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Adaptive Encoding of Fixed Codebook in CELP Coders

*Hong Kook Kim

Abstract

In this paper, we propose an adaptive encoding method of fixed codebook in CELP coders and implement an adaptive
fixed code exited linear prediction (AF-CELP) speech coder. AF-CELP exploits the fact that the fixed codebook contri-
bution to speech signal is also periodic like the adaptive codebook (or pilch filter) contribution. By modeling the fixed code
book with the pitch lag and the gain from the adaptive codebook, AF-CELP can be implemented at low bit rates as well as
low complexity. Listening lests show that a 6.4 kbit/s AF-CELP has a comparable quality to the 8 kbit/s CS-ACELP in

background noise conditions.

I. Introduction

The pilch filter or the adaptive codebook in code-cxcited
linear prediction {CELP) coders is employed to remove
the periodicity of speech signal and the resultant signal is
further modeled by a fixed coedvector. Accurate design of
the structurc and codewords of fixed codebook is import-
ant to dedcoded speech quality. To cfficiently represent
the excitation signal in CELP with low complexity, lots of
schemes have been proposed such as a sparse codebook,
an algebraic structured codebook, and so on [I]. Gener-
ally, the number of bits assigned to the fixed codebook
reaches about 40 percent of total bits of 2 CELP coder. It
makes CELP coders being hard to be realized in fow bit
rate. For example, the 8 kbils/s conjugate-structure al-
gebraic CELP (CS-ACELP) [2] assigns 34 bits every 10 ms
frame 10 the quantization of the algebraic codebook shape,
where 34 bits corresponds to 42.5 percent of all bits.
When we desire to oblain a low-bit-rate coder having the
same structure to the above CS-ACELP, lowering the bits
lo represent Lhe excitation signal causes the coder per-
formance to degrade rapidly.

As a remedy to this problem, we have proposed the re-
newal excitation codebook approach (o represent the ex-
citation signal {3]. We first observed that the tarpet
residual used in fixed codebook search is periodic to some
exlent and correlated with the adaptive codebook exci-
tation of speech signal. Therefore, the renewal excitation
signal could be generated from the adaptive codebook. In

this paper, we will propose an adaptive fixed codebook in
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CELP by extending the concept of the renewal excilation,
Speech signal is medeled by fiitering the combination of
the adaptive codebook and the fixed codebook. Conven-
tionally, the 1wo codebooks are used to update the adapl-
ive codebook memory. In the proposed approach, we bave
the adaptive fixed codebook memory designed separately
from the adaptive codebook memory. Similar to updating
the adaptive codebook, the adaptive fixed codebook is
also updated with only the fixed codebook excitation,

II. Adaptive Fixed Codebook

In order to obscrve the periodicity of the fixed codebook
excitation, we oblained the waveforms as shown in Fig. I.
The targel signal for the fixed codebook search has high
amplitude near the pitch onsel of the residual or adaptive
codcbook signal. Also, the pulses of algebraic excitation
signal, which is resulled from the codebook search of the
CS-ACELP, are mainly displaced at the regions corre-
sponding to the target signal of high amplitude. From
this, we say that the proposition that the fixed codebook
excitation is periodic to some extent is reasonable.

Fig. 2 shows the block diagram for the proposed CELP
coding algorithm. The excitation signal, r{»n), is repre-

senled as
r(n) =7, (n) +c,'(n), (1)

where r,'(s) and ¢,'(n) arc the adaptive codebook exci-
tation and the fixed codebook excilation, respectively. ¢, (1)
is produced from either the conventional fixed codebook
or the adaptive fixed codebook. An adaptive fixed code-
veclor without being multiplied by the fixed codecbook
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Figure 1. Waveforms:{a) the residual signal of a speech segment,
(b) the adaptive codebook signal of Lhe & kbitfs CS-
ACELP, {(¢) the target residual which is the difference
between (a) and (b), and (d) the algebraic codebook
signal of the 8 kbit/s CS-ACELP

a(n)

Ly
CB nen 1 wem (10 PF
g _p_,o r(n) Synthes : +
. Filter -
e —
le CB }*

Adaptae , ctn
Fixed CB :(n)

[ue |

T

Figure 2. A block diagram of the proposed CELP coding algor-
ithm
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gain, ¥, can be retrieved as follows:
oY= Becdn—=T.), for 0<n<Nand T. >N, )
and for T, <N
ﬂcca(n_rc), 0<n<T,
clmy=1{" . (3)
Blcdn—2T.), Tesn<N,

where N 1s the subframe size of a CELP coder, and T,
and B. are the estimate of the periodicity and the gain of
the adaptive fixed codevector, respectively.

