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VETHOD AND APPARATUS | N CODI NG DLG TAL | NFORVATI ON TECNI CAL _FI ELD OF
THE | NVENTI ON The invention is related to speech coding techni ques
and general speech processing. Mre particularly, it is related 5 to
speech codi ng net hods based on anal ysis by synthesis schenes in

conbi nat i o\WQWPFM926ackwar d adapt ati on techni ques. DE

RELATED ART A system based on an'ill ysis by synthesis and backward
adaptation is used for instance in the Low Del ay Code Excited 10 Linear
Prediction (LD CELP) speech codec, that was recently st andar di sed by
the International Tel ecomruni cation Union (I'TU in the publication

" CODI NG OF SPEERETROD INIX APPARATEE NN CODING/DIEITAL ANMORMATIOND LI NEAR
PREDI CTI ON', copyright by ITU 1992, recommendation G 728. This speech

signal conpression 15 _al g%rithm I s neanwhil e well known under the speech
codi ng FFERR OF THE TNYEFNTION Digital networks are used to

transmt digitally encoded
The invention is related to speech coding techniques and
general speech processing. More particularly, it is related
5 to speech coding methods based on analysis by synthesis
schemes in combination with backward adaptation techniques.

DESCRIPTION OF RELATED ART

A system based on analysis by synthesis and backward
adaptation is used for instance in the Low-Delay Code Excited

10 Linear Prediction (LD-CELP) speech codec, that was recently
standardised by the International Telecommunication Union
(ITU) in the publication YCODING OF SPEECH AT 16 Xbit/s USING
LOW-DELAY CODE EXCITED LINEAR PREDICTION", copyright by ITU
1992, recommendation G.728. This speech signal compression

15 algorithm is meanwhile well known under the speech coding
experts all over the world.

Digital networks are used to transmit digitally encoded
signals. In the past mainly speech signals were to be
transmitted. Now the data traffic caused by a wide spread use
20 of electronic mailing networks is worldwide growing more and
more. From an economical stand point, the number of connected
users must be maximized without network congestion. aAs a
consequence, speech compression algorithms have been
developed specially optimized by utilizing noise masking
25 effects. Unfortunately, these coding algorithms are not well
suited for the transmission of voiceband data signals. So the
idea is to add signal classification algorithms and to use
voiceband data signal compression (VDSC) algorithms when data
signals are detected. Currently a 16 kb/s-Digital-Circuit-
30 Multiplication-Equipment (DCME) transmission system is being
standardised using this idea. The LD-CELP codec will be used
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during transm.ssion of voice band data. However, when speech
is currently being transmitted this would result in rather
10 annoying effects.

In order to overcome this problem in 16 kb/s DCME systems it
was proposed to keep the LD-CELP architecture also for
voiceband data signal compression. Only the bit rate should be
increased for example by providing larger shape codebooks in

15 order to ensure sufficient quantization. With such a method
a continuous shape of the time signal would be guaranteed when
switching from one coding mode to the other.

The drawback of this solution is twofold: on the one hand, the
computational load would be increased significantly during
20 transmission at higher bit rates. This makes implementations
not very attractive as the conventional LD-CELP requires
nearly the complete computation power of digital signal
processors (DSPs) which are currently offered on the market.
Oon the other hand, it is very likely that the coding of
25 voiceband data signals can be done much more efficiently with
specially optimised architectures fesulting in bit rates
below 40 kb/s or higher performance. Hitherto, 40 kb/s seens
to be the required bitrate for VDSC algorithms. It is trivial
to mention that this switching problem also arises if already
30 existing signal compression algorithms are used in com-
bination with LD-CELP type codecs. Known systems are using for
exanple the algorithms according to ITU rec. G.711 (64 kb/s)
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In the patent US 5,233,660 is disclosed a low-delay digital
speech encoder and decoder based on code excited linear

10 prediction (LD-CELP). The coding includes backward adaptive
adjustment for codebook gain and short-term synthetis filter
parameters and also includes forward adaptive adjustment of
long-term syrithetis filter parameters. An efficient, low-
delay pitch parameter derivation and gquantization permits an

15 overall delay which is a fraction of prior coding delays for
equivalent speech quality.

In the patent US 5,339,384 is also disclosed a CELP coder for:
speech and audio transmission. The coder is adapted for low-
delay coding by performing spectral analysis of a portion of

20 a previous frame of simulated decoded speech to determine a
synthesis filter of a much higher order than conventionally
used for decoding synthesis and then transmitting only the
index for the vector which produces the lowest internal error
signal. Modified perceptual weighting parameters and novel

25 use of postfiltering imp:;oves tandemning of a number of
encodings and decodings while retaining high quality
reproduction.

Also the patent US 5,228,076 is of interest since it includes
use of the abovementioned ADPCM coding algorithm.
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transmission of other types of information than speech, time
intervals can occure which can be used for the transmission of
alternative information on the same channel.

Discontinuities in the output signal can be eliminated if the
states of the coding scheme, which is to be activated, are
being pre-set with the same values as if this coding scheme
would already have been active in the past. The problem is
that the generating of the corresponding initial values of the
state variables is not trivial when the codec is based on
backward adaptive schemes, as in the LD-CELP type coding
scheme. The predictor coefficients depend on the past
quantized output signal, as coefficients of a synthesis filter
in the LD-CELP type coding sceme. Additionally states and
predictor coefficients depend on the past gquantised
excitation signal, as coefficients in a gain predictor depend
on an excitation signal of a synthesis filter in the LD-CELP.
More specific the problem is that this past excitation signal
is not available when the codec is to be switched on. Even if
the state variables can be retrieved there would be a demand
for enormous instantaneous signal processing power at the time
where the codec is to be initialised. This processing would
exhaust all DSPs currently available on the market.

The present invention discloses the techniques how to retrieve
the state variables and shows the ways of reducing the
required signal processing or computation power allowing
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Buring e.g. speech transnission a considerable part of the transm ssion
time is silence. During this silenced intervals it is possible to use
the transniVweP@H926 nk for transmtti ng 5 data. Data and sPEREEENES coded
by different codes and a problemis to switch between different coders
and avoid di scontinuities in the s;r’eech after the switching. This is the

case especially for backward adaptive coding schemes. Also in
transm ssion of other types of information than speech, tinme 10 intervals
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scheme 15 uWPEhdiddfhatenelays. been active in the past. The problemis
that the generating of the corresponding initial values of the state

variables is not trivial when the codec is based on backward adaptive
schenesy aMore irhdetai’Ehe prghiennils mplved by generating coefficient

values from the pre-set state values and restoring a signal
sequence (vector) from these coefficient values and the signal
sequence. This signal sequence (vector) is utilised for direct
generating the decoded output, e.g. speech, in the decoder and

10 also in the encoder and is normally generated succesively
during the transmission. By restoring the signal segquence
(vector) the codec is started up rapidly.

In a simplified embodiment the coefficient values are not
generated in the codec but transferred directly from the

15 parallel codec that is switched off. The transferred
coefficients are used for the restoring of the signal sequence
(vector).

It is an object of the present invention to provide
appropriate means and methods allowing backward adaptive

20 speech coding scemes, like LD-CELP type speech codecs, to be
activated by keeping a continuous shape of the reconstructed
output signal. Modifications are also being presented so that
the signal processing load around the initialisation phase can
be képt reasonable low.

25 The advantages of the invention is that only a moderate signal -
processing power is required when switching to a codec, and
the switching can be performed without heavy discontinuities
in the output signal. When transmitting speech and data on the
same communication channel, no annoying effects are observed

30 in the speech when switching to the speech coder.
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coding scheme based on backward adaptation techniques.

Fig., 3a shows a block diagram of a LD-CELP encoder.

Fig. 3b shows a block diagram of a LD-CELP decoder.

Fig. 4 illustrates in more detail the contents of the local
10 decoder shown in Fig. 2.

Fig. 5 illustrates in a low level block diagram the backward

adaptation of the Synthesis Filter and the corresponding

predictor coefficients.

Fig. 6 illustrates in a low level block diagram the backward
15 adaptation of the Gain Predictor and the corresponding

predictor coefficients. '

Fig. 7 a and b illustrates the procedure of performing the

Synthesis Filter operations in the LD-CELP speech codec.

Fig. 8 shows in a flow diagram the procedure of warming up the
20 states in a LD-CELP type speech codec.

Fig. 9 shows a block diagram for generating of an excitation

vector.

DETAILED DESCRIPTION OF EMBODIMENT

For describing the preferred embodiment of the invention it is
25 useful to explain some details of backward adaptive speech
coding schemes as used for example in the LD-CELP algorithm.
Fig. 1 illustrates, in block diagram form, a transmission
system with different coding schemes for speech signals and
voice band data signals. On the transmitter side there is an
30 encoder 100 for LD-CELP coding speech and a VDSC data encoder
101. An input line 99 is connected to the encoders by a switch
98 and the output of the encoders are connected to a
communication channel 120 by a switch 102, A signal
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with the switches on the transmitter side. A buffer 192 is
10 connected to an extra output of the data encoder 101 and is
connected to an input 144 of the speech encoder 100 via a
switch 193. This switch is activated by the signal
classification device 103. On the receiver side there is a
corresponding buffer 292 and a switch 293. As an examplifying
15 embodiment the speech codec 100 is of type LD-CELP and is
being used when speech is to be encoded, whereas another
coding scheme VDSC is used in the data encoder 101 when voice
band data signals are present. The information on the
currently used compression scheme is usually passed form the
20 transmitter to the receiver over the separate signalling
channel 191. The invention is related to the situation where
the coding scheme VDSC has been active and the signal
classification device just having detected the presence of
speech. This results in activating the LD~CELP type speech
25 codec 100 and 200.

Fig. 2 illustrates on a very high level the basic principle of
a backward adaptive speech coding scheme as is used for
example in the LD-CELP. On the transmitter side there is a
codebook search unit 130 and a local decoder 95. The local
30 decoder 95 is connected to an input of the codebook, which has
also an input for an input signal. An output from the codebook
search unit is connected to the input of the local decoder.
The transmitter transmits a codevector CW to the receiver. On
the receiver side there is a local decoder 96 connected to a
35 postfilter 217, which in turn is connected to the output 219.
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100 and also the VDSC encoder 101. The switches 102 and 98 for
selecting encoder 100 or 101 and the signal classification
circuit 103, controling the switches 98 and 102, are also
shown as well as the buffer 192 and the switch 193. The
incoming signal S is connected to the signal classification
circuit 103 and to the LD-CELP encoder 100. The LD-CELP
encoder includes a PCM converter 110 connected to a vector
buffer 111. The encoder 100 also includes a first exitation
codebook memory 112 connected to a first gain scaling unit 113
with a first backward gain adapter 114. The output of the
first gain scaling unit 113 is connected to a first synthesis
filter 115 having an input 144 and being connected to a first
backward predictor adaptation circuit 116. The output of the
synthesis filter 115 is connected to a difference circuit 117
to which also the vector buffer 111 is connected. The
difference circuit 117 in turn is connected to a perceptual
weighting filter 118, the output of which is connected to a
mean-squared error circuit 119. The latter is connected to the
excitation codebook memory and to the communication channel
120 connecting the LD-CELP encoder 100 with the LD-CELP
decoder 200 on the receiver side of the transmission, shown in
Fig. 3b.

Fig. 3b shows the VDSC decoder 290 with the switches 198 and
203 and also buffer 292 with the switch 293. The LD-CELP
decoder includes a second exitation codebook store 212
connected to the communication channel 120 and to a second
gain scaling circuit 213 with a second backward gain adapter
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7 classification device 103 is connected to the input |ine 99

and controls the switches 98 and 102. On the receiver side there is a
decoder 200 for speech decoding and a data decoder 290. The decoders
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VDSC i s uskeMiArlsworgi-dlasnconvertied silgnalysi iz converted to uniform
PCM in converter 110. The input signal is then partitioned
10 into blocks of five consecutive input signal samples, named
input signal vectors, stored in the vector buffer 111. For
each input signal vector the encoder passes each of 128
candidate codebook vectors, stored in the codebook 112,
through the first gain scaling unit 113. In this unit each of
15 the vectors are multiplied by eight different gain factors and
the resulting 1024 candidate vectors are passed through the
first synthesis filter 115. An error generated in the
difference circuit 117, between each of the input signal
_ vectors and the 1024 candidate vectors, is frequency-weighted
20 in the weighting filter 118 and mean-squared in circuit 119.
The encoder identifies a best code vector, i.e. the vector
that minimizees the mean-squared error for one of the input
signal vectors and a 10-bit codebook index CW of the best code
vector is transmitted to the decoder 200 over the channel 120.
25 The best code vector is also passed through the first gain
scaling unit 113 and the first synthesis filter 115 to
estabish the correct filter memory in preparation for the
encoding of the next coming input signal vector. The
identifying of best code vector and updating of filter memory
30 is repeated for all the input signal vectors. The coefficients
of the synthesis filter 115 and the gain in the first gain
_scaling unit are updated periodically by the adaptation
circuits 116 respective 114 in a backward adaptive manner
based on the previously quantized signal and gain-scaled

35 excitation.
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used i n order ter or a current sp eec nment
to be in the second ga:m scaling circuit 213 are then updated in the

10 same way as in the encoder 100. The decoded signal vector is
then passed through the postfilter 217 to enhance the
perceptual quality. The postfilter coefficients are updated
periodically using the information available at the decoder
200. The five samples of the postfilter signal vector are next

15 passed to the PCM converter 218 and are converted to five A-
law or pu-law PCM output samples. Naturally both the encoder
100 and the decoder 200 utilizes only one and the same of the
twvo mentioned PCM laws.

