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(57) Abstract

A method of speech coding a sampled speech signal using long term prediction (LTP). A LTP pitch-lag parameter is determined
for each frame of the speech signal by first determining the autocorrelation function for the frame within the signal, between predefined
maximum and minimum delays. The autocorrelation function is then weighted to emphasise the function for delays in the neighbourhood
of the pitch-lag parameter determined for the most recent voiced frame. The maximum value for the weighted autocorrelation function is

then found and identified as the pitch-lag parameter for the frame.
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Speech coding

The present invention relates to speech coding and is applicable in particular to methods

and apparatus for speech coding which use a long term prediction (LTP) parameter.

Speech coding is used in many communications applications where it is desirable to
compress an audio speech signal to reduce the quantity of data to be transmitted,
processed, or stored. In particular, speech coding is applied widely in cellular telephone
networks where mobile phones and communicating base controller stations are provided
with so called “audio codecs” which perform coding and decoding on speech signals.
Data compression by speech coding in cellular telephone networks is made necessary by
the need to maximise network call capacity.

Modern speech codecs typically operate by processing speech signals in short segments
called frames. In the case of the European digital cellular telephone system known as
GSM (defined by the European Telecommunications Standards institute - ETSI -
specification 06.60), the length of each such frame is 20 ms, corresponding to 160
samples of speech at an 8 kHz sampling frequency. At the transmitting station, each
speech frame is analysed by a speech encoder to extract a set of coding parameters for
transmission to the receiving station. At the receiving station, a decoder produces
synthesised speech frames based on the received parameters. A typical set of extracted
coding parameters includes spectral parameters (known as LPC parameters) used in
short term prediction of the signal, parameters used for long term prediction (known as
LTP parameters) of the signal, various gain parameters, excitation parameters, and
codebook vectors.

Figure 1 shows schematically the encoder of a so-called CELP codec (substantially
identical CELP codecs are provided at both the mobile stations and at the base controlier
stations). Each frame of a received sampled speech signal s(n), where n indicates the
sample number, is first analysed by a short term prediction unit 1 to determine the LPC
parameters for the frame. These parameters are supplied to a multipiexer 2 which
combines the coding parameters for transmission over the air-interface. The residual
signal r(n) from the short term prediction unit 1, i.e. the speech frame after removal of the
short term redundancy, is then supplied to a long term prediction unit 3 which determines
the LTP parameters. These parameters are in turn provided to the multiplexer 2.
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The encoder comprises a LTP synthesis filter 4 and a LPC synthesis filter 5 which receive
respectively the LTP and LPC parameters. These fiiters introduce the short term and
long term redundancies into a signal c¢(n), produced using a codebook 6, to generate a
synthesised speech signal ss(n). The synthesised speech signal is compared at a
comparator 7 with the actual speech signal s(n), frame by frame, to produce an error
signal e(n). After weighting the error signal with a weighting filter 8 (which emphasises
the ‘formants’ of the signal in a known manner), the signal is applied to a codebook
search unit 9. The search unit 9 conducts a search of the codebook 6 for each frame in
order to identify that entry in the codebook which most closely matches (after LTP and
LPC filtering and multiplication by a gain g at a multiplier 10) the actual speech frame, i.e.
to determine the signal c(n) which minimises the error signal e(n). The vector identifying
the best matching entry is provided to the multiplexer 2 for transmission over the air-

interface as part of an encoded speech signal t(n).

Figure 2 shows schematically a decoder of a CELP codec. The received encoded signal
t(n) is demultiplexed by a demultiplexer 11 into the separate coding parameters. The
codebook vectors are applied to a codebook 12, identical to the codebook 6 at the
encoder, to extract a stream of codebook entries ¢(n). The signal c(n) is then multiplied
by the received gain g at a multiplier 13 before applying the signal to a LTP synthesis filter
14 and a LPC synthesis filter 15 arranged in series. The LTP and LPC filters receive the
associated parameters from the transmission channel and reintroduce the short and long
term redundancies into the signal to produce, at the output, a synthesised speech signal
ss(n).

