Eurospeech.1995-66

)]
Y

10.214:

ISCA Archive

http://www.isca-speech.org/archive

4™ Eyropean Conference on
Speech Communication and Technology
EUROSPEECH 95
Madrid, Spain, September 18-21, 1995

EFFICIENT MULTIBAND EXCITATION
LINEAR PREDICTIVE CODING OF SPEECH AT 1.6 KBPS

W.ME. Yuand CF. Chan

Department of Electronic Engineering
City University of Hong Kong
83 Tat Chee Avenue, Kowloon, Hong Kong
Email: eewmeyu@cityu.edu.hk
eecfchan@cityu.edu.hk

ABSTRACT

A 1.6 kbps MBE speech coder is proposed in this paper.
Several improvements on the conventional MBE coder have
been made in order to maintain the quality and intelligibility
of the original speech at 1.6 kbps. We developed an improved
pitch detection algorithm which results in more accurate pitch
estimation for natural speech synthesis. The number of bits
for coding V/UV information is significantly reduced by
employing a simplified V/UV mixture function which requires
coding of the position of a V/UV transition frequency only.
Band magnitudes are coded via linear predictive model. An
efficient recursive procedure was developed for computing
and quantizing the 2DALSP residuals simultaneously.
Subjective speech quality was further improved by the
application of a postfilter in the frequency domain. The
speech coder’ was implemented in real-time on the
TMS320C30 DSP chip.

1. INTRODUCTION

The multiband excitation (MBE) model based speech coders
were capable of producing high quality speech at the rate of
8.0 kbps [1]. A drawback of the 8.0 kbps MBE speech coder
is that majority of the bits in each transmission frame were
allocated for coding of spectral envelope magnitudes. A more
efficient 4.8 kbps improved MBE (IMBE) speech coding
scheme [2] was proposed to quantize the spectral envelope
magnitudes by the discrete cosine transform (DCT) technique.
Speech coding lower than 4.8 kbps requires more efficient
schemes for representation and quantization of the model
parameters.

In this paper, we propose a high quality speech coding scheme
which codes speech signal at a rate of 1.6 kbps. The proposed
speech coder is based on the MBE speech model. Band
magnitudes are coded by the linear predictive coding (LPC)
which is a widely used technique for spectral envelope coding.
We quantized the corresponding line spectrum pair (LSP)
parameters by using a two-dimensional differential line
spectrum pair (2DdLSP) scheme [3]. An efficient procedure
was developed for computing and quantizing the 2DdLSP
residuals simultaneously. The procedure was based on a
recursive algorithm which computes the LSP parameters
directly from the reflection coefficients [4]. The number of
bits for coding voiced/unvoiced (V/UV) information is
significantly reduced by employing a simplified V/UV
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mixture function which requires coding of the V/UV
transition frequency index only. The V/UV ftransition
frequency is determined throught closed loop minimization.

In order to maintain the speech quality and intelligibility,
improvements on conventional MBE speech coder have to be
made. As the accuracy of pitch detection is important for high
quality speech synthesis, an improved pitch detection
algorithm was developed to increase the robustness of the
speech coder. Subjective speech quality was further improved
by the application of a postfilter in the frequency domain.
Frequency domain postfiltering is relatively simple for the
MBE speech coder and allows better control of the gain
throught closed loop gain normalization. The proposed MBE
speech coder was implemented in real-time on general
purpose DSP.

2. IMPROVED PITCH DETECTION ALGORITHM

Pitch detection for MBE speech coders is conventionally
performed by minimizing an error function €(w,) with
respect to the search frequency variable o, [1],
> Where @ . and o . are the minimum

and maximum search values respectively. The error function
&(o ) is defined as
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where [1 - 21:B<o> max — @ p) / (a) max® p)] is applied for
unbiasing the pitch dependent error which can be
approximated as a linear function with negative valued slope.
The signal dependent parameter B is the negative of the slope

of the approximated linear error function. M is the total
number of harmonic bands and is calculated as M = n/m ,
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A_ is the band magnitude for band m with lower and upper
limits defined as a4, =(m-05w, and b, =(m+05w,

respectively. The band magnitude A _ is obtained by
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The pitch dependent excitation |E (o )] is constructed from the

shifted magnitude response of a Fourier transformed
Hamming window.  The error function &(w,) 1s a
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normalized spectrum error between the input speech spectrum
IS(@)| and the synthetic spectrum lSA(m)’zAmlE(m)]A The
optimum pitch ®, is estimated such that E€(w,) is a
minimum.
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Figure 1. Error vs Pitch Period