20 Fig. 4 illustrates the generation of the guantized output
signal or reconstructed signal in more detail in the local
decoder 95 and 96. In Fig. 3a the local decoder comprises the
synthesis filter 115 and the gain scaling unit 113 with its
gain adaptor 114. More in detail the excitation codebook 112

25 includes a shape codebook 130 and a gain codebock 131 and the
circuits 113 & 114 include multiplyers 132 and 133 and a gain
predictor 134. The latter generates a gain factor GAIN', the
so called excitation vector, and the gain codebook generates
a gain factor GF2. In the multiplier 133 a total gain factor

30 GF3 is generated. In other words the gain factor consists of
the predicted part GAIN' and the innovation part GF2 which is
selected out of eight possible values stored in the gain
Codebook 131. In the Local Decoder, the transmitted codeworad
CW of Fig. 3a is split up into the Shape Codebook Index SCI (7

35 bits) and the Gain Codebook Index GCI (3 bits). The selected
excitation vector from the Shape Codebook 130 is multiplied by



encoded, as will be described nore in detail bel ow Fig 3a shows a
sinplified block diagramof the LD-CELP encoder 100 and al so the VDSC
encoder 101. The switches 102 and 98 for sel'ecting éencoder 100 or IOT
and the signal classification 10 circuit 103, controling the switches 98
and 102, are also shown as well as the buffer 192 and the swi tch 193.
The | NONO96MY926i gnal S is connected to the si.gnal cl asskCTSESSDUIRS
circuit 103 and to the LD CELP encodeélloo. The LD- CELP encoder

i ncl udes a PCM converter 110 connected“to a vector 15 buffer 111. The
encoder 100 al so includes a first exitation codebook nmenory 112
connected to a first gain scaling unit 113 with a first backward gain

?dapt fer 1t16heT¢emlﬁawﬁoxOGFn hinto thél éﬁéiwibxﬁ(‘sﬁlbln@%4g'l\(1dlﬂ§) IaszdconneCE eg
o a first,sy | an .i.np an i,ng _connecte
to a fi rstig Pé%a@%?%'ﬁp tﬁ) Fﬁf’ﬁ& %I%\g’a]?%fnq&sl‘cﬁ? ?L&%rg’h‘ﬁf t of the
synt hesi s execitation $5€9fm:1nﬁﬂi-ed-5b iz gekesrimordsn toi pre._di?ct thet 0 which

al so the vgaifro¢thlecheitd bxcitaf Ty . oot ot
§ o e ﬂ&ﬁ%@r 5ﬂIN fﬂ1 tar llé t heg%lg'g{ put of

w th ;sgcog ét 3 &aﬁ?ggg‘ﬁ’éﬁl eGrin &?%hP g&?r‘l’lﬁl‘f used inerderitor s

connected to d;dna:'ect acpossibly errodebuskpredixted ga ihof Adeor GAINti.cat i on

channel 120 connecting the LD CELP encoder 100 with the LD CELP
decoder 200,o0n ¢t ilrecel ver side of_ the transm ssiaon, shown in Fig. 3b.
30 Fig. Mg rstyptes da detelldhe bpnic Rringinlessof dackyard 203

and al so badaptiveAinear phedivticrhasAsed forlLék&mple in thle ADH@ELPNC| udes a
second ex'%aaéenfaeﬂgoi&@ﬁag Ry o1efEIE LB Pid S BRI WGY | on

channel circui cond
backwat@ gBeH ggagfepne sampling perlod T. e outputs of the delay

elements are connected to each a coefficient element 141 with
predictor coefficients A, to A;;, the outputs of which are
connected to a summing element 142. This element is in turn
connected to a difference element 143 which has an input for
15 the excitation signal sequence ET(1...5) and which is
connected to the first delay element 140 of the delay line.
Each of the delay elements are connected to an LPC analysis
unit which is the backward predictor adaptor 116 of Fig. 3.
The delay elements are also connected to the input 144. The
20 adaptor 116 is connected to the respective coefficient
elements 141. The connection between the difference element
143 and the delay line has an output for a quantized output
signal which is the decoded speech signal SD. The past
reconstructed speech samples of the signal SD are stored in
25 the delay line elements 140, ‘T’ indicating a delay of one
sampling period. The most recent samples of this delay line
are weighted by the predictor coefficients (A,...A;, A;=1)
and form together with the excitation signal ET(1...5) the
guantized output signal or decoded speech SD. The newly
30 generated samples SD are then shifted into the delay line. The
corresponding predictor coefficients a, to A;; are derived
from the past history of the decoded speech by applying well
known LPC techniques in the backward predictor adaptor 116. As
indicated on Fig. 5 the elements 141 are connected by inputs
35 139 to the outputs of the adaptor 116. In rec. G.728, the
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9 214. The second gain circuit 213 is connected to a second
synthesis filter 215 having an i nput 145 and bei ng connect ed to a
second backward predictior adaption circuit 216. An adaptive postfilter
217 is connected with its input tothe 5 synthesis filter 215 and with
its output to woPDEMSe&Nverter 218 with a A-law or [err]-| REF/SESNUIRR put
219. The LD- CELP encoder 100 operag;s in the foll owing manner. The
PCM A-law or [err]-law converted signal is converted to uniform PCM

in converter 110. The input signal is then parti-tioned 10 into bl ocks of
five consecutive input signal sanples, naned | nput signal vectors,
stored in thewholeotelbtil e bohsikbting of €08 sampliess ignédl el ' Speech

encoder passe 10 | e eb V, 41 t he
codeboo.kpllz, Bu hr%’ﬁ%égpﬁ%e? ??sn& &3{ nsgggT-’l (r)lig;&%Jn'lefcl ;’Clgf% p?%&?ﬁ%é dt}ri it
each of 15 tFhe/mostrrxecent partiof iﬂ%dsb9u§fgﬁtiqjicﬂﬂéﬂénth§éim and
the resul ting piQ2érdaana dehetE® @s0r STRIELIEGES.CA S0 03 kHelBseudo idoael.

synthesis filter 115. An error generated in the difference circuit 117,
bet ween each of the input signal vectors and the 1024 candi date
vectors, i$ fEdquebewhishoternespondsita khekackwandygainagaptog L4 and

mean- fﬂuar edt b‘&r’%il&c%hht &é_@n_scaliﬂ%e;ﬁﬁ.ﬁodﬁﬁ Béeﬁiﬁl;i £5 ﬁltifﬁiira(t@ie i]‘cl‘teg}]m '
put o getaid e slhietle 3h b, dBa8o Bt PSR OWE 1 P BREERode.
vector is t rfalqem'e(ra&dngountle MCddecomtndartct hedehannbinQMtrQ_@elﬁye best
CreVees Ly ARBRTSE RGP e o bbby cBkcive EARIOH S SO
prepar at i f d by 5T in the elements. A part of the delay elements
150 are connected to coefficient elements 151 with predictor
coefficients GP, to GP,;. The coefficient elements are
connected to a summator 153, having an output for the signal
GAIN'. All of the delay elements 150 are connected to a
15 predictor adaptator 154, the outputs of which are connected to
coefficient elements 151. The energy of the excitation signal
ET(1...5) is shifted into the delay line. Again, the most
recent values of the energy are weighted by the predictor
coefficients (GP;...GP,;, GP;=1), the sum generated in
20 summator 153 yielding the gain factor GAIN' predicted for the
next ihput signal vector to be encoded. Also here, the
corresponding predictor coefficients are derived from the
past history of the energy of the excitation signal (1...5) ET
by applying well known LPC technigques in the predictor adaptor
25 154. By the way, in the LD-CELP codec the state variables of
the Gain Predictor are represented in the log. domain as
indicated by a units 155 and 156. This may be different in
other backward adaptive schemes.

Finally, some knowledge about the procedure of finding the
30 optimum excitation vector ET (1...5) seems to be useful for
understanding the details of the invention. Reference is made
to Fig. 7a and 7b which show parts of the synthesis filter of
Fig. 5. Fig. 7a and 7b show the synthetis filter operated in
different states as described in the ITU Recommendation G.728,



encodi ng of the next coming input signal vector. The I denti fyi ng of
best_code_vector and updating of filter nmenory 30 is repeated for all the

i nput signal vectors. The coefficients of the synthesis fiTter 115 and
the gain in the first gain scaling unit are updated periodically by the
adapt ati on circuits 116 respective 114 in a backward adaptive manner
based on t NO24%6o0usl y quanti zed signal and gai n-scal ed FCTSENPULE on.
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10 The decoding in decoder 200 1s also perfornmed on a bl ock-by-

bl ock basis. Upon receiving each 10-bit codebook index CWon t he
channel 120, the decoder perforns a table | ook-up to extract the

cor r esponcdpage ddandcdlso findicated drcitatFIGURD 296dzhedby diffetentext r act ed

codevect Orciécgéé‘% 888 3 fok Wil Bntnenid 31 1RCA0CHOD BEOLED bRl | 213

and the se synt uce current Jdecoded
si gnal veck®¥ exq:ngle, fié’&e#‘l“?‘?ﬁ%@ sanples ﬁé&ﬂlkﬁﬂﬁ%g?@¥¢9 fbe 215 and

the gain wvector U&ebsmmdegaln acvectisr dercompletisl, Fiveldeiplygxloted in the

a C r d aI t hen
passed”’?h%eghsr %st?el 8%'% 2%99%;-%%1%%% 5592 '@ﬁh?etrjda: gqual Ity.
The post f |‘F‘%‘§Frm£ PR ERis iapysoepesch vegter Béﬁéé D? '-'J!ﬁ tgroes
i nf or mat i orecter ) aﬁiﬁgﬁgtb@ ges6dahput n&ee fl!QNRMDl £s) Oﬁst he

e converPeferd 1L Shedlnd Ry simeBRiE 1418k FAERuESER IR S Nat ur al | y
both the etnmnérsamplemﬂo'émﬁqwefmﬂm signialzeanmailgo decserd t he sane
of theip as the predicted samples for the current speech vector. In the
encoder, all 1024 possible excitation vectors of the Shape
Codebook 130 combined with the gain codebook 131 are fed
through the Synthesis Filter, starting with zero states for
each new vector yielding a zero state response ZSTR(1...5),
15 see Fig. 7a. The resulting five samples for each excitation
vector are compared against the target vector. Finally, the
one is chosen that yields the minimum error. Once the optimum
excitation vector is found, the Synthesis Filter states are
updated. That is, the zero state response belonging to the
20 chosen excitation vector is added to the zero input response
resulting in five new samples of the decoded speech or new
five state values of the Synthesis Filter. This update is done
in the local decoder on the transmitter side and the receiver
side as well.

25 It should be carefully noted that the above detailed
description of the Figs. 4, 5, 6 and 7 is made for the
transmitter side but is to be applicated on the receiver side
as well, as appears from the description to Figs. 1, 2, 3a and
3b.