The LTP parameters include the so called pitch-lag parameter which describes the
fundamental frequency of the speech signal. The determination of the pitch-lag for a
current frame of the residual signal is carried out in two stages. Firstly, an open-loop
search is conducted, involving a relatively coarse search of the residual signal, subject to
a predefined maximum and minimum delay, for a portion of the signal which best matches
the current frame. A closed-loop search is then conducted over the already synthesised
signal. The closed-loop search is conducted over a small range of delays in the
neighbourhood of the open-loop estimate of pitch-lag. It is important to note that if a
mistake is made in the open-loop search, the mistake cannot be corrected in the closed-
ioop search.
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In early known codecs, the open-loop LTP analysis determines the pitch-lag for a given
frame of the residual signal by determining the autocorrelation function of the frame within

the residual speech signal, i.e.:
N-1
R(d) = r(n—dyr(n) d=d,,....d,
=0

where d is the delay, r(n) is the residual signal, and d, and dy are the delay search limits.
N is the length of the frame. The pitch-lag d, can then be identified as the delay dpax

which corresponds to the maximum of the autocorrelation function ﬁ(d) . This is

illustrated in Figure 3.

In such codecs however, there is a possibility that the maximum of the autocorrelation
function corresponds to a multiple or sub-multiple of the pitch-lag and that the estimated
pitch-lag will therefore not be correct. EP0628947 addresses this problem by applying a

weighting function w(d) to the autocorrelation function ﬁ(d) ,i.e.

N-1
R, (d)=w(d)Y r(n-d)yr(n)
n=0

where the weighting function has the following form:

w(d) = d"&*
K is a tuning parameter which is set at a value low enough to reduce the probability of
obtaining a maximum for Rw(d) at a multiple of the pitch-lag but at the same time high

enough to exclude sub-mulitiples of the pitch-lag.

EP0628947 also proposes taking into account pitch lags determined for previous frames
in determining the pitch lag for a current frame. More particularly, frames are classified
as either ‘voiced’ or ‘unvoiced’ and, for a current frame, a search is conducted for the
maximum in the neighbourhood of the pitch lag determined for the most recent voiced

frame. If the overall maximum of IAQW(d) lies outside of this neighbourhood, and does not

exceed the maximum within the neighbourhood by a predetermined factor (3/2), then the
neighbourhood maximum is identified as corresponding to the pitch lag. In this way,
continuity in the pitch lag estimate is maintained, reducing the possibility of spurious
changes in pitch-lag.
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According to a first aspect of the present invention there is provided a method of speech
coding a sampled signal using a pitch-lag parameter for each of a series of frames of the
signal, the method comprising for each frame:

determining the autocorrelation function for the frame within the signal, between
predefined maximum and minimum delays;

weighting the autocorrelation function to emphasise the function for delays in the
neighbourhood of the pitch-lag parameter determined for a previous frame; and

identifying the delay corresponding to the maximum of the weighted

autocorrelation function as the pitch-lag parameter for the frame.

Preferably, said sampled signal is a residual signal which is obtained from an audio signal
by substantially removing short term redundancy from the audio signal, Alternatively, the

sampled signal may be an audio signal.

Preferably, said weighting is achieved by combining the autocorrelation function with a
weighting function having the form:

W(d) = (lTprev — dl + dL)loganw

where Ty is a pitch-lag parameter determined on the basis of one or more previous
frames, di_ is said minimum delay, and K, is a tuning parameter defining the
neighbourhood weighting. Additionally, the weighting function may emphasise the
autocorrelation function for shorter delays relative to longer delays. In this case, a
modified weighting function is used:

w(d) = (|T

prev

— dl + dL)logZ K .d10g2 K,

where K, is a further tuning parameter.

In certain embodiments of the invention, Ty, is the pitch lag of one previous frame T .
In other embodiments however, Ty, is derived from the pitch lags of a number of
previous frames. In particular, T,., may correspond to the median value of the pitch lags
of a predetermined number of previous frames. A further weighting may be applied which
is inversely proportion to the standard deviation of the n pitch lags used to determine said
median value. Using this latter approach, it is possible to reduce the impact of erroneous
pitch lag values on the weighting of the autocorrelation function.



