CELP CODING BASED ON MEL-CEPSTRAL ANALYSIS
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ABSTRACT

In this paper, we propose a CELP coder based on
mel-cepstral analysis. In the coder, since the trans-
fer functions of perceptual weighting and postfiltering
are defined through mel-cepstral coeflicients, the ef-
fects of perceptual weighting and postfiltering should
fit with the characteristics of the human auditory sen-
sation. We use a basic CELP structure without adap-
tive codebook, and subjective speech quality of the pro-
posed coder in terms of the opinion equivalent Q is
measured and compared with that of the conventional
CELP coder. It is shown that the improvement of more
than 1.8dB is achieved by the proposed coder over the
conventional CELP coder.

1. INTRODUCTION

In the past years, much has been done to improve
the quality of speech coders at low bit rate. Code Ex-
cited Linear Prediction (CELP) [1] is one of the most
effective coding method at low bit rate. CELP coding
has used the AR spectral representation for short-term
predictor. Although spectral zeros are important in
some cases, AR modeling cannot represent them. On
the other hand, cepstal modeling can represent spec-
tral poles and zeros with equal weights. Furthermore,
the spectrum represented by the the mel-cepstral coef-
ficients has frequency resolution similar to that of the
human ear which has high resolution at low frequencies.
Therefore, it is expected that mel-cepstral representa-
tion is used for efficient spectral modeling in speech
coders instead of the AR modeling. From the above
view point, we have proposed a 16kb/s ADPCM coder
which produces a high quality speech corresponding to
that of CCITT 32kb/s G.721 [2].

In this paper, we propose a CELP coder based on
the mel-cepstral analysis [3] and show effectiveness of
the mel-cepstral representation in low bit rate speech
coding. In the coder, since perceptual weighting and
postfiltering are carried out through the mel-cepstral
coefficients, the effects of perceptual weighting and post-
filtering should fit with characteristics of the human au-
ditory sensation. The subjective speech quality of the
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Fig. 1 Mel-cepstral analysis.

proposed coder in terms of the opinion equivalent Q
is measured and compared with a conventional CELP
coder. In the subjective test, we use a basic CELP
structure without adaptive codebook. It is shown that
the improvement of more than 1.8dB is achieved by the
proposed coder over the conventional CELP coder.

2. MEL-CEPSTRAL ANALYSIS

We model speech spectrum D(e’*) by using the
mel-cepstral coefficients ¢(m) as follows:

M
D(z) = exp Z é(m)z ™

(1)
m=0
where
.y zl-a
2= i—_'_—&F, |a| <1, (2)

and the gain factor of D(z) is assumed to be unity.
When the sampling frequency is 8kHz, the phase char-
acteristics @ of the all-pass transfer function z7!
e /% for @ = 0.31 gives a good approximation to the
mel frequency scale [4] based on subjective pitch eval-
uations.

In the mel-cepstral analysis [3], the coefficients &(m)
is determined in such a way that

¢ = E[e(n)] (3)

is minimized, where e(n) is the output of the inverse
filter 1/D(z), as shown in Fig. 1. To realize the D(z),
we rewrite (1) as

M
D(z) = exp Z b(m)Pn(2)

m=0

(4)

0-7803-2431-5/95 $4.00 © 1995 IEEE



g c(m) Imput ¢(m) g c(m) c(m)
p Adaptive a } ,L Adaptive a l l
Codebook - —
: D(z) 5 D_'Y(z ) Codebook D) Dﬁ(z) _gutput
¢ |Random T Random
¥"| Codebook g, — Codebook| b
Minimum
bomommmmmmmmmmmmmmes MSE
(a) Encoder (b) Decoder
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where
. _ b(m), m=M
&m) = { b(m) + ab(m +1), 0<m<M®
1, m=0
Pn(z) = 1-a?)z7! s—(m—-1) (6)
2> 1.
G, ma

It is noted that forcing the gain of D(z) to be unity
is equivalent to setting b(0) = 0. Since the transfer
function D(z) is theoretically minimum phase and the
gain factor of D{z) is normalized to unity, the impulse
response of 1/D(z) at time 0 equals unity. As a result,
the signal e(n) can be viewed as the linear prediction
error [5]. Therefore, instead of the linear prediction
method, the mel-cepstral analysis can be used for the
short-term prediction.

Although the transfer functions D(z) and 1/D(z)
are not rational functions, MLSA filters [3],[6] can ap-
proximate D(z) and 1/D(z) with sufficient accuracy
and become minimum-phase IIR systems.

shaping and postfiltering.

34

3. STRUCTURE OF CODER

Fig. 2 shows the structure of the proposed coder.
The synthesis filter D(z2) is realized using the MLSA

filter. The transfer function D~7(z) and -D'ﬁ(z) are the
perceptual weighting filter and postfilter, respectively.
The transfer function D(z) is the same as D(z) except
that &(1) is forced to be zero to compensate for the
global spectral tilt. By setting &(1) = 0, the transfer
function D(z) is written by

M
D(z) = exp Z b(m) ®m(2) (7
m=0
where
E(m) ={ I"_(;"’b)(az), 12n5='"IS M (8)

The tunable parameters v and 3 control the amount
of perceptual weighting and postfiltering, respectively.
We can realize the perceptual weighting filter D~7(z)
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Fig. 4 Effects of noie shaping and postfiltering (for a
frame extracted from Fig. 3 ).

and the postfilter E'B(z) in the same manner as D(z)
and D(z), by multiplying &m) by —« and 3, respec-
tively. To avoid large gain excursions at the postfilter
output, we add the output gain control [7] which scale
the postfilter output signal so that it has roughly the
same power as unfiltered speech.