30 After having described above an overview of the invention and
having described the most important details of the LD-CELP
speech coding scheme, the detailed description of the
preferred embodiment of the invention will be given. When a
backward adaptive speech codec like the LD-CELP speech codec



two mentioned PCM | aws. 20 Fig. 4 illustrates the generation of the
quanti zed out put signal or reconstructed signal in nore detail in the

| gcal decoder 95 and 96. In Fig. 3a the local decoder conprises the
synthesis filter 115 and the gain scaling unit 113 with its gai n
adaptor 114. More in detail the excitation codebook 112 25 includes a
shape codebookWO32492fd a gai n codebook 131 and the ci r cui RGI/SEPE00428,) 1 4

i nclude multiplyers 132 and 133 and a gali predi ctor 134. The latter
generates a gain factor GAIN, the sO called excitation vector, and the
gai n codebook generates a gain factor GF2. In the multiplier 133 a
total gain factor 30 GF3 is generated. In other words the gain factor

consi sts Ff is todegactivated mrttﬁ&é\lolfauﬁs eedecraretvailablé, GR2.whi ch
IS sel ect t | e |
Codebook. 131, r?%théhap n% L‘{%Qé’g%h?igxﬁi’éﬂ éné‘cﬁﬁ% bfﬁﬁ&ﬁ:ﬁim ot K& Fig.
3ais split u;s‘qlmroline %E’éGCOG(-ﬁR)ém eAgRentE| 150 of5Figi 1 €) omby tHhe Gain

Codebook | ndexuantizédldignal , MitictEwas prdduced B tha iprevivasl 9rinming he
Shape OOdeg;‘iz g:o%*ﬂg' Schitld, BLiSL 1 1ected. Theretdfe 9%24%21& toobtain

PCT/ SE96/ 0
GF3 into the encotht itnangiyionspTretrisyingdof the LPYCEWP 0§ nteﬁe is

Synthesi s Fi |l pRitbihed b tR)GNGYtRE Hidtory ofemétp'ﬂswauepaaahﬁllas 5) is
taken in or der to redl of t £xt_excitat ector GAIN .
Ther ef or e, thé’h&aP 818, 'b&‘gSr @pf&al;ﬁ]y&ﬁgf? Heend, i APo¥sd ]Bb%&‘ﬁ%c’tﬁ'l y
used i n order of the past output signal is taken from the VDSC codec, stored
10 in the buffers 192 and 292 of Fig. 1. It should be noted that
a voiceband data signal compressing codec, like the exampli-
fied VDSC codec 101 and 290, has a delay line with delay
elements similar to the elements 140 of the LD-CELP codec in
Fig. 5. It is the states in this delay line of the VDSC codecs
15 that are stored in the buffers 192 and 292 and are updated as
the processing in the VDSC codecs runs. The values in the
buffers are fed parallelly to the elements 140 via their
respective input 144.

From Fig. S it can be seen that the states of the Synthesis
20 Filter contain the history of the past reconstructed output
signal. This is true for the LD-CELP described above and also
true for the VDSC codec. When the signal classification
circuit 103 of Fig. 1 indicates speech on the line 99 and
switches from the VDSC codecs 101 and 290 to the LD~CELP
25 codecs 100 and 200 the updating of the buffers 192 and 292
stop. The switches 193 and 293 are activated for a short
moment by the circuit 103 and the state values of the buffers
are loaded into the delay elements 140 of the synthesis filter
delay line via the inputs 144. So the history of the pre-
30 viously computed speech samples from the buffers 192 and 292
are taken and the Synthesis Filter states of LD-CELP codecs
100 and 200 are preset with these buffer values. The remaining
task is then to find the excitation signal ET(1...5) which
would have produced these states, if the LD-CELP would have
35 been running already in the past. When this excitation signal



to correct a possibly erroneous predicted gain factor GAIN . Fig. 5

illustrates in detail the basic principles of backward adaptive |inear
predi ction as used for exanple in the LD CELP codec. A delay line has
del ay el enents 140 having each a delay 10 period of one sanpling period T.
The out puts of the del ay el ements are connected to each a coefficient
el enment 14WwowesR4®26 predi ctor coefficients Alerr] to Al elPCT/SEQ600128ut put s
of which are connected to a summ el ement 142. This elenment is in
turn connected to a difference el nt 143 which has an input for 15
the excitation signal sequence ET(1... 5) and which is connected to
the first delay elenent 140 of the delay I|ine. Each of the del ay

el egent S @Ié'i(lQQﬂfﬁ)Ctﬁl $&m’v&l Ltg‘cwalill?dl yﬁés easy lﬁisl tpérgdt ithé Iheabnckvvard .
predi ct or tQr 11 Fi g. T e [ are al so connecte
to the i n&ead(lif%t"rTﬁ agﬁs %%551‘8?61&% ?ogmge?ﬁ?é& ngﬁgﬁﬁfe—f espective
coeffici ent el ement s 141. The connecti on bet ween t he di fferenpe el ement
143 and t g, 4l d110wiRgs ERe Calgotiithiiic detdillis? afeOdikplained By gnal

which is the degoded speech,signa ... Lhe t reconstrugt speech
sanpl es o TS HNgBFe &Pge'é}’ﬁﬁéi 2‘151’e ?ﬁ@ TRFABET 1é:1"'e'l'(’;nt.\'2 § 140, ' T
i ndi catd ng Godigicnpfospeech at 1Sakplitlg tpeimm@owﬁnalmcpdgcsncisﬂpl es of
this del ayirdi pred{ “qhtthiiad Ner Picfdisdieienes! fdrd cabfioted
(A[err]...(agerngf AZerr 11#1 and rmtogether wiih the excitation

si gnal = ET@cconsiing ko T. 2

AEr 2€8 huthG: rergmuendatitRuded speech SD. The
newly 30 generated sanples SD are then shifted into the delay |ine. The

Con oS00 a0 QRLGIEn:OF SO o Bl eicodipaiete | Trom
t echni quedagun Withiharracpure aforhe fifthesis Fidker updats 8§t 48 on Fig.
5 the H edvries ind tha L.D-OELPC whenbyunnpndg SiRStRéOnbemabhemode puFrivef the
adapt or 1js%m;41résr oF tﬁ;e?g)?ciéepﬂon signal ET(l1...5) are fed into the
Synthesis Filter in this way: firstly, five samples of the
zero input response 2INR(1l...5) are computed, see Fig. 7b.
This is the output of the Synthesis Filter when fed with zero
15 wvalued input signal "0" (ringing). Secondly, the five samples
of the zero state response ZSTR(1...5) are computed, see Fig.
Za. Note that only five of the states are different from zero.
Therefore, only these first five states are drawn in Fig. 7a.
ZSTR(1...5) is the output vector of the zero state Synthesis
20 Filter when fed with the excitation signal ET(1...5). Then the
five new values of the Synthesis Filter states STATELPC(1:5)
or SB{(1:5) are computed by adding the previously generated
components:

STATELPC(i) = ZINR(i) + 2STR(i); i=1,...,5

25 Keeping this procedure in mind we can derive now the method of
retrieving the excitation signal ET(1...5). When switching
from an other codec, e.g. the VDSC codec of Fig.1, to the LD~
CELP codec only the samples in array STATELPC(l...50) are
known by placing the past reconstructed signal into the

30 correct 1locations of array STATELPC(l1...50) or array
SB(l1...105) whereby STATELPC(l...50) can be seen as a part of
array SB(l...105) in Fig. 5. The excitation signal ET{1...5)
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12 whol e del ayline consisting of 105 sanples is called 'Speech

Buf fer and denoted as array ' SB (1. ..105) ' in the pseudo code. The
nost recent part of this buffer is called the 'Synthesis Filter' and
denoted as' STATELPC(1.. .50)' in the pseudo code. 5 Fig. 6, which
corresponds t wober#ackward gai n adaptor 114 and partl|y (R¢F/SE6A0128
scaling unit 113 of Fig. 3, illustrates | detail the situation in the
Gain Predictor part. An energy generating unit 152 is connected to a
delay line with del ay el ements 150, each having a delay of five
sanpling periods 10 denoted by 5T in the elenents. A part of the del ay

el ement s 150h bdders dm ehéevhuesc off thei zerto atatenrespoiseiistor@dednct or

ef ficient t h ffd G | ted
CoFT 11l ot s GERRAS] | ) CORGER e it AEVFLER) roy, hETEct
del ay el enent BuYBOse the: 2ok dnpytiresponse FINR{Lt or Shamstpe gepsratede

o]yt Plﬁt s of }[/mhyfté&ﬁw@ﬁdhéﬁis Fileeefwith fliire_dmﬁasué&l]samﬂl_esener ay
(0] € eXCkla . I LOg.
pgai n. Che robpe i Bexp gefts Fegpohas edll nd BrbitBebl Yidtatins

predi ct or coefficients (CGP[err]...GP[err], GP[err]=1), the sum
generated in 20 sugEPReEei) ESSTATELEE () thzm'({l)Af acyae 1GAIN,spredicted for
t he next input signal vector to be encoded. so here, the

correspondi ng predictor coefficients are derived fromthe past history
of the ener gy28FTR{&p isctheaautputsoftile gero stateSynthepis idtamyhen |

known LPC t echei gogsqise (e pLed @idrexddRitabn28idgrdl By(1.Ne Y., Thist he
LD- CELP codec thﬁ state S i gtor are _r.epresented

ari.abl es_ of t he L,n Pred X
in the log. dSREFAFaSaR iﬂﬂFi%?%d“BV HYuRPPS}iBE &ﬁ& tEyersn; £1heThe
di f f er ent 1Pn operathen upavkilisizerngtate resipomse. The excitation signal
ET(1...5) can be reconstructed perfectly since the samples of
the zero state response do not contain all the componénts of
a continuously running convolution process with fifty
predictor coefficients. This last step of retrieving the
15 excitation signal ET(1...5) from the zero state response
ZSTR(1...5) can be recognised more clearly when the
corresponding operations are explained by the aid of a piece
of pseudo code. In Table 1 the pseudo code for the computation
of the zero state response as it is performed according to the '
20 recommendation G.728 is shown in the left column. In the right
column the corresponding inverse operations for retrieving
the excitation vector are shown as the inverse filter
operation.

Tabell 1: Invers operation of the ‘'zero state response
25 computation’

Zero State Response computation - Inverse Fjlter Operation

1) ZSTR(1)=ET(1) ~ 1)ET(1)=2STR(1)
2)ZSTR(2)=ET(2)"A2’ZSTR(1) - 2)ET(2)=ZSTR(2)+A2' ZSTR(1)
30 3)ZSTR(3)=ET(3)-A, 2STR(1)-  -3)ET(3)=25TR(3)+A," 2STR(1)+

-Az' ZSTR(2) +A2' ZSTR(2)



Finally, sone know edge about the procedure of finding the 30 optinum

exci.tation vector ET (1...5) seens to be useful for under st andi ng t he
details of the invention. Reference is nade to Fig. 7a and /b which
show parts of the synthesis filter of Fig. 5. Fig. 7a and 7b show the
synthetis filter operated in different states as described in the I TU
ReconmendaWQ36/24926283, WD 96/ 24926 PCT/SE96/00128

PCT/ SE96/ 00128 13 page 39 and al so
indicated in its FIGURE 2/ G 728 by dl%?erent bl ocks 22 and 9 for the
synthesis filter. In the LD CELP codec for exanple, five succeeding
sanples are collected formng the vector to be encoded. If a vector is

conpl etg Onee havipgethe excitabion isignag E’I‘(Ih&ﬁ%ﬁhb&ﬂiﬁ'egpbhﬁ&ngr eh

t t
comuted sy AP Lld GRL adoRPEas) SEhhptaesd i,
produced bEeqawRgnded ﬁersgxﬁnms@ inBlaak 2Qj of G»328 whtYrgtor delpNut sanpl es

"0", see FMs cmcuiht&rsaﬂwaog@&atﬁhseamumrﬂp soasnhﬁ gH2A@ aked sanpl es

for the.curre e vect or 1024 oss |l e

exci t at ona%{l‘hﬁ‘ ?‘he ﬁaﬁ%quire%bgﬁgeri?foca FRY i H'°Ph gai n
codebook 1&#!859:5&811 from anyoother heodemt tasthe AIDGBLP typet spgevht h zer o
St ates forgogec® Bnyb?l Q:'h'%g ;.,er atlka! ?11'1?5 BQ”%ﬁo%%I?“

see FI’Q&P7 e resul tin IV or each excitation ect or
are conpar %Pééﬁq@ﬁ 1eWe T 63‘['1 o8 & W?m]allwl't'hé) is' 2ok tosthRosen ¢ hat
yi el ds t heemargyngeneratingQnuit 152 optFigms, thexdelay iedementison50s found,
the Syjghegle Riifiela SLUB! €Hifk® the gain predictor states, the
coefficients GP,-GP;; in the coefficient elements 151 are
generated and the gain excitation vector GAIN' is generated.
At the very beginning of the speech transmission a codewector
CW is generated and coupled back to the excitation codebook
15 112, a new value of the excitation signal ET(1...5) is
generated as described to Fig. 4, the states of the synthesis
filter are updated as also the synthesis filter predictor
coefficients A, to A;; in the coefficient elements 141 and a
new value SD of the decoded. speech is generated. A new value
20 of the gain exitation vector GAIN' is generated for the next
codewector CW. In this.' way the states of the LD-CELP are
succesively updated for the speech tansmission.