10

15

20

25

30

WO 98/50910 PCT/FI98/00229

Preferably, the method comprises classifying said frames into voiced and non-voiced
frames, wherein said previous frame(s) is/are the most recent voiced frame(s). Non-
voiced frames may include unvoiced frames, and frames containing silence or
background noise. More preferably, if said previous frame(s) is/are not the most recent
frame(s), the weighting is reduced. In one embodiment, where a sequence of
consecutive non-voiced frames is received, the weighting is reduced substantially in
proportion to the number of frames in the sequence. For the weighting function w,(d)

given in the preceding paragraph, the tuning parameter K,,, may be modified such that:

Wd (d) = (’Tp — d‘ + dL)10g2 KA .dIOgZKw

rev

where A is a further tuning factor which is increased following receipt of each frame in a
sequence of consecutive non-voiced frames. The weighting is restored to its maximum
value for the next voiced frame by returning A to its minimum value. The value of A may
be similarly increased following receipt of a voiced frame which gives rise to an open-loop
gain which is less than a predefined threshold gain.

According to a second aspect of the present invention there is provided apparatus for
speech coding a sampled signal using a pitch-lag parameter for each of a series of
frames of the signal, the apparatus comprising:

means for determining for each frame the autocorrelation function of the frame
within the signal between predetermined maximum and minimum delays;

weighting means for weighting the autocorrelation function to emphasise the
function for delays in the neighbourhood of the pitch-lag parameter determined for a
previous frame; and

means for identifying the delay corresponding to the maximum of the weighted
autocorrelation function as the pitch-lag parameter for the frame.

According to a third aspect of the present invention there is provided a mobile
communications device comprising the apparatus of the above second aspect of the
present invention.

According to fourth aspect of the present invention there is provided a celluiar telephone
network comprising a base controller station having apparatus according to the above
second aspect of the present invention.
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For a better understanding of the present invention and in order to show how the same
maybe carried into effect reference will now be made, by way of example, to the
accompanying drawings, in which:

Figure 1 shows schematically a CELP speech encoder;

Figure 2 shows schematically a CELP speech decoder;

Figure 3 illustrates a frame of a speech signal to be encoded and maximum and
minimum delays used in determining the autocorrelation function for the frame;

Figure 4 is a flow diagram of the main steps of a speech encoding method
according to an embodiment of the present invention; and

Figure 5 shows schematically a system for implementing the method of Figure 4.

There will now be described a method and apparatus for use in the open loop prediction
of pitch-lag parameters for frames of a sampled speech signal. The main steps of the
method are shown in the flow diagram of Figure 4. It will be appreciated that the method
and apparatus described can be incorporated into otherwise conventional speech codecs
such as the CELP codec already described above with reference to Figure 1.

A sampled speech signal to be encoded is divided into frames of a fixed length. As
described above, upon receipt, a frame is first applied to a LPC prediction unit 1.
Typically, open loop LTP prediction is then applied to the residual signal which is that part
of the original speech signal which remains after LPC prediction has been applied and the
short term redundancy of the signal extracted. This residual signal can be represented by
r(n) where n indicates the sample number. The autocorrelation function is determined for
a frame by:

N-1
R, (d)=w(d)Y r(n—d)r(n) d=d,,...,d, {1}
n=0
where w(d) is a weighting function given by:
w(d) = (T, —d|+d,)"s " g" ek {2}

Taa is the pitch lag determined for the most recently received, and processed, voiced
frame and n, N, d\, dy, are identified above. K, and K are tuning parameters typically
having a value of 0.85. The additional tuning parameter A is discussed below.
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After the open-loop LTP parameters are determined for a frame, the frame is classified as
voiced or unvoiced (to enable feedback of the parameter T4 for use in equation {2}).
This classification can be done in a number of different ways. One suitable method is to
determine the open-loop LTP gain b and to compare this with some predefined threshold
gain, or more preferably an adaptive threshold gain by, given by:

b,, =(1-o)K,b+0b,, {3}
where o is a decay constant (0.995) and K, is a scale factor (0.15). The term by,., is the
threshold gain determined for the immediately preceding frame. An alternative, or
additional criteria for classifying a frame as either voiced or unvoiced, is to determine the
‘zero crossing’ rate of the residual signal within the frame. A relatively high rate of

crossing indicates that the frame is unvoiced whilst a low crossing rate indicates that the

frame is voiced. A suitable thresholdis ¥ of the frame length N.

