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Abstract

This paper presents a 2.5ms low-delay CELP coder at
8kbps with low complexity. Two major contributions
were made in order to achieve this goal. The first
contribution is based on using hybrid input/output block
adaptive linear prediction scheme for shori-term
wnalysis. In this scheme, LSP coefficients are used as
parameters for spectral adaptation and they are
partitioned into two segments; LSPs corresponding to
low frequency regions are backward adapted from the
reproduction speech while LSPs in high frequency
regions are adapted from input speech and quantized as
side information to decoder. The rationale behind this
scheme is to compensate the spectrum distortion
introduced by conventional backward adaptation
scheme. The second coniribution is a fast method for
stochastic codebook search. This method relies on
using a  vector-sum  codebook  where  the
crosscorrelation of any pair of basis vectors is odd-
symmetric. ~ As a vresult of this odd-symmetric
crosscorrelation (OSC) property the energy term of the
cost function for codebook search is a constant with
respect to the search and the optimum codeword can be
easily determined by using a sign detection procedure
with a complexity almost independent of the codebook
size.

Introduction

Many low-bit-rate coders analyze speech signal in a
block processing approach which results in long coding
delay. Long coding delay would degrade interactive
conversation, especially in satellite communication
systems which already incurred long transmission delay.
In May 1992, CCITT has approved a 16kbps Low Delay
Code-Excited Linear Predictive (LD-CELP) coding
algorithm (G.728) with one way delay less than 2ms[1].
Further research on reducing the bit rate to 8kbps had
met difficulties because the quantization noise in the
synthetic speech will severely affect the backward
adaptation process of low delay coding, and the
performance of the adaptive synthesis filter will
deteriorate significantly[2]. Also the complexity of this
LD-CELP coder 1is very high for low-cost
implementation. In this paper, we propose a novel
hybrid spectrum adaptation scheme to improve the
quality of LD-CELP coder at 8kbps and an extremely
fast stochastic codebook search method to reduce the
encoder complexity.
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extended from 5 samples to 10 samples.

Backward Output Adaptation at Low Bit Rates

In order to develop a low-delay CELP coder at medium
bit rates, an 8kbps LD-CELP trail coder based on the
G.728 LD-CELP structure was firstly implemented.
The coder has the same structure as the G.728 LD-
CELP coder except that the analysis frame size is
extended from 5 samples to 10 samples. The 50th order
LPC filter is still updated in every 2.5ms using
autocorrelation method with a 20ms recursive
window{3]. A 10-bit gain-shape excitation codebook
similar to the one used in G.728 LD-CELP coder was
employed. However, the code vector dimension was
Informal
listening tests showed that the output speech sounds
very noisy even though the SNR is still high. In order
to find the reason behind, the prediction order of the
backward analysis filter was lowered from 50 to 10.
However the resulting speech was shown to be as noisy
as before. This test indicates that the 50th order
backward adaptive predictor is not effective for low-
delay CELP coding at low bit rates, although it was
proven useful to exploit the pitch redundancy in 16kbps.
By inspecting the reproduction speech spectra, it was
found that there are substantial mismatch between input
and output speech at high frequency regions. This
mismatch may be due to the fact that severe
quantization noise at the output causes the spectral
adaptation process to deviate. The backward block
adaptive filter is therefore suspected to be the main
cause of this mishap. In the next stage of this trail, a
10th order LPC analysis is performed on the past input
speech rather than on the output speech and the coder
structure was kept unchanged. Listening tests showed
that the synthetic speech sounds clearer with substantial
drop in coding noise. A 256-point FFT spectrum of a
segment of voiced speech sampled at 8kHz is plotted in
Fig. 1. The LPC spectra obtained using backward
adaptation on input speech and on synthetic speech are
also shown. It is concluded that for LD-CELP coders
operated at medium bit rates, the quantization noise at
the output speech affects the performance of the
backward block adaptation process severely (even at
high prediction orders).

