A RATE 3/4 TCM DECODER FOR LINE SPECTRAL PAIRS
USING MAP INFORMATION

W.N. Farrell and W.G. Cowley

Institute for Telecommunications Research
Department of Electronic Engineering
University of South Australia

ABSTRACT - This paper describes two schemes which combine Line Spectral Pair (LSP)
source information with a Trellis—Coded Modulation (TCM) scheme. The proposed schemasuse
a rate 3/4 TCM scheme which is used to transmit LSP values across a channel. The decoder
proposed is a Viterbi decoder which uses LSP Transition information to help corract errored
paths and choose the most probable set of LSPs. Two variations of this decoder afe discussed.
By using knowledge of LSP transitions and expected noise variance, a-posteriori probabilities
can be used as the metrics for branches in the trellis. This provides for more robust transmission
over low SNR channels. Results show that there Is significant gain in using eitherof the proposed
methods.

INTRODUCTION

Line Speciral Pairs (LSPs) ars used 10 describs the vocal tract filier for many different types of spesch
coders. LSPs are quite sensitive parameters and when emored produce annoying distortion such as
beeps and "water droplet” sounds, which can often reduce intelligibility. Therefore it is important fo provide
some sort of eror protection o the LSPs in order to minimiss any distortion. Standard ervor protection
codes can be employed, such as FEC, howsver & is much more effective to use some joint source and
channet codec to exploit the characteristics of the LSP parameters and gain extra performance. Soma
work has been dona in this area [2)]3), each employing different methods of quantising and protecting LSP
parameters.

Proposed is a rate 3/4 2xQPSK Trellis—Coded Modulation (TCM) decoder whichuses the transition proba-
bilities of the LSPs to help the Viterbi decoder select the comrect path of the trellis. Optimum detection
techniques have been presented in [4], which state that extra performance canbe gained if residual redun-
dancy of the source encoder is used at the decoder. For this work, the LSPs are quantised using the DoD
Federal Standard CELP [1], which uses 34 bits for the 10 LSPs. This scalar quantisation has a large
amount of residual redundancy present that can be exploited. Each codeword of the rate 3/4 TCM is
mapped fo the 3 most significant bils of each LSP. The four bits left over fromthe 4 4-bit L.SPs are modu-
lated using standard OPSK as they have lower sensitivity. There are two versions that are prasented and
tested. The first scheme uses the transkion matrices for removing illegal branches in the trellis. if anLSP
transition has a probability of zero, then the corresponding branch In the trellis is disallowed. Thiscan help
the Viterbi decoder choose the comect path if ervors move an LSP to an illegal value. Zero probability
{ransitions correspond to both non—monotonic LSP transitions and low value {o high value LSP transitions.
For this scheme, the transition probabilities are not included in the branch metric. The second, more opti-
mum method, calculates the maximum a-posteriori (MAP) probability for each branch in the trellis. The
a—posteriori probabilities are a combination of the Euclidean distance modulation information and the joint
probability distribution of an LSP transition, which is contained in transition matrices. A requirement of
tha scheme is that an estimate of the channe! noise variance is required to scale the branch metric.

The combination of a channel codec with a source coder is important. i is possible to use standard PSK
modulation and still use a Viterbi decoder to heip find the most probable set of LSPs sent. However, there
is an advantage of using trellis—coded modulation in that the trellis code provides extra distance between
possible LSP transitions. Also at the stage where the trellis starts to break down, the source information
helps by weighting each branch and disallowing illegal branches. The resutt is that the trellis decoder per-
forms much befier for the very high BER channels. This is confirmed by the results presented.
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RATE 3/4 TRELLIS CODED MODULATION (TCM)

Required is a TCM coder which provides good parformance in poor channels and matches welito the LSP
values. From{5] &6}, multiple symbo!l TCM can work well by using the exira dimensionality of the mutiiple
symbols. The design used for this work is a simple, rats 3/4, 4—state trellis coder [7] which uses two QPSK
symbols. One bit is used to desciibs the path through the irellis and details which modulation subsel is
o be used, whilst the other two bits index into the subset. The squared Euclidean distance betwsen the
uncoded bits is equal to four, while the trellis bit has a squared Euclidean distance of ten (due to the trellis).
This means the trellis bit will perform very well asymptotically but worse than the other bits at low channe!
SNR due to wrong paths through the trellis. In figure 1, the modulation values conaspond o the nlace-

ments on the QPSK consteliation.

The MSB of each LSP is mapped o ths trellis bit of the TCM. Ths reason for this is two-fold; the trelliis
bit provides the best performance, axcept for only extremsiy bad channels and the MSB provides the most
rgstriction due to LEP transitions. K is this resiriction that helps the irellis choose a mors probable path.
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Figure 1 ~ Rate 3/4, 4-State, Trellis Coded Modulation

TRANSITION MATRICES

The LSPs have distribution and ordering characteristics that can be explofted when decoding. This can
be done by looking at the LSP transitions, as each LSP value is dependert on each other LSP. The
groatest dependancy is between two adjacent LSPs. By measuring the joint probability distribution of two
LSPs, 2~-Dimensional iransition matrices can be deveioped. An example of one is given in figure 2.

