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ABSTRACT

This paper describes a wideband (7kHz) speech coding
scheme using code-excited linear prediction (CELP) with
mixed time and frequency domain excitation. The proposed
frequency domain innovation can be used alternatively or
in parallel to a time domain codebook. In addition an im-
proved synthesis filter is used consisting of a signal depen-
dent combination of a forward adaptive and a backward
adaptive (FA/BA) structure. An experimental codec oper-
ating at 15.5 or 20.0 kbit/s is demonstrated.

1. INTRODUCTION

In wideband (7 kHz) speech coding linear predictive analysis
by synthesis (AbS) techniques including long term predic-
tion (LTP) are widely used at bit rates of 1-1.5 bits per
sample (16-24 kbit/s). In [1, 2] we have combined subband
(SB) coding and CELP techniques and achieved high speech
quality at 16 kbit/s and below.

However, as non-speech signals such as music are attaining
an increasing attention, further improvements are neces-
sary. In [3] most of the ITU-T Q.20/16 requirements for
speech and music at 16 and 24 kbit/s could be fulfilled by a
scheme called ATCELP which switches between SB-CELP
and adaptive transform coding (ATC), depending on the
characteristics of the input signal.

Two other key strategies for improving the coding perfor-
mance are

e to consider a frequency domain excitation technique
such as TCX (transform coded ezcitation) [4], TPC
(transform predictive coding) [5], or [6];

o to increase the spectral resolution of the synthesis fil-
ter by switched or combined forward/backward adap-
tive linear prediction (FA/BA-LP) (7, 8, 9].

In this paper, we propose a novel TCX approach in sec-
tion 2. In section 3, we extend the combined FA/BA-LP
coding approach of [9]: the usage of the BA-LP filter now
depends on the instantaneous input signal characteristics
and the expected codec performance. An experimental AbS
codec scheme combining these elements is described in sec-
tion 4, operating at bit rates of 15.5 and 20 kbit/s.
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2. FREQUENCY DOMAIN EXCITATION
CODEBOOKS

In this proposed TCX codec, the input signal s is subject to
a conventional LP analysis. The inverse LP filter, described
by the transfer function A(z), is used to obtain the residual
vector d; of length N from the input signal vector s; in
subframe i. Furthermore, a closed-loop LTP analysis yields
the optimum adaptive codebook (ACB) vector c,,;.

The remaining encoder operation depicted in Fig. 1 con-
sists of the AbS coding of the innovation, i.e. the difference
di—c,,;. In a conventional time domain CELP, synthesis fil-
tering and perceptual spectral weighting of d; —c. i, taking
the ringing of the previous block into consideration, would
result in a target vector for the subsequent fixed codebook
(FCB) search.
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Fig. 1: Proposed TCX scheme: a)encoder, b) decoder.

Here, all filtering for the target computation is approxi-
mated in the frequency domain by a diagonal matrix F.,
containing the sampled magnitude response of the weighted
synthesis filter. Prior to the unitary frequency domain block
transform of length NV (given by the matrix T*), the ringing
of the synthesis filter, transferred into the residual domain
by inverse LP filtering with zero states, is added to d; —c, ;.
In the frequency domain, the quantization of the target vec-
tor Z; follows an AbS criterion for the innovation vector C;:

N-1
P.=||Fw(Zi-C)|* = 3 | Z:(p) - Fu(w)Cilw) |
#=0

1)

Due to the diagonal structure of Fw, this minimization can
be replaced by a direct quantization of Z}(u) = Z;(u)/Fuw (1)
by Ci(u), provided that an adaptive bit allocation, con-
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trolled by the speech segment’s weighted psd estimated by
F2(u) for p =0...N —1, is applied.

