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cessing 1998, pp. 2475-2478. be between 50 and 100 sets/s. However, at such transmission rates the
bit rate spent with the coding of thetseinformation may be prohibi-
tively high for low bit rate speech coding applications. For this reason,
the transmission ratg; is usually fixed to a value in the range 30-50
sets/s. A typical LPstsecoding scheme transmits the LSF parameters
at these low rates and vector quantizes each LSF set individually. We
Differential Coding of Speech LSF Parameters Using  will refer to this LPstsecoding strategy as theference scheme

Fig. 1. Quantization and coding performance measures.

Hybrid Vector Quantization and Bidirectional Prediction An unavoidable consequence of the use of a low transmission rate
_ _ _ _ is the degradation of the encoded kRebecause important temporal
Lucio Martins da Silva and Abraham Alcaim changes of the speech spectral envelope may not be tracked satisfac-

torily. In this work, we present an alternative strategy for coding the
Abstract—This correspondence presents a new strategy to encode the LP LP-stsethat intends to better.traCk these_ changes of speech spectrum.

short-time spectral envelope §tsg of speech. A better reconstruction of the We propose. to use a transmission '@d’"ghef tharj the ones usually
stseis achieved by modifying the usual trade-off between the transmission employed (i.e., 30-50 sets/s). The idea is to achieve a better trade-off
rate of LP parameters and the performance of the quantization algorithm.  between the tracking of temporal changes of spetstand the quan-
g\uilrflft?gzggﬁligoudslgg t%acs:ggqggnglgtl;etﬁ:eoﬁlrggiil?;I?Paﬁgr?qiz)s/itg;dr;tee(:t%rim tization accuracy of transmitted LP parameters. To compensate for the
ulation results show the effectiveness of this coding strategy. increase In transm|s§|qn raFe, we em_plqy a differential vector. COd'r_'g

scheme that uses a bidirectional prediction procedure to exploit the in-
terframe correlation of the transmitted LSF parameters. It should be
remarked that because the transmission rate is higher, this correlation
will be also higher.
|. INTRODUCTION In Section Il of this correspondence we discuss the difference be-
. . - K tween LSF quantizer performance atslecoder performance. The dif-
A particular element responsible for the efficiency of arpre Erential coding scheme for the LSF's is described in Section Ill. Per-

Index Terms—Low bit rate speech coding, linear predictive coding (LPC)
quantization, spectral quantization.

dictive CodingLPC) model in compressing the information content o . . : .
: : o . e ormance analysis of the proposed LSF coding strategy is presented in
speech is the short-term linear prediction (LP) filter. This filter mode . . . .
ection 1V, followed by the conclusions in Section V.

the short-time spectral envelomgg of speech. For this reason, its pa-
rameters—the LP coefficien{s:; }—are adapted on the basis of short
segments of speech. At the encoder, these parameters are extracted  |l: QUANTIZATION VERSUS CODING PERFORMANCE

from the speech signal using an LP analysis (typically of tenth-order).The performance of schemes for quantization of LP parameters is
They are then quantized and transmitted to the receiver. Usually, U’gﬂauy evaluated by the spectral distorti&Dyf, which is defined as
transmission is done at a low rate (LP-sets/s) and the adaptation ofthe distortion (in dB) between the LP power spectra resulting from the
the LP filter is done at arate; greater thatf; . Acommon practice isto original and quantized LP parameter vectors. The LP quantization per-
obtain this rate increase by means of a linear interpolation of the trafgmmance is often given by the average va(yd),, obtained as de-
mitted sets of LP parameters. The line spectral frequencies (LSF)—@Bted in Fig. 1, and the number of outliers. The LP vectors are com-
equivalent representation ¢t }, more suitable for quantization andpyted from the speech signal at the r&teand quantized,5D), is the
interpolation—are used in this work. average of th&Ds determined for all these LP vectors. Outliers are the
sets of LP parameters which are coded witts&much larger than the
Manuscript received June 11, 1998; revised August 17, 1999. The assocfa{&agde.
editor coordinating the review of this manuscript and approving it for publica- Note that(.5D), does not evaluate the entire IsBsecoding perfor-
tion was Dr. Peter Kroon. mance, but only the quantization part of the coding strategy. The quality
5 L. ’\I/' SFizli\:)a dlz gvaitr?eti?c? ggﬁ’ggrgggtB?;ZEi'le(‘:rxiZi'l_ﬁﬂg;gg;:‘egvu;’gi‘éf)rsny ofof the coded LPstsecan be more appropriately evaluated by the mea-
r'asl IAaI’(:aim is with éETUC-PUC/Rio, Rio de. Janeiro, B'razill (e'-maiI:SL“'rewD>C |nd|cat¢d in Fig. 1. F_or compuj[ln@S’D)c, the sets of LPC
alcaim@cetuc.puc-rio.br). parameters resulting from the interpolation process are compared to
Publisher Item Identifier S 1063-6676(00)01716-8. the ones obtained from the original speech signal at theFat&he
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fi fi TABLE |
VQu SPECTRAL DISTORTION PERFORMANCE OF
1 ONE-WAY VERSUS BIDIRECTIONAL PREDICTION OFLSFs
Delay
. 5 (SD)(dB) 2-4dB (%) >4 dB (%)
N fi2 fi
(fr-1, %) One-Way Prediction 4.31 46.2 47.8
¢ S Bidirectional Prediction  2.33 47.7 7.9
Pair of 5 (fo—2 +fi)
Consecutive
LSF Vectors
fi1 ;Y ern fi1 TABLE I
+ VQa CONFIGURATIONS OF THEPROPOSED(PX-SY AND REFERENCE
L/
(Rx-SYy SCHEMES
Fig. 2. Block diagram of the proposed LSF coding scheme. Codec T; B B, B Bit Rate

