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ABSTRACT

This paper proposes a new speech coding method called PSI-
CELP (Pitch Synchronous Innovation CELP). This method is
based on CELP, but adds pitch synchronous innovation, which
means that even random codevectors are adaptively converted to
have pitch periodicity for voiced frames. In addition, this paper
also proposes four other methods: (a) an FIR-type perceptual
weighting filter using unquantized LPC parameters, (b) a fized
codebook that is prepared as part of the adaptive codebook for
nonperiodic frames, (c) a random codebook which consists of two
conjugate sub-codebooks, and (d) codebook searches using delayed
decision. Due to these methods, SNR and subjective quality are
significantly improved. These basic methods were adopted in the
standard CODEC for Japanese half-rate digital mobile telephone
service.

Keywords: Speech coding, Low bit-rate, CELP, Random code-
book, Pitch synchronous innovation, Mobile telephone

1. INTRODUCTION

The recent rapid spread of mobile telephones is causing a
shortage of radio frequencies. Bit-rate reduction by speech cod-
ing is indispensable to secure more frequency channels. On the
other hand, it is important to develop low bit-rate speech coding
systems for voice storage, such as voice mail and answer phones.
Therefore, research on speech coding methods whose bit-rate is
less than 4.0 kbit/s has recently become active [1] and CELP
(Code Excited Linear Prediction) coding [2] is ore of the most
promising approaches.

In the conventional CELP, the pitch periodicity is represented
only by the codevector from the adaptive codebook. In this case,
pitch periodicity remains in the excitation signal from which the
element of the adaptive codebook is removed. This tendency is
especially remarkable when the length of the codevector is ex-
tended to 8-10 ms for a 4-kbit/s coder. This paper therefore
proposes PSI-CELP which improves the quality of synthesized
speech by introducing pitch periodicity even for the random code-
book.

In addition to pitch synchronous innovation, this paper also
proposes four methods for low bit-rate CELP: (a) an FIR-type
perceptual weighting filter using unquantized LPC parameters,
(b) a fixed codebook that is prepared as part of the adaptive
codebook for nonperiodic frames, (c) a random codebook which
consists of two conjugate sub-codebooks, and (d) codebook
searches using delayed decision.

Finally, the results of subjective/objective quality examina-
tions are also shown and the effectiveness of these proposals is
discussed on the basis of these results.

2. PITCH SYNCHRONIZATION OF RANDOM
CODEVECTOR

2.1 Structure

The best feature of PSI-CELP compared to conventional CELP is
that random codevectors are adaptively converted to have pitch
periodicity for voiced frames. This method can effectively rep-
resent the periodicity of the signal, which 1is input-speech minus
the element that corresponds to the adaptive codevector, without
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Figure 1: Pitch synchronizer for random codevectors.

increasing computational complexity or bit-rate. PSI-CELP has
a pitch synchronizer after the random codebook in order to make
the random codevector have the pitch periodicity. Its structure
is shown in Fig. 1.

2.2 Method of searching

The operation of the pitch synchronizer and the method of
searching the random codebook are as follows:

(1) Fixst, the adaptive codebook is searched. This method is the
same as the conventional one.

(2) Second, the random codebook is made to have the same pe-
riodicity as the length of the adaptive codevector. Specifically,
a fraction of the stored vector in the random codebook is ex-
tracted. This fraction starts from the beginning of the stored
vector and it has the same length as the periodicity of the adap-
tive codevector (lag). Moreover, repetitions of the fraction are
concatenated until they are the same length as the sub-frame. If
the lag is longer than the sub-frame length, however, no random
codevector is made to have pitch periodicity.

(3) The repetitious random codevector is passed through the
H(z) filter and the codeword that minimizes the perceptual
weighted distortion is selected. This method is also the same
as the conventional one.

(4) At the decoder, the repetitious random codevector is made by
the same method of encoding using the codeword of the adaptive
codebook and that of the random codebook.

This method achieves better quality with less computational
complexity than other methods such as the comb-filter technique
3].

2.3 Example of application to coding schemes

There are two variations of this pitch synchronization method.
In one, all random codevectors have pitch periodicity in the ran-
dom codebook. In the other, only some do. Even when the
latter method is adopted, additional information does not need
to be transmitted if it is decided in advance whether each of the
random codevectors has pitch periodicity or not.

Moreover, this pitch synchronization method can be used in
CELP that has a two-channel conjugate random codebook [4] or
even a multi-channel random codebook such as VSELP [5]. In
this case, there are also two methods of pitch synchronization. In
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one variation, codevectors have pitch periodicity in all channels
of the random codebook, and in the other, only in some channels.

