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speech information

(57)  Coders ans decoders which do not distinguish
between speaker-independent signals and speaker-de-
pendent signals in voice/speech signals communicate
inefficiently. By separately coding speaker-independent
signals (for example phonemes) and speaker-depend-
ent signals (for example prosody, amplitude) in the cod-
er into two streams of coded signals, and transmitting
both streams of coded signals possibly in a multiplex
way to the decoder, which separately decodes both
streams of coded signals into speaker-independent sig-
nals and speaker-dependent signals, the entire system
is more efficient. Preferably, in the decoder, after having
decoded one of both streams of coded signals, the result
is used for decoding the other stream. Further, said
speaker-dependent signals may be divided into time-in-
dependent signals and time-dependent signals, for fur-
ther optimisation. Finally, said system can be a distrib-
uted speech recognition system, with the coder perform-
ing the preprocessing (prerecognition) and a network
between coder and decoder performing the final
processing (final recognition).

System and method for coding and decoding speaker-independent and speaker-dependent

2t 22 13 2% 25
D_;TD— 33 34
76 :
35
32 3¢
17
D : 2 38
1 28 4K
b
i 1
2 93 29
2%
95
41 42
21 22 23 ,F'

Printed by Jouve, 75001 PARIS (FR)



1 EP 1 220 202 A1 2

Description

[0001] The invention relates to a system comprising
a coder for coding a voice/speech signal into at least
one coded signal and comprising a decoder for decod-
ing at least one further signal.

[0002] Such a system is known from EP 0 718 819,
in which a first coder is used for coding vocally produced
audio, like spoken words, singing and other vocal utter-
ances, and in which a second coder is used for coding
non-vocally produced audio, like music. Said known
system further comprises a first decoder and a second
decoder for decoding purposes. The at least one further
signal may either correspond entirely, or partly, or not at
all with the at least one coded signal.

[0003] Such a system is disadvantageous, inter alia,
due to voice/speech like said spoken words being coded
and decoded in an inefficient way.

[0004] Itis an object of the invention, inter alia, to pro-
vide a system described in the preamble, which is more
efficient.

[0005] Thereto, the system according to the invention
is characterised in that said system comprises a system
processor system for processing a speaker-independ-
ent signal of said voice/speech signal and in response
generating a first coded signal and for processing a
speaker-dependent signal of said voice/speech signal
and in response generating a second coded signal and
for processing a first further signal and in response gen-
erating a speaker-independent signal and for process-
ing a second further signal and in response generating
a speaker-dependent signal.

[0006] Said speaker-independent signal of said voice/
speech signal corresponds for example with phoneme
information like letters and parts of words which are cod-
ed into said first coded signal, and said a speaker-de-
pendent signal of said voice/speech signal corresponds
for example with prosody information like a user-volume
and user-voice-frequencies which are coded into said
second coded signal. Said first further signal for exam-
ple corresponds (either entirely, or partly, or not at all)
with said first coded signal and then is related to said
phoneme information like letters and parts of words
which are decoded into said speaker-independent sig-
nal, and said second further signal for example corre-
sponds (either entirely, or partly, or not at all) with said
prosody information like a user-volume and user-voice-
frequencies which are decoded into said speaker-de-
pendent signal.

[0007] By introducing the separately processing of
speaker-independent signals and speaker-dependent
signals, the efficiency of the system is increased.
[0008] Theinventionis based on the insight, inter alia,
that voice/speech coding/decoding processes comprise
redundancies which can be removed without reducing
the quality.

[0009] The invention solves the problem, inter alia, of
providing a more efficient system, by introducing the
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separately processing.

[0010] Where EP 0 718 819 distinguishes between
vocally produced audio, like spoken words, singing and
other vocal utterances, and non-vocally produced au-
dio, like music, the system according to the invention
distinguishes between speaker-independent signals
withing voice/speech signals and speaker-dependent
signals withing said voice/speech signals.

[0011] The invention further relates to a coder for cod-
ing a voice/speech signal into at least one coded signal.
[0012] The coder according to the invention is char-
acterised in that said coder comprises a processor sys-
tem for processing a speaker-independent signal of said
voice/speech signal and in response generating a first
coded signal and for processing a speaker-dependent
signal of said voice/speech signal and in response gen-
erating a second coded signal.

[0013] A first embodiment of the coder according to
the invention is characterised in that said speaker-de-
pendent signal comprises a time-independent part and
a time-dependent part, with said processor system
processing said time-independent part and in response
generating a third coded signal and processing said
time-dependent part and in response generating a
fourth coded signal.