For the adaptive fixed codebook (AFC) modeling, we
should determine ¥ as well as T, and £.. It is strongly
recommended that 7. and 8. are replaced with T, and 8.
corresponding to the pitch lag and the gain of adaptive
codebook, respectively, in order to enable coders operate
at low bit ratcs, From now on, we will denote T, =T,=T
and 8.=8,= 8 for the sake of simplicity. Compared to
the pitch synchronous excitation modeling such as in the
pitch synchronous innovation CELP (PSI-CELP) [4], there
is no need to find the fixed codeveclor index m the pro-
posed AFC modeling because the adaptive fixed codeve-
clor is selected from the AFC which only contains the
history of past fixed codebook excilation signal. On the
other hand, in the PSI-CELP, the fixed codevector is con-
structed by periodically repeating a codevector selected
from the stored fixed codebook.

In order 10 obtain the AFC excitation parameters, we
propose three scarch methods:sequential, joint, and hy-
brid optimum search. In the sequential optimum AFC
search, Lhe conventional adaptive codebook search is per-
formed beforehand, and thus the pitch lag and the adapt-
ive codebook gain are obtained. We assign 7 and & in (2)
or (3) as the pitch lag and the gain of the adaptive code-
book. The resultant overall error can be given by

()= NZI (5(22) — Solm) — h(n) % 7, (n) — Yeu(n))Y, (4)
n=0

where s(»1) is the original speech signal and so(%) is the
zero input response of the synthesis filter whose impulse
response is Aln). 74 (n) is previously known from the re-
sult of the adaplive codebook search and ci(n) is also
obtaincd from (2) or (3) by substituting 7 and £. The
fixed codebook gain minimizing (4) can be oblained as

'\_‘N_‘; s(n)cqn) ()
i e

im-0

Y=

where 5(n1) = () —so(n) —h(n) %, (n). This AFC search
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is so simple and has low complexily.
In the joint optimum search of AFC, T, £ and ¥ are
Jointly oplimized in analysis-by-synthesis loop. When T2

N, the overall error energy for the joint search is given by

T, B, = ¥ Go)—Bhin-T)=¥Bhn-TF. (6
where 5(m) = s(n) —so(n), A (1 —T)=hi(n)*r,(n—T) and
hdn—T)}=h(n)* c,(n—T). By differentiating (6) with re-
spect to # and ¥, respectively, we can obtain the optimum
Band 7 as

4= Hy Ho— HeHye
- ﬁcﬁr_H,z.‘ '
7_ Hrﬁr"”HrHrc
HHB—H.H,.

(n
(8)

where H, =020 S hin—T), He=L.3 $(n) hn—1),
B =35 kn=T) H.=L) hi(n—T), and H,. =13
hin—T)hd{n—T). For a given pitch lag 7, we first com-
pute 8 and ¥ by using the above equation. And then,
they are substituted back into (6) to compule the squared
error. We finally choose the optimal 7, £, and ¥ which
minimizes (6).

On the other hand, when the pitch lag is smaller than
the subframe length, the overall squared error is also
given by

N=)

N-1
er. 8, M=Y s¥n)-28 ):O SO h(m, T)

YA Y KOnT)-28" T im)him, 20)
n=0 nw~T

N- TON-I
=28 T hin, Dhin, 2T +8* £ h¥n, 2T),
n=7 a=7
(9

where h(sn, £)=h(n, ) +Yhdin, 1), for £ =T or 2T, with

L]

hin, Th= 3 rdk—T)h(n—Ak),

k=10
N-1

hin, 2T)= Y r(k—2T)h(n—k),
h=T

and
r-i

hin, TY= L cdk~T)hin—k),

k=0
R, 2T) = ’ir calk—2TValn ).

By setting the derivatives 28 and Y to be zero, we can

obtain the closed form solutions of £ and ¥. However,

Je [l
4
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the solution of # requires a rool-finding procedure of the
seventh order polynomal. This causes high computational
burden. Therefore, we incorporale the quantization of 4
and Y inlo lhe joint optimum search procedure. Each
quanlized values of & and ¥ are substiluted into (9} and
the squared errors are computed over all pitch lags.
Consequently, both 7" and the quantized # and ¥ are de-
termincd on a basis of minimum mean squared: error cri-
terion. This procedure can also be applied to the seach
when T2 N.

