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ABSTRACT

We propose a differential encoding method for the
long term predictor (LTP) delay in CELP coders.
"This method permits saving bits while preserving the
coded speech quality. Fast delay changes between
successive LTP updates are allowed and no buffer-
ing of long signal frames is necessary, which makes
our method suited for use in low- and medium-delay
coders.

1. INTRODUCTION

The LTP [5] is an important component of CELP
coders. It models the periodicity of the speech signal.

The LTP parameters are periodically updated;
they are usually maintained constant between two
successive updates, for a duration that we call here
an “LTP block”, or simply “a block”.

In principle, the LTP predicts the coder excitation
for the current block as a scaled version of a past
excitation block. Typically, the LTP parameters are:

¢ The LTP delay - the time-lag between the cur-
rent LTP block and the past excitation block
used to predict it.

¢ The LTP gain - the scaling factor multiplying
the past excitation bloc to produce the pre-
dicted excitation block.

The LTP parameters are either estimated from
the input signal (“open-loop” calculation), or com-
puted by an analysis-by-synthesis procedure , which
can be interpreted [2] as an “adaptive codebook search”
(“closed-loop” calculation).

In this work, we suppose that the LTP parame-
ters are calculated in closed-loop [6]. The encoder
searches a set of LTP delays S for that LTP delay
which results in the least perceptually weighted dis-
tortion of the synthesized signal, during the current
LTP block. The set S contains M LTP delays, cov-
ering the typical range of the speech signal period
(pitch). Transmitting the LTP delay requires log, M
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bits. This is what we call “full-search” LTP (FS-
LTP).

The LTP delay computed in closed-loop is not
necessarily close to the actual pitch, although most
of the time it is. A better match of the current sig-
nal block is sometimes obtained using an LTP delay
which is a multiple of the signal period.

Because the pitch of the speech signal during voiced
segments varies relatively slowly at the scale of an
LTP block, there is a lot of redundancy in the se-
ries of LTP delays sent to the decoder. Several ap-
proaches have been proposed in order to exploit this
redundancy [6] [3] [1].

In the frame-oriented CELP coder from [6], for
several TP blocks belonging to a same 20 ms frame,
only small differences of the LTP delay around a
value Ty are allowed. The LTP delays of the frame
are then differentially encoded with respect to 7p. A
refinement of this method can be found in [3], where
a differential LTP delay encoding is only used for the
speech frames classified “voiced”.

The authors of [1] use a Huffman encoding of the
difference A = 6; —6;_1, between the LTP delay &;_;
of the previous block, and the LTP delay 8; of the
current block. During voiced segments, |A] is most
of the time close to zero, and these values of A are
assigned shorter codewords. The saved bits are used
to enhance the stochastic excitation, resulting in a
dynamic bit allocation scheme.

In [2], the adaptive codebook search is constrained
to delays corresponding to the normalized-correlation
peaks produced by a previous open-loop analysis.
This i1s viewed as a means to reduce the complex-
ity of the adaptive codebook search, while preserving
an efficient long-term prediction.

The method we propose performs differential en-
coding of the pitch delay using a fixed number of bits
per transmitted LTP delay. In our method, in func-
tion of the LTP delay 8;_{, we determine a subset
S; C S of LTP delays which are likely to be cho-
sen in the closed-loop search, for block 4. The set &,
contains N delays (N < M).

In contrast with previous work, the originality of
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our method consists in the fact that §; is not a simple
neighborhood of 6;_;. We try to make the operation
of our differentially encoded LTP (D-LTP) as close
as possible to that of the full-search LTP (FS-LTP).
Based on the conditional probability p(é;|6;~1), we
choose &; in function of §;_1 in an attempt to max-
imize the probability of S; to include the best delay
for the encoding of block i. Here §; also includes
neighborhoods of the multiples and submultiples of
6;—1 and other delays, as shown below.

Furthermore, our differentially-encoded LTP leads
to no additional coding delay compared to the full-
search L'TP, so 1t can be used in medium- and low-
delay coders. The number of LTP delays evaluated
in the closed-loop search is reduced M/N times.

2. LTP DELAY DIFFERENTIAL
ENCODING

We introduce the function ¢:

s o8N
bicy — Sy =(6},62,...,61)
which specifies the ordered set of candidate LTP de-
lays for the encoding of block ¢, if the coder used the
delay 6;~; for the encoding of the previous block.

The function ¢ is the same for the encoder and
the decoder, so the remote decoder can determine S;
knowing é;_;. Then, only one index among N has to
be transmitted to the decoder to determine §; € S;.

In order to limit the effect of errors, the LTP delay
can be reset to a given value during silence periods,
or the set S; can be periodically forced to contain
only fixed delays (independent of 6;_1).

In order for the operation of the differentially en-
coded LTP (D-LTP) to be as close as possible to that
of the full-search LTP (FS-LTP), the probability of S;
to include the best delay (from &) for the encoding of
vector ¢ should be maximized. This observation can
be used in a design of the function ¢ by training. A
straightforward design of ¢ consists of estimating the
probabilities p(8;|6;—1 = k) for all k € S using a large
enough training set. Then ¢(k) is the ordered set of
the N delays é; ({ = 1..N) maximizing p(6;|k). To
avoid excessive memory requirements, in this work
we use an analytical expression for ¢, approximating
the one resulting from training.