Even when a fractional delay method is used in the adaptive
codebook, a repetitious random codevector is constructed by only
the table look-up scheme if up-sampled random codevectors are
prepared in advance.

3. ADDITIONAL METHODS

3.1 FIR-type perceptual weighting filter using un-
quantized LPC parameters

In most of the conventional CELP methods, quantized LPC pa-
rameters are used for coefficients of the perceptual weighting fil-
ter in order to reduce the computational complexity. Specifi-
cally, the linear predictive synthesis filter H(z) and the percep-
tual weighting filter W(z) using quantized LPC parameters oy,

are as follows: .

B = 1o M
= Az/m)
W(Z) - Aq(z/72)y (2)
P
where Aqlz) = 1+Zaq.‘z-i.

i=1

H(z) and W (z) usually appear as H(z)W(z) in CELP coding. If
v is set to 1.0 in W(z), H(z)W (2) is represented as 1/A4(z/72)
because the numerator of W (z) is the same as the denominator
of H(z). Therefore, the computational complexity of H(z)W (z)
is reduced to 1/3. However, the guality of synthesized speech
using unquantized LPC parameters for coefficients of the per-
ceptual weighting filter [6] is better than that using quantized
LPC parameters.

This paper proposes a method in which the perceptual weight-
ing filter is an FIR filter whose coefficients are generated by trun-
cating the impulse response of an ARMA filter having unquan-
tized LPC parameters. If 72 is small, coefficients of this FIR filter
approach zero as the order of the coefficients increases. There-
fore, the computational complexity is reduced without degrading
the quality of synthesized speech if the coefficients of the filter
become negligible when the order of the coefficients is less than
2P. In this paper, the impulse response of the ARMA filter is
truncated to 11 taps and is used for coefficients of an FIR filter.

3.2 Fixed codebook prepared as part of the adaptive
codebook

The adaptive codebook efficiently represents the pitch structure
of speech in voiced and stationary speech. It is possible, how-
ever, that the quality of synthesized speech is degraded in case
of (a) nonstationary speech such as the beginning of an utter-
ance, or (b) nonperiodic speech such as unvoiced speech. In the
conventional CELP, however, output codevectors of the adaptive
codebook are used for all frames of the input-speech. Therefore,
this paper proposes the method in which a codebook whose com-
ponents consist of fixed random elements is prepared as part of
the adaptive codebook. This codebook is called a “fixed” code-
book as compared which an “adaptive” codebook. The fixed
codebook is searched at the same time as the adaptive codebook,
and a codevector from either the adaptive codebook or the fixed
codebook is selected exclusively by the criterion of distortion
minimization. A codevector is selected from either the adaptive
codebook or the fixed codebook automatically deperding on the
characteristics of the input-speech by using this structure and
searching method. As a result, it is possible to increase the qual-
ity of synthesized speech when it is nonstationary or nonperiodic.

3.3 Two-channel conjugate random codebook
In this paper, a two-channel conjugate structure [4] is chosen as
the structure of the random codebook. In this structure, bits of
codes are shared equally and each corresponds to one of the ran-
dom sub-codebooks. The output codevector is made by adding
output sub-codevectors from two random sub-codebooks.
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Table 1: Conditions of input-speech and analysis method in
the evaluation system.

Freq. of input-speech 200-3400 Hz
Sampling freq. 8000 Hz
Frame length 40 ms
Sub-frame length 10 ms
Order of analysis 10 orders
Length of analysis window 35.8 ms
Analysis period 20 ms

Table 2: Bit allocation of codes per frame.

LSP 30 bits
Absolute power 6 bits
Adaptive/fixed codevector 8 x 4 bits
Random codevector (6 + 6) x 4 bits
Gain codevector 7 X 4 bits
Total 144 bits/fr.

(3.6 kbits/s)

This structure has the following merits compared with the
conventional method: (a) the complexity of filtering is less than
that in the conventional method, (b) the storage size is smaller,
{c) the codebook can be trained using the available size of data,
(d) the guality of synthesized speech is robust against channel
errors.

3.4 Codebook searches using delayed decision

We have already reported that the quality of synthesized speech
is increased by using a delayed decision scheme when the CELP
speech coding method is used [7]. This is very convenient for
a low bit-rate speech coder such as that mentioned in this pa-
per because this method can increase the quality of synthesized
speech without increasing the bit-rate. In this system, therefore,
a delayed decision without delay beyond the sub-frame length is
adopted for deciding adaptive/fixed codevectors, random code-
vectors, and gain codevectors that are searched by the A-b-S
method. In the adopted scheme, the number of candidates of
adaptive/fixed, random, and gain codevectors is 2, 2, and 1,
respectively. This scheme has no delay beyond the sub-frame
length and has a good complexity/performance ratio.

