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PAPER

A 16 kb/s Wideband CELP-Based Speech Coder

Using Mel-Generalized Cepstral Analysis

Kazuhito KOISHIDA†∗, Member, Gou HIRABAYASHI†∗∗, Nonmember, Keiichi TOKUDA††,
and Takao KOBAYASHI†, Members

SUMMARY We propose a wideband CELP-type speech
coder at 16 kb/s based on a mel-generalized cepstral (MGC) anal-
ysis technique. MGC analysis makes it possible to obtain a more
accurate representation of spectral zeros compared to linear pre-
dictive (LP) analysis and take a perceptual frequency scale into
account. A major advantage of the proposed coder is that the
benefits of MGC representation of speech spectra can be incorpo-
rated into the CELP coding process. Subjective tests show that
the proposed coder at 16 kb/s achieves a significant improvement
in performance over a 16 kb/s conventional CELP coder under
the same coding framework and bit allocation. Moreover, the
proposed coder is found to outperform the ITU-T G.722 stan-
dard at 64 kb/s.
key words: wideband speech coding, mel-generalized cepstral
analysis, mel-generalized cepstrum, CELP coding

1. Introduction

Current telephone networks generally limit the band-
width of the speech signals to between 300 to 3400 Hz.
This bandwidth limitation degrades a speech quality in
terms of naturalness, intelligibility and speaker recogni-
tion. However, future transmission networks can elim-
inate the bandwidth limitation of 300–3400 Hz since
they are digital end-to-end. Such networks are capable
of delivering face-to-face communications quality by in-
creasing the bandwidth of speech signals. Specifically,
wideband speech, whose bandwidth ranges from 50 to
7000 Hz, is of increasing interest today because wide-
band speech offers a much higher quality than telephone
speech. Extending the lower frequency range down to
50 Hz increases naturalness, and the higher frequency
range of 3400–7000 Hz improves intelligibility. While
wideband speech is primarily used for teleconferenc-
ing and videoteleconferencing today, it is expected that
wideband speech will be employed for a number of ap-
plications such as multimedia services and future ISDN
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voice communication. In most of these applications,
wideband speech coding plays a key role in efficient
transmission and storage of wideband speech signals.

In wideband speech signals, most of the impor-
tant formants are typically located at low frequencies,
so that the energy in the high frequency region is
smaller than that in the low frequency region. Trans-
form and subband coding schemes [1], [2] obtain high-
quality speech by exploiting these characteristics. The
basic principle of transform and subband schemes is to
decompose the speech signal into subbands and sepa-
rately encode each band. The ITU-T G.722 [3], a two-
subband ADPCM coder, is the current standard at 64,
56 and 48 kb/s for wideband applications. On the other
hand, code excited linear prediction (CELP) coding [4]
has received much attention in recent years due to its
great success in the field of telephone-band speech cod-
ing. CELP coding schemes achieve high performance
by utilizing a parametric model based on speech pro-
duction and analysis-by-synthesis algorithms.

Wideband CELP coders are traditionally divided
into two classes; split-band CELP coding [5]–[8], and
fullband CELP coding [9]–[13]. In split-band CELP
coding which belongs to the class of subband coders,
each subband signal is encoded by a CELP coder. The
split-band CELP coders generally suffer from degrada-
tion of speech quality in the frequency region where the
responses of the filterbanks overlap. In contrast to split-
band CELP coding, a fullband coding scheme directly
encodes wideband speech signals using only one CELP
coder. The fullband CELP coders usually suffer from
a high frequency noise in the decoded speech. To in-
crease the quality at high frequencies, several methods
have been reported, e.g., a modified perceptual weight-
ing filter [11], a split-band excitation [12] and a multi-
band excitation [13].

One promising approach for improving the perfor-
mance of fullband CELP coding is to incorporate a
frequency-warping technique into short-term spectral
modeling. This makes it possible to obtain a per-
ceptual frequency scale, in which the frequency res-
olution at high frequencies is less sharp than at low
ones. In addition, since the most energy of wideband
speech is concentrated in low frequencies as described
before, frequency warping also has an ability to take
such properties into consideration. Although several
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studies have shown that the use of frequency warping
enhances the perceptual performance of telephone-band
speech coders [14]–[17] and audio coders (for a band-
width of 20.7 kHz) [18], [19], this approach has not yet
received much attention in the area of wideband speech
coding.