A pitfall of using the error function E€(e ,) 1s that the
estimated pitch may be a multiple of the true pitch. To
overcome this problem, we defined a corrective error function
€. (o 2) which is
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The optimum pitch © , is determined as
o, = ar\%min{g(co )t Sc,(mp)} “)
Op

Plots of the normalized error functions against pitch period
are shown in Figure 1.+The original error function has strong
minimum at multiples of the true pitch period. The corrective
error function bias the resultant error function to have a
minimum value at the correct pitch period.

3. SIMPLIFIED V/UV MIXTURE FUNCTION

In conventional MBE speech coder, the V/UV information of
a speech frame is quantized by using a binary sequence to
indicate the voiced/unvoiced classification of excitation bands
[1]. By examination on some typical speech spectra, voiced
energy are most likely bundled up in lower frequency bands
while unvoiced energy are bundled up in higher frequency
bands. The simplified V/UV distribution can be represented
as in Figure 2(a). The voiced region is shown as the passband
of a lowpass filter while the unvoiced region is represented as
the passband of a highpass filter. A transition region exists in
between the voiced and unvoiced regions.

Assuming both filters have a sharp cutoff and the same cutoff
frequency which can be viewed as the transition frequency o,
between the voiced and unvoiced regions, we can code the
index of @, instead of coding the binary V/UV sequence.
The number of bits required to represent the V/UV
information is only 2 if we assume there are only 4 possible
transition frequencies.
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Figure 2. (a) Simplified V/UV Distribution (b) A Typical
Speech Spectrum with Transition Frequency Obtained by the
Simplified V/UV Mixture Function (c) The Corresponding
V/UV Mixture Function for the Determination of Optimum
Transition Frequency

The transition frequency o, is obtained by an analysis-by-
synthesis procedure so that the error between the original

spectrum |S()| and the synthetic spectrum ‘g(m)l with
simplified V/UV distribution are closed loop minimized. In
conventional MBE coders, the V/UV classification on a
spectrum of M harmonic bands is determined from a set of
band errors {&m, m= 1,2,...,M} which is computed with the
synthetic spectrum ls’(m)‘ consisting entirely of voiced
excitation [1]. The band error £  is obtained by
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To develop an algorithm for searching the optimum transition
frequency, we defined another set of band errors

{q)w m=1,2,...,M} which is computed with the synthetic
spectrum ‘.§ (m)‘ consisting entirely of unvoiced excitation. In
such case, the excitation |E (o )| =1 for all ® and the band
magnitude A is equal to the average of the input speech

spectrum |S(w)] within the lower and upper band limits.
Hence, the band error ¢, is defined as
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The optimum transition frequency index j_, is chosen such

that

opt

Jopt = argjmin{/\(tj)} @)

where {tj,j =0,1,..,L- l}, 0< L <T, is a set of L predefined
transition frequencies. The V/UV mixture function A(tj
defined as

(e 19,
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The optimum transition frequency is determined from the
value of index j,,. Thatis o = Lt Figure 2(b) shows the
spectrum of a typical speech frame and the corresponding
V/UV transition frequency o, obtained by the proposed
algorithm. Figure 2(c) shows the plot of V/UV mixture
function A t;) corresponding to the speech frame of Figure
2(b). After a sufficient collection of the V/UV mixture
functions was obtained by using (8) on a large number of
speech frames, the optimum set of predefined transition
frequencies can be determined from the statistical
characteristics of the transition frequency distribution.

