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(54) Improved excitation for higher band coding in a codec utilizing band split coding methods

(57) Methods and arrangements are disclosed for
digitally encoding and decoding sound. An input signal
is split (811) into a primary frequency band and at least
one secondary frequency band. The parts of the input
signal in the frequency bands are separately encoded.
Certain characteristics of the input signal in the primary
frequency band and corresponding characteristics of the
input signal in at least one secondary frequency band

are examined (302, 303, 814) in order to find out, whether
there is certain resemblance therebetween. Alternatively
certain characteristic features of the process applied to
encoding the primary frequency band extracted (305,
813) and used (307) in encoding the secondary frequen-
cy band, or such extracted characteristic features are
replaced (306, 501, 701, 815) with a locally generated,
independent set of corresponding features.
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Description

[0001] This document has been filed as a divisional
application from the European patent application number
04396043.4, which was published as EP 1 498 873.
[0002] The invention concerns generally the technol-
ogy of digital encoding and decoding of sound. Especially
the invention concerns the problem of enabling natural
reconstruction of sounds after transmission through a
channel in which band split coding methods are utilised
for encoding the sound for transmission in digital form.
[0003] Linear Predictive Coding (LPC) is a digital
sound encoding principle according to which the encoder
repeatedly constructs, for each short sequence of input
samples, a linear all-pole filter that with a certain excita-
tion signal enables producing a replica of the correspond-
ing input sample sequence. The encoder transmits infor-
mation representing the filter parameters and the excita-
tion signal to the decoder. Known variations of LPC in-
clude but are not limited to transformation coding or code
excitation according to what is the selected approach to
generating the excitation signal, as well as various se-
lections with respect to whether filter parameters are
transmitted directly or in some transformed form. Such
variations have no effect to the applicability of the general
principle of the present invention.
[0004] The selection of input signal bandwidth has
great influence to the naturalness of the eventually re-
produced sound. A narrow bandwidth of the input signal
is advantageous in terms of saving required transmission
capacity. Accepting a wider band of input frequencies to
encoding would enable reproducing the sound in a more
natural way at the receiving end, but simultaneously in-
creases the demand for transmission bandwidth.
[0005] Fig. 1 illustrates a band split coding principle
that offers possibilities for enhancing the quality of repro-
duced sound while keeping requirements for transmis-
sion bandwidth reasonable. The signal coming from an
input signal source 101 is taken through a band split filter
102, which directs a certain lower band of the input signal
frequencies to a low band encoder 103 and a correspond-
ing upper band of the input signal frequencies to a high
band encoder 104. In the digital encoding of speech the
lower band includes frequencies from a lower limit near
zero to a few kHz, for example 3.4 kHz or 6.4 kHz. The
upper band extends above the lower band to some upper
limit, like 8 kHz or 12 kHz. The output signals of the low
and high band encoders 103 and 104 are combined for
transmission and transmitted through some transmitting
channel 105 to a receiving device, where a low band
decoder 106 and a high band decoder 107 decode the
parts of the transmitted signal coming from the low band
encoder 103 and high band encoder 104 respectively. A
band reconstruction block 108 combines the outputs of
the low and high band decoders 106 and 107, after which
the reconstructed signal is taken to a sound reproducing
arrangement or corresponding signal sink 109.
[0006] In a very basic arrangement the low and high

band encoders 103 and 104 operate independently, and
selection is applied according to whether the outputs of
both of them or only the low band encoder 103 are trans-
mitted. More advanced arrangements utilise some infor-
mation from the low band encoding and decoding in per-
forming the high band encoding and decoding respec-
tively, which is illustrated as vertical arrows between the
appropriate functional blocks in fig. 1. The principle is
generally referred to as bandwith extension, and it works
well with input signals like speech, where correlation be-
tween the low and high bands is strong. Bandwidth ex-
tension is discussed for example in a prior art publication
Yasheng Qian, Peter Kabal: "Pseudo-wideband speech
reconstruction from telephone speech", Proc. Biennial
Symposium on Communications (Kingston, ON), pp.
524-527, June 2002.
[0007] Fig. 2 illustrates a known arrangement for high
band encoding, in which an input signal coming from a
band split filter is subjected to LPC analysis in block 201.
From an associated low band encoder an excitation sig-
nal is taken. Due to a different excitation sampling fre-
quency the low band excitation signal is not directly us-
able in the high band encoder, but this can be corrected
by taking it through a resampling block 202, which resa-
mples the low band excitation signal onto a suitable sam-
pling frequency. The LPC parameters from the LPC an-
alyser block 201 and the resampled low band extension
signal from the resampling block 202 are directed to an
LPC synthesis block 203, which produces a synthesized
high band signal. The LPC synthesis function implement-
ed in block 203 is an inverse of the LPC analysis function
of block 201, so transmitting the parameters used in the
LPC synthesis will enable a receiver (not shown in fig. 2)
to similarly synthesize the high band signal. In order to
align the synthesized signal energy with the original high
band signal the high band signal gain needs to be calcu-
lated in a gain control block 204, which is coupled to
receive the original high band audio signal (or at least
information about its signal energy) as well as the output
of the LPC synthesis block 203. The output of the gain
control block 204 is transmitted to the receiver along with
the parameters obtained from block 203.
[0008] The drawback of the arrangement of fig. 2 is
that in situations where the low band contains a strongly
voiced signal but the frequency spectrum of the high band
is relatively flat, it causes annoying, unnatural effects to
the synthesized audio signal. This effect is rarely encoun-
tered with speech, but is clearly noticeable for example
when the input signal is music.
[0009] An objective of the present invention is to
present a method and an apparatus for digitally encoding
and decoding sound in a band split arrangement, so that
the synthesized sound after decoding would be as natural
as possible regardless of the type of the input signal. A
further objective of the invention is to implement a prin-
ciple of said kind without causing extensive need for ad-
ditional transmission resources. A yet further objective
of the invention is to enable implementation of the above-

