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Robust Backward Adaptive Pitch Prediction for Tree Coding
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ABSTRACT

The pitch predictor is one of the most important part for the robust tree coder. The hybrid back-
ward pitch adapation which is a combination of a block adaptation and a recursive adaptation is
used for the pitch predictor. In order to improve the error performance and track the pitch period
change of the input speech, it is proposed to smooth the input of the pitch predictor. The smoother
with three taps can have fixed coefficients or variable coefficients depending on the estimated
autocorrelation function of the output of the pitch synthesizer. The inclusion of a variable smoother
can track the pitch period change within a block and reduce the effect of channel errors.

1. INTRODUCTION
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Speech signals can be effciently modeled with

that produce the spectral envelope and the spec-

tral fine structure, respectively.
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The spectral envelope is determined by the shape
of vacal tract, while the spectral fine structure is
caused by the periodic vibration of the wvocal
tract. In a speech coding system, a pitch predictor
is used to remove long-term redundancies due to
the periodicities of voiced part in speech signals.
The pitch predictor has parameters such as a
pitch period and pitch predictor coefficients. The
pitch predictor should be updated because the
actual pitch period and the amount of long-term
correlation in the speech signal may vary in time,

There are two methods for adapting the pitch
predictor : forward adaptation and backward ad-
aptation. As in the formant predictor, the for
ward adaptation requires the transmission of side
information to the receiver and long encoding de-
lay due to buffering of input speech samples. For
the low delay coder, the pitch predictor should be
updated backwardly. The pitch period and filter
coeffcients should be estimated using reconstruc
ed signals which are available in the decoder. Re
cently the low delay vector excitation coding
(LD-VXC)at 16 kbps which includes backwardly
adapted pitch predictor was propoed by Cup-
erman !, The LD VXC codec showed 2 dB im
provement by adding backwardly adapted pitch
in the speech coder with only formant predictor,

The backward adaptive pitch predictor is know-
n to be very sensitive to channel errors. The tran-
smussion error effects are propagated very exten
sively because the pitch synthesis filter has an
all-pole structure in which its impulse response
becomes substantially long due to the distant sam
ple prediction. In the LD-VXC, system perform
ance was improved somewhat in the preesence of
transmission error by adapting paralle]l adaptation
between formant predictor and pitch prdictor,
and including the inhibition control in
unvocied /voiced speech. But the hybrid pitch
predictor used in the LD-VXC did not show satis
factory performance in the high error rate chan-
nels. In this paper we propose a method to im-
prove the robustness of pitch predictor in the
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notsy channel and the codec performance in the
error free channel by tracking the change of pit-
ch period within a block. The robust pitch predic-
tor algorithm is operated in conjunction with a
backwardly adapted tree coder at 9.6 kbps and
TDHS(Time domain harmonic scaling)-tree coder
at 6.1kbps-2!,

Input
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Distortion
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Reconstructed

Output
_ Code AlSearch Best Symbol To
Generator gorithm >
Path Release Rule Channel

Fig. 1. Elements of a Tree Coder

I1. TREE CODING OF SPEECH

Tree coding 1s a technique of multi-path sear-
ching used to improve the performance of a stan-
dard predictive coding approach by delaying the
encoding decision for L samples which makes it
possible to achieve higher quality coding'?!. A
block diagram of a typical tree coder is shown in
Fig.1 [t consists of four functional elements: a
code generator, a distortion measure, a search al-
gorithm, and a symbol release rule, The code gen
erator produces reconstructed output sequences
according to all possible path maps. This rec-
onstructed output sequence is transmitted to the
distortion measure block to calculate the distor-
tion between the source sequence and reconstruc-
ted candidate output sequence to the depth L.
The calculated distortion 1s given to the search
algorithim block to find the best path map with
the smallest distortion. The best path is selected
among the set of paths that is determined by a al-

gorithm.
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A. Tree Codes and Gain Adaptation

