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ABSTRACT

This paper proposes a wideband CELP coder using frequency warp-
ing. Instead of linear prediction, the proposed coder adopts the mel-
generalized cepstral analysis, and encodes fullband of the speech
signal through a warped frequency scale. It is shown that the sub-
jective quality of the proposed coder at 16 kbit/s is better than that
of the ITU-T G.722 at 64 kbit/s. Furthermore, the proposed coder
gives a much smaller difference in performance for male and fe-
male speakers than the conventional CELP coder. These results
indicate that the frequency warping makes a large contribution to
the improvement of the subjective quality for wideband speech
coding.

1. INTRODUCTION

Wideband speech signals, which have a bandwidth of 50-7000 Hz,
are more natural and intelligible than narrow-band speech signals
with 300 to 3400 Hz bandwidth. Several applications such as
teleconferencing, multimedia services and high-quality wideband
telephony often require compression of wideband speech. In wide-
band speech, most of the important formants are typically located
below 4 kHz, so that the energy at high frequencies is smaller
than that at low frequencies. There are two well known techniques
which efficiently utilize such characteristics; one is subband cod-
ing and another is adaptive transform coding. The basic principles
of both schemes are to decompose the speech signal into subbands
and encode each band separately. The ITU-T G.722 standard [1],
subband ADPCM coder, is a representative of subband coding.
Recently, various subband coders based on the CELP model [2]
have been proposed around 16 kbit/s [3]-[5]. Other possible ap-
proach, which has not been caught so much attention in the area of
wideband speech coding, is to incorporate frequency warping into
spectral analysis and encode fullband of speech signal through the
warped frequency scale. For narrow-band speech, we have pro-
posed the speech coders which use frequency warping to enhance
the speech quality [6]-[8].

In this paper, we investigate the effectiveness of frequency
warping for wideband speech coding. The coder presented in
this paper falls into fullband CELP coding. While CELP coders
commonly use linear prediction (LP) as spectral estimation, the
proposed CELP coder adopts the mel-generalized cepstral (MGC)
analysis [9] which makes it possible to use frequency warping
defined by an all-pass system. As a result, the proposed coder
encodes fullband of the wideband speech signal through the warped
frequency scale. The subjective performance of the proposed coder
is evaluated from the following viewpoints: the effectiveness of the

frequency warping, and comparison with the ITU-T G.722 standard
and the conventional CELP coder.

2. STRUCTURE OF CELP BASED ON
MEL-GENERALIZED CEPSTRAL ANALYSIS

In this section we describe the structure of the proposed CELP
coder, called MGC based CELP (MGC-CELP). Since the basic
algorithm is the same as the conventional CELP, we focus our dis-
cussion on the differences between the proposed and conventional
coders.

2.1. Spectral analysis

In the MGC analysis [9], a speech spectrum H(ej!) is assumed to
be modeled by the MGC coefficients c(m) as

H(z) =
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where z̃�1 is an all-pass transfer function defined by

z̃�1 =
z�1 � �

1 � �z�1
; j�j < 1: (2)

For a sampling frequency of 16 kHz, the phase characteristics of the
system give a good approximation to the mel scale when� = 0:42.
It is noted that  is a parameter to control the shape of poles and
zeros, e.g., H(z) becomes all-pole modeling for  = �1 and
cepstral modeling for  = 0.

An optimum set of the MGC coefficients, which maximizes
the expectation value of the prediction gain, can be obtained using
efficient iterative algorithm based on FFT and recursive formulas
[9]. In addition, such coefficients result in the stable system [9].

In the proposed coder,  is fixed to be�1=2, this leads to some
advantages in the filter structure and the calculation of the quanti-
zation parameters. As concerns �, we will investigate appropriate
values through a listening test.

2.2. Synthesis filter

For  = �1=2, the synthesis filter is realized by the rational transfer
function of the form

S(z) =
1

fC1(z̃)g2
(3)
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Figure 1: The structure of 1=C1(z̃) for M = 3.

where S(z) is a gain-normalized version of H(z) and

C1(z̃) = 1 + 

MX
m=0

c1(m)z̃�m: (4)

The coefficients c1(m) are calculated from c(m):

c1(m) =

�
(c(0)� �)

�
(1 + �); m = 0

c(m)
�
(1 + �); 1 � m �M

(5)

where

� =

MX
m=0

(��)mc(m): (6)

To remove a delay-free loop from S(z), we modify (4) as follows:

C1(z̃) = 1 + 

MX
m=1

b(m)�m(z) (7)

where

�m(z) =
(1 � �2)z�1

1 � �z�1
z̃�(m�1) (8)

and the filter coefficients b(m) are obtained using the recursive
formula given by

b(m) =

�
c1(M); m =M
c1(m)� �b(m+ 1); 0 � m �M � 1:

(9)

It is noted that b(0) becomes zero, which means that the gain of
S(z) is unity. The structure of 1=C1(z̃) based on (7) is shown in
Fig. 1.