[0014] By introducing, with respect to the speaker-de-
pendent signals, the separately processing of time-in-
dependent and time-dependent signals, the efficiency
is further increased. Said third coded signal and said
fourth coded signal together correspond with (at least a
part of) said second coded signal.

[0015] A second embodiment of the coder according
to the invention is characterised in that said coder forms
part of a distributed speech recognition system, with
said processor system preprocessing said speaker-de-
pendent signal.

[0016] By locating this coder in a distributed speech
recognition system, said system becomes more effi-
cient.

[0017] The invention yet further relates to a decoder
for decoding at least one coded signal.

[0018] The decoderaccording to the invention is char-
acterised in that said decoder comprises a processor
system for processing a first coded signal and in re-
sponse generating a speaker-independent signal and
for processing a second coded signal and in response
generating a speaker-dependent signal.

[0019] A first embodiment of the decoder according
to the invention is characterised in that at least one of
both speaker-independent signal and speaker-depend-
ent signal is generated in dependence of the other one.
[0020] By using a result (the speaker-independent
signals or the speaker-dependent signals) of one of the
decoding processes and/or by using an input signal (one
of both coded signals) of one of the decoding processes
for the other decoding process, the decoder has an in-
creased efficiency.

[0021] A second embodiment of the decoder accord-
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ing to the invention is characterised in that said decoder
decodes a third coded signal and a fourth coded signal,
with said processor system processing said third coded
signal and in response generating a time-independent
part of said speaker-dependent signal and processing
said fourth coded signal and in response generating a
time-dependent part of said speaker-dependent signal.
[0022] A third embodiment of the decoder according
to the invention is characterised in that said decoder
forms part of a distributed speech recognition system,
with said processor system final processing said second
coded signal.

[0023] The invention also relates to a coding method
for coding a voice/speech signal into at least one coded
signal.

[0024] The coding method according to the invention
is characterised in that said method comprises the steps
of processing a speaker-independent signal of said
voice/speech signal and in response generating a first
coded signal and of processing a speaker-dependent
signal of said voice/speech signal and in response gen-
erating a second coded signal.

[0025] The invention yet also relates to a decoding
method for decoding at least one coded signal.

[0026] The decoding method according to the inven-
tion is characterised in that said method comprises the
steps of processing a first coded signal and in response
generating a speaker-independent signal and of
processing a second coded signal and in response gen-
erating a speaker-dependent signal.

[0027] Embodiments of both methods according to
the invention correspond with embodiments of the coder
and/or decoder according to the invention.

[0028] Embodiments of the system according to the
invention correspond with embodiments of the coder
and/or decoder according to the invention.

[0029] EP 0718 819, in which a first coder is used for
coding vocally produced audio, like spoken words, sing-
ing and other vocal utterances, and in which a second
coder is used for coding non-vocally produced audio,
like music, does not disclose the separately processing,
within its first coder for coding vocally produced audio,
of speaker-independent signals and speaker-depend-
ent signals both forming part of voice/speech signals,
and does not disclose that said speaker-independent
signals and speaker-dependent signals, within its de-
coder for decoding the coded vocally produced audio,
are separately processed and separately decoded, pos-
sibly with at least one of the decoding processes being
dependent upon the other one. US 5,012,518 discloses
alow bit-rate speech coder, and US 5,388,181 discloses
a digital audio compression system. Neither one of
these documents discloses the system according to the
invention, the coder according to the invention, the de-
coder according to the invention or the methods accord-
ing to the invention.

[0030] All references, including references cited with
respect to these references, are considered to be incor-
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porated.
[0031] The invention will be further explained at the
hand of an embodiment described with respect to a
drawing, whereby