The excitation suquences are sequences of
symbols taken from a tree structure. Various rate
code trees can be constructed by choosing the
number of branches per node and the number of
symbols per branch. In our work, two code trees
which have 2bits /sample and 1.5 bits /sample,
respectively, will be considered. A 2 bits /sample
vector code tree can bg constructed that has 16
branches /node and 2 symbols /branch where the
branch labels are populated with pairwise combin-
ations of four-level minimum mean square error
(MMSE) Gaussian quantizer outputs, For 1.5
bits /sample, a multitree code can be constructed
by interleaving sequences fo cascaded 4-level and
2-level trees. These branches are populated with
2 bits and | bit MMSE quantizer.

The gain term should be adapted to the input sig-
nal because the speech signal i1s nonstationary
and has relatively large input amplitude dynamic
range, The gain adaptation method is dependant
on the structure of the code tree. The hybrid
adaptive quantizer'lis used in 4-4 code tree and
the hybrid adaptive quantizer and delta modu-
lation algorithm are used in multitree code. The
hybrid gain adaptation rule combining the instan-
taneous adaptation and syllabic dadptation is giv-
en by

Aln+1)=M(n)g(n)B(n)a(n) (1)

with é(n)=ad(n—1)+(1—a)blu{n) | where a=0.9
controls the effective memory of the estimator, 6
is a constant, and u(n) is the latest quantizer out-
put. In the hybrid quantizer, f=50/64, =13 /64,
and #=1.253 are chosen.

B. Short-term Predictor

A recent modification [2] to the class of par-
ameter estimation algorithm wherein the algorithm
input sequence is shaped or smoothed is employed
and critical to the performance obtained. It is im-
portant to choose the input to the adaptation in
the pole-zero predictor for the robustness of tree

coding to channel errors. In the pole-zero structure
for a short-term predictor, the all-zero shaping filter
is obtained by truncating the impulse response of
the pole-zero transfer function. The all-zero
shaping filter is chosen to satisfy,

_1—-B(z)

Al = 1+D@) (2)

Then, the shaping flter coefficients, dx are obtain-

ed by

de= EJ 1a,dkv,+bk 1SkSM ('3)
vMiad,., Ms<ksgp '

where M 1s the order of the all-zero predictor.

The filtered residual signal is given by

P

éj(n):u(nH—Z dru(n—k) (4)
Ko

Fig. 2 shows a configuration for the filtered re-
sidual signal as the input of the all-pole short-ter-
m predictor adaptation. The order of the shaping
filter 1+D(z) is given by 8.

uln) o~ ro(n) ay ~ #{n)
U] U5
P(z) B(z) A(z)
T
e . Adaptation |
1+D(z): .é Algorithm !

Fig. 2. Filtered Residual Driven Methods for All-Pole
Predictor in Pole-Zero Short-term Predictor

[ll. BACKWARD ADAPTED PITCH PREDICTION

The three-tap long-term(pitch) predictor has
the transfer function,
P(Z)ﬁﬂil (M'11+/9“Z—M]+/31'—(M+1> (5)

where M, is the pitch period and g-,, fs B are
1589
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long-term predictor coefficients. In a backward
block adaptation for the pitch predictor. the pitch
period and pitch predictor coefficients are estim-
ated from a block of previously reconstructed pit
ch synthesizer outputs. The pitch period estimate
I\/Il 1s determined by searching the lag k, at time
n, with which the normalized correlation function
r. (n) is maximized. The pitch period M1 1s found
in some bounded range. The normalized corre-
lation function p_(n) is given by
@0, k)

o, (n) = (6)
VO, (0,00, (k. k)

where the covariance function (I)n(),k) of the pit-
ch synthesizer output 1s given by

N<
O k)= r(n=NeHi=r(n=N-+i-k) (7)

a— o
|

Here, N. is the number of samples in an analysis
frame and r,(i) is the pitch synthesizer output.
After the pitch period M, is decided, pitch pre-
dictor coefficients are calculated by solving the
Wiener-Hopf equation, so that