Hybrid Input/Output Spectral Adaptation

Although spectral mismatches are severe if output
adaptation alone is applied, as the adaptation rate is
high it is speculated that part of the spectral information
are still predictable from output speech. In this work, a
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hybrid input/output block adaptation scheme was
derived so that useful information at the output can be
extracted while only a small amount of information
extracted from input speech is needed to be sent to
decoder to compensate and correct the spectrum
mismatches. The main idea is to combine the output
adapted LSPs with the input adapted LSPs together to
form a hybrid LSP vector as shown in Fig. 2; LSPs
corresponding to low frequency regions are output
adapted while LSPs in high frequency regions are
adapted from input speech and quantized as side
information to the decoder. The rationale behind this
scheme is to compensate the spectrum distortion
introduced by the conventional backward adaptation
scheme.
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Figure 1 Spectral Envelopes of Various Adaptation Schemes.
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Figure 2 Hybrid I/O Block Adaptation of LSPs.

2-Dimensional Differential Quantization of LSP
(2DALSP)

Recently split vector quantization of LSPs was proposed
to compress LPC information at bit rate as low as 24
bits/frame[4]. It has been shown that two-dimensional
differential LSP (2DdLSP) coding prior to quantization
[5] is an efficient way to further reduce the dynamic
range of the differential parameters. In 2DdLSP coding
scheme, each LSP is predicted by exploring both the
intra- and inter-frame correlations. By taking the
advantages of the ordering property, i.c.,
fl<f2<'"<f1’—1<fp 0Y)
and strong inter-frame correlation of LSPs in stationary
speech, differences between the calculated and predicted
LSPs are encoded in 2DdLSP. Since the adaptation rate
of the LPC spectrum in LD-CELP coder is high, it is
expected that the inter-frame correlation of LSPs should
be strong and the prediction of f(n) at frame n from

the quantized parameters f_ (n), f (-1 and
j~",.(n—2) in previous frames would explore much of
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these correlations. Based on this assumption, a
prediction formula is derived as

[ =af,(m)+Bf,(n-D+pf(n-2) v)
where fA,.(n) is the predicted LSP at frame n for
1<i<P, and «,, B and p are the prediction
coefficients. Then the prediction error,
A (n) = f,(n)- fi(n), which is the difference between
the actual and predicted LSP is encoded. The
corresponding quantized LSP f (n) is expressed as
fi(m) = [i(m)+4,(n) 3)
where 5,, (n)=Q0fA,(n)] is the quantized prediction
error of the ith LSP. Fig. 3 depicts the structure of the
proposed 2DdLSP coding scheme.

fn-2)
O
f(n-1)
Q 2DdLSP
B Pi
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Figure 3 2DdLSP coding scheme.

In general, the 2DALSP prediction coefficients should
be computed in each frame during encoding, however,
the computation involved is too expensive. Instead, they
are assumed to be static and compute once for all using
a long training speech database. These coefficients can
be determined by minimizing the total prediction errors
over a large number of speech frames. The total
prediction error is computed as

Ny Ny R
E = [AmT =Y S m)~f (T @)

where N, is the total number of frames in the training
set, A,(n) is ith LSP prediction error at frame ». In
order to compute the prediction coefficients accurately,
the predicted LSPs f’,.(n) are calculated from

unquantized input adapted LSPs during the coefficients
generation process. Specifically, we have

a, = Ky O =B, (D -pp, (2) 5)

O,

i-1

where

Ny
o=y £

and N ©®
1, ()= fi(n)f,(n—k)
n=]
ﬂ - P [/Uf.u ( 1)/“.‘—1,; (2) - :u;‘,i (1) T, ] - [:u.';—x (0)/114; (1) - /l” (l) [ ]
' 0,0~ 1, (D
Q)
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— [/‘11;—1 (O)y.-u (2) —H, (2)0-1—1 ][O-l G, .uxz—u (1)] + [,uu—x (O)lli-l; (1) — K, (1) .. ][,uz—u (1)#1-1; (2) —H; (1) O, ]

‘ o, D, Q) -, Do, T —[o.0, - p2, (Do,0,, -1, (2)] ®

The database used for calculating the intra- and inter-
frame coefficients consists of 10 minutes of speech
contributed by 5 males and 5 females. Speech is
bandlimited and sampled at 8kHz. The 10th order LPC
analysis based on autocorrelation method is performed
in every Sms using a 20ms recursive window [3]. Table
1 shows the intra- and inter-frame coefficients obtained.

i 1 2 3 4 5
a; | 00000 | 00797 | 0.0711 | 0.1035 | 0.0473
B, | 10498 | 1.0194 | 1.0559 | 1.0921 | 1.0430
P | -0501 | -0657 | -0998 | -1605 | -0771

i 6 7 8 g 10
o, | 00647 | 00433 | 01026 | 0.0714 | 0.1054
B, | 10576 | 07094 | 08421 | 0.7431 | 0.8823
£ | -1110 | 02551 | 00681 | 0.1941 | 0.0234

" Table 1 Prediction coefficients for intra-frame, a,, and
inter-frame, B, and p,.