In practice, a hybrid search is preferred than the joinl
optimum scarch in a view of compulational complexity.
We [irst determine the optimal pitch lag by assuming the
AFC contribution 1o be zero. In other words, the conven-
tional adaptive codebook search is first performed. (6)
and (9} are not any more function of T. When T2 N, we
can simply compute £ and ¥ by using (7) and {(8). Simi-
lary, for T< N, T is substituted into (9) and £ and ¥ are
obtained by solving the higher-order polynomials. In this
hybrid search, we incorporale the quantization of £ and
Y into the cquations of {6) and (9). We globally scarch
codcbook indices for £ and ¥ by sequentially taking one
of codewords from the quantization codchooks of 8 and
¥ and linding each codeword of 8 and ¥ minimizing the
squared error. This procedure can significantly reduce the
complexity of the joint optimum search.

fl. Implementation and Performance Evalu-
ation

We designed a speech coder operating at 6.4 kbil/s by
adopting the adaptive fixed codebook concept. The coder
structure is based on the CS-ACELP operaling at 8 kbit/s
12). A 10 ms speech frame is divided inlo iwo subframes.
The excilation signal for one of the two subframcs is
modeled by the proposed adaplive fixed codebook while
the excitatlion for the other subframs is represented by
using the conventlional algcbraic codebook.

Table 1 shows Lhe bit allocation of thc 6.4 kbil/s
AF-CELP is the number of bils assigned to ihe fixed
codebook shape and gain. There is no bil assigned o the
fixed codchook in the AF-CELP. Wc first decide which
subframe is adequate for the AFC modeling and assign 1
bit 1o this indicator which is called dynamic flag as shown
in (he fourth parameter of Table 1. For the selected sub-
frame, the AFC method is applied to the fixed codebook
medeling. On the conlrary, the fixed codehook excitation
of the other subframe is represented as the algebraic code-
book. The adaptive codebook s updaled differently ac-
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cording to the value of the dynamic flag (DF). when the
AFC search is employed (in the case of DF = | of Fig. 2),
the adaptive codebook memory is updated without the
fixed codebook excitation. On the other hand, the adapt-
ive codebook memory is updated conventionally when
DF =0. As a search method, we employed the sequential
AFC search method. In the CS-ACELP, the algebraic
cadebook search is a major portion of computational
burden. We could reduce the search complexity by halv-
ing the number of algebraic codebook search and increas-

ing a few computations in finding the AFC gain of (5).

Table 1. Bit allocation of Ihe 6.4 kbit/s AF-CELP speech codei

Paramelers Aﬂgned Bils

.S‘.;.l.xb.frame I | Subframe 2 . F.ramc
. o o " ] ___]8_
Pitch . s | s | on
Parity l - _l 3
D;namw Flag 1 1
Fixed Cocicbook Shape 13(~} ‘ -3 1 13
Fixed Codeboélll( Sign :1(—) —(4) .4
Gain A T Y
Tolal o 64

We have done subjective qualification tests for the
AF-CELP. A dcgradation calegory rating (DCR) test over
the 8 kbit/s CS-ACELP is carried out. The CS-ACELP is
known to offer the toll-quality in various input conditions
{5]. In DCR [6], the decoded speech processed by the
CS-ACELP is presented before that processed by the
AF-CELP. Ten listeners parlicipated in the experiments
and each listener judged the quality degradation of speech
to be cvalualed with regard to the preceding reference
speech. Each degradation judgement is done on a 5-point
degraded mean opinion score (DMOS). in order words, §
point mecans the degradation with regard to the preceding
speech is inaudible and 4 point degradation is audibie but
not annoying, Also, 3, 2, and | point are rated by the
listeners when degradation is slightly annoying, annoying,
and very annaying, respectively. Finally the DMOS of each
presenlation is collected and averaged over ail listeners
for each condition. We prepared speech data which con-
sist of four sentences spoken by four Korean talkers (two
males and two femals), wherc each sentence is of 8 sec
long. Speeches are sampled with the raie of 16 kHz, and
then filtered by the modified intermediale response sys-
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tem (IRS) filter followed by the automatic level adjust-
ment (7). To process them by the coders, they are down-
sampled from 16 kHz to 8 kHz.

First of all, the coder performance was tested under
noise-free conditions, which include error-free, asynchro-
nous two slage tandem capability, and random missing
frames of 3%. As shown in Table 2, the AF-CELP shows
the slightly degraded performance to the CS-ACELP
under clean environment at which input level is set to
—26 dBovl. However, the quality of the AF-CELP in
frame erasure and tandeming conditions degrades annoy-
ingly compared to that of the CS-ACELP.

Table 2. DCR test results of the proposed coder compared 1o
the 8 kbit/s CS-ACELP under noise-free conditions

,Endilions DMOS
Male F_e;k Avg.
Elcan B ..4.40 4.05 ‘ 4.23—_F
2Tandem” 310 2.85 298
Framc Erasure 3% ”3.60 3.55 3.73 ]

Nexl, we tested the cader performance under three types
of noise such as office babble al 30 dB signal-to-noise
ratio (SNR), car noise at 15 dB SNR, and the interfering
talker at 15 dB SNR. As shown in Table 3, the perfor-
mance of the AF-CELP in babble and interfering talker
noise conditions provides slightly audible degradation to
that of the CS-ACELP. Under car noise condition, the
AF-CELP smoothes noise signal as if it performs a kind
of noise suppression. For this reason, most of listeners
felt the diffcrence of decoded speech qaulity from the
AF-CELP, compared to that from the CS-ACELP.