[ Oa(Mi—1 Mi=1) &u(Mi—1, My} &-(Mi—1, Mu+1)
(M, Mi—1) Ol My, M) &M, M1
L q)u(Ml""l, :\«’11‘1) (D!l(I\r/Il+l, I\/Il) (Dn(l\"ll+l, \«{1'+'l)

[ 81 anll), Mi—1)
/3” = (D(“ M)
L ‘81 (D".(O, \A1+1)

A method in which the pitch predictor paramet
ers are recursively updated at every sample in he
tween the block adaptation was developed hy Pet
tigrew and Cuperman !, This recursive back
ward adaptation consists of pitch period tracking
and pitch predictor by examining the autocorrela
tion values of a present pitch synthesizer output
and three samples that are pitch period lagged at
every sample. The pitch predictor coefficients

are updated by the gradient algorithm as
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Bulm) = apln 1)+ - (:)"‘& e =
£q Yo

k=-1,01 (8)

where the leakage factor A is given by 0.95 and
the constant step size g 1s given by 0.06
The variance of ¢4(n) and fo(n) are updated by

6i(n) ~Ad3(n—1+(1—A)x*(n) (9)
IV. ROBUST ADAPTIVE PITCH PREDICTION

The use of a pitch predictor in linear predictive
coding system 1s effcient way to represent the
periodicity in the speech signal. The predictor
gain depends on many factors which consist of
the predictor order, nput sampling frequency,
the amount of periodicity in the input signal, and
the updating algorithm of pitch predictor paramet
ers. The prediction gain increases as sampling
rate increases because a mismatch between real
pitch period and its representation by integer mul
tiples of the sampling interval is reduced. The or
der of the pitch predictor is typically 1 or 3. The
use of multiple predictor cefficients provides an
interpolation for pitch periodicities that are not
an integer value and some additional prediction
gain over a single tap pitch predictor,

An 1mportant fact the pitch predictor is that
the all-pole structure of the pitch synthesizer is
very sensitive to channel errors since its impulse
response becomes substantially long due to the
distant sample prediction. Therefore, we modify
the nput of the pitch predictor to be given by
the mterpolation of neighborhood samples. The
smoother with 3 taps has a transfer function S(z)
s s s o Uand is placed in the location
shown 1n Fig. 3. The adaptation scheme of the pit
ch predictor is illustrated in Fig. 4. The pitch pre-
dictor becomes more robust if the coefficients of
the smoother are chosen to implement the func-
tion of a low pass filtering. Moreover, in order to
track the pitch period change in 4 block. the coef
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ficients of the smoother can be variable according
to the autocorrelation values of the present pitch
synthesizer output and three lagged samples with
pitch period. The coeffcients of the smoother are
assigned as s;7s,>s., if the following conditions
are satisfied :

oM+ D oy (n)

uln)
+
..... Lol
« Adaptation « '
\ Algorithm *~ "~
Fig. 3. Pitch Predictor with Smoother
S —— Voicing
Decision
o) Block M,
Adaptation
M,
Inhibition [
M| {3)) Control |,
Recursive Pitch {8}
—*|Smeother f— Coeff. Adaptation {8}

Fig. 4. Block Diagram for Pich Predictor Adaptation
with a Smoother

omp+1(n) > pm-1(n)
/;M1+1(n) >,(3mm

The autocorrelation function pk(n) is estimated
by the follwing recursion,

pr(n)=ap(n—1)+ ro(n)hrn(n*k)
di{n) (10)

where the leakage factor A is 0.95 and the variance
of the pitch svnthesizer output, ¢%(n) is updated by
(9). The coefficient s, is weighted more than s,
and s.; because the pitch period of the input is

considered to increase by one sample in this case.
The coefficients of the smoother are assigned as
s-1)suyst if the following conditions are satis-
fied:

oMy -1(n) > pMi(n)
on) > pvipei(n)

