coder is operating in error free condi-

tion the postfilter is discarded, while it is inserted when the met-
ric detects a high error rate over the channel.

These ideas have been particolarized for a CELP scheme op-
erating at a net bit-rate of 6550 bit/s and a channel rate of 11.4
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kbit/s that is the allocated rate for the half-rate application in
the pan-European Digital Mobile Radio system.

BASIC SCHEME DESCRIPTION

The scheme we have used in our investigations is a CELP
coder which has been optimized for the DMR half-rate channel.
A detailed description of the algorithm can be found in [3].

The block diagram of the coder is reported in Fig. 1 while the
bit—allocation is given in Tab. 1. The main features of the algo-
rithm are the following:

~ the bit-rate for the speech coder is fixed at 6.55 kbit/s and the
frame length is 20 ms

— the short term information is represented in terms of LSP
(Line Spectrum Pair) which are differentially scalar quan-
tized

— thelong—term information is evaluated over the 20 ms frames
and the pitch filter uses three taps

— the innovation signal is evaluated every 2.5 ms and selected
through a temary codebook described in [4]

— the scale factors are transmitted in the form of one global gain
over the frame and 8 normalized values, one for each vector

The channel coding scheme is a combination of a block code
and a convolutional code with rate 1/2. The outline of the divi-
sion in classes for error protection is shown in Fig. 2. The alloca-
tion of bits to the various classes has been driven by an accurate
assessment of the channel error sensitivity which is reported in
[3). The bit-stream is interleaved over the TDMA frame with an
interleaving depth of four and the total bit—rate is 11.4 kbit/s

THE IMPACT OF CHANNEL ERRORS

Channel errors have a great impact on the subjective quality
perceived at the receiver. This is especially true for mobile appli-
cations where the BER (Bit Error Rate) can be as high as 10 %.
As an example, the performance of the full rate coder for DMR
are shown in Tab. 2 in terms of MOS (Mean Opinion Scores). It
appears that the drop of the quality, as the C/I ratio decreases is
highly significant.

There are two major sources of distortion in ABS (Analysis
by Synthesis) schemes depending on the channel errors: the first
is related to changing in the short term spectrum due to errors on
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the spectral coefficients and the second is due to strong varia-
tions in the level due to errors in the scale factors. Even though
this information is protected, there are some conditions, with
such ahigh BER in which it is essential to have also the informa-
tion on the reliability of the received bit—stream or on some por-
tion of it. We will refer to such information as Bad Frame Indica-
tion (BFI).

A CRC (Code Redundancy Check) can provide this kind of
information. However, depending on the number of bits used,
there is a certain probability that the CRC fails. In other words,
sometimes it can happen that there are errors in those bits cov-
ered by the CRC and the CRC does not reveal them. Of

course, by increasing the number of bits devoted to the CRCiitis

possible to increase also the reliability of the error detection, but
for a given application (e.g. the DMR system) increasing the
number of bits for this aim means having less bits representing
the speech signal. Tab. 3 shows performance in terms of BFI fail-
ure when incrementing the CRC from 3 bits to 4 bits.

Another possibility to increase the reliability of the BFL is to
exploit the metric of the Viterbi decoder. Here this metric is de-
fined to be the cost associated with the optimum path in the
search through the tree. Referring to the scheme described be-
fore, Fig. 3 shows the PDF of the Viterbi metric (Vy,) for a chan-
nel condition with C/I=7 dB. The PDF has been evaluated only
over those frames marked with BFI=0 by the CRC, we do not
consider here those frames marked with BFI=1 because in that
case we already have an indication on the bad frame. In particu-
lar Fig. 3a shows the PDF of V, in the condition without errors
inclass 1, while Fig. 3b is the PDF of V,, when there are errors in
class 1. We can see that by fixing a threshold on Vy,, it is possible
to improve significantly the reliability of the BFI indication pro-
vided by the CRC by using the following conditions (IBFI is the
improved BFI):

IBFI=1if V,, < Th or BFI=1
IBFI=0 if V,, 2 Th and BFI=0

In particular by fixing Th to (.59 we can recover almost the
53% of failures of the CRC which is more than the gain achieved
by increasing the CRC by one bit. The price to be paid is that
there is also an increase of the number of frames without er-
rors in class 1, but that are flagged with IBFI=1. Neverthe-
less these occurrences are much less significant from the point of
view of subjective distortion, while a non-detected bad frame
condition can have a severe impact on quality.

The same conclusion can be drawn by considering differ-
ent C/I ratios. A better strategy is to have an adaptive threshold
which changes as the channel condition change. In particular we
have found that good performance can be achieved by using the
following formula to adapt the threshold:

Th=k Vo ave t k2 « ‘Vm__ave

where Vi, ave is an estimate of the long term average Viterbi
metric which is evaluated by means of:
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Vin_ave =Y * Vin_ave + (1Y) - Vim

Fig. 4 shows the behaviour of Vy, for each frame and the cor-
responding adapted threshold. This limited to be in a certain
range between Thuyin and Thyax.