figure 1 discloses a system according to the inven-
tion comprising a coder according to the invention and
a decoder according to the invention.
[0032] Coder 1 according to the invention as shown
in figure 1 comprises a voice/speech receiver 11 like a
microphone for receiving voice/speech signals of which
an outputis coupled via a coupling 31 to an input of sam-
pler 12, of which an output is coupled via a coupling 32
to an input of first analyser 13 for determining for exam-
ple speaker-dependent frequency information of said
voice/speech signals and to an input of second analyser
16 for determining for example speaker-dependent
prosody information in said voice/speech signals and to
an input of third analyser 17 for determining for example
speaker-dependent volume information of said voice/
speech signals and to a phoneme unit 18 for determin-
ing for example speaker-independent phoneme infor-
mation in said voice/speech signals. An output of first
analyser 13 is coupled via a coupling 33 to an input of
a fourth analyser 14 for determining for example vocal
tractinformation, of which an outputis coupled via a cou-
pling 34 to an input of a combining unit 15. An output of
third analyser 17 is coupled via a coupling 36 to a further
input of second analyser 16, of which an output is cou-
pled via a coupling 35 to a further input of combining unit
15. An output of combining unit 15 is coupled via a cou-
pling 38 to decoder 2, and an output of phoneme unit
18 is coupled via a coupling 37 to decoder 2.
[0033] Decoder 2 according to the invention as shown
in figure 1 comprises a first converting unit 23 for con-
verting for example a combination of frequency informa-
tion, prosody information and volume information into a
first vocal signal, of which an input is coupled to a cou-
pling 44 which is coupled to coupling 38, and of which
a further input is coupled via a coupling 45 to an output
of second converting unit 24 for converting for example
speaker-independent phoneme information into a sec-
ond vocal signal, of which an input is coupled to a cou-
pling 43 which is coupled to coupling 37, and of which
a further input is coupled to a coupling 44. An output of
first converting unit 23 is coupled via a coupling 42 to
an input of a third converting unit 22 for performing for
example a digital/analog conversion, of which an output
is coupled to an input of a voice/speech generator 21,
like for example a loudspeaker.
[0034] The coder 1 according to the invention and the
decoder 2 according to the invention as shown in figure
1 function as follows.
[0035] According to afirstembodiment, coder 1 forms
part of a first terminal, and decoder 2 forms part of a
second terminal. Voice/speech originating from a first
user at said first terminal is received by receiver 11, and
then sampled (and possibly coded) by sampler 12. The
result is supplied to first analyser 13 for determining (for
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example calculating) for example (speaker-dependent,
time-independent) frequency information (like one or
more basic frequencies) of said voice/speech signals
and to second analyser 16 for determining (for example
calculating) for example (speaker-dependent, time-de-
pendent) prosody information (like intonations) in said
voice/speech signals and to third analyser 17 for deter-
mining (calculating) for example (speaker-dependent,
time-dependent) volume information (like amplitudes) of
said voice/speech signals and to a phoneme unit for de-
termining (calculating) for example (speaker-independ-
ent) phoneme information (like letters, parts of words)
in said voice/speech signals. Fourth analyser 14 for de-
termining (calculating) for example vocal tract informa-
tion receives said frequency information directly (una-
mendedly) or indirectly (after being processed), and
combining unit 15 combines the results coming from
fourth analyser 14 and second analyser 16, which has
used the result coming from third analyser 17. The out-
put signal generated by combining unit 15 is supplied
directly (unamendedly) or indirectly (after being proc-
essed) via (wired or wireless) couplings 38 and 44 (and
for example one or more networks, switches, routers,
bridges, mobile switching centers, basestations, etc.) to
decoder 2 and corresponds with a speaker-dependent
part of said voice/speech signals in coded form. The out-
put signal generated by phoneme unit 18 is supplied di-
rectly (unamendedly) or indirectly (after being proc-
essed) via (wired or wireless) couplings 37 and 43 (and
for example one or more networks, switches, routers,
bridges, mobile switching centers, basestations, etc.) to
decoder 2 and corresponds with a speaker-independent
part of said voice/speech signals in coded form.
[0036] Second converting unit 24 in decoder 2 re-
ceives both output signals directly (unamendedly) or in-
directly (after being processed), and generates in re-
sponse the second vocal signal which is supplied to first
converting unit 23, which receives said second vocal
signal as well as said output signal arrived via coupling
44, each one of both directly (unamendedly) or indirectly
(after being processed), and generates the first vocal
signal, which via said third converting unit 22 and said
voice/speech generator 21 is converted into voice/
speech signals destined for a second user at said sec-
ond terminal.

[0037] As a result of using said coder 1 and decoder
2, the highest coding/decoding quality has been com-
bined with the highest transmission efficiency (lowest bit
rates - lowest capacity needed).

[0038] According to a first alternative to said first em-
bodiment, in coder 1 couplings 37 and 38 are combined,
for example multiplexed by a multiplexer not shown, in
which case decoder 2 will comprise a demultiplexer for
demultiplexing etc.

[0039] According to a second alternative to said first
embodiment, coder 1 and decoder 2 each comprise a
processor and a memory both not shown and coupled
to at least one of said receiver 11, sampler 12, analysers
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13,14,16,17, phoneme unit 18, combining unit 15, con-
verting units 22,23,24 and generator 21. As a result, in
said coder and decoder, intelligence is centralised.
[0040] Therefore, couplings 37-43 and 38-44 may be
realised via different wires or one wire, different fibers
or one fiber, different wireless links or one wireless link,
and via different channels or one channel, different
timeslots or same timeslots, different codes or same
codes etc.