An overview of the inventive method will now be described in
connection with the flow diagram of Fig. 8. The flow diagram
25 illustrates the procedure of switching between two different
speech codecs providing a smooth transition in the decoded
output signal. The method starts in block 300 with the signal
classification circuit 103 detecting if speech is trans-
mitted. For an alternative NO the VDSC codec goes on coding
30 data for transmission according to a block 301. For an
alternative YES the speech buffer, elements 140, in the LD-
CELP codec are preset with state values VSB(1...105) from the
VDSC codec, stored in buffer 192, according to a block 302.
Synthesis filter predictor coefficients A,...A;; are
35 generated, block 303. The excitation signal ET(1...5) is



updated. That is, the zero state response belonging to the 20 chosen

excitation vector is added to the zero input_response resulting in five
new sanpl es of the decoded speech or new ~ five state values of the
Synthesis Filter. This update is done in the | ocal decoder on the
transmtter side and the receiver side as well. 25 It should be
careful | y not eWOM9Wa4926 t he above detail ed description of tPCI/SES§00128) 5
6 and 7 is nade for the transmtter side but is to be applicated on the
recei ver side as well, as appears fr t he description to Figs. 1, 2,
3a and 3b. 30 After having described above an overview of the

I nvention and havi ng descri bed the nost inportant details of the LD CELP

speech codi ng xetirdraved, hbldeka304,d ahdisdni pthloclof3dshehe galafpreditbtor

embodi ment  of ﬁx&%ér’“’@?@%%‘lso Qf’ﬁ' Ve@ Wgledet. ﬁ?&% gyrgé’@%éd&e

speech codec | t He eech
PCT/ SE96/ 0012&cefficients, GP1 to GP11, are generaqu in blogk 306 anddhe vat ed

no _slt aL Ies of tdHih exdttatién Adtb2EXINY i6. genezc'jé‘lfw alnaﬁ eamwabwesrne
B able 8 e L oBLEEO) Sy S0 gk o B LT a1
by the previ owneech nasndtransnistedg ketwsan = then treanspitdere dandhdhe or e,
in order to oletidiver. Block 309 shows that the signal classification
circuit 103 continuosly detects if voiceband data is trans-
mitted. In an alternative NO (to voiceband data!) the LD-CELP
10 codecs keep running. In an alternative YES the VDSC codecs are
copled to the transmission line 120 and starts coding the
indicated data for transmission.

It should now be observed that the coding scheme of the VDSC
codec also can be a backward adaptive coding scheme. In such

15 case the VDSC codec can be started up by presetting the state
values in the VDSC codec with the state values from the area
SB({(1...105) in the LD-CELP codec. This is indicated with a
block 310 in Fig. 8. In this way the invention can be utilised
for both the speech and data codecs in a transmission line.

20 Also other codecs with backward adaptive coding schemes can
utilize the invention.

The generation of the exitation signal ET(1...5) will now be
described in connection with Fig. 9, before the very detailed
description— is made below in pseudo code. The state values
25 from the VDSC codec are parallelly stored in the elements 140
of the speech buffer SB(1..105). A temporary copy of a part of
the speech buffer is stored in a memory 145 and a signal TEMP
is outputted after a processing described more in detail below
in pseudo code. The complete content of the speech buffer
30 SB(1...105) is sent to a hybride window unit 49 via a
connection 48. By hybride windowing in the unit 49, Levinson
recursion in a unit 50 and bandwidth expansion in block 51 the
predictor coefficients A, to 351 are generated and stored in
a memory 146. The values A,....As; are sent to the respective



saooth transitions, retrieving of the LD CELP states is perfornmed by
taking the history of the past output signal as the basis. In the
exenplifyi ng enbodi ment above this history of the past oufput signalis
taken fromthe VDSC codec, stored 10 in the buffers 192 and 292 of Fig. 1.
It should be noted that a voi ceband data signal conpressing codec, |ike
t he exanpl W0 956/2492%6i1 ed VDSC codec 101 and 290, has a del ay ROI/SES&®0IR8 del ay
elenents simlar to the elenents 140 of the LD CELP codec in Fig. 5. It
is the states in this delay |ine of th8 VDSC codecs 15 that are stored in
the buffers 192 and 292 and are updated as the processing in the VDSC
codecs runs. The values in the buffers are fed parallelly to the

gl em%'ntst hléeet f'ﬁi’cifﬁ%relemeﬁ@pg/iiﬁﬁa_ iﬂwzotirli}_;ﬁﬂcs 139. theﬁbFlﬁ; put Itt can
e seen tha e states o esi s es_ conta story o
Che past  rEeanees s, epRCk) 3R seherated In BoUpEE L kel

descri bed thewicpf the signali TENP and the Apsefifdddientsifron mmgnal
classificajj@n Zero Sthel fe#&s‘g vaifes ]zS'ﬂﬂd:l.. AN SE‘S% fiE il ne 99
and svm tﬁﬂgﬁ romthe Vi E cs 101 %11 nl:‘go to th P_.25 codecs
100 and®20® ehenEe Mg 1Afe fé?s it gbhe V;)%‘tetf‘p ofTkBes\i t ches
193 and 29xeitation \siignalf 8T (1. skﬁ)) tare gemeratedhyThése cialnes are3 and t he

state val ugen@fed lﬂﬁebéﬁéfécggenefl L4 %m%dlbft Qliﬂ?eéj‘ék Id%ﬁ%ﬁ e 140 of

t he syntheS|s filter | story of
the pre- 3PPeesh fdgp o'ﬁ?nﬂaé’d“%‘]b cgenerfhiedy f oﬁ'ﬂ‘\‘? H’@gﬂﬂmﬁgspfl@eand 292
are taken procéss vﬂmt e il bfetheta{-ﬁscwré_[fﬁt&mdmry 14500 and 200
are preget t far..ya [ gn to find
fhe oxid: sptete; IF Yoqkidtent btends 1 £ Mhd il end 338 0%, oSl P | L0

i f the LD T¥atesdfnop ﬁhﬂew gedrc 1ohisterad dndthe rﬁmnﬁ-&s“o‘d\hen this

excitation signal
In a simplified embodiment of the invention the coefficient
values A, to A5, are not generated in units 49, 50, 51 and 146.
Instead corresponding coefficients, B2 to B51 of Fig. 3a and
15 3b, in the VDSC codec ai:e transferred to the LD-CELP codec and
are inserted into the coefficient units 141 via the inputs
139.

In DCME . transmission schemes it is known that erroneous
20 decisions in the signal classification algorithm could result
in switching from one coding scheme to the other at every 2.5
msec. If the other coding scheme would be as expensive as the
LD-CELP there would be no chance to egualise the computation
power available within 5 msec between the two coding schemes
25 since the operations of pre-setting the states and the
calculations of the normal operating mode must be performed.
Therefore, when turning on the LD-CELP the computation power
available within the 2.5 msec must be shared between the
initialisation phase and succeeding normal operation phase.
30 Both together should require not more computation power than
is used during the normal operation mode. In the following,
methods for reducing the complexity during the startup phase
and also during the first adaptation cycles are described.
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15 ET(l...5) is found_it would be easy to pre-set the Gain

Pr.edi ct or states described in connection wth Fig. 6. In the
following, the algorithmc details are explained by provi di ng pseudo
code as used in the ITU recormmendation G 728 5 Coding of Speech at 16
kbit/s Using 1"WQ®6R4926) Code Excited Li near Prediction". FREP&/00128
coefficients are denoted . according tQ.ABLE 2/ G 728 of the

recommendat i on. The description of "generating the gain predictor
states is begun wth the procedure of the Synthesis Filter update as is
10 done in the LD CELP when running in the normal node. Five sanpl es of
the excitati ouuuri:lglgalthETﬁ.hitiﬁiiﬁﬂdred:HarﬁeQ the compOyatimsal Yodd &f i n

t hi fi 1 ..5
are comput ed. SoBY g%%mﬁf%%t%% grats antittes S RALSlESE . )
when fed wit hF s negliaiblep The Gaix Predi G‘r’-?hgﬁtﬁéﬁ)es gnéehengpulcdre

five sarrr)l es be dliglay Qﬁ&étéiﬁﬁﬁ&mnm&:smﬁe computtiidid puwas, see

Fig. that onI ve of t.he SLELES | ff nt fr [.0.

Therefore on ;"teﬁ'gfé f‘i'?‘é k’ et%ié’? g‘gﬁ % ‘g“e"fa 8¢ é@'ﬁ?(l
.5) is the oumuﬂl\wé?@rorccsﬁfﬂnéem&ﬂmekﬂlmﬁeth% syntiesiseFidker f ed
with the exci prdd SiiHEvin E( lang fz)euﬂm tﬁ@:ursia‘d Sk Stalu+lsl Gfoiia t he

Synthesis Filter states STAT rﬁe%ﬁ]% ; are conmput ed by addi ng
the previ ousl PT&R %1?50‘“ °“°58%% of BroSedssr o SFATELPC(i) = ZI NR(i)
+ ZSTR(i); 1 = 1,...

10 One way of reducing complexity in this part is to change the
predictor order of the Synthesis Filter to values of about ten
during the initial phase only so that only coefficients up to
A;; are generated. Periods of slightly degraded speech can be
hardly recognized as long as the signal is slightly affected

15 for a few milliseconds only. This is the case here since the
speech buffer SB(1...105) can be filled by past samples
immediately. A first complete set of fifty predictor
coefficients is available at most after 30 samples or 3.75
msec. A reduced filter order has the advantage of 1low

20 complexity in: the computation of the zero state responses
during the initialization phase. For each new sample of the
zero state response fifty muliply-add operations must be
performed as can be seen from Fig. 7b . This computational
cost is reduced by a factor of S if a reduced filter order of

25 10 is applied.

Another method would be to use the coefficients, corresponding

to the coefficients A, to Ag; of the LD-CELP codec, previously

generated by the cther coding scheme VDSC. This saves signifi-

cant computaion power regquired for computing windowing, ACF
30 coefficients and Levinson Recursion.

Furthermore, the computation power required for the
coefficients update during the first adaptation cycle after
starting the LD-CELP could be stolen and transferred to the
initialisation part. The predictor coefficients computed in



25 Keeping this procedure in mnd we can derive now the met hod of

retrieving the excitation signal ET (1... 5). Wien sw tching from an
ot her codec, e.g. the VDSC codec of Fig.l, to the LD CELP codec only
the sanples in array STATELPC(1...50) are known by pl acing the past

reconstructed signal into the 30 correct |ocations of array STATELPC(1....
50) or arr wo9624928B( 1. .. 105) whereby STATELPC(1. ..50) carPdRSESe00128s a

part of array SB(1...105) in Fig. 21 The excitation signal ET(1...5)
WD 96/ 24926 PCT/ SE96/ 00128

16 I's hidden in the values of the zero state response stored in
ZSTR(1...5) which has to be isolated at first. For this pur pose the

zer ohi nput auvapcasarﬁl tRén. frozen nlllmtu’cge gm]leﬂhtsaﬂ or the/ fm:hh 1 ngwa he

nt hesi s er a s state
rsZsponse cgk1 g %’L ‘{yéc?'%bsz g@%\%rgté?%éii% %gra%at%i}R h E.s-E%%‘%\hFELPC(l)
- ZINR(i ) ; qupn;ylis negltjgi le, thergeip in qompwhation BP"’FHehQ"@RYf%tate

Synthesis kil §¢gnifdtant. it would be fed with the excitation signal
ET(l....5). This vector can be derived now by applying the inverse
filter 10 operation upon this zero state response. The excitation signal
ET (1..55)2additienadcermplaxityirpduction can he achievadpinsthe Gainthe zero

state respppgaigeofPectidnoes thkl LJUEIMNMRE Jalin pfedictor states in

the elements 150 of the LD-CELP codec consist of ten taps.

Therefore, at least ten succeeding vectors of the excitation

signal ET(1...5) should be derived from the Synthesis Filter

10 states. In addition, predictor coefficients GP,...GP;; should

be derived in order to predict the gain for the first vector

of the first adaptation cycle following the initialisation

phase. Fortunately, the Gain Predictor states are less

sensitive to minor distortions. This allows a pre-set with

15 only roughly estimated values. So, the following modifica-

tions can be made in order to reduce complexity during the
initial phase: .

Compute the gain GAIN' for the latest excitation vector
ET(1...5) only and assume that this would be the mean value

20 for the past and also the predicted value for the first vector
of the first adaptation cycle. By the way, a new set of
predictor gains is already computed during the first vector of
the first adaptation cycle. So, a pre-set of GP,...GP;; = 0
would be sufficient.

25 A slightly more expensive method would be to compute a few of
the latest log-gains and taking the mean value of the results
for the current and the past gain.

