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ABSTRACT and music coders. Generally speech coders use a predic-

A 64 kbps coder of wideband (15 kHz) monophonic audio t'VZ vec.to:hqugrlwzt;_zstmr;j. Th_l?hmOSt tydp|calhexant1r$le ?jf suct:h
signals is described. Its structure is based on the transfornf0d€rs 1S the coder. 1hese coders have ne advantage

coded excitation scheme, adopted to 7 kHz band signals.Of being based on analysis-by-synthesis scheme allowing a

Significant modifications are proposed, that yield the reduc-dosed'lm?p q.uantllzatlgn. _Thg gudltory model used., based
tion of delay while keeping an almost transparent quality on the whitening filter, is simplified because at low bit rates

of speech and music, equivalent to that provided by the and in telephonic band, a sophisticated auditory model is
MPEG1, layer Il audi(') standard at the same bit rate. Al- not necessary. Speech coders yield small reconstruction de-

gorithmic delay has been reduced to 17 ms - approximatelylays’ typically 10-20 ms. Hoyvever, they are less adapted to
1/3 the delay of the MPEG coder. high bit rates ; the computational complexity becomes a se-

rious problem over 20 kbps. The second category of coders,
music coders, uses a time-frequency decomposition to ex-
ploit an elaborate psychoacoustic model. Bits are allocated
per transform component in order to mask the reconstruc-
tion noise. A time-frequency decomposition (using a filter
bank or a transform) is first applied to the signal samples
and then transform components are encoded and transmit-
ted. The main constraint of such coders is that they need a
high frequency resolution to make the auditory model effi-
'cient. However, this requires long analysis windows which
results in high reconstruction delays.

The coding scheme representedin Fig. 1, realizes a com-
promise between the two preceding categories. It has been

1. INTRODUCTION

The work presented in this paper is realized in the frame-
work of studies aiming to develop new services for group
communication (audio-video teleconferencing, telephony on
loud-speaker, etc.). The existing ITU-T standard G722 of-
fers 7 kHz bandwidth and acceptable quality at 64 kbps. In
order to meet the growing bandwidth and quality demands
the ITU-T is currently standardizing 7 kHz speech coding
at 16, 24 and 32 kbps. However the high quality telecon-
ferencing requires wider bandwidth (up to 16 kHz), good
quality for speech and music at maximum 64 kbps and re-
duced delay.

A wideband audio coder (sampling frequency Fs = 32 o . . o —— S
kHz), susceptible to transmit music signals as well as speech *”” m (k)pﬂ “
signals at bit rate 64 kbps or lower per monophonic channel
has been developed. The 64 kbps coder only is described s |
here. The originality of this work comes from the priority
given to minimizing the delay while achieving near trans- o . ) .
parent quality equivalent to that provided by the MPEG-1, Figure 1. Principle of a “mixed” coding scheme realiz-
layer Il audio standard at the same bit rate. Indeed, while the!"d & COMpromise between “CELP coders” and “frequency
delay constraint is weaker for diffusion type applications, it 0ders”.
is stronger for applications dealing with group communica-
tion. Therefore, the maximal admissible algorithmic delay

gzlsabzﬁgvcggc:)tOMZSErgl(j&grgg nm daatf(lj))/ 3 times lower the example the TCX [2] and TPC [3] coders. In this scheme,
Y y ' the time varying analysis filté’ (z), based on the whiten-

According to the nature of the processed signal, aUdIOing filter, is used as in CELP coders to transform the signal

coders can be classified into two main categories : speecqo the so-called perceptual space. However, the quantiza-

This work was supported by France Telecom - CNET tion of the perceptual signal is realized, as in music coders,

subject to several studies for telephonic band, for example
the OTC coder introduced in [1], and for 7 kHz band, for




using a time-frequency decomposition. This quantization is istics of the time-frequency decomposition. To code speech
done under the control of a bit allocation procedure in or- signal, a pitch predictor is very helpful, especially in tele-
der to make the noise spectrum flat. The proper spectralphonic band. However, it requires short analysis windows
shape of the reconstruction noise is obtained by the syn-and this highly constrains on frequency resolution of the
thesis filter1/W (z). For TCX coder as well as for TPC time-frequency decomposition. When it comes to music
coder, the first time-frequency decomposition used was thesignals, the pitch predictor is less successful. This is be-
Discrete Fourier Transform (DFT) without overlap. Other cause music signals are not exactly harmonic. Therefore, in
transforms have been investigated in [4] and [5]. the music version of TCX, the pitch predictor is not used.