When constructing the trellis, the a—~posteriori probabilities require the probability of a sequence of LSPs
occurring. The length of the set of the LSPs increases as the trellis is constructed. To store all possible
fransition probabilities, of lengths up to 10 is unrealistic. Therefore lo save on memory, the level of de-
pendency is limited io two.

L
Plwg.w) = Hp(milwi-l) . Plog) 1
i=t L

where w;j = LSP i
and L is the length of the LSP sequence

Of course a better approximation would be to use transitions involving 3 LSPs but would require much
more storage memory and involve a greater number of transition checks, increasing the computation.
Knowledge of the L.SP transition probabilities requires extensive training speech data. This speech data
must try to be truly representative of all likely users of the system.
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Figure 2 — LSP Transition Matrix from LSP 4 (16 lavels) to LSP 5 (8 lavels)

1st SCHEME - REMOVING ILLEGAL TRANSITIONS

This scheme is the simpler of the two prasented. As the Viterbl decoder constructs the trellis, it uses the
transition matrices to decide whether a branch in the trellis can ocour. If the transition probability is zero
then the corresponding branch in the trellis is disaliowed. This provides greater accuracy when decoding
the most probable path, by removing the possibility of ilegal paths. To implement this system, the frans-
ition matrices do not need to store the transition probabiliies but only whaether a particular ransition can
or cannot occur. This reduces the amount of memory required. With this reduction, transitions greater
than 2 could possibly be slored, howsver it is unsure how much gain Is possble. The number of 2ero
probability transitions in each 2-dimensional transition malrix varies, however the average is approxi-
mately 35%. This redundancy is enough fo provide substantial BER improvement when using a Viterbi
decoder. Table 2 shows the BER and spectral distortion (sd) results from using this schems. Overall this
scheme Is very efficient (computation wise) as i reduces some of the computation in the Viterbi decoder
and removes the need for a nonmonotonic comection algosithm (E.g. DoD LSP Replacement Algesthm
{1, as & guarantess that the LSPs are monotonic.

2nd SCHEME —~ USING MAP PROBABILITIES

A mors accurate way of using the LSP probabilities in the Viterbi decoder is {0 combine them with the
Euclidean distance modulation information o make up the branch metric. Required is the probability that
a sequence of LSPs were sent, given a received sequence of symibols.

The a~posteriori probabiiity is given as

P@ly) = Pr (LSP sequence @ was sent given received symbol seq ¥) 2)
Using Bayes Theorem

pray - LD P(@) o

Considering the first numerator term, P(y{w) represents the effect the channel has on the received symbol
sequence y. Since the channel is independent for each symbeol, equation (4) can be derived.
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L
Pm) = gﬂnlw.-) @

For a Gaussian noise channel, P(ylw;} is the Gaussian pdi. Let 0,2 be the noise variance of the channet.

Plln) = 1= & Wirop®+ Vo253
20, )

where wy and wig are the inphase and quadrature components of the modulated LSP w,.

The second numerator teim of equation (3), P(@), can be approximated by using the transition matrices
presented in equation (1). To build up the trellis, we require a branch metric 5; jforeachbranchinthe trellis.
Each trellis branch corresponds {0 one LSP value.

By = Pla,ly) (6)

where w,= LSP number i, value index j.
Using (1), (3}, (5) and (6}, and removing all constants, the branch metric for the Y LSP, valus index j can
be reduced to

.

B, = exp (2“772 .[SED(y,.,w,-,)]) . Po;jws) 7

where SED(y;, wyj) = (Vi —wy)? + (Via —wii0)?.

The state metric required in the Viterbi decoder is the a—posteriori probability of an LSP sequence given
the received symbol sequence, i.e. Pl|y). This can easily be put in terms of branch metrics.

K
S = By
" H ! @
where Sy = State metrics for LSP &.

B, j = Branch metric for LSP /, value index j.

The state mefric becomes the product of each previous chosen MAP branch metric, instead of the sum
of SED’s. Note however that the log of the branch metric can be taken for a reduction in computation.
When building the trellis the number of dimensions of the transition matrices effects how much comparing
is done. When two consecutive LSPs are fested, all possible values for both LSPs are compared. There-
fore this involves varying and comparing all values of two consecutive branches in the trellis to find the
bestpath. As a result, more computations are required per state compared with the standard Viierbi de-
coder. E.g. if 3—dimensional transition matrices are used then the decoder would have to look back 3
branches fo find the most probable path to that state.