In what follows we denote V,, a set of delays from
S, whose values are located in the neighborhood of
ad;_1. We denote N, the size of V.

Experimenting with the full-search LTP, we es-
tablished the following:

1. During voiced sounds, the adaptive codebook
search chooses most of the time delays 8; close
to the pitch period. The situation where the
previous delay and the current delay are both
close to the pitch period is very likely and we
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take this into account by including in §; a neigh-
borhood V; of §;_1.

2. Also during voiced sounds, sometimes a multi-
ple of the pitch period is chosen. For the situ-
ation where 6;_1 was close to the pitch period
and §; is a multiple, we include the neighbor-
hoods Vs and V3 of the multiples of §;_; into ;.
For the case where §;_; was a multiple of the
pitch period and §; is close to the pitch period,
we include the neighborhoods V1,2 and Vi3 of
the submultiples of §;_1 into &;.

3. During unvoiced sounds there is no correlation
between & and 6;_;. To deal with this and to
allow a fast adaptation of the LTP delay at the
beginning of voiced sounds, we also include in
S; anumber N -3 N, of equally spaced delays
from! S\ {UV,}.

Equally spaced delays in §\
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Figure 1: The part of the adaptive codebook searched
for the encoding of vector 7, if the previous LTP delay
was §;_1.

In conclusion, the subset S; contains delays from
the neighborhood of the previous LTP delay §;-1 (de-
noted V7) as well as neighborhoods of submultiples
and multiples of 6;_; (denoted V74, Vi3, V2 and V3).
To deal with unvoiced sounds and with rapid pitch
changes, we also include into S; uniformly spaced de-
lays from 8\ {UV,}. Figure 1 shows how S; is built,
in function of &;_;.

Depending on &_1, some of the delays from V,
may find themselves outside the allowed LTP delay
range. The indices of these delays are also assigned
to equally spaced delays from S\ {UV,}.

Table 1: The size of the neighborhoods V,, of the mul-
tiples and submultiples of §;_;.

Size of V, (number of delays)
1V1/3 N1/2 Ny Ny N3
7 7 211 1 1

In our simulations the neighborhoods V, had a
fixed number of delays. The values N, were opti-
mized in subjective quality tests; the resulting values
are given in Table 1.

1Here S \ {UV4} is the part of S remaining after removing
all the neighborhoods Vg.
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Table 2: Comparison of the FS-LTP and the D-LTP for the Encoding of Nine Utterances.

Female Male Child | Average
no. 1 {no.2|{no. 3 |no. 4|no.l|no. 2|no. 3|{no. 4|no.l
Segmental | FS-LTP | 10.84 | 8.20 | 10.66 | 978 [7.55 | 9.02 | 848 | 9.03 | 13.33 9.65
SNR [dB] | D-LTP [ 10.60 | 7.79 | 10.15| 9.26 | 6.97 | 8.55 | 7.99 | 8.54 | 13.06 9.21
Pair FS-LTP | 1.0 3.5 2.5 1.5 2.5 2.0 3.0 1.0 1.5 53.6%
| comparison | D-LTP | 3.0 2.0 1.0 1.0 1.5 2.0 0.5 2.0 3.0 46.4%

We present these values in order to give an idea
about the relative sizes of the neighborhoods V,,. The
values of N, should be optimized again for use in
other coders, as the conditional pmf p(6;]6;—1) would
probably differ.

3. PERFORMANCE EVALUATION

We used a noninteger-delay LTP with 24-sample LTP
blocks in an 8 kbit/s CELP coder (see [4]). In Table
2, the FS-LTP (M = 256 delays) and the correspond-
ing D-LTP (N = 64 delays) are compared in terms
of segmental SNR.

We also give the results of an informal subjective
pair comparison test involving five trained listeners.
The listeners are presented pairs of encodings of test
signals (utterances), A and B. In each pair one en-
coding uses the FS-LTP and the other our D-LTP.
The duration of each utterance is approximately 6
seconds. The whole set of pairs (9 test utterances
were used) is presented to the listeners twice. Within
each pair the order of the encodings (FS-LTP first or
D-LTP first} is random. After listening to a pair of
encodings, each listener can give one of 5 possible an-
swers: prefer rather A, prefer definitely A, A and B
are equivalent, prefer rather B, prefer definitely B. If
one coding scheme is “rather preferred” by a listener
for the encoding of a given utterance, then it gets
a score of 0.5, if it is “definitely preferred” it gets
L point. The cumulated subjective scores for each
utterance are given in Table 2.

Although there is a SEGSNR loss of 0.4 dB on
the average, the subjective scores obtained by the
full-search LTP and the differential LTP are roughly
equivalent. We save two bits every 24 samples, i.e.
0.67 kb/s. Besides reducing the coding rate, this
method also reduces the complexity of the adaptive
codebook search.

4. CONCLUSION

We propose a differential encoding of the LTP delay
for use in CELP coders. Our method does not require
the processing of long signal frames in the encoder,
so it can be used in medium/low-delay coders. It
permits saving bits and computation while preserving
the coded speech quality.
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