(ms) (

P25-830/5 15
P30-S30/5 15

) (bit) (bit) (bit)  (bit/s)

25 18 7 833.3
30 20 10 1000

o

coa|oaanl| BN

measurd SD). is particularly useful to compare schemes operating ai_£25-520/5 10 25 20 5 1250
different transmission rates and/or employing different coding strate R25-S30/5 30 25 833.3
gies. For this reason, in this paper we adopted this measure to ass¢ £30-550/5 30 30 1000
the performance of the various L9secoding schemes. R25-520/5 20 25 1250
Ill. DIFFERENTIAL VECTOR CODING WITH BIDIRECTIONAL TABLE Il
PREDICTION PERFORMANCE RESULTS

In our coding scheme we propose to increase the transmission rate Bit Rate Outliers (in %)
of the LSF vectors. Consequently, the intervector LSF correlation will Codec (bit/s)  (SD). (dB) 2-4dB >4 dB
also increase. To exploit this high intervector correlation we employ a  p2s.530/5 833.3 1.92 33.6 3.7
differential LSF coding structure based on bidirectional prediction. The  P25-530/5 833.3 1.82 30.4 0.7
LSF parameters are paired and the sets of each pair are simultaneousl R30-S30/5 1000 1.85 31.7 3.6
encoded. A block diagram of the scheme is shown in Fig. 2. The vectors  P30-530/5 1000 1.65 21.4 0.5
fi.—1 andfy represent the sets of LSF parameters of a given _pair_, and R25-§20/5 1250 1.59 20.8 11
the vectorf;._ is the second LSF vector from the previous pair. First, P25-520/5 1250 1.54 15.1 0.3

fi. is vector quantized by Q; and coded withB; bits yielding the
quantized versioffi,. A prediction of the vectof;—; is then obtained
by means of a bidirectional linear prediction on the basif.of and

fi.. The resulting prediction error is given by The distortion measure adopted for both search and design of the
VQs was the weighted Euclidean distance with the weights described

1) in [4]. A tree search procedure was used to improve the performance
of the differential LSF coding scheme. For each of the four closest re-
production codevectors 6fQ, {f{,l), ¢ = 1,2,3,4} it is generated

This error is vector quantized BjQ, and coded witiB. bits yielding  the vectorf{", that best approximateg ;. Finally, the vector pair

the quantized versiod,—. . The quantized version df_ is given by  (#(9 $()y that produces the smallest accumulated distortion is se-

lected as the best approximation fdr_1, fx).

In order to select appropriate vector quantization structuregr
andVQ, we have used the results of a detailed analysis of sub-optimal
VQ techniques often employed to vector quantize the LSF parameters
Due to the interframe correlation properties of the LSBs,can be [5]: the multistage VQ (MSVQ) [6], the split VQ (SVQ) [7], the pre-
much smaller thatB; . dictive SVQ (PSVQ) [5], [8], and a hybrid VQ (HVQ) [1], [5]. The

Some LSF coding schemes proposed in the literature use a forwBdQ consists of a two stage VQ: the first stage quantizes the nonsplit
prediction to exploit the interframe correlation of the LSF parametets$SF vector and the second one employs the split scheme to quantize
[1]-[3]. However, this correlation can be more efficiently exploited byhe error vector that results from the first stage. This error vector will
the above described bidirectional prediction. This is corroborated bgually exhibit low intrablock correlation, so it can be efficiently quan-
the following experiment. From a speech database (84 s, nine mt#ed with a split VQ scheme. Simulation results reported in [5] have
and nine female speakers) we obtained a sequence of LSF vectors gleown that the PSVQ provides the best performance for applications
forming an LPC analysis every 15 ms. For each LSF vector of thisat call for low complexity. The MSVQ scheme is the best option only
sequence we computed two approximations: one by means of bidireden the application can support higher complexity and/or the ease of
tional prediction based on its neighbor LSF vectors, and the other thgsign is a relevant aspect. On the other hand, if a medium complexity
means of a first order prediction based on the previous LSF vectrallowed then the best performance is achieved by the HVQ scheme.
We measured the spectral distorti®@Dj of both approximations. The Assuming that the use of medium complexity structures are tolerated,
results shown in Table | in fact indicate that the performance of bidive chose the HVQ technique for the vector quantié€y, , which is
rectional prediction is much better than the one obtained with one-wpart of the encoding scheme shown in Fig. 2. On the other hand, as the
prediction. number of bits assigned Q) is small,VQ, was chosen to be either