Table 3. DCR test results of the proposed coder compared to the
8 kbit/s CS-ACELP under backgroud nois¢ conditions

Conditions DPMOS

SNR Male Female Avg.

Babble Noise 30 dB 4.40 4.20 430

Car Noise IS dB 3.30 3.65 348

Intecfering Talker 15dB 4.50 4.40 4.45

In addition to the DCR test, we performed the absol-
ute category rating (ACR) based on the 5-point MOS
scale [6]. Table 4 and 5 show the MQS scores of the
CS-ACELP and the AF-CELP under the same conditions



corresponding to Table 2 and 3, respectively. The MOS
scores of the AF-CELP reach about 30% of those of the
CS-ACELP for the test conditions of clean, babble and
interfering talker. On the conlrary, we could achieve the
superior performance of 10% with the car noise condition
while the degradation was observed for the tandeming
condition. Fig. 3 shows the relation between the DMOS
score and the ratio of the MOS scorc of the AF-CELP to
that of the CS-ACELP for each test condition. From Lhe
figure, we could conclude thal the two tests of the DCR
and the ACR are consistent except the reference coder of

lower quality.
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Figure 3. The ratios of the MOS score fo the AF-CELP Lo Lhat
of the CS-ACELP against the DMOS scores of the
AF-CELP

Table 4. ACR tesl results of the CS-ACELP and the proposed
coder under noise-lree condilions

Conditions CS-ACELP AI-'-CE_Hj_m_"
Mazle |Female{ Avg. | Malc chul*.:‘ Ave.
E;can 415 415 | 415 | 375 | A7 | 303
.2_;3;1_(;;11_. 315 3 .3;)._——.3_.-2.?; i 235 255 | 240
Em; Erasure 3% | 3.35 | 3.00 | 3.18 | 2.60 | 280 | 2.70

Table 5. ACR test results of the CS-ACELP and the proposed
coder under background naise conditions

Conditions CS-ACELP AF-CELP
SNR | Male chalc[ Avg. | Male |Female| Avg.
ﬁ)bl.e-l-ﬁ-n.ise“ . 30dB | 3.90 40; 3.;?8— 3851 380 | 3.68
tar Noise iS dB .2_80 205 (288300 | 335 IR
.l.;\](.:;rlng Talker“ lSIdB. 350 365 | 258|295 A0 |33}
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Finally, we dcsigned a 7.2 kbit/s variable ratc specch
coder by swilching speech coders between the 8 kbit/s CS-
ACELP and the 6.4 kbit/s AF-CELP every 10 ms. An infor-
mal listening lest shows that listeners could not different-
iate the qualily of the coder from that of the CS-ACELP.

We implemented the CS-ACELP and the 6.4 kbil/s
AF-CELP on a Texas Instrument TMS320C5X fixed-point
general purpose digital signal processor which runs at 40
MIPS. Table 6 shows the processor load comparnison of
the two coders. In our implementation of the CS-ACELP,
the complexity of the algebraic codebook search reaches
5~10 MIPS. We can reduce the complexity by half becausc
the AF-CELP searches the algebraic codebook once every
frame. Of course, the authors [8] reported that algebraic
codebook search requires 8.4 MIPS in worst case. We cx-
pect (hat about S0 persent reduction can be achieved in
this case. On (he other hand, aboul 19 percent increasces
of the program memory and the working memory arc

needed, respectively.

Tabte 6. Processor load of the CS-ACELP and 1he AF-CELP
on TM320C5X DSP

—~
8 kbil/s 64 kbit/s
CS-ACELP | AF-CELP
Co m;;le“x' ity Worsl Cascl 14 29
(MIPS) mMinimu;r:_ -2:) """ 7)
Average n 2
R()M' ikW) Program 1580 16.17
(16 bits) _Dala o 323 323 o
) RAM (kW) (16 bits) s L eaz

V. Conclusion

A new AF-CELP coder was proposed by incorporating
the adaptive fixed codebook (AFC) concept into CELP
coder. By combining the adaptive codebook search, the
AFC search can be done in a form of sequential optimum,
joint opiimum, and hybrid optimum search. Each scarch
method should be carefully chosen by trading off the
computational complexity and the coder performance.
Listening test shows that an AF-CFLP operating at 6.4
kbil/s achieves the comparable specch quality Lo the
CS-ACELP at 8 kbil/s in rcal situations such as babble
notse, car noise, and interfering talker environmem(. A
varable rate coder swilching from the CS-ACELP and
the AF-CELP every 10 ms was also designed and il is
shown (hat the performance of the variable rate codec is

equivalent to that of the CS-ACELP.
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