In this paper, we propose a wideband CELP-
type speech coder based on a mel-generalized cepstral
(MGC) analysis technique [20], called MGC-CELP. The
proposed MGC-CELP coder uses a framework of full-
band CELP coding, and its distinguishing feature is to
exploit MGC analysis instead of linear predictive (LP)
analysis. MGC analysis makes it possible to introduce a
frequency-warping technique into CELP coding. More-
over, while LP analysis has limitations of representing
spectral zeros, MGC analysis can provide more accu-
rate representation of spectral zeros. A major advan-
tage of the MGC-CELP coder is that the benefits of
MGC representation of speech spectra can be incor-
porated into the CELP coding process. We will show
that the MGC-CELP coder can generate high-quality
speech at 16 kb/s.

This paper is organized as follows: Sect. 2 gives an
overview of the wideband MGC-CELP algorithm. In
Sect. 3, a specific implementation of this algorithm at
16 kb/s is described. Subjective evaluation of the coder
is performed in Sect. 4. Finally, conclusions are given
in Sect. 5.

2. Wideband MGC-CELP Coding

Figure 1 shows a simplified block diagram of wideband
MGC-CELP coding. The basic framework of MGC-
CELP coding is identical to that of conventional CELP
coding. However, MGC-CELP utilizes MGC analysis
instead of LP analysis and, as a result, the parts related
to MGC analysis are completely different from the cor-
responding parts in conventional CELP. In this section,

(a)

(b)

Fig. 1 Simplified block diagram of MGC-CELP coding:
(a) encoder, (b) decoder.

we focus the discussion on these parts.

2.1 MGC Analysis

In MGC analysis, a speech spectrum H(ejω) is assumed
to be modeled by a set of MGC coefficients c(m) as

H(z) = K · S(z) (1)

where K is a gain of H(z) and

S(z) =




(
1 + γ

M∑
m=0

c(m)z̃−m

)1/γ

, −1 ≤ γ < 0

exp
M∑

m=0

c(m)z̃−m, γ = 0.

(2)

In the above equation, z̃−1 is an all-pass transfer func-
tion defined by

z̃−1 =
z−1 − α

1 − αz−1
, |α| < 1. (3)

The parameter α controls the frequency warping. A
linear frequency scale is obtained for α = 0, and the
frequency resolution at low frequencies improves with
increasing α at the expense of decreasing the high fre-
quency resolution. When α = 0.42, the phase charac-
teristics of the all-pass system give a good approxima-
tion to the mel scale for a sampling frequency of 16 kHz.
The parameter γ controls the representation accuracy
of poles and zeros. The function H(z) becomes all-pole
modeling for γ = −1 and α = 0. As the value of γ ap-
proaches zero, the accuracy for spectral zeros increases
at the expense of formant accuracy. For γ = α = 0,
H(z) is identical to the cepstral representation in which
poles and zeros are represented with equal weights.

The optimum set of MGC coefficients, which min-
imizes the expectation value of the square of the pre-
diction residual, can be obtained using an efficient iter-
ative algorithm based on the FFT and recursive formu-
las [20]. It has been proven that coefficients obtained
with this algorithm result in stable systems [20].

In wideband MGC-CELP coding, the parameter γ
is fixed to be −1/2. This value gives a good representa-
tion of spectral poles and zeros as shown in Fig. 2, and
also offers some implementation advantages which will
be described later. An appropriate value of α will be
determined through listening tests.

