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ABSTRACT

A novel low-delay wideband speech coder, called Multi-
band CELP (MB-CELP), overcomes the major obsta-
cles usually associated with two traditional CELP ap-
proaches to wideband speech coding - namely fullband
CELP and split-band CELP. The new MB-CELP coder
employs a multi-band bank of off-line filtered excitation
codebooks, fullband linear prediction synthesis, and
minimization of the error between original and synthe-
sized speech signal over the full frequency range. A 16
kbps version of MB-CELP coder with two equal bands,
is described in this paper. Subjective comparison test
results show that this coder performs better than the
G.722 coder at the bit-rate of 48 kbps.

1. INTRODUCTION

Wideband speech has a bandwidth of roughly 50 to
7000 Hz thereby allowing a richer, more natural, and
more intelligible speech signal. Compression of wide-
band speech makes it possible to achieve low bit rates
while obtaining a decompressed speech signal output
that resemble the audio quality of AM radio, sometimes
referred to as commentary grade quality, as opposed to
the usual telephone audio quality. In subjective tests,
the mean opinion score (MOS) of wideband speech is
usually higher than that of telephone speech by as much
as 1 MOS unit. People tend to experience less fatigue
in communicating with wideband speech compared to
telephone speech.

In 1986, the ITU-T (then CCITT) standardized a
subband-ADPCM wideband speech coder (referred to
as the G.722 standard) at 64, 56, and 48 kbps [1]. In
February 1995, the ITU-T Study Group 15 formalized
a wideband speech coding effort by approving the terms
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of reference for a new dual-mode standard. Mode A is
intended for general use, and will support multiple en-
codings which require low delay. Mode B requires a low
complexity but allows a higher delay, which is accept-
able for point-to-point links. The quality targets for
the proposed coders are to achieve at 24 kbps a qual-
ity equivalent to that of (G.722 at 56 kbps, and at 16
kbps to obtain a quality equivalent to that of G.722 at
48 kbps. Our MB-CELP coder satisfies some of the re-
quirements needed for a new ITU-T standard for Mode
A and is already well suited for some important appli-
cations. We are currently optimizing it for music, and
if this work is successful, MB-CELP may be a worth-
while candidate for submission to the ITU-T.

2. BACKGROUND AND INTRODUCTION
TO MULTI-BAND CELP

Contemporary approaches to wideband speech coding
are typically either CELP or transform-based coders.
Transform coders generally achieve efficient compres-
sion by adaptive bit allocation and entropy coding.
On the other hand, effective transform coding requires
a relatively high delay. Recently the ITU-T adopted
an 8 kbps algorithm[2] for narrowband speech cod-
ing, called G.729. The fact that the G.729 standard
achieves “toll” quality at 8 kbps suggests that it should
be possible to reconstruct high quality wideband speech
(with twice the telephone bandwidth) at the bitrate
of 16 kbps using CELP coding. These considerations
prompted us to explore the possibility of obtaining a
very high quality wideband speech coder at 16 kbps
based on the CELP approach to speech coding.

A popular approach to wideband speech coding has
been to take a state-of-the art narrowband CELP speech
coder and modify and tune it for wideband speech.
Traditionally, such wideband speech coders belong to
two classes: fullband CELP [3], and split-band CELP.
The fullband CELP usually has a higher complexity
(more than double that of the corresponding narrow-
band speech coder) and suffers from an intermittent
background hiss (high frequency noise) in the decoded
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speech [4].

A split-band CELP coder is usually of lower com-
plexity than a fullband one (about 1.5 times as com-
plex as the corresponding narrowband speech coder),
but has extra algorithmic delay due to the analysis and
synthesis filterbanks. Also, the split-band CELP suf-
fers from bad quality due to degradations in the fre-
quency range where the filter frequency responses for
low and high band overlap.

In this paper, we shall describe our novel encoding
scheme, MB-CELP, and show that it avoids both these
artifacts namely, the high frequency hiss of fullband
CELP coders and the bad speech quality in the filter-
bank overlap region of split-band CELP coders. This is
achieved by off-line filtered multi-band excitation code-
books, fullband LPC synthesis, and error minimization
over the original speech signal over the entire 8 kHz
band.

Fullband CELP coded speech seems to match the
original extremely well in the low-frequency region, but
it fails to match the spectrum well in the high fre-
quency region. This is explained by the fact that the
short-term frequency spectrum of wideband speech has
a strong downward spectral tilt with a drop as much as
35 dB in the average energy of the high band compared
to the low band. However, the perceptual importance is
not reduced by the same proportion. Hence, unless this
perceptual asymmetry in coding low and high band is
accounted for, the fullband CELP coded speech suffers
from a high frequency hiss distortion.