It is important to note that, apart from approximating the
filter operations in the frequency domain, the structure can
still be seen as an AbS scheme: depending on the choice
of weighting, the adaptive bit allocation allows for either a
white or spectrally shaped reconstruction error, while the
ringing of the synthesis filter is still included into the op-
timization. As the main difference to the TCX structure
proposed in [4], the block transform is directly applied in
the residual domain here. Since there is no filtering while
computing the target, the final codevector C; ist directly
transformed into the time domain innovation c¢;, appropri-
ate for synthesis filtering and updating the ACB. There-
fore, inverse weighting operations as in [4] are not necessary.
Consequently, with regard to eq. (1) and Fig. 1, the effect
of the weighting by F., and the inverse weighting in the de-
coder, which is marked in dotted boxes in Fig. 1, only refers
to a proper frequency dependent gain scaling with respect
to the quantizer realization and may be dropped, as the
shape of the error spectrum is controlled by the adaptive
bit allocation.

Simple frequency domain codebooks

We chose a scalar approach for quantizing the transform
coefficients. However, to better cope with the dynamics of
the input signal, a shape-gain decomposition is used:

2 = Zi(p) ?
P.= F? I’——a —min. (2
Due to the common gain g, the coefficients cannot be con-
sidered independently. To circumvent this problem, the
(scalar) quantization of the shape components C;(u) is re-
peated for all or for a preselected set of the (e.g.) 16 quan-
tized gain values g, finally selecting the best combination.
To increase the efficiency at low transmission rates, only
fractions of bits are assigned to the coefficients, namely a
discrete number of quantizer levels u(u). A correspond-
ing allocation algorithm can be deduced from Noll’s gen-
eral procedure [10], regarding constraints as a maximum
number of levels or an integer overall bit rate for all coeffi-
cients. From the level allocation u(u) and the single index
values I, € {0,... ,u(u) — 1} resulting from the quantiza-
tion process, an overall channel index is encoded. For the
coefficients with u(u)=1, a noise filling procedure is applied
to suppress the effect of musical tones.

During several experiments we used nonuniform scalar quan-
tizers with at most 20 levels and either a DCT or DFT of
length N=64. We compared the results of our TCX pro-
posal to a structure similar to [4] and found that both struc-
tures perform very similarly. During informal listening, our
structure was sometimes evaluated less noisy. The DCT
was preferred. In comparison to a time-domain algebraic
CELP (ACELP) codebook of the same rate (36 bits for 64
shape samples), the frequency domain version was slightly
preferred. Therefore, we consider the use of frequency do-
main codebooks within a CELP codec as an alternative of
the usual time domain algebraic codebooks. Apart from the
low complexity due to the direct quantization of the trans-
form coefficients, more flexibility can be introduced into the
codec design: the explicit allocation of transmission rate to
the coefficients allows for more sophisticated quantization
and psychoacoustic masking techniques known from audio

coding. Finally, time and frequency domain codebooks may
be combined, as shown in section 4.

3. COMBINED, SIGNAL DEPENDANT FA/BA
LINEAR PREDICTION

In a conventional CELP codec, the model order N, of the
forward adaptive LP synthesis filter (FA-LP) is normally
chosen with respect to speech signals. For other signals
such as music, the spectral resolution with N,=16 ... 18
often is not sufficient. To increase N, backward adaptive
LP analysis (BA-LP) is necessary. In [7] and in earlier ver-
sions of [3], a CELP approach with switched FA/BA-LP is
used. There, the BA mode is active mainly for music, based
on a sophisticated classifier. In this mode no FA-LP param-
eters are transmitted. Thus the innovation coding (FCB)
can profit from a higher bit rate. An alternative solution,
without any change in the excitation bit rate, is to cascade
FA- and BA-LP filters. Asshown in Fig. 2, the BA-LP filter
is situated in the residual domain of the FA-LP filter. In our
study, we use the same adaptation technique based on the
reconstructed signal as in [8, 9], using two stage computa-
tion and recursive windowing. During the experiments we
found, however, that the performance for music improved
by using this permanent cascade, especially at high over-
all transmission rates, whereas the quality of speech signals
was degraded significantly.