Hybrid Input/Qutput Vector Quantization of LSPs
(HIO-VQLSP)

For the hybrid input/output LSP adaptation scheme
proposed in Fig. 2, those LSPs located in segment one
arc obtained from output speech and treated as
quantized LSPs. However, input adapted LSPs in
segment two are vector quantized based on 2DdALSP
coding and sent to the decoder for synthesis. In order to
guarantee a stable synthesis filter, the ordering property
of LSPs is always retained after vector quantization. In
vector quantization of LSPs, weighted Euclidean
distance measure is adopted to measure the distortion of
LSP quantizers [4]. The weighted Euclidean distance
measure d(f, f) between the original LSP vector f and

the quantized LSP vector f is given by
d(f.fr= Iw (- ©)

where f, and f" are the ith LSP of the original and
quantized vector, respectively, and w, is the weight
assigned to the ith LSP[4]. Spectral distortion (SD) is
adopted to measure the performance of this scheme. SD
is defined as

Av.SD {—1—%[—1—}(1010;;3 (@)-10log S (a)))zda)ﬂ
N, 2 " B

W n=1

) @B) (10

where S (@) and S,(@) are the spectra of the nth

speech frame with and without quantization,

respectively. In order to find the optimum splitting

assignment and bit allocation, a HIO-VQLSP system

with different splitting assignments was evaluated.

Define [P, P,] as the splitting assignment, where P,

and P, is the dimension of the output and input adapted
segment, respectively, and P, + P, = P =10. By
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varying P,, LSPs can be partitioned into different
settings. Fig. 4 shows the spectral distortion of the
HIO-VQLSP  system with  different  splitting
assignments. Note that the average SD was computed
over the entire signal bandwidth and it showed that
[3,7] splitting results in least spectral distortion at
various bit rates. Fig. 1 shows that the spectral envelope
which obtained using hybrid LSP adaptation scheme
achieves good prediction while output adaptation
scheme has severe spectral mismatch, especially in high
frequency regions.

8D (d8)

35 5-bit

3 8:bit.

2.5 7-bit

2 B:hit

Splitting Boundary

(0,101 .8 2,8] 13,71 14.6) 15,8]

Figure 4 Spectral distortion of the HIO-VQLSP scheme using
different splitting assignments.

Fast Stochastic Codebook Search
In CELP coding the best codevector is chosen from the
excitation codebook by maximizing the cost function[6],
("H x)? '

u"H Hu D
where u is the codevector from the excitation codebook,
H is the impulse response matrix of the weighted
synthesis filter, and x is the weighted input speech after
the removal of zero-state response. The complexity in
searching a codebook using the cost function of (11) is
dominated by the calculation of the denominator. In
vector-sum codebook adopted in VSELP[7], the
codeword u is generated as a linear combination of a set
of basis vectors, u=[w,w,..w, 1b=Wb where w, to
w,, are the basis vectors of dimension N(M<N), b is an
M-dimension column vector with elements being 1 or -
1. By using the vector-sum codebook, the cost function
of (11) becomes
(&"v)

b Ab (2)
where v=W'H'x and A=W H'HW. If A is a
diagonal matrix with diagonal elements a,, the term in
the denominator of (12) will be a constant irrespective
of the binary vector b, i.e.,

M

b"Ab = ZM:(b,.)’a,,. =Y a,

13
=1 i=1

with b, taking a value of 1 or -1. If b”Ab is a constant
with respect to the search, then the cost function of (12)
is maximized if (b"v)> is maximized. This is simply
achieved by detecting the sign of the element v, in Vv,
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ie, b, =sgn(v,) for 1<i< M, where sgn(*)=1 if the
argument * is positive or sgn(*)=-1 if the argument * is
negative. The complexity of searching this codebook is
O(M) and is almost independent of the codebook size.