1 2 



EP 1 806 738 A1

3

5

10

15

20

25

30

35

40

45

50

55

explained principles with reasonable requirements to
system complexity.
[0010] The objectives of the invention are achieved by
having at least one alternative source for the high band
excitation signal, and by selecting the appropriate exci-
tation signal source for the high band on the basis of
analysed characteristics of the audio signal to be encod-
ed.
[0011] The features of encoding and decoding meth-
ods according to the invention are characterised by the
features recited in the characterising parts of the inde-
pendent patent claims directed to encoding and decoding
methods respectively.
[0012] The invention also applies to encoding and de-
coding devices. The characterised features of the encod-
ing and decoding devices are recited in the characterising
parts of the independent patent claims directed to encod-
ing and decoding devices respectively.
[0013] The suboptimal performance of the known prior
art band split encoding and decoding arrangement stems
from the fact that using an excitation signal associated
with a strongly voiced first band input signal tries to in-
troduce periodicity onto the second band even when
none should be present. According to the invention it is
possible to avoid such unintentional distortion of the sec-
ond band frequency spectrum by using an alternative
excitation signal for the upper band, when a comparison
of the degree of voicedness shows a mismatch between
the bands.
[0014] There are a number of ways for examining,
whether an input signal on a certain frequency band has
voiced or unvoiced characteristics. For example the long-
term correlation gain calculated for long-term prediction
is a good indicator of periodicity and thus voicedness of
an input signal. Other possible indicators include but are
not limited to various statistical values derived from the
Fourier transform of a signal sequence. An encoder ac-
cording to the invention analyses separately the first (low-
er) band input signal and the second (higher) band input
signal. It produces values indicative of the voiced/un-
voiced character of the signals on the different bands. If
these values show that the first (lower) band signal is
voiced but the second (higher) band signal is not, exci-
tation taken from the first band is not copied into the en-
coding of the second band, but an alternative (preferably
random) excitation is used instead.
[0015] Using an alternative (typically random) excita-
tion signal for the second band introduces potentially a
problem of excitation gain mismatch. In prior art solutions
the excitation gain is determined to set the copied first
band excitation energy to the same level with the second
band LPC residual. It is natural that there is some de-
pendence between the second band LPC residual and
the first band excitatsion that basically represents the low
band LPC residual. If the excitation for the second band
is independent from the first band, any such dependence
in excitation energy is lost. Therefore the difference in
energy between the independent second band excitation

signal and the second band LPC residual may become
extremely large compared to that between an excitation
signal derived from the first band and the LPC residual
of the second band. The quantisation of the excitation
gain becomes more difficult when the dynamics thereof
is increased.
[0016] A solution to the excitation gain mismatch prob-
lem is to normalise the second (independent) excitation
signal energy to that of the first band excitation signal,
even if the former and not the latter is used as the actual
second band excitation signal due to detected difference
in voiced/unvoiced characteristics of the bands. Two ad-
vantages are gained therethrough. Firstly, the dynamics
of the excitation signal gain on the second band are the
same and the above-explained extremely large differenc-
es are avoided. Secondly the arrangement enhances ro-
bustness against errors in the transmission channel. The
selection of the second band excitation signal must be
transmitted to the receiver, which involves a risk of a
transmission error that causes the receiver to misinter-
prete the transmitted selection signal. Due to the excita-
tion signal energy normalisation, such an error will not
cause severe distortion in the second band, because the
energy level of the wrongly selected excitation signal is
the same as that of the correct one.
[0017] The novel features which are considered as
characteristic of the invention are set forth in particular
in the appended claims. The invention itself, however,
both as to its construction and its method of operation,
together with additional objects and advantages thereof,
will be best understood from the following description of
specific embodiments when read in connection with the
accompanying drawings.

Fig. 1 illustrates the principle of band split encoding
and decoding,

fig. 2 illustrates a prior art bandwidth extension ar-
rangement,

fig. 3 illustrates an encoding principle according to
an embodiment of the invention,

fig. 4 illustrates the selection of an excitation signal
in a method according to an embodiment of the
invention,

fig. 5 illustrates an encoding principle according to
another embodiment of the invention,

fig. 6 illustrates the selection of an excitation signal
in a method according to another embodiment
of the invention,

fig. 7 illustrates the principle of excitation gain scaling
according to an embodiment of the invention,

fig. 8 illustrates a transmitter according to an embod-
iment of the invention, and

fig. 9 illustrates a receiver according to an embodi-
ment of the invention.