2.3. Quantization of MGC coefficients

Direct quantization of c(m) or c1(m) may cause unstable synthe-
sis filter. To avoid this problem, we have presented the spectral
representation based on the MGC coefficients [10], referred to
as MGC based LSP (MGC-LSP). The MGC-LSP is a frequency-
domain representation of speech similar to LSP, and it is defined
on the warped frequency scale. The procedure for obtaining the
MGC-LSP parameters is as follows: First (4) is modified as

C1(z̃) = (1 + c1(0))C2(z̃) (10)
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Figure 2: Example of estimated spectrum and associated spectral
parameters.

where

C2(z̃) = 1 + 

MX
m=1

c2(m)z̃�m (11)

and the coefficients c2(m) are calculated from the gain-normalized
MGC coefficients using

c2(m) = c1(m)
�
(1 + c1(0)); 1 � m �M: (12)

NextC2(z̃) is decomposed into symmetric and antisymmetric poly-
nomials:

CP (z̃) = C2(z̃) + z̃�(M+1)C2(z̃
�1) (13)

CQ(z̃) = C2(z̃)� z̃�(M+1)C2(z̃
�1): (14)

Finally, using the same method as LSP, the MGC-LSP parameters
can be obtained as the angular positions of the roots of CP (z̃) and
CQ(z̃).

Figure 2 shows an example of the spectra estimated by the 20th-
order analysis and the associated spectral parameters. In the figure,
(a) and (b) correspond to the LP and MGC analysis, respectively.
In the MGC analysis, we let � = 0:3 and  = �1=2. It is seen
that the LSP parameters concentrate in some frequency regions,
while the MGC-LSP parameters are distributed almost equally.
This leads to less computational complexity to transform the MGC
coefficients into the MGC-LSP parameters, compared to LSP case.

2.4. Perceptual weighting filter and postfilter

The perceptual weighting filter is defined by the MGC coefficients
as

Spw(z) =
C1(z̃=�1)

C1(z̃=�2)
(15)

where z̃=� indeicates a bandwidth expansion in z̃-plane. The filter
C1(z̃=�) can be realized using the same structure of C1(z̃) [8]. We



Table 1: Bit allocations of 16 kbit/s wideband CELP coder.
Subframe Frame

Spectral parameters – 21
Power – 7
Excitation codebook 1 9 9�4
Excitation codebook 2 17 17�4
Gain codebook 7 7�4

Total – 160 bits

Table 2: Quantization performance of MGC-LSP and LSP (dB).
� (MGC-LSP)

0.0 0.1 0.2 0.3 0.4 0.5
LSP

CD 1.95 1.96 1.96 1.93 1.88 1.88 1.79

set the tunable parameters of the perceptual weighting to �1 = 1:0
and �2 = 0:0, i.e., Spw(z) = C1(z̃).

The short-term postfilter is defined by

Sst(z) =
C1(z̃=�3)

C1(z̃=�4)
: (16)

The tilt compensation filter has a structure of the form

Stilt(z) = (1 � �z�1)p (17)

where � is a parameter to control the global spectral tilt. The
parameter � is determined in such a way that the first mel-cepstrum
of Sst(z)Stilt(z) is set to be zero [8]. Under such constraint, � is
given by

� =
�(�4 � �3)c1(1)

��(�4 � �3)c1(1) + (1 � �2)p
: (18)

By informal listening, we let (�3; �4; p) = (0:8; 0:95; 2) for � =
0:0; 0:1 and 0:2, and (0:8; 0:9; 2) for � = 0:3; 0:4 and 0:5.