Basis Vectors with Odd-Symmetric Crosscorrelation
It has be shown that if the impulse response of the
weighted synthesis filter is properly truncated, the
covariance matrix C = H”H can be approximated by an
autocorrelation matrix which is symmetric Toeplitz[6].
Using the Toeplitz symmetric property of C, the element
a, in A can be calculated as

ay = w[Cw, = (0, )+ c(lr, (m)+r, ()] (14)

where ¢(n) is the autocorrelation of the impulse response
of the weighted synthesis filter, and 7, (1) = w/Z"w, is
the crosscorrelation of basis vector w, and w,, and Z is

a delay matrix. In order to make A diagonal, we have
designed a set of odd-symmetric crosscorrelation (OSC)
basis vectors so that a, =0 for i # j[8]. This can be
achieved by setting #,(0) =0 and 7, (n)+r,(n) =0 for
1sn<N-1, 1<i,j<M and i=/ . With the self-
orthogonal (SO) criteria[9] being imposed on the OSC
basis vectors, the spectrum of the basis vectors that we
obtained are white since their autocorrelation sequences
are delta functions.
criteria of 1, (1) =0 for 1<n < N -1 must be satisfied
for SO vectors. It should be reasonably to assume that
OSC-plus-SO vectors are more suitable than sparse
binary pulses for constructing stochastic excitation

signals.

8kbps LD-CELP Coder

Fig. 5 shows the block diagram of the proposed 8kbps
LD-CELP coder.
input speech is analyzed in a frame of 20 samples which
results in an algorithmic delay of 2.5ms at 8kHz
sampling rate. The short-term parameters are updated
in every 5Sms (2 analysis frames) using the hybrid
input/output LSP vector quantization scheme. Input
adapted spectral information is vector quantized to
1.6kbps based on the proposed HIO-VQLSP scheme.
The splitting assignment and bit allocation of the hybrid
I/O . LSP vector quantizer is [3,7] and 8 bits,
respectively. In order to have a 2.5ms algorithmic delay
while maintaining constant transmission rate, the short-
term parameters are calculated from speech signal two
frames in advance prior to be utilized for excitation
analysis. The 8-bit VQ codeword index is split into two
4-bit indices-and transmitted to the decoder in every
2.5ms analysis frame. A 7-bit long-term adaptive
codebook with integer pitch ranged from 20 to 147
samples is used. The stochastic codebook is an OSC
codebook constructed from 4 subcodebooks. ‘Each
subcodebook consists of five basis vectors with an OSC-
plus-SO constraint of L =5[8]. In order to obtain a
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flexible way to allocate the scare resource to code the
excitation parameters, excitation is constructed from a
selectable combination of adaptive and stochastic
contributions. There are 2 possible modes of
combination and the one that achieves the minimum
distortion is sclected during encoding. The stochastic
codebook for Mode 1 is the subset of the 7-bit OSC
codebook. Excitation gains are vector quantized to 5
bits based on closed-loop minimization procedure. The
perceptual weighting factor @ is 0.8. Simulation
results showed that the proposed 8kbps LD-CELP coder
achieved "Fair" to "Good" speech quality with 3.45
MOS score and an average Seg.SNR of 14.19dB in the
subjective and objective tests, respectively. The detailed
bit allocation for the 8kbps LD-CELP coder is list in
Table 2.

Long-term
Adaptive
Codebook

1o L

Input Speech 3@

Hybrid VO

-
i
{ a |t A Adaptation
| 7 bits >ﬂ_2_
: 3 bits
| oscso
t Codebook
{

i 3 bits s
| I- 2 VQp | gl)=3 bits
| 7 bits _i>8_,, VOB 2 g2)=S5 bits
i T
t t H

_________ e Perceptual
- ' MSE Weighting

Figure 5 Block Diagram of the Proposed LD-CELP Coder.

This can be understood as the’

Unlike conventional CELP coder,

Parameters Bits
LPC (HIO-VQLSP) 4 4
Mode Selection 1 1
Excitation Gain (VQ) Shape |
Mode 1 5 + 7+3 =15 15
Mode 2 5 + 3+7 =15 15
Tabie 2 The bit allocation of the 8kbps LD-CELP coder
(Total 20 bits per frame).
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