[0018] The exemplary embodiments of the invention
presented in this patent application are not to be inter-
preted to pose limitations to the applicability of the ap-
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pended claims. The verb "to comprise" is used in this
patent application as an open limitation that does not
exclude the existence of also unrecited features. The fea-
tures recited in depending claims are mutually freely
combinable unless otherwise explicitly stated.
[0019] Fig. 3 is a functional block diagram of an en-
coder according to an embodiment of the invention. An
LPC analysis block 301 is arranged to perform an LPC
analysis on a high band audio signal coming from a filter
bank or corresponding apparatus the task of which is to
separate the frequency bands of the original audio signal.
The result of the LPC analysis is a set of LPC parameters,
which as such is in accordance with prior art arrange-
ments. However, the high band audio signal goes also
to a signal analysis functionality 302, which is arranged
to make a certain deduction according to rules that are
described in more detail later. A low band audio signal
from the filter bank or from a low band LPC encoder goes
to another signal analysis functionality 303, which is sim-
ilarly arranged to make a certain deduction. With suitable
scheduling of tasks the signal analysis functionalities 302
and 303 may physically be only one entity.
[0020] The deductions from the signal analysis func-
tionalities 302 and 303 are taken to an excitation selection
switch 304. It is arranged to select one of a resampled
low band excitation coming from a resampling block 305
or a random excitation, such as white noise excitation,
coming from a random excitation source 306. The exci-
tation selection switch 304 delivers the selected excita-
tion to an LPC synthesis functionality 307, which also
receives the LPC parameters from the LPC analysis
block 301. A synthesized high band audio signal goes
from the LPC synthesis functionality 307 to a gain control
block 308, which also receives the original high band
audio signal. The gain control block 308 is arranged to
determine a gain control signal that is needed to align
the synthesized signal energy with that of the original
high band audio signal.
[0021] Information that will be sent to a receiving de-
vice comprises (inverse) LPC parameters from the LPC
synthesis functionality 307, a high band synthesis gain
control signal from the gain control block 308 as well as
an excitation selection signal from the excitation selection
switch 304. The last-mentioned signal indicates, which
of the available excitation sources was used.
[0022] The deductions produced in the signal analysis
functionalities 302 and 303 should enable the excitation
selection switch 304 to select the resampled low band
excitation signal whenever there is enough correlation
between the low band and the high band to justify such
selection. On the other hand the excitation selection
switch 304 should select the random excitation signal in
all cases where such correlation does not exist. A general
rule for making the deductions and the selection based
thereupon is the following: "If the low band signal is voiced
and the high band signal is unvoiced, select the random
excitation signal. In all other cases select the resampled
low band excitation signal."

[0023] Fig. 4 illustrates a simple exemplary decision-
making flow for selecting the excitation signal. Step 401
corresponds to calculating a long-term correlation gain
for the high band signal, and step 402 corresponds to
calculating a long-term correlation gain for the low band
signal. Calculating long-term correlation gains is known
as such from the technology of long-term prediction
(LTP). At steps 403 and 404 the calculated long-term
correlation gains for the high and low band signals re-
spectively are compared against certain predetermined
threshold values. The exact way in which such threshold
values have been determined is not important to the
present invention; typically certain selected threshold
values result from experimenting. The meaning of the
threshold values is to classify signals as voiced or un-
voiced. If a long-term correlation gain calculated for a
certain signal is lower than the corresponding threshold
value, the signal is considered to be unvoiced. If the cal-
culated long-term correlation gain is (equal to or) greater
than the threshold value, the signal in question is con-
sidered to be voiced.
[0024] In the functional block diagram of fig. 3 steps
401 and 403 of fig. 4 are executed in the high band signal
analysis block 302 and steps 402 and 404 of fig. 4 are
executed in the low band signal analysis block 303. The
following step 405 is a comparison between the above-
or-below-threshold results coming from steps 403 and
404. If the low band is considered to be voiced and the
high band unvoiced, the random excitation is selected at
step 406. In other cases the resampled low band excita-
tion is selected at step 407. Steps 405, 406 and 407 of
fig. 4 correspond to activity in the functional block 304 of
fig. 3.
[0025] The basic arrangement described above with
reference to figs. 3 and 4 manages to avoid the prior art
problems related to unintentionally introducing periodic-
ity into the high band when none should be present, be-
cause in such cases the random excitation source will
be selected.
[0026] We may consider a situation in which the high
band is voiced but the low band is not. Such a situation
is exceptional and will be rarely encountered in practice.
However, it must be noted that in such cases the arrange-
ment described above with reference to figs. 3 and 4
selects a nonperiodic excitation for the high band, even
if a periodic excitation might actually be better. In order
to prepare for even such exceptional cases the improved
embodiment of figs. 5 and 6 may be presented. The func-
tional block diagram of fig. 5 is otherwise equal to that of
fig. 3, but a third possible high band excitation signal
source is added parallel to the low band excitation resa-
mpling block 305 and the random excitation source 306.
The third possibility is a periodic excitation signal source
501. The excitation selection switch 502 is now arranged
to select one of three possible excitation signal sources
and to transmit excitation information towards a receiving
device. The excitation information meant in fig. 5 differs
from the excitation selection signal of fig. 3 in that in ad-
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dition to the simple alternatives "selected resampled low
band excitation" or "selected random excitation" it must,
when necessary, be able to convey some information
about the selected periodic excitation coming from block
501. The exact way in which such information is con-
veyed is not important to the present invention. Prior art
solutions describing one-band LPC encoding and decod-
ing solutions is widely known to suggest and discuss
transmitting such information in general.
[0027] Fig. 6 illustrates an exemplary decision flow in
analogy with fig. 4. This time a negative finding at step
405 leads to step 601, after which if the low band is con-
sidered to be unvoiced and the high band voiced, the
periodic excitation is selected at step 602. In other cases
the resampled low band excitation is selected at step
603. In other words, situations that lead to selecting the
resampled low band excitation are those where the high
and low band signals are similar in the sense that either
both are voiced or both are unvoiced. Steps 405, 406,
601,602 and 603 of fig. 6 correspond to activity in the
functional block 502 of fig. 5.
[0028] When we compare the use of the resampled
low band excitation signal to the use of some other ex-
citation signal generated "locally" for the needs of the
high band encoder, we note that the former comes with
a variable signal power that basically represents the low
band LPC residual. Locally generated excitation signals
have no similar correlation with any part of the original
audio signal, but come at more or less constant signal
power level. This creates a problem, because a momen-
tary difference in energy between a locally generated ex-
citation signal and the high band LPC residual may be-
come extremely large. When the required dynamic range
of gain control increases, the quantization of the excita-
tion gain becomes more difficult.
[0029] Fig. 7 illustrates a solution to the problem of
excitation signal energy mismatch. A local excitation sig-
nal generator 701, where "local" means that it generates
an excitation signal for the purposes of the high band
encoder without direct reference to the LPC encoding of
the low band, is augmented with a gain control function-
ality 702 that receives control information from the low
band excitation signal resampling block 305. The task of
the gain control functionality 702 is to scale the locally
generated excitation signal onto a level at which its signal
energy is within a predetermined tolerance around a
measured signal energy of the low band excitation signal.
This ensures that whatever selection is made at the ex-
citation selection switch 304, the signal power of the se-
lected excitation signal will not radically change from the
level of the low band excitation signal. Extreme mis-
matches between a selected excitation signal and the
high band LPC residual can be avoided, as long as a
basic assumption holds according to which the low and
high band LPC residuals resemble each other in terms
of signal energy.
[0030] The LPC encoding process handles the input
signal in discrete, consecutive sample trains. Similarly