~

4. STRUCTURE OF EVALUATION SYSTEM

Figure 2 shows the whole structure of the evaluation system
of speech coding in this paper. Table 1 shows the conditions of
input-speech and the speech analysis method. Table 2 shows bit
allocations of each code per frame.

4.1 Quantization of short-term prediction parameter
and absolute power
Codes of the spectral envelope and absolute power are deter-
mined before the decision of other codes. For spectral enve-
lope, LSP (Line Spectrum Pair) parameter is quantized by using
MAPVQ (Moving Average Predictive Vector Quantization) [8]
with 30 bits per frame. In this system, a harmonic weighting
filter [9] that corresponds to the pitch period of the input-speech
is used with the perceptual weighting filter.

In the absolute power quantization stage, speech power calcu-
lated each sub-frame is vector-quantized using Euclid’s distortion
measure in the g-law domain.

4.2 Adaptive codebook

The adaptive codebook of this system uses a fractional-delay
using the 1-tap prediction filter method. 8 bits represents lags
whose lengths are from 16 to 143 sampling units including non-
integer values. The complexity of searching is reduced by the
following two pre-selections. One is using the pitch candidates
of input-speech by open-loop calculation. The other is using the
inner product between the input-speech and candidates of the
adaptive codevector.
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Figure 2: PSI-CELP speech coding system.

When the fixed codebook is used, 64 states are allocated to the
fixed codebook, which is a part of the 256 states that are allocated
to the adaptive codebook without the fixed codebook. In this
case, 192 states allocated to the adaptive codebook represent
lags whose lengths are from 16 to 97 sampling units including
non-integer values.

The codevectors of the fixed codebook are stored as overlap-
ping each other in ROM, and are used to shift the start point that
corresponds to the input-code. The complexity of fixed codebook
searching is also reduced by using the inner product between
input-speech and candidates of fixed codevector.

4.3 Random Codebook

In this system, code which is represented by 12 bits indicates
4096 random codevectors in the codebook, and two 6-bit codes,
which are halves of a 12-bit code, indicate sub-codevectors of
each random sub-codebook. The random codevectors are also
stored overlapping each other in ROM.

The search method of the random codebook is as fol-
lows. First, every random codevector of each channel is pitch-
synchronized and orthogonalized to the adaptive/fixed codevec-
tor that has already been decided. The codevector is not pitch-
synchronized, however, if the adaptive/fixed codevector is gener-
ated from the fixed codebook. Second, a pre-determined number
of sub-codevectors are pre-selected in each sub-codebook by us-
ing the inner product between input-speech and candidates of
the sub-codevector. Finally, the random codevector for the sub-
frame is determined from all combinations of the pre-selected
sub-codevector made by adding the pre-selected sub-codevectors
of each channel with polarity. The decision criterion of the code-
vector is the A-b-S method.

4.4 Gain codebook

In the gain codebook, 7-bit code indicates 128 gain codevectors
which consist of 4-dimensional values. Moreover, the codebook
includes four offset-vectors having 4 dimensions. The value of
the gain codebook is represented as the ratio of quantized abso-
Inte power of input-speech and power of each excitation vector
passed through the synthesis filter that corresponds to the adap-
tive/fixed and random codevector.
The search method of the gain codebook is as follows.

(1) First, the fixed/adaptive codevector that has already been de-
termined is passed through the increasing/decreasing triangular-
window in parallel and separated into two vectors. In the random
codevector, two vectors are made in the same way. Therefore,
two codevectors become four vectors in this process. The gain
codevector can represent gain slope of the time-domain in the
sub-frame using this structure of the gain codebook.

(2) Second, an offset-vector is selected from four stored vectors
based on three criteria: whether the fixed codevector is selected
or not, the value of the lag if the adaptive codevector is selected,
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and the theoretically most fitting gain for the selected adaptive
codevector in the sub-frame.

(3) The selected offset-vector is added to the gain codevector that
corresponds to the code of the gain codebook and each dimension
of the result vector is used as the gain of the four vectors.

(4) Four synthesis-filtered excitation vectors are each normalized
to their own power and the quantized absolute power. Moreover,
these vectors are accumulated with weighting of the gain from the
gain codevector, and the most fitting code of the gain codebook
is decided by A-b-S closed-loop searching.