1 - R
er_1="%_1— i(fk72 + fk)~

. 1. . R
f 1= §(fk72 +fi) +ér_1. (2)
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Fig. 3. Waveform of a speech sentence. Spectral distortion (SD) for the following LSF cB88rS30/5R30-S30/5andR25-S20/5

a one or two-stage nonsplit VQ (depending on the bit allocation con-VQ codebooks were trained with 456 seconds of speech uttered in
figuration). Portuguese by 19 male and 19 female speakers. Tests were conducted
over 45 seconds of speech (three male and three female) who did not
contribute to the training set. The speech was lowpass filtered at 3.4
IV. PERFORMANCE ANALYSIS OF THE PROPOSEDLSFE CODING kHz, sampled at 8 kHz and digitized with 12 bits/sample. The digital
ALGORITHM speech signal was filtered with a highpass filter, whose frequency re-
sponse is 3 dB down at 120 Hz and 40 dB down at 60 Hz. The 10-th
We have carried out a comparative performance analysis of the pooeer LPC analysis was performed using the autocorrelation method
posed LPstsecoding strategy with the reference one described in Sewith 24 ms hamming window. A binomial window with an effective
tion I. Characteristics of the several simulated configurations of the réfandwidth of 80 Hz was applied to the autocorrelation function in order
erence and proposed schemes are described in Table Il. In thisBableo slightly widen the bandwidths of the formants.
represents the total number of bits per frame spent witlstsBsoding. Table 11l shows the performance of the several simulated configu-
We have defined; = 1/F; andT; = 1/F;. The duration of frameis  rations of the reference and proposed schemes. Note that the perfor-
defined ag; in the reference scheme a2, in the proposed scheme. mance measure used in this tablef)). (and the associated out-
Px-SyandRx-Syidentify the proposed and reference schemes, respdiers), i.e., all LSF parameters resulting from the linear interpolation
tively, wherexz = B andy is the segmentation type (e.g., 30/5 standgrocess were considered (see Fig. 1) and not only the (quantized and)
for 30 ms frame and 5 ms sub-frames). The reference coding schema@smitted LSF parameters. From Table I, it is clear that the pro-
was simulated with two usual values for: 20 e 30 ms. For the pro- posed scheme affords significant improvements over the reference one.
posed scheme we chose the values 10 e 15 ms, i.e., half of the precebliogg especially the great reduction of outliers provided by the pro-
ones. In all simulations, the transmitted LSF vectors are interpolatedsed scheme at all considered bit rates. Fig. 3 shows the SD for one
producing a new LSF vector at ea¢h= 5 ms. speech sentence (waveform is shown at the top of the figure) processed
The reference coding scheme uses the HVQ structure for quantizingcodecsP30-S30/5R30-S30/% R25-S20/51t can be seen that the
the LSF’s. At the HVQ second stage, the error vector is split intoutliers mainly come from sound transitions (like stop-vowel, frica-
three subvectorsfeieseses)(eseser)(esesero). The bit allocation tive-vowel and voiced onsets). Especially during certain stop-vowel
employed in the coderR25-S20/5and R25-S30/5s 6 bits for the transitions like[te] and[t [ ¢], the proposed scheme significantly re-
1st stage and 107 + 6 + 6) bits for the 2nd stage; and in the coderduces the number of outliers. The scherR88-S30/5andR30-S30/5
R30-S30/58 bits for the first stage and 28 + 7 + 7) bits for the operate at 1 kbit/s, but the former performs much better, as it is shown
second stage. by the measures in Table Il and Fig. 3. On the other hand, the codec
Inthe proposed coding scheme (see Fig/Q), isan HVQ, inwhich R25-S20/®perates at 1.25 kbit/s, i.e., at a bit rate 25% higher than that
the second stage the error vector is split into two subvectors of fieé P30-S30/5However, both coders can be considered comparable in
elements each. The code25-S20/51sed the following bit allocation: performanceP30-S30/5rovides a smaller number of outliers larger
20 bits forVQ, (6 bits for the first stage and + 7 bits for the 2nd than 4 dB, due to the higher LSF transmission rate, whé®@asS20/5
stage) and 5 bits fov (), (one codebook)}?25-S30/518 bits forV(Q;  provides a slightly smaller avera@D (i.e., {5D).) because it quan-
(6 bits for the 1st stage arl+ 6 bits for the 2nd stage) and 7 bitstizes more finely the transmitted LSF sets.
for VQ, (one codebook); anB30-S30/5 20 bits forVQ, (6 bits for Note that the difference between t8® performance oP30-S30/5
the 1st stage ant+ 7 bits for the 2nd stage) and 10 bits o), (a andP25-S30/5s higher than that fodR30-S30/andR25-S30/5This is
two-stage VQ of5 + 5 hits). due the fact that if?25-S30/3he quantization of the transmitted LSF's
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is relatively poor. Two LSF vectors are transmitted per frame using only [8] R. Hagen and P. Hedelin, “Spectral coding by LSP frequencies—Scalar
25 bits/frame. Hence, iR30-S30/5the five additional bits per frame and segmented VQ-method$toc. Inst. Elect. Eng.,Ivol. 139, pp.
are sufficient to yield a significant improvement. 118-122, 1992.

