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ABSTRACT

CELP coders using pulse codebooks for excitations such
as ACELP[1] have the advantages of low complexity
and high speech quality. At low bit rates, however, the
decrease of pulse position candidates and the number of
pulses degrades reconstructed speech quality. This pa-
per describes a method for adaptive allocating of pulse
position candidates. In the proposed method, N e�-
cient candidates of pulse positions are selected out of
all possible positions in a subframe. Amplitude en-
velope of an adaptive code vector is used for select-
ing N e�cient candidates. The larger the amplitude
is, the more pulse positions are assigned. Using an
adaptive code vector for the adaptation, the proposed
method requires no additional bits for the adaptation.
Experimental results show that the proposed method
increases WSNRseg by 0.3dB and MOS by 0.15.

1. INTRODUCTION

CELP coders are widely used for coding 4-8kHz band-
width speech. Their algorithms are based on the linear
predictive analysis where an LP synthesis �lter and its
excitation signal play an important role in producing
high quality speech. In the CELP algorithm, an exci-
tation signal consists of an adaptive code vector and
a stochastic code vector. The latter has an especially
strong inuence on reconstructed speech quality, com-
putational cost, and memory storage size. The stochas-
tic code vector is the key to the performance of the
CELP coding algorithm.

Pulse code vectors show good performance in terms
of these factors. ACELP[1] is one of the most widely
applied algorithms using pulse code vectors and is used
for various codec standards [2][3][4]. However, at low
bit rates of around 4kbps, a decrease in number of bits
for pulse positions and signs leads to signi�cant degra-
dation of the speech quality.

Some approaches to reduce the degradation have
been presented, such as the method in which pulse po-
sitions are restricted to even sample positions[4] and

the method in which a sign is �xed for each pulse [5].
These methods keep the number of pulses the same
while the number of bits for pulse positions and signs
are reduced. Since pulse positions and signs are impor-
tant for speech quality, they must be restricted in an
e�cient manner.

2. PULSE POSITION ADAPTATION

This paper describes an adaptation method for pulse
position codebooks which are used in CELP coders
based on pulse excitations such as ACELP. The pulse
position codebooks consist of the prede�ned number of
position data and these positions are usually �xed. In
the proposed method, the positions change from sub-
frame to subframe depending on input speech signal.
The key to this adaptation is how to select the posi-
tions from the possible positions in a subframe.

The adaptation methods exploiting a pitch period
have been proposed. For multi-pulse speech coding, a
method in which a pitch interpolation is applied to the
multi-pulse excitations [6]and a method in which multi-
pulse positions are reduced based on a pitch period[7]
have been proposed. For CELP speech coding, a method
in which pulse position candidates are concentrated
around a peak location of a pitch waveform has been
proposed[8].

Using a pitch period is not the best way for the
adaptation for several reasons. One reason is that a
pitch period is not su�cient to represent the shape of
the excitation signals. The shapes of pitch waveforms
are not the same even if their pitch periods are the
same. It is more e�ective to exploit the shape infor-
mation for the adaptation. The other reason is that
there is not much meaning in a pitch period during an
unvoiced or a silent speech section. The adaptation
method based on the pitch period cannot take voicing
activity into account by itself. Another reason is that
the adaptation does no work properly for a multiple
pitch period or a half pitch period, which is sometimes
used in the CELP coders.
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Figure 1: Probability of pulse positions

We propose an adaptation method using amplitude
information of excitations. In order to investigate the
relationship between pulse positions and amplitude of
the excitations, an experiment was performed. The
codec used in this experiment has a 3-pulse ACELP
structure for producing a stochastic excitation. Posi-
tion codebooks for each pulse include all samples in a
subframe. This excitation could be considered to be
an optimal excitation for 3-pulse ACELP. Comparing
the pulse positions of the excitation with the optimal
stochastic excitation, which is produced by inverse �l-
tering of a target speech vector, a relationship between
pulse positions and amplitude of optimal stochastic ex-
citations was found.

Figure 1 shows the relationship. The vertical axis
shows the probability that an optimal pulse is settled.
The horizontal axis shows the smoothed amplitude of
optimal stochastic excitations normalized by their en-
ergy. From this experiment, it can be seen that pulses
are to be placed for the sample where the smoothed
amplitude of the optimal stochastic excitation is large.
We exploit this relationship in the adaptation of pulse
position candidates. In the proposed method, N e�-
cient candidates of pulse positions are selected out of
all possible positions in a subframe. The larger the
amplitude of an optimal stochastic excitation is, the
more positions are assigned. Although the number of
pulse position candidates is constant in a subframe, the
e�cient allocation of the pulse position candidates im-
proves the codec performance.

In this paper, in order to obtain the smoothed am-
plitude, an adaptive code vector is used instead of the
optimal stochastic excitation. One reason is that en-
velope of the adaptive code vector is similar to that of
the optimal stochastic excitation, especially in voiced
speech sections. Another reason is that it can be used
in both an encoder and a decoder without additional
information.
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Figure 2: Block diagram of the adaptation

Figure 2 shows the block diagram of the proposed
method. The ow of the adaptation is as follows: (1) an
adaptive code vector is selected from the adaptive code-
book, (2) smoothed absolute amplitude of the adap-
tive code vector is obtained in the pulse position anal-
ysis, (3) depending on the smoothed absolute ampli-
tude, prede�ned number of pulse positions is allocated
so that the larger the amplitude envelope is, the more
pulse positions are assigned.

The advantage of using amplitude information is ex-
plained in Figure 3. In this �gure, amplitude envelopes
of the adaptive code vectors are shown. Small arrows
indicate pulse position candidates obtained by the pro-
posed method. Large arrows indicate a peak location
of a pitch waveform.