5. EVALUATION OF THE PROPOSED SYSTEM
AND DISCUSSION

In this section, the effect of pitch-synchronized random code-
vectors is evaluated in two conditions; i.e., whether the fixed
codebook is used or not. The coding systems in'these two dif-
ferent conditions show different behaviors because the random
codevectors are not pitch-synchronized when the fixed codevec-
tor is selected in some sub-frames. Therefore, experiment in these
different conditions is needed.

In this evaluation, the Signal-Noise Ratio (SNR) and the seg-
mental SNR (SNR,.,) are used as objective evaluation values,
and the opinion equivalent Q value is used as a subjective evalu-
ation value. Coded and evaluated data are twenty short sentences
and the number of listeners for evaluation is 22. The indicated
evaluation values in this paper are the arithmetical average of
the values for each sentence.

5.1 Method of pitch-synchronized random codevec-
tor without the fixed codebook

Figure 3 (a) shows the relationship between SNR/SNR,e, and
the ratio of pitch-synchronized random codevector. In (I), the
number of the pitch-synchronized random codevectors is the
same in all channels and the pitch-synchronization ratio is de-
fined as the number of the pitch-synchronized codevectors when
the total number of codevectors in each channel is unity. In
(I1), on the other hand, all or no codevectors in one channel
are pitch-synchronized and the pitch-synchronization ratio is de-
fined as the number of pitch-synchronized channels when the
total number of channels in the random codebook is unity. In
this experiment, the random codebook is trained by a method
that considers pitch-synchronous random excitation [10]. There-
fore, the codebooks in different conditions are different from each
other.

From these results, the SNR/SNR,.; is maximized when
method (I) is adopted and 75% of random codevectors are pitch-
synchronized. The improvements in SNR and SNR,., are respec-
tively 1.2 dB and 0.8 dB. This shows that method (I), in which
the pitch-synchronous ratios in the sub-frames are different from
each other, is more effective than method (II).

5.2 Method of pitch-synchronized random codevec-
tor with the fixed codebook
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Figure 3: SNR and segmental SNR as a function of the ratio
of pitch-synchronized codevectors/channels in the random
codebook.

This sub-section shows the results when the fixed codebook is
used. Figure 3 (b) shows the relationship between SNR/SNRyeq
and the ratio of pitch-synchronized random codevector. Method
(I) and (II) are the same as those in the previous sub-section.
When the fixed codebook is used, the random codevector is not
pitch-synchronized if the adaptive/fixed codevector is generated
from the fixed codebook. Therefore, the pitch-synchronous ratio
shown in this figure is for when the adaptive/fixed codevector is
generated from the adaptive codebook.

The improvements in SNR and SNR,., are respectively 1.6
dB and 1.0 dB compared to non-pitch-synchronization method,
when the fixed codebook is used. Comparing (a) and (b) in
Fig. 3, the difference between whether the fixed codebook is
used or not is small when the pitch-synchronization method is
not used. However, the difference is considerably larger when
the pitch-synchronization method is used. Therefore, the fixed
codebook method is suitable for using together with the pitch-
synchronization method.

On the other hand, the best SNR/SNR,, in this experiment
was when the pitch-synchronous ratio was 100%. This result
can be understood as follows: the fixed codevector is mostly
selected for coding if the input-speech is unvoiced/silent when
the fixed codevector is used; therefore, the input-speech for which
the adaptive codevector is selected, which is mostly voiced, is
suitable for pitch-synchronizing 100% of random codevectors.

Finally, Fig. 4 shows the opinion equivalent Q values of the
synthesized speech using the system explained in this sub-section
and method (I). The pitch-synchronous ratios are 0%, 50%, and
100%. Not only the subjective evaluation value but also the
objective one shows an improvement of 0.5 dB when the pitch-
synchronization method is used.

6. CONCLUSION

This paper proposed the PSI-CELP speech coding method,
which can increase the quality of voiced speech in CELP, whose
bit-rate is about 4.0 kbit/s.
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Figure 4: Opinion equivalent Q values for various ratios
of pitch-synchronized codevectors in the random codebook
when the fixed codebook is used.

In addition to pitch synchronous innovation, this paper also
proposed four other methods for low bit-rate CELP: (a) an FIR-
type perceptual weighting filter using unquantized LPC param-
eters, (b) a fixed codebook that is prepared as part of the adap-
tive codebook for nonperiodic frames, (¢} a random codebook
which consists of two conjugate sub-codebooks, and (d) code-
book searches using delayed decision.

Moreover, the effectiveness of the proposed methods was
shown by experiment. Adoption of this pitch-synchronized ran-
dom codevector method can improve the quality of the synthe-
sized speech without increasing the computational complexity.
The basic methods mentioned in sections 2 to 3 were adopted in
the standard CODEC for the Japanese half-rate digital mobile
telephone service.
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