A further alternative or additional criteria for classifying a frame as voiced or unvoiced is
to consider the rate at which the pitch lag varies. If the pitch lag determined for the frame
deviates significantly from an ‘average’ pitch lag determined for a recent set of frames,
then the frame can be classified as unvoiced. If only a relatively small deviation exists,

then the frame can be classified as voiced.

The weighting function wn(d) given by {2}comprises a first term (|T0 - d| + dL)logz KA

which causes the weighted autocorrelation function kw@ to be emphasised in the
neighbourhood of the old pitch-lag T,4. The second term on the left hand side of equation

{23, d"**~, causes small pitch-lag values to be emphasised. The combination of these

two terms helps to significantly reduce the possibility of multiples or sub-multiples of the
correct pitch-lag giving rise to the maximum of the weighted autocorrelation function.

If, after determining the pitch lag for a current frame i, that frame is classified as voiced,
and the open loop gain for the frame is determined to be greater than some threshold
value (e.g. 0.4), the tuning factor A in equation {2} is set to 1 for the next frame (i+1). If
however the current frame is classified as unvoiced, or the open loop gain is determined
to be less than the threshold value, the tuning factor is modified as follows:

A, =1014, {4}
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The tuning factor A may be modified according to equation {4} for each of a series of
consecutive unvoiced frames (or voiced frames where the open loop gain is less than the
threshold). However, it is preferred that equation {4} is applied only after a predefined
number of consecutive unvoiced frames are received, for example after every set of three
consecutive unvoiced frames. The neighbourhood weighting factor K., is typically set to
0.85 where the upper limit for the combined weighting K,,A is 1.0 so that in the limit the
weighting is uniform across all delays d = d, to du.

Alternatively, only a predefined number of weighting functions w(d) may be used, for
example three. Each function has assigned thereto a threshold level, and a particular one
of the functions is selected when an adaptive term, such as is defined in {4}, exceeds
that threshold level. An advantage of defining a limited number of weighting functions is
that the functions defined can be stored in memory. It is not therefore necessary to

recalculate the weighting function for each new frame.

A simplified system for implementing the method described above is illustrated
schematically in Figure 5, where the input 16 to the system is the residual signal provided
by the LPC prediction unit 1. This residual signal 16 is provided to a frame correlator 17
which generates the correlation function for each frame of the residual signal. The

correlation function for each frame is applied to a first weighting unit 18 which weights the
correlation function according to the second term in equation {2}, i.e. %% . The
weighted function is then applied to a second weighting unit 19 which additionally weights

the correlation function according to the first term of equation {2}, (T, —d|+d,)*® .

The parameter Tyq is held in a buffer 20 which is updated using the system output only if
the classification unit 21 classifies the current frame as voiced. The weighted correlation
function is applied to a search unit 22 which identifies the maximum of the weighted
function and determines therefrom the pitch lag of the current frame.

it will be appreciated by the skilled person that various modifications may be made to the
embodiments described above without departing from the scope of the present invention.
in particular, in order to prevent an erroneous pitch lag estimation, obtained for the most
recent voiced frame, upsetting a current estimation to too great an extent, the buffer 20 of
Figure 5 may be arranged to store the pitch lags estimated for the most recent n voiced
frames, where n may be for example 4. The weighting function applied by the weighting
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unit 19 is modified by replacing the parameter T,y with a parameter T, Which is the
median value of the n buffered pitch lags.

In a further modification, the weighting applied in the unit 19 is inversely proportional to
the standard deviation of the n pitch lag values stored in the buffer 20. This has the effect
of emphasising the weighting in the neighbourhood of the median pitch lag when the n
buffered pitch lags vary little, and conversely de-emphasising the weighting when the n
pitch lags vary to a relatively large extent. For example, three weighting functions may be
employed as follows:

(Teq —d|+d}) %25, std < Th,
W (d)=(T,eq — d|+d, )2 2, Th <std < Th, 5}
1, std 2 Th,

where Kni, Km2, Thy, and Th, are tuning parameters equal to, for example, 0.75, 0.95, 2,
and 6 respectively. In order to accomodate the larger variations in standard deviation
which occur with larger pitch lags, the thresholds Th; and Th; in equation {5} may be
proportional to the median pitch lag Tmeg.
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Claims

1. A method of speech coding a sampled signal using a pitch-lag parameter for each
of a series of frames of the signal, the method comprising for each frame:

determining the autocorrelation function for the frame within the signal, between
predefined maximum and minimum delays;

weighting the autocorrelation function to emphasise the function for delays in the
neighbourhood of the pitch-lag parameter determined for a previous frame; and

identifying the delay corresponding to the maximum of the weighted

autocorrelation function as the pitch-lag parameter for the frame.