In [2] the transform coded excitation (TCX) scheme, For wideband (15 kHz) audio signals, the problem must
shown in Fig. 1, has been used for coding of music signalsbe seen in a different way. The harmonicity of speech sig-
in 7 kHz band at 24 kbps. In this paper we describe a seriesnals that we exploit using a long term prediction, occurs
of modifications, necessary to adopt this scheme for cod-at maximum up to a frequency of 2 kHz. Moreover, the
ing of speech and music signals in 15 kHz band at 64 kbps.demand of compressed audio quality is more important for
Preliminary subjective tests show that the requested qualitymusic signals. Thus we have eliminated the long term pre-
constraint is satisfied while maintaining a low algorithmic dictor in order to obtain a high frequency resolution in the

delay (17 ms). time-frequency decomposition. An overlap between the anal-
ysis windows is introduced because it does not not only
2. DESCRIPTION OF THE CODER improve the spectral characteristics of the transform, but

also attenuates some auditive parasite phenomena caused
The four steps of coding are described successively : theby block effects. This overlap must remain small in order
construction of the perceptual signal, the time-frequencyto prevent increase of the algorithmic delay. On the other
decomposition, the amplitude and phase spectrum quantihand, if the transformation is not computed with maximal

zation. decimation, the overlap should not be penalized in terms of
bit rate.
2.1. Construction of the perceptual signal ~ We have decided to introduce a weighting wmdp@n),.
_ with (small) overlap, followed by a DFT. The weighting
Generally a perceptual filter of the form window must guarantee the cancellation of overlapped fac-
A(z/7) tors : without any quantization the reconstruction of original
W(z)=(1—-pz ") —-L—= signal must be perfect (or almost perfect). The chosen win-
Alz/) dow is

is used.A(z) is the whitening filter obtained by a standard h(n) = sin((0.5+n)r/27)if0<n <7 -1,

LPC analysis. A “split VQ" quantization of LSP coeffi- h(n) =1ifr<n< N -7-1and

cients is applied. A linear interpolation between LSP co- h(n) = cos((0.5+n—N+7)r/21)if N—7 <n < N-1.

efficients of adjacent analysis windows is realized in order We chooser = 32 so with N = 512 we have an algorith-

to calculate the perceptual signgh) in the whole analysis ~ mic delay of (16 + 1) ms and a “rate cost” of 6%. Fig. 2

window. shows the frequency representation of the proposed window
For our wideband audio coder, we have kept frames of in comparison with the Hann window and the rectangular

the same length as for the 7 kHz band TCX coder (16 ms).window of the same dimension. The output of this trans-

Hence,N = 512 samples per frame. The main modifica- form is a complex vectofI'(0) - - - T'(Np — 1)] of dimen-

tions concern the order of the filter and the quantization of sion Np = 544 that we will call spectrum. The magnitude

the coefficients. We have chosen a high filter orter 50 of this vector may be interpreted as the square root of the

instead ofP = 16. Indeed, evaluation of the prediction periodogram.

gain shows that this gain grows significantly with P, for au-

dio and speech signals at a sampling rate of 32 kHz, and2 3. Amplitude spectrum quantization

saturates af” = 50. On the other hand, the suppression of o ) .

the pitch predictor requires the increase of the order as inAmong the originalities of the TCX coder [2], it realizes a

the LD-CELP coder. The total of coefficients are coded by first order prediction on the amplitude spectrum. The op-

using 90 bits (9% of the bit rate). A linear interpolation is timal prediction coefficient is calculated using the ampli-
realized on LSP coefficients every 2 ms. tude spectrum in the actual window and the quantized one

in the last window. After quantization of this coefficient, the
vector of residual amplitude is divided infd sub-vectors

of the same dimension. For each of these sub-vectors, a
The properties of signals to be coded (speech and musickimple gain-shape vector quantization is performed. Then
have an important consequence on choosing the charactethe quantized amplitude spectrum is calculated. This quan-

2.2. Time-frequency decomposition



A “mean-removed gain-shape split VQ” is then used to
| quantize the residual amplitude spectrum. Mean levels are
| calculated and quantized for each sub-vector before real-
\ ] izing a gain-shape quantization. This is justified first by
w Wh the fact that, for some sub-vectors, the knowledge of the

‘ W”T(WWWWWWWW quantized mean levels to which we add the predicted infor-
mation are sufficient to have a good reconstruction of the
amplitude. Another justification comes from this observa-
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00l ] tion : when the prediction of the amplitude spectrum is less
MM efficient (in case of transitions), the components of the sub-
-0 M L “'ﬁs vectors have positive values and should be centred before

quantization. We begin by determining th& mean values.
Figure 2: Frequency representation of the rectangular win-We determine the most powerful mean and quantify it on 8
dow, the proposed window and the Hann window of the bits according to a logarithmic law. Each average is then
same dimension (from up to down). divided by the quantized maximal value and coded with 5
bits according to an uniform law.