RESULTS

The measure used to compare the different schemes is the standard LSP measure - spectral distortion
(sd}[2). The transition matrices were trained using 2 minutes of the speech taken from the Timit speech
database, using 32 different speakers. Results are preserted in tables 1 — 3 and figure 3. Notice that
for both schemes, tables 2 and 3, the BER performance for the low BER channels is worse than the stan-
dard system. This is due to a slight mismatch in the fransition matrices {o the test speech data. However
this has only a minor effect on the output speech quality and goes largely unnoticed. At high BER chan-
nels, such as 10% BER, both schemes clearly outperform the standard system, with the MAP scheme
handling the errors the best. Figure 3 also shows the sd plot of standard QPSK meduiation using the Dod
replacernent algorithm for reference. Of the objective measures below, often an important measure is
the percentage of sd outliers > 4 dB. When the sd is greater than 4 dB it usually results in noticable distor-
tion. Therefore it is an important measure for the high BER channels. From this measure, the perform-
ance gain from the two schemes can really be noticed, with the MAP scheme performing the best.

Abursty error channel, such as Mobilesat™ [8], if in heavy shadowing can produce BER's of up to 20%.
This is where the use of MAP probabilities in the Viterbi decoder can remove much of the distortion due
to anerror burst. Through listening tests, the MAP LSP decoder, outperforms both schemes. It manages
to remove the large bursts, reducing them to only small distortions. The 1st scheme will decrease the
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amount of distortion during bursts, but it doesn't perform as well as the MAP LSP decoder. Since the MAP
LSP decoder only has real performance gains for very high BER, it is therefors highly suited to bursty error
channeis. For a channel which rarely goes higherthan 5 % BER the 1st scheme would probably be the
better choice due 1o the lower memory and computation requirements. Therefore a choice of which
scheme to use would be dependent highly on the channe! characteristics.

Table 1 — Rate 3/4 TCM with DoD LSP Replacement Algorithm

BER for QPSK SD (dB) % Outliers 2—4dB | % Outliers >4dB | BER

0.0 1.477190 9.45 0.0 0.0

0.001 1.478254 9.51 0.0 6.356x10—

0.0t 1.513404 10.97 0.27 0.001811

0.02 1.574006 13.1¢ o.81 0.004322

0.06 2.088064 23.12 7.83 0.0234

0.1 4.083838 28.12 40.1¢ 0.1023

0.2 9.257094 6.75 91.36 0.2663
Table 2 — Rate 3/4 TCM with LSP Restrictions

BER for QPSK 8D (dB) % Cutliers 2-4dB | % Outfiers >4dB  |BER

0.0 1.487758 9.94 0.05 3.406x10~%

0.001 1.488345 10.16 0.0 3.972x104

0.01 1.513565 11.72 0.0 0.001764

0.02 1.558552 13.88 0.32 0.003893

0.05 1.865503 23.77 4.05 0.01528

0.1 289744 36.09 21.02 0.05290

0.2 8.321908 24.10 70.34 0.1821

Table 3 - Rate 3/4 TCM with LSP MAP Probabilities (0,2 set to 0.05 BER)

BER for QPSK SO (dB) % Outliers 2-4dB | % Outliers >4d8 | BER

0.0 1.489582 10.05 0.11 3.496x104
0.001 1.509009 11.08 0.22 0.00135-62
0.01 1.543701 12.8 0.38 0.003209
0.02 1.570444 14.26 0.38 0.004592
0.05 1.775222 20.85 2.86 0.01374

0.1 2477194 328 13.28 0.04146
0.2 5.475156 32.04 58.29 0.1580

Fortables 1 to 3, the BER is quite high due o the QPSK errors of the 4 bits and also due to the tail of the
trellis causing large number of bit errors. The tail of the trellis could be extended by adding lower sensitive
bits, which would improve both BER and sd resufts, however the last couple of LSPs are less sensitive
than the others. Varying the expected noise variance o,2 gives different resulis, as it is a weighting factor
between the two probabilities. For table 3, the variance was set to QPSK BER of 0.05, providing optimum
performance for that particular channel.
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Figure 3 -~ Comparison of the three different decoders, Including QPSK with replacement
CONCLUSION

From the results i Is noted that the MAP LSP Decoder outperforms the other two systems. This must
be weighted against the extra computation when decoding. For many of the static BER channals, the st
scheme can perform just as well as the MAP scheme, and has much less computation. Note that both
new schemes ensure filter stability by disallowing zero probability transitions. This is compared to the
standard system which must use some post aigorithm (8.g. LSP Replacement Algorithm [1]) to maintain
monofonic LSP valuss. The two schemes presented are designad to work for very poor channsls, and
thus are well suited to bursty emor channels. Also the two schemes developed have the ability to be
switched on and off if the channel Information is available. This would be particularly useful for a bursty
emor channel. This method of using the residual redundancy of the scalar quantisation of the LSPs can
be used with and without a channel coder. Alternative channel coding could be employed depending on
the channel characteristics. However there is a distinct advarttage in using a convolutional coder as it

requires a Viterbi decoder.
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