2. A method according to claim 1, wherein the weighting function has the form:
wy(d)=(T,, —d|+d, )"

where T4 is the pitch lag of said previous frame, d| is said minimum delay, and K., is a

tuning parameter defining the neighbourhood weighting.

3. A method according to claim 1, wherein the autocorrelation function is weighted to
emphasise the function for delays in the neighbourhood of the median value of a plurality
of pitch lags determined for respective previous frames.

4. A method according to claim 3, wherein the weighting function has the form:
log, K,,,,
wy(d)=(T,,,, — d|+d,)®"
where Tyeq is the median value of a plurality of pitch lags determined for respective

previous frames, d, is said minimum delay, and K,,, is a tuning parameter defining the
neighbourhood weighting.

5. A method according to claim 4, wherein the weighting function is modified by the
inclusion of a factor which is inversely proportional to the standard deviation of said

plurality of pitch lags.

6. A method according to any one of the preceding claims, wherein said weighting
additionally emphasises shorter delays relative to longer delays.

7. A method according to claim 4, wherein said emphasis is provided by the factor:
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legZ Kw

where K, is a further weighting parameter.

8. A method according to any one of the preceding claims and comprising classifying
said frames into voiced and non-voiced frames, wherein said previous frame(s) is/are the

most recent voiced frame(s).

9. A method according to claim 8, wherein, if said previous frame, or the most recent

previous frame, is not the most recent frame, the weighting is reduced.

10. A method according to claim 8 or 9, wherein, after a sequence of consecutive non-
voiced frames is received, the weighting is reduced, substantially in proportion to the

number of frames in the sequence.

11. A method according to claim 8 when appended to claim 2 or 4, wherein the tuning
parameter is modified as:

log, K, A
where A is a further tuning factor which is increased following receipt of each frame, or of

a predefined plurality of frames, in a sequence of consecutive non-voiced frames and

which is restored to its minimum value for the next voiced frame.

12. Apparatus for speech coding a sampled signal using a pitch-lag parameter for
each of a series of frames of the signal, the apparatus comprising:

means (17) for determining for each frame the autocorrelation function of the
frame within the signal between predetermined maximum and minimum delays;

weighting means (19) for weighting the autocorrelation function to emphasise the
function for delays in the neighbourhood of the pitch-lag parameter determined for a
previous frame; and

means (22) for identifying the delay corresponding to the maximum of the
weighted autocorrelation function as the pitch-lag parameter for the frame.

13. A mobile communications device comprising the apparatus of claim 12.
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14. A cellular telephone network comprising a base controller station having apparatus
according to the claim 12.



WO 98/50910

s(n)

1/4

t(n)

+
)
A _
T~ I~ 5
5 >
7]
7]
. — > ) o0
~~
=
~—
S
Y A A
< en
cn > g y <t -
/

3
SN
10
X

c(n)

SUBSTITUTE SHEET (Rule 26)

PCT/FI198/00229

Figure 1



WO 98/50910

Figure 2

PCT/F198/00229
2/4
t(n)
11
g
8 ss(n
12 SO g 15 [0
13



WO 98/50910 PCT/F198/00229

3/4

A o, N
v Y

d i
Figure 3
16
2 17 - 18 19 20
21 20

Figure 5



WO 98/50910

Begin

A 4

4/4

PCT/F198/00229

Receive next |,
frame 1

determine

R(d)

-~

determine w(d) and

R,(d)=w(d)R(d)

A

and set

dpl = dmax

Find maximum kw (d)

Is
frame i
voiced?

Yes

Set T, =T,

O

A, =1014,

A

i+l

Set

No

Set
A, =1014,

\ 4

Figure 4



1
INTERNATIONAL SEARCH REPORT

International application No.