/;1‘\'11" 1) > I(A]mz'n

The coefficients -1 1s weighted more than sy and
.1 because the pitch period of the input 1s con-
sidered to decrease by one sample, Otherwise,
.1, = and s are the same as thst of the fixed
smoother,

The coefficients of the fixed smoother are giv-
en by (0.25, 0.5, 0.25), and coefficients used in
the variable smoother are decided either (0.53, 0.39,
0.08) or (0.08, 0.39, 0.53)depending on autocor-
relation values of the pitch synthesizer output.
The frequency response magnitude of the smoot-
her is shown in Fig. 5. It is clear that smoother
performs low pass filtering. This interpolated pit-
ch synthesizer output is used as the input in the
recursive pitch coefficient adaptation and the cal-
culation of the pitch prediction value. The gradi-

ent recursive algorithm is written by

s

Bilm) = Aln—1) + =L

et J(n=M
n) ol e {n) rdn—M,+k)

k=-1,01 (11)

where
rsin—Mitk)=siry(n—-Mi+k = 1) +seryln—Mi+k) +s .1,
(n~Mi+k+1) (12)

The pitch synthesizer output 1s

1
roln) = e (m+y_ Arn-M;+k)  (13)
K=~

1
e+ Bir(n—M,;+k)  (14)
K

1
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(0.53,0.39,0.08)
1
1
[aa]
©
(0.25,0.5,0.25)
gL ]
I
0 0.5 1.0 1.5
FREQUENCY (KHZ)
Fig. 5. Frequency Response of Smoother
where

B~z = B-151

B 1= B-150F8us1

Ao = F-15 1F+Lwsut s
A1 = Bus-1+F1%

B = /s

The equation (14) has the effect of increasing
the number of pitch predictor taps to 5 from 3

V. PERFORMANCE OF BACKWARD ADAPTIVE PIT-
CH PREDICTORS

The performance comparison of the pitch pre
dictor with Cuperman’s hybird adaptation and a
hybrid adaptation with a variable smoother are
presented in Table I and Table Il for a TDHS-tree
coder at rate of 6,4kbps and a tree coder at 9,
6kbps, respectively. Here, Fig 6 shows the impro-
vement by the inclusion of a smoother for the 6.4
kbps TDHS-tree coder.

The hybrid adaptation with a pitch tracker s
very sensitive to channel errors and does not con
tribute largely to the performance of the tree cod
er. The use of the smoothed input in the pitch
predictor gives a notable error performance in
crease about 4 dB at 10 "BER

1592

Table |. Performance Comparison of Hybrid Pitch
Predictors in 6.4 Kbps TDHS-Tree Coder

SNR/SNRSEG (values in dB)

Sent. |'BER | Cuperman’s l Var. Smoother
0 2117 1971|2061  20.21

Fern. | 107* [ 15.70 1626 | 19.36  19.01
1073 | 8.17  9.18 | 13.35 13.36

1072 | 3.18  3.01 | 4.43 4.70

; |0 1320 1696|1531 1756
| Male | 107 | 8.46 1220 | 1463  16.7S
| 10-% 1 463 7.6 11.81  13.20

[ 1077 ] -0.26 179 2.79 3.86

Table Il. Performance Comparison of Hybrid Pitch
Predictors in 9.6 Kbps Tree Coder

SNR/SNRSEG (values in dB)
Sent. | BER Cuperman’sj Var. Smoother
0 15.19 17.29 | 18.13 17.48
Fem. | 107 | 16.77 16.30 | 17.28 16.93
1072 | 11.23 10.91 ] 13.10 12.54
1072} 491 445 | 6.19 6.30

0 12.25 14.66 | 12.53 15.22
Male | 1077 | 11.63 13.28 {12.33 14.71
10°3 1 932 9,53 10.32 11.37
072 ] w16 424 505 542

