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Abstract 
The reconstructed speech quality in a low bit-rate CELP 
coder is very dependent on the performance of the pitch 
filter. In this paper, we present an improved pitch filter, 
a fractional pseudethree-tap pitch synthesis filter, which 
performs better than a conventional one-tap pitch filter. 
We discuss the frequency response of the improved pitch 
filter. We explore stability issues for three-tap pitch fil- 
ters in a CELP coder. We have incorperated a fractional 
pseudethree-tap pitch filter into a 4.8 kb/s CELP speech 
coder. Both objective and subjective quality have been 
improved with the fraction pseudethree-tap pitch filter. 

1. Introduction 
We have reported that a pseudethree-tap pitch prediction 
filter gives a higher prediction gain and a more appropri- 
ate frequency response than a conventional one-tap pitch 
filter [I]. In contrast to this pitch prediction filter used for 
speech analysis, a pitch synthesis filter, which is the in- 
verse filter of the pitch prediction filter, is used in CELP 
coders. 

A fractional pitch filter with high temporal resolution 
can improve the performance of CELP coders [2]. The 
pseudethree-tap pitch filter can also enhance its perfor- 
mance using fractional pitch lags. An analysis-by-synthesis 
procedure is used to determine the fractional pitch filter 
parameters. 

The frequency response of a one-tap pitch synthesis fil- 
ter with integer or non-integer lags shows a constant enve- 
lope constraining the pitch peaks. Since the pitch predic- 
tion coefficients are symmetrical in the pseudo-three-tap 
pitch filter, the frequency response can be more appropri- 
ate than for one-tap or general three-tap pitch filters. 

Stability was studied as an important issue for pitch 
synthesis filters determined by analyzing the input speech 
in [3]. An unstable pitch filter enhances the coding noise. 
For the analysis-by-synthesis procedure, the choice of fil- 
ter parameters is based on the reconstructed speech which 
includes the effect of noise enhancement. Our ex~erimen- 
tal results, however, show that stability remains an issue 
that must be considered. 
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2. A fractional pseudo-three-tap pitch 
synthesis filter 

A fractional pseudethree-tap pitch synthesis filter is a 
fractional three-tap pitch filter, which has certain con- 
straints on the pitch coefficients, as shown in Fig. 1. Let 
the three non-zero coefficients of the pitch filter be p-1, Po 
and P+b We can restrict this filter to a symmetrical set 
of coefficients, by assigning 

Both P and a are optimized for best performance. This 
filter has two degrees of freedom. We can further restrict 
the pseudo-three-tap filter to one degree of freedom by 
fixing the value of a. 

The notation adopted for pseudethree-tap pitch fil- 
ters is nTmDF, meaning n-taps, m degrees of freedom. 
Thus, a pseudo-three-tap pitch filter with one degree of 
freedom is denoted as 3TlDF. Conventional one-tap and 
three-tap pitch filters are denoted as lT lDF and 3T3DF, 
respectively. 

Fig. 1 A fractional pseudo-three-tap pitch synthesis fil- 
ter 

The non-integer pitch lag can be expressed as an in- 
teger number of samples plus a fraction of a sampling in- 
terval. Let the pitch resolution be 1/D. The fractional 
part of the pitch lag can be expressed as [ID, where 
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0, 1 , .  . . , D - 1, (1 > l /D 2 0). The pseudo-three- ' filter then acts on the interpolated samples, denoted 
- (M-I)) ,  d(')(n-M), d(')(n - ( M + l ) ) .  

by A filter structure [4] can be used to obtain 
inrewolated samples d(')(n). For each fractional phase , ,b impulse response p(')(n) of the polyphase filter is ob- 

Aned by sub-sampling an appropriate interpolating filter 

h'(") .  
in our case, we use an interpolation filter which is 

a ~ ~ ~ ~ i r g - w i n d o w e d  low-pass filter, - 
sin (n(n - 1/ D) 

p("(n) = wh(n - l/D) 
n(n - l/D) ' (2) 

&ere wh(n) is a Hamming window (centered a t  zero). 
The interpolated sample at  n + 1/D is given by, 

q-1 

dll)(n) = x p i ( k  - I)d(n - k), (3) 
k=O 

&ere 4 = 21 is the number of the coefficients of the 
polyphase filter1; I is the delay of the causal interpola- 
tion filter a t  the original sampling rate. The resulting 
value which corresponds to the output of the fractional 
pseudo-three-tap pitch synthesis filter for the pitch lag of 
M - 1/D can be written as 

where din is the input to the pitch filter, i.e., the code 
vector multiplied by the gain factor G 