Now the preferred embodiment for one of many other possible
combinations is explained in detail by using the pseudo code

30 as also applied in recommendation G.728. Shown is the step
when switching from any other coding algorithm to the LD-CELP
has to be carried out.



a ‘continuously running convolution process with fifty predi ctor
coefficients. This last step of retrieving the 15 excitation signal

ET(l...5) fromthe zero state response "~ ZSTR(1...5) can be recognised
nore clearly when the correspondi ng operations are explained by the aid
of a piece of pseudo code. In Table 1 the pseudo code for the

conput ati on WO8624926 zero state response as it is perfornedG@EEINWI2 t o
the 20 . recommendation G 728 is shown inthe [eft colum. In the right
colum the correspondi ng i nverse operations for retrieving t he
excitation vector are shown as the inverse filter operati on.

Tabell 1: Invers operation of the 'zero state response 25 conputation'
Zero State Resmjnm aespmeal:li;am thel bthesecfdingeralﬁmiﬂxinohas genergt&dIR( 1) =

ET(1) ) 1)
- 2)ET(2)=ZST err ‘ﬁ?@ L?%E g % ET A[ err %T,%Z?%‘
3) ET(3) =ZSTR( 3") ing St arr lgfi VSB 05
+Alerr] ZSTR( %hereby VSB(105) V\ﬁn%‘dﬂ@&he oldest and VSB(l1l) the latest
PCT/ SE96/ 0 2 havi he
excitation SI & gﬂpl@r %}1 othbe)r %.%bels mregstl:lonad beljo%l are thgﬁ%% ay' dyed
in recommendation G.728. Then, when the LD-CELP will be in

turn the following operations are performed in advance:

1. Copy samples from array VSB(l...105) into SB(1...105);
SB{1...50) is identical with the Synthesis Filter state

10 variables stored in STATELPC(1l...50) whereby the latest
sample is stored in STATELPC(1).

2. Compute 51 predictor coefficients A(1...51) whereby A(1)
= 1 by running the Hybrid Windowing Module (Block 49), the
Levinson Recursion Module (Block 50) and the Bandwidth

15 Expansion Module (Block 51). These coefficients are used
during the initialization phase for the computation of zero
input responses: and during the first adaptation cycle.

3. The Gain Predictor states are pre-set by computing only the
log-gain of the latest excitation vector and by copying this
20 value into the other locations of SBLG() or GSTATE().

a) Compute five samples of the zero input response:

For k=1,2,..,50 make a temporary copy
TEMP{k) = SB(k+5)

FOR k=1,2,...,5 STATELPC{) can be im-
25 {ZINR(k)=0 plemented such that is
For i=2,3,...,50 part of array SB().
{ZINR(K)=ZINR(k)~TEMP (k+i=2) "A; So instead of STATELPC(),
TEMP(i)=TEMP(i-1))} array SB() is used only

ZINR(K)=ZINR(k)-TEMP(k+49)-A;,  in the following.
30 TEMP (1) =ZINR(k) }



state values of the Gain Predictor can be generated as recommended for

exanple in Block 20 of G 728 1-vector del ay, RMS cal cul at or and

|l ogarithmcalculator”. So all signals are 5 available that are required
in order to achieve a snooth transition fromany other codec to the
LD- CELP type speech codes. This generation of the gain states wll be

shortly wosspessed bel ow. The exitation signal ET(l...5PCIsEMEI2E0 t he
ener.gy generating unit 152 of Fig. 5, .the delay elenments 150 10 are

filled up wth the gain predi cBdr states, the coefficients
GP[err]-CGP[err] in the coefficient elenents 151 are generated and the
gain excitation vector GAIN is generated. At the very beginning of the

speech trapyneoiete FiveiSuRE1cE of th&éV¥érfo BateAadpangecoupl ed back to
t he excitation codebook 15 112, a new value of the excitation signal

ET(1...5) is generated as described to Fig. 4, the states of the

synt hesi s For | k=X, 2w -ufdat ed as al so the synthesis filter predictor
coefficients gbprik)tdsN)ydInri(R)t he coefficient elements 141 and a new
val ue SD of the decoded speech 1S generated. A new value 20 of the gain
exitation vector GAIN is generated for the next codewector CW In this
way the ste) cCompute€ilvie Smples of the sexcitatidry veptdot asy fimvelrise speech

t ansm sgi on. ipew of the inventive nethod will now be

descri bgd in filtec%nﬁect %(r%hﬁvi th the flow diagramof Fig. 8. The flow
diagram 25 illustrates the procedure of sw tching between two different
speech codeCsSEP(D)=+Z8TR(¥) snooth transition in the decoded out put

signal. The Lstarts i.n block 300 with the signal classification
circuit 103 g‘}gge'iz?fgsa'i'f'%%eech is trans- mtted. For an alternative NO

t he VDSC codetEHOe=%ITREII ng 30 data for transm ssion according to a
bl ock 301. Fopoxri=2,..3kt ernative YES the speech buffer, elenents 140, in

the L CC ¢ rLes i state values VSB (1... 105) fromthe
VDSC ([:)%%Iec, %E’%’d’oﬁg’ﬁaﬂuf (%9%2?0%2} ding to a block 302. Synt hesi s
filter predictor coefficients Alerr]...Alerr] are 35 generated, block
303. The exriB1ddK@dN 78,954} 40 (cbmpubatisdn of log-gain)

ETRMS=ET(1)  ET(1)
For k=2,3,..,5
ETRMS=ETRMS+ET (k) * ET(X)

15 ETRMS=ETRMS DIMINV
IF(ETRMS<1) ETRMS=1
ETRMS=10- log, , (ETRMS)

€e) Fill Gain Predictor states with log-géin:

For i=1,2,..,33" GSTATE() can be implemented
20 in such a way that is part
SBLG(i)= ETRMS-GOFF of array SBLG(). Therefore
' it is not pre-set separately.
GAINLG=SBLG(33)+GOFF Predicted gain values for

_ the first vector of the
25 GAIN'=10 (GAINLG/20) first adaption cycle.
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18 retrieved, block 304, and in a block 305 the gain predictor

buffer, elenents 150 of Fig. 6, is preset. The gain predictor

coefficients, GP1 to GP11l, are generated in. block 306 and the gai n
excitation vector GAIN is generated in a block 307. The 5 LD CELP codes
100 and 200 arWO962#826g, as to bl ock 308, and speech is t PEHSEAN012Y
between the transmtter and the receiygr. Block 309 shows that the
signal classification circuit 103 continuosly detects if voiceband data
is trans- mtted. In an alternative NO (to voiceband data!) the LD CELP
10 codecs keep running. In an alternative YES the VDSC codecs are

copled to the £y amsnitha oantcoder 1Q&dencbrs]t}art9erﬁdfmg shape codeadectord

data for transmi 5%56%1@1 n ahﬁsgﬁ%i?ft%‘i’ebéa ('tﬁvckﬁe 500§ g

schenme of the VDS ec a be a bac ward ada e co I hg schene.
In such 15 case ¥ VDSC codec can be started up by presetting the state
values in the VDSC codec with the state val ues fromthe area

SB(1...105) in't 10 in
FI(E] 8 In)thl S hl?dr%e |§mvé'%€%in can %q‘l%%dfgs%éé]e %E'otﬁefélggg% ech
and dat a co®ecs ifllcen qhsnno$i mequimsd &t thig &dme. Ehexefoxe,h e kwar d

adaptive codi ng sedie¥Enitddns of lﬂWd(‘)ZSn&f‘KWP()VQﬁt B28ck 12 cahhBed@iE-ati on
of the exitati ontf nal ET(1...5). will now be described in connection
O

with Fig. 9, bef ‘e very detalled description is nmade below in
pseudo code. The state val ues

This proposed procedure in combination with the operations
performed during first adaptation cycle is not more expensive

10 than the computational load would be without the preset. This
holds specially if the Levinson recursion (Block 50) is spread
over several vectors as is usually done in practical
implementations.

The ITU recommendation G.728, referred to above, is annexed to
15 the description.



25 fromthe VDSC codec are parallelly stored in the el enents 140 of

the_speech buffer SB(l..105). A tenporary copy of a part of t he speech
buffer is stored in a nmenory 145 and a signal TEMP is outputted after a
processi ng described nore in detail bel ow i n pseudo code. The conplete

content of the speech buffer 30 SB(1...105) is sent to a hybride w ndow
unit 49 vi WOD6/24926 connection 48. By hybride w ndowi ng in PGE/SE01280

Levi nson recursion in a unit 50 agg bandw dth expansion in block 51 the
predi ctor coefficients Alerr] to Alerr] are generated and stored in a
menory 146. The values Alerr]....Alerr] are sent to the respective

WD 96/ 24926 PCT/ SE96/ 00128

19 coefficient elenents 141 viCLAXM® | nputs 139. Zero input

response values ZINR(1---5) are generated in a unit 147 with the aid of

the signal TEMP and_the A-coefficients from rrermr% 146. Zero_state
response vhi deBebhogin a tyangmissiop systen forstranspitting, sd9nale 148, and
in a uni 1& dviér taheonnunteation bhannele(t20 )} ithe sygteh donprising:are ,
gener ated._ Thesg. u ﬁg&t 0 r ne. ' it 152.
Val ues of thle; dgéic‘) ed%&%ﬁge& |gina éﬂgggén?ngv&vogz %‘?Iéejid;?létﬁ] %t t he

begi nni Hig BNEhRsis £ilEer (3d5)ihayingelenenss I(FréoAﬁ"&cgi#%e#' B&Atefe nenory
146, 10 stsBEr. JaoE)9f ahdiflio Raeikg cderf£icdedtveldndnitas a141pf £oke

st ates fr%é%iecat\gsgc’%%?%#g&s\s;@or-_e.qajsgﬁt,he el ements 140. In a
enbo € rn

sinplifie I ent O 1@ on é coefficient values Alerr] to
Alerr] are AoBegrndbackward agaptiveenaglers (164 havdng elements for

state values (VSB(l...105)); and
10 = a control circuit (103) for switching between said first and
second encoders (100,101) in selecting that one of the
encoders which is to be utilized in the transmission;
said method comprising:
- transmitting signals via the second encoder (101) and
15 storing its state values (VSB(l...105)) in a buffer (192);
- switching, with the aid of the control circuit (103), for
transmission via the first encoder (100);
- pre-setting at least a part of the state values
(SB(1...105)) of the first encoder (100) with said stored.
20 state values (VSB(1...105)) ;
- bringing forth at least a part of the predictor coefficients
(Az. . .Asl) in the first encoder (100); and
- generating an output signal (SD) from the synthesis filter
(115) in dependence on the predictor coefficients (Az. .o .A51)
25 brought forth.

2. A method according to claim 1, the second encoder (101)
having coefficient elements for predictor coefficients
{B2...B51), corresponding to the coefficient elements (141)
of the first encoder (100), and the method further comprising:
30 -~ storing at least a part of the predictor coefficients
(B2...B51) of the second encoder (10l1) in said buffer; and
- transmitting said stored predictor coefficients (B2...B51)
to the coefficient elements (141) of the synthesis filter
{(115) in the first encoder(100).

O A



I nstead corresponding coefficients, B2 to B51 of Fig. 3a and 15 3b, in the
VDSC codec are transferred to the LD-CELP _codec_and are inserted into
the coefficient units 141 via the inputs ~— 139. I n DCME

transm ssion schenes it is known that erroneous 20 decisions in the signal
classification algorithmcould result in swtching fromone coding
scheme to the MOP6R4RE every 2.5 nmsec. |f the other codi nBCH8ENAI280ul d
be as expensive as the LD- CELP there £QU|d be no chance to equalise the
conput ati on power available within 5 ec between the two coding
schenmes 25 since the operations of pre-setting the states and the

cal cul ations of the nornal operating node nust be perforned. Ther ef or e,
when turning on the LD-CELP t he conputation power avai l able within the

2.5 nsec nust be shar et wee ipitjalisatjon hase an succeedi ng
normal oper at i dn HHAEREO £ Bﬁnﬁoﬁgtﬁ;ﬁ‘ ‘Eh’oﬁ'ﬂ"‘?’é{ﬁﬁ ng
conput ati on pcpmd.td:iznr coefficﬂentbcmr |.ngA )3 ob e frbpataenamiem@bom n the

foll o ng, v i) s alfirof el pﬂelf@t %mbe%ia%:\ieé”(%ﬂég.t.h‘io%tﬁtt up phase

and al so durin rst adaptatTon cycles are descri
96/ 24926 PCT/ SE96/ 00128
20 Dur i £1ig & hethod tacdorddngoto Mlade 3 tdemprdyimigayeneratinndnay a

copying bach SBHEL L8, oP HepHRRIARLE Slle i UBU PS50,

5. A method according to claim 1, 2, 3 or 4 further comprising

the steps of:

- generating vectors (ZINR(1...5)), included in a response on

zero valued input samples ("0") to the synthesis filter (115),
10 with the aid of the state values (SB(1...105)) and the

predictor coefficients (Az"‘A51)) in the synthesis filter

(115);

- generating vectors (ZSTR(1...5)) for a zero state response

by subtracting said vectors (ZINR(1...5)) of the response on
15 the zero valued input samples ("0") from the corresponding

state values (SB(1...105)) of the synthesis filter (115),

divided up as state vectors (SB(1...5)); and

- generating an excitation signal (ET(1...5)) for the

synthesis filter (115) with the aid of the zero state response
20 vectors (ZSTR(1...5)).