2.2 Synthesis Filter

For γ = −1/2, the synthesis filter is realized by a ratio-
nal transfer function of the form

S(z) =
1

{C(z̃)}2 (4)
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(a) (b) (c)

Fig. 2 Example of spectral envelopes obtained by 20th-order analysis using a 32ms
Hamming window: (a) LP analysis, (b) MGC analysis with α = 0 and γ = −1/2, (c)
MGC analysis with α = 0.3 and γ = −1/2. Thin lines represent the FFT spectrum.
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Fig. 3 Filter structure of 1/C(z̃) for M = 3.

where

C(z̃) = 1 + γ

M∑
m=0

c(m)z̃−m. (5)

To remove delay-free loops from S(z), we modify Eq. (5)
as follows:

C(z̃) = 1 + γ

M∑
m=1

b(m)Φm(z) (6)

where

Φm(z) =
(1 − α2)z−1

1 − αz−1
z̃−(m−1), m ≥ 1 (7)

and the filter coefficients b(m) are obtained using a re-
cursive formula given by

b(m) =
{

c(M), m = M
c(m) − αb(m + 1), 0 ≤ m < M.

(8)

Note that, since the gain of S(z) is unity, the coefficient
b(0) is always zero [17]. The structure of 1/C(z̃) based
on Eq. (6) is shown in Fig. 3.

2.3 MGC-LSP Parameters

In MGC-CELP coding, MGC-based line spectrum pair
(MGC-LSP) parameters [21] are quantized and trans-
mitted instead of MGC coefficients. The MGC-LSP is

an alternative representation of the MGC coefficients
and is mathematically equivalent to the MGC coeffi-
cient representation. The MGC-LSP representation of-
fers a simple check of the filter stability and gives good
interpolation and quantization performance [22].

The MGC-LSP is a frequency-domain representa-
tion of speech similar to the LSP, but is defined on the
warped frequency scale. The procedure for obtaining
the MGC-LSP parameters is as follows: first Eq. (5) is
modified as

C(z̃) = (1 + γc(0))C1(z̃) (9)

where

C1(z̃) = 1 + γ

M∑
m=1

c1(m)z̃−m (10)

and the coefficients c1(m) are calculated from the MGC
coefficients using the relationship

c1(m) =
c(m)

1 + γc(0)
, 1 ≤ m ≤ M. (11)

Next C1(z̃) is decomposed into symmetric and antisym-
metric polynomials:

CP (z̃) = C1(z̃) + z̃−(M+1)C1(z̃−1) (12)

CQ(z̃) = C1(z̃) − z̃−(M+1)C1(z̃−1). (13)

Finally, using the same technique as for the LSP case,
the MGC-LSP parameters can be obtained as the an-
gular positions of the roots of CP (z̃) and CQ(z̃).

Histograms of the LSP and MGC-LSP parameters
with γ = −1/2 are shown in Fig. 4. It is noted that,
in Fig. 4 (c), the MGC-LSP parameters are plotted on
the warped frequency scale. It can be seen that the
variance of the MGC-LSP parameters is smaller than
that of the LSP parameters. The reason is that the
filter 1/C(z̃) has less sharp peaks since the synthesis
filter is realized by the two-stage cascade structure of
1/C(z̃) as shown in Eq. (4). Consequently, the MGC-
LSP parameters require less precision to avoid missing
roots of CP (z̃) and CQ(z̃) in their root search [21].
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(a) (b) (c)

Fig. 4 Histograms of (a) LSP parameters; (b) MGC-LSP parameters with α = 0, γ =
−1/2; (c) MGC-LSP parameters with α = 0.3, γ = −1/2. These parameters are obtained
by 20th-order analysis using a 32ms Hamming window. Thin and thick lines represent
the parameters of even and odd order, respectively.

2.4 Perceptual Weighting Filter

The perceptual weighting filter is defined by the MGC
coefficients as

Spw(z) =
C(z̃/β1)
C(z̃/β2)

(14)

where z̃/β indicates a bandwidth expansion in the z̃-
plane. The filter C(z̃/β) can be realized using the same
structure as C(z̃) [17]; i.e.,

C(z̃/β) = 1 + γ

M∑
m=1

bβ(m)Φm(z). (15)

The filter coefficients bβ(m) are obtained from c(m) as
follows: first, a set of intermediate coefficients b′β(m) is
computed using

b′β(m) =
{

βMc(M), m = M
βmc(m) − αb′β(m + 1), 0 ≤ m < M

(16)

and the coefficients bβ(m) are then calculated by

bβ(m) =
b′β(m)

1 + γb′β(0)
, 1 ≤ m ≤ M. (17)

2.5 Postfilter

The short-term postfilter is defined by

Ssp(z) =
C(z̃/β3)
C(z̃/β4)