Two reasons may affect such a high resolution LP modelling
for the current frame: at first, for instationary signals, the
analysis is carried out using the past output signal samples
and thus may not reflect the current spectral character-
istics. Second, the analysis is corrupted by quantization
noise. In order to separate these influences, an experiment
was performed where the BA analysis applied to the past
input signal. The performance for music increased again
significantly, but the degradation for speech remained.
Therefore, we concluded that the operation of the BA-LP
filter should be made adaptive, i.e. it should be active only
when yielding an improvement. For the classification, we
found a straightforward but efficient measure: the predic-
tion gains of both the FA-LP filter (G,,s) and the FA/BA-
LP cascade (Gp,s») are computed, and the BA-LP filter is
used only if G, 5o > Gp,s. It should be noted that this
apparently simple classifier is not an open-loop criterion.
Although Gy 53 is obtained by filtering the input signal, it
is sensitive to corruptions by excessive quantization noise
as well as by signal instationarities because the filter pa-
rameters are computed from the past output signal. Fur-
thermore, the classifier does not depend on any absolute
threshold selections.

Since the switching of the BA-LP filter occurs in the resid-
ual domain, it does not produce any significant noise, if the
filter states are handled properly. The activity of the BA-
LP filter is indicated by one bit per frame. A codec based
on this LP method is very robust with regard to switched
FA/BA-LP schemes such as [7}, because the overall spectral
shape is driven by the FA-LP filter and the BA-LP filter is
not always active.

4. EXPERIMENTAL CODING SCHEME

The two techniques described above, i.e. frequency domain
excitation and FA/BA-LP filtering, have been examined
within a wideband CELP coding structure according to
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Fig. 2: Proposed wideband CELP encoder.

Fig. 2. The FA-LP parameters (model order 16) are quan-
tized in the line spectral frequency (LSF') domain using pre-
dictive multistage split VQ with 43 bits per frame (20 ms).
In each of the 5 subframes, the ACB parameters are found
by a two-stage open-/closed loop pitch analysis, where the
lags are encoded either absolutely by 8 or-differentially by
6 bits. All ACB and FCB gains are quantized with 4 or 5
bits each; recursive prediction is used within the FCB gain
quantizer. In case of a time domain excitation, an ACELP
codebook with interleaved pulses and an efficient depth-first
tree search is selected that uses 36 or 54 bits for a block of
64 samples. Alternatively, a DCT based frequency domain
codebook of the same overall bit rate can be selected for
each block. The FCB mode has to be indicated by one ad-
ditional bit per subframe. The resulting bit allocation for
the operation at 15.5 or 20 kbit/s is given in table 1.

5. RESULTS AND CONCLUSION

We varied the basic coding scheme to evaluate the new mod-
ules and compared the performance by informal listening.
Enforcing either the ACELP or TCX mode, the quality was
rated comparable. Allowing the encoder to select between
the ACELP and the TCX codebook in terms of the maxi-
mum SNR, the TCX codebook is chosen in more than 50 %
of the blocks. The quality gain when using such a switched
excitation is significant, which is not only caused by the
increase of the excitation bit rate by one bit per subframe.
This was also expressed in terms of a significantly increased
global SNR. Therefore and with respect to the yet simple

15.5kbit/s | 20.0 kbit/s
LPC/LSF 13 13
BA-LPC mode 1 1
ACB lag 8+6+8+6+8 | 8+6+8+6+8
ACB gain 5x4 5x4
FCB mode 5 5
FCB gain 5x5 5%5
FCB shape 5x36 5x54
Total # bits/frame 310 400

Table 1: Bit allocation at 15.5 and 20.0 kbit/s

scalar quantizer realization, we consider this FCB type as
very promising. These tendencies are similar for speech and
music signals. Further improvements for music can be ob-
tained by a signal dependent adjustment of the subframe
(transform) length.

For the BA-LP filter, we used a model order of 44. It is
activated in about 10 ... 15 % of the frames for speech and
in 50 ... 80 % for music, depending on the overall bit rate.
For speech, it seems to support the FA-LP filter in voiced
segments and allows to limit the FA-LP model order. Es-
pecially at the higher bit rate, the BA-LP filter gives more
transparency for music signals. It should be emphasized
that since all LP filter and excitation switching occurs in
the residual domain, it can be performed without introduc-
ing additional degradation due to the switching itself.
Therefore, we conclude that the described techniques are
appropriate to improve the performance of wideband CELP
codecs. Obviously, the combination of time and frequency
domain excitation and an additional BA-LP filter produce
synergy effects towards a better coding performance.
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