6. A method according to claim 5, the first encoder (100)

having a gain predictor (134) with elements (150) for state

values (SBLG) and also coefficient elements (151) for

predictor coefficients (GPZ' . +GP said method further
25 comprising:

- generating and pre-setting the state values (SBLG) of the

gain predictor (134) by utilizing said generated excitation

signal (ET(1...5));

- generating said predictor coefficients (GPZ. . .Gpn) of the
30 gain predictor (134) with the aid of its state values (SBLG);

and

11) L4

R YD



be slightly nore expensive. Mich nore conputation power, 5 however,

woul_d be required for the conputation of the predi ctor coefficients
Alerr] to Alerr] of the Synthesis Filter. Hybrid wndow ng and

Levi nson Recursion procedures woul d dermand for an enornous peak of
processor power.- 10 One way of reducing conplexity in this part is to
change t hewo%/2#926di ct or order of the Synthesis Filter toPCIISERE008I8 about
ten during the initial phase only §0 that only coefficients up to
Alerr] are generated. Periods of sli gﬁtly degraded speech can be hardl y

recogni zed as long as the signal- is slightly affected 15 for a few
mlliseconds only. This is the case here since the speech buffer

SB(1...105) genebatingl=priodipted goiw/fattor (GRUNM)afetya firsy YE conpl ete

set of fif predi . fficlenats Ls, avai I s f.ter. 30
sanpl es orE\Y;??gggk%ﬁé%%.s’/’éi’%gguc@gﬁrrf%f ) o¥§e¢ﬁ€a§y%es§tﬁ/ﬂ1}%§ of |ow
20 conpl eXilily)iafter anokpikiation period for, the (fimst enpoder(100) .duri ng
the initialization phase. For each new sanple of the zero state

responsg fLft | ply:add ,Qperat.i ons_nust. be erforsred as _can be seen
frompmg o & HEERBRVISTS SMfichRian BibeeR fom Fee Y RirilE (5T
reduced fitranspitited overs a rommunigption. channel ARGer thet lsy$beoul d be to

use the coggﬁbgig%;é{, correspondi ng to the coefficients Alerr] to
Alerr] of the LI%

scheme VDST. &hi §r§§5e€ao‘§?e"§?‘ffpirgg&gyis"gn?eﬁﬁﬁg%gtegﬁ%qu#‘wg thre‘rgdc]?glrng
conputing synthesis fid€er3(215)ded¢iny ebementsl (140) ntmanf Reter sitaites
dur | ng"Ohe (FRYLF- SE0BYS SnahPHELLRG ddde¥lciBhe Sfemened tR P gBE T, (P! ©
st ol en andPFed §F%Fr%fftf&°tlﬁ§ 8 (Ajori-isalifsati on part. The predictor
coef fi ci en+» secpnidshcdkward adaptive decoder (290) having elements for
state values (VSB(1...105)); and
= a control circuit (103) for switching between said first and
15 second decoders (200, 290) in selecting that one of the
decoders which is to be utilized in the signal receiving;
said method comprising:
= receiving signals via the second decoder (290) and storing:
its state values (VSB(1...105)) in a buffer (292);
20 - switching, with the aid of the control circuit (103), for
receiving via the first decoder (200);
- pre-setting at least a part of the state values
(SB{1...105)) of the first decoder (200) with said stored
state values (VSB(1...105));
25 - bringing fort at least a part of the predictor coefficients
(Az. «+Bg,) in the first decoder (200); and
~ generating an output signal (SD) from the synthesis filter
(215) in dependence on the predictor coefficients (Ay....Ag5,)
brought forth.

30 8. A method according to claim 7, the second decoder (290)
having coefficient elements for predictor coefficients
(B2...B51), corresponding to the coefficient elements (141)
of the first decoder (200), and the method further comprising:
- storing at least a part of the predictor coefficients

35 (B2...B51) of the second decoder (290) in said buffer; and
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21 advance are then frozen during the first or the first two
adaptation cycles. The resulting degradation in speech quality is
negligible, the gain in conputation power however is significant. 5
Addi tional conplexity reduction can be achieved in the Gain Pr edi ct or
section of theWOD62#2f. The gain predictor states in t he BCEHPESG0I2850
of the LD-CELP codec consist of ten taps. Therefore, at |east ten
succeedi ng vectors of the excitation Stgnal ET(l...5) should be derived
fromthe Synthesis Filter 10 states. In addition, predictor coefficients
GP[err] . .GP[err] should be derived in order to predict the gain for
the first vectertranspittimg caidistoted ptedictyr coefoicbont (BRe. .B51)
initialisatio h ementih h ILC S ess
sensitive to 2?%0thi§§§${¥%%%ﬂp%ﬁis atkoxéggbpfgfggf %?Pﬁﬁ%gkgoﬁ?3ef%ughly

esti mated val ué315k4n the firstResgdnsl2P0la- tions can be made in
order to reduce conplexity during the initial phase: Comput e t he

in GAIN forgt i tati . -
L ol et 6 AL RACRANSORo BH, 7 caltdaind beRikkehg EASIT"
val ue for tHe Predictor coefficients Ha fi.rdg,dcebithe irslydecodey (RBOhay, a

nfew set of wlERdind @i d0ef HaidSpreLsae sratiePvhtdedU(sEa . t.Na0BYHSt Vvect or
0

10. A method according to claim 9 comprising generating only
a part (Az...All) of the predictor coefficients (Az...A51).
11. A method according to claim 7, 8, 9 or 10 further
10 comprising the steps of:
- generating vectors (ZINR(1...5)), included in a response on
zero valued input samples ("0") to the synthesis filter (215),
with the aid of the state values (SB(l1...105)) and the
predictor coefficients (12...A51)) in the synthesis filter
15 (215);
- generating vectors (ZSTR(1...5)) for a zero state response
by subtracting said vectors (ZINR(l...5)) of the response on
the zero valued input samples ("0") from the corresponding
state values (SB(1...105)) of the synthesis filter (215),
20 divided up as state vectors (SB{1...5)); and
- generating an excitation signal (ET(1...5)) for the
synthesis filter (215) with the aid of the zero state response
vectors (ZSTR(1...5)).

12. A method according to claim 11, the first decoder (200)
25 having a gain predictor (134) with elements (150) for state

values (SBLG) and also coefficient elements (151) for

predictor coefficients (GP,...GP said method further

comprising:

- generating and pre~setting the state values (SBLG) of the
30 gain predictor (134) by utilizing said generated excitation

signal (ET(1...5));

11) ’
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the first adaptation cycle. So, a pre-set of GP[err]...CGP[err] =0

woul.d_be sufficient. 25 A slightly nore expensive nethod would be to
conpute a few of the |l atest |o0g-gains and taking the nmean value of the
results for the current and the past gain. Now t he preferred
enbodi nrent for one of many other possible conbinations is explained in

detai|l by ¥Q9¥{46e pseudo code 30 as al so applied in recHRERSRIHNZH G 728.
Shown is the step when swi t chi.ng f&gm any other coding algorithmto the

LD CELP has to be carried out. WD 96/ 24926
PCT/ SE96/ 00128 22 Let us assune that
the ot her coding al gorithm has generated quantized output sanples VS in

the past andgémetatiry buiaqmedzctdif cbbfneime& (cP_hei.ge Syoésd:uen an

array | abe \/ 0 nt.#i ns. t i dest and

VSB( )1/) the&{igﬂeéfég%c &rp?” %gg%e f?%% ?'\5 S BRSSO Naies N—gﬁ)é t he sane
as used andp recom"rendatlon G 728. Then, when the LD-CELP will be in
turn the fO'éQNéfﬂt ra’s‘fphseaicﬁé& ﬁoﬂ‘d&h‘ Gﬁilﬁaﬁ‘cﬁor a first o@Op

S 5
aont s o8l PR nekfLeaSin adanadh (Brlaca ) of the synthests filter”

(215) after an initiation period for the first decoder (200).

13. An apparatus in a transmission system for transmitting
signals over a communication channel (120), the apparatus
comprising:

10 - a first backward adaptive encoder (100) including a
synthesis filter (115) having elements (140) for filter states
(SB(1...105)) and also having coefficient elements (141) for
predictor coefficients (A2 .o .Asl) H
- a second backward adaptive encoder (101) having elements for

15 state values (VSB(l1...105));

- a control circuit (103) with switches (98, 102) for coupling
in one of said first and second encoders (100, 101) to the
communication channel (120);

- a buffer (192) for storing the state values (VSB(1l...105))

20 of the second encoder (101) when transmitting signals via said
second encoder;

- means (193,144) for feeding at least a part of said stored
state values (VSB(1...105)) into the elements (140) for the
~ state values (SB(1...105)) of the first encoder (100) when

25 swithing for transmission over the communication channel
(2120) via the first encoder(100);

- a device (116; 49, 50, 51, 146; 192, 193, 139), connected to
inputs (139) of the coefficient elements (141), for bringing
forth at least a part of the predictor coefficients (A --+Bg )

30 of the first encoder (100); and
- a device (142, 143) connected to the coefficient elements
(141) for generating an output signal (SD) from the synthesis
filter (115).

14. An apparatus according to claim 13 comprising:

A



10 variables stored in STATELPC(1...50) whereby the | atest sanple is
stored in STATELPC(1). __ 2. Conpute 51 predictor coefficients A(1...51)
wher eby A(1) = 1 by running the Hybrid Wndow ng Mddul e (Bl ock 49), the
Levi nson Recursion Mdule (Bl ock 50) and the Bandwi dth 15 Expansi on Mdul e
(Block 51). These coefficients are used during the initialization phase
for the conpuiW®PaH92sf zero i nput responses and during t RCTISEPGQ0128
adaptati on cycl e. 3. The Gain Predictor states are pre-set by
conputing only the | og-gai n of the | 3Pest excitation vector and by
copying this 20 value into the other locations of SBLE ) or GSTATE ().

a)” Conpute five sanples of the zero i nput response: For k =1, 2,

.., 50 ~ coeffite¢ht? &REHEHtY YifNORKe second E&fédder $BOKYS)for ~
FOR k=1, 2, . . 'Cpgpﬁéftlog coefficiﬁgFgr@E %P%)Eg%a{)g c'orgff%gient é]tzflé%l%(tg =0

pl ement ed su
array SB (). correspprdingkbo-theRectetirNRNt+elenenter(J41)Sofi the Lidsaf

STATELPC(), encodeIEVféi)%;:TE'VP(i -1)} _ array SB() is used only
ZINR(k) =21 §R( li) _n-\reEal\!/'iP kiﬁg said buflfr:]ar.t h(elsfz | lgg\é ng'toggng th-le-El\J/g:F;gelcgizc%lol}:l-R( )}
coefficients (B2...B51) of the second encoder (101); and
~ means (193, 139) for transmitting said stored predictor
coefficients (B2...B51) to the coefficient elements (141) of
the synthesis filter (115).

10 15. An apparatus according to claim 13, the device for
bringing forth the predictor coefficients (A,.. -Ag,)
comprises means (116; 48, 49, 50, 51, 146) for generating said
predictor coefficients (Az. . .A51) with the aid of said stored
state values (VSB(1...105)) in the elements (140) for the

15 state values (SB(1...105) of the first encoder (100).

16. An apparatus according to claim 15, said means (116; 48,
49, 50, 51, 146) for generating the predictor coefficients
(Az. . .A51) is arranged to generate only a part of the
predictor coefficients (Az. coBgy)e

20 17. An apparatus according to any one of the claims 13-16
comprising:
- means (147) for generating vectors (ZINR(l...5)) with the
aid of the states (SB(1...105)) and the predictor coefficients
(A,.. .A51) of the synthesis filter (115), said vectors
25 (ZINR(1...5)) being included in a response on zero valued
input samples ("0") to the synthesis filter (115);
- means (148) for generating vectors (2STR(1...5)) for a zero
state response, said means including a subtracting device
(148) subtracting the vectors {(ZINR(1l...5)) for the response
30 on the zero valued inpyt samples ("0") from the corresponding
state values of the synthesis filter (115), said state values
being divided into state vectors (SB(1...5)); and

IR
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23 b) Conpute five sanples of the zero state response: For
k=1,2,...,5 ZSTR( k) = SB(k) - ZI NR(k) C) Conpute frve sanples of
t he excitation vector by inverse 5 filter operation:

ET(1)=ZSTR(1) For k=2,3,...,5 { ET( k) =ZSTR( k) For

i =2,..,k 1W0962492%( k) =ET( k) +ZSTR(k-i +2) Alerr]}
(conput ati on of | og-gain)

2,3,..,5

| F(ETRMB<1) ETRVB=1

10

15

20

25

30

ETRVB=ETRMS+ET(k) ET(I3t 15 ETRVS- ETRVS DI M NV
ETRVS=10[ err] 1log[ err] (ETRVD)

- means (149) for generating an excitation signal (ET(1...5))
of the synthesis filter (115) with the aid of the vectors
(28TR(1...5)) for the zero state response.