4. EFFICIENT CODING OF BAND MAGNITUDES

Band magnitudes of each frame are coded as a spectral
envelope by means of the LPC. One of the efficient
quantization schemes of the LPC parameters is to quantize the
corresponding LSP parameters. In order to further reduce the
number of bits required for band magnitude coding, the
2DdLSP scheme is applied. The 2DdLSP quantization
scheme takes advantage of the strong correlation between the
inter- and intra-frame LSP parameters. In the 2DdLSP
scheme, the redicted line spectral frequencies
éi,v, z':1,2,.A.,PI7 of the actual line spectral frequencies
®,,,i=12,.,P; are obtained by two-dimensional
backward prediction of the LSP parameters. The resulted
prediction residuals are quantized and transmitted [3].
According to [3], the predicted value of the ith line spectral
frequency of the Pth order LSP in frame v is determined by

a,®,1v+b® i=12,. ®
where {a } a.nd {b } are the intra-frame and the inter-
prediction coefficients respectively. { :T {
the previous quantized LSP coefﬁc1ents The pred1ct10n
residuals {r,, i=12,.,P} are quantized and transmitted,
where 7, =0, | —(:D,.)v.

iv-1
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To facilitate real-time implementation, we applied a recursive
algorithm for the generation of LSP parameters [4]. The
algorithm generates LSP from a given set of reflection
coefficients recursively through the rotation of a function of
line spectrum frequency on the complex plane. The even and
odd line spectrum frequencies are located by searching of the
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zero cross-points on the real and imaginary axis of the
complex plane in an alternate order.  The 2DdLSP
quantization scheme is incorporated into the recursive LSP
generation algorithm by determining the quantized prediction
residuals through searching of a quantization table
simultaneously instead of direct quantization of the prediction
residuals. The quantization error is therefore minimized with
less computation.

In the recursive algorithm, we defined a set of prediction
residuals {A i 1=0,1,..,0, - 1} for each of the LSP
coefficients. The number of b1ts required for quantization of
the 7th LSP prediction residual index is log, Q,. For each i,
1<i < P, the algorithm involved the recursive relations
C}(6,)] _[cos(e,/2) -sine,/2) {ij 0 } ciile,)
cife,)]| |sin6,/2) cosfo,/2) | O 1-k;jcCi,(e,) (10)
j=12,.,P
where {kj} are the reflection coefficients. The value of 6, is
obtained by
0,=6,,+A,, n=01,.,0,-1 (11)
The initial values of the recursive equations in (10) are
cy (en):cos(en/Z) and Col(en) = sin(Qn /2} The two-
T
dimensional vector C,(6) =[cj.‘ ©) c; (9)] was defined in
[4]. The recursive equations in (10) are iterated P times from
Jj=1toj=P for each value of n. The optimum index n,,, is

chosen such that, the value of C;f (e”opl) changed its sign

when i =1,3,...,P~1 and the value of C;(ew) changed its

sign when i =2.,4,...,P.

5. PERCEPTUAL POSTFILTERING
IN FREQUENCY DOMAIN

The subjective quality of the synthetic speech is improved by
a postfilter with the transfer function

A(cz) 4
H(2) =2 (1-ykz™) (12)
Az

where o, B and vy are the postfilter parameters, k, is the first
reflection coefficient, A(z) is the inverse filter of the LPC
speech model. In a MBE model based system, all the model
parameters are available in the frequency domain. It is
therefore straightforward to implement the postfilter in the
frequency domain by modifying the band magnitudes with the
postfilter magnitude response |H (@ )|. Before the modified
band magnitudes are used for speech synthesis, gain should be
normalized to maintain the signal energy.