the excitation signals come in short pieces so that the
finite number of samples that constitute one piece of an
excitation signal may be expressed as a vector. We may
denote a low band excitation vector as 1b_exc and a
corresponding random excitation vector as rand_exc. If
we further assume the existence of scalar real variables
exc_energy, rand_energy and scale_factor that describe
the squared energy of the low band excitation signal, the
squared energy of the random excitation signal and the
scaling factor respectively, we may give the following
pseudocode representation of the excitation gain scaling
process:

/* Energy of resampled low band excitation */
exc_energy = 1b_excT1b_exc;
/* Energy of random excitation */
rand_energy = rand_excTrand_exc;
/* Scaling factor */
scale_factor = SQRT(exc_energy/rand_energy);
/* Scale random excitation */
rand_exc = scale_factor * rand_exc;

[0031] Here xTx means an inner product (dot product)
of vector x, and SQRT(x) means the square root of x.
The operator *on the last line of the pseudocode listing
is a plain multiplication operator that is used e.g. in a
product of a scalar and a vector. Comments not affecting
the flow of execution are displayed between /*- and */-
signs.
[0032] The arrangement of fig. 7 can be inserted into
the appropriate location of any of the arrangements of
figs. 3 and 5. If there are several local excitation signal
sources like in fig. 5, they may all utilise a single, common
gain control functionality or each of them may be
equipped with a gain control functionality of its own. The
order of the functionalities is not necessarily that present-
ed in fig. 7; for example it is possible to place the gain
control functionality 702 after the excitation selection
switch 304, in which case it should naturally be arranged
to perform some true scaling only if the resampled low
band excitation signal was not selected.
[0033] It should be noted that it is not absolutely nec-
essary to perform excitation gain scaling, if the large var-
iations in energy differences described above can be ac-
cepted or compensated for otherwise. However, the prin-
ciple shown in fig. 7 is an elegant way of largely eliminat-
ing the problem and complements nicely the overall prin-
ciple of making an educated selection of the high band
excitation signal.
[0034] The use of excitation gain scaling also enhanc-
es robustness against errors, or at least helps to minimise
the effects of errors. As was explained previously in the
description of blocks 304 and 502, the transmitter needs
to signal to the receiver at least the information about
whether the resampled low band excitation signal or the
locally generated random excitation signal was used in
the high band encoder. Signalling is typically accom-
plished by inserting a certain bit value into a signalling