18. An apparatus according to claim 17, the first encoder
(100) including a gain predictor (134) having elements (150)
for state values (SBLG) and also having coefficient elements
(151) for predictor coefficients (GP2 -+ +GP, 1) , said apparatus
comprising:

- means (152, 155) for generating and pre-setting of the state
values (SBLG) of the gain predictor (134), utilizing the
generated excitation signal (ET(1...5));

= means connected to the elements {150) for the state values
and also connected to the coefficient elements (151), said
means generating the coefficients (GPZ"'Gpll) of the gain
predictor (134) with the aid of the state values (SBLG) of the
gain predictor; and

- means (153, 156) for generating a predicted gain factor
(GAIN') for a first of the excitation signals (ET(1...5)) of
the synthesis filter (115) after an initiation period for the
first encoder (100).

19. An apparatus in a transmission system for receiving
signals transmitted over a communication channel (120), the
apparatus comprising:

- a first backward adaptive decoder (200) including a
synthesis filter (215) having elements (140) for filter states
(5B{1...105)) and also having coefficient elements (141) for
predictor coefficients (By..-Ag,);

- a second backward adaptive decoder (290) having elements for
state values (VSB(1...105));

- a control circuit (103) with switches (203,198) for coupling
in one of said first and second decoders (200, 290) to the
communication channel (120);

ETRVB=ET(1) [err] ET(1) For

k

d) HRCEES6NN28 39 40
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e) Fill Gain Predictor states with | og-gain: For i=1,2,..,33

GSTATE() canbe inpl enented 20 In such a
way that is part SBLEi ) = ETRV5- GOFF of array SBLE).
Ther ef ore it is not pre-set
separately. GAl NLG=SBL 33) +GOFF Predi cted gai n val ues for
the first vechsr968M26he 25 GAl N =10( GAI NLG 20) CT/BE9609128
adaption cycle. WO 96/ 24926

PCT/ SE96/ 00128 32 24 f) On the encoder
side only: Perform shape codevector convol ution and energy table

cal cul ation (Blocks 12, 14, 15): For the conputation of the

iTLfre)lrﬂengr [ espoasg smdxei(a?sz) gor Etori?f;ii\:/l\izé?rsﬂatgnﬁélﬁmb(}\ﬁsn(haf. .wbsy) ti ne.
wthe % "Ge she secshd dacder UboY WAt ShaRipie¥ing sigraB e faER" ne
oper ati ons seponfiodeecettyri ng first adaptation cycle is not nore
expensive 10 _t§adntheaONREh akbP FleditRdatotéds O PatBosE ddiva BEBEEA. This
5 state values (VSB(1...105)) into the elements. (140) for the
state values (SB(1...105)) of the first decoder (200) when
swithing for transmission over the communication channel
(120) via the first decoder(100);
- a device (116; 49, 50, 51, 146; 192, 193, 139), connected to
10 inputs (139) of the coefficient elements (141), for bringing
forth at least a part of the predictor coefficients (By...Bg,)
of the first decoder (200); and
- a device (142, 143) connected to the coefficient elements
(141) for generating an output signal (SD) from the synthesis
15 filter (215).

20. An apparatus according to claim 19 comprising:

- coefficient elements in the second decoder (290) for

predictor coefficients (B2...B51), said coefficient elements

corresponding to the coefficient elements (141) of the first
20 decoder (200);

- means in said buffer (292) for storing the predictor

coefficients (B2...B51) of the second decoder (290); and

- means (293, 139) for transmitting said stored predictor

coefficients (B2...B51) to the coefficient elements (141) of
25 the synthesis filter (215).

21. An apparatus according to claim 12, the device for
bringing forth the predictor coefficients (Ay.- .A51)
comprises means (116; 48, 49, 50, 51, 146) for generating said
predictor coefficients (Az' . .ASI) with the aid of said stored

30 state values (VSB(1...105)) in the elements (140) for the
state values (SB(1l...105) of the first decoder (200}).

22. An apparatus according to claim 21, said means (116; 48,
49, 50, 51, 146) for generating the predictor coefficients

* c L M S *




hel ds specially if the Levinson recursion (Block 50) is spread over.
several vectors as is ysyally done in practical I npl enent ati ons.
The 1 TU recommendation G 7 28, referred to above, is annexed to I5 the
descri ption. WO 96/ 24926

PCT/ SE96/ 00128 25
CLAI M5 WOPE24926et hod in a transm ssion system for tranPRT/SEIN8128i gnal s

over a conmuni cation channel (120), thegssystem conpri sing: - a first
backward adapti ve encoder (100) including a 5 synthesis filter (115)

havi ng el ements (140) for filter states (SB (1... 105)) and al so having
coefficient elenments (141) for redi ctor coefficients (Alerr]..
CAlerr]); (Bye-alhgekod® RINANGEd bR pgererateo@nly 181 pard i of dhenent s

f or St apredietes doéfificient850d, . and ,)Q - a control circuit (103) for
swi tching between said first and second encoders (100, 101) in selecting
that one of the encoders which is to be utilized in the transm ssion;
sai d met hod23onPRi apPparatus acqargding tto apysiopealod the iaimsc@®t2@ncoder
(101) and léompfpsinmyg: its state values (VSB(1l...105)) in a buffer (192);

5 - means (147) for generating vectors (ZINR(1...5)) with the
aid of the states (SB(1...105)) and the predictor coefficients
(Az. -+Ag,) of the synthesis filter (215), said vectors
(ZINR(1...5)) being included in a response on zero valued
input samples ("0") to the synthesis filter (215);

10 - means (148) for generating vectors (ZS5TR(1...5)) for a zero
state response, said means including a subtracting device
(148) subtracting the vectors (ZINR(1l...5)) for the response
on the zero valued inpyt samples ("0") from the corresponding
state values of the synthesis filter (215), said state values

15 being divided into state vectors (SB(1...5)); and
- means (149) for generating an excitation signal (ET(1...5))
of the synthesis filter (215) with the aid of the vectors
(ZSTR(1...5)) for the zero state response.

24. An apparatus according to claim 23, the first decoder
20 (200) including a gain predictor (134) having elements (150)

for state values (SBLG) and also having coefficient elements

(151) for predictor coefficients (GPZ . 'Gpll) , said apparatus

comprising: _

= means (152, 155) for generating and pre-setting of the state
25 values (SBLG) of the gain predictor (134), utilizing the

generated excitation signal (ET(1...5));

= means connected to the elements (150) for the state values -

and also connected to the coefficient elements (151), said

means generating the coefficients (GPZ"'GPu) of the gain
30 predictor (134) with the aid of the state values (SBLG) of the
' gain predictor; and

- means (153, 156) for generating a predicted gain factor

(GAIN') for a first of the excitation signals (ET(1...5)) of

R —————
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-.switching, with the aid of the control circuit (103), for

transm ssion via the first _encoder (100); - _pre-setting at |east a part
of the state val ues (SB(1...105)) of the first encoder (100) with. said
stored 20 state values (VSB(1...105)) ; - bringing forth at | east a
part of the predictor coefficients (Alerr].. .Alerr]) in_the first
encoder (100) Wo9624926 - generating an output signal (SD) f r BFFEEIS00128
synthesis filter (115) in dependence3gn the predictor coefficients
(Alerr]...Alerr]) 25 brought forth. 2. A nethod according to claim
1, the second encoder (101) havi ng coefficient elements for predictor
coefficients (B2...B51), corresponding to the coefficient el enents

(141)  of ik EyhthesiE ¥datet1(N)s) aftet am imibihation tdexriodofipr ithieng: 30
- storing at kﬁ%%&_?fggégrc?zédya predi ctor coefficients (B2...B51) of

the second en Int“sard buffer; and - transmtting said stored
predi ctor coefficients (B2... B51) to the coefficient elenents (141) of
the synthesis filter (115) in the first encoder(100).

W06/ 24926 PCT/ SE96/ 00128

26 3.. A nethod according to claim 1 conprising generating the
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predi ctor coefficients (Alerr]....Alerr]) of the first encoder (100)

with the aid of said pre-set state values (SB(l...105)). 4. A nethod
according to claim3 conprising generating only a 5 part (Alerr].
“Alerr]) of the predictor coefficients (Alerr].. .Aerr]). 5. A

met hod according to claim1l1, 2, 3 or 4 further conprisin t he steps of:
- gener at (WQ96/248%60rs (ZINR(1.. .5)), included in a respo%@‘awl” zero
val ued i nput sanples ("0") to the synthesis filter (115), 10 wth the aid

of the state values (SB(1...105)) ial d the predi ctor coefficients
(Alerr]...Alerr])) in the synthesi1£ ilter (115); - generating
vectors (ZSTRQ.’L. .. 5) for;a_zero state response by subtracting said

vectors (ZINRK1l... 5)) ofnt@ responge on 15 the zero val ued input

sanpl es ("0")™Trom éde cor‘Ee,onndi ng = state values (SB(1...105)) of the
synthesis filter (19%5), © @ vided up as state vectors (SB(1. . .5)); and
- generating ap excitation 1...5)) for the synt hesi s
filter (115) aid off the zero state response 20 vector® (ZSTR
(1...5)). according-t.o-clai-m.5--the first encqder (100)
having a gain pr 4) =i nts (150) for state val ues
(SBLG and als fficient 151) for : predictor
coefficients nmet hodsf urt heer 25 conprli si ng:

el ement s

- genera@ng | al Jes &QSBLG): of the - [gain
predi ct ofN (13 q excjtatiion si g¥4l
(ET(I...5)); qr copfficients (GPI@rr]. ..
GP[err]) o ] Me aid of its st@tle val ues
(SBLG) ; g : eZ
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WO 96/ 24926 PCT/ SE96/ 00128
27 - generating a predicted gain factor (GAIN) for a first of
the excitation signals (ET(1...5)) of the synthesis filter (115) after
an initiation period for the first encoder (100). 5 7. Anmethod in a
transm ssion systemfor receiving signals transmtted over a
communi cat Wor9s4sénel (120) , the system conprisi ng: PCI/SESQO12B ¢
backward adaptive decoder (200) including a synthesis filter (215)
having el ements (140) for filter states 10 (SB(1 ... 105)) and al so having
coefficient elenments (141) for diddictor coefficients (Alerr].
~Aerr]); - a second backward adaptive decoder (290) having el enents
for state values (VSB(1l...105)); and - acontrol circuit (103) for
switching between said first and 15 secondsgecoders (200, 290) in
sel ecting that one of the decoders whiciiis to be utilized in the
si gnal receiving; sai d nethod conpri si ny - receiving signals via
t he second decoder (290) and storing ity state values (VSB(1l...105)) in
a buffer (292); 20 - switching, with the-ai'd-of-tthe control ci rt (103),
for receiving via the first decoderE(ZiE%;ég : - pre-setting|at |east a
f
ikt 2

part of the state val ues (SB(l... 1G5)) he first decoder |(200) with

said stored state val ues (ﬁgﬁﬁJffTTHS)) -t bringing fortfat |least a

part of the predictor coefficifents GALerr]....Alerr]) in the {irst

decoder (200); and - gengLating an outpdT signal (SD) fromthe
|

synthesis filter
° b

2
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(l215) in dependence on the predictor coefficients (Alerr]....Aerr])
brought forth. 30 8. A nethod according to claim7, the second decoder
(290) havi ng. coefficient elenents for predictor coefficients
(B2...B51), corresponding to the coefficient elenents (141) of the
first decoder (200), and the method further conprising: - storing at

| east a pawp9aR492ée predictor coefficients 35 (B2 ... B51PCHSENNU2&ccond
decoder (290) in said buffer; and W96/ 24926

PCT/ SE96/ 00128 / 28 - transmtting
said stored predictor coefficiengs %éﬁn . B51) to the coefficient

el ements (141) of the synthesis Hjltero (215) in the first decoder(200).