[0041] According to a second embodiment, (at least
a part of) said coder 1 is located in a terminal, and (at
least a part of) said decoder 2 is located in a network,
or vice versa. This will for example be necessary in case
old fashioned terminals not comprising these coders/de-
coders and novel hightech terminals comprising these
coders/decoders are both used, whereby in the network
for each possibly communication via an old fashioned
terminal a coder/decoder needs to be available.
[0042] According to a third embodiment, said coder 1
forms part of a distributed speech recognition (DSR)
system, whereby in said coder 1 said speaker-depend-
ent signal is preprocessed, and final processing is done
generally in said network or exceptionally in said decod-
er 2. This for example corresponds with at least a part
of at least one function performed by at least one of said
four analysers 13,14,16,17 is shifted generally into the
network or exceptionally into the decoder 2, and/or at
least a part of at least one function performed by at least
one of said two converting units 23,24 is shifted into the
network.

[0043] According to a fourth embodiment, in coder 1
at least some of blocks 12,13,14,15, 16,17,18 represent
functions performed by a processor system running one
or more software programs thereby using a memory,
and in decoder 2 at least some of blocks 22,23,24 rep-
resent functions performed by a processor system run-
ning one or more software programs thereby using a
memory.

[0044] According to a fifth embodiment, in decoder 2
there is an option of amending and/or inserting speaker-
dependent information, by for example providing con-
verting unit 23 with a yet further input for receiving ad-
ditional speaker-dependent information and/or for re-
ceiving amending information for amending said speak-
er-dependent information and/or by for example inter-
rupting coupling 44 via for example an interruptor not
shown (like a switch having a conductive and a non-con-
ductive state) located either in coder 1 and/or in decoder
2. As aresult, a user may select the voice speaking to
said user.

[0045] According to a first alternative to said fifth em-
bodiment, coder 1 and/or decoder 2 are provided with
one or more memories not shown for storing for example
the signals present at one or more of the couplings 37,
38, 43 and 44, to allow generation of these signals later
in time, under control of a user, a terminal and/or a net-
work(-unit).

[0046] According to a second alternative to said fifth
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embodiment, for example the signals present at one or
more of the couplings 37, 38, 43 and 44, are stored in
one or more memories not shown and located outside
coder 1 and/or decoder 2, to allow generation of these
signals later in time, under control of a user, a terminal
and/or a network(-unit).

[0047] According to a third alternative to said fifth em-
bodiment, coder 1 and/or decoder 2 and/or a terminal
and/or a network-unit are provided with for example a
phoneme recogniser not shown and/or a memory not
shown for verification purposes to allow verification of
phoneme signals sent and/or received earlier, under
control of a user, a terminal and/or a network(-unit), for
example for checking Wallstreet orders and/or (trans)
actions, by generating (for example unamendable) pho-
neme signals stored before. Therefore, a method of do-
ing business (comprising a step of generating phoneme
signals stored before, possibly via said recogniser) is
not to be excluded.

[0048] All embodiments are just embodiments and do
not exclude other embodiments not shown and/or de-
scribed. All alternatives are just alternatives and do not
exclude other alternatives not shown and/or described.
Each (part of an) embodiment and/or each (part of an)
alternative can be combined with any other (part of an)
embodiment and/or any other (part of an) alternative.
Terms like "in response to K" and "in dependence of L"
and "for doing M" do not exclude that there could be a
further "in response to N" and a further "in dependence
of O" and a further "for doing P" etc.

Claims

1. System comprising a coder for coding a voice/
speech signal into at least one coded signal and
comprising a decoder for decoding at least one fur-
ther signal, characterised in that said system com-
prises a system processor system for processing a
speaker-independent signal of said voice/speech
signal and in response generating a first coded sig-
nal and for processing a speaker-dependent signal
of said voice/speech signal and in response gener-
ating a second coded signal and for processing a
first further signal and in response generating a
speaker-independent signal and for processing a
second further signal and in response generating a
speaker-dependent signal.

2. Coder for coding a voice/speech signal into at least
one coded signal, characterised in that said coder
comprises a processor system for processing a
speaker-independent signal of said voice/speech
signal and in response generating a first coded sig-
nal and for processing a speaker-dependent signal
of said voice/speech signal and in response gener-
ating a second coded signal.
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3.

10.

Coder according to claim 2, characterised in that
said speaker-dependent signal comprises a time-
independent part and a time-dependent part, with
said processor system processing said time-inde-
pendent part and in response generating a third
coded signal and processing said time-dependent
part and in response generating a fourth coded sig-
nal.