7 8 



EP 1 806 738 A1

6

5

10

15

20

25

30

35

40

45

50

55

field. A transmission error may cause the receiver to in-
terprete the transmitted signal value incorrectly, so that
the receiver selects the wrong excitation signal for high
band decoding. If, however, the transmitter applied ex-
citation gain scaling to ensure that the energy of the ex-
citation signal was the same in any case, inadvertently
selecting an incorrect excitation signal at the receiver
does not cause as bad an annoying audible effect as
would be possible without excitation gain scaling at the
transmitting end.
[0035] Fig. 8 illustrates the presence of certain signal
processing means in a transmitting device according to
an embodiment of the invention. A transmission chain
comprises a series connection of sound recording and
digitising means 801, source encoding means 802, chan-
nel encoding means 803 and transmitting means 804.
Of these, the sound recording and digitising means 801
are arranged to record and digitise sound. The source
encoding means 802 are arranged to receive a bit stream
representing digitised sound from the sound recording
and digitising means 801 and to encode it as efficiently
as possible, i.e. so that a very small number of encoded
bits could convey the representation of the recorded
sound with as high subjective quality as possible. The
channel encoding means 803 are arranged to receive
the source encoded bit stream from the source encoding
means 802 and to add redundancy in order to make the
bit robust against transmission errors. The transmitting
means 804 are arranged to receive the channel encoded
bit stream from the channel encoding means 803 and to
transmit them through an antenna in the form of suitably
modulated electromagnetic radiation. Control means 805
are provided to control the operation of the functional
blocks of the transmission chain.
[0036] In accordance with the presented embodiment
of the invention the source encoding means 802 com-
prise band splitting means 811, low band encoding
means 812, low band excitation extracting means 813,
voicedness analysing means 814, additional excitation
generating means 815, excitation gain scaling means
816, excitation selecting means 817, high band encoding
means 818 and bit stream multiplexing means 819. Of
these the band splitting means 811 are arranged at least
to separate the audio signal of one (low) band from the
audio signal of another (high) band and to deliver the
separated signals to the appropriate band-specific en-
coders. Some route must also exist from the band split-
ting means 811 to voicedness analysing means 814, so
that the last-mentioned may examine, whether the sep-
arated bands comprise signals of voiced character. This
route has been drawn as a direct connection in fig. 8 for
reasons of graphical clarity, although the corresponding
information would more probably come to the voicedness
analysing means 814 through the band-specific encod-
ers.
[0037] The low band encoding means 812, sometimes
also referred to as the core encoder means, are arranged
to receive the separated low band audio signal, to encode

it using LPC encoding and to deliver the low band exci-
tation signal (through certain conceptually defined low
band excitation extracting means 813, which also include
resampling if any is required) to the excitation selecting
means 817. If excitation gain scaling is applied, the low
band excitation signal is also arranged to be conveyed
to the excitation gain scaling means 816, which are ar-
ranged to receive a locally generated excitation signal
from the additional excitation generating means 815 and
to scale its signal energy appropriately. In embodiments
of the invention where information about the potential
voicedness of the high band signal is used to introduce
periodicity into the locally generated excitation signal,
there must be a connection from the voicedness analys-
ing means 814 to the additional excitation generating
means 815 for conveying the required information.
[0038] The excitation selecting means 817 are ar-
ranged to receive the low band excitation signal, the voic-
edness information and the locally generated excitation
signal from blocks 813, 814 and 816 (or 815) respectively,
to select the excitation according to the received voiced-
ness information and preprogrammed selection rules,
and to deliver the selected excitation signal to the high
band encoding means 818 as well as the appropriate
excitation signal selection information to the bit stream
multiplexing means 819. The high band encoding means
818 are arranged to perform high band LPC encoding
with the help of the excitation signal received from the
excitation selecting means 817. The bit stream multiplex-
ing means 819 are arranged to receive the encoding re-
sults of the low band encoding means 812 and the high
band encoding means 818 and the excitation signal se-
lection information from the excitation selecting means
817. The bit stream multiplexing means 819 are addition-
ally arranged to multiplex said information into an appro-
priate bit stream that represents complete source encod-
ed information, which bit stream can be delivered to the
channel encoding means 803.
[0039] Fig. 9 illustrates the presence of certain signal
processing means in a receiving device according to an
embodiment of the invention. A reception chain compris-
es a series connection of receiving means 901, channel
decoding means 902, source decoding means 903 and
sound reproducing means 904. The receiving means 901
and channel decoding means 902 together perform
equalisation, detection and channel decoding, the pur-
pose of which is to convert received electromagnetic ra-
diation into an as reliable copy as possible of what the
channel encoder received from the source encoder in a
transmitting device. The task of the source decoding
means 903 is to reverse the effect of source encoding,
so that after source decoding the resulting audio signal
can be delivered to the sound reproducing means 904
for conversion into acoustic waves. Control means 905
are provided to control the operation of the functional
blocks of the reception chain.
[0040] In accordance with the presented embodiment
of the invention the source decoding means 903 com-
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prise bit stream demultiplexing means 911, low band de-
coding means 912, low band excitation signal extracting
means 913, excitation selection checking means 914,
additional excitation signal generating means 915, exci-
tation selecting means 916, high band decoding means
917 and band reconstructing means 918. Of these the
bit stream demultiplexing means 911 are arranged to de-
multiplex the received bit stream and to direct the appro-
priate portions thereof to the low band decoding means
912, the excitation selection checking means 914 and
the high band decoding means 917. The low band de-
coding means 912 are arranged to perform standard LPC
decoding for the low band audio signal and to deliver
decoding results to the band reconstructing means 918.
The low band decoding means 912 also deliver the low
band excitation signal (through certain conceptually de-
fined low band excitation extracting means 913, which
also include resampling if any is required) to the excitation
selecting means 916.
[0041] The excitation selection checking means 914
are arranged to examine an appropriate part of the re-
ceived bit stream to find an indication about whether the
high band encoder in the transmitting device used the
low band excitation signal or a locally generated excita-
tion signal in encoding the high band. The excitation se-
lection checking means 914 are arranged to deliver this
indication as an instruction to the excitation selecting
means 916. In embodiments of the invention where the
locally generated excitation signal may comprise perio-
dicity, the excitation selection checking means 914 also
recover the appropriate periodicity information from the
received bit stream and deliver it to the additional exci-
tation signal generating means 915. The excitation se-
lecting means 916 are arranged to receive the low band
excitation signal, the locally generated excitation signal
and the excitation selection information from blocks 913,
915 and 914 respectively, to select the appropriate exci-
tation according to the received selection information,
and to deliver the selected excitation signal to the high
band decoding means 917.
[0042] It should be noted that the receiver need not be
affected at all by the detail, whether excitation gain scal-
ing is applied in the transmitter or not. The receiver just
accepts the excitation selection information and the high
band gain information from the transmitter, regardless of
the way in which they were produced. Naturally the ap-
plication of excitation gain scaling in the transmitter and
the resulting enhanced accuracy in quantization of the
excitation gain enables the receiver to reproduce the high
band audio signal more accurately, but the receiver does
not need to know, whether the advantageous circum-
stances were due to deliberately taken action in the trans-
mitter or just good luck.
[0043] The high band decoding means 917 are ar-
ranged to perform LPC decoding within the high band by
starting from the encoded high band information received
from the bit stream demultiplexing means 911 and with
the help of the excitation signal received from the exci-