PCT/FI 98/00229

A. CLASSIFICATION OF SUBJECT MATTER

IPC6: GlOL 9/12

According to International Patent Classification (IPC) or to both national classification and IPC

B. FIELDS SEARCHED

Minimum documentation searched (classification system followed by classification symbols)

IPC6: GlOL

Documentation searched other than minimum documentation to the extent that such documents are included in the fields searched

SE,DK,FI,NO classes as above

Electronic data base consulted during the international search (name of data base and, where practicable, search terms used)

C. DOCUMENTS CONSIDERED TO BE RELEVANT

Category*

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

Relevant to claim No.

X

14 December 1994 (14.12.94),

Tine 4

line 21 - page 8, line 3

US 5327520 A (JUIN-HWEY
(05.07.94), see the

CHEN), 5
claims

EP 0628947 Al (SIP SOCIETA ITALIANA PER
I'ESERCIZIO DELLE TELECOMMUNICAZIONI P.A.),

line 18 - line 33; page 3, line 45 - page 5,

EP 0745971 A2 (ROCKWELL INTERNATIONAL CORPORATION),
4 December 1996 (04.12.96), page 3,
line 11 - page 4, line 58; page 7,

1,3,6,8,9,
10,12-14
page 2,

1,12-14

July 1994 1,12-14

m Further documents are listed in the continuation of Box

C.

See patent family annex.

*

A

Special categories of cited documents:

document defining the general state of the art which is not considered
to be of particular relevance

erlier document but published on or after the international filing date
document which may throw doubts on priority claim(s) or which is

cited to establish the publication date of another citation or other
special reason (as specified)

document referring to an oral disclosure, use, exhibition or other
means

document published prior to the international filing date but later than
the priority date claimed

"R
“

Q"

“pu

“T” later document published after the international filing date or priority
date and not in conflict with the application but cited to understand
the principle or theory underlying the invention

”X” document of particular relevance: the claimed invention cannot be
considered novel or cannot be considered to involve an inventive
step when the document is taken alone

“Y” document of particular relevance: the claimed invention cannot be
considered to involve an inventive step when the document is
combined with one or more other such documents, such combination
being obvious to a person skilled in the art

“&” document member of the same patent family

Date of the actual completion of the international search

14 Sept 1998

Date of mailing of the international search report

1 6 -09- 1998

Narme and mailing address of the [SA/

Swedish Patent Office
Box 5055, S-102 42 STOCKHOLM
Facsimile No. +46 8 666 02 86

Authorized officer

Peder Gjervaldsaeter
Telephone No.  +46 8 782 25 00

Form PCT/ISA/210 (second sheet) (Tuly 1992)




2

INTERNATIONAL SEARCH REPORT International application No.

PCT/FI 98/00229

C (Continuation). DOCUMENTS CONSIDERED TO BE RELEVANT

Category*

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

Relevant to claim No.

A

US 5179594 A (WILLIAM C. YIP ET AL),
12 January 1993 (12.01.93),
see"summary of the inventions"; column 20, line 64
- column 21, line 10

1,12-14

Form PCT/ISA/210 (continuation of second sheet) (July 1992)




INTERNATIONAL SEARCH REPORT

International application No.

27/07/98 | PCT/FI 98/00229

Information on patent family members

Patent document Publication Patent family Publication

cited in search report date ) member(s) date
EP 0628947 Al 14/12/94 CA 2124643 A 11/12/94
DE 628947 T 03/08/95

ES 2065871 T 01/03/95

FI 942761 A 11712794

GR 95300013 T 31/03/95

IT 1270438 B 05/05/97

IT T0930419 D 00/00/00

JP 7028499 A 31/01/95

US 5548680 A 20/08/96

EP 0745971 A2 04/12/96 JP 8328588 A 13/12/96
US 5781880 A 14/07/98

US 5327520 A 05/07/94 CA 2095883 A 05/12/93
EP 0573216 A 08/12/93

JP 6083400 A 25/03/94

US 5179594 A 12/01/93 EP 0516439 A 02/12/92
JP 6138896 A 20/05/94

Form PCT!/ISA/210 (patent family annex) (July 1992)



	BIBLIOGRAPHY
	DESCRIPTION
	CLAIMS
	DRAWINGS
	SEARCH_REPORT