. (18)

The tilt compensation filter has a structure of the form

Stl(z) = (1 − µz−1)n (19)

where µ is a parameter that adaptively controls the
global spectral tilt of the postfilter. The value of µ
is obtained in such a way that the first mel-cepstral
coefficient of the cascaded filter of Ssp(z) and Stl(z) is

set to be zero [17]. Under such a constraint, µ is given
by

µ =
−γ(β4 − β3)c1(1)

−αγ(β4 − β3)c1(1) + n(1 − α2)
. (20)

3. Wideband MGC-CELP Coder at 16 kb/s

This section describes a wideband MGC-CELP coder
at 16 kb/s. Its structure and bit allocation are shown in
Fig. 5 and Table 1, respectively. The coder operates on
speech frame of 10 ms corresponding to 160 samples at a
sampling rate of 16 kHz. The MGC coefficients and the
signal power are extracted and encoded for every 10 ms
frame, while the excitation parameters are determined
once per subframe of 2.5 ms.

3.1 Encoder

Using a Hamming window of 32 ms duration centered
at the middle point of the last subframe, 20th-order
MGC analysis is performed once per 10 ms frame. The
MGC coefficients are quantized in the MGC-LSP do-
main using a two-stage VQ with switched fifth-order
moving average (MA) prediction. The selection of MA
predictive coefficients and the first stage codebook re-
quire 1 bit and 8 bits, respectively. The input vector of
the second stage is split into a lower dimensional part
and a higher dimensional part, and 6 bits are assigned
to each part. These codebooks are searched with the
Euclidean distance measure.

The power parameters are calculated on a two-
subframe basis, i.e., a two-dimensional vector of the
power parameter is obtained for each frame. The vec-
tor is quantized into 7 bits in the logarithmic domain.

The excitation codebook 1 consists of an adap-
tive codebook and a fixed codebook [23]. The adaptive
codebook represents the pitch periodicity, in which a
pitch delay is used with varying resolution. The res-
olution is 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 which contains 64 random codevectors
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Fig. 5 Structure of wideband MGC-CELP coder at 16 kb/s.

represents the nonperiodic excitation contributions.
The excitation codebook 2 is based on an algebraic

codebook structure. In this codebook, each codevector
contains four non-zero pulses. These pulses can assume
the amplitudes and positions given in Table 2 [24].

The gains of the excitation codebooks are vector-
quantized jointly using a 7-bit codebook.

By means of informal listening experiments,
we have found that the satisfactory performance is
achieved by setting the perceptual weighting param-
eters to β1 = 1.0 and β2 = 0.0, i.e., Spw(z) = C(z̃).

3.2 Decoder

In the decoder, the coder parameters are obtained from
transmitted indices. The speech is reconstructed by fil-
tering the excitation through the synthesis filter, and is
then passed through the postfilter. Besides the short-
term postfilter and tilt compensation filter, the post-
filter contains a pitch postfilter. We have found that
it is necessary to tune the postfilter parameters for
different values of the parameter α. Informal listen-
ing tests showed that good performance is obtained
with (β3, β4, n) = (0.8, 0.95, 2) for α = 0.0, 0.1, 0.2 and
(0.8, 0.9, 2) for α = 0.3, 0.4, 0.5.

4. Subjective Evaluations

4.1 Test Conditions

Table 3 summarizes input speech conditions. The input
signal was sampled at 16 kHz and filtered by the sending
filter P.341 [25] with 50 to 7000 Hz bandwidth. The

Table 1 Bit allocation of wideband MGC-CELP coder at
16 kb/s. The frame of 10ms is divided into four subframes.

Subframe Frame

MGC-LSP 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 Algebraic structure of excitation codebook 2.

Pulse Amplitude Positions

1 ±1 0, 5, 10, 15, 20, 25, 30, 35
2 ±1 1, 6, 11, 16, 21, 26, 31, 36
3 ±1 2, 7, 12, 17, 22, 27, 32, 37
4 ±1 3, 8, 13, 18, 23, 28, 33, 38

4, 9, 14, 19, 24, 29, 34, 39

Table 3 Input speech conditions for subjective evaluations.