tation selecting means 916. The band reconstructing
means 918 are arranged to collect the decoded audio
information from the low band decoding means 912 and
the high band decoding means 917 and to combine them
into a single wideband audio signal that can be delivered
to the sound reproducing means 904.
[0044] The invention has been presented above in the
exclusive context of LPC. However, it is possible to gen-
eralise the same principle so that we just assume the
following:

- band splitting is utilised to separate a most important
frequency band from one or more other frequency
bands of lesser importance,

- a core encoder is employed to encode the input sig-
nal within the most important frequency band,

- the characteristics of the signals in different frequen-
cy bands are examined in order to determine, wheth-
er there is a certain resemblance therebetween,

- depending on the results of such examining, either
some characteristic features of the core encoding
process are extracted and used in the encoding of
the other frequency bands or they are replaced with
a locally generated, independent set of correspond-
ing features in the encoding of the other frequency
bands, and

- possibly a harmonisation step is taken in order to
standardise an important part in the locally generat-
ed, independent set of corresponding features to
match a corresponding part of the extracted charac-
teristic features.

[0045] One should also note that the inventive func-
tionalities can be implemented in many alternative parts
of a communication system. For example, they may be
implemented as a transcoding unit, which can be a lo-
cated e.g. in a base transceiver station, base station con-
troller, mobile switching centre or media gateway of the
communication network. It may thus locate in radio ac-
cess network or core network. And of course, the func-
tionalities can also be implemented in terminal devices,
such as mobile communicators or personal computers.

Claims

1. A method for digitally encoding sound, comprising:

a) splitting (811) an input signal into a primary
frequency band and at least one secondary fre-
quency band,
b) encoding (812) the part of the input signal in
the primary frequency band, and
c) encoding (818) the part of the input signal in
the secondary frequency band or bands;
characterised in that it comprises:
d) examining (302, 303, 814) certain character-
istics of the input signal in the primary frequency
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band and corresponding characteristics of the
input signal in at least one secondary frequency
band in order to find out, whether there is certain
resemblance therebetween, and
e) depending on the results of such examining,
either

e1) adding (307) a contribution of the pri-
mary frequency band into the encoding of
the input signal in the secondary frequency
band or bands, or
e2) encoding the input signal in the second-
ary frequency band or bands without con-
tribution from the primary frequency band.

2. A method according to claim 1, characterised in
that:

- step b) corresponds to applying linear predic-
tive coding (812) to the input signal in the primary
frequency band, involving the generation of a
primary frequency band excitation signal,
- step c) corresponds to applying linear predic-
tive coding (818) to the input signal in that sec-
ondary frequency band, involving the use (307)
of a secondary frequency band excitation signal,
- step e1) corresponds to extracting (305, 813)
the primary frequency band excitation signal
and delivering the primary frequency band ex-
citation signal or a derivative thereof for use as
the secondary frequency band excitation signal,
and
- step e2) corresponds to generating (306, 501,
701, 815) the secondary frequency band exci-
tation signal independently of the primary fre-
quency band excitation signal.

3. A method according to claim 2, characterised in
that step e2) corresponds to generating (306) a ran-
dom excitation signal.

4. A method according to claim 2, characterised in
that step e2) comprises the substeps of:

- examining (814) whether the input signal in a
secondary frequency band exhibits voicedness,
and depending on the results of such examining:

- generating (501) a periodic excitation sig-
nal, if the input signal in a secondary fre-
quency band was found to exhibit voiced-
ness, or
- generating (306) a random excitation sig-
nal, if the input signal in a secondary fre-
quency band was not found to exhibit voic-
edness.

5. A method according to claim 2, characterised in

that step e1) corresponds to extracting (813) the pri-
mary frequency band excitation signal, resampling
(305) the primary frequency band excitation signal
and using (307) the resampled primary frequency
band excitation signal as the secondary frequency
band excitation signal.

6. A method according to claim 2, characterised in
that it comprises a step of modifying (702) the sec-
ondary frequency band excitation signal generated
in step e2) in order to match its signal energy with a
signal energy of said primary frequency band exci-
tation signal.