One solution to this problem is to design the per-
ceptual weighting filter to give more weight to the er-
ror in high frequency region [4]. Another solution is
to use a split-band CELP coder to allow better control
of the high band SNR. This also offers a complexity
advantage [5]. However, the speech quality suffers in
the range of frequencies where the two frequency bands
overlap. To minimize overlap, the filterbank frequency
responses need to have a sharp cut-off, and hence the
filters have to be of high order. This implies that the
algorithmic delay of the coder increases. Thus, it is dif-
ficult to achieve good speech quality at low delay using
split-band CELP.

MB-CELP does not suffer from the above draw-
backs - namely, high frequency hiss, bad coding of the
filterbank overlap region. It also has low delay and
moderate complexity.

As shown in Figure 1 | MB-CELP coder uses the
split-band excitation with the use of off-line filtered
stochastic codebooks. The multi-band codebook sizes
can be dynamically tailored in accordance with the
perceptual importance of the frequency bands. The
linear prediction analysis and synthesis is done over
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the full band. Further the error is minimized between
the original fullband signal and the synthesized signal.
Due to off-line filtering of the excitation, no filterbank
delay is introduced. Also, since the error minimiza-
tion is over the full frequency band (unlike split-band
CELP coders) the quality does not suffer in the over-
lap region of the frequency bands that correspond to
the multi-band codebooks. Modeling the periodicity
in speech signal accurately is very important for the
overall speech quality of the coder. With the multi-
band structure, the pitch periodicity can be modeled
independently in each of the frequency bands. Thus
the general MB-CELP structure has an adaptive code-
book for each frequency band. This allows the tracking
of small variations in pitch periodicity with frequency,
and also provides a frequency-dependent gain for the
long-term prediction. However this also implies an in-
crease in bitrate is needed to transmit the pitch infor-
mation for each band. Hence, at low bitrates (16 kbps
or lower), a single fullband adaptive codebook can be
used.

In the following sections, we will describe a specific
MB-CELP coder configuration which operates at the
rate of 16 kbps and has only two bands. The frame
size is 10 ms, and the subframe size is 2.5 ms. The
look-ahead for the LP analysis is 3.75 ms, yielding an
algorithmic delay of 13.75 ms. The short-term LP filter
order is 16, and the perceptual weighting filter is of the

type A(z/11)/A(z/72)-

3. LP-ANALYSIS AND CODING

Short-term linear prediction (LP) analysis is performed
once per input frame using the autocorrelation method
with a 10 ms Hamming window. The autocorrelation
values of the windowed speech are computed and a
bandwidth expansion of 10 Hz is introduced by lag-
windowing the autocorrelations. The LP coeflicients
are converted to line spectral frequencies (LSFs) and
quantized using 28 bits for each frame. The LSFs are
quantized using predictive multi-stage vector quantiza-
tion. We use a second-order moving-average interframe
predictor. The prediction residual is coded using muiti-
stage vector quantization (MSVQ) with 7 stages of 4
bits each. The distortion measure employed for pre-
dictive multi-stage vector quantization is a weighted
mean-square-error (WMSE). The weights are propor-
tional to the distance between the neighboring LSF's.
The multi-stage vector quantization scheme uses a
multiple-survivor method for an effective trade-off be-
tween complexity and performance. Four residual sur-
vivors are retained from each stage and are tested by
the next stage. The final quantization decision is made
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at the last stage, and a backward search is conducted
to determine the entries in all stages. The multi-stage
vector quantization is design by a joint optimization
procedure [6].

The LP coefficients are computed once per frame
with the LP analysis window situated at the center of
the fourth subframe. These LP coefficients are directly
applied to the fourth subframe of each frame. For the
first three subframes, the quantized LP coefficients are
obtained by a linear interpolation of the corresponding
parameters in the adjacent frames. Similarly, unquan-
tized LP parameters are used for perceptual weighting
in the fourth subframe of each frame. For the first three
subframes, a perceptual weighting filter is derived by
interpolating between the unquantized LSFs of adja-
cent frames. The perceptual weighting filter’s parame-
ters were tuned to the values of y; = 1.0 and 3 = 0.65.

4. PITCH ANALYSIS AND CODING

Pitch prediction is implemented using the adaptive code
book method where pitch delays greater than the sub-
frame length are searched in the range of (41-296) sam-
ples. Fractional pitch delays with nonuniform spacing
are quantized using 9 bits per subframe. The highest
resolution for pitch delay is equal to 1/4 of a sample.
For the selected pitch delay, the pitch gain is closed-
loop scalar quantized using 4 bits.