3. FRAMEWORK OF CELP CODER AT 16 KBIT/S

This section describes each coding parameters. The input speech
is sampled at 16 kHz and filtered by the sending filter P.341 with
50 to 7000 Hz bandwidth. The speech level is adjusted at �26
dB. The 10 msec frame is used and divided into four subframes of
2.5 msec. The 20th-order spectral parameters are computed using
the 32 msec Hamming window centered by the middle of the last
subframe. Table 1 shows the bit allocations of wideband CELP
coding at 16 kbit/s. The postfilter consists of three filters: a pitch
postfilter, a short-term postfilter and a tilt compensation filter.

3.1. Spectral parameters

Two-stage vector quantizer with switched fifth-order moving av-
erage interframe prediction is used for spectral quantization. The
selection of MA predictive coefficients and the first stage use 1 bit
and 8 bits, respectively. In the second stage, the vector is split into a
lower dimensional part and higher dimensional part, and 6 bits are
assigned to each part. The MGC-LSP parameters are quantized
with Euclidean distortion measure in the proposed coder, while

Table 3: Speech quality versus � in terms of DMOS.
� Average Female Male

0:0 3.41 3.13 3.70
0:1 3.56 3.30 3.83
0:2 3.72 3.58 3.86
0:3 4.20 4.23 4.17
0:4 4.18 4.22 4.14
0:5 4.01 4.09 3.92

LSP parameters with weighted Euclidean distortion measure in the
conventional CELP coder.

Table 2 shows the quantization performance of the MGC-LSP
for 8 Japanese speakers. In the table, the cepstral distortion (CD)
measure is used for evaluation. It is shown that the quantization
performance of the MGC-LSP is slightly worse than that of the
LSP.

3.2. Power

The power parameter is calculated on a two-subframe basis, i.e.,
two-dimensional vector of the power parameter is obtained once a
frame. The vector is quantized into 7 bits in the �-law domain.

3.3. Excitation codebooks and gain codebook

The excitation codebook 1 consists of an adaptive codebook and
a fixed codebook [11]. The adaptive codebook represents the
pitch periodicity, in which a fractional pitch delay is used with
resolution: 1/4 in the range 33–96 3

4 , 1/2 in the range 97–160 1
2 and

integers only in the range 161-224. The fixed codebook represents
the nonperiodic and nonstational speech, and it stores 64 random
codevectors.

The excitation codebook 2 is based on an algebraic codebook
structure. In this codebook, each codevector contains four non-
zero pulses. Each pulse can have either the amplitude +1 or �1,
and can assume the same positions as the ITU-T G.729 [12].

The gains of the excitation codebook 1 and 2 are vector-
quantized using a 7-bit codebook. The gain codebook is trained by
the generalized Lloyd algorithm.

4. SUBJECTIVE PERFORMANCE

Subjective tests were carried out in a sound-proof booth. Eight
people took part in the tests. They listened to the speech sequences,
which are sixteen Japanese sentences spoken by 4 female and 4
male speakers, and gave a rating using a 5-point scale.

4.1. Effect of frequency warping

Table 3 shows the speech quality for several values of � in terms of
DMOS. It is seen from the table that the quality of � = 0:3 and 0:4
is significantly improved over � = 0, especially for female speech.
This is mainly due to decreasing of the perceived quantization
noise. This result indicates that the frequency warping makes a
large contribution to the improvement of the subjective quality.



4.2. Comparison with G.722 and conventional CELP

The MGC-CELP coders with � = 0:3 and 0:4 are compared with
the ITU-T G.722 standard at 48, 56 and 64 kbit/s, and the conven-
tional CELP coder whose framework is the same as the proposed
one. By informal listening tests, we chose A(z=0:9)=A(z=0:6)
and A(z=0:65)=A(z=0:75) for the perceptual weighting filter and
short-term postfilter of the conventional coder, respectively, where
A(z) is the LP inverse filter.

Figures 3 and 4 show the results of the ACR and DCR tests,
respectively. It is shown that the MGC-CELP coders outperform
the G.722 at 64 kbit/s in terms of MOS, and are comparable to
the 64 kbit/s G.722 coder in terms of DMOS. Moreover, it is also
found that the MGC-CELP coders give a much smaller difference
between male and female speakers than the conventional CELP
coder.

5. CONCLUSIONS

We proposed a wideband CELP coder based on mel-generalized
cepstral analysis. The coder encodes fullband of the speech sig-
nal through the warped frequency scale. It was shown from the
subjective tests that the performance of the proposed coder at 16
kbit/s is better than that of the ITU-T G.722 standard at 64 kbit/s.
It was also found that the proposed coder gives a much smaller
difference in the performance for male and female speakers than
the conventional CELP coder.
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