7. A method according to claim 6, characterised in
that it comprises the steps of:

- extracting (813) the primary frequency band
excitation signal,
- calculating a first energy value representative
of a signal energy of said primary frequency
band excitation signal,
- generating (306, 501, 701, 815) the secondary
frequency band excitation signal,
- calculating a second energy value represent-
ative of a signal energy of said secondary fre-
quency band excitation signal, and
- scaling (702) said secondary frequency band
excitation signal with a ratio of the first energy
value and the second energy value.

8. A method according to claim 1, characterised in
that:

- step d) corresponds to examining (401, 402,
403, 404, 405), whether the input signal in the
primary frequency band exhibits voicedness
and whether the input signal in a secondary fre-
quency band exhibits voicedness,
- step e1) is executed (407) if both the input sig-
nal in the primary frequency band and the input
signal in a secondary frequency band are found
to exhibit voicedness or if the input signal in the
primary frequency band is found to not exhibit
voicedness, and
- step e2) is executed (406) if the input signal in
the primary frequency band is found to exhibit
voicedness and the input signal in a secondary
frequency band is found to not exhibit voiced-
ness.

9. A method according to claim 8, characterised in
that the examination of whether the input signal in
a frequency band exhibits voicedness comprises the
substeps of:

- calculating (401, 402) a long-term correlation
gain for the input signal in question and
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- comparing (403, 404) the calculated long-term
correlation gain to a threshold value;

so that the input signal in a frequency band is found
to exhibit voicedness if the calculated long-term cor-
relation gain is found to be greater than a corre-
sponding threshold value.

10. A method for decoding digitally encoded sound,
comprising the steps of:

a) receiving (901, 902, 911) an encoded input
signal split into a primary frequency band and
at least one secondary frequency band, which
secondary frequency band has been encoded
separately from the primary frequency band,
b) decoding (912) the part of the input signal in
the primary frequency band, and
c) decoding (917) the part of the input signal in
the secondary frequency band or bands;
characterised in that it comprises the steps of:
d) examining (914) the input signal in order to
find out, what indication does the input signal
contain about utilising contribution of the encod-
ing of the primary frequency band in the process
applied to encoding the secondary frequency
band, and
e) depending on the results of such examining,
either

e1) adding a contribution of the primary fre-
quency band to the decoding of the part of
the input signal in the secondary frequency
band or bands, or
e2) decoding of the part of the input signal
in the secondary frequency band or bands
without contribution from the primary fre-
quency band.

11. A method according to claim 10, characterised in
that:

- step b) corresponds to decoding (912) a linear-
predictive-coded input signal in the primary fre-
quency band, involving the generation of a pri-
mary frequency band excitation signal,
- step c) corresponds to decoding (917) a linear-
predictive-coded input signal in that secondary
frequency band, involving the use of a second-
ary frequency band excitation signal,
- step e1) corresponds to extracting (913) the
primary frequency band excitation signal and
delivering the primary frequency band excitation
signal or a derivative thereof for use as the sec-
ondary frequency band excitation signal, and
- step e2) corresponds to generating (915) the
secondary frequency band excitation signal in-
dependently of the primary frequency band ex-

citation signal.

12. A method according to claim 11, characterised in
that step e2) corresponds to generating (915) a ran-
dom excitation signal.

13. A method according to claim 11, characterised in
that step e2) comprises the substeps of:

- examining (914) whether the input signal con-
tains an indication about periodicity in the sec-
ondary frequency band, and depending on the
results of such examining:

- generating (915) a periodic excitation sig-
nal, if the input signal contains an indication
about periodicity in the secondary frequen-
cy band, or
- generating (915) a random excitation sig-
nal, if the input signal does not contain any
indication about periodicity in the secondary
frequency band.

14. A method according to claim 11, characterised in
that step e1) corresponds to extracting the primary
frequency band excitation signal, resampling the pri-
mary frequency band excitation signal and using the
resampled primary frequency band excitation signal
as the secondary frequency band excitation signal.

15. An encoder apparatus for digitally encoding sound
for transmission, the encoder apparatus comprising:

- band splitting means (811) adapted to split an
input signal into a primary frequency band and
at least one secondary frequency band,
- a primary encoder (812) adapted to encode
the part of the input signal in the primary fre-
quency band, and
- a secondary encoder (818) adapted to encode
the part of the input signal in a secondary fre-
quency band;

characterised in that:

- the encoder apparatus comprises examining
means (814) adapted to examine certain char-
acteristics of the input signal in the primary fre-
quency band and corresponding characteristics
of the input signal in at least one secondary fre-
quency band and to indicate, whether there is
certain resemblance therebetween,
- depending on an indication produced by said
examining means, the encoder apparatus is ar-
ranged to either add a contribution of the primary
frequency band into the encoding of the input
signal in the secondary frequency band or
bands, or encode the input signal in the second-
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ary frequency band or bands without contribu-
tion from the primary frequency band.

16. An encoder apparatus according to claim 15, char-
acterised in that:

- the primary encoder (812) is a linear predictive
coder capable of generating a primary frequen-
cy band excitation signal,
- the secondary encoder (818) is a linear predic-
tive coder capable of using a secondary frequen-
cy band excitation signal,
- the encoder apparatus comprises extracting
means (813) adapted to extract a primary fre-
quency band excitation signal and to deliver the
primary frequency band excitation signal or a
derivative thereof to the secondary encoder
(818) for use as the secondary frequency band
excitation signal, and
- the encoder apparatus comprises replacing
means (815) adapted to generate a secondary
frequency band excitation signal independently
of the primary frequency band excitation signal.