We employ a closed-loop sequential search procedure 
to determine the fractional pitch lag and prediction coef- 
ficients of the fractional pseudo-three-tap pitch synthesis 
filter, as shown in Fig. 2. 
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Fig. 2 Closed-loop sequential search for a fraction pitch 
filter 

For the 3TlDF case, we d e h e  

$ ad(n  - M - l /D  + 1) 

( 5 )  

q should be 2 1  + 1 for 1 = 0. However, for this case, there 
is only one non-zero coefficient for the case. 

For a zero codebook contribution, din(n - I )  = 0, 

d ( n )  = pdF-'lD(n) 
(6) 

The error signal between the input speech and recon- 
structed speech is 

where h(n) is the impulse response of the format filter; 
xw(n) is the windowed input; dw(n) is d(n) multiplied by 
the data window. We multiply an error window w,(n) 
to obtain a windowed error signal ew(n). The resulting 
summed squared error is 

In our block-based analysis, we use a covariance analy- 
sis with wd(n) = 1 for all n and a rectangular error window 
w.(n) = 1 for 0 5 n 5 L - 1. The M - 1/D is chosen 
as that which is optimal for a one-tap pitch filter. The 
perceptual weighted error ew,(n) is the convolution of the 
error ew(n) and the impulse response of the perceptual 
weighted filter h,(n). 

The optimal pitch filter parameters (P and M - l / D )  
can be obtained by minimizing E .  Setting partial deriva- 
tives of e to zero, we obtain the analytical optimum /!IQpt. 

After choosing the pitch filter parameters with zero 
input, the optimal excitation is determined by minimiz- 
ing the perceptually weighted mean square errors (MSE) 
during a closed-loop search (7). 

3. Frequency response 
The reconstructed speech spectrum depends on the fre- 
quency response of the pitch synthesis filter and format 
filter. We will discuss and compare the frequency response 
of fractional pseudethree-tap synthesis filters 3TlDF with 
conventional lT lDF and 3T3DF filters. 

The frequency response of a 3T3DF pitch filter is ex- 
pressed as 

(10) 
Then, the amplitude of frequency response of a 3T3DF 
pitch filter can be written as 



Fig. 3 Frequency responses of a three-tap pitch flter 
with coefficients (-0.14,0.41,-0.14) 

Since pitch period M is in the range of 20 - 147, we 
consider M >> 1. Terms of cos(wM) and sin(wM) pro- 
duce the quasi-harmonics structure in the frequency re- 
sponse. The envelope of the frequency response mainly 
depends on the terms of + P4 1) cos(w) and - 
&l)sin(w). The term cos(w) is a monotonic decreasing 
function from 1 to - 1, corresponding to w = (0, A).  The 
term (Ptl - P-1) sin(w) reaches maximum of (&I - P-1) 
at  w = x/2. For a given pitch period M, the envelope 
depends on the values of P-1, Po, P+ 1. There are four pos- 
sible envelopes: 

1. A decreasing monotonic shape, if & > (0-1 + 
P+1) > 0.; 

2. An increasing monotonic envelope, Fig. 3, if (P-1 + 
&I) < 0 and IP-1 %Po; 

3. Two resonances, Fig. 4, if (P-1 + P+I) > Po > 0. 
and p+l > P-1; The term (Pt1 - P-l)sin(w) makes an 
important contribution in the middle region. Since this 
term vanishes a t  the w = 0, rr ,  there is a valley in the 
middle region. 

4. A resonance in the middle, if P-1 and P+l have 
different ip; 

For the fractional mlDF case, I H(ejw)l becomes 

I ~ ~ T ~ D F ( w )  = sin(w(M - l/D) 

(12) 
The amplitude of I H ( ~ J ~ ) (  of 3TlDF has only a decreasing 
envelope. The frequency response of the fractional 3TlDF 
filter with a = 0.250 is shown in Fig. 5. 

Let the a = 0 in (12). Then, the IH(ejW)I becomes 
the constant envelope of a lTlDF pitch filter, Fig. 6. 