T

and about 2 dB at 107 % BER over Cuperman’s hy-
brid pitch predictor. The pitch predictor with a
variable smoother provides an increase of about
0.6 dB in SNRSEG over the pitch predictor with-
oul a smoother in the noise free channe, The per-
formance improvement is notable in the low pit
ched male speech. The pitch predictor with a var
lable smoother can track the pitch period and its
representation by integer multiples of the sam-
pling interval due to a sampling rate reduction.
Fig. 7-Fig. 9 show narrowband spectrograms of
original speech and two pitch predictor schemes
at & BER of 10" 7. The pitch predictor without a

smoother shows considerable distortion in har-
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3.200 kHz

SNRSEG(dB)
204 0 : Variable Smoothing
- 4 o : Fixed Smoothing
® A Coeff. Tracking Only
9 7 : Cuperman’s Hybrid
Fa
15 -+
Y
10+ &
v
5 +
@
2
BER
0 10! 102 102

Fig. 6. Performance Comparison of Various Pitch Pre-
dictor Schemes for 6.4kbps

monic structure. However, the pitch predictor
with a smoother maintains the periodic structure
of speech well. In listening tests, the perceptual
improvement is evident and it maintains good
quality speech even at BER of 107,

For the multitree coder at 9.6kbps, the per-
formance improvement in the noise free channel

[ 2 W0 - o . .

-6.008 dB/COLOR, CONTOLR ON Time spanned: 0.809-2.258 S
-y A

Fig. 7. Spectrogram of Original Speech

3.2088 kHz

is reduced a little because the pitch period mis-
match 1s reduced by increasing the input sam-
pling rate of tree coder. For 9.6 kbps multitree
coder, the pitch predictor with a smoother pro-
vided about 0.35 dB gain in SNRSEG over the pit-
ch predictor without a smoother. Moreover, the
smoother inclusion in the pitch predictor gave us

much robustness in the noisy channel,

=T T T T Y]
-6.008 dB/COLOR, CONTOLR ON
E N " -

1

Time spanned: B.082-2.250 S

Fig. 8. Spectrogram of Reconstructed Speech in Noisy
Chanrel for 6,4kbps TDHS-TREE Coder :Cuperman-
’s pitch predictor, BER=10"3

i~ L L 2 ¥ 1 71

500 dB/COLR, CONTOLR ON

Time spanned: 8.,000-2.250 S
o)

3.208 kHz

Fig. 9. Spectrogram of Reconstructed Speech in Noisy
Channel for 6.4kbps TDHS-TREE Coder:With Var-
iable Smoother, BER=1("3
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V1. CONCLUSIONS

At a low rate, speech quality depends primarily
on the accurate representation of voiced speech.
Maintaining the correct degree of periodicity in
voiced speech is improtant to its perceptual qual
ity. In order to improve the error performance
and track the pitch period change of the input
speech, 1t was proposed to smooth the nput of
the pitch predictor. The smoother with three
taps can have fixed coefficients or variable cod-
fficients depending on the estimated autocorrela
tion function of the output of the pitch synthes
izer. The incusion of smoother in the pitch predictor
not only increase the robustness of speech coder,
but also improve the mismatch of pitxh period es
timation. It gave a 0.6 dB gain in SNRSEG over
the pitch predictor without a smoother in the noise
free channel. The performance inprovement was
notable in the low pitched male speech. In the
noisy channel, it gained up to 4 dB in SNRSEG at
BER of 10 * and 2.5 dB in SNRSEG at BER of
10" *. In the subjective listening test, tree coding
with robust pitch predictor contains little perceived
distortion at the BER of 107% At the BER of
1072, the reconstructed speech is intelligible and
easily understandable.
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Though a robust backward adpataive pitch pre-
dictor was applied in the tree coder, this pitch
predictor can be applied in other backward adap-
ted speech coders such as the low delay CELP
(LD CELP)" which is recently adopted by
CCITT as a 16 kbps standard ana future low de-
lay speech coders below 16 kbps.
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