9. A nethod according tge im 7 donprising generating the 5 predictor
i1

coefficients (A2...A51) gecoder (200) with the aid of said
pre-set state values (S e 1glATECHOY ACCordi ng to claim
I Si ' gart (Alerr].. A[err]) of the predi ctor

coefficients (ALg_r_r_L____ALgL_r Y. S T A et ' ng to claim?7, 8,

9 or 10 further» o :
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10 conprising the steps of: - generating vectors (ZINR(1... 5),
included in _a response on zero valued i nput sanples ("0") to the )
synthesis filter (215), with the aid of the state values (SB(1...105))
and the predi ctor coefficients (Alerr]..Alerr])) in the synthesis
filter 15 (215); - generating vectors (ZSTR (1... 5)) for a zero state
response WO46R4R6bt racti ng said vectors (ZINR(1.. .5)) oPCIREMWESonse on
the zero val ued input sanples ("0") fromthe correspondi ng state val ues
(SB(1...105)) of the synthesis fighger (215), 20 divided up as state
vectors (SB(1l...5)); and - generating an excitation signal (ET(l ...5))
f.or the synthesis filter (215 with the aid of the zero state response
vectors (ZSTR(I...5)). 12. A method according to claim1l, the first
decoder (200) 25 having a\@ain predictor (134) with elenents (150) for

Sstate wal ues (SELO) agjalso coefficient elements (151) for
predi ct or ffICIeﬁFS ( GRls .. .GPlerr]), said nethod further
comrisingﬁ - generatfi ph_and pre-setting the state values (SBLG of the
30 gain p ctor (13%y | i zi ng said generated excitation : si gnal
(ET(1...5)); P’ 06/24926 - :
PCT/SE96/06T28“-—~—~_____ 29
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.generating said predictor coefficients (GP[err].. GP[err]) of the

galn_pLechtor (134) wth the aid of_its state values (SBLG ; and -
generating a predicted gain factor (GAIN) for a first of 5 the
excitation signals (ET(l...5)) of the synthesis filter (215) after an
initiation period for the first decoder (200). 13. An apparatus in a
transni ssi OWO82826 for transnitting signal s over a $BU28 on
channel (120), the apparatus conprising: 10 - a first backward
adaptive encoder (100) including a synthesis filter (115) having
el ements (140) for filter states S/ABB (1... 105)) and al so having
coefficient elenents (141) for predi ctor coefficients (Alerr].

.Alerr]); - a second backward adaptive encoder (101) having el enent s
for 15 state values (VSB(I 2.10p)): - acontrol circuit (103) with

swi tches (98, 102) for coupP?ng in one of said first and second
encoders (100, 101) to the nmuni cati on channel (120); - a buffer
(192) for storing the $ate vardes (VSB(l...105)) 20 of the second encoder
(101) when transm tting=signa Lg said second encoder; - nmeans

rt of said stored state val ues

40) for the state val ues

(100) when 25 swithing for transm ssion
(120) via the first encoder(100); -

(193, 144) for feeding at |easf
(VSB(1...105)) into the:el enep
(SB(1...105)) of the firgt en
over the comuni cation cha

a device (116; 49, 50, 51, 1 , 193, 139), connected to i nputs
(139) of the coefficient ele 141), for bringing forth at |least a
part of the predictor coefficiefts_(Alerr]  Aerrl) 30 _of_the first
encoder (100); and - aydevi e (142, 143) connected 1o the coefficient
el enent s (141) r generatlrg an out put signal (SD) |fromthe syhthe5|s
filter (115). 4, An.apparatus according to claimi13 conprlsnng
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30 —coefficient_elenents in the second encoder (101) for
predictor coefficients (B2... B51), said coefficient elenents
corresponding to the coefficient elements (141) of the first encoder

(100); 5 - neans in said buffer (192) for storing the predictor
coeffici en™OK6B#926 B51) of the second encoder (101); andPCT/SESQ0RM,s (193,

139) for transmtting said stored predictor coefficients (B2.. .B51) to
the coefficient elenents (141) of the synthesis filter (115). 10 15.
An apparatus according to claim13, /bt device for bringing forth the
predictor coefficients (Alerr].. .Aerr]) conpri ses neans (116; 48,
49, 50, 51, 146) for generating said wpredictor coefficients
(Alerr]..Alerr]) with the aid of said st@red state val ues

(VSB(1...105)) in the elenments_(140) fop™Nhe 15 state values (SB(!l...105)

of the first encogq . 16. An apparatus laccording to claim 15,
said neans (116; 48, 49 146) for generating the predictor
coefficients Alerr]. arranged to generate onl yFa part of
t he predi ctor fcoefficig Alerr])
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20 17. An apparatus according to any one of the clains 13-16

conprising: - nmeans_(147) for generating vectors (ZINR(1...5)) with the
aid of the states (SB(1...105)) and the predictor coefficients
(Alerr]..Alerr]) of the synthesis filter (115), said vectors 25

(ZINR(Z... bei ng included in a response on zero val ued i nput sanpl es
("0") to tﬁé&@%ﬂﬁﬁesis filter (115); - means (148) foﬂ‘ﬁ@ﬁ@?&ﬂﬂhg

vectors (ZSTR(1... 5)) for a zero state response, said neans including
a subtracting device (148) subtractgng the vectors (ZINR(1...5)) for
the response 30 on the zero valued igpyt sanples ("0" ) fromthe
correspondi ng state values of th®isynthesis filter (115), said state
val ues bei ng divided into state véctors (SB (1. ..5)); and

WD 96/ 24926 :5 PCT/ SE96/ 00128

31 - means (149) for generati an excitation signal (ET(1l.. .5))

aid of the vectors (ZSTR(1...5))
An apparatus according to claim 17,

i n predictor (134) having el enents
B havi ng coefficient elenents

of the synthesis filter (115) wth t
for the zero state response. 19.
the first encoder 5 (100) eyncl ugh
(150) for state values¥PSBLE angal s
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(151) for predictor coefficients (GP[err]. .GP[err]), said apparatus
conpri si ng: - _means (152, 155) for generating and pre-setting of the
state 10 values (SBLG of the gain predictor (134), utilizing the
generated excitation signal (ET (1... 5)); - means connected to the
el ements (150) for the state val ues and al so connected to the

coef fi ci enwOD6R4886t s (151), said means ‘generating t hePEHEF5/08128 ¢ s
(GP[err]..GP[err]) of the gain 15 predictor (134) with the aid of the
state values (SBLG of the gain pregygtor; and - nmeans (153, 156)
for generating a predicted gain factor (GAIN) for a first of the
excitation signals (ET(1...5)) of the synthesis filter (115) after an
initiation period for the 20 first encoder (100). 19. An apparat us
in a transm ssion systemfor receiving signals transmtted over a
conmmuni cati on_ cha@el (120), the appar at us conpri si ng: - a first
backward ad i veBecoder (200) including a 25 synthesis filter (215)
havi ng el englt,s ("T?0) for filter states (SB(1. . .105)) and al so having
coefficient elenments (141) for predi ctor coefficients (Alerr]..
.Aerr]); - a siecond backward adaptive decoder (290) having el enents
for state |val ugs (VSB(1...105)); 30 - a cqairol circuit (103) with
swi t ches (203,[198) {for coupling in one of id first and second
decoders (200, 290) N0 the conmmruni cati on ghannel (120);

W06/ 24926 PCT/ SE96/ 00128
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32 - a buffer (292) for storing'the state values (VSB(I...105))

of the_second decoder (290) when transmitting signals via said second
decoder; - means (293,145) for feeding at |least a part of said stored 5
state values (VSB(1l...105)) into the elenments (140) for the state
values (SB(1... 105)) of the first decoder (200) when swi t hi ng for
transni ssi 8¥P A28t he conmmuni cati on channel (120) vi aPFH'@E?q"}“g’P

decoder (100); - a device (116; 49, 50, 51, 146; 192, 193, 139),

connected to 10 inputs (139) of the cogfficient elenents (141), for

bri ngi ng forth at |easy : t of the predictor coefficients (Alerr]..
Alerr]) of the first Beq - and - a device (142, 143)
connected to the coefficient *eg (141) for generating an out put
signal (SD) fromthe synthesis]15 filtsr (215). 20. An appar at us

coefficient elenments in the second

according to claim 19 conpgi §T 0

decoder (290) for pr g ﬁ coeffTCients (B2... B51), said coefficient
el enent s correspondi ng t O e coefficient elenents (141) of the first
20 decoder (200); - nmeans’'in said buffer (292) for storing the

pr edi ct or coefficients (B2;. .B51) of the second decoder (290); and

- nmeans (293, 139) for transmtting said stored predictor coefficients

(B2...B51) to the coefficient elenments (141) of 25 the synthesis filter
(215). 21. An apparatus gccording¥wo claim19, the device for
bringing forth the predic coef f ents (Alerr].. .Aerr])

conpri ses neans (116; 48, w9 ating said

predi ctor coefficients (Alerr id of said stored

Adder
Fig. 7.b
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30 state values (VSB(1l...105)) in the elenments (140) for the state

values (SB(1,..105) of the first decoder (200). 22. An appar at us .
according to claim 21, said neans (116; 48, 49, 50, 51, 146) for
generating the predictor coefficients WO 96/ 24926

PCT/ SE96/ 00128 33 pc‘g‘ Lerrbp

... Al err])wWo9%24826 anged to generate only a part of the BEWHORE o
coefficients (Alerr].. .Aerr]). 23 An apparatus according to any
one of the clainms 19-22 conpri siy 991 - means (147) for generating
vectors (ZINR(1...5)) with the olf the states (SB(1... 105)) and the

predictaL coefficients (Al err], ynthesllrs filter
(215), (ZINR(1.. | 5V)DSAC Rumringiep - esponse on zero -
val ued &Qﬁpmﬁg (0" ¢t pﬁt Qt#‘ufosrte%nfﬁl 215); 10 - neans
(148) for atStagesecf ors (ZSTR é éer state response,
sai d nefns |ncI udi ng _a _spbtracting dé&S ! § ) acting the vectors
(ZINR(1.. .5)) flor the response on the gero val ued irpyt sanples ("0".)
fromthe corresgondin state val ues g g synthesis|filter (215), said
state val ues 15 bei"nglgi vi d into- st g : .5)); and -
means (149) for |generating an excitatqo 'eq:ri b ——5)) of the
synthesis filter] (215) with the aid of P
" g renee e smne e eaas
302 N Pre-set Speech Buffer
SB(1,...,105) = VSB(1,...,105)
303 | Compute Synthesis Filter Pre-
diction Coefficients A,,...,As,
304 "4 Retreive Excitation Signal ET( )
Warm Up
I LD-CELP
303 = Pre-set log-Gain Predictor Buffer Codec
States
306 - Compute log-Gain Predictor
Coefficients GP,,....GPy,
307 —. . . ,
Compute Predicted Gain GAIN
308 -
LD-CELP Running

309 —-

Fig. 8
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(ZSTR(1... 5)) for the zero state response. 24. An appar at us
according to claim?23, the first decoder 20 .(200) including a gain

predictor (134) having el ements (150) for state values (SBLG and al so
havi ng coefficient elenents (151) for predictor coefficients
(GPlerr]... GP[err]), said apparatus conpri si ng: - rreag(ﬁm%% 155)
for gener dWO§249& pre-setting of the state 25 val ues (S e gal n
predi ctor (134), utilizing the generated excitation signal (ET(1..

5)); - means connected to the el erquu g (150) for the state val ues

and al so connected to the coeffigient enents (151), said means

generating the coefficients (GP[grr]...GP[err] ) of the gain 30 predictor

(134) with the aid of the state wval ues (SBLG of the gain predictor;
and - nmeans (153, 156) for g;gner ating a predicted gain factor
(GAIN) for a first of the exmthatlon signals (ET(1...5)) of WO

PCT/ SE96/ 00128
riod for the first

96/ 24926
34 the synthesis fllter[__(2
decoder (200). »
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(57) Abstract

A speech encoder (100) receives speech signals (S) which are encoded and transmitted on a communication channel (120). Silence
in the speech is utilized by a data encoder (101) to transmit data on the speech frequency band via the channel (120). A signal classifier
(103) switches between the encoders (100, 101). The speech encoder has synthesis filter (115) with state variables in a delay line, predictor
adaptor (116), gain predictor (113, 114) and excitation codebook (1 12). The data encoder (101) has delay line with state variables stored
and updated in 2 buffer (192). On switching (103, 102, 193) from data to speech, the buffer state variables are fed into the synthesis filter
delay line via an input (144) for smooth transition in the speech encoding. Coefficient values in the synthesis filter (115) and an excitation
signal (ET(1...5)) arc generated. Thereby a buffer in the gain predictor (113, 114) is preset and its predictor coefficients and gein are
generated. The incoming speech signal (S) newly detected is encoded (CW) by the values generated in the speech encoder (100), which is
successively adapted. The receiver side has comesponding speech and data decoders.