The increase in the reliability of the bad~frame information is
shown in Tab. 4. Comparing these results with the ones reported
in Tab. 3, it appears that this method provide the same perform-
ance achieved by increasing the CRC length by one bit.

ADAPTIVE POST-FILTERING

The procedures we have described before tries to overcome
the problem of strong distortions in the received speech due to
errors in the spectrum and/or level. However, even errors on the
excitation parameters have an impact on the output speech qual-
ity which, even though less perceptual significant, produce an-
noying distortions.

This kind of distortion can be seen as an additional quantizing
noise that can be properly modeled by exploiting adaptive post—
filtering [5].

The idea is to include the postfiltering only for those frames
that have associated a low value of V,,,. We have tried here the
simple approach to include the post—filtering whenever the met-
ric is below a certain threshold.

The post-filter transfer function is defined to be:

10 )
1= foape o
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i=1
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where a; ore the prediction coefficients and o, 3 the coefficients
that are set to:

if Vs < Thposs thenou = 0.7 and B = 0.5
if Vi 2 Thposs then o= 0. and B =0.
A further attention must be paid to discard the post-filter
when the IBFI information reveals a bad frame.

‘We made some pair comparison tests to assess the perform-
ance of this approach and the result showed that the adaptive
post—filtering was preferred for only the 55% of time showing a
real minimum improvement. Maybe the main reason lies in the
slight degree of post-filtering introduced (the coefficients were
optimized for a tandeming connection) and further improve-
ment can be envisaged in making these coefficients depending
on the metric instead of taking a binary decision on the need to
include or not the post—filter.

ERROR RECOVERY

We have seen that in high error conditions it is important at
the receivertorely on the information on the "goodness” of
the received bit-stream. The problem rising when this infor-
mation is available is how to use it. In other words, associated
with the problem of having a reliable BFI, there is the need to
design a proper error recovery strategy that would be able to re
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Pplace the corrupted received parameters with some other that will
provide the minimum audible distortion.

There have been several works on this topic [6, 7], especially
related to packet communication applications and considering
usually higher bit-rates. The common approach is to replace the
received parameters with those of the previous frame, and this
simple technique provides indeed good performance if the BFI
rate is below some 10% and if there are not contiguous frames
marked as bad. However for the C/I ratios considered in the DMR
system, it happens quite often that two, three and even seven con-
secutive frames are marked as bad. In these cases it is necessary
to control properly at least the level of the output speech. In addi-
tion we have experimented that during unvoiced segments it is
preferable to discard the contribution of the long-term synthesis
filter to avoid tonal distortions. The outcome of this study is the
error-recovery strategy depicted in Fig. 5.

CONCLUSIONS

In this work we have addressed the problem of the impact of
bad channel conditions on the subjective quality of coded
speech.

‘We have shown that the Viterbi metric evaluated at the receiv-
er for soft decision decoding can be conveniently exploited also
to increase the reliability of the BFI. Results confirm that this ap-
proach gives performance comparable to the one achieved by in-
creasing the CRC length of one bit.

In addition, the possibility to include an adaptive post—filter
driven by the Viterbi metric has been considered. The results in-

dicate that if the optimization of the posi—filter coefficients is
done considering a tandem connection, the improvement in the
perceived quality is minima.
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ADAPTATION| NUMBER % OF FRAMES
PARAMETER |"RATE (MS) | OF BITS % OF FRAMES WITH BF = 0 FAILURE RATE
: AND AT LEAST ONE (FR) IN %
Lsp 20 20 cn | ERRORSINCLASS1 | EproRSIN CLASS 1
LT LAG 20 7 CRC CRC CRC CRC CRC CRC
3 bit 4 bit 3 bit 4 bit 3 bit 4bit
LT GAINS 20 8
GLOBAL GAIN 20 7d8| 7.50 7.34 0.94 0.73 125 9.92
NORMALIZED 25 3 4dB| 226 23.0 2.7 2,03 1.9 8.82
GAINS :
INNOVATION 25 7 Tab. 3 Comparison of performance when using 3 or 4 bit for the CRC
AND SIGNS :
FR # of frames with BFI = 0 and errors in class 1
Tab. I - BIT Allocation N # of frames with errors in class 1
: % OF FRAMES % OF FRAMES
% OF FRAMES WITHERRORSIN | WITH ERRORS IN
CLASS 1 AND CLASS 1 AND
C/ (dB) w |10 7 | 4 cn | ERRORSINCLASS 1 BFI=0 IBFl =0
7dB 7.50 0.94 0.83
MOS 38 |35 (30 | 14
4dB 226 271 1.98

Tab. 2 — MOS for the full-rate DMR system
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Tab. 4 - Improved reliability of the IBFI information
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Fig. I — Block diagram of the speech coder
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Fig. 2 — Adopted protection scheme
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Fig. 3 — PDF of the Viterbi metric for a channel with
C/I = 7dB in the condition BFI = 0
a) without errors in class 1
b) with errors in class 1
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Fig. 4 — Plot of the V,, values for each frame and the corresponding adapted
threshold
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Fig.5 ~ Signal recovery strategy
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