5. MULTI-BAND EXCITATION

The fixed (non-adaptive) codebook excitation is gener-
ated from two filtered codebooks with spectral bands
from 0-4 kHz and 4-8 kHz. It must be noted that since
the filtered codevectors are of finite duration (equal
to the subframe length) there is frequency leakage be-
tween the low- and high-band codebooks. However,
this is not a critical issue, since the error minimiza-
tion is done over the fullband speech. The sizes of
the multi-band codebooks can be dynamically selected
for each frame. Such dynamic codebook-size alloca-
tion can be derived using a perceptual criterion based
on a psychoacoustic model. With dynamic codebook-
size allocation, multi-band CELP can prove to be an
important paradigm for low-delay coding of input sig-
nals whose spectrum in different frequency bands varies
greatly with time, e.g., music. In the case of wideband
speech, we observed that the signal strength in each of
the two bands varies relatively little with time. There-
fore, a fixed codebook size allocation can be used with
the MB-CELP algorithm for coding wideband speech.
It should also be noted that with dynamic codebook-
size allocation, side information specifying the bit al-
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Parameters Bits per Frame
LSP 28
Pitch Delay 36
Pitch Gain 16
Low-band Codebook Index 32
High-band Codebook Index 24
Multi-band Codebook Gains 24

( Total I 160 ]

Table 1: Bit allocation

location must either be transmitted to the decoder, or
must be derived at both the encoder and decoder from
other available coded parameters. After experimenting
with different codebook sizes, we chose a lower band
codebook size of 256 and a higher band codebook size
of 64 for this particular coder. The excitation search
is similar to ordinary multi-stage vector quantization
and offers low complexity and high robustness. The
high-band codebook search is carried out first and then
the low-band codebook search. Furthermore, since the
codevectors of the two codebooks, are nearly orthogo-
nal (being restricted to different frequency bands), the
sequential search of the codebooks provides almost the
same performance as that of an optimal joint search of
the codebooks.

The fixed codebook gains are computed, and are
vector quantized using predictive vector quantization
with 6 bits. This quantization scheme is very similar
to that in G.729 standard [7]. An eighth order moving-
average vector predictor with fixed coefficients is used.
The predictor predicts the energy of the fixed excita-
tion contribution based on the sequence of previously
selected fixed excitation vectors. The quantized gain is
expressed as a product of the predicted gain based on
previous fixed excitation codebook energies and a cor-
rection factor. The correction factors for both bands
are vector quantized using 6 bits.

The bit allocation is summarized in Table 1.

6. MB-CELP DECODER

Figure 2 shows an MB-CELP decoder with a single
fullband adaptive codebook. The function of the de-
coder is to unpack the encoded bit stream, and de-
code the parameters. Namely, LP parameters, pitch
delay, pitch gain, MB codebook indices, and codebook
gains. These parameters are used to compute the re-
constructed speech signal. The quality of this recon-
structed speech signal is extremely good, as the subjec-
tive test results of the next section indicate. Adaptive
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postfiltering [8] has been found to be very useful for
enhancing the speech quality for CELP based coders,
particularly when multiple tandem encodings are con-
sidered. The adaptive postfilter we use is a cascade
of three filters: a pitch postfilter, a short-term post-
filter, and a tilt compensation filter. The postfiltering
process also includes an adaptive gain control scheme.
Presently, the postfilter is tuned for a single encoding
of clean speech signals. With the postfilter, the quality
of the MB-CELP coded speech at 16 kbps is very close
to that of the original speech signal.

7. RESULTS

We conducted subjective tests of the MB-CELP wide-
band speech coder at 16 kbps (without postfiltering),
and the G.722 coder at 48 kbps. The test was per-
formed using forced-choice A/B pairwise comparisons
with 9 male and 9 female listeners evaluating 12 sentence-
pairs per listener. The listeners were unfamiliar with
these coders. A practice session with 4 sentence pairs
preceeded each test. The sentence-pairs were chosen
according to the subjective test plan formalized by the
ITU-T for the current wideband standardization pro-
gram. Our coder at 16 kbps was preferred over the
(G.722 coder at 48 kbps 66.80% to 33.20%.

8. CONCLUSION

The new MB-CELP coder employs a multi-band bank
of excitation codebooks, fullband LP synthesis, and
error minimization over the fullband. It overcomes
the drawbacks of conventional fullband and split-band
CELP coders, while maintaining a low-delay. Listen-
ing tests show that a 2-band 16 kbps version of this
coder performs better than the G.722 coder at the
much higher bit-rate of 48 kbps.
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