17. An encoder apparatus according to claim 16, char-
acterised in that said replacing means (815) are
adapted to generate a random excitation signal.

18. An encoder apparatus according to claim 16, char-
acterised in that said replacing means (814, 815)
are adapted to examine whether the input signal in
a secondary frequency band exhibits voicedness,
and to generate a periodic excitation signal, if the
input signal in a secondary frequency band was
found to exhibit voicedness, and to generate a ran-
dom excitation signal, if the input signal in a second-
ary frequency band was not found to exhibit voiced-
ness.

19. An encoder apparatus according to claim 16, char-
acterised in that said extracting means (813) com-
prise resampling means (305) adapted to resample
the primary frequency band excitation signal and to
deliver the resampled primary frequency band exci-
tation signal for use as the secondary frequency
band excitation signal.

20. An encoder apparatus according to claim 16, char-
acterised in that it comprises signal modifying
means (702) adapted to modify the secondary fre-
quency band excitation signal generated by said re-
placing means (701) in order to match its signal en-
ergy with a signal energy of said primary frequency
band excitation signal.

21. An encoder apparatus according to claim 20, char-
acterised in that it comprises:

- means (813) for extracting the primary frequen-
cy band excitation signal,
- means (702) for calculating a first energy value
representative of a signal energy of said primary
frequency band excitation signal,
- means (815) for generating the secondary fre-
quency band excitation signal,
- means (702) for calculating a second energy
value representative of a signal energy of said
secondary frequency band excitation signal,
and
- means (702) for scaling said secondary fre-
quency band excitation signal with a ratio of the
first energy value and the second energy value.

22. An encoder apparatus according to claim 15, char-
acterised in that:

- said examining means (814) are adapted to
examine, whether the input signal in the primary
frequency band exhibits voicedness and wheth-
er the input signal in a secondary frequency
band exhibits voicedness,
- the encoder apparatus comprises extracting
means (813) adapted to be selected for opera-
tion if both the input signal in the primary fre-
quency band and the input signal in a secondary
frequency band are found to exhibit voicedness
or if the input signal in the primary frequency
band is found to not exhibit voicedness, and
- the encoder apparatus comprises replacing
means (815) adapted to be selected for opera-
tion if the input signal in the primary frequency
band is found to exhibit voicedness and the input
signal in a secondary frequency band is found
to not exhibit voicedness.

23. An encoder apparatus according to claim 22, char-
acterised in that the examining means (814) are
adapted to calculate long-term correlation gains for
input signals and to compare the calculated long-
term correlation gains to threshold values, so that
the input signal in a frequency band is found to exhibit
voicedness if the calculated long-term correlation
gain is found to be greater than a corresponding
threshold value.

24. A decoder apparatus for decoding digitally encoded
sound, comprising:

- receiver means (901, 902, 911) adapted to re-
ceive an encoded input signal split into a primary
frequency band and at least one secondary fre-
quency band, which secondary frequency band
has been encoded separately from the primary
frequency band,
- a primary decoder (912) adapted to decode
the part of the input signal in the primary fre-
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quency band, and
- a secondary decoder (917) adapted to decode
the part of the input signal in a secondary fre-
quency band;

characterised in that:

- the decoder apparatus comprises examining
means (914) adapted to examine the input sig-
nal and to find out, what indication does the input
signal contain about utilising characteristic fea-
tures of the process applied to encoding the pri-
mary frequency band in the process applied to
encoding the secondary frequency band,
- depending on an indication produced by said
examining means, the decoder apparatus is ar-
ranged to either add a contribution of the primary
frequency band to the decoding of the part of
the input signal in the secondary frequency band
or bands, or decode the part of the input signal
in the secondary frequency band or bands with-
out contribution from the primary frequency
band.

25. A decoder apparatus according to claim 24, char-
acterised in that:

- the primary decoder (912) is adapted to decode
a linear-predictive-coded input signal in the pri-
mary frequency band and to generate a primary
frequency band excitation signal,
- the secondary decoder (917) is adapted to de-
code a linear-predictive-coded input signal in a
secondary frequency band and to use a second-
ary frequency band excitation signal,
- the decoder apparatus comprises extracting
means (913) adapted to extract the primary fre-
quency band excitation signal and to deliver the
primary frequency band excitation signal or a
derivative thereof to the secondary decoder as
the secondary frequency band excitation signal,
and
- the decoder apparatus comprises replacing
means (915) adapted to generate the secondary
frequency band excitation signal independently
of the primary frequency band excitation signal.

26. A decoder apparatus according to claim 25, char-
acterised in that said replacing means (915) are
adapted to generate a random excitation signal.

27. A decoder apparatus according to claim 25, char-
acterised in that said replacing means (915) are
adapted to examine, whether the input signal con-
tains an indication about periodicity in the secondary
frequency band, and depending on the results of
such examining to generate a periodic excitation sig-
nal, if the input signal contains an indication about

periodicity in the secondary frequency band, or to
generate a random excitation signal, if the input sig-
nal does not contain any indication about periodicity
in the secondary frequency band.

28. A decoder apparatus according to claim 25, char-
acterised in that said extracting means (913) com-
prise resampling means adapted to resample the pri-
mary frequency band excitation signal and to deliver
the resampled primary frequency band excitation
signal for use as the secondary frequency band ex-
citation signal.
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