In order to evaluate if the improvement in the SD is perceptually
meaningful we employed a CELP speech coder incorporating each of
the simulated LSF coding algorithms. The CELP coder operates on
subframes of 5 ms. For each subframe the excitation is represented
by an adaptive-codebook and a fixed-codebook contribution. The fixed _ . S .
codebook is Gaussian with 256 entries. Informal listening tests indicate‘]Olnt Least Squares Optimization f(_)r Robust Acoustic
that at 833 bit/s the schemB25-S30/5and P25-S30/5rovide com- Crosstalk Cancellation
parable speech quality. However, at 1 kbi?80-S30/5vas found to
provide better speech quality thR30-S30/5Moreover, the quality of
P30-S30/5vas found to be similar to that &825-S20/%t 1.25 kbit/s.
We therefore conclude that the proposed scheme is an efficiestdeP-  apstract—The objective of acoustic crosstalk cancellation is to use loud-
coding strategy. speakers to deliver prescribed binaural signals (that reproduce a particular

Finally, two important characteristics of the proposed scheme sho@lHitory scene) to a listener's ears. Such systems are very sensitive to the
be mentioned: 1) the effect of a transmission bit error is constrained?@pition of the listener's head. Inthis paper we perform a joint least squares

. . ptimization of both the filter coefficients and the modeling delay in order

a maximum of three LSF vectors and 2) the undesirable effects Ofoaobtain a robust solution. Simulation results demonstrate the effective-
possible quantizer overload due to a high prediction error in transiti@Bss of the proposed technique.
regions do not propagate.

Darren B. Ward

Index Terms—Acoustic signal processing, audio systems, crosstalk can-
cellation, loudspeakers.

V. CONCLUSION

We have introduced a new strategy to encode the LP short-time I INTRODUCTION

spectral envelope of speech signals. In order to better track importanfcoustic crosstalk cancellation is a signal processing technique in
spectral changes of transient sounds, the proposed scheme doubldsh two (or more) loudspeakers are used to deliver binaural signals
the rate at which the LP parameters are (quantized and) transmitteda listener. For spatialized audio applications these binaural signals
The scheme employs hybrid VQ and bidirectional prediction of LS&e used to create virtual acoustic images. The simplest way to deliver
parameters. The latter benefits from the higher correlation resultititgese binaural signals is through headphones. However, if loudspeakers
from the higher transmission rate (oversampling of LSF sets). are used the “crosstalk” signal that arrives at each ear from the oppo-
The proposed technique was compared to the usual scheme #ita side loudspeaker must be cancelled. For two loudspeakers, this is
vector quantizes one set of LSF parameters per speech frame. @abeomplished using the system shown in Fig. 1 [1].
comparison was carried out using the spectral distortion (SD) measurd is well known that one of the main problems with this system is
and informal listening tests based on a CELP coder. The propogbdt it is sensitive to the position of the listener's head. Specifically,
scheme provides a significant performance improvement in terregen if the filters are designed to give perfect reproduction with the
of SD. In particular, the percentage of outliers with high spectréistener's head in one position, the reproduction is distorted when the
distortion is greatly reduced. On the other hand, informal listenirtgead moves. To overcome this problem, it has been proposed to track
tests show that the proposed scheme can provide a reduction of altbetistener's head and thereby constantly update the filters to maintain
20% in the bit rate while the speech quality is maintained. good reproduction [2]. Even with such head tracking, it will still be
necessary to provide some inherent robustness in the system.
It was recently shown that the loudspeaker positions have a signif-
REFERENCES icant effect on robustness [3]-[5]. Previous studies have shown that
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