As we don't try to do a gain-shape vector quantization
tized information is used to normalize all transform compo- for every sub-vector, we consider the problem of selection
nents. In this manner, the quantization errors due to ampli-of the M’ < M sub-vectors. Thes&!’ sub-vectors do not
tude quantization block may be compensated for in phasehave to be inevitably th&/’ first sub-vectors, they are rather
spectrum quantization block. the M’ vectors of maximum magnitude. Several strategies

Several modifications have been made in the procedureusing an available information at the decoder that avoid a
of amplitude spectrum guantization to adapt it to the 15 kHz side information to be transmitted, have been tested. This
band audio signals. selection can be based on a deduced information from co-

The amplitude vector is divided inth/ sub-vectors of  €fficients of W (z). It can also be based on the amplitude
unequal dimension, in order to increase the quantizer per-Spectrum approximation, obtained by a sum of predicted
formance in low frequencies. Two strategies were tested :amplitude spectrum and quantized M mean values of resid-
the first one consists in splitting the spectrum according to ual amplitude spectrum.
the Bark scale. The second one consists in constructing sub-  The principle of the quantization of the amplitude spec-
vectors in such a way that the mean number of bits allo- trum is illustrated in Fig. 4. We choosé’ = 5 sub-vectors
cated per sub-vector is the same for all sub-vectors. TheamongM = 13. For each of the selected vectors we at-
frequency partitioning is calculated as follows : for each tribute 11 bits : 7 for the shape and 4 for the gain. The whole
analysis window ofVp = 544 samples, a standard bit allo- amplitude spectrum quantization requires 143 bits (14% of
cation is calculated using a non quantized amplitude spec-bit rate).
trum. A mean allocation of bits is then used to calculate
dimensions of M sub-vectors. In Fig.3, the mean allocation
of bits andM = 13 subbands are shown.
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A 2.4. Phase spectrum quantization

If the amplitude quantization was perfe€tk) divided by
Figure 3: Mean allocation of bits per transform components |7'(k)| would represent the argument of a unit complex num-
(simulations were done on 40 s of different speech and mu-per and a simple uniform scalar quantization would be suffi-
sic files). cient. However, because of a small number of bits attributed



to amplitude quantization, it is necessary to compensate forl /W (z)). So the remaining bits after quantization of the
the amplitude quantization errors at the phase quantizationLPC predictor parameters and amplitude spectrum, have to
stage. The solution adopted in the 7 kHz band TCX coder be allocated according to the distribution of the power spec-
has been to construct all codebooks using training sets, eaclrum of the target signal - so as to flatten the power spec-
codebook being composed 12y vectors of dimension 2  trum of the quantization error. However the psychoacous-
with b varying from 2 to 8. tical model offered by the synthesis filter is too much sim-
For our wideband audio coder, all codebooks are also plified and necessary corrections have to be made at the bit
constructed by training. Our investigation has shown, that allocation stage. First of all, according to the MPEG psy-
different codebooks are required for each of the frequencychoacoustical model, the high frequency quantization noise
subbands. In order to obtain training sets, we have selec-s better masked than the low frequency noise. To take this
tioned valuesr'(k)/|T'(k)| for which the number of allo-  into consideration, we privilege low frequencies in our bit
cated bits was greater than zero and gathered them accordallocation algorithm.
ing to the partitioning of the frequency axis defined in the
last section. A visualization in the complex plane (not re-
produced here) shows that the phase components have an
uniform distribution between 0 andr2 On the other hand,  The transform coded excitation approach has been used,
the distribution of the magnitude components varies with with a series of necessary modifications, to obtain a wide-
frequency. Fig. 5 shows an estimation of the probability band 64 kbps low-delay audio coder. These modifications
density function of the magnitude components. The solid concern the application of an extended weighting window,
lines are relative to 2 first sub-bands, dashed lines to 2 fol-3 mean removed shape gain split VQ for quantization of the
lowing and dotted lines to 9 last. Fig. 6 shows two code- amplitude spectrum and multiple codebooks for quantiza-
tion of the phase spectrum. According to the informal lis-
tening tests our coder offers the auditive quality for speech
and music, equivalent to that provided by the MPEG-1, layer
Il audio standard at the same bit rate, but with a delay of 17
ms, which is almost three times lower.

3. CONCLUSION
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Figure 5: Estimation of the probability density function of
magnitude components.

books with 256 reproduction values when the number of
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Figure 6: Codebooks used to quantize phase spectrum com-

ponents whem = 8 for “low frequencies” (at left) and for
“high frequencies” (at right).

We have investigated the bit allocation block in some
detail. A priori, the bit allocation has not for objective in
this type of coder to give a spectral shape for the recon-
structed noise (this is accomplished by the synthesis filter
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