Fig. 3(a) and Fig. 4(a) show an example of noise
shaping and postfiltering for ¥ = § = 0.4. For compar-
ison, the effects of the conventional noise shaping and
postfiltering [8],[9] are shown in Fig. 3(b) and Fig. 4(b).
In Fig. 3(b) and Fig. 4(b), perceptual weighting filter
W (z) and postfilter H,(z) are defined by

W = G ©)
Hy(z) = j—g—ﬁ%u—o.sz-l) (10)

where A(z) is the prediction polynomial obtained by
the linear prediction method. It is noted that the per-
ceptual weighting filter is the inverse filter of the noise
shaping filter. From these figures, it is seen that the
estimated speech spectrum D(e’“) has high resolution
at low frequencies; accordingly, spectra of noise shaping
D7(e?“) (perceptual weighting D~7(e7*)) and postfil-
tering Eﬂ(ej “) also have high resolution at low frequen-
cies. Consequently, we can expect that the effects of
perceptual weighting and postfiltering fit with charac-
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Table 1: Experimental Conditions

Sampling Rate 8kHz
Subframe Period 2.5ms
Window 32ms Hamming
Analysis Order 10
Analysis Period 2.5ms

teristics of the human auditory sensation and improve
the perceptual performance of the coder.

The cepstral representation has been utilized for the
short-term predictor in the vector excited homomor-
phic vocoder [10]. Although the idea of the homomor-
phic vocoder is similar to ours, the proposed coder is
quite different from the homomorphic vocoder. The
essential differences are summarized as follows:

o The proposed coder is based on the mel-cepstral
analysis, that is, frequency transformed cepstrum
is used rather than the cepstrum.

¢ In the homomorphic vocoder, the synthesis filter
is realized as a high-order FIR system, whereas
the proposed coder is realized by the synthesis
filter D(z) using the MLSA filter, which is an
IIR system.

4. PERFORMANCE EVALUATION
4.1. Experimental Conditions

To evaluate the performance of the short-term pre-
dictor only, we use a basic CELP structure without
adaptive codebook. Linear prediction and mel-cepstral
coeflicients are updated once per every subframe and
are not-quantized. The random codebook gain is also
not quantized. The random codebook contains 4096
codewords which overlap by a shift of 1. Other experi-
mental conditions are provided in Table. 1.

4.2. Objective Evaluation

The objective speech quality was evaluated by the
SNR and segmental SNR for 10 sentences(5 male and 5
female, 40 seconds speech). In the test, we let v = 0.4
for the proposed coder and use the perceptual weight-
ing filter W(z) in (9) for the conventional CELP. The
postfilter was not used for both coders. An improve-
ment of 1.0 dB is achieved in SNR, and 0.8 dB in the
segmental SNR.

4.3. Subjective Evaluation

The proposed CELP coder is subjectively evalu-
ated by the equivalent Q value. In this test, we choose a
parameter set (v, 8) = (0.4, 0.4) for perceptual weight-
ing and postfiltering of the proposed coder. For the
conventional CELP, we use perceptual weighting filter
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Fig. 5 Objective evaluation based on SNR and
segmental SNR.

W(z) and postfilter H,(z) defined by (9) and (10), re-
spectively.

The evaluated speech data consisted of 6 sentences
by 3 male and 3 female speakers. The reference signal
is the original speech. Test signals are decoded speech
signals by the proposed coder (with and without post-
filter) and by a conventional CELP (with postfilter),
and MNR signals (Q=12, 15, 18, 21, 24, 27, 30).

Fig. 6 shows the result of a speech quality evalua-
tion based on the equivalent Q value. From Fig. 6, it is
shown that the improvement of 1.0dB is achieved by the
proposed coder without postfilter over the conventional
CELP with postfilter. Furthermore, the improvement
of more than 1.8dB is achieved by the proposed coder
with postfilter over the conventional CELP. The per-
ceptual weighting and postfiltering carried out through
the mel-cepstral coefficients are effective in the CELP
type speech coder.

5. CONCLUSIONS-

We have proposed a CELP speech coder based on
mel-cepstral analysis, in which the perceptual weight-
ing and postfiltering are carried out through the mel-
cepstral coefficients. The subjective performance test
shows that the proposed coder achieves the improve-
ment of 1.8dB over a conventional CELP. From the re-
sult, it is shown that perceptual weighting and postfil-
tering carried out through the mel-cepstral coefficients
are effective in a low bit rate speech coding such as
CELP.

Incorporation of an adaptive codebook, quantiza-
tion of the mel-cepstral coefficients and codebook gain
are future problems.
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equivalent Q.
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