Coder according to claim 2 or 3, characterised in
that said coder forms part of a distributed speech
recognition system, with said processor system
preprocessing said speaker-dependent signal.

Decoder for decoding at least one coded signal,
characterised in that said decoder comprises a
processor system for processing a first coded signal
and in response generating a speaker-independent
signal and for processing a second coded signal
and in response generating a speaker-dependent
signal.

Decoder according to claim 5, characterised in
that at least one of both speaker-independent sig-
nal and speaker-dependent signal is generated in
dependence of the other one.

Decoder according to claim 5 or 6, characterised
in that said decoder decodes a third coded signal
and a fourth coded signal, with said processor sys-
tem processing said third coded signal and in re-
sponse generating a time-independent part of said
speaker-dependent signal and processing said
fourth coded signal and in response generating a
time-dependent part of said speaker-dependent
signal.

Decoder according to claim 5, 6 or 7, characterised
in that said decoder forms part of a distributed
speech recognition system, with said processor
system final processing said second coded signal.

Coding method for coding a voice/speech signal in-
to at least one coded signal, characterised in that
said method comprises the steps of processing a
speaker-independent signal of said voice/speech
signal and in response generating a first coded sig-
nal and of processing a speaker-dependent signal
of said voice/speech signal and in response gener-
ating a second coded signal.

Decoding method for decoding at least one coded
signal, characterised in that said method compris-
es the steps of processing a first coded signal and
in response generating a speaker-independent sig-
nal and of processing a second coded signal and in
response generating a speaker-dependent signal.



EP 1 220 202 A1

2t 22 13 24 15
31 Fry MY ’,
76
) 35
32 36
> 12
N 8
2 3
z8 7|
}
|
)
¢3 44
24 |<
95
4rr—— 921~
21 2z 23

j.

1



EPC FORM 1503 03.82 (P04CO1)

)

European Patent
Office

EP 1 220 202 A1

EUROPEAN SEARCH REPORT

DOCUMENTS CONSIDERED TO BE RELEVANT

Application Number

EP 00 44 0335

Category

Citation of document with indication, where appropriate,
of relevant passages

Relevant
to claim

CLASSIFICATION OF THE
APPLICATION (int.CL.7)

X
Y

u
6
* abstract *
*
*
*
*

ctaim 14 *

* abstract #*

* abstract *

S 6 073 094 A (CHANG LU ET AL)
June 2000 (2000-06-06)

column 2, line 59 - column 3, line 4 *
column 3, line 29 - column 3, line 46 *
column 4, line 11 - column 4, Tine 34 *

US 6 119 086 A (ITTYCHERIAH ABRAHAM ET
AL} 12 September 2000 (2000-09-12)
* column 3, Tine 23 - Tine 27 *

EP 0 423 800 A (MATSUSHITA ELECTRIC IND CO
LTD) 24 April 1991 (1991-04-24)

1-3,5-7,
9,10
4,8

1-3,5-7,
9,10
4,8

4,8

The present search report has been drawn up for all claims

G10L19/00

TECHNICAL FIELDS
SEARCHED (Int.CI1.7)

G10L

Place of search

MUNICH

Date of completion of the search

13 September 2001

Examiner

Bourdier, R

CATEGORY OF CITED DOCUMENTS

X : particularly relevant if taken alone

Y : particularly relevant if combined with another
document of the same category

A : technological background

O : non-written disclosure

P ! Intermediate docurnent

after the filing date
: document cited in the application
: docurment cited for other reasons

e O M-

document

: theory or principle underlying the invention
: earlier patent docurmnent, but published on, or

< member of the same patent family, corresponding




EPO FORM P0459

EP 1 220 202 A1

ANNEX TO THE EUROPEAN SEARCH REPORT
ON EUROPEAN PATENT APPLICATION NO. EP 00 44 0335

This annex lists the patent family membersrelating to the patent documents cited in the above-mentioned European search report.
The members are as contained in the European Patent Office EDP file on
The European Patent Office is in no way liable for these particulars which are merely given for the purpose of information.

13-09-2001
Patent document Publication Patent family Publication
cited in search report date member(s) date
US 6073094 A 06-06~2000 AU 3756599 A 20-12-1999
Wo 9963519 A 09-12-1999
US 6119086 A 12-09-2000 NONE
EP 0423800 A 24-04-1991 JP 3132797 A 06-06-1991
DE 69016568 D 16-03-1995

For more details about this annex : see Official Journal of the European Patent Office, No. 12/82




	bibliography
	description
	claims
	drawings
	search report