In Figure 3(a), there are 2 pitch periods in a sub-
frame and each pitch waveform has two envelope peaks
which are shown as \A" and \B" in the �gure. Since
the proposed adaptation uses amplitude information,
pulse position candidates are concentrated not only in
section B, but also in section A. In the conventional
method using a pitch period, pulse position candidates
are concentrated only in section B where the peak lo-
cation is placed.

Figure 3(b) is an example of a subframe which has
weak periodicity, such as in an unvoiced subframe. In
this case, the strength of the adaptation is weak and
a fairly uniform allocation is obtained. The proposed
method inherently has the ability to control the strength
of adaptation, depending on the strength of the peri-
odicity of an adaptive code vector.

Figure 3(c) is an example of a subframe where pitch
doubling occurs. The proposed method is not inu-
enced by the incorrect pitch period because it exploits
the amplitude information. The conventional method,
however, cannot allocate pulse position candidates based
on a true pitch period.

Figure 3(d) is another example which shows the
bene�t of using amplitude information. In these sub-
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Figure 3: Adaptation of pulse position candidates:
(a)strong periodicity;(b)weak periodicity;(c)multiple
pitch period; (d)pitch period longer than a subframe

frames, the pitch period is longer than the subframe
length. In the �rst subframe, pulse positions are con-
centrated around the peak. In the second subframe
there is no peak of the pitch waveform so that pulse po-
sitions are allocated fairly uniformly. The conventional
method cannot make use of the di�erence between the
�rst subframe and the second subframe.

From these examples, it can be seen that using am-
plitude information is e�ective for adaptive allocating
of pulse positions.

3. SIMULATION RESULTS

A CELP codec used in this simulation has 3-pulse
ACELP excitations. Pulse position candidates of each
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Figure 4: Pulse Shaping Filter

Table 1: Pulse position assignment

Channel No. positions
1 S1 S4 � � � SN�2
2 S2 S5 � � � SN�1
3 S3 S6 � � � SN

Table 2: Simulation result in WSNRseg

without with
adaptation (dB) adaptation (dB)

Female 5.17 5.36
Male 4.23 4.60
Total 4.70 4.98

channel were adaptively changed using the proposed
method. Table 1 shows how N pulse position candi-
dates (S1; S2; � � � ; SN ) were distributed to 3 channels.

The bit rate of this codec was 3.7kbps and 12
bits/subframe were assigned for ACELP excitations.
The adaptive codebook had 3 modes: absolute lag mode,
di�erential lag mode and �xed-codebook mode.

Around 4kbps, the number of pulses in a subframe
tends to be low so that reconstructed speech has pulse-
like noise. To reduce this noise, a pulse shaping �lter
is used. It is a 20th order FIR �lter whose coe�cients
are changed depending on the mode for the adaptive
codebook. A closed learning method was applied to
obtain the coe�cients and they are shown in Figure 4.

In Table 2, averageWSNRseg (perceptually weighted
segmental SNR) for 12 male sentences and 12 female
sentences are shown. WSNRseg means segmental WSNR
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Figure 5: Bit rates versus WSNRseg

which is de�ned as

WSNR = 10 log
10

PM

i=1
s(i)2

P
M

i=1
(s(i)� ŝ(i))2

(1)

where s(i) is a perceptually weighted input speech sig-

nal, s(̂i) is a perceptually weighted reconstructed speech
signal and M is the number of samples in the sig-
nal. Since the codebook search is performed under
the perceptually weighted speech level, WSNRseg is
better than SNRseg for evaluating the excitation per-
formance. \Without adaptation" means that 24 pulse
position candidates (8 candidates � 3 channels) were
uniformly distributed in a subframe (80 sample). This
method is similar to the conventional one which re-
stricts pulse positions to the even sample positions[4].
"With adaptation" means 24 candidates were adap-
tively distributed by using the proposed method. Both
methods used the same pulse shaping �lter. Using the
proposed method, WSNRseg increases by 0.3dB.

Figure 5 shows the relationship between WSNRseg
and bits for pulse excitation under the conditions of
\with adaptation" and \without adaptation". The num-
ber of bits for pulse excitation varied from 12 to 17 and
the number of bits for other parameters was the same.
From Figure 5, it can be seen that the lower the number
of bits for excitation is, the more e�ective the proposed
method is. The proposed method shows better perfor-
mance at low bit rates.

4. LISTENING TEST RESULTS

A subjective test has been performed. 8 sentences were
rated by 8 listeners. Absolute category rating (ACR)
was used and each sentence was scored from 1(bad)
to 5(excellent) by listeners. The codec used in this
experiment was a 3.7kbps ACELP codec which is de-
scribed in Section 3. The result (MOS) is shown in
Table 3. The codec using proposed adaptation shows

Table 3: Subjective test result in MOS

without with
adaptation adaptation

Female 2.94 3.06
Male 2.72 2.91
Total 2.83 2.98

higher MOS than the codec without adaptation in all
conditions. The proposed adaptation increases average
MOS by 0.15.

5. SUMMARY

A new adaptation method for the pulse position code-
book was proposed. The method changes positions in
the pulse position codebooks depending on the ampli-
tude envelope of an adaptive code vector. Computer
simulations showed that the proposed method increases
WSNRseg by 0.3dB. Subjective tests showed that the
proposed method increases MOS by 0.15 point. The
proposed method makes it possible for CELP coders
using pulse excitations such as ACELP to achieve high
quality speech at low bit rates of around 4kbps. Im-
proving an error resilience is a future study.
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