In the proposed speech coder, the quantized band magnitudes
are obtained by sampling the quantized LPC spectral envelope
with a sampling interval of ® , and then multiplied with the

AL
quantized gamn. Let the magnitude of band m be G|A(m)’ ,

~ ~ -1
where m=1,2,..,M. G is the quantized gain and |A(m)|
is the magnitude of the mth sample of the LPC spectral
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envelope.  The band magnitude after postfiltering is

R N -l
G IH p(m)“A(m)’ , where ]H » (m)l is the mth sample of the
postfilter magnitude response iH » (co)'. We defined a scale

factor p which is used to adjust the gain of the postfiltered
band magnitudes. Optimum value of pu can be obtained by
minimizing the error

Mo A2 )
e=y —{1-plH7 m) (13)
élﬁ(m)r( e m’)
By setting 6e/0u = 0, we obtain

M !Hp(m)[ M ]Hp(m)[2 )

|3

o I;l(m)r ot ‘A(m)'z

(14

Gain is normalized through multiplication of p with the

~ ~ -1
postfiltered band magnitude G |Hp(m)”A(m)| for all m.

For the MBE model based speech coders, applying the
frequency domain postfiltered and gain normalized band
magnitudes for speech synthesis are the more desirable
approach than the conventional time domain postfiltering.

6. IMPLEMENTATION OF
THE 1.6 KBPS SPEECH CODER

Continudus-time speech signal was bandlimited to 3.4 kHz
and was then sampled at 8 kHz. A 32 ms Hamming window
was used to segment the digitized speech signal. The frame
length was 25 ms. The windowed speech signal is
transformed to frequency domain using a 256-point FFT. The
magnitude spectrum is then up-sampled 3 times using linear
interpolation. Therefore the pitch has a resolution of one third
of the sampling period. The order of LSP is 10. Table 1
shows the bit allocation of proposed 1.6 kKbps speech coder.

Table 1. Bit Allocation

Gain 2DdLSP Pitch V/iuv TOTAL
Residuals
6 24 8 2 40

A block diagram of the speech coder is shown in Figure 3.
The operations which were performed in MBE analysis
included windowing, FFT, pitch detection with improved
algorithm, band magnitude computation and the computation

of band errors {ém, m= 1,2,...,M} and {(pm, m= 1,2,...,M}
required for the simplified V/UV classification scheme. In
MBE synthesis, the voiced speech is generated by summing
the outputs of a set of sinusoidal oscillators running at the
harmonics of the fundamental frequency. The summation
process has to be performed for each synthetic time sample.
The MBE model parameters of each frame provide the
information for reconstruction of time sample at the instant of
the analysis window centre only. The missing band
magnitude and harmonic information between two analysis
window centres are obtained by linear interpolation. Hence,
the missing phase information are obtained by a quadratic
function. The unvoiced speech is generated by highpass
filtering of the windowed Gaussian white noise. The highpass
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filter cutoff frequency is the V/UV transition frequency @,
and the magnitude response in the passband of the highpass
filler is the envelope of band  magnitudes
{Am, m :(mc/coo)+0.5,(coc/mo)+l.5,...,M} which are in
the frequency region beyond the V/UV tramsition frequency.
The time samples of the unvoiced speech at the overlapped
region of two successive analysis windows are obtained by the
weighted overlap-add method. Informal listening test showed
that the synthetic speech is highly intelligible without artifact.

l SPEECH INPUT

I MBE ANALYSIS
(& }I l{% } {Band Magnitude} Pitch
»
WEIGHTED K 2 = 2
+ LSP to (LSP} b
ERROR SUM . 3 1 2DdLSP
@& Tl ENCODE
i
Passible Gain .
CH
ERROR ] ERROR FIT
ENCODE
MINIMIZATION MINIMIZATION
- Pitch
Jopt l Gain Index I {Residual Index} ¢ Index
PACK
l Channel
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DECISION 1
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Mi compuTEs
X -y POSTFILTER
18
ViUV 4 {Band Magnitude} ,

l MBE SYNTHESIS l

l, SPEECH OUTPUT

Figure 3. Structure of the Proposed Speech Coder
7. CONCLUSION

A high quality MBE based speech coder at a rate of 1.6 kbps
is proposed. Efficient algorithms were developed to improve
the speech coder so that the synthetic speech can maintain a
good quality and is highly intelligible in such a low bit rate.
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