Source Material Multi-lingual Speech Database
for Telephonometry 1994 (NTT-AT)

Sampling Frequency 16 kHz
Bandwidth 50 to 7000Hz
Word Length 16 bits
Speech Level −26 dB

speech level was adjusted to −26 dB.
Subjective tests were carried out in a sound-proof

booth. Eight people took part in the tests. They lis-
tened to sixteen Japanese sentences spoken by 4 females
and 4 males.

Two types of subjective test were performed for
evaluation: an absolute category rating (ACR) test and
a degradation category rating (DCR) test. In the ACR
test, listeners were presented with the processed speech
and gave a 5-point rating. In the DCR test, listeners
were presented with the original speech before listening
to the processed speech, and gave a 5-point rating ac-
cording to the degradation. The average rating of ACR
and DCR tests for a particular system are referred to
as mean opinion score (MOS) and degradation mean
opinion score (DMOS), respectively.

4.2 Effectiveness of Frequency Warping

In order to determine an appropriate value of the
frequency-warping parameter α, a DCR test was con-
ducted. Figure 6 shows DMOS scores of the 16 kb/s
MGC-CELP coder for several values of the parameter
α. It is obvious from the figure that frequency warp-
ing makes a large contribution to the improvement of
the subjective quality. Specifically, it is shown that fre-
quency warping significantly increases the performance
of female speech.

From these results, we decided to set the parameter
α to 0.3 in the following tests.
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Fig. 6 Speech quality of 16 kb/s MGC-CELP coder as a
function of frequency-warping parameter α.

4.3 Comparison with G.722 and Conventional CELP

ACR and DCR tests were carried out to evaluate the
16 kb/s MGC-CELP coder with α = 0.3. For compari-
son purpose, the ITU-T G.722 standard at 64, 56 and
48 kb/s was included in the tests. A conventional CELP
coder at 16 kb/s was also included, whose framework
and bit allocation are the same as the 16 kb/s MGC-
CELP coder. The differences of the conventional CELP
coder from the MGC-CELP coder are listed below:

• After the LP coefficients a(m) are computed by
20th-order LP analysis, a bandwidth expansion of
20 Hz is performed.

• The LSP parameters are obtained from the LP co-
efficients and quantized with a weighted Euclidean
distance measure [26].

• The synthesis filter is defined by the LP coefficients
a(m) as

S(z) =
1

A(z)
(21)

where A(z) =
∑20

m=0 a(m)z−m and a(0) = 1.
• The perceptual weighting filter is of the form

Spw(z) =
A(z/0.9)
A(z/0.6)

. (22)

• The short-term postfilter is given by

Ssp(z) =
A(z/0.65)
A(z/0.75)

(23)

and the tilt compensation filter is defined by a first
order all-zero structure as

Stl(z) = 1 − 0.15k(1)z−1 (24)

where k(1) is the first reflection coefficient.

(a)

(b)

Fig. 7 Results of subjective evaluations: (a) ACR test,
(b) DCR test.

Figure 7 shows the results of subjective tests. We
see from the figure that, in both tests, the MGC-CELP
coder obtains similar scores in terms of equivalent Q
values. It is also shown that the MGC-CELP coder at
16 kb/s outperforms the G.722 at 64 kb/s. Moreover,
it is clear that a significant improvement is obtained
compared to the conventional CELP coder. The im-
provement is especially noticeable for female speech. As
a result, the MGC-CELP coder gives a much smaller
difference between male and female speakers than the
conventional CELP coder.

5. Conclusions

We have proposed a wideband CELP-type speech coder
at 16 kb/s. The proposed coder belongs to the class
of fullband CELP coding, and its distinguishing fea-
ture is to exploit MGC analysis instead of LP anal-
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ysis. MGC analysis makes it possible to incorporate
a frequency-warping technique into CELP coding and
obtain more accurate representation of spectral zeros.
Subjective tests showed that the performance of the
proposed coder at 16 kb/s is better than that of the
ITU-T G.722 standard at 64 kb/s. It was also found
that the proposed coder achieves a significant quality
improvement over a conventional CELP coder which
has the same coding framework and bit allocation as
the proposed coder.
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