Frequency Hz 

Fig. 4 Frequency responses of a three-tap pitch filter 
with coefficients (0.31,0.25,0.20) 

4. Stabilization 
We explore the stability for the pitch synthesis filter, de- 
termined by an analysis-by-synthesis search procedure. In 
our experimental work with unquantized pitch gains, we 
have seen the pitch coefficients rise to values as high as 
800 in transition regions (unvoiced to voiced). In one ut- 
terance we saw the average SNR for a CELP coder using 
an adaptive codebook with unquantized pitch coefficients 
drop from 7.80 dB for a one-tap filter to 3.89 dB for a 
three-tap filter. The resulting speech contained annoying 
pops, clicks and a more dominant background noise. 

Two stability sufficient test formulas and stabilization 
techniques have been proposed to efficiently reduce the 
effect of an unstable pitch filter in [3]. Because we have 
imposed constraints on the prediction coefficients of the 
pseudo-three-tap pitch filter, the stability conditions and 
stabilization procedure can be simplified. 

For a 3TlDF pitch filter, the simplest sufficient stabil- 
ity condition is 

For a 3T2DF pitch filter with P-1 = Ptl = 7,  the 
sufficient condition is 

A simple stabilization method is to scale-down pitch 
coefficients by multiplying a factor c to stabilize the pitch 
synthesis filter, if unstable. 

The threshold Th is an experimentally determined thresh- 
old. 

Comparing to Figs. 6, we find that Fig. 5 of the 3TlDF 
pitch filter response is more desirable than that of the 
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Fig. 5 Frequency response of a 3TlDF pitch synthesis 
filter with a = 0.25, pitch = 78 Hz 

5. Performance 
The fractional pseudo-three-tap pitch filters, 3TlDF and 
3T2DF pitch filters are incorporated into a FS1016 4.8 
kb/s CELP coder. We employ two performance measures: 
the average signal-tenoise ratio (SNR) and the segmental 
signal-to-noise ratio (SEGSNR). They are the average of 
log SNR's evaluated for 16ms segments. We have tested 
the performance for two male and two female sentences. 
The prediction coefficients of the pitch filter are first un- 
quantized and the pitch lags are integers, but stabilization 
as described above is applied. The stability threshold Th 
is set to be 1.00, 1.10, 1.15, 2.00 and w for comparisons. 
The threshold Th is denoted in the subscript of the type of 
the pitch filter. For example, 3TlDFb1.15 employs thresh- 
olds of 1.15, while 3TlDFb, uses the T h  = oo. This 
means that the pitch filter is not stabilized. The results 
show that the stabilization actually improves the perfor- 
mance. Moreover, a relaxed stability constraint is better 
than a strict stability constraint. The reason is that the 
increasing pitch pulse amplitudes are better able to model 
a fast growing voicing onset. The SNR for 3TlDFbl.15 is 
higher than the 1TlDFbl.la by 1.13 dB. It is higher than 
3T3DFb1.15 by 0.46 dB. The SNR for the 3T3DFb.00 has 
0.32 dB more than 3TlDFbz.00. 

We have also applied quantization to the 3TlDF pitch 
filter coefficients. The quantization table is defined in 
the FS1016 CELP coder specification. Notice that sta- 
bilization is in effect present, since the largest quantized 
value for (02( is 1.991. Therefore, the maximum sum of 
JPzJ(l + 21al) = 2.53, because we select a = 0.135. With 
quantization, the SNR for the 3TlDFbz.00 configuration 
drops by only 0.13 dB. 

Finally, we have evaluated the SNR and SEGSNR for 
the 3TlDF pitch filter with fractional pitch lags and pitch 
quantizer (FS1016 CELP coder). The results show that 
the SNR and SEGSNR increase by 0.44 dB and 0.05 dB, 
respectively, over those of the integer pitch filter. An in- 
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Fig. 6 Fkequency response of a one-tap pitch synthesis 
filter 

formal listening test show that the improved CELP coder 
with 3TlDF pitch filter is better than the original FS1016 
CELP coder. 

6. Conclusions 
The fractional pseudo-three-tap pitch synthesis filters can 
be incorporated into a CELP coder to improve the speech 
quality. A scaled-down pitch coefficients technique with a 
relaxed sufficient constraints to obtain a weakly unstable 
pitch synthesis filter can track fast changing segments dur- 
ing a unvoicing to voicing onset. -The performance of the 
improved 4.8 kb/s CELP coder with the fractional pseudo- 
three-tap pitch filter is better than the FS1016 coder